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Adaptive Receiver Structures for Fiber
Communication Systems Employing Polarization
Division Multiplexing: High Symbol Rate Case

Turgut M. Öktem, Alper T. Erdogan, Member, IEEE, and Alper Demir, Member, IEEE

Abstract—Polarization division multiplexing (PDM) has been
proposed as a scheme for increasing data rates in fiber optic com-
munication systems. In the PDM scheme, the use of two orthogonal
polarizations as alternative data paths is a promising approach
in terms of doubling the information rate relative to conventional
schemes. However, due to the severe distortion caused by the
propagation medium, especially the Polarization mode dispersion
(PMD), the development of receiver compensation methods are
critical for the deployment of PDM based transceivers. This article
proposes a receiver compensation method for high symbol rate
fiber optic communication links, where the two data streams sent
through orthogonal polarizations are mixed by the fiber channel
not only in space but also in time. The proposed receiver algorithm
adaptively recovers the original pair of data streams from their
space-time mixtures. We also provide simulation results for an
end-to-end fiber communication link to illustrate the performance
of the proposed approach.

Index Terms—Blind signal processing, fiber optic, PMD, PDM.

I. INTRODUCTION

I NCREASING data rates in the physical layer to match
the growing demand from applications has been the major

focus in fiber optics research. The dispersion and mixing
effects of the communication medium, especially due to Polar-
ization Mode Dispersion (PMD) [1]–[5], is the main barrier in
achieving high information rates.

Among the several alternative approaches for boosting
data rates, the most straight-forward approach is increasing
the symbol-rate. However, given the time dispersion effects
of the communication medium, this approach would lead to
an increase in inter-symbol interference. In the past, various
alternative approaches have been proposed to compensate the
dispersion affects of the channel such that the inter symbol
interference can be mitigated at the receiver. These approaches
can be categorized under two basic categories: optical [6]–[11]
or electrical [12]–[20] compensation methods. As the severity
of the inter symbol interference and the complexity of the
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compensators increase proportional to symbol rates, the data
rates that can be achieved by this approach is limited.

As a complementary alternative, Polarization Division Mul-
tiplexing (PDM) [21]–[27] has been introduced as an approach
that exploits existing orthogonal polarization channels as
complementary transmission branches. In this scheme, the
input data can be divided into two parallel streams that are
transmitted at different polarizations. Consequently, for a fixed
symbol rate, this approach can double the data rate assuming
that the transmitted sequences are successfully recovered at the
receiver. However, the existence of PMD poses a remarkable
threat on the validity and the realizability of this assumption.
The fiber PMD mixes orthogonally transmitted polarization
signals in both space (in polarization dimension) and time.
As a consequence, the polarization components obtained at
the receiver are filtered and mixed versions of the originally
transmitted signals. Therefore, in order to achieve the rate dou-
bling promised by the PDM scheme, a receiver compensation
structure needs to be implemented which targets to reverse
mixing in both time and space dimensions.

In [28], a linear fractionally-spaced equalization scheme
based on CMA (Constant Modulus Algorithm) adaptation is
proposed for the unsupervised compensation of the channel for
the PDM scheme. The proposed algorithm was successfully
implemented on an FPGA and tested for performance under dif-
ferent channel conditions. The main issue is that, as the authors
noted, the equalizers in separate branches can “converge to the
same polarization”. This is due to the fact that independently
applied CMA algorithms on separate polarization branches do
not provide a robust mechanism to avoid convergence to the
same polarization component. In this paper, we propose an
algorithm that makes use of the (paraunitary) channel structure
to avoid this problem. In [29], another DSP based compensation
approach is proposed where the authors investigated the effect
of the choice of sampling rates and analog-to-digital conversion
bit resolutions. In [30], another electronic receiver compen-
sation scheme and its experimental performance for a PDM
scheme with 27.5 Gsymbols/sec symbol rate are provided. The
receiver filters in this scheme are updated based on the decision
directed LMS algorithm which is also used in [31], where the
problem of convergence of both filters to the same polarization
component discussed above is still a major issue. The [32]
reports performance results for a PDM based communication
link where LMS algorithm was implemented at the receiver to
compensate for the dispersion effects.

In our recent work [33], we proposed a PDM receiver scheme
for low rate fiber communication systems, where the mixing in
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time was assumed to be negligible. In that case, the compen-
sator only needs to reverse the mixing in the polarization di-
mension. The proposed adaptive algorithm in [33] in connec-
tion with the coherent receiver structure, (see for example [34],
[35]) enabled the recovery of the original data sequences with
some tolerable error. In this paper, we consider the more general
problem, where the symbol rates are sufficiently high such that
the mixing in time, in addition to the mixing in polarizations,
needs to be compensated. This is obviously a harder problem
than handling mixing in time only. However, we show that,
using proper modeling along with some adaptive separation ap-
proaches, we can put forward some adaptive receiver methods
that can counteract against the space-time mixing effects caused
by PMD. In fact, we propose an unsupervised algorithm, as a
low complexity variation of the approach in [36], which suc-
cessfully achieves the simultaneous space and time separation.
As an important feature, the algorithm exploits the paraunitary
structure of the fiber channel for the joint adaptation of both
polarization branches such that the convergence to the same po-
larization problem discussed above is eliminated.

The organization of the article is as follows: In Section II,
we introduce the high data rate channel model and the corre-
sponding simulation model we use for the results we present.
Section III poses the PMD compensation problem as the con-
volutive blind source separation problem. In the same section,
we propose the use of the convolutive BSS approach in [36]
and a low complexity parametric variation of this approach as
alternative adaptive algorithms for training compensator filters
and present results obtained through numerical simulations to il-
lustrate their (statistical) performance. Finally, Section V is the
conclusion.

II. HIGH SYMBOL RATE CHANNEL PMD MODEL

Fig. 1 shows a fiber communication link employing the PDM
scheme. In this setup:

• at the transmitter site the original input stream is divided
into two (lower rate) streams, and , that are to be
transmitted over two orthogonal polarizations.

• PDM modulator applies an effective pulse shaping to both
input sequences, where the impulse response for the pulse
shaping is represented by and optically modulates
these sequences at orthogonal polarizations.

• The output of the PDM modulator block, which is the
superposition of two orthogonal polarization components

and , is coupled to the fiber link. The output
of the fiber link is represented by . If we represent the
orthogonal polarization components of as and

, then the input-output relationship for the fiber link
can be represented with

where
— are Fourier Trans-

forms of , respectively,
— is the transfer function matrix corresponding

to the PMD of the fiber link. PMD is mathematically

modeled as a concatenation of polarization-maintaining
fibers with varying group delays and rotations of the
principal axes [37]–[39], [5]. Therefore, fiber frequency
response is given by:

where

Here
represents the group delay induced by the

th section (each section has equal length). is the
scattering matrix and gives a frequency independent
coordinate transformation of the principal axes.

and respectively denote the random polariza-
tion and phase angles, which are typically modeled
with uniform distributions over .

For the scattering matrix , there are more alternatives.
Some authors use slightly different scattering matrices
[40]. Total product of the matrices in (1) results in a fre-
quency dependent unitary matrix where repre-
sents the angular frequency deviation from the carrier
angular frequency . Therefore, we have a baseband
equivalent transfer function. Based on the scattering ma-
trices used, may be a general unitary matrix or a
structured unitary matrix in the following form [41], [4]:

satisfying the unitaryness constraint (
for all ).

As a result, overall channel PMD transfer function is a
paraunitary matrix (i.e., unitary at each frequency). Po-
larization Dependent Loss (PDL) may distort the unitary
structure, however, it is assumed to be negligible.

• The fiber link output signal is demodulated by a coherent
receiver structure (see for example [35]), where both or-
thogonal polarization components are converted to elec-
trical signals and . We assume that the co-
herent demodulator block also contains a receive filter for
each output component, that matches to the transmit filters,
i.e., with an impulse response .

• Both outputs of the coherent demodulator are sampled at
the symbol rate to obtain the sequences and . These
sequences are mixed versions (in both time and space) of
the original transmit sequences and . As a result,
the mapping between the original input sequences and the
sampled coherent detector outputs can be written as

(3)
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Fig. 1. Overall fiber link and compensator for PDM transmission.

where is the impulse response of the
overall discrete-time equivalent channel between the inputs
and the outputs and is the effective number of interfering
symbols, which can be obtained by dividing the effective
time span of time dispersion for the fiber link by the symbol
duration.
Due to the lossless property of the fiber link transfer func-
tion , assuming that the ISI induced by the transmit
and receive filters are negligible (e.g., through the use
of raised cosine filters), the overall discrete time channel
would also be nearly lossless. Therefore, the transfer
function

corresponding to the impulse response would be ap-
proximately paraunitary (lossless), i.e., unitary over the
unit circle [42]. Paraunitary transfer functions are
also described by the property

(4)

• The sampled coherent demodulator outputs are processed
by the 2 2 compensator. The goal of the compensator is
to reverse the mixing in both time and polarization dimen-
sions. In [33], we proposed an adaptive receiver compen-
sator framework for the low symbol rate case (e.g.,
Gsymbols/sec), where the mixing in time is negligible, i.e.,
the impulse response in (3) has only one tap .
In such a case, the compensator is only responsible for
undoing the mixing in polarization dimension, which can
be accomplished through adaptive methods based on blind
separation algorithms for digital communication signals
[43].
However, when the symbol rates are higher (e.g.,
Gysmbols/sec) the mixing in time dimension can not be
neglected. This case, in fact, is the focus of this article,
where we introduce alternative algorithms to extract the
transmitted polarization sequences and from their
time-space mixtures and , in the next section.

III. BLIND SEPARATION OF POLARIZATION COMPONENTS FOR

HIGH SYMBOL RATES

Following the discussion in the previous section, for high
symbol rates, the relation between the input and output orthog-
onal polarization components can be represented with a vector
convolutive mapping given by (3). The space-time mixing of the

Fig. 2. Overall fiber link and compensator for PDM transmission.

polarization components caused by the fiber link can be miti-
gated by a receiver structure which inverts the corresponding
channel transfer function. However, due to the random nature of
the fiber link, such a receiver needs to have an adaptive structure.
In the unsupervised or blind adaptive receivers no-training se-
quences are transmitted by the transmitter. Therefore, the adap-
tive receiver algorithm is responsible for inverting the channel

solely based on the samples of the received polarization
sequences, supplemented by some side information in structural
or statistical form. This problem has been a research focus espe-
cially in the last decade and referred to as the Convolutive Blind
Source Separation Problem [44]

The setup for convolutive BSS problem is shown in Fig. 2.
Here,

• and are transmitted polarization sequences. We
can define

as the transmitted vector sequence.
• is the discrete time equivalent channel.
• and are received polarization sequences. If we

define

as the received vector sequence, then we can rewrite (3)
more compactly as,

• is the compensator whose goal is to invert/mitigate
the space-time mixing caused by . Assuming an FIR
structure for the compensator, we can write

We also define the compensator coefficient matrix

(5)
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which is obtained by stacking filter coefficients into a
single matrix.

• and are the compensator outputs. By defining

we can write

Alternatively, by defining the compensator input vector as

...

where is the number of received vector sequence samples
available to train the compensator, we can write

Therefore, if we define the compensator input data ma-
trix corresponding to all received data vectors available for
training as

and the corresponding compensator output matrix as

then we can write

The convolutive BSS problem can be defined as obtaining the
compensator coefficients using observa-
tions , such that

(6)

where
• is a permutation matrix. In 2 2 case, which is the case

of interest, is equal to either the identity matrix or the
exchange matrix

Here represents the inherent permutation ambiguity [44]
for the ordering of the polarization components.

• is the diagonal phase matrix

in which and represent inherent phase ambiguities
[44] in the polarization sequences.

• is matrix is given by

where are integers representing the delays in ob-
taining the original polarization sequences.

A large class of convolutive BSS algorithms are based on the
exploitation of the statistical independence of the original se-
quences and . The algorithms in this class are referred
to as Independent Component Analysis (ICA) algorithms and
they typically consist of iterative steps in search of compensator
coefficients “maximizing” the independence between the com-
pensator outputs and .

In [45], it was shown that a channel is blindly invertible
(equalizable) if and only if its transfer function can be decom-
posed as

where is an irreducible [46] transfer function and
is a paraunitary transfer function. Fortunately, for the channel
compensation problem under consideration, the channel transfer
function is nearly paraunitary, and therefore, meets the require-
ments about blind invertibility.

In fact when the transfer function is paraunitary, a compen-
sator defined by

would achieve perfect compensation, since due to (4), we have

(7)

Based on (6), any compensator satisfying the form

would be desirable. Note that the desirable compensators de-
fined by (7) are all paraunitary, i.e., they satisfy

Following from the discussion above, we can pose the unsu-
pervised receiver compensation problem for the high symbol-
rate case as finding a 2 2 paraunitary matrix which maximizes
the “independence” of the compensator output sequences. In
ICA literature, there are various alternatives proposed for mea-
suring independence [44]. Based on these approaches, the con-
volutive BSS problem corresponding to the setup in Fig. 2 can
be posed as an optimization problem in the form

where is the objective function measuring independence of
the output sequences. In this article, we adapt the approach
proposed in [36] which exploits the constellation structure of
the digital communication signals in addition to the aforemen-
tioned independence property of the orthogonal polarization
sequences. The optimization setting corresponding to this
approach can be written as
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The objective or the cost function of this setting involves
(infinity-norm) operator which returns the maximum of the ab-
solute values of the components of its vector argument. There-
fore, this approach is built upon minimizing the peak real com-
ponent for both output sequences of the compensator.

In the subsections below, we present two different algorithms
centered around this optimization setting. The first approach is
the two step method presented in [36]. The second approach is
a novel parametrization based approach which provides a lower
complexity alternative to the first algorithm.

A. Two-Step Algorithm

In [36] a two-step iterative algorithm is proposed to solve the
problem:

where
• is the filter coefficient matrix (defined in (5)) at the th

iteration
• is the search step size at the th iteration
• is the row index and is the column index for the

element of the , the output matrix at the -th iteration,
with maximum absolute real part at the th iteration

• is the -th column of , the compensator
input matrix at the -th iteration, causing the output with
the maximum absolute real part.

• is the standard basis vector whose th com-
ponent is equal to 1 and the other component is equal to 0.

• is an intermediate filter coefficient matrix obtained
in the first step.

• is a mapping operator, which maps its input filter co-
efficient matrix to a paraunitary filter coefficient matrix.

In the first step of the introduced algorithm, the filter coeffi-
cients are updated using the subgradient direction [36] (the
term starting with to reduce the maximum real component
output. However, the resulting filter coefficients do
not necessarily correspond to a paraunitary filter.

The purpose of the second step, is to impose the paraunitary
constraint on the compensator filter by mapping the filter coef-
ficients obtained in the first step to a nearby paraunitary filter.
For this purpose [36] proposes an alternating projections based
algorithm, details of which can be found in the same reference.

1) Simulation Results: In order to demonstrate the perfor-
mance of the proposed algorithm, we considered the following
scenario and performed simulations of the overall transmitter-
fiber link-adaptive receiver system:

• 4-QPSK constellation inputs are used at the transmitter (for
each polarization component).

• The symbol rate is taken as 60 Gigasymbols/sec.
• Transmit and receive filters are square-root raised cosine

filters with full excess bandwidth.
• Our fiber link simulation model is same as in [33], where

we used a fiber cable with 100 km length having a PMD pa-
rameter equal to 1 ps/ , resulting in a total mean

Fig. 3. Empirical (simulation based) and theoretical distribution of the DGD
for the 100 km fiber link with ps (mean DGD of 10 ps.).

DGD of 10 psec. In Fig. 3, the empirical distribution of the
DGDs obtained from simulations are shown. It closely fol-
lows the theoretical Maxwellian pdf with mean 10 psec.

• The fiber link output is corrupted by a complex Gaussian
noise.

• The number of compensator filter taps is taken as
5.

• The window length used in the algorithm is taken as
1000.

• The SNR range is chosen as 10–15 dB, which corresponds
to BER range of – for 4-QPSK modulation.

• The receiver ADC resolution is 6 bits.
Fig. 4 illustrates the simulation results for the channel SNR

level of 10 dB SNR, where the channel SNR is defined as the
ratio of the total signal power to noise power at the receiver
input. Here

• Fig. 4(a) shows a sample constellation plot for the receiver
samples for one of the polarization components ,
which is before the compensation filter. The original
transmitted symbols are non-recognizable, due to mixing
(in both polarization-time dimensions) caused by the fiber
link.

• Fig. 4(b) shows a sample constellation plot at the output of
the compensator (after the convergence of the algorithm).
This shows that the after the training phase, the compen-
sator successfully recovers original constellation symbols
(with some clouding due to noise and a little residual inter-
symbol/inter-polarization interference).

• The algorithm’s convergence is shown in Fig. 4(c). In this
figure Signal to Interference Noise Power Ratio (SINR)
curve (which is the ratio of signal to residual interference
plus noise) at the compensator output as a function of al-
gorithm updates is plotted. According to this figure, the al-
gorithm reaches the target SINR level of 8.5 dB (which
is within 1.5 dB of the channel noise SNR) at about 400
iterations.

This algorithm has relatively high computational complexity.
In the next section we introduce a new parametric algorithm
which is more suitable for practical implementations. Therefore,
we’ll provide the statistical characterization of the compensator
performance only for this algorithm, which is also provided in
the same section.
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Fig. 4. Convolutive MB-BSS simulation result for dB (a) The cor-
rupted channel output, (b) The separator output (recovered sources), (c) Signal
to Interference Ratio convergence curve.

B. Parametric Algorithm

The two-step algorithm introduced in the previous section
successfully trains the compensator, however, the required com-
putational complexity is relatively high especially due to the
second step of the paraunitary mapping algorithm. In order to al-
leviate this problem, we introduce an alternative approach which
is based on the parametrization of the constraint set.

According to [47], a paraunitary transfer function
of order can be parameterized as

where where ’s are complex vectors with unit 2-norm,
and is a unitary matrix. In our case is a 2 2
paraunitary matrix, i.e., . Therefore, vectors with unity
2-norm can be parameterized as

(8)

In other words, we need three real valued parameters
to parameterize each vector. Similarly, the

unitary matrix can be parameterized as

Taking advantage of the parametrization described above, the
iterative 2-step algorithm in the previous section can be replaced
with a one step version, as the paraunitary mapping step is no
longer needed. If we define the parameter vector

we can write the update rule for the algorithm as

Here, is the (sub)gradient of the cost function with respect
to the parameters. In Appendix I, the derivation of the updates
are provided more explicitly for the special case of , i.e.,
a 2-tap compensator.

Finally, after the convergence of the parametric algorithm, we
apply a decision directed LMS algorithm which would compen-
sate the variations of the channel characteristics from the per-
fect paraunitary structure (which is mainly due to the effect of
transmit and receive filters and the inaccuracy of the sampling
phase adjustment). The decision directed LMS algorithm can be
written as

(9)

where
• is the filter coefficient matrix defined in (5),
• is the step size,
• is the compensator output vector at the th iteration,
• is the decision vector which can be written as

(10)

where is the decision applied to the output for
,

• , is the compensator input vector.
We should note that the direct use of decision directed LMS

updates (without the initial parametric compensator algorithm)
would have convergence problems. To be more specific, the ini-
tial decisions would not be reliable to boost the algorithm and
therefore, the algorithm may not converge to a useful point. Fur-
thermore, even if the algorithm converges it may converge to a
point where the two outputs correspond to the same polariza-
tion component, as there is no mechanism to avoid this case.
However, the use of decision directed LMS algorithm after the



1542 JOURNAL OF LIGHTWAVE TECHNOLOGY, VOL. 28, NO. 10, MAY 15, 2010

Fig. 5. SINR convergence curve for the Parametric convolutive MB-BSS algo-
rithm followed by decision directed LMS.

parametric compensator algorithm, would not lead to such un-
desirable problems.

1) Simulation Results: In order to evaluate the performance
of the parametric compensation algorithm, we used the same
simulation setup as described in Section III-A.1. However, in-
stead of a fixed window with long length, we used a moving
window with shorter length . Therefore, at each itera-
tion 15 symbols are processed. We used the degree-2 parametric
compensator, i.e., the compensator has three taps, which has the
form

(11)

(12)

for which the adaptive algorithm can be derived following the
procedure in Appendix I. Furthermore, the symbol rate is chosen
as 20 Gsymbols/sec (corresponding to 80 Gbits/sec)

Fig. 5 shows the simulation results for a sample channel. In
this plot the SINR convergence curve for the parametric com-
pensator algorithm followed by the decision directed LMS al-
gorithm is shown. The initial parametric algorithm is successful
in opening the eye and separating the polarization components.
Furthermore, the decision directed LMS algorithm provides ad-
ditional SNR improvement

As a final example to illustrate the performance of the
proposed parametric compensator for the PMD channel
with statistical variations, we performed the following set of
simulations:

• We generated more than 1.2 Million different fiber channel
realizations based on the statistical PMD model corre-
sponding to the fiber line model used in the previous
examples (with 10 ps mean DGD), for the symbol rate of
20 Gysmbols/sec (80 Gbits/sec) and for the noise level
corresponding to SNR of 15 dB,

• We implemented the low-symbol rate compensation algo-
rithm proposed in [33], i.e., the 1-tap compensator,

• We implemented the proposed two phase method:
— Parametric 3-tap paraunitary compensator (First Phase)

Fig. 6. Simulation Results for 20 Gsymbols/sec (80 Gbits/sec): (a) SINR dis-
tributions for Compensator with 1-Tap and Compensator with 3-Taps, (b) Dis-
tribution for the relative gain of 3-Tap compensator over 1-Tap Compensator.

— the decision directed LMS stage (second phase). In
the decision directed stage we considered two different
options:

Use three-tap compensator as the continuation of
the First Phase.

Use five-tap compensator: Initial taps for this
filter, before decision directed LMS training, is
obtained by zero padding the three-tap filter coef-
ficients obtained at the first phase: one zero tap is
padded as the first tap and another one is padded as
the last (fifth) tap, i.e.,

where are the filter coefficients ob-
tained in the first phase.

The results of these simulations are summarized in Fig. 6.
In Fig. 6(a), the empirical probability density functions for the
SINRs of the 1-tap compensator (of [33]) and the proposed 3-tap
parametric compensator are shown. The relative gain obtained
by using the 3-tap compensator over the 1-tap compensator is
illustrated in Fig. 6(b), where the pdf of the relative SINR ad-
vantage of 3-tap compensator (in dB) is shown. According to
these results, the 3-tap compensator provides a significant im-
provement over the 1-tap compensator as expected.

In order to reflect the outage probability performance of the
proposed 3-tap compensator, Fig. 7 shows the target outage
probability versus SNR loss, i.e., the relative SNR decrease
guaranteeing target outage performance. When we consider the
target (raw) Bit Error Rate (BER) as then the output SINR
requirement is 11.5 dB (for 4-QPSK signalling). According
to this objective, for having outage probability of , the
3-tap compensator provides about 2 dB SNR improvement
relative to 1-tap compensator. However, the SNR loss is still
high. Further improvement can be achieved by using a longer
length equalizer. In Fig. 7, the outage curve corresponding to
the compensator with 5-taps (3-taps in the initial phase and
5-taps in the second (decision directed LMS) phase) is shown.
According to this curve, SNR loss is significantly reduced (to
2 dB) when the compensator order is increased by 2.
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Fig. 7. Target Outage Probability versus SNR Loss.

Fig. 8. Channel Realization DGD versus Output SINR for the 3-tap and 5-tap
compensators.

Finally, Fig. 8 compares 3-tap and 5-tap compensators based
on their output SINR versus the DGD of the channel. This curve
also confirms the significant SINR improvement obtained by
using the 5-tap compensator over the 3-tap counterpart.

2) Implementation: The implementation complexity of the
proposed compensator structure and the corresponding para-
metric algorithm can be significantly reduced by taking advan-
tage of the parametrization structure in (11). One main issue is
the complexity of mapping the parameters defining the vectors

and the matrix to the compensator filter taps at each
update of the algorithm. This concern can be avoided by im-
plementing the compensation system as direct functions of the

vectors and the matrix. Fig. 9 illustrates one such imple-
mentation which is for a three tap compensator based on (11).
Only 8 real multiplications are required to form the matrix.
Assuming that the unit norm vectors are parameterized as

we can write

Fig. 9. Implementation of three-tap compensation filter.

which further simplifies to

where and . Therefore, instead of the
parameterizations of vectors, the projection matrix it-
self can be parameterized by only two real parameters. We need
4 real multiplications (assuming multiplication with is
implemented as a simple shift) to obtain from the trigono-
metric functions of parameters. The construction of the trigono-
metric functions can be based on polynomial approximation
and/or table look up structure, which can be hardwired.

Another major advantage of the implementation in Fig. 9 is
that most of the multiplications required in the updates of the pa-
rameters can be avoided by using the intermediate signals pro-
duced in forming the overall output. In order to illustrate this
point, if we consider the update of and let

(13)

represent the output of the block in Fig. 9, and let

(14)

represent the output of the block, then the output can be
written as

Therefore, the partial derivative of the first component of the
real output, with respect to can be obtained as
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where all the terms in the above expression are produced as in-
termediate products in the formation of the compensator output.
Therefore, no multiplications are needed in forming this update
signal.

In order to update the parameters of the matrix, the update
signal can be generated using a structure similar to the compen-
sator structure in Fig. 9. The only difference in that structure is the
replacement of the matrix in Fig. 9 with the matrix
where is a parameter of to be updated. Therefore, for each
parameter of a filter structure parallel to the compensator can
operate in real time to produce its update signals. This idea is also
applicable for the generation of the update signals for the parame-
ters of matrices. However, as discussed above, the essential
components of the update signals for and are produced as
byproducts of the compensator filter.

As a result, based on the proposed implementation of the
compensator filter, both the computation of the compensator
outputs (without explicit computation of filter taps) and the up-
date of the parameters can be implemented with low complexity.
We should note that the 1-tap filter proposed in [33] is equiva-
lent to the block in Fig. 9. However, the additional complexity
increase due to the addition of 4 real parameters (for ma-
trices) and the update mechanism for the overall parameters can
be justified by the performance gain obtained by also undoing
the mixing in time as well as in polarizations, as demonstrated
by the simulations in the previous section.

IV. CONCLUSION

In this article, we presented adaptive PDM-receiver com-
pensator schemes for reversing PMD based mixing of original
transmitted symbols in both time and space. We have posed the
compensator training problem as the convolutive BSS problem,
where the separator coefficients were constrained to be pa-
raunitary, based on the mathematical model corresponding to
the fiber link. Two different unsupervised adaptive algorithms
were proposed for training the MIMO compensator filter. The
performances of these algorithms have been validated through
numerical simulation results. Through the use of the proposed
schemes, the deployment of two complementary methods,
which are employing the PDM scheme and increasing the
symbol rates, to boost the data rates is enabled.

APPENDIX I
DERIVATION OF UPDATES FOR THE PARAMETRIC CONVOLUTIVE

COMPENSATOR ALGORITHM

In this Appendix, we derive the update equations for the para-
metric convolutive compensator algorithm in Section III-B for
a 2-tap compensator (with order ). For a first order com-
pensator, we can write the parametrization of the transfer func-
tion in the form

where

and

The parametrization vector can be written as

The cost function can be written as:

Further simplification of the algorithm leads to:

where subscript “R” denotes the real part of the component
while “I” denotes the imaginary part. A subgradient with re-
spect to can be written as

(15)

The chain rule is used to obtain the derivatives with respect
to the 7 real variable parameters. This time, we will begin with
the matrix . We will obtain its derivatives with respect to the
7 real variables, and from this point the derivatives of will be
obtained. The partial derivatives of with respect to the 7 real
variable parameters are:
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where

From these equations, we can obtain the derivatives of as

From here, we obtain the overall derivatives:

where the subgradient is obtained from (15).
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