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Abstract 

Wireless communications is enjoying tremendous success. As a result, wireless 

systems must meet stringent industry specifications with respect to out-of-band 

power emissions. The base station power amplifier has emerged as one of the 

major sources of nonlinear distortion in a radio system. Part of the nonlinearity is 

the memory effect. The memory effect has been largely ignored in the design and 

modeling of power amplifiers. Most linearization techniques avoid the problem by 

assuming that the amplifier is memoryless. This thesis is concerned with the 

characterization of the amplifier memory. A more accurate amplifier model than 

the traditionally used memoryless model is shown by accounting for the memory 

effect. Simulation results show that the accuracy of the predistortion is improved 

by incorporating memory into the algorithm. 
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Chapter 1 

Introduction 

1.1 Wireless Communications Today 

As we enter into the new millennium, we are entering into a new era of personal 

communications. The invasion of wireless technology is changing the face of society 

and the way we communicate will never be the same again. Wireless technology is 

enjoying unprecedented success and this trend is sure to continue for the foreseeable 

future. 

People enjoy the convenience that personal mobility affords. The cost of wireless 

phones and service has been on the decline and this has attracted a large following 

in traditionally wireline markets. Over recent years, market growth has exceeded 

expectations and customer demand for wireless services will continue to grow. The 
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Wireless Industry Survey Results 
(United States) 

• Subscribers (in millions) 
S Cells (in thousands) 

• Monthly bill per subscriber(US$) 

19B7 1988 1989 1990 1991 1992 1993 1994 1995 1996 1997 1S 
Source: Cellular Telecommunications Industry Assoication 

Figure 1.1: Survey results showing exponential growth of the wireless industry in 
the United States 

future looks promising for wireless. The most immediate concern is how to keep 

up with growing demand. Figure 1.1 shows the growth of the wireless industry 

in the United States. Even in well penetrated markets like the United States, the 

wireless population of 80 million is expected to double over the next 4 years. The 

popularity of wireless is undeniable and as we evolve towards an internet and cell 

phone lifestyle, the possibilities are endless. The internet has already merged with 

wireless in Japan where iMode was recently introduced. iMode, which is a wireless 

service that supports voice as well as basic internet access, is having tremendous 

success. The next decade should see the cell phone give way to a wireless personal 

communicator with voice being just one of many features it provides. Services 
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such as wireless on-line banking and wireless trading should become commonplace 

as consumers become more comfortable with the emerging technology and mobile 

commerce will find acceptance like e-commerce did in the case of the internet. 

As wireless service becomes more sophisticated, bandwidth has emerged as the most 

expensive resource in providing wireless service. Wireless service providers are bet

ting heavily on the future of wireless. Evidence of the potential that wireless holds 

can be seen by the recent third-generation (3G) German mobile radio license auc

tion which fetched a staggering $46 billion. The huge licensing fees puts pressure 

on operators to build their networks quickly. This urgency is translated directly 

to equipment manufacturers that provide the wireless infrastructure. In today's 

global market, there is stiff competition among equipment manufacturers and there 

is continuous effort to improve the price and performance of their products. There 

is no shortage of demand for wireless equipment as new networks are built and the 

capacity of existing networks is expanded. 

A major factor that limits the performance of wireless systems is interference [1], 

One source of interference is the nonlinearity of the base station transmitter. As 

wireless becomes more popular, more attention is being focused on reducing the cost 

of base station transmitters and reducing the interference they cause. The power 

amplifier (PA) is the final amplification stage in the transmitter. It is one of the most 
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costly components in the transmitter and is also a major source of distortion. The 

focus of the work in this thesis is improvement in the design of the power amplifier. 

Improved power amplifier performance leads to reduced cost and performance of the 

base station transmitter and the corresponding wireless network. 

1.2 Motivation 

Traditionally, linearization techniques have been used to mitigate the nonlinear ef

fects of the PA. These linearization techniques reduce the nonlinear distortion caused 

by the PA but they all have their limitations. Predistortion, which is the approach 

considered here, is based on knowledge of the amplifier amplitude and phase non-

linearity. Once this is known, the input can be distorted such that the distortion 

incurred by the amplifier restores the signal to its original value. The performance 

of the predistortion algorithm is dependent on how well the amplifier characteris

tic is known. Almost all predistortion techniques assume that the amplifier can be 

modeled as a memoryless nonlinearity, that is, the instantaneous output depends 

only on the instantaneous input. In practical systems, this is not always true, and 

the memoryless model loses accuracy especially for wideband signals. This thesis 

investigates the validity of the memoryless assumption. 
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1.3 Thesis Contribution 

To the author's knowledge, this is the first time an attempt has been made to iden

tify the factors affecting thermal memory. In this project, measurements have been 

performed in the lab to determine what factors affect memory. A predistortion algo

rithm with memory has been developed and compared to the memoryless algorithm. 

An improved amplifier model with memory is derived from the memory measure

ments. From this amplifier model, a predistortion linearizer was developed that is 

able to compensate for both the memory effect and the memoryless nonlinearity. 

The contribution of this thesis is that it presents a study into the memory mech

anisms which has not been seen in the literature before and a new predistortion 

approach has been shown by inverse modeling of the power amplifier. Improved 

linearization performance is shown by using the proposed technique. 

1.4 Thesis Outline 

Chapter 2 contains an overview of nonlinear effects of radio-frequency (RF) power 

amplifiers, and methods of measuring these effects are discussed. In Chapter 3, a 

discussion of the main linearization techniques is presented. The advantages and 

disadvantages of each are discussed, with the main focus of the chapter being on 

predistortion. Chapter 4 describes the experimental procedure used to study the 

memory effect. Various hypotheses are investigated and in Chapter 5, we develop 
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an accurate amplifier model with memory and show that it performs better than the 

memoryless model. An analytical model of the amplifier inverse is derived. Chapter 

6 contains simulation results comparing the proposed predistortion algorithm with 

the memoryless algorithm and finally, Chapter 7 contains a summary of the project 

and recommendations for future work. 



Chapter 2 

R F Power Amplifier Performance 

The role of the power amplifier (PA) in a communications system is to amplify 

the transmit signal to a suitable level so that it can be adequately detected at 

the receiver. The proliferation of wireless subscriber units and services has created 

high demand for available bandwidth and the transmitted radio signals must meet 

stringent industry specifications to avoid causing interference for other users. This 

translates directly into a need for efficient and linear power amplifiers. An overview 

of PA nonlinear effects and key performance parameters is presented in this chapter. 

2.1 Efficiency 

Efficiency is a measure of how well the amplifier converts DC input power to RF out

put power. Power added efficiency (T/PAE)) is the definition that is most commonly 
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used and is defined as the ratio of the added RF power to the DC input power, 

p — P 
1 outRF •» mRF / 0 1 \ 

VPAE = p (/•!) 

In practical terms, good efficiency is highly desirable both at the base station and 

at the mobile terminal. At the mobile terminal, good efficiency reduces the power 

consumed by the battery, allowing for longer talk time. At the base station, good 

efficiency means that more power is delivered to the load and less power is dissipated 

in the amplifier. This reduces self-heating which means that the device is operated 

at lower temperatures for the same output power than for a low efficiency amplifier. 

This drives down the cost of the entire system since the transmitter requires less 

power and cooling systems need not be as elaborate [2]. Long-term reliability also 

improves as the device can generally be operated at lower temperature. 

2.2 Linearity 

The term linearity is a relative term that refers to how well an amplifier meets 

certain performance criteria. These criteria depend on the particular application. 

The sources of nonlinearity and the evaluation of these nonlinearities is outlined 

below. 
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2.2.1 Sources of Nonlinear Distortion 

A M / A M 

An ideal amplifier exhibits constant gain irrespective of the input signal amplitude. 

Real amplifiers exhibit a relatively linear gain response when the amplifier is suitably 

backed off from saturation. However, as the input power is increased, the gain of the 

amplifier starts to compress until, at the saturation point, further increase in input 

power does not result in any additional output power. Clipping of the signal peaks 

occurs when the amplifier is driven into gain compression resulting in a distorted 

output signal. The dependence of the gain on input power causes the output signal 

to be distorted with respect to the input signal. This behaviour is referred to as 

amplitude to amplitude conversion (AM/AM). 

A M / P M 

The amplitude to phase conversion (AM/PM) refers to the nonconstant phase shift 

of an amplifier. Rather than the phase shift being constant, the phase shift is a 

function of the input signal amplitude. Both the nonlinear gain and phase can 

be seen in Figure 2.1 which shows the measured complex gain of the MRF19060 

amplifier. This is class AB laterally difussed metal oxide semiconductor (LDMOS) 

device that is designed for PCS applications between 1.9 GHz to 2.0 GHz. The 

transfer characteristic is linear at low power. For increasing power levels, the gain 

and incremental phase are no longer constant and become dependent on input power. 
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Figure 2.1: Measured gain and efficiency of a class AB power amplifier 

Memory 

The instantaneous output of an amplifier does not only depend on the instantaneous 

input but also on past values of the input signal. This so-called memory effect is 

usually neglected in modeling and design of power amplifiers but studies have shown 

that better accuracy can be achieved by accounting for the memory [3], [4], [5]. 

Figure 2.2 shows the memory effect when a pulse is passed through an amplifier 

with nonnegligible memory. The output overshoots before settling to its steady 

state value. For wideband signals such as code division multiple access (CDMA) and 

orthogonal frequency division multiplexing (OFDM), the accuracy of the memoryless 
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Input pulse 

time 

(a) 

Output 
with memory 

time 

(b) 

Figure 2.2: (a) Envelope of RF input pulse; (b) Output envelope showing memory 
effect. 

model is quickly degraded. 

Memory effects are of two types; short time-constant and long time-constant mem

ory effects. Short time-constant memory effects are caused primarily by components 

in the biasing circuit and are in the order of microseconds. The long time-constant 

memory effects are in the order of milliseconds and are primarily caused by thermal 

constants of the actual device [3]. All the work in this project is based on measure

ments of the long time-constant memory and subsequent use of the term "memory" 

should be understood as such. 

time-constant (x) 
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2.2.2 Evaluation of Amplifier Nonlinearity 

EVM 

The error-vector-magnitude (EVM) is used to evaluate the in-band distortion in

curred by a quadrature modulated signal. The EVM is usually used to quantify the 

distortion due to transmission through a nonlinear channel but it is also used to 

measure the accuracy of modeled data to real data. The EVM is shown in Figure 

2.3 and is defined as 1 

WM = i f MU] - ~Xi[n$\ + &M - *«W (2.2) 
M t t \ x?[n] + x*[n] 

where x[n] is the desired signal and x[n] is the distorted (or modeled) signal. The 

EVM is simply the root mean square of the errors. Equation 2.2 is widely accepted 

as the definition for EVM where every error vector is normalized with respect to 

the ideal transmitted vector. The EVM, however, has also been reported as being 

normalized with respect to the peak signal level [6]: 

EVM = JL V" /(X*M ~ Hn})2 + K M ~ xq[n])2 

M ^—^ \ T 2 -+- T2 

1
 n=l V imax ' ^qraax 

where ximax and xqmax represent the constellation's corner states. 

(2.3) 

1the "i" and "q" subscripts refer to the in-phase and quadrature components of the symbol, 
respectively 
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EVM 
Jd 
Ixl 

x desired symbol 
x distorted symbol 
e error 

Figure 2.3: Calculation of error-vector-magnitude 

A C P R 

The traditional test for amplifier nonlinearity has been the two-tone test. If two 

closely spaced tones are applied to an amplifier, the output contains signals at 

frequencies other than the two input tones. A mild nonlinearity may be represented 

by a power series, 

Vout(t) = axVinit) + a2v?n(t) + a3vfn(t) (2.4) 

If a two-tone signal of the form 

Vin(t) = COS U\t + COS UJ-it (2.5) 

is substituted in Eq. 2.4, it can be shown that the output will contain signal com

ponents at frequencies other than uj\ and UJ2 [7]. As well as inducing harmonics in 

the output, the nonlinearity also induces tones at frequencies muii ± nw2 where m 

and n are integers. The so-called third-order intermodulation distortion occurs for 
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\m\ + \n\ = 3. The components occuring at 2u>i — UJ2 and 2co>2 — u>i are the most 

bothersome as they occur closest to the desired signal. Two-tone IM3 is still used 

as a functional test to specify the spectral distortion produced by an amplifier and 

is usually specified in decibels as the ratio of the power in one of the IM3 products 

to the power in one of the input tones: 

IM3(dB) = 10 log (^~) (2.6) 

where P/M3 is the power at one of the third-order frequencies and Pt is the power in 

one of the input tones. To determine IM3, the amplifier is driven at its peak output 

power level. This is shown in Figure 2.4. 

The two-tone test is not capable of accurately prediciting the distortion caused by 

digitally modulated signals. Wireless operators have opted for spectrally efficient 

modulation formats such as CDMA and OFDM. The intermodulation distortion 

(IMD) caused by these digitally modulated signals is not accurately predicted by 

two-tone IM3 [8], [9]. 

Adjacent channel power ratio (ACPR) is analogous to two-tone IM3 for digitally 

modulated signals. The ACPR is defined as the ratio of power in the adjacent chan

nel to the power in the main channel. The PSD of a signal x(t) , can be approximated 
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g 
•a 

(a) 

IM3 
1 

IM5 

, 

M 

(b) 

Figure 2.4: (a) two-tone input (b) output showing third- and fifth-order intermod-
ulation products 

as the square of the magnitude of its Fourier transform [10], i.e., 

Px(f) = TO)|S (2.7) 

From the PSD, the ACPR is calculated as, 

ACPR{dB) = 10 log ch 

P, M 
(2.8) 

where 

Pch = 

fo+i 

fo-i 
P«(/)4f (2.9) 
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Figure 2.5: IS-95 adjacent channel definition 

is the power in the adjacent channel and 

2.5 

Pm= I Px(/)4f 
T B m 

(2.10) 

is the power in the main channel, fo is the offset from the transmit frequency, Ba 

is the bandwidth of the adjacent channel and Bm is the bandwidth of the main 

channel2. There are two adjacent channels, the upper adjacent channel ( + / o ) and 

the lower adjacent channel {—fo). The ACPR for the upper and lower adjacent 

channels is generally not the same and Pch is usually expressed as the average of the 

power in the lower and upper adjacent channels. The limitation on ACP emissions 

is strictly defined to allow sharing of the available spectrum. Note that the ACPR 

2 different standards specify different values for fo, Ba and Bn 
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is based on the comparison of the total power in the main channel bandwidth to the 

power in the adjacent channel. The difference in bandwidth should be taken into 

account when evaluating ACPR performance. Figure 2.5 shows the IS-95 definition 

of adjacent channel power. The IS-95 standard specifies a 30 kHz adjacent channel 

bandwidth compared to a 1.23 MHz bandwidth in the main channel. This difference 

in bandwidth automatically produces a 16 dB greater rejection from what would be 

observed on a spectrum analyzer. 

2.3 Linearization 

The nonlinear distortion caused by the amplifier increases as the amplifier is driven 

closer to saturation. As saturation is approached, the gain and phase characteristics 

of the amplifier become increasingly nonlinear and memory effects become more 

severe. All these factors contribute to spectral spreading. At the same time, however, 

it is desireable to operate the device as close to saturation as possible to maximize 

DC-RF conversion efficiency. As can be seen in Figure 2.1, the amplifier behaves 

linearly when driven well below saturation. Operating below saturation reduces 

efficiency. This is a tradeoff that must be considered in the design of a PA. 

The accelerated expansion of PCS services and base stations has sparked a renewed 

interest in the design of linear and efficient PAs. One solution is the use of lineariza-
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tion techniques to reduce the nonlinear distortion. Linearization is a cost effective 

method of improving both linearity and efficiency of a given amplifier. There are 

different linearization techniques that differ in cost, performance and complexity 

and these are discussed in further detail in the following chapter. 



Chapter 3 

Predistortion 

Predistortion is a linearization technique. Linearization refers to any means by which 

the nonlinear distortion of an amplifier is reduced. The effects of nonlinear distortion 

have been discussed in Chapter 2. There is no ideal solution to the problem. All 

the linearization methods that are currently in use have certain advantages and 

disadvantages. These linearization techniques are well documented in the literature 

so they will only be mentioned briefly. This chapter is divided into two sections. 

The first section contains a brief summary of the main linearization techniques. A 

general overview of predistortion is contained in the second section. 
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Signal cancellation 
loop 

+ 

Error cancellation 
loop 

A, 

Figure 3.1: Feedforward Linearization 

3.1 Current Linearization Techniques 

There are many linearization schemes in use today but most of them can broadly 

be classified as either feedforward, feedback or predistortion. 

3.1.1 Feedforward 

Figure 3.1 shows a block diagram of a basic feedforward system. The system consists 

of two loops: the signal cancellation loop and the error cancellation loop. The first 

loop (signal cancellation loop) subtracts samples of the input signal from the output 

signal of the main amplifier to produce a sample of the main amplifier's distortion. 

The second loop (error cancellation loop) subtracts the sampled distortion of the 

signal cancellation loop from the delayed main amplifier output to produce an ideally 

distortion free output signal. 
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Advantages 

Feedforward methods do not incorporate any feedback and are thus inherently stable. 

Feedforward is a good choice for linearization when a 6 - 7 dB backoff from saturation 

is acceptable. 

Limitat ions 

Limitations of narrowband feedfoward networks are: 

• Unavoidable losses are incurred in the phase shifters and couplers which must 

necessarily be located after the main amplifier. This reduces the saturated 

output power that is possible. 

• A highly linear auxilliary amplifier is required to amplify the distortion to 

the appropriate level so that ideal cancellation occurs at the output. The 

linearity requirement implies that the auxilliary amplifier cannot be operated 

at optimum efficiency. 

• The linearization benefit that can be achieved by feedforward linearization is 

directly dependent on it's ability to maintain accurate gain and phase matching 

between the signal paths. The phase matching, especially, becomes increas

ingly difficult in wideband applications. 

• There is a tradeoff between the size of the auxilliary amplifier and the cou

pling coefficient of the output coupler. The coupling coefficient needs to re-
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Variable 
Attenuator 

Phase 
Detector 

Figure 3.2: Indirect Feedback 

main small so as to minimize the loss of output power. However, a small 

coupling coefficient requires the use of a large auxilliary amplifier. Practical 

considerations limit the effectiveness of feedforward to about 6 - 7 dB below 

saturation [11]. 

3.1.2 Feedback 

An example of an indirect feedback system is shown in Figure 3.2. Feedback is a 

broad category of linearization techniques. It includes all methods where the input 

signal and output signal are compared to generate an error signal. The input signal 

is then modified according to the error signal. In direct feedback, the error signal is 

used to drive the amplifier. In indirect feedback, the error signal is used to modulate 

the input signal. In Cartesian coordinate feedback, the comparison of the input and 

output occurs in the rectangular baseband domain to generate a vector error signal. 
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The common factor in all these feedback methods is that they all rely on an error 

signal that is generated from comparison of the sampled input and output signals. 

Advantages 

The correction provided by these techniques depends on the sampled amplifier out

put. Thus, these techniques are self-correcting and are able to compensate for drifts 

in the amplifier response due to environmental factors and aging. 

Compared with other linearization schemes, feedback is attractive due to it 's sim

plicity but it is not robust enough for today's applications. It is usually used in 

combination with other techniques. 

Limitat ions 

Feedback suffers two major limitations. First, it is difficult to design a feedback 

network with sufficient bandwidth to handle current wideband requirements and 

secondly, as with all feedback systems, special consideration has to be taken to 

avoid potential instability problems. 

3.2 Predistortion 

Predistortion is being used extensively as a linearization technique. It 's relative 

simplicity compared to other methods has made it the most attractive solution. As 
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PREDISTORTER AMPLIFIER CASCADE 

+ 

Figure 3.3: Predistortion concept 

shown in Figure 3.3, predistortion linearizers work by generating a transfer charac

teristic that is the inverse of the amplifier characteristic. The combined response of 

the predistorter and amplifier is linear. The component count is much lower and 

less complex than in a feedforward corrected amplifier making predistortion signif

icantly cheaper. In addition, predistortion can be implemented non-invasively as a 

stand-alone unit and no changes to the design of the amplifier need to be made. 

3.2.1 Theory 

Predistortion compensates for the amplifier nonlinearity that results in amplitude 

to amplitude conversion (AM/AM) and amplitude to phase conversion (AM/PM). 

As shown in Figure 3.4, the transfer characteristic of a power amplifier is nonlinear. 

It is desirable to drive the amplifier as close to saturation as possible to maximize 

efficiency. However, this also has the effect of increasing the nonlinear distortion 

caused by the device. Figure 3.5 shows a 64-QAM input constellation from which one 

of the symbols may be transmitted. The nonlinear behavior of the amplifier causes 

AM/AM and AM/PM distortion of the corresponding RF input signal. Figure 3.5 
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A Pout 

A Pin A Pin 

Figure 3.4: Amplifier saturation 

shows how the distortion affects the constellation after nonlinear amplification. If 

the distortion of the amplifier is known beforehand, it is possible to distort the 

input constellation such that when it is passed through the amplifier, the amplifier's 

distortion restores the constellation to it's original shape. An input constellation 

point may be represented as: 

a + ib = pe^ (3.1) 

The predistorted point is given by: 

. 

Saturation 

S*' 

x + iy = re (3.2) 



3.2 Predistortion 20 

INPUT CONSTELLATION OUTPUT CONSTELLATION 

0 0 o 0 0 0 0 0 

0 0 0 0 0 0 0 0 

0 0 0 0 0 0 0 0 

0 a 0 o 0 o o 

° ° o ° o o o o 

" o o ° 0 o 0 o 

0 0 0 0 0 0 0 0 

0 0 0 0 0 0 0 0 

B -0.6 - 0 * -0.2 0 2 a 4 0 S 0. 

NONLINEAR 
AMPLIFICATION 

I PREDISTORTION 

PREDISTORTED INPUT CORRECTED OUTPUT 

0 0 0 

o o o 
0 o o 
0 0 o 
0 o 0 

NONLINEAR 
AMPLIFICATION 

0 ° ° ° ° o o o 

0 0 0 0 0 0 0 0 

0 0 0 0 0 0 0 0 

0 0 D 0 0 0 0 o 

0 0 0 a 0 o 0 o 

° o 0 ° o o a 

o o o o 0 0 o 11 

o 0 0 0 0 0 o 0 

B 2 o 2 0 

Figure 3.5: Predistortion of 64-QAM constellation 
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A(r) is the AM/AM distortion and $(r ) is the phase conversion - AM/PM. The 

data point is given by: 

u + iv = Re^ (3.3) 

As has been shown in [12], the object of the predistortion, is to find r = f and 6 = 6 

such that 

Re** = Gpeie (3.4) 

where G is the linear gain. The output data point is given by Rn = A(rn) and 

ipn = $ ( r n ) + 8n. Thus, the memoryless predistortion problem reduces to finding a 

solution to Equations 3.5 and 3.6 

f(f) = A(f) -Gp = 0 (3.5) 

$ ( f ) + 0 - 0 = 0 (3.6) 

In practice, this is done by measuring the steady state transfer characteristic of 

the amplifier. Once the desired linear gain, G, is known, the inverse characteristic 

can be obtained by solving Equations 3.5 and 3.6 and the input symbols can be 

predistorted accordingly. Due to the nonlinear nature of these equations, a direct 

solution is not possible. There are a variety of algorithms by which these equations 

may be solved iteratively. 
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3.2.2 Advantages 

Predistortion linearziers are not as succeptible to instability as are feedback lineariz-

ers. In practice, the predistorter coeffcicients are periodically updated and it is only 

during the update time that stability is a concern. 

A predistorter can be implemented as a stand-alone unit and provide significant 

benefits in linearity. 

Unlike feedforward techniques, predistortion can provide good linearity improve

ment even at saturation. Usually the choice of linearizer depends on the specific 

application. 

3.2.3 Limitations 

Predistortion as a means of linearization started to gain popularity around 1980. 

One of the earliest publications on predisortion was a Davis' 1981 patent [13]. Most 

subsequent publications reference this patent or Saleh's 1983 article [12] in which he 

demonstrates reduced distortion of a 64-QAM constellation using adaptive memo-

ryless predistortion. Since then, there have been many improvements to the initial 

design but there has not been any fundamental change in the basic concept. A 1992 

paper by Karam et al. [14] mentions memory but this refers to the presence of a 

pulse shaping filter in the transmission chain and not memory caused by the ampli

fier. There have been successful attempts to model the amplifier memory [3], [4] but 

up until 1999 there has been no attempt to include amplifier memory in the predis-
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tortion. Even though memoryless predistortion is successful in reducing nonlinear 

distortion, the underlying assumption is that the nonlinearity is memoryless. Up un

til very recently, most of the literature related to predistortion either skirted around 

the memory issue, or made the same assumption - that the nonlinearity being com

pensated is memoryless. These predistortion schemes are suitable for memoryless 

or quasi-memoryless nonlinearities but for high power and wideband applications, 

memory is not insignificant. The first attempt to deal with this problem is mentioned 

in a 1999 patent [5]. 



Chapter 4 

Memory Characterization 

As described in Section 3.2.3, the major limitation of the predistortion technique 

is the assumption that the nonlinearity is memoryless. This limits the accuracy 

of the predistortion and restricts the use of this technique to memoryless or quasi-

memoryless nonlinearities. For wideband applications, the amplifier response is 

frequency-dependent and the memoryless assumption is not correct. Taking the 

memory into account allows for the design of a more accurate predistorter and the 

accuracy of the predistortion can thus be improved. 

This chapter is divided into three sections. The first section describes the approach 

used to design the experiment. The second section describes the experimental setup 

in detail, and the results of the experiment are contained in the third section. 
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4.1 Long Time-Constant Memory 

A predistortion technique with memory has been shown by Leyendecker in [5]. The 

approach used was to train the predistorter based on present as well as past samples 

of an input signal. No results were shown but the method claimed to produce 

better results than memoryless predistortion. Leyendecker's approach does correct 

for memory but the size of the look up table makes the method prohibitive for 

nonlinearities with long memory. 

There are two phenomena that are generally referred to as memory; the short time-

constant memory which is in the order of microseconds and the long time-constant 

memory which is in the order of milliseconds. The short time-constant memory is 

believed to be caused primarily from the components in the biasing circuits, while 

the long time-constant memory is mostly due to the thermal time constants of the 

device [3]. The purpose of our experiment was to gain a better understanding of 

the long time-constant memory effects in a power amplifier by investigating the 

possible factors that affect the memory. In this project, the approach used was to 

actually measure the memory in the lab. This enabling a better understanding of 

the mechanisms affecting the memory. From this, an amplifier model with memory 

was developed that is more accurate than the traditional memoryless model and 

this enabled the design of a corresponding predistorter with memory. The memory 
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Figure 4.1: System setup 

of the amplifier was characterized as a function of flange temperature, step size of 

an RF input pulse, and absolute power. In addition, the drain current, Ida, and 

the gate voltage ,Vg, were also measured to see if they have any significant effect on 

memory. These will be explained in more detail in Section 4.3.4. 
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Figure 4.2: MRF19060 Class AB Power Amplifier 

4.2 Experimental Setup 

A block diagram of the experimental setup1 is shown in Figure 4.1 and the power 

amplifier used for the testing is shown in Figure 4.2. The MRF19060 is a 26 V, 

1960 MHz 60 W LDMOS device that was acquired as an evaluation test fixture 

and was obtained fully matched and mounted on a copper palette with the DC 

and RF connectors fitted. The amplifier was biased in class AB. The RF source is 

provided by the network analyzer. The signal is split by means a pulse generator 

controlled GaAs switch. The switch splits the signal between two paths. One 

path contains a fixed attenuator and the other contains a variable attenuator. This 

This is a modification to an existing setup tha t was put together by Trevor Page at Nortel 
Wireless Design Center 
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allows the power level of the two signals to be controlled. The pulse generator 

also provides the trigger signal for both the network analyzer and the oscilloscope. 

The two signal paths are combined and the resulting output is a pulse modulated 

1960 MHz RF signal. A pulsed signal was used for two main reasons. First, it 

allowed for measurements to be made above the 1 dB compression point (Pids) 

without risking permanent damage to the device and secondly, using a pulsed signal 

keeps the average temperature of the device low thereby mitigating the effect of 

temperature on the recorded measurement. The size and width of the pulse are 

variable. The signal is then boosted to increase the power available to testing the 

device under test (DUT). An attenuator, 8, is inserted in the path to protect the 

driver amplifier. Using a 20 dB coupler, the input signal is sampled just before 

the DUT. The amplified signal is attenuated and also coupled into the network 

analyzer. While it is true that other components in the test bench may generate 

some distortion, this is not a concern with the current setup. The desired gain 

measurements are obtained by comparing the output signal to the input signal. The 

20 dB coupler at the DUT input and the attenuators at the DUT output are assumed 

to be linear such that the gain measurement only reflects the distortion caused by 

the device. 

The DUT is enclosed in a temperature chamber. The temperature chamber allows 

the ambient temperature to be varied from -55°C to 80°C. The flange temperature, 

Tf, is measured by means of a thermocouple connected to a Fluke Data Bucket. 
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Figure 4.3: Translation of power measurement from the network analyzer to the 
amplifier 

The drain current, Ids, is measured noninvasively using an F.W. Bell Y8100 current 

probe. This is a clamp on device that measures the current flowing through the drain 

supply connector. The gate voltage, Vg, is measured using a Tektronix P6202A high 

impedance probe. The probe was connected at A/4 from the gate to reduce the effect 

of the RF signal on the DC measurement. The drain voltage, Vd, is not measured as 

it was observed that it does not affect the gain significantly during the power sweep. 

4.2.1 Calibration Procedure 

The calibration of the network analyzer was performed manually. A maximum power 

range of 30 dB was required for testing. Using a power sensor, the optimum test 

port power range of the analyzer was determined by comparing the network analyzer 

source power level to the power level measured with a power meter. This was done 

at various power levels until good agreement was found between the two readings. 

from driver amp 
Maiiim 20 dB coupler 

XI 
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The desired power range at the analyzer input ports, A and B, was determined 

similarly and the attenuation of the input and output paths was adjusted so that 

the appropriate power ranges would be presented to the input ports. The precise 

attenuation value from the DUT to the analyzer was obtained by comparing the 

actual power into and out of the DUT (measured with the power meter) to the 

network analyzer measurements. Figure 4.3 shows the calculation of these offset 

values. The channel B offset is calculated as the loss due to the connectors and 

the 20 dB coupler. The channel A offset is the loss due to the connectors and the 

attenuator, 7. Once these offsets were known, it was possible to automate the entire 

setup by incorporating these values into the software. 

4.2.2 Memory Measurement 

The test parameters are shown in Table 4.1. A temperature sweep is done which 

consists of varying the flange temperature, Tf, over the temperature range in the 

prescribed increment. At each temperature, a power sweep is done. This consists 

in varying the network analyzer power over the power range in the prescribed in

crement. The timing diagram of the power sweep is shown in Figure 4.4. At every 

power level, a 50 ms snapshot of the complex gain, G*(t), is taken. The corre

sponding drain current, Ids(t), and gate voltage, Vgs(t), as functions of t ime are 

also measured. The steady state value of G*(t) was obtained by taking the gain 

measurement at the end of the pulse where the memory effect was assumed to be 
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TEST PARAMETER VALUE UNIT 
Device 
Drain Voltage 
Gate Voltage 

26.0 
3.904 

V 
V 

Temperature 
Temperature range (flange) 
Increment 
Tolerance 

-10 -> 50 
10 
0.1 

°C 
°C 

°c 
Power 
Power range (network analyzer) 
Input power range (DUT) 
Increment 

-25 -> 5 
10.2 -» 40.2 
0.5 

dBm 
dBm 
dB 

Pulse 
Step Size 
Carrier Frequency 
Pulse Repetition Period 
Pulse Width 

32 
1960 
100 
25 

dB 
MHz 
ms 
ms 

Table 4.1: Test parameters 

negligible. Thus, the data collected is G*(t),V9(t), Ids(t), AM/AM and A M / P M of 

the amplifier over the power range and temperature range. 

Since the device temperature changes as a function of the power dissipated in the 

device, it was necessary to adjust the chamber temperature to maintain the flange 

temperature constant throughout the power sweep. This approach is different from 

the traditional gain measurement in which the temperature is not controlled. In 

the traditional method, the junction temperature, Tj, may vary by as much as 15° 

due to RF drive alone, thus changing the response of the amplfier. This method is 

believed to be more representative of the gain dependency on temperature. 
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Figure 4.4: Timing diagram showing pulse profile and corresponding steady-state 
gain measurement 

The power sweep, temperature control and the fault control were all automated by 

means of a Labview program. This allowed the user to easily change the power 

and temperature test parameters listed in table 4.1 as well as monitor the test in 

progress. 

4.3 Factors Influencing Memory 

With the described setup, it was possible to investigate the effect of the flange 

temperature, the step size and the input power on the long time-constant memory. 

4.3.1 Flange Temperature 

With the data obtained from the experiment, it was possible to determine the effect 

that temperature has on memory. Figs. 4.5 - 4.8 show the measured complex 

gain of the PA to a pulse input. The input power is constant while 7/ is varied 

from -10°C to 50°C. Figures 4.5 and 4.6 show the response at PUB- At the 1 
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Figure 4.5: Effect of 2/ on gain memory {PUB) 

dB compression point (PUB), the gain is memoryless (Figure 4.5), only the phase 

response exhibits memory (Figure 4.6). It is expected that the absolute phase would 

change with temperature, so the plots have been normalized to more easily observe 

the temperature effect. There is no change in memory with temperature. Figures 

4.7 and 4.8 show the response 5 dB deeper into compression. They confirm that 

temperature has no effect on memory. Figs. 4.9 and 4.10 show the AM/AM and 

the normalized AM/PM of the amplifier for Tf = -10°C -+ 50°C. Even 

though temperature does not have any effect on memory, it does have an effect on 

the steady state gain. The effect is not easy to analyze from knowledge of Tf alone. 
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Figure 4.6: Effect of Tf on phase memory {PUB) 
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Figure 4.7: Effect of Tf on gain memory (Compression) 
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Figure 4.8: Effect of Tf on phase memory (Compression) 
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Figure 4.9: Effect of 7) on AM/AM 
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Figure 4.10: Effect of Tf on AM/PM 

Theoretically, the junction temperature, Tj, can be calculated as 

Tj =Tf + (eJC)PD (4.1) 

where 9JC is the thermal resistance and PD is the power dissipated in the device. 

The difficulty lies in accurately determining OJC- The thermal resistance of a given 

device is not a constant number. It is a function of the dissipated power, the ambient 

temperature and the device geometry. The thermal resistance of silicon increases 

by 80% from 25° C to 200° C [15]. The value specified in the data sheet for this 

transistor is QJC = 0.97°C/W. This is the maximum value of 6JC- It is useful in 
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Figure 4.11: Effect of step size on phase memory (P\dB) 

determining the maximum temperature rise of the device due to power dissipation 

but it is not useful for accurate temperature calculations. 

4.3.2 Step Size of Input Pulse 

Step size does not have any effect on memory either. Figs. 4.11 - 4.13 show the 

response of the amplifier to varying step sizes. The peak pulse power has been held 

constant and the step sizes are referenced to the peak pulse power. Figure 4.11 

shows the phase response at PUB for a 32 dB, 10 dB, 6 dB and 3 dB step, re

spectively. If we assume a modeling accuracy of 0.5 degrees, phase memory is not 

sensitive to step size. The magnitude response does not exhibit any memory at 

http://www.,1
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P\dB- Figures 4.12 and 4.13 show the magnitude and phase response, respectively, 

in the compression region where the memory is more severe. Assuming a modeling 

accuracy of 0.05 dB for magnitude and 0.5 degrees for phase, we may say that there 

is no difference in memory between the 2 plots. Smaller step sizes were not used at 

this power level for fear of exceeding the maximum average power rating of the de

vice. The results presented in this section are similar across the temperature range 

and are shown for 7/ = 20° C only. 

4.3.3 RF Power Level 

Previous experiments have shown that memory is linearly related to power. This was 

confirmed in this experiment. Figs. 4.14 - 4.16 show the effect of power on memory. 

Figure 4.14 is a surface plot of the normalized gain memory for the duration of the 

pulse. Figure 4.15 is a surface plot of the normalized phase memory for the duration 

of the pulse. The plots are shown for increasing input power from small signal to well 

into compression. Figure 4.16 is the intersection of the time plane with the surface 

and shows the relationship between the overshoot and input power. For both the 

gain and the phase, there seems to be 3 distinct regions. In the first region, there is 

no memory. Once a certain threshold input power is reached, the memory increases 

linearly with input power. For the gain plot, the third region is also linear with 

respect to input power but the rate of increase of memory with power is reduced. 

For the phase plot, there is no further increase in memory with input power. The 
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Figure 4.16: Overshoot with respect to input power 

results presented in this section are also independent of temperature and are shown 

for Tf = 20° C only. 

4.3.4 Other Considerations 

We also set out to measure induced voltages due to RF drive. The variation in the 

drain voltage, Vd, over the power range was 0.3V (1.2% of the nominal value) and 

had an insignificant effect on the gain (0.03 dB). The variation in the gate voltage, 

Vg, was 0.06V (1.5% of the nominal value) which can affect the gain by as much as 

1 dB. Vg was measured throughout the experiment. There was no memory observed 

on the gate so it is unlikely that Vg contributes to the memory. While Vg did decrease 
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with increasing input power, most of the saturation is due to physical limitations of 

the device. Vg is probably responsible for approximately 1 dB of gain compression 

over the power range (Figure 4.17). 

The drain current, Ids-, was also measured. No memory was observed on the current 

trace either. Knowledge of Ids does not directly factor into the memory analysis but 

it enables calculation of other important performance parameters e.g. efficiency. 

One thing of interest, which is not related to the memory, is the difference in tra

ditional transfer characteristic and the transfer characteristic measured while main-

48 
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taining Tf constant. This is shown in Figure 4.18. The normal transfer characteristic 

exhibits gain expansion and the PidB2 point occurs at about 34 dBm. In the con

trolled experiment, the flange temperature is maintained constant throughout the 

experiment i.e. the ambient temperature is lowered as the power into the device 

increases. In this case, PidB occurs at about 28 dBm input power. The gain of a 

silicon device increases with temperature and this may explain the gain expansion 

that is seen in the "normal" transfer characteristic. It may also explain why the 

"controlled" transfer characteristic compresses much faster than the normal transfer 

2In reporting PidB, the nominal gain was assumed to be the maximum gain which occurs at 
Pin = 30 dBm 
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characteristic. 

We may conclude that flange temperature does not affect memory. It does have an 

effect on the gain but during normal PA operation, these temperature changes are 

relatively slow and this effect is successfully being dealt with by the use of adaptive 

algorithms. 

Step size does not affect memory either. A change of 3 dB in the power level was 

the smallest step size that could be tested with the current setup. This raises the 

question of what is the smallest change in power that would qualify as a step or that 

would cause memory to be seen at the output? 

The induced voltage at the drain is not significant. The induced voltage at the gate 

is significant enough to affect the gain but does not affect the memory. Again, this 

effect is well dealt with by the use of adaptive memoryless predistortion algorithms. 

Since no time-constants are seen at the gate, it can be concluded that the slow 

time-constant memory is not caused by the components in the biasing circuit. The 

induced voltages could probably be reduced by improving the isolation between the 

DC and the RF circuits. The slow memory would appear to be due to thermal 

time-constants of the device itself. This is intuitively satisfying; since no memory 

is seen at the input of the device, the memory must be caused by the device itself. 
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The time-constant of the thermal circuit does not change and for both the positive 

and negative transitions of the step, the time-constant of the decay does not change 

either. Without resorting to a low level analysis, however, it is difficult to definitively 

explain the memory effects in terms of the thermal effects. 

For modeling purposes, an accuracy of < 0.05 dB for the gain and < 0.5 degrees for 

the phase was found to be reasonable. The power sweep was repeated several times 

and these numbers were determined from the spread of the data. 



Chapter 5 

Amplifier and Predistorter Model 

Development 

From the data that was obtained from the experiment, it was concluded that memory 

is only a function of the absolute input power level. It was deemed unnecessary to 

consider step size or temperature and the complete amplifier memory was described 

as a function of the input power. From this model, the inverse amplifier model was 

calculated. The amplifier model with memory is more accurate than the traditionally 

used memoryless model. This chapter is divided into three sections. The first section 

describes the data that was used in the derivation of the models. The second section 

describes the development of the amplifier model and contains a comparison between 

the measured and simulated data. The third section describes the derivation of the 

corresponding predistorter with memory. 
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TEST PARAMETER VALUE UNIT 
Power 
Power range (network analyzer) 
Input power range (DUT) 
Increment 

-20 -» 1 
14.2 -» 35.2 
0.1 

dBm 
dBm 
dB 

Pulse 
Step Size 
Frequency 
Pulse Repetion Period 
Pulse Width 

27 
1960 
100 
20 

dB 
MHz 
ms 
ms 

Table 5.1: Test parameters 

5.1 Amplifier Measurements 

Data was collected using a constant step size and no temperature control was used 

such that Tf was allowed to vary normally. This is actually a more accurate reflection 

of the normal operating conditions that a PA sees; during normal operation ambient 

temperatures vary relatively slowly. The experimental setup that was used to collect 

the data was very similar to that shown in Figure 4.1 with the exception that the 

temperature chamber was removed. The test parameters are shown in Table 5.1. 

5.1.1 Memoryless Transfer Function 

The steady state transfer characteristic of the amplifer was obtained by sweeping 

the power of the input RF pulse. The complex gain, G*(pin), was measured at 

the end of the pulse where the memory effect is assumed to be negligible. The 

network analyzer automatically mixes the RF signal down to baseband and the 

measured data is output in polar form. For this reason, it was decided to represent 
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Figure 5.1: Memoryless transfer characteristic of MRF 19060 

the amplifier transfer characteristic in polar form, in terms of its gain and phase 

transfer functions. Conversion to a rectangular model is straightforward. Figure 5.1 

shows the memoryless transfer characteristic of the amplifier. Unless large amounts 

of distortion can be tolerated, linear amplifiers are not usually operated beyond PUB-

In our case, PUB occurs at 34.4 dBm so the power range chosen is appropriate to 

characterize the useful power range of the amplifier. 

5.1.2 Time Varying Gain Distortion 

The time domain data is obtained in much the same way as the steady state data 

but the entire pulse is measured rather than just the steady state value. The input 
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Figure 5.2: Time-domain memory measurement at pin — 32 dBm 

power, pin(t), and G*(t) are recorded for the entire duration of the pulse. One such 

complex gain measurement, taken at Pin = 32 dBm, is shown in Figure 5.2. The 

compression and the memory of the amplifier can clearly be seen. The compression 

that is observed on the gain and phase plots during the pulse is not a concern. 

The compression is due to the memoryless nonlinearity of the amplifier for which 

memoryless predistortion is adequate. However, memoryless predistortion does not 

account for the time-varying distortion. In our experiments, the memory was quan

tified in terms of the overshoot, (3, from the small signal value and time-constant, r, 

of the exponential decay. The spikes that occur at the pulse transitions are caused 

by the switching circuitry, not the amplifier. They occur because when the pulse 
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Gain Memory (dB) 

input power (dBrn 

Figure 5.3: Gain memory for positive transition of the step 

generator activates the GaAs switch, the switching does not occur instantaneously 

and the pulse is momentarily off. At this instant, the network analyzer is measuring 

the ratio of noise to noise. If the noise in the input channel instantaneously goes to 

a very small value, this will be seen as a spike in the gain measurement [16]. The 

spikes are ignored in the memory analysis and the corrected data is shown in Figs. 

5.3 - 5.6. There are two important observations that can be made from the data 

which enable us to simplify the model: 

• the time-constant of the exponential decay,r, does not change with pin. This 

is shown in Figs. 5.3 -5.6. 

• the overshoot, (3, increases linearly with pin. Figures 5.7 and 5.8 show a 
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Figure 5.4: Phase memory for positive transition of the step 
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Figure 5.5: Gain memory for negative transition of the step 
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Figure 5.6: Phase memory for negative transition of the step 

cross section of the memory surface plots taken at the time when the pulse 

transitions occur. 

Since (3 increases linearly with pin, and r is constant over the power range, the entire 

memory surface can be modeled as a function of pin and the impulse response of a 

single complex FIR filter. The strong linear dependency also reinforces the earlier 

assumption that the memory can be modeled as a function of input power alone. 
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Figure 5.7: Overshoot for positive transition of the step 

5.2 Amplifier Model 

Piecewise Model 

Also shown in Figs. 5.7 - 5.8 are possible straight-line approximations that can 

be used to model the overshoot characteristic. From the gain and the phase data, 

the straight-line segments are obtained by fitting a first order polynomial to the 

overshoot data. Four sets of coefficients, P1-41, are required; 2 for the magnitude 

coefficients and phase coefficents for the positive transition and 2 for the magnitude 

and phase coefficients for the negative transition. Using this approximation, the 

accuracy is within our desired goal of 0.05 dB for the gain and 0.5 degrees for the 

1 P i = p i ( l ) , P l ( 2 ) 
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Figure 5.8: Overshoot for negative transition of the step 

phase. Note that no memory is present until pin exceeds a certain threshold power, 

P0. The values of P0 and the polynomial coefficients, P, used in the model depend 

upon the specific amplifier and the desired power range. The more restricted the 

operating range is, the more closely the model can be made to approximate the 

amplifier characteristic. For large peak-to-average signals like CDMA, the model 

parameters are more of a compromise. Figure 5.9 shows a realization of the model. 

The shaded region models the memory. The method used to develop the model is 

described in the following sections. 
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Figure 5.9: Amplifier model with memory 

5.2.1 Memoryless Model 

For the memoryless characteristic (Figure 5.1), a look-up table (LUT) representa

tion was used whereby the gain of the amplifier was indexed as a function of the 

input power. Interpolation was used for intermediate values. In the subsequent 

derivations, the index n of the sampled discrete-time signals has been omitted to 

make the derivations easier to follow2. 

Let r and 8 be the magnitude and phase of the input signal, respectively. The 

corresponding output can be expressed as 

Rej1" 

*r = r(n), 9 = 9{n)) etc. 
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where 

R = A(r) (5.1) 

and 

iP = d-\-$(r) (5.2) 

A(-) is the AM/AM and #(•) is the AM/PM. This is the traditional memoryless 

model of the amplifier. 

5.2.2 Model with Memory 

As was seen earlier, the memory behaves differently for the rise and fall of the pulse. 

This is not unusual when dealing with nonlinear devices. Similar observations have 

been reported in the literature and it is not uncommom to represent the positive 

and negative pulses by different nonlinear functions [17]. This is the approach that 

is adopted here. The development for both conditions is identical so only one of 

them is presented. The first order approximations shown in Figures 5.7 and 5.8 are 

used to solve 

P(Pin) = P(l) • Pin + P(2) (5.3) 
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where the coefficients p(l) and p(2) have been determined from the experimental 

data. The memory can be expressed as3 

/3m-hm = (5m{n) • hm(n) 

= ^ M * 0 - A n ( n + l - f c ) for n = 0 , 1 , . . . (5.4) 
fe=i 

and 

Pp-hp = pp(n) • hp(n) 

oo 

= J2hp{k)-Pp(n + l-k) for n = 0 , 1 , . . . (5.5) 
fc=i 

where /i is the impulse response of an FIR filter. The filter used has 58 complex tap 

weights. For simulation purposes, this filter length is acceptable. For implemen

tation purposes, however, the length of the filter would be prohibitive and a more 

practical solution would be used. 

5.2.3 Complete Model 

Since f3 is a linear function of Pin, the output with memory is simply the sum of 

the memoryless component and the memory component. The amplifier output with 

^the m and p subscripts denote magnitude and phase parameters, respectively. 
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memory, i?e^,can be written as 

R = A(r)+f3m-hm 

00 

= A{r) + J2hm(k).pm(n+l-k) for n = 0 , 1 , . . . (5.6) 
fe=i 

and 

</, = 0 + # ( r ) + /3p • /ip 

00 

= # + # ( r ) + ^ / i p ( f c ) . ^ p ( n + l - i fc) for n = 0 , 1 , . . . (5.7) 
fc=i 

Note that this is a piecewise model. When pin < P0, (3 = 0 and equations 5.6 and 

5.7 reduce to equations 5.1 and 5.2. 

In summary, we may describe the memory as an impulse that is convolved with 

a linear filter. The impulse is only generated when a change in the power level is 

detected. The magnitude of the impulse is the same as the magnitude of the input 

power at the time when the step is detected. The output of the envelope detector 

shown in Figure 5.9 is precisely this impulse. When the input power is constant, the 

output of the envelope detector is zero. The tolerance that the envelope detector 

responds to, can be changed as needed, depending on the current requirement. 

The model has been derived from logarithmic data, so for application and simulation 
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purposes, several transformations need to be made: 

• all power signals are converted to voltage signals using 

Vrms = v P • R 

Magnitude 

• the AM/AM is expressed in its linear form. By assuming the input and load 

resistances are identical, we may write the voltage gain in terms of the power 

gain as 

c.-«*-'(t) 

• the gain memory becomes multiplicative instead of additive 

• the logarithmic filter weights are converted to linear filter weights 

hm - log-' ( ^ j 

• the overshoot multiplier, fim, becomes an exponent 

Phase 

• the AM/PM does not change but the phase is indexed as a function of input 

voltage rather than input power 
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• the phase memory remains additive 

• the filter weights do not change 

• (3V remains multiplicative 

The useable amplifier model with memory now becomes 

A(r) for r <V0 

R = { °° (5.8) 
Mr) • nM*0 A n ( n + 1 ~ f c ) for r > V0 

fc=i 

and 

</, = 

6 + *(r) for r <V0 

oo 

d + $(r) + ^2hp(k)-/3p(n + l-k) ioxr>V0 

(5.9) 

fc=i 

5.2.4 Model Comparison 

Results of the model with memory are compared to the measured data and it is 

shown to yield much better accuracy than the memoryless model. The comparison 

is shown in Figs. 5.10 - 5.12. In Figure 5.10, the amplifier is operating in the linear 

region so both models are identical. Figs. 5.11 and 5.12 show the amplifier response 

at saturation and at P\db- Memory can be observed on the measured gain and phase 

data. The model with memory performs much better than the memoryless model in 

all cases and we conclude that the model with memory is valid and more accurate 

than the traditionally used memoryless model. 
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5.3 Predistorter Model 

The predistorter model is developed in two steps. The memoryless nonlinearity is 

compenstated for first, and then the memory is compensated for. The block diagram 

is shown in Figure 5.13. 

5.3.1 Memoryless Predistortion 

Memoryless predistortion is well documented in the literature and has been discussed 

in Section 3.2. The technique used here is similar to that used by Saleh [12]. We 
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Figure 5.13: Block diagram of memory compensation by predistortion 
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wish to find predistortion values r and 0 such that 

A(r)-Gp = 0 (5.10) 

and 

*(r) + 6 - </> = 0 (5.11) 

This is done by iteratively solving 

rn+\ =rn-Hm{Rn -Gp) (5.12) 

and 

0n+l = On ~ Hp{lpn ~ 4>) (5.13) 

where pm and pp are the step sizes for the magnitude and phase update equations, 

respectively. The solution of these equations may be thought of as generating an 

AM/AM and AM/PM that is the inverse of the amplifier nonlinearity such that 

A\RA(p)] = G • p (5.14) 

and 

H*(p) + $(r ) = 0 (5.15) 
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where H A and H^ are the AM/AM and AM/PM of the predistorter, respectively, 

and G is the desired linear gain. H A predistorts p such that after nonlinear ampli

fication by the amplifier, the output signal is an exact scaled replica of the input. 

H<£ shifts the phase of the input such that the net phase shift of the combined 

predistorter-amplifler cascade is zero. 

5.3.2 Predistortion with Memory 

The amplifier model is piecewise and nonlinear so a solution for the inverse cannot 

be found easily. The approach used is to first assume a general inverse model. The 

model is valid if a solution exists for its parameters. We proceed by assuming that 

the inverse model will be of the same form as the amplifier model. The suggested 

realization for the whole system is shown in Figure 5.13. The solution for the inverse 

model is found as follows: 

Magnitude 

P=P-(—Y 

\hmJ 

r = HA(p) 

R = A(r) • / # 

(5.16) 

(5.17) 

(5.18) 



5.3 Predistorter Model 72 

substituting 5.17 into 5.18 

R = A\RA(p)] • hfc (5-19) 

From Eq. 5.14 A [ H A ( P ) ] = Gp is simply the memoryless gain predistortion, so 

R=G-p-h^ (5.20) 

Substituting 5.16 into 5.20 

R = G-p-h^~am (5.21) 

but R = G • p is the desired output, so we require 

h^-am = 1 (5.22) 

which is true if 

otm = Pm (5.23) 

Phase 

</) = (j> - a p • h p (5.24) 

8 = <f> + H9(p) (5.25) 

iP = 6 + *( r ) +PP-hp (5.26) 
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substituting 5.25 into 5.26 

iP = 0 + H*(p) + 3>(r)+pp-hp (5.27) 

From Eq. 5.15, H$(p) +«&(r) is the memoryless phase predistortion so the combined 

phase shift is zero and, 

V> = <t> + ftp • h p (5.28) 

Substituting 5.24 into 5.28 

ip = <j>- ap- hp + p p - hp (5.29) 

But xp — 4> is the desired output, so we require 

—ap • hp + ftp • hp = 0 (5.30) 

which is true if 

ap = ftp (5.31) 

The memory can be perfectly compensated when am = ftm and ap = ftp. But, 

Pm — f{ctm)- The codependency of am and ftm make an iterative solution necessary. 

The phase coefficient ap can then be found in a similar manner. These coefficients 

am and ap are solved for the entire operating range of the amplifier. 



Chapter 6 

Simulation Results 

The predistortion algorithm with memory was implemented in Matlab and the per

formance of the technique was compared to the memoryless method. In the simu

lations, two different CDMA signals are used with a peak-to-average ratio (PAR) 

of 9.7 dB and 6.4 dB, respectively. In both cases, the PA operating point has been 

selected such that the peak value of the input signal occurs at PidB • 

6.1 Time-Domain Analysis 

The predistortion is first applied to an RF pulse to demonstrate the operation of 

the algorithm. The time-domain analysis is then performed for the CDMA signals 

and is quantified in terms of the error-vector-magnitude (EVM) between the desired 

signal and the predistorted output signal. 
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6.1.1 Pulse Input 
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Figure 6.1: Simulated PA complex gain with and without predistortion for RF pulse 
input 

The pulse used in the simulations is a 1960 MHz RF pulse with a pulse repeti

tion period of 100 ms and a pulse width of 20 ms, similar to the pulse described in 

Chapter 5. Figure 6.1 shows the complex gain of the amplifier in response to the 

pulse. If the amplifier was linear and memoryless over its entire operating range, we 

would expect the amplifier's gain and phase response to be constant and not depen

dent on the input power. The amplifier is not ideal and the amplitude distortion 

causes a gain error of 0.6 dB from the nominal gain value of 12.83 dB, while the 

phase distortion causes a phase error of 9 degrees. Also apparent in the uncorrected 

output is the overshoot at the pulse transitions which is indicative of the presence 
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of memory. The memoryless predistortion algorithm is successful in eliminating the 

AM/AM and AM/PM distortions but it does not account for memory. The ampli

fier response when the memoryless technique is used only converges to the desired 

response when the memory effect has completely decayed. Incorporation of memory 

into the predistortion improves the accuracy of the predistortion significantly. The 

correction is not perfect and there is some error even when the memory algorithm is 

implemented. The main source of error is the quantization error that is introduced 

due to the finite size of the look-up tables. 

6.1.2 CDMA Signal 

Improved accuracy is achieved by incorporating memory into the predistortion. For 

the CDMA case, the EVM was selected as the performance metric. Figures 6.2 

- 6.5 show a 10 fxs segment of the simulated time-domain amplifier output using 

a 9.7 dB and a 6.4 dB PAR signal, respectively. "preDl" refers to memoryless 

predistortion and "preD2" refers to predistortion with memory. The error between 

the predistorted output and the uncorrected output is small compared to the range 

over which the signal varies and it is difficult to notice the difference in the graphs, 

so the absolute error has also been shown. In all cases, the EVM is relatively low. 

The simulation shows an absolute improvement in EVM of approximately 1.5% for 

the memoryless predistortion and 4% for the predistortion with memory. These 

results are shown in Table 6.1. At first glance, the amplitude plot shows worse 
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Figure 6.5: Simulated PA output phase with and without predistortion for CDMA 
signal with 6.4 PAR 
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EVM (%) 

PAR = 9.7 dB PAR = 6.4 dB 
uncorrected output 4.13 4.79 
memoryless preD 2.66 2.78 
preD with memory 0.72 0.51 

Table 6.1: Error-Vector-Magnitude comparison of predistorted CDMA signal 

performance with memoryless predistortion than without. This is incidental and 

can be explained by considering the training equation (Eq.3.4): 

Be** = Gpeie 

where G has previously been defined as the desired gain. The predistorter was 

trained such that the amplifier would have a linearized gain of 12.83 dB (the max

imum gain of the amplifier in Fig. 5.1). The amplifier exhibits gain expansion and 

so any amount of back-off results in a slightly lower gain than the desired value. 

This, however, is offset somewhat by the memory effect and the uncorrected output 

seems more accurate. This is not the case with the phase correction (Fig. 6.3) and 

the memoryless predistortion performs better. This underscores the importance of 

training the predistorter with a similar signal for which the amplifier will be used. 

It is not unusual to see variation in the measured AM/AM and AM/PM response 

when different input signals are used [18]. 
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6.2 Frequency-Domain Analysis 

Figures 6.6 and 6.7 show the power spectral density (PSD) simulation results where 

"preDl" refers to memoryless predistortion and "preD2" refers to predistortion with 

memory. The performance metric used is the adjacent channel power ratio (ACPR) 

where we have used the IS-95 adjacent channel definition (f0 = 750 kHz for the 

adjacent channel, f0 = 1.98 MHz for the alternate channel and Ba — 30 kHz). The 

results are summarized in Tables 6.2 and 6.3. Predistortion with memory shows 

ACPR (dB) 
Adjacent Alternate 

lower upper average lower upper average 
input signal -54.9 -54.0 -54.4 -66.7 -66.6 -66.7 

uncorrected output -46.4 -48.0 -47.2 -59.7 -61.6 -60.4 
memoryless preD -52.5 -52.0 -52.3 -61.0 -60.3 -60.6 

preD with memory -53.6 -53.1 -53.4 -64.5 -63.2 -63.9 

Table 6.2: ACPR comparison for CDMA signal with 9.7 dB PAR 

a consistent improvement over memoryless predistortion. For both algorithms, the 

linearization benefit is greater for the lower PAR signal. The smaller envelope vari

ation allows the PA to be driven closer to saturation. More distortion is incurred 

and the benefit due to linearization is increased. The distortion in the adjacent 

channel is greater than that in the alternate channel. This suggests that the spec

trum regrowth is dominated by third-order intermodulation of the input. Similar 

observations have been reported in the literature and frequently the amplifier can 

be accurately modeled as a third-order system [8], [19], [20]. 
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ACPR (dB) 

Adjacent Alternate 
lower upper average lower upper average 

input signal -56.5 -63.6 -58.7 -69.9 -70.3 -69.6 
uncorrected output -48.8 -49.2 -49.0 -61.7 -65.4 -63.2 
memoryless preD -55.0 -58.2 -56.3 -64.5 -65.2 -64.9 

preD with memory -56.2 -60.9 -58.0 -67.9 -69.0 -68.4 

Table 6.3: ACPR comparison for CDMA signal with 6.7 dB PAR 

6.3 Summary of Results 

It has been shown that accounting for amplifier memory can significantly improve 

the performance of the predistorter. With the proposed method, the EVM was 

reduced to near zero and the ACPR of the output signal was comparable to that 

of the input. While these results are very encouraging, several assumptions were 

necessary to simplify the analysis. 

• the amplifier response was assumed to be constant over the frequency range 

• the filter model, which accurately predicts the memory to a pulse input, is also 

valid for a modulated input signal. 

These two assumptions allowed us to completely describe the amplifier. 

6.4 Discussion of Results 

Only the long time-constant memory was considered in this project. The resulting 

distortion is in the order of milliseconds and when compared to a rapidly varying 
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signal envelope such as CDMA, the memory does not contribute much to the out-of-

band spectral distortion. For a short enough observation time (//s range), the long 

time-constant memory effects can be be lumped together with the AM/AM and 

A M / P M distortion. The presence of long time-constant memory might explain the 

differences in amplifier response when different test signals are used. Predistortion 

schemes are always made adaptive to track changes in the amplifier. If adaptation 

is frequent enough, the long-time constant memory can be cancelled be memoryless 

predistortion techniques. 

To the author's knowledge, this is the first time that an attempt has been made to 

investigate the factors affecting memory. A straightforward model was developed 

for both the amplifier and the predistorter. It is believed that a similar analysis of 

the short time-constant memory effects would be greatly advantageous in gaining a 

fuller understanding of PA nonlinear distortion. 



Chapter 7 

Conclusions and Future Work 

The project goals were to gain a more complete understanding of long time-constant 

memory effects in a power amplifier and to implement a predistortion scheme with 

memory. The project goals were met and an improved predistortion algorithm 

with memory was shown to perform better than the traditionally used memoryless 

technique. This is the first time that a study of this kind has been attempted and 

as is common in any new research area, several questions have arisen that warrant 

further attention. 

7.1 Project Summary 

Chapter 1 described the anticipated growth of wireless communications as being the 

major force driving the development of better wireless equipment. The base station 
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power amplifier was identified as a source of distortion in wireless systems. 

In Chapter 2, the RF performance problem was stated and the opposing require

ments of linearity and efficiency were presented. The main sources of nonlinear dis

tortion were identified as being the amplitude to amplitude conversion (AM/AM), 

the amplitude to phase conversion (AM/PM) and the memory effect. The effects of 

amplifier distortion on the overall system was discussed. The error-vector-magnitude 

(EVM) and the adjacent channel power ratio (ACPR), which were chosen as per

formance metrics for the amplifier, were defined. 

A brief overview of current linearization techniques was presented in Chapter 3. The 

theory and limitations of predistortion was described in detail. The memoryless 

assumption was identified as a limitation to the performance of the predistortion 

linearizer. 

In Chapter 4, the mechanisms affecting the memory were explored. Various hy

potheses were investigated and it was found that the memory was a function of the 

input power level alone. Neither the step size nor the flange temperature had any 

effect on the memory. The induced voltages at the gate and drain did not have any 

effect on the memory. 
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In Chapter 5, an amplifier model with memory was developed by assuming an FIR 

filter in parallel with the memory less amplifier model. Simulation results were com

pared to experimentally obtained data and the proposed model was shown to be 

more accurate than the traditionally used memoryless model for a pulse input. The 

improved predistorter was obtained by calculating the inverse of the amplifier model 

with memory. 

Simulation results of the predistortion algorithm with memory are presented in 

Chapter 6 and the proposed algorithm is shown to perform better than the memo

ryless algorithm. For both of the CDMA signals tested, the proposed method shows 

an absolute improvement of 2.5% in EVM performance over the traditional method. 

For the 9.7 dB peak-to-average signal, the proposed algorithm shows an ACPR im

provement of 1.1 dB and 3.3 dB in the adjacent and alternate channels, respectively. 

For the 6.4 dB peak-to-average signal, an ACPR improvement of 1.7 dB and 3.5 dB 

is seen. Using the proposed predistortion method, an almost perfectly linear output 

is shown to be possible. 

7.2 Recommendations for Future Work 

The performance of a predistortion algorithm depends on how accurately the am

plifier response is known. In the simulations, we have assumed that we know the 
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amplifier response perfectly and that the amplifier response does not change. In 

practice, however, the amplifier response drifts with time and the predistortion co

efficients must be periodically updated. This time-varying behaviour is not reflected 

in the simulations. 

In this project we showed that the proposed amplifier model is more accurate than 

the memoryless model for a pulse input and assumed that the model was also ap

plicable to a CDMA signal. This is a valid assumption for linear systems. The data 

obtained so far suggest that the memory can be modeled as a linear function of 

power but the memory model still needs to be validated in the lab by comparing the 

measured response of the amplifier to the simulated response for a CDMA signal. 

This project only considered long time-constant memory effects. These cause mainly 

in-band signal distortion and may possibly be lumped in as part of the memoryless 

nonlinearity. It would be beneficial to carry out a similar analysis of the short 

time-constant memory effects. These probably have a more severe effect on out-

of-band power emission. It remains to be seen if a similar model could be used to 

model the short time-constant memory. If an additive filter model is possible then 

incorporation of the entire memory in the predistortion would provide a cost-effective 

method of improving the performance of existing designs. 
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There has been no published material on measurements of memory effects to date. 

This project answered a lot of questions, it uncovered just as many. While the 

results presented here are simulations results, a straightforward amplifier model 

with memory was shown and its inverse shown to exist. It is believed that this work 

is a valuable first step in understanding the memory effects of the power amplfier. 
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