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A Dual Frequency Predistortion Adaptive Sparse Signal Reconstruction Algorithm
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Abstract: To solve the problem of a high sampling rate in the dual-frequency power amplifier predistortion system, a dual frequency predistortion adaptive sparse signal
reconstruction algorithm is proposed. Firstly, a memory effect compensator based on piecewise polynomial model is adopted. The signal fusion is interpreted as the problem
of Compressed Sensing sampling reconstruction. In the predistortion feedback loop, the missing fifth-order and high-order cross-modulation signals are reconstructed
accurately by using the adaptive sparse algorithm. The minimum mean square solution of coefficient weight approximates the optimal value, and the acquisition error is
reduced to improve the linearization effect. The experimental results show that it is of great significance to reduce the sampling rate of dual band predistortion and improve

the linearity of power amplifier.
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1 INTRODUCTION

Intelligent, multi-frequency [1] and low energy
consumption of modern communication systems make the
efficient use of radio spectrum resources get more
attention. Digital Predistortion (DPD) [3] is a linearization
method of the Radio Frequency Power Amplifier (RF PA)
in the multi-carrier communication system. It has aroused
wide concern from domestic and foreign experts because
of its high precision and good stability.

In the research of dual-frequency digital predistortion
system [4], Roblin et al. of Ohio State University used the
Large Signal Network Analyzer (LSNA) to obtain power
amplifier parameters and extract predistorter coefficients,
and proposed a frequency selective predistortion structure
[5] in 2008. In 2012, Kim Jhwo and others extended the
predistortion structure to the fifth order [6], and achieved
ideal linearization effect. Cidronali of the University of
Florence applied an undersampling receiver in the
feedback loop and proposed an intermediate frequency
digital pre-distortion (IF-DPD) [7]. Bassam [8] and other
people performed nonlinear predistortion compensation on
two separated frequency bands, and proposed two-
dimensional digital predistortion. However, the sampling
rate of Analog-to-Digital Converter (ADC) is severely
limited in the feedback loop of a dual-frequency
predistortion system [9]. Compressed Sensing (CS) [10]
technology has been widely used in predistortion in recent
years, which can reduce the sampling rate on the RF front-
end effectively. CS theory is different from the traditional
Nyquist sampling theorem. In signal sampling, it is no
longer necessary to process all N-dimensional signals, but
to measure linearly with the M-dimensional observation
matrix which is much smaller than N.

In this paper, a dual-frequency under-sampling
predistortion system based on compressed sensing is
proposed. Firstly, a memory effect compensator based on
piecewise linear function dual-frequency power amplifier
predistortion model is established, and then the
compressed sensing adaptive sparse reconstruction
algorithm is applied to the predistortion system feedback
loop. The Information compression sensing sensor is
sampled in the predistortion feedback loop, and the fifth-
order and high-order intermodulation signals are
reconstructed by the APSP (Adaptive Sparse algorithm).

According to the characteristics of the feedback loop gnal
itself, the algorithm dynamically adjusts the sparsity
starting value and the step size to approximate the true
sparsity and then uses subspace pursuit. A tracking
algorithm is used to enhance the coefficient estimation
weight and improve the predistortion effect by reducing the
signal with high accuracy. According to the characteristics
of feedback loop signals, the algorithm dynamically
adjusts the initial value and step size of sparsity to
approximate the true sparsity. Then the subspace tracking
algorithm is used to restore the signal accurately, to
improve the coefficients estimation weight and the
predistortion effect. This method combines the low
complexity power amplifier model with the under-
sampling dual-frequency predistortion structure, which
reduces the sampling rate compared with the traditional
predistortion. Compared with 2D-Memory Polynomial
(2D-MP), 2D-Dynamic Deviation Reduction (2D-DDR),
and 2D-Canonical Piecewise Linear (2D-CPWL),
Normalized Means Squared Error (VMSE) increased by
about 2 — 3 dB. If the ACPR (Adjacent Channel Power
Ratio) needs to be improved to 49 dB, the output power
only needs to be back about 1 dB, closing to the ideal linear
power amplifier, which can be widely used in the
development of multi-band communication.

1.1 Power Amplifier Model and Five Order Equal High
Order Intermodulation Spectrum Analysis

The CPWL function can be used to accurately fit the
nonlinear behavior of strongly nonlinear systems [11-12].
When the memory effect is considered, the piecewise
linear function has the following expression [13].

M

>.5.x(n-1)-4,
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y(n)=2aix(n—i)+b+2b, (D
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x(n) and y(n) are input and output of nonlinear

systems respectively. a; , b, and O, are the
coefficients of piecewise linear functions. b stands for DC
bias and can be ignored in digital predistortion. Linear b
stands for DC bias and can be ignored in digital
predistortion. M represents the memory depth of the model,
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and R represents the segment number of the piecewise
linear function. 3. =7/R represents the threshold used to
define the boundary of piecewise linear functions.

According to reference [13], after the lattice is
segmented and the DC bias term is omitted, the Eq. (1) can
be transformed into a linear relationship between the output
and the coefficient:

M

M R
= Zaix(n—z +ZZb,
i=0

r=1i=1

ej H(nfi) (2)
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6(n—i) is the phase of x(n—i). x,(n-i)e!" and
x, (n—i)e!™" are defined as input signals of frequency
one and frequency two, respectively, with center
frequencies @ =27f, and @,=27f, assuming
(@>@) . x(n=i) and x,(n-
complex envelope of the base band. When
w=(o,

i) represents the

- ) / 2, the dual frequency baseband equivalent
signal in discrete time domain is shown below [14]:

x(n)=x(n)e /" +x,(n)e!"" 3)

where ¢ = nT, T is the sampling interval. Bring Eq. (3) into
Eq. (2):
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The input and output parameters of CPLW structure
are both real domains, but the signals transmitted in the
actual channel are complex signals. Therefore, the model
still has the problem of conversion into the numerical

domain. In Eq. (6), x(n—i) is a complex signal,
|x(n—i)| is the amplitude of the complex signal, and

@(n—i) is the phase information of the complex signal.

Although the model can accurately represent all the
information of the signal, the model is too complicated
because it involves the extraction and calculation of phase
information.

The phase information in Eq. (6) is removed, and the

x (n—i)e ™ +x, (n—i)e™™" is added to multiply the
polynomial. The structure contains phase information, so
the structure can represent the power amplifier model with

nonlinear and memory effects. The CPLW is modified to
eliminate the phase multiplied by the original input signal.

M .
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1.2 Nonlinear System Structure and Five Order
Intermodulation Signal

Fig. 1 is the structure of an indirect learning nonlinear
system [15]. Assuming that the transmission function of

the nonlinear system is W(ejw). The main path X, is

defined as the input signal of the nonlinear system. The
output of the nonlinear system is Y,. In the branch, the input

signal 0, ismy. After the output of the inverse model, the
coupling signal (d,, =X,,) is subtracted from m,. The

inverse model coefficients are optimized by using error e;.
In order to correct the power spectral density of the
equivalent nonlinear model of the power amplifier, that is,
the third and fifth order intermodulation are not correlated
with the input signal, the power spectrum of the input
signal of the inverse model is as follows:

Garoas ()7 () Gy () -G () ®)

The input power spectral density of the inverse model
is Gp .0, ( ) . The power spectral density of the missing
fifth-order  and
component is G, (ejw) .

equal-high-order  intermodulation
The W(ejw) is the
transmission function of the nonlinear system. The input
power spectral density of the nonlinear system is

jo
Gx1+x2 (e ) .

nonlinear system

&Z\ g E) Y

- an
m, INdel @ >
PE) N\

Figure 1 Adaptive system of the inverse model

In [15], the non-linear system is equivalent to the
modified linear system and the modified non-linear
system. Using the spectrum to demonstrate the ideal
acquisition of the high-order intermodulation signals, the
inverse model transfer function is approximated to the
optimal transfer function when the power spectral density

Gripy (ej”) is zero. However the bandwidth of the
feedback loop is limited, it is difficult to achieve ideal

acquisition. Therefore, Gfl f (eja’) is not zero, that is to
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say, in adaptive inverse simulation system, the missing
fifth-order equal-high-order cross-modulation component
will affect the minimum mean-square solution of the
weight [16]. Thus the optimal solution cannot be achieved.
With the acquisition error increasing, the effect of adaptive
predistortion will be worse. It can be seen that
reconstructing the missing fifth-order and higher-order
intermodulation signals in the feedback loop has a great
influence on the predistortion effect.

In addition, the requirement of the traditional digital
predistortion method for the sampling rate of ADC and
DAC is not only related to the bandwidth of the power
amplifier output signal at the carrier frequency of two sub-
bands, but also to the interval between two sub-bands. To
capture the fifth-order in-band intermodulation and cross-
modulation products, it is necessary to sample the signal

whose output bandwidthis (/> — f;)+5x1.2max (B, B,)

. Therefore, in order to improve the predistortion effect and
reduce the sampling rate, this paper proposes an
undersampled digital predistortion system with high
precision to reconstruct the missing fifth-order and the
high-order signals, that is, using compressed sensing
sampling in the predistortion feedback loop and (Adaptive

Sparse) APSP algorithm to reconstruct the fifth-order
intermodulation signal, which not only uses the
compressed sensing characteristics to reduce sampling rate
but also improves the precision of reconstructed signals to
enhance the weight of coefficient estimation and improves
the predistortion effect. In the Next section, this structure
is introduced in detail.

2 ADAPTIVE FUSION OF DOUBLE FREQUENCY POWER
AMPLIFIER UNDER SAMPLING PREDISTORTION

2.1 Adaptive New Undersampling Predistortion Model
Structure

Fig. 2 is an overall undersampled dual-frequency
predistortion structure, which consists of a dual-frequency
piecewise functional memory effect compensator and a
subsampled reconstructed feedback loop. The main
conversion process of the dual-frequency piecewise
function memory effect compensator is as follows: Its main
components can be divided into a predistortion simplified
model and a subsampled reconstructed feedback loop. The
core idea of the predistortion simplification model is to
combine a piecewise linear predistortion model with a
lookup table [16].
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Figure 2 Undersampled dual-frequency predistortion structure

Because both CPWL function [17] and a polynomial
function can be wused to describe the non-linear
characteristics of a power amplifier, it is assumed that
polynomial function can approximate CPWL function by
choosing the right of polynomial function, that is:

~
~

R
Z br,i
r=l1

x (n—i)e/" +x, (n—i)e/"

-5,|
9)

q

The combination of the Eq. (9) and the lookup table is
the Eq. (10), Fig. 2. In the solid box, the dual-frequency
piecewise function power amplifier model is combined
with the lookup table to simplify the coefficients. The
CPLU memory polynomial compensation model based on
the lookup table can be written as:

q

9 . |
Z Uq,i |X1 (n — l‘)e’/ff)’” + X, (}’l _ i)e](unr

0
: -1
zZUq’i‘xl(n—i)e I xy (n—i)e’ ™ ! ‘ ‘ (10)
i ~ LUT (| (n=i)e " 4 xy (n = 1))
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Among them, x (n—i)e”/”" +x,(n—i)e’*" and
y(n) are input signals and memory effect compensation
signals, J;(®) is a nonlinear function. U;; is the
coefficient of transmission function W;(e). Q is the

highest order of digital predistortion polynomial. M is the
length of memory effect.
The final formula combined with the look-up table is:
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The other parts of the formula mainly apply the
compressed sensing adaptive sparse reconstruction
algorithm to the feedback loop of the predistortion system.
In the predistortion feedback loop, compressed sensing
sampling is used, and the (Adaptive Sparse) APSP
algorithm is wused to reconstruct the fifth order
intermodulation signal. The input signal Q, of the dual
frequency power amplifier is divided by the coupler as
shown in Fig. 2, passing through the main path and branch
respectively. Input signal X,(1) on main path passes
directly into dual frequency power amplifier. On the
branch path, the signal reconstruction module based on
compressed sensing obtains the output signal of the power
amplifier in the under-sampling state, and reconstructs the
original signal X,(3) before the under-sampling. That is to
say, the filtered out-of-band fifth-order iso-high-order
intermodulation distortion signal is reconstructed after
passing through the signal reconstruction module. The
compressed sensing algorithm in the reconstruction
module adopts the (Adaptive Sparse) APSP algorithm. P is
defined as a Gauss matrix, Y,(2) is an under-sampled
output vector and Y.(3) is the fifth-order vector after
reconstruction. The algorithm estimates the sparsity

adaptively to achieve high-precision reconstruction when
the sparsity is unknown. Aiming at the dual-frequency
main signal, fifth-order and high-order out-of-band
modulation signal, this paper considers signal fusion as a
compression sensing problem, and reconstructs a complete
signal by APSP algorithm. This method not only shows the
undersampled predistortion structure, but also improves
the reconstruction accuracy of the fifth-order signals
outside the band. The effect of losing the fifth order
equivalent signal on the minimum mean square solution of
the weight in the identification algorithm is reduced, and
the effect of the adaptive sparse predistortion structure is
improved.

2.2 Signal Fusion and Adaptive Sparse Signal
Reconstruction
2.2.1 Signal Fusion

In fact, multi-band signal fusion [18] is the fusion of
continuous sampled signals of multi-frequency power
amplifier in the working frequency band. This paper
mainly focuses on the multi-frequency fusion of main
signals output by predistortion structure and random
sampling of all intermodulation signals in full band. It can
be regarded as a single-frequency power amplifier is the
fusion of sampled signals at a certain frequency point. If
there is a g band power amplifier, its working frequency
band sampling number is N, (frequency band does not
coincide), then for full-band random sampling, it is
equivalent to having N, single-band power amplifiers, and
each single-band power amplifier randomly picks a
frequency point in the full-band (sampling does not repeat),
so the two are essentially equivalent. The output signal
with the fifth-order intermodulation satisfies K-sparsity
and compressibility, and the full-band random sampling
number is less than the full-band sampling number, under
the circumstances that the sample matrix is random.
Moreover, the purpose of signal fusion is to recover the
full-band signal from fewer observations. Therefore, the
full band random sampling multi- frequency signal fusion
problem is equivalent to the compressed sensing [19]
problem. The missing out-of-band fifth-order and high-
order intermodulation signals are obtained by adaptive
sparsity reconstruction of the fused signals. The sampling
and reconstruction processes of compressed sensing are as
follows.

2.2.2 Adaptive Sparse Signal Reconstruction

In [20], the starting value of sparsity is set to (0 - 0.1)
M according to the reconstruction condition M >KlogN
(where M and N are rows and columns of measurement
matrix P and K is sparsity). The proposition is verified in
[21]: Let measurement matrix P satisfy RIP (Restricted
Isometry Property) finite isometric property with

parameter (K,0, ), that is, if P satisfies:

(1-8)|%, () <[Py, ) <1+,

AC) R

where Y,(2) is K sparse signal, if &, <1, then the

measurement matrix P satisfies K order RIP. If Ky, > K,
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that is, the estimate of sparsity is greater than the true value,

W )"2 1

established. Thresholds 77 and 7> are set in [23] to reduce
the energy difference to a faster and slower stage: greater
than T is the region with larger energy difference, that is,
when the energy difference between reconstructed signals

=

the condition HP 0 n “

AN

in two adjacent stages is ||¥,(2)-Y,(2)] >T;

2
Increasing step size reduces the reconstructed time. If the
energy difference is greater than 7> and less than 71, that is
to say, when the energy difference of the reconstructed

v, (21,1 (2)

stages, the step size is reduced and the reconstruction
accuracy is improved. According to a large number of
experimental results. 71 is:

signal is Tp < <7 in two adjacent

te(s)(N/m)* eS|y, (2)2 (14)
T, is:
4 5|, "
0.21g(s)(N/M) e~ |Y,_(2) (15)
2

To reduce the possibility of over estimation, we choose
step size S initial value as Sy =M / [210g2 (N)] , the size

of the measurement matrix P is 2048 x 1024 Gaussian
matrix. According to the above conditions, this paper
proposes an adaptive sparsity estimation algorithm for
feedback loop signals in the indirect learning predistortion
structure. The sparse estimation value of sparse
representation can be obtained by LS algorithm, and its
energy is arranged from large to small. The first L
components with large energy are selected, and their
corresponding index values are stored in set J.
Algorithmic flow: Firstly, according to the condition
of compressed sensing reconstruction, setting the
appropriate sparsity starting value Ko can reduce the
number of iterations. Secondly, the relationship between
the starting value Ko and the true value X is judged. When

1
‘PITO Y, (3)”2 > 3),, K=K, the adaptive
sparsity algorithm to prevent over-estimation or under-
estimation. Finally, when the initial value is smaller than
the real value, a step S is added to the initial value.
Otherwise, reduce the step size S. When the step S is
selected, the reconstruction time can be dynamically
adjusted according to the energy difference between the
reconstructed signals in the two adjacent stages. Firstly, an
initial value of S is given. If the energy of adjacent signal

increased by half. If the energy of adjacent signal satisfies
Y, (2)-%,.(2)
2

energy between the adjacent two stages is small, and it
need to have the step size. Adaptive sparse signal
reconstruction by Adaptive Sparse algorithm. The flow
chart is as follows:

T, < <7, it means that the difference

Initialization of Ko (sparsity) and
S (Step) n (iteration number)

Sparsity K

Figure 3 Flow chart of adaptive sparsity algorithm

3 HARDWARE PLATFORM EXPERIMENTAL RESULTS
AND ANALYSIS

In order to verify the effectiveness of the proposed
method, the test power amplifier is class F power amplifier

(Vds =28y, Vg = —5v) of 30W. The dual-frequency input

signal is a WCDMA signal with a center frequency of 2.61
GHz and an LTE signal with a center frequency of 2.69
GHz. The signal bandwidth is 20 MHz. The average output
power is about 32 dBm and the efficiency is 44.2%. The
sampling rate in the sampling structure f; =50 MHz .
The test platform is built as shown in Fig. 3. The digital
baseband / and O orthogonal components generated by
ADS (Advanced Design System) are processed by the
dual-frequency piecewise function model memory effect
compensator, and then the input excitation signals of
concurrent dual-frequency power amplifiers are generated
by the modulation and up-conversion functions of
AgilentMAX N5182A. Then the power amplifier is
stimulated by the radio frequency signal obtained through
modulation and up-conversion in the signal generator.
After coupling, 40 dB attenuation, filtering and
compression sensing sampling reconstruction, the output
signal of power amplifier is sent to the spectrum analyzer
for down conversion and demodulation. The output signal
of the spectrum analyzer is captured by the MATLAB. The

A A output of the power amplifier is synchronized with the
satisfies |Y, (2)=Y,-1(2)| >Ti, the step size needs to be corresponding original input signal for updating the
2 coefficient of the behavioral model.
584 Technical Gazette 29, 2(2022), 580-589
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Figure 4 Compressed sensing under-sampling digital predistortion verification platform

3.1 Reconstruction Performance of Adaptive Sparse
Algorithm

3.1.1 Five and Higher Order Signal Reconstruction
Accuracy

Around the reconstruction of signal distortion SNR
(Signal-to-noise ratio) is compared as follows. X, and

X, are the pre-reconstruction signal and the post-
reconstruction signal respectively.

el

"xtrue ~Xrec "2

SNR (X0 X0 ) = 201g (16)

The SNR curves before and after reconstruction are
shown in Fig. 5. The SNR before iteration is about 50 dB,
and after about 12 iterations, the SNR reaches about 250
dB. The SNR results show that this method can be applied
to all-digital predistortion and to linearize the power
amplifier in under-sampling.

301

150

ShIR (dB)

100

S0

3 10 13 0 i3 30 £ 1

Mumber of iterations

Figure 5 SNR iteration curve (before and after reconstruction)
3.1.2 Complexity of Refactoring Algorithm

For a Gauss matrix whose size is 2048 x 1024, the
computational complexity is O(12 x 2048 x 1024).
Because sparse random matrix contains a large number of
zero elements. When the number of measurements
required for accurate reconstruction increases slightly, the
measurement and reconstruction time can be greatly
shortened. After removing zero elements, the complexity

of the simulation is reduced to O(12 x 512 x 256), which
is of practical significance for the large amount of Data
operation. The reduction is O(12 x 512 x 256), and has
practical significance for large data computation.

3.2 Adaptive Reconstruction of Dual Frequency
Predistortion Based On Compressed Sensing

The performance of the general evaluation digital
predistortion is the (Adjacent Channel Power Radio) ACPR
and the normalized mean square error NMSE. ACPR is
defined as the power ratio of adjacent channel output and
in band carrier:

NMSE/dB

1 Depth of memory

Nonlinear Order 00

NMSE/dB

Nonlinear Order 0 o 1

(b)
Figure 6 The NMSE value of the 2D-MP. 2D-CPLU models at different
parameters: (a) The NMSE value of the 2D-MP model at different parameters,
(b) The NMSE value of the 2D-CPLU model at different parameters

Depth of memory
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Among them, Y(f) is the power spectrum density,
Tneighvor 18 the adjacent channel signal frequency, and

Jnain is the main frequency channel.
The normalized mean square error NMSE is:

i 2
Z|ymeasure (a)_ymodel (0{)|

NMSE,;; =10lg| ¢! 5
2
Zl |ymeasure (a)|
o

(18)

Among them, Y,casure (a ) is the input measurement

signal, Ymoder(@) 1is the dual frequency power amplifier
output signal, and B is the sampling point.

In order to obtain the appropriate memory depth to
verify the performance of the model M and the nonlinear

order Q, using Matlab software to calculate the 2D-CPLU
model scanning Q from 0 to 15 and scanning M from 0 to
5 to get the NMS E value shown in Fig. 7.

The NMSE indexes of the 2D-MP model and the 2D-
CPLU model increase with the increasing of non-linear
order and memory depth, but at the same time, the
coefficients of the model increase significantly. When the
non-linear order and memory depth are both maximized,
the corresponding index values of the model are the lowest,
but the model coefficients introduced at this time are also
large. When the memory depth and linear order increase to
a certain value, the improvement of NMSE index caused by
the continuous improvement of memory depth or non-
linear order is not obvious, but leads to the number of
coefficient with a sharp increasing. Considering the
accuracy of the model and the coefficients of the model,
the best memory depth to use is 2 and the best non-linear
order is 5.

10T
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0 —— PA output
2D-MP
~ 10 PA output —— 2D—CPWL
g \
= 20 1 \
5 -30 "D—CPWLZD" P
g e N
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= 50 P ey \ ) \\/\Mw
=] M A A A
E 760!NWJVM I"\EEL J\F‘j M = .ﬁ;\_“y\
: A P AT \’Vw\/wﬂ UV \Va W\
g -70
2
-80 2D.CPLU
-90*
-6 -4 -2 0 2 4 6
frequency/Hz x 10
Figure 7 Comparison of the pre-distortion spectrum of each model at f1 frequency
10
—— 2D-CPWL
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Qg 2D-MP
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-80
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frequency/Hz x 10

Figure 8 Comparison of the pre-distortion spectrum of each model at f2 frequency

In order to facilitate the comparison of model
performance, the 2D-MP model [19] the 2D-CPWL, and
2D-CPLU models were also tested. The test results are
shown in Fig. 7 (Frequency 1) and Fig. 8 (Frequency 2).
According to the graph, the dual-frequency digital
predistortion model based on CPWL function is superior to
the polynomial-based 2D-MP, 2D-CPWL and 2D-CPLU
models to achieve considerable linearization performance.
When the average output power of dual-frequency power
amplifier falls back about 1 dB, the normalized test results
of the power spectrum are shown in Fig. 7 and Fig. 8. The

adjacent channel leakage power ratio (ACLR) of a power
amplifier processed by traditional digital predistortion
technology is about 25 dBc. After using the under-
sampling predistortion technology in this paper, the ACLR
index can be improved to 45 dBc, which is close to the ideal
linear power amplifier index. It is shown from the graph
that the 2D-CPLU model proposed which is based on
achieves a good predistortion effect.

To verify the model performance, Tab. 1 shows the
performance of output power, ACPR, NMSE between the
predistortion models of 2D-MP, 2D-CPWL and 2D-CPLU.
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Table 1 Performance and number comparison of ACPR and NMSE in different predistortion models

ji! f2
Model Power/dBm | ACPR/dBc | NMSE/dB Sum of Power/dBm | ACPR/dBc | NMSE/dB Sum of
parameters parameters

initial 32.8 —34.02/-33.8 262 32.8 —33.90/-34.7 —26.49

2D-MP 325 —40.8/-40.5 —37.49 90 32.6 —40.40/—41.9 3791 90
2D-DDR 325 —43.67/-44.5 —3836 79 32.6 —43.65/-44.29 —38.87 79
2D-CPWL 325 —45.89/-45.9 —38.47 66 32.6 —45.83/-46.79 —39.2 66
2D-CPLU 325 —49.92/-49 8 —40.02 4 326 —49.86/-50.6 —40.12 42

The ACPR (Adjacent Channel Power Radio) of the
concurrent dual-frequency power amplifier is about —34.02
dBc before the linearization, but after the self-adaptive
sparse reconstruction pre-distortion structure proposed in
this paper, the output power of the power amplifier only
needs to be rolled back by 1 dB. The ACPR can be
improved to —49.92 dBc. The ACPR parameter rise to 91
dB.

By comparing the output power of power amplifier and
ACPR, NMSE, it can be seen that the linearization
performance of 2D-CPWL is better than 2D-MP and 2D-
DDR. In different pre-distortion models, the NMSE
performance of the 2D-CPLU model is improved by about
2 - 3 dB compared with the other three models. Moreover,
there is no need to extract phase like 2D-DDR, so the 2D-
CPLU model is more stable.

This paper proposed a predistortion structure of
adaptive reconstruction based on compression sensing,
with the frequency of power amplifier at fi, and the input
and output signal constellations of nonlinear odd order
were shown in Fig. 9. In Fig. 9b where pre-distortion has
not been introduced, the output signal constellation has
severe distortion. Comparing the under-sampling
predistortion method presented in this paper is in Fig. 9d
with the traditional predistortion in Fig. 9c. Even though
Fig. 9c has obvious compensation for distortion, Fig. 9d is
more accurate to reconstruct the fifth-order signal and more
accurate to describe the characteristics of power amplifier.

The input and output signal constellation of the method
proposed achieves good consistency.
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Figure 10 AM/AM characteristics of dual-frequency amplifier
To verify the effectiveness of the proposed method of compressed sensing achieves better linearization

power amplifier linearization system, the AM/AM
characteristics and AM/PM characteristics of the output
signal are simulated under the same signal feedback
sampling rate. The results are shown in Fig. 10. In this
paper, a random demodulation method is introduced for
comparative analysing. It can be seen that the traditional
predistortion method has obvious distortion when the
sampling bandwidth is less than the signal bandwidth. The
adaptive reconstructed predistortion method based on

performance. Using compressed sensing sampling in the
predistortion feedback loop and using an (Adaptive Sparse)
APSP  algorithm  reconstructs the fifth  order
intermodulation signal. This method improves the
precision of reconstructed signal, the weight of coefficient
estimation and the predistortion effect. Moreover, it is
more flexible and accurate than the traditional predistortion
method.
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4 CONCLUSION

In this paper, a dual frequency predistortion adaptive
sparse signal reconstruction algorithm is proposed. In the
pre-distortion feedback loop, compressed sensing
sampling and the (Adaptive Sparse) APSP algorithm are
used to reconstruct the fifth-order intermodulation signal.
The simulation results show that NMSE improves about 2-
3 dB compared with 2D-MP, 2D-CPWL and 2D-CPLU
models. The output power of dual-frequency power
amplifier can be improved to 49 dBc by only 1 dB back,
and good predistortion effect can be obtained. This
structure not only improves the reconstructed signal
accuracy, enhancing the coefficient estimation weight, and
improving the pre-distortion effect, but also reduces the
sampling bandwidth. It is of great significance to reduce
the predistortion sampling rate and improve the linearity of
power amplifier.
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