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Performance Analysis of Dual-Mode Constant Modulus
Algorithm
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ABSTRACT

In this paper, a class of Stop-and-Go Dual-mode blind Algorithms for. QAM signal set is analyzed and its
performance evaluated. The concept of these algorithms is based on the Dual-Mode algorithm, the Godard
algorithm and the Stop-and-Go algorithm. In order to evaluate the Performance of these algorithms, computer

simulation are performed for the 32QAM signal constellations. Form the simulation results, we can verify that

these algorithms converges very fast compare to conventional Dual-Mode algorithm.

I. INTRODUCTION

Blind Equalizers of self-recovering equalizers
have recently received a freat deal of attention,
Several papers have appeared in the paper! 214,
Recently, among the various blind equalization
algorithms, the Constant Modulus Algorithm

(CMA), which originated from the Godard
Algorithm have been widely used for blind
channel equalization for complex data systems”.
The advantage of CMA is that the equalizer
_convergence does not depend on carrier recovery
since the cost function depends only on the
absolute value of output of the equalizer.

This allows the equalizer and the carrier
recovery loops to be decoupled which results in
simpler design and implementation. In practice, the
CMA is probably the most widely adopted
algorithm  for  blind channel  equalization.
However, a major drawback of the CMA is that
it converges very slowly for QAM signal

constellations, In addition, the residual error after

convergence is unacceptably large even when the
equalizer tap weights have converged to their
optimal values, Therefore, a relatively small step
size is required for the CMA to achieve an
acceptable steady-state error, The small step size

leads to slow convergence rate, one may use
gear-shift the adaptation step size to smaller
values at appropriate time intervals. This allows
the use of a large adaptation step size after
convergence is achieved and a smaller adaptation
step size after convergence for a reduced residual
error. When the adaptation emor can be
controlled to a level low enough for the carrier
recovery circuit to achieve stable lock, the usual
practice is to switch to Decision Directed(DD)
mode for coefficient updates. However, it is very
difficult to determine the proper timing for
making the switch.

In order to solve this problem, a dual-mode
CMA was developed™. The main idea of this
method is that the transitions between the two
modes are automatically done by evaluating an
error function determined by the radius defined as
[5] of the equalizer output. If the equalizer output
has a relatively large emor level, the equalizer
considers itself far from optimum and thus adapts
the CMA to adjust its tap weights. However, if
the emor level of the equalizer output comes
within a predetermined range, the equalizer
considers itself close to optimum and thus.-update's
its tap weights,

Even though the Dual-mode algorithm switches
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in two modes, this algorithm’s problem still
remains.

Even when the adjustment is in the wrong
direction, it never stops adjusting the equalizer tap
weights. In order to solve this problem, we can
apply the Stop-and-Go concept to dual-mode
algorithms proposed by Pittch and Prati .

In this algorithms for blind equalization for
QAM signal set is proposed and their performance
evaluated under the multipath fading channel

environment.

I. DESCRIPTION OF DUAL-MODE
BLIND EQUALIZER
ALGORITHMS

Dual-mode algorithm for blind equalization was
proposed by Weerackody and Kassma”. In
general, because of stability considerations, the
value of step size that can be used in the blind
equalization algorithms are smaller than the
corresponding values used in the Least Mean
Square(LMS) algorithms.

Since the step size of these type of algorithms,
blind equalizers have very slow convergence rates.
After converging, residual error term does not go
to zero.

Therefore, for the same steady state Mean
Square Error(MSE), the value of step size that is
used in the blind equalization algorithms has to be
significantly smaller than its permissible value for
the LMS algorithm. Because of above reasons,
convergency of blind equalization algorithms
becomes slow.

In order to increase the convergence rate of
blind equalization algorithms, dual-mode algorithm
which makes the value of steady state residual
eror very small without changing its transient
values significantly. With this modification, it is
possible to use a larger value for step size in

blind equalization algorithms. So we can expect.

faster convergence characteristics for the same
steady state MSE.
Suppose the channel impulse tesponse, input,
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output, and noise are denoted by h(n), a(n), x(n)
and »’'(n) respectively.

2(n)= a(m)*h(n)+ n'(n) (D

where, * denotes linear convolution. x(n) is
sent to a tap-delay line equalizer with a tap
length N=2L+1. Denoting the input data vector
of the equalizer by [x(nm)==[x(n+L) ------ x(n-L)]
and the equalizer tap weight vector W, we may
express the equalizer output z(n) can be expressed
as

Am)=W(n) " - 2(n) @

DMCMA((Dual Mode  Constant  Modulus
Algorithm) which is proposed in [5] can be
expressed as

W(n+1)=W(n—u|2(m)i—RY - x*(n)
zn) e D, £=1,2,3, (3)

W(n+1)= W(n)—u(la(m) 4R - 2(n) - x*(n)
z2n) e UD,, £=1,2,3, @)

where, x denotes the step size, |J D, denotes
the union of the annular regions D,
k=1,2,3, D, contains the QAM signal points
which possess a common amplitude R, In the
case of 32QAM, R, is equal to V2, V10, VIS8,
v26, V34, V50 respectively. D, is also bounded
by its inmer radius &,—¢ and outer radius
R,+ta, where d is a predetermined constant.

where, R? which is already defined in [2] is
expressed as follows:

B=E| |a(n)|:] ©)

The DMCMA does not make judgement on
whether a particular adjustment is correct or not.
Since the equalizer is in a blind equalization
mode, many adjustments could actually be in
wrong direction, If we can somehow avoid some
of those incorrect adjustments, the convergence
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behavior of the equalizer will be improved. Such
an idea was first proposed in{4],[5], where a blind
“stop-and-go” decision directed equalizer decided
whether adaptation of the current iteration should
“stop” or “go” by observing a simple flag. The
flag suggests “go” by if the self-determined output
error is sufficiently reliable for adaptation, and
suggests “stop” otherwise.

In order to derive a class of new Stop-and-Go
Dual-Mode Blind Equalization Algorithms. We

first consider the following possible cost
[6]

functions™".
L=E[(1zZn| *-RY) ®
L=E[(|zZn| —R")] )
F=E[(1Zn| *~R)] ®

It is possible that applying the LMS stochastic
gradient algorithm for coefficient update on the
cost functions in Eq.(6)(7)(8) derive the following
error signal leading to algorithm 1,2,3.and 4
respectively.

em=2z(n)-(1Zn)| *—RY)
ey(n)=sgn(z(m)+ (| Zn) | *~R%)
ey(n)=sgn(z(n) - (| Z(m) | —Ry) (&)
em)y=sgn(z2(n)) - sgn( | Z(n) | =R, )

Define the two error term &(n) and e(n) as
follows;

e(m=za(n) (1 Zn)| *~R{)
e(m)=san(z(n) - (| Zn) | *=RE)
ex(m)=sgn(a(m) - (| Zn) | —Ry) (10
“eu(m)=sgn(z(n) » sgn( | Z(n) | —Ry)

a(m=z(n): (| Zn)| *~R*)
‘&(m)=san(z(n) + (| Z(n) | *=R?)
Ey(m)=sgn(z(n) - (1 Z(n) ] —R) (1D
‘e(m)=sgn(z(m) - sgn( | Z(n) | —R)

The coefficient update equation is given by

WntD)=Wn)—u-An) - eln) - x*(n)

#n) € Dy, k=1,2,3, (12)

Win+tD=W(n)—u- L) &n)+ x*(n)
z2n) « \UD,, %=1,2,3, (13)

where, 1l denotes step size, D, denotes the

union of the annular regions, and

1, if sgn(lz(m)*—R?)
An)= =sgn(lz(n)|*~ R} ) (14

0, otherwise

Especially, Algorithm 1 was already proposed

(7
111[ J.

H. Simulation Result

We present the simmlation results for the
Godard, Dual-Mode Godard and the four new
algorithms proposed in the paper. A rectangular
32-QAM random symbol signal Equalizers are
usually realized in the form of a transversal filter
with variable tap gains and tap spacing equal to
the symbol spacing T. A 223-tap equalizer is
assumed with an initial tap weight setting of
(1.0,0.0) for the center tap and (0.0,0.0)for all
other taps. For pulse shaping, raised-cosine filter
with roll-off factor of 0.5 is used. Signal to Noise
Ratio(SNR) is set to 60dB. The adaptation step
size p for the algorithm was chosen so as to
minimize convergence time with a reasonable
residual error. In the simulation, p is used
5x1077,  5x1077,2.5x107%  2.5x107%, and
7.5%x10"% for Dual Mode CMA, Algorithm 1,2,3
and 4 respectively. In order to compare the
performance of the different algorithms, we
compute the ensemble pscudo MSE denoted,
MSE(n) defined follows,

MSE(w) =L 3 (zun— G (8)? (15)

where m is the number of iteration symbol, In
simulation, m is used 200, 400, 1000, respectively.
A multi-path channel can be represented as a
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TDL (Tapped Delayed Line) with time-varying
coefficients and T fixed tap spacings. The output
signal can be written

y(t)=2nan(t) - S(t— D) (16)

S(t) is the bandpass input signal, o,(d is the
attenuation factor for the signal received on the
n-th path, and T,t) is the corresponding
propagation delay. If we express S(t) as

S(f)=Re {&(f) - ¥} an

where, (5 is complex envelope then we can
express the channel output as

Y=Re [(Zand) e TR ¥ T,,(t))) ‘e "'2"“]
(18)

and it is clear that the complex envelope of the
output is

D =Za ) e Hmr, () ()
=2a (B e N, ()

where  @,(f) is the complex envelope of
(D, () is the complex envelope of Tat),
and ¢, is the varation in phase. In the
simulation. the number of multi-path components
excluding the main path is 3. In simulation
program, sampling frequency is set to 172.16Mhz.
The charactetistics of Multi -path channels shown
in Table 1, which is the Multi-path characteristic
used in [8].

Table 1. The characteristics of Multi-path channel

Delay Attenation Factor Phase
-1.153 us 0.1 o-47°
2203 #s 0.3 151.2 ¢
5.046 us 0.2 -63.8 °

In the Fig. 4, the convergence characteristics for
various d is shown. We can see that as the value
of d increases, the steady state MSE gradually
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decreases and then starts to increase, because too
many erroneously detected symbols are being used
to update the equalizer™. When d is greater then
0.4, we can see that MSE was not converged. To
get the results of Fig. 4, algorithm 2 was used.
Fig.5,6,7,8,9 shows the simulation results. of
Dual-Mode  algorithm, algorithm 1,2,3 and
algorithm 4, respectively. Fig. 10 shows the MSE
curves for the various blind equalization
algorithms. From Fig.10, algorithtn 2 offers best
overall performance among the various proposed
algorithms. Especially, it is apparent that the
convergence rate of Algorithm 1 and 2 is faster
than that of conventional Dual Mode CMA. To
get the results of Fig.5, d set to 0.3.

Iv. Conclusion

In this paper, we have proposed a new class of
Stop-and-Go Dual-Mode blind algorithms for
QAM modulation scheme and evaluated its
petformance. From the simulation results, we can
verify that all the proposed algorithms converge.
In the simulations, multi-path fading chamnel is
modeled and used. One or two algorithms among
the proposed algorithms in the paper shows better
convergency characteristics than conventional
Dual-Mode blind algorithms, Therefore, these
algorithms is expected to operate well in practical
blind equalizer.
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Fig. 4 Simulation Result of Dual-Mode CMA
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Fig. 7 MSE Characteristics for d
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