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Abstract

The use of spectrum e�cient digital modulation techniques and
the cost advantage of utilizing a single power ampli�er in multi-carrier
radio communication systems are the two major contributors to the
increase in the linearity requirements during the processing of a signal.
The simplest technique to improve the linearity of a power ampli�er is
to reduce its output power, so the device is operated in its linear region.
Though this approach is valid, it severely degrades the power e�ciency.
Because the remaining components in a communications system usu-
ally consume little power compared to the �nal power ampli�er, the
e�ciency of the latter becomes of extreme importance.

Any systematic method for improvement of linearity (or nonlinear
distortion reduction) is called linearization. Because baseband signal
generation in modern communications systems is performed digitally,
it makes sense to implement the linearization right at baseband, in
the form of one more stage in the baseband generation process. The
predistortion method of nonlinear distortion correction is a suitable
technique for this purpose, because the whole process is carried out
before the power ampli�er and immediately after the modulation takes
place.

This thesis presents the design and implementation of a memoryless
and adaptive digital predistorter used to linearize a power ampli�er.
Speci�cally, it deals with the implementation of a so-called constant-
gain predistorter, based on a lookup table, on a digital signal processing
board built around an FPGA. The board also has two analog-to-digital
converters, two digital-to-analog converters and a PIC microcontroller.
By means of a high speed USB interface, input/output data to/from
the system can be captured and sent to a PC. The adaptation of the
constant-gain predistorter is implemented in Matlab by means of com-
paring the input and output data. When a new lookup table is ready,
it is sent to the board for an update.

By stimulating the system with a two-tone signal with center fre-
quency of 162.5 MHz and tone spacing of 1 MHz, the third order
intermodulation product (IM3) was decreased by 28 dB. By stimu-
lating the system with an IS95 CDMA signal with center frequency of
162.5 MHz and channel width of 1.3 MHz, the power of the distortion
right next to the channel edges were decreased by 24.7 dB.
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1 Introduction

This master thesis deals with the reduction of non-linear distortion in com-
munication systems by using digital signal processing. Distortion can be
understood as the di�erence in shape between the input and output signals
of a system. If the distortion does not generate additional signals at the
output of the system, it is called linear distortion, which can be reduced by
using an equalizer. However, if the distortion is such that new signals (with
new frequencies) appear at the output of the system, it is called non-linear
distortion. This type of distortion is of concern because those additional
signals may lie in the band of other communication systems, while it can not
be corrected with an equalizer.

Non-linear distortion was not much of a problem many years ago when
communication systems utilized frequency modulation; this type of modu-
lation does not introduce amplitude variations in the envelope of the signal
being transmitted, for which power ampli�ers could be operated in class-
C, achieving high e�ciencies. Today's communication systems make use of
spectrum-e�cient modulations that have a variable envelope. At the same
time, the tendency is to use a single power ampli�er for multi-carrier trans-
missions. Since the gain of any radio frequency (RF) power ampli�er (PA) is
not a constant, this inevitably leads to non-linear distortion and hence new
frequency components are introduced. The magnitude of the gain decreases
when the output power approaches the saturation level, and the phase of the
gain could either increase or decrease, depending on the type of active device
utilized by the power ampli�er. The major contribution to non-linear dis-
tortion occurs in the high power region. Hence, one method to minimize the
non-linear distortion is simply to reduce the input power in order to operate
the power ampli�er in its low power region. Unfortunately, the reduction of
the output power, also called back-o�, degrades the power e�ciency. Low
distortion and high e�ciency are con�icting requirements, and therefore a
compromise solution is often found.

Many systematic methods of non-linear distortion reduction, often called
linearization, have been developed [16]. Among all methods, predistortion
and feed-forward linearization are the most widely used.

Feed-forward linearization consists of the cancellation of the distortion
products at the output of the power ampli�er. To achieve this, a small por-
tion of the input signal to the power ampli�er is subtracted from a small
part of the output of the power ampli�er, obtaining in this way a third sig-
nal that only contains the distortion products of the ampli�er. Then, the
distortion signal is ampli�ed by a low distortion auxiliary ampli�er and sub-
tracted from the output of the power ampli�er, cancelling out the distortion,
see �gure 1. Before the signals are added or subtracted, the same amount
of delay each ampli�er introduces must be compensated for. This, together
with the linearity of the low distortion ampli�er, can be very di�cult to
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achieve over a wide frequency range and a wide temperature span. Never-
theless, feed-forward linearization has been successfully employed in many
communication systems.

Predistortion linearization has been in use for many years as well, par-
ticularly in the satellite and microwave industries. A predistorter is a device
that precedes a non-linear device such as an RF PA. The magnitude of
the predistorter gain increases when the magnitude of the power ampli�er
gain decreases, and the phase of the predistorter gain is the negative of the
phase of the power ampli�er gain, see �gure 2 for setup. The net result is
that the magnitude and phase of the gain of the two devices in cascade be-
comes approximately a constant until the power ampli�er reaches saturation.
Predistortion linearization can provide higher linearity and better e�ciency
while working at levels closer to saturation [5]. Many practical analog pre-
distorters have been developed for the satellite and microwave markets. In
all cases, an analog, low level RF signal is applied to the input of the pre-
distorter, and its output is connected to the power ampli�er. Sometimes,
digital controls are provided to set the predistorter operating parameters,
but the signal processing is still entirely analog. Interestingly, most of the
modern communication systems designed today use digital signal processing
for the generation of the baseband signal. The availability of such a signal
in digital format makes it possible to move the predistorter in the commu-
nications system chain from preceding the power ampli�er to immediately
after the baseband generation. This has the potential to improve perfomance
and possibly also system cost, although implementing DPD does introduce
its own cost in term of higher performing mixed signal components and the
introduction of an extra feedback receive path. However, it is worth noting
that DPD has become virtually standard in base station power ampli�ers,
indicating the overall bene�t is signi�cant.

in

Delay
∑

EA

PA Delay
∑

out

+

-

+
+

Figure 1: Feed-forward Linearization Technique. Main signal is ampli�ed with a
power ampli�er (PA) and, through a directional coupler, the output is compared
with the input signal (that has to be delayed equally much as the delay of the
PA). This produces an error signal and the negative of this error is ampli�ed in an
error ampli�er (EA). The two signals are then added together (PA signal has to be
delayed equally much as the delay of the EA) to produce a linearized output signal.
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Figure 2: Linearization by the Predistortion Technique. An inverse model of the
PA behaviour is sought and predistorted before the PA such that the output is as
linear as possible

1.1 Problem Statement

This thesis project was based at Axell Wireless, a company which spe-
cializes in wireless coverage (repeater) solutions. Their products amplify
multi-carrier signals of many di�erent modulation standards, and therefore
ampli�er linearity has always been an issue for their designs. Up to now,
feed-forward linearization has been most commonly used in their high-power
products. If digital predistortion could be used as a linearization technique
instead, many bene�ts could possibly be gained considering size, cost and
e�ciency.

1.2 Characterization of Electrical Systems

1.2.1 Classi�cation

Electrical systems can be classi�ed into four main categories as listed in table
1: linear and nonlinear systems with and without memory. An example of a
linear memoryless system is a network consisting of linear resistors. Addition
of an energy storage element such as a linear capacitance or inductance causes
memory, as a result of which a linear system with memory is introduced.

Nonlinear e�ects in electrical systems are caused by one or more nonlinear
elements. A system comprising linear and nonlinear resistors is known as a
memoryless nonlinear system. Nonlinear systems with memory, on the other
hand, include at least one nonlinear element and one memory-introducing
element (or a single element introducing both).

Memoryless With Memory

Linear Linear resistance Linear reactance

Nonlinear reactance or
Nonlinear Nonlinear resistance linear reactance with

nonlinear resistance

Table 1: Classi�cation of electrical systems
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Linear Systems and Memory. Any energy-storing element like a
capacitor or a mass with thermal or potential energy causes memory to the
system. This is seen from the voltage equation of a linear capacitance, for
example:

vC =
1

C

∫ t

−∞
i(t′)dt′ (1)

Here, the voltage at time t is proportional to all prior current values, not
just to the instantaneous value. This is the reason why capacitances and
inductances are regarded as memory-introducing circuit elements.

The consequence of memory is that the time responses of the circuit are
not instantaneous anymore, but will be convolved by the impulse response of
the system. In a system with long memory, the responses will be spread over
a long period of time. This is illustrated in �gure 3 where the time domain
output of a linear system with and without memory is shown. Let the input
signal be a ramp that settles to the normalized value of one. In a linear
memoryless system, the output waveform is an exact, albeit attenuated or
ampli�ed copy of the input signal. If the system exhibits memory, the output
waveform will be modi�ed by the energy-storing elements.

input x

output y without memory

output y with memory

A
m
p
li
tu
d
e

Time

Figure 3: A linear system with and without memory

In the frequency domain, the consequence of memory is seen as a frequency-
dependent gain and phase shift of the signal. For a linear system, no new
frequencies will be introduced in the output signal.

Nonlinear Systems. A general deterministic system can be described
by operator, T , that maps an input, x(t), as a function of t to an output,
y(t), a type of black box description. Linear systems satisfy the properties
of superposition and scaling or homogeneity. Given two valid inputs

x1(t) (2)

x2(t) (3)
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as well as their respective outputs

y1(t) = Tx1(t) (4)

y2(t) = Tx2(t) (5)

then a linear system must satisfy [23]

αy1(t) + βy2(t) = T {αx1(t) + βx2(t)} (6)

for any scalar values α and β. A nonlinear system is a system where the
above equation does not hold.

Let the gain of a system T be de�ned as the ratio between the output y
and the input x. For a linear system then, the gain is not a�ected by the
applied signal amplitude x and is just a constant. However, for a nonlinear
system, the ratio Tx/x is not a constant in general and thus the gain is
dependent on applied signal amplitude. If the input quantity is a voltage,
and the output quantity a current, nonlinear conductance is represented. If
the input quantity is a voltage, and the output quantity is a charge, nonlinear
capacitance is presented.

As opposed to linear systems, a nonlinear system introduces new fre-
quencies in the output signal as is discussed below.

1.2.2 Distortion

A system with transfer function T [vi, f ] is considered distortionless if for any
given input signal vi(t), its output signal vo(t) di�ers only from the input by
a multiplying constant K and a positive �nite time delay τ :

vo(t) = Kvi(t− τ) (7)

Based on (7), the system shown in �gure 4 will be distortionless if there
exists constants K and τ such that for all time t, the distortion D(t) equals
zero:

D(t) = T [vi, f ]−Kvi(t− τ) = 0 (8)

If D(t) 6= 0, the system generates distortion, and then the distortion D(t)
can be classi�ed as follows:

A - For linear systems, the transfer function of the system in �gure 4 can
be written as

T (f) = |T (f)|ejθ(f) (9)

Amplitude distortion occurs when T (f) 6= const. for all f . Phase or delay
distortion occurs when θ(f) 6= 2πfτ for all f , which means that the system
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does not have a constant delay as a function of frequency. Amplitude and
phase distortions are often called linear distortions, because they are linear
processes and can be corrected by using a linear �lter.

B � Nonlinear distortion occurs when the system includes nonlinear ele-
ments. If the system in �gure 4 is memoryless and di�erentiable, its transfer
characteristic vo(t) = T [vi(t)] can be approximated by a power series expan-
sion:

vo(t) ≈ lim
N→∞

(
N∑
n=0

= αnv
n
i (t)

)
(10)

The power series expansion gives insight in how the signal is distorted
by the system. For example, if only terms up to third order is used and the
DC term is ignored, the output signal is approximately

vo(t) ≈ α1vi(t) + α2vi(t)
2 + α3vi(t)

3 (11)

and if the input signal is composed of two sine waves (a test of this kind
is called a two-tone test), vi(t) = A (cos(ω1t) + cos(ω2t)), we have

vo(t) = α1A (cos(ω1t) + cos(ω2t)) + α2A
2 (cos(ω1t) + cos(ω2t))

2 + (12)

α3A
3 (cos(ω1t) + cos(ω2t))

3 (13)

Carrying out the calculations by expanding the paranthesis, one will
�nd that new frequencies that are sums and di�erencies of ω1 and ω2 are
introduced in the system [19], so-called intermodulation products. If a new
frequency has the value k1ω1 + k2ω2, the order of the frequency is de�ned
as |k1| + |k2| and tells how fast the intermodulation product will grow in
relation to the input signal. A list of coe�cients is given in table 2.

First order terms are the terms wanted and are also called fundamental.
These are distorted by the third order term (which is usually negative for
for power ampli�ers, for reasons which will become apparent), this is called
in-band distortion. For frequencies ω1, ω2 � |ω1−ω2|, second order products

vi(t) T [vi; f ] vo(t)

τ

−K

D(t)

Figure 4: Block diagram for de�nition of distortion
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Fundamental
(
α1A+ 9

4α3A
3
)

cos(ω1t)(
α1A+ 9

4α3A
3
)

cos(ω2t)

Second Order α2A
2 cos ((ω1 + ω2)t)

α2A
2 cos ((ω1 − ω2)t)

Third Order α3A
3 cos ((2ω1 + ω2)t)

α3A
3 cos ((2ω1 − ω2)t)

α3A
3 cos ((ω1 + 2ω2)t)

α3A
3 cos ((ω1 − 2ω2)t)

Table 2: Fundamental tones and intermodulation products for a two-tone signal
applied to a system with third order nonlinearity

can easy be �ltered away and are of minor concern. Third order terms, on
the other hand, are not easy to �lter away since two of them lie very close
to ω1 and ω2 as shown in �gure 7. If the system would have memory e�ects
as well, the peaks to the left and right of the fundamental tones might not
be equal in magnitude (see sec 3.5 in [15]).

This basic analysis gives insight in how distortion a�ects the output signal
and it suggests that the most important part can be measured by measuring
the energy at the IM3 frequencies.

1.2.3 Characterization of Power Ampli�ers

Power ampli�ers are usually characterized with respect to linearity using
power swept continous wave (CW) signals to �nd the AM/AM and AM/PM
distortion and the 1 dB compression point, or simple two-tone measurements
to �nd the third-order intercept point (IP3). The AM/AM distortion is the
amplitude distortion as a function of the amplitude of an input CW signal
and AM/PM is the phase distortion as a function of the same amplitude.
An example of AM/AM and AM/PM traces are shown in �gure 5 and 6,
respectively. Measures like these are taken at one frequency at a time.

The 1 dB compression point is the power level at which the gain is 1 dB
lower than the small signal gain, e.g. 1 dB lower than the ideal ampli�er.
Since the gain of the ampli�er is not a constant (i.e. nonlinear), the ampli�er
will distort the signal.

A two-tone test is usually performed to measure how the ampli�er dis-
torts the signal. The two-tone test gives rise to the intermodulation products
and one often measures the odd ordered intermodulation products as func-
tions of input frequency or ambient temperature.

Of particular interest are the third-order IM products at 2ω1 − ω2 and
2ω2 − ω1 which are illustrated in �gure 7.
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Power Ampli�er
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Figure 5: An example of input power vs output power of a power ampli�er
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-62.84

-5.00

-56.20

0.00

-49.55

5.00

-42.90

10.00

-36.25

15.00

-29.61

Figure 6: An example of input power vs output angle of a power ampli�er

If A1 = A2 = A, the third-order IM products grows three times faster
than �rst order term in (13). This is illustrated in �gure 8. The third-order
intercept point IP3 is the point at which the third-order intermodulation
products (IM3) in a two-tone test equals the main signal. This point is
obtained by extrapolating measurements of the IM3 and the main signal at
lower input power levels. The main signal has a 1:1 slope and the IM3 has
a 1:3 slope, i.e. if the input power is increased 1 dB the IM3 increase 3 dB.
The IP3 can be related to either the input or output power level, in which
it is called IIP3 or OIP3, respectively. For power ampli�ers it is normally

13



Digital Predistortion Manne Tallmarken

ω1 ω2

ω

PA

2ω1 − ω2

ω1 ω2

2ω2 − ω1

ω

Figure 7: Intermodulation in a nonlinear system

Actual Behaviour
of ampli�er

IP3

IM3 Power

Main Signal

Power

Figure 8: Third order intercept

referenced to the output power level. One often measures the IM3 power in
dBc, dB relative to carrier.

Power swept CW measurements have traditionally been used for nonlin-
ear characterization of PAs. However, such measurements does not reveal
the actual behavior of the ampli�er when subject to a digitally modulated
signal having a large peak average power ratio (PAPR), a fast changing en-
velope and a bandwidth of several MHz. This was noted by Bösch in 1989
[3]. In [22] section 6.2.3-6.2.4, a two-tone measurement with di�erent tone
separation and recording of the AM/AM and AM/PM distortion is done.
Here one can see that the distortions are clearly a function of the tone sepa-
ration, or equivalently, a function of envelope frequency. A system with small
memory (i.e. circuit time constants are much smaller than the reciprocal of
the maximum envelope frequency), can be considered as a quasi-memory-less
system. A system where this does not hold can be considered as a system
with memory [3]. The reasons behind these memory e�ects are beyond the
scope of this thesis but are explained in [22].
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1.2.4 Multicarrier Systems

For systems with several carriers present, the signal envelope will change
regardless of modulation technique. The average power is

Pavg = lim
∆t→∞

1

∆t

∫ ∆t

0
kv2(t)dt (14)

where k is a proportionality constant and v(t) is the voltage. If the signal
is periodic the integral can be taken over one period. The Peak-to-Average-
Power-Ratio (PAPR) is the maximum momentary power divided by the av-
erage power:

PAPR =
max{kv2(t)|t ∈ R+}

Pavg
(15)

For a periodic signal it su�ces to limit t to the half-open interval t ∈ [0, a],
where a is the period length of the signal. It is a simple matter to show that if
two sine waves are superposed, the PAPR will be 6dB. One can then suppose
that the PAPR will be 6 dB higher each time the number of carriers are
doubled which, theoretically, is true (if all added frequencies are di�erent).
However, for real world signals (e.g. OFDM, CDMA or WCDMA), where
t ∈ R+, one would have to wait a very long time for this PAPR value to
occur due to the statistical nature of the signal.

For an explanation of this, see for example [20] (ch 2.4) or [11]. Instead
of using this PAPR value when designing power ampli�ers, one usually uses
another lower value instead. To motivate this, see the application note from
Rhode and Schwarz [11]. There it is explained that an OFDM can be ap-
proximated by a Rayleigh distribution and a table of the average occurence
of signal peaks are given for OFDM signals. The table is shown in table 3.
The table indicates that if the RF designer can tolerate a loss in linearity, he
or she can freely choose how often this will happen ∗. A PAPR of 10−15 dB
are common values used in practice†.

When one has chosen a PAPR value to use, this value should then be
supported by the power ampli�er, and it should lie in the linear region to
avoid too much distortion. This, called back o�, determines the operating
point, i.e. where to place the average power. Linearization is then used to
expand the linear region, making the ampli�er to operate more e�ciently
and with more output power.

∗Forward error correction (FEC) coding can also be used, to make the system robust
against momentary overloads, whereby the sender adds systematically generated redun-
dant data to its messages.
†information taken from RF engineers at the company
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k in dB 1− CCDF for Average occurence of
Rayleigh modulation peaks based on
distribution a 109.375 ns signal dura-

tion (Rayleigh distribution)

0 3.679 · 10−1 300 ns

1 2.840 · 10−1 385 ns

2 2.049 · 10−1 533 ns

3 1.358 · 10−1 805 ns

4 8.109 · 10−2 1.4 us

5 4.237 · 10−2 2.6 us

6 1.869 · 10−2 5.6 us

7 6.650 · 10−3 16 us

8 1.818 · 10−3 60 us

9 3.558 · 10−4 0.3 ms

10 4.548 · 10−5 2.4 ms

11 3.412 · 10−6 32 ms

12 1.310 · 10−7 0.83 s

13 2.158 · 10−9 51 s

14 1.232 · 10−11 2.5 hours

15 1.855 · 10−14 68 days

16 5.106 · 10−18 679 years

17 1.724 · 10−22 20 million years

18 3.979 · 10−28 8.7 · 1012 years

19 3.155 · 10−35 1.1 · 1020 years

20 3.720 · 10−44 9.3 · 1028 years

Table 3: Average time for occurence of signal peaks above PAPR for an OFDM
modulated signal. k is the number of dBs of the chosen PAPR value, 1 − CCDF
(cumulative distribution function) for the rayleigh distribution gives a measure of
the probability for a signal having a higher momentary power than the chosen
PAPR, and the last column gives the average time between occurences of peaks
with higher power than k dB above average.
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1.2.5 Modeling Power Ampli�ers

Power ampli�er models can be divided into two major groups, according to
the type of data needed for their extraction: physical models and empirical
models. Physical models are the ones requiring knowledge of the electronic
elements that comprise the PA, their constitutive relations, and the theo-
retical rules describing their interactions. They use a nonlinear model of
the PA active device and of the other passive components to then form a
set of nonlinear equations relating terminal voltages and currents [8]. Us-
ing an equivalent circuit description of the PA (often of empirical nature),
these models are appropriate to circuit-level simulation and provide a result
accuracy that is mainly limited by the quality of the active device model.
Unfortunately, these models are complex to develop, requires much e�ort
and computations.

When an equivalent circuit model is not available or whenever a complete
system-level simulation is desired, PA empirical models are preferred. These
assume no a priori knowledge of the PA internal composition (black-box
modeling approach) having to rely exclusively on a set of wisely selected
input-output observations. Hence, they are commonly re�ered as behavioral
models. Their accuracy is highly sensitive to the adopted model structure
and the parameter extraction procedure. Thus, one should not be surprized
if distinct model topologies and di�erent observation data sets lead to large
disparities of model applicability and simulation results[8].

In general, a nonlinear memoryless system may only cause an amplitude,
never a phase, distortion. If a phase distortion is present, the system must
posess a certain amount of memory [7]. Nonlinear systems with a small
memory (in the sense that the circuit time constants are much smaller than
the reciprocal value of the maximum envelope frequency) can be considered
as quasi-memoryless systems. In this case at a certain instant the amount
of amplitude and phase distortion depends only on the input signal level at
the same time instant. Therefore most of the quasi-memoryless systems can
be modeled only by their Pin/Pout characteristics (AM/AM conversion) and
their amplitude-dependent phase shift characteristic (AM/PM conversion)
[9].

For systems with larger memory, however, the AM/AM and AM/PM
characteristics do not contain complete information about the nonlinearity,
so the accuracy of this model is reduced. A precise characterization and
simulation require more complex describing techniques, for example, the use
of Volterra series representation [21]. There has been an extensive research
on many kinds of behavioral models with memory e�ects, and in most cases,
they can be categorized as either neural networks (NNs) or Volterra mod-
els [6]. A Volterra model can be seen as a Taylor series with memory [14].
Volterra models are suitable for systems with moderate nonlinear e�ects,
which is the case for many RF PAs that are driven not too high into com-
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pression [13]. However, a Volterra model has the disadvantage that the num-
ber of parameters becomes large and a Volterra model can often, in practice,
not be well identi�ed, i.e., the Volterra series converges slowly both in non-
linear order and memory depth. Behavioral models are thus, in most cases,
reductions of a general Volterra model [14] and are often block structures of
linear time-invariant �lters and memoryless nonlinearities. A Model with a
linear �lter H followed by a nonlinearity N are called a Wiener model (H-N),
and a model with a nonlinearity N followed by a linear �lter H are called a
Hammerstein model (N-H). Many kinds of variations have been developed,
see [6] for references.

To make an adequate decision of what model to use in this thesis project,
it was desired to use a (quasi-)memoryless model for its simplicity. Although
a model of this kind is quite simple, much work had to be done to set up and
design how the whole system should work, write code in VHDL, SystemC,
Perl and Matlab, as well as actually design the memoryless predistorter and
making measurements. With that said, memory e�ects are saved for future
exploration.

Previous Research. The �rst practical implementation of a gain based
memoryless predistorter was proposed by James Cavers [4] in 1990. Prior to
this method, the majority of digital predistorters where based on the map-
ping predistorter principle, in which each possible complex signal level was
directly mapped to another complex signal level. Since then, interest in digi-
tal predistortion has risen rapidly [12] and more advanced models mentioned
above began to be developed.

A Predistorter for a PA Model With Small Memory. The pre-
distorter described in this section was �rst proposed by James K. Cavers
1990 [4] and is called a constant-gain predistorter.

A simple behavioral model of a power ampli�er can be constructed by
simply measuring its AM/AM and AM/PM characteristics at the frequency
of interest, and assuming the PA is quasi-memoryless. In such a way a simple
predistorter (PD) can be constructed as shown in �gure 9.

Here, the predistorter is an inverse map of the PA and ideally the predis-
torter together with the PA looks like a linear element. The inverse map can
be realized either by analog parts, in which case it is built up with nonlin-
ear components like diodes, or it can be realized digitally inside an FPGA,
represented as a lookup table (LUT). Nowadays the signal is coming from
an FPGA anyway so the digital variant is often preferred.

Since the ampli�er is modeled as a quasi-memoryless element, the pre-
distorter only depends on the momentary signal envelope power and not on
its phase. Thus, it can be modeled as a power level dependent complex gain.
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Figure 9: Intuitive picture of a predistorter (PD)

That is, the complex envelope of its input vd and output va, see �gure 9, are
related by

va = vdG(|vd|2) = vdG(xd) (16)

where xd denotes the squared magnitude of vd, and G(xd), the complex gain
of the ampli�er. This summarizes its AM/AM and AM/PM characteristics.
Here, the input/output complex envelopes of the predistorter are related by

vd = vmF (|vm|2) = vmF (xm) (17)

where xm denotes the squared magnitude of vm.
For any input power, the optimum value of the PD complex gain F is

determined by equating the composite PD/PA nonlinearity to a nominal
constant amplitude gain K. Normally, K is selected to be a little less than
the ampli�er's midrange gain. Combining (16) and (17) we can de�ne F
implicitly by

vmF (|vm|2)G
(
|vm|2

∣∣F (|vm|2)
∣∣2) = Kvm (18)

or

F (xm)G
(
xm |F (xm)|2

)
= K (19)

The predistorter can only linearize up to saturation. Once the signal
reaches saturation, the PA cannot deliver more power, and any increase in
predistorter gain will only drive the PA even harder into saturation. Thus,
the desired output with predistortion is shown in �gure 10.

Now, to make the predistorter adaptive, the model has to be updated on
a regularly basis. This is done by measuring the input signal to the system
and comparing it with the output signal. A block diagram of this adaptive
predistorter system is given in �gure 11.

1.3 Goal

The goal was to implement a digital predistorter that was adaptive and
quasi-memoryless. The predistorter was to be implemented on the hardware
described in the next chapter, i.e. in a digital signal processing board around
an FPGA. The predistorter should work in real-time but the adaptation
could be done in a slower fashion (from Matlab).
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Figure 10: va with and without PD. Input is vd for a system without PD and vm
for a system with PD.
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Figure 11: Adaptive constant-gain predistorter implemented in this thesis

1.4 Thesis Outline

Chapter 2 deals with the hardware and the hardware speci�c code, e.g. what
the hardware consisted of and what FPGA blocks that were implemented and
how they were tested. Additionally, the chapter describes how the hardware
was connected to Matlab, e.g. the implementation of a Perl server and a
Matlab API.

Chapter 3 deals with two kinds of predistorters implemented in Matlab
and the related measurements and results.

Chapter 4 �nishes this thesis with a conclusion.
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2 Implementation

The hardware used in this thesis was a digital signal processing board de-
picted in �gure 12 and with a block diagram in �gure 13. It consists of two
14-bit ADCs working at 125 Msps, two 14-bit DACs working at 1 Gsps, and
a Xilinx Spartan-3A DSP 3400A FPGA designed for DSP applications. A
PIC microprocessor is used for serial communication and con�guration of
the FPGA (and the other various ICs), and a high speed USB port is used
for signal capture/playback functionality.

The board is designed for two di�erent products: FM radio and Terrestial
Trunked Radio (TETRA). For FM applications the RF input signal is sam-
pled directly whereas a downmixed IF frequency is used for TETRA. Before
the input signals are sampled they are �ltered through bandpass �lters and
ampli�ed with variable gain ampli�ers (VGAs).

Figure 12: Digital Signal Processing Board
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Figure 13: Digital Signal Processing Board Block Diagram

2.1 FPGA Blocks

A VHDL skeleton was constructed by the supervisor that contained all parts
from the original VHDL code that could be reused in the project. This
consisted of code for clock generation, ADC interface, DAC interface, mixers
and a register interface to control the board over the serial port. A USB
capture block and a complex wave generator could also be reused with some
modi�cations.

The system in section 1.2.5 was implemented as in �gure 14. Here, a
quadrature modulator is �rst used to shift the ADC input signal from RF/IF
to baseband. A complex wave generator can also generate a one-tone or
two-tone signal. The signals are then connected to multiplexers to select
which signal to use as input to the predistorter. The squared input signal is
then used as an index to the LUT, where the coe�cients of the predistorter
gain have been previously stored. The complex predistorter input signal is
then multiplied by the predistorter gain so that the output results in the
predistorted baseband signal. Finally, the signal is upsampled and �ltered
to generate a DAC signal at 500 MHz.

A feedback path is connected from the output of the PA to one of the
ADCs.

Some details about the di�erent blocks are listed below.
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Input. The only di�erence in hardware for the two products are the
bandpass �lters on the inputs. For the FM product, the input signal is
88 − 108 MHz, and for TETRA product, it is 157.5 − 167.5 MHz. Thus,
the bandpass �lters are designed for either FM or TETRA. In this project,
the DSP board for FM was used �rst but then it was switched to one for
TETRA. All tests were done with a center frequency at 162.5 MHz so only
this span will discussed further.

What follows the �lters are Variable Gain Ampli�ers (VGAs), that has
a gain from +4 dBm to −20 dBm. After that, the real signals (which have
conjugate symmetric power spectrums†) are sampled by the ADCs.

Output. The DAC input rate is 500 Msps whereas the output rate is
interpolated to 1 Gsps. The DACs are followed by reconstruction �lters to
smoothen the signals and restrict their bandwidth.

Wave Generator. The complex wave generator uses the CORDIC [1]
algorithm to generate the wave. This is a suitable algorithm for FPGAs
because it only uses shifts and adds to do the calculations. Speci�cally, it is
fed with an angle where the range −π ≤ θ ≤ π is represented by a signed
18-bit number. The angle is then updated once every clock cycle to generate
I/Q data.

Mixers. The input data is mixed together with the I/Q data from the
local oscillator to shift the positive frequencies to baseband. The shifted
negative frequencies are removed by the �lters that follows.

Baseband Filters. After the mixers we have low and high frequency
components, where only the low frequencies are of interrest. These �lters
�lters away the high frequencies.

Address Calculator. The address calculator is fed with signal to be
predistorted and gives an address that is proportional to the voltage squared,
or equivalently, proportional to the power.

Lookup Table (LUT). The LUT is represented internally in the FPGA
as random access memory (RAM). This is implemented in VHDL as an IP
Core∗ ramblock. Each ramblock can use up to 18432 bits and it was chosen
to use all of the possible bits. This was arranged as a LUT of 512 addresses
with 2x18 bits for each I/Q value.

†This can be showed by taking the fourier transform of the signals and evaluating
S∗(−ω)
∗an IP Core is a black-box module that can be used in ones VHDL code
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Complex Multiplier. The complex multiplier multiplies the complex
input data with the complex value stored in the LUT.

Upsampling Filters. The output from the complex multiplier is up-
sampled by two followed by an antialias �lter. At this point the sample rate
has changed from 125 MHz to 250 MHz. The signal is then upsampled by
two again following another antialias �lter. These �lters are discussed below.

Capture Block. The capture block can save data from any data stream
inside the FPGA. It can save 16384 pairs of I and Q data from two sources at
the same, making up a matrix of size 16384x4. The implemented sources are
the downmixed and �ltered input ADC signal, downmixed feedback ADC
signal and wave generator, see the �gure. The data is then sent over the
USB port.

Register Interface. The register interface makes it possible to control
any kind of con�guration value. The interface is connected directly to a PIC
microcontroller (which is also responsible for booting up the FPGA). All
registers are then controllable via the serial port through the microcontroller.

2.1.1 Filters and Mixers

The input signal to the ADC is real and will therefore look like a spectrum
with conjugate content for positive and negative frequencies. Due to band-
pass �lters, the span of the spectrum is limited to 10 MHz with a centre
frequency at 162.5 MHz. The sample rate of the ADC (125 MHz) makes
these frequencies to be aliased to ±37.5 MHz as shown in �gure 15. After
the mixer, the positive frequency component is shifted to baseband whereas
the negative gets shifted to −75 MHz but this will be alias to 50 MHz as
shown in �gure 16.

−162.5 162.5−37.5 37.5

f (MHz)

125 1250

Figure 15: The real 162.5 MHz input signal to the ADC shows up as two complex
frequencies at ±162.5 MHz and are aliased down to ±37.5 MHz.

To remove the 50 MHz frequency span, a lowpass 31-tap FIR �lter was
constructed with the remez function in matlab to construct a bireciprocal
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−37.5 37.5−75 0 50

f (MHz)

−62.5 62.5

Figure 16: E�ect of input mixer. The frequencies are shifted so that ±37.5 MHz
shifts to −75 MHz and 0 MHz. The frequency at −75 MHz is then aliased to
50 MHz.

�lter with a response depicted in �gure 17. This was then implemented in
VHDL by using the Xilinx ISE IP Core generator for FIR �lters, which could
implement it with 16 DSP-blocks.

input �lter

frequency [MHz]
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0.00

-168.64

8.93
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-117.88

26.79

-92.50

35.71

-67.12

44.64

-41.73

53.57

-16.35

62.50

9.03

Figure 17: Filter response of lowpass �lter after the mixer

The baseband signal is then fed to the predistorter, which should be
designed to cancel the distortion that is to be produced by the ampli�er.
Because of this, the predistorter in itself will widen the spectrum of the
signal. To explain this, assume the predistorter can be approximated with a
function y = x+αx3, where x is the input signal and y is the output signal.
Further, assume the power ampli�er can be approximated with a function
z = y + βy3, where y is the predistorter output and z the output from the
ampli�er. Combining both equations give

z = x+ αx3 + β(x+ αx3)3 = x+ (α+ β)x3 + (x6) (20)
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Thus, putting α + β = 0 gives α = −β and with reference to table 2, this
shows that the predistorter will widen the bandwidth by a factor of three
if all third order intermodulation products is to be canceled (to �rst order).
Thus, with an input signal bandwidth of 10 MHz, it was assumed the output
from the predistorter had a bandwidth of 30 MHz.

After the predistortion has taken place, the signal needs to be upsampled
to 500 MHz in accordance to the DAC rate. This was done in two steps,
going from 125 MHz to 250 MHz and then to 500 MHz. When upsampling
the �rst time (by inserting zeros), new frequency components are introduced
as shown in �gure 18.

f (MHz)

0−62.5 62.5

f (MHz)

0−125 125−62.5 62.5

Figure 18: Alias component introduced by the upsampling from 125 MHz to
250 MHz

To remove these new frequencies, an 11-tap FIR �lter with was con-
structed with the remez-function in matlab to obtain a symmetric �lter. If
the passband is chosen to lie between 0 and b and the stop band from 1 and
1− b (normalized frequency), the remez-function will construct a �lter were
every second coe�cient is zero except the middle coe�cient which is 0.5. A
�lter of this type was constructed and was also scaled by two to keep the
signal levels (due to upsampling). The coe�cients used were
[1837, 0,−13640, 0, 77340, 131072, 77340, 0,−13640, 0, 1837]/217. The �lter
response of this �lter is depicted in �gure 19.

The result of that every second input value was zero (upsampling by
two) and every second �lter coe�cient was zero except the middle (which
was one), was that only the odd samples needed to be �ltered whereas the
even samples only got multiplied by one. Therefore, in the implementation,
the I and Q data could be interleaved and share the FPGA resources. This,
together with the fact that the �lter was symmetric, made it possible to
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construct the �lter with only four DSP-blocks, as can be compared with 22
DSP-blocks if optimization would not be used.
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Figure 19: Filter response of antialias upsampling �lter from 125 MHz to 250 MHz

In the second step, the new frequencies that has to be removed are shown
in �gure 20. A 3-tap FIR �lter was contructed with the remez-function with
coe�cients [66122, 131072, 66122]/217. This �lter has also gain of two to
keep the signal levels. The �lter response of the �lter is given in �gure 21.

The signal is now shifted from baseband to IF frequency by the output
mixer. The mixer also drops the imaginary part of the output, producing a
real signal with symmetric spectrum as in �gure 22. The signal is then fed
to the DAC.
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Figure 20: Alias component introduced by the upsampling from 250 MHz to
500 MHz
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Figure 21: Filter response of antialias upsampling �lter from 250 MHz to 500 MHz
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0 162.5−162.5

f (MHz)

−250 250

Figure 22: E�ect of output mixer. The baseband is shifted to the IF frequency at
162.5 MHz and only the real part is saved, producing a symmetric spectrum.
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2.2 Simulation

All FPGA blocks that were developed were simulated with ISim which is a
VHDL simulator included in the Xilinx ISE environment. The blocks were
veri�ed to work by comparing them to code developed in SystemC†. By
using this procedure, all blocks could be veri�ed with code that was writ-
ten in a high-level language. The following �les were developed for making
input/output data to the corresponding FPGA modules:

• dpd_core_test.cc data for whole signal path (with a test LUT for DPD)

• dpd_�r_test.cc data for FIR �lters after predistorter

• dpd_predistort_test.cc data for predistorter block (with a test LUT)

• int4_prog_mixup_test.cc data for mixer before DAC

To each �le above, a testbench was written in VHDL that read the input/out-
put data, fed the corresponding block with the input data and veri�ed that
the output data generated by the simulator was the same as the data gener-
ated by SystemC.

2.3 Perl Server, Register Interface and API

A TCP/IP server (written in Perl) was available that could capture data from
the USB Capture block and send it to another host on the internet. This
server was used and additionally, it was extended to support the protocol
used between the PC and the PIC microcontroller. A Matlab API was
developed so that all registers could be set through high level functions.
Capture data was also directly accessible in Matlab. The API functions are
listed in table 4.

2.4 Power Ampli�er

A regular class-AB ampli�er was constructed that had a gain of 35 dB, P1dB
at 13 dBm and an OIP3 at 29 dBm. The maximum output power from the
DAC was around −16 dBm, so the small signal gain would result in an
output power of −16 + 35 = 19 dBm which is 6 dB over the P1dB. This
made it a good ampli�er for playing with predistortion.

†SystemC is a set of C++ classes and macros which provide an event-driven simulation
kernel in C++
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dpd_amp2lut_addr(AMP) converts amplitude to dpd lut address

dpd_amp2waveamp(AMP) normalized value -> register value

dpd_capture_fb_mux0() captures feedback and mux0 data

dpd_capture_mux0_mux1() captures mux0 and mux1 data

dpd_capture_raw() captures raw data

dpd_get_lut_val(ADDR) reads dpd lut value

dpd_get_mixfreq() returns mixer frequency

dpd_get_wave_amp() returns amplitude of wave generator

dpd_get_wave_freq1() returns frequency of wave generator 1

dpd_get_wave_freq2() returns frequency of wave generator 2

dpd_ipfilter_disable() disables interpolation �lter

dpd_ipfilter_enable() enables interpolation �lter

dpd_lut_addr2amp(ADDR) returns corresponding amplitude to lut address

dpd_lut_last_used() returns last address of lut used by predistorter

dpd_output_disable() enables output of dac

dpd_output_enable() binds dac output to zero

dpd_predistorter_disable() disables predistorter

dpd_predistorter_enable() enables predistorter

dpd_print_reg(ADDR) prints register value in hexadecimal

dpd_read_reg(REG) returns register value

dpd_set_mux0_adc() binds the adc to the dpd input

dpd_set_mux0_wavegen() binds the wave generator to the dpd input

dpd_set_leds_const(VAL) sets the leds to a static value

dpd_set_leds_delay(MS) sets the time between led updates

dpd_set_leds_xormask(MASK) sets the xor-mask of the LFSR

dpd_set_lut_val(ADDR, VAL) sets the value of the dpd lut

dpd_set_mixfreq(FREQ) sets the mixer frequency

dpd_set_wave_amp(AMP) sets wave amplitude (of both waves)

dpd_set_wave_freq1(FREQ) sets wave frequency of wave generator 1

dpd_set_wave_freq2(FREQ) sets wave frequency of wave generator 2

dpd_set_wave_onetone() sets wave generator to generate one tone

dpd_set_wave_twotone() sets wave generator to generate two tones

dpd_upload_lut(LUT) uploads the whole LUT through USB

dpd_waveamp2amp(AMP) register value -> normalized value

dpd_write_reg(REG, VAL) writes value VAL to register REG

Table 4: Functions in the Matlab API
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3 PA Measurements and DPD Testing

The test setup is depicted in �gure 23. Here, a signal generator is connected
to the signal processing board so that the input to the predistorter can
either be the sampled and downmixed signal from the signal generator or
the internally generated tone or twotone. The signal is then fed through the
FPGA and out to the PA. The signal is attenuated (and split) to limit the
power in the feedback path and to the spectrum analyzer. The capture block
captures data (see �gure 14) from two of the three sources and waits for the
Perl server to fetch it. The Perl server waits in turn for any user to make a
connection and ask for capture data or to change settings. The Matlab code
is then connected to this interface.

SIGNAL
GENERATOR

DSP
BOARD

PA

SPECTRUM
ANALYZER

Perl server
PC

NETWORK
MATLAB

PC

Attenuator

Splitter

Figure 23: Digital Predistortion Setup for adaptive

3.1 The Non-Adaptive Predistorter Algorithm

One method to determine the predistortion coe�cients is to compare the in-
put and output waveforms of the power ampli�er. The test signal must have
such amplitude that its peak reaches the saturation point of the power ampli-
�er in order to know its gain for the full signal excursion. The magnitude of
the gain of the predistorter is calculated as the reciprocal of the magnitude
of the power ampli�er gain, and the phase of the gain of the predistorter
is calculated as the negative of the phase of the power ampli�er gain. In
addition, the output of the power ampli�er must become K times the input
to the predistorter, where K is the net gain of the system. A simpli�ed
matlab code for the algorithm is given in listing 2. The code �rst puts the
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DSP Board in wave generation mode (activating the CORDIC block) with
a mixing frequency at 162.5 MHz. It then de�nes a point where the gain is
to be treated as unity gain (in this case half the maximum amplitude). The
function get_amp_response then captures one block of data (32k samples) and
estimates the complex amplitude by minimizing the squared error, it also
uses the fact that the frequency is known. Then for each address in the
LUT, the corresponding amplitude is calculated and the response of that
amplitude is measured by get_amp_response. The (complex) gain is then the
ratio of these amplitudes and the LUT value is the inverse, scaled with the
unity gain.

This algorithm was �ne-tuned by measuring a couple of times and av-
eraging. The generated LUT is given in �gure 24 (The lut is real and not
complex). This gave an improvement of about 17− 20 dB of the IM3 prod-
ucts in a two-tone test with tones at ±2.5 MHz. What is interresting to
see here is that the curve makes a jump around 0.9 of the input amplitude.
When the test was repeated, this jump could show up on other places. The
test was repeated many times and each time the curve had a di�erent o�set
compared to the other curves, some with jumps and some without (the data
was unfortunately not saved). It was then realized that the ADCs was very
sensitive to temperature and even the sligthest change in temperature gave
a rather big di�erence. Some thermal tape was put between the ADCs and
DACs and the closure to make the temperature more stable. This reduced
the o�sets between the tests to about one tenth of the maximum (comparing
the maximum o�set between two curves with and without tape), although
the sharp jumps were still left. The reason behind these jumps is still un-
clear, maybe a change in DC voltage to the ADCs and DACs could cause
them.

Because of the di�erent o�sets for each curve, it was evident that the
predistorter could be improved by making it adaptive. This would also
eliminate the problem of the jumps, because the LUT would change with
temperature and voltage di�erences. Another problem with the algorithm
used was that a whole block of data was needed for each value in the LUT.
This resulted in a LUT generation of about ten minutes times the number of
averaging values. At last, the ampli�er had a very small AM/PM distortion
and when plotting the argument of the LUT it looked just like noise, so it
was desired to make the LUT real (as can be seen in the matlab code).
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% bypass the p r e d i s t o r t e r
dpd_pred i s tor ter_disab le ( ) ;

% enab l e tone genera tor and d i s a b l e adc input
dpd_set_mux0_wavegen ( ) ;

% se t tone genera tor to genera te one tone
dpd_set_wave_onetone ( ) ;

% se t mixing f requency to 162.5 MHz
dpd_set_mixfreq (162 . 5 e6 ) ;

% se t wave f requency at 1 MHz o f f s e t
dpd_set_wave_freq1 (1 e6 ) ;

% Define a po in t where the l u t w i l l mu l t i p l y wi th un i t y
unit_amp = max_amp/2 ;

% unit_amp de f i n e s a wanted gain im p l i c i t l y .
% ge t f e edback ampl i tude by mode l l ing the f eedback adc data
% as a sine−in−noi se proces s
wanted_gain = get_amp_response (unit_amp) / unit_amp ;

for address = 1:512
% conver t an address to i t s corresponding ampl i tude
amplitude_pa_in = dpd_lut_addr2amp ( address ) ;

% ge t f eedback ampl i tude by mode l l ing the f eedback adc data
% as a sine−in−noi se proces s
amplitude_pa_out = get_amp_response ( amplitude_pa_in ) ;

% ca l c u l a t e gain
gain = amplitude_pa_out / amplitude_pa_in ;

% lu t_ fa c t o r i s the in v e r s e
l u t_ fac to r_ f l oa t = abs ( wanted_gain / gain ) ;

% se t l u t va lue to neare s t p o s s i b l e va lue and s t o r e the rounded
% va lue in l u t_ f a c t o r ( k )
l u t_fac to r ( k ) = dpd_set_lut_val ( address , l u t_ fac to r_ f l oa t ) ;

end

Listing 1: Pseudo Matlab code for the non-adaptive algorithm
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Figure 24: LUT values when a CW signal was generated by the CORDIC block
and the PD turned o�. For every address i, the amplitude was set to the value
corresponding to the given LUT index, a capture block was fetched and a LUT
value was estimated, and �naly it was stored at position i in the LUT.
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3.2 The Adaptive Predistorter Algorithm

3.2.1 The Algorithm

The source code of the adaptive predistorter is given in the appendix. Before
the code runs, the user should choose what predistorter input to use, either
the internally generated waveform or the externally fed ADC signal. The
code begins with con�guring a few settings and determine the loop gain, it
also initializes the LUT with all ones. It then gathers data from eight capture
blocks and correlates the predistorter input with the feedback from the PA.
The closest LUT address for each sample is determined and the data is sorted
according to the LUT address. For each address then, the data concerning
that address i is extracted. A multiplicative correction factor fi is then
determined of how to update the existing LUT value. Let g be the de�ned
net gain of the system, inik the input value to the predistorter, outik the
feedback from the PA and ei the actual gain. k ranges from 1 to N , where
N is the number of samples gathered for that particular LUT address. ei is
now determined through least squares: ini1...

iniN


︸ ︷︷ ︸

Ai

[ei] =

 outi1...
outiN


︸ ︷︷ ︸

Bi

⇒ ei =
Ai

TBi

Ai
TAi

(21)

The multiplicative correction factor is now just fi = g/ei. As said, this was
done for all addresses (i = 0...511) in the LUT and if any address did not
get any input data, the correction factor for the last value calculated is used,
e.g. ei = ei−1.

One can then proceed by just updating all lut values Li with Li · fi,
however, a di�erent approach was used: the values were multiplied with†

f
1/n
i . If one choses a higher n, more delay is introduced in the update
algorithm but noise in the update procedure is also reduced. Since the
change of gain at each magnitude level should be rather low, n was set to
256.

As a last thing before the LUT was updated, it was �ltered through a
smoothing �lter with coe�cients [0.6, 0.9, 1.0, 0.9, 0.6].

3.2.2 The Results

An IS95 CDMA signal with a bandwidth of 1.3 MHz was generated and
the algorithm started. After some arbitrary time (a few minutes) the LUT
was stored and is shown in �gure 25 and 26, respectively. The e�ect of
the predistorter is very satisfying, see �gure 27 where the output from the

†The binomial series expansion to �rst order was used in the matlab code, e.g. 1+ fi−1
n
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power ampli�er is shown with and without predistorter. Here it is seen that
an improvement of 24.74 dB was achieved right next to one of the channel
edges.

As another test, a two-tone signal was generated from a signal generator
and the IM3 products were measured, see �gure 28. An improvement of the
IM3 product by 28 dB was achieved.
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Figure 25: Magnitude of adaptive LUT for an IS95 CDMA signal

The input/output of the system was also connected to a network analyzer
and the transmission coe�cient was measured, see �gure 29 and 30. Here
it is seen that the gain of the system is much more constant over the whole
input power spectrum with DPD than without DPD.
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LUT Argument
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Figure 26: Argument of adaptive LUT for an IS95 CDMA signal

Figure 27: A CDMA IS-95 signal with DPD (pink) and without DPD (purple)
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Figure 28: A two-tone signal with DPD (purple) and without DPD (pink)
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Figure 29: Magnitude of transmission coe�cient S21 as a function of input power
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Figure 30: Angle of transmission coe�cient S21 as a function of input power
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4 Conclusion

Even though the project was limited to a memoryless predistorter, very
satisfactory results were achieved in the out-of-band distortion products de-
picted in �gure 27 in the last chapter. However, it should not be forgotten
the project was limited to a bandwidth of 10 MHz and that the ampli�er was
operating at a center frequency of 162.5 MHz. If digital predistortion was to
be used instead of feed-forward in a repeater product developed in the com-
pany, the performance and results of the predistorter have to be reevaluated
for the frequency requirements in question. For example, using the predis-
torter for a TETRA signal around 400 MHz with a bandwidth of 5 MHz, it
could provide good results, however, the e�ect of the additional complexity
of external mixers is still untested. If, on the other hand, the predistorter
would be used for an EGSM signal around 900 MHz with a bandwidth of
35 MHz, the predistorter may not provide satisfactory results. The increased
operating frequency and the wider bandwidth may add enough memory ef-
fects for the contant-gain predistorter to prove insu�cient, although this
depends on how much the predistorter needs to lower the distortion prod-
ucts. This should o� course be evaluated before a conclusion can be drawn.
For signals with even higher operating frequency and wider bandwidth such
as UMTS (2100 MHz, 60 MHz) the constant-gain predistorter are likely to
be found insu�cient.

This thesis shows that although the predistorter algorithm implemented
is simple, DPD has the potential to replace the feed-forward linearization
technique. If DPD was to be used instead, the overall increase/decrease in
cost and performance has to be evaluated. DPD requires FPGA resources
and an additional feedback path. Additionally, both the DAC and the feed-
back ADC need to have a sampling bandwidth several times the bandwidth
of the original signal (as explained in 2.1.1), preferably three times or �ve
times more.

On the other hand, DPD eliminates the need of an error ampli�er and
delay loops which are needed in the feed-forward linearization technique.
This increases e�ciency and saves plenty of space. Additionally, the PA can
be operated with a much lower back-o�, increasing the e�ciency even more
while delivering more power.

The increase in number of articles published per year [12] and the wide
range of proposed models [6] for predistorters indicate that DPD is here to
stay.
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5 Appendix

Listing of Matlab code for adaptive predistorter.

clear

%warning ( ' error ' ) ;
addpath ('~/dpd_eval/matlab/api' ) ;
new_freq = i n l i n e ('rand * 0.5e6 + 0.03e6' ) ;
std_freq = 5e5 ;

DO_SETTINGS = 1 ;

l u t = ones ( 1 , 5 1 2 ) ;
lut_corr = lu t ;

i f (DO_SETTINGS == 1)
dpd_output_enable ( ) ;
dpd_predistorter_enable ( ) ;

dpd_upload_lut ( l u t ) ;
dpd_set_wave_amp ( 1 ) ;
dpd_set_wave_freq1 ( std_freq ) ;
dpd_set_wave_freq2(− std_freq ) ;
dpd_set_wave_twotone ( ) ;
dpd_set_mixfreq (162 . 5 e6 ) ;

end

%pr in t_con f i g ;

% DETERMINE LOOP GAIN

% throw away o ld data
dpd_capture_fb_mux0 ( 0 ) ;

% capture data
[A W] = dpd_capture_fb_mux0 ( 0 ) ;

% co r r e l a t e input wi th output and f i l t e r baseband
[A W] = f i l t e r_and_co r r e l a t e 2 (A,W) ;

% Define the gain o f the system
gain = 0.95∗max(abs (A) ) / max(abs (W) ) ;

while 1
% capture data
[A W] = dpd_capture_fb_mux0 ( 0 ) ;

% co r r e l a t e input wi th output and f i l t e r baseband
[A W] = f i l t e r_and_co r r e l a t e 2 (A,W) ;

buf_a = A;
buf_w = W;
t s t = 0 ;
i t e r = 0 ;
p r i n t f ('\n' ) ;
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while i t e r++ < 8
p r i n t f ('%d%% ' ,round(100∗ i t e r / 8 ) ) ;
f f l u s h ( stdout ) ;
tmp = dpd_amp2lut_addr ( sort (abs (buf_w ) ) ) ;
t s t = sum(tmp ( 2 :end)−tmp ( 1 :end−1)) ;
f f l u s h ( stdout ) ;
[A W] = dpd_capture_fb_mux0 ( 0 ) ;
[A W] = f i l t e r_and_co r r e l a t e 2 (A,W) ;
buf_a = [ buf_a ; A ] ;
buf_w = [ buf_w ; W] ;

f = new_freq ( ) ;
dpd_set_wave_freq1 ( f ) ;
dpd_set_wave_freq2(− f ) ;

end

data = [ abs (buf_w) dpd_amp2lut_addr (buf_w) buf_w buf_a ] ;
data = sort rows ( data ) ;

for addr = [ 0 : 5 1 1 ]
index = addr +1;
part = data ( data (: ,2)==addr , : ) ;
i f length ( part ) != 0
part_w = part ( : , 3 ) ;
part_a = part ( : , 4 ) ;

i f (mean( part_a ) != 0)
lut_corr ( index ) = gain ∗(part_w '∗ part_w )/( part_w '∗ part_a ) ;

else

i f ( index != 1)
lut_corr ( index ) = lut_corr ( index −1);

else

lut_corr ( index )=1;
end

end

else

i f ( index != 1)
lut_corr ( index ) = lut_corr ( index −1);

else

lut_corr ( index )=1;
end

end

end

i f ( exist ('CREATE_ME') == 0)
l u t = lut_corr ;
CREATE_ME='I am alive' ;

else

l u t=lu t .∗ ( ( lut_corr −1)/256+1);
end

% F i l t e r the l u t through an IIR− f i l t e r rough ly in t h i s way :
% ( . . . k4 k5 k6 k7 k8 . . . x 0 .6 ) +
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% ( . . . k5 k6 k7 k8 k9 . . . x 0 .9 ) +
% ( . . . k6 k7 k8 k9 k10 . . . x 1 .0 ) +
% ( . . . k7 k8 k9 k10 k11 . . . x 0 .9 ) +
% ( . . . k8 k9 k10 k11 k12 . . . x 0 .6 ) / (0 .6∗2 + 0.9∗2 + 1)
% Motivat ion : smoothen the l u t to make i t p r e t t y
l u t = ( [ l u t ( 3 :end) l u t (end) l u t (end ) ] ∗ 0 . 6 + \

[ l u t ( 2 :end) l u t (end ) ] ∗ 0 . 9 + \
lu t + \
[ l u t (1 ) l u t ( 1 :end−1) ]∗0 .9 + \
[ l u t (1 ) l u t (1 ) l u t ( 1 :end−2) ]∗0 .6

)/(0 .6∗2+0.9∗2+1) ;

dpd_upload_lut ( l u t ) ;

a = min(abs ( l u t ) ) ; b = max(abs ( l u t ) ) ;
plot ( sqrt ( [ 0 : 5 1 1 ] / 5 1 1 ) , abs ( l u t ) ) ; axis ( [ 0 1 a b ] ) ;
drawnow ;

end

Listing 2: Matlab code for the adaptive algorithm
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