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Abstract—A new lookup-table linearization technique is devel-
oped based on the digital feedback and digital feedback/predis-
tortion (DFBPD) concepts. The linearization characteristics are
investigated through system simulation of a real power-amplifier
model with 90-W peak envelope power. The DFB suppresses for-
ward-path nonlinear distortion as a gain reduction due to the FB
effect, and this technique enhances the system tolerance without
any bandwidth limitation. As the PD network is added to the FB
loop, the linearization performance and system tolerance are fur-
ther improved because of more accurate PD signal extraction. In
addition, the gain is purely determined by the FB path, so the gain
fluctuation in the forward path, including amplifier aging and tem-
perature effects, is suppressed. The analysis and simulation allow
experimental evaluation of the linearization mechanism and per-
formance of the DFBPD technique for an 802.16e mobile World-
wide Interoperability for Microwave Access signal.

Index Terms—Feedback (FB), power amplifier (PA), predis-
tortion (PD), Worldwide Interoperability for Microwave Access
(WiMAX).

I. INTRODUCTION

C URRENT AND next-generation wireless communication
systems can transmit high-data-rate signals for multi-

media communications, including both high- and low-mobility
applications such as mobile access, nomadic/local wireless ac-
cess, etc. The signals of these systems vary rapidly so that they
have a wide bandwidth and high peak-to-average power ratio
(PAPR), leading to stringent linearity requirements for signal
amplification. In addition, power amplifiers (PAs) in the system
should be highly efficient as well as highly linear to reduce size
and cost of the system. However, it is difficult to simultaneously
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achieve high efficiency and linearity because the PA design
involves a tradeoff. Thus, a linearization technique with low
power consumption is desired. The digital predistortion (DPD)
technique has been recognized as a promising solution due to
its manageable digital operation, low power consumption of
the digital part, and powerful linearization ability, so it has been
widely studied [1]–[18].

The DPD technique uses linearization algorithms to generate
an inverse function of the amplitude and phase distortions,
which are described as amplitude-to-amplitude modulation
(AM/AM) and amplitude-to-phase modulation (AM/PM). The
inverse function is obtained using adaptive algorithms, such
as the least mean square, least square (LS), and recursive LS
[5], [8], [11]–[15], [19]. Recently, new DPD techniques have
been introduced based on feedback (FB) concepts without ap-
plying an adaptive algorithm. Chung et al. [20] have presented
an open-loop Cartesian DPD technique using a lookup table
(LUT) for the analog Cartesian FB path. The linearization of
this technique is determined by the loop gain of the analog FB
path and open-loop gain path. Drawing on the analog FBPD
concept [21], our previous works have presented the digital
FBPD (DFBPD) technique in terms of the basic concept,
operational behavior, system tolerance, and comparison with
conventional DPD techniques [22], [23]. This technique oper-
ates in two modes: In the noninstantaneous training mode, the
LUT of the technique is constructed by the FBPD algorithm,
and in the instantaneous operating mode, the system is operated
as a function of the input signal in real time, which is like
the conventional DPD technique. Thus, the DFBPD technique
delivers many advantages such as a simple PD algorithm, fast
convergence, accurate PD signal extraction, and good system
tolerance because the technique is based on the FB algorithm.
Additionally, a wideband DFBPD technique, including a
memory-effect compensation algorithm, has been developed to
provide good linearization performance for wideband signals
[24]. These studies have shown that the DFBPD technique
has good connectivity with other linearization architectures,
including wideband linearization.

This paper analyzes the linearization mechanisms of the
DFBPD technique, which are the PD and FB effects. A DFB
algorithm with a large gain reduction (GR) is developed and
compared with the FBPD algorithm with and without GR.
The linearization performance and system tolerance of each
algorithm to amplifier errors are explored through system sim-
ulations. Finally, we experimentally evaluate the linearization
mechanisms and demonstrate good linearization performance.
The DFBPD algorithm enhances the linearity by combining
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Fig. 1. Simplified block diagram of (a) an FB system and (b) an FBPD system.

FB linearization and PD linearization. Moreover, the system
tolerance to forward-path impairments is improved to the level
of a pure FB circuit with a very large GR.

II. OPERATIONAL BEHAVIOR AND

LINEARIZATION MECHANISMS

A. Analog FB and FBPD Techniques

Fig. 1(a) shows a simplified block diagram of the FB system
[7]. In the frequency domain, the input signal , the FB error
signal , the distortion of the amplifier , the error of the
detection loop , and the output signal of the system are
expressed as

(1)

(2)

where is the open-loop gain of the forward path and is the
gain of the FB path. Combining (1) and (2), and are
given by

(3)

(4)

(5)

Fig. 1(b) shows a block diagram of the FBPD system [21].
The operational behavior of the system is not all that different
from the FB system. In the frequency domain, the output signal

is expressed as

(6)

where

(7)

is the input signal to the amplifying element

(8)

is the predistorted FB signal, and is gain of the signal cancel-
lation path.

From the previous equations, and are given
by

(9)

(10)

(11)

Equations (5) and (11) clearly describe the behaviors of the
two linearization mechanisms. The closed-loop gain of the FB
system in (4) approaches the FB loop gain only when the
loop gain . However, the gain of the FBPD system in
(10) is for any loop gain when , as well as for large
loop gain . Since the gain is determined by , fluctua-
tion in the forward path does not appear at the output. Therefore,
the FB systems are independent of PA variation due to temper-
ature drift, supply fluctuation, aging, and so on. The distortion

of the FB system is suppressed by an amount equivalent to
the GR factor, due to the negative FB effect. The distortion of
the FBPD system is suppressed by the FB and the PD effects.
However, the distortion can be removed completely, without the
help of the FB linearization, by the PD effect with , which
represents an accurate error signal extraction and feeding to the
amplifier. On the other hand, the error in the FB circuit of ei-
ther system cannot be suppressed and is forwarded to the output
since the gains for and are identical.

B. DFB and DFBPD Algorithms

In [22], the FBPD architecture and the digital LUT method
were combined to create the DFBPD technique. In this paper,
the DFB technique is developed to analyze and compare with
the linearization mechanisms of the DFBPD technique. The pro-
posed DFB and DFBPD systems are shown in Fig. 2. The gray
lines illustrate the FB signal extraction loop as a function of

in Fig. 2(a) and in
Fig. 2(b), following the circuits in Fig. 1. In these two tech-
niques, the first step is the PA modeling using the input and mea-
sured output signals of the amplifier, similar to the conventional
DPD technique. The measured open-loop PA characteristic is
transformed to a closed-loop system by FB signal injection from
the LUT. The training sequence of the LUT is similar to the
DPD technique. The LUTs of the systems are slowly adapted.
However, the FB signal data in the LUT can be supplied to the
system very quickly in real-time operation, delayed only by the
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Fig. 2. Simplified block diagram of (a) a DFB system and (b) a DFBPD system.
The gray line illustrates the FB signal extraction loop as a function of ��� �
�� �� ���� and ��� � ����, respectively, following the circuits in
Fig. 1.

data-memory access time. Therefore, the FB technique based
on the LUT approach in the digital domain can overcome the
bandwidth limitation and eliminate the out-of-band oscillation
problem related to the loop delay, which are serious shortcom-
ings of the FB architecture presented in [7], and [25]–[27].

The operating principle of the simplified DFB system block
diagram shown in Fig. 2(a) is similar to the analog FB tech-
nique described in the previous section. The difference is that,
here, the FB signal stored in the LUT is addressed in the digital
domain according to the baseband signal. The input drive is in-
creased by to maintain the same input and output
powers. The DFB algorithm consists of the following process.
First, it sets the LUT initial value to the zero vector for a training
sequence with samples . Then, the FB signal,
which is equal to the amplified source signal, is fed to the ampli-
fier. Next, the FB output signal is stored in the LUT as a function
of the input. After storage, the new FB input signal is generated
by subtracting the LUT signal from the source signal, and the
resultant signal is fed to the amplifier. This process is iterated
several times until it converges. This algorithm can be written
as

(12)

(13)

with

(14)

(15)

where is the FB signal, is the input source
signal, is the LUT signal, is the
output signal of the DFB system, is the FB path gain, and

is the iteration number. The FB path gain is composed
of the open-loop gain of the amplifier and FB factor .
The FB signal includes the input signal, out-of-phase distortion
signal, and error of the detection loop, as described in (3). The
system should have a large GR to improve the distortion-correc-
tion capability and system tolerance.

The DFBPD algorithm for the simplified DFBPD system
block diagram in Fig. 2(b) is similarly expressed as

(16)

(17)

with

(18)

(19)

where is the FB signal with PD,
is the LUT signal, is

the FB path gain, and is the FB factor. Here,
is added to the input, similar to the

DFB technique. The DFBPD algorithm corrects distortion
mainly by the PD effect, with further enhancement by the FB
effect. In the digital domain, the algorithm can accurately and
quickly compensate the nonlinear characteristics because the
cancellation path gain term in (10) can be accurately adjusted
to one. Moreover, the system becomes immune to PA variation
due to temperature drift, supply fluctuation, aging, and so on,
because the system gain is independent of the forward-path
gain, as described in (11).

In the DFB algorithm, the loop gain should be
increased to properly suppress the distortion; therefore,
should be a large value. However, in the training sequence
of this algorithm, a that is greater than one causes
an oscillation because the output depends on the
open-loop gain of the measured PA during the first few samples
of the transient training sequence. In other words, the algorithm
diverges for , and a stable operation is only possible
for

(20)

The maximum GR of the DFB algorithm can therefore not ex-
ceed 6 dB because the closed-loop voltage gain in (4) is applied
for (The closed-loop gain is
from (4) so that the GR value becomes approximately 6 dB
for ). The FB of the DFBPD algorithm is also limited,
similar to the DFB algorithm, because the output
depends on the open-loop gain of the PA during the first few
samples of the training sequence. In the case, the
gain is not reduced, and the algorithm diverges when

. The stability condition is given by

(21)
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Fig. 3. Simplified block diagram of (a) an iterative DFB algorithm with a large GR and (b) a DFBPD algorithm combined with the iterative DFB algorithm.

The maximum FB amount also cannot exceed 6 dB (The closed-
loop gain is from (11) so that the GR
value becomes approximately 6 dB for ). As a
result, the DFB and DFBPD algorithms cannot obtain a large
GR value due to the convergence problem. Thus, we propose
new DFB and DFBPD algorithms with a large GR of more than
6 dB in the next section.

C. DFB and DFBPD Algorithms With a Large GR

Fig. 3(a) shows a simplified block diagram of the proposed
DFB algorithm with a large GR. The limited GR of the DFB al-
gorithm mentioned in the previous section can be overcome by
developing an iterative FB algorithm that successively reduces
the gain to give a large cumulative GR. During the iterative oper-
ation, in the LUT bank are initialized
as zero vectors, and the first DFB algorithm constructs ,
maintaining the condition of (20). In this process,
the FB signal is equal to due to the
initial LUT condition, and this signal is fed to the amplifier. In
the next step, the FB signal of the first FB loop in-
stead of the source signal is applied as the input signal
for the second iteration. The second LUT is built re-
sulting in a cumulative GR amount of . At the
th iteration, all LUTs are constructed, and the process is con-

tinued until the cumulative GR is sufficient. Here, the FB sig-
nals can be written
as follows:

(22)

(23)
...

(24)

The final cumulative GR value becomes , re-
alizing a large GRFB system. As an example, for the iterative
DFB algorithm with and three iteration , the
final cumulative GR is about 16.7 dB (the closed-loop gain of
this algorithm is so that the GR value
becomes approximately 16.7 dB).

The successive GR algorithm is also applied to the DFBPD
algorithm, as shown in Fig. 3(b). The FB signal of the DFBPD
algorithm with the cumulative GR amount of
is given by
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where

...

As indicated in the previous equations, the FB signal includes
the PD signal as well as the FB signal with large cumulative GR.
As an example, for the DFBPD algorithm with
combined with the iterative DFB algorithm with
and three iterations , the cumulative GR is about

16.7 dB, and an accurate FB signal is additionally generated
by the PD effect [the closed-loop gain of this algorithm is

] because the FB effect of the algorithm
is caused by the iterative DFB algorithm). These algorithms
are used to investigate the system performance according to
the linearization mechanisms of the adaptive DFB and DFBPD
techniques in Sections III and IV.

III. SIMULATION RESULTS

System simulations were conducted to investigate the perfor-
mance of each algorithm. These simulations were based on an
equivalent model that includes the nonlinear characteristics and
variations of the amplifier and were carried out using MATLAB.
For the simulations, a class AB amplifier with low memory
effects was implemented using a Freescale MRF5S21090
LDMOS with a 90-W peak envelope power (PEP) [28] and
modeled for the AM/AM and AM/PM nonlinear characteristics
using the weighted polynomial-function technique [29]. The
open-loop gain of the amplifier was 56.8 dB. The conver-
gence characteristic of the DFB algorithm is shown in Fig. 4(a).
Thus, the FB path gains of the iterative DFB algorithm
were adjusted to a of 0.9, which means that the successive
GRs of the first, second, and third iterations were about 5.6,
11.2, and 16.7 dB, respectively. For the DFBPD algorithm, the
convergence characteristic is shown in Fig. 4(b), and
is set to one. The GR was adjusted to either 0 or 16.7 dB.
The modulated input signal is an 802.16e mobile Worldwide
Interoperability for Microwave Access (WiMAX) signal with a
10-MHz bandwidth and an 8.5-dB PAPR at the 0.01% level of
the complementary cumulative distribution function. The algo-
rithms have two LUTs, each with 256 entries for the AM/AM
and AM/PM distortions.

Fig. 4. Simulated convergence characteristics. (a) DFB algorithm. (b) DFBPD
algorithm.

A. Linearization Behavior for the FB and FBPD Effects

Error-correction tests for the DFB and DFBPD algorithms
were performed for an ideal case with no system error. The pre-
distorted signals for each algorithm, together with the output of
the amplifier before correction, are shown in Fig. 5. The signals
are predistorted more accurately to suppress the distortion as
the gain is decreased. The DFBPD algorithm delivers perfectly
predistorted signals for both and 16.7 dB cases. Fig. 6
illustrates the AM/AM and AM/PM characteristics of the ampli-
fier linearized by the algorithms. As the FB effect increases, the
AM/AM and AM/PM nonlinear characteristics are reduced. The
DFBPD algorithm completely compensates for the AM/AM and
AM/PM nonlinear characteristics for both and 16.7 dB.
Fig. 7 shows the power spectral densities of the output signals
after linearization by the algorithms. The linearization of the
DFB algorithms improves as the FB increases. However, high
linearity is difficult to achieve using only the FB because of a
large gain loss. The DFBPD algorithm can deliver high linearity
due to accurate PD without using FB with a large GR, indicating
that the PD effect is dominant over the FB effect. The simulation
results are summarized in Table I. The adjacent channel leakage
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Fig. 5. Simulated output and predistorted signals. (i) Normalized output signal.
(ii) DFB signal with 5.6 dB GR. (iii) DFB signal with 11.2 dB GR. (iv) DFB
signal with 16.7 dB GR. (v) DFBPD signal with either 0 or 16.7 dB GR.

Fig. 6. Simulated (a) AM/AM and (b) AM/PM output characteristics after DFB
and DFBPD linearization. (i) Without linearization. (ii) DFB linearization with
5.6 dB GR. (iii) DFB linearization with 11.2 dB GR. (iv) DFB linearization with
16.7 dB GR. (v) DFBPD linearization with either 0 or 16.7 dB GR.

ratio (ACLR) is measured at 7.144-MHz offset, and the relative
constellation error (RCE) is (error vector magnitude).

Fig. 7. Simulated 802.16e mobile WiMAX signal spectra before and after lin-
earization. (i) Without linearization. (ii) DFB linearization with 5.6 dB GR. (iii)
DFB linearization with 11.2 dB GR. (iv) DFB linearization with 16.7 dB GR.
(v) DFBPD linearization with either 0 or 16.7 dB GR.

TABLE I
SIMULATED LINEARIZATION PERFORMANCE FOR AN 802.16E

MOBILE WIMAX SIGNAL UNDER IDEAL CONDITIONS

B. Effect of Amplifier Variation

As indicated in the previous section, the DFB and DFBPD al-
gorithms can deliver better tolerance to forward-path variations.
This is very advantageous because PAs are sensitive to temper-
ature drift, supply fluctuation, amplifier aging, and so on. Thus,
the linearization performance was investigated according to the
gain variation through system simulations consisting of several
steps. First, the DFB and DFBPD algorithms constructed the
LUTs before the variation occurred. Nonlinear distortions of
the amplifier were linearized by the algorithms, as described
in the previous section. Next, the AM/AM and AM/PM non-
linear characteristics of the amplifier were changed to repre-
sent the amplifier variation with gain fluctuations of 0.4 and

0.8 dB. When this variation occurred, the linearity of the am-
plifier degraded for the previous FB signals. Then, the LUTs
were adaptively updated for the changed amplifier signals while
maintaining the same GR values of the algorithms. Finally, the
amplifier was linearized by applying the changed FB signal.

The simulated results are summarized in Tables II and III,
which can be compared with the linearization performance in
Table I. The gain variations are reduced in the DFB algorithm as
the GR is increased. The DFBPD algorithms with and without
the GR maintain constant gain, as expected from (11). More-
over, it is shown that the algorithms can operate properly in the

Authorized licensed use limited to: POSTECH. Downloaded on February 18,2010 at 09:32:24 EST from IEEE Xplore.  Restrictions apply. 



KIM et al.: ANALYSIS OF ADAPTIVE DIGITAL FEEDBACK LINEARIZATION TECHNIQUES 351

TABLE II
SIMULATED LINEARIZATION PERFORMANCE FOR AN 802.16E MOBILE WIMAX

SIGNAL UNDER THE CONDITION OF �0.4 DB GAIN VARIATION

TABLE III
SIMULATED LINEARIZATION PERFORMANCE FOR AN 802.16E MOBILE WIMAX

SIGNAL UNDER THE CONDITION OF �0.8 DB GAIN VARIATION

face of amplifier variations, although the linearization perfor-
mance is slightly degraded in the DFB algorithms but not in
the DFBPD algorithm. These results indicate that the adaptive
DFBPD algorithms are independent of forward-path gain vari-
ation and only depend on the FB path gain , as men-
tioned in Section II-A, which is a significant advantage for real
field applications.

These simulation results show that the adaptive DFBPD al-
gorithm can ideally achieve excellent linearization performance
with constant gain in a reasonable PA environment, regardless of
the GR factor. In addition, this fact indicates that the PD effect
in the DFBPD algorithm is dominant over the FB effect, being
capable of achieving good linearization performance in various
environments.

IV. EXPERIMENTAL RESULTS

Fig. 8 shows a block diagram of the experimental setup. An
Agilent Advanced Design System using an electronic signal
generator and vector signal analyzer (ADS-ESG-VSA)-con-
nected solution was used for the test [30]. Linearization by the
FB and PD effects of the DFBPD technique were investigated
by employing the 802.16e mobile WiMAX signal used in
the system simulation. The developed algorithms have two
256-entry AM/AM and AM/PM LUTs, which are programmed
in MATLAB using both the DFB and DFBPD algorithms. Here
the actual 90-W PA that was modeled in Section III is used,
and the linearization capabilities of the algorithms were eval-
uated only for the memoryless nonlinear characteristics of the
amplifier.

Fig. 9 shows the measured amplitude and phase character-
istics of the predistorted signals constructed by the DFB and
DFBPD algorithms. As described in Section III-A, the input

Fig. 8. Block diagram of the experimental setup for linearization test.

Fig. 9. Measured (a) amplitude and (b) phase characteristics of predistorted
signals. (i) DFB linearization with 5.6 dB GR. (ii) DFB linearization with 11.2
dB GR. (iii) DFB linearization with 16.7 dB GR. (iv) DFBPD linearization with
either 0 or 16.7 dB GR.

signal levels are adjusted by the GR factor of the DFB algorithm
to get the same output power, and the error signal is negatively
fed back to cancel the distortion of the amplifier. The predis-
torted input signal is further expanded for a large GR in Fig. 9(a).
The predistorted signals generated by the DFBPD algorithm
with 0 or 16.7 dB GR factor are identical, and they are the perfect
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Fig. 10. Measured 802.16e mobile WiMAX signal spectra before and after the
successive DFB and DFBPD linearizations. (i) Without the linearization. (ii)
DFB linearization with 5.6 dB GR. (iii) DFB linearization with 11.2 dB GR.
(iv) DFB linearization with 16.7 dB GR. (v) DFBPD linearization with either 0
or 16.7 dB GR.

PD signals to linearize the amplifier distortion. Fig. 10 shows the
measured output signal spectra for the predistorted signals at an
average output power of 40 dBm. The out-of-band distortion is
further suppressed by increasing the GR factor of the DFB algo-
rithm. The ACLR at an offset of 7.144 MHz for the DFB algo-
rithm with 16.7 dB GR is 51.6 dBc, which is an improvement
of 13 dB. The ACLR with the DFBPD algorithm with or without
GR is 56.5 dBc, an improvement of 17.9 dB. Fig. 11 shows the
measured constellation diagram of the 802.16e WiMAX signal
at the same average output power. The in-band distortion is also
further suppressed by increasing the GR factor of the DFB al-
gorithm. The RCE for the DFB algorithm with 16.7 dB GR is

44.3 dB, and for the DFBPD case, is 45.9 dB, which is an
improvement of 11.9 dB. The measurement results are summa-
rized in Tables IV and V.

The experimental results show that the DFBPD algorithm can
successfully linearize nonlinear distortion, following the anal-
ysis described in Sections II and III. The powerful linearization
capability is due mainly to the PD effect, and the FB effect can
be ignored due to the accurate error extraction.

V. CONCLUSION

This paper has analyzed the linearization mechanism of the
DFBPD technique, which is based on FB and PD effects, and has
compared it with the DFB technique. The DFB technique fol-
lows the well-known linearization performance of analog FB.
The DFBPD algorithm can create a perfect PD signal without
the help of the FB effect, providing a powerful linearization.
Moreover, the gain of the DFBPD algorithm only depends on the
FB path gain, suppressing amplifier-gain fluctuations caused by
temperature variation or aging. This is a significant advantage in
real field operations. The linearization effects have been tested
using a class AB amplifier with 90-W PEP. Increasing the gain
factor improves the linearization of the in-band and out-of-band
distortion of an 802.16e mobile WiMAX signal; the DFB algo-
rithm with 16.7 dB GR has an ACLR and RCE of 51.6 dBc and

44.3 dB, respectively, at an average output power of 40 dBm.
The FBPD algorithm delivers better linearization performance,

Fig. 11. Measured constellation diagrams. (a) Without linearization. (b) DFB
linearization with 16.7 dB GR. (c) DFBPD linearization with either 0 or 16.7
dB GR.

with an ACLR of 56.5 dBc and RCE of 45.9 dB at the same
average output power. We conclude from the simulation and ex-
perimental results that the PD effect of the DFBPD algorithm
can deliver a good linearization performance with high system
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TABLE IV
MEASURED LINEARIZATION PERFORMANCE AT AN AVERAGE OUTPUT POWER

OF 40 DBM FOR AN 802.16E MOBILE WIMAX SIGNAL

TABLE V
PERFORMANCE COMPARISON BETWEEN DFB AND DFBPD

TECHNIQUES AT AN AVERAGE OUTPUT POWER OF 40 DBM FOR

AN 802.16E MOBILE WIMAX SIGNAL

tolerance. We believe that the DFBPD algorithm without any
GR is a very useful and powerful technique for linearizing cur-
rent and next-generation base-station transmitters.
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