
THE UNIVERSITY OF CALGARY 

A High Efficiency Linearized Radio Frequency 

Power Amplifier 

by 

Garry Funk 

A THESIS 

SUBMITTED TO THE FACULTY OF GRADUATE STUDIES 

IN PARTIAL FULFILLMENT OF THE REQUIREMENTS FOR THE 

DEGREE OF MASTER OF SCIENCE 

DEPARTMENT OF ELECTRICAL AND 

COMPUTER ENGINEERING 

CALGARY, ALBERTA 

SEPTEMBER 1994 

©Garry Funk 1994 



1*1 National Library 
of Canada 

Acquisitions and 
Bibliographic Services Branch 

395 Wellington Street 
Ottawa, Ontario 
K1  0N4 

Bibliotheque nationale 
du Canada 

Direction des acquisitions et 
des services bibliographiques 

395, rue Wellington 
Ottawa (Ontario) 
K1AON4 

THE AUTHOR HAS GRANTED AN 
IRREVOCABLE NON-EXCLUSIVE 
LICENCE ALLOWING THE NATIONAL 
LIBRARY OF CANADA TO 
REPRODUCE, LOAN, DISTRIBUTE OR 
SELL COPIES OF HIS/HER THESIS BY 
ANY MEANS AND IN ANY FORM OR 
FORMAT, MAKING THIS THESIS 
AVAILABLE TO INTERESTED 
PERSONS. 

THE AUTHOR RETAINS OWNERSHIP 
OF THE COPYRIGHT IN HIS/HER 
THESIS. NEITHER THE THESIS NOR 
SUBSTANTIAL EXTRACTS FROM IT 
MAY BE PRINTED OR OTHERWISE 
REPRODUCED WITHOUT HIS/HER 
PERMISSION. 

Your file Votre reference 

Our file Note reference 

L'AUTEUR A ACCORDE UNE LICENCE 
IRREVOCABLE ET NON EXCLUSIVE 
PERMETTANT A LA BIBLIOTHEQUE 
NATIONALE DU CANADA DE 
REPRODUIRE, PRETER, DISTRIBUER 
OU VENDRE DES COPIES DE SA 
THESE DE QUELQUE MANIERE ET 
SOUS QUELQUE FORME QUE CE SOIT 
POUR METTRE DES EXEMPLAIRES DE 
CETTE THESE A LA DISPOSITION DES 
PERSONNE INTERES SEES. 

L'AUTEUR CONSERVE LA PROPRIETE 
DU DROIT D'AUTEUR QUI PROTEGE 
SA THESE. NI LA THESE NI DES 
EXTRAITS SUB STANTIELS DE CELLE-
CI NE DOI VENT ETRE IMPRIMES OU 
AUTREMENT REPRODUITS SANS SON 
AUTORISATION. 

ISBN 0-315-99363-4 

Canad! 



Name  c;R- LJt— FOQ4  
Dissertation Abstracts International is arranged by broad, general subject categories. Please select the 
nearly describes the content of your dissertation. Enter the corresponding four-digit code in the spaces 

LrOJi1C2 Ab E-TRLQ1L 
SUBJECT TERM 

Subject Categories 

THE HUMANITIES AND SOCIAL SCIENCES 
COMMUNICATIONS AND THE ARTS 
Architecture 0729 
Art History 0377 
Cinema 0900 
Dance 0378 
Fine Arts  0357 
Information Science 0723 
Journalism 0391 
Library Science 0399 
Mass Communications 0708 
Music 0413 
Speech Communication 0459 
Theater 0465 

EDUCATION 
General  0515 
Administration 0514 
Adult and Continuing  0516 
Agricultural  0517 
Art 0273 
Bilingual and Multicultural  0282 
Business  0688 
Community College 0275 
Curriculum and Instruction  0727 
Early Childhood 0518 
Elementary 0524 
Finance 0277 
Guidance and Counseling  0519 
Health 0680 
Higher  0745 
History of 0520 
Home Economics  0278 
Industrial  0521 
Language and Literature 0279 
Mathematics 0280 
Music 0522 
Philosophy of 0998 
Physical 0523 

Psychology 0525 
Reading  0535 
Religious  0527 
Sciences 0714 
Secondary 0533 
Social Sciences 0534 
Sociology of 0340 
Special 0529 
Teacher Training 0530 
Technology 0710 
Tests and Measurements 0288 
Vocational 0747 

LANGUAGE, LITERATURE AND 
LINGUISTICS 
Langyage 

General 0679 
Ancient 0289 
Linguistics  0290 
Modern  0291 

Literature 
General 0401 
Classical  0294 
Comparative 0295 
Medieval  0297 
Modern 0298 
African  0316 
American 0591 
Asian  0305 
Canadian English)  0352 
Canadian French)  0355 
English  0593 
Germanic  0311 
Latin American 0312 
Middle Eastern  0315 
Romance 0313 
Slavic and East European 0314 

THE SCIENCES AND ENGINEERING 
BIOLOGICAL SCIENCES 
Agriculture 

General  
Agronomy  
Animal Culture and 

Nutrition  
Animal Pathology.  
Food Science and 
Technology 0359 

Forestry and Wildlife  0478 
Plant Culture  0479 
Plant Pathology 0480 
Plant Physiology 0817 
Range Management 0777 
Wood Technology 0746 

Biol 
,eral 0306 

Anatomy  0287 
Biostatistucs  0308 
Botany 0309 
Cell  0379 
Ecology. 0329 
Entomology  0353 
Genetics  0369 
Limnology 0793 
Microbiology  0410 
Molecular 0307 
Neuroscience 0317 
Oceanography 0416 
Physiology 0433 
Radiation 0821 
Veterinary Science 0778 
Zoology 0472 

Biophysics 
General 0786 
Medical  0760 

EARTH SCIENCES 
Biogeochemistry 0425 
Geochemistry  0996 

Geodesy   
Geology  

0473 Geophysics   
0285 Hydrology  

Mineralogy  
0475 Paleobotany  
0476 Paleoecology  

Paleontology  
Paleozoology  
Polynology   
Physical Geography  
Physical Oceanography   

PHILOSOPHY, RELIGION AND 
THEOLOGY 
Philosophy 0422 
Religjon 

General 0318 
Biblical Studies 0321 
Clergy  0319 
History of 0320 
Philosophy of 0322 

Theology 0469 

SOCIAL SCIENCES 
American Studies 0323 
Anthropology 

Archaeology 0324 
Cultural  0326 
Physical  0327 

Business Administration 
General 0310 
Accounting  0272 
Banking 0770 
Management  0454 
Marketing 0338 

Canadian Studies  0385 
Economics 

General 0501 
Agricultural 0503 
Commerce-Business 0505 
Finance  0508 
History 0509 
Labor  0510 
Theory 0511 

Folklore 0358 
Geography 0366 
Gerontology 0351 
History 

General 0578 

0370 Speech Pathology 0460 
0372 Toxicology 0383 
0373 Home Economics  0386 
0388 
0411 PHYSICAL SCIENCES 
0345 
0426 
0418 
0985 
0427" 
0368' 
0415 

HEALTH AND ENVIRONMENTAL 
SCIENCES 
Environmental Sciences  0768 
Health Sciences 

General 0566 
Audiology 0300 
Chemotherapy  0992 
Dentistry 0567' 
Education  0350 
Hospital Management 0769 
Human Development 0758 
Immunology 0982 
Medicine and Surgery  0564 
Mental Health  0347 
Nursing  0569 
Nutrition  0570 
Obstetrics and Gynecology  , 0380 
Occupational Hea lth and 
Therapy 0354 

Ophthalmology 0381 
Pathology  0571 
Pharmacology 0419 
Pharmacy 0572 
Physiherapy 0382 
Publiccal T Health 0573 
Radiology 0574 
Recreation  0575 

Pure Sciences 
Chemistry 

General 0485 
Agricultural 0749 
Analytical  0486 
Biochemistry  0487 
Inorganic 0488 
Nuclear 0738 
Organic 0490 
Pharmaceutical 0491 
Physical  0494 
Polymer 0495 
Radiation 0754 

Mathematics ....  0405 
Physics 

General 0605 
Acoustics  0986 
Astronomy and 
Astrophysics 0606 

Atmospheric Science 0608 
Atomic  0748 
Electronics and Electricity  0607 
Elementary Particles and 
High Energy 0798 

Fluid and Plasma 0759 
Molecular  0609 
Nuclear  0610 
Optics  0752 
Radiation 0756 
Solid State  0611 

Statistics  0463 

Applied Sciences 
Applied Mechanics  0346 
Computer Science 0984 

one subject which most 
provided. 

0 1-I 
SUBJECT CODE 

UMI 

Ancient 0579 
Medieval  0581 
Modern 0582 
Black 0328 
African  0331 
Asia, Australia and Oceania 0332 
Canadian  0334 
European 0335 
Latin American 0336 
Middle Eastern 0333 
United States 0337 

History of Science  0585 
Law 0398 
Political Science 

General 0615 
International Law and 

Relations 0616 
Public Administration 0617 

Recreation 0814 
Social Work 0452 
Sociology 

General 0626 
Criminology and Penology  0627 
Demography 0938 
Ethnic and Racial Studies  0631 
Individual and Family 

Studies  0628 
Industrial and Labor 

Relations 0629 
Public and Social Welfare  0630 
Social Structure and 
Development  0700 

Theory and Methods 0344 
Transportation  0709 
Urban and Regional Planning  0999 
Women's Studies  0453 

Engineering 
General 0537 
Aerospace 0538 
Agricultural 0539 
Automotive 0540 
Biomedical 0541 
Chemical 0542 
Civil  0543 
Electronics and Electrical 0544 
Heat and Thermodynamics  0348 
Hydraulic 0545 
Industrial  0546 
Marine 0547 
Materials Science 0794 
Mechanical 0548 
Metallurgy  0743 
Mining  0551 
Nuclear 0552 
Packaging  0549 
Petroleum  0765 
Sanitary and Municipal  0554 
System Science  ' 0790 

Geotechnology 0428 
Operations Research 0796 
Plastics Technology 0795 
Textile Technology 0994 

PSYCHOLOGY 
General  0621 
Behavioral 0384 
Clinical  0622 
Developmental 0620 
Ex 0623 perimental   
Industrial  0624 
Personality 0625 
Physiological  0989 
Psychobiology  0349 
Psychometrics  0632 
Social ' 0451 



Nom  
Dissertation Abstracts International est órganise en categories de sujets. Veuillez s.v.p. choisir le sujet qui decrit le mieux votre 
these et inscrivez le code numérique approprié dans I'espace réservé ci-dessous. 

UMI 
SWET 

Categories par sujets 

HUMANITES ET SCIENCES SOCIALES 

COMMUNICATIONS El LES ARTS 
Architecture 0729 
Beaux-arts 0357 
Bibliothéconomie  0399 
Cinema -  0900 
Communication verbale 0459 
Communications 0708 
Danse 0378 
Histoire de I'art 0377 
Joumalisme 0391 
Musique 0413 
Sciences de l'information 0723 
Théâtre  0465 

EDUCATION 
Généralités 515 
Administration 0514 
Art 0273 
Colleges communautaires 0275 
Commerce 0688 
Economie domestique 0278 
Education permanente 0516 
Education préscolaire 0518 
Education sanitaire  0680 
Enseignement agricole 0517 
Enseignement bilingue et 

multiculturel  0282 
Enseignement industriel  0521 
Enseignement primaire. 0524 
Enseignement proFessionnel  0747 
Enseignement religieux 0527 
Enseignement secondaire  0533 
Enseignement special  0529 
Enseignement supérieur 0745 
Evaluation  0288 
Finances 0277 
Foràiation des enseignants 0530 
Histoire de 'education 0520 
Longues et littérature  0279 

Lecture 0535 
Mathematiques 0280 
Musique 0522 
Orientation et consultation 0519 
Philosophie de 'education  0998 
Physique  0523 
Programmes d'études et 
enseignement 0727 

Psychologie 0525 
Sciences 0714 
Sciences sociales 0534 
Sociologie de l'éducation 0340 
Technologie  0710 

LANGUE, LITTERATURE El 
LINGUISTIQUE 
Longues 

GéneralitCs  0679 
Anciennes 0289 
Linguistique 0290 
Modernes 0291 

Littéroture 
Généralités  0401 
Anciennes 0294 
Comparée 0295 
Medévole 0297 
Moderne 0298 
Africaine  0316 
AmCricaine 0591 
Anglaise 0593 
Asiatique 0305 
Conadienne Anglaise)  0352 
Canodienne Francaise) 0355 
Germanique  0311 
Latino-américaine 0312 
Moyen-orientole 0315 
Romane 0313 
Slave et est-européenne  0314 

SCIENCES ET INGENIERIE 

SCIENCES BIOLOGIQUES 
Agriculture 

Généralites  0473 
Agronomie.  0285 
Alimentation et technologie 
alimentaire   0359 

Culture  0479 
Elevage bt alimentation 0475 
Exploitation des péturages  0777 
Pothologie animale 0476 
Pathologie vé9éta1e  0480 
Physiologie vegétale  0817 
Sy cu  et taune 0478 
Technologie du bois 0746 

Biol 
mtralités  0306 
Anatomie 0287 
Biologie (Statistiques) 0308 
Bioloie moléculaire  0307 
Botanique  0309 
Cellule  0379 
Ecologie  0329 
Entomologie 0353 
Genétique 0369 
l.ininologie 0793 
Microbiologie  0410 
Neurologie  0317 
Oceanographie 0416 
Physiologie  0433 
Radiation 0821 
Science vétérinaire  0778 
Zoologie 0472 

Biophysique 
Généralités  0786 
Medicale  0760 

SCIENCES DE LA TERRE 
Biogeochimie 0425 
Géochimie 0996 
Géodésie  0370 
Geogrophie physique 0368 

Géologie 0372 
Geophysique 0373 
Hydrologie 0388 
Minéralogie 0411 
Océonogrophie physique  0415 
Paléabotanique 0345 
Paleoécologie 0426 
Paleontologie 0418 
Paleozoologie 0985 
Palynologie  0427 

SCIENCES DE LA SANTE ET DE 
L'ENVIRONNEMENT 
Economie domestique 0386 
Sciences de l'environnement 0768 
Sciences de la sante 

Généralités  0566 
Administration des hipitoux  0769 
Alimentation et nutrition 0570 
Audiologie 0300 
Chimiothérapie  0992 
Dentisterie 0567 
Développement humain  0758 
Enseignement 0350 
Immunologie 0982 
Loisirs 0575 
Médecine du travail et 

therapie 0354 
Médecine et chirur9ie 0564 
Obstetrique et gynecologie  0380 
Ophtalmologie 0381 
Orthophonie 0460 
Pathatagie  0571 
Pharmacie  0572 
Phormacologie 0419 
Physiotherapie  0382 
Radiologie 0574 
Sante mentale  0347 
Sante publique 0573 
Soins inhirmuers  0569 
Toxicologie  0383 

PHILOSOPHIE, RELIGION El 
THEOLOGIE 
Philosophie  
Religjon 

Généralités   
Clergé....  
Etudes bibliques   
Histoire des religions   
Philosophie de a religion  

Theologie   

SCIENCES SOCIALES 
Anthropologie 

Archéologie   
Culturelle   
Physique   

roit   
Economie 

Généralités   
Commerce-Affaires  
Economie agricole  
Economie du travail   
Finances   
Histoire  
Thearie  

Etudes américaines   
Etudes canodiennes  
Etudes léministes   
Folklore  
Géographie  
Gerontologie   
Gestian des affaires 

Généralités   
Administration   
Banques   
Comptabilite   
Marketing   

Histoire 
Histoire gonerale   

CODE DE SUJET 

Ancienne 0579 
Médiévale 0581 

0422 Moderne 0582 
Histoire des flairs 0328 

0318 AIricaine  0331 
0319 Canadienne 0334 
0321 Etals-Unis  0337 
0320 Europeenne  0335 
0322 Moyen-orientale 0333 
0469 Latino-américaine 0336 

Asie, Australie et Oceanie  0332 
Histoire des Sciences 0585 
Loisirs  0814 

0324 Planihication urbaine et 
0326 regionale  0999 
0327 Scince politique 
0398 Géneralités  0615 

Administration publique 0617 
0501 Droit et relations 
0505 internatianales  0616 
0503 Sociologie 
0510 Généralités  0626 
0508 Aide et bien-âtre social 0630 
0509 Criminologie et 
0511 établissements 
0323 pénitentiaires  0627 
0385 Demogrophie 0938 
0453 Etudes de I' individu et 
0358 de Ia Famille 0628 
0366 Etudes des relations 
0351 interethniques et 

des relations raciales  0631 
0310 Structure at développement 
0454 social  0700 
0770 Théorie et méthodes. 0344 
0272 Travail et relations 
0338 industrielles 0629 

Transports   0709 
0578 Travail social  0452 

SCIENCES PHYSIQUES 
Sciences Pures 
Chimie 

Genérolités  0485 
Biochumue 487 
Chimie agricole 0749 
Chimie analytique  0486 
Chimie minerale 0488 
Chimie nucléaire  0738 
Chimie organique  0490 
Chimie pharmaceutique 0491 
Physique 0494 
PolymCres  0495 
Radiation 0754 

Mathématiques 0405 
Physique 

Genéralités   
Acoustique  
Astronomie et 
astrophysique 0606 

Electronique et electricité 0607 
Fluides et plasma 0759 
Météorologie  0608 
Optique 0752 
Porticules (Physique 

nucléoire)  0798 
Physique atamique  0748 
Physique de l'étot salide 0611 
Physique moléculaire  0609 
Physique nucléoire 0610 
Radiation 0756 

Stalistiques  0463 

Sciences Appliqués Et 
Technologie 
Infarmatique  
Ingenierie 

Générolités   
Agricole   
Automobile   

Biomédicale  0541 
Chaleur et ther 
modynamique 0348 

Conditionnement 
(Emballage)  0549 

Genie aérospatial 0538 
Genie chimique 0542 
Genie civil  0543 
Genie eleclronique et 

électrique 0544 
Genie, industriel  0546 
Genie mécanique 0548 
Genie nucléaire 0552 
lnénierie des systömes 0790 
Mecanique flavale 0547 
Métallurgie  0743 
Science des matériaux 0794 

gg Technique du pétrole  0765 
86 Technique minière  0551 

Techniques sanitaires et 
municipales 0554 

Technologie hydroulique 0545 
Méconique oppliquee 0346 
Géotechnologie  0428 
Matières plastiques 

(Technologie)  0795 
Recherche opérationnelle 0796 
Textiles et tissus (Technologie)  0794 

PSYCHOLOGIE 
Généralités 0621 
Personnalité 0625 
Psychabiologie 0349 
Psychologue clinique 0622 
Psychologie du comportement  0384 

0984 Psychologie du developpemeni  0620 
Psychologie experimentale 0623 

0537 Psychologie industrielle 0624 
0539 Psychologie physiologique 0989 
0540 Psychologie sociale  0451 

Psychometrie  0632 



THE UNIVERSITY OF CALGARY 

FACULTY OF GRADUATE STUDIES 

The undersigned certify that they have read, and recommend to the 

Faculty of Graduate Studies for acceptance, a thesis entitled "A High Efficiency 

Linearized Radio Frequency Power Amplifier", submitted by Garry Funk in 

partial fulfillment of the requirements for the degree of Master of Science. 

Date: 

Supervisor, Dr. R.H. Johnston 

Department of Electrical and Computer Engineering 

Department of Electrical and Computer Engineering 

Department of Electrical and Computer Engineering 

Dr. F.N. Trofimenköff 

Department of Electrical and Computer Engineering 

Dr. D.J.l. Fry 

Department of Physics and Astronomy 

Dr. P. CmwelI 

lndustriaTechnical Advisor, NRC 

II 



Abstract 

Personal Communication Services have placed new demands on 

telecommunications technology. New, spectrally efficient, modulation schemes 

require better linear performance from the power amplifier. A truly portable 

terminal requires energy efficiency to ensure long talk time without bulky 

batteries. 

Traditional Class A, B, AB and C amplifiers are quite linear but have low 

efficiency when converting dc power into radio frequency power. High efficiency 

Class D, E, F and S amplifiers, on the other hand, are unfortunately highly non-

linear. A linearization technique that reduces signal distortion while using high 

efficiency amplifiers is required. 

This thesis discusses the design, analysis and implementation of a 

distortion reduction system for a 1 GHz, 1/2 Watt Class E amplifier. Envelope 

elimination and restoration is the linearization method chosen to achieve 

reduction of signal distortion. The measured performance of the system, is 

presented along with a review of high efficiency amplifiers and linearization 

techniques. 
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Chapter One - Introduction 

The development of an amplifier that possesses the characteristics of 

linearity and high efficiency may seem to be unattainable. However, the use of 

highly efficient amplifiers combined with a linearization technique can achieve 

these goals. Amplifiers which provide these advantages will find use in a variety 

of communications products of today and those of the future. 

1.1. Personal Communications Services 

PCS is the acronym that has been given to a new concept in 

telecommunications services. It is intended that these services provide the user 

with freedom of movement while initiating and receiving calls. The user will be 

assigned a unique and personal number with which they may be reached 

anywhere in the world on either public or private networks. The person's terminal 

may be fixed, movable or mobile and will enable the user to define a set of 

services which suits his or her needs [1]. 

To achieve this vision, PCS will require an unprecedented integration of 

telecommunications systems and services, all of which must be achieved while 

minimizing the bandwidth used and the power consumed. The bandwidth 

restriction has led to the use of spectrally efficient digital modulation schemes 

such as quadrature amplitude modulation (QAM) or quadrature phase shift 

keying (QPSK). These modulation techniques in turn place restrictions on the 

performance of the supporting hardware. In particular, the linear output range of 

the power amplifier stage must be increased to transmit the signals with reduced 

distortion. 
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Increasing the linearity of the power amplifier has traditionally been 

achieved at the expense of wasted power. For instance, a mildly non-linear 

Class A amplifier operated well below the 1 dB compression point will not 

generate significant distortion, but at the same time waste over half of the battery 

input power. Wasted power means less talk time for the user with a battery 

powered device. What is needed is an amplifier that provides the required 

linearity while maintaining an acceptably high power efficiency. 

1.2. High Efficiency Amplifiers and Linearization Techniques 

Amplifiers which possess theoretical power efficiencies of 100% do exist. 

Unfortunately this highly desirable characteristic comes bound with the 

undesirable characteristic of a highly non-linear transfer function. The amplifiers 

which fall under this category are denoted as Class D, E, F and S. These 

amplifiers are used in a "switched" mode to perform the operation of single pole 

and double pole switches. The currents and voltages through the devices are 

controlled by the drive signals and tuned output filters to ensure that a finite 

current and a finite voltage on the device output cannot occur simultaneously. 

Thus no power is dissipated in the active device. 

Using these classes of amplifiers requires a linearization technique to 

reduce the distortion of the output signal to an acceptable level. Feed forward, 

feedback and predistortion are techniques that can be used to reduce the 

distortion of mildly non-linear amplifiers. 

Feed forward techniques traditionally require two power amplifiers and 

high power combining devices. Feedback techniques offer a reduction of the 

distortion proportional to the loop gain but at the cost of reduced output gain. 
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Predistortion techniques require complex modulation circuitry and or Digital 

Signal Processing (DSP) to achieve a reduction in the distortion level. 

For the strongly non-linear amplifiers only signal separation and 

recombination linearization techniques can be used to produce low distortion 

systems. These techniques offer reduced distortion with a simple open loop 

architecture. 

The linearization technique chosen for implementation in this work is 

called Envelope Elimination and Restoration . This method makes use of input 

signals which possess both amplitude (envelope) and phase information. The 

envelope component of the input signal is amplified in a high efficiency 

modulator. The phase component is recombined with the envelope component 

in a second high efficiency amplifier. The result is an amplified replica of the 

input signal with very low distortion level. Not only is this technique suitable for 

use with cellular modulation schemes like it/4 DQPSK, it can also be used to 

efficiently amplify combined signals, such as exist in a cellular base station, with 

reduced power consumption and space requirements. 

1.3. Thesis Outline 

This thesis discusses the analysis, design and testing of an Envelope 

Elimination and Restoration amplifier system. Chapter Two provides an 

introduction of the types of high efficiency non-linear amplifiers which can be 

used to implement the EER system. Chapter Three reviews the linearization 

techniques used to date on non-linear amplifiers. Chapter Four details the 

analysis of the EER system, providing insight into the critical areas in the system 

which affect signal distortion reduction. Chapter Five presents the testing 

methods used to determine the performance of the EER system. Chapter Six 
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summarizes the experimental results and provides conclusions and 

recommended future work. 
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Chapter Two - High Efficiency Amplifiers 

This chapter provides an overview of the types of high efficiency amplifiers 

available, as well as the types of distortion that they are susceptible to. It is 

intended that the introduction presented here will provide the reader with a basic 

understanding of the theoretical operation of these special amplifiers. 

2.1. Classes of High Efficiency Amplifiers 

There are numerous texts which provide in-depth information on the 

operation of linear and approximately linear power amplifiers. These systems are 

denoted by the classification of A, B, AB and C. These amplifiers possess the 

desirable trait of linear amplification of a signal, but at the cost of efficiency. 

The less well known classes of amplifiers are denoted as D, E, F and S. 

These amplifiers possess the desirable trait of high efficiency at the cost of non-

linear amplification. High efficiency is achieved by operating the active devices in 

a switching mode and reducing power dissipation. Tuned output filters are used 

to ensure that the output signal possesses only the fundamental frequencies 

present in the input signal. 

2.1.1. Class D 

The "Class D" amplifier was first discussed by P.J. Baxandall in 1959. 

Since that time they have been used successfully in high power AM transmitters 

and low power HF transmitters [2]. The amplifier system consists of a pair of 

transistors connected to a tuned output circuit. The switching action of the two 

transistors is complementary to one another, resulting in the two pole switch 

equivalent circuit shown in Figure 2.1. 
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Input 
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1dc 

12(8) 

(b) 

Co 

+ i(8) 
Vce2(9) 

R 

+ 

Figure 2.1 Complementary Voltage-Switching Class D PA (a) Schematic 

Circuit and (b) Equivalent Circuit 

The purpose of the tuned output circuit is to provide a direct path to the 

load for the fundamental frequencies and to present a high impedance for all 

switching harmonics. The output of an ideal circuit is an amplified sinusoidal 

version of the input signal. 

Vcei(0) i1(0) 

vcc 

0  

Vce2(0) 

vcc  

0  

it 2ir 2ir 

C 

it 

2it it 

Figure 2.2 Complementary Voltage-Switching Class D PA waveforms 
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The ability of this amplifier to achieve an efficiency of 100% lies in the fact 

that when maximum current is being drawn through a transistor the voltage 

across the transistor is zero, as can be seen in Figure 2.2. Thus all of the dc 

power is delivered to the load and no power is dissipated in the transistors. 

Assuming that the input has a 50% duty cycle the voltage across 02 is: 

Vc2(0) = V{.+-.s(e)} (2.1) 

• Where the square wave form is defined by the Fourier series: 

s(0)= * (sinO +4sin39+4sin58 ... ) (2.2) 

Due to the removal of the dc and harmonic components by the tuned 

output filter the current presented to the load resistor is: 

10(e) = 2Vcc sine 
(2.3) 

This output current flows alternately through Qi and Q2, whichever is on. 

Therefore the output currents through the transistors are half sinusoids with a 

maximum current (1cm) equal to 2Vcc/icR. The dc input current is the average 

value of i1 (e): 

1cm - 2 V0 
7C 7C 2 R 

This current is used to determine the collector input power: 

2 " 2 
V 

PI=Vldc=—   R 

(2.4) 

(2.5) 

The rms output power delivered to the load is derived from the maximum 

voltage at the output: 
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, 2 , ; 2 
PO c,fl - vCC  

° V 2R 7c T R 
(2.6) 

If it is assumed that the amplifiers have very large current gain values, the 

input power required to execute the switching action is negligible. The collector 

efficiency of the circuit is therefore defined from equations (2.5) and (2.6) to be 

100%. In reality the Class D amplifiers do not achieve 100% efficiency. This 

reduction in the efficiency is caused by factors such as finite on resistance of the 

transistors, charge storage in the transistors which requires discharging at the 

beginning of the following half cycle, and finite switching times. Even with these 

practical limitations Class D amplifiers have been built that deliver efficiencies in 

excess of 90% [3]. 

2.1.2. Class E 

The "Class E" amplifier was first introduced by Nathan and Alan Sokal in 

1975 [4]. The main components of the system are: 1) switching transistor 2) RF 

choke 3) voltage invariant shunt capacitor and 4) tuned output filter. 

vcc 

Input 

(a) 

vc 

tdc 

RFC 

Ideal Tuned 
Circuit 

(b) 

Figure 2.3 Class E PA (a) Schematic Circuit and (b) Equivalent Circuit 
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The shunt capacitance C is composed of the inherent transistor 

capacitance and an externally added capacitance C2, chosen to achieve amplifier 

performance. The simplest tuned output filter consists of a series inductor and 

capacitor combination. If the tuned filter is ideal it will serve as a block to all 

frequency components not at the fundamental frequency. The ideal filter is 

detuned by the reactance component X to achieve optimum performance. 

The operation of the circuit may be analyzed if the following four 

assumptions are made: 

1) The reactance of the RFC choke is sufficiently large as to ensure a constant 

dc current to the circuit. 

2) The quality factor of the tuned output filter is sufficiently high as to ensure a 

sinusoidal output signal at the fundamental frequency. 

3) The shunt capacitance does not vary with the applied voltage across it. 

4) The transistor is acting like an ideal switch. 

With these assumptions in mind the operation of the circuit proceeds as 

follows: 

1) The input signal to the amplifier is a sinusoid or square wave at a fundamental 

frequency fo. 

2) When the switch first opens, a charging current, ic(8) = Idc - i0(9), flows into 

the shunt capacitor. Since the switch is open no current is flowing through it 

(refer to Figure 2.4c). The collector voltage waveform is a result of this 

charging current into the shunt capacitor C. The peak collector voltage of 

approximately 3.6 Vcc is a due to the presence of the tuned circuit and will 

vary slightly depending on the quality factor of the tuned circuit (refer to Figure 

2.4b). If the switch were to remain open at this time the collector voltage 

would continue as an under-damped sinusoid with a final value of Vcc. 
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3) When the under damped collector voltage reaches the first minimum value 

(i.e. the point where vc = 0 and 6vc I 8t = 0) the switch is turned on (refer to 

Figure 2.4b at 0 = it). At this time any remaining charge in C is 

instantaneously removed and the current in the switch is the difference 

between the constant dc. current and the output current. Note that since the 

voltage across the switch is zero there is no power dissipation by the device. 

4) The tuned circuit also acts to allow only the fundamental frequency sinusoid 

to reach the load while all other frequencies not at the fundamental are 

blocked. The resultant output is an amplified version of the incoming signal 

as shown in Figure 2.4 (d). 

SWITCH 

Open 

Closed 
it 

(a) 

(b) 
2it  e 15(e) 

it 2ic 

(c) 

Vom 

= 330 

(d) 

Figure 2.4 Class E Amplifier Waveforms (a) Switch timing (b) Voltage across 

the switch (C) Current through the switch (d) Output voltage at the 

load 

Determination of the voltages and currents for the Class E amplifier is 

somewhat more difficult than those specified in the Class D design. However, 
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Krauss, Bostian and Raab [2] have shown that the collector voltage can be 

defined as: 

v(0)= ldc [(y_ 1)+ '"0m sin(4- y)+-O+ Vom  cos(O 
2 BR B BR (2.7) 

Where B is the susceptance of the shunt capacitance C at the frequency of 

operation, y is the switch off time (converted to radians) and 4 is the phase angle 

between the output and input sinusoids. 

In order to achieve an optimum design, specific values for B and X must 

be chosen. To determine these values it is necessary to set (2.7) and its 

derivative with respect to 0 equal to zero at 0 = it/2 + y. This yields 0 = -32.5°, B 

= 0.1 836/R and X = 1.1 52R. The output voltage and power can then be defined 

as: 

Vom 2 K2 VCC =1.O74V cc 

2  V 2 2 
2 R -0.577 V 

CC  

1+ cc 
4 

(2.8) 

(2.9) 

And the dc current is ldc = VCC / 1.734R. From the dc current and the 

output power defined in equation (2.9) it is possible to confirm that the theoretical 

collector efficiency is 100%. Practical Class E amplifiers suffer from finite 

saturation voltage and on resistance which reduce the efficiency from 100%. 

However, efficiencies of 96 % at frequencies of 3.9 MHz were reported by the 

Sokals in 1975. Since that time the frequency of operation has been pushed to 1 

GHz with efficiencies approaching 72 % by Everard and Wilkinson [5]. 
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Although the analysis performed by Krauss, Bostian and Raab assumed a 

constant dc current and a very high quality factor for the tuned output filter, recent 

papers have provided analysis and design details which do not make these 

assumptions. Avratoglou and Voulgaris [6] provide an analysis which 

compensates for finite quality factor in the tuned output filter. Smith and Zulinski 

[7] provide an analysis which accounts for finite RFC inductance and, Everard 

and King [8] provide details that allow design of a broad band output filter. These 

references provide complete information for Class E designs. 

2.1.3. Class F 

The "Class F" amplifier is probably the oldest high efficiency amplifier [9]. 

This amplifier is also known by the names "biharmonic", "polyharmonic" and 

"multi resonator". This design is characterized by load networks that have 

resonance at one or more harmonic frequencies. The design shown in Figure 

2.5 is classified as a third-harmonic peaking amplifier. 

Input 
+ CO 

1 
LO R v0(0) 

Figure 2.5 Third Harmonic Peaking Class F PA Schematic Circuit 

The active device is driven by the input signal to act like a saturating 

current source during half of the wave form cycle. The 3rd order harmonic 

resonator is composed of L3 and C3. The purpose is to achieve a match at the 
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fundamental frequency and resonate at the third harmonic of the fundamental 

frequency. The resonator action causes the dc, fundamental and 3rd order 

voltage components to be present at the collector of the transistor. By designing 

the resonator to apply the proper phase and magnitude of the third order 

component a voltage wave form similar to that shown in Figure 2.6 is achieved. 

VC(0) 

2Vcc 

2t IC 

Figure 2.6 Third Harmonic Peaking Class F PA wave forms 

The second tuned circuit composed of L0 and CO provides a path to 

ground for all frequencies not at the fundamental frequency. This filter acts to 

shape the collector current through the application of the even order current 

components. The filter also ensures that the output wave form is a sinusoid at 

the fundamental frequency. 

The analysis of this amplifier requires two assumptions: 1) the amplitude 

and phase of the third harmonic voltage can be set to appropriate values and 2) 

the half sine wave collector current and the second tuned circuit produces a 

sinusoidal output voltage at the fundamental frequency. Using assumption one, 

the collector voltage can be written as: 
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v(0) = Vcc + V0 sin O + Vcm3 sin30 (2.10) 

Krauss, Bostian and Raab chose a value for Vcm3 of Vom/9 to achieve 

maximum flatness of the collector voltage. The value of Vom can be easily 

evaluated by noting that the collector voltage wave form is zero at 0 = 3it/2. 

9 
m8 

The output power can be written as: 

PO 
, fl 2 fci'2/ CC 2 —l.l v 

° 2R 8) 219 

(2.11) 

(2.12) 

The dc current is the average of the half sinusoidal collector current, Idc = 

lC 1iT. Where the maximum collector current is defined as: 

2V0 
CM R 

The dc input power can be evaluated as: 

Pi 2V 2 cc  
= 1dc'cc =8 icR 

(2.13) 

(2.14) 

Using equations 2.12 and 2.14 to calculate the collector efficiency yields a 

maximum theoretical efficiency of 88.4 %. Nojima, Nishiki and Chiba [10] have 

reported a power added efficiency of 75% for a 1.7 GHz, 3W design. 

2.1.4. Class S 

The Class S technique was invented in 1932 by B.D. Bedford [11]. The 

modern design incorporates a switching transistor and tuned output filter as in the 

Class D and E systems. Unlike these other systems, the input signal is 

modulated using pulse width modulation techniques. The Class S design has 
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only recently received popular review. The change in attitude towards this 

technique is due to the increase of inexpensive integrated circuits required for the 

implementation. 

The technique is suitable for both amplification and modulation. For this 

reason the Class S modulator was chosen as a promising design to provide 

modulated power to a second high efficiency amplifier (refer to section 3.2 

"Envelope Elimination and Restoration"). Since a modulator is only required to 

provide positive voltage to the load, a single transistor and diode are sufficient. 

vcc 

PWM 
Input 

+ 

Figure 2.7 Class S Modulator Schematic 

The transistor acts as a single pole switch. The switch replicates the 

incoming PWM pulses, 'alternately connecting and disconnecting the lowpass 

output filter, formed by L0 and C, to the power supply. 

The Iowpass filter acts as an averaging stage, smoothing out the 

transitions and provides a slowly varying current to the load. Different pulse 

widths produce different average output values. During the times when the 

switch is "off", the inductor of the low pass filter will continue to draw current up 

through the diode (refer to Figure 2.8). To minimize current drooping during the 

off periods a multiple stage filter can be used, however, it is necessary to make 
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the first component an inductor to ensure that a high impedance is presented to 

the switch. 

The result is an efficiently amplified replica of the input envelope. 

VD(0) 

£ 

vcc . 

0 Hn n V 0 
It 

C 

ii (e) 

It 

Figure 2.8 Class S Switching Wave forms 

It 

The output voltage of the modulator can have any value between 0 and 

Vcc. Consequently the output power is: 

(2.15) 

The active device never experiences non-zero voltage and non-zero 

current at the same time. As a result, the Class S modulator has a theoretical 

efficiency of 100 %. Practical Class S modulators providing 100 W of power at 

frequencies above 57 kHz while still maintaining efficiencies in excess of 90 % 

have been built [12]. 



17 

2.2. Amplifier Distortion 

A linear amplifier derives its name from the mathematical concept of 

linearity. Thus a linear amplifier's output will be a scaled and time delayed 

version of the input. A non-linear amplifier may cause distortion in the output 

signal by modification of the amplitude and or time delay information. These 

modifications result in output power compression, phase distortion and excess 

frequency terms known as intermodulation and harmonic distortion products. 

The Class S amplifier also suffers from distortion due to the sampling of the input 

waveform known as PWM distortion. 

2.2.1. Amplitude Distortion 

The most common non-linearity characterization of a system is amplitude 

distortion. Assuming that the output voltage is an instantaneous function of the 

input voltage and the non-linearity is weak, then the output voltage v0(t) can be 

related to the input voltage v(t) by a simple power series: 

v0 (t) = k1v1(t) + k2v1(t)2 + k3v1(t)3 (2.16) 

If a single tone, v(t) = Acosuit is applied to a device whose output voltage 

is described by equation 2.16 then the output voltage becomes: 

V, (t) = . k2A2 + (k1A + - k3A3)cos 1t + . k2A2 cos 2w1t + 3a k3A3 cos 1t (2.17) 

The first term in equation 2.17 is the dc component of the output voltage. 

The second term represents the component of the output voltage at the 

fundamental frequency col. The third and fourth terms represent the components 

of the output voltage at the second and third harmonic frequencies respectively. 

The gain of the fundamental component can be written in the form: 
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k1A(1+ -A 2J (2.18) 

Thus the fundamental component gain will be greater than k1A if k3 > 0 

and less than kjA if 13 < 0. This property is called the gain expansion or gain 

compression of the device. Most practical devices are gain compressive. An 

industry standard for the characterization of a device is the statement of the 1 dB 

compression point. This is the point on the power transfer characteristic where 

the output power has deviated from the linear transfer characteristic by 1 dB 

(refer to Figure 2.9). 

Output 
Power 
(dBm) 
10 * 

9,  

p 

/ -<—1 dB Compression 
Point 

Input 
-  Power 
(dBm) 

Figure 2.9 Definition of 1 dB Compression Point 

A standard method for measuring the amount of AM distortion generated 

in a device is to apply an input signal that consists of two equal amplitude 

sinusoids separated in frequency. This test is called the "Two Tone" test. 

Applying the input signal v1(t)=Acoso lt+Acoso 2t to the device transfer 

function defined by equation 2.16 will yield an output voltage as follows: 

v0 (t) = k2A2 + k2A2cos(o1 - o2)t + (kA1  + * k3A3 )coscoit 

+(k,A + *k3A3)cos 2t + k3A2 cos(2o1 - 2)t 
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+ .- k3A3 cos(2co2 - ( )t + k2A 2 cos(a1 + 0)2)t +-L k   A cos 2wt 

+ - kA cos 20)2t + .- k3A3 cos(20)1 + 2 )t + - k3A3 cos(20)2 + )t 

+*k3A3 cos  + k3A3 c0s30)2t 

Figure 2.10 shows a graphical representation of equation 2.19. 

Output 
Spectrum 

HI, i W tilt  
de I Co I 3O 1 I 

0)1 02 201_02 2(02' 2o1 0 2co 2o 2 2w1+o 2 2 2+w1 

Co 

(2.19) 

Figure 2.10 Output Spectrum of a device with two input sinusoids and third 

order distortion 

The output signal consists of six different types of components. The first 

component occurs at dc followed by the fundamental frequency components oj 

and The second and third harmonic components are located at frequencies 

20i, 202 and 3o, 32. The second order intermodulation product components 

occur at frequencies of cOl ±0)2 (i.e. the sum of the coefficients of Col and CO2 is 

two). And finally the third order intermodulation product components occur at 

20)1±0)2 and 20)2±0)1. 

Practical systems are not concerned with the second and third harmonic 

components, and the second order intermodulation components. These 

components can be removed through appropriate filtering. However, the third 

order components fall within the pass band of the system and cannot be removed 

by filtering. This means that the system 3rd order intermodulation products 
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(lMD3s) must be reduced to as much as possible to reduce distortion in the 

output signal. 

2.2.2. Phase Distortion 

A phase distortion called AM to PM conversion occurs when the 

magnitude of the input signal can affect changes in the phase of the output 

signal. The AM to PM conversion is defined as the change in output phase for a 

1 dB increment of output power. Phase distortion also generates IMD products 

that are similar in nature to amplitude distortion. Thus the reduction of these. 

products will also ensure reduction of phase distortion. 

2.2.3. Pulse Width Modulation Distortion 

The PWM technique used to create the input signal for a Class S amplifier 

contributes a different type of distortion than the previously discussed Amplitude 

and Phase distortion. The PWM is in effect sampling the input wave form. The 

result of this sampling is additional spurious components as shown in Figure 

2.11. 

Amplitude 

Desired Output 
Signal 

Sampling Frequency 

Relative Distortion 

44 t A 
A 

A 
A A 

fs 

Figure 2.11 Spectral Response of a PWM Signal 

f 
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Raab has shown that if the input is a single sinusoid with amplitude Vom ≤ 

Vc, then the magnitude of the nth spurious product associated with the kth 

harmonic of the switching frequency is given by: 

I lvk,nl = 2VccJ[kVomj kit Vcc 

where: Jn is a Bessel function of the first kind of order n 

(2.20) 

• Those spurious products which fall within the pass band of the amplified 

signal will cause distortion. It is therefore necessary to choose a sampling 

frequency that is suitably high as to reduce the distortion to an acceptable level. 

For an amplifier with a distortion level due to PWM of -40 dBc it is necessary to 

choose a sampling frequency at least 5 times the highest frequency in the input 

signal. 

The most demanding input signal, in terms of frequency bandwidth, that 

the Class S modulator must amplify is the envelope signal shown in Figure 2.12. 

env(e) ENV(f) 

0= 2irft 

2A/it 

0 
2t 4f 6f 
0 0 0 

Figure 2.12 Envelope Signal and Corresponding Frequency Spectrum 

Raab and Rupp have determined that if the envelope spectrum is sampled 

at 10 times the fundamental frequency then the distortion level is below -40 dBc. 
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Chapter Three - Highly Non-Linear Amplifier Linearization Techniques 

This chapter provides an overview of the types of linearization techniques 

available. It is intended that the brief introduction presented here will provide the 

reader with a general understanding of the number of different types of 

linearization techniques available. For an in-depth handling of these techniques 

the reader should study the references quoted. The main portion of this chapter 

will deal with two linearization techniques tailored to highly non-linear amplifiers. 

There have been many methods proposed for the purpose of amplifier 

linearization. These techniques can be grouped according to the following 

characteristics: 1) feedforward, 2) feedback, 3) predistortion and 4) signal 

separation and recombination. 

The earliest methods include the use of feedforward structures, first 

proposed in the 1920's by Harold S. Black. A feedforward structure uses a 

cancellation signal at the output of the system. The cancellation signal, which 

contains only the distortion products, is subtracted from the amplifier output 

signal. A simplified block diagram of a feed forward system is shown in Figure 

3.1. 

Generation of the cancellation signal can be achieved through the Use of a 

network of delay lines, couplers, attenuators and auxiliary amplifiers. Due to the 

complex circuitry involved, feed forward techniques were generally restricted to 

larger systems. 
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Figure 3.1 Simplified FeedForward System 
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Feedback techniques, on the other hand, are characterized by the fact that 

they use the sampled output of the amplifier, subtracted from the original input 

signal to achieve reduction of the intermodulation distortion products. A 

simplified feedback system is shown in Figure 3.2. 

Input 
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Feedback 
Network 
H 

Output 

I I i s I 

Figure 3.2 Simplified Feedback System 

The system shown in Figure 3.2 is best known as the passive RF Negative 

Feedback technique [13]. For this technique the intermodulation products are 

reduced by the loop gain 1/(1+GH). 
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A modification of this system using an active element in the feedback path 

is known as Active Feedback Linearization [14]. The active feedback system has 

the advantage of providing a larger dynamic range. 

Reduction of the amplifier's intermodulation products can also be achieved 

through the negative feedback of the intermodulation products only [15]. This 

system has the advantage of distortion reduction without loss of active gain. 

The last feedback system, to be mentioned here, compares the input and 

output envelope components to produce an error signal [16]. This feedback 

system will be described in detail as part of the system enhancements later in 

this chapter. 

A common design difficulty of all feedback systems is the delay 

encountered in the feedback path. This delay places restrictions on the 

maximum frequency at which the system will remain stable. The design of the 

feedback system requires that the gain must be less than one at frequencies 

where oscillation may occur. As the frequency of operation and the bandwidth is 

increased the design for stable operation becomes more and more difficult. 

Another method of reducing distortion uses the technique of modifying the 

input signal and is appropriately called "predistortion" linearization [17]. These 

techniques are similar in nature to the feedforward technique in that they use 

signal cancellation to reduce the unwanted distortion in the output signal. 
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Generation of the predistortion signal requires an understanding of the 

non-linearities in the amplifier. The ri cuber predistortion system [18] adjusts the 

phase and amplitude of the input signal to the amplifier to achieve the reduction 

in the intermodulation products. The adaptive complex gain predistortion system 

[19] uses information sampled at the output of the amplifier to continuously 

modify the predistortion signal. 

Although all of the previously mentioned methods have the ability to 

reduce the distortion generated by mildly non-linear amplifiers, there are two 

methods which are specifically designed to reduce the distortion generated by 

highly non-linear amplifiers. The remainder of this chapter will focus on these 

two techniques. 

3.1. Linear Amplification using Non-Linear Components 

The LINC system (Linear Amplification using Non-Linear Components) is 

fundamentally different from the previously mentioned linearization methods in 

that there is no feedback used and the amplifier itself can be highly non-linear. 

The LINC technique was originally called "Outphasing". These systems were 

first developed during the 1930's by H. Chireix [20] to improve the efficiency and 

linearity of AM-broadcast transmitters. 
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3.1.1. Simple System 

The basic principle for the LINC system is to separate the baseband input 

signal, which contains either or both amplitude and phase information, into two 

constant amplitude signals. These two constant amplitude signals can be 

separately amplified by a pair of highly non-linear amplifiers. The amplified 

component signals are passively re-combined to produce an amplified replica of 

the input signal. A block diagram of a simple LINC system is shown in Figure 

3.4. 

GS 

Figure 3.4 Simple Linc System 

To gain a basic understanding of the system operation, consider first the 

input signal. 

S(t) = E(t)cos 0t (3.1) 

where: E(t) = Em sin4t and is defined as the envelope 

Em is the maximum value of the envelope 

The component separator produces the two constant amplitude signals Si 

and S2 which are related to the input signal as follows: 
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S(t)= S1(t)—S2(t) 

S(t) = EM -Sin[wot + 4(t)] - sin[wot - 4(t)]} 

where: S1(t)=.m.sin[w0t+(t)] 
2 

S2 (t) = asin[co0t - 2 

(3.2) 

(3.3) 

(3.4) 

The output is generated after amplification of the two constant amplitude 

signals and recombination. 

GS1 (t) - GS2(t) = GEm Sfl 4(t)cOs o)0t = GS(t) (35) 

The ideal operation of the system, although straight forward theoretically, 

is difficult to achieve in a practical system. To ensure stable operation the 

maximum phase deviation, 1(t), must remain ≤ -. This requirement restricts the 

implementation of the system to modulation schemes such as full carrier 

amplitude modulation and amplitude shift keying. 

The performance of the system is also affected by the degree of match 

between the two amplifiers. Suppression of broad band phase modulation 

components at the combiner relies on a very tight tolerance on the gain and 

phase match in the two amplifier paths (0.01 dB gain error and 0.1 0 phase error 

will give a component suppression of only 54 dB) [21]. An early implementation 

of the simple LINC system demonstrated an IMD level 22 dB below the 

fundamentals. 

The efficiency of the simple LINC system also suffers due to combining 

the output signals. Since the two amplifier output signals are time varying, the 

action at the combiner will result in an output signal which undergoes periods of 

maximum signal and minimum signal. These variations in the output signal 
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correspond to a time-varying load impedance. The effects of an impedance 

variation on the system efficiency differ for varying types of power amplifiers. 

Therefore the efficiency characteristics of a LINC system also depend on the type 

of power amplifier used. Raab [22]' has shown that the instantaneous efficiency 

of a simple LINC system using class B amplifiers varies linearly with the ratio of 

the maximum output voltage to the supply voltage. 

- Po - V0 
4', 

'dc VDD (3.6) 

A simple LINC system is quite satisfactory for a class' D power amplifier 

whose efficiency remains high regardless of the load impedance. For systems 

which utilize a load sensitive power amplifier, the Chireix system described below 

is recommended. 

3.1.2. Chireix System 

The Chireix system adds transmission-line couplers and shunt reactances 

(refer to Figure 3.5) to reduce the effects that varying load impedances have on 

the system efficiency. 
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Figure 3.5 Chireix LINC System 
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Raab [22] has shown that the impedance looking into the load are 

described by the following equations: 

Z5 =2R0 'o(sin4+jcos4) 
VOM 

Z6 =2R0 J °(sin—Jcos4) 

(3.7) 

(3.8) 

The quarter wavelength transmission lines transform the impedance 

towards the amplifiers according to the formula, 

Z3Z5 = RL (3.9) 

The admittance at the input to the transmission lines can be identified as 

Z5 2R 
Y3 V01om (5I+1C05 

Y - 2 R 0 V0 (sin+jcos) 
4k RVom 

where: V0 is the output voltage at the load resistor and 

Vom is the maximum value of the output voltage. 

(3.10) 

(3.11) 

Figure 3.6 shows the magnitude, and the real and imaginary parts of the 

admittance at the drain of the amplifiers when no shunt admittance is present (i.e. 

Bs = 0). From this information it is clearly evident that the amplifier load 

impedance increases towards infinity as the system output decreases to zero. 
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Figure 3.6 Admittance at Output of Power Amplifiers with Bs = 0, 

Normalization: Ro = 1, RL = 2. 

It is also evident from Figure 3.6 that the amplifiers are driving highly 

reactive loads over the majority of the output signal swing. The influence of the 

reactive loads upon the system can be partially controlled by the introduction of 

the shunt reactances -Bs and +Bs. The admittance at the output of the amplifiers 

is now defined as: 

Y1=Y3—jB=G1+jB1 

"2 =Y4—jB =G1—jB1 

(3.12) 

(3.13) 

The conductance and susceptance terms in equations 3.12 and 3.13 are 

defined as: 

G 2RO V0 .2Ro(  0  

1 RiVom RL21VomJ (3.14) 
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I, 

B 2R0 V0 
1 Ri2Vom\ VOM 

1-( VO ) 2 —Be' 

where: B5' is the normalized shunt admittance 

B' = L -B 

(3.15) 

(3.16) 

Examining equation 3.15 reveals that the susceptance loading the power 

amplifier can be reduced to zero for one particular output amplitude by setting the 

value of B3'. 

B = 
V0 (3.17) 

The effect the shunt admittance has upon the efficiency of the system is 

demonstrated in Figure 3.7. This graph clearly indicates that it is possible to tune 

the system efficiency to a maximum at one specific amplitude output. Figure 3.7 

also indicates that for a value of Bs' = 0 the system efficiency is the same as the 

efficiency of the power amplifier, which in this case is Class B. 
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Figure 3.7 Efficiency of Chireix LINC System with Bs' at Various Values, 

Normalization: R0 = 1, RL = 1 

A recent implementation, by Bateman, of a 160 MHz LINC system 

demonstrated intermodulation suppression in excess of 55 dB. A disadvantage 

of the LINC system lies in the construction of the "component separator". 

Baternan's system [21] required the construction of a DSP which contained dual 

Phase Locked Loops (PLL) and a switching matrix to ensure stable operation. 

The next section will deal with a linearization system which, until very 

recently, has not received much attention. 
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3.2. Envelope Elimination and Restoration 

The envelope elimination and restoration (EER) system shares a common 

bond with the LINC system in that it relies on the separation and recombination of 

signals. The technique lends itself well to the use of highly non-linear amplifiers. 

The EER technique was originally designed by L. R. Kahn during the 1950's [23]. 

The first practical system using EER was a 100 kW AM transmitter which, at the 

time, was the most powerful single-sideband transmitter in operation. 

3.2.1. Basic System 

The basic principle for the EER system is to separate the baseband input 

signal, which contains both amplitude and phase information, into a phase only 

component and envelope only component. The phase signal is used to initiate 

the switching action of the highly non-linear main power amplifier. The amplified 

envelope component is used to control the power output from the main power 

amplifier. The active recombination of the phase and envelope signals in the 

main power amplifier generates an amplified replica of the input signal. A block 

diagram of a simple EER system is shown in Figure 3.8. 

Envelope 

H 

Envelope 
Detector 

Phase 
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Phase 
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Figure 3.8 Basic Envelope Elimination and Restoration System 
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A detailed analysis of the EER system is reserved for Chapter Four. 

However, a simple discussion of the operation can be carried out here. Consider 

an input signal composed of the summation of two equal amplitude tones with 

frequencies col and 0)2. The phasor diagram for the input signal is shown in 

Figure 3.9. 

E(t) 

V2 

Figure 3.9 Phasor Diagram of Two Tone Input Signal 

The envelope or magnitude component can be determined with the help of 

a few well known trigonometric identities to be. 

E(t)=JV12 +v22 +2V1V2cos(c.o2 (1)t (3.18) 

For the case when both signals are of equal amplitude equation 3.19 

reduces to: 

E(t) = 2V cos( 0)2 0) = 2V Cos 0)mt (3.19) 

where: COM =  2 1 = modulation frequency 
2 

Likewise, th'e phase component is written as: 

•.11Phase(t) = sin [0)lt+ tan' V2sin(w2—w1)t  
{ + V2 cos( - 

(3.20) 
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Equation 3.20 also reduces when the signals are of equal amplitude. 

Phase(t)=sin C01 2 2)t_ sin coot 

where: 2 1  
= 2 = phase frequency 

(3.21) 

The modulator and main amplifier apply a combined gain (G) only to the 

envelope component resulting in the overall output described below: 

GE(t)Phase(t) = G(2V coso mt)5ina 0t = G(V1 5ino lt + V2 s1no 2t) (3.22) 

The advantages of the EER system are listed below: 

1) Implementation of the Phase Extractor is much simpler than the 

Component Separator required by the LINC system. In fact, the Phase 

Extractor is basically a hard limiter. The only criteria for the limiter is the 

minimization of amplitude modulation to phase modulation conversion. 

2) The EER system is unconditionally stable. 

3) The loads seen by the main power amplifier and by the modulator are not 

time variant, this allows the simple design of power matching circuits to be 

performed. 

4) There is no requirement that the modulator and main power amplifier be 

matched as in the LINC system. The main criteria for the main amplifier 

and modulator is that together they linearly amplify the envelope 

component of the input signals. The main amplifier response to power 

supply variation is known as the "Amplitude Modulation Characteristic" of 

the device. Note that this requirement does not mean that a linear 

amplifier is required for the main power amplifier, Chapter Four will explain 

how a Class E amplifier is ideally suited for amplitude modulation. 
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5) Use of a Class S Modulator with a Class D, E or F main amplifier 

results in a system efficiency that remains high over a large range of input 

signal levels. 

3.2.2. Enhanced System 

The EER system lends itself to a modification which can improve the 

distortion reduction performance even if the main amplifier has a non-linear 

amplitude modulation characteristic. The modification used is "Envelope 

Feedback". The implementation of envelope feedback requires a modest 

increase in circuit complexity as shown in Figure 3.10. 
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Figure 3.10 Envelope Elimination and Restoration System with Envelope 

Feedback 

Arthanayake and Wood [16] have shown that the circuit gain (i.e. envelope 

gain) with envelope feedback can be defined as: 

G - (1— f3)A2(A1 + airyv) (3.23) 
- (1+A2 iyyV1) 

where: Al = gain of the modulator 

A2 = amplitude modulation gain of the main amplifier 
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V = modulator control voltage from difference amplifier 

V1 = input signal level 

V0 = output signal level from main amplifier 

= modulator sensitivity = dAi/dVc 

a = input coupling factor 

= output coupling factor 

= rectification efficiency of detectors 

If the modulator sensitivity is increased towards infinity equation 3.23 

takes on a somewhat simpler appearance. 

lim G=(1—I3)() (3.24) 

Equation 3.24 indicates that as sensitivity is increased the overall 

envelope gain becomes independent of the individual gains Al and A2. Thus the 

distortion products resulting from non-linear gains can be reduced. A reduction 

of the order of 30 dB was simulated for an EER system using envelope feedback 

and others have reported up to 35 dB reduction in intermodulation distortion 

using this technique. 
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Chapter Four - System Analysis 

4.1. System Distortion 

The distortion that input signals undergo as a result of passing through 

the Envelope Elimination and Restoration system is analyzed using a 

combination of the following techniques: 

1) determination of the Fourier series of a periodic signal 

2) modulation (multiplication) of two or more signals 

3) transformation to and from the time domain and the frequency domain 

using a Discrete Fast Fourier Transform (DFFT) and the Inverse Discrete 

Fast Fourier Transform (IDFFT) 

4) determination of the frequency response using filter theory. 

The use of modulation theory and Fourier series techniques to predict the 

intermodulation distortion was first proposed by Kahn [23]. The analysis begins 

by describing the input signal in terms of its frequency spectrum. The effect 

upon the input spectra of the envelope detector and modulator that make up the 

envelope signal path and of the phase extractor in the phase signal path, is 

calculated. The total distortion effects are determined in the frequency domain 

when the distorted envelope and phase signals re-combine at the main 

amplifier (refer to Figure 4.1) 
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Figure 4.1 Simplified Block Diagram of Method for Determining Distortion 

With the simplified block diagram in mind, an overview of the analysis 

follows: 

1) the frequency spectrum for the input signals is defined, maintaining 

frequency, magnitude and relative phase information 

2) the output frequency spectrum of the envelope detector is calculated from 

the Fourier series 

f 

3) the envelope signal is amplified by the "Modulator" block, where it 

undergoes distortion due to non-linearity and frequency response 

limitations 

4) the Fourier series of the "Envelope Limiter Gain Function" (ELGF) for the 

Phase Extractor is calculated. Note, the concept of the ELGF will be 

described in detail later in this chapter 

5) the ELGF spectrum modulates the input signal spectrum producing the 

phase signal 
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6) the amplified envelope signal is recombined with the phase signal in the 

main amplifier. The effects of varying the main amplifier's power, via the 

modulator, and the feedthrough of the phase signal by the main amplifier 

are evaluated. This step produces the output signal 

7) the intermodulation distortion of the output signal relative to the 

fundamental input signal is compared in the frequency domain. 

4.1.1. System Components 

Before an overall system analysis can be achieved the behavior of each 

component is identified, defined and modeled. 

4.1.1.1. Envelope Detector 

The purpose of the envelope detector is to extract the amplitude 

information embedded in the combined input signals. The time domain 

response and truncated frequency spectrum of an ideal envelope detector is 

shown in Figure 4.2. 

env(t) ENV(f) 
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0= 21cf0t 
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$ 

Figure 4.2 Time Domain and Truncated Frequency Domain Representation 
of an Ideal Envelope Signal 

During the analysis the envelope signal is represented by the Fourier 

series, If one chooses the minimum amplitude of the envelope to occur at zero, 
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the waveform then has an even symmetry which requires only cosine terms in 

the description of the series. The Fourier series for the ideal envelope can be 

described as: 

00 

envideal(t) = a0 + Y, an cos(nw0t) 

where: 

(4.1) 
n 

n = 2,4,6, 

ao, a2, a4, etc. are the Fourier coefficients of the series 

Coo = lIT and is denoted as the fundamental frequency of the 

series in radians 

Actual implementation of the envelope detector reveals that the ideal 

response cannot be achieved exactly. Instead the output exhibits non-ideal 

characteristics as shown in Figure 4.3. 

env(0) 

A— Actual 
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0=2icft 
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Figure 4.3 Non-Ideal Envelope Characteristic 

In Figure 4.3 the envelope detector output develops a "floor" designated 

by the value N. This floor is a result of noise and the inability of the detector to 

pass an infinite number of harmonics. The value of N will approach zero with 

the use of an envelope detector designed for use a high frequencies or by the 

reduction of the envelope frequency. It is acceptable to approximate the floor as 

a flat section. 
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flt 

The non-ideal envelope function is defined as: 

env(t) = [N] +{AsinO]_e +[N] -: —[Asin8] +[N}e (4.2) 

where: e=s1n'* 

N is the minimum value or "floor" 

A is the maximum value of the envelope 

The dc coefficient for the Fourier series of the non-ideal envelope is 

evaluated in the following manner: 

= [fle)Ndo + A ct e a0 = +Jf(0)d0 . OdO +sNde] 

a0 ={2Ne+Acos(e)—Acos(ic—e)J 

(4.3) 

Due to even symmetry there are no sine terms in the series. The 

remaining coefficients are evaluated using Equation 4.4: 

= - Ncosnede +A$ sin0cosn0d8 + ftNcosnedel 
R [f, e J 

cos (e(n + 1))— cos ((n - e)(n + 1))  

*{sin(ne) — sin(n( — e))} + A n+1 
{ + cos((m— e)(n— 1))—cos(e(n— 1))  

n-I 

(4.4) 

The fundamental frequency is equal to one half of the separation 

between the input signal frequencies. It can be shown that the odd order cosine 

coefficients (i.e. al, a3, etc.) are zero. 

The frequency spectrum is now easily constructed from the preceding 

information. For a frequency spectrum which does not display negative 

frequencies (i.e. a single sided spectrum) the coefficients of the Fourier series 

are equivalent to the magnitude of the spectral components. The phase angle 
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of the spectral components is determined by the sign of the Fourier coefficients, 

either 00 or 1800. The frequencies at which the spectral components are 

located corresponds to the frequency of the cosine term in the Fourier series 

shown in Equation 4.1 (i.e. 2u, etc.). 

4.1.1.2. Modulator 

The purpose of the modulator is to provide sufficient gain to the relatively 

weak incoming envelope signal so that it may be used to drive the high 

efficiency main amplifier. Ideally the modulator has a linear transfer 

characteristic and a flat frequency response. An ideal modulator produces an 

exact amplified replica of the input signal envelope. Implementation of the 

modulator reveals that some non-linear effects will be imparted to the envelope 

signal as it undergoes amplification. The model used for the modulator is 

shown in Figure 4.4. 
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Figure 4.4 Modulator Block Diagram 
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In the first stage of the modulator model the effect of a non-linear voltage 

transfer characteristic is represented. The expression used to model the non-

linearity of the modulator is: 

vout = M0 + M1x Vin +M2 x Vjn2+...+Mn X Vine (4.5) 

The order of the polynomial in Equation 4.5 is chosen to ensure that the 

approximation accurately represents the actual transfer characteristic of the 

modulator. It was determined that a ninth order polynomial is sufficient to 

ensure that 99.99% of the errors in the curve fit are accounted for by the 

variance of the measured data. The result of passing the envelope detector 

signal through the non-linear transfer characteristic is the appearance of 

frequency terms at 12f, 14f, etc. and new components dt dc, 2f, 4f0 etc. 

These new spectral components will add and subtract from existing spectral 

components. The additions to and modifications of the original envelope 

spectrum cause distortion by altering the shape of the envelope signal. 

Before modulating the approximated envelope signal with the non-linear 

transfer characteristic, the envelope signal data was normalized to ensure that 

no data point exceeded the upper limit of the non-linear transfer characteristic 

approximation. The normalized envelope signal data is modulated with the 

non-linear transfer characteristic by multiplication in the time domain via a 

mathematical analysis program [26]. 

In the second stage of the modulator model, the effect of a finite 

frequency response is represented. The finite frequency bandwidth is used to 

determine the number of spectral components that will exist in the output 

envelope spectrum. The modulator frequency response is modeled by a 2nd 
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order Butterworth low pass filter. The equation describing the Butterworth 

frequency response is: 

H(s) = b2 )2 +b[)+ b0 (4.6) 

K20 no  

where: s =JU) 

bo, bi, b2 are the filter coefficients 

≤o is the normalization frequency 

The Butterworth filter coefficients and normalization frequency are 

evaluated from measured data using the curve fitting capabilities of the data 

analysis program [27]. The curve fit routine uses the method of least squares 

when curve fitting and can be used to fit a general function, entered by the user, 

to a set of measured data. 

The process of filtering is most easily performed in the frequency domain. 

A DFFT is performed on the envelope data set which contains the high order 

spectral components. The resulting frequency spectrum of the envelope signal 

is multiplied by the 2nd order Butterworth low pass filter approximation. This 

step has the effect of reducing the magnitude of the higher frequency 

components. In preparation for modulation in the main amplifier, an IDFFT is 

performed on the envelope signal at this point. 

The construction of the envelope signal entering the main amplifier has 

now been completed. The next step in the analysis is the generation of an 

approximation to the phase signal entering the main amplifier. The construction 

of the phase signal approximation begins with the input signals entering the 

limiter. 
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(a) 

4.1,1.3. Limiter 

The purpose of the limiter is to remove the amplitude variation effects 

embedded in the input signal. In order to produce an output signal of constant 

amplitude, the limiter must apply a varying gain to the input signal; large gain 

when a low level signal is present and small gain when a high level signal is 

present. An ideal limiter can therefore be thought of as a variable gain device. 

The variable gain of the limiter is denoted the "Envelope Limiter Gain Function", 

ELGF, and is equal to the inverse of the envelope of the input signal [24]. 

elgf(t) = 1  
env(t) 

(4.7) 

Modulation of the input signal with the envelope limiter gain function 

removes the amplitude modulation and produces the phase only information 

shown in Figure 4.5(c). 
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Figure 4.5 Ideal Limiter Waveforms (a) Input Signal (b) Envelope Limiter Gain 
Function (c) Phase Information at Limiter Output 



47 

The method of determining the Fourier series for the ELGF begins by 

inverting the envelope function as shown in Figure 4.6. 
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Figure 4.6 Non-ideal Envelope Limiter Gain Function 

In Figure 4.6 the limiter has a finite maximum gain represented by the 

value N-1. The minimum gain is represented by the value k1. The expression 

for the ELGF is derived with the aid of Figure 4.3 and Figure 4.6. 

-t—e r 

elgf(t)= 1  _{j}+[*xi] nO +It LNi_e env(t) 
(4.8) 

Next, the Fourier coefficients describing this wave form are determined. 

The fundamental frequency of the Fourier series is taken to be equal to half of 

the difference between the two input signal frequencies. The dc coefficient is 

evaluated using equation 4.9: 

a0 =Jelgf(e)dO=1I5.+$ de  + 
0 N e AsinO L_eicij 

[2e 11+cos(e)fl 
a0 =L+*Intl UI] 

(4.9) 

The even symmetry of the wave form indicates that all odd coefficients 

are equal to zero. Equation 4.10 defines the second coefficient in the Fourier 

series. 
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I recos(28)dO r7t—e cos(28)dO nc cos(20)d8  
a2=II +1 +1 

U[JO N Je Asin(9) Jit-e N 

_2 a2 - 
sin(2e) + 
N 

cos(g)sin ( e) 

cos(1t - e )sin(e) 
*cos(e) 

(4.10) 

In like manner the remaining even order coefficients can be calculated 

using the following series. 

a — 
n — Ic 

2sin(ne)  

nN 

where: j=2,4,6... 

cos(g)sin( e) 

COS( 7C 2 ) isin( 

n= 2A6... 6... 

) 
cos((j - 1)e)' 

j=2 j-1 J (4.11) 

Before solution of Equations 4.9 through 4.11 is possible, the values of A 

and N must be known. Determination of these variables is performed using the 

relationships of the envelope and the ELGF as shown in Figure 4.7. 
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Figure 4.7 Relationship of Envelope Signal and ELGF for Determination of 
Fourier Series Variables 

Below the threshold voltage, VT, the envelope signal remains unmodified 

and therefore the maximum gain value is unity. The variable N is therefore also 

unity since it is the inverse of the maximum gain. 

The minimum gain value is determined at the point where the input 

signal reaches the maximum value, Vp. At this point the limiter must maintain 

the output at the threshold voltage. Therefore the minimum gain is: 

min gain 1=A_1=sin(e) 
VP 

where: VT is the threshold voltage at which limiting occurs 

(4.12) 

Vp is the peak voltage the envelope would reach without limiting 
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It is now possible to construct the Fourier series describing the ELGF. 

Once this is accomplished, the phase signal at the output of the limiter is 

calculated. 

The phase signal is produced by modulating the input signals with the 

ELGF. The effect of modulating each input signal by the ELGF can be observed 

in the frequency domain. 
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Figure 4.8 Calculation of Phase Modulation Component Spectra (a) 
Modulation of first tone with ELGF (b) Modulation of second tone 
with ELGF (C) Frequency Spectra at output of Limiter (d) Time 
domain output of Limiter 
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In Figure 4.8(a) the first input tone located at frequency fi is modulated by 

the ELGF spectrum. Similarly, in Figure 4.8(b) the result of modulating the 

second input tone located at frequency f2 with the ELGF is shown. The 

separate spectra are summed together to produce the phase modulation 

component spectrum of a two-tone equal input signal as shown in Figure 4.8(c). 

The time domain representation of the phase signal at the output of the limiter is 

shown in Figure 4.8(d). 

The construction of the phase signal entering the main amplifier has 

been completed at this point. All that remains to complete the analysis is to 

combine the envelope signal and phase signal in the main amplifier. 
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4.1.1.4. Main RF PA 

The purpose of the main power amplifier is to produce an amplified 

replica of the input signals while keeping the distortion to a minimum. The 

model used for the main power amplifier is shown in Figure 4.9. 
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Figure 4.9 Main Power Amplifier Block Diagram 
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f2 

4 ,-f 

The model presented in Figure 4.9 accounts for two behavior 

characteristics of the main power amplifier. The first characteristic is the 

response to a varying power supply voltage. The non-linear modulation 

transfer function is modeled in the same manner presented in the Modulator 

section. The envelope signal is first passed through a non-linear transfer 

function block before being multiplied by the phase signal. 
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Kazimierczuk [25] and others have shown that the output signal from a 

class E amplifier is almost completely proportional to the supply voltage of the 

amplifier. This linear behavior allows for the use of a multiplier block in the first 

stage of the amplifier model. The only deviation from this linear behavior occurs 

at very small supply voltages when feedthrough of the input (phase) signal 

occurs (refer to Figure 4.10(b)). 
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Figure 4.10 Typical Amplitude Modulation Transfer Function for a Class E 
Amplifier 

Due to the complex behavior (i.e. possessing both magnitude and phase 

characteristics) of feedthrough, it was chosen as the second characteristic of the 

main power amplifier to be modeled. The feedthrough network used to predict 

the distortion at the output is a simplified model of a FET. 

Cgd 

Go I I 

gs 

Figure 4.11 Feedthrough Network 



54 

The expression for the feedthrough network is the well known voltage 

divider equation. 

Vds  Rd  

Vgs 
1 

Rds+. - 

J 0 gd 

(4.13) 

The component values for Cgd and Rds are taken from the specification 

sheet of the transistor or may be approximated from the S-parameters for the 

device. 

The final output signal results from a multiplication of the phase signal by 

the envelope signal and a final addition of the feedthrough distortion. The 

magnitude of the intermodulation distortion products can be identified by 

transforming the time domain output to the frequency domain using a DFFT. 

4.1.2. Intermodulation Distortion Products 

The process of analyzing the intermodulation distortion effects upon a 

system is rather complicated. By its very nature a system is composed of a 

number of components, each of which possess unique non-linearities that 

contribute to the overall distortion at the output. In order to simplify the analysis, 

it was decided to concentrate on the major components and their characteristics 

which most affect system performance. In each of the following sections one 

component is isolated, and the major performance characteristic is varied to 

determine the dependence of the 3rd, 5th and 7th order intermodulation 

distortion products on this characteristic. During this process the remaining 

components in the system are treated as having ideal behavior. 
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4.1.2.1, Intermodulation Distortion due to Imperfect Limiter Performance  

A good measure of the performance of a limiter is the amount of time the 

signal is maintained at the limiting threshold relative to the total period of the 

waveform. The amount of time the output signal resides at the limiting threshold 

is defined by the limiting angle (e) as shown in Equation 4.12 and in Figure 4.7. 

The analysis begins by generating two equal amplitude sinusoid signals 

and combining them together by simple addition. This results in a two tone 

signal. The maximum amplitude that the two tone signal achieves is denoted 

the peak voltage, Vp. The minimum amplitude of the two tone signal is zero. 

The fundamental frequency of the envelope waveform is equal to one half the 

separation between the input signal frequencies. 

An ideal envelope wave form is generated using Equations 4.3 and 4.4 

with a value of N equal to zero. The number of coefficients required to form the 

ideal envelope waveform is evaluated by comparing the size of the nth 

coefficient to the 2nd coefficient in the series. When the size of the nth 

coefficient is less than 1% of the 2nd coefficient the series is deemed to be 

complete enough that it will not introduce significant distortion effects. As a 

result of this criteria a series of 18th order for the ideal envelope waveform is 

used. 

To achieve a variation of the limiting angle, the threshold voltage VT is 

adjusted from the value of zero to the peak voltage Vp (refer Figure 4.7). This 

results in a variation of the limiting angle from 00 to 90°. 

The coefficients of the ELGF are calculated using equations 4.9 and 4.11. 

The number of coefficients required to form the ELGF is evaluated by comparing 
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the size of the nth coefficient to the 2nd coefficient in the series. When the size 

of the nth coefficient is less than 1 % of the 2nd coefficient, the series is deemed 

complete enough that it will not introduce significant distortion effects. As a 

result of this criteria, the series varies from an order of 26, for a limiting angle of 

300, to the 188th order for a limiting angle of 85°. 

The ELGF modulates the two tone input signal producing the phase 

signal that enters the main power amplifier. By multiplying the ideal envelope 

signal with the phase signal the output of the main power amplifier is produced. 

The IMD products are observed in the frequency domain. 

Figure 4.12 shows the relationship of the theoretical intermodulation 

distortion products to the limiting angle. 
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Figure 4.12 Effect of Limiting Angle on Intermodulation Distortion Products 
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From Figure 4.12 it is observed that the best limiter performance is 

achieved when the limiting angle is small. A curve fit is performed to generate 

an expression relating the level of intermodulation distortion products to the 

limiting angle (e) to yield: 

IMD≤! sin 2(e) (4.14) 
5ir 

Therefore to ensure that the IMD's are 30 dB below the fundamental of a 

two-tone signal, a limiting angle of less than 23° is required. If it is desired to 

have intermodulation distortion products 40 dB below the fundamental, then a 

limiting angle less than 12.9° is required. 

A copy of the MathCAD file detailing the limiter analysis is shown in 

Appendix A.1. 

4.1.2.2. lntermodulation Distortion due to Time Delay 

Recombination of the envelope signal and phase signal at the main 

power amplifier allows for the possibility that a timing error may occur. 

Misalignment is quantified by comparing the time at which the 180° 

discontinuity of the phase signal occurs with reference to the zero point of the 

envelope signal as shown in Figure 4.13. 
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Figure 4.13 Delay Angle 

The delay angle ranges from 0°, for perfect alignment, to 90° when the 

phase discontinuity occurs at the peak value of the envelope signal. Due to the 

symmetry of the waveforms a positive delay angle has the same effect as a 

negative delay angle. 

The analysis begins in the same manner as described for the limiter, i.e., 

by generating a two tone signal and calculating an ideal envelope series. The 

performance of an ideal limiter was approximated by setting the limiting angle to 

within 1% or 0.9° of a perfect limiter. This compromise is necessary to keep the 

order of the ELGF series to a manageable level. 

Misalignment is simulated by placing a delay in the envelope signal. The 

near ideal phase signal and delayed envelope signal recombine in the main 

power amplifier resulting in the theoretical intermodulation distortion products 

shown below. 
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Figure 4.14 Effect of Delay Angle on Intermodulation Distortion Products 

From Figure 4.14 it is observed that the best performance is achieved 

when the delay angle is small. A curve fit of the data points where the lMD's are 

30 dB to 40 dB is performed to generate an expression relating the level of 

intermodulation distortion products to the delay angle to yield: 

IMD ≤ .sin2(d) 

where: d is the delay angle 

(4.15) 

Therefore to ensure that the lMDs are 30 dB below the fundamental of a 

two-tone signal, a delay angle of less than 12.9° is required. If it is desired to 

have intermodulation distortion products 40 dB below the fundamental, then a 
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delay angle less than 7.2° is required. These predictions agree with a similar 

analysis performed by Raab [12]. 

A copy of the MathCAD file detailing the delay analysis is shown in 

Appendix A.2. 

4.1.2.3. Intermodulation Distortion due to the Modulator Frequency 
Response  

Another major characteristic of the system is the frequency bandwidth of 

the modulator. The frequency performance is quantified by normalizing the 

cutoff frequency, f, with the envelope signal fundamental frequency, f0. 

The analysis proceeds, as described previously, by generating a two 

tone signal, calculating an ideal envelope series and calculating a near ideal 

ELGF series. 

The frequency response of the modulator is simulated using a 2nd order 

Butterworth Low Pass Filter approximation. The effects of filtering the 

magnitude components of the ideal envelope spectrum, as well as the effect 

caused by group delay through the filter, are considered. The results of the 

simulation are shown below. 
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Figure 4.15 Effect of Modulator Cutoff Frequency on Intermodulation Distortion 
Products 

From Figure 4.15 it is observed that the best performance is achieved 

when the normalized cutoff frequency is large. A conservative curve fit is 

performed to generate an expression relating the level of intermodulation 

distortion products to the normalized cutoff frequency to yield: 

lMD≤2( fo 
fc 
) 2 (4.16) 

Therefore to ensure that the intermodulation distortion products are 30 

dB below the fundamental of a two-tone signal, a normalized cutoff frequency of 

approximately 8 is required. If it is desired to have intermodulation distortion 
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products 40 dB below the fundamental, then a normalized cutoff frequency of 

approximately 14 is required. 

A copy of the MathCAD file detailing the frequency analysis is shown in 

Appendix A.3-

4,1.2-3- Intermodulation Distortion due to Feedthrough  

The amount of feedthrough signal which reaches the output is dependent 

on the frequency of operation and the component values in the feedthrough 

network. As the frequency of operation is increased, the reactance of Cgd will 

decrease causing more of the input signal to appear at the output. 

An obvious approach to reducing the effect of feedthrough would be to 

reduce the amplitude of the incoming signal. Unfortunately the reduction of the 

phase signal contributes to the reduction of the efficiency of the Class E 

amplifier as shown in the Figure 4.16. 
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Figure 4.16 Class E Efficiency versus Phase Signal Input Power 

Therefore the best performance is achieved when the level of input 

power is chosen to achieve good efficiency while reducing the feedthrough 

distortion. An input power of 14 dBm, a frequency of 1 GHz, and the transistor 

manufacturer's values for Cgs = 0.3 pF and Rds = 15 ohms [28] would result in 

feedthrough distortion products approaching -27 dBc. This implies that even if 

the amplifier has no other non-linearities, the distortion cannot be reduced 

below the level set by feedthrough. A secondary effect of feedthrough makes 

itself evident in the general appearance of the main amplifier output spectrum. 

Prior to including the effects of feedthrough the main amplifier spectrum is 

always symmetrical about the fundamental two tones regardless of the amplifier 

non-linearities. Adding feedthrough to the system, which causes a varying 
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phase shift, causes the main amplifier output spectrum to become asymmetrical. 

These factors are used to verify that feedthrough occurs. 

4.2. System Efficiency 

By definition, the efficiency of a closed system relates the total output 

power to the total input power as shown below: 

Total Output Power  

= Total Input Power 

The closed system under analysis is shown in Figure 4.17. 

P1 

Main Amplifier 

out 

Figure 4.17 Closed System Used for Efficiency Analysis 

(4.17) 

The modulator and main amplifier possess individual power gains (GI & 

G2) as well as individual efficiencies (11 & '12). The total efficiency of the system 

is expressed as: 

1T - Pout  
Pdc  +P1+P3 

(4.18) 

An expression defining the output power of the modulator (P2) as a 

function of the dc power (Pdc), modulator power gain (C1) and modulator 

efficiency (11) is derived first. The efficiency of the modulator is defined as: 
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- P2 

Tb - Pdc +P1 
(4.19) 

The output power and input power are related by the power gain as 

follows: 

— P2 

Combining and rearranging equations 4.19 and 4.20 yields: 

= dc >< G1ri1  
—ill 

(4.21) 

The power gain expression for the main amplifier is derived in a similar 

manner and results in: 

Pout G2r2  
= G2 12 (4.22) 

Combining equations 4.21 and 4.22 produces an expression of the 

output power in terms of the dc power. 

G1'q1  
Pout = Pdc X X 

G2 fl2 

(4.23) 

Substituting these findings into Equation 4.18 yields an expression for 

the total efficiency of the system. 

TIT — G2111112  (4.24) 

This equation leads to the conclusion that the total system efficiency is 

independent' of the power gain of the modulator. Equation 4.24 also indicates 

that as the individual amplifier efficiencies approach unity the total system 

efficiency increases as the main amplifier power gain increases. The best 
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combination is both high power gain and high efficiency, which is no surprise. 

Figure 4.18 graphically displays the relationship of total efficiency to the 

individual amplifier efficiencies. 
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Figure 4.18 Comparison of Total Efficiency versus Individual Modulator and 
Main Amplifier Efficiency (Main Amplifier Power Gain = 20) 
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Figure 4.18 demonstrates that the change in total system efficiency varies 

linearly with change in either the efficiency of the modulator or the main 

amplifier. This results in the conclusion that total system efficiency is influenced 

equally by a change in either modulator or main amplifier efficiency. 
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Chapter Five - Experimental Circuit., Measurements and Results 

This chapter discusses the construction of the test system, the 

experimental procedures used, and the test results obtained. The experiments 

were designed to check the performance of the envelope detector, modulator, 

phase extractor and main power amplifier discussed in chapter four. The 

simulated and measured performances are compared. 

5.1. System Implementation 

A modular approach was taken in the construction of the distortion 

reduction system. Commercially available modules were used whenever 

possible. The final implementation of the system is shown in Figure 5.1. 
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The test equipment. used to generate and analyze the signals consisted of 

two signal generators and a spectrum analyzer. Generator #1 is a Hewlett 

Packard 8657B signal generator with a frequency range of 0.1 to 2060 MHz and 

a maximum power output of 17 dBm. Generator #2 is a Hewlett Packard 83650A 

sweep generator with a frequency range of 10 MHz - 50 GHz and a maximum 

power output of 18 dBm. The spectrum analyzer is a Hewlett Packard 8563A 

with a frequency range from 9 kHz to 26.5 GHz. 

5.1.1. Circuit Module Specifications 

Envelope Detector Hewlett Packard HP 8470B Crystal Detector 

Frequency Range: 10 MHz to 18 GHz 

Maximum Operating Input Power: 200 mW 

Input Impedance: 50 ohms 

Output Impedance: 1 to 2K ohms 

SWR (10 MHz to 4 GHz) 1.15 

Sensitivity (High level): 0.3 mW produces 100 mV 

Pre-Amplifier RF Minicircuits ZHL-42 Amplifier 

Frequency Range: 

Minimum Gain: 

Output (1 dB Compression): 

3rd Order IP: 

700 to 4200 MHz 

30 dB 

+28 dBm 

+38 dBm 

SC# 1 RF Minicircuits ZFSC 2-5 Splitter / Combiner 

Frequency Range: 10 to 1500 MHz 

Isolation: 25 dB 

Insertion Loss: 1.5 dB 

SC#2 RF Minicircuits ZFSC 2-2500 Splitter / Combiner 

Frequency Range: 10 to 2500 MHz 

Isolation: 17 dB 

Insertion Loss: 1.4 dB 
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Components that were not commercially available in an in-line coaxial 

connector package were developed as part of the research work and 

manufactured at the TR Labs and UofC facilities. These components consisted 

of the modulator, phase extractor and the main power amplifier. 

5.1.2. Modulator Construction 

The modulator is essentially a variable power supply capable of varying 

the output voltage at frequencies approaching 1 MHz. Since the efficiency of the 

modulator directly affects the system performance it is desirable to keep the 

power losses to a minimum. The schematic of the modulator used in the system 

is shown in Figure 5.2 
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Figure 5.2 Modulator Schematic 
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The first circuit element is an Analog Devices AD5539 Ultrahigh 

Frequency Operational Amplifier in an inverting configuration whose purpose is to 

provide adjustable gain, offset and signal inversion. Transistor 01 is a Motorola 

MRF525 NPN high frequency transistor and acts as a buffer stage between the 

Op-Amp and the final stage. Transistor Q2 is a Motorola MJE182 NPN power 

transistor and provides the necessary current drive into the load presented by the 

main power amplifier. 

Potentiometers Rb1 and Rci are used to set the quiescent bias currents in 

transistors Qi and 02 respectively. These adjustments directly affect the 

linearity of the modulator. Higher bias currents cause the transistors to operate 

in the linear region of the Ic VS. Vbe curve. However, in the interest of efficiency, 

it is expedient to maintain as low a bias current as possible without sacrificing 

linear operation. 

The modulator was built on FR4 fiberglass printed circuit board using 

surface mount components where possible. SMA connectors were used at the 

input and output ports. The result was a modulator that possessed good 

linearity, frequency response and reasonable efficiency characteristics. 

5.1.3. Phase Extractor Construction 

The heart of the phase extractor circuit is the Avantek UTL-1 002 Voltage 

Controlled Signal Limiter. This device features AM to PM conversion of less than 

0.2 degrees per dB and has a voltage controllable limiting threshold. The 

schematic of the phase extractor used in the system is shown in Figure 5.3. 
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Figure 5.3 Phase Extractor Schematic 

The second stage of the phase extractor is a RE Minicircuits MAV-1 1 

monolithic amplifier which provides variable gain through adjustment of the 

potentiometer Rbjas. 

The phase extractor was built on Ultralam printed circuit board using 

surface mount components and SMA connectors. 

5.1.4. Main Amplifier Construction 

The main amplifier chosen for the system was a Class E amplifier and was 

constructed as a separate project within TRLabs. Design of Class E amplifiers 

has received increased attention within the last few years [5], [6], and [8] 

providing clear guidelines for the implementation of a 1 GHz device. The lumped 

component schematic of the Class E amplifier is shown in Figure 5.4. 
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Figure 5.4 Lumped Component Schematic of Class E Amplifier 

The switching transistor chosen was the Avantek ATF-441'01 2-8 GHz 

Medium Power Gallium Arsenide FET. This GaAsFET provided a drain to source 

breakdown voltage of 14 V and a ODS of 1.35 pF making it suitable for low 

voltage implementation of the 1 GHz Class E design. 

The main amplifier was built on Ultralam printed circuit board using a 

combination of surface mount and microstrip component construction. The input 

stage of the circuit consists of a bias line and an impedance matching circuit. 

Negative bias is required to ensure that the depletion type GaAsFET remains off 

when no RF input signal is present. Failure to bias the device "off" would result in 

the VDD voltage being shorted to ground and destruction of the GaAsFET. 

The multistage output network serves two purposes. As described in 

chapter two the output stage is designed to ensure that the voltage and current 

signals are never present at the same time, resulting in high efficiency. The 

second purpose of the output stage is to match the 50 ohm load to the complex 

output impedance presented by the GaAsFET. The two shunt capacitors shown 

in Figure 5.4 were realized using two pairs of open circuit microstrip transmission 

line stubs. These stubs are a short circuit at the 2nd, 3rd, 4th and 5th harmonics. 

The two series inductors were also realized by using microstrip transmission 

lines. 
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The entire assembly was bolted to a 3/8" thick aluminum heat sink 

assembly. Use of the Class E amplifier for eight hour periods during 

experimentation revealed that no heating effects were present. 

5.2. Experimental Procedure and Results 

Prior to determining overall performance of the system, each component 

was tested individually to ascertain its operating characteristics. 

5.2.1. Main Power Amplifier 

The main power amplifier is the most significant component in the system. 

As such it is necessary to tune the other system components to the main 

amplifier's operating requirements. The primary operating requirements are 

frequency and power level of the input signal. 

5.2.1.1. Frequency Response  

The original design of the Class E amplifier specified an optimized 

operating frequency of 1 GHz. To confirm the actual optimized operating 

frequency, the test setup shown in Figure 5.5 was used. 
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Figure 5.5 Test Setup for Determination of Class E Amplifier's Operating 

Characteristics 
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The frequency range chosen for testing was from 950 MHz to 1100 MHz. 

Attenuation data for Cable #1 and #3 were gathered prior to testing of the Class 

E amplifier. Supply and bias voltages were provided by the HP6626A System 

DC Power Supply. The input signal power level was arbitrarily set to +12.65 

dBm, which after cable losses resulted in 11.9 dBm entering the amplifier, and 

Generator #2 was swept through the frequency range producing the efficiency 

characteristic shown in Figure 5.6. 

Frequency (MHz) 

Figure 5.6 Class E Amplifier Total Efficiency vs. Frequency 

From the information provided in Figure 5.6 it was observed that the 

optimum frequency of operation occurs at 1040 MHz. 
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The next measurement performed on the Class E amplifier was designed 

to determine the efficiency vs. input power. The same test setup was used. The 

power provided by Generator #2 was varied from 17.0 dBm downwards and a 

plot of efficiency versus input power was produced. 
To
ta
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Figure 5.7 Class E Amplifier Total Efficiency vs. Input Power 

From the information provided in Figure 5.7 it was determined that a 

maximum total efficiency of 62.2% is achieved when the input signal level is 15.0 

dBm. 

5.2.1.2. Linearity and FeedthrouQh  

The next measurement performed on the amplifier determined the linearity 

of the output to variations in the main power supply, known as the Amplitude 
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Modulation characteristic. The test setup shown in Figure 5.5 was used. The 

output power from Generator #2 was adjusted until 16.0 dBm was entering the 

Class E Amplifier. Variation of the main power supply voltage to the Class E 

produced the result shown in Figure 5.8. 

Vsupply (v) 

Figure 5.8 Class E Amplifier Amplitude Modulation Characteristic 

The results indicate that two areas of concern exist. The first concern is 

the non-linear behavior of the Class E amplifier. This behavior becomes 

noticeable at supply voltages above 2.0 V. This non-linearity will result in 

increased intermodulation distortion products. One method for reducing this 

effect is through the use of a classical feedback network as described in Chapter 

3. 



77 

The second concern is the amount of feedthrough signal that occurs at low 

supply voltages. The amount of feedthrough for this level of input signal is 1.39 

dBm. The consequence of this feedthrough is that the minimum distortion for the 

system will be limited to the minimum value of feedthrough. Variation of the bias 

voltage provided marginal control over the amount of feedthrough present. 

However, adjustments of the bias voltage had to remain conservative in order to 

prevent damage to the amplifier input stage. Bias voltages near zero would 

result in maximum input signal swings that exceed the gate breakdown voltage 

and cause device destruction. 

The Class E amplifier efficiency versus supply voltage variation is shown 

in Figure 5.9. 
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Figure 5.9 Class E Amplifier Total Efficiency vs. Supply Voltage 
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The efficiency characteristic is good and remains at 60% or better for 

outputs of 57 % of peak supply voltage (32.5% of peak output power). 

Now that the optimum frequency of operation and input power levels have 

been determined for the Class E amplifier the remainder of the system's 

components characteristics can be evaluated. 

5.2.2. Envelope Detector 

The test setup used to determine the response of the envelope detector is 

shown in Figure 5.10. 
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Figure 5.10 Envelope Detector Test Setup 
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• response was captured using the Hewlett Packard HP 54512B Digitizing 

Oscilloscope and is displayed in Figure 5.11. 
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Figure 5.11 Envelope Detector Response with Input Signals at 1040.00 MHz 

and 1040.03 MHz 

The data indicates that the envelope detector is performing very well at 

these input frequencies when compared to an ideal envelope signal. The floor 

was measured at -0.03V and the minimum output value was -O.498V. 

The separation frequency was then increased to 100 kHz. The envelope 

detector response varied the floor to -0.036V but otherwise was unchanged from 

the 30 kHz separation case. 
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At a separation frequency of 1 MHz the envelope detector response was 

distorted from the ideal envelope as shown in Figure 5.12. 
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Figure 5.12 Envelope Detector Response with Input Signals at 1040 MHz and 

1041 MHz 

The results of the performance measurements of the envelope detector 

indicate that it will introduce negligible distortion when separation frequencies are 

30 kHz to 100 kHz. With separation frequencies approaching 1 MHz the 

distortion produced by the envelope detector is noticeable. Fortunately, the 

system is intended to operate with signal separation frequencies of 30 kHz and 

thus this distortion may be avoided. 
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5.2.3. Modulator 

The modulator is one of the most important components of the system, 

second only to the main power amplifier itself. As such, it must possess the three 

characteristics of good linearity, wide frequency response and high efficiency. 

The first characteristic that was examined was the linearity of the modulator. 

5.2.3.1. Linearity 

The test setup used to measure the linearity of the modulator consisted of 

a variable voltage supply, dummy load and a voltmeter. The variable voltage 

supply was used to provide an input signal varying from O.00V to -O.626V. The 

dummy load was a resistive 17.8 ohms. The value of the dummy load was 

derived from the large signal supply voltage and dc current determined earlier 

during the experiments with the Class E amplifier. The measured linearity of the 

modulator compared to an ideal linear response is shown in Figure 5.13. 
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Figure 5.13 Modulator Linearity 
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A good figure of .merit for the modulator is the "Linear Correlation 

Coefficient" sometimes referred to as the Pearson's 'Y'. In this case the 

modulator demonstrates very good linearity with an r value of 0.9998.. 

Statistically speaking, this value implies that 99.96% of the errors in the 

measured data are accounted for by the variance of the measured data. It is 

therefore safe to imply that the linear response of the modulator will not introduce 

significant distortion into the system. 

5.2.3.2. Frequency Response  

The test setup used to determine the bandwidth of the modulator 

consisted of a Hewlett Packard HP 3314A Function Generator, 17.8 ohm dummy 

load and the HP54512B Digitizing Oscilloscope. The oscilloscope was used to 

compare the magnitude and phase of the input and output signals. The 

measured frequency response of the modulator is compared with a 2nd Order 

Butterworth low pass filter approximation in Figure 5.14. 

20 

15 

--- Modulator Response 
- a —Butterworth Approximation 

-5  -,--." 

100 1 11 000 ib4 ib6 

Frequency (Hz) 

Figure 5.14 Modulator Frequency Response 
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The measured 3 dB cutoff frequency was 905 kHz. The best fit 

approximation yielded a cutoff frequency of 1.023 MHz. The measured rolloff 

approaches 40 dB/decade. In general the modulator does have similar behavior 

to the 2nd order Butterworth approximation. 

Using the measured cutoff frequency of the modulator and the prediction 

of intermodulation distortion in Figure 4.15 yields the conclusion that in order to 

maintain the distortion below 30 dB a maximum separation frequency of 226 kHz 

must not be exceeded. 

5.2.3.3. Efficiency 

The test setup used to measure the efficiency of the modulator consisted 

of a variable power supply, dummy load, Hewlett Packard HP 34401A current 

meter and Fluke 87 voltmeter. The current meter was placed in series with the 

main dc power to the modulator. During measurements it was discovered that 

some reduction in output voltage occurred due to the insertion of the current 

meter. Several different meters were tried, but the HP 34401A caused the 

minimum change in modulator performance. It was also necessary to disengage 

the auto ranging feature of the current meter so that current and voltage 

measurements would not shift to a new level when the meter changed to a 

different range. 

When this modulator was first designed as a system component the 

primary function was to provide a linear amplification of the envelope signal, little 

emphasis was placed on the efficiency of the device. The design incorporates an 

inverting op-amp which requires in excess of 1/4 watts to operate. The reason 

for choosing the op-amp was simple, the manufacturer provided them free of 

charge. Since similar devices are available which require only 1/10 of a watt it 
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was decided to measure the modulator efficiency using the more traditional 

"collector" efficiency method. Collector efficiency ignores the amount of input 

power required to drive the amplifier circuit. However, if high gain devices are 

used the amount of drive power becomes negligible when compared to the total 

dc power drawn by the device. Since the transistors used in the modulator 

possess current gains in excess of 100 it is reasonable to assume that the 

collector efficiency will closely approach the total efficiency under large voltage 

output conditions. Figure 5.15 displays the collector efficiency of the modulator 

under varying input signal conditions. 
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Although the maximum efficiency of the modulator was 65% under full 

load conditions the near linear reduction of efficiency with output voltage is not 
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completely desirable. It time had permitted, the construction of a Class S 

modulator with a flatter efficiency characteristic, i.e., one that maintained a high 

efficiency value over a wide input signal swing, would have been possible. 

5.2.4. Phase Extractor and Delay Measurement 

Measurement of the limiting angle of the phase extractor, as well as 

measurement of the delay between the envelope signal and the phase signal 

posed a small technical problem. At frequencies of 1 GHz, direct measurement 

using an oscilloscope is not easily done. However, by mixing the phase signal 

down to a frequency that was observable on the oscilloscope it was possible to 

observe both the limiting angle and the delay between the two signals. The test 

setup shown in Figure 5.16 was used. 
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Figure 5.16 Test Setup to Measure Limiting Angle and Signal Delay 
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Generator #3 was a Hewlett Packard HP 8656B Signal Generator set to 

965 MHz. The mixer was a Hewlett Packard HP 8981A-K10 Microwave 

Downconvertor. The output of the mixer was a frequency shifted version of the 

phase signal centered at 75.015 MHz. 

By triggering on the envelope signal it was possible to obtain a stable 

display that captured both the envelope minimum and the phase signal limiting 

action. The limiting angle was extracted from the display by measuring the time 

at which the intersection of the signal maximum / minimum intersected the initial 

slope of the phase signal (refer to Figure 5.17). 
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Figure 5.17 Measurement of Limiting Angle and Signal Delay 
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The four limit times (Ti through T4) were averaged resulting in a measured 

limiting time of 976 p.S which converts to a limiting angle of 530• Referencing the 

simulation data in chapter four (refer to Figure 4.12) a limiting angle of 5.3° 

should result in intermodulation products at least 55 dB below the fundamental. 

It is therefore concluded that the limiter performance is very satisfactory and 

should not introduce significant distortion effects. 

The measured delay between the envelope signal and the phase signal 

was 337 nS which corresponds to a delay angle of 1.80. Again, refering to the 

simulation data (refer to Figure 4.14) it is predicted that the actual system delay 

should produce distortion effects which are at least 60 dB below the fundamental 

signals. 

5.2.5. Reduction of Intermodulation Distortion Products 

At this point in the experiment, enough data about the system components 

has been gathered to make a prediction as to how much the level the 

intermodulation distortion products will be below the fundamental signals. 

Assuming a 30 kHz signal separation, 5.3° limiting angle and allowing the natural 

delay of the Butterworth approximation to determine the signal delay, the level of 

IMD3 should be approximately 49 dB below the fundamental signals. 

Unfortunately the actual measured level was 27.5 dB. This discrepancy between 

the simulation and the actual system is traceable to the feedthrough 

characteristic of the Class E amplifier. To explain this undesirable characteristic 

it is useful to investigate the frequency spectrum of the limiter signal entering the 

Class E amplifier. The frequency spectrum of the limiter output is similar to that 

shown in Figure 5.18. 



88 

5 

Th
eo
re
ti
ca
l 
Li

mi
te

r 
Ou

tp
ut

 (
dB
) 

-10 

-15 

-20 

-25 

-9.6 

30 

-14.3 

-17.5 

-IMD7 •IMD5 -IMD3 Ii 12 

Frequency 

+IMD3 +IMD5 +IMD7 

Figure 5.18 Theoretical Limiter Frequency Spectrum (Limiting Angle = 5.3°) 

Examination of Figure 5.18 reveals that the signal driving the Class E 

amplifier also possesses spectral components at the same frequencies that the 

1MD3, 1MD5 and IMD7 components exist. Because of the feedthrough action 

these spectral components in the limiter signal appear at the output of the Class 

E amplifier. Due to the voltage divider action, the feedthrough signal has 

undergone a reduction in magnitude and change in phase. Unfortunately the 

size of the feedthrough signal may still be significant when compared to the 

predicted inte rmodulatio n distortion products. 

Using the linearity measurements for the Class E amplifier (refer Figure 

5.8), the size of the spectral components of the limiter signal can be estimated. 
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This exercise indicates that the 1MD3 component will exist at the output of the 

Class E amplifier at a level of -8.2 dBm. Since the fundamental signal output 

power is 20.6 dBm the feedthrough distortion will be 28.8 dB below the 

fundamental signals. Therefore, including the feedthrough effect should result in 

the intermodulation distortion products approaching a maximum distortion ceiling 

of 28.8 dB below the fundamental signals. 

Of all the system characteristics considered in Chapter Four, the only one 

which lends itself to manipulation in the actual system is the variation of cutoff 

frequency to fundamental envelope frequency (i.e. fclfo). This variation was 

performed by varying the frequency of Generator #2 from 1040.03 MHz to 1041 

MHz. The experimental data was used to construct the plot shown in Figure 

5.19. 
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Figure 5.19 Measured Effect of Modulator Cutoff Frequency and Class E 

Feedthrough Effects on lntermodulation Distortion Products 
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From Figure 5.19 it is observed that for a fWfo ratio of five or less the 

measured data follows the simulation prediction. However, for fc/fO ratios in 

excess of five the measured data begins to converge with the estimated 

feedthrough level, thus supporting the hypothesis that feedth rough effects are 

becoming dominant. 

The final performance characteristic of the system is the amount of 

reduction of intermodulation distortion products with and without the modulator 

and phase extractor active. 

The Class E amplifier's performance is first measured with the phase 

extractor and modulator removed from the system. The Class E amplifier's main 

power is provided from a fixed dc power supply. The combined input signals are 

used to drive the Class E amplifier directly. 

In the second case the Class E amplifier performance is measured with 

the phase extractor and modulator active in the system. Figure 5.20 shows the 

system performance improvement when the phase extractor and modulator are 

active in the system. 
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The results of this final experiment indicate that the distortion reduction 

system provides an additional 15.1 dB reduction in intermodulation distortion 

products, achieving a minimum distortion level of 27.5 dB below the fundamental 

signals. 
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Chapter Six - Conclusions and Future Work 

The experimental results have indicated that the intermodulation distortion 

products of a highly non-linear amplifier can be reduced through the use of the 

signal separation and recombination technique known as envelope elimination 

and restoration. 

It has been demonstrated that the analytical method, which uses well 

known Fourier series techniques, provides useful information that allows 

prediction of system intermodulation distortion reduction performance. The 

graphical representation of the analytical results allows easy design of the 

system by choosing the limiting angle, time delay between envelope and phase 

signals and cutoff frequency of the modulator. 

The prototype circuit successfully demonstrated the ability of envelope 

elimination and restoration linearization technique to reduce intermodulation 

distortion products. A 15 dB reduction was achieved which corresponded to a 

-27.5 dBc distortion level. It was also shown that experimental results 

asymptotically approach a distortion reduction "ceiling". This inability of the 

circuit to achieve higher levels of distortion reduction was caused by feedthrough 

of the phase signal to the output of the main power amplifier. Thus, feedthrough, 

which is an intrinsic characteristic of the transistor's physical design, begins to 

play a dominant role in systems operating at 1 GHz or above. 

Although the EER system utilizes a simple implementation architecture, 

the distortion reduction performance should be improved for use in cellular radio 

systems. 
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The relatively narrow bandwidth, caused by tuned output filters, of high 

efficiency amplifiers make them unsuitable for broad band applications, but could 

be used in narrow band applications such as digital cellular or future PCS 

modulation schemes. 

The total efficiency of the Class E main amplifier exceeded 60 %, over 57 

% of the input signal range, and reached a maximum of 62 %. The prototype 

Class AB modulator used provided a maximum efficiency of 65 %. Thus the total 

efficiency of the prototype distortion reduction system reaches a maximum of 

40.4 %. Use of a practical high efficiency Class S modulator would result in an 

improved total system efficiency in excess of 54 %. This performance would 

compare very favorably to existing Class A systems which can only achieve 

efficiencies approaching 50 %, and then only at maximum output. 

Future work would investigate the possibility of introducing a feedthrough 

neutralization signal at the output of the Class E amplifier, thus reducing the 

system's sensitivity to transistor feedthrough and allowing continued reduction of 

the intermodulation distortion products. Introduction of an envelope feedback 

loop, such as that proposed in Chapter 3 would relax the requirement for a highly 

linear amplitude modulation characteristic in the main amplifier. Development of 

a high efficiency Class S modulator with large cutoff frequency would allow a 

system implementation in situations where multiple channels require efficient 

amplification, such as in a cellular base station. 
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Appendices 

The following three subsections are the MathCAD programs used during 

the analysis of the intermodulation distortion products. The three system 

parameters investigated were: distortion due to the limiting angle of the phase 

extractor, distortion due to delay caused by improper synchronization of the 

envelope and phase information, and distortion due to the cutoff frequency of the 

modulator. 
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A.1. Limiter Analysis (limiting angle e = 57.9 deg) 

Generate the Phase Signal for Input: 

Enter Power Level of one signal : P in := 7 dBm < 

V := 0.31622776 
idBm 

P 
in 

20 
V V -10 V = 0.708 V := 2-V 
in idBm in P in 

V = 1.416 
P 

Enter limiter threshold: v := 0.316122 V 
T 

V. 
P 

A := - 

V 
T 

180 
e := asine = 12.901 

rj-  IT 

A = 4.479 N 1 

Calculate the Ideal Envelope Fourier Coefficients: 

Enter order of series and peak value of envelope: 

env order 18 B := 3.5 in 2,4 . .env— order 

B Bri 
:=2 

0 M IILIfl+i 

Calculate the ELGF Fourier Coefficients for the Phase Extractor: 

eigf_order := 34 n 2,4 . .eigf_order j := 2,4 . .elgf_order 

1 12e 1 11 + cos (e)  
a : -- + -- mi a = 0.453 
0 it L N A Li - Cos (e)JJ 0 
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2 
a 
n 17 

[2 
sin (ne)1 1 
 1+ --
nN J A 

in 

1- 
co r2l s  sin 1 

e L 2 

lIT- le el 
cosi 1sin1 
L 2 J L2_ 

r os(( j 1)- e)1 (j ≤ n) 

. A [ j  

Confirm that last coefficient is contributing less than 1% to series: 

serl env order,enV_Order - 2 . .env—order  - 8 

ser2 elgf_order,,elgf_order - 2 . .elgf_order - 20 

b 
sen 

chkl := 100 -
serl b 

2 

a 
ser2 

chk2 := 100 - 

ser2 I a 
2 

chk]. chk2 
sen  serl ser2  ser2 

ir 0.929 34 
32 
30 
28 
26 
24 
22 
20 
18 
16 
14 

16 
14 
12 
10 

1.176 
1.538 
2.098 
3.03 

0.564 
1.17 
1.65 
1.854 
1.644 
0.929 
0.303 
1.95 
:3.765 
5.333 
6.041 

Generate Input Signals: 

Enter the number of points to represent waveform, freq 1 

& f req 2, and number of envelope cycles to generate: 

9 9 
nuxnptS 4096 f := 1.0000 -10 f := 1.0110 

1 2 

num_cycles := 8 
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f -f 

nuin_cycles 2 

diff f -f diff 0 2 
2 1 T :=   

S nu1n_pts 

k := 0 .nwn_pts - 1 

env :=b + 

k 0 

elgf :=a + 

k 0 

m 

n 

b cos N mkT 
m  S 

a coslu nkT 
n LU S 

ml v sin %-f kT 1 in2 V -sinl2irf kT 
k in L .1 sJ k in L 2 $ 

input in]. - in2 phase input elgf 
k k k 

Display Signals: 

2 

input 
k 

-2 

k k k 

. 4101 
- w 

Ak - 

0 k 1024 

max(input) = 1.411 

min(input) = -1.411 

max(elgf) = 1.014 

min(elgf) = 0.223 
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L0.4J 

phase 
k 

L 0.4.J 
L0J 

r"""-T TTTTTTT I 

L4.i 

env 
k 

1024 

k 1024 

max(phase) = 0.317 

min(phase) = -0.317 

max(env) = 3.506 

min(env) = 0.117 

Normalize the phase signal before multiplication by the envelope: 

norm := max (phase) 

phase 
k 

phase :=   
k norm 

max(phase) = 1 

min(phase) = -1 

norm = 0.317 

Multiply the normalized phase signal by the ideal envelope: 

main out := phase env 
- k k k 

max(Inain out) = 3.487 

min(main_OUt) = -3.487 
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Determine resulting IMD's in frequency spectrum: 

P := 
f ft (main_out) 

numjtS 

z 6 9 
freg .-   freq = l.2510 freg = 2.56-10 

z nuin_ptsT 1 x 
S 

nuxnptS 
x 

2 
z 0 . .x 

PdBm := 20 -log 
z 

20 

PdBm 
z 

-60 
9 

0. 962'10 

V 
ldBm 

JFZJ ] 

d := 776,784 . .832 

freq 
d 

9 PdBm 
10 d 
0.97 
0.98 
0.99 
1 

i.0'. 
1.02 
1.03 
1.04 

-34.231 
-36.468 
-40.451 
8.814 
8.814 

-40.451 
-36.468 
-34.231 

freg 
z 

9 
1.0510 
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Level of IMD's Below Fundamentals: 

PdBm - PdBm = 43.045 -lMD7 
800 776 

PdBm - PdBm = 45.282 -1MD5 
800 784 

PdBm - PdBm = 49.265 -1MD3 
800 792 

PdBm = 8.814 P1 
800 

PdBm = 8.814 P2 
808 

PdBm - PdBm = 49.265 +1MD3 
808 816 

PdBm - PdBm = 45.282 +1MD5 
808 824 

PdBm - PdBm = 43.045 -1MD7 
808 832 
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A.2. Delay Analysis (delay = 6 deg, e = 0.9 deg) 

Generate the Phase Signal for Input: 

Enter Power Level of one signal P 7 dBm 
in 

V := 0.31622776 
ldBm 

p 
in 

20 
V := V 10 V = 0.708 V : 2V 
in ldBm in P in 

V = 1.416 
P 

Enter limiter threshold: 

V 
P 

A - 

V 
T 

i 180 
e asinl e = 0.9 

rA 11 

V 0.022241 
T 

A = 63.661 N := 1 

V 

Calculate the Ideal Envelope Fourier Coefficients: 

Enter order of series and peak value of envelope: 

env— order 18 B := 3.5 m := 2,4 ..env-order 

B BI ]. 
b :=2 b :=2 I 
0 IT M ITLifl+ 1 rn - i 

Calculate the ELGF Fourier Coefficients for the Phase Extractor: 

elgf order := 126 n := 2,4 . .elgf_order j := 2,4 . .elgf_order 

1 12e 1 Ii + cos (e)  
a := -- + 1n1 a = 0.058 
0 IT 17 A Li - cos (e)JJ 0 
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2 
a := 

n 

[2 . 
sin (rre)1 1 
 1+ -
nN J A 

in 
r2l 

e]-

cossin1 L 2 

1-e1 r2]__ cosi Isin 
- L 2 J  

1c0s((j - i)e)] 

A L j-1 

J - 

Confirm that last coefficient is contributing less than 1% to series: 

serl any order,env order - 2 . .env— order  - 8 

ser2 := elgf_order,eigf_order - 2 . .elgf_order - 20 

b 
sen 

b 
2 

chkl 100 
sen 

chkl 
sari sen 
18 
16 
14 
12 
10 

0.929 
1.176 
1.538 
2.098 
3.03 

chk2 100 
ser2 a 

2 

a 
ser2 

chk2 
ser2 ser2 

0.947 
1.143 
1.348 
1.562 
1.785 
2.018 
2.262 
2.515 
2.78 
3.056 
3. 343 

126 
124 
122 
120 
118 
116 
114 
112 
110 
108 
106 

Generate Input Signals: 

Enter the number of points to represent waveform, freq 1 

& freq 2, and number of envelope cycles and time delay (deg) 

to generate input signals: 
9 9 

nuxnpts := 4096 f := 1.000010 f 1.0110 
1 2 

num_cycles 8 env— delay := 6 
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£ -f 

num cycles 2 
T T c :=21T   

diff £ -f diff 0 2 
2 1 T 

S nimlptS 

k := 0 .nuin_pts - 1 'TI 

:= env-delay-180 

env b + b 'coslw mk'T + rmj 
k 0 in Lo s 

m 

elgf a + a cos 10 -n'kT 
k 0 n Lo s 

n 

in]. := V - sin l2-irf -k-T 1 in2 V sin121rf kT 
k in L 1 sJ k in L 2 s 

input in]. - in2 phase := input elgf 
k k k 

Display Signals: 

L2J 

input 
k 

k k k 

4 1 0 0 0 0 
I • 

LOJ 

L2.J 

elgf 
k 

k 1024 

LOU k 1024 

max(input) = 1.411 

min(input) = -1.411 

max(elgf) = 1.062 

min(elgf) = 0.015 

I 
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L° 03 

phase 
k 

C-0. 031 
LO.J 

r'v rrT'vT7-7Try ilr VTT7 

k 1024 

max (phase) = 0.023 

min (phase) = -0.023 

max (env) = 3.506 

min(env) = 0.117 

Normalize the phase signal before multiplication by the envelope: 

norm := max(phase) norm = 0.023 

phase 
k 

phase 
k norm 

max(phase) = 1 

min(phase) = -1 

Multiply the normalized phase signal by the ideal envelope: 

main- out := phase env 
k k k 

max(main_out) = 3.355 

min(main_out) = -3.352 
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Determine resulting IMD's in frequency spectrum: 

F 
f ft (main_out) 

nurripts 

z 6 9 
freq freq = 1.25-10 freg = 2.56-10 

z nuin_ptsT 1 x 

numpt S 

x :=   
2 

z := 0 . 

PdBm := 201og 
z 

20 

PdBm 
z 

-60 

V 

S 

F 

LdBm 

- 

9 
0. 962 " 10 

d := 776,784 ..832 

freq 
d 

9 PdBm 
10 d 
0.97 
0.98 
0.99 
1 

1.01 
1.02 
1.03 
1.04 

-34.386 
-34.369 
-34,354 
8.414 
8.414 

-34.354 
-34.369 
-34.386 

freg 
z 

9 
1.05-10 
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Level of IMD's Below Fundamentals: 

PdBm - PdBm = 42.8 -1MD7 
800 776 

PdBm - PdBm' = 42.782 -1N1D5 
800 784 

PdBm - PdBm = 42.768 -1MD3 
800 792 

PdBm = 8.414 P1 
800 

PdBm = 8.414 P2 
808 

PdBm - PdBni = 42.768 .i-1MD3 
808 816 

PdBm - PdBm = 42.782 +IMD5 
808 824 

PdBm - PdBm = 42.8 -1MD7 
808 832 
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A.3. Frequency Analysis (cutoff f req = 6.25 fundamental) 

Generate the Phase Signal for Input: 

Enter Power Level of one signal P := 7 dBm < 

in 

V 0.31622776 
ldBm 

p 
in 

20 
V := V 10 V = 0.708 V := 2V 
in ldBm in P in 

V = 1.416 
P 

Enter limiter threshold: v := 0.022241 V 
T 

V 
P 

A := - A = 63.66]. N 
V 
T 

180 
e := asin e - = 0.9 

rA] 11 

Calculate the Ideal Envelope Fourier Coefficients: 

Enter order of series and peak value of envelope: 

env order := 18 B := 3.5 m 2,4 . .env— order 

B BI 1 
b :=2" b :=2"I 
0 11 m ¶Lm+1 tn—i 

Calculate the ELGF Fourier Coefficients for the Phase Extractor: 

eigf order := 126 n := 2,4 . .elgf_order j := 2,4 . .elgf order 

1 12e 1 11 + cos (e)  
a --i— + -- mi a = 0.058 
0 IT LN A Li - cos (e) 0 
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2 
a := 

n it 

sin (ne) 
2- 

nN I A 
in 

_ 

_c r2l ossifll _ L 2 

r---! el r cosIsin2 J  

+ ±.[ ros(( j _1)e] (j ≤ n) 

Confirm that last coefficient is contributing less than 1% to series: 

serl env order,env_order - 2 ..env—order  - 8 

ser2 := elgf_order,eigf_Order - 2 . .eigf_order - 20 

b 
serJ. 

chki := 100 
sen b 

2 

chkl 
serl sen 
18 
16 
14 
12 
10 

0.929 
1.176 
1.538 
2.098 
3.03 

chk2 := 100 -
ser2 a 

2 

a 
ser2 

chk2 
ser2 ser2 

0.947J 
1.143 
1.348 
1.562 
1.785 
2.018 
2.262 
2.515 
2.78 
3.056 
3.343 

126 
124 
122 
120 
118 
116 
114 
112 
110 
108 
106 

Generate Input Signals: 

Enter the number of points to represent waveform, freq 1 

& freq 2, and number of envelope cycles to generate 

input signals: 
9 9 

nurnpts := 4096 f := 1.000010 f := 1.0110 
1 2 

num cycles := 8 
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f -f 
nurn cycles 2 

T :=   T w :=2ur   
diff f -f diff 0 2 

2 1 T 
s nurnpts 

k := 0 .nuxn_pts - 1 

env :=b + 

k 0 
M 

b cosI i mkT 
m o 5 

elgf := a + > a . cos [ nkT ] 

ml := V sin12'irf kT 1 in2 := V smn121Tf kT 
k in L 1 S  k in L 2 s 

input := ml - in2 phase input elgf 
k k k k k k 

Transform Envelope to Frequency Domain for Filtering: 

ENV := 
fft (env) 

nuinpts 

Define frequency Response of the Modulator: 

0) 

0 
f 6 
0 2ii f =5-10 

0 
nuinpts z := 0 z 

X :=   freq :=   

2 z numptsT 

j := JT s jfreq 1-10 

S 

-21 

I 
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Enter cutoff frequency relative to the fundamental and 
filter coefficients: 

Q := 6.25f b := 1.00237729 b := 1.415893565 b := 1 
0 0 0 1 2 

b 
0 

H 
z 

b 
2 

S 
z 

Q 
0 

Filter Envelope: 

ENV ENV H 
z z z 

1.1 

H 
z 

LO.J 

2 
S 
z 

+b — +b 
1 0 

0 

freq + 8 
z 

9 

Convert filtered envelope to the time domain for further processing: 

env ifft(ENV)4numjDtS 
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Normalize the phase signal before multiplication by the envelope: 

norm max (phase) norm = 0.023 

phase 
k 

phase := 

k norm 

max(phase) = 1 

min(phase) = -1 

Multiply the normalized phase signal by the ideal envelope: 

main out := phase env 
- k k k 

max (main out) = .3.329 

min(main_out) = -3.38 

Determine resulting IMD's in frequency spectrum: 

F 
f ft (main out) 

freq : 

numpts 

Z 

z numytsT 
5 

nurn_pts 
x 

2 

JFZJ 

PdBm := 2010g   
Z V 

ldBm 

Z := 0 . 

6 9 
freq = 1.25-10 freq = 2.56-10 

1 x 
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20 

PdBm 
z 

-60 
9 

0. 962"10 

ci := 776,784 . .832 

freq 9 
1.05 -10 

freq 
d 

9 PdBm Level of IMD's Below Fundamentals: 

10 
0.97 
0.98 
0.99 
1 

1.01 
1.02, 
1.03 
1.04 

d 
-19.927 
-19.149 
-19.76 
8.356 
8.356 

-19.76 
-19.149 
-19.927 

PdBm - PdBm = 28.283 -1MD7 
800 776 

PdBm - PdBm = 27.505 -IMD5 
800 784 

PdBm - PdBm = 28.116 -1MD3 
800 792 

PdBm = 8.356 P1 
800 

PdBm = 8.356 P2 
808 

PdBm - PdBm = 28.116 +IMD3 
808 816 

PdBm - PdBm = 27.505 +1MD5 
808 824 

PdBm - PdBm = 28.283 -1MD7J 
808 832 


