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ABSTRACT

The efficient operation of a linear high power amplifier (HPA) often results in 

enhancing its inherent nonlinear behavior. This nonlinear behavior causes co-channel and 

adjacent channel interference due to intermodulation distortion and spectral regrowth of 

the sidebands. These deleterious effects, especially the sideband regrowth, are of great 

concern in present second generation cellular telephone systems such as IS-95 and will 

have an even greater impact in the new wideband third generation cellular telephone 

systems such as IS-2000.

Compensation (linearization) allows an HPA to operate efficiently while mitigating 

the effects o f its nonlinear behavior. A digital baseband predistorter based on the “fixed 

point” approach (FPPD) is developed to compensate the wideband HPA in a CDMA 

cellular telephone system. The FPPD incorporates a memoryless nonlinear HPA model 

derived from samples of the HPA’s input and output signals to overcome shortcomings in 

previous FPPDs. The FPPD’s performance is evaluated using an IS-2000 forward link 

simulator. The link performance for a perfectly linear HPA, nonlinear HPA, and 

compensated HPA are compared. The FPPD’s effect on reducing sideband regrowth, as 

compared to just backing off the HPA’s input signal, is also examined.

xvu



CHAPTER 1 INTRODUCTION

A linear high power amplifier (HPA) is a critical component in many modem mobile 

wireless systems because it has such a major impact on a system’s overall performance. 

An HPA’s nonlinear behavior is one o f the most significant factors in determining this 

performance. This chapter begins by discussing the motivation to model and compensate 

for an HPA’s nonlinear behavior. The characteristics, desired and undesired, o f an HPA 

operating in a mobile wireless system are then examined. The chapter concludes with a 

list o f  the research objectives that are the subject o f this dissertation.

1.1 RESEARCH MOTIVATION

The impetus for the research underlying this dissertation is the need to accurately 

model, and eventually compensate for, the nonlinear behavior of an HPA located in a 

cellular telephone base station utilizing CDMA (code division multiple access). CDMA 

relies on specialized codes to provide multiple users simultaneous access to a 

communications channel. An introductory tutorial focusing on the implementation o f 

CDMA for the North American cellular telephone market is given in [1]. The present 

standard for North American based CDMA cellular telephone systems is IS-95 (a second- 

generation wireless technology). IS-95 is a digital standard m which the spectrum o f  a 

user's narrowband signal is spread (widened) by multiplying it by a wideband signal 

(spreading code). In this context, narrowband and wideband indicate the relative 

bandwidth o f each signal vis-à-vis the other. The spreading code used in the forward link.



i.e., the base station to mobile subscriber link, consists o f 64 “chips” having a  chip rate 64 

times greater than the original symbol rate [2]. There are several national and 

international standards being proposed for the next generation o f wireless technologies. 

The International Telecommunication Union's (ITU’s) new third generation global 

standard for mobile telecommunications is EMT-2000. IS-2000 is a third-generation 

wireless technology proposal submitted to the ITU that is backward compatible with IS- 

95. W-CDMA (wideband CDMA) is another third generation standard being offered to 

the ITU.

The development o f a wideband compensated HPA for an IS-95 system is important 

for a number of reasons — regulatory, financial, and technical. This development is even 

more crucial for the proposed third generation systems. For example, the forward link in 

an IS-95 system is approximately 1.23 MHz wide [1], whereas many of the proposed 

third generation systems employ channels having greater than 4 MHz bandwidth.

1.2 HPA OPERATING CHARACTERISTICS

The last decade has seen an explosive growth in the demand for mobile wireless 

services such as cellular telephone. Once a novelty, a cellular telephone handset is now a 

common sight in the hands o f many ordinary people. This tremendous growth in the 

number o f users is coupled with the delivery o f  new services requiring higher data rates. 

These new services can provide high-speed data traffic such as multimedia content in 

addition to standard voice traffic. Accommodating all these users and providing higher



data rates results in the need to make the most efficient use o f currently available 

frequency allocations.

Constant envelope modulation methods, such as frequency modulation (FM) and 

phase modulation (PM), have been used for many years in mobile wireless systems and 

have the advantage of allowing the use of a nonlinear RF power amplifier. These constant 

envelope modulation methods are, however, spectrally inefficient. Modulation methods 

having a varying envelope such as the filtered 7i/4-shifted DQPSK (differential 

quadrature phase-shift keying) used by the North American digital cellular telephone 

system and M-QAM (M-ary quadrature amplitude modulation), and multiple access 

methods such as CDMA when modulated using filtered QPSK (quadrature phase-shift 

keying), are more spectrally efficient than the constant envelope modulation methods. 

Unfortunately, a linear HPA must be used to preserve the amplified signal’s varying 

envelope. Failure to use a linear HPA causes co-channel and adjacent channel 

interference due to intermodulation distortion (IMD) and spectral regrowth of the 

sidebands [3]. This failure in a base station utilizing CDMA also leads to code domain 

interference [4]. Throughout the remainder o f this dissertation, the term HPA stands for a 

linear high power amplifier unless the context indicates otherwise, e.g., an ultra-linear 

HPA.

An HPA’s power efficiency is lower than that of a nonlinear RF power amplifier. 

Power efficiency is important in mobile and portable equipment where battery capacity is 

often limited as well as a base station where heat dissipation is a concern [5]. Driving the 

input signal harder, in effect, operating the HPA in its saturation region increases an



HPA’s power efficiency. This efficient operation of an HPA often results in enhancing its 

inherent nonlinear behavior. Although an HPA having nonlinear behavior is an apparent 

oxymoron, even the most ultra-linear HPA exhibits some nonlinear behavior. This 

nonlinear behavior manifests itself by causing IMD and sideband regrowth as previously 

described. These deleterious effects, especially the sideband regrowth, are o f great 

concern in present second-generation cellular telephone systems such as IS-95 and the 

new wideband third generation cellular telephone systems such as IS-2000.

An HPA’s input signal in a spectrally efficient system, such as IS-95 or IS-2000, is 

characterized by a high peak-to-average power ratio. An IS-95 system, for instance, has a 

peak-to-average power ratio of about 10 to 12 dB [6]. This results in poor power 

efficiency if the HPA operates in the linear region o f its gain characteristic even during 

periods o f peak input signal amplitude. For example, an HPA operating totally in the 

linear region of its gain characteristic would need a peak power rating o f over 160 watts 

to produce 20 watts of average output power for an input signal with a peak-to-average 

power ratio of 9 dB [6]. Driving the input signal harder to increase the power efficiency, 

thereby clipping the input signal’s peak amplitudes by operating in the saturation region 

o f the HPA’s gain characteristic, results in the nonlinear behavior described above. 

Consequently, the input signal is usually backed off to allow the HPA to operate at a 

point significantly backed off from its 1 dB compression point, thus reducing the HPA’s 

nonlinear behavior [6]. This reduction in nonlinear behavior is achieved at the expense of 

lower power efficiency — a vicious circle.



One possible solution to this quandary is to use an ultra-linear HPA. An ultra-linear 

HPA is not as inherently nonlinear as a normal HPA. An ultra-linear HPA is, however, 

more difficult to design than a similarly rated HPA and therefore much more expensive. 

The tremendous growth in the number o f cellular telephone users results in the need to 

keep the price o f each HPA as low as possible because additional base stations must be 

added to a cellular telephone system by creating new cells and/or splitting larger cells 

into smaller cells to accommodate the additional users. Thus, a better solution may be to 

use a less expensive HPA instead of an ultra-linear HPA and then compensate for the 

HPA’s nonlinear behavior. Compensation (linearization) allows the HPA to operate 

efficiently while mitigating the effects o f its nonlinear behavior. An essential component 

o f many compensation schemes is the ability to accurately model an HPA’s nonlinear 

behavior.

An HPA's nonlinear behavior is often characterized by its gain compression 

(AM/AM conversion) and phase distortion (AM/PM conversion) [7]. This 

characterization is premised on the HPA's nonlinear behavior being only a function o f the 

HPA's input signal's complex envelope magnitude. These characteristics are often derived 

with a network analyzer using a continuous wave (CW) power sweep [3]. The HPA's 

measured AM/AM conversion and AM/PM conversion then become the basis for a 

nonlinear model that predicts the HPA's output signal given its input signal [3], [7]-[8]. 

An example of a solid-state HPA’s AM/AM conversion and AM/PM conversion 

measured at 1950 MHz using a network analyzer is shown in Figs. 1 and 2, respectively.



Once an HPA's nonlinear behavior is modeled, that information can be used by a 

compensation scheme to mitigate the HPA’s nonlinear behavior.
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Compensation schemes can be broadly grouped into two categories. The first 

category includes those schemes wherein the HPA's input signal retains its varying 

envelope. In one such technique known as feedforward linearization, the IMD generated 

by the HPA's nonlinear behavior is isolated and then subtracted from the HPA's distorted 

output signal to yield a nondistorted output signal. In another technique known as 

predistortion, the HPA's input signal is distorted in such a manner that the resulting 

amplified output signal is essentially IMD free. The second category includes those 

techniques that provide the HPA with an input signal having a constant envelope so that 

the HPA’s n onlinear behavior is no longer a factor. In one such technique two constant 

envelope signals having varying phase are formed from the original varying envelope 

input signal, each constant envelope signal is then amplified by a separate HPA, and the 

two amplified signals are finally combined to form a nondistorted, amplified replica of 

the original input signal (LING) [9]. Any particular compensation technique such as 

predistortion can have many different variations.

1.3 RESEARCH OBJECTIVES

The ultimate objective of this research is to design a compensator for the wideband 

HP As used in CDMA cellular telephone systems such as IS-95 and IS-2000. To realize 

this ultimate objective three other objectives must be achieved. The first objective is to 

derive a simple yet accurate model o f an HPA’s nonlinear behavior. Ideally, this model 

will use the HPA’s actual modulated input and output signals instead of network analyzer 

data to determine the model’s parameters. The next objective is to design a compensator



that incorporates this nonlinear model. The final objective is to evaluate the 

compensator’s performance by incorporating it into an IS-2000 forward link simulator. 

The compensator’s performance is to be evaluated by comparing the forward link 

performance obtained using an uncompensated HPA to the forward link performance 

obtained using the compensator to linearize the HPA.



CHAPTER 2 NONLINEAR HPA MODELS

Unlike a linear time-invariant (LTI) system having an input/output relationship 

completely described by its transfer function (or unit impulse response), a nonlinear time- 

invariant (NLTI) system does not have such a simple representation. Consequently, an 

NLTI system’s input/output relationship, e.g., an HPA’s nonlinear behavior, is often 

described using a nonlinear model to predict the system’s output signal given its input 

signal. Nonlinear models can be broadly grouped into two categories: memory models 

and memoryless models. In a memory model the present value of the output signal may 

depend not only on the present value of input signal but also on past values of the input 

signal. The present value o f  the output signal in a memoryless model, however, depends 

only on the present value o f  the input signal. This chapter begins by examining a memory 

model based on Volterra series. Various memoryless models are then examined and the 

chapter concludes with a discussion of the tapped-delay-line (TDL) model — a modified 

memoryless model that incorporates memory effects.

2.1 VOLTERRA SERIES

An LTI system’s input/output relationship is given by the convolution integral

y{t) = x(f) * h{t) = h{x)x{t - r ) d r ,  ( I )

where x(r) is the continuous-time input signal, y{t) is the continuous-time output signal, 

and h{t) is the unit impulse response of the LTI system. An LTI system’s output signal



can be determined for any given input signal once its impulse response is known [10]. A 

memoryless NLTI system’s input/output relationship can be expressed by a Taylor series 

expansion, assuming the series converges, as

(2)
/T=0

where are the Taylor series’ coefficients [10]. The Volterra series is an extension of 

(2) that describes the input/output relationship of an NLTI system as

y(^)= A) + f  r \ ( L , - L - ^ 2 +
J —oo J —oo $/~<o (3)

n r  r  fh{ri,X2,T:i)x{t-T:i)x{t-T^)x{t-r^)dT,dT^dz:, + — ,#—00 00

where are the system’s Volterra kernels [10]. The Volterra kernel if it

exists, is the system’s output signal in the absence o f an input signal. The Volterra 

kernels are a generalization o f an LTI system’s unit impulse response since they allow 

determination o f the NLTI system’s output signal for certain input signals [11]. There is 

no loss o f generality if  the Volterra kernels are assumed to be symmetric functions of 

their arguments [11]. A  Volterra kernel is symmetric if it remains unchanged regardless 

o f which one o f the nl permutations o f its argument (ri,T ,,...,r„) is used, e.g.,

/^(t„T2)=/^(t2,Ti) [10].

Using a Volterra series to model an NLTI system with memory is constrained by 

convergence of the series, as is the use of a Taylor series to model a memoryless NLTI 

system. This occurs since the Volterra series is essentially a Taylor series that 

incorporates memory. As a result, a nonlinear HPA model based on a Volterra series

10



representation may not exist for all input signals since the Volterra series may not 

converge for one or more input signals. Another limitation o f Volterra series is the 

difficulty in measuring the Volterra kernels of a general NLTI system [10]. The Volterra 

series model thus has limited suitability for. use in simulations involving many operations 

due to these and other limitations [12].

A Volterra series is an infinite series of multidimensional integrations. To be o f 

practical use, however, a Volterra series must be expressible in terms o f a finite series o f 

summations with each summation having a finite number o f terms, i.e., a truncated 

Volterra series. In [13], Hermann derives a truncated Volterra series representation of a 

magnetic saturation recording channel by exploiting the physical characteristics of the 

channel and its input signal. Hermann’s model will serve as the basis for a truncated 

Volterra series model o f a nonlinear HPA — a bandpass system — even though a magnetic 

saturation recording channel is a baseband NLTI system.

The following description of Hermann’s model uses a slightly modified version of 

the notation found in [13]. Hermann exploits the fact that a magnetic saturation recording 

channel’s output signal is a function o f only a limited number L o f consecutive input 

data symbols. The input data symbols are a bipolar sequence =±1 since the write 

current polarity changes only at time kT, A: = 0, ± 1, ± 2, - • •. The channel’s output signal 

y{f), also known as the readback signal, is sampled to yield what Hermann calls the 

signal chips y{i,t)= y{t = iT  + r), r s [ 0 , r ) .  Since a signal chip is a function of only 

I  + v + 1 input data symbols ( x , t h e  signal chip can be represented by the 

truncated Volterra series

11



—v+/r—I —v+ft—2 —V

*1=“ i'l=« *2=*l-l t, -I (4)

— + ^i-u^i-u.y • • •^,>vÆ-i._-v(t) ,

where r  = [0,T) are the system’s Volterra kernel chips.

Hermann notes that the signal chip y \i , t \  is defined for i = 1,0,1,--- and is non­

zero only on the interval r  = [0,r). The channel’s output signal y{t) can thus be written 

as a summation o f signal chips given by

(5)
|= - O C

where each signal chip is shifted by Ï T . There is no kernel chip in a magnetic

saturation recording channel so (5) can be written as

  ,  ^   M + V - 7 I + 2  U + V

 ̂ * </|=l

where

Ar=—V

and

4 : L j t ) =  « = 2 ......£ . (8)
k —- v

The system, therefore, has a total o f 2^  ̂ Volterra kernels that are derived fi'om

the kernel chips Hermann does not show how he derives his equations firom the

fundamental Volterra series equation shown in (3). The following paragraphs provide a

1 2



detailed derivation o f Hermann’s equations using (3) and the physical characteristics of a 

magnetic saturation recording channel and its input signal.

The input data symbols are a bipolar sequence that changes polarity only at discrete 

times so the system’s input signal can be written as

x { t ) = '^ x ^ p { t - k T ) ,  (9)
k

where p{t) = u{t)—u{t — T) and u{t) is the unit step function. The input signal (9) allows 

the Volterra series (3) to be written as

X<) = A. + Ç  ̂  A, +

S S  fX o r

If  y(r) is sampled at t = iT + r ,  where r  = [0 ,r ) , (10) becomes 

y [/,r]=  A,+ 2 % ,  +

Recall that the system’s memory length is L =u + v + l  input data symbols. In other 

words, only the previous u input data symbols, the present input data symbol, and the 

future V input data symbols contribute to the output signal. Hence, (11) can be written as

13



t ,~ u

(12)J(fcj-1)7-+T

•••+ Z I  -  Z C-»" ■t,=uitj=u A-̂ =u V I . /

The bipolar nature of the input data symbols is the key to reducing the complexity of 

(12). For any positive integer m and input data symbol =±1, a product o f input data

symbols having the same index is simplified by noting that (x^.)^ = 1 and .

This properly allows a sequence of input data symbols containing symbols having the 

same index to be simplified as shown in Table 1.

Original Sequence Simplified Sequence

^ i -2 - ^ 1 + 2 ^ i - 2 ^ i + 2

^ i - 2 ^ i ^ i ^ i + 2 ^ i - 2 ^ i + 2

^ i - 2 ^ i - 2 ^ i - 2 ^ i + 2 ^ i - 2 ^ i + 2

^ i - 2 ^ i ^ i ^ i + 2 ^ i + 2 ^ i + 2 ^ i - 2 ^ i + 2

Table 1. Example o f input data symbol sequences that simplify to the same sequence.

The signal chip (12) is simplified by combining all terms having the same simplified 

input data symbol sequences into one term [14]. For example, all the input data symbol 

sequences in (13) simplify to x._2 X,.̂ 2 . Note that the limits of integration are not shown 

for simplicity,

(13a)

J j’-̂ ,>2̂ ,--2̂  (^I. ̂ 2 )dTidT2 (13b)
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\\\\x;_,jc,_^x,_,x,^^hXr,,T:,,z^,r^)clT,dT^dx^dz^ (13d)

\\\\\\x;_^x,x,x.^^x,^^x,^^\{^^,z^,T^,T^,r^,z^)d^^dr^dT^dx^dT^dT^. (13e)

The terms in (13) plus all the other terms in (12) that have input data symbol sequences 

that simplify to Jr,_2 Jc, - + 2  ate combined to yield

j  jfh(Ti,T:,)dT^dT2+ j  lh^XT^l,T2)dTidT2+ —

• • • +  /  j  J  jh^{T^i,'^2’ ^3’ rJdT^dT^dv^dT^ +  • ••

• - • +  I  j  J |^ 4 (^ 1 >  ̂ 2 . :^3,1’4 )dXydr^dv^dz^ +  - ••

• • • +  J J J J \\h^{r„T2,r2^z^,r^,r^)dT,dZ:^dr^dr^dT^dX(,+-

(14)

The sum of integrals in (14) contains Volterra kernels o f all orders between 2 and L . 

These integrals are combined to form a single Volterra kernel chip that describes the 

contribution of the two input data symbols x , . _ 2  and independent o f the other L — 2

input data symbols, to the output signal. Using the Volterra kernel chip notation results in 

(14) being written as

î-2 î+2f2,-2 (^) • ( ̂

Therefore, the terms with unique indices in (12) are the only ones that need to be 

generated since all other terms are simplified and combined as (13) was simplified and 

combined to form (15). Using only the terms with unique indices results in the signal chip 

(4) when (12) is written as

15



—v+rt—I -v+n—2 —V

ki=u A-,=u *»=*«-i-l ( , i® y

• • ■ + ^.-uXl-u.l • ■ - Jf,wÆL,..,-v(^) 

by defining = /^°^(r).

The following derivations show that the channel’s output signal y{t) can be derived 

firom the Volterra kernels c "̂̂ (r) that are derived fi'om the Volterra kernel chips f!f!^{p). 

Recall that y{t) can be written as a summation o f shifted signal chips as shown in (5) and 

that there is no kernel chip in a magnetic saturation recording channel. This

allows (4) and (5) to be combined as

y{t)=  X

-v+fz—I —V+/Z—2 —y

k̂ =u k̂ =u k2=k,-l k„=k„̂ i~l

' "^i^vfutu-\ )
• (17)

Making the substitution i = i + into the first summation in (17) yields

-K C  —V  +C 0 —V

Z  Z ^ « . / ” (' - ' '7 - ) = Z  Z ^ ,A ( " ( '- ( '+ t , ) r ) .  ( 1 8 )
f=-CCt;=W f = -GCt[ =«

This can be simplified by defining

‘̂ ‘" ( ') = Z / “ ( '- ^ ^ ) .  (19)
Ati=u

which results in

c‘'> (/-:T )=  Z ; 4 ' ’( ' - ( '  + ^ )^ )-  (20)
t, =B

The first summation in (17) can, therefore, be written as
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The next step is to confirm that the second summation in (17) is equivalent to the 

second summation in (6), i.e..

+CO —w+n—1 — 2 —v

,-=-<a t ,= a  (22)
4-00 U4-V—n 4-2 u+v—n+3 u4-v

Z Z Z •"
i= -cc d ,= l </2=</,+l

All sequences o f n input data symbols having unique indices that occur within a memory 

length of L are generated by the two summations in (22). Therefore, proving that there is 

a one-to-one mapping between the terms in each summation shows equivalence of these 

two summations. The proof consists o f letting f = /„ in the second summation and

showing that the two terms generated using the lower and upper summation limits in the 

second summation occur — only once -  in the first summation. The two terms generated 

using the extreme values o f the summation limits are the only ones used in the interest o f 

brevity.

The first term examined in the second summation corresponds to i = ig and 

d  ̂=1, d 2  = 2,..., =n — l.  This term can be written, using (8), as

■̂'0 \  -i '̂o -2 ' ' ' •̂<0 -n+i (^ " 4 ^ )—
-V  ̂  ̂ (23)

■•^lo -n + l  Z + n - I  +2.A-, +l,/fc. ~  K  ) ^ )  '
k ,  = u -r l+ l

17



Since the term (23) also includes a summation, only the two terms generated using the 

lower and upper summation limits, k ^ —u — n + \ and = - v , respectively, are 

examined. Hence, (23) is written as

■*’(0 - 2  '  ■ - I 7 + I

ÆL-»+3.«-«+2.u-„+[(  ̂-(/(, + w - n + l ) r )  + • 

• • • + -  Oo -  v)?’)
(24)

Setting z = /(, + M — n +1 in the first summation in (22) results in

—w+/%—1 —v+rt—2 —v+1 —V

X  S ' "  S  S - ^ ' o ( f  -  Oo + ^ + 0 ^ )  - (25)
* l= “ *2 =*1-1 * ,- l= * V 2 - l* » = * » - l- l

Note that ^  =zz,..., A„ _ 2  = zz — n + 3, =zz —« + 2, =rz — n + l are valid indices in

(25) since the lower summation limits can be written as k ^ = u  — {m) + 1 for m = 1,2,... ,« .

Thus,

•̂I'o -n+I ■ ■ -2-̂ ,, -L-*',,, fu.l^u-n+Xu-n̂ -2,u-rn-Sf ~ Oo + W — « + 1)T) (26)

is a valid term in (25) and is equal to the first term in (24).

Setting i = z'q — v in the first summation in (22) results in

—v+n—I —v+£î—2 — V4-I —w

S  S  -  S  (27)
t |= u  *2= *I-1 *»-! =*»-2 -1 *11 =*»-l-■

Using the upper summation limits = -v  + « - 1 , . . . ,  k^ _ 2  = -v  + 2, k̂ _̂  = -v  +1, = -v

in (27) yields the term

■̂ lo - n + l  ■ "  - 2-^io / ^ v i / i - l , . . . , - v + 2 .-v + I ,- v  ( f  ~  ( jo  ~  ^ ) 2 ' )  • (28)
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This term is equal to the second term in (24) proving that the term corresponding to i = 

and =1, = 2,..., =n — \ in the second summation in (22) is also a term that

occurs only once in the first summation in (22).

The second term e xam ined in the second summation corresponds to i = i’o and

d^= u-¥v—n+ 2,d^= u-\-v—n + 3,..., d„_̂  = «  + v . This term can be written, using (8), as

■ ^ '0  "^'o - u - v - h n - 2 '^ i i ,  - u - v + n - 3  - u - v  ^ u + v -n - i-2 ,u + v -n + 3 .— ,u+ v  ^ 0 ^ )

- V  ^  ^  (29)
—u —v-t-n—2 '^ i(j—u —v + n —3 ^ i g —u —v +U+V.....X:, n-t-3,^„ O o  *

k „ ^ u - u —v

Since the term (29) includes a summation having the same lower and upper summation 

limits, it is written as

^ i g ^ i g - u - v + n —2 ^ ig - u - v + n —3 ^ i g - u - v  f u ^ .^ u - n + 3 , u - n + 2 , - v ^  Oo (^^)

Setting / = Zg — V in the first summation in (22) results in

—V+/Î—1 —v+ff—2 —v + l —V

S  S  -  Z  01)
*1=U * 2 = * ,- I  Z-Vl = * „ -2 - I  *11 = * ,-1 - I

Using the summation limits k^=Ug...,k^_^=u-n + 3,k^_y=u — n-{-2,k„=-v in (31) 

yields the term

^ i g —v —u "^ig —v~u-t-n-~3'^ig —v—u + n —2 '^ ig ’̂ U r .., ,u —iT'h3,u—fT+2t—v ( ^  Oo (^2)

This term is equal to the term (30) proving that the term corresponding to i = i'o and

dy=u + v — n + 2 , d 2 =u + v — n + 3,..., =m + v in the second summation in (22) is also

a term that occurs only once in the first summation in (22). Therefore, there is a one-to-
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one mapping between the terms in the two summations in (22). The second summation in 

(17) can then be written as

-K C  U 4-V —M 4 -2  U + V —

,(«)
|=-00 (/,= ! rfj= £ /,+ l d ^ i = d ^ i + l

u-d^

Z  Z  Z  -  Z % 4  (33)

where

n = 2,...,L .  (34)
t=—V

Finally, substituting i = i — v into the last summation in (17) gives

■KC -H30

Z  -  «̂ )  = Z  -  O' -  v )r) . (35)

Substituting n = L into (34) to yield

c tL .X ‘ -  'T )=  “ -  ( i* k )T )=  -  {i -  V ) T ) ,  (36)
Jtss—V

allows the last summation in (17) to be written as

Z  ̂ '-̂ '--1 • "^/-u-.ctL+vO - i T ) .  (37)
/ 5 = - 0 0

The magnetic saturation recording channel’s output signal y{f) as expressed by (6) can 

thus be written as the combination of (21), (33), and (37).

Hermann’s model determines a magnetic saturation recording channel’s output 

signal for an arbitrary sequence of input data symbols once the Volterra kernels — which 

are derived from the Volterra kernel chips — are known. Recall that the truncated Volterra

series representation of a signal chip given in (4) is a function o f L input data symbols

( x , T h e  2  ̂ signal chips generated by the set o f distinct binary Z-tuples
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( x , p r o v i d e  a set o f 2^ linear equations that relate 2^ signal chips to 2  ̂

unknown kernel chips [13]. The kernel chips can be found using a direct approach by 

writing the set o f linear equations in matrix form as Y = XF and then solving for 

F = X~‘Y if X“‘ exists. For example, the inverse o f a 512 by 512 matrix must be 

computed to find the 512 unknown kernel chips when L — 9.  Inverting a matrix this size 

is feasible using programs such as MATLAB®, but the inversion’s accuracy depends of 

the condition number o f  the matrix. A method that exploits the characteristics of X , 

thereby avoiding the need to find X”‘ , is preferable.

Hermann describes just such a method in [13] that uses a special binary, periodic 

pseudo-random sequence (PRS) of length M  — 1} — \ for the input data symbols. This 

particular PRS is known as a maximal-length shift-register sequence. A characteristic o f a 

maximal-length PRS o f length M  known as the window property states that a window of 

length L slid along the sequence allows each nonzero binary L -tuple to be seen exactly 

once as shown in Fig. 3 [15]. A copy of the PRS placed at both the beginning and the end 

of the original sequence is used when the window extends past either end of the original 

sequence. The PRS is generated from a primitive polynomial p{x) o f degree L . For 

example, p{x) = x® + +1 for L = 9. This primitive polynomial can be implemented

using the feedback shift-register shown in Fig. 4. Each block in the feedback shift- 

register is a flip-flop and the adder is a modulo-2 adder. The initial state of the shift- 

register’s flip-flops can be any value except all zeros. Each flip-flop’s value is shifted to
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the right when the flip-flops are clocked and the shift-register goes through all 

M  — 2.  ̂— 1 distinct nonzero states before repeating.

PRS

0 0 0 1 0 0 1 1 0 1 0 1 1 1 1

Window
Fig. 3. The window property from [15]: every nonzero 4-tuple is seen exactly once.

F/FF/F F/F F/F F/FF/F F/FF/F F/F

Output

Fig. 4. Feedback shift-register from [15] for p(x) = x ’ + x'* +1.

Hermann’s method exploits the fact that a magnetic saturation recording channel’s 

input data symbols are a bipolar sequence x  ̂= ±1. The input data symbols are obtained 

from the binary PRS described above by mapping 0 to +1 and +1 to —1. Recall that the 

PRS generates only the nonzero binary L -tuples, hence there is no binary L -tuple that is 

mapped to all +ls. If one period of the mapped PRS is denoted by {3q.}= (xo,Xi,...,x^^_,),

the set (%_„̂ oDA/.---.%+y)MOD.v/)> k = 0 , - - , M where MOD is the modulo operation,

encompasses all distinct binary T-tuples except the one mapped to all + ls  by virtue o f 

the window property. However, the characteristics o f a magnetic saturation recording 

channel are such that the signal chip vanishes for the binary £ -tuple mapped to all + ls.
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Therefore, all relevant signal chips are obtained using one period of (5 .̂} as the input 

data symbols [13].

Hermann defines the output signal obtained using one period of {3ĉ .} as the input

data symbols by {y*}= where the integer F  is the number o f samples

measured per signal chip. The sets } and } must be causally aligned with each

other before the kernel chips are computed. Using (4) and a Hadamard transformation, 

the kernel chips are then obtained firom

fil.u. = ̂ )  = . (38)r  iW H-1 =̂0 f=i

for n = 1, - - -, £  ; ^ = 0, • • -, F  — 1 ; and Af = 2^ — 1. Note that (38) allows individual kernel 

chips to be computed without finding the inverse o f a large matrix. This is advantageous 

because the output signal given by (6) needs to be expressible using only a handful o f  the 

Volterra kernels to be o f practical use and not having to compute the kernel chips o f 

the unneeded Volterra kernels saves much time [13].

Hermann’s model characterizes a magnetic saturation recording channel — a 

baseband NLTI system. Recall that our first research objective is to derive a simple yet 

accurate model o f an HPA’s nonlinear behavior. The question then is whether Hermann’s 

model and the techniques for measuring a system’s Volterra kernel chips described above 

can be modified to characterize an HPA -  a bandpass NLTI system? The following steps 

were taken to answer this question. First, develop the software to find the kernel chips o f 

a baseband NLTI system using the direct approach and a maximal-length PRS input 

signal. Second, validate this software using a set o f synthetic Volterra kernels to generate
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an output signal from which the system’s kernel chips are derived. The Volterra kernels 

derived from these kernel chips are then compared with the synthetic Volterra kernels to 

determine how well the software performs. Finally, determine how well the software can 

model an HPA’s nonlinear behavior using actual input and output signals.

The software development in the first step requires consideration o f  a magnetic 

saturation recording channel’s characteristics vis-à-vis those of an HPA. For example, 

Hermann’s method of utilizing (38) to determine a system’s kernel chips relies on the 

orthogonality o f a Hadamard matrix resulting from the bipolar nature o f the input data 

symbols. Generating an actual HPA input signal limited to precisely ±1 volt from a 

maximal-length PRS is, however, highly unlikely. In addition, Hermann’s method cannot 

determine the kernel chip that may exist for an HPA. Therefore, the direct

approach using matrix inversion to solve a set o f 2  ̂ linear equations that relate 2^ signal 

chips to 7} unknown kernel chips was chosen.

Although the kernel chip can be determined using the direct approach, 2^

signal chips are needed to do so. Using a maximal-length PRS input signal to excite an 

HPA, however, only generates 2 ^ - 1  signal chips, i.e., only the nonzero binary L -tuples 

are generated. A proposed solution to this limitation is to assume that the signal chip 

corresponding to an input data symbol sequence of L zeros has identical magnitude and 

opposite sign to the signal chip corresponding to an input data symbol sequence of L 

ones. Note that instead o f mapping the input data symbols from 0 to +1 and +1 to —1 as 

Hermann did, the software maps them from 0 to -1 and +1 to +1. This was done to
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conform to the format o f the actual HPA input and output signals used to test the 

software.

The software validation in the second step requires creating a set of synthetic 

Volterra kernels. Next, an output signal is generated according to (6) using the synthetic 

Volterra kernels and a maximal-length PRS as an input signal. The software then 

calculates the kernel chips by processing the output signal. Finally, the Volterra kernels 

are derived from the kernel chips according to (7) and (8). The derived Volterra kernels 

should match the synthetic Volterra kernels used to generate the output signal if  the 

software performs properly.

Five synthetic Volterra kernels were created to represent an NLTI system having the 

parameters£ = 5 and F  = 5, namely: and . Table 2

lists the samples of each of the five actual (synthetic) Volterra kernels in one column and 

the Volterra kernels derived from the output signal in the adjacent column. Even thought 

the derived Volterra kernels are not an “exacf’ match, how accurate are they? To answer 

this question, an output signal was generated according to (6) using the derived Volterra 

kernels and the same maximal-length PRS as an input signal. This output signal was 

subtracted from the actual output signal to form the error signal shown in the bottom plot 

o f Fig. 5. The actual output signal is also shown in the top plot o f Fig. 5. A possible 

source o f this error could be the assumption the software makes about the signal chip 

corresponding to an input data symbol sequence of L zeros.
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c % ) 4 K ‘)
Actual Derived Actual Derived Actual Derived Actual Derived Actual Derived

0.700 0.711 0.070 0.059 0.040 0.029 0.009 -0.002 0.079 0.090
0.960 0.971 0.085 0.074 0.048 0.037 0.015 0.004 0.081 0.092
0.990 0.999 0.090 0.081 0.050 0.041 0.015 0.006 0.099 0.108
0.800 0.807 0.083 0.076 0.048 0.041 0.005 -0.002 0.099 0.106
0.470 0.475 0.058 0.053 0.040 0.035 -0.004 -0.009 0.094 0.099
0.120 0.131 0.025 0.014 0.025 0.014 -0.003 -0.014 0.075 0.086

-0.120 -0.109 0 -0.011 0.010 -0.001 0 -0.011 0.048 0.059
-0.120 -0.111 -0.015 -0.024 -0.005 -0.014 0 -0.009 0.020 0.029
0.030 0.037 -0.012 -0.019 -0.010 -0.017 0 -0.007 -0.010 -0.003
0.100 0.105 -0.004 -0.009 -0.010 -0.015 0 -0.005 -0.019 -0.014
0.070 0.081 0.006 -0.005 -0.003 -0.014 -0.012 -0.001

-0.040 -0.029 0.006 -0.005 0.007 -0.004 0.008 0.019
-0.040 -0.031 -0.001 -0.010 0.009 0 0.011 0.020
0.030 0.037 -0.001 -0.008 0.005 -0.002 0 0.007
0.020 0.025 0 -0.005 -0.001 -0.006 -0.005 0

-0.020 -0.009 0 -0.011
0.040 0.051 0 -0.011

0 0.009 0 -0.009
-0.020 -0.013 0 -0.007

0 0.005 0 -0.005
0 0.011
0 0.011
0 0.009
0 0.007
0 0.005

Table 2. Volterra kernels derived for Z-= 5 and F  = 5 using original software.
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Fig. 5. Actual output signal (top) and error signal (bottom) for Volterra kernels shown 
in Table 2.

Recall that the software assumes that the signal chip corresponding to an input data 

symbol sequence o f L zeros has identical magnitude and opposite sign to the signal chip 

corresponding to an input data symbol sequence o f L ones. Generating the signal chip 

produced by an input data symbol sequence o f  L zeros tested this assumption. The 

software was modified to calculate the kernel chips using this new signal chip in addition 

to the previous signal chips generated using the maximal-length PRS. The resulting 

Volterra kernels derived from these kernel chips are not shown as they were in Table 2 

since they are essentially identical to the actual Volterra kernels.

These results indicate that the software accurately models a baseband NLTI system 

when the signal chip corresponding to an input data symbol sequence of L zeros is 

known. The original assumption that the signal chip corresponding to an input data 

symbol sequence of L zeros has identical magnitude and opposite sign to the signal chip
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corresponding to an input data symbol sequence o f  L  ones, although not entirely correct, 

appears to have “minimal” effect on the model’s overall accuracy. This is important since 

the actual HPA output signal used to validate the software in the next step was derived 

using only a maximal-length PRS, i.e., the signal chip corresponding to an input data 

symbol sequence o f L zeros was not available.

The actual HPA output signal used in the final step was generated using an input 

signal derived from a maximal-length PRS having parameters L = 9 and F  = 8 . The 

output signal was downconverted from approximately 1.9 GHz to 10 MHz and sampled 

at 40 MHz to yield 130,816 samples, i.e., 32 cycles o f the 4088 sample maximal-length 

PRS. The output signal was converted to baseband by first averaging it to form a 4088 

sample signal, multiplying the averaged signal by a 10 MHz sinusoid, and then lowpass 

filtering the resulting signal to form the baseband signal. The lowpass filter’s cutoff 

frequency was approximately 8 MHz.

The software then calculated the kernel chips by processing the baseband output 

signal. The kernel chips were examined by hand to determine which Volterra kernels 

contributed significantly to the output signal. The seven most significant Volterra kernels 

in order of decreasing significance were: c 3̂ ^g(f),

and c ^ ( f ) . An output signal was generated using only the Volterra kernel as a first

approximation. Note that the Volterra kernel, i.e., the kernel chip, was also

used to generate this and all subsequent approximations to the output signal. A power 

spectral density (PSD) comparison between the actual output signal and its first 

approximation is shown in Fig. 6. This approximation is not very accurate below the
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lowpass filter’s cutoff frequency and is very inaccurate above it. A second approximation 

was generated by including the next most significant Volterra kernel The PSD

comparison between the actual output signal and its second approximation is shown in 

Fig. 7. This approximation is very accurate below the lowpass filter’s cutoff frequency 

and much more accurate above it than the first approximation. A final approximation was 

generated using the remaining five Volterra kernels. The PSD comparison between the 

actual output signal and its final approximation is shown in Fig. 8. This approximation is 

extremely accurate below the lowpass filter’s cutoff frequency and slightly more accurate 

above it than the second approximation. A time domain comparison between 100 samples 

o f the output signal and its three approximations is shown in Figs. 9-11. Note how 

including just one “nonlinear” Volterra kernel results in an very good approximation as 

shown by the PSD and time domain comparisons in Figs. 7 and 10.

  Actual Output Signal
  First Approximation
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Fig. 6. PSD comparison between actual output signal (light) and its first approximation 
(dark) using one significant Volterra kernel.
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Fig. 7. PSD comparison between actual output signal (light) and its second 
approximation (dark) using two significant Volterra kernels.

—  Actual Output Signal 
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Fig. 8. PSD comparison between actual output signal (light) and its final approximation 
(dark) using seven significant Volterra kernels.
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Fig. 9. Time domain comparison between actual output signal (light) and its first 
approximation (dark) using one significant Volterra kernel.
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Fig. 10. Time domain comparison between actual output signal (light) and its second 
approximation (dark) using two significant Volterra kernels.
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Fig. 11. Time domain comparison between actual output signal (light) and its final 
approximation (dark) using seven significant Volterra kernels.

The output signal was then subtracted from its three approximations to form a set o f 

error signals. The error signals’ power, referenced to 50Q, are listed in Table 3.

Output Signal Approximation Error Signal’s Power, ixW
First 1 1 . 8 8

Second 0.18
Final 0 . 0 2

Table 3. Error signals’ power for the three output signal approximations shown in Figs. 
6- 11.

The final output signal approximation used 8  out o f 256 Volterra kernels composed o f 32 

out o f 512 kernel chips. This resulted in a 27.3 dB reduction in the error signal’s power 

compared to the first output signal approximation using just the and kernel

chips. Even though a very good output signal approximation is obtained using just a
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handful o f Volterra kernels, the truncated Volterra series model was abandoned in favor 

o f a simpler model for a number o f reasons.

One reason the truncated Volterra series model was abandoned is that it requires a 

special input signal in the form o f  a maximal-length PRS to determine the model’s 

parameters. One of the research objectives, however, is to use an HPA’s actual modulated 

input signal, i.e., not a special input signal, to determine the model’s parameters. The 

maximal-length PRS also results in a  constant envelope input signal that does not fully 

exercise the HPA’s nonlinear behavior. Another reason for abandonment is the subjective 

nature o f choosing which Volterra kernels are significant. Just how many Volterra 

kernels are necessary to provide an “accurate” approximation and does this number 

change from one HPA to another? These reasons and others led to the investigation of the 

simpler, and potentially less accurate, memoryless models.

2.2 MEMORYLESS MODELS

The memoryless nonlinear models described in this and the following sections and the 

IS-2000 forward link simulations presented in a later chapter use the complex baseband 

representation of real valued narrowband bandpass signals. An IS-2000 CDMA signal 

uses a carrier frequency in the 2 GHz band and has a bandwidth at least 1.25 MHz -  it is 

by definition a narrowband bandpass signal. A real valued narrowband bandpass signal 

x(r) can be expressed as

x(f ) =  a{t) cos(27p^f + 0(0) > (3 9)
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where a(t) is known as either the magnitude, amplitude, or envelope of x{t) and <p{t) is 

its phase. This signal can also be expressed using its complex baseband representation as

À f)  = (f) cos(2 zp^f) -  Xq (t) siailTifj)

= <R{[ar,(f)+yxeWV"'^-'} (40)

where and Xg{t) are the in-phase and quadrature components o f x(r), respectively, 

and x(r) is the complex envelope of x(t). Its magnitude and phase uniquely describe the 

complex envelope x{ t) .

Blachman presented an early analysis and characterization o f bandpass nonlinearities 

in [16]-[17]. A mathematically elegant but computationally intensive nonlinear model of 

a traveling-wave tube’s (TWT’s) intermodulation effects was developed about the same 

time by Shimbo [18]. Shimbo’s model uses the TWT’s AM/AM conversion and AM/PM 

conversion to determine its intermodulation effects. About two years after Shimbo’s 

paper, Kaye et al. developed a simpler nonlinear model based on an NLTl system’s 

AM/AM conversion and AM/PM conversion [8 ]. This model is the basis for most o f the 

nonlinear HPA models used today.

Kaye’s model, shown in Fig. 12, is a quadrature arrangement consisting of two 

parallel memoryless nonlinearities. Each nonlinearity has an input signal having statistics 

identical to the original input signal and their output signals are linearly independent In 

addition, each nonlinearity exhibits only amplitude distortion. This model, as do most 

memoryless nonlinear models, requires the NLTl system to have a flat frequency 

response over the input signal’s bandwidth. The output signal is a function only of the
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input signal’s complex envelope magnitude since each nonlinearity’s amplitude distortion 

is derived from the NLTl system’s AM/AM conversion and AM/PM conversion [8 ].

90° 
Phase Shift

"Quadrature"
Nonlinearity

"in-phase"
Nonlinearity

Fig. 12. Kaye’s “in-phase-quadrature” nonlinear model from [8].

Kaye’s model is described by

= (41)

where y i t )  and x{t) are the NLTl system's output and input signals’ complex envelope, 

respectively, and the AM/AM conversion g ( ) and AM/PM conversion />(•) depend only 

on the modulus (magnitude) o f the input signal’s complex envelope [8 ]. Kaye 

implements (41) in terms o f the real and imaginary parts of the combined complex 

function [19]. The amplitude distortion exhibited by the nonlinearities is derived using an 

iterative technique to fit a Bessel series composed of Bessel functions o f the first kind of 

order one to the AM/AM conversion along with information provided by the AM/PM 

conversion [8 ].

Saleh developed another memoryless model that is widely used to simulate a 

traveling-wave tube amplifier (TWTA) [7]. Saleh's model defines the AM/AM
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conversion g(-) and AM/PM conversion p(-) in (41) as rational polynomials. The 

AM/AM conversion and AM/PM conversion are given, respectively, by

# W )  =  + /3 ,|Z (4r) (42)
and

p(|7(<)|) =  CL,\x ( t f / [ l  + ) .  (43)

where a^ ,  a ^ , and are constants determined using a minimum mean squared

error curve fitting procedure. Saleh's model uses closed-form expressions for the 

AM/AM conversion and AM/PM conversion, but unfortunately, it cannot be used to 

model solid-state HP As [12]. A review comparing and contrasting various nonlinear HPA 

models, including both memory models as well as memoryless models, is presented in 

[19].

Probably the most popular memoryless nonlinear model used today is the “envelope- 

phase” model. The series envelope-phase model, shown in Fig. 13, is preferred over the 

parallel in-phase-quadrature model as it is a direct implementation o f  (41) [19]. This 

model is computationally efficient and can predict adjacent channel power rejection 

(ACPR), noise power ratio (NPR), two-tone IMD, and CDMA waveform quality [3].

%(0 AM/PM AM/AM
Conversion Conversion

Fig. 13. “Envelope-phase” nonlinear model from [19].

The envelope-phase model requires mathematical expressions for the HPA's 

AM/AM conversion g(-) and AM/PM conversion /?(•). An example of a solid-state
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(LDMOS) HPA's AM/AM conversion and AM/PM conversion measured at 1950 MHz 

was previously shown in Figs. I and 2, respectively. Each plot in Figs. 1 and 2 consists of 

201 data points. Note that the network analyzer did not record any data points when the 

input signal had a complex envelope magnitude of zero volts. Recall that the argument of 

either g(-) or /?(•) is the input signal’s complex envelope magnitude. Thus, interpolation 

must be performed whenever the argument of either g{-) or /?( ) lies between any two 

values at which the input signal's complex envelope magnitude was measured to derive 

the AM/AM conversion or AM/PM conversion, respectively. An initial data point 

corresponding to a zero volt input signal complex envelope magnitude was added to both 

the AM/AM conversion data set and AM/PM conversion data set by extending each 

curve to the origin to increase the accuracy of the interpolation process. The points (O, O) 

and (0,4.3425) were thus added to the AM/AM conversion data set and the AM/PM 

conversion data set, respectively.

One of two curve fitting techniques is usually employed to provide the interpolation 

described above: polynomial approximation or cubic spline approximation. Polynomial 

approximation utilizes an degree polynomial to fit the measured data points in a 

least-squares sense. A naïve assumption would be to arbitrarily increase the order n of 

the polynomial to achieve a better approximation. This assumption is not necessarily true 

as the polynomial approximation may begin to oscillate more and more between the 

measured data points as n increases. This tendency is overcome using cubic spline 

approximation. A cubic spline approximation consists of cubic polynomial 

approximations, having continuous first and second derivatives, defined in each interval
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between the measured data points. When evaluated at a measured data point, the cubic 

spline approximation produces the same value as the measured data point [20]. Despite 

the benefits of using cubic spline approximation, polynomial approximation is the 

preferred method to represent an HPA's AM/AM conversion and AM/PM conversion 

[21]-[22].

A polynomial approximation can accurately fit an HPA's AM/AM conversion and 

AM/PM conversion derived from a network analyzer. The question is what polynomial 

order n should the approximation use? The polynomial order should not be too large as 

mentioned earlier but it must be large enough to accurately fit the data set. A series of 

polynomial approximations o f increasing order n was fitted to the AM/AM conversion 

and AM/PM conversion shown in Figs. 1 and 2, respectively. The actual AM/AM 

conversion and AM/PM conversion were then subtracted from the appropriate 

polynomial approximations to form a set o f error signals. The error signals’ power, 

referenced to 50Q, for the AM/AM conversion and AM/PM conversion are listed in

Tables 4 and 5, respectively. A 13* order polynomial approximation was chosen to 

represent both the AM/AM conversion and AM/PM conversion, thus to balance the 

approximations’ accuracy with the desire to use as small a polynomial order as possible 

to increase the envelope-phase model’s speed. A comparison o f the actual AM/AM 

conversion and AM/PM conversion with their 13* order polynomial approximations is 

not shown since they are essentially identical.
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Polynomial Order — AM/AM Conversion Error Signal* s Power, p,W
15 1.4
13 1 . 8

1 1 35.2
9 157.8

Table 4. Error signals’ power for various order AM/AM conversion polynomial 
approximations.

Polynomial Order — AM/PM Conversion Error Signal’s Power, nW
13 1.7
1 1 1 0 . 6

9 30.6
7 71.8

T ables. Error signals’ power for various order AM/PM conversion polynomial 
approximations.

Actual input/output signal data sets from the solid-state HPA having the AM/AM 

conversion and AM/PM conversion shown in Figs. 1 and 2, respectively, are needed to 

validate the software implementation of the envelope-phase model. The input signal used 

to generate an output signal consists o f the summation o f  250 randomly phased sinusoids 

spaced 5 kHz apart and having a center frequency o f 1950 MHz. This quasi-CDMA 

signal has a bandwidth o f  approximately 1.25 MHz. The HPA’s input and output signals 

are both downconverted to 10.24 MHz and sampled at 40.96 MHz. The two signals are 

not sampled synchronously causing an unknown phase shift between the two sampled 

signal data sets.

The raw data samples o f the HPA's input and output signals are pre-processed to 

convert them into a form suitable for use by the envelope-phase model. For illustrative 

purposes the pre-processing o f the HPA's input signal is discussed with the understanding
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that the steps are the same for pre-processing the output signal. The input signal is 

periodic with a period consisting o f 8192 samples at the aforementioned sampling rate. 

The input signal data set consists o f 65,536 samples, i.e., eight periods containing 8192 

samples each. The first step is to average the input signal to lessen the impact of 

measurement noise, thus obtaining one period containing 8192 samples. The next step is 

to remove any d.c. component present in the input signal. The input signal is then filtered 

using an inverse filter.

Inverse filtering is done to mitigate the effects o f  the analog filters and other devices 

in the downconversion path between the HPA and the analog-to-digital converter (ADC). 

Only one downconversion path is used — it is switched between the HPA’s input and 

output — resulting in the input and output signals not being sampled synchronously. The 

inverse filtering technique makes use of the manner in which a data set is gathered. 

Recall that the HPA’s input signal is sampled at 40.96 MHz and is periodic such that 

each period contains 8192 samples. This results in a 5 kHz spacing between frequency 

bins when the signal’s fast Fourier transform (EFT) is computed. The downconversion 

path’s frequency response had previously been measured using a network analyzer at 5 

kHz increments from 1.24 to 19.24 MHz. Inverse filtering can thus be performed using 

the following technique.

The first step is to compute the FFT o f the signal to be “equalized”. The second step 

is to pad the downconversion path’s frequency response from d.c. to 1.235 MHz and 

from 19.245 to 20.475 MHz, i.e., fill in the frequency response’s missing values. The 

values used to pad the frequency response will be discussed shortly. The third step is to
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“fold” the frequency response about the foldover frequency and form the complex 

conjugate o f  the folded portion. An item o f  consideration is what value to assign to the 

foldover frequency. The fourth step is to take the inverse of the extended frequency 

response at each frequency. This requires the frequency response to be nonzero at all 

frequencies. The next step is to multiply the input signal’s FFT by the inverse of the 

extended frequency response term by term. Finally, the real part o f the inverse FFT of 

this product yields the equalized input signal.

The downconversion path’s measured frequency response gain is shown in Fig. 14. 

The frequency response was padded using the first and last measured values, e.g., the 

value at 1.24 MHz was extended to d.c. and the value at 19.24 MHz was extended to 

20.475 MHz. These padded frequency bins could not be made zero or even values close 

to zero since this would introduce large discontinuities in the frequency response and lead 

to problems when inverting the frequency response. The downconversion path’s padded 

frequency response gain is shown in Fig. 15.

The step o f folding and conjugating the padded frequency response requires the 

selection o f a value to assign to the foldover frequency. The value of the padded 

frequency response at 20.475 MHz was chosen for the foldover frequency instead of 

setting the value to zero for the reasons discussed above. The downconversion path’s 

extended frequency response gain is shown in Fig. 16. Inverting the extended frequency 

response yields an inverted frequency response having the gain characteristic shown in

Fig. 17.
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Fig. 14. Downconversion path’s frequency response gain.
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Fig. 15. Downconversion path’s padded frequency response gain.
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Fig. 16. Downconversion path’s extended frequency response gain.
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Fig. 17. Downconversion path’s inverted frequency response gain.

This inverted frequency response causes problems due to the extremely large gain 

near d.c. and the foldover frequency. The resulting enhancement o f the low and high 

frequency content o f the signal being equalized can be avoided by limiting the inverted
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frequency response gain to a more reasonable value near d.c. and the foldover frequency. 

The gain near the foldover frequency is about 55 while the passband gain is less than 2. 

Limiting the maximum downconversion path’s inverted frequency response gain to a 

value slightly less than 2  results in the modified inverted frequency response gain shown 

in Fig. 18. This modified inverted frequency response is used to equalize the HPA’s input 

signal.
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Fig. 18. Downconversion path’s modified inverted frequency response gain.

The final pre-processing step is to scale the input signal’s data samples so that the 

signal has the proper average power. The 16 bit ADC produces an integer output between 

—32,768 and +32,767, o f which only the 12 most significant bits are used. The ADC’s 

output is not the actual input signal’s amplitude but a scaled version of it. However, the 

signal can be properly scaled since its actual average power is known. Even though not 

required, one more step is usually included. The signal is interpolated by a factor such as
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eight so that its time domain representations are more meaningful. The envelope-phase 

model’s output can be decimated by the same factor when frequency domain 

representations are needed.

The pre-processed input signal and the polynomial approximations o f the AM/AM 

conversion and AM/PM conversion are the envelope-phase model’s input parameters. 

The bandpass pre-processed input signal is first converted to an analytic signal using 

MATLAB’s Hilbert transform algorithm. Then the analytic signal is converted to a 

complex envelope signal by multiplying it with a complex sinusoid having a 10.24 MHz 

carrier frequency. Next, (41) is implemented using the complex envelope signal and the 

AM/AM conversion and AM/PM conversion. The resulting complex envelope output 

signal is then converted to an analytic signal by multiplying it with a complex sinusoid 

having a 10.24 MHz carrier frequency and a phase to be determined. Finally, the model 

generates a bandpass output signal by taking the real part o f the analytic output signal.

The unknown phase shift between the actual input and output signals caused by non- 

synchronous sampling is problematic. The envelope-phase model is validated by 

comparing the actual output signal with the output signal derived using the actual input 

signal and the polynomial approximations o f the AM/AM conversion and AM/PM 

conversion. Even if the model was able to perfectly model the HPA, the derived output 

signal would not be an exact replica o f the actual output signal due to this unknown phase 

shift. The solution to this problem is to introduce an additional phase shift when 

converting the derived analytic output signal into a complex envelope signal. This
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additional phase shift is chosen by minimizing the power o f the error signal formed by 

subtracting the actual output signal from the derived output signal.

Two input/output signal data sets were used to validate the software implementation 

of the envelope-phase model. Both input signals have a 10 dB peak-to-average power 

ratio. The input signal in the first data set has an average power o f -9.0 dBm and the 

corresponding output signal has an average power o f +41.5 dBm. The input and output 

signals in the second data set have an average power 1 dBm higher. Note that these 

signals’ average power are referenced to 5 0 fl An interpolation/decimation factor o f eight 

was used in all the model tests performed in this and the following section.

The first model test used the first input/output signal data set and the 13* order 

polynomial approximations chosen to represent both the AM/AM conversion and 

AM/PM conversion based on the considerations discussed previously. An additional 

phase shift o f 296° resulted in the lowest error signal power. A PSD comparison between 

the actual output signal and the derived output signal is shown in Fig. 19. The same PSD 

comparison limited to a 4 MHz bandwidth aroimd the carrier frequency is shown in Fig. 

20. The derived output signal’s PSD accurately models the actual output signal’s PSD 

within the approximately 1.25 MHz bandwidth o f the actual input signal. The derived 

output signal’s PSD also predicts the actual output signal’s sideband regrowth within 

approximately 3-5 dB. A  time domain comparison between two different 100 sample 

segments o f the actual output signal and the derived output signal is shown in Figs. 21 

and 22. The time domain error signal’s maximum value is 6.28 volts.
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Fig. 19. PSD comparison between actual output signal (light) and output signal derived 
using 13 order polynomial approximations for both the AM/AM conversion 
and AM/PM conversion (dark). First data set.

  Actual Output Signal
  Derived Output Signal

S O

m 40

~  30

20

CO

Q .

-10

-20
0.4 0.52 0.54 0.56 0.58 0.6

Frequency

Fig. 20. PSD comparison between actual output signal (light) and output signal derived 
using 13 order polynomial approximations for both the AM/AM conversion 
and AM/PM conversion (dark) limited to a 4 MHz bandwidth around the carrier 
frequency. First data set.
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Fig. 21. Time domain comparison between 100 samples of actual output signal (light) 
and output signal derived using 13^ order polynomial approximations for both 
the AM/AM conversion and AM/PM conversion (dark). First data set.
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Fig. 22. Time domain comparison between another 100 samples of actual output signal 
(light) and output signal derived using 13**’ order polynomial approximations for 
both the AM/AM conversion and AM/PM conversion (dark). First data set.
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The time domain comparison between the actual output signal and the derived output 

signal, or the equivalent time domain error signal, provide one measure o f  the model’s 

effectiveness. Another method of measuring the model’s effectiveness is to examine the 

frequency domain representation o f the error signal by comparing the magnitude of the 

output signal’s FFT with the magnitude of the error signal’s FFT as is done in Fig. 23. 

Note that the actual output signal’s maximum PSD magnitude has been scaled to 

approximately 0 dB compared to the approximately 40 dB value shown in the earlier 

figures. The maximum error signal PSD magnitude is about 20 dB down from that of the 

actual output signal.
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Fig. 23. PSD comparison between actual output signal (light) and error signal derived 
using 13^ order polynomial approximations for both the AM/AM conversion 
and AM/PM conversion (dark) limited to a 4 MHz bandwidth around the carrier 
frequency. First data set

Recall that 13* order polynomial approximations were chosen to represent the 

AM/AM conversion and AM/PM conversion based on the error signals’ power listed in
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Tables 4 and 5. Additional model tests were performed using lower order polynomial 

approximations to determine how sensitive the model is to variations in its parameters. 

Table 6  lists the time domain error signals’ power, referenced to 50Q, for various order 

AM/AM conversion and AM/PM conversion polynomial approximations. The envelope- 

phase model seems to be rather insensitive to the polynomial approximation order used 

for either the AM/AM conversion or the AM/PM conversion as long as reasonable values 

are used since the error signal power increased by only 0.3 mW when changing from both 

13* order polynomial approximations to 9* and 7* order polynomial approximations 

for the AM/AM conversion and AM/PM conversion, respectively. Referring to Table 4, 

the error signal’s power changed by two orders of magnitude for the same change in 

polynomial order. Note that the error signals referred to in Table 6  are the difference 

between the actual output signal and the derived output signals and the error signals 

referred to in Tables 4 and 5 are the difference between the actual AM/AM conversion 

and AM/PM conversion and their respective polynomial approximations.

Polynomial O rder — 
AM7AM Conversion

Polynomial Order — 
AM/PM Conversion E rro r Signal’s Power, mW

13 13 6 8 . 1

13 1 1 6 8 . 1

1 1 9 6 8 . 1

9 7 68.4

Table 6. Error signals’ power for various order AM/AM conversion and AM/PM 
conversion polynomial approximations. First data set.

The next model test used the second input/output signal data set that has the same 

peak-to-average power ratio as the first data set but a 1 dBm higher average power. The 

same 13* order polynomial approximations chosen to represent the AM/AM conversion
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and AM/PM conversion were also used. An additional phase shift o f 298° was needed to 

minimize the error signal power. A PSD comparison between the actual output signal and 

the derived output signal is shown in Fig. 24. The same PSD comparison limited to a 4 

MHz bandwidth around the carrier frequency is shown in Fig. 25. As before, the derived 

output signal’s PSD very accurately models the actual output signal’s PSD within the 

approximately 1.25 MHz bandwidth of the actual input signal and predicts the actual 

output signal’s sideband regrowth within approximately 3-5 dB. Time domain 

comparisons between segments o f the actual output signal and the derived output signal 

are not shown since they are similar to those shown in Figs. 21 and 22. The time domain 

error signal’s maximum value is 5.81 volts and the maximum error signal PSD magnitude 

is about 20 dB down from that o f the actual output signal as shown in Fig. 26.
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Fig. 24. PSD comparison between actual output signal (light) and output signal derived 
using 13 order polynomial approximations for both the AM/AM conversion 
and AM/PM conversion (dark). Second data set.
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Fig. 25. PSD comparison between actual output signal (light) and output signal derived 
using 13 order polynomial approximations for both the AM/AM conversion 
and AM/PM conversion (dark) limited to a 4 MHz bandwidth around the carrier 
frequency. Second data set.
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Fig. 26. PSD comparison between actual output signal (light) and error signal derived 
using IS*** order polynomial approximations for both the AM/AM conversion 
and AM/PM conversion (dark) limited to a 4 MHz bandwidth around the carrier 
frequency. Second data set.
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Once again, additional model tests were performed using various lower order 

AM/AM conversion and AM/PM conversion polynomial approximations with Table 7 

listing the time domain error signals’ power referenced to 500. The error signal power 

remained the same when changing from both 13* order polynomial approximations to 

9* and 7* order polynomial approximations for the AM/AM conversion and AM/PM 

conversion, respectively. Interestingly, the error signal power was 0.1 mW lower for the 

two intermediate order polynomial approximations.

Polynomial Order -  
AM/AM Conversion

Polynomial Order -  
AM/PM Conversion Error Signal’s Power, mW

13 13 64.2
13 11 64.1
11 9 64.1
9 7 64.2

Table 7. Error signals’ power for various order AM/AM conversion and AM/PM 
conversion polynomial approximations. Second data set.

The envelope-phase model, using polynomial approximations o f the HPA’s AM/AM 

conversion and AM/PM conversion derived from network analyzer measurements, 

appears capable o f producing a maximum error signal PSD magnitude about 20 dB down 

from that of the actual output signal. Research and development engineers would prefer 

to have a model capable o f producing a maximum error signal PSD magnitude about 50 

to 60 dB down from that o f the actual output signal. Two possible causes of modeling 

error are inaccurate network analyzer data and inaccurate measurement of the input 

signal’s average power. Inaccurate network analyzer data would lead to AM/AM 

conversion and AM/PM conversion polynomial approximations that do not represent the 

HPA’s true nonlinear characteristics. This in turn would cause the magnitude and/or
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phase o f the derived complex envelope output signal to be in error. Likewise, using the 

wrong average power to scale the input signal would cause the magnitude and/or phase o f 

the derived complex envelope output signal to be in error. Even if the network analyzer 

accurately measures the AM/AM conversion and AM/PM conversion, do they truly 

represent the HPA’s nonlinear characteristics when it is driven by a modulated signal? 

Inasmuch as an HPA's 1 dB compression point can be 1-2 dB lower when measured with 

a CDMA signal as when measured with a CW power sweep [3], the answer is probably 

not, especially when the HPA is driven hard. A solution to this problem, and one o f the 

research objectives, is to derive the HPA's AM/AM conversion and AM/PM conversion 

from its actual modulated input and output signals.

Heutmaker describes a technique in [23] to derive an HPA's AM/AM conversion and 

AM/PM conversion using a binary phase-shift keying (BPSK) signal to drive the HPA. A 

vector signal analyzer then captures the HPA's input and output signals from which its 

AM/AM conversion and AM/PM conversion are derived. However, it is not feasible to 

measure an HPA’s input and output signals, either periodically or continuously, using a 

vector signal analyzer when the HPA is operating in a base station. The research for this 

dissertation resulted in the development o f  an alternative technique that foregoes using a 

vector signal analyzer and instead derives the HPA's AM/AM conversion and AM/PM 

conversion from samples o f the HPA's input and output signals when it is driven by a 

CDMA or quasi-CDMA signal. The following steps describe this technique using the 

previous input/output signal data sets.
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The first step is to convert the bandpass pre-processed input and output signals to 

analytic signals using MATLAB’s Hilbert transform algorithm. Second, the analytic 

signals are converted to complex envelope signals by multiplying them with a complex 

sinusoid having a 10.24 MHz carrier frequency. Third, the magnitude and phase o f the 

respective input and output signals’ complex envelope are determined. The fourth step is 

to align the input signal’s complex envelope magnitude with the output signal’s complex 

envelope magnitude using a correlation algorithm. The output signal’s complex envelope 

phase is then shifted the same number o f samples its magnitude was shifted to align it 

with the input signal’s complex envelope magnitude.

The next step is to find the HPA's AM/AM conversion by plotting the output signal's 

complex envelope magnitude vs. the input signal’s complex envelope magnitude on a 

point-by-point basis. Similarly, the HPA's AM/PM conversion is found by plotting the 

difference between the output signal's complex envelope phase and the input signal's 

complex envelope phase vs. the input signal's complex envelope magnitude on a point- 

by-point basis. Finally, g(*) and /?(-) are determined by fitting a polynomial 

approximation to the AM/AM conversion’s and AM/PM conversion’s “scatter plof’, 

respectively, found in the previous step.

Initially, the bandpass pre-processed input and output signals were aligned and not 

their complex envelope signals. The two signals must be aligned because they are not 

sampled synchronously. The resulting scatter plots bore little resemblance to the HPA’s 

AM/AM conversion and AM/PM conversion and were thus unusable. Although there is 

no harm in first aligning the pre-processed input and output signals, the key to obtaining
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usable scatter plots is alignment based on their complex envelope signals’ magnitude. A 

possible explanation is that a complex envelope signal’s magnitude does not change as 

rapidly as its corresponding bandpass signal’s amplitude does. This finer “resolution” 

may let the correlation algorithm do a better job o f aligning the complex envelope signals 

than the bandpass signals.

The above described technique was used on the first input/output signal data set to 

derive the AM/AM conversion and AM/PM conversion of the solid-state HPA with the 

nonlinear characteristics, as measured by a network analyzer, previously shown in Figs. 1 

and 2. The data points comprising the AM/AM (AM/PM) conversion derived using this 

technique are referred to as the AM/AM (AM/PM) scatter plot. A  comparison between 

the AM/AM scatter plot and the network analyzer derived AM/AM conversion is shown 

in Fig. 27. There is general agreement between the “curves” with a notable exception: the 

AM/AM scatter plot has a larger linear region. A comparison between the AM/PM scatter 

plot and the network analyzer derived AM/PM conversion is shown in Fig. 28. Shifting 

the AM/PM conversion by adding a constant value of —64° to each data sample results in 

the AM/PM conversion more or less overlaying the AM/PM scatter plot as shown in Fig. 

29. As before, there is general agreement between the curves with the exception o f the 

phase shift Note that a phase shift o f -64°, i.e., 296°, is the same phase shift that was 

required to minimize the error signal power during the first model test using the network 

analyzer derived AM/AM conversion and AM/PM conversion polynomial 

approximations.

56



100
• AM/AM Scatter Plot 

 AM/AM Conversion?

E

I

P  
<  10
Q.I

0.05 0.1 0.15 0.2 0.25 0.3 0.35 0.4 0.45
HPA input signal's complex envelope magnitude, volts

Fig. 27. Comparison between AM/AM scatter plot (light) and network analyzer derived 
AM/AM conversion (dark). First data se t
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Fig. 28. Comparison between AM/PM scatter plot (light) and network analyzer derived 
AM/PM conversion (dark). First data set.
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Fig. 29. Comparison between AM/PM scatter plot (light) and network analyzer derived 
AM/PM conversion (dark) shifted by -64°. First data set.

A series o f polynomial approximations having the same order as those fitted to the 

AM/AM conversion and AM/PM conversion was fitted to the AM/AM scatter plot and 

AM/PM plot, respectively. A comparison between the 13*** order polynomial 

approximations o f the AM/AM scatter plot and AM/AM conversion and between the 13^ 

order polynomial approximations o f the AM/PM scatter plot and AM/PM conversion is 

shown in Figs. 30 and 31, respectively. The AM/AM scatter plot’s polynomial 

approximation clearly shows a larger linear region as compared to the AM/AM 

conversion’s polynomial approximation. The AM/PM scatter plot’s polynomial 

approximation shows signs o f oscillation — possibly ftom using too large a polynomial 

order or possibly the result o f the rather large variance in the AMTPM scatter plot at low 

input signal magnitudes.
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Fig. 30. Comparison between 13* order AM/AM scatter plot polynomial approximation 
(light) and network analyzer derived 13* order AM/AM conversion polynomial 
approximation (dark). First data set.
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Fig. 31. Comparison between 13* order AM/PM scatter plot polynomial approximation 
(light) and network analyzer derived 13* order AM/PM conversion polynomial 
approximation shifted by -64° (dark). First data set.
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The next model test used the first input/output signal data set and 13* order 

polynomial approximations o f the AM/AM scatter plot and AM/PM scatter plot. No 

additional phase shift was required to achieve the lowest error signal power. A PSD 

comparison between the actual output signal and the derived output signal is shown in 

Fig. 32. The same PSD comparison limited to a 4 MHz bandwidth around the carrier 

frequency is shown in Fig. 33. The derived output signal’s PSD almost exactly models 

the actual output signal’s PSD within the approximately 1.25 MHz bandwidth o f the 

actual input signal. The derived output signal’s PSD also predicts the actual output 

signal’s sideband regrowth within approximately 1 dB. Compare Figs. 32 and 33 with 

Figs. 19 and 20 to see the improvement achieved by deriving the HPA's AM/AM 

conversion and AM/PM conversion from its modulated input and output signals. A time 

domain comparison between the same two 100 sample segments o f  the actual output 

signal and the derived output signal shown in Figs. 21 and 22 for the network analyzer 

derived nonlinear characteristics is shown in Figs. 34 and 35 for the scatter plot derived 

nonlinear characteristics. Notice the dramatic improvement between Fig. 21 and Fig. 34. 

The time domain error signal’s maximum value is 2.82 volts. The maximum error signal 

PSD magnitude is about 30 dB down from that o f the actual output signal as shown in 

Fig. 36 — a 10 dB improvement over the error signal shown in Fig. 23 for the network 

analyzer derived nonlinear characteristics.
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Fig. 32. PSD comparison between actual output signal (light) and output signal derived 
using 13 order polynomial approximations for botii the AM/AM scatter plot 
and AM/PM scatter plot (dark). First data set.
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Fig. 33. PSD comparison between actual output signal (light) and output signal derived 
using 13 order polynomial approximations for botii the AM/AM scatter plot 
and AM/PM scatter plot (dark) limited to a 4 MHz bandwidth around the carrier 
frequency. First data set.
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Fig. 34. Time domain comparison between 100 samples of actual output signal (light) 
and output signal derived using 13^ order polynomial approximations for both 
the AM/AM scatter plot and AM/PM scatter plot (dark). First data set.

  Actual Output Signal
  Derived Output Signal20

9
■8

<o
I
0-10

-15

-20
1.74 1.741 1.742 1.743 1.744 1.745 1.746 1.747 1.748 1.749 1.75

Sample X 10

Fig. 35. Time domain comparison between another 100 samples o f actual output signal 
(light) and output signal derived using 13^ order polynomial approximations for 
both the AM/AM scatter plot and AM/PM scatter plot (dark). First data set.
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Fig. 36. PSD comparison between actual output signal (light) and error signal derived 
using 13^ order polynomial approximations for both the AM/AM scatter plot 
and AM/PM scatter plot (dark) limited to a 4 MHz bandwidth around the carrier 
frequency. First data set.

Table 8 lists the time domain error signals’ power, referenced to 500, for various 

lower order AM/AM scatter plot and AM/PM scatter plot polynomial approximations. 

The previous comments made concerning the envelope-phase model’s sensitivity when 

using network analyzer derived nonlinear characteristics still apply. Note however that 

the error signals’ power is an order of magnitude less when using the scatter plot derived 

nonlinear characteristics.

Polynomial Order — 
AM/AM Scatter Plot

Polynomial Order — 
AM/PM Scatter Plot Error Signal’s Power, mW

13 13 4.5
13 11 4.5
11 9 4.5
9 7 4.6

Table 8. Error signals’ power for various order AM/AM scatter plot and AM/PM scatter 
plot polynomial approximations. First data set.

63



The next model test used the second input/output signal data se t The same 13* 

order polynomial approximations were used and no additional phase shift was required to 

achieve the lowest error signal power. A PSD comparison between the actual output 

signal and the derived output signal is shown in Fig. 37. The same PSD comparison 

limited to a  4 MHz bandwidth around the carrier frequency is shown in Fig. 38. As 

before, the derived output signal’s PSD almost exactly models the actual output signal’s 

PSD within the approximately 1.25 MHz bandwidth o f  the actual input signal and 

predicts the actual output signal’s sideband regrowth within approximately 1 dB. Time 

domain comparisons between segments o f  the actual output signal and the derived output 

signal are not shown since they are similar to those shown in Figs. 34 and 35. The time 

domain error signal’s maximum value is 3.28 volts and the maximum error signal PSD 

magnitude is about 30 dB down from that o f the actual output signal as shown in Fig. 39. 

As before, additional model tests were performed using various lower order AM/AM 

scatter plot and AM/PM scatter plot polynomial approximations with Table 9 listing the 

time domain error signals’ power referenced to 50Q. Note the order o f magnitude 

reduction in the error signals’ power.

Polynomial Order — 
AM/AM Scatter Plot

Polynomial Order — 
AM/PM Scatter Plot Error Signal’s Power, mW

13 13 5.6
13 11 5.6
11 9 5.6
9 7 5.7

Table 9. Error signals’ power for various order AM/AM scatter plot and AM/PM scatter 
plot polynomial approximations. Second data set.
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Fig. 37. PSD comparison between actual output signal (light) and output signal derived 
using 13 order polynomial approximations for both the AM/AM scatter plot 
and AM/PM scatter plot (dark). Second data se t
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Fig. 38. PSD comparison between actual output signal (light) and output signal derived 
using 13 order polynomial approximations for both the AM/AM scatter plot 
and AM/PM scatter plot (dark) limited to a 4 MHz bandwidth around the carrier 
frequency. Second data set.
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Fig. 39. PSD comparison between actual output signal (light) and error signal derived 
using 13^ order polynomial approximations for both the AM/AM scatter plot 
and AM/PM scatter plot (dark) limited to a 4 MHz bandwidth around the carrier 
frequency. Second data set.

Using polynomial approximations of the HPA’s AM/AM scatter plot and AM/PM 

scatter plot instead of its AM/AM conversion and AM/PM conversion derived from 

network analyzer measurements results in about a 10 dB improvement in the maximum 

error signal PSD magnitude. The inability to accurately measure phase at low signal 

magnitudes as evidenced by the rather large variance in the AM/PM scatter plot at low 

input signal magnitudes is a possible cause of modeling error. Measurement noise is 

partly to blame for the large variance. This effect can be seen with an inpul/output signal 

data set consisting of the same signal. This data set represents the ultimate ultra-linear 

HPA. The AM/AM scatter plot derived from this input/output data set is a line through 

the origin with a slope o f  one. Likewise, the AM/PM scatter is a line through the origin 

with a slope of zero. Needless to say, the derived output signal is identical to the actual
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output signal. When additive white Gaussian noise (AWON) is added to either or both o f 

the input/output signals, the resulting AM/PM scatter plot “broadens out” at low input 

signal magnitudes. This variance increases with an increase in the magnitude o f the 

AWGN. However, there is a more fundamental reason why the envelope-phase model is 

not more accurate — memory effects.

The AM/AM scatter plots and AM/PM scatter plots derived from the input/output 

signal data sets show the presence o f  hysteresis. Refer to Figs. 40 and 41 for a close-up 

view of a portion of the AM/AM scatter plot and AM/PM scatter plot derived from the 

first data set showing the hysteresis in greater detail than the earlier plots in Figs. 27-29. 

This hysteresis is a manifestation o f the HPA’s memory effects — modeling the HPA as a 

memoryless nonlinearity will lead to inaccuracies. The envelope-phase model should 

provide a better approximation o f the HPA's actual output signal than that obtained using 

polynomial approximations o f the AM/AM scatter plot and AM/PM scatter plot if the 

hysteresis effects could be taken into account. One approach is to use a TDL model to 

characterize the HPA's AM/AM scatter plot and AM/PM scatter plot.
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Fig. 40. Portion o f AM/AM scatter plot showing hysteresis. First data set.
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Fig. 41. Portion o f AM/PM scatter plot showing hysteresis. First data set.
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2.3 TDL MODEL

The envelope-phase model treats an HPA as being a memoryless nonlinearity — it is 

not. An HPA exhibits memory effects even when driven by a narrowband input signal, 

especially when the input signal is a high bit rate BPSK signal [21]. A memory model 

only slightly more complex than the envelope-phase model is the TDL model [22]. The 

TDL model includes memory, i.e., the present output signal sample is a function of the 

present input signal sample and previous input signal samples. The TDL model is 

basically an envelope-phase model that utilizes a sum o f polynomial functions of the 

present input signal sample and previous input signal samples to characterize the HPA's 

AM/AM scatter plot and AM/PM scatter plot in an approach akin to using multivariate 

linear regression because the model is linear in the coefficients of the polynomials.

The following discussion pertains to an AM/AM scatter plot but is also applicable to 

an AM/PM scatter plot. The input parameters of the algorithm for fitting a polynomial 

approximation to the AM/AM scatter plot are the abscissa and ordinate values of the data 

points comprising the AM/AM scatter plot along with the desired polynomial’s order n . 

The algorithm then computes the polynomial’s coefficients such that the polynomial fits 

the AM/AM scatter plot in a least-squares sense. The input parameters of the algorithm 

for fitting a TDL model's sum o f polynomial approximations to the AM/AM scatter plot 

also include the abscissa and ordinate values o f the points comprising the AM/AM scatter 

plot along with the desired polynomials’ order n . The total number of polynomials is 

another parameter and it is based on the HPA's memory length. As before, the 

polynomials’ coefficients are computed such that the polynomials fit the AM/AM scatter
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plot in a least-squares sense. The final parameter determines the number o f  samples 

between delayed input samples. For example, if a TDL model is based on the present 

input sample and ten previous input samples — a memory length o f ten — the ten input 

samples immediately preceding the present input sample can be used. However, a 

multiplicative factor of five results in the 5^, 10'*', ..., 45*, and 50* input samples 

preceding the present input sample being used. This approach observes the memory 

effects over a larger time interval without increasing the number o f computations needed 

to find the polynomials’ coefficients since the memory length is still ten [22].

The TDL model of an AM/AM scatter plot is shown in Fig. 42. The same model, 

albeit using different parameters, is used for the AM/PM scatter plot. The following 

description is for the TDL model o f the AM/AM scatter plot — a similar description 

applies to the AM/PM scatter plot. Referring to Fig. 42, |3c[fc]| is the current sample o f the

input signal's complex envelope magnitude. The blocks are unit delays, hence, 

|x [t —1]| is the previous sample o f the input signal's complex envelope magnitude and

[x[â: —1]|̂  is the square o f that value. The number o f unit delays equals the TDL model’s 

memory length. The p s  are the AM/AM scatter plot’s polynomials’ coefficients found 

using the technique described in the last paragraph. Combing the constant term in each 

polynomial forms the constant Cq . The resulting sample of the derived output signal's

complex envelope magnitude is |y[^]|- When modeling the AM/PM scatter plot, the p s

are the AM/PM scatter plot’s polynomials’ coefficients and the summer’s output is the 

derived output signal's complex envelope phase.
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x[A:-l]|

Sum

Fig. 42. TDL model o f  AM/AM scatter plot.

Henceforth, the term TDL model will designate an envelope-phase model utilizing a 

sum o f polynomial functions o f the present input signal sample and previous input signal 

samples to characterize the HPA's AM/AM scatter plot and AM/PM scatter plot unless 

the context indicates otherwise. For example, the modeled AM/AM (AM/PM) scatter plot 

may be referred to as the TDL model o f the AM/AM (AM/PM) scatter plot or simply the 

TDL AM/AM (AM/PM) approximation. The TDL model performance was tested using 

the first input/output signal data set. Note that the TDL model and the envelope-phase
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model have both been tested using numerous data sets having different peak-to-average 

power ratios and average power levels. The particular data sets used in this dissertation 

were chosen for illustrative purposes and the other data sets produced similar results to 

those presented herein.

Previously, 13* order polynomial approximations were chosen to represent the 

HPA’s AM/AM (AM/PM) conversion and AM/AM (AM/PM) scatter p lo t Therefore, a 

series o f  13* order TDL approximations was fitted to the AM/AM scatter plot and 

AM/PM scatter plot for comparison. Since a  TDL approximation requires more input 

parameters than a polynomial approximation, the following notation is used to represent a 

TDL approximation; PolynomialOrder_MemoryLength_MultiplicativeFactor. The TDL 

approximation 13 8 1 6 ,  for example, consists of nine 13* order polynomial 

approximations, one polynomial approximation corresponding to the present input signal 

sample and eight polynomial approximations corresponding to eight previous input signal 

samples, where all input signal samples are separated by sixteen samples. The TDL 

AM/AM approximation 13_0_0 is the standard 13* order polynomial approximation of 

the AM/AM scatter plot. Tables 10 and 11 list the error signals’ power, referenced to 

50Q, for various TDL AM/AM approximations and TDL AM/PM approximations of the 

AM/AM scatter plot and AM/PM scatter plot, respectively. A few trends are apparent 

from examining the tables.
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TDL AM/AM Model Param eters E rro r Signal’s Power, mW
13 0 0 2.9
13 1 1 2.8
13 1 8 2.8
13 1 16 2.8
13 1 32 2.7
13 4 1 2.7
13 4 8 2.7
13 4 16 2.7
13 4 32 2.6
13 8 1 2.7
13 8 8 2.6
13 8 16 2.6
13 8 32 2.6
13 8 64 2.5
7 1 32 2.8

Table 10. Error signals’ power for various order TDL AM/AM approximations. First 
data set.

TDL AM/PM Model Param eters E rro r Signal’s Power, uW
13 0 0 20.1
13 1 1 15.7
13 1 2 15.9
13 1 4 16.0
13 1 8 16.1
13 4 1 14.7
13 4 2 15.3
13 4 4 15.5
13 4 8 15.6
13 8 1 14.4
13 8 2 15.1
13 8 4 15.4
13 8 8 15.5
7 1 1 16.4

Table I I .  Error signals’ power for various order TDL AM/PM approximations. First data 
set.

The most important conclusion is that the TDL approximations are more accurate 

than the polynomial approximations — more so in the case o f the TDL AM/PM
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approximations. The best TDL AM/AM approximation results in a 0.6 dB reduction in 

error signal power compared to the polynomial approximation and the best TDL AM/PM 

approximation results in a 1.4 dB reduction. Each o f these TDL approximations uses a 

memory length of eight Note however that using the minimum memory length o f one 

still results in about a 0.2 and 1.1 dB reduction in error signal power for the TDL 

AM/AM approximation and TDL AM/PM approximation, respectively. In general, 

increasing the memory length decreases the error signal power. Increasing the 

multiplicative factor of the TDL AM/AM approximation tends to decrease the error 

signal power while increasing the multiplicative factor o f the TDL AM/PM 

approximation increases the error signal power. A possible explanation for this behavior 

is that the input (output) signal’s complex envelope phase has a higher rate-of-change 

between samples than does the signal’s complex envelope magnitude. In addition, 7* 

order TDL approximations o f the AM/AM scatter plot and AM/PM scatter plot, each 

having memory length one, were included to gauge the effect o f using lower order 

polynomial approximations. These TDL approximations still result in about a 0.2 and 0.9 

dB reduction in error signal power for the TDL AM/AM approximation and TDL 

AM/PM approximation, respectively.

Recall the close-up views o f a portion o f the HPA’s AM/AM scatter plot and 

AM/PM scatter plot shown in Figs. 40 and 41, respectively. The hysteresis was as 

obvious as the inability o f a simple polynomial approximation to model it. A comparison 

between the portion of the AM/AM scatter plot shown in Fig. 40 and the TDL AM/AM 

approximation 13_8_64 is shown in Fig. 43. The TDL AM/AM approximation clearly
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models the hysteresis — at least at high input signal magnitudes. A comparison between 

the portion o f the AM/PM scatter plot shown in Fig. 41 and the TDL AM/PM 

approximation 13_8_l is shown in Fig. 44. The TDL AM/PM approximation models the 

hysteresis but tends to oscillate at high input signal magnitudes. The TDL AM/PM 

approximation did not require the addition of any constant value o f phase shift to each 

data sample to overlay the AM/PM scatter plot. Note that the error signals referred to in 

this and the preceding paragraphs are the difference between the AM/AM scatter plot and 

AM/PM scatter plot and their respective TDL model approximations.
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Fig. 43. Comparison between portion of AM/AM scatter plot showing hysteresis (light) 
and TDL AM/AM approximation 13 8 64 (dark). First data se t
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Fig. 44. Comparison between portion o f AM/PM scatter plot showing hysteresis (light) 
and TDL AM/PM approximation 13_8_1 (dark). First data set.

The next model test used the first input/output signal data set and TDL AM/AM 

approximation 13 8 64 of the AM/AM scatter plot and TDL AM/PM approximation 

13 8 1  of the AM/PM scatter plot. No additional phase shift was required to achieve the 

lowest error signal power. A PSD comparison between the actual output signal and the 

derived output signal is shown in Fig. 45. The same PSD comparison limited to a 4 MHz 

bandwidth around the carrier frequency is shown in Fig. 46. The derived output signal’s 

PSD almost exactly models the actual output signal’s PSD within the approximately 1.25 

MHz bandwidth of the actual input signal. The derived output signal’s PSD also predicts 

the actual output signal’s sideband regrowth within approximately 1 dB. These results are 

almost identical to those shown in Figs. 32 and 33 for the scatter plot derived nonlinear 

characteristics with the exception that the PSD of the output signal derived from the TDL 

model nonlinear characteristics is not as good a match to the actual output signal’s PSD
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well outside the bandwidth o f  interest. A time domain comparison between the same two 

100 sample segments o f the actual output signal and the derived output signal shown in 

Figs. 34 and 35 for the scatter plot derived nonlinear characteristics is shown in Figs. 47 

and 48 for the TDL model derived nonlinear characteristics. The results are essentially 

identical for these two 100 sample segments regardless o f which nonlinear characteristics 

are used. The time domain error signal’s power is 2.7 mW and its maximum value is 2.87 

volts. These values are 1.8 mW lower and 0.05 volts higher than they were for the scatter 

plot derived nonlinear characteristics. The maximum error signal PSD magnitude is about 

32 dB down from that o f  the actual output signal as shown in Fig. 49 — a 2 dB 

improvement over the error signal shown in Fig. 36 for the scatter plot derived nonlinear 

characteristics.
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Fig. 45. PSD comparison between actual output signal (light) and output signal derived 
using TDL AM/AM approximation 13_8_64 and TDL AM/PM approximation 
13 8 1  (dark). First data set.
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Fig. 46. PSD comparison between actual output signal (light) and output signal derived 
using TDL AM/AM approximation 13 8 64 and TDL AM/PM approximation 
13_8_1 (dark) limited to a 4 MHz bandwidth around the carrier frequency. First 
data set.
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Fig. 47. Time domain comparison between 100 samples o f actual output signal (light) 
and output signal derived using TDL AM/AM approximation 13 8 64 and TDL 
AM/PM approximation 13_8_1 (dark). First data set.
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Fig. 48. Time domain comparison between another 100 samples o f actual output signal 
(light) and output signal derived using TDL AM/AM approximation 13 8 64 
and TT)L AM/PM approximation 13 8 1  (dark). First data set.
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Fig. 49. PSD comparison between actual output signal (light) and error signal derived 
using TDL AM/AM approximation 13 8 64 and TDL AM/PM approximation 
13 8 1  (dark) limited to a 4 MHz bandwidth around the carrier frequency. First 
data set.
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The final model test used the first input/output signal data set and TDL AM/AM 

approximation 7 1 3 2  o f the AM/AM scatter plot and TDL AM/PM approximation 

7 1 1  of the AM/PM scatter plot to gauge the effect o f using lower order polynomial 

approximations and minimum memory length. As before, no additional phase shift was 

required to achieve the lowest error signal power. A PSD comparison between the actual 

output signal and the derived output signal is shown in Fig. 50. Note that the derived 

output signal’s PSD is a better match to the actual output signal’s PSD well outside the 

bandwidth o f interest than the previous results shown in Fig. 45 for the TDL AM/AM 

approximation 13 8 64 and TDL AM/PM approximation 13_8_1. Time domain 

comparisons between segments o f the actual output signal and the derived output signal 

are not shown since they are similar to those shown in Figs. 47 and 48. The time domain 

error signal’s power is 2.9 mW and its maximum value is 2.31 volts. These values are 0.2 

mW higher and 0.52 volts lower than they were for the TDL AM/AM approximation 

13 8 64 and TDL AM/PM approximation 13 8 1 .  The maximum error signal PSD 

magnitude is about 31 dB down from that o f the actual output signal as shown in Fig. 51 

— 1 dB worse than the error signal shown in Fig. 49 for the TDL AM/AM approximation 

13_8_64 and TDL AM/PM approximation 13 8 1 .
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Fig. 50. PSD comparison between actual output signal (light) and output signal derived 
using TDL AM/AM approximation 7 1 3  2 and TDL AM/PM approximation 
7 1 1  (dark). First data set.
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Fig. 51. PSD comparison between actual output signal (light) and error signal derived 
using TDL AM/AM approximation 7 1 3 2  and TDL AM/PM approximation 
7 1 1  (dark) limited to a 4 MHz bandwidth around the carrier frequency. First 
data set.
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An error analysis was performed to determine if any discernible pattern could be 

foimd concerning modeling errors. The approach is to plot the error signal’s power 

(complex envelope magnitude squared divided by fifty), both absolute and normalized, 

vs. the input signal’s complex envelope magnitude using a histogram-like plot. The 

objective is to determine whether the errors are localized or evenly distributed throughout 

the input signal’s range. A histogram o f the HPA's input signal’s complex envelope 

magnitude using 250 bins is shown in Fig. 52. The error signal was formed by subtracting 

the actual output signal’s complex envelope magnitude ft-om the output signal’s complex 

envelope magnitude derived using the TDL AM/AM approximation 13 8 64 and TDL 

AM/PM approximation 13_8_1. Histograms o f the absolute error power and normalized 

error power, both using 250 bins, are shown in Figs. 53 and 54, respectively. The input 

signal’s complex envelope magnitude histogram is very similar to the absolute error 

power’s histogram, i.e., the absolute error power appears to be proportional to the number 

o f samples occurring within a given range o f the input signal's complex envelope 

magnitude. The normalized error power has a more uniform distribution with the 

exception o f the upper range o f the input signal's complex envelope magnitude. This 

indicates that the TDL model is less accurate when the input signal is in the compression 

region o f  the HPA’s gain characteristic (> 0.25 volts) as shown in Fig. 30. Similar results 

were observed for the envelope-phase model using either the network analyzer derived 

nonlinear characteristics or scatter plot derived nonlinear characteristics.
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Fig. 52. Histogram of HPA’s input signal’s complex envelope magnitude using 250 bins. 
First data set.
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Fig. 53. Histogram of absolute error power for the TDL AM/AM approximation 
13 8 64 and TDL AM/PM approximation 13 8 1  using 250 bins. First data set.
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Fig. 54. Histogram o f normalized error power for the TDL AM/AM approximation 
13 8 64 and TDL AM/PM approximation 13 8 1  using 250 bins. First data set.

Further research could be conducted concerning optimum values for, and interactions 

among, the TDL model parameters: polynomial order, memory length, and multiplicative 

factor. For example, could a TDL model having a lower polynomial order than a simple 

polynomial approximation o f  a scatter plot provide the same or more accuracy since 

memory effects are included? The optimal memory length is another area o f 

investigation. The memory length must be long enough to capture the HPA's memory 

effects but not too long. Both the polynomial order and memory length cannot be 

arbitrarily large as this greatly increases computation time and introduce inaccuracies. 

There is probably interaction among the three TDL model parameters and finding the 

optimum value for each will not be a trivial matter.

Improving the TDL model’s accuracy is the subject o f current research to be reported 

in [24]. The introduction o f two linear filters into the TDL model results in about a 10 dB
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improvement in the maximum error signal PSD magnitude. Specifically, the input 

signal’s complex envelope is filtered by one linear filter before the HPA’s AM/AM 

scatter plot and AM/PM scatter plot are derived. The TDL model is then implemented as 

described previously with the output signal’s complex envelope being filtered by the 

second linear filter. The filtered TDL model requires two additional model parameters: 

the number o f taps for each filter. Like the TDL model in general, there does not appear 

to be a systematic procedure for picking the combination o f model parameters that results 

in the most accurate filtered TDL model implementation given a particular input/output 

signal data set

The TDL model, either the basic or filtered version, is more accurate than the 

envelope-phase model using either the network analyzer derived nonlinear characteristics 

or scatter plot derived nonlinear characteristics. Nevertheless, the envelope-phase model 

using scatter plot derived nonlinear characteristics was used in the IS-2000 forward link 

simulations to be presented in a later chapter. The envelope-phase model using scatter 

plot derived nonlinear characteristics is almost as accurate as the basic TDL model within 

the bandwidth o f interest as seen by comparing Figs. 33 and 46. In addition, both models 

are equally accurate at predicting the output signal’s sideband regrowth — an important 

consideration as wiU be seen in the following chapter. Although less important, the 

envelope-phase model is faster than the TDL model with an execution speed proportional 

to the memory length. This is not inconsequential as an IS-2000 forward link simulation 

can take up to ten days to run on a Pentium MMX 200 MHz personal computer having 

128 MB of memory.
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CHAPTER 3 HPA COMPENSATION

In the last chapter an HPA’s nonlinear characteristics were represented by its 

AM/AM scatter plot (conversion) and AM/PM scatter plot (conversion). These nonlinear 

characteristics visually convey the HPA’s deviation from a perfectly linear amplifier 

having linear gain and a constant phase shift. Compensation (linearization) helps abate an 

HPA’s nonlinear behavior while still allowing the HPA to operate efficiently. Two of the 

more popular compensation techniques are feedforward linearization and digital 

baseband predistortion. This chapter begins by examining an HPA’s nonlinear behavior. 

The popular compensation techniques are then discussed with an emphasis on digital 

baseband techniques. The chapter concludes with a detailed analysis o f one of these 

techniques — a digital baseband predistorter based on the “fixed point” approach.

3.1 COMPENSATION TECHNIQUES

It was noted earlier that an HPA’s nonlinear behavior causes generation o f co­

channel and adjacent channel interference due to EMD and spectral regrowth of the 

sidebands. Sideband regrowth is not only a technical issue but a regulatory concern as 

well. Sideband regrowth is also easy to observe as seen in Fig. 55. This example and the 

compensation tests presented later in this chapter use the first input/output signal data set 

as modified by scaling the output signal’s average power to the same level as the input 

signal’s. This results in the HPA’s AM/AM scatter plot having approximately unity gain
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in its linear region as shown in Fig. 56. The AM/PM scatter plot remains unchanged from 

that shown in Fig. 28.
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Fig. 55. PSD comparison between actual input signal (light) and actual output signal 
(dark) showing spectral regrowth of the sidebands. First data set (modified).
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Fig. 56. AM/AM scatter plot. First data set (modified).
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Employing HPA compensation can reduce sideband regrowth and IMD. Two o f the 

more popular compensation schemes are feedforward linearization and predistortion. A 

rudimentary feedforward linearizer does not require an HPA model. The feedforward 

linearizer operates by first subtracting a delayed version o f the HPA's input signal from 

an attenuated version of the HPA's output signal, thus forming an error signal. The error 

signal is then amplified in an auxiliary amplifier and subtracted from a delayed version o f 

the HPA's output signal to form a more or less undistorted output signal. The feedforward 

linearizer is broadband and provides a high level o f linearity [25] but is less efficient than 

other compensation schemes due to losses in its delay paths, couplers, and auxiliary 

amplifier [9]. The feedforward linearizer, as well as many other compensation schemes, 

suffers degraded performance due to temperature fluctuations, component aging, supply 

voltage fluctuations, etc. To combat these environmental variables the feedforward 

linearizer is made adaptive. Some adaptive feedforward linearizers utilize an HPA model 

[26]-[27].

Predistortion is another popular compensation scheme that is more efficient than 

feedforward linearization and capable o f providing good broadband operation [25]. The 

essence o f predistortion is to precede an HPA with a nonlinearity having nonlinear 

behavior that is the inverse of the HPA's nonlinear behavior. Predistorters are classified 

as either analog or digital. Analog predistorters operate at RP such as the 3"* order 

polynomial predistorter described in [25]. Digital predistorters operate at baseband and 

are therefore more attractive than analog predistorters. An example o f a digital 

predistorter is the adaptive gain based predistorter (AGBPD) found in [28]. As was the
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case with a feedforward linearizer, an adaptive digital predistorter can compensate for 

environmental variables. An excellent review o f different linearization techniques 

provided in an historical context is found in [9].

Cavers' AGBPD has been thoroughly studied and is the basis for other adaptive 

digital predistorters [29]-[32], The AGBPD handles any modulation format and order o f 

HPA nonlinearity. It requires much less memory than earlier digital predistorters and has 

greatly reduced convergence time. In the block diagram of an AGBPD shown in Fig. 57, 

x[^] is the desired modulation (i.e., input signal), Xj\k\ is the predistorted version of

x[^], and y\jc\ is the actual HPA output signal. The lookup table (LUT) is addressed by 

the squared magnitude of x[^]. The LUT's output is the complex gain by which x[^] is 

multiplied to yield Ideally, when Xj\k\ is amplified by the HPA, thus undergoing

nonlinear distortion, the resulting output signal y \k \  is a constant multiple o f x[A:]. The 

LUT is updated by ADAPT which compares a delayed version o f x[^] with y \k \ , i.e., 

adaptation is accomplished by minimizing the error signal [28].

An AGBPD is a vast improvement over earlier digital predistorters in terms of 

memory requirement and convergence speed, however, this increased performance is 

obtained at the expense of increased computations. Despite the improvement over earlier 

digital predistorters, the AGBPD is not suitable for CDMA signals conforming to the IS- 

95 standard. The AGBPD was designed primarily for single-carrier systems employing 

relatively narrowband signals modulated using 16-QAM or QPSK, for example. The 

AGBPD in [28] was implemented on a Texas Instruments TMS320C25 and has a
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nominal bandwidth o f 30 kHz. The adaptive digital predistorter described in [29] was 

also implemented on a Texas Instruments TMS320C25 for a system using rc/4-shifted 

DQPSK running at 2000 bits/s. The nominal bandwidth o f this single-carrier system is 

approximately 3 kHz. Neither of these implementations involved multicarrier systems 

such as orthogonal frequency-division multiplexing (OFDM) and multicarrier CDMA 

(MC-CDMA) or wideband systems such as IS-95 and IS-2000.

x[A:]

Delay

LUT

ADAPT

HPA

Fig. 57. Adaptive gain based predistorter from [28].

Adaptive digital predistortion techniques using small lookup tables to modify the 

signal constellation o f a single-carrier system are not suitable for compensating an 

OFDM system because the HPA in an OFDM system is fed by an input signal possibly 

having an infinite number o f amplitude levels whereas the single-carrier system has an 

input signal having a finite number of amplitude levels [33]. Moreover, updating the 

lookup table requires an additional QAM demodulator and fast updating is problematical 

[34]. As a result o f the shortcomings of an AGBPD vis-à-vis multicarrier and wideband
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systems, a new digital predistorter based on the fixed point approach was developed for 

OFDM systems [34].

3.2 FIXED POINT PREDISTORTION

OFDM systems are used to transmit digital terrestrial broadcasting such as digital 

HDTV [33]. They employ several orthogonal subcarriers, modulated using QAM or PSK 

and amplified using a TWTA, to transmit the data. The FFT and inverse FFT (IFFT) 

algorithms are used to efficiently implement OFDM receivers and transmitters, 

respectively. Using a digital predistorter based on the fixed point approach can 

compensate for the TWTA’s nonlinear behavior. But what is a “fixed poinf’? 

Mathematically, a point x is a fixed point of an arbitrary transformation T(-) if x is 

invariant under the transformation, i.e., x  = T(x ) . A fixed point may not be unique or 

even exist for an arbitrary transformation. However, if the transformation is a contraction 

mapping, a unique fixed point exists and can be found using an iterative process [34]. 

The detailed description o f a fixed point based digital predistorter in this and the 

following paragraphs is based on that given in [34] and uses a slightly modified version 

o f the notation found therein.

Defining a TWTA’s nonlinear characteristics as WQ yields a discrete version of the 

memoryless nonlinear amplifier model o f  (41) given by

= = A^(3c[^]), (44)

where y \k \  and x[fc] are samples o f the TWTA's output and input signals' complex
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envelope, respectively, and the AM/AM conversion g ( ) and AM/PM conversion /?(•) 

depend only on the modulus (magnitude) o f the input signal's complex envelope [3] and 

are calculated using Saleh's rational polynomials (42)-(43). The objective of predistortion 

is described by

(45)

where g ,  is the TWTA's desired iinear gain and x^[k\ is the desired predistorted signal's 

complex envelope. The selection o f gain is based on the particular AM/AM 

conversion and AM/PM conversion being linearized.

Consider the transformation T(-) given by

^ W - iv f c W ) ] ,  (46)

where a  is a constant. If  the predistorted signal X j\k\ is a fixed point o f T Q , then (45) 

is satisfied. In other words, finding the fixed point o f t Q ,  assuming it exists and is 

unique, provides the desired predistorted signal. Fortunately, given the TWTA's nonlinear 

characteristics W( ) as described above, there exists an appropriate a  which ensures t Q  

is a contraction mapping, hence, j Q  has a unique fixed point. That unique fixed point o f 

r(-), and consequently the desired predistorted signal 3ĉ [A:], can be found using an 

iterative process given in [34] by

= W )= ^ -W + a b o  (47)

where / = 0,1,2,... and xj, [A:] s  3c[fc]. Thus, a fixed point based digital predistorter for an 

OFDM system is obtained by implementing the iterative process defined in (47).
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Note that the fixed point predistorter is non-adaptive because it relies on a  static 

model o f the TWTA's nonlinear characteristics. Consequently, the compensation 

provided by a fixed point predistorter is only as good as the underlying nonlinear model — 

an inaccurate nonlinear model leads to suboptimal compensation. Although the fixed 

point predistorter was designed to compensate an OFDM system, it should function 

properly in an MC-CDMA system [33] and by extension in a wideband system such as 

IS-95 or IS-2000.

The fixed point predistorter designed to compensate OFDM systems (OFDMPD) is 

the basis for a digital baseband predistorter (FPPD) for CDMA signals developed as part 

o f the research for this dissertation. The OFDMPD uses a TWTA's nonlinear 

characteristics iV̂ Q derived from Saleh's rational polynomials. The FPPD incorporates an 

envelope-phase model using scatter plot derived HPA nonlinear characteristics for A/’Q 

instead o f relying on Saleh's model. This generalized approach o f using scatter plot 

derived nonlinear characteristics allows the FPPD to compensate TWTAs as well as 

solid-state HP As since Saleh's model is not valid for modeling solid-state HP As. The 

block diagram in Fig. 58 shows the location of the FPPD with respect to the HPA.

FPPD

x[Æ] m
HPA

Fig. 58. Fixed point predistorter from [34].
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The statement was made in [34] that there exists an appropriate a  which ensures that 

r(-) is a contraction mapping for the TWTA's nonlinear characteristics Â (-) derived 

from Saleh's rational polynomials. Can the same be said for the memoryless nonlinear 

amplifier model of (44) when is based on scatter plot derived HPA nonlinear 

characteristics? The answer is yes. In [35] a TWTA's nonlinear characteristics WQ are 

given by (44) which in turn is represented by a nonlinear transformation with memory 

/ fQ . The transformation TQ in (46) is also modified by replacing N{^) with //(•). 

Relying on [36], the authors prove that there exists an appropriate a  which ensures r(-) 

is a contraction mapping. The proof does not require that g(-) and /?(•) be in a specific 

form such as Saleh’s model — it only requires that the amplifier’s nonlinear characteristics 

be given by (44). An a  should still exist which ensures t Q  is a contraction mapping 

when the memory length o f //(•) becomes zero. Therefore, basing a zero memory length 

iT(-) on scatter plot derived HPA nonlinear characteristics will not prevent TQ from 

being a contraction mapping for some value o f a .

The FPPD has four parameters: convergence factor a ,  desired linear gain gg,

number of iterations i, and the HPA’s nonlinear characteristics n Ç). The HPA’s 

nonlinear characteristics were discussed earlier in this chapter. The desired linear gain is 

found by examining Fig. 56. The slope of a line connecting the origin to the AM/AM 

scatter plot’s saturation point (0.3647,0.2705) is 0.742 so the desired linear gain is set to 

go =0 .75 . The convergence factor a  is less than one so an initial value o f 0.8 was 

chosen in accordance with the simulations presented in [34].
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The first series of compensation tests were run with a  = 0.8, = 0.75, and the

number o f iterations set to / = 10, 20, and 30. Perfect compensation would result in an 

HPA output signal equal to 0.75 times the input signal. PSD comparisons between a 

scaled version (0.75) of the actual input signal and the three compensated output signals 

are shown in Figs. 59-61. A comparison between any o f these plots and Fig. 55 shows a 

significant reduction in sideband regrowth. This of course begs the question — did the 

FPPD actually reduce sideband regrowth or was it the result o f  essentially scaling the 

input signal’s magnitude by 75%. In other words, the original unity gain HPA now has a 

gain equal to 0.75 because o f the choice o f = 0.75. This is equivalent to reducing the 

input signal’s amplitude to 75% o f its original level. Therefore, comparing a scaled 

version (0.75) o f the actual input signal to an uncompensated output signal generated 

using this scaled input signal should test the FPPD’s effectiveness. A PSD comparison 

between these two signals is shown in Fig. 62. Except for a slight decrease in the signals’ 

maximum PSD magnitude, the plots are almost identical, i.e., scaling the input signal’s 

magnitude by 75% produced only a very slight reduction in sideband regrowth. A PSD 

comparison limited to a 4 MHz bandwidth around the carrier frequency between the 

compensated output signal (z = 20) and the uncompensated output signal o f Fig. 62 is 

shown in Fig. 63. The FPPD reduced sideband regrowth by more than 30 dB for an 

output signal having the same power as an imcompensated output signal.
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Fig. 59. PSD comparison between scaled input signal (light) and compensated output 
signal (dark) showing reduced sideband regrowth for i = 10. First data set 
(modified).
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Fig. 60. PSD comparison between scaled input signal (light) and compensated output
signal (dark) showing reduced sideband regrowth for / = 20. First data set
(modified).
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Fig. 61. PSD comparison between scaled input signal (light) and compensated output 
signal (dark) showing reduced sideband regrowth for f = 30. First data set 
(modified).
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Fig. 62. PSD comparison between scaled input signal (light) and uncompensated output
signal (dark) showing sideband regrowth. First data set (modified).
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Fig. 63. PSD comparison between compensated output signal (light) and uncompensated 
output signal (dark) limited to a 4 MHz bandwidth around the carrier frequency 
showing reduced sideband regrowth. First data set (modified).

The scaled version (0.75) o f the actual input signal was subtracted from the three

compensated output signals to form a set o f error signals. The error signals’ power,

referenced to 500, are listed in Table 12.

Number o f Iterations, i Error Signal’s Power, pW
10 45.3
20 67.1
30 102.2

Table 12. Error signals’ power for the three compensated output signals shown in Figs.
59-61 generated using a  = 0.8, g-g = 0-75, and the number o f iterations set to 
z = 10, 20, and 30.

Note that the reduction in sideband regrowth, especially within the bandwidth o f interest, 

was not greatly influenced by the choice o f / even though error signal power did increase 

as i increased due to the activity outside the bandwidth of interest. Setting the number o f
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iterations to i = 10 in other compensation tests did not provide adequate compensation. 

Hence, i = 20 was chosen as the standard number o f iterations used in the remainder o f 

the compensation tests in this chapter and the IS-2000 forward link simulations in the 

next chapter.

The next series o f  compensation tests were performed with =0.75, i = 20, and

the convergence factor a  running between 0.1 and 0.99. As before, perfect compensation 

would result in an HPA output signal equal to 0.75 times the input signal. The scaled 

version (0.75) of the actual input signal was subtracted from the various compensated 

output signals to form a set o f error signals. The error signals’ power, referenced to 500, 

are listed in Table 13.

Convergence Factor, a Error Signal’s Power, nW
0.1 153.17
0.2 2.34
0.3 0.129
0.4 0.051
0.5 0.040
0.6 0.043
0.7 0.054
0.8 0.067
0.9 0.079
0.99 0.088

Table 13. Error signals’ power for the various compensated output signals generated 
using go = 0.75, z = 20, and a convergence factor a  between 0.1 and 0.99.

The lowest error signal power occurred for a  = 0.5. A PSD comparison between a scaled 

version (0.75) of the actual input signal and the compensated output signal generated 

using a  = 0.5 is shown in Fig. 64. A comparison between this plot and Figs. 59-61 shows 

that reduction in sideband regrowth within the bandwidth o f interest is not greatly
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influenced by the choice o f  a  as long as a “reasonable” value is chosen. Reducing the 

error signal power outside the bandwidth o f interest appears to be the major effect of 

choosing the optimum value o f a .
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Fig. 64. PSD comparison between scaled input signal (light) and compensated output 
signal (dark) showing reduced sideband regrowth for a  = 0.5. First data set 
(modified).

The final series of compensation tests were run with / = 20, a =  0.8, and the desired 

linear gain set to = 0.6, 0.8,0.85, and 0.9. Recall that 0.75 (actually 0.742) is the

maximum linear gain available from the HPA having the AM/AM scatter plot shown in 

Fig. 56 if the input signal is restricted to a peak amplitude of 0.3647 volts. Setting the 

desired linear gain to a value greater than 0.75 should result in a distorted output signal 

and possible divergence o f (47). Scaled versions (0.6,0.8, and 0.85) o f  the actual input 

signal were subtracted from the three compensated output signals generated using 

gg = 0.6,0.8, and 0.85, respectively, to form a set of error signals. Note that a
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compensated output signal was not generated for = 0.9 because (47) diverged. The 

error signals’ power, referenced to 50Q, are listed in Table 14.

Desired Linear Gain, gg Error Signal’s Power, nW
0.6 0.0004
0.8 0.7153
0.85 1.3815

Table 14. Error signals’ power for the various compensated output signals generated 
using, / = 20, a  =0.8, and =  0.6, 0.8, and 0.85.

The lowest error signal power occurred for g^ = 0.6 — a value well below the maximum 

linear gain of 0.75. PSD comparisons between scaled versions (0.6, 0.8, and 0.85) of the 

actual input signal and the three compensated output signals generated using 

g-Q =0.6, 0.8, and 0.85, respectively, are shown in Figs. 65-67. A comparison between

Figs. 64 and 65 shows that reducing the desired linear gain from 0.75 to 0.6 results in 

almost perfect compensation. The downside is the approximately 2 dB loss in gain. 

Setting the desired linear gain to a value greater than 0.75 did result in a distorted output 

signal as shown in Figs. 66 and 67 and divergence of (47) for gg = 0.9.

These compensation tests show the interaction among the FPPD parameters: 

convergence factor, desired linear gain, and number o f  iterations. Further research could 

be conducted concerning optimum values for, and interactions among, these parameters. 

The optimum values for these parameters depend of the input signal’s statistics and the 

HPA’s nonlinear characteristics. The interaction among the FPPD parameters will only 

increase the difficulty o f finding these optimum values if they truly exist
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Fig. 65. PSD comparison between scaled input signal (light) and compensated output 
signal (dark) showing reduced sideband regrowth for = 0.6. First data set 
(modified).
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Fig. 66. PSD comparison between scaled input signal (light) and compensated output
signal (dark) showing sideband regrowth for g  ̂= 0.8. First data set (modified).
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Fig. 67. PSD comparison between scaled input signal (light) and compensated output 
signal (dark) showing sideband regrowth for gg = 0.85. First data set 
(modified).

The performance of an FPPD incorporating an envelope-phase model using scatter 

plot derived HPA nonlinear characteristics is evaluated using an IS-2000 forward link 

simulator in the next chapter. The HPA’s actual nonlinear characteristics N{-), the fourth 

FPPD parameter, were used in the simulations presented in this chapter. In the next 

chapter the effect of using suboptimal nonlinear characteristics is investigated. 

Suboptimal nonlinear characteristics could arise, for example, if the HPA’s AM/AM 

conversion and AM/PM conversion were derived from network analyzer measurements 

instead of using the scatter plot technique.
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CHAPTER 4 IS-2000 FORWARD LINK SIMULATOR

An FPPD and HPA do not operate in isolation — they are just two o f the components 

in an overall communications system. The last chapter examined the performance o f an 

isolated FPPD and HPA. This chapter examines the performance o f an IS-2000 forward 

link simulator incorporating an FPPD and HPA. The FPPD effectively reduces the HPA’s 

gain to decrease IMD and sideband regrowth. The simulations presented demonstrate 

how link performance is affected by this effective reduction in HPA gain. This chapter 

begins by discussing the IS-2000 forward link simulator and its operating parameters. 

The link performance using a perfectly linear HPA and an uncompensated HPA are then 

examined to provide benchmarks by which to judge the FPPD’s effectiveness. The 

chapter concludes by exam ining  the link performance using an FIPA compensated by an 

FPPD.

4.1 SIMULATOR CHARACTERISTICS AND OPERATION

The IS-2000 forward link simulator is an advanced chip level implementation of the 

forward link of Radio Configuration 3 [37]. Simulations performed at the chip level 

instead of the symbol level more accurately model link performance with the tradeoff 

being greatly increased processing time. The simulator features convolutional coding for 

error correction, incorporates a power control subchannel, and utilizes Jake’s fading 

model to simulate the transmission channel. The block diagram in Fig. 68 shows the base 

station portion of the simulator without the FPPD and HPA. The mobile subscriber unit
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(MSU) receiver (not shown) uses coherent detection. The received signal consists o f  two 

components. The first component is the transmitted signal consisting of the pilot charmel 

and traffic channel. The transmitted signal experiences fading in the transmission channel 

before being received. The second component is a Gaussian random variable that models 

the other in-cell traffic channels, out-of-cell (non-serving) base stations, and noise. The 

pilot channel and traffic channel detection is thus hindered by the interference provided 

by the zero-mean Gaussian random variable.
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Fig. 68. IS-2000 forward link simulator base station.
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Forward link performance is determined by and measured in terms o f the following 

parameters. The PSD o f the other in-cell traffic channels measured at the receiver is 

denoted by lor and is normalized to one. The PSD o f the interference measured at the 

receiver firom the out-of-cell base stations and noise is given by lœ. The ratio loi/Ioc, 

known as the geometry, determines the strength o f the out-of-cell interference (including 

noise) relative to the interference fi-om the other in-cell traffic channels. The pilot channel 

or traffic channel power relative to lor is given by E</Ior- Note that all power levels are 

referenced to IQ  in this chapter.

Forward link performance is measured by the average traffic chaimel Ec/Ior required 

to achieve a given firame error rate (FER), usually 1%, at a specified MSU speed. The 

traffic channel Ec/lor is adjusted on a fi-ame-by-firame basis using a power control scheme 

to achieve the desired FER. The forward link simulator utilizes both an inner (fast) loop 

and an outer (slow) loop power control scheme. The iimer loop updates every 1.25 ms 

while the outer loop updates once per frame, i.e., every 20 ms. There are sixteen power 

control groups within each frame. Table 15 lists the simulation parameters used for all 

forward link simulations presented in this chapter. A detailed description o f the IS-2000 

forward link simulator is found in [38].

Most comparable forward link simulators, such as those used to measure the 

effectiveness o f different error correction codes or transmit antenna diversity methods for 

example, do not explicitly incorporate an HPA model. In other words, the lack o f an HPA 

model is equivalent to using a perfectly linear HPA having unity gain, zero degrees of 

phase shift, and no saturation level. This guarantees that link performance is not hindered
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by any HPA nonlinear behavior. This simulator includes the envelope-phase model o f an 

HPA (44) to more accurately predict link performance as well as to have an HPA for the 

FPPD to linearize. The block diagram in Fig. 69 shows the placement of the FPPD and 

HPA within the base station portion o f the simulator.

Carrier frequency 2 GHz
Bit rate 9600 bps
Chip rate 1.2288 Mcps
Frame length 20 ms
Interleaver depth 20 ms (block)
Walsh code length 64
Error control coding R = 1 /4 ,K  = 9
Power control pimcturing Included
Geometry loi/Ioc = 6 dB
Pilot channel Ec/Ior -7 d B
Traffic channel Ec/Ior —3/—40 dB (maximum/minimum)
Inner-loop power control rate 800 Hz
Power control command error rate 5%
Inner-loop power control step + /- 0.5 dB
Outer-loop power control step Frame error based at 50 Hz
Target frame error rate 1%
Channel estimation window 0.25 ms
Multipath channel 1-path Rayleigh fading

Table 15. IS-2000 forward link simulation parameters.

FPPD X
HPA

1 HPA Model 1
.. ' * 4 '

© -

Fig. 69. IS-2000 forward link simulator FPPD and HPA.
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Observe the presence of two envelope-phase models in Fig. 69. The first models the 

HPA’s nonlinear characteristics. The FPPD’s fourth parameter — the HPA’s nonlinear 

characteristics iVQ — is characterized by the second model. Normally, the second 

model’s parameters are determined by measuring the HPA’s input and output signals. In 

essence, an envelope-phase model characterizes the nonlinear behavior o f an HPA that is 

modeled using an envelope-phase model. This method is not as circular as it appears 

since measurement noise is added to the HPA’s output signal firom which the FPPD 

derives the HPA’s nonlinear characteristics.

4.2 SIMULATION RESULTS FOR LINEAR HPA

The forward link performances presented in this chapter are measured by the average 

traffic channel Ec/Ior required to achieve a 1% FER for a total o f one hundred errors. This 

means that on average each simulation takes ten thousand firames to complete. As 

mentioned previously, most comparable forward link simulators effectively use a 

perfectly linear HPA having unity gain, zero degrees of phase shift, and no saturation 

level. The forward link performance using a perfectly linear HPA as described above is 

shown in Fig. 70. The link performance was measured by performing ten simulations at 

each o f  seven different MSU speeds (in kilometers per hour): 1, 3, 5, 10, 30, 50, and 100. 

The average value o f the link performance at each speed is indicated by the square and 

the minimum and maximum values are indicated by the dots on the error bars’ ends. 

These results provide the best performance that can be expected using the simulation 

parameters shown in Table 15.
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Fig. 70. Forward link performance using perfectly linear HPA.

The results shown in Fig. 70 were obtained by performing ten simulations at each 

indicated MSU speed. The forward link performance at any particular speed does not 

vary much from simulation to simulation with the possible exception o f  3 km/h. The ten 

simulations performed at 30 km/h, for example, have the statistics for the average traffic 

charmel Ec/Ior required to achieve a 1% FER shown in Table 16.

Minimum Ec/Ior -18.9452 dB
Mean Ec/Ior -18.8160 dB
Maximum Ec/Ior -18.7197 dB
Standard deviation 0.0702 dB

Table 16. Forward link performance statistics for ten simulations performed at 30 km/h 
using perfectly linear HPA.

The link performance only varies by about 0.1 dB from the mean value o f -18.8160 dB

for any individual simulation at an MSU speed o f  30 km/h. The next step is to introduce
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an uncompensated HPA into the simulator to determine how a real HPA’s nonlinear 

behavior affects link performance.

4.3 SIMULATION RESULTS FOR UNCOMPENSATED HPA

The HPA’s nonlinear characteristics were based on its input signal’s statistics. Recall 

that the HPA’s input signal is comprised of the pilot channel and traffic channel. The 

input signal’s statistics of interest are the mean complex envelope magnitude and the 

peak complex envelope magnitude determined on a ffame-by-ffame basis. Table 17 lists 

the mean complex envelope magnitude, mean peak complex envelope magnitude, and the 

maximum peak complex envelope magnitude for a forward link simulation o f over ten 

thousand frames. The mean peak-to-average power ratio is 8.6 dB.

Mean magnitude 0.4419 volts
Mean peak magnitude 1.1974 volts
Maximum peak magnitude 2.3156 volts

Table 17. HPA’s input signal statistics.

The HPA’s nonlinear characteristics need to provide a measurable increase in the 

average traffic channel Ec/Ior required to achieve a 1% FER in addition to significant 

sideband regrowth. The AM/AM conversion and AM/PM conversion shown in Figs. 71 

and 72, respectively, were chosen based on these considerations and the data in Table 17. 

These nonlinear characteristics represent those of a typical solid-state HPA. The 

functions g(-) and p(-) in (44) are represented by a 13'*’ order and an 8*** order 

polynomial approximation, respectively. Note that the AM/AM conversion has 

approximately unity gain in its linear region.
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Fig. 71. IS-2000 forward link simulator HPA’s AM/AM conversion.
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Fig. 72. IS-2000 forward link simulator HPA’s AM/PM conversion.

The forward link performance using an uncompensated HPA as described above is 

shown in Fig. 73. The link performance was measured by performing ten simulations at 

each o f the seven different MSU speeds used previously. The link performance using the
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perfectly linear HPA is also repeated in Fig. 73. Note that the link performance has 

decreased by approximately 1.5 dB between 30 and 100 km/h. Below 30 km/h the link 

performance is much worse and at 1, 3, and 5 km/h the target FER o f 1% could not be 

achieved. These results provide the best performance that can be expected using the 

simulation parameters shown in Table 15 with an uncompensated HPA and are the 

benchmark by which the FPPD performance is measured.
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Fig. 73. Comparison between forward link performance using uncompensated HPA 
(upper trace) and perfectly linear HPA (bottom trace).

The ten simulations performed at 30 km/h have the statistics for the average traffic

channel Ec/Ior required to achieve a 1% FER shown in Table 18.

Minimum Ec/Ior -17.5402 dB
Mean Ec/Ior -17.2237 dB
Maximum Ec/Ior -16.9178 dB
Standard deviation 0.1926 dB

Table 18. Forward link performance statistics for ten simulations performed at 30 km/h 
using uncompensated HPA.
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The link performance only varies by about 0.3 dB from the mean value o f —17.2237 dB 

for any individual simulation at 30 km/b. The remaining forward link simulations 

presented in this chapter are performed at an MSU speed o f 30 km/h.

Substituting an uncompensated HPA for a perfectly linear HPA results in a 1.5 dB 

decrease in link performance at 30 km/b — it also affects sideband regrowtb. Four frames 

o f the HPA’s input signal, each having a different traffic channel Ec/Ior, were collected to 

gauge this effect. The four frames o f input signal have a traffic channel Ec/Ior (in dB) of 

between; —40 and —25, —18 and —16, —11 and —9, and —7 and —3. PSD comparisons 

between the HPA’s input signal and its uncompensated output signal for each o f these 

four input signals are shown in Figs. 74-77. The sideband regrowth is significant, 

especially at the higher power levels.
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Fig. 74. PSD comparison between input signal (light) and uncompensated output signal
(dark) showing sideband regrowth for traffic channel Ec/Ior between -40 and —25
dB.
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Fig. 75. PSD comparison between input signal (light) and uncompensated output signal 
(dark) showing sideband regrowth for traffic channel Ec/Ior between —18 and —16 
dB.
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Fig. 76. PSD comparison between input signal (light) and uncompensated output signal
(dark) showing sideband regrowth for traffic channel Ec/Ior between —11 and —9
dB.

114



■S -10

-20

Q .

-40

—  Actual input signal 
  Actual output signal

-50
-0.5 -0.4 - 0.2  - 0.1 0.1 0.2 0.3 0.4 0.5

Frequency

Fig. 77. PSD comparison between input signal (light) and uncompensated output signal 
(dark) showing sideband regrowth for traffic channel Ec/Ior between —7 and —3 
dB.

4.4 SIMULATION RESULTS FOR COMPENSATED HPA

Replacing the IS-2000 forward link simulator’s perfectly linear HPA with an 

uncompensated HPA results in reduced link performance and significant sideband 

regrowth. The next series o f simulations incorporate an FPPD into the simulator as shown 

in Fig. 69 to combat these deleterious effects. Recall that an FPPD has four parameters: 

convergence factor a , desired linear gain , number o f iterations i , and the HPA’s

nonlinear characteristics # (  ). The remainder o f the simulations incorporating an FPPD 

are performed with a  = 0.8 and z = 20. The first simulation establishes the benchmark 

for FPPD performance by setting N{^) to the HPA’s actual nonlinear characteristics 

shown in Figs. 71 and 72 since optimum performance occurs when the FPPD is provided
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the HPA’s actual nonlinear characteristics. The desired linear gain, = 0.8056, is the 

slope o f the line connecting the origin to the AM/AM conversion’s saturation point, i.e., 

the point (0.8,0.6446).

An average traffic channel Ec/Ior o f —17.4587 dB achieved a 1% FER using these 

FPPD parameters. This forward link performance is essentially the same as that o f the 

uncompensated HPA shown in Table 18. Perfect compensation would result in an HPA 

output signal equal to 0.8056 times the input signal. PSD comparisons between scaled 

versions (0.8056) o f the four input signals used to produce the results shown in Figs. 74- 

77 and their respective compensated output signals are shown in Figs. 78-81. Note that 

Figs. 78-81 cannot be directly compared to Figs. 74-77 since both the input and output 

signals in the corresponding plots have different power levels. Referring to Figs. 78-81, 

the sideband regrowth is seen to increase as the traffic channel Ec/lor increases. There 

appears to be little, if any, reduction in sideband regrowth at the highest traffic charmel 

Ec/Ior- This can be explained by examining the compensated HPA’s nonlinear 

characteristics, i.e., the overall nonlinear characteristics o f the combined FPPD and HPA.

The compensated HPA’s AM/AM scatter plot and AM/PM scatter plot are found 

using a slightly modified version of the method previously described. First, the input and 

output signals are not converted to analytic signals because they are already in that form. 

Second, the alignment o f  the input signal’s complex envelope magnitude and phase with 

the output signal’s complex envelope magnitude and phase is urmecessary because the 

input and output signals are sampled synchronously. The remaining steps are unchanged 

from those previously described.
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Fig. 78. PSD comparison between scaled input signal (light) and compensated output 
signal (dark) showing reduced sideband regrowth for traffic channel Ec/Ior 
between —40 and —25 dB. Actual nonlinear characteristics.

m - 1 0

a -20

S -30

-40

  Linear Scaled Input Signal
 Com pensated Output Signal

-50

-0.5 0.2 0.30.1 0.4 0.5
Frequency

Fig. 79. PSD comparison between scaled input signal (light) and compensated output
signal (dark) showing reduced sideband regrowth for traffic channel Ec/Ior
between —18 and —16 dB. Actual nonlinear characteristics.
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Fig. 80. PSD comparison between scaled input signal (light) and compensated output 
signal (dark) showing sideband regrowth for traffic channel Ec/Ior between —11 
and —9 dB. Actual nonlinear characteristics.
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The compensated HPA’s AM/AM scatter plot and AM/PM scatter plot are shown in 

Figs. 82 and 83, respectively. These scatter plots were derived using the input signal (to 

the FPPD) having a traffic channel Ec/Ior o f  between —11 and -9  dB and the resulting 

HPA output signal. Comparing Figs. 82 and 71 show that the compensated HPA has 

indeed been linearized up to its saturation point. The compensated HPA also has zero 

degrees o f phase shift as shown in Fig. 83. Note that the gain characteristic displayed in 

Fig. 82 is that o f a clipper. This explains why there is little, if any, reduction in sideband 

regrowth at the highest traffic channel Ec/Ior since an FPPD cannot reduce sideband 

regrowth caused by a clipper. Even though the gain characteristic is linear up to the 

saturation point, the numerous input signal samples having a complex envelope 

magnitude greater than 0.8 volts cause significant sideband regrowth. Note that the input 

signal has a peak complex envelope magnitude close to 2 volts.
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Fig. 82. Combined FPPD and EDPA AM/AM scatter plot derived from FPPD input signal 
and HPA output signal.
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Fig. 83. Combined FPPD and HPA AM/PM scatter plot derived from FPPD input signal 
and HPA output signal.

Recall that in the last chapter the question arose whether reduced sideband regrowth 

results from the FPPD or from what is essentially scaling the input signal’s magnitude. 

The FPPD reduced sideband regrowth significantly compared to scaling the input signal’s 

magnitude as shown in Fig. 62 for an input signal that did not undergo clipping — or at 

least very little. Since the forward link simulator’s nonlinear characteristics are very 

nonlinear considering the input signal’s maximum peak complex envelope magnitude, 

the FPPD should be less effective at reducing sideband regrowth as compared to scaling 

the input signal’s magnitude — especially at the highest traffic channel Ec/lor- The next 

simulation of an uncompensated HPA having its input signal scaled by 0.8056 shows the 

effect on link performance and sideband regrowth o f scaling the input signal.

An average traffic channel Ec/Ior o f —17.387 dB achieved a 1% FER using the 

vmcompensated HPA with the scaled input signal. This forward link performance is
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essentially the same as that o f the compensated HPA. PSD comparisons between the 

compensated output signals and the uncompensated output signals generated using scaled 

versions (0.8056) of the four input signals used to produce the results shown in Figs. 74- 

77 are shown in Figs. 84-87. Note that only the uncompensated output signals were 

generated using scaled input signals. These plots show that the FPPD is indeed less 

effective at reducing sideband regrowth as compared to scaling the input signal’s 

magnitude at the highest traffic channel Ec/Ior- Nevertheless, the FPPD does reduce 

sideband regrowth when the input signal has a lower traffic channel Ec/Ior- In Fig. 84 for 

example, the sideband regrowth has been reduced approximately 3 dB at 1 MHz from the 

carrier frequency.
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Fig. 84. PSD comparison between compensated output signal (light) and uncompensated 
output signal (dark) for traffic channel Ec/Ior between -40 and —25 dB. Actual 
nonlinear characteristics.
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Fig. 85. PSD comparison between compensated output signal (light) and uncompensated 
output signal (dark) for traffic channel Ec/Ior between —18 and —16 dB. Actual 
nonlinear characteristics.
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Fig. 86. PSD comparison between compensated output signal (light) and uncompensated 
output signal (dark) for traffic channel Ec/Ior between —11 and —9 dB. Actual 
nonlinear characteristics.
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Fig. 87. PSD comparison between compensated output signal (light) and uncompensated 
output signal (dark) for traffic channel Ec/Ior between -7  and -3 dB. Actual 
nonlinear characteristics.

The next simulation sets # ( )  to the HPA’s nonlinear characteristics derived firom 

measuring the HPA’s input and output signals as shown in Fig. 69. Recall that 

measurement noise is added to the HPA’s output signal. Otherwise, the HPA’s derived 

nonlinear characteristics would be almost identical to its actual characteristics. The peak 

noise magnitude was set about 40 dB lower than the peak output signal’s magnitude. A 

13^ order and an 8* order polynomial approximation was fitted to the HPA’s AM/AM 

scatter plot and AM/PM scatter plot, respectively. The derived AM/AM conversion is 

almost identical to the actual AM/AM conversion shown in Fig. 71. The derived AM/PM 

conversion, however, differs from the actual AM/PM conversion as shown in Fig. 88. 

This is due to the difficulty in measuring the phase of a  noisy signal at low magnitudes.
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Fig. 88. Comparison between IS-2000 forward link simulator HPA’s actual AM/PM 
conversion (light) and derived AM/PM conversion (dark).

An average traffic channel Ec/Ior o f—17.2408 dB achieved a 1% FER using the same 

desired linear gain as the previous simulation. This forward link performance is 

essentially the same as that of the HPA compensated using the optimum FPPD. Perfect 

compensation would result in an HPA output signal equal to 0.8056 times the input 

signal. PSD comparisons between scaled versions (0.8056) of the four input signals used 

to produce the results shown in Figs. 74-77 and their respective compensated output 

signals are not shown as they are almost identical to those shown in Figs. 78-81. Hence, 

the FPPD using nonlinear characteristics derived from the HPA’s input and output signals 

reduces sideband regrowth as much as the optimum FPPD.

The final simulation sets to the nonlinear characteristics shown in Figs. 89 and 

72. Note that Fig. 72 shows the HPA’s actual AM/PM conversion. The HPA’s AM/AM 

conversion shown in Fig. 89 simulates the AM/AM conversion that would be derived
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with a network analyzer using a CW power sweep, i.e., the HPA’s 1 dB compression 

point is 1 dB larger in Fig. 89 than in Fig. 71. The desired linear gain is set 0.882 to 

match this derived AM/AM conversion.
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Fig. 89. IS-2000 forward link simulator HPA’s AM/AM conversion derived from CW 
power sweep.

An average traffic channel Ec/Ior of —17.5568 dB achieved a 1% FER using these 

FPPD parameters. This forward link performance is essentially the same as that o f the 

HPA compensated using the optimum FPPD. Perfect compensation would result in an 

HPA output signal equal to 0.882 times the input signal. PSD comparisons between 

scaled versions (0.882) o f  the four input signals used to produce the results shown in 

Figs. 74-77 and their respective compensated output signals are shown in Figs. 90-93. As 

was the case with the HPA compensated using the optimum FPPD, the sideband regrowth 

increases as the traffic channel Ec/Ior increases and there is little, if any, reduction in 

sideband regrowth at the highest traffic channel Ec/Ior-
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Comparing Figs. 90-93 to Figs. 78-81 shows that using network analyzer derived 

nonlinear characteristic instead o f scatter plot derived nonlinear characteristics results in 

greater sideband regrowth at lower traffic channel Eo/Ior- In Fig. 90 for example, sideband 

regrowth is approximately 3 dB more at 1 MHz from the carrier frequency than that 

shown in Fig. 78. Sideband regrowth 1 MHz from the carrier frequency is at least 4 dB 

more in Fig. 91 as compared to Fig. 79 and about 2 dB more in Fig. 92 as compared to 

Fig. 80. The sideband regrowth at the higher traffic channel Ec/Ior shown in Fig. 93 is 

essentially unchanged from that shown in Fig. 81.

The IS-2000 forward link simulator using the simulation parameters in Table 15 is a 

very robust system. The simulator’s HPA was given very nonlinear characteristics 

considering the input signal’s maximum peak complex envelope magnitude to adversely 

influence the forward link performance and cause significant sideband regrowth. These 

nonlinear characteristics have presented the FPPD with a worst case scenario. Even 

though the FPPD had little or no effect, good or bad, on the link performance it was able 

to reduce sideband regrowth at certain power levels. The FPPD should have a more 

positive influence on link performance for HPA nonlinear characteristics that are a closer 

match to the input signal’s dynamic range, i.e., the saturation point is closer to the input 

signal’s maximum peak complex envelope magnitude. These nonlinear characteristics 

would result in a greater reduction in sideband regrowth than that obtainable by simply 

scaling the input signal.
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Fig. 90. PSD comparison between scaled input signal (light) and compensated output 
signal (dark) showing reduced sideband regrowth for traffic channel Ec/Ior 
between —40 and —25 dB. Network analyzer derived nonlinear characteristics.
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Fig. 91. PSD comparison between scaled input signal (light) and compensated output
signal (dark) showing reduced sideband regrowth for traffic channel Ec/Ior
between—18 and—16 dB. Network analyzer derived nonlinear characteristics.
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Fig. 92. PSD comparison between scaled input signal (light) and compensated output 
signal (dark) showing sideband regrowth for traffic channel Ec/Ior between —11 
and —9 dB. Network analyzer derived nonlinear characteristics.
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Fig. 93. PSD comparison between scaled input signal (light) and compensated output
signal (dark) showing sideband regrowth for traffic charmel Ec/Ior between —7
and —3 dB. Network analyzer derived nonlinear characteristics.
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CHAPTER 5 CONCLUSIONS

The explosive growth in mobile wireless systems during the last decade has resulted 

in the need for spectrally efficient CDMA cellular telephone systems such as IS-95 and 

IS-2000. The ultimate objective o f this research is the design o f a compensator for the 

wideband HP As used in such CDMA cellular telephone systems. This ultimate objective 

requires meeting three other objectives: deriving a simple yet accurate model of an 

HPA’s nonlinear behavior, designing a compensator that incorporates this nonlinear 

model, and evaluating the compensator’s performance using an IS-2000 forward link 

simulator. All of these objectives have been met.

The first nonlinear HPA model examined was the truncated Volterra series model. 

The Volterra series model is a memory model that provides a very good output signal 

approximation using just a few Volterra kernels but requires a special input signal to 

determine the model’s parameters. The subjective nature o f choosing the significant 

Volterra kernels is also a concern. The Volterra series model was abandoned in favor o f 

the simpler envelope-phase model.

The memoryless envelope-phase model has only two parameters: the HPA’s 

AM/AM conversion and AM/PM conversion. These two parameters are usually derived 

from a network analyzer using a CW power sweep and expressed by polynomial 

approximations. The envelope-phase model using network derived nonlinear 

characteristics is capable of producing a maximum error signal PSD magnitude about 20 

dB down from that o f the actual output signal. More accuracy was needed and deriving
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the HPA’s AM/AM conversion and AM/PM conversion from its modulated input and 

output signals was a solution.

The HPA’s modulated input and output signals are processed to produce scatter plot 

representations o f  its AM/AM conversion and AM/PM conversion. The envelope-phase 

model’s two parameters are then found by fitting polynomial approximations to these 

scatter plot representations. The envelope-phase model has about a 10 dB improvement 

in the maximum error signal PSD magnitude using polynomial approximations o f  the 

HPA’s AM/AM scatter plot and AM/PM scatter plot instead o f its AM/AM conversion 

and AM7PM conversion derived from network analyzer measurements. The envelope- 

phase model is rather insensitive to the polynomial approximation order used for either 

the AM/AM conversion (scatter plot) or the AM/PM conversion (scatter plot) as long as 

reasonable values are used.

Examining an AM/AM scatter plot or AM/PM scatter plot shows the presence of 

hysteresis — a manifestation o f the HPA’s memory effects. The hysteresis effects can be 

taken into account if the HPA’s AM/AM scatter plot and AM/PM scatter plot are 

characterized using a TDL model. The TDL model is an envelope-phase model utilizing a 

sum of polynomial approximations o f the present input signal sample and previous input 

signal samples to characterize the HPA’s AM/AM scatter plot and AM/PM scatter plot. 

The TDL model has about a 2 dB improvement in the maximum error signal PSD 

magnitude compared to the envelope-phase model. Current research to be reported in 

[24] indicates that the introduction o f two linear filters into the TDL model results in 

about a 10 dB improvement in the maximum error signal PSD magnitude compared to
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the basic TDL model. The TDL model, either the basic or filtered version, is more 

accurate than the envelope-phase model and much more complex. Nevertheless, the 

envelope-phase model using scatter plot derived nonlinear characteristics was chosen to 

incorporate into the compensator and to model the IS-2000 forward link simulator’s HPA 

for a variety of reasons including the model’s execution speed.

A digital baseband predistorter based on the fixed point approach, the FPPD, was 

investigated for its ability to compensate CDMA signals. The FPPD reduces sideband 

regrowth by effectively reducing the HPA’s gain while extending the linear region of its 

gain characteristic. The FPPD incorporates an envelope-phase model having nonlinear 

characteristics derived firom either a network analyzer or the HPA’s modulated input and 

output signals, i.e., using scatter plots. The FPPD’s precursor described in [34] is non- 

adaptive because it relies on a static model o f the HPA’s nonlinear characteristics. Thus, 

its performance is only as good as the underlying nonlinear model. This shortcoming is 

remedied by having the envelope-phase model use the HPA’s modulated input and output 

signals to derived the HPA’s nonlinear characteristics. Consequently, the FPPD can adapt 

to changes in the HPA’s nonlinear characteristics caused by environmental variables such 

as temperature fluctuations, component aging, and supply voltage fluctuations. The FPPD 

is capable of reducing sideband regrowth by more than 30 dB as compared to backing off 

the input signal until the compensated output signal and uncompensated output signal 

have the same power.

The FPPD’s performance was evaluated using an IS-2000 forward link simulator. 

Simulations show that link performance is not degraded by the effective reduction in the
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HPA’s gain caused by the FPPD. Sideband regrowth is reduced at certain power levels 

however. The source o f the FPPD’s envelope-phase model’s nonlinear characteristics 

affect sideband regrowth. Network analyzer derived nonlinear characteristics cause 

greater sideband regrowth than scatter plot derived nonlinear characteristics that more 

accurately represent an HPA’s behavior when amplifying CDMA signals.
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