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ABSTRACT

In this paper, the new hybrid adaptive Volterra filter was proposed to be applied for compensating the nonlinear
distortion of memoryless nonlinear systems with saturation characteristics. Through computer simulations as
well as the analytical analysis, it could be shown that it is possible for both conventional Volterra filter and pro-
posed Volterra filter, to be applied for linearizing the memoryless nonlinear system with nonlinear distortion.
Also, the simulation results demonstrated that the proposed Volterra filter may have faster convergence speed

and better capability of compensating the nonlinear distortion than the conventional Volterra filter.
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1. Introduction

The linear filters have played a very popular role in the
development of various signal processing techniques.
The obvious advantage of linear filters is their inherent
simplicity. Design, analysis, and implementation of such
filters are relatively straightforward tasks in many appli-
cations. However, for systems with high performances,
the distortion problem exists due to nonlinearities of the
system and decreases the performance of conventional sig-
nal processing system. For example, there are several si-
tuations in which the performance of linear filters is un-
acceptable. A simple but highly pervasive type of non-
linearity is the saturation-type nonlinearity. Trying to
identify these types of systems using linear models can
often give misleading results. Another situation where
nonlinear models will do well when linear models will
fail miserably is that of trying to relate to two signals with
non-overlapping spectral components. Therefore, a va-
riety of workers have recognized the need for the nonli-
near control system and in practicality, it may be studied in
many applications [1-3]. Fortunately, with the development
of high-speed processor in recent days, it is possible to
implement the signal processing algorithms for the non-
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linear system, which has not been impossible due to its
complexities and computation problem.

In general, the nonlinear filter to represent the nonli-
near system, may be based on the functional series. And
the characteristics of the nonlinear filter are similar to
those of linear systems because the filter output is compos-
ed of linear combination of filter coefficients. Also, the
adaptive algorithms in linear systems to adapt the filter
coefficients, can be applied to the nonlinear system di-
rectly, and the analysis is similar to that of the linear sys-
tem. As the adaptive algorithms to adapt the filter coeffi-
cients in the nonlinear system, the least mean square
(LMS) and least square (LS) algorithms etc. can be used.
However, the nonlinear filter may have more computa-
tion complexities and slower convergence speed than
those of the linear system because it may use more coef-
ficients than the nonlinear system. Therefore, a variety of
workers have recognized the need for the nonlinear con-
trol system with less computation complexities and faster
convergence speed and it may be developed in many ap-
plications [4-7].

In this paper, the new adaptive Volterra filter was pro-
posed to be applied for compensating the nonlinear dis-
tortion of memoryless nonlinear systems with saturation
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characteristics. Through computer simulations as well as
the analytical analysis, it could be shown that it is possi-
ble for the proposed hybrid Volterra filter to be applied
for linearizing the memoryless nonlinear system with
non-linear distortion. Also, the simulation results de-
monstrated that the proposed hybrid filter may have fas-
ter convergence speed and better capability of compen-
sating the nonlinear distortion than the conventional
Volterra filter.

2. Proposed Adaptive Nonlinear
Compensator

In this paper, the new adaptive compensator was pro-
posed to be applied for compensating the nonlinear dis-
tortion of memoryless nonlinear systems. A block dia-
gram of the proposed adaptive nonlinear compensator is
shown in Figure 1. The memoryless adaptive compen-
sator, or pre-processor W(n) is located in front of a
nonlinear system H. Here,

W(n):[wl(n),wz(n),--‘,wp(n)]T and H is assumed
to be the linear combination of the nonlinear functions.
In Figure 1, the adaptive compensator is composed of

linear combination of the nonlinear functions, and the
relations between inputs and outputs are as follows

y()= 3w f [ax(m) - pe(n)] @

Here P is the number of the used functions and f; re-
presents the nonlinear functions. The output of the adap-
tive compensator and the output of the nonlinear function
can be represented as follows, respectively.

y(n)=w"(n)B(n) ey
z(n)=H[y(n)]=H[W " (MB(n)] @A)
where B(n)=[b,(n),b,(n),-b,(n)] with

b (n) = f;[ax(n)-Be(n)]
Also, the distortion e(n) included in z(n) can be

defined as the difference between the output z(n) and
the input x(n).

e(n)=x(n)-z(n)=x(n)-H[W" (n)B(n)] (4

The optimum coefficient value of the compensator is
given by minimizing the variance of the distortion. So,
the following equation can be produced.

W (n+1)
=W(n)+,uH’[WT (n)B(n)]B(n)e(n)
Also, the above equation can be reduced as follows [8]
W'(n+1)=W'(n)+x'B(n)e'(n) (6)

()
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Figure 1. The linearization scheme of the proposed adaptive
Volterra compensator.

where e'(n) is the error due to W'(n) and 4’ is a
constant that determines the convergence and stability. In
the above Equation (6), the compensation mechanism of
filter coefficients is similar to that of the convention all
LMS algorithm, and only one addition and one multiply
are increases.

3. Simulation Results

For the computer simulations, a traveling wave tube
(TWT) is selected as the nonlinear object model, which
may be used in a satellite communication as a power am-
plifier [9]. In the TWT model, the relationship between
an input and an output is as follows and it represents the
saturation characteristics, illustrated as Figure 2,

HO)=1 0

y(n)=w,(n)x(n)+w,(n)x*(n) (8)

Because the TWT characteristic function is an odd
function, the Taylor’s series composed of odd functions,
can be used as a function of the compensator for estima-
tion of the inverse function. Random signals are used as
input signals, which are distributed uniformly between
-1 and +1. For the computer simulations, the conven-
tional Volterra compensator and the proposed compen-
sator are used to be compared with each other, and the
results are expressed as average of the independent si-
mulations. Figure 3 represents results of the nonlinear
distortion attenuation in the nonlinear system H. In the
figure, (a) and (b) represent the results of both the con-
ventional Volterra compensator and the proposed com-
pensator respectively, and it is verified that the latter
converges faster than the former. Figure 4 represents the
trajectories of filter coefficients for both filters, in which
the conventional Volterra filter may adapt more slowly
than the proposed hybrid filter. Both algorithms converge
to the coefficients value of about 0.5075 and 0.1018, and
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Figure 2. The input-output characteristics of TWT.
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Figure 3. The mean sample error signal of nonlinear distor-
tion attenuation using (a) the conventional Volterra com-
pensator and (b) the proposed adaptive compensator.
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Figure 4. The mean trajectories of the filter coefficients
using (a) the conventional Volterra compensator and (b) the
proposed adaptive compensator.

0.5040 and 0.0267, for the first-order and the third-order
coefficients, respectively.

Figure 5 represents the results of the linearization, in
which the filter coefficients of the steady state are used
when both algorithms converge to the optimum solution
sufficiently. In the figure, (a) represents the characteris-
tics of H before compensation, and (b) and (c) represents
the characteristics after compensation by the convention-
al Volterra compensator and the proposed compensator
respectively. Especially, the complexity of computation
of the proposed compensator is nearly equal to that of the
conventional Volterra compensator.

4. Conclusion

In this paper, the new adaptive Volterra compensator was
proposed to be applied for compensating the nonlinear
distortion of memoryless nonlinear systems. The simula-
tion results demonstrated that the proposed adaptive
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Figure 5. The performance of linearized TWT distortion. (a)

no compensation (b) after the conventional Volterra com-
pensation (c) after the proposed adaptive compensation.

Volterra compensator could have faster convergence
speed and better capability of compensating the nonlinear
distortion than the conventional Volterra compensator,
with nearly equal complexity of computation.
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