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Abstract - In wireless communication systems, equalization process is needed to suppress the inter-symbol interference (ISI) caused 
by multipath channels.  Conventional equalization techniques use training signals.  Blind Methods are of great importance in the 
digital signal communication systems as they allow channel equalization at the receiver without the use for training signals. A 
receiver, comprising an adaptive filter, performs blind equalization using a modified form of the constant modulus algorithm 
(CMA). This modified form of CMA is referred to as phase compensating CMA (PC-CMA). PC-CMA includes a phase-
compensating term in the tap updating algorithm of the equalizer such that convergence to a straight constellation is achieved 
without the need of a rotator.  
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I. INTRODUCTION 

 The term "wireless" has become a generic and all-
encompassing word used to describe communications in 
which electromagnetic waves or RF carry a signal over part 
or the entire communication path. In 1895, Guglielmo 
Marconi opened the way for modern wireless 
communications by transmitting the three-dot Morse code 
for the letter ‘S’ over a distance of three kilometers using 
electromagnetic waves. From this beginning, wireless 
communications has developed into a key element of 
modern society. From satellite transmission, radio and 
television broadcasting to the now ubiquitous mobile 
telephone, wireless Communications has revolutionized the 
way societies function.  
 First, wireless communications relies on a scarce 
resource – namely, radio spectrum – the property rights for 
which were traditionally vested with the state. In order to 
foster the development of wireless communications those 
assets were privatized. Second, use of spectrum for wireless 
communications required the development of key 
complementary technologies; especially those that allowed 
higher frequencies to be utilized more efficiently. Finally, 
because of its special nature, the efficient use of spectrum 
required the coordinated development of standards. Those 
standards in turn played a critical role in the diffusion of 
technologies that relied on spectrum use. Radio spectrum is 
used for a wide range of services. These can be broken into 
broad classes as Broadcasting services, Mobile 

Communications of voice and data, Fixed, Satellite, 
Amateur radio and Other Uses including military, 
meteorological and scientific uses.

 

 
 A wireless communication system has a number of 
advantages, not least the mobility of the devices within the 
environment. It is a simple matter to relocate a 
communicating device, and no additional cost of rewiring 
and excessive downtime is associated with such a move and 
also exist drawbacks.  In wireless communications, the 
transmitted signal is modified by three physical 
mechanisms: inverse distance power loss, shadowing and 
multipath propagation. It is also corrupted by additive noise. 
Inverse distance power loss causes the received signal 
strength to decrease with increasing distance from the 
transmitter. Shadowing accounts for slow bulk signal 
strength variations, as when the receiver is obscured from 
the transmitter by buildings, hills, or tunnels. Both power 
loss and shadowing merely attenuate the received signal and 
have little influence on equalizer design.   Multipath 
propagation, due to the presence of multiple paths between 
transmitter and receiver can severely distort the transmitted 
signal. Time-varying multipath fading is a problem 
encountered in digital wireless communications. The 
transmitted signal propagates to the receiver along multiple 
paths. Several copies of the signal, experiencing various 
delays due to the different lengths of the paths, are received. 
The signals sum coherently or incoherently, and, together 
with other undesired phenomena, result in inter-symbol 
interference (1SI). This can affect the received signal so 
severely that the transmitted symbol sequence cannot be 
recognized. The effects of the ISI can be mitigated in the 
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receiver, either with direct equalization or channel 
estimation. 
 In blind equalization, the adaptive filters of a receiver 
are converged without the use of a training signal. As 
known in the art, there are two techniques for blind 
equalization: one is referred to herein as the “reduced 
constellation algorithm” (RCA) [1] and the other technique 
is the so-called “constant modulus algorithm” (CMA)[2][3]. 
However, for all blind equalization approaches the most 
fundamental performance issue are the ability to achieve 
reliable initial convergence else the adaptive filter may 
converge to a wrong solution such as the well-known 
“diagonal solution.”  
 We have discovered a technique for use in blind 
equalization of an adaptive equalizer that reduces the rate of 
occurrence of a diagonal solution. In particular, and in 
accordance with the invention, a receiver performs blind 
equalization by using a tap updating algorithm that includes 
a phase-compensating term.  
 In an embodiment of the invention, a receiver 
comprises an adaptive filter having a two-filter structure. 
The receiver uses a modified form of the CMA algorithm to 
perform blind equalization. This modified form of CMA is 
referred to herein as phase compensating CMA (PC-CMA). 
PC-CMA includes a phase-compensating term in the tap 
updating algorithm of the equalizer such that convergence to 
a straight constellation is achieved without the need of a 
rotator. 

 
Figure: 1 Illustrative block diagram of a portion of a communications 

system embodying the principles of the invention. 
 

  Other than the inventive concept, the elements 
described below and shown in the figs. are well-known.  
Also, as used herein, an adaptive filter is, e.g., a fractionally 
spaced linear equalizer, which is hereafter simply referred to 
as an FSLE equalizer or, simply, an equalizer. An 
illustrative high-level block diagram of a portion of a 
communications system embodying the principles of the 
invention is shown in fig. 1. For illustrative purposes only, it 
is assumed that receiver receives a CAP (carrier less, 
amplitude modulation, phase modulation) signal, which can 
be represented by:   
  
    )()](~)([)( tnTtpbnTtpatr n

n

n     (1) 

where an and bn are discrete-valued multilevel symbols, p (t) 
and p(t) are impulse responses which form a Hilbert pair, T 
is the symbol period, and ξ(t) is additive noise introduced in 
the channel[4] .It is assumed that the CAP signal in equation 
(1) has been distorted while propagating through 
communications channel and experiences inter symbol 

interference (ISI). This ISI consists of intra channel ISI (a or 
b symbols interfering with each other) and inter channel ISI 
(a and b symbols interfering with each other). The purpose 
of receiver is to remove the ISI and minimize the effect of 
the additive noise ξ (t) to provide signal r` (t). The inventive 
concept is illustratively described in the context of a phase 
compensating CMA (PC-CMA) blind equalization 
algorithm for use within receiver. 
 At this point, before describing the inventive concept, a 
brief review is provided of adaptive filters and some blind 
equalization algorithms. If the reader is familiar with this 
background, simply skip-ahead to the section entitled 
“Phase Compensating CMA.”  
 
 

II. ADAPTIVE FILTERS & BLIND EQUALIZATION 
 

 
 

Figure: 2 Illustrative block diagram of a prior art phase-splitting equalizer 
 

 An illustrative phase-splitting   equalizer is shown in 
fig. 2. It is assumed that   equalizer operates on an input 
signal that can be characterized as having N dimensions. In 
this example, N=2, i.e., the input signal comprises two 
component dimensions: an in-phase component and a 
quadrature component. (It should also be noted that the term 
“channel” may also be used to refer to each dimension, e.g., 
the in-phase dimension is also referred 5 to as the in-phase 
channel) FSLE equalizer comprises two parallel digital 
adaptive filters implemented as finite impulse response 
(FIR) filters. Equalizer is called a “phase-splitting FSLE” 
because the two FIR filters converge to in-phase and 
quadrature filters.  The two FIR filters share the same 
tapped delay line, which stores sequences of successive 
Analog-to-Digital Converter (A/D) samples rk. The 
sampling rate 1/T` of A/D is typically three to four times 
higher than the symbol rate 1/T and is chosen in such a way 
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that it satisfies the sampling theorem for real signals. It is 
assumed that T/T`= i, where i is an integer. 
 The output signals of the two adaptive FIR filters as are 
computed at the symbol rate l/T.  The equalizer taps and 
input samples can be represented by a corresponding N-
dimensional vector. As such, the following relationships are 
now defined: 

],......,,[ 1 Nkkk
T

n rrrr             (2) 

],......,,[ 10 N
T

n cccc            (3) 

],......,,[ 10 N
T

n dddd            (4) 

  
where the superscript T denotes vector transpose, the 
subscript n refers to the symbol period nT, and k= (i) (n). 
Equation (2) (3) and (4) are the vectors of A/D samples in 
delay line, in-phase tap coefficient and quadrature tap 

coefficient respectively.  Let Yn and nY
~

 are the computed 

output signals of the in-phase and quadrature filters, 
respectively, and:  
 

n
T
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n
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 The X/Y display of the output signals Yn and nY
~

 or, 

equivalently, of the complex output signal Y=Yn+j nY
~

` is 

called a signal constellation. After convergence, ideally the 
signal constellation consists of a display of the complex 
symbols An=an+jbn (which were sent from the transmitter) 
corrupted by some small noise and ISI.  
 Referring back to fig. 2, FSLE equalizer can be 
characterized as having two modes of operation, a normal 
mode (steady state) and a start-up mode (non-steady state). 
In the normal mode of operation, the decision devices, i.e., 
slicers compare the equalizer complex output samples, Yn` 

(where Yn=Y+j nY
~

), with all the possible transmitted 

complex symbols, An (where An =an+jbn), and select the 
symbol 

nÂ  which is the closest to Yn.   The receiver then 

computes an error, En, where En=f (Yn`, nÂ ). 

 For example: 
                     

nnn AYE ˆ                                
(7)                               

 This is used to update the tap coefficients of equalizer. 
The most common tap updating algorithm is the LMS 
algorithm, which is a stochastic gradient algorithm that 
minimizes the mean square error (MSE), which is defined 
as:  
       ].~[][]ˆ[][ 2222
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 In equation (8), E [.] denotes expectation and en and en 
are the following in-phase and quadrature errors:  
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 The tap coefficients of the two adaptive filters are 
updated using the above-mentioned least-mean-square 
(LMS) algorithm, i.e.  
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where α is the step size used in the tap adjustment 
algorithm. In contrast to the steady state mode of operation, 
the start-up mode is used to converge the tap coefficient 
values to an initial set of values. In some systems a training  
sequence is used during start-up (i.e., a predefined sequence 
of An symbols), from which the receiver can compute 
meaningful errors En by using the equalizer output signal Yn 
and the known sequence of transmitted symbols An. In this 
case, tap adaptation is said to be done with respect to an 
“ideal reference.”  
 However, when no training sequence is available, 
equalizer has to be converged blindly. This usually 
comprises two main steps. First, a blind equalization 
algorithm is used to open the “eye diagram,” i.e., achieve 
initial convergence. Then, once the eye is open enough, the 
receiver switches to, e.g., the above-described LMS tap 
adaptation algorithm to obtain final steady-state 
convergence. The switch between the two kinds of 
algorithms are controlled by so called schedule-driven or 
event-driven counters  The philosophy of blind equalization 
is to use a tap adaptation algorithm that minimizes a cost 
function that is better suited to provide initial convergence 
of equalizer than the MSE represented by equation (8).  
 The cost functions used for blind equalization 
algorithms   and the LMS algorithm minimizes different 
quantities. As see in equation (8), the cost function of the 
LMS algorithm is given as: 

 

]ˆ[
2

nn AYECF              (13) 

 
 In equation (13), the LMS algorithm uses the sliced  

symbols, Â n, to achieve convergence. However, with a 
blind start-up, due to the severe corruption of data, the cost 
functions used for blind equalization algorithms need to use 
a constant R, which is statistically related to the sliced 

symbols Â n. For instance, the cost function of CMA is: 
 

])[( 222
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Illustrative techniques for the computation of R can be  
found in [5]. For CMA, the tap coefficients of the two 
adaptive filters are updated according to:  
 

nnnnn rRYyCC )( 22
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      The two-dimensional CMA cost function does not 
contain any information about the phase rotation of the 
constellation. Thus, it leaves an arbitrary phase offset after 
convergence. One proposed solution is to include a rotator 
and a counter-rotator after the equalizer [7]. The desired 
phase rotation is: 
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where Δ n


 is an estimate of the real phase error of the 

constellation, Y’n is the rotated equalizer output signal and 
A`n is the sliced complex symbol. The rotated equalizer 
output signal is further defined as: 
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where Yn=yn+jy`n, Cn=cn+jdn. In matrix form, the function 
of the rotator/de rotator is described by:  
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      Equation (20) indicates that the rotator implementation 
requires evaluation of sine/cosine functions. Unfortunately, 
even after convergence with CMA (i.e., the equalizer has 
been switched to using a standard LMS tap adaptation 
algorithm for steady-state operation), a rotator is still 
needed—which results in a higher implementation cost for 
CMA compared to other blind equalization schemes that do 
not require rotators.  One approach for dispensing with the 
rotator was presented in [6]. However, this algorithm is  
limited to fractional equalizers and is not an integral part of 
the updating.  
 
 

III. PHASE COMPENSATING CMA (PC-CMA) 
 
 As noted earlier, when blind equalization is used with 
an adaptive filter, e.g., a phase-splitting equalizer, 
sometimes it converges to a wrong solution called diagonal 
solutions. Therefore, and in accordance with the invention, 
we have discovered a technique for use in blind equalization 

of an adaptive equalizer that reduces the rate of occurrence 
of a diagonal solution. In particular, and in accordance with 
the invention, a receiver performs blind equalization by 
using a tap updating algorithm that includes a phase-
compensating term.  
 The new blind equalization algorithm is called phase 
compensating CMA (PC-CMA). In PC-CMA, CMA is 
modified to use a tap updating algorithm that includes a 
phase compensating term. Thus, rotation of a constellation 
is achieved for a CMA-based algorithm without the use of a 
rotator. Further, since the constellation rotation is embedded 
in the blind equalization algorithm, it will automatically be 
switched off when using the standard LMS algorithm in 
steady-state operation, which results in a lower steady-state 
cost than for traditional CMA.  From equation (19), we have 
realized that a phase- compensating rotation of the 
constellation can be achieved with an equalizer having tap 
weights described by C’n instead of a filter with taps Cn 
followed by a rotator. That is,  
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 The steps leading to an iterative gradient algorithm for 
converging the initial tap weights Cn towards the final tap 
weights C’n are mathematically described below. Using 
equation (21), the rotated output Y’n+1 is given by:  
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      Replacing the definition of θ`n+1 in equation (18), and 
using C,n+1 = Cn+μΔCn. Equation (22) is rewritten as:  
 

(23)                                                                            
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which shows that the updating of the rotator can be replaced 
by an additional modification of the tap weights Cn. It 
should he noted that equation (23) uses the assumption that 
the step size parameter α is a small number such that the 
small-angle approximation holds, i.e., 
 Neglecting the last term with a second-order quantity 
in equation (23), yields:  
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      The tap updating algorithm of the new equalizer, C’n+1 is 
obtained from equations (22) and (24) as follows:  
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      Taking the real and imaginary parts of equation (25), the 
following adaptation algorithms for the in-phase and 
quadrature phase tap coefficients result: 
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      The above equations show that the equalization and  

phase-rotating tap adaptation can be done simultaneously.  
Merging the standard CMA with the tap adaptation of 

equations (26) and (27) give the tap updating algorithms of 
PC-CMA as: 
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      In the PC-CMA scheme, the de-rotation of a tilted 
constellation is done by the use of the Δθ`n term in equations 
(28) and (29). This parameter is the same for both the in-
phase (I) and quadrature (Q) channels such that both I and Q 
filters will de-rotate the constellation in the same direction, 
thus avoiding the diagonal solution. The value of the error 
correction term, or step size, μ in equations (28) and (29) is 
best determined by simulation. 
 An illustrative block diagram of a phase-splitting 
equalizer in accordance with the principles of the invention 
is retrieved from fig. 2 from this invention concept, tap 
updating elements (which represent equations (28) and (29)) 
update the coefficients of filters respectively. 
 Illustrative embodiments of the inventive concept are 
shown in figs. 3 and 4 for use in receiver of fig. 1.  

 
Figure: 3 Block diagrams of a portion of a receiver embodying the 

principles of the invention 
 

 Fig. 3 illustrates an embodiment representative of a 
digital signal processor that is programmed to implement an 
FSEE in accordance with the principles of the invention. 
Digital signal processor comprises a central processing unit 
(processor) and memory. A portion of memory is used to 
store program instructions that, when executed by processor 
, implement the PC-CMA algorithm. Another portion of 
memory is used to store tap coefficient values that are 
updated by processor in accordance with the inventive 
concept. It is assumed that a received signal is applied to 
processor, which equalizes this signal in accordance with 
the inventive concept to provide a output signal. Also, a 
digital signal processor may additionally process received 
signal before deriving output signal.)Also, it should be 
noted that any equalizer structures, such as that described 
earlier, can be implemented by digital signal processor in 
accordance with the inventive concept. 

 
Figure: 4 Illustrative block diagrams of a portion of a receiver embodying 

the principles of the invention (alternative method). 

 
 Fig. 4 illustrates another alternative embodiment of the 
inventive concept. Circuitry comprises a central processing 
unit (processor) and an equalizer. The latter is illustratively 
assumed to be a phase-splitting FSLE as described above. It 
is assumed that equalizer includes at least one tap-
coefficient register for storing values for corresponding tap 
coefficient vectors. Processor includes memory, not shown, 
similar to memory of fig. 3 for implementing the PC-CMA 
algorithm. Equalizer output signal is applied to processor . 
The latter analyzes equalizer output signal, in accordance 
with the inventive concept, to adapt values of the tap 
coefficients, via signaling, in such a way as to converge to a 
correct solution.)  
 A blind start-up procedure in accordance with the 
principles of the invention for use in receiver of fig. 1 is 
shown in fig. 5. 
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Figure: 5 Illustrative blind start-up procedure in accordance with the 

principles of the invention 
 

 In receiver uses the PC-CMA cost function with its 
corresponding tap updating algorithms to begin blind 
convergence of an equalizer, e.g., equalizer of fig. 4. In step 
2 of fig 5, a decision is made whether to switch from the 
PC-CMA algorithm to the LMS adaptation algorithm or to 
continue using the PC-CMA algorithm to converge the 
equalizer. Typically, this is referred to in the art as 
determining if the eye is open enough (as noted above)  and 
if the originally tilted constellation has been de rotated to a 
straight constellation (e.g., by checking if Δθ`n from 
equation (17) is a small number. Step 2 of the blind start-up 
procedure can be schedule-driven, event-driven, or both. 
With a schedule-driven approach, the switch between so two 
different tap updating algorithms occurs after some fixed 
number, M, of iterations (which can be determined by a 
counter, for example). This approach presumes a certain 
amount of eye-opening and that the constellation has been 
adequately rotated after M iterations. With an event-driven 
approach, the switch occurs when a certain quality of eye 
opening and constellation rotation is achieved. This can be 
done, for example, by continuously monitoring values of 
MSE and Δθ`n and making the switch when the values of 
MSE and Δθ`n are below some thresholds. If the eye has 
been opened enough and the constellation has been 
adequately rotated, receiver switches to the LMS Adaptation 
algorithm in step 3 of fig 5. The foregoing merely illustrates 
the principles of the invention and it will thus be appreciated 
that those skilled in the art will be able to devise numerous 
alternative arrangements which although not explicitly 
described herein, embody the principles of the invention and 
are within its spirit and scope. For example, although the 
inventive concept was illustrated herein as being 
implemented with discrete functional building blocks, e.g., 
FIR etc., the functions of any one or more of those building 
blocks can be carried out using one or more appropriately 
programmed processors or processing circuitry, e.g., a 
digital signal processor; discrete circuit elements; integrated 
circuits; etc.  Also, this technique is not limited to the CMA 

algorithm.  Any blind equalization algorithm that leaves a 
tilted constellation after convergence can be combined with 
the phase correction technique described here. 
 

Table: 1 Comparison of Blind algorithms 
 

S
l
.
N
o 

ALGORITHM PERFORMANCE Remarks 

1 GODARD 

No training 
sequence used, 
The Godard 
algorithm is more 
robust than any 
other algorithm and 
it attains a mean-
square error that is 
lower than any 
other algorithm. 

Convergence is 
slow 

2 SATO 

It was introduced  
to deal with one 
dimensional 
multilevel  signals 

Only related to 
some systems 

3 CMA 

Uses no training 
sequence, the 
convergence is 
better than 
conventional 
algorithms with 
reduced iterations.  
The CMA is a 
carrier-phase 
independent blind 
algorithm that is 
based on the signal 
modulus. 

More iterations 

4 FS-CMA 

It is also uses no 
training sequences 
and it also reduces 
the iterations than 
CMA 

 

5 PC-CMA 

The conventional 
CMA converges to 
a wrong solution 
such as the well-
known “diagonal 
solution.”.   Here 
reduces the rate of 
occurrence of a 
diagonal solution. 
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IV. SIMULATION RESULTS 
 
 

 
 
                            Figure: 6 Sent signal constellation  
 

 
 

Figure: 7 Received Signal Constellation. 
 
 
 
                     
 
 
 
 
 
 
 
 
 
 
Figure: 8.1 Standard CMA Constellation Diagram at the Equalizer Output 

 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure: 8.2 Phase Compensating CMA Constellation Diagram at the 
Equalizer Output. 

 
 

Figure: 9 Comparison between the Standard CMA and the Phase    
Compensating CMA. 

 
 Here are brief comparisons of the existing and the 
proposed algorithm. Table 1 gives the comparison of these 
existing algorithms. Godard (1980) was the first to propose 
a family of constant-modulus blind equalization algorithms 
for use in two-dimensional digital communication systems.  
The Godard algorithm minimizes a non-convex cost 
function.  This algorithm is designed to penalize deviations 
of the blind equalizer output from a constant modulus. The 
constant is chosen in such a way that the gradient of the cost 
function is zero when perfect equalization. This algorithm is 
considered to be the most successful blind equalization 
algorithms. The Godard algorithm is more robust than any 
other algorithm with respect to the carrier phase offset. This 
important property of the algorithm is due to the fact that the 
cost function used for its derivation is based solely on the 
amplitude of the received signal.    
 The idea of blind equalization in M-ary PAM systems 
dates back to the pioneering work of Sato (1975). The Sato 
algorithm consists of minimizing a non-convex cost 
function, where the transversal filter output is an estimate of 
the transmitted datum of input. This estimate is obtained by 
zero-memory nonlinearity. The Sato algorithm for blind 
equalization was introduced originally to deal with one 
dimensional multilevel (M-ary PAM) signals, with the 
objective of being more robust than a decision-directed 
algorithm. Initially, the algorithm treats such a digital signal 
as a binary signal by estimating the most significant bit; the 
remaining bits of the signal are treated as additive noise 
insofar as the blind equalization process is concerned. The 
algorithm then uses the results of this preliminary step to 
modify the error signal obtained from a conventional 
decision-directed algorithm. 
 The Fractionally spaced equalizer adapted by the 
constant modulus algorithm (FSE-CMA) still achieves 
"reasonable" equalization. Its performance equals that of the 
non-fractional CMA, with a slightly shorter baud-length 
equalizer than the FSE, applied to the part of the channel 
lacking disparity.  
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Figure: 10 Comparison of Blind algorithms and MSE curves 

 
 

V. CONCLUSION 
 
 A method for use in a communications receiver, which 
is comprising of an adaptive filter having associated N tap 
coefficient vectors; and circuitry for adapting at least one of 
the N tap coefficient vectors by using a modified form of a 
constant modulus based algorithm that uses a tap updating 
algorithm that includes a phase compensation term and   the  
 method comprising of: equalizing a signal with an adaptive 
filter and blindly converging at least one of N tap coefficient 
vectors of the adaptive filter by using a modified form of a 
constant modulus based algorithm that uses a tap updating 
algorithm that includes a phase compensation term 
 The theory and methods can be applied to antenna 
array-based wireless communications systems for high 
bandwidth efficiency. 
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