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Linearization QuickStart Guide

This Linearization QuickStart Guide will help you get started using the Linearization DesignGuide. Linearization
DesignGuide Reference provides useful reference information.

 Note

This manual is written describing and showing access through the cascading menu preference. If you are
running the program through the selection dialog box method, the appearance and interface will be slightly
different.

The Linearization DesignGuide has many simulation set-ups and data displays that are very useful for performing
linearization of a power amplifier. The simulation set-ups are categorized by the type of technique desired:

e FeedForward

e RF Predistorter

e Combined FeedForward and Predistortion
e LINC

e Analog Predistortion

e Cartesian Feedback

e Digital Predistortion

e Memory Effects

There are also several real-time ADS Ptolemy simulation examples. The simulation set-ups are for analysis and power

amplifier characterizations.

 Note

This DesignGuide is not a complete solution for all Linearization techniques, but covers the most common
approaches. Subsequent releases of this DesignGuide will include an expanded range of features.

Using DesignGuides

All DesignGuides can be accessed in the Schematic window through either cascading menus or dialog boxes. You can

configure your preferred method in the Advanced Designh System Main window. Select the DesignGuide menu.

The commands in this menu are as follows:

DesignGuide Studio Documentation > Developer Studio Documentation is only available on this menu if you have

installed the DesignGuide Developer Studio. It brings up the DesignGuide Developer Studio documentation. Another

way to access the Developer Studio documentation is by selecting Help > Topics and Index > DesignGuides >
DesignGuide Developer Studio (from any ADS program window).


http://edocs.soco.agilent.com/display/ads2008/Linearization+DesignGuide+Reference#LinearizationDesignGuideReference-1104515
http://edocs.soco.agilent.com/display/ads2008/Linearization+DesignGuide+Reference#LinearizationDesignGuideReference-1104515
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DesignGuide Developer Studio > Start DesignGuide Studio is only available on this menu if you have installed the
DesignGuide Developer Studio. It launches the initial Developer Studio dialog box.

Add DesignGuide brings up a directory browser in which you can add a DesignGuide to your installation. This is
primarily intended for use with DesignGuides that are custom-built through the Developer Studio.

List/Remove DesignGuide brings up a list of your installed DesignGuides. Select any that you would like to uninstall
and choose the Remove button.

Preferences brings up a dialog box that allows you to:

¢ Disable the DesignGuide menu commands (all except Preferences) in the Main window by unchecking this box. In
the Schematic and Layout windows, the complete DesignGuide menu and all of its commands will be removed if
this box is unchecked.

e Select your preferred interface method (cascading menus vs. dialog boxes).

DesignGuide Preferences | |

PLEASE NOTE: Any changes made to these options require
restarting ADS to take effect.

X Show DesignGuide Menu
The DesignGuide Preferences menu will still be available

in the Main window if you hide the DesignGuide menu
in the Schematic and Layout windows.

DesignGuide Menu Style

+ Use a selection dialog box

¥ Use cascade menus

0K Cancel
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Close and restart the program for your preference changes to take effect.

 Note

On PC systems, Windows resource issues might limit the use of cascading menus. When multiple windows are
open, your system could become destabilized. Thus the dialog box menu style might be best for these
situations.

Basic Procedures

The features and content of the Linearization DesignGuide are accessible from the DesignGuide menu found in the
ADS Schematic window.

To access the documentation for the DesignGuide, select either of the following:
e DesignGuide > Linearization > Linearization DesignGuide Documentation (from ADS Schematic window)

e Help > Topics and Index > DesignGuides > Linearization (from any ADS program window)

DezignGuide —
Bluetooth r o | e o
cdma200l b | G| Ol | | N —
Eilter L . F e —
Linearization  » E=T=ts (0= n| »
Mimer ¥ RBF Prediztorter »
Qzcillator ¥ Combined Feedforward and Predistortion #
Paszive Circuit »  LINC »
PLL ¥ Analog Prediztortion b
Arnplifier *»  Lartesian Feedback (3
BF System ¥ Digital Prediztortion b
LM ¥ Memom Effectz k
Prefarances Agilent Ptolemy [Demoz/Templatez) k
Power dmplifier Charactenzation r

The menu selections from FeedForward to Power Amplifier Characterization each have additional selections. The menu
commands for step-by-step schematics for FeedForward and RF Predistortion are shown here.
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Select DesignGuide > Linearization > Feedforward >Step by Step Design.

Step 1. Cancellation Loop Swept Coetficients Step by Step Design
Step 2. Cancellation Loop Coefficient O ptimization Modulation

Step 3. Cancellation Loop with Complex Correlator [Mator

Step 4. Auxillary Amphher Level Test tive Circuit Designlzuide
Step 5. Error Compensation Loop Swept Coefficients

Step 6. Error Compensation Loop Coefficient Opt. lifier

Step 7. Error Compensation Loop ACPR min. er Amplfer Designauide

Step 8. Double Loop ACPR min. and Complex Correlator ystem

Select DesignGuide > Linearization > RiF Predistorter >Step by Step Design.

il B | 1y L0 =1 =
Step 1. Swept 3rd order Polynomial Coefficients -ﬁ

Step 2. Optirized Coefficients based on IMD Levels Modul.
Step 3. Swept 3rd order Coefficients about O ptiriurn ve Lircu
Step 4. Swept 5th order Coefficients about O ptimurm

Step 5. Gain Adjuster Optimization with Complex Correlator fier

Step 6. Optimized Polynomial Coefficients with Complex Correlator er Amplife
Step 7. Optirezation of Coethicients and Gain Adjuster with Complex Correlator bystem

Selecting one of these menu picks, such as Stepl. Cancellation Loop Swept Coefficients, under Feedforward, copies a
schematic into your current project.

Each schematic contains a sample power amplifier. The simulated results are displayed in a data display file that
opens automatically, after the schematic is copied into your project. Modify the power amplifier by editing its
subcircuit, or delete the device and replace it with a different one.

The schematics can demonstrate performances that can be achieved through linearization. The individual components
such as the couplers, auxiliary amplifier, combiners, complex correlators, etc., can be replaced by user-defined
subcircuits. The red boxes enclose parameters you should set, such as the operating frequency and power level. After
making modifications, run a simulation, using ADS, and the data display will update. The linearization techniques
generally consist of steps that you should follow to better understand the design procedure and ultimately realize a
linearized power amplifier. The steps are also used to demonstrate the sensitivity as well as show various adaptation
techniques.
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The simulation results for Step 1 of the feedforward linearization are shown here.

FeedForward Linearization Stepl
Basic DesignGuide Instructions Lowver Side Cancelled Signal Power Cantours (dBm)
1. Review | position slpha coefficient range
arourdd minimum sigrial evels.
2. Re-zimuiate
3. Save Data
Lower and Upper Side Canceled Signals
4000 -5.000
6000
-5.000 L7 000
5000 e
050 o
200 S 1200 -
#4-13.00
— =
IE-N.III 1400 F ﬂBS...'..'.:..'.:..'..‘.L..‘.L..‘..‘..‘..‘.L.’..‘...
b L1500 BLoih thth th U @ DB @ S R D
“"'-15.III k -"|E|:I:IE'£ 000 R RO R EDDD R BBESDD DD R B
; ) i |
g ST o
a 180 1800 2
£ 2000 a0 2 1.8
b ~2000 = 1.6
g -22.00 o L 1.24 4
= Lazon — 122 1
<2400 l=23.00 1.20 ]
24 .00 1.8 1
5N L2500 o 116
-26.00 1114 t
S28.00 '|II IIII' 27 00 g 112 1 T .
30,00 '|L ! 28,00 110 / {-L.-hin_ﬁ.ﬁppr-
" L2900 1.08 e
-32.00 T T T S 1.08
1011 121314151617 18 158 20 104 ]
Alpha_l 1.02
1.00 4
Lawer Side Cancellest  Upper Sile Cancelled | spaps sore gy P . e o .
Signal, Minimum Siggrial, Minitmum e nusmber of m M Om @ @ w00 W
Output Power, dBm  Output Power, dBm A ins Bos CNEFPIOWLPRONREISO
Alpha_|
BERTY =31 ﬁ ST Pt _stzp=1
Hum Pt _lire==10

Most of the information on this data display and others is in a format that engineers can easily understand. The
visibility of equation syntaxes that should not need modification is minimized. Information about items on a data

display that you would want to modify is enclosed in red boxes.

Selecting Appropriate Configurations

The Linearization DesignGuide is broken up into different linearization sub-categories, as shown in the previous
sections. The specifications that you use depend on your objective and the type of technique that your system can
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accommodate. If, for example, you have a wideband power amplifier, you can start with the FeedForward
configuration at Step 1, shown here. Then proceed through the steps until you have a better understanding of the
design procedure.

FeedForward Linearization Step 2 Uptimom Apha, | Uptimum #4pha_L

Basic Designuide Instructions | T 5‘91 I K

1. Adjust zpectral plof for user freguency and power range
2. Re-simulate
3. Save Data, make note of aptimum alpha coefficients

spactrum of Lancelied Signal uancelledﬁnal Fundamentals wersus teration
0.0000 1]
1 + Before &
2 ‘ i 2t (o)

_1nﬂn _' thlﬂ'lliallﬂn.
E 2000 ]
z ] 4 &
5 ] 0 |
% 2000 ] ¥
= 1 mil & F 3
[= g jt 'c |
5 4000 ] 1 . & » '
» 1 P} & o I|
3 1 $
S -500D =
) 1 ]

-50.00 ]

000 3t — —

S40.084 545 .0b4 #5000 255.0M i
freq, Hz
Lower Sideband Upper Sideba
m m2

freq=543 0H

z freg=831 OmHz
dBmiVerrar[LastOptindex,:|)=-36 90 dBmVepor[LastOptincesx . )=-31 370

Optimum Alpha_| Optimum Alpha_Q
1197 1143

Shown in the figure is the optimization procedure based on the signal cancellation loop. A complex gain adjuster's
parameters Alpha_I and Alpha_Q are adjusted to minimize the fundamental components. The optimization values
should be noted for future steps.

IMD Reduction Performance from Two-tone Modulation
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The error cancellation loop's complex gain adjuster parameters are optimized in step 7 based on minimizing the
adjacent channel power ratio. Shown here is the IMD reduction performance that can be achieved based on a
two-tone modulation. In this figure, the spectral plots need to be adjusted to the users frequency and power ranges.
The optimum parameters for the complex gain adjuster should be noted.

FeedFarard Linearization Step 7

Basic DesignGuide Instructions

1. Review, adjust spectrums to yourfrequency and power ranges
2 Re-simulate

3. Save Dafa, make note ofthe optimum Beta Coefficients

Optirnum

Frmurm Beta_G

Spectrum at PA Output

Fowoer (dBim)
o
1

1.5

1 T T T T T T
830 835 940 545 550 255 960 4885 870
freq. MHz

1
0 15 20 25 30

Itaration #

Initial Spectrurn at FeedF orward Cutput tirmized Spectrum at FeedF orward Culput

&0
40 ]
304 3

20 3
= 10 — 1
& 0J s
2 04 =L
¥ .20 B
.;.E_ 30 3 i
40 -0 ]
A0 &0
80 4 80
7o T T T T I T T -70 T I

T |
530 535 840 245 250 5 880 865 =70

freeq. ki,

B30 835 240 845 850 856 850 865 870
fraq, MHz

Optimum Beta G Optimum Beta_|
-0.255 1.205

The linearization steps have provided you with the optimum complex gain adjuster parameters under given conditions.
Those conditions are the operating frequencies of the tones as well as the average output power delivered by the
amplifier. To proceed to a linearized power amplifier based on a user defined modulation, the same conditions must be
satisfied.

10
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Convergence of Optimum Parameters

It is important to ensure that the output power from the schematic shown here is the same as that used to obtain the
optimum Beta and Alpha parameters. Optimization can be performed on the linearizer using a given modulation

source. However, the simulation would take a significant amount of time. This is why it is important to achieve
convergence on the optimum parameters through a systematic procedure. The source can be replaced with a

user-defined modulation subcircuit. Future upgrades will contain a more in-depth list of sources.

FeedForward Linearization 1595Rev
The objective of this temglate is to observe the performance of the feedforeard inearnzer when the coeffickents hawve been optimized. The
ponscer amplifier's group delay and gain need to be kncwn, The inpul 15 & reverse link COMA signal based on the 15-35 specification, !
:s mpartan lm“ povver amglifier i operating &t approximstely 6 dB above the power of the single tone &3 Wliized in the optimized
vErIane S, S, Insert Your Power Ampkfier .
ik .‘" ) — I'.:-F- ] i —
= 8 o o
e = 1
S 1 T et Your Anpiters Cin
A = / d Y cnupln? taclor - k
[ 1stLoop :I 'nm actor) | 2ndLoop \J
fimt _'_'__. L I
\ ! i A
) e o
— e
Compies Oole &@|wile b Comgligy doin ddjgater
A =
ﬂig - - I
B | e — .,
v o Insert our Amglifier's . . ;_-; -
_I T Group Delwy e 8 T Set dundliary Power
1 - =7 1 il Amglifler Gain
e T - -
f el Cancetaton
{ 2k}
-@E . operalng Trequency,
e 3 poeer ampliier group dela
l_m e aswel usth':mlwwer'{e\-el
T =
. B~ Cptirwm Alpha Variables
L. Cptmum Beta Variables
iy mbptn FF_l505Rey
= e E:izers\datauk\Linsarization_prinets -

Feedforward Linearizer Performance Based on Reverse Link Signal

The performance of the feedforward linearizer based on a reverse link IS95 CDMA signal is shown here.

11
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Before linearization

After linearization

Spectrum of Geneiated Signal

FeedForsard Linearization 1285 Revarze Link
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g
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[ e b0k B e o, K e
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=1 Secrum_rekddnieolnd_in,, S Kasety

e o

A vhCkane | pow | G4 towE
[T neal fim i = {1 ZEEUHDZ. 1 2088 MHZT}
LA Wi M= (555 WHT SIS WHE)
LoC him = {315 BT, 525 HE)
Tran A0 PR=acpe_ur i owd_on S0 man im e Lol iim e UpCiim i " ake )

e g owier , BE B A 0wET, BN R BR-TeAE T E

;"""""“ Ear L T — Lower Channel ACPE Upper Channel ACPR
Pk magiuiend 1
grzrmm,ﬂx" = S8 Pod gBne 1Flcgine g Poue 10 -50.21 5250

Eri oo P [ AFATEE) e i 46 Tt

P eak-to-Aue (linear

SRR T TR )

e, 15eC

Port
=1

Pout dBm
25.19

The spectral improvement is easily observed, as well as the operating output power conditions and ACPR calculations.
If improvement is not observed, you should check the operating conditions used during the two-tone step-by-step
procedure and ensure that they are close to those used for the modulated source. Further improvement can be
obtained by performing an optimization with the modulated source. Optimization with a modulation source would take
a significant amount of time to converge to the optimum state but will require less iterations once we are close to the
optimum values for Alpha and Beta.
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In addition to the Analog/RF simulation of various linearization techniques, there are also real-time adaptive
simulation using ADS Ptolemy schematics. Various forms of Feedforward linearization adaptation techniques are
available, as observed in the selection menu shown here, found under ADS Ptolemy (Demos/Templates).

— -

Feediorward Demo [2-Tone, 1 Loop, ACPR min. )
Feedforward Demo (Mulit-Tone, 1 Loop, Gradient Opt.) Power Amplifier Cl
Feedforward Demo (Mulit-Tone, 1 Loop, ACPR min.)
Feedforward Demo (1S-95 CDMA, 1 loop, ACPR min.]
Feedforward Demo (2-Tone, 2 Loop, Gradient Opt.) Linearization Desi
Feedforward Template [2-Tone, 1 Loop, ACPR min.)
Feediorward Template [IS-95 COM&, 1 Loop, ACPR min.)
Digital Predistortion using Look-Up Table

RF Predistortion using Work Funchion

About Lineanzatio

The demos show the stability and speed of adaptation based on Behavioral Model Power Amplifiers. A few templates
are available that use co-simulation and incorporate a transistor level power amplifier.

Feedforward Linearizer Using Complex Correlator

Following is the ADS Ptolemy schematic for a FeedForward Linearizer using a complex correlator for both adaptive
loops.

13



Advanced Design System 2008

FeedForward Linsarization Demonstration

A ERe ke M@ e r B ORReOod TR OF W0 Be gradk T e me DD THE BONIg0e mikd Op e

mmﬂhnmllm!lmhnmblmhh#MlTkgnllkmlm um:mnw

bokr_The o apdie 1 B E DD ihiErmed I o ed-00 2 be it oo e |, Eil:lbt mtllhi:

w3 pﬁlnpﬁl‘phlﬁ.'ul.lhuumlm:ulml dpeimmee

B, T WIJHGH‘ L .‘I!T. ﬂ!ﬁﬁ-! Tl B b A o G Tl B TERGED
b II-I

h&l’hlllhm “-I: ECI? mmtmllhlmbhkﬂll#

o lkriow kop. T il 2o o Tt Bt peorTicn OF B powse T L piTe
it e e iriicd ooakal Th by et B TR0W. The OCTiI h‘hi e id
‘%Iﬂﬂiﬂﬂfu b o m a ThE cos Mt s ::.;mrn ':mms:alzhg
L lM.rmhrmbhih willh e e Tha rely, Cmin B e pocBie
ol F L T lkﬁﬂmﬂullﬂﬁl vl b il piam
-1 -nm“ ‘ml‘.t\.-" w“lmlull:ﬂlb-ﬂlﬂk ll‘:lH w "r 'E:i
Tk CoMprien Jan BLEH I O T mimﬂmnumb‘-m [ pnn'n Boti I

an & B¥0 O Ipper CiEcid AETE, T Mil'“lm#llﬂlum (= 3 2 i
et

T demoid tiioa & IF! . Thie 20 ik lll Gt De wiewed I ke,
nrpuquﬂ- 1|ulm| e WA
M-D e e Tesr Ba @000 Wblﬂll"lﬂml ummmam
8 o llamhmummmm & PR o r IR e B0 ot ol
wb:'ﬁi R I-t PRCRSE T 3 ook 1 1or B St
LTEET pmu'mnm.p TR 0T 400w

mnmnrb-hg li.m-tlbt'hrl.

Srtartie £ TS0k, Ar fock 2 2l Be Eu'ummu (ATt Bt TONRS I FECh 3N Db

i A ﬂ'ﬂ.‘um- l "P\‘ 00T fwe well T ¢ OB T ﬂlul'r

B By v DN 0 fO0 3 p00 das e AT R p@iE 'DITII- Hlmwlﬂ'h
el B plerascn OfBe B0 Gk B B9 s IND & BE fmchem,

Jﬂﬂ;mmilﬂu%:'ﬂl m-““mmmﬂlklﬂgtllsﬂ s of B
il

Il W T ol Il“ B b e CHCAN D b B E e O A DL T 30 B O
lmmmu e e

The operating frequencies and power levels can be altered to better reflect your configuration. The percentage
bandwidth between the frequency spacing and center frequency need to be scaled proportionally. Otherwise, the

bandstop filter in the second adaptive loop will need to be modified.

The outputs from these ADS Ptolemy schematics is in the form of either storage to data files or real-time X-Y Plots. As
soon as the X-Y Plot windows open, you should pause the simulation and arrange the plots within the window. We can

observe the initial spectral state of the FeedForward Linearizer.

Once the simulation is continued, we can observe the reduction of the intermodulation distortion as well as the
stabilization of the Alpha and Beta coefficients. The other two plots labeled IMD_3rd and IMD_5th display the level of

3rd and 5th order intermodulation products as a function of time.

Linearization DesignGuide Reference

The following sections provide reference information on the use of the Linearization DesignGuide.

14
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Using the Linearization DesignGuide

The Linearization DesignGuide is integrated into Agilent EEsof's Advanced Design System environment. It contains
many templates to be used within ADS. These templates can assist developers in designing a linearizer to meet
performance specifications. This Design Guide provides a complete tool kit to interactively explore dynamic
linearization systems at the top level as part of an integrated design process.

In addition to the requirements of the ADS software, the Linearization DesignGuide will require approximately 30 MB
of additional storage space.

 Note

This manual assumes that you are familiar with all of the basic ADS program operations. For additional
information, refer to Schematic Capture and Layout.

The primary features of this DesignGuide include the following:

e Complete linearization capability

e FeedForward (8-step design process)

e FeedForward (IS-95, CDMA2000, pi/4 DQPSK and 16 QAM simulation)

e RF predistortion (7-step design process)

e RF predistortion (IS-95 CDMA, pi/4 DQPSK and 16 QAM simulation)

e FeedForward combined with RF predistortion (10-step design process)

e Analog Predistortion (3-step design process for Cubic Law)

e Analog Predistortion (3-step design process for Square Law)

e LINC design (5-step design process)

e LINC design (IS-95 CDMA, pi/4 DQPSK and 16 QAM simulation)

e Cartesian feedback (2-step design process)

e Cartesian feedback (IS-95 CDMA, pi/4 DQPSK and 16 QAM simulation)

e Digital predistortion (6-step design process)

e Digital predistortion (IS-95, CDMA2000, pi/4 DQPSK and 16 QAM simulation)
e Memory Effects (Short Time Constant simulation)

e Memory Effects (Long Time Constant: 1S-95, CDMA2000 and pi/4 DQPSK simulations)
e Digital Predistortion with Memory Effects (technique using ADS/ESG/VSA/Matlab)
e Crest Factor Reduction

e ACPR optimization technique

e Gradient optimization technique

e Distinct ADS Ptolemy demos

e Feedforward ADS Ptolemy templates

e Easy modification to user-defined configurations

Linearization Techniques

Following are linearization techniques available in the DesignGuide. To access these tools, select DesignGuide >
Linearization DesignGuide from the ADS Schematic window, and select the appropriate menu commands.

15
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Feedforward

The following sections provide background details on the use of Feedforward linearization.

Phaze hdzin  Power
“ariable shit — Sampling Oel Output
Atenuation I pRer Coupler Ay Coupler
A ‘;Zf — O - X
RF
Ot prst
RF Fixed
inpast {) Splitter Atenuation
e—A 4@
Delay
Coupler Fuxillary Amplifier
. Phase
“wWanable
Shitt
Aenuation I
N N
Signal Capcellation Logp Error.Cancellation Loop

Feedforward Linearizer

Increasing demand for spectral efficiency in radio communications makes multilevel linear modulation schemes such
as Quadrature Amplitude Modulation more and more attractive. Since their envelopes fluctuate, these schemes are
more sensitive to power amplifier nonlinearities, the major contributor of nonlinear distortion in a microwave
transmitter. An obvious solution is to operate the power amplifier in the linear region where the average output power
is much smaller than the amplifier's saturation power (i.e., Larger output back-off). But this increases both cost and
inefficiency as more stages are required in the amplifier to maintain a given level of power transmitted. Thus greater
DC power is consumed. Power efficiency is certainly a critical consideration in portable systems where batteries are
often used or in small enclosures where heat dissipation is a problem. Another approach to reducing nonlinear
distortion is the linearization of the power amplifier.

The power amplifier's characteristics tend to drift with time, due to temperature changes, voltage variations, channel
changes, aging, etc. Therefore a robust linearizer should incorporate some form of adaptation.
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In 1927, H.S. Black of Bell Telephone Laboratories invented the concept of negative feedback as a method of
linearizing amplifiers. His idea for feedforward was simple: reduce the amplifier output to the same level as the input
and subtract one from the other to leave only the distortion generated by the amplifier. Amplify the distortion with a
separate amplifier, then subtract it from the original amplifier output to leave only a linearly amplifier version of the
input signal.

Feedforward Configuration

The feedforward configuration consists of two circuits, the signal cancellation circuit and the error cancellation circuit.
The purpose of the signal cancellation circuit is to suppress the reference signal from the main power amplifier output
signal, leaving only amplifier distortion, both linear and nonlinear, in the error signal. Linear distortion is due to
deviations of the amplifier's frequency response from the flat gain and linear phase. Distortion from memory effects
can be compensated by the feedforward technique, since these effects will be included in the error signal. The values
of the sampling coupler and fixed attenuation are chosen to match the gain of the main amplifier. The variable
attenuation serves the fining tuning function of precisely matching the level of the PA output to the reference.

The variable phase shifter is adjusted to place the PA output in anti-phase with the reference. The delay line in the
reference branch, necessary for wide bandwidth operation, compensates for the group delay of the main amplifier by
time aligning the PA output and reference signals before combining. The purpose of the error cancellation circuit is to
suppress the distortion component of the PA output signal, leaving only the linearly amplifier component in the
linearizer output signal. In order to suppress the error signal, the gain of the error amplifier is chosen to match the
sum of the values of the sampling coupler, fixed attenuator, and output coupler so that the error signal is increased to
approximately the same level as the distortion component of the PA output signal.

Adaptation Techniques
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Adaptive Feedforward Linearization

Several patents concerned with adaptive feedforward systems appeared in the mid-'80's, and many more appeared in
the early "90's. These patents dealt with two general methods of adaptation both with and without the use of pilot
tones, namely adaptation based on power minimization and adaptation based on gradient signals. The control scheme
for the former attempts to adjust the complex vector modulator in the signal cancellation circuit so as to minimize the
measured power of the error signal in the frequency band occupied by the reference signal. In the error cancellation
circuit, the frequency band is chosen to include only that occupied by the distortion. Once the optimum parameters
have been achieved, deliberate perturbations are required to continuously update the coefficients. These perturbations
reduce the IMD suppression.

Adaptation using gradient signals is based on continually computing estimates of the gradient of a 3-dimensional
power surface. The surface for the signal cancellation circuit is the power in the error signal. This power is minimized
when the reference signal is completely suppressed, leaving only distortion. The surface for the error cancellation
circuit is the power in the linearizer output signal. The power is minimized when the distortion is completely
suppressed from the Power Amplifier output signal.The gradient is continually being computed and therefore no
deliberate misadjustment is required.
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The ACPR minimization approach uses a frequency translator plus a power detector to select and measure the ACPR.
The bandpass filter will capture the adjacent channel power. Care must be taken to ensure that the fundamental
signal is rejected. The Digital Signal Processor performs the adaptation of the work function coefficients based on the
scalar value input from the power detector.

The input signals for the complex correlator are the error signal and the reference signal. The error signal is derived
by subtracting the input signal from the power amplifier’ s output signal. The error signal, if properly aligned, should
contain only the resulting distortion generated by the power amplifier. The reference signal is the input to the
Feedforward linearizer. The objective of the correlator is to optimize the complex gain adjuster so as to ensure that
the two signals are uncorrelated.

Complex Gain Adjusters

The complex gain adjuster can take on two forms: Polar or Rectangular Implementation. The polar representation
requires a voltage-controlled attenuator and phase shifter. The rectangular implementation is of the same form as a
quadrature modulator. Either of these configurations need to operate in the linear region where the generated
intermodulation products are significantly lower than those generated by the power amplifier. The complex gain
adjusters are required to be insensitive to variations across the operational bandwidth.

RF Predistortion

The linearizer creates a predistorted version of the desired modulation. The predistorter consists of a complex gain
adjuster, which controls the amplitude and phase of the input signal. The amount of predistortion is controlled by two
nonlinear work functions that interpolate the AM/AM and AM/PM nonlinearities of the power amplifier. Note that the
envelope of the input signal is an input to the work functions. The function of the envelope detector is to extract the
amplitude modulation of the input RF signal. The delay line in the upper branch compensates for the time delay that
occurs as the envelope passes through the work function. Once optimized, the complex gain adjuster provides the
inverse nonlinear characteristics to that of the power amplifier. Ideally the intermodulation products will be of equal
amplitude but in anti-phase to those created as the two tones pass through the power amplifier. The out-of-band filter
will sample the adjacent power interference (ACPI). The function of the DSP is to slowly adapt the work function
parameters so that the ACPI is minimized.

Adaptation Techniques

Several patents concerned with adaptive predistortion systems appeared in the mid-'80's, and many more appeared in
the early "90's. These patents dealt with two general methods of adaptation, namely adaptation based on power
minimization and adaptation based on gradient signals. The control scheme for the former attempts to adjust the
complex gain adjuster in such a way as to minimize the measured power of the error signal in the out-of-band
frequency. Once the optimum parameters have been achieved, deliberate perturbations are required to continuously
update the coefficients. These perturbations reduce the IMD suppression. Adaptation using gradient signals is based
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on continually computing estimates of the gradient of a 3-dimensional power surface. The surface for the RF
predistorter circuit is the difference between the input signal and the scaled output signal. This power is minimized
when the error signal is completely suppressed. The gradient is continually being computed and therefore no
deliberate misadjustment is required.

Work Function

The work function can take on various mathematical forms. The simplest to implement is the polynomial
representation, whereby the coefficients are adapted to create the inverse nonlinearity to that of the power amplifier.
The work function-based predistorter has limited capability in reducing the level of intermodulation distortion. The
envelope modulation is the input parameter for generating the complex gain function.

FeedForward Combined with RF Predistorter

An RF Predistorter is embedded in the signal cancellation loop of a FeedForward linearizer. The predistorter consists of
a complex gain adjuster, which controls the amplitude and phase of the input signal. The predistorter is based on a
work function that interpolates the inverse AM/AM and AM/PM nonlinearities of the power amplifier. An envelope
detector is used to extract the incoming amplitude modulation, this signal is then used as an input into the work
function. The error signal from the signal cancellation loop of the FeedForward linearizer is used to adapt the
predistorter coefficients.

The advantages of embedding a RF Predistorter inside a FeedForward Linearizer are that the Intermodulation
reduction requirements of the FeedForward Loop alone are reduced. This will reduce the component sensitivities
across the band of frequencies. The net result is the overall efficiency improvement of the power amplifier.

There are several techniques for guiding the adaptation of the FeedForward Linearizer. The most commonly used has
been the employment of Pilot Tones for optimizing the complex gain adjuster coefficients in both loops. A Pilot Tone
can be injected at the input of the FeedForward Linearizer and then monitored at the output of the signal cancellation
loop. The first Pilot Tone will ensure that the signal cancellation loop achieves optimum reduction of the fundamental
component. The residual signal will contain only the distortion created by the power amplifier. A second Pilot can be
injected in the upper branch of the first loop and monitored at the output of the FeedForward linearizer. The second
Pilot Tone will be used to ensure that the error cancellation loop achieves optimum reduction of the power amplifier's
distortion. Other techniques such as power minimization and signal correlation can also be used in combination with
Pilot Tones. These have been discussed in the FeedForward Linearizer section.

Also a number of techniques exist for adapting the RF Predistorter. These have been discussed in the RF predistortion
section. The advantage of embedding an RF Predistorter inside the Feedforward Linearizer is that the resultant error
signal from the first loop can be used to optimize the RF predistorter work function. Minimization of the adjacent
channel power at the error port is an effective technique for optimizing the work function coefficients.
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Analog Predistortion

Predistortion linearization involves constructing a predistorter which has the inverse non-linear characteristics of the
power amplifier. Therefore, when the predistorter's output signal is passed through the power amplifier, the distortion
components cancel and only the linear components remain. The type of analog predistorter to use is dependent on the
nonlinearities generated by the power amplifier. Analog predistorters can be constructed as Square Law or Cubic Law
devices or any combination of these two configurations. Typically diodes arranged in various configurations are used
to generate the second and third order distorters. For Square Law devices, two diodes are arranged so that the even
terms of an equivalent series expansion add together and the odd terms cancel. The opposite is true for the Cubic law
devices. An advantage of using diodes is the ability to predistorter over a wide bandwidth. Some of the disadvantages
are the power and temperature dependence as well as the inaccuracy in controlling the constructed nonlinearity.
Which ultimately leads to a limitation on the amount of IMD reduction achieveable.

An analog predistorter generally has two paths. One carries the fundamental components and the other is the
distortion generator. The objectives are the elimination of the fundamental component in the distortion generator
path, thereby providing independent control of the distortion relative to the fundamental component. The two paths
are time-aligned and then subsequently combined before being presented to the power amplifier.

LINC

Linear amplification using nonlinear components (LINC) is a technique whereby a linear modulation signal is converted
into two constant envelope signals that are independently amplified by power-efficient Class C amplifiers and then
combined using a hybrid coupler. The use of power-efficient amplifiers can provide significant improvement in the PAE
of the overall system. The envelope conversion operation is a nonlinear process that generates spectral components
outside of the modulation bandwidth. Any imbalance between the two Class C amplifiers needs to be eliminated.
Otherwise significant ACPI will be generated. A complex gain adjuster can be inserted into one of the branches to
adaptively control the balance between the amplifiers. The adaptation process can use either the ACPR minimization
approach or the Gradient based correlator approach.

Cartesian Feedback

Cartesian feedback is based on the classical feedback control system. An error signal is created by subtracting the
power amplifier's output from that of the input signal. This error signal is the input to the power amplifier. The
limitations of the cartesian feedback linearizer are the achievable bandwidth and system stability. The operational
bandwidth is controlled by the amount of delay in the feedback path and the stability is a function of the feedback
gain.

Digital Predistortion
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The two most common digital predistortion techniques are the Vector mapping look-up table approach and the
Complex gain look-up table approach. The Vector mapping technique stores a compensation Vector into a look-up
table for each input signal vector. This approach tends to require a large amount of data storage. The complex gain
approach is similar to predistortion whereby the inverse nonlinearity is generated in a look-up table. However, the
look-up table provides for a more accurate representation of the inverse nonlinearity. The look-up table is indexed by
either magnitude or power. The latter requires less LUT entries and can provide similar intermodulation improvement
if the nonlinearity created by the power amplifier is minimal at low levels of input modulation. The resultant error
signal generated by subtracting the power amplifier output from the input signal is used to optimize the LUT entries.
An adaptive delay is used to properly align the two signals.

The Digital Predistortion linearizer is also supported as a connected solution using Advanced Design System and test
equipment. It may be used to linearize amplifier hardware. For more information please view the Guide to Digital
Predistortion. A modified version, that also compensates for memory effects, is discussed below.

Adaptation Using Linear Convergence

Various adaptive algorithms are available that trade speed of convergence with robustness. The simplest of these is
linear convergence, whereby the LUT entries are adapted incrementally. The incremental adjustment is proportional to
the error vectors magnitude and phase. Some techniques require transformations between polar and rectangular
coordinates.

Memory Effects

Electrical memory effects are caused by varying impedances across the modulation bandwidth. The frequency
dependence of the source and load impedances cannot be kept constant for all modulation frequencies. The amplitude
and phase of the intermodulation products are dependent on the frequency dependent behavior of the impedances.
Careful design of the bias networks can reduce the electrical memory effects. A two-tone simulation can demonstrate
the modulation frequency dependence on the 3rd and 5th order IMD products.

Thermal power feedback causes memory effects at low modulation frequencies. Increased power dissipation causes
the power amplifier device's junction temperature to increase which in turn alters the amplifier's gain. These memory
effects are observed as the envelope varies over time. Modeling these long time constant effects requires a form of
thermal power feedback.

Digital Predistortion with Memory Effects (technique using ADS/ESG/VSA/Matlab)

This techniques uses a combination of hardware and simulation to perform Digital Predistortion with Memory Effects.
This requires working knowledge of the ESG for capturing the signal waveform, the VSA 89600 for generating the
signal waveform, the VSA 89600 software, and Matlab for co-simulation with ADS.
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The block diagram of the digital predistortion with memory effects and CFR

The overview of this technique is described below.

Analog/RF Examples

The following sections provide details on the Analog/RF examples.To access these examples, select DesignGuide >
Linearization DesignGuide from the ADS Schematic window, and select the appropriate example.

Feedforward

Step 7 in the Feedforward menu is an example of a feedforward linearizer. The first loop consists of a power amplifier
and a complex gain adjuster, which is adjusted using a complex correlator. The power amplifier is a transistor level
design, which is easily replaced by the user-defined component. The input power level as well as the input frequency
needs to be set. The power amplifier group delay needs to be compensated on the lower branch of the first loop. The
second loop consists of an auxiliary amplifier along with a complex gain adjuster, which is optimized using the ACPR
minimization technique. If a transistor level auxiliary amplifier is being used, the upper branch of the second loop also
needs to have a compensating group delay.
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The feedforward design consists of an 8-step process to develop a double loop structure. The design process begins
with an optimization of the first loop and subsequent designs build on this structure. Once the complete feedforward
structure has been developed, the two-tone input can be replaced by the user-defined input modulation. Examples are
included for an IS-95 CDMA signal, 16 QAM signal as well as a pi/4 DQPSK signal.

The simulation results from the 8th step of the feedforward linearizer demonstrate the optimization that can be
achieved using a two-tone input. The optimization algorithm can be changed to reflect the adaptation process to be
used in the user defined system.

RF Predistorter

Step 5 in the RF Predistorter menu is a 5th-order polynomial work function based RF predistorter. The adaptation
technique is based on the gradient approach using a complex correlator. The output signal from the power amplifier is
subtracted from the input reference signal. If properly aligned, the resultant error signal will consist of only the
distortion generated by the power amplifier. The work function coefficients can then be optimized so as to minimize
the error signal. The input to the work function is the squared envelope of the incoming signal. A group delay is
required to compensate for the delay from the envelope detector, and a delay is required in the feedback path to
compensate for the delay from the upper branch.

The RF Predistorter design consists of a 7-step process to develop a gradient-based optimized structure. The design
process begins with an optimization using the ACPR minimization technique and subsequent designs build on this
structure. Once the complete RF Predistorter structure has been developed, the two-tone input can be replaced by the
user-defined input modulation. Examples are included for a 16 QAM signal, IS-95 CDMA signal, as well as a pi/4
DQPSK signal.

FeedForward combined with RF Predistorter

Step 10 in the Feedforward with RF Predistorter menu is an example of a feedforward linearizer with an embedded RF
predistorter. The first loop consists of a power amplifier and a complex gain adjuster, which is adjusted using a
complex correlator. The power amplifier is a transistor level design, which is easily replaced by the user-defined
component. The input power level as well as the input frequency need to be set. The power amplifier group delay
needs to be compensated on the lower branch of the first loop. Also incorporated in this loop is a work function based
RF Predistorter . The optimization of the RF Predistorter is easiest achieved by minimizing the ACPR at the error port.
The second loop consists of an auxiliary amplifier along with a complex gain adjuster, which is optimized using the
Pilot Tone approach. If a transistor level auxiliary amplifier is being used, the upper branch of the second loop also
needs to have a compensating group delay.

The feedforward combined with RF Predistorter design consists of a 10-step process to develop a double-loop
structure. The design process begins with an optimization of the first loop and subsequent designs build on this
structure. Once the complete structure has been developed, the two-tone input can be replaced by the user-defined
input modulation.

The optimization algorithm can be changed to reflect the adaptation process to be used in the user-defined system.
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Analog Predistortion

The Analog Predistorter consists of a 3-Step Cubic Law process and a 3-Step Square law process. Both predistorters
are based on using diodes in various configurations to generate the distortion. The diodes can be biased to better
approximate the type of nonlinear behavior that is required. The predistorters consist of two paths; one to generate
the nonlinearity and the other to pass the fundamental components. A hybrid is used in the distortion generation path
for eliminating the fundamental component. A complex gain adjuster is then used to control the amplitude and phase
of the distortion relative to the fundamental component.

The square law device optimizes the bias voltage to reduce any third order nonlinearity. The impedance in the 4th port
of the hybrid is adjusted in order to eliminate the fundamental component at the output of the hybrid. Step 3 of the
analog cubic law predistorter is an example of the predistortion of a power amplifier.

The cubic law device is not biased in this configuration. It consists of two anti-parallel diodes to create the cubic
behavior. A hybrid is also used in this distorter to eliminate the fundamental component.Step 3 of the analog square
law predistorter is an example of the predistortion of a power amplifier.

LINC

Linear amplification using nonlinear components (LINC) consists of Class C power amplifiers along with a nonlinear
operation that converts the fluctuating envelope into a constant amplitude envelope. The conversion process is
nonlinear and subsequently generates a significant amount of spectral spreading. The hybrid combiner at the output
eliminates the out-of-band components. However, any misalignment between the two Class C amplifiers will result in
some residual out-of-band components.

The LINC design consists of a 5-step process to develop an ACPR minimization-based optimized structure. The design
process begins with an optimization with a two-tone input and subsequent designs build on this structure. Once the
complete LINC structure has been developed, the two-tone input can be replaced by the user-defined input
modulation. An example is included for a 16 QAM, IS95 CDMA and a pi/4 DQPSK signal.

The simulation results for LINC using a pi/4 DQPSK modulation demonstrate the ACPR performance of the power
amplifier. The results show how the nonlinear transformation converts the linear modulation into two constant
envelope modulations. The resultant frequency spreading into the adjacent channel is also observed. Upon combining,
the output signal is reconstructed and has recovered the proper levels of adjacent channel interference.

Cartesian Feedback

The cartesian feedback linearizer consists of a power amplifier along with a quadrature modulator and demodulator.
The feedback error signal is created by subtracting the baseband input signal from the power amplifier's demodulated
output signal. The transistor level power amplifier can be replaced by a user-defined component.
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The demodulated I and Q signals at the output of the power amplifier are fed back to the summing input of the
comparator/filter circuit, after a 180-degree phase shift. The comparator/filter circuit will predistort its output to
maintain a virtual ground at the comparator summing node. This will occur when both inputs to the comparator/filter
circuit are in phase for an open loop. When the loop is closed, the input to the comparator/filter circuit will be equal
but in opposite phase.

To get loop stability, the comparator/filter circuit uses a lowpass filter to limit the loop bandwidth. The cutoff
frequency must be sufficiently wider than the bandwidth spread due to the amplifier nonlinearity. Linearity is limited
by two factors, the loop gain and the accuracy of the feedback path. The loop gain has to be as large as possible, but
is limited by the loop stability, which in turn is closely dependent on the phase response. Adjustment of the phase
shifter is critical. With the loop opened, the phase should be adjusted so that there is no phase rotation of the
demodulated I and Q signals with respect to the I and Q signals at the input of the comparator/filter circuit.

The optimization process for the cartesian feedback system is demonstrated. The relative improvement in the level of
ACPR can be measured by comparing the open and closed loop responses. An example is included for a 16 QAM, 1S95
CDMA and a pi/4 DQPSK signal.

Digital Predistortion

The digital predistorter consists of a complex gain adjuster along with a polynomial-based work function. The standard
look-up table has been replaced by a work function for demonstration purposes. One of the key features that is
included using this structure is the quantization noise introduced by the A to D. The number of bits of the A/D will
determine the size of the Look-Up Table. The polynomial structure can be used to fit the LUT entries in a DSP
implementation.

The output of the power amplifier is subtracted from the input reference, resulting in an error signal that should
contain only distortion, if properly aligned. The resultant error signal would be used to update the LUT entries or
equivalently the polynomial coefficients. An example is included for a 16 QAM, 1S95, CDMA2000 and a pi/4 DQPSK
signal.

The Digital Predistortion linearizer is available as a connected solution using ADS and test equipment. It is
documented in the Guide to Digital Predistortion. A modified version that compensates for memory effects is
documented below.

Memory Effects

The electrical memory effects of a power amplifier are observed in the Short Time Constant example. A two tone test
is performed in which the frequency spacing is altered. The modulation frequency dependence on the 3rd and 5th
order intermodulation products can be observed. Any asymmetry in the lower and upper sideband IMD products will
limit the amount of predistortion improvement that is achieveable.
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The thermal memory effects can be observed for various input modulations. The ACPR is plotted as a function of the
memory delay. Examples are included for IS-95, CDMA2000 and pi/4 DQPSK. A thermal memory effect compensator
is demonstrated for various input modulations.

ADS Ptolemy Examples

The following sections provide details on the ADS Ptolemy examples. To access these examples, select DesignGuide >
Linearization DesignGuide> ADS Ptolemy (Demos/Templates) from the ADS Schematic window, and select the
appropriate example.

Feedforward

The single adaptive loop ADS Ptolemy example includes a multi-tone input. This example demonstrates a fast rate of
convergence because of the gradient based optimization technique.

A number of feedforward configurations are developed in ADS Ptolemy. The 1st and 2nd loops can be optimized using
either complex correlators or the ACPR minimization technique. Some of the demos store the data while others open
windows to observe the adaptation process. A couple of templates use transistor level power amplifiers you can
replace these with your own power amplifiers.

The single loop feedforward linearizer performance is demonstrated in this example. The adaptation process is very
fast because of the use of the gradient technique. The gradient technique is based on using a complex correlator. The
initial intermodulation products are at -25 dBc, then are quickly reduced to a final state level of approximately -80
dBc.

This example is a real-time demonstration of the convergence of a RF Predistorter based on the ACPR minimization
technique. The work function is a 5th-order polynomial that is fed by the envelope of the input signal. The adaptation
algorithm is based on the secant method, whereby an approximation for the derivatives of the ACPR with respect to
the work function coefficients is calculated. The work function consists of a 5th-order polynomial which is a function of
the input signal envelope.

Digital Predistorter

This example is a real-time demonstration of the convergence of a digital predistorter based on the linear convergence
technique. The envelope of the input signal indexes the RAM look-up tables. The look-up table entries are fed to the
complex gain adjuster. In this particular configuration, the data registers and RAM tables need proper triggering to
ensure that the data is valid before being written or read. The error signal is derived by subtracting the input
reference signal from the power amplifier's output. This error signal is used to update the look-up tables using a linear
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convergence technique.

RF Predistortion

The linearizer creates a predistorted version of the modulated signal. The predistorter consists of a complex gain
adjuster which controls the amplitude and phase of the input signal. The amount of predistortion is controlled by two
nonlinear work functions that interpolate the AM/AM and AM/PM nonlinearities of the power amplifier. The feedback
path samples a portion of the undesired spectrum (ACPR) which is minimized by optimizing the polynomial work
function coefficients. The four coefficients of the polynomial control the cubic and quintic nonlinearities. These
coefficients are slowly optimized using a discrete implementation of a least mean squared direct search technique.

Digital Predistortion With Memory Effects

In digital predistortion for memory effects compensation, the most well known structure is based on the polynomial
method, so called, memory polynomial predistortion using indirect learning algorithm. Memory polynomial
predistortion is designed in Advanced Design System using finite impulse response (FIR) filters for each order of
polynomial. Coefficients of the filters are generated from MATLAB by running ADS-to-MATLAB simulation. Please refer
to the block diagram of the system. This technique uses a combination of ADS, a VSA , an ESG and Matlab. The set up
file is generated from the VSA 89600 software and is subject to the operating system requirements for this software.
Please refer to the VSA user manual on how to save the set up file. The setup file needs to be placed in the data folder
of the ADS project

1. DigitalPredistortionMem_ESGSink.dsn

DesignGuide/Linearizer/Digital Predistortion (Ptolemy/ESG-VSA)/Memory Compensation Predistorter using
ESG-VSA-Matlab / Run ESG Simulation (Initialization)

Open this design and make sure that Initialization "Yes" in the Var Eqn at the bottom, and run simulation after
also checking the other settings, such as ESGCarrierFrequency, ESGAmplitude_dBm, Order, and so on (in this
schematic, polynomial order of predistortion is only designed for fifth or seventh order including even terms, so
users can only choose between them). The DUT should be connected and powered when running this simulation.

2. DigitalPredistortionMem_VSASource.dsn

DesignGuide/Linearizer/Digital Predistortion (Ptolemy/ESG-VSA)/Memory Compensation Predistorter using
ESG-VSA-Matlab / Run VSA Simulation

Open this design and run simulation after also checking other settings. At this point, you can run the simulation
again after changing the VSANormalizationFactor in the Var Eqn according to the Normalization Factor result in
the page of memory effects of the data display or you can proceed to Step 3 (Step 3 will perform normalization
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from MATLAB). Step 2 automatically opens the VSA software window depending on the setting.

3. ADSToMatab.dsn

DesignGuide/Linearizer/Digital Predistortion (Ptolemy/ESG-VSA)/Memory Compensation Predistorter using
ESG-VSA-Matlab/Run ESG Simulation/Generate Memory Polynomial Coefficients

Open this design and run the simulation. This simulation generates coefficients for filters in memory polynomial
predistortion and saves them as .txt file that can be read in ESG simulation. The MATLAB code, TdIPd(Input#1,
Input#2, Order, Memory), implements scaling and the least square algorithm (scaling is also performed in
MATLAB for the case that the VSANormalizationFactor in Step 2 isn't properly set up. Order should be the same
as the Order from Step 1).

4. DigitalPredistortionMem_ESGSink.dsn

DesignGuide/Linearizer/Digital Predistortion (Ptolemy/ESG-VSA)/Memory Compensation Predistorter using
ESG-VSA-Matlab/ Run ESG Simulation (with Predistortion)

Open this design and make sure that Initialization is changed to "No" for the memory polynomial predistortion,
run simulation, and take a close look at the predistorted signal from the data display window. In addition, the
maximum input magnitude coming to the memory polynomial predistortion block is required to be normalized to
1 (This is required for CFR or different applications, which don't have a peak magnitude close to 1). - There
might be an error message if you don't close the VSA software window.

 Notel
Step 4 ends one iteration. For most of power amplifiers, one iteration is good enough for achieving good
performance due to least square solution.

& Note2
Step 2 to Step 4, repeat if required.

Crest Factor Reduction

Crest Factor Reduction (Peak-to-average power ratio reduction) block for WCDMA multi-carrier applications can be
inserted in DigitalPredistortionMem_ESGSink.dsn in order to enhance the efficiency of the power amplifier. Algorithm
was implemented based on Reference CFR Ref 1 and CFR Ref 2. The CFR block consists of a baseband clipper, a noise
shaper for WCDMA multi-carrier applications. In order to test the CFR, open Test_CFR_Signal.dsn by using the
schematic menu DesignGuide/Linearizer/Digital Predistortion (Ptolemy/ESG-VSA)/Crest Factor Reduction/ CFR
Algorithm Simulation. There is a scaling factor that needs to be set up in order to enhance the performance of the
CFR. It is calculated by an equation as shown in Data Display Window (Test_CFR_Signal.dds) after simulation. To
further enhance the performance of the CFR, multiple stages of the CFR block can be applied according to Reference
CFR Ref 2. Threshold (<100) is a percentage ratio relative to the input maximum magnitude, which is required to be
properly set up.
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 Note

Coefficients for the filter in the noise shaper were generated in MATLAB based on 38.4 MHz of sampling rate
and WCDMA single-carrier, so if the sampling rate or the input signal bandwidth is changed, the filter
coefficients should be changed. It can be done in MATLAB using built-in functions such as, firl, firls, firpm, and
SO on.

Reference

The following sections provide useful reference information for the Linearization DesignGuide.

Template Reference Guide

Following are the available templates in the Linearization DesignGuide.

Feedforward Linearization

FF_stepl (Signal Cancellation Loop Contours)

FF_step2 (Optimization of Coefficients in Signal Cancellation Loop)
FF_step3 (Optimization of Coefficients using Complex Correlator)
FF_step4 (Adjustment of Error Cancellation Loop Gain)

FF_step5 (Optimization of Coefficients for Error Cancellation Loop)
FF_step6 (Optimization of 2nd Loop Coefficients using 3rd-order IMD Minimization)
FF_step7 (Optimization of 2nd Loop Coefficients using ACPR Minimization)
FF_step8 (Optimization of Coefficients using ACPR Minimization)
FF_16QAM (ACPR Performance with 16 QAM Signal)

FF_16QAMop t (ACPR Optimization with 16 QAM Signal)
FF_CDMA2000Rev (ACPR Performance with CDMA2000 Signal)
FF_IS95Rev (ACPR Performance with IS95 CDMA Signal)

FF_IS95Revopt (ACPR Optimization with IS95 CDMA Signal)
FF_Pi4DQPSK (ACPR Performance with Pi/4 DQPSK Signal)
FF_Pi4DQPSKopt (ACPR Optimization with Pi/4 DQPSK Signal)

RF Predistorter

RFPred_stepl (Contour Plot of 3rd-order Coefficients)
RFPred_step2 (Optimization of Coefficients based on IMD Reduction)
RFPred_step (3rd-order Coefficient Sensitivity about Optimum)
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RFPred_step4 (5th-order Coefficient Sensitivity about Optimum)
RFPred_step5 (Signal Cancellation Loop Optimization)
RFPred_step6 (IMD Optimization using Signal Cancellation Loop)
RFPred_step7 (Error Minimization using Signal Cancellation Loop)
RFPred_16QAM (ACPR Performance with 16 QAM Signal)
RFPred_IS95Rev (ACPR Performance with IS-95 CDMA Signal)
RFPred_Pi4DQPSK (ACPR Performance with pi/4 DQPSK Signal)

FeedForward combined with RF Predistorter

FF_with_RFPred_stepl (Linear Coefficients Optimization using Complex Correlator)
FF_with_RFPred_step2 (Nonlinear Coefficients Optimization using Power Minimization)
FF_with_RFPred_step2a (Linear and Nonlinear Coefficients Optimization at Error Port)
FF_with_RFPred_step3 (Pilot Tone Optimization in Signal Cancellation loop)
FF_with_RFPred_step4 (Pilot Tone and IMD Power Minimization at Error Port)
FF_with_RFPred_step5 (Pilot Tone Optimization in Error Cancellation loop)
FF_with_RFPred_step6 (Two Pilot Tones used for Optimization of Linear Coefficients)
FF_with_RFPred_step7 (Two Pilot Tones Optimization and IMD Power Minimization)
FF_with_RFPred_step8 (Output Pilot Tone Removal using Re-injected Pilot at Error Port)
FF_with_RFPred_step9 (Coefficients Optimization using 2 Pilot Tones and Re-injected Pilot)
FF_with_RFPred_step10 (Pilot Tones and Re-injected Pilot Tone and IMD Power Optimization)

Analog Predistortion

Analog_CubicPred_stepl (Optimization of Cubic predistorter)

Analog_CubicPred_step2 (Power and Frequency Dependence of Cubic Law Predistorter)
Analog_CubicPred_step3 (Cubic Law Predistortion of Power Amplifier)
Analog_SquarePred_stepl (Square Law Predistorter Dependence on Power and Bias Voltage)
Analog_SquarePred_step2 (Optimization of Square Law Predistorter)
Analog_SquarePred_step3 (Square Law Predistortion of Power Amplifier)

LINC

LINC_stepl (Demonstration of Spectral Characteristics)
LINC_step2 (Demonstration of Performance Sensitivity)
LINC_step3 (Swept Complex Gain Adjuster Coefficients)
LINC_step4 (Optimized Complex Gain Adjuster Coefficients)
LINC_step5 (ACPR Minimization with Complex Gain Adjuster)
LINC_16QAM (ACPR Performance with 16 QAM Signal)
LINC_IS95Rev (ACPR Performance with IS95 Rev. Link Signal)
LINC_Pi4DQPSK (ACPR Performance with pi/4 DQPSK Signal)
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Cartesian Feedback

CartesianFBoff _16QAM (ACPR Performance Open Loop)
CartesianFBon_16QAM (ACPR Performance Closed Loop)
CartesianFBoff_Pi4DQPSK (ACPR Performance Open Loop)
CartesianFBon_Pi4DQPSK (ACPR Performance Closed Loop)
CartesianFBoff _IS95Rev (ACPR Performance Open Loop)
CartesianFBon_IS95Rev (ACPR Performance Closed Loop)

Digital Predistortion

DigPred_stepl (AM/AM and AM/PM Compensation Function)
DigPred_step2 (Finite Look-Up Table Size)

DigPred_step3 (Complex Correlator Optimization of Linear Coefficients)
DigPred_step4 (Optimization of Predistorter Based on Error Minimization)
DigPred_step5 (Optimization of Linear Coefficients using a Pilot Tone)
DigPred_step6 (Optimization of Linear and Nonlinear Coefficients)
DigPred_16QAM (ACPR Performance)

DigPred_Pi4DQPSK (ACPR Performance)

DigPred_IS95Rev (ACPR Performance)

DigPred_CDMA2000 (ACPR Performance)

Memory Effects

Memory_Effects_STC (Electrical Memory Effects, 2 Tone Simulation)
Memory_Effects_LTC_CDMA2000 (Thermal Memory Effects, COMA2000 Input)
Memory_Effects_LTC_IS95 (Thermal Memory Effects, IS-95 CDMA Input)
Memory_Effects_LTC_Pi4DQPSK (Thermal Memory Effects, Pi/4 DQPSK Input)

Memory_Comp_LTC_CDMA2000 (Thermal Memory Compensation, CODMA2000 Input)

Memory_Comp_LTC_IS95 (Thermal Memory Compensation, IS-95 Input)

Memory_Comp_LTC_Pi4DQPSK (Thermal Memory Compensation, Pi/4 DQPSK Input)

DigitalPredistortionMem_ESGSink (memory effects compensation ADS/ESG/VSA/Matlab)
DigitalPredistortionMem_VSASource (source setup for memory effects compensation ADS/ESG/VSA/Matlab)

ADSToMatlab (generate coefficients for filter in memory predistortion)

Crest Factor Reduction

CFR (Peak-to-average power ratio reduction for WCDMA multi-carrier)
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ADS Ptolemy

FFD_PM_2T_SL (Two-Tone Input, Single Loop, ACPR Minimization)
FFD_GD_MT_SL (Multi-Tone Input, Single Loop, Gradient Optimization)
FFD_PM_2T_SL (Multi-Tone Input, Single Loop, ACPR Minimization)
FFD_PM_95_SL (IS-95 CDMA Input, Single Loop, ACPR Minimization)
Demo_FeedForward (Two-Tone Input, Double Loop, Gradient Optimization)
FFT_PM_2T_SL (Two-Tone Input, Single Loop, ACPR Minimization)
FFT_PM_95_SL (IS-95 CDMA Input, Single Loop, ACPR Minimization)
WorkFunct_real_PA_Demo (RF Predistortion Demo)

DPLUT_idealPA (Digital Predistortion Demo)

Parameter Definitions

[RFfreq] RF frequency (MHz): The center frequency of the operational bandwidth.

[Delta] the frequency spacing of a two tone signal (MHz): One half the frequency separation for a two-tone input
signal.

[Alpha_I] Complex gain adjuster In-phase control: The in-phase control parameter of the complex gain adjuster in the
first loop.

[Alpha_Q] Complex gain adjuster Quadrature-phase control: The quadrature-phase control parameter of the complex
gain adjuster in the first loop.

[Group_Delay] Group Delay (ns): The power amplifier group delay compensation.

[V_GB] quadrature output of complex correlator: The complex correlator output from the quadrature branch.

[V_GA] in-phase output of complex correlator: The complex correlator output from the in-phase branch.

[Beta_I] Complex gain adjuster In-phase control: The in-phase control parameter of the complex gain adjuster in the
second loop.

[Beta_Q] Complex gain adjuster Quadrature-phase control: The quadrature-phase control parameter of the complex
gain adjuster in the second loop.

[LOfreq] LO frequency (MHz): The frequency translation of the ACPR minimization converter.

[Pout_dBcIMD] Carrier to 3rd-order IMD: The output carrier to 3rd-order intermodulation power at the output.
[Pout_dBcIMDL] Lower Carrier to 3rd-order IMD: The lower output carrier to 3rd-order intermodulation power at the
output.

[Pout_dBcIMDU] Upper Carrier to 3rd-order IMD: The upper output carrier to 3rd-order intermodulation power at the
output.

[P_IFoutL] IF output power of lower 3rd-order IMD: The lower sideband power of the 3rd-order intermodulation
product from the ACPR minimization converter.

[P_IFoutU] IF output power of upper 3rd-order IMD: The upper sideband power of the 3rd-order intermodulation
product from the ACPR minimization converter.

[tstep] step time: The envelope simulation time step.

[tstop] stop time: The envelope simulation stop time.

[numSymbols] number of symbols: The number of symbols in the envelope simulation.

[sam_per_bit] samples per bit: The number of samples that represent each bit.

[bit_rate] bit rate: The bit rate for the envelope simulation.

[PAE] power added efficiency: The power-added efficiency of the power amplifier.

[Pavs_Watts] average input power (watts): The average input power to the linearizer in watts.

[Pdc] DC input power: The average DC power consumption of the power amplifier.
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[ChannelPower_dBm] output channel power (dBm): The output power from the linearizer in dBm.

[TransACPR] adjacent channel power ratio at linearizer output: The power ratio between the main channel and the
adjacent channels.

[TransACPR_PA] adjacent channel power ratio at power amplifier output: The power ratio between the main channel
and the adjacent channels.

[mainlimits] frequency limits of the main channel: The frequency limits of the main channel.

[UpChlimits] frequency limits of the upper channel: The frequency limits of the upper channel.

[LoChlimits] frequency limits of the lower channel: The frequency limits of the lower channel.

[numpts] number of points: The number of symbols used in the envelope simulation.

[sam_per_sym] samples per symbol: The number of samples per symbol used in the envelope simulation.

[Z_s] input power source impedance: The impedance of the input power source.

[filt_delay_syms] number of symbol delays in shaping filter: The number of symbols of delay in the input shaping
filter.

[sym_rate] symbol rate: The symbol rate in the envelope simulation.

[Alpha_3rd] 3rd-order work function real coefficient: The 3rd-order real coefficient for the polynomial work function.
[Alpha_5th] 5th-order work function real coefficient: The 5th-order real coefficient for the polynomial work function.
[Alpha_7th] 7th-order work function real coefficient: The 7th-order real coefficient for the polynomial work function.
[Beta_3rd] 3rd-order work function imaginary coefficient: The 3rd-order imaginary coefficient for the polynomial work
function.

[Beta_5th] 5th-order work function imaginary coefficient: The 5th-order imaginary coefficient for the polynomial work
function.

[Beta_7th] 7th-order work function imaginary coefficient: The 7th-order imaginary coefficient for the polynomial work
function.

[P_IMD] intermodulation power: The amount of intermodulation power.

[P_IMD3rd_L] 3rd-order intermodulation power of lower sideband: The level of the 3rd-order intermodulation power of
the lower sideband.

[P_IMD3rd_U] 3rd-order intermodulation power of upper sideband: The level of the 3rd-order intermodulation power
of the upper sideband.

[P_IMDS5th_L] 5th-order intermodulation power of lower sideband: The level of the 5th-order intermodulation power of
the lower sideband.

[P_IMD5th_U] 5th-order intermodulation power of upper sideband: The level of the 5th-order intermodulation power
of the upper sideband.

[P_IMD7th_L] 7th-order intermodulation power of lower sideband: The level of the 7th-order intermodulation power of
the lower sideband.

[P_IMD7th_U] 7th-order intermodulation power of upper sideband: The level of the 7th-order intermodulation power
of the upper sideband.

[Group_Delay_PA] power amplifier group delay: The group delay of the power amplifier.

[spacing] two tone frequency spacing: The frequency separation value between the two tones at the input to the
linearizer.

[rmax] maximum voltage at the input: The maximum voltage excursion at the input of the linearizer.

[Delta_Gain] differential gain: The gain imbalance between amplifiers.

[Delta_Phase] differential phase: The phase imbalance between amplifiers.

[Pavs_in] average source input power: The source average input power.

[our_ctm] carrier to 3rd-order IMD: The carrier to 3rd-order intermodulation level.

[V_IFoutL] IF output voltage of lower 3rd-order IMD: The lower sideband voltage of the 3rd-order intermodulation
product from the ACPR minimization converter.

[V_IFoutU] IF output voltage of upper 3rd-order IMD: The upper sideband voltage of the 3rd-order intermodulation
product from the ACPR minimization converter.

[RFpwr] __ RF input power: The RF input power.

[Filter_delay_syms] pulse shaping filter symbol delay: The number of symbol delays in the pulse shaping filter.
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[Vdd] drain voltage: The power amplifier drain supply voltage.

[vbaseband] baseband input voltage: The baseband modulation voltage.

[fbaseband] baseband modulation frequency: Te baseband modulation frequency.

[extrapts] extra points in simulation: The number of additional symbols in the envelope simulation.
[Start_Freq] start frequency for sweep: The start frequency for the simulation.

[Stop_Freq] stop frequency for sweep: The stop frequency for the simulation.

[Step_Freq] step frequency for sweep: The step frequency for the simulation.

[our_pgain] power gain of amplifier: The power amplifier power gain profile.

[our_dlp] linear phase deviation: The deviation from a linear phase.

[Pavs_dBm] source input power: The average source input power.

[our_pae] power added efficiency: The power-added efficiency of the power amplifier.

[our_dcrf] DC to RF power efficiency: The DC-to-RF power efficiency of the power amplifier.

[Gain] power gain: The gain of the power amplifier.

[Time_Step] time step: The step time of the envelope simulation.

[Freq_Center] center frequency: The center frequency of the input signal.

[S_per_Symbol] samples per symbol: The number of samples per symbol in the simulation.

[Averager] averager in the adaptation algorithm: The number of observations taken before a decision is made.
[Alpha_Rate] adaptation rate: The adaptation rate of the algorithm in the 1st loop.

[Beta_Rate] adaptation rate: The adaptation rate of the algorithm in the 2nd loop.

[DataRate] baseband data rate: The baseband modulation rate.

[ChipRate] chip data rate: The chip rate of the spread spectrum PN sequence.

[SamplerperChip] samples per chip: The number of samples per chip.

[FIRtaps] Finite Impulse Response taps: The number of taps in the FIR filter.

[Freq_IMD] 3rd-order IMD frequency: The 3rd-order intermodulation frequency.

[Fund_Lower] fundamental frequency of lower sideband: The fundamental frequency of the lower sideband.
[Fund_Upper] fundamental frequency of upper sideband: The fundamental frequency of the upper sideband.
[Number_Taps] hilbert transform taps: The number of taps in the hilbert transform.

[training] training period: The number of observations required for training.

Encoded Subcircuits

The following section provides useful reference information for the encoded subcircuits in the Linearization
DesignGuide.

Complex_Gain_Adjuster_linlib

Used in the Ptolemy simulations, which operate in Floating Point Domain. This component is an ideal vector modulator
implementation. The input signal is split into two branches, each branch being individually controlled by inputs I and
Q. The output is the sum of the two branches. The two branches of the vector modulator are in phase quadrature and
the mixer elements are implemented using ideal multipliers. The vector modulator can achieve phase shifts anywhere
in the range [0,360] as well as amplitudes [0, infinity].
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Complex_Gain_Adjuster_RealTime_linlib

Used in the Ptolemy simulations, which operate in Timed Domain. This component is an ideal vector modulator
implementation. The input signal is split into two branches, each branch being individually controlled by inputs I and
Q. The output is the sum of the two branches. The two branches of the vector modulator are in phase quadrature and
the mixer elements are implemented using ideal multipliers. The vector modulator can achieve phase shifts anywhere
in the range [0,360] as well as amplitudes [0, infinity].

ComplexGainAdjuster_linlib

Used in the Analog/RF simulations. This component is an ideal vector modulator implementation. The input signal is
split into two branches, each branch being individually controlled by inputs I and Q. The output is the sum of the two
branches. The two branches of the vector modulator are in phase quadrature and the mixer elements are
implemented using ideal multipliers. The vector modulator can achieve phase shifts anywhere in the range [0,360] as
well as amplitudes [0, infinity].

HB1ToneFswpSub_linlib
Used in the Analog/RF simulations. This element is a nonfunctional component.

HB1TonePswpSub_ linlib
Used in the Analog/RF simulations. This element is a nonfunctional component.

Source_IS95_Revlink_linlib

Used in the Analog/RF simulations. This element is a IS-95 source generated from the Library. The dataset used
contains baseband I and Q versus time data, which uses a FIR filter that is longer than the IS-95 specification. The bit
rate is 1.2288 MHz, sampled at 4 bits per symbol.

Source_Pi4DQPSK_linlib
Used in the Analog/RF simulations. This element is a Pi/4 DQPSK source that uses a root raised cosine filter to
generate the I and Q signals. The data rate is 24.3 KHz, sampled at 10 samples per symbol.
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Source_QAM_16_linlib
Used in the Analog/RF simulations. This element is a 16 QAM source that h uses root raised cosine filter to generate
the I and Q signals. The data rate is 24.3 KHz, sampled at 10 samples per symbol.
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