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Abstract - Much research effort has recently been 
devoted to the design and implementation of high lineality 
feed-forward power amplifier for wireless communication 
systems. This paper presents hvo novel DSP (digital signal 
processing) algorithms that can substantially improve the 
tracking performances of the adaptive control loops. Both 
computer simulation and experimental results are included 
for verification. 

1. INTRODUCTION 

It is well known that feed-forward method provides the 
highest accuracy and stability for broadband application, 
in compared to other limxmzation approaches such as pre- 
distortion and feedback techniques. The operation of feed- 
forward system is based on the subtraction of two almost 
identical signals, and thus this method is very sensitive to 
the change of operating conditions such as temperature 
and component ageing. As a result, adaptive control 
circuitry is often required to compensate for such 
parameter drift [I]. 

In the analog implementation of adaptive scheme, the 
DC offset associated with the electronic components can 
result in incorrect convergence. To solve this problem, 
several approaches based on DSP techniques have been 
proposed recently. The power minimization method [2] is 
simple to implement, but it suffers from many drawbacks 
such as long convergence time. Alternatively, the 
gradient-based adaptation scheme may be employed in 
which the control parameter is obtained by taking the 
correlation between the reference and the estimated 
signals [3]. In [4], the recursive l&st-square method is 
also described. In this paper, two new DSP algorithms are 
proposed to ““prove the tracking performances of the 
control loops. 

II. FEED-FORWARD POWER AMPLIFIER (FFPA) 

Fig. 1 shows the basic configuration of a DSP-based 
adaptive feed-foward power amplifier, which consists of 
two signal cancellation loops: error extraction loop and 
error cancellation loop. In the gradient-based adaptive 

scheme, the complex control parameters are constantly 
updated by the following equations: 

cr[n]=ain-l]+K,v,[n]v:[n] (1) 

Pbl= P[n-11+ KgV&lV: [nl (2) 

where v,[n], v,[n] and vr,,[n] are the sampled values of the 
corresponding down-converted signal waveforms. 

Fig. I DSP Based Adapt& FFPA 

Furthermore, a main-tone suppression loop [3] may be 
introduced to reduce the masking effect of the distortion 
signal by the stronger main tone at the linearized output. 
This additional loop can be implemented in sofhvare as 
follows: 

PInI= P[n - 11+ ~&rnl~,‘r4 (3) 

finI = Yin - 11 + q.V,mlV:[fzl (4) 

%Jnl = %[4 - ?ffilv,[nl (5) 

Based on the LMS analysis [5], the value of K, should 
be properly chosen to enswe correct convergence: 

(6) 

Upon convergence, the system can be modeled as a 
first-order feedback system (Fig. 2) where P, is the power 
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of the input signal. n, and a, are, respectively, the noise 
estimate and the converged value of a[“] at steady-state. 
Clearly, the convergence time of a[“] is also governed by 
the value of Km The general tradeoffs between the 
convergence accuracy and convergence time of the 
adaptive loop are well described in the literature [l]. Note 
that similar argument can also be applied to the error 
cancellation loop and main-tone suppression loop. 

Fig. 2 Error Extraction Loop Model 

111. VARIABLE LOOP GAM ALGORITHM 

Fig. 4 & 5 show the transient responses of all the loop 
control parameters obtained by computer simulation 
(MATLAB program) and experiments (using PHS input 
sign$l). Large reduction in the number of iterations 
required for convergence was observed. 

Here, adaptive loop gain control is introduced for 
achieving short convergence time and high convergence 
accuracy simultaneously. In the new algorithm, the 
updating formulas for the control parameters are modified 
as follows: 

where A is the gradient operator; X,, XgandX,are scaling 
factors. G,, G, and G, are threshold constants that 
determine whether a feedback path with a constant or a 
variable gain is applied (Fig. 3). Note that a constant loop 
gain is selected upon convergence and therefore the mean 
square error (convergence accuracy) is solely determined 
by the value of Km 

Fig. 4 Simulation results: Variable loop gain 

Fig. 3 Error extraction loop model: Variable loop gain 
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Fig. 5 Experimental results: Variable loop gain 

IV. VARIABLE STEP-SIZE ALGORITHM 

The second method involves the application of variable 
step-size determined by the gradient of the control signal 
itself. Subsequently, the control parameters are updated by 
the following expressions: 

PInI= 
! 

P[n-ll+Kgv~[nlv:[nl+TpA~ IAfl>.S’, (,1) 
P[n-1l+qdkhlv:rnl 14 s SD 

finI= 
i 

~n-l]+KI~~[n]v:[n]+T,Ay IAfi>S, 

fl~-~l+qJ,blG4 IAfi<S, (12) 

where S,,Sp and S, are the gradient thresholds; T,, T, and 
Tu are scaling factors. Fig. 6 shows the system model in 
which an additional feed-fonvard path is inserted to speed 
up the convergence rate of the adaptive loop. 

Fig. 6 Error extracfion loop model: Variable step-size 

(Y - T,s2 +cK, 

ii- T,s’+s+cK, 
(13) 

To ensure convergence, the real part of the roots of the 
denominator should be negative [6], which yields: 

O<T&- 
4JK, 

(14) 

Fig. 7 & 8 show the simulated and measured transient 
responses of the loop control parameters. Reduction in the 
number of iterations by a factor of 2-10 was found. 
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Fig. 7 Simulation results: Variable step-size 

Fig, 8 Experimental results: Variable step-size 

v. CoNCLUsloN 

The application of variable loop gain and step-size 
algorithms to the design of DSP-based feed-forward 
power amplifier was described. Improvement in 
convergence speed of loop control parameters was 
confirmed by computer simulation and measurement 
results. 
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