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Abstract—We have developed a new adaptive digital predis-
tortion (DPD) linearization technique based on analog feedback
predistortion (FBPD). The lookup-table-based feedback input can
remove the bandwidth limitation of the feedback circuit related
to the loop delay, and suppress feedback oscillation by accurate
digital control of the feedback signal. Moreover, the predistortion
(PD) signal can be extracted very efficiently. By combining the
feedback linearization and DPD linearization techniques, the per-
formance of the predistorter is enhanced significantly compared
to the conventional DPD. To clearly visualize the characteristics of
digital FBPD (DFBPD), we have compared it to the conventional
DPD based on the recursive least square algorithm using MATLAB
simulation. The results clearly show that the new method is a
good linearization algorithm, better than a conventional DPD. For
the demonstration, a Doherty power amplifier with 180-W peak
envelope power is linearized using the proposed DFBPD. For a
2.14-GHz forward-link wideband code-division multiple-access
signal, the adjacent channel leakage ratio at 2.5-MHz offset is
—58 dBc, which is improved by 15 dB at an average output power
of 43 dBm.

Index Terms—Digital feedback predistortion (DFBPD), digital
predistortion (DPD), feedback predistortion (FBPD), lineariza-
tion, lookup table (LUT), power amplifier (PA), quantization,
recursive least square (RLS), wideband code division multiple
access (WCDMA).

I. INTRODUCTION

URRENT wireless communication systems, such as code
division multiple access (CDMA)-2000, wideband code
division multiple access (WCDMA), orthogonal frequency di-
vision multiplex (OFDM), etc., transmit nonconstant envelope
signals to efficiently use the limited frequency resource. These
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modulated signals vary rapidly and have high peak-to-average
ratio (PAR). The power amplifiers (PAs) for these systems re-
quire high linearity to amplify the signals without distortion.
However, due to the high PAR, the PAs operate at a large backoff
power level to achieve the linearity and, therefore, have low ef-
ficiency. In order to increase the efficiency, the PAs have been
operated at a higher power level and various linearization tech-
niques, such as feedback, analog predistortion (PD), and feed-
forward, have been adopted to enhance the linearity [1]-[7]. Itis
difficult to employ these RF linearization techniques as a com-
plete transmitter for a base station due to the complicated cir-
cuits and/or insufficient linearization.

A promising technique to remove the drawbacks of the
RF linearization technique is, undoubtedly, digital predistor-
tion (DPD) using a digital signal processor (DSP). The DPD
based on error feedback correction is a powerful linearization
technique because it has the nature of a manageable digital
operation, and the error correction is insensitive to amplifier
variations, such as temperature, supply voltage, and device
variations, as well as nonlinear characteristics of the PA.
Among the DPD linearization techniques, the lookup table
(LUT)-based DPD has been widely used because it is relatively
simple and easily implemented to build the inverse function of
PAs [8]-[15]. In the PD algorithms that provide as the inverse
function of the amplitude and phase distortions (AM/AM and
AM/PM) generated by the PAs, the basic and most important
issue is that the estimation error, the difference between the
desired and the estimated values, should reach the minimum
value for a given input signal. This value can be obtained by
applying successive iterations to minimize the estimation error
using least mean square (LMS) or recursive least square (RLS)
in direct or indirect architectures [14], [15].

In this paper, we propose a new digital adaptive PD technique
by employing analog feedback predistortion (FBPD) theory in
the digital domain. The analog FBPD linearization method can
accurately extract the PD signal and enhance the tolerance of
the intermodulation (IM) distortion cancellation by the feedback
linearization, as reported by our group [16]. The critical prob-
lems of FBPD are the operation at bandwidth limitation caused
by the loop delay, and an oscillation tendency caused by the
feedback nature. By employing a digital LUT technique, these
limitations can be overcome, while maintaining the advantages
of the feedback circuit. Moreover, FBPD can enjoy the abundant
merits of the DPD. In the linearizer, the main signal, as well as
the error, are fed back, suppressing the open loop gain. We be-
lieve that this is the first report of PA linearization using PD
and feedback techniques together in the digital domain, which
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eliminates the problems of the RF feedback circuit. As a result,
the distortion correction of the PD is carried out by the DPD
and further enhanced by the feedback linearization. Compared
to conventional DPD, the IM cancellation tolerance is enhanced
by a factor of the gain compression of the feedback circuit, and
the error extraction algorithm is very simple.

The remainder of this paper is organized as follows. Section II
describes the DFBPD architecture and algorithm based on the
RF FBPD theory. In Section III, we present a full analysis
of the linearization performance and tolerance of the DFBPD
technique using MATLAB simulation. This includes: 1) con-
vergence behavior; 2) system tolerance; 3) effects of detector
errors; 4) modulator errors; 5) loop delay mismatches; and
6) analysis of quantization errors with various bit widths. To
clearly visualize the characteristics of the DFBPD, we have
compared it to conventional DPD based on the RLS algorithm
using a single-carrier WCDMA signal. In Section IV, we have
experimentally verified that DFBPD is a good linearization
technique, and explored some of its important characteristics.
Finally, conclusions are drawn in Section V.

II. OPERATION OF DFBPD

A. FBPD Technique

Fig. 1(a) shows a simplified block diagram of the RF FBPD
presented in [16]. The system consists of three blocks, i.e.,
“feeding block,” “cancelling block,” and “main amplifier
block.” In the cancelling block, the error signal of the amplifier,
e(t) is extracted from the main amplifier output, y(¢) by elim-
inating the estimated input signal component to the amplifier
u(t). The PD signal, which is suitable for linearizing the main
amplifier is extracted. The predistorted signal is fed back to the
input of the main amplifier by the feeding block. The cancelling
loop is similar to the feedforward main signal cancelling loop.
In the frequency domain, the input signal X, the predistorted
signal U, the PD signal F, the distortion of the amplifier X4,
the error of the detection loop X¢, and the output signal Y of
the FBPD system are expressed as

U=X+E
E=G, - U-G,-Y — X

Y =G, U+ X4 (1)

where GG, is the complex signal gain of the cancellation block,
G, is the complex signal gain (open loop) gain of the main
forward path, and G, is the complex signal gain of the feedback
path, as shown in Fig. 1(a). The capital letters denote frequency-
domain representation of each signal.

From the above equations, U and Y are given by
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Fig. 1. Simplified block diagrams of: (a) analog feedback predistorter and
(b) digital feedback predistorter.
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In (2)—(4), the first term is the fundamental signal amplifi-
cation, the second term is the IM signal cancellation, and the
third term is the feedback loop distortion. The approximation (4)
clearly shows the feedback operation of the system; the overall
gain of the FBPD, G'pp, is determined by the feedback loop gain
only, i.e., 1/G,, which is independent of the amplifier gain fluc-
tuation due to temperature variation, etc. The (1 — G,,) term
indicates that the PD signal is extracted from the loop and is in-
jected into the main amplifier. For accurate PD, G, should be
adjusted close to the 1. The IM component is further suppressed
by a factor of closed loop gain G, - G, due to the negative feed-
back operation. Therefore, the system is called FBPD. However,
the detector circuit error X is forwarded to the output, and sig-
nificant improvements of the error are not effected compared to
the conventional DPD algorithm.

The structure of the proposed DFBPD, shown in Fig. 1(b),
is the same as analog feedback, except that the feedback signal
e(t) in the cancellation loop constructs a LUT in the digital do-
main, and the gain factors G, and G, of the signal cancelling
and feedback paths are adjusted by the DSP instead of using
vector modulators (VMs) in the RF domain. The PD signal is ex-
tracted directly from the LUT, which has been updated using the
error signal extracted at the signal cancellation loop beforehand.
Thus, the time delay through the loop is eliminated, and the
bandwidth limitation does not exist. The oscillation tendency
of the feedback circuit can be suppressed easily by digital con-
trol of the feedback component. Moreover, the abundant advan-
tages of the FBPD circuit mentioned above can be utilized for
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Fig. 2. Equivalent structures of: (a) conventional DPD and (b) DFBPD lin-
earizers.

the linearization. The distortion correction of the PD is carried
out by the DPD and further enhanced by the feedback lineariza-
tion. Another merit of the DFBPD is rapid convergence due to
efficient PD signal extraction by the feedback circuit, and the
initial condition for the PD signal has little effect on the conver-
gence behavior. To validate the expected performances of the
DFBPD, we have compared it to the conventional PD using ex-
tensive simulations, which will be presented in Section II-B.

B. Equivalent Models and Adaptive Algorithms

Fig. 2(a) and (b) shows the equivalent models of the conven-
tional DPD and proposed DFBPD. Each model includes sev-
eral error models for the detector, a modulator, a delay mis-
match block, a PD signal error, and quantizer blocks to test
performance and check tolerances under various conditions. As
shown in Fig. 2, the additive white Gaussian noise (AWGN) and
third-order nonlinear elements Gn(-) are used as error sources
for the detection and modulation parts, modeling the thermal
noise and mixer nonlinearity, respectively. The delay mismatch
blocks are added to represent the overall loop delay mismatches.
The quantizer blocks are also included to analyze the quantiza-
tion errors of the source signal, LUT, and PD output.

The DPD employs the RLS adaptive algorithm to extract the
error signal to provide fast convergence [17]. The extracted error
signal is stored into a LUT, and a stored value multiplies the
input signal to generate a PD signal. For the FBPD, we can di-
rectly extract an accurate error from the feedback loop (cancella-
tion loop), and the error signal is stored into the LUT. The stored
error signal is then added to the input as a PD signal without any
loop delay.

The PD signal generation and the adaptation algorithms of
the DFBPD are quite different from the conventional DPD. The

RLS adaptive algorithm is initialized by

A

WO)=[111...11" 5)
P0) =611 (6)

where 6 is a small positive constant, W (0) is a K x 1 vector,
where K is the size of the LUT, and [ is the K X K identity

matrix. Next, for each time, n = 1,2, ..., computed as
w(n) = P(n — 1)vm(n) @)
_ m(n)
Ko () = S ey ®
Va(n)

e = Um - = 9
ve(n) =vm(n) Gon )
W(n) =W(n—1)+ K,(n)v*(n) (10)

P(n) =A"1P(n—1) = A 'K, (n)vE(n)P(n —1) (11)

where \ is the forgetting factor (a scalar value) and P(n) is a
K x K matrix. Both (n) and K, (n) are the K X 1 matrices. The
LUT is constructed and updated by each successive iteration.
On the other hand, the DFBPD algorithm is very simple and
expressed as

W(n) =ve(n — 1) = va(n —1) — ”g—P;l)

n=123,... (12)
where vq(n) is the predistorted input signal, v,(n) is the final
output signal, and G'pp, is the overall PD system gain. The LUT
is constructed by this error signal v.(n).

III. SIMULATION RESULTS

We have carried out system simulations based on the equiv-
alent models to evaluate the linearization performance of the
PDs using MATLAB simulation. The nonlinear PA is modeled
from the AM/AM and AM/PM conversion of a Freescale 21030
LDMOS amplifier using a fifth-order polynomial function. The
AM/AM conversion gain G,,, and the PD system gain Gpp are
adjusted to 44.2 and 42.25 dB, respectively, which is approxi-
mately 2-dB gain suppression by the feedback loop. The mod-
ulated input signal is a single-carrier forward WCDMA signal
with a 3.84-MHz chip rate and 9.8-dB PAR at a 0.01% com-
plementary cumulative distribution function (CCDF), which is
generated by using the 3GPP WCDMA library of Agilent’s
Advanced Design System (ADS). A monotonically increasing
signal from the minimum to maximum range of the input signal
is used as a training sequence to find the optimum PD LUT.

A. Convergence Behavior

Convergence tests for the DFBPD and DPD are carried out for
an ideal case with no system error. Fig. 3(a) shows the residual
output error as a function of the number of iterations for each al-
gorithm, showing much fast convergence for the DFBPD. Only
eight iterations are sufficient for the DFBPD to suppress the
spectral regrowth of the amplifier to the source signal level,
while approximately 30 iterations are required for the conven-
tional DPD. Fig. 3(b) shows the power spectral densities (PSDs)
of the output signals and residual errors of the DPD and DFBPD
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Fig. 3. (a) Comparison of the convergence behaviors. (b) PSDs of the error and
output signals.

after convergence (DFBPD case: eight iterations, conventional
case: 30 iterations). The PSD of the residual error of the DFBPD
is much lower than that of DPD. These results are expected from
the error cancellation mechanisms of the two PDs.

B. System Tolerance to Error

A PD linearization system is often confronted with unwanted
situations such as errors from the PD signal generation, power
level, or ambient temperature variations, etc. These unwanted
variations reduce the cancellation level of the distortion signal.
Since the DPD extracts the error signal v, from perfect main
signal cancellation for the LUT, the PD gain variations produce
cancellation errors. However, the DFBPD is not affected by the
unwanted gain variation due to sufficient compensation by the
cancelling loop. Thus, the FBPD technique has better cancella-
tion tolerance to error than the DPD. To check the system error
tolerances of the two PDs and verify the superior system error
tolerance of the proposed FBPD, we have perturbed the ampli-
tude and phase of the predistorted signal in the analog domain
(vq_rr in Fig. 2), imitating the system errors; i.e., the perturbed
PD input signal is expressed as

vg_rr = @ - [va_RF|L(va_rE + ) (13)
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Fig. 4. Comparison of residual error powers under: (a) amplitude and (b) phase
errors of predistorted input signals in analog domain (v} ).

where o and /3 are the amplitude and phase error factors, respec-
tively. The residual error powers versus the amplitude and phase
errors are simulated, and the results are shown in Fig. 4. The
residual error power is the average of final output error powers
across the overall simulated band. The PD LUTs used in this
simulation are fully converged to the minimum residual error.
The residual error power of the DFBPD is much lower than that
of the DPD at all simulated amplitude and phase error levels, and
the differences of the two become larger as the error levels are
increased. The results show that the DFBPD has a high cancel-
lation error tolerance, effectively nullifying the system errors.
For this simulation, the 2-dB gain variation is reduced by feed-
back and this tolerance can be further enhanced with stronger
feedback.

C. Effect of Detector Error

As indicated earlier, the detector error affects directly the per-
formance of the overall linearization system. However, the algo-
rithms are different, and the linearization performance for the
same detector error is different for the two cases. To investi-
gate the responses, the linearization performance with detector
errors is also simulated. The two detector error sources, the
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AWGN and third-order nonlinearity, degrade the linearization
performance of the DFBPD and DPD in different manners. The
residual error power of the DFBPD depends linearly on the de-
tector signal-to-noise ratio (SNR), as shown in (14), where Net
represents the detector noise. The residual error in the DPD with
RLS algorithm is “filtered” by the gain vector K,, and multiplied
by input signal v, as shown in (15). The residual error power
of the DFBPD is given by

Gm
1-Gy)+ Gn(1/Gpp)

Ua,crr(n) = ( . Ndct ~ GPDNdct~
(14)
The residual error power of the conventional DPD is

va,err(n) = vam(n) Z K’U(m)NdEt(m)'

m=0

15)

In the case of detector error caused by AWGN only, the
residual error power of the DPD is lower than that of the
DFBPD in very noisy conditions (detector SNR below 50 dB)
due to the filtering effect, as shown in Fig. 5(a). However, as the
detector SNR rises above 50 dB, which can be easily achieved,
the linearization performance of the DFBPD improves over
that of the DPD. Fig. 5(b) illustrates the residual error power as
a function of the detector output third intercept point (OIP3).
For the third-order nonlinearity error, the two linearization
techniques show the same dependency on the error, but the
FBPD has approximately 5-dB lower value. This figure shows
that the error power of the final output signal is proportional to
the OIP3 of the detector; i.e., the nonlinearity of the detector
directly affects the linearization performance of the overall
PD system. The reason for the higher level of the DPDs error
power may be explained by the detector error transfer function
described in (15). While the detector error from AWGN mainly
affects the out-of-band signal level, the nonlinear error distorts
in-band signals. Since the in-band error power is much higher
than the out-of-band power and has a strong correlation with
the input signal v, the total error power becomes higher for
the DPD.

D. Effect of Modulator Error

We have simulated the linearization performance with errors
of the signal modulation (up-conversion) part. AWGN and third-
order nonlinearity are the modulator error sources, and the sim-
ulation method is similar to the detector error case. Fig. 6(a)
shows the residual error power versus the modulator SNR. At
SNR levels below 70 dB, the residual error powers of the con-
ventional and proposed PDs are similar because they are gen-
erated mainly by noise. However, as the SNR becomes larger
than 70 dB, the linearization performance of the DFBPD be-
comes better than that of the DPD due to the lower residual
error power at convergence for DFBPD [see Fig. 3(a)]. Fig. 6(b)
shows the residual error power as a function of the modulator
OIP3. The nonlinearity of modulator has no effect on the lin-
earization performance due to correction of the nonlinearity by
the PD linearizer. Without any other external errors, the error
power is independent of modulator OIP3, but the FBPD has
superior linearity (approximately 5 dB) due to its inherently
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Fig. 5. Comparison of residual error power under erroneous detection condi-
tions of: (a) AWGN and (b) third-order nonlinearity.

better linearity. In summary, the simulation results show that
the proposed DFBPD has superior linearization performance in
the face of modulator errors.

E. Effect of Loop Delay Mismatch

The two system diagrams represented in Fig. (2a) and (b) in-
clude additional delay blocks for the loop delay mismatch. The
loop delay can be caused by RF delay mismatch in the main
amplifier block, digital I/O (DAC and ADC) delay mismatch
between digital and analog interface, etc. As the loop delay mis-
match increases, the convergence behavior is obviously affected
and finally diverges. Fig. 7 shows the convergence behaviors of
the DFBPD and DPD as the delay error increases (d in Fig. 2,
defined as a fraction of the sampling period). The number of
iterations for convergence is smaller for the proposed PD than
that for the DPD at all simulated delay errors. The DPD also di-
verges much earlier (at d = 0.6). Thus, the DFBPD has higher
tolerance to loop delay mismatch.

F. Quantization Analysis

We have analyzed the effect of quantization errors of the
source signal, LUT, and PD output on the linearization. If the
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PD systems are ideal, i.e., the PD signal completely compen-
sates for the amplifier distortion, the output signal of the overall

937

amplifier will preserve the three quantization errors. The quan-
tization analysis is important because the optimum bit width for
a given linearization performance can be determined. We have
employed the quantization analysis method presented in [18]
with some modifications to suit the conventional and proposed
PD for WCDMA signal. The SNR and adjacent channel inter-
ference (ACI) for the quantized source signal are given by

SNR;, ~6.02b + 1.76 — 20log k (dB) (16)
2B,

ACL, = —3 17

fs . SNRin ( )

where b is the number of bits, k is the ratio of the peak ampli-
tude to the rms amplitude of the signal, fs is the sampling rate
(3.84 MHz for a single-carrier WCDMA source signal), and B.q
is the noise bandwidth (f5/2).

The average error power of the DPD by the quantized LUT is
expressed as

(Wk_DPD) Max
3. 2%

-{2|va|2 n

+2 |03, | cos [arg(G) — arg(G)] } (18)

2 _
OLUTi_.DPD —

2 12
v wy,_ppp G|

where G and G’ are the amplifier gain and its differential value,
respectively, and wy_ppp is the LUT output signal, as shown in
Fig. 2(a). Taking the modulation scheme into account, the total
average error power in the amplifier output becomes

1
2 2
OLUT_DPD = /pm(vm) * OLUTi_DPD%Vm (19)
0

where pp, (vm ) represents the probability density function (PDF)
for the modulation. The SNR of the conventional PD with a
quantized LUT is

0_2

—— (20)
0LUT_DPD

SNRrut_DPD =

where o2 is the total averaged signal power. The corresponding
ACI becomes

2B.,
fs - SNRrLur_pPD

ACILur_ppp = 2D

The average error power of the DFBPD with a quantized LUT
is similar to the DPD, which is given by

(wk_DFBPD)IznaX
3. 22

X {2|G|2+ |(wk_pFBPD +vm)G/|2

+2|G’| cos [arg(G") —arg(G)] } (22)

2 _
OLUTi_DFBPD —

where wy_prppp is the LUT output signal shown in Fig. 2(b).
By substituting (22) in place of (18) into (19), we obtain the
total average error power U%UT_DFBPD’ SNRLuT_DFBPD, and
ACI,ur_prepp of the DFBPD.
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The ACI for the PD output is similar to that of LUT. The
average error power of the DPD by the quantized output is given
by
1

2
m {2|G|2 + |Ur2nwk_DpDGl|

2 _
OPDouti_DPD —

+2|vn G| cos [arg(G') — arg(G)]}

(23)
from which the SNR and ACI can be calculated as
2
a
SNRpDout_DPD = 5———
OPDout_DPD
1 2
Pm (Vm )V, AV,
- fO . (24)
fo pm(vm>0PDo11ti_DPdem
2B.
ACIppout_DPD = = (25)

JsSNRpDout_DPD |

The average error power of the DFBPD by the quantized PD
output is given by

1 2
TP Douti_ DFBPD = 3. 9% {2|G|2 + |(wx_DFBPD + V)G

+2|G’| cos [arg(G') — arg(G)]} :
(26)

From the average error power (26), we can also calcu-
late the total average error power SNRppout_prapp and
ACIppout_prrpD Of the DFBPD.

Fig. 8 shows ACI levels for various quantization bit widths,
calculated based on the above ACI equations for the source
signal, LUT, and PD output of the conventional PD and pro-
posed PD. The ACI levels by quantization of the PD output are
similar for the two PDs. For the LUT quantization, the DFBPD
saves approximately 1 bit of bit width in comparison with the
conventional PD for the same ACI level. Since the average error
power (22) of the DFBPD does not have v2, and v3, terms, the
LUT quantization error of the proposed FBPD is less than that
of the conventional PD. Fig. 8 also shows that the bit width for
the source signal is the largest. Table I presents the quantization
bit widths of the source signal, LUT, and PD output required for

TABLE I
BIT WIDTHS IN THE DIFFERENT PARTS THAT RESULT IN
—70-dBc ACI CONTRIBUTION FROM EACH PART

quantization source | DFBPD DPD
source signal 12.3 bits | 12.3 bits
look-up table 9.4 bits 10.3 bits
PD output 11.4 bits | 11.3 bits

Vector Signal Generator
[ADS Signal Source Library| (ESG E4438C)
T lo 13 RF
> DpPD DAC Output
DUC MOD H
|| (ADS) |11,] DAC
Correction
Algorithm lomﬂzilixnemal Reference
(MATLAB)
1 VSA [T DE -
DDC
—ISoftwaree 4D vop
PC Spectrum Analyzer
(PSA E4440A)
DPD : Digital predistorter MOD : Modulator (freq up

)
DEMOD : Demodulator (frequency down converter)
ADC : Analog to digital converter
DAC : Digital to analog converter

DUC : Digtal up converter
DDC : Digtal down converter

Fig. 9. Experimental setup of the DPD and FBPD.

AH1x2ea FLL177  MRF21085
(Gp=20dB) (Gp=13dB) (Gp=13dB)
IN i OUTPUT
ol Dlgltal
Predistorter
MRF5S21090<2ea
Doherty Power Amplifier

(Gp=11dB)

Fig. 10. DPA module used for the DPD and FBPD.

the —70-dBc ACI level. The noise powers from the three quan-
tizations are added up and if the bit widths given in Table I are
selected, then the total ACI level is three times higher at approx-
imately —65.23 dBc.

IV. EXPERIMENTAL RESULTS

In order to validate the proposed DFBPD technique, we have
employed the ADS-ESG-VSA connected solution [19], shown
in Fig. 9, as an experimental setup for quick and exact veri-
fication, and used the Doherty power amplifier (DPA) module
shown in Fig. 10 with 180-W peak envelope power (PEP) and
20-W average power for a single-carrier forward-link WCDMA
signal. The main amplifier of the DPA module consists of two
Freescale MRF5521090 LDMOSFETS, and the uneven power
drive technique is applied to improve the performance [20].
The signal used is a 2.14-GHz forward WCDMA signal with
3.84-MHz chip rate and 9.8-dB PAR at 0.01% CCDF, gener-
ated using the 3GPP WCDMA library of ADS. The conven-
tional DPD and proposed DFBPD have two 256-entry AM/AM
and AM/PM LUTs, which are programmed by MATLAB using
the RLS and FBPD algorithms, respectively.

Fig. 11 shows the adjacent channel leakage ratio (ACLR) and
drain efficiency characteristics of the Doherty amplifier for the
WCDMA signal. These experimental results show that the Do-
herty amplifier has good linearity, as well as good efficiency,
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Fig. 11. Measured ACLR and drain efficiency performance of the DPA for a
forward WCDMA signal.
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Fig. 12. Measured single-carrier WCDMA spectra before and after lineariza-
tion of the DPD and FBPD at an average output power of 43 dBm. (a) Do-
herty amplifier without a digital predistorter. (b) Conventional digital predis-
torter. (c) Digital feedback predistorter.

and the amplifier is used to test the linearization performance of
each digital perdistortion technique. Fig. 12 shows the measured
spectra before and after linearization by the DPD and FBPD
for the WCDMA signal. The ACLRs at 2.5-MHz offset for the
two techniques are nearly the same, i.e., —58 dBc, which is an
improvement of 15 dB at an average output power of 43 dBm.
These experimental results demonstrate that the both PD tech-
niques can successfully compensate for the nonlinear character-
istics of the Doherty amplifier, following the analysis described
in Section III. In terms of the convergence speed, only three it-
erations are enough for the convergence of the DFBPD, while
ten iterations are required for the conventional DPD. Further-
more, the FBPD algorithm is much simpler than the RLS algo-
rithm of the conventional PD in terms of the complexity [see
(5)—(11) and (12)], reducing the required field programmable
gate array (FPGA) resources. We have not experimentally in-
vestigated all of the superior performance advantages yet (they
will be reported in the near future). However, the experimental
data shows that the DFBPD functions are as expected.
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V. CONCLUSIONS

We have presented a new DPD concept of DFBPD. By ap-
plying a digital LUT approach for the feedback loop, the opera-
tion bandwidth limitation and oscillation problems of the analog
FBPD have been solved. The DFBPD combines linearization,
by DPD and feedback, and the error tolerance is significantly en-
hanced. To test the linearization performance of the DFBPD, we
have simulated the PD and compared it to the conventional DPD
for the various factors that affect the PD performance (conver-
gence behavior, system tolerance to detector errors, modulator
errors, delay mismatches, and quantization errors with various
bit widths). Without any external errors, the DFBPD outper-
forms the DPD in convergence behavior and shows much lower
residual errors. The tolerance simulation shows that the DFBPD
technique is also superior compared to the DPD.

The proposed DFBPD and conventional DPD have been
tested using the DPA with 180-W PEP. For a 2.14-GHz for-
ward-link WCDMA signal, the ACLR at 2.5-MHz offset is
—58 dBc for both PDs, which is an improvement of 15 dB at
an average output power of 43 dBm. Only three iterations are
enough for convergence of the DFBPD, while ten iterations are
required for conventional DPD. Moreover, the FBPD algorithm
is much simpler than the RLS algorithm of the conventional PD.
Although we have not carried out extensive experimental veri-
fication, we conclude from these simulation and experimental
results that the new DFBPD technique has better tolerance to
error, faster convergence, and simpler structure compared to
the DPD. We believe that the DFBPD will be a good candidate
for the linearization of base-station transmitters.
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