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ABSTRACT

The power amplifier’s nonlinearity broadens the input signal’s bandwidth. This is
known as spectral re-growth which is undesirable since it causes interference with
adjacent channels. The nonlinearity generates spectral re-growth, which leads to
adjacent channel interference and violations of the out-of-band emission requirements
mandated by regulatory bodies. It also causes in-band distortion, which degrades the bit
error rate (BER) performance. To reduce the nonlinearity, the power amplifier can be
operated at a lower power (“backed off”) so that it operates within the linear portion of
its operating curve. Linearization techniques for nonlinear microwave power amplifiers
have gained significant interest with the advent of spectrally efficient wireless
communication systems. Most recent transmission schemes, such as Wideband Code
Division Multiple Access (WCDMA) or Orthogonal Frequency Division Multiplexing
(OFDM), are especially vulnerable to the nonlinear distortions due to high fluctuations
in their power levels. To ensure that linearity is maintained to a high degree, it is
necessary to examine the nature of amplifier distortion. Audio amplifier distortion is of
concern for many years. The conventional feedback techniques used at audio

frequencies are not applicable to many RF amplifiers due to following problems:

1. Stability at high bandwidth

2. Cost for high gains in RF stages.

There are two classes (memoryless model and model with memory) for Digital pre-
distortion implementations. Memoryless models focus on the power amplifier that has a

memoryless nonlinearity, i.e., the current output depends only on the current input



through a nonlinear mechanism. This instantaneous nonlinearity is usually
characterized by the AM/AM and AM/PM responses of the power amplifier, where the
output signal amplitude and phase deviation of the power amplifier output are given as
functions of the amplitude of its current input. Both memoryless polynomial algorithm
and Look-Up Table (LUT) based algorithm are two key algorithms for memoryless
models.

A low complexity, direct-learning multilevel lookup table based adaptive digital
predistortion technique has been proposed to linearize a power amplifier
(PA).Compared with the conventional predistorters, the proposed technique shows fast

adaptation speed which enables the predistorter to track time-varying PA nonlinearities.

An adaptive digital pre-distortion (ADPD) technique is modeled and simulated.
The aim of this thesis is to develop a linearization technique which is less complex and
requires less memory from FPGA implementation point of view. For the
communications system architect and the RF power amplifier (PA) designer, the new
wireless formats introduce a number of challenges. Designers must determine the
performance gap between their existing 3G designs and tomorrow’s 4G operating
environments, and whether these 3G designs will need to be redesigned, or a new
vendor qualified. The hardware must also meet or exceed absolute performance metrics
such as ACPR, EVM or throughput (e.g., BLER and BER), while also meeting internal
product design goals. Because smart phones and other advanced wireless devices rely
so heavily on battery power, getting the most efficiency out of a design is critical. The
RF PA plays a particularly key role in choosing and designing the right PA to meet

design goals which is a significant challenge.



A pre-distorter applies distortion to the input signal in order to drive the PA
harder. The DPD-PA cascade attempts to combine two nonlinear systems into one
linear result which allows the PA to operate closer to saturation. Beyond this point, no
increase in power will suffice to linearize the PA. The PAPR of the signal greatly
restricts optimal performance of the DPD system. A CDMA signal, for example, may
have a PAPR as high as 13dB. A PA transmitting such a signal must operate with
significant back-off to prevent peaks from occurring beyond saturation. There are two
common types of DPD implementation, the first is an analog implementation using a
physical nonlinear device. The second and perhaps more popular choice, is a digital
signal processor (DSP) hardware implementation where the DPD function is defined

algorithmically through software.

As the signal bandwidth gets wider, such as in WCDMA, mobile WiMAX and
3GPP LTE and LTE-Advanced (up to 100 MHz bandwidth, 5 component carriers of
carrier aggregation ), power amplifiers begin to exhibit memory effects. This is
especially true for those high power amplifiers used in wireless base stations. The
causes of the memory effects can be attributed to thermal constants of the active
devices or components in the biasing network that have frequency dependent behaviors.
As a result, the current output of the power amplifier depends not only on the current
input, but also on past input values. In other words, the power amplifier becomes a
nonlinear system with memory. For such a power amplifier, memoryless predistortion
can achieve only very limited linearization performance. Therefore, digital predistorters

must need to have memory structures.



The most important algorithm for models with memory for Digital predistortion
implementation is Volterra series and its derivatives. The most general way to introduce
memory is to use the Volterra series. However, the large number of coefficients of the
Volterra series makes it unattractive for practical applications. Therefore, there are
several Volterra’s derivatives including Wiener, Hammerstein, Wiener—Hammerstein,
Parallel Wiener structures and memory polynomial model are popular in digital pre-
distorters. The so-called “memory polynomial” is interpreted as a special case of a
generalized Hammerstein model and is further elaborated by combining with the
Wiener model. A memory polynomial pre-distorter uses the diagonal kernels of the
Volterra series. The memory polynomial predistorter is used to linearize power
amplifiers with memory effects. The pre-distorter is constructed using the indirect
learning architecture, thereby eliminating the need for model assumption and parameter

estimation of the power amplifier.

The introduction of the work and power amplifier modeling is discussed in
Chapter 1. A comparison of various linearization techniques and dissertation outline is

discussed in this chapter.

Literature review, gaps in present study, motivation, objectives and problem

formulation is discussed in Chapter 2.

Power Amplifier modeling using simplified complex memory polynomial has
been presented in Chapter 3.Gain, phase, input characteristics, constellations of actual

and modeled PA are compared.



Digital predistortion technique is described in Chapter 4. Simulation results
show linearity errors for power amplifier, magnitude and phase errors for DPD and

frequency plots for power amplifier input and output.

In chapter 5, an adaptive digital predistortion technique is modeled and
simulated. The Spectrum of output with and without predistortion is shown.
Calculations show that the proposed LUT based adaptive digital predistorter reduces

EVM to 18.14% and ACLR by 54.19 dB.

In Chapter 6, Digital predistortion of power amplifiers with memory effects for
LTE systems is presented. Value of EVM is reduced after employing DPD for LTE
systems. A table for ACLR measurements shows deterioration in the ACLR values

when DPD stage is employed.

In Chapter 7, conclusions and future scope of work are discussed. Major

findings in work are included in this chapter.
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CHAPTER 1

INTRODUCTION

In modern wireless communication systems, it becomes necessary to provide high data
rate multimedia services to the numerous subscribers in time.CDMA-2000, WCDMA,
OFDM etc. transmit non constant envelope signals. These wireless communication
systems use the limited frequency resource and the output modulated signals vary rapidly
with high peak to average ratio(PAR).It is therefore necessary to develop power amplifier
with high efficiency and good linearity so as to counteract with the problem. However,
due to high PAR, the PAs operate at a large backoff power level to achieve linearity and
therefore this lowers down the efficiency, typically less than 10% i.e. more than 90% of dc
power is lost in form of heat. The possible solution is to operate the amplifier near to
saturation where they are highly non linear but efficient, and linearize them by using

external circuitry. One of the key issues in PA used in new generation mobile

22



communication systems is the linearity which is visible in its gain and phase
characteristics. A linear amplifier has constant gain and phase response for an input power

region.

Id=al .é:mel'i.fier

_________________________

.. | S E .......... E .......... E ........ E - - Prartical Amplifier

Pout(dBm)

= -5 -10 = o =

Pin (dBm)

Fig. 1.1 Output power characteristics of a Power Amplifier [2]

The graph shows the linear curve for an ideal amplifier and practical amplifier. As we can
see there is deviation in the behavior of practical amplifier as the two parameters-linearity
and efficiency limits the performance of a PA. Fig. 1.1 shows output power versus input
power characteristics of an ideal and a practical PA. A plot of power output of an
amplifier with an ideal gain compression characteristics is shown in figure 1.2. The dashed
line represents that ideal output changes abruptly from an area where no gain compression
takes place to an area where massive gain compression(saturation) takes place. In terms of
system requirements for this component, there is a sudden change from linear (usable)
power to saturated (unusable) power. Fig. 1.2 (i) and 1.2 (ii) shows gain (AM/AM

characteristics) and phase plots (AM/PM characteristics) of a PA. Solid lines are gain and
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phase characteristics of a practical PA and dashed lines indicate the ideally linear PA gain

and phase characteristics.
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Fig.1.2 (i) Non-linear and ideally linear Power Amplifier Gain characteristics [2]
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Fig. 1.2 (ii) Non-linear and ideally linear Power Amplifier Phase characteristics [2]
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After reaching a relatively high output power value, the amplifier gain decreases gradually
with increasing input power because the PA reaches its saturation point. Phase non-
linearity increases with increasing input power and this can be observed in the graph of
power amplifier phase characteristics. For the signals like FM (Frequency Modulation) or
GMSK (Gaussian Minimum Shift Keying), which have constant envelope, PA linearity is
not an important issue because the instantaneous input power stays constant and therefore
there are no gain and phase variations for a specific operation point. However, the
introduction of efficient transmission formats such as Wideband Code Division Multiple
Access (W-CDMA) used in 3G cellular system has driven the need for spectrally efficient
modulation schemes capable of handling the increased volume of mobile users. These
schemes combine multiple carriers into a single wideband signal which is then amplified
by a PA. Although W-CDMA signals are spectrally more efficient, they are subject to
severe IMD distortion when the PAs are operated outside of their linear range. This
distortion, often measured as Error Vector Magnitude (EVM) and Adjacent Channel

Leakage Ratio (ACLR), is strictly limited by regulations as specified in [1].

Non-linearity not only causes in-band distortion but also degrades the bit error rate
(BER) performance. Typically, the required linearity can be achieved either by reducing
power efficiency or by using linearization techniques. For a Class-A PA, simply “backing
off” the input power level can improve linearity. However, for high peak to average power
ratio (PAPR) signals, this normally reduces the power efficiency down to 10% while
increasing heat dissipation up to 90%. When considering the vast number of base stations
that wireless operators need to account for, increasing power consumption, or in other

words, power back-off is not a viable tradeoff. Therefore, an amplifier linearization has
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become an important technology and a desirable alternative to backing-off an amplifier in
modern communications systems. Although nonlinear distortions can be equalized at the
receiver side but it is complicated to implement due to the unknown effects of the channel.

It is therefore easy to reduce the nonlinear distortions at the transmitter side.

1.1 Power Amplifier Modeling

Modeling of RF PA has been a subject of intense research for the last few years. But the
modeling task of PA will not be accomplished until the parameters on which its
performance can be evaluated are not known. A brief introduction to the basic insight of
the PA parameters like IMD Products, ACLR, Efficiency, CF, EVM and PCDE, which
can be used to evaluate its performance is given. The topic also presents the behavioral
modeling approach to model PA. Non-linear Memory-less and Quasi Memory-less models
of PA like Rapp model, Saleh model, Ghorbani model, Hyperbolic Tangent model has
also been discussed. Also non-linear Models of PA with Memory like Wiener model,
Hammerstein model, Parallel Hammerstein model and Memory Polynomial model most

widely used in literature has been presented in this chapter.

Intermodulation Products

For two tone (f3, f,) input, the 3 order term results in 2f, — f5, 2f> — f1, 2fy + fa, 2f5 +
f1 harmonic components at the output of PA. So, in general, if we consider higher order
terms also, we will get mf; + nf, harmonic components at the output of PA, where m and

n are integers. These harmonic components are also known as IMD products.
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fa=fi 2421,

2h—1 2f,— fi

Power (dBm)

fa+ 1

Frequency ———pm

Fig. 1.3 Two Tone Test Spectrum Results of a non-linear Power Amplifier [2]

But out of these IMD’s, the most serious is 3™ order IMD which is very close to the
desired frequency as shown in Fig. 1.3 and is not easy to filter out. This product is usually
characterized by the third order intercept point refereeing either to the input or the
output(/1P; orOIP3). This is best defined by looking at Fig. 1.3. It can be shown that the
slope of the linear gain for input and output powers in dB is unity, likewise the slope of
the third gain of the third order IMD component is 3[3], the point where the third order

line intersects with the linear gain line is the third order intercept point.

P3 referenced to output 1,

Compression

Cutput Power{dBm)

P3 referenced to input

Erenced to input

Input Fower{dBm)

Fig. 1.4 lllustration of the first and third order intercept points [2]
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Another figure of merit to characterize non-linearity is the 1dB compression point. For a
non-linear device, the 1dB compression point is defined as the point where the difference
between the non-lincar device’s output and the linear output is exactly 1 dB. 1dB

compression point can be calculated as [4].
3¢y3,3 2
Viaw = GiVi + G5 [V + 2V, V2] (1.1)

The 1 dB compression point is typically 12 to 15 dB less than the 3rd order intercept point

assuming that they are referenced at the same point.

1.1.2 Adjacent Channel Leakage Ratio

PA produces unwanted signal emission to adjacent channels, which are outlined in the
related standards for W-CDMA and other modulation schemes. The term ACLR is a
measure of adjacent channel emission and is very often faced as regulatory parameter [5].

For two tone input, ACLR is defined as [6].

n3

ACLRgz = IMR; = 6 + 10l0g;o——— . mod[%]] [nz_mod[g]] (1.2)
24 "8 4
Where IMR, is two tone Inter Modulation Ratio (dB), defined as
3 2
ZG3V{V>
— 4
IMR, = v (1.3)
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and n is number of tones for the band of interest.

The idea behind this formula is to estimate ACLR for multi carrier modulation
schemes, by expanding two tones inter modulation IMR to given number of in-band
carrier. Permutation of each tones and interaction with all of the others will shape the
spectral growth depending on G, Gs .... G,,_,0dd order non-linearity coefficients. Also
total power due to IMD components can be calculated as

3 2 2
ERRAY
Piyp = w (1.4)

1.1.3 Efficiency

One important parameter of PA is its Power Efficiency (). Efficiency is a measure of how
effectively an amplifier converts power drawn from the dc supply to useful signal power

delivered to the output.

_Pac

" Pak (19)

Traditionally, PAs are categorized into different classes according to their historical
precedence. Different PA classes can be divided into two major groups: linear and non-
linear PAs. Class A, AB, B and C are some of the well-known linear PAs, which are
distinguished primarily by their bias condition. Linear PAs have the advantage of high
linearity that is important for variable envelope modulation schemes. However, linear

amplifiers suffer from poor maximum power efficiency which limits their applications in
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low power devices. In practice, an efficiency of only below 20% can be achieved in those
systems. In contrast, non-linear PAs (also known as switched mode PAs) can achieve
better efficiency. As suggested by its name, non-linear PAs have poor linearity
performance. Nevertheless, it is still acceptable for constant envelope modulation schemes
(e.g. FSK). To overcome the problem of linearity for variable envelope systems, many
linearization techniques have been proposed for non-linear amplifiers [7][8]. Therefore,
due to their high efficiency and the development of linearization techniques, non-linear
PAs have received more attention over linear topologies in mobile communication in the
last decade. Class E and F are the most common classes of non-linear PAs. In comparison,
Class E PA requires fast switching driver signal that is not required for Class F PA. For
these reasons, Class-F PA has drawn more attention for its easier implementation and
better integration with sub-micron CMOS technology. A Class F PA uses a output filter to
control the harmonic content of its drain voltage or drain-current waveforms, thereby

shaping them to reduce power dissipation by the transistor and thus to increase efficiency.
1.1.4 Crest Factor and its effect

CF is a measure of peak to average power ratio (PAPR) of the PA and is defined [9] as:
— M]
CF = 10logy, [ e (1.6)

Where max x> represents the maximum (peak) value of the signal x and E[xzj IS

expected (average) value of x. In order to increase the linearity the PA can be backed off
from its saturation point. This back-off can be measured in terms of output back-off

(OBO), which is defined as
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P
0BO = 10log,, [E[gT(tx)]] (1.7)

Where gp is a non-linear function representing the non-linear gain response of the PA and

P, 1s the maximum output power of the PA.
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Fig. 1.5 Amplifier efficiency performances [2]

As shown in Fig. 1.5, the OBO defines how many decibels less than the maximum
saturated output power the average output power is. If amplifier is assumed to be

operating in linear region, then as clear from Fig. 1.4

0BO ~ CF (1.8)
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Thus CF has direct influence on OBO i.e. higher is the PAPR of the input signal more is

the back-off required to achieve the same linearity.

1.1.5 Error Vector Magnitude

The modulation accuracy of the W-CDMA signals is measured by Error Vector
Magnitude (EVM). EVM is a measure of the difference between the theoretical waveform
and modified version of the measured waveform. EVM can be defined as the distance
between the desired and actual signal vectors (error vector), normalized to a fraction of the

signal amplitude.
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Mathematically, the error vector can be written as,

e=y—x, (1.9)

where y is the modified measured signal and x is the ideal transmitted signal.

The EVM can be defined as the square root of the ratio of the mean error vector

power to the mean reference signal power expressed as:

Ele2
Also for each symbol k, EVM can be defined as,
EVM(K) = —2® (1.12)

/gzﬁﬂlsamz
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where E(K) is the error vector for symbol k, S(K) is the ideal signal vector of the symbol k
and N is the number of symbols. Root-mean-square (RMS) value of EVM for a number of
symbols is a widely used measure of system linearity and it can be defined as
/Z’,Q’zllE(k)l2
EVMgys = “—— (1.12)
W NGIE
EVM is an in-band distortion causing high bit error rates during reception of the
transmitted data. Therefore EVM specifications must also be fulfilled in order to have

proper communication.
1.1.6 Peak Code Domain Error

The quality of a W-CDMA signal can also be measured by the PCDE. PCDE is computed
by projecting the power of the error vector onto the code domain at a specific spreading
factor (SF). The code domain error (CDE) for every code in the domain is defined as the
ratio of the mean power of the projection onto that code to the mean power of the
composite reference waveform. This ratio is expressed in dB. The PCDE is defined as the
maximum value for the CDE for all codes (Digital cellular telecommunications system,
1999). The projection of the error vector is calculated by despreading the error vector by

all codes. After the despreading operation, there are SF error signalse, , . The PCDE is

calculated as

PCDE = 10log,, [W] (1.13)

The relationship between the EVM and the PCDE can be written as [10]
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PCDE = 10logs, |- EVM?] (1.14)

1.2 Non-linear Memory-less and Quasi Memory-less Models of Power Amplifier

The AM/AM conversion for a non-linear system is the relation between the amplitude of
the system’s output and the amplitude of the system’s input. The AM/PM conversion for a
non-linear system is the relation between the phase change of the system’s input and

output, and the amplitude of the input signal. This is shown in Fig. 1.8.

1(n)

_.Recmngulgr * AM/AN
To Polar
o | ¥
RPOI.‘“ w|. .
__,| Rectangular
AM/PM

Fig. 1.8 Amplitude-Phase non-linear model structure for a complex base band input

and output signals

Assuming the pass band input signal [11], the output of the AM/AM and AM/PM model

y(n) can be written as

y(m) = g(r(n))cos(won + ¢p(n) + f(r(n)) (1.15)
where g(n) represents AM/AM non-linearity andf (n) represents AM/PM non-linearity.

1.2.1 The Rapp Model
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The Rapp model uses three parameters, and models amplitude distortion but no phase

distortion. The general expression of the AM/AM conversion is as follows [12]

g(r(n)) = #&T/zs (1.16)

whereO,,. 1S a parameter that sets the output saturation level and s is a parameter that sets
the smoothness of the transition from linear to saturation states. It assumes linear
performance until the saturation point is approached. When the saturation point is

approached, a transition towards a constant saturated output is applied.
Advantages:

e The technique of this model is quite simple.

e The smaller the value of s, the smoother the transition.
Limitations:
e For higher values of s, the transition is not smooth.
1.2.2 The Saleh Model

The Saleh model is a quasi memory-less model. It uses four parameters to fit the model to
measurement data. It’s AM/AM and AM/PM conversion functions are described by the

following equations [13]

g(rtn) = (1.17)

1+B4]r(n)?
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apr(n)?

=—— 11
Fr) = g (1.18)
where ag, B4, @y andf, are the model’s parameters.

Advantages:

o AM/AM and AM/PM characteristics are obtained.

e The model can be extended to incorporate frequency dependent behaviour.
Limitations:

e The equations which are extended to incorporate memory effects introduce significant loss

in generality since it restricts the shape of in-phase and quadrature nonlinearities.

1.2.3 The Ghorbani Model

The Ghorbani model uses eight parameters to fit the model to the measurement data, this
model is quasi-memory-less, and it’s AM/AM and AM/PM conversions functions are

described by the following equations [14]

X2

gr(n) = % + x,7(n) (1.19)
Y2

form) = 20+ yur(n) (1.20)

wherexy, X,, X3, X4, Y1, Y2, Y3, V4 are the model’s parameters.

Advantages:
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e The Ghorbani model is best suited to FET Amplifier characteristics and matches them

closely.
1.2.4 The Hyperbolic Tangent Model

The Hyperbolic Tangent model is quasi memory-less. It has five parameters these are 11P3,
linear gain G, upper power limit Py, lower power limit P, and the linear phase gain Gp), .
One characteristic of this model is that its parameters are related to physical attributes like

I1P3. Its AM/AM conversion function is described by the following equation
g(r(n)) = tanh [%r(n)] G (1.21)

Where 1Pz is the third order intercept point and Gis linear gain.

The AM/PM conversion is linear and is specified by the slope of the AM/PM conversion
in degree/dB. This linearity is bounded by two parameters which are upper power limit P,
and lower power limitP; . If the power magnitude of the input is less than P, then no phase
distortion is added, and if the power magnitude of the input is greater than P, then a

constant phase shift of Gpy (P, — P,) is applied. This can be represented by the following

equation
Gpu(Py — P Ir(m)| > Py
frm) = S lrM)|Gpy Py < Ir(n)| < Py (1.22)
0 Py < |r(n)
Advantages:

e Used for simple modeling of limiting behaviour of PA.
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o It describes the large signal low quality response of bipolar transistor differential pair

amplifier.

Limitations:

e Sharpness of transition from linear to limiting characteristics of the model is fixed in

relation to the gain and cannot be adjusted without introducing additional parameters

1.3 Non-linear Models of Power Amplifier with Memory

In reality the output of the PA depends upon previous inputs as well as on the current
input of the amplifier. This phenomenon is called memory effect. These memory effects
are due to thermal effects and long time constants in DC bias circuits. It can be observed
as asymmetries in lower and upper sidebands and bandwidth dependent variations in the
magnitude of IMD products. For higher bandwidth applications, e.g. W-CDMA, the
memory effects becomes severe, and cannot be ignored. Hence, memory-less and quasi
memory-less models are not accurate enough. Therefore, a model which considers
memory effects should be used for such applications. In the following sub section sections

some of the most common models with memory are presented.

1.3.1 Volterra Series

To describe a polynomial non-linear system with memory, the Volterra series expansion
has been the most popular model in use for the last three decades. The Volterra theory was
first applied with non-linear resistor to a White Gaussian signal. In modern DSP fields, the

truncated Volterra series model is widely used for non-linear system representations. The
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causal discrete-time Volterra filter is similarly based on the Volterra series and can be

shown [15] as:

y(n) = ho + Xg—o hi(k))x(n — ky) + X0 Y=o hz (ki k)x(m — kpyx(n — kp) + -+ +

Yiezo e 2pemo o (K, o kp)x(n = ky) oo x(n — ky) (1.23)

Where hyis a constant and {h;(ky,.....k,), 1 < j < oo} is the set of jth-order Volterra
kernel coefficients. Unlike the case of linear systems, it is difficult to characterize the non-
linear Volterra system by the system’s unit impulse response. Also as the order of the
polynomial increases, the number of Volterra parameters increases rapidly, thus making
the computational complexity extremely high. For simplicity, the truncated Volterra series

is most often considered in literature.

The M-sample memory p™-order truncated Volterra Series expansion is expressed

as:
y(n) = ho + Xi=5 hy (ky)x(n — ky) + 2%1_:10 Yi,=0 2 (ky, ko) x(n — kpyx(n —
ky) + o+ DH o Shoco b (kay e kp)x(n = ky) o x(n— k) + - (1.24)

There are several approaches to reduce the complexity of Volterra series. One approach is
the basis product approximation[16]-[18], which represents the Volterra filter kernel as a
linear combination of the product of some basis vectors to attempt to reduce the
implementation and estimation complexity to that of the linear problem. Using the
Volterra series, two major models have been developed to perform non-linear signal

processing. The first model is the non-orthogonal model and is most commonly used. It is
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directly based on the Volterra series called the Volterra model. The advantage of the
Volterra model is that there is little or no pre-processing needed before the adaptation. But
because of the statistically non-orthogonal nature of the Volterra space spanned by the
Volterra series components, it is necessary to perform the Gram-Schmidt/modified Gram-
Schmidt procedure, which is crucial especially for the non-linear Least Mean Square
(LMS) type algorithms and also for the non-linear Recursive Least Squares (RLS) type
adaptive algorithms. The second model is the orthogonal model. In contrast to the Gram-
Schmidt procedure, the idea here is to use some orthonormal bases or orthogonal
polynomials to represent the Volterra series. The benefit of the orthogonal model is

obvious when LMS-type adaptive algorithms are applied.

Advantages:

e Most general model

e Accurate

Limitations:

e Number of parameters needed increases dramatically.

1.3.2 Wiener Model

Wiener model consists of a LTI system followed by a non-linear model without memory

as shown in Fig. 1.9

X(n) U(m) Y(n)
LTI
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Fig. 1.9 Wiener model

The output of LTI system is given as
u(n) = Zquo hgx (n —q) (1.25)

This acts as an input to the non-linear model without memory. The output of non-linear

system can be written as

u(n) = Tg—g bax—r umu(m) ¢+ (1.26)

Putting equation 1.26 in equation 1.25, we get

u(n) = £ hy Tk baes 1x(n — 12EDx(n — q) (1.27)
Advantages:

e Memory effects are modeled more accurately.

e Enhanced model can be employed to characterize power amplifier more accurately.
Limitations:

e Certain conditions are to be satisfied because this model is based on special preset

structures.
1.3.3 Hammerstein Model

Hammerstein model consists of a LTI system preceded by a non-linear model without

memory as shown in Fig. 1.10
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Fig. 1.10 Hammerstein model
The output of non-linear system is given as
u(n) = =g b x(m)lx(m) < (1.28)
This acts as input to the LTI system and the output of LTI system can be written as
y() = B2_g bojemy u(n) [u(m)| ¢+ (1.29)
y(n) = u(n) = h(q) (1.30)
Putting equation 1.28 and equation 1.29 in equation 1.30, we get
y(n) = Tk X bih(@) x(n — @) [x(n — @) | (1.31)
Advantages:

e Used for satellite communication channels
o Power amplifier at the satellite transponder is driven near saturation to exploit maximum

power efficiency for the downlink.

1.3.4 The Parallel Hammerstein Model
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The Parallel Hammerstein is an extension of the standard Hammerstein model. The model
is illustrated in Fig. 1.11. The system in this case is modeled by [19][20].The output of

Parallel Hammerstein model can be given as

y(n) = Tk_i Hyp1(@) |x(n) |2k Yx(n) (1.32)
x(n) > NL LTI,
NL, | LT
y(n)
NL; > LTI, > >
v NLq > LTy

Fig 1.11 Parallel Hammerstein model

The main difference between the Parallel Hammerstein and the standard Hammerstein
models is that in the Parallel Hammerstein model, different static non-linear orders are
filtered with different LTI systems. For example, the term of the polynomial is filtered

with H,(q) , and the 2nd odd power term is filtered with H;(q) and so on.

Advantages:

e Compared to Wiener and Hammerstein models, this model is more general and

therefore can provide a more accurate model for a PA.
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e It can be easily converted to memory polynomial model.

1.4 Comparison of various linearization techniques

Newer transmission formats, such as W-CDMA have high PAPR i.e., large fluctuations in
their signal envelopes. This means that the PA needs to be backed off far from its
saturation point, which results in very low efficiencies, typically less than 10%; i.e., more
than 90% of the dc power is lost in the form of heat. Considering the large number of
wireless base stations deployed worldwide, improved PA efficiency can substantially
reduce the power consumption and cooling costs incurred to the service providers. Thus,

to obtain both linear amplification and high power efficiency, a linearizer is required.

The linearizer allows the amplifier to be operated at much higher operating point, since the
distortion generated by the amplifier because of the peaks in input signals can be corrected
up to the saturation level of the amplifier. Any input signal which drives the amplifier to
hard saturation, the resulting distortions cannot be corrected since any increase in input

power beyond this point will not result in an increase in output power.

In this section limitations and strengths of existing linearization techniques like
Boot Up Bias, Dynamic Bias, Baseband Envelope Feedback, Polar Feedback, Cartesian
Feedback, Envelope Elimination and Restoration (EER), Adaptive Feedforward, RF/IF
Predistortion, DPD have been presented and compared to explore the idea to develop a

better linearization technique for a multicarrier W-CDMA base station.

1.4.1 Boot Up Bias Technique
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The simplest and most obvious way to improve the linearity is to drive the amplifier
toward Class-A operation. As a result, the PA will operate in the small signal linear region
and the corresponding out-of- band emission level will decrease. But this method comes
with a price of lowering the overall efficiency of the PA, while reducing the total RF
output power. Increasing the DC bias for a Class-A amplifier is an inefficient way to
linearize a PA. However, if the bias level can adaptively change with the input envelope of
the RF signal so that the PA dissipates as little power as possible while it maintains a

reasonable out-of-band emission level, such a technique could be very practical.

1.4.2 Dynamic Bias Technique

In [21], the Dynamic Bias method has been used. It is shown that this method requires a
fast speed wideband envelope detector and a DC-DC converter with high current
capability, which is currently a challenge for the power supply industry. Also the
performance of a Dynamic Bias system could be corrupted by undesired phase distortion

occurring when relatively large changes in the bias level happen at a higher power level.

1.4.3 Baseband Envelope Feedback Technique

The RF feedback technique requires the components in the feedback path to operate at a
higher frequency band or large bandwidth situation. The baseband signal is modulated
onto the RF carrier and amplified by the PA, and then the PA output is taken, demodulated
and added to the input such that the output of the main amplifier is linearized. In order to

maintain system stability, the loop bandwidth must be within the MHz range.
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Fig. 1.12 Envelope Feedback to linearize Power Amplifier
Therefore, the main disadvantage of this system is the narrow bandwidth and, in some
cases, complexity [22].

1.4.4 Polar Feedback Technique

This technique overcomes the inability of envelope feedback to correct for AM-PM
distortion effects. Polar Feedback scheme provides relatively high efficiency since the PA

can operate completely non-linearly and this method will be robust since it has both forms
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Envelope
Correction

Differential
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Fig. 1.13 Polar Feedback to linearize Power Amplifier

of feedback. Since both amplitude and phase are corrected in the polar feedback system,
variations in temperature, load, and manufacturing should be mitigated. For a narrowband

application, the improvement in two-tone IMD is typically around 30 dB[23].The
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disadvantage of polar feedback are different bandwidths required for the amplitude and
phase feedback paths, which leads to a different level of improvement of the AM-AM and
AM-PM characteristics and a poorer overall performance than that is achievable from an

equivalent Cartesian-loop transmitter.

1.4.5 Cartesian Feedback Technique

Cartesian Feedback was first proposed by Petrovic [24]. In this technique the | and Q
components modulate the carrier before passing it to a non-linear but efficient RF PA. The
loop control characteristics are established by the gain and the compensation filters.
Synchronization between the modulator and demodulator is essential and due to RF path
differences in the forward and feedback paths, a phase adjuster is necessary to maintain
the correct relationship between the input signals and feedback signals. As shown in Fig.
1.14 the input signal is separated into | and Q and fed to differential amplifier where input
signals is subtracted from the feedback signal. The error signal is upconverted to RF using
a local oscillator and then combined to produce the complex RF, which is amplified by the
PA. The output of the PA is sampled and down converted and separated into | and Q using
the same local oscillator used in up conversion process. The down converted output forms

the feed back to the differential amplifiers.

A phase shift network is required to ensure that the up and down conversion
processes are correctly synchronized. The main advantages of Cartesian over Polar
Feedback is that a significant reduction in bandwidth requirement for the feedback loop
allows more reduction of IMD and secondly simplicity of implementation. The

experimental results in the literature have shown that 10-30 dB of improvement in IMD
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performance is achievable, however the stability criteria limits the maximum bandwidth to
a few megahertz. Also the linearizing bandwidth is 5-10 times larger than the channel
bandwidth [25]-[26]. Cartesian Feedback can automatically compensate for drifts in
amplifier and non-linearities due to temperature and power supply variations. However,
this technique is only conditionally stable and the setting of the adjuster with the aim of

maintaining stability is one of the key problems.

’ 9 : Amplifier
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i O
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ey

Fig. 1.14 Cartesian Feedback to linearize Power Amplifier

1.4.6 Envelope Elimination and Restoration Technique

The Envelope Elimination and Restoration (EER) linearization method was first proposed
by [27]. The envelope of the RF input is first eliminated by a limiter to generate a constant
amplitude phase signal. At the same time, the magnitude information is extracted by an
envelope detector. The magnitude and phase information are amplified separately and then

recombined to restore the desired RF output via a high efficiency switched-mode RF PA.
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The key advantage of EER approach is that the RF PA always operates in an efficient
switched mode. That is why the EER system can linearize the switched-mode RF PA
without compromising its efficiency. Normally, the restoration is accomplished via
biasing the PA’s drain voltage. As the drain voltage is varied to correct the output
amplitude of the PA, the phase also varies. Too much unintended phase modulation
increases spectral re-growth above specifications. Another typical disadvantage of EER is
the slowness of the envelope restoration feedback loop. Practically, EER only has on the
order of 20-30 dB of dynamic range. Even when the bias level to the PA is zero, some AC

power bleeds through.

1.4.7 Adaptive Feedforward Technique

It was invented as a means of distortion reduction in telephone repeaters [28]. Such an
architecture has been used successfully to linearize many PAs. Feedforward linearization
can deliver reasonable linearization performance (20 dB-40 dB improvement) over

relatively wide bandwidths (3 MHz-50 MHz) and has the advantage of inherent stability
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[29]-[30]. Amplitude and phase matching is a problem since amplifier characteristics tend

to drift with temperature and time, and also vary with manufacturing tolerances.
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Fig. 1.16 Feedforward Technique to linearize Power Amplifier

1.4.8 RF/IF Predistortion Technique

Predistortion technique in its simplest form consists of a predistorter preceding the non-
linear PA which has the inverse transfer characteristics of the PA. Fig. 1.17 shows
Predistortion technique in its simplest form. It is an open loop system. However, most
solutions presented in the literature have some kind of feedback to enable adaptation of
the Predistorter. A large number of Predistorter networks have been reported in the

literature.

RF, RF,,

imn

-—id Predistorter p——————at PA

Fig. 1.17 Concept of Predistortion Technique to linearize Power Amplifier
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Some networks use non-linear devices to input, while other networks curve-fit the
distortion characteristics of the PA. An example of RF Predistorter is Cubic Predistorter,
which eliminates the third order distortion by generating a correctly phased addition of a
cubic component to the input signal to the PA. The advantage of the RF Predistorter is its
ability to linearize the entire bandwidth of the PA, while the advantage of IF Predistorter
is that same design can be used for a range of carrier frequencies by altering the Local

Oscillator (LO) frequency.

1.4.9 Digital Predistortion Technique

The DPD method uses digital processing to synthesize the inverse transfer characteristic
of a PA. The DPD is generally performed at the baseband. The distorted baseband signal
is translated to a convenient intermediate frequency (IF) and then the RF signal is
generated by mixing the IF with a LO. An alternative to generating IF frequency is a direct

conversion to RF signal using an Analog Quadrature Modulator (AQM).

Input
Signal : Power
= Predistorter —p{ DAC L—p Modulator o~ Amplifier
A A
LO
| 4
- Adaptation < ADC — Demodulator <

52



Fig. 1.18 Digital Predistortion Technique to linearize Power Amplifier

The DPD parameters are stored in a look up table or register table which can be updated
with adaptive feedback. The Predistortion scheme works on the orthogonal | and Q
components of the input and the feedback signals, thus providing both amplitude and
phase correction. Furthermore, since the PA’s non-linearity is a function of power,
frequency, temperature and aging the look up tables must updated continuously, otherwise
there will be degradation in IMD time because of temperature drift, component aging, etc.

Therefore, the Predistorter should also have the ability to adapt to these changes.

1.5 Comparison of different Linearization Techniques

The literature search shows that from all the linearization techniques that have been

developed, the Predistortion technique is the most commonly used in the new systems

today.
Table 1.1: Qualitative comparison of different linearization techniques

Darameter Feedback Feedforward Predistortion
Technique Technique Technique

Bandwidth Narrow Wide Very Wide

Efficiency High Low High

Linearity Good Very Good Good

Complexity Medium High Medium

Table 1.2: Quantitative comparison of different linearization Techniques




Technique Correction Bandwidth Efficiency Flexibility Cost
In-line 15t0 25 Very
_ ) 2to3dB 510 8% Low
Predistortion MHz Low
Analog 15t0 25
3to5dB 51t0 8% Low Low
Predistortion MHz
2510 60 ) .
Feedforward 30dB 6 to 10% Medium High
MHz
Digital 15to0 20 15t0 20 ) )
_ ] 12 to 14% High Medium
Predistortion dB MHz

Tables 1.1 and 1.2 show the comparison among different PA linearization techniques [2].

The DPD technique is moderately complex, as it offers good IMD reduction over a wide

signal bandwidth and automatic adaptation maintains performance regardless variation in

power supply, frequency, temperature and component aging.

1.6 Dissertation Outline

The thesis is organized as follows:

Chapter 2 deals with the literature survey and related works.

Chapter 3 presents the modeling of a Power amplifier for digital predistortion applications

using simplified complex memory polynomial.

Digital Predistortion in WCDMA Power amplifier using embedded processor is discussed

in Chapter 4.
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Low Complexity look up table based adaptive digital Predistorter with low memory

requirement is analyzed in Chapter 5.

Digital Predistortion of Power Amplifiers using Look-Up Table Mehod with Memory

Effects for LTE systems are studied in Chapter 6.

Finally Chapter 7 concludes the research work.

Thesis organization is given in Figure 1.19.

Chapter 2

Literature Review

Chapter3 Chapter 4 Chapter 5 Chapter 6
. . . L . Digital Predistortion of
Modelllng Qf a Power Digital Predistortion in Low Complexity Ioo_k up Power Amplifiers using
amplifier for WCDMAPower table based adaptive Look-Up Table Method
digitalpredistotion amplifier digital Predistorter with with Memory Effects for
applications usingembedded low memory LTE Wireless Systems
processor requirements
Chapter 7

Conclusion




Fig. 1.19 Organization of the thesis

CHAPTER 2

LITERATURE REVIEW

2.1 PA Modeling

The modeling of RF PA can be performed by equivalent circuit modeling and behavioral
modeling. In the equivalent circuit modeling, the analysis is carried out at component level
and deep knowledge and insight in the circuit layout is required. The behavioral modeling

approach utilizes the relationship between input and output signals in the PA i.e. instead of
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studying the actual cause of the signal appearance; we try to represent the dynamics

mathematically. Non-linear amplifier behavioral models are categorized as under:

o Memory-less
e Quasi memory-less

e Models with memory

The causes of the memory effects can be attributed to thermal constants of the active
devices or components in the biasing network that have frequency dependent behaviors.
Due to the thermal memory effects, the variation in the envelope of a signal produces
rapid changes in temperature in the active devices of amplifier. A change in temperature
of amplifier affects its non linear gain. Due to changes in envelope, the IMD increases. As
a result, the current output of the PA depends not only on the current input, but also on
past input values [31]. In other words, the PA becomes a non-linear system with memory.

Numerous research paper have been presented on memory less models of Power
Amplifier. A subsampling technique has been proposed [32] which can reduce the
bandwidth of test signal without changing the waveform characteristics. The technique
cancels the memory effects of amplifier without affecting its static behavior. Memory
effects intensity metrics are introduced and are applied to evaluate the memory effects
present in Doherty amplifier. A new modified Saleh models for memoryless nonlinear
power amplifier was proposed by [33]. Saleh model uses AM to PM and AM to AM
characteristics to model non linear amplifiers. The appropriate selections for amplitude
and phase coefficients can provide a suitable model. Another advantage of Saleh model is

that it could be altered to a frequency dependent model. As shown in the paper, there is
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improvement in modeling efficiency and performance of modeled Saleh over original
Saleh for both polar and Quadrature models.

Non-linear signal processing algorithms have been growing interest in recent
years [34]-[36]. To describe a polynomial non-linear system with memory, the Volterra
series expansion has been the most popular model in use for the last three decades. It is an
extension of simple Taylor series. The Volterra theory was first applied with non-linear
resistor to a White Gaussian signal. In modern DSP fields, the truncated Volterra series
model is widely used for non-linear system representations. There are several approaches
to reduce the complexity of Volterra series. One approach is the basis product
approximation [37], which represents the Volterra filter kernel as a linear combination of
the product of some basis vectors to attempt to reduce the implementation and estimation
complexity to that of the linear problem. A new method for the extraction of a behavioral
model of an RF power amplifier using complex representations of input and output signal
in time domain is presented [38] .A quasi memoryless model is used to extract the
nonlinearity of the device. The proposed model provides more accurate results of actual
power amplifier output signals in both time and frequency domains. In the system level
analysis and design of wide band digital communication systems, the behavioral model of
RF power amplifiers with memory effects are important [39].A Volterra based behavioral
modeling is implemented through a bank of FIR filters and the coefficients can be
extracted from time domain measurements or circuit envelope simulations. As compared
to conventional Quasi memoryless model, the output of non linear distortion of power
amplifier with memory effects has better accuracy. In another work done by [40], a

simplified Volterra series is proposed to linearize broadband RF PA’s with memory
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effects. This indirect learning architecture is adopted to design the predistortion scheme
and the recursive least square algorithm to identify the parameters of the predistorter. As
shown by the simulation results, the proposed predistortion method can compensate the

non linear distortion and memory effects of broadband RF PAs effectively.

An alternative form of Volterra system called Memory Polynomial model
[41].This model consists of several delay taps and non-linear static functions. This model
is a truncation of the general Volterra series, which consists of only the diagonal terms in
the Volterra kernels. Thus, the number of parameters is significantly reduced compared to
general Volterra series. The Parallel Hammerstein model includes the Hammerstein model
as a special case. Hammerstein and Wiener models are the most specialized with the least
number of coefficients, but are by no means the easiest to identify. The Memory
Polynomial model, however, offers a good compromise between generality and ease of
parameter estimation and implementation. A Generalized Memory Polynomial model for
Digital Predistortion of RF Power Amplifiers was proposed [42] in which generalized
Volterra representation is related to classical Wiener, Hammerstein, Wiener-Hammerstein
and parallel Wiener structures. An envelope Memory Polynomial model is introduced to
describe dynamic input output characteristics of RF power amplifiers. In this modeling
approach, we use a truncation method and non linear time series method to determine the
structure of model. A new generalized memory model is proposed that achieves better
performance. A new predistortion architecture was described which predistortes AM/AM
and AM/PM separately [43].When compared with traditional architecture, the new

architecture can significantly reduce the ACPR and EVM of the output signals.
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The term memory effects refer to the bandwidth-dependent non-linear effects often
present in PAs. These encompass envelope memory effects and frequency memory
effects. Envelope memory effects are primarily a result of thermal hysteresis and electrical
properties inherent to PAs. Frequency memory effects are due to the variations in the

frequency spacing of the transmitted signal [44].

To model a PA system for DPD design, it is important to model the behavior of PA
non-linearity and memory effect accurately. There are many different types of models for
system identification of non-linear systems. Some of the rich literature includes sources
like [45]-[50]. A non-linear function of the parameter vector can be searched by using
non-linear local optimization techniques. Due its ability to find unique global optimum

point and computational easiness, the LSE technique is used to find the coefficients.

2.2 Linearization Techniques

There are a variety of RF PA linearization techniques. Till date, no single scheme
dominates for general-purpose use. But this technique requires a fast speed wideband
envelope detector and a DC-DC converter with high current capability. Also the
performance of a dynamic bias system could be corrupted by undesired phase distortion
occurring when relatively large changes in the bias level happen at a higher power level.
Although this problem could be improved by simultaneously adapting a phase feedback
loop [51], this adds another dimension of complexity, which is non-trivial in radio
frequency (RF) application. A novel method of providing high efficiency power amplifier

power control using variable envelope modulation scheme with enhanced data rates based
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on dynamic adaptive bias control was proposed [52].The architecture allows for

substantially higher efficiency levels compared with conventional linear solutions.

Another simple way to perform linearization is to use feedback techniques. But for RF
amplification, many stages are normally required to get enough gain, which reduces the
overall efficiency since each stage uses power. More importantly, the delay per RF
amplifier stage will cause instability if global feedback is used. Hence, not many practical
applications employ RF feedback as a linearization approach. A new Wideband Adaptive
digital predistortion technique employing feedback linearization was developed [53] for
modulated signals with wide bandwidths by combining digital feedback predistortion
linearization and memory effect compensation techniques. A linearization technique
combined with iterative noise cancellation was proposed [54]. The simulation results
based on mean square error and power spectral density criteria to evaluate PD
performance are presented. The results show that iterative noise cancelation method
significantly enhances the mean square error performance. ACLR improvement of about 8
dB for realistic wideband code division multiplex signal is shown in a feedback
predistortion technique for power amplifiers based on amplitude and phase signal
processing [55]. The results are achieved by employing input and output signals of power

amplifier and observing the changes of amplitude and phase caused by nonlinear PA.

Baseband Envelope Feedback technique requires the components in the feedback
path to operate at a higher frequency band or large bandwidth situation. In order to
maintain system stability, the loop bandwidth must be within the MHz range. Therefore,
the main disadvantage of this system is the requirement of large bandwidth in the

feedback path. .A digital predistortion technique based on envelope feedback was

61



proposed for the linearization of power amplifiers [56].The proposed technique employed
two envelope detectors, estimating the envelope of PA output and that of the difference

signal between the PA output and PA input.

Polar Feedback technique overcomes the inability of Envelope Feedback to correct
for AM-PM distortion effects. But different bandwidths are required for the amplitude and
phase feedback paths, which leads to a different level of improvement of the AM-AM and
AM-PM characteristics and a poorer overall performance than that is achievable from an

equivalent Cartesian-loop transmitter.

Cartesian Feedback was first proposed by Petrovic. In this technique the in-phase
() and quadrature-phase (Q) components modulate the carrier before passing it to a non-
linear but efficient RF PA. Cartesian Feedback can automatically compensate for drifts in
amplifier non-linearities due to temperature and power supply variations. However, this
technique is only conditionally stable and the setting of the adjuster with the aim of
maintaining stability is one of the key problems. Amplifier non-linearities also affect
stability as does excessive base band phase shift. Another limiting factor in this system is
the non-linearities of the down converting mixers. But the main disadvantage of this

scheme is the narrow bandwidth that is somewhat inherent in baseband feedback systems.

An open loop digital predistortion using Cartesian Feedback for Adaptive RF
Power Amplifier linearization was proposed [57].An analog Cartesian Feedback is used to
train a Cartesian look-up table, reducing DSP and power amplifier modeling requirements
to minimum. The Bandwidth limitation can be overcome using this technique as Cartesian

Feedback system does not operate continuously.
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Envelope Elimination and Restoration (EER) technique was first proposed by
Kahn. The EER system can linearize the switched-mode RF PA without compromising its
efficiency. But EER suffers from the slowness of the envelope restoration feedback loop.
Practically, EER only has on the order of 20-30 dB of dynamic range. Even when the bias
level to the PA is zero, some AC power bleeds through. The linearization of highly
efficient monolithic SiGe Class E power amplifiers using Envelope Elimination and
Restoration technique has been studied at 900 MHz [58].The PAs achieve power added
efficiency of 66%.The third order Intermodulation coefficient(IMD3), measured using two
tone excitation signal is an important measure of linearity of a power amplifier [59].A two
tone excitation signal of 10 MHz is used in this simulation. Compared to the PA without

EER, the output power of the PA with EER declines less than 1 dBm on average.

Adaptive Feedforward was invented as means of distortion reduction in telephone
repeaters by Black. Feedforward linearization [60-69] can deliver reasonable linearization
performance (20 dB-40 dB) improvement over relatively wide bandwidths (3 MHz-50
MHz) and has the advantage of inherent stability. Amplitude and phase matching is a
problem since amplifier characteristics tend to drift with temperature and time, and also
vary with manufacturing tolerances. Adaptive techniques can enable the performance of
the system to be maintained despite these effects; therefore, a digital signal processing

(DSP) processor has to be used at this point to implement the adaptive algorithm.

For the linearization of power amplifiers, feedforward method is one of the most
well known and widely applied methods. The gradient descent type methods have been
developed in order to prevent the degradation in performance due to in accuracy in

implementation. An analysis on the convergence of feedforward linearizer coefficients
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[70] and resulting reduction of intermodulation distortion is observed when gradient
descent type adaptations are used with a PA that exhibits memory. For the modeling of a

PA, Hammerstein model is used.

Although lot of researchers have worked on analog and RF predistortion
techniques, but due to less flexibility they are not much popular these days. The most
promising and cost-effective linearization technique is adaptive baseband Digital
Predistortion (DPD), which has recently demonstrated notable success in correcting the
non-linearity of RF PAs. Due to Predistorters digital implementation, it currently benefits
from the continuous improvements of DSP and field-programmable gate array (FPGA)

circuitry.

Work on Adaptation on Digital Predistortion technique based on intersymbol
interpolation was published by [71] in 1995 in Global Telecommunications conference.
The work is centered on the investigating the performance of several adaptation strategies
of a digital predistortion technique which effectively compensates for PA nonlinearities in
bandwidth efficient digital communication systems. The research includes the study of
Gradient algorithms in Cartesian coordinates and the predistorter optimization. An
algorithm called genetic algorithm was developed [72] that adapts a polynomial pre-
distortion function to minimize adjacent channel emissions. The paper describes the
implementation of this algorithm and its performance is compared with the random search
technique. This technique could be applied as a low cost solution to meet adjacent channel

leakage ratio requirements.
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A non uniform simple spacing technique having performance similar to the
optimum amplifier was developed by [73]. This technique offers negligible degradation
relative to the optimum approach. Work on High Precision RF Linearizer by Digital
Predistortion technique was presented by [74]. A new adaptive digital predistortion
linearization technique is developed for transmitters of IMT-2000 band mobile
communication base stations. The simulation results have shown an improvement of -63
dB for third order intermodulation distortion suppression. Digital predistortion techniques

can be employed to improve the performance of power amplifiers [75].

The look table based adaptive predistortion approaches are suitable and cost
effective for the power amplifier linearization in wireless applications. But the existing
digital adaptive predistortion approaches are sub optimum because a uniformly spaced
look up table is adopted regardless of the characteristics of power amplifier and input
signal statistics. The proposed technique [76] is capable of adapting the look up table

spacing for PAs with the various non linear characteristics.

Work done by [77] deals with piecewise linear approximation of inverse
characteristics of PA for digital predistortion techniques. In this a new approach for the
implementation of memoryless digital predistorter is proposed. It uses a look up table with
few entries which correspond to large step segment of amplitude range of input signal. A
complex circular model is used to linearize the AM/AM and AM/PM characteristics of
every segment. A new wideband digital feedback predistortion technique for modulated
signals with a signal of wide bandwidth by combining digital feedback predistortion

linearization and memory effect compensation technique was developed by [78].
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A novel digital predistortion correction technique involving the addition of digital
signal processing in time domain was put forward by [79].The results show increase in
quality and performance of UWB signals thereby satisfying the requirements of UWB
radar systems. A Look Up Table based digital predistortion technique for high voltage
power amplifier in ultrasonic applications was proposed [80].The proposed system is able
to reduce the second order harmonics and considerable improvement in power amplifier
efficiency is observed. Another novel and efficient approach to optimize the linearity and
efficiency of power amplifier used in mobile WiMAX applications is proposed by [81].
Thus, DPD provides significant accuracy and flexibility, better power efficiency and
reduced implementation complexity. The table below shows the comparison of different

techniques.

Table 2.1: Comparison of different linearization techniques [2]

%age
Bandwidt Correctio Flexibilit
Technique efficienc Cost
h (MHz) n y
y
In-line
15 to 20 Very
Predistortio 5t08 % 2to3dB Low
MHz Low
n
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Analog
15 to 20
Predistortio 5t08 % 3to5dB Low Low
MHz
n
Cross 10 to 20 10 to 12 15 to 20 Mediu
Medium
Cancellation MHz % dB m
25 to 60
Feedforward 6 t010 % 30 dB Medium High
MHz
Digital
15 to 20 12 to 14 15 to 20 Mediu
Predistortio High
MHz % dB m
n

From comparison of different linearization techniques, it can be concluded that DPD is

most promising and cost-effective linearization technique. A comparison of the literature has

been given in Table 2.2, which shows the advantages and limitations of some important

research work related to DPD.

SIN | Year Author Work Weakness Strength
Measurement and Test equipment
1 | 1989 | Boschetal simula’Fion of memqry (twonetwork analyzers) Memory effectshas been
effects in pre-distortion are needed for the Considered.
linearizers. measurement.
Amplifier linearization
using a DPD with fast . . Introduces the gain based
2 | 1990 Cavers g . Few details provided. ) g
adaptation and low predistorter concept.
memory requirements.
3 | 1901 Faulkner et | Automatic adjustment of Not specific for adaptive First paper to analyze the
al quadrature modulators. predistortion. Problem of linearization.
4 | 1992 | wrightetal Experimental _perfo_rr_nance -Very narrowband (8 Experlmen_tal p(_erformance
of an adaptive digital KHz). of linearizer.
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linearized power
amplifier.

-Few details provided.

Spectral sensitivity of

Does not provide a

Provides good analysis

Faulkner et ower amplifiers to . .
5 | 1992 ! PO Ph solution to the and results can be applied
al guadrature modulator L L L
- linearization problem. to a linearized amplifier
misalignment.
An adaptive predistorter -Narrowband (8 KHz)
Stapleton et . . . Introduces the concept of
6 | 1992 P for a PA based on adjacent -11 dB distortion u . P
Al . . periodic update.
channel emissions. Cancellation.
Effects of reconstruction . .
Sundstrom filters in digital re- Does not provide a First paper to analyze
7 | 1995 et . . g . P solution to the digital pre-distortion
Al distortion linearizers for linearization problem roblem
RF PA P ' P '
The effect of quadrature The solution does !Daper Provides .
modulator and good insight to analyze in
notaccount for equal .
8 | 1996 Cavers demodulator errors on . depth digital pre-
. . delays in the real and . L
adaptive digital imaginary sianal distortion issue.
predistorters. ginary signal.
Use adaptive digital pre-
distortion to simulate a
S ly simul | P imulati
9 | 1996 | Goeckler linearization system. RF Only simulated results res.ented.5|m-u ation
. shown. investigation.
design.
. -Only simulati I . . .
Improvement of digital Only 5|m.u ation rgsu ts Simulative studies on
. . -The mapping predistorter . .
10 | 1997 Ren et al mapping predistorters for . digital mapping
L . requires large memory .
linearising transmitters. size predistorter.
. . . - -10 dB improvement
1 | 1997 Andr:loll et Llnear;:]ngljiglegrltal RF across 10 MHz. Pr;eiizr;trei(zjirli)PFE)Afor
P ' -Few details provided. gra.
. -20 dB di i
Jeckeln et An L Band Adaptive DPD g:ncedlllz?cr)tr:on
12 | 1998 for PA using Direct 1-Q . Presented adaptive DPD
al modem -Narrowband (only 60
' KHz)
Digital pre-distortion .
Z h . . 20 dB P DPD f
13 | 1999 avzls ® | techniques for RF PA with Ofcro'ggra’g;em resegt[e)?vl A or
CDMA Applications. ' '
Adaptive baseband/RF
pre-distorter for PA
14 | 2000 Jeckeln et through instantaneous Not 100% digital Presented DPD using
al AM-AM and AM-PM approach. analog 1Q.
characterization using
digital receivers.
. . . -Narrowband. Analyses performance of
15 | 2000 Zavosh et Dlgltal pre-dlstortlon -Not the combined effects | DPD versus table size and
al Linearizes RF PA’s .
evaluated. quantization level.
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6 | 2001 Ke”'erlgton AGSmI}S'iEnD?jF ::Ie:lgh PA _Not 100% digital Worked on GSM-EDGE
. g _g -800 KHz bandwidth pre-distorter.
Al linearization.
17 | 2001 Sills Appl.lcatlo_n of digital pre- Only’s d& d|§tort|on Presented wideband DPD
distortion to BWA. cancellation.
. Methods is complicated
. Measurement techniques
Vuolevi et .. and Analysed thermal and
18 | 2001 al for characterizing memory impractical for a digital electrical memory effects
effects in RF PA practica’ g y '
linearizer.
A software linearization -Non-linear device static
. method for enhancing gain measurement. Presented software
19 | 2002 | Davis, et al . . . o
noise loaded performance -10 dB improvement linearization method.
of amplifiers. across 1 MHz.
. N hni .
Hammi et Baseband digital pre- o gszzct:gu; VZiSsate Filters used to
20 | 2003 distortion using subband prop P compensate for
al filtering technique memory effects temperature changes
g que. Compensation of PA. P ges.
Method for modelling
21 | 2003 Jeckeln et amplitude and bandwidth | Requires sampling of the | Memory effects have been
al dependent distortion in input of the PA. Considered.
nonlinear RF devices.
Thermal memory effects
Boumaiza modeling and Not all maior memor Provides method to
22 | 2003 et compensation in RF PA jorm y compensate for thermal
. . effects are considered.
Al and pre-distortion memory effects.
Linearizers.
D_lgltal baseband —Polynomlfall approach is Uses filters to correct for
. predistorter constructed hard to implement.
23 | 2004 | Dingetal . frequency memory
using memory -No other memory effects effects
polynomials. correction. '
-ldentifies sources of
memory effects and
S . . provides analog and
24 | 2004 Franco Minimizing PA memory Prowd«_as_few deta_lls on digital methods for
effects. the digital solution. .
correction.
-Memory effects has been
considered.
Proposed wideband
Adaptive digital pre- adaptive DPD technique
Varahman distortion for power The proposed method is using the concept of
25 | 2005 o . . S
et al amplifiers used in CDMA complex to implement. combination of memory

applications.

polynomial pre-distorter
and slope-dependent
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method.

Embedded software

Hybrid DSP/ FPGA based

26 | 2005 Chl_hebReb |mplgmentat|on of an Top Complex to architecture has been
ai etal adaptive baseband pre- implement.
. used.
distorter
Fpgrfhbl;'rls;gig%(;ﬁfor a hybrid design based on
ChihebReb . .y . The attention is only FPGA and DSP is
27 | 2005 . digital pre-distorter L
aietal . focused on the FPGA part. | proposed for linearization
suitable for 3G power\ . .
e pre-distortion.
amplifiers.
Tallijgi(; gr]: ch/eA Only the D/A conversion
hanyi . No DPD Design h th
28 | 2006 Shanying performance of digital 0 esign has been accuracy on the
Wu et al re-distortion for RF proposed. performance of DPD for
P . RF PA is tested.
power amplifiers
EPGA Based DPD for RF DPD parameter extraction F_’rotoprlr!g dlgltal pre-
29 | 2007 Albert PA with memory effects procedures has distortion linearizers, and
Cesari et al y ' implemented in the a scalable DPD
design. architecture is proposed.
An LMS-Based adaptive Adapt_atlon algorlthm_has Nonllnear auto regressive
G. Montoro re-distorter for been implemented using moving average
30 | 2007 ' P . . Multi LUT design, which (NARMA) model has
etal cancelling nonlinear .
. makes the design complex | been proposed for PA and
memory effects in RF PA
and slow. DPD.
A simple and effective
weighted
. . | ial digital pre-
Weighted polynomial . po_ynomla dlglté pre
- . . The design can only distortion algorithm,
Sungchul digital pre-distortion for . .
31 | 2007 compensate low memory which consists of
Hong et al low memory effect _—
effects. weighting, least square
doherty PA. L
polynomial fit, and de-
weighting has been
proposed.
Janaheon et A new wideband But again the proposed Wideband adaptive digital
32 | 2008 g al employing feedback technique is complex to pre distortion technique
linearization. implement. using feedback.
Adaptive DPD using
. . Wide bandwidth adaptive reduced order memory
Raithwaite . . . . . .
RN digital pre-distortion of The proposed technique correction. Eigen value
33 | 2008 o power amplifiers using was tested for 20 MHz decompositions were used
and Santa, .
A reduced order memory signal only. to reduce the order of the
' correction. memory coefficient
estimation.
- . . No i in Signal . .
Tarasov et | PAdigital pre-distortion - ° |rr_1prove_ment m_Slgna Presented simulative
34 | 2008 . . to noise ratio and bit error . .
al fixed or adaptive. investigations on DPD.

rate.
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Research of adaptive
digital pre-distortion

Only 6dB improvement

Also presented simulative

35 | 2009 | W t al . . . -
angeta technology for wideband was obtained investigations on DPD.
OFDM PA
. The technique is complex
Jiang H. . . . .
. Adaptive DPD using to implement and PA Proposed adaptive DPD
36 | 2010 | and Wilford . . . .
PA separable functions modelling was not using separable function.
o proposed.
Adaptive Digital pre-
distortion of wireless PA/
37 | 2010 | Rawat et al transmltters using Only 20dB |mprovement Prqposed adaptive DPD
dynamic real-valued was obtained. using neural networks.
focused time-delay line
neural networks.
Amandeep Agg;l/:\lliglzkn?:;e??;ed S-parameters vary with A novel behavioral model
38 | 2010 Singh e P y . based on a Black Box
Sanpal et al power amplifier for frequency of operation. modeling is presented
PP WCDMA applications. g1sp '
A digital-feedback pre- .
. . . P h | -
distortion technique for roposeq technique gn y A digital-feedback pre-
ZhengGao . . used for integrated high- . . .
39 | 2011 integrated high-voltage distortion technique has
etal L voltage ultrasound
ultrasound transmitting o been proposed.
. transmitting PA
power amplifiers.
Nv(\ji\':iil prz)e-g;tg :‘t::(:[iz;:ﬁ Only 11dB improvement Both odd and even order
40 | 2011 | BoAietal prop y p. memory effects have been
order memory has been achieved. .
. included.
polynomial.
Amandeep Fast complex memory The proposed model is Performance of proposed
41 | 2011 Singh polynomial based implemented only at 1950 | technique is better than its
Sappal et al adaptive DPD. MHz. earlier implementations
Closed-loop digital pre- .
. ose_ oop digt a_ pre Performance has only PA output power is
distortion system with fast .
12 | 2012 Calogero real-time adatation been demonstrated on a increased by upto 30.9
D.etal . P handset WCDMA PA dBm, and increases upto
applied to a handset module 48,50
WCDMA PA module. ' 7
Digital pre-distortion An iterative stochastic The DPD is applied to a
Hong Jiang Using stochastic conjugate gradient (SCG) Universal mobile
43 | 2012 . . ) .
etal conjugate gradient method introduced an telecommunications
method. additional complexity. system (UMTS) system.
-Dual-input high
- . . efficiency PA architecture
Digital pre-distortion for is);)roposed
Haiying high efficiency PA Only 7 dB improvement . '
44 | 2012 Caoetal architectures using a dual- has been achieved Dual-input approach

input modeling approach.

helped to achieve
maximized average
power-added efficiency
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and minimized output
distortion simultaneously.

Optimized low-
complexity

Only second order

-1-bit ridge regression
algorithm has been used
to eliminate the ill-
conditioning problem in

Lei . . i iati N
o Guén implementation of least deramlc deviation . the LS estimation.
45 | 2012 | and Anding reduction based model is L
squares based model -The execution time of the
Zhu. . . used. . .
extraction for digital pre- algorithm is also much
distortion of RF PA shorter than that using the
standard LS employing a
long sequence.
. Distributed .
Meenakshi . IStrbu The delay caused by the adaptive neural network
spatiotemporal neural .
Rawat and network for nonlinear DUT and propagation approach for the
46 | 2012 | Fadhel M. . . medium to ensure to an behavioralmodeling of
dynamic transmitter . . .
Ghannouch . . accurate behaviour wireless transmitters has
i modeling and adaptive rediction been proposed
' digital predistortion. P ' prop '
. I lass AB PA dri
Peak-power Controlling Onlyac ?SS driven
; . by wideband code The method can be
Charles et technique for enhancing o . . .
47 | 2012 al diaital pre-distortion of division multiple access considered as a joint CFR
galp and WiMAX signals has reduction and DPD.
RF PA.
been used.
A Generalized
. . Architecture for the S Three LTE Signals of
Jiwoo Kim . But linearization has been .
48 | 2013 Frequency-Selective d 5MHz bandwidth are used
et al .. . . done upto 3 IMD only. .
Digital pre-distortion for input.
Linearization Technique.
Adaptive digital pre- -The concept of weighting
Bradley distortion for wideband . . function taper was
. This technique has . .
Dean high crest factor resulted in high introduced and applied
49 | 2013 Lakiand applications based on the im Iementatign across the optimization
Cornelis WACP optimization ce)m lexit schedules.
Jan Kikkert objective: an extended prexity. -On air adaption phase is
analysis. presented.
Three-l i
ree-layered b'.a sed The proposed model . .
. memory polynomial for . e Behavioral model is used
Meenakshi g . could lead to instability if .
50 | 2013 dynamic modeling and . for three layered biased
Rawat et al not conditioned

pre-distortion of

transmitters with memory.

accurately.

memory polynomial.

2.3 Gaps in Present Study
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The first practical implementation of a gain based Digital Predistorter was
proposed by James Cavers [82]. Prior to this method, the majority of the Digital
Predistorters were based on the mapping predistorter principle, in which each possible
signal level was directly mapped to another output level. As the signal bandwidth gets

wider, such as in WCDMA signals, PA begin to exhibit memory effects.

Many papers describe methods to measure memory effects in RF PAs [83]-[85].
Those methods require the use of test equipment, and as a result are not practical in a

Digital Predistorter implementation.

The first technique for the correction of quadrature modulators was given by
Faulker [86] but this technique can’t be used for adaptive predistortion. Faulkner [87]
studied the effects of quadrature modulator errors on output spectrum of an amplifier. The
paper described better analysis of the linearization problem but it does not provided a

solution to the linearization problem.

Adaptive Predistorter using complex spectral convolution was studied by
[88].They have introduced the concept of continuous update but the solution was
applicable for narrowband signals only. The concept of complex gain Predistorter was
presented by [89] but again solution was applicable for the narrowband signals only. The
compensation for errors in digital receivers was discussed by [90] but his idea was
applicable to direct conversion receivers only. The effects of amplitude, phase and
frequency errors in DC receivers were studied by [91] but a solution to the linearization

problem has not been recommended. The effects of reconstruction filters in Predistorters
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were studied by [92] but again a solution to the linearization problem has not been

recommended.

The errors in quadrature modulator and demodulator in adaptive Predistorters were
studied by [93]. This paper gives good insight into the analysis, but the solution does not
account for equal delays in the real and imaginary signals. Simulation investigations on a
Digital Predistorter were presented by [94]. But the paper presents only simulated results.
The errors in quadrature modulator and demodulators in adaptive Predistorters were
presented by [95] which provide better solution than his previous paper. Simulative
studies on a digital mapping predistorter were presented by [96] but the presented
mapping Predistorter requires large memory size. Adaptive Digital Predistorter for
linearizing a PA were studied by [97] but only 20 dB improvement was noticed and
solution is only applicable to narrowband signals. Effects of demodulator errors on
Predistorter were studied by [98] but a solution to the linearization problem has not been
recommended. Digital Predistorter for CDMA was presented by [99] but only 20 dB
improvements were obtained for a signal of 3 MHz only. Modulator compensation for
CDMA was presented by [100] but it was just a review of the paper early presented by

[95].

Although analysis on a Digital Predistorter for linearizing a PA was performed to make
a comparison between the performance of the Digital Predistorter versus table size and
quantization level independently, but the combined effects of table size and quantization
level on the performance of Digital Predistorter was not evaluated. Also the proposed

method can be applied to narrow band signals only.
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Work on GSM-EDGE Predistorter was done by [101] but the proposed solution
was not 100% digital and was narrowband (800 KHz). A wideband Digital Predistorter
was presented by [102] but only 5 dB improvements were noticed. The complex gain
Predistorter was discussed by [103] but it was only an overview paper. A Digital
Predistorter was presented by [104] but only 10 dB improvements was noticed across a
signal of 1MHz. Simulative investigations on Digital Predistorter using sub-band
technique were presented by [105]. Although filters were also used to compensate for
temperature changes, no technique was proposed to compensate memory effects of PA.
Other papers [106-107], propose memory effects models, although they provide some
insight into the causes of memory effects but are again not practical in a Digital
Predistorter implementation,. In recent years, some proposals have been made to measure
and correct for memory effects in RF PAs. Not all major memory effects are considered,
and only two of the papers show experimental results with actual memory effects
correction. Although filters were used to compensate memory effects but proposed

polynomial approach is hard to implement.

Wideband adaptive DPD technique was proposed by [108] which uses the concept
of combination of Memory Polynomial Predistorter and slope-dependent method. But the
proposed method is complex to implement. Adaptive DPD using reduced order memory
correction was poposed by [109]. Eigen value decompositions were used to reduce the
order of the memory coefficient estimation. But the proposed technique was tested for
20MHz signal only. Simulative investigations on DPD without improvement in Signal to
noise ratio and bit error rate were presented by [110]. Simulative investigations on DPD

were presented by [111]. But only 6 dB improvement was obtained using the proposed
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technique. Adaptive DPD using separable functions was proposed by [112]. But the
proposed technique is complex to implement and PA modelling was not proposed.
Adaptive DPD using neural networks was proposed by [113]. But only 20 dB

improvement was obtained using the proposed technique.

2.4 Motivation and Problem Formulation

Power amplifiers are essential components in communication systems and are inherently
nonlinear. The broadening beyond the signal bandwidth is due to the nonlinearity in
power amplifier and it interferes with adjacent channels. Stringent limits on the ACI are
imposed by the regulatory bodies, and thus the extent of PA nonlinearity must be
controlled.PA linearization is often necessary to suppress spectral regrowth and reduce bit

error rate(BER).

From the extensive literature review on the topics that relate to linearization of PA, it
has been observed that DPD linearization technique can be of main concern. The main
factors that limit the performance of the Digital Pre-distorter are the non-linearity and the
memory effects of the PA. Thus exact characterization of the non-linear behavior of the
PA and also its memory effects is a key issue in the successful implementation of a Digital
Pre-distorter. The methods covered by the literature on DPD linearization are mostly test-
equipment based. Also very few papers include analysis and results utilizing higher order
non-linearity and memory. Also an important issue in the design of a Digital Predistorter
is the required level of performance for a given application, which has been ignored in

most of the literature.

2.5 Objectives of the Thesis
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Keeping in view the above mentioned aspects, the objectives of the research were

formulated which are listed as below:

To study the various predistortion techniques for the digital compensation of RF

amplifiers in wideband wireless applications.

To develop an improved linearization technique for compensating the non-linear effects of

RF amplifiers based on the exploration of the joint algorithm-architecture design space.

To functionally simulate the proposed technique for performance evaluation.

To implement the proposed system using various EDA tools on FPGA platform.

CHAPTER 3

MODELING OF A POWER AMPLIFIER FOR DIGITAL PRE-DISTORTION

APPLICATIONS USING SIMPLIFIED COMPLEX MEMORY POLYNOMIAL

The linearization task for nonlinear microwave power amplifiers can be divided into two

parts: exact modeling of the power amplifier (PA) to be linearized and development of
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linearization technique. In this chapter, PA modeling using simplified complex memory

polynomial has been presented.

3.1 Introduction

Orthogonal frequency division multiple access (OFDM) systems allow the transmission of
high data rates over broadband radio channels without the need of powerful channel
equalizer. By using special modulation schemes, an OFDM system does not require a
channel estimator. Thus, OFDM systems are less complex as compared to a single carrier
transmission system. But major disadvantage of OFDM signals is that they have very
large peak-to-average power ratio (PAPR). This high PAPR derives the power amplifier
(PA) into non linear region and hence causes inter-modulation distortion (IMD), which
causes spreading of power both within the band and in the adjacent frequency bands.
Various PA linearization techniques have been discussed in literature [114-115] to reduce
IMD, while maintaining the efficiency of the PA. Linearization task cannot be
accomplished successfully until the PA to be linearized, is exactly modeled. This chapter
focuses on the discussion of the characteristics and modeling of a PA with thermal and
memory effects. The proposed PA model has already used in the development of Low
Complexity Look Up Table based Adaptive Digital Pre-distorter with Low Memory

Requirements [116].

A brief introduction to the background of the problem various performance indices on
which the performance of a PA had already been discussed in Chapter 1.We will be
modeling a PA with thermal and memory effects and the results of the proposed model

have been shown.

78



3.2 Performance Indices of a Power Amplifier

The modeling task of PA will not be accomplished until the parameters on which its
performance can be evaluated are not known. The basic parameters of the PA like IMD
Products, Adjacent Channel Leakage Ratio (ACLR), Efficiency and Error Vector
Magnitude (EVM), which can be used to evaluate its performance have already been

discussed.

An amplifier is said to be linear if its output voltage is simply a constant times the input

voltage.

Voue(t) = G.Vin (1) (3.1)

\'?i'l(t) \’?out (t)

Fig. 3.1 Power Amplifier input-output diagram

But in reality they have non-linearities that make the output voltage a function of higher
order terms of the input voltage. The output voltage V,,,;(t) for such non-linear amplifier

can be expressed mathematically as a Taylor series:

Vour () = G1Vin (t) + GVA () + G3VE(0) ... + G V(1) (3.2)

Thus, due to its non-linear characteristics, the PA is the main contributor for distortion

products in a transmitter (Ty) chain. With Multi carrier modulation schemes like OFDM
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used in W-CDMA systems, even harmonic components could be filtered out, but 3" and
5" order distortion component will exist with the fundamental channel. Thus equation 3.2

can be written as [117]:
Vout(t) = lein(t) + G3Vi:151(t) + GSViE‘L(t) e +GZn—1Vinn_1(t) (3-3)

If a two tone signal V;,,(t) = V; cos w,t + V, cos w,t is applied to the PA, then 3™ order

term will produce G5 = (V; cos w,t + V, cos w,t)3, which is equal to

G3 = (V2 cos® wit + V3 cos® wyt + 3V2V,cos2w t. cos wyt + +3V;VEcosw,t. cos? w,t)

(3.4)
Let us expand each term of equation 3.4 one by one:
NoV;3 cos® w,t + V3 (cos?w,t.cosw t) = V3 [(% + %coswlt)]
=% V3 cosw,t + %Vf (cos2w4t.coswqt)
=% V3 coswt + in [cos Qw it — wit + w4t]
:% V3 coswt + in [cos(w4t) + cos (Bw,t)] = %Vf cos wyt + %Vf cos 3wt (3.5)
Similarly,V3cos3w,t = %Vf cos w,t + %Vf cos 3wyt (3.6)

1+c052w1t)

Also 3V2V,cos?w t. cosw,t = (3VEV,cosw,t) ( -
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= %VEVZ. cosw,t + %VEVZ [cosRQw it — wyt) + cos(2wqt — wyt)] (3.7)
Similarly,
3V,Vicosw t cos?w,t + %Vlvzzcoswlt[cos(Za)zt — wit) + cosw,t — w,t)]  (3.8)

From equations 3.5 to 3.8, we see that 3" order term of equation 3.4 results in the
frequency components 31,312, 2f1 — f2, 2f> — fi, 2f1 + f2, 2f> + f, at the output of PA.
The components 2f, — f; and 2f; — f, are in-band components which contributes for the

in-band distortion at the output of PA.
3.3 Modeling of PA with Thermal and Memory effects

Any PA will show some dynamic deviations from its static characteristics. Such
deviations have become to known as memory and thermal effects [118-119]. These
effects are very troublesome for the process of pre-distortion. Thus, a PA model design
simulations should be able to predict such memory and thermal effects and the designer
must be bothered to include sufficient details of the bias circuitry, as well as the RF

circuit, in the simulation file.

The Memory Polynomial model given by equation (3.9) can be used to incorporate both
memory and thermal effects. The Memory Polynomial consists of several delay taps and
non-linear static functions. This model is a truncation of the general Volterra series, which
consists of only the diagonal terms in the Volterra kernels. Thus, the number of
parameters is significantly reduced compared to general Volterra series. The Memory

Polynomial model can be described as:
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y(m) = X K o glx(n — @124 Dx(n - g), (3.9)

where

x(n) is the input complex base band signal.
y(n) is the output complex base band signal.
Ckq are complex valued parameters.

Qis the memory depth.

Kis the order of the polynomial.

The even order terms are usually outside of the operational bandwidth of the signal and
can be easily filtered out. This model considers polynomials with orders up to 2k ---— 1,
where K is a design parameter. For simplicity of implementation, the equation 3.9 can be

rewritten as follows:

y(n) = T2 F,(n—q)

=FM+FMm-D+ FLn-2)+Fy(n—Q) (3.10)
where  F,(n) = Xf_; Cop—1,4lx(m)|2*Dx(n)

In its expanded form, equation 3.10 can be written as:

Fy() = cqgx(n) + ¢34 xM)12x (1) + 5 g Ix@)[*x () + -+ Cax—1,4 1 () *FVx(n)

(3.11)

Equation 3.11 can be implemented as shown below:
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Fig 3.2 Implementation of Memory Polynomial given by equation 3.11

In modern communications applications, the actual modulation system is in use for testing
a PA model. Obviously, such testing is essential, both during development and in
production, for determining specification compliance on a product. But due to its
simplicity in implementation, the two-carrier or two-tone test is still a convenient method
for testing. So, in the present work the modeled PA has been tested using two carriers
placed at 1.950 GHz and 1.955 GHz. The memory depth, g = 3 and polynomial of the 5th
degree, k = 3 has been used. The input power has been varied from 0 to 20 dB. The set up
shown in Figure 3.3 has been used for measurements. Due its ability to find unique global
optimum point and computational easiness, the LSE technique [120] is used to find the

coefficients.
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Bias Voltages
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Fig. 3.3 Parameter measurement of PA
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Fig 3.4 Comparison of Gain Compression of actual and modeled PA
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Fig. 3.5 Comparison of Phase Characteristics of actual and modeled PA
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Fig. 3.6 Comparison of Input Characteristics of actual and modeled PA
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Fig. 3.9 3" order IMD Gain reconstruction of actual and modeled PA

Fhase Comparison (deg)

=

(=)
|

-'-:I-:I_-

=200
-300—
-4 —

50—

]

3rd order IMD Phase (deg)

T
i 10 12 14 16 18 20

i

Input Power {dBm)

Fig. 3.10 3rd order IMD Phase reconstruction of actual and modeled PA

Figure 3.4 to 3.10 shows the comparison of Gain Compression, Phase Characteristics,
Input Characteristics, Output Characteristics and constellations, 3™ order IMD Gain
reconstruction and 3 order IMD Phase reconstruction of actual and modeled PA

respectively. From these figures, we could see that our modeled PA shows characteristics
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which are very much similar to the characteristics of the actual PA. Measurements also
show that Lower channel ACLR for the actual amplifier is -16.627 whereas for modeled
amplifier, its value as -16.626. Similarly upper channel ACLR for the actual amplifier has
been calculated as -19.175 whereas for modeled amplifier, its value as -19.176. Also value
of EVM has been calculated as 8.13% and 8.124% for the actual and modeled amplifier
respectively. Thus actual amplifier and the modeled amplifier show almost similar

characteristics, which show the validity of the modeled amplifier.
3.4 Conclusion

For accurate design and implementation of any PA linearization technique, exact
modeling of PA is an important issue. In this chapter, modeling of PA using complex
memory polynomial has been presented. The proposed memory polynomial is simple from
implementation point of view. For the validity of the proposed PA model, its various
characteristic like Gain Compression, Phase Characteristics, Input Characteristics, Output
Characteristics and constellations, 3™ order IMD Gain reconstruction, 3™ order IMD Phase

reconstruction, ACLR and EVM have been compared with the actual PA.
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CHAPTER 4

DIGITAL PREDISTORTION IN WCDMA POWER AMPLIFIER
USING EMBEDDED PROCESSOR

4.1 Introduction:

Linearity of the RF PA has become a critical design issue for non-constant envelope
digital modulation schemes. This issue is particularly significant in spread spectrum
applications such as CDMA and wideband CDMA (W-CDMA) base stations where the
peak-to-average ratio of modulated RF signals can vary over a range of 3 to 12 dB [121]-
[123]. Amplification of multicarrier (multichannel) signals requires adequate amplifier
linearity in order to avoid significant cross modulation. Additionally, for bandwidth-
efficient modulation the amplifier nonlinearity can produce substantial signal distortion
and, hence, increased bit error rates (BER) [124]-[127].

Linearity is achieved, in part, through the use of more linear amplifiers such as class A
amplifiers, and by operating the amplifier backed off from the saturation range so that the
signal level is confined to the linear region of the amplifier characteristics. However, this
approach results in low DC-to-RF conversion efficiency, which is particularly costly in
base station applications. Furthermore, low DC to RF conversion necessitates high
current operating points, resulting in undesired thermal effects.

To reduce the nonlinearity, the power amplifier can be backed off to operate within the
linear portion of its operating curve. This means that the power amplifier needs to be
backed off far from its saturation point, which results in very low efficiencies, typically

less than 10% i.e., more than 90% of the dc power is lost and turns into heat. Considering
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the large number of wireless base stations deployed worldwide, improved power
amplifier efficiency can substantially reduce the electricity and cooling costs incurred to
the service providers. To improve the power amplifier efficiency without compromising
its linearity, power amplifier linearization is essential.

In this chapter, an efficient method is applied for the linearization of power amplifiers
(PAs) generally used in wireless base stations. PAs in the field today are predominately
linearized by some form of feed forward technology, a concept originally proposed by
[128].

A variety of other PA models exist and it is difficult to judge which PA model is the
best, since it could depend on the type of the PA, the data format being transmitted, etc
[129]. The organization of the chapter is as follows: The digital pre-distortion techniques
are described in section 4.2. The DPD function implementation and various algorithms
are discussed in section 4.3.The adaptive coefficient updating using NIOS embedded
processor is discussed in detail in section 4.4. The various simulation and implementation
results are summarized in sections 4.5 and 4.6. Finally, the conclusion of work is
described in section 4.7.

4.2. Digital Predistortion

Digital predistortion is one of the most cost effective which can potentially compensate
for PA nonlinearities. It adds a digital predistorter in the baseband to create an expanding
nonlinearity that is complementary to the compressing characteristic of the power
amplifier. Ideally, the cascade of the predistorter and the power amplifier becomes linear
and the original input is amplified by a constant gain. With the predistorter, the power

amplifier can be utilized up to its saturation point while still maintaining a good linearity,
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thereby significantly increasing its efficiency [130]. The simplified schematic of an
adaptive digital Predistortion system is shown in figure 4.1.

A fully adaptive digital predistortion system requires the addition of a Predistortion
circuit consisting of a digital predistorter and look-up table (LUT) to the transmission
path in addition to a feedback path consisting of a demodulator, analog-to-digital
converter (ADC) and adaptation circuit for updating the LUT. Most common
implementations of digital predistortion utilize standard DSPs. Such processes typically
operate with a word length of 16 or 32 bits, which provides sufficient accuracy for most
applications. In specific applications, application-specific ICs (ASIC) are designed to
implement the predistorter system, providing flexibility in controlling word length and

power consumption.
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Fig. 4.1: Adaptive Digital Predistortion System
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A system level block diagram of a digital Predistortion system is shown in figure 4.1.
The digital predistortion system is part of the transmitter and requires the addition of
several components to the standard transmitter components. The primary components
augmenting the modulator, upconverter, and the power amplifier are Complex Gain
Adjust block in the baseband signal path, Look-Up Table for storing a set of complex
coefficients, Demodulator and downconverter whose input is drawn from the output of
the power amplifier, adaptation algorithm processing block that calculates the complex
coefficients that are stored in the lookup table. With the inclusion of digital predistortion,
the digital complex baseband input signal samples are multiplied prior to the DAC by
complex coefficients drawn from the look-up table. The look-up table coefficients
implement the predistortion function, the adaptation algorithm determines the values of
the coefficients by comparing the feedback signal and a delayed version of the input
signal.

While checking the output, the main parameters to be taken into account are sampling
rate used in the Digital Signal processing (DSP) portions of the transmitter, number of
bits used for quantization by DAC and ADC, shape of the reconstruction filter at the
output of the DAC, bandwidth of the low pass filter at the input of the ADC, stability of
the feedback loop/adaptation algorithm, precision (fixed-point) of the look-up table and
DSP processing, if any, memory available for the look-up table and adaptation algorithm,
complexity of the adaptation algorithm and the amount of DSP horsepower required and
accuracy of determination of the feedback delay. The adaptation of the memory

polynomial model is done by feeding a set of primary signals into a group of parallel
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linear FIR filters, which implement the convolution for each input separately, and a least
mean squares (LMS) algorithm is used in the adaptive linear FIR filters for its good
convergence characteristic.

Let us consider a nonlinear system with memory effects with input Z(n) and output Y (n)

Y(n) = 3428 TkZ6 Cagenn X Z(n = )|Z(n — q)1** (4.)
Where k = number of Volterra coefficients and g = size of memory

If g=0, the system described by equation (4.1) reduces to a memoryless nonlinear
system. Because all practical PA’s shows memory effects, so it is best choice for us to
use nonlinear system described by equation (4.1). The function of the adaptation
algorithm is to derive the pre-distortion function i.e. the inverse characteristic of the
amplifier response. The inverse of the nonlinear amplifier is adaptively tracked using a
stochastic gradient method. Because the power amplifier characteristics vary slowly as a
function of time, so despite slow convergence rate of LMS adaptive filters, the LMS
approach is a reasonable choice for performing parameter tracking. At each iteration of
the stochastic gradient algorithm, an update for the unknown vector is obtained from
Wii1 =Wy +uXey, X Zy (4.2)
Where the error vector is defined as

e, =z(n)—W, xZ, (4.3)
Here Z, represents a vector containing all nonlinear products of input samples and is

expressed as
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y(n)
y(n) x |y(n)|?
y(m) x lym)|*

y(n—1)
Zy 2 ly(n—=1) x [y(n = DI? (4.4)
yn—1) x|y(n—-1)|*
y(n—2)

y(n—2) x|y(n—1)?
y(n—2) x|y(n—1)|*

The DPD linearizer is implemented using equation (4.5). The equation is slightly
modified version of equation (4.1).

Y(n) = 3428 THZ6 Cagrn X Z(n — @)+ (4.5)

In our design we have selected K=2 i.e. only 1st, 3rd and 5th terms are considered and
Q=2 i.e. only previous two inputs are considered. In its expanded form equation 4.6 can
be written as

Y(n) = CioZ(n) + C11Z(n—1) + C2Z(n—2) + C30Z(n)3 + C31Z(n —

1)3C5,Z(n — 2)3C30Z(n)3 + C31:Z(n — 1)3 + C5,Z(n — 2)3 (4.6)
Equation 4.6 is implemented using the minimum multiplier direct-form realization as

shown

= T(n)
¥

Fig. 4.2: Direct form realization of the modified memory polynomial
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4.3 Implementation of Predistortion Function:

The Predistortion function, F, is assumed to be a function of the magnitude of the input
signal [131]-[135]. The Predistortion function is implemented using a complex multiplier,
a Look-Up Table and an Address Generation block that selects the appropriate coefficient
from the look-up table, given the magnitude of the input signal as shown in figure 4.3.
The coefficients stored in the look-up table are the value of the predistortion function at
certain input signal magnitudes. Thus, the predistortion function is not implemented in an
analytic manner; rather, it is only calculated at a specified number of points. The size of
the lookup table employed determines the number of points at which the predistortion
function is calculated. In addition, the distribution of the predistortion function points
need not necessarily be evenly distributed across the range of the input signal magnitude.
Instead, it may be desirable to distribute the predistortion function points across the range
of the input signal magnitude using a squared (power) or logarithmic relationship. Figure
4.4 illustrates how the predistortion function may be indexed in the look-up table by the

magnitude of the input signal and by the phase of the input signal.

Vi VP=Vi.F (IVil)

Address Look Up Table
Genration

Update

Fig. 4.3: Complex gain adjustment and Look up table
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Fig. 4.4: Look-Up table entries for Magnitude and Phase indexing

4.3.1 Adaptation algorithm:

The function of the adaptation algorithm is to derive the predistortion function, F, i.e. the
inverse characteristic of the amplifier response. The predistortion function may be
derived using either a modulated signal input (random signal) or a known training signal
input. The adaptation algorithm and its implementation are fundamentally different
depending upon which type of input signal is utilized. The algorithms that are based upon
the use of a modulated signal employ statistical signal processing and, typically, using

curve fitting algorithm like least square approach ,to generate a smooth predistortion
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function. The complexity of the adaptation algorithm and its implementation can be
significantly simplified, however, by using the alternative input signal.

4.3.2 Implementation

The algorithm is based upon the determination of the open loop gain, H, of the
predistorter and amplifier combination at the power level associated with each look-up
table entry.

1/H=V; /! Vs =Gjin I F (IVi]).G (|Vy]) ===> 1+J*0 4.7)
The desired linear response of the predistorter and amplifier cascade requires that F (Vi)
G ([V,|) = k for all input. Hence, if Gy, is set to be equal to k, the desired open loop gain
of the system is unity. If the calculated open loop gain is not equal to unity, the

predistortion function must be adjusted in a manner to drive the open loop towards unity.

Write Address LY =L".,/ H_i':

LUT
N Complex

: Entries
Convergence

I/Hj Control

Fig. 4.5: Calculation of New Predistortion Function
The predistortion function is defined by a set of coefficients stored in the look-up table,
L, where each n corresponds to an input signal magnitude which is mapped to a look-up

table address. In order to drive the open loop gain to unity, the predistortion function
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coefficients are updated by dividing each coefficient by the calculated open loop gain (or
by the calculated open loop gain adjusted to slow the rate at which the coefficients will

change).

4.4. Adaptive Coefficient Update Using Embedded Processing:

In this application the PA characteristics do not change rapidly with time. The PA
characteristics vary as a function of temperature drift and component aging, parameters
that have long time-constants. To implement the DPD coefficient update, depending on
system requirements, and in particular the required rate of coefficient adaptation, an
FPGA embedded processor could be employed to realize the update. Figure 4.1 describes
the algorithm for design. The incoming complex samples in | and Q, have correction
factor applied from LUT and then send to RF module. The input power applied is able to
derive the LUT addresses. For each real | and imaginary part Q, LUT must contain two
values for each location. The samples are unconverted and then send to PA. The
downconverted output of the PA is used to measure the error. The error is described by
difference of input phase and magnitude and measure phase and magnitude. The delay
block ensures that the input is compared to correct output value stored in LUT. The input
data (in Cartesian form) is fed to index calculation block, which determines the index of
LUT value. This LUT value modifies the delayed input data. The power of input data
determines the LUT index. The input data is delayed by the delay block, prior to
undergoing a complex multiplication with Cartesian LUT read from the LUT, to
compensate for the delay through index calculation block and reading out of data from

LUT.
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4.4.1 Feedback processing:
CORDIC block: The CORDIC block is used to convert from polar to Cartesian and from
Cartesian to polar. CORDIC is hardware efficient algorithm that allows trigonometric

function to be perform using only shifts and adds as shown in figure 4.6.

—_—

CORDIC Frame | Valid | Invalicl {

CORDIC Frame 1_|I: T | — T II:
CORDIC Block Operations 4 L L 1 /

CORDIC Frame _'I: T
Mios Processor Operations

ra
0w
4

Figure 4.6: Synchronization between Nios and CORDIC

4.4.2 Nios Processor: The Nios Processor communicates with the CORDIC block via
Avalon bus. The Nios Processor reads PA inputs and outputs in polar forms from
CORDIC through Avalon. Using these values the Nios Processor implements the
algorithm and calculates the new LUT value in polar form. Now these values are written

in CORDIC by Nios Processor and converted to Cartesian form.

4.5. Simulation Results:

4.5.1 Linearity errors for Power Amplifiers (no predistortion)

Figure 4.8 gives an illustration of linearity errors in power amplifiers. Figure 4.1 is
implemented in MATLAB. To make the work more interactive, a GUI has been
developed in which various parameters of power amplifier, DPD algorithm, CORDIC

algorithm etc. can be selected. By pressing the RUN button, figure 4.1 is simulated and
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outputs are generated which can be observed by opening the button provided in the action

window of GUI.
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Fig. 4.8: Linearity errors for Power Amplifiers (no predistortion)
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4.5.2 Normalized Linearity errors for Power Amplifiers ( no predistortion)
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Fig. 4.10: Linearity Errors for DPD solution (Pre distorted)
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Fig. 4.11: Normalized Linearity Errors for DPD solution (Pre distorted)
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Figures 4.9 to 4.11 gives results of the simulations performed in the MATLAB
environment from the simulation set-up constructed for the DPD design.

4.5.3 Comparison of errors with Predistortion and without Predistortion
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Fig. 4.12: Error comparison with and without Predistortion

4.5.4 Magnitude and phase errors for DPD solution

Fig. 4.13: Magnitude and phase error for the digital predistortion system
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4.5.5 Signal Magnitude

i i

T

Fig. 4.14 Signal magnitude with and without predistortion

4.5.6 Frequency plots of Power amplifier input and output

Fig. 4.15 Frequency plots of input signal and output signal with no predistortion and
with predistortion to the Power Amplifier.
Figures 4.14 shows the input output simulation results with and without predistortion and

figure 4.15 shows the power spectrum achieved in the overall DPD design. Figure 4.17
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shows the effectiveness of DPD design in suppressing the spectral regrowth due to the
non-linearity of the power amplifiers. The figure shows an overlay of the baseband signal

spectrum, the PA output without linearization and with linearization.
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Fig. 4.16 Frequency plots of input signal and output signal with no predistortion

and with predistortion to the power amplifier with increased filter
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Fig. 4.17 Plot between input and non-predistorted output and plot between
predistorted input and predistorted output
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LUT achirmns)

Fig. 4.18 LUT Content

The relationship between the input and the non predistorted ouput is shown in figure 4.17
and it clearly shows the non-linear region, whereas | the second plot in figure 4.17, it is
clearly visible the amount of compensation applied. Figure 4.18 gives an idea of the
magnitude and phase content of the look-up table.

4.5.7 Implementation Result

Figure 4.19 gives the ModelSim functional simulation results after the VHDL
implementation of the DPD block. As we progress from the simple classical models to
the more advanced variations of memory polynomials, the effectiveness of predistortion,
in terms of reducing spectral regrowth, generally increases. However, there is an
attending increase in computational complexity and this has to be weighed against other
simpler expediencies, such as using a larger amplifier with increased backoff. Even for
any particular scheme, performance will generally improve as the number of coefficients
in the predistortion model is increased, at least up to some practical limit where a point of
diminishing returns is reached. The design will lead to a more flexible and cost-effective

solution because the hardware platform used is NIOS processor. An attempt has been
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made also to reduce the complexity of the design and at the same time maintaining the

performance requirements intact. The overall power consumption of the hardware

implementation is kept within limits by the proper use of low power design

methodologies in the architectural implementation of the DPD model.

Fig. 4.19: Result of the Implemented system

4.6.7. Results:

EVM

Average EVM

Non predistorted

Predistorted

Non predistorted

Predistorted

EVM reduction
over
non_predistortio

n

108.7263
%

102.6331 108.7263

%

%

102.6331
%

5.604%

Mean values over last 500 input samples:

ABS Phase error

ABS Magnitude error

Non Predistorted

Predistorted

Non Predistorted

Predistorted

3421.21545

3077.30933

1049.64671

1007.00127
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Reduction over non predistortion
Mean ABS Phase Mean ABS Magnitude
error reduction error reduction
10.052% 4.063%
No Predistortion
3 Order 5™ order
Avg Sideband Max Sideband Avg Sideband Max Sideband
Magnitude(dB) Magnitude(dB) Magnitude(dB) Magnitude(dB)
57.124 -32.873 -84.975 -55.535

Predistortion
3" Order 5" order
Avg Sideband Max Sideband Avg Sideband Max Sideband
Magnitude(dB) Magnitude(dB) Magnitude(dB) Magnitude(dB)
-55.360 -28.364 -70.594 -47.468

4.7. Conclusion

This chapter considered the design of digital predistortion systems to linearize power
amplifiers with memory effects. By adding a digital predistorter in the baseband, the
power amplifier is allowed to operate into its nonlinear region, thereby significantly
increasing its efficiency. The efficiency gain translates into electricity and cooling cost
savings for service providers and longer battery life for mobile terminal users. The
challenge here is to address the memory effects exhibited by the higher power amplifiers
or the power amplifiers for wideband signals. In addition, analog components in the

transmitter have imperfections that need to be compensated as well.
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CHAPTER S

LOW COMPLEXITY LOOK UP TABLE BASED ADAPTIVE DIGITAL
PREDISTORTER WITH LOW MEMORY REQUIREMENTS

5.1 Objective of the chapter

Linearization techniques for nonlinear microwave power amplifiers have gained significant interest with
the advent of spectrally efficient wireless communication systems. In this paper a low complexity, direct-
learning multilevel lookup table based adaptive digital predistortion technique has been proposed to
linearize a power amplifier (PA). A loop delay compensation scheme has been used to achieve a
significant reduction in convergence time and an improvement in linearization accuracy in the presence of
an unknown loop delay. Compared with the conventional predistorters, the proposed technique show fast

adaptation speed which enables the predistorter to track time-varying PA nonlinearities.

In the following sections, an adaptive digital pre-distortion (ADPD) technique is modeled and
simulated. The aim of this chapter is to develop a linearization technique which is less complex and

requires less memory from FPGA implementation point of view.

5.2 Basic approach used in Design of Adaptive Digital Predistorter

LUT based digital pre-distorters have low computational complexity, but they require significantly more
memory space to store the model parameters than polynomial based digital pre-distorters. Thus LUT
based digital pre-distorters have slow convergence speed as compared to polynomial based digital pre-
distorters. Comparatively evaluation of a polynomial function is more computationally complex than a
simple memory lookup table entry and compensation of higher orders of nonlinearity and memory effects
requires a high order polynomial. For newer spectral efficiency transmission formats, a predistorter

bandwidth of several tens of MHz might be required for implementation of these high order polynomials.
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In this chapter a novel low complexity LUT based adaptive digital pre-distorter with reduced memory
requirements has been proposed by using interpolation and efficient spacing of table entries, which leads
to low LUT requirement. The proposed adaptive digital pre-distorter has much higher convergence rate as

compared to other LUT based adaptive digital pre-distorters.

In the proposed design polar LUT based pre-distorter [136] has been used and is shown in Figure

5.1.
X HP xp F
V; | = v
:' H, F, T >’
i g
g v
g %) »
Predistorter PA

Fig 5.1 Polar LUT based Pre-distorter

Functions f, (x) and fy (x) denote the nonlinear AM-AM and AM-PM distortions of PA. The
polar pre-distorter consists of two LUTSs that approximate the inverse function of the PA’s

amplitude distortion h,(x) = f,"*(x) and the phase compensation function hy (x) = —fp (x).

5.3 Proposed design

The block diagram shown in Figure 5.2 shows the simulation platform used in the proposed design.
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Fig. 5.2 Proposed LUT based Adaptive Digital Pre-distorter

This platform has been implemented using Agilent ADS software. Because, each block has been
implemented at component level, so details of each component have not being given
deliberately. The training signal is a tone having an increasing magnitude, i.e. a ramp. The tone
is generated by uniformly increasing the amplitude of the in-phase and quadrature component of

the complex baseband signal. The shape of training ramp is shown in Figure 5.3.

Magnitude

Fall Time

Rise Hold

Fig. 5.3 Training Ramp
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Only the rising portion of the ramp is used by the adaptation algorithm in the calculation of the
predistortion function. The hold and trailing ramp portions are included to smooth the transition
between power levels and minimize the impact of finite length filters on the latter part of the

rising portion of the ramp.

The early implementations of LUT predistorters were mainly based on uniform spacing
in power to reduce the complexity of the LUT address calculation. In the proposed
implementation an optimal spacing scheme for LUT has been used. Optimal spacing has been
achieved by applying a suitable compander to the amplitude signal prior to addressing the LUT.
Here a set of companders are used that minimize the total residual nonlinear distortion power at
the output of the PA. Thus combination of linear interpolation with optimal spacing results in

higher improvements in PA non-linearity.

Here one thing that must be considered is that the compander is itself implemented as a
LUT. It is therefore critical that the additional memory requirements do not offset the gains
obtained from using optimal spacing. Thus the compander has to be implemented as a uniformly-
spaced, linearly-interpolated LUT of size L, forming a piece-wise linear function. From
simulation results it has been observed that as compared to uniform spacing the value of EVM
improves by about 10 dB when the LUT size was kept as 256. Also it was observed that as the
size of L has been increased beyond 256, no much improvement was found in EVM. Also when
both uniform spaced and optimal spaced predistorters were implemented using VHDL synthesis,

the gate count has shown almost two times reduction in case of optimally spaced compander.

The LUT address generation component translates the magnitude of the baseband input

signal into a look-up table address using power addressing schemes. The look-up table is
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implemented using the LUT_RAM and the number of entries in the look-up table is taken as
256. The look-up table is initialized at the outset of the simulation using values read from a pair
of text files. The text files have been stored in the data directory, so a path need not be provided
along with the name of the text file. The accuracy of the open loop gain calculation dependents
upon the accuracy of the estimation of the delay in the feedback path. The input signal must be
delayed precisely by an amount equal to the delay in the feedback path. The delay in the
feedback path is estimated by calculating the correlation between the magnitude of the input
signal and the magnitude of the feedback signal. The use of the magnitude of the signals has the
benefit of not requiring phase synchronization in the feedback path. Because the delay in the
feedback path will not necessarily be equal to an integer number of DSP sample periods,
interpolation is employed to more precisely align the input and feedback signals. Figure 5.4

shows the delay calculation between input signal and feedback signal.

{Delayed) Input Signal and Feedback Signal
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Fig. 5.4 Delay between input signal and feedback signal

The correlation between the input and feedback signal is performed on a modulated signal that
precedes the training signal because the gain compression of the amplifier makes the accuracy of

the correlation over the training signal suspect. In addition, because the envelope of the
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modulated signal will typically have a PDF such that it spends much of its time within the linear
operating region of the amplifier, correlation using the modulated signal becomes more reliable.
However, because the modulated signal is stochastic, the statistics of the modulated signal, as
well as the size of the data block over which the correlation operation is performed will impact
the accuracy of the delay estimation. In general, the accuracy of the estimation improves as the
block size increases. Unfortunately, a larger block size requires more memory and takes longer
to perform the estimate. The predistortion function cannot be exactly determined following the
transmission of single training ramp and recalculation of the look-up table coefficients thereafter.
A series of training ramps will have to be transmitted. Although significant improvement in the
ACPR of the amplifier should be observed even after a single training ramp, yet simulations have

shown that the pre-distortion function can converge to a solution after only six training ramps.

Coefficient Magnitude (iteration 1 thru 6)
1.20.

Ramp 1
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Ramp 3
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o811
[+ 64 128 192 266
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Fig. 5.5 Magnitude entries of LUT for different training ramps
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Fig. 5.6 Phase entries of LUT for different training ramps
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Fig. 5.7 Final Magnitude and Phase entries of LUT

114



Figure 5.5 and Figure 5.6 show the magnitude and phase LUT entries for different training

inputs. The final magnitude and phase LUT entries have been shown in Fig 5.7.

To evaluate the performance of the proposed LUT based adaptive digital predistorter, the

input and output signals of PA have been plotted as shown in Figure 5.7 and 5.8 respectively.
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Fig. 5.10 Spectrum of output signal with and without Pre-distortion

The spectrum of the output with and without predistortion is shown in Figure 5.10. The spectrum
shows the capability of the proposed design in suppressing signal re-growth. Calculations show
that the proposed LUT based adaptive digital predistorter reduces error vector magnitude (EVM)

to 18.14% and ACLR by 54.19 dB.
5.4 Conclusion

In the presented work a low complexity adaptive digital predistorter with much higher
convergence rate as compared to other LUT based adaptive digital predistorters has been present.
Six training ramps have been used to get high degree of convergence. Although the proposed
design shows better performance in terms of reducing EVM and improving ACLR, yet future
work will be focused on FPGA implementation of the proposed technique with less hardware

requirements.
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Chapter 6

Digital Predistortion of Power Amplifiers using Look-Up Table Method
with Memory effects for LTE Wireless Systems

6.1 Introduction

Wideband signals such as those used in LTE systems are spectrally more efficient. These
signals are applied to power amplifiers; which are essential components in communication
systems but are inherently nonlinear. The nonlinearity generates spectral regrowth, which
leads to adjacent channel interference and violations of the out of band emission
requirements mandated by regulatory bodies. It also causes in-band distortion, which
degrades the bit error rate (BER) performance [137]. To reduce the nonlinearity, the power
amplifier can be operated at a lower power (“backed off”) so that it operates within the linear
portion of its operating curve. For the communications system architect and the RF power
amplifier (PA) designer, the new wireless formats introduce a number of challenges.
Designers must determine the performance gap between their existing 3G designs and
tomorrow’s 4G operating environments, and whether these 3G designs will need to be
redesigned, or a new vendor qualified [138]. The hardware must also meet or exceed absolute
performance metrics such as ACPR, EVM or throughput (e.g., BLER and BER), while also
meeting internal product design goals. Because smart phones and other advanced wireless
devices rely so heavily on battery power, getting the most efficiency out of a design is
critical. The RF PA plays a particularly key role in choosing and designing the right PA to
meet design goals which is a significant challenge. Also, newer transmission formats, such as

wideband code division multiple access (WCDMA) and orthogonal frequency division
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multiplexing (802.11ac and LTE-Advanced), have high peak to average power ratios
(PAPR); that is, large fluctuations in their signal envelopes. This means that the power
amplifier needs to be backed off well below its maximum (“saturated”) output power in order
to handle infrequent peaks, which results in very low efficiencies, typically less than 10%.
With more than 90% of the DC power being lost and turning into heat, the amplifier

performance, reliability, and ongoing operating expenses (OPEX) are all degraded [139-140].

A predistorter applies distortion to the input signal in order to drive the PA harder.
The DPD-PA cascade attempts to combine two nonlinear systems into one linear result
which allows the PA to operate closer to saturation. Beyond this point, no increase in power
will suffice to linearize the PA. The PAPR of the signal greatly restricts optimal performance
of the DPD system. A CDMA signal, for example, may have a PAPR as high as 13dB. A PA
transmitting such a signal must operate with significant back-off to prevent peaks from
occurring beyond saturation. There are two common types of DPD implementation, the first
is an analog implementation using a physical nonlinear device. The second and perhaps more
popular choice, is a digital signal processor (DSP) hardware implementation where the DPD

function is defined algorithmically through software [141].

There are two classes (memoryless model and model with memory) for Digital pre-
distortion implementations. Memoryless models focus on the power amplifier that has a
memoryless nonlinearity; i.e., the current output depends only on the current input through a
nonlinear mechanism. This instantaneous nonlinearity is usually characterized by the
AM/AM and AM/PM responses of the power amplifier, where the output signal amplitude

and phase deviation of the power amplifier output are given as functions of the amplitude of
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its current input. Both memoryless polynomial algorithm and Look-Up Table (LUT) based

algorithm are two key algorithms for memoryless models [142].

As the signal bandwidth gets wider, such as in WCDMA, mobile WiMAX and 3GPP
LTE and LTE-Advanced (up to 100 MHz bandwidth, 5 component carriers of carrier
aggregation ), power amplifiers begin to exhibit memory effects. This is especially true for
those high power amplifiers used in wireless base stations. The causes of the memory effects
can be attributed to thermal constants of the active devices or components in the biasing
network that have frequency dependent behaviors. As a result, the current output of the
power amplifier depends not only on the current input, but also on past input values. In other
words, the power amplifier becomes a nonlinear system with memory. For such a power
amplifier, memoryless predistortion can achieve only very limited linearization performance.

Therefore, digital predistorters must need to have memory structures [143].

The most important algorithm for models with memory for Digital predistortion
implementation is Volterra series and its derivatives. The most general way to introduce
memory is to use the Volterra series. However, the large number of coefficients of the
Volterra series makes it unattractive for practical applications. Therefore, there are several
Volterra’s derivatives including Wiener, Hammerstein, Wiener—Hammerstein, parallel
Wiener structures and memory polynomial model are popular in digital pre-distorters. The
so-called “memory polynomial” is interpreted as a special case of a generalized Hammerstein
model and is further elaborated by combining with the Wiener model. A memory polynomial
pre-distorter uses the diagonal kernels of the Volterra series. The memory polynomial

predistorter is used to linearize power amplifiers with memory effects. The pre-distorter is
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constructed using the indirect learning architecture, thereby eliminating the need for model

assumption and parameter estimation of the power amplifier [144]-[145].

PA Modeling with Memory Polynomial
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Fig. 6.1 PA modeling with memory polynomial: Power Spectrum vs Frequency

Figure 6.1 shows the spectrum of input and output of the actual and modeled PA. Red line
shows the spectrum of actual PA and blue line shows the spectrum of PA modeled using
memory polynomial. From this figure it has been concluded that the modeled PA has almost

similar characteristics to that of the actual PA.

6.2 Proposed Model for Digital Predistortion in LTE Systems

In the DPD architecture, x(n) is the input signal to the pre-distortion unit, whose output z(n)
feeds the power amplifier to produce output y(n). The most general form of nonlinearity with
Q+1 taps of memory is described by the Volterra series, which consists of a sum of
multidimensional convolutions. In the training branch, the Volterra series pre-distorter can be
described by:

z(n) = Y-y 2k(n) (6.1)

where
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2(n) = T —0 - Zmo (M, o, mi) TTIS, y(n — my) (6.2)

is the k-dimensional convolution of the input with Volterra kernel hy. This is a generalization
of a power series representation with a finite memory of length Q+1. The z(n) also can be

written as follows:

Q Q Q
2(n) =ho+ Y hy(my(i—m)+ D " hy(my,my)y(n = my)y(n = my) + -

m;=0 m;=0m,=0
(6.3)
The DPD is described by a memory polynomial
2(n) = Thes T akgX(n — @) Ix(n — )~ (6.4)

where the x(n) and z(n) are complex input signal and output signal of DPD model. The
polynomial includes both the odd and even order terms. K and Q are the highest nonlinear
and memory orders. a yq is the complex coefficient of the polynomial that is to be extracted in

this model .The memory polynomial can be described by the topology below.
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Fig. 6.2. Structure of the memory polynomial
The coefficients of the polynomial are extracted by indirect learning structure indicated in the

following figure [146].

s
s

x(n) MP Pre-distorter
(copy of A)

y(n)
2 Power Amplifier +

MP Pre-distorter
Training (A)

Fig. 6.3. Indirect learning structure to extract the coefficients of the polynomial
The algorithm uses two identical memory polynomial models for the predistorter and
training. The real predistorter block is the exact copy of the training block. It has x (n) as
input and z(n) as output. In the training branch, the memory polynomial pre-distorter can be

described by:

z(n) = i_; T g argy(n — @ly(n — q)[<? (6.5)
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where y(n) and z(n) are the input and output of the pre-distorter in the training branch,
respectively, and ayxq are the coefficients of the pre-distorter. If Q=0, the structure in the
equation degenerates to a memoryless polynomial. Since the model in equation 6.5 is linear
with respect to its coefficients, the predistorter coefficients axq can be directly obtained using

a least-squares algorithm by defining a new sequence:

y(n—q)

k=1
g (n) = Y2 120D (6.6)

y(n-q) l

» X[X] ~’§ » + >

B

Fig. 6.4. Memory polynomial structure describing the behavior of nonlinear power
amplifier (PA) for coefficient extraction.

At convergence, we have

z=Ua 6.7)
where

z = [2(0),2(1), ..., z(N — 1)]" (6.8)
U = [uyg, v, Uggy - Ugq - Ukg] (6.9)
Ukg = [t (0), g (1), oo, ig(N — 1] (6.10)
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T
a = [a1g, -, Ak, r A1 » AKQ) (6.11)

The least squares solution is given by
a = (UHu)~tutlz (6.12)
where (U)" denotes the complex conjugate transpose matrix.

After getting memory polynomial coefficients

a= [310. ceey KOs -+ > A1Q) ...,aKQ]Tand loading these coefficients into a nonlinear filter, the
memory polynomial predistorter is able to function properly [147]-[148]. Figure 6.5

describes the simplified block diagram of the overall DPD system.
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Fig. 6.5. Simplified block diagram of the overall DPD system

In the model identification, the PA output is normalized by the small-signal gain and then
used as the input of the DPD model [149]. The PA input is taken as the output of the DPD

model. Only part of the signal is used to do model identification. Accurate synchronization of
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the PA input and output signal is implemented in this algorithm [150]-[151]. The PA input

and output after normalization and delay adjustment are given as output of this model.
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Fig. 6.6.Graph of PA Output Power with Frequency

Normalized mean squared error (NMSE) is used to evaluate how close are the PA
input and the DPD model output. Highest nonlinear order K and memory order Q are key
parameters that decide how well the DPD model works. To meet the requirements of the
NMSE, K and Q values were increased step by step, Finally the values of K and Q chosen
were 5 and 7 respectively. These values were required to justify the memory effects of RF
power amplifier deployed in wideband communication systems especially LTE systems.
Those samples with amplitude less than threshold would not be used in model extraction. No
sample was discarded because the threshold level used was 0. This model is used to extract
the memory polynomial model that describes the behavior of nonlinear power amplifier
(PA). The PA output is normalized by the small signal gain and shifted to accurately

synchronize with the PA input. The result is given as shifted PA output. After the
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normalization, the small-signal gain is 1 (0O dB). Behavioral models of power amplifier (PA)
were traditionally developed for narrowband applications. The models are extracted based on
the AM/AM and AM/PM characteristics without considering memory effects. A complex
polynomial of instantaneous input power is used to approximate the PA gain. However, with
the increase of signal bandwidth, memory effects cannot be ignored anymore. The AM/AM
and AM/PM characteristics are not constant, but change as the function of both the present
and the past input signals. Several models were proposed to describe the PA memory effects

[152].

The average input power should be kept to the level that the peak output power of the PA
does not exceed 3dB gain compression point. Otherwise, the extraction error will be large.
The system was designed for an LTE bandwidth of 20MHz, base DFT size of 2048 and
transmission bandwidth configuration, expressed in units of resource blocks is chosen as 100.
The total power dynamic range is the difference between the maximum and the minimum
transmit power of an OFDM symbol for a specified reference condition and is set to 20 dB,

the cyclic prefix used is normal and the modulation scheme used is 64-QAM.

The Error Vector Magnitude is a measure of the difference between the ideal symbols and
the measured symbols after the equalization. This difference is called the error vector. The
value of EVM recommended for LTE systems for 64-QAM is 8%. Adjacent Channel
Leakage power Ratio (ACLR) is the ratio of the filtered mean power centered on the
assigned channel frequency to the filtered mean power centered on an adjacent channel

frequency and the minimum requirement of ACLR in LTE systems is set to 45 dB.
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The basic unit of EVM measurement is defined over one sub-frame (1ms) in the time domain

and subcarriers (180 kHz) in the frequency domain:

ZteTZfeF(t)|Z'(t,f)—I(t,f)|2
EVM = .
v j Lret Lrer(n|I(tHI? (6.13)

where

T is the set of symbols with the considered modulation scheme being active within the sub
frame,

F(t) is the set of subcarriers within the subcarriers with the considered modulation scheme
being active in symbol t,

| (t, T) is the ideal signal reconstructed by the measurement equipment in accordance with
relevant Tx models,

Z'(t, f) is the modified signal,

Implicit in the definition of EVM is an assumption that the receiver is able to compensate a

number of transmitter impairments. The signal under test is equalized and decoded according

to:

: FFT{z(v-aDe 28TV} iznfat
z (t, f) - é(t,f).elﬁ(t.f) (614)
where

z(Vv) is the time domain samples of the signal under test, tl is the sample timing difference
between the FFT processing window in relation to nominal timing of the ideal signal., f is
the RF frequency offset, &(t f) is the phase response of the Tx chain and (tf) is the

amplitude response of the Tx chain. The NMSE value is expressed in dB
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NMSE[dB] = 10 * log,, Z';Ii;lyg'z] (6.15)

The DPD module pre-distorts the signal in a reverse manner. The input of the DPD model is
the normalized output of the PA, and the desired output of the extracted DPD model is the
input of the PA. For DPD model NMSE evaluation, x; is measured PA input signal, y; is the
extracted DPD model output signal. For PA model NMSE evaluation, x; is measured PA
output signal, y ; is the extracted PA model output signal. The smaller the NMSE, the more
accurate the model. The recommended NMSE is less than -35dB. If the NMSE is too large,
the extracted model cannot work effectively or even fails. Increasing the nonlinear order or
memory order may improve NMSE. If the NMSE is still not low enough after

nonlinear/memory order adjustment, lowering the operating point of PA is suggested.

The power amplifier model is used to adjust the value of the baseband signal and the input
signal of the extracted DPD model to the same range. The PA output normalized by small-
signal gain is taken as the input of DPD model. When the extracted DPD model is
implemented, the actual input signal is the baseband signal. To make the DPD model work
correctly, the baseband signal should be adjusted to the same range as the normalized output
of the PA. The Gain is the adjustment factor. Typically, the gain adjustment is implemented
between the signal source and digital predistorter model as shown below. The value of Gain

is the adjustment factor calculated in this model.
6.3 Results and Discussion

Engineers migrating to 4G require a solution that makes implementing DPD fast and

practical for 4G communications systems i.e. one that can be used by engineers at all levels
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of expertise and requires minimal equipment. In modern communication systems, spectrally
efficient wideband RF signals have a peak-to-average power ratio (PAPR) as high as 13 dB.
CFR preconditions the signal to reduce signal peaks without significant signal distortion. By
reducing PAPR, CFR allows the PA to operate more efficiently at higher power levels,
without impacting compliance with spectral mask and EVM specifications. CFR acts on the
signal itself, whereas DPD corrects for the PA nonlinearity, allowing the signal to be run
even higher.

CCDF (Complementary Cumulative Distribution Function) measurements provide important
information for engineers involved in the design and manufacturing of system components
used in fourth generation (4G) networks. 4G networks use OFDM that result in higher
quality voice as well as greater data rates for cellular services. The peak to average ratio of
4G components is dependent on the sub channels used on a particular channel within a
spread spectrum signal format. This can impact the distortion of a transmitted 4G signal.
Performing CCDF measurements on 4G systems provide power characteristics of amplified,
filtered, and mixed spread spectrum signals. The CCDF measurements performed in our case
are shown in figure 6.7 and it provides information on the amount of time the signal spends
at or above a specific power level — with the power level being in dB relative to the average
power level. The Y axis is the percent of time the signal power is at or above the power
specified by the X axis. The X axis represents dB above the average power level; this
displays the peak to average ratios as opposed to absolute power levels. For example when t
= 1% on the y axis, the corresponding peak to average ratio is 6.90 dB. This means the signal

power exceeds the average by at least 6.90 dB for 1% (correct use) of the time. The peak and
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mean powers obtained are 4.724 dBm and -3.919 dBm, which gives rise to peak to average

power ratio of 8.643 dBm and is calculated as PAPR = Peak Power - Mean Power.

CCODF: Complementary Cumulative Distribution Function
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Fig. 6.7. Graph for the complimentary cumulative distribution function
Figure 6.7 shows an LTE-Advanced signal with 2x20 MHz carrier aggregation (40 MHz total
signal bandwidth). The PA output spectrum is shown with and without DPD. Note the use of
oversampling for an actual measurement bandwidth that is wider than the original signal.
Without this additional bandwidth to quantify the out-of-band energy (distortion products), it
is not possible to correct for this spectral regrowth later.
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Fig. 6.8. DPD performance of LTE-A with 2x20 contiguous carrier aggregation.
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The PA input is displayed in green, the distorted PA output without DPD is displayed in blue,

and the linearized DPD+PA output is shown in red.

The DPD AM-AM shows the DPD AM-AM characteristics terms of two curves in Figure
6.8. The red curve is the AM-AM of the samples that are used to do model extraction. The
blue curve is the AM-AM of the samples that are not used for model extraction. Figure 6.9

gives the DPD model validation as far as the AM-AM characteristics are concerned.
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Figure 6.9 AM-AM Characteristics
The power alignment value is obtained as 0.652 and that value calculates back-off power.
The NMSE value of —48.64 dB is computed as it is necessary to first look at the NMSE value
and then the DPD spectrum. Figure 6.10 provides the power spectrum before DPD and after

DPD. The EVM measurements show that when the original value before PA was -26.805, it

was
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-24.924 after the power amplifier stage when the DPD was not employed. And when the
DPD is employed, the value of EVM was obtained as -26.801 which shows that by

employing the DPD for LTE systems, the errors are minimized to a great extent.
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Fig. 6.10. DPD model validation for AM-AM characteristics

10 PA Spectrum w/wo DPD
l ‘ I = Bﬁ%’?hﬁﬁb
-30

-50

-70

-90

Spectrum (dBm)

- 150 T T T
1.9 1.92 1.94 1.96 1.98 2 2.02 2.04 2.06 2.08 2.1
Frequency (GH2)

Fig. 6.11. Graph of PSD wrt Frequency

132



" Power Spectrum Density

-57
o | M
-91
-108
-125

[
-142 ‘

-159

[ o o ————

Power Spectrum Density (dBm)

-176

-193

& |83

T T
2.025e+9 2.049e+9 2.074e+9 2.098e+9 2.123e+9

-210 .
1.877e+9 1.902e+9 1.926e+9 1.95le+9 1.975e+9  2e+9
Frequency (GHz)

—e— Before DPD —&— After DPD

Fig. 6.12. DPD Model validation

Table 6.1 shows the adjacent channel leakage ratio (ACLR) measurements at three stages
which involve the stage before PA, after the PA and then finally after the PA and after the
DPD was employed. In LTE systems, the minimum requirement of ACLR has been set to
45dB. The table clearly shows the deterioration in the ACLR values after the PA stage and

when DPD is employed, the ACLR values crosses beyond the threshold limits.

ACLR ACLR ACLR ACLR
L _2BW(dB) L_BW(dB) U_2BW(dB) U_BW(dB)
Original 64.69 48.93 47.859 61.334
ACLR
ACLR after 63.462 44.812 44.473 60.751
PA
ACLR after 64.462 48.783 47.769 61.474
PA+DPD

Table 6.1. ACLR Measurements
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6.4 Conclusion

As engineers migrate to advanced wireless communication systems such as LTE-Advanced
or 802.11, choosing and designing the right PA to meet design goals at the lowest possible
cost becomes more difficult, both for base stations and mobile devices. Because DPD enables
the PA to be operated with high efficiency, near saturation and without significant signal
distortion, it allows engineers to address many base station/mobile device PA design
challenges. This chapter considered the design of digital predistortion systems to Linearize
power amplifiers with memory effects. By adding a digital predistorter in the baseband, the
power amplifier is allowed to operate into its nonlinear region, thereby significantly
increasing its efficiency. The efficiency gain translates into electricity and cooling cost
savings for service providers and longer battery life for mobile terminal users. The challenge
here is to address the memory effects exhibited by the higher power amplifiers or the power
amplifiers for wideband signals. In addition, analog components in the transmitter have

imperfections that need to be compensated as well.
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Chapter 7

Conclusion and Future Scope

For accurate design and implementation of any PA linearization technique, exact modeling of
PA is an important issue. Typically, the required linearity can be achieved either by reducing
power efficiency or by using linearization techniques. For a Class-A PA, simply “backing off”
the input power level can improve linearity. However, for high peak to average power ratio
(PAPR) signals, this normally reduces the power efficiency down to 10% while increasing
heat dissipation up to 90%. When considering the vast number of base stations that wireless
operators need to account for, increasing power consumption, or in other words, power back-
off is not a viable tradeoff. Therefore, an amplifier linearization has become an important
technology and a desirable alternative to backing-off an amplifier in modern communications
systems. Although nonlinear distortions can be equalized at the receiver side but it is
complicated to implement due to the unknown effects of the channel. It is therefore easy to

reduce the nonlinear distortions at the transmitter side.

Modeling of PA using complex memory polynomial has been discussed. The thesis also
presents the behavioral modeling approach to model PA. Non-linear Memory-less and Quasi
Memory-less Models of PA like Rapp model, Saleh model, Ghorbani model, Hyperbolic
Tangent model has also been discussed. Also non-linear models of PA with Memory like
Wiener Model, Hammerstein Model, Parallel Hammerstein Model and Memory Polynomial

Model most widely used in literature has been presented. Its various characteristic like Gain
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Compression, Phase Characteristics, Input Characteristics, Output Characteristics and
constellations, 3" order IMD Gain reconstruction, 3" order IMD Phase reconstruction, ACLR

and EVM have been compared with the actual PA.

The thesis considered the design of digital predistortion systems to Linearize power amplifiers
with memory effects. By adding a digital predistorter in the baseband, the power amplifier is
allowed to operate into its nonlinear region, thereby significantly increasing its efficiency. The
efficiency gain translates into electricity and cooling cost savings for service providers and
longer battery life for mobile terminal users. A low complexity, direct-learning multilevel
lookup table based adaptive digital predistortion technique has been proposed to linearize a
power amplifier (PA). A loop delay compensation scheme has been used to achieve a
significant reduction in convergence time and an improvement in linearization accuracy in the
presence of an unknown loop delay. Compared with the conventional predistorters, the
proposed technique show fast adaptation speed which enables the predistorter to track time-
varying PA nonlinearities. A novel low complexity LUT based adaptive digital pre-distorter
with reduced memory requirements has been proposed by using interpolation and efficient
spacing of table entries, which leads to low LUT requirement. The proposed adaptive digital
pre-distorter has much higher convergence rate as compared to other LUT based adaptive
digital pre-distorters. In the proposed design polar LUT based predistorter has been used.
Optimal spacing has been achieved by applying a suitable compander to the amplitude signal

prior to addressing the LUT.

The challenge here is to address the memory effects exhibited by the higher power amplifiers
or the power amplifiers for wideband signals. In addition, analog components in the

transmitter have imperfections that need to be compensated as well. The spectrum of the
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output with and without pre-distortion is shown in Chapter 5. The spectrum shows the
capability of the proposed design in suppressing signal re-growth. Calculations show that the
proposed LUT based adaptive digital pre-distorter reduces error vector magnitude (EVM) to
18.14% and ACLR by 54.19 dB.

The CCDF measurements performed in the last chapter provides information on the amount
of time the signal spends at or above a specific power level — with the power level being in dB
relative to the average power level. The Y axis is the percent of time the signal power is at or
above the power specified by the X axis. The X axis represents dB above the average power
level; this displays the peak to average ratios as opposed to absolute power levels. We can
observe that when t = 1% on the y axis, the corresponding peak to average ratio is 6.90 dB.
This means the signal power exceeds the average by at least 6.90 dB for 1% (correct use) of
the time. The peak and mean powers obtained are 4.724 dBm and -3.919 dBm, which gives
rise to peak to average power ration of 8.643dBm. The power alignment value is obtained as
0.652 and that value calculates back-off power. The NMSE value of —48.64 dB is
computed.When the DPD is employed, the value of EVM was obtained as -26.801 which
shows that by employing the DPD for LTE systems, the errors are minimized to a great
extent.

The future work can be extended in a number of directions, including: Designing a fast adaptive
memory polynomial predistorter based on the orthogonal polynomial theory, performing tests
on different types of power amplifiers and establishing connections between the memory
behaviors of the power amplifier, combining predistortion with peak-to-average ratio reduction
techniques to further improve the efficiency of the power amplifier. Although the proposed

design shows better performance in terms of reducing EVM and improving ACLR, yet future
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work will be focused on FPGA implementation of the proposed technique with less hardware

requirements.
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