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Abstract

Optical performance monitoring (OPM) is an important issue for proper operation of next-
generation optical networks. Among various monitored parameters, the optical signal-to-noise
ratio (OSNR) and fiber transmission impairments such as chromatic dispersion (CD),
polarization mode dispersion (PMD), and polarization dependent loss (PDL) are paid special
attention, because they serve information of the channel quality, which helps to manage the
network. Several methods have been proposed for monitoring tasks, which are based on pilot
tones, RF tones, asynchronous histogram, and fiber nonlinear effects. Most of them need costly
devices, tap optical power from the channel, and introduce transmission overhead. On the other
hand, in this research, we investigate OPM based on digital coherent receivers, which overcomes
such difficulties and ensures cost-efficient, robust and reliable monitoring.

Linear channel impairments such as CD, PMD, and PDL are monitored from the transfer
functions of adaptive filters. A digital coherent receiver allows polarization demultiplexing and
equalization of all these impairments by using four finite-impulse-response (FIR) filters
structured in a two-by-two butterfly configuration. After the filters are adapted by a suitable
algorithm, we can construct a frequency-dependent two-by-two matrix with four elements, which
are transfer functions of the adapted four FIR filters. The inverse of this matrix is called the
monitoring matrix and can be approximated as the transfer matrix of the channel, and contains
combined effects of CD, PMD and PDL. A precise algorithm is required to separate out the
impairments from this matrix. We propose a simple and unified algorithm to separate out CD,
differential group delay (DGD), PDL, and second-order PMD from the monitoring matrix. The
components of second-order PMD, polarization-dependent chromatic dispersion (PCD) and
depolarization (DEP) of principal states of polarization are obtained separately. This algorithm
has an advantage that individual impairment can be estimated directly from the monitoring
matrix without any matrix decomposition; thus it enables accurate estimation of the impairments,
even when the transmitted signal suffers from distortion stemming from various origins. Also, no
additional hardware is required for our proposed algorithm.

For filter adaptation, we use the constant-modulus algorithm (CMA), as it enables long-tap-
filter adaptation efficiently even in the presence of large laser phase noise unlike the commonly
used decision-directed least-mean-square (DD-LMS) algorithm. However, CMA can suffer from



the singularity problem which means both the output ports of butterfly configuration converge to
the same polarization tributary. Consequently, we avoid the singularity problem by introducing
the training mode in CMA. In the training mode, the LMS algorithm is used to determine in
which output port of the butterfly configuration each polarization tributary appears, and after
such initial training the algorithm is switched to the blind CMA to enable high-order-filter
adaptation. The multi-impairment monitoring algorithm and the singularity-free operation of
CMA with the training mode, which we have proposed in this thesis, are verified by dual-
polarization quadrature phase-shift keying (QPSK) transmission experiments.

For such an impairment-monitoring method, the delay tap length of filters should be long
enough to compensate for all the impairments. However, the computational complexity of FIR
filters increases with the number of taps. The frequency-domain approach can reduce this
computational cost by block-by-block processing and fast implementation of discrete Fourier
transform (DFT). However, the adaptive frequency-domain equalizer (FDE) has hardly been
investigated for optical communication systems. We have proposed a novel adaptive FDE based
on CMA, which maintains all the advantages of the adaptive TDE based on FIR filters. Even in
the block processing mode of FDE, it can work on the twofold-oversampled input sequence by
introducing even and odd sub-equalizers. Therefore, when we configure this filter in the butterfly
structure, we can achieve adaptive equalization together with polarization demultiplexing and
adjustment of the arbitrary initial sampling phase of analog-to-digital converters (ADCs) so that
the best symbol-spaced sequence is produced. The equalization performance of the proposed
adaptive FDE as well as multi-impairment monitoring from the equalizer is verified by dual-
polarization QPSK transmission experiments.

We have proposed a novel OSNR monitoring method. This is based on the analysis of
higher-order statistical moments of adaptive-equalizer output in digital coherent receivers. After
equalization and clock recovery by an adaptive equalizer, symbol-spaced signal samples and
noise samples have well-defined but dissimilar statistical properties. In our proposed algorithm,
we measure the second- and fourth-order moments of the adaptive-equalizer output. Then, by
using the known statistics of the phase-modulated signal in the QPSK format and amplified
spontaneous emission (ASE) noise, we estimate the OSNR. The proposed method is simple and
accurate. We also experimentally verify this monitoring algorithm with 10-Gsymbol/s QPSK

transmission experiments.
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Chapter 1

Introduction

1.1 Overview

The ever growing demand of internet traffic is the main driver in the deployment of higher
capacity optical networks. Such high capacity-networks are being realized by using the
advancement of technology such as erbium-doped fiber amplifier (EDFA), dense wavelength-
division-multiplexing (DWDM) and advanced modulation schemes. Thus, the capacity of
networks has been increased well beyond several Tb/s [1]. Meanwhile, introducing optical
switches, the optical networks are becoming more flexible, reconfigurable and transparent. The
stable operation of such networks are quite challenging as network paths are not static and
channel degrading effects can change over time. A short service disruption of high capacity
networks may affect an enormous amount of data. Optical performance monitoring (OPM),
which refers to the physical layer monitoring for optical signal quality, is necessary to detect and

prevent error to assure an agreed quality of service (QoS) to consumers [2, 3, 4, 5].
1.1.1 Need of OPM

OPM plays an important role for physical layer fault management and signal quality
measurement. Not only that, OPM can enable different network management functionalities for
next generation optical networks.

Many impairments on optical signal are time-varying due to change of environment, drift on
components, rapid reconfiguration of network paths etc. Also, the fiber impairments depends on
several complex interaction of linear and nonlinear effects which in turns depend on signal
power, data rata and modulation formats. OPM can provide the real-time information of status of
the network health. It ensures fault forecasting, detection, localization, diagnosis and resilience
mechanism activation. Thus, OPM enables robust and stable operation of network to minimize

the downtime while maximize the network availability.



OPM s required to allow scalability of the network. With the increasing bit-rate of the
network the 'window of operability' [6] of the transmission system tends to shrink. For example,
with increasing bit-rate, fiber transmission impairments such as chromatic dispersion (CD),
polarization-mode dispersion (PMD) etc. reduce this window. Increasing the number of WDM
channels further threaten to close the window due to fiber nonlinear effects. OPM is a potential
mean of either widening this window or helping to maintain the channel operation within a small
window.

The future networks are going to support different applications, because it is inefficient to
use separate optical networks for each applications. Such transparent networks are going to
cover different types of traffic and data formats. The network might require transmitting different
modulation formats, wide range of data rates and variable QoS. Therefore, OPM should
accommodate transparency [7].

For reconfigurable networks, currently the routing is done based on the shortest-path
calculation or on path that satisfies certain QoS constraints. However, it will be more
advantageous for network controller to take into account the physical state of the links into
consideration for routing algorithm. For multivariable routing table, each link and optically-
transparent node has a set of parameters such as fiber length, signal degradation, amplification,
channel impairments and transients to calculate the 'cost function' of routing table. Therefore,
OPM is required to provide the information of channel status and parameters so that the routing
tables can dynamically reflect the state of physical links. This impairment-aware routing [8]
would enables significant improvement in the blocking algorithm and the wavelength assignment
algorithm [9].

The future networks might allow plug-and-play operation of an optical node to an existing
network. Such self-manage networks should intelligently monitor the state of networks to
automatically diagnosis and repair network fault, route traffic and dynamically allocate
resources. Therefore, OPM is essential for ensuring high quality of operation of intelligent
networks [7].

Thus, OPM will be not just a feature but a necessity for the next generation optical networks.
The prerequisite is OPM should communicate with the higher control layer for optical network
management (ONM) which will use the monitoring information to implement several

functionalities for proper operation of the networks [10].



1.1.2 Existing OPM Methods

Previously, for performance monitoring, the bit-interleaved parity (BIP) bytes in SDH/SONET
layer was widely used [11]. However, WDM network are now evolving from point-to-point link
to dynamically-reconfigurable all optical networks; hence, it is not possible to monitor BIP bytes
until signals reach end terminals [12]. For such networks, quality of the signal becomes more
vulnerable to the optical layer impairments. Thus, for proper operation and management of the
network, physical layer monitoring (ie, OPM) is more important. The broad spectrum of OPM
includes a plethora of parameters to be monitored which consist of signal quality such as channel
power, optical signal-to-noise ratio (OSNR), BER, Q-factor etc. monitoring and signal
degradation parameters such as CD, PMD, polarization-dependent loss (PDL) and nonlinearity
monitoring. However, in this research, we restrict our investigation in the OSNR and the linear
impairments monitoring only, which are the most important aspects of OPM.

For dispersion (CD and PMD) monitoring, several methods have been demonstrated so far.
One method is to insert a subcarrier (RF tone) at the transmitter, and then measures the resulting
delay of the subcarrier sidebands relative to the baseband. Finally, the CD value is monitored
from this delay [13, 14, 15]. It is also possible to estimate the PMD by spectral analysis of such
RF tone, because the RF power is a function of PMD [16, 17, 18]. Such method is simple and
applicable to WDM system; however, it requires modification of transmitter and additional
consideration to separate the CD and PMD. An alternative technique is extraction of clock
component from the photodetected data and monitors its RF power [19, 20]. Though this
technique does not require transmitter modification, it is bit rate and modulation format
dependent. Simultaneous CD and PMD monitoring based on the RF clock-tone power is
demonstrated for NRZ OOK and DPSK signals [21]. The RF power is measured at the output
ports of Mach-Zehnder delay line interferometer (DLI) with a quarter bit delay. By appropriately
adding and subtracting clock power at constructive and destructive port of DLI, CD and PMD
can be estimated. Another promising dispersion monitoring technique is the analysis of
asynchronous amplitude histogram (AAH) [22]. With a sufficient number of random samples,
AAH can evenly represents the pulse amplitude distribution and several parameters can be
monitored without any clock recovery. However, this technique is also modulation format
dependent. The others CD and PMD monitoring methods include measurements of relative

group delay between vestigial sideband (VSB) signals [23], pilot tone assisted monitoring [24],

3



utilization of nonlinear effects of fiber [25], using artificial neural networks (ANN) [26],
measurement of degree of polarization [27], heterodyne detection and processing of IF signals
[28], etc.

As for the OSNR monitoring methods, it can be broadly classified into two categories: out-
of-band and in-band monitoring, depending on whether the noise power is measured outside or
within the wavelength channel pass band. The traditional out-of-band monitoring technique
involves measuring and interpolating noise power from adjacent channel by measuring optical
spectrum [29]. Though such method is simple, out-of-band monitoring is not always reliable.
Because, in a dynamically reconfigurable WDM network, the linearly interpolated ASE noise
may not be the real ASE noise in the channels of interest, since in such WDM network each
channel may traverse different routes and different numbers of erbium-doped fiber amplifiers
(EDFAS), optical filters, OADMs/OXCs, etc. Therefore, the in-band OSNR monitoring is highly
motivated. There are several methods for the in-band OSNR monitoring. One of such method is
the polarization nulling method [30, 31] which makes use of the fact that the signal component is
polarized while the ASE noise component is unpolarized. By using the polarization controller
and polarizer, the output is adjusted to measure total power and noise power. However, generally
the performance of such method degrades severely under the influence of large PMD and PDL.
Another method for the in-band OSNR monitoring is to use the subcarrier in each wavelength
signal. The electrical carrier-to-noise ratio (CNR) of the subcarrier is determined and the OSNR
is obtained through mathematical relation with the CNR [13]. However, this technique requires
transmitter modifications. Electronic technique such as asynchronous histogram method is also
an attractive option for the OSNR monitoring; however, this method is modulation format
dependent [32]. Other OSNR monitoring methods include optical parametric amplification based
schemes [33], artificial neural network based monitoring [26], uncorrelated beat noise estimation
method [34] etc.

Recently, digital signal processing (DSP) based OPM in digital coherent receivers has been
investigated in several literatures [35, 36, 37, 38]. Most of them are fiber transmission
impairments monitoring from adaptive FIR filters. The method is based on the analysis of
transfer functions of the adaptive finite-impulse-response (FIR) filters structured in a two-by-two
butterfly configuration. After the filters are adapted, a frequency dependent two-by-two matrix is

formed with four elements, which are transfer functions of the adapted four FIR filters. The



inverse of this matrix is called monitoring matrix and can be approximated as the transfer matrix
of the channel, and contains combined effects of CD, PMD and PDL. A precise algorithm is
required to separate all impairments from this matrix. Reference [35] neglects the effect of PDL
when determining CD and differential group delay (DGD) between two principal states of
polarization (PSPs). Thus, the fiber transmission matrix is considered as unitary matrix. Then,
the DGD is estimated by manipulating the elements of unitary matrix and sinusoidal curve fitting.
However, such approach is rather complicated, because it needs some adjustment of the matrix
element and sophisticated technique for curve fittings. Moreover, in presence of PDL, the
transfer matrix is no longer a unitary matrix and the proposed scheme failed to monitor DGD
accurately. An extension work of [35] is presented in [36] where PDL monitoring is included.
However, in the proposed scheme, an OSNR monitor is needed prior to the PDL estimation.

In [37] a similar approach is followed for CD and DGD monitoring where the effect of PDL
is excluded for DGD monitoring algorithm. For PDL monitoring a complicated procedure is
followed which requires estimation of power ratio and loss of orthogonality between two
polarization tributaries. Ref. [38] requires matrix decomposition before separating out individual
impairment.

It should be noted here that none of the above mentioned works have investigated
monitoring of the second-order PMD. An accurate OSNR estimation technique in digital

coherent receivers has also not been investigated.
1.2 Objectives of This Research

The objectives of this research are to enable OPM in digital coherent receivers. The main

motivations are as follows:

e Develop novel algorithms to enable multi-impairment monitoring from adaptive FIR

filters

The new algorithm should be capable of monitoring all linear impairments, namely, CD, DGD,
PDL and second-order PMD. It should be simple and efficient, and avoid any extra devices for
monitoring. Also, a reliable and efficient filter adaptation algorithm is to be developed to ensure

monitoring accuracy.



e Find new ways to efficiently implement long tap filters to enhance multi-impairment

monitoring range

To reduce the computational complexity of conventional equalizers based on time-domain FIR
filters, adaptive frequency-domain equalizer (FDE) can be employed. However, adaptive FDE
has hardly been investigated for digital coherent receivers. Hence, an adaptive FDE should be
developed that will be compatible to coherent communication systems. Efficient multi-
impairment monitoring with large range could be enabled with such adaptive FDE.

e Develop new ideas for monitoring of OSNR in digital coherent receivers

The new OSNR monitoring technique in digital coherent receivers should be simple and
accurate. It should be able to estimate in-band OSNR for any bit rate and commonly used

modulation formats.
1.3 Thesis Organization

This thesis is organized in six chapters, including the current introduction chapter which contains
research overview, objectives of this research and layout of this thesis dissertation.

In chapter 2, the background knowledge of digital coherent receivers, which is necessary to
understand the rest of the thesis, is introduced. In Sec. 2.1, the principle of coherent detection is
introduced followed by a detailed description of the phase diversity and phase and polarization
diversity homodyne receiver scheme. In Sec. 2.2, the concept of digital coherent receivers is
explained. Also, the description of different DSP circuits in the digital coherent receivers is

reported. Section 2.3 summarized this chapter.

In chapter 3, our proposed multi-impairment monitoring technique from adaptive FIR filters is
focused. Section 3.1 outlines a theoretical background related to this chapter. It includes detailed
explanations of conventional adaptive equalization algorithms and the channel model for optical
signal transmission, which is later used for developing the monitoring algorithm. In Sec. 3.2, we
introduce our proposed equalization algorithm (CMA with the training mode) that is used
throughout the thesis. Section 3.3 describes the novel multi-impairment algorithm that separates

out all linear impairments from the transfer function of adapted FIR filters. In Sec. 3.4



experimental verifications of our proposed equalization and monitoring algorithms are

demonstrated. Section 3.5 summarizes this chapter.

In chapter 4, a novel frequency-domain approach of adaptive equalization is introduced and
muti-impairment monitoring from such adaptive FDE is demonstrated. Section 4.1 explains the
theoretical background necessary to develop the adaptive FDE later in this chapter. Section 4.2
presents detailed theoretical and mathematical description of our proposed adaptive FDE.
Section 4.3 compares the computational cost of the adaptive FDE with its counter part of the
conventional time-domain equalizer (TDE). Section 4.4 describes the multi-impairment
monitoring method from the proposed adaptive FDE. In Sec. 4.5, experimental verification is
demonstrated. Both equalization and monitoring performance are shown and discussed. Section

4.6 summarizes this chapter.

In chapter 5, a new method of OSNR monitoring is discussed. Section 5.1 describes the
theoretical background to understand the rest of the chapter. Section 5.2 focuses on the proposed
OSNR monitoring algorithm. It is based on the second- and fourth-order statistical moments of
the output signal from the adaptive equalizer. In Sec. 5.3 the experimental results regarding the

proposed OSNR monitoring method is discussed. Section 5.4 summarizes the chapter.
In Chapter 6, the conclusions of this thesis are drawn and some future works are outlined.
References

1. R. Essiambre, G. Foschini, P. Winzer, and G. Kramer, "Capacity limits of fiber-optic
communication systems," in Optical Fiber Communication Conference, OSA Technical
Digest (CD) (Optical Society of America, 2009), paper OMJ5.

2. D.C.Kilper, R. Bach, D. J. Blumenthal, D. Einstein, T. Landolsi, L. Ostar, M. Preiss and A.
E. Willner, "Optical performance monitoring,” J. Lightwave Technol. 22, 294-304 (2004).

3. A. E. Willner, Optical Fiber Telecommunication V B (Academic press, 2008), Chap.7.

4. Z. Pan, C. Yu, and A. E. Willner, "Optical performance monitoring for next generation
optical communication networks,” Opt. Fiber Technol. 16, 20-45 (2010).

5. M. N. Petersen, “Performance monitoring in the next generation of optical network,” in

Proceedings of Phonics in Switching (2006).



o

10.

11.
12.

13.

14.

15.

16.

F. Forghieri, R. W. Tkach, and A. R. Chraplyvy, Optical Fiber Telecommunication I11A
(Academic press 1997), Chapter 8.

A. E. Willner, "The optical network of the future: Can optical performance monitoring
enable automated, intelligent and robust systems?," Opt. and Photon. News 17, 30-35 (2006).
K. Guild, "Impairments-aware routing for OBS and OPS network,” in Proceedings of
International Conference on Transparent Optical Networks (2006), paper Mo.D3.3.

Y. Huang, J. P. Heritage, and B. Mukherjee, "Connection provisioning with transmission
impairments consideration in optical WDM networks with high-speed channels,” J.
Lightwave Technol. 23, 982-993 (2005).

L. Chen, M. Cheung, and C. Chan, "From optical performance monitoring to optical network
management: Research progress and challenges,” in Proceedings of International Conference
on Optical Communications and Networks (2004).

ITU G.826 standards.

Y. C. Chung, “Optical performance monitoring techniques; current status and future
challenges,” in Proceedings of European Conference on Optical Communication (ECOC),
paper We.1.D.1.

G. Rossi, T. E. Dimmick, and D. J. Blumenthal, "Optical performance monitoring in
reconfigurable WDM optical networks using subcarrier multiplexing,” J. Lightwave Technol.
18, 1639-1648 (2000).

M. N. Petersen, Z. Pan, S. Lee, S. A. Havstad, and A. E. Willner, "Online chromatic
dispersion monitoring and compensation using a single inband subcarrier tone,” IEEE
Photon. Technol. Lett. 14, 570-572 (2002).

N. Lui, W.-D. Zhong, Y. J. Wen, and Z. Lee, "New transmitter configuration for subcarrier
multiplexed DPSK systems and its application to CD monitoring,” Opt. Express 15, 839-944
(2007).

G. Ishikawa and H. Ooi, "Polarization-mode dispersion sensitivity and monitoring in 40-
Gbits/s OTDM and 10 Gbits/s NRZ transmission experiments,” in Optical Fiber
Communication Conference, OSA Technical Digest (CD) (Optical Society of America,
1998), paper WC5.



17.

18.

19.

20.

21.

22.

23.

24,

25.

26.

A. E. Willner, S. M. R. Motaghian, L. S. Yan, Z. Pan, and M. Hauer, "Monitoring and
control of polarization-related impairments in optical fiber systems,” J. Lightwave Technol.
22, 106-125 (2004) .

R. Noé, D. Sandel, M. Yoshida-Dierrolf, S. Hinz, V. Mirvoda, A. Schopflin, C. Gungener, E.
Gottwald, C. Scheerer, G. Fischer, T. Weyrauch, and W. Haase, "Polarization mode
dispersion compensation at 10, 20, and 40 Gb/s with various optical equalizer,” J. Lightwave
Technol. 17, 1602-1616 (1999).

Z. Pan, Q. Yu, Y. Xie, S. A. Havstad, A. E. Willner, D. S. Starodubov, and J. Feinberg,
"Real-time group-velocity dispersion monitoring and automated compensation without
modification of transmitter,” Opt. Commun. 230, 145-149 (2004).

G. Ishikawa and H. Ooi, " Demonstration of automated dispersion equalization in 40 Gb/s
OTDM transmission,” in Proceedings of European Conference on Optical Communication
(1998).

Y. K. Lize, L. Christen, J.-Y. Yang, P. Saghari, S. Nuccio, A. E. Willner, and R. Kashyap,
"Independent and simultaneous monitoring of chromatic and polarization-mode dispersion in
OOK and DPSK transmission," IEEE Photonics Technol. Lett. 19, 3-5 (2007).

Z. Li and G. Li, "Chromatic dispersion and polarization-mode dispersion monitoring for RZ-
DPSK signals based on asynchronous amplitude histogram evaluation,” J. Lightwave
Technol. 24, 2859-2866 (2006).

Q. Yu, Z. Pan, L. -S. Yan, and A. E. Willner, "Chromatic dispersion monitoring technique
using sideband optical filtering and clock phase-shift detection,” J. Lightwave Technol. 20,
2267-2271 (2002).

H. Ji, K. Park, J. Lee, H. Chung, E. Son, K. Han, S. Jun, and Y. Chung, "Optical performance
monitoring techniques based on pilot tones for WDM network applications,” J. Opt. Netw. 3,
510-533 (2004).

S. Widelandy, M. Fishteyn, and B. Zhu, "Optical performance monitoring using nonlinear
detection,” J. Lightwave Technol. 22, 784-793 (2004).

X. Wu, J. A. Jargon, R. A. Skoog, L. Paraschis, and A. E. Willner, "Applications of artificial
neutral networks in optical performance monitoring,”" J. Lightwave Technol. 27, 3580-3589
(2009).



27

28.

29.

30.

31.

32.

33.

34.

35.

36.

. S. Lanne, W. Idler, J. P. Thiery, and J. P. Hamaide, "Fully automatic PMD compensation at
40Gbits/s," IEE Electron. Lett. 38, 40-41 (2001).

B. Fu and R. Hui, "Fiber chromatic dispersion and polarization mode dispersion monitoring
using coherent detection,” IEEE Photon. Technol. Lett. 17, 1561- 1563 (2005).

H. Suzuki and N. Takachio, "Optical signal quality monitor built into WDM linear repeaters
using semiconductor arrayed waveguide grating filter monolithically integrated with eight
photodiodes,” Electron. Lett. 35, 836-837 (1999).

J. H. Lee and Y. C. Chung, "Improved OSNR monitoring technique based on polarization-
nulling method," Electron. Lett. 37, 972-973(2001).

J. H. Lee, H. Y. Choi, S. K. Shin, and Y.C. Chung, "A review of the polarization-nulling
technique for monitoring optical-signal-to-noise ratio in dynamic WDM networks," J.
Lightwave Technol. 24, 4126-4171 (2006).

B. Kozicki, O. Takuya, and T. Hidehiko, "Optical performance monitoring of phase-
modulated signals using asynchronous amplitude histogram analysis," J. Lightwave Technol.
26, 1353-1361 (2008).

T. Ng, J. L. Blows, M. Rochette, J. A. Bolger, I. Littler, and B. Eggleton, "In-band OSNR
and chromatic dispersion monitoring using a fiber optical parametric amplifier,” Opt.
Express, 15, 5542-5552 (2005).

W. Chen, R. S. Tucker, X. Yi, W. Shieh, and J. S. Evans, "Optical signal-to-noise ratio
monitoring using uncorrelated beat noise,” IEEE Photon. Technol. Lett. 17, 2484-2486
(2005).

F. N. Hauske, J. C. Geyer, M. Kuschnerov, K. Piyawanno, T. Duthel, C. R. S. Fludger, D.
van den Borne, E.-D. Schmidt, B. Spinnler, H. de Waardt, and B. Lankl, “Optical
performance monitoring from FIR filter co-efficients in coherent receivers,” in Optical Fiber
Communication Conference, OSA Technical Digest (CD) (Optical Society of America,
2008), paper OThw2.

F. N. Hauske, M. Kuschnerov, B. Spinnler, and B. Lankl, “Optical performance monitoring
in digital coherent receivers,” J. Lightwave Technol. 27, 3623-2631(2009).

10



37.J. C. Geyer, F. N. Hauske, C. R. S. Fludger, T. Duthel, C. Schulien, M. Kuschnerov, K.
Piyawanno, D. van den Borne, E.-D. Schmidt, B. Spinnler, B. Lankl, and B. Schmauss,
“Channel parameter estimation for polarization diverse coherent receives,” IEEE Photon.
Technol. Lett. 20, 776-778 (2008).

38.J. C. Geyer, C. R. S. Fludger, T. Duthel, C. Schulien, and B. Schmauss, “Performance
monitoring using coherent receiver,” in Optical Fiber Communication Conference, OSA
Technical Digest (CD) (Optical Society of America, 2009), paper OThH5.

11



Chapter 2

Background of Digital Coherent Receivers

The employment of coherent receivers in optical communication systems became popular in
1980s [1]. The main drive of such research was for improving receiver sensitivity over intensity
modulation/direct detection (IM/DD) system due to scarcity of efficient optical amplifier. With a
sufficient local oscillator (LO) power, the shot-noise limited receiver sensitivity was achieved.
However, the advent of Erbium doped fiber amplifier (EDFA), the shot-noise limited receiver
sensitivity of the coherent receiver became less important as the signal-to-noise ratio (SNR) of
the signal transmitted through the amplifier chain is determined from accumulated amplified
spontaneous emission (ASE) noise rather than the shot noise. Even in the unrepeated
transmission, the EDFA can be used as pre-amplifier, thus eliminating the need of coherent
receivers for its better sensitivity. For this reason, the further research and development
activities regarding coherent communication systems have been interrupted for about 20 years.

Nowadays, the employment of higher-order modulation formats is becoming a necessity for
its higher spectral efficiency to meet ever increasing bandwidth demand. In fact, such complex
modulation format can be employed with coherent receivers, because such receivers can retrieve
whole complex field of the received lightwave. Thus, research of coherent systems again comes
in center of attention. The alternative of the coherent detection, the delay detection [2] is not so
attractive, because beyond QPSK such scheme can hardly be realized due to higher complexity.

The main obstacles for practical implementation of traditional coherent receivers are phase
and polarization tracking. Due to the fiber birefringence, the output state of polarization (SOP) in
the fiber fluctuates without matching the SOP of LO. Phase locking is also necessary. Dynamic
control of SOP requires bulky and costly devices and use of optical phase lock loop (OPLL) for
phase tracking is not practically feasible due to high complexity and stringent requirements for
laser linewidth.

On the other hand, phase and polarization diversity homodyne detection followed by digital
signal processing (DSP) eliminates such obstacles of SOP and phase tracking [3, 4, and ref.

therein]. Such a DSP-based coherent optical receiver is generally termed as a digital coherent
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receiver. The recent deployment in DSP integration makes it practically viable. Any kind of
multilevel modulation can be employed with such receivers [5, 6, 7, 8, 9, 10]. More importantly,
all of fiber transmission impairments can be compensated for in electric domain [11, 12, 13, 14,
15]; thus a dispersion compensation fiber (DCF) and an optical polarization mode dispersion
(PMD) compensator can be eliminated from the link.

Note that, due to the requirements of high speed ADCs and DSP circuits, most of the
experimental demonstrations based on digital coherent receivers have been done offline.
However, several demonstrations of real-time operation of such receivers have also been
reported by using either application-specific integrated circuit (ASIC) [16, 17, 18] or field-
programmable gate array (FPGA) [19, 20, 21, 22].

This chapter provides the background theory of such DSP-based coherent optical receivers
which will be necessary to understand the rest of the thesis. Section 2.2 provides the principle of
coherent detection and Sec. 2.3 provides the concept of digital coherent receivers and a brief

description of DSP functions in such receivers. Section 2.4 summarizes this chapter.

2.1 Principle of Coherent Detection

2.1.1 Coherent Detection

The fundamental concept of coherent detection is to mix the electric field of modulated signal
light and continuous-wave local oscillator (LO). Let the optical signal from the transmitter be

expressed as

E.(t)=A (texp(jart), (21)
where Aq(t) is the complex amplitude and ws is angular frequency. Similarly, the electric field of
LO is given as

Eo (t):ALo (t)exp(ja)Lot)' (2.2)

where ALo(t) is the complex amplitude and w, o is angular frequency of the LO. Note that the

complex amplitude As and Ao is related to their power of optical field Ps and P o, respectively
as P =|A["/2 and P, =|A,[ /2.

Generally, a balanced detection is used in coherent detection to suppress the DC components

and maximize signal photo-current. Such a scheme is shown in Fig. 2.1 where a 3-dB coupler is
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used to add a 180° phase shift to either signal field or LO field. Considering LO and signal are

copolarized, the electric fields incident on the upper and lower photodiodes are expressed as

El(t):iz{es (t)+Eo (1)}, 2.3)
E, (t):%{ES (t)—Ewo (1)} (2.4)

Considering a PSK modulated signal, the signal phase, 6siq(t) is given as g, (t) =6, (t) +6,, (1),
where 6 is the phase modulation and 65, is the phase noise. We also define the total phase noise
Onas 6,(t)=06,,(t)—6,(t), b0 being the phase of LO. With these notations, the photo-currents

can be written as

L (6)=R[Re(E (0}
:%[PS (t)+P, +2Mcos{wmt+03 (t)+0, (t)}} (2.5)

1, (t)=R[Re{E, (1)} ]"

R

:E[ps (t)+Po—2/P, () Po cos{@pt+6, (t)+6, (t)}] (2.6)

where 'ms' denotes the mean square with respect to optical frequencies, 'Re’ is the real part and
wir is the IF given by o = @, — o, respectively. The responsitivity of the photodiodes R is

given as

en
R=—1L, 2.7
o 2.7)

where 7 stands for Plank's constant, e is the charge of electron, and # is the quantum efficiency

of the photo-diode.
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The balanced detector output can be found from Eqg. (2.5) and (2.6) as
L(t)=1,(t)-1,(t)= 2R1/PS (t)P, cos{mt+6, (t)+6, (t)}. (2.8)

Polarization

controller E,
"
Es [
—
A 1,
Elo E,

Fig. 2.1: Configuration of coherent receiver that measures beat between the signal and LO

Depending on the value of wg, coherent detection can be classified as either heterodyne or
homodyne detection. In case of heterodyne detection,|a),F|>>wb/2, where wyp is modulation

bandwidth of the optical carrier determined by the bit rate. As shown in Eg. (2.8) the electric
field of the signal light is down-converted to an IF signal that includes both amplitude and phase

information. We can determine the complex amplitude on exp(jw\et) from Eq. (2.8) as

e (t)=2RP.(t)Py exp j {6, (t)+6, (1)} (2.9)

As shown in Eq. (2.9), Ic(t) is equivalent to Ag(t) except the incremental phase noise stemming
from LO. There are several methods to demodulate I(t) such as envelope (non-coherent)
detection, differential (delay) detection and synchronous (coherent) detection.

On the other hand, in case of homodyne detection, w,r=0. The photocurrent can be written
from Eq. (2.7) as

1 (t)=2R/P,(t)P,, cos{6, (t)+6, (t)}. (2.10)

As shown in Eqg. (2.10), in order to decode the symbol correctly, the LO phase must track with
the transmitter phase noise so that 6, can be zero. Such function can be realized by an OPLL;
however, such loop is not simple and adds complexity to the homodyne receiver. Moreover, Eq.

(2.10) gives only the cosine component (in-phase component with respect to the LO phase) and
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the sine component (the quadrature component) cannot be detected. Therefore, this type of

homodyne receiver cannot extract the complex amplitude of the signal.
2.1.2 Phase Diversity Homodyne Receiver

Preparing another LO, whose phase is shifted by 90°, in the homodyne receiver, we can extract
both sine and cosine components. This function can be achieved by introducing a 90° optical
hybrid. As shown in Fig. 2.2, by using a 90° hybrid, we can obtain four outputs Ej, E, E3, and E,4

from two inputs Es and E o as

E, ()= {E (1) +Ewo (1)}, (2.11)
£, (6)=3{E.(0)-Eo (1), @.12)
£, ()= {E. () + B (1), @13)
£, () =5 {E ()~ 1Ew (1) @19

Polarization cos
controller
E

sin

90—-degree
optical hybrid

Fig. 2.2: Configuration of phase diversity homodyne receiver

Correspondingly, the photo-currents from balanced photodetectors are given as

1, (t)=1,@®)1,,®) = R\P. (t) P, cos{6, (1) +6, (1)}, (2.15)
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lo () = lo.®) = 1o, (1) = R\P. () P sin{6, (t)+6, (t)}. (2.16)

From Egs. (2.15) and (2.16), we can obtain the complex amplitude as

I () =1, (t)+ ]I, (t)= R,/Ps (t)Po exp{d, (t)+6, (1)}, (2.17)

which is equivalent to the complex amplitude of the optical signal except for the phase noise
increase.

This type of receiver is commonly termed as “phase diversity homodyne receiver” [23]
because the signal amplitude can be determined independently from the measured sine and
cosine components. It is also termed as “intradyne receiver” [24] because the optical complex
amplitude is restored in the baseband without frequency and phase locking.

The complex amplitude I¢(t) given by Eg. (2.17) can be demodulated by using the similar
techniques used for heterodyne detection- envelope (non-coherent) detection, differential (delay)
detection and synchronous (coherent) detection. Note that, we can avoid OPLL used in
synchronous detection, if we estimate the phase noise through DSP on the homodyne detected
signal given by Eq. (2.17). This is the basic idea of ‘digital coherent receiver’ which will be
discussed later in this chapter.

Both the phase diversity homodyne receiver and the heterodyne receiver can restore full
information on the optical complex amplitude; however, the homodyne receiver is best suited for
digital coherent receivers because it generates the baseband signal directly, whereas the

heterodyne receiver deals with a rather high intermediate frequency.
2.1.3 Homodyne Receiver Employing Phase and Polarization Diversities

The state of polarization of the incoming signal plays no role on in direct detection receiver. The
photo-current of such receiver depends only on the number of incident photons. On the other
hand, in case of the coherent receiver, the receiver sensitivity is dependent on SOP of the
incoming signal. In practical systems, it is unlikely that SOP of the incoming signal will be
always aligned to that of LO. This is because SOP of incoming signal changes with the random
variation of fiber birefringence, while that of LO is determined by the laser and remains fixed.
The polarization-diversity receiver architecture can solve this polarization mismatch problem
[25].
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Fig. 2.3: Schematic of homodyne receiver employing phase and polarization diversity

The homodyne receiver that employs both phase and polarization diversities is shown in Fig.
2.3. The incoming signal having an arbitrary SOP is first separated into two linear polarization
components by a polarization beam splitter (PBS). Let the x- and y- polarization components

after the PBS are given as

E, (t)] [VaA (t)exp(jo) ol
{Esy(t)}{ Mﬁg(t) ] p(iet). (2.18)

where o is power splitting ratio of two polarization components and ¢ is the phase difference
between them. These parameters are time-varying and depend on the fiber birefringence. On the
other hand, x- and y-polarization components of LO can be written as

Eiy E:ﬂ :%&Z E:ﬂexr’(j“’tot)' (2.19)

Two 90° optical hybrids in Fig. 2.3 generate eight electric fields E; , . gat the double balanced
photodiodes PD;-PD, as

1

E, (t):E(ESX (t)i% E. (t)j, (2.20)



E3’4(t):% Esx(t)i%ao ol (2.21)
1 1

E5]6(t):5 Esy(t)iEELo(t) , (2.22)

Em(t):% Esy(t)i%ELo(t) | (2.23)

where E| 0=E_0x=ELoy. Correspondingly, the photo-currents from PD; to PD, are given as

1 =R “BIRe cos(, (1)1, 1)+ ). (222)
Lo (0)=R) P00 gin (g (1) 6, (1)), 225)
1 0=R 2O o 110,04 29
0= R ORe Gt 1), 1) @27

We can measure complex amplitudes of the two polarization components by using Egs. (2.24)-
(2.27) as

Le () =1, (1) + ]l (1), (2.28)

Le () =1, (t)+ jl,o (1), (2.29)
from which the complex amplitude can be constructed in a polarization-independent manner.
This can be done with no notable penalty by the maximal-ratio combiner method [26, 27].

2.2 Concept of Digital Coherent Receivers
2.2.1 Basic Concept of Digital Coherent Receiver

The basic concept of digital coherent receivers is depicted in Fig. 2.4. First, the incoming signal

is linearly detected by a phase and polarization diversity coherent optical receiver. With such
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scheme, both the complex amplitude and SOP of the signal are detected. Then, the complex
amplitude is converted to digital data by analog-to-digital converters (ADCs) and processed by
the DSP. The progress in speed, performance and reliability of integrated circuits makes the DSP
circuit practically feasible to recover the complex amplitude from homodyne-detected baseband

signals.
Im
N
SOP —é;L) Re
Signal
—>| Phase and Polarization > ADC/
> Diversity Optical Circuit > DSP Decoded
Symbols
Im
Free-runnin
LO d Complex Re
amplitude

Fig. 2.4: Concept of digital coherent receiver

The combination of the optical 1Q modulator and the 1Q demodulator realizes the linear
optical communication system. At the transmitter, a vector in the complex plain is defined using
two voltages driving the 1Q modulator. This vector is then mapped on the phasor of the optical
carrier through the 1Q modulator and such complex signal is completely restored by the digital
coherent receiver. This is exactly the linear system, where 1Q information is preserved even with

the E/O or O/E conversion process.
2.2.2 Digital Signal Processing

Considering the dual-polarization transmission system, to recover the information from the

modulated signals, the DSP circuits must perform the following operations:

e Sampling and digitizing the analog signal by ADCs,

e Compensation for static channel impairments,
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e Polarization demultiplexing,

e Clock-recovery,

e Equalization of time-varying linear impairments,
e Estimation of carrier phase and IF offset,

e Decoding.
Throughout this thesis, the above operations are achieved using the functional blocks shown in

Fig. 2.5.

IS
| ol S| El—| |— d,
lio— " S 2 @ &
@) = &= ©
a) i ) a o
<€ = © S
l,, —> ks = S a
— Z | &S| - — —> d,
)
lo—> < =
y Q0]
o

Fig. 2.5: Functional blocks in a DSP core of digital coherent receivers

Sampling and digitizing

After coherent detection of the incoming signal by a phase and polarization diversity receiver,
four ADCs convert | and Q data of two polarization tributaries. In order to recover the signal
information, the sampling frequency of the ADCs should be at least equal to the symbol rate of
the system, provided that the ADCs are synchronized by any clock recovery technique. In
systems that do not use a clock recovery stage before the analog-to-digital conversion, the
sampling frequency of the ADCs is generally double the symbol rate. With a two-fold
oversampled sequence, an adaptive filter can essentially perform clock recovery [28]. Moreover,

such oversampling reduces the aliasing effect [29]. Dual-polarization QPSK modulation format
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is considered for the candidate of future 100-Gbits/s Ethernet standard and recent advancement

of the ADC speed allows two-fold oversampling even for such systems [30].
Fixed Filtering

A fixed filter is used for equalization of linear static-channel impairments, mainly CD
compensation. The CD is one of the most impairing phenomena that affect a signal transmitted
through an optical fiber. For digital coherent receivers, CD can be compensated by either in the
optical domain by DCFs or in the digital domain by using digital filters. However, the latter one
is more suitable because system installation can be made more cost-effective and also tolerant to
fiber nonlinear effects [31,32].

Since CD varies very slowly in a fiber link, the CD equalizer is generally implemented by a
fixed filter prior to an adaptive filter. Usually, two types of equalizers are investigated for the CD
compensation: time-domain equalizer (TDE) [33, 34] or frequency-domain equalizer (FDE) [35].
The choice between TDE and FDE mainly depends on the maximum dispersion in the channel
and the resulting filter length [36]. Generally, complexity of a FDE grows much slower with the
amount of CD; therefore, FDE is suitable for long-haul transmission where accumulated
dispersion is very large.

For both the approaches, the knowledge of accumulated dispersion value is necessary. The
CD transfer function can be expressed, in the case of the second order approximation, as [37]:
DAL
4rc

Hep (@) = exp(=j w?), (2.30)
where A is the carrier wavelength, D is dispersion parameter, L is fiber link length, and c is the
speed of light. Thus, the dispersion compensating filter can be designed as an all-pass filter with

the transfer function

1
Hep (@) .

Hf,CD () = (2.31)

Another approach to find the filter transfer function is to estimate the CD at the start up by
using some adaptive [38] or non-adaptive algorithms [39] and then to use the estimated value for

fixed filtering.

22



For TDE implementation, a finite-impulse-response (FIR) filter can be used with a tapped
delay line as shown in Fig. 2.6. If we assume that the number of taps is large, then the discrete
impulse response of the filter can be approximated as the continuous time impulse response.
Savory [33] has obtained a simple closed form solution for the tap weights that also provides an
upper bound on the number of taps required for a given value of dispersion. The form of the tap

weights are as follows:

. 2 2 D/IZL
= JCT2 exp —J'ECTZ k? ;—{EJSKS{EJ and N=2x ||—2 1 (232)
DAL DAL 2 2 2cT

where hy is the taps weight, k is a sub-index indicating the number of the tap, and T is the

sampling time interval T = 1/fs. The operator LXJ means the largest integer not exceeding X.

-==> >
u(n) T t L

hy—> h1_>® hN-1_>® hy

A4

2

A\ 4
v(n)
Fig. 2.6: Structure of FIR filter. t denotes the delay time.

Note that, the infinite-impulse-response (IIR) filter can also be used, where the required
numbers of taps are less than those of FIR filters [40]. However, the inherent feedback loop
makes this approach almost impossible to implement in high speed applications with parallelized
processing.

In case of FDE implementation, the input signal is transformed in the frequency domain,

multiplied by filter transfer function as in Eq. (2.31) and then transformed back into the time
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domain as shown in Fig. 2.7. Such multiplication in the frequency domain relates to the circular
convolution in the time domain; however, we can extract the linearly-convoluted terms from the
circularly-convoluted output by using the overlap-save method [41, 42]. Demonstration of such
approach can be found in [35].

3 — o
J N = B— | S
i) — & = E S E P & =)
I

Fig. 2.7: Schematics of frequency-domain fixed equalizer

Adaptive Filtering

In contrast to CD which can be considered as a constant impairment, the polarization related
effects are time-varying; thus, polarization state manipulation and PMD compensation should be
done adaptively. The problem of compensation for polarization rotation digitally was
investigated first by Betti [43] and later demonstrated by utilizing the formalism of the multiple
input multiple output (MIMO) system [44, 45]. This is a case of 2x2 MIMO and four filters are
connected in the two-by-two butterfly configuration for such purpose as shown in Fig. 2.8.

When the inputs uyy(n) are two-fold oversampled, update of filter tap coefficients hp(m) is
done per every two samples, where p = xx, Xy, yx or yy and the symbol-spaced sample index m is
related to n as n=2m or 2m+1. The filter outputs are downsampled by a factor of two to retain
symbol-spaced output, vyy(m). With such a scenario, apart from equalization of linear
impairments, the adaptive filter can perform the polarization demultiplexing [46, 47, 48] and

clock recovery [28, 49] simultaneously.
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Fig. 2.8: Schematic of two-by-two butterfly structured adaptive FIR filter

Let the polarization-multiplexed signal Ui,=[Uinx(N) uin,y(n)]T is launched on a fiber for
transmission, where Ui x(n) and uiny(n) represent complex amplitudes of the signal electric field
in the x- and y- polarization tributary, respectively. After transmission through fiber, the
polarization of the light wave is usually not preserved. In absence of polarization-dependent loss,
the output electrical fields at the receiver uy(n) and uy(n) can be related to the input electrical

fields by
{uxm)} i J{um,xm)} 23
uy(n) Uin,y (N)

where J is the unitary matrix representing fiber birefringence. The polarization of light wave in
fiber generally drifts with time. However, the rate of this polarization drift is usually slower than
the data rate. Therefore, demultiplexing of two polarization tributaries can be done by using four
adaptive filters which correspond to four elements of the matrix J™. The adaptive control of the
matrix elements can be done by using decision-directed least-mean-square (DD-LMS) algorithm
[50], provided that a training sequence is available. The constant-modulus algorithm (CMA) [51]
is also a popular choice for such purpose as it can operate on the blind mode. Details of the filter
adaptation algorithms will be discussed in chapter 3.

Usually the received sequence is sampled by free-running analog-to-digital converters
(ADCs) operated at the rate twice the symbol rate (i.e., twofold oversampling) because such

oversampling significantly reduces the aliasing effect. In this case, the clock recovery can be
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performed as follows: First, data sampled by AD converters are interpolated in the time domain.
Then, the clock is extracted from the up-sampled data through DFT, and it re-samples the data so
as to keep one sample within one symbol interval. The re-sampled data are sent to the DSP
circuit for further signal processing including adaptive FIR filters with one-symbol-spaced delay
taps. However, we can simplify the DSP circuits by removing such clock-recovery scheme as
adaptive FIR filters can also do the same functionality as far as clock frequencies are
synchronized between the transmitter and the receiver. This is because during the filter-tap
adaptation process, the sampled waveform is continuously time-shifted so that sampling instance
for the symbol-spaced sequence comes to the best position in symbol duration. Such function is

essentially the clock-recovery process.
Carrier Phase Estimation

The digital phase estimation can use feed-forward (FF) techniques [52, 53] or closed loop
concepts [54]. Again, the estimation can be aided by pilot sequences or non-data-aided. The
main approach used in modern coherent receivers is based on non-data-aided FF techniques. In
this section, only M-th power algorithm [55] is discussed which is a popular choice for M-ary
PSK modulated signals.

Since the linewidth of semiconductor distributed feedback (DFB) lasers varies much more
slowly than the phase modulation, it is possible to obtain an accurate phase estimate by
averaging the carrier phase over many symbol intervals.

The phase of the complex amplitude obtained from Eq. (2.17) contains both the phase

modulation 6,(m) and the phase noise 6 (m). The procedure to estimate 6,(m) is shown in Fig.

2.9. We take the M-th power of v(m), because the phase modulation is removed from v*(m) in the
M-ary PSK modulation format. Averaging v*(m) over 2k+1 samples constitutes a phase estimate

as

ee(m)zarg(zk:v(m+n)M]/M. (2.34)

n=-k

The phase modulation 6,(m) is determined by subtracting (m) from the measured phase of

6.(m) . The phase modulation is then discriminated among M symbols.
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v(m)ooexp { j[6, (m) + 6, (m)]} o.(m)+6,(m) +

~| ars() »@®—| Decode |—
6, = 6,(m)
M-th LPF
power [4] = —| arg(.) | 1/M
v'(m)ocexp{ j[46,(m)]}

Fig. 2.9: Block diagram of M-th power carrier phase recovery scheme

The phase of the symbol thus obtained has the ambiguity of 2z/M, because we cannot know
the absolute phase. However, we can avoid the phase-ambiguity problem if the data are
differentially precoded, although the bit error rate is doubled by error multiplication.

The phase estimate 6,(m) ranges between —z/M and + z/M. Therefore, if |6’e(m)| exceeds
/M, the phase jump of 2z/M occurs as shown in Fig. 2.10. To cope with this problem, the

correction for the phase jump is done as follows:

He(m)<—¢9€(m)+i/|—” f{0,(m)—6,(m-1)}, (2.35)

where f(x) is defined as

+1 forx<—-=z/M
f(x)=40 forx<+z/M (2.36)
-1 forx>+x/M

This adjustment ensures that the phase estimate follows the trajectory of the physical phase and

cycle slips are avoided [53].
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Fig. 2.10: Phase jump and its correction during phase estimation process

As modulation formats move beyond QPSK to high-order QAM, the requirements on the
laser linewidth become increasingly stringent [56]. Using conventional wireless approaches such
as decision-directed phase locked loops can increase the tolerance range significantly for 16-
QAM [6, 54, 57]. Also some other hardware efficient carrier-recovery schemes have been

proposed with similar performance [58].
2.3 Chapter Summary

The background of digital coherent optical receivers is reviewed. First, the principle of coherent
receivers is discussed. Then, the detailed description of the phase and polarization diversity
homodyne receiver with digital signal processing is presented. Finally, explanations of different
DSP algorithms used in this thesis are reviewed.
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Chapter 3
Multi-Impairment Monitoring from Adaptive FIR Filters

The digital coherent receiver enables equalization of all deterministic linear impairments by
using four finite-impulse-response (FIR) filters structured in a two-by-two butterfly
configuration. After the filters are adapted by a suitable algorithm, we can construct a frequency-
dependent two-by-two matrix with four elements, which correspond to transfer functions of the
adapted four FIR filters. This matrix is nothing but the inverse transfer matrix of the channel and
contains combined effects of chromatic dispersion (CD), polarization mode dispersion (PMD)
and polarization dependent loss (PDL). The challenge is to develop a precise algorithm for
sorting out the individual impairment from this monitoring matrix. We propose a novel and
unified algorithm to monitor CD, first- and second- order PMD and PDL from this monitoring
matrix. As of second-order PMD, its two components, polarization dependent chromatic
dispersion (PCD) and depolarization (DEP) of two principle states of polarization (PSPs), are
estimated separately.

This chapter is organized as follows: Sec. 3.1 gives the theoretical background that is
necessary to understand the rest of the chapter. Section 3.2 introduces the proposed novel
equalization algorithm. Section 3.3 describes the proposed multi-impairment algorithm from the
monitoring matrix. Section 3.4 illustrates the experimental verification of both equalization and
monitoring algorithms and finally Sec. 3.5 summarizes this chapter.

In the rest of the chapter, vectors and matrices are in boldface letters; superscripts (¢)", (¢)",
(9)!, and (+)' denote complex conjugate, transpose, inverse, and Hermitian transpose,
respectively; subscript (¢),, is the numerical differentiation with respect to the angular frequency
w; and functions DFT (), arg (¢), and det (¢) denote discrete Fourier transform, argument, and

determinant, respectively.

3.1 Theoretical Background
3.1.1 Adaptive Equalization Algorithms
Though several algorithms have been investigated for filter adaptation in digital coherent

receivers, gradient-decent-based algorithms such as the least-mean-square (LMS) algorithm [1,
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2] and the constant-modulus algorithm (CMA) [3, 4] are most popular. In the following, these
two algorithms are described.

Let the filter input vectors be given as

u(m=[u,(m um-1) - um-N), (3.1)

uy(m)=[uy(m) u,(m-1 - uy(m—N)]T, (3.2)

where u,(m) and u,(m) denote the m-th sample of the received complex amplitude of the electric
field from the X- and y- port of the homodyne receiver comprising phase and polarization
diversities, and N is the number of delay taps. The tap coefficient vector is given as

(M =[hyo(m) Ry (m) - )] (33)

where, p = xx, Xy, yx or yy. Then, the outputs from two ports of butterfly configuration are given

by
v.(m)=h (mu (m)+h, (Mu, (M), (3.4)
v,(m)=h’ (mu (m)+h’ (m)u (m). (3.5)

As derived in appendix AL, for the LMS algorithm, the tap weights are updated with a step size

parameter [ as

h, (m+1)=h_(m)+ e (M)u (m), (3.6)
h,,(m+1)=h, (M) + e, (M)u; (m), (3.7)
hy,(M+1) =h,, (m)+ ue, (M)us (m), (3.6)
h,, (m+1) =h, (m)+ e, (m)u; (m), (3.7)

The error signals, eyy(m), are given as
e (m)=d,(m)-v,(m), (3.10)

e,(m)=d,(m)-v,(m), (3.11)
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where dyy(m) are the desired symbol which may either the training symbol in the training mode

or the decoded symbol in the decision-directed mode.

(M) dy(m)
7 CPE ——| Decision

O CPE —| Decision
vy(m) dy(m)

LMS

Fig. 3.1: Butterfly structured FIR filters adapted by DD-LMS algorithm

However, in the decision-directed mode, it is necessary to ensure a perfect carrier phase
estimation and IF estimation before decision; otherwise, the performance of decision-directed
LMS (DD-LMS) can be degraded, especially when numbers of delay taps are large.

On the other hand, such situation can be avoided by using the CMA. In case of the CMA, as
shown in Appendix A2, the filter tap coefficients are updated as:

h, (m+1)=h_(m)+ e, (m)v, (mu’,(m), (3.12)
h,,(m+1)=h, (m)+ e, (m)v, (M)u; (m), (3.13)
h, (m+1)=h (m)+ ue, (M), (M), (m), (3.14)
h, (m+1)=h, (m)+ pe, (M), (m)u; (m), (3.15)

The error signals, eyy(m), are given as

e (m)=R:-|v, (m)|2 : (3.16)

& (m) = RZ2 _‘Vy (m)

‘2

, (3.17)
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Eqd(m)}
E{d(m)[’}

format. As shown by Eqgs. (3.16) and (3.17), CMA cost functions

where R, = . Thus, R, is generally assumed as 1 for the M-ary PSK modulation

ex'y(n)‘zare independent of the

signal phase. Therefore, unlike DD-LMS, the performance of CMA is inherently independent of

the carrier recovery or IF estimation circuits.

vy(m)

> CMA

<€ 1

Fig. 3.2: Fig. 3.1: Butterfly structure for FIR filters adapted by the CMA

Note that the CMA is also applicable for non-constant modulus modulation formats such as
high-order QAM; however, modifications in Egs. (3.16) and (3.17) can enhance the performance
of CMA for the high-order QAM formats [5, 6, 7]. Such modified CMA is derived from the
radius-directed adaptive algorithm proposed for wireless communication [8, 9], in which the

error signal, for example in case of 16-QAM, can be calculated as:

1. When vxvy(m)‘z}.

v, (m) <056, e, (m)= {0.2—

2.For 0.6<

v, (m)| <18, e, (m)= {1.0—

vy (mf .

3. And when

v,, [ >18, e, (m)= {1.0—

Vey (m)‘z}.

We consider that the signal power is normalized to one on each polarization.
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3.1.2 Singularity Problem of CMA

When we apply the conventional CMA, initial tap coefficients of four filters are set to zeros
except for the center tap of each filter which is chosen from the four elements of a two-by-two

arbitrary unitary matrix ho give as

| Vee™ e | (3.18)
° J1-a, \/ae"%

In this Eq. (3.18), 0< ap< 1 and -n < dp<w. Assume that the unitary matrix T is the Jones matrix of

the fiber for transmission expressing its birefringence property, which can be written as

T{ﬁe” ~i-a } (3.19)
Fa e

where a denotes the power splitting ratio between two polarization modes and ¢ the phase
difference between them. Then, the initial outputs of two ports of the filters are given as [vyo,
Vyo] '=hoT [Uinx Uiny]", where [Uinx Uiny]" is the transmitted signal. Since T and hy are unitary, vy
and vyo are orthogonal to each other in the Stokes space. Let vy, and vyo be located in Ag and By
points on the Stokes space. The Stokes parameter S; of Ag is positive in Fig. 3.3(a) while negative
in Fig. 3.3(b). By is located at the antipodal point of Ag. Thus, when S;>0 for Ag as shown in Fig.
3.3(a), Ao moves towards A (linear x polarization) and By towards B (linear y polarization). On
the other hand, when S;<0 for Aq as shown in Fig 3.3(b), A; moves towards B and B, towards A.
That means though polarization demultiplexing is performed, the corresponding output ports of
the butterfly structure have been interchanged.

Fig. 3.3: Trajectories of polarization vectors v, and vy, on the Poincare sphere. (a): S;>0 for Ag and (b):
S1<0 for A,. After ref. [10].
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However, in presence of PDL, the fiber transfer function is no longer a unitary matrix and it
is possible to have the same sign of S; for both Ag and By. In such case, outputs from both ports
converge to same polarization tributary. This situation is termed as the singularity problem
because the matrix hoT becomes a singular matrix. For example, as shown by the polarization

trajectories in Fig. 3.4, with -3dB PDL and hyq is given as

h, :B ﬂ (3.20)

the S; values for both v, and vy, are positive sign; therefore, both output tributaries converge to

x-polarization channel and causing the singularity problem.
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Fig. 3.4: Trajectories of polarization vectors when PDL=-3 dB and h is given as Eq. (3.20). Red and
blue colors corresponds to x- and y- polarization channel. After ref. [10].

3.1.3 Channel Model

Considering a modest channel power to operate in the linear region or weakly nonlinear region,
we can model the transfer function of a fiber as a concatenation of CD, PMD and PDL elements,
given as D(w), U(w) and K, respectively, and the Jones matrix T including the birefringence of

the fiber as

H gier (@) = D(@)U(@)KT. (3.21)
In Eg. (3.21), the scalar function D(w) is the CD element expressed as
D(w) = 12, (3.22)

where S, is the group velocity dispersion (GVD) parameter, » the angular frequency of the

carrier, and L the fiber link length.
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The transfer matrix U(w) represents the PMD element. The first-order PMD element U(w)

has the form of a unitary matrix given as

(3.23)

0 e joAT/2

eijT/Z 0
U(w) = Rl‘l[ .
where Az is the DGD between two orthogonal principal states of polarization (PSP) and R; is a
unitary matrix converting two PSP into the x- and y-polarization.
Although individual PDL elements may randomly distributed over the transmission system,
the global PDL can be represented by a single Hermitian matrix K [11] as

K= Rzl["rm’“ 0 }Rz, (3.24)

0] |
where Iax and Imin are the maximum and minimum values of the transmission coefficient,
respectively, and R; is a unitary matrix converting the eigen modes for PDL into the x- and y-
polarization. Finally, T is a two-by-two unitary matrix, whose matrix elements are angular-

frequency independent as shown in Eq. (3.19).

3.2 CMA with Training Mode

In this work, we use the CMA for filter adaptation. However, as mentioned in the previous
section, CMA may suffer from the singularity problem. To cope with this problem several
methods have been proposed [10, 12, 13, 14]. In [10], [12] and [13], tap coefficients controlling
one tributary are set according to those of the other by assuming that states of polarization (SOP)
of two tributaries are orthogonal to each other. However, such orthogonality is not always
assured, especially in the presence of high PDL. Moreover, such techniques do not ensure that
each polarization tributary will converge to the desire output ports of the butterfly configuration.
In [14], a two-stage CMA equalizer has been proposed for singularity-free operation; however, it
induces additional complexity of the equalizer. As an alternative of CMA, the independent
component analysis (ICA) algorithm has also been investigated for polarization demultiplexing
[15, 16, 17]. However, such schemes have much higher computational complexity.

On the other hand, in this work, we propose CMA with the training mode to avoid the
singularity problem. In the training mode, the LMS algorithm is used for updating tap

coefficients as shown in Egs. (3.6) - (3.9). The error signals e,y(n) in Egs. (3.10) and (3.11) are
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calculated using the training signal. After the training mode, the algorithm is switched to the
CMA instead of by the commonly used DD-LMS; thus, tap coefficients are updated by Egs.
(3.12) - (3.15) in the blind mode and the error signals are calculated as Egs. (3.16) and (3.17).

In the proposed method, initial tap coefficients for the CMA are determined by using the
training mode such that the output from the x-port of the filter corresponds to the x-polarization
tributary and that from the y-port to the y-polarization tributary; therefore, we can avoid the
singularity problem. On the other hand, switching to CMA, we can apply any high-order FIR
filters for equalization because the CMA is inherently phase insensitive.

3.3 Monitoring Algorithm

In dual-polarization transmission systems, the transmitter sends complex amplitudes of both x-
and y-polarized electric fields. While propagating through the fiber, the complex amplitudes
suffer from effects of CD, PMD, PDL and birefringence. Then, the complex amplitudes are
detected by a phase- and polarization-diverse homodyne receiver that preserves both the
amplitude and phase information of the transmitted signal. Next, polarization demultiplexing and
equalization can be done in the digital domain by using four complex-valued multi-tap FIR
filters arranged in a two-by-two butterfly configuration.

In this point, we consider that the filter delay tap length is long enough compared to the
impulse response of the channel. Therefore, after the equalization algorithm is converged, the
monitoring matrix M(w) can be constructed by using the discrete Fourier transforms (DFT) of
filter-tap coefficients of the four FIR filters in the butterfly configuration as

i h (), (m)]]” 20t
M(®) = H g, (@) = DFT[hyX(m) hw(m)} . (3.25)

The matrix M(w) preserves the information of all of the linear impairments. In the following,
we propose a simple algorithm, which can separate out CD, DGD, PDL, and second-order PMD,
that is, PCD and DEP, through straightforward algebraic manipulations of this monitoring matrix.
With such an algorithm, multi-impairment monitoring is finally enabled by the adaptive FIR
filters.

While deriving equations in this section, we use the general property of the matrix inversion
(AB)* = B*A™ the property of a unitary matrix U™ = U", and the property of a Hermitian matrix

K = K" without notice.
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3.3.1 CD Monitoring

The determinant of the matrix M(w) can be expressed as
det{M(w)} = D* (w)det{U(w) }det(K)det(T). (3.26)

Since det(U) =1, det(T) =1, and det(K) =\l T i » EQ- (3.25) becomes

det{M()}=D* ()T oL (3.27)

Since |, is a real number, Egs. (3.22) and (3.27) confirm that the CD value can be

estimated by using a quadratic fitting on the unwrapped phase of det{M(w)}.
3.3.2 PMD Monitoring

Conventionally, the fiber PMD is characterized by a frequency-dependent PMD vector 7 in the
three-dimensional Stokes space and can be written as

7 =Arp, (3.28)

A

where the unit vector p points the direction of the slower PSP.

(a) (b)

Fig. 3.5: Definition of second-order PMD vector. (a): Two PMD vectors at angular frequencies « and
o+ Aw are shown in the Stokes space. (b): Corresponding second-order PMD vector with its
perpendicular and parallel components. This is given as the derivative of the first-order PMD vector with
respect to the angular frequency o .
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Figure 3.5 (a) shows two PMD vectors 7(w) and 7(w+Aw) in the three-dimensional Stokes
space, where Aw is a small change in the angular frequency, usually given as the DFT angular-
frequency resolution. Then, the second-order PMD vector 7, can be defined as the derivative of

7 with respect to » as shown in Fig. 3.5 (b). The second-order PMD vector can be resolved into

two components as

d7 N .
T =—T=Arwp+Arpr
do

(3.29)

One is the DEP componentz, = Arzp, , indicating that the pointing direction of the PMD vector

!

varies with » . The other is the PCD component7,, =Ar,f, which represents the change in DGD

with @. As shown in Fig. 3.5(b), the DEP component is perpendicular to 7 (w) , while the PCD

component is parallel to 7 (w) .

Consider the matrix M(@+Aw)M™ (@) . Equation (3.26) yields
M(w+Aw)M™ () = D(o+Aw)U(0+ Ao)KT{D(0)U(0)KTY"
=D(w+A0)D (0)U(0+Ao)KT(KT) U™ ()
=cU(o+Ao)U' (), (3.30)

where the scalar term D(o + Aw)D(w)" is expressed as ¢. Substituting the explicit form of U(w)

given by Eq. (3.23) into Eq. (3.30), we have

o . ej(a)+Aw)Ar/2 O . e—ijr/Z 0
M(w+Aw)M ™ (@) =CR, 0 o wrsopari2 RR, 0 gloarl2 R,
B ejA(uAr/Z 0
=cR, 1{ . e_mm/z} R,. (3.31)

Equation (3.31) shows that eigen values of the matrix M(ew+A0)M* (@), p,,, are associated with
DGD while corresponding eigen vectors, |t,,), locate the PSPs. The estimation of eigen values

and eigen vectors from this matrix enables DGD and second-order PMD monitoring in the

following manner.
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DGD Monitoring

From Eq. (3.31), it is evident that DGD at w can be estimated as

arg(p,/ p,)
Aw

At = . (3.32)

The condition ArAw<ris necessary for avoiding ambiguities that arise from the multi-valued
argument function. This condition is generally assured for a wide range of DGD monitoring. For
example, for 10-Gsymbol/s transmission, if we use 21-tap T/2-spaced equalizer, DGD up to 500-
ps can be estimated correctly by using Eqg. (3.32). The increased number of taps extends this

range further.
Second-order PMD Monitoring

Two DGD values at frequencies w+Aw and @ enable the calculation of PCD by using the

following equation:

At(w+ Aw) — Ar(w)

v (3.33)

‘Twn‘ =

Let the eigen vector |t)=[s,, s,] relate to the slower PSP. Then, the corresponding Stokes

vector S can be calculated as
S=[s8,-5,5, 85, +58,, §(58,—5,8,)], (3.34)

and the unit vector P can be found as p=S/|S|. Thus, unit vectors p(o+Aw)and p(e) enable the

estimation of |p, | as
Ara A
o =1 cos{p(o+Aa) (@)} (3.35)
2 Aw
Egs. (3.32) and (3.35) yield DEP as
T .|=At|p,|- (3.36)
Finally, the magnitude of the total second-order PMD is determined from
_ 2 2
17,|= ‘Tw”‘ +‘Tm‘ : (3.37)
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3.3.3 PDL Monitoring

The matrix M'(w)M(w) can be expressed from Eq. (3.25) as
M’ (@)M(@) ={D (@) U(«) KT} {D() U(0) KT}

= D" (0) D(@){KT} U(o) U(w{KT}
= T'K'KT. (3.38)

Hence, Eqg. (3.38) can be rewritten by using Eq. (3.23) as

M (0)M(w) =(TR,)" {rm‘”‘ 0 }(TR ) (3.39)
2 0 27" '

T

min

Equation (3.39) shows that eigen values of the matrix M'(«w)M(w), a,,, can give PDL in dB as

PDL,, =10log,, [ﬂj (3.40)
(94

2
3.4 Experimental Verification
3.4.1 Experimental Setup

In order to validate the proposed algorithms, we conducted experiments employing a coherent
optical receiver as shown in Fig. 3.6. The transmitter laser was a distributed-feedback laser diode
(DFB-LD) having a center wavelength of 1552 nm and a 3-dB linewidth of 150 kHz. The laser
for LO had the same characteristics. A NRZ-QPSK signal was generated using a LiNbOj3 optical
IQ modulator (IQM) from two streams of precoded data from an arbitrary waveform generator
(AWG) with 2°-1 pseudo-random binary sequences (PRBS). Apart from second-order
monitoring case, the transmission rate was 40Gbit/s. The dual-polarization signal was then
produced in the split-delay-combine manner by using a polarization beam splitter (PBS) and a
polarization beam combiner (PBC). The delay length was long enough so that the signals in two
polarization tributaries were uncorrelated. The PDL was generated by attenuating one
polarization tributary with a variable optical attenuator (VOA). Then, the signal passed through a
PMD emulator (PMDE). A commercially available PMDE consisted of three programmable
DGD sections separated by polarization controllers as shown in Fig. 3.7 was capable of

generating all-order PMD with tunable statistics. A standard single-mode fiber (SMF)
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accumulated CD. After the transmitted signal was pre-amplified by an erbium-doped fiber
amplifier (EDFA), it was incident on a phase and polarization diverse coherent optical receiver.
The received power was controlled by VOA in such a manner that the polarization tributary
suffered more from PDL had a BER about 3x10™. Outputs of the receiver were sampled and
digitized at twice the symbol rate with analog-to-digital converters (ADCs), and stored for

offline digital signal processing.

AWG ‘& SMF

1552 nm v VOA ‘L
DFB-LD—>| IQM }—» B—» PMDE

PBS Delay PBC

4.____

EDFA  VOA

¢---- ADC <---- . < _Ek_
Phase and

DSP [¢---- ADC |«----|polarization
Circuit diversity
(Offline) € ~~- ADC |«---- homodyne DFB-LD
e T ADC le---- receiver [ (LO)
1552 nm

Fig. 3.6: Schematics of the dual-polarization QPSK transmission system for verifications of the
proposed impairment-monitoring algorithm.

Polarization Polarization
; Controller #1 ﬂ Controller #2 ,
Variable Variable Variable
e
DGD #1 DGD #2 pep#3 [
Ed ra rd
Digital Analog = Digital =i Analog Digital

Computer Control

Fig. 3.7: Schematic of all-order PMDE used in the experiment
3.4.2 Results Regarding Singularity Problem

In order to examine the convergence property of the proposed CMA with the training mode, the
signals are polarization-demultiplexed and equalized by using four butterfly-structured FIR

filters with tap spacing of half-symbol duration. Tap coefficients are adapted by the CMA. The
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delay tap length is 21 and the step size is 2°. Then, carrier recovery is done by the 4-th power
algorithm and decoded for BER estimation.

To test the convergence behavior, we need to sweep the state of polarization (SOP) of the
incoming signal on the whole Poincaré sphere. Since the convergence property of the algorithm
depends on the matrix hoT, we can sweep either (ao, do) in Eq. (3.18) or (a, o) in Eq. (3.19) to
examine it. For experimental simplicity, instead of sweeping a and ¢ in the optical domain, we
vary ag and dy in the digital domain.

The effect of two-dimensional sweeping of (ao, do) IS shown in Fig. 3.8 in the presence of
20-ps mean DGD and 1,600-ps/nm CD at different PDL values. The region where two outputs
converge to the same tributary is marked with the black color, while the white color denotes the
region where polarization demultiplexing is done properly. It is found that with increased PDL,
the dark region increases for the conventional CMA, whereas there is no dark region for the

proposed method, suggesting proper polarization demultiplexing on the entire Poincaré sphere.

R ‘ ‘ R
+ - +
o o
ll': B
0 0.5 1 0
B B
+ +
o o o

-
-T
T

0 05 1 0 0.5 1 0 05 1
PDL= 0 dB PDL= 3 dB PDL= 6 dB

Fig. 3.8: Accuracy of polarization demultiplexing of the conventional CMA (upper) and the proposed

method (lower) for different PDL. The horizontal axis represents aq and the vertical one does J,. In the
dark region, the singularity problem occurs.
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We also measure the probability of proper polarization demultiplexing for the
conventional CMA and the proposed method which is represented as a function of PDL in Fig.
3.9. The proposed method always performs proper polarization demultiplexing, while the
probability for the CMA decreases severely with increased PDL.

100

o

[e2) ~ (0] ©
o o o o

Proper pol. de-multiplexing probability (%)

g1
o

Fig. 3.9: Probability of proper polarization demultiplexing for the conventional CMA and the proposed
method measured as a function of PDL.

3.4.3 Results Regarding Monitoring

For multi-impairments monitoring, we first use a T/2-spaced butterfly structured CMA equalizer
which simultaneously performs clock-recovery, polarization demultiplexing and equalization.
The delay tap length is 61 and the step size parameter is 2™°. Then the tap coefficients are used to
form the monitoring matrix, from which each impairment is monitored by using the proposed
algorithm. Prior to form the monitoring matrix, we average the filter tap coefficients over several
iterations after the convergence to reduce the effect of noise. Moreover, though the spectrum of
the transfer function of a T/2-spaced filter covers the range from -B to +B (B is the symbol rate),
the parameter estimation is concentrated to several center taps only where low-pass electrical
filters in the transmitter and the receiver have the linear phase response.

First, to prove the effectiveness of the algorithm for monitoring of CD, DGD and PDL, we
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conduct the 40-Gbit/s dual-polarization unrepeated QPSK transmission experiments with the
setup shown in Fig. 3.6. Only one DGD section of the PMDE is used to generate a fixed DGD

value and also the amount of PDL is set to a constant value.

0.8

3000

P |

0.6
/‘ «esUnwrapped phase 2500

04 / Quadratic fit
0.2

o

N
=}
=}
=)

L

-0.2

N
Q
=]
=]

-0.4

a
=}
=)

-0.6

Unwrapped phase of det {M(w)} (a.u.)
Monitored CD (ps/nm)

-0.8 0
0 10 20 30 40 50 60 70 0 500 1000 1500 2000 2500 3000

Tap index CD of the fiber (ps/nm)
(a) (b)

Fig. 3.10: Monitoring results of CD. (a): Estimated unwrapped phase of CD of 1600 ps/nm with 20-ps
DGD and 3-dB PDL. (b): CD monitoring result with 20-ps DGD and 3-dB PDL.

Fig. 3.10(a) shows the estimation of the unwrapped phase of det{M(w)}. The CD value then
can be estimated using quadratic fitting on this phase. The CD estimation result for 50-km, 100-
km and 150-km fiber in presence of 20-ps DGD and 3-dB PDL is shown in Fig. 3.10(b) and the

result is in good agreement with values measured by a standard CD measuring instrument that
uses the modulation phase shift method.
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DGD monitoring is done within only 2-ps error up to 40-ps estimation as shown in Fig. 3.11
with 1600-ps/nm CD and 3-dB PDL. Fig. 3.12 shows that PDL estimation results in presence of
1600-ps/nm CD and 20-ps DGD and the estimation is done with a good accuracy up to PDL of 6
dB.
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1500 1 1500
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10 -5 0 5 10 10 -5 0 5 10
f [GHz] f [GHz]

Fig. 3.13: Estimation example of DGD, SOPMD, PCD and DEP from a random sample.

Generation of a fixed and known value of second-order PMD is not available in our PMDE;
hence, to verify the second-order PMD monitoring algorithm, the statistical behavior of second-
order PMD is estimated and compared with the theoretical model as shown in Table 3.1. The
model assumes a constant DGD value and randomly fluctuating birefringence along the fiber. In
this experiment, we transmit a 100-Gbit/s dual-polarization QPSK signal through PMDE, which
is set to generate a Maxwellian-distributed DGD with the mean value of 35 ps and a
corresponding second-order PMD with a refresh rate of 10 ms, while CD and PDL were set to
zero. For second-order PMD monitoring case, the filter delay tap length is 33 while the step size

is 2710,
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Fig. 3.13 shows an example of the estimation of DGD, second-order PMD and its
components for an arbitrary sample. We restrict our estimation to several taps around the center

tap for the same reason stated before.
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Fig. 3.14: Probability densities of the first- and second-order PMD. (a): DGD Ar, (b): PCD |z, |, (c):
DEP|z,, | , and (d): the magnitude of second-order PMD |z, |. Bars show those estimated from

monitored values and solid curves are theoretical ones.

We estimate ac, |z

| 1|70 » @Nd |z, | from 700 different experimental data repeatedly taken in
three seconds using the proposed algorithm. Estimated probability densities of all of the four
parameters are shown by bars in Figs. 3.14 (a)-3.14(d). On the other hand, solid curves in these
figures represent theoretical probability densities calculated from the measured mean DGD value

based on the theoretical model as shown in Tablel.
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For all the cases, the measured probability density well matches with the theoretical one.
The estimated mean DGD Az of 36 ps is very close to the set value of 35 ps, whereas the

measured mean second-order PMD value |z,|is 606 ps®, which is about 20% less than the

theoretical value determined from the estimated mean DGD of 36 ps.

The discrepancy between the estimated second-order PMD and the theoretical prediction
may stem from the inadequate number of statistical samples. In addition, three DGD sections in
our PMDE may be insufficient to generate the second-order PMD similar to that of the real fiber,

which is usually emulated by more than several hundreds of the birefringence section [22].

Table 3.1: Statistical Relations of PMD

o Mean )
Statistic of Density Reference
value
- 8 (2xY 27V ix
DGD (Ar) T P ()=—=| = | e [18]
T T
Second-order —2 8 4x ( j (4Xj
2G4/ pr (x)_ tanh sech 19
PMD (i) o g : [19]
4
PCD (J-,, ) 0 P (0=2 2 sech? (TX) [20]
DEP (}z,,1) - (x)_x[ 8 j [3 [ior‘xjsecha(atanha)“zda [21]
7 =mean DGD, J,=Bessel function of zero-th order, G= Catalan's constant
3.5 Chapter Summary

We have proposed a straightforward algorithm that enables monitoring of linear impairments of
a transmission system, such as CD, first- and second- order PMD and PDL, from the equalizer
adapted by the CMA. The singularity problem inherent in the CMA is handled by introducing the
training mode. We have verified the proposed algorithms with dual-polarization QPSK
transmission experiments. Multi-impairment monitoring demonstrated here has the advantage
that it can be realized in an efficient way with just a small additional complexity in the DSP

circuit of the digital coherent receiver.
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Chapter 4
Multi-Impairment Monitoring from Adaptive FDE

One of the key requirements for the multi-impairment monitoring described in the previous
chapter is that the finite-impulse-response (FIR) filter delay tap length should be long enough to
compensate for all of the linear impairments. However, the computational complexity of FIR
filter increases with number of taps and makes it impractical to implement in application-specific
integrated circuit (ASIC) or field-programmable gate array (FPGA) [1, 2]. The frequency-
domain approach can reduce the computational cost by block-by-block processing and fast
implementation of discrete Fourier transform (DFT) [3, 4, 5, 6]. Though adaptive frequency-
domain equalizer (FDE) has been investigated for wireless communication systems [7, 8, 9, 10],
its applicability to optical communication systems is hardly been demonstrated. Recently several
efforts have been made for FDE in optical communication systems; however, they employ either
the fixed FDE [11, 12, 13] or need a training sequence for channel estimation [14, 15] which
reduces spectral efficiency. Therefore, in this work, we first develop a novel adaptive FDE
suitable for digital coherent receivers. Then, we investigate its equalization characteristics and
finally, use the FDE tap coefficients for multi-impairment monitoring.

This chapter starts with the background theory related to rest of the chapter. In Sec. 4.2, the
proposed novel adaptive FDE is described. In Sec. 4.3, computational complexity of adaptive
FDE and time-domain equalizer (TDE) is compared. Section 4.4 explores the multi-impairment
monitoring technique from such adaptive FDE. In Sec. 4.5, the experimental verifications of both
equalization and monitoring capabilities of the adaptive FDE are presented and finally Sec. 4.6
summarizes the chapter.

Throughout the remainder, time- and frequency-domain variables are denoted by lower- and
upper-case characters, respectively, while boldface characters denote vectors. Furthermore, the
symbol = represents convolution and ® element-by-element multiplication; O, is a column
vector with L zeros; superscripts (¢)° and (»)° correspond to even and odd sub-equalizer
parameters, respectively; and conj(¢) and E() are the conjugate and mathematical expectation
operator.
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4.1. Background Theory

4.1.1 Linear and Circular Convolution

The linear convolution of two discrete sequences u(m) and h(m) is given as

+00

u(m)=h(m) =3 u(k)h(m-k) = Zw h(k)u(m—k). (4.1)

k=—o0

On the other hand, the circular convolution is defined as [16]
N-1
u(m) ©h(m) :Zu(k)h[(m—k)mod N]J, (4.2)
k=0

where 'mod' is the modulo operator and N is the period of the periodic signal u(m).
For example, let u(m)=[2, 1, 2, 2] and h(m) =[2, 1, 0.5].

Then, by using Egs. (4.1) and (4.2), we get

u(m)*h(m) =[4, 4, 6, 6.5, 3, 1],

u(m)oh(m)=J[7,5,6,6.5].

The results are shown graphically in Fig. 4.1.

4

Tl

0 2 4 6
4
h(m) 2 T
% I ! 4 6
10 ‘
|= ===
u(m)*h(m) s/ I :
I
T I ; T ?
0o 2 1 4 : 6
10 : : — ‘
u(m)eh(m) s} T : :
| I
% 2 _4_: 6

Fig. 4.1: Example of linear and circular convolution
Note that as marked by the dotted line in Fig.4.1, the last part of circularity-convoluted terms is

the same as corresponding linearly-convoluted terms.
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4.1.2 Efficient Linear Convolution

The filtering of a sequence u(m) through a FIR filter of length N having the coefficient vector
h(m) involves linear convolution of u(m) and h(m). As shown in Eq. (4.1), this process requires
N multiplications and N-1 additions for every symbol output. However, when N is large, we can
obtain linear convolution with a reduced number of multiplications and additions in the

frequency domain.

Sequence 1, u Sequence 2, h
XX ] Concatenate Append zero {h1o)
old New two blocks block

| FFT . FFT |

S
.
|

Save last -1V
block

|

Output, v

Fig. 4.2: Schematics of overlap-save algorithm

From the properties of DFT, we know that the circular convolution of h(m) and u(m) can be
found by transforming both vectors in the frequency domain by DFT, performing an element-by-
element multiplication and transforming the result back in the time domain by inverse DFT
(IDFT). This process can be efficiently implemented by the fast Fourier transform (FFT) and the
inverse FFT (IFFT) algorithms. Examining the circular convolution example as in Fig. 4.1, it is
noted that we can extract the linear convoluted terms from the circular convoluted result.

The commonly used techniques to evaluate linear convolution in the frequency domain are
the overlap-save and the overlap-add methods [8]. However, the overlap-add method suffers
from more computational complexity compared to the overlap-save method, and hence it will not
be pursued further in this work.

For the overlap-save method, as shown in Fig. 4.2, each data block consists of last N data

points in the previous block followed by the N new data points to form a data sequence of 2N
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(this is referred to as 50% overlap). The impulse response of an FIR filter is appended with N
zeros and 2N-point FFT is done.
If the block index k is related to the sample index m as m=kL+i (i=1, 2, 3...), then we can

construct the frequency-domain input and the tap-weight vector as
U(k) = FFT{u(kN —N)---u(kN + N —1)}, (4.3)
H(k) = FFT{h" (k),0,0---0} . (4.4)
The element-by-element multiplication of U(k) and H(K) yields
V(k) = U(k) ® H(k) (4.5)
According to the overlap-save method, N output samples v(k) =[v(kN),---v(kN + N —1)]from a

linear convolution which is calculated as

v(k) =last N components of IFFT{V(k)}. (4.6)

4.1.3 Gradient Decent Based Adaptive FDE

Employing the overlap-save method, we can construct the frequency-domain adaptive filter by
calculating the gradient vector in the time domain. Such a scheme is shown in Fig. 4.3. If we use

the LMS algorithm the error vector can be estimated from the output vector in Eg. (4.6) as
e(k)=d(k)—v(k). 4.7
In Eq. (4.7), d(k) is the desired symbol block, which may either training signals in the training

mode or decoded symbols in the decision-directed mode.

On the other hand, if we use the CMA, the error vector is computed as

e(k)={R; —v(k)®conj(v(k))} v(k), (4.8)
4
where, R, = E{]Lm)t}
E{d(m)|’}
Then, the time-domain error vector is transformed to the frequency domain as
E(k)=FFT[O,;e(k)]' (4.9

After that, the gradient vector in the time domain is computed as

V(k) =first N components of IFFT{U(k) ® H(k)}. (4.10)
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Finally, we need to transform the gradient vector into the frequency domain and add it to
H(K) in order to generate updated weight H(k+1). Since h(k) is followed by N zeros as in Eq.
(4.4), the gradient in Eq. (4.10) must be similarly augmented. Thus, the update equation is given

as
H(k +1): H(K) + uFFT[V' (k);O,_]T. (4.11)
Input | concatenat U(k) V) Save Last Output
a(m) | Twoslocks | il Hw - MRl “Gei | v(m)
X X . - y

ar al

Delete Last ' Gradient
Block & i Constraint
Append Zero

0 e
_________________ e(n)
— Insert Zero ‘ ‘ Error
FFT | Block Calculation

U*(k) E(k)

Fig. 4.3: Adaptive FDE using over-save algorithm and gradient decent based updating

Note that, Egs. (4.10) and (4.11) place a constraint on the gradient vector, as shown by
dotted box in Fig. 4.4 and each gradient constraint requires an additional FFT and IFFT; however,
it ensures that frequency-domain tap weights are equivalent to the time-domain counterparts.
Removing the gradient constraint can reduce the complexity of the equalizer as far as the input
sequence satisfies some specific conditions; however, by using such unconstraint FDE algorithm
[17], tap-weight vectors do not converge to the Wiener solution as the number of block iterations

approaches infinity [18]. Hence, unconstraint FDE is not always reliable.
4.2 Proposal of a Novel Adaptive FDE

The adaptive FDE shown in Fig. 4.3 can operate on the symbol-spaced input sequence only. In
such a case, we can construct the gradient vector from each output block, whose length is equal
to that of the filter-tap coefficient vector. On the other hand, if we use the twofold-oversampled

input sequence and down-sample the output sequence from each output block, we have an
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insufficient number of symbol-spaced output samples to construct the gradient vector. However,
we need an adaptive FDE that can work on the two-fold oversampled input sequences. The
reason behind this is that such oversampling reduces aliasing effects significantly [19] and also
the adaptive filter can have the functionality of clock recovery [20].

To overcome the limitation of adaptive FDE shown in Fig. 4.3, we propose a novel adaptive
FDE by splitting it into even and odd sub-equalizers where each sub-equalizer operates on
symbol-spaced sequences. Thus, the proposed FDE can work on twofold-oversampled input
sequences. In the following, we will discuss the adaptive FDE algorithm for the butterfly-

structured equalizer configuration.
4.2.1 Equivalence of Half-Symbol-Spaced FIR Filter with Even and Odd Sub-equalizers

We define input ports of the two-by-two butterfly-structured FIR filters as x and y ports, whereas
their output ports as X and Y ports. The symbol duration is T, the delay spacing is T/2, and the
delay-tap length of each filter is N. When uy (n) and u, (n) are n-th input sequences for x and y

ports, respectively, which are twofold oversampled, the output from the X port can be expressed

as
N-1 T N-1 T
V()= > hy (Mu, {(n —i) E} + D hy (Mu, {(n —i) E} : (4.12)
i=0 i=0

Filter-tap weights are updated every two samples, and the filter output is down-sampled by a
factor of two to retain the symbol-spaced output. If we consider that only the odd sequence from
the output is taken and used for updating filter-tap weights. Let the new symbol-spaced sample
index be m such that n=2m+1 (m=0, 1, 2, ---); and then, the down-sampled output from the X

port can be written as

S (T T
Vy (M) = D" hy (Muy {(Zm +1_I)E}+ g hey, (M)uy {(Zm +1—|)E}

i=0

N-1 PR s
- g(‘; hyx (MU {(mT —|5j+5}+ .% hyy, (MU, {(mT —|E)+E}
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N/2-1 T T N/2-1 T T
- z hXXZi (m)uy {(mT -2 Ej_'_g}-'_ z hXYZi (m)Uy {(mT —2i E}LE}

= i=0

i=0 i=0

N/2-1 N/2-1

- %‘; hXXZi(m)ux{( —i T+-£} Z hyy, (M)uy {(m—i)T +T§}

N/2-1 N/2-1

+ 20 Ny, (MU (M=) T T+ 37 By (muy {(m=i)T+T}.

i=0 i=0

+N/ZZ_1hxxM(m)ux{(mT—(2i+1)2j+TE}+N/ZZI o (TN {mT_(ZHDB%}

(4.13)

For the sake of derivational simplicity, we consider that N is even so that L=N/2 is an

integer. Equation (4.13) shows that the down-sampled output is the sum of two symbol-spaced

convolutions with a relative delay of T/2. Thus, Eq. (4.13) can be rewritten as
V(M) = i (M) *ug () +hS, (M) *u§, (M) +hS, () *ug(m) + hig, (m) *uf (m) ,
and similarly, the output from the Y port can be written as
vy (m) = h? (m)*ux(m)+h (m)*uy(m)+h ((m)=u$(m)+h? (m)*uy(m)

where ug ,(m) and ug , (m) are given as

ul,, (M) =[u, , (2m),u, ,(2m-2),u,  (2m-4),- 2m-20)]"

"xy

uy (M) =[u,, @m+1),u, (2m-1),u, (2m=-3),---,u, (2m—2L+1)]

" X y

On the other hand, filter-tap coefficient vectors hig(m) are given as
h®(m) =[h, (m),h, (m),--h, _ (M)]",

h(m) =[hy, (), hy, (M), -hy,  (M)]"

sz 1

T

(4.14)

(4.15)

(4.16)

(4.17)

(4.18)

(4.19)

where p = xx, Xy, yx or yy. Thus, the equalizer can be split into even and odd sub-equalizers with

tap coefficients taken from even and odd filter-tap indices. Correspondingly, the input sequences

for the sub-equalizers are taken from even and odd samples of twofold-oversampled sequences.
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Eventually, instead of updating tap coefficients of conventional T/2-spaced FIR filters every two
samples, we can use even and odd sub-equalizers, where tap updating is done every symbol
without down-sampling output sequences.

With such sub-equalizer-based FDE, we can efficiently execute time-domain convolutions
shown in Egs. (4.14) and (4.15) in the frequency domain by using DFT and multiplications.

Block-output vectors with L rows are given as

V, (k) = H (K) @ U5 (K) + HY, (K) @ U5 (K) + HE (K) @ US (K) + HY (K)®@UT(K) ,  (4.20)

V, (k) = H}, (k) ® U (K) + H}, (K) ® U3 (K) + H, (K) @ UT (K) + HY, (K) @ US (K), (4.21)

Note that the convolutions in Egs. (4.14) and (4.15) are linear convolutions, while inverse
DFT (IDFT) of Egs. (4.20) and (4.21) gives us circular convolutions. However, using the
overlap-save method, we can extract linearly-convoluted terms from the circularly-convoluted
terms obtained from IDFT of Egs. (4.20) and (4.21) [15].

4.2.2 Configuration of Proposed Adaptive FDE
The schematic of the proposed adaptive FDE for polarization-multiplexed transmission systems
is shown in Fig. 4.4, which is implemented by using Egs. (4.20) and (4.21). Eight frequency-

domain filters consist of even sub-equalizers and odd sub-equalizers. Four even sub-equalizers

Hix (k). H5y (k),Hix (k), and H}, (k) are connected in a two-by-two butterfly configuration. In the

same way, four odd sub-equalizers H3, (k), HS, (k). HS,(k), and HS, (k)are placed in another

two-by-two butterfly configuration.
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Fig.4.4: Schematic of the proposed adaptive FDE. S/P denotes a serial-to-parallel converter and P/S a

First, the input sequences u,,(n) are divided into even and odd sequences. In the FDE, a
block of data is processed at a time instead of sample-by-sample processing in the time-domain.

Let the length of even and odd sequences included in a block be L. Then, ui$ (k) represents a

parallel-to-serial converter.

column vector with the length of L for the k-th block.

We choose 50% overlap because the most efficient implementation can be achieved with such
an overlapping factor [18]. By using the 50% overlapping factor, the frequency-domain input

vector ue ) for sub-equalizers includes L samples from the current block and L samples from

the previous block and can be written as

| | | T
UGS (k) = FRT[uy ) (KL — L), - ugS (KL + L=1)]
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Then, L tap weights of the sub-equalizers are padded with the equal number of zeros and 2L-
point FFT is executed. Let H‘;"’(k)be the FFT-coefficient vector of the zero-padded tap-weight
vector hi° (k) as

HE® (k) = FFTIN®° (k);0, 1" (4.23)

where p = XX, Xy, yx or yy. By carrying out IFFT, the output vector in the time domain with a

column length of L is given as
Vx,y(k) = last L elements of IFFT{VX’y(k)}, (4.24)

where Vy(k) and V,(k) are given as Egs. (4.20) and (4.21), and the first L elements of

IFFT{V,, (k)} are discarded to implement the linear convolution. Then, the error vector in the

CMA with a column length of L is calculated in the time domain as
ey (K) =[RE -V, , (k) ®coni{v, , () ®V, ,(K), (4.25)

After augmenting ey y (k) with L zeros, we convert it to the frequency-domain vector with the

column length of 2L as
Ey, (K)=FFT[OL;e, , (K] . (4.26)

Applying the overlap-save method, we calculate the gradient vector V:°(k) as

V20 (k) = first L terms of IFFT[E, ®conj{U%°(k)}", (4.27)
Vi (k) =first L terms of IFFT[E, ®conj{U}° KM, (4.28)
Vix (k) =first L terms of IFFT[E, ®conf{U}° KN, (4.29)
Viy (k) =first L terms of IFFT[E, ®conf{U° K. (4.30)
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Finally, the tap weights are updated in the frequency domain by using the gradient decent

algorithm as
HE® (k+1) = H2° (K) + uFFT[VE® (k): 0,17, (4.31)
HES (k +1) = HEP (k) + wFFTIVE ();0,1T, (4.32)
HE (K +1) = HEO (k) + wFFTIVE ();0, 17, (4.33)
HEO (k +1) = HEP (k) + wFFT[VES ();0, 1" (4.34)

4.3 Computational Complexity Analysis

When we consider power consumption and chip space for implementation of the digital signal
processing (DSP) algorithm in ASIC or FPGA, the cost for a multiplier is much higher than that
for an adder. Hence, in this section, computational complexity is evaluated in terms of the
required number of complex multiplications per bit. In the following, the term 'multiplication’
always refers to ‘complex multiplication'.

First, we consider the TDE using the butterfly-structured FIR filters adapted by CMA. The
delay spacing is T/2 and the tap length is N. To obtain one output symbol from the X port and
one output symbol from the Y port of the TDE, we need 8N multiplications for output
calculations, 4N multiplications for tap updating by CMA, and additional 4 multiplications for
error-value calculations. By putting these together, the computational complexity Cpe of the

adaptive TDE can be expressed as

6N + 2
log, (M)

where M is the number of constellation points on the signal constellation.

Croe = (4.35)

On the other hand, to obtain N/2 output symbols from the X port and N/2 output symbols from
the Y port through processing of one block in our proposed FDE, we need 4N multiplications for

output calculations of one block, 4N multiplications for tap updating by CMA, 2N
multiplications for error-value calculations, and 12N log, (N ) multiplications for 24 FFT/IFFT

which include 4 FFT for inputs, 2 IFFT for outputs, 2 FFT for error- vector calculations, and 16
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FFT/IFFT for employing gradient constraint of eight sub-equalizers. For FFT implementation,
the classical radix-2 algorithm is used, which requires Nlog,(N)/2 multiplications to execute

FFT of N complex numbers [21]. Thus, the computational complexity Cgpe of the proposed FDE
can be expressed as

~ 12log, (N) +10

FDE — log, (M) (4.36)

Figure 4.5 shows the comparison of computational complexity between FDE and TDE,

where we assume the QPSK modulation format (M=4). It is found that the complexity of TDE
increases sharply (linearly), while that of FDE increases slowly (logarithmically) with increase in

the number of taps.

400

300
TDE
200 yd

e FDE

00 20 40 60 80 100 120 140
No. of taps

Complexity (complex mul./bit)

Fig. 4.5: Computational complexity for QPSK modulation format of proposed adaptive FDE and
conventional adaptive TDE adapted by CMA

From Table 4.1, it is clear that the proposed adaptive FDE provides much lower complexity
than the adaptive TDE when N is 16 or more. This benefit enhances significantly with the

increased number of N.
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Table 4.1: Computational Complexity of The Proposed FDE and The Conventional TDE Using FIR Filters Adapted
by CMA When Use The Dual-Polarization QPSK Modulation Format

N 4 8 16 32 64 128

Croe 13 25 49 97 193 385
Croe 17 23 29 35 41 47

4.4 Multi-Impairment Monitoring from Proposed FDE

After the adaptive FDE converge, we perform IFFT to get the impulse response of eight sub-

equalizer as in Fig. 4.5 as
hf)"’(k) = IFFT{H%"(k)}. (4.37)
From these sub-equalizers impulse responses, we can construct four impulse responses vectors as
h, (k) =[h: o (k), hp (k). he . (k), b (k) ---he (k). ho | (K)T (4.38)

From Eqg. (4.38), the monitoring matrix is calculated which is essentially the same as in Eq.
(3.25)

h, (k) h,, (k)

Once the monitoring matrix is formed, multi-impairment monitoring can be performed following

M(w)z{DFT[h“(k) hw(k)}} . (4.39)

the proposed algorithm in Chapter 3.
4.5 Experimental Results and Discussions

To verify the equalization characteristics of the proposed algorithm and the monitoring
performance from the adaptive FDE, we conduct the 40-Gbit/s dual polarization QPSK
experiments with the same experimental set up shown in Fig 3.5 in Chapter 3. In the DSP circuit,
sampling-phase adjustment, polarization demultiplexing, and signal equalization are done
simultaneously either by the proposed FDE or by the conventional TDE, where CMA adapted
filter-tap weights. In both cases, the singularity problem inherent in CMA is handled by
introducing the training mode prior to the blind CMA mode described in Chapter 3. The delay-
tap length for the TDE is N=32 and the block length of each sub-equalizer for the FDE is N/2=16.
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The step-size parameter is 27°. After the convergence, filter tap coefficients are used for
monitoring. Then, the carrier recovery is done by the 4-th power algorithm [22] and the symbols

are decoded to estimate the BER.
4.5.1 Results Regarding Equalization

To evaluate the performance of the proposed algorithm, we set a mixed channel distortion of
1600-ps/nm CD, 20-ps DGD and 3-dB PDL and measure the BER characteristics.

As shown in Fig. 4.6, the BER performance is the same between the proposed adaptive FDE
and conventional TDE; however, lower computational complexity can be achieved when the
FDE is employed as illustrated in Sec.3

1 1 ?
—4— X-pol TDE
15 e —e—Y-pol TDE
N —&— X-pol FDE
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R NERN
IEANEAN
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w
o

Fig.4.6: BER characteristics of the proposed adaptive FDE and the conventional TDE

Next, we test the sampling-phase adjustment capability of the proposed adaptive FDE.
Receiver outputs are sampled at twice the symbol rate and interpolated to 10 samples per symbol.
Such ten-fold oversampled sequences are down-sampled to 2 samples per symbol with different
sampling phases and sent to the FDE. Figure 4.7 shows BER curves for 5 different sampling
phases, which are swept with an increment of 10 % of the symbol interval. The BER curves are
independent of the initial sampling phase, suggesting that the proposed adaptive FDE can adjust

the sampling phase optimally in the similar manner to the TDE scheme based on T/2-spaced FIR
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filters [19]. In our experiment, timing jitter may stem from modulation electronics and 100-km
fiber transmission. In addition to the static adjustment of the initial sampling phase of ADCs,

such relatively-fast timing jitter is also absorbed by the proposed FDE.
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Fig.4.7: BER characteristics of the proposed FDE for different sampling phases. The sampling phases are
swept with a resolution of 10 % of the symbol interval.

4.5.2 Results Regarding Monitoring

We estimate different impairments from the adaptive FDE and compare the result with that
obtained from adaptive TDE. First, to test the algorithm for monitoring of CD, DGD and PDL,
we conduct 40-Gbit/s dual-polarization unrepeated QPSK transmission experiments where only
one DGD section of our PMDE is used to generate a fixed DGD value and also the amount of
PDL is set to a constant value.
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Fig. 4.8: Monitoring result of CD with 20-ps DGD and 3-dB PDL
Fig. 4.8 shows the monitoring results of CD value of 50-, 100- and 150-km of standard SMF in
presence of 20-ps DGD and 3-dB PDL. The monitoring value agrees well with that of measured

N
o
o
o

|
o
o
o

Monitored CD (ps/nm)

value by a standard CD measuring instrument.
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Fig. 4.9: Monitoring results of DGD for 1600 ps/nm CD and 3-dB PDL
DGD monitoring results are shown in Fig. 4.9 upto 40-ps in presence of 1600-ps/nm CD and
3-dB PDL. The monitored value is found very close to that of the PMDE. Fig. 4.10 shows the
PDL estimation results in presence of 1600-ps/nm CD and 20-ps DGD. The measured value
matches well with the set PDL value.
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Fig. 4.10: Monitoring result of PDL with 1600-ps/nm and 20-ps DGD

It is important to note here that for all of the cases, there are no significant difference
between monitoring results from the adaptive FDE and that from the conventional adaptive TDE.

To verify the second-order PMD monitoring algorithm, we estimate the statistical behavior
of second-order PMD and compare it with the theoretical density listed in Table 3.1. In this
experiment, we transmit a 100-Gbit/s dual-polarization QPSK signal through PMDE, which is
set to generate a Maxwellian-distributed DGD with the mean value of 35 ps and a corresponding
second-order PMD with a refresh rate of 10 ms, while CD and PDL were set to zero.
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Fig. 4.11: Measured DGD and Second-order PMD spectrum from an arbitrary sample
Fig. 4.11 shows the estimated spectrum of DGD and second-order PMD. For both the cases,

the estimated value from adaptive TDE and FDE are almost same. From such spectrum, we
count the DGD and second-order PMD at centre frequency from 700 samples and calculate their
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probability densities as shown in Fig.4.12. The measured probability densities for all the cases
match well with the theory.

The mean DGD estimated from the TDE is 35.64 ps while that from FDE is 35.36 ps; both
values are very close to the set value of 35 ps. As of second-order PMD, the mean value
estimated from TDE is 627 ps® while that from FDE is 616 ps® which are about 20% less than the
predicted mean value. The dissimilarity between the estimated second-order PMD and the
theoretical prediction may stem from the inadequate number of statistical samples and using only
three DGD sections in our PMDE which is insufficient to generate the second-order PMD similar

to that of the real fiber.
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Fig.4.12: Probability densities of the first- and second-order PMD. Bars show those estimated from
monitored values and solid curves are theoretical ones.
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4.6 Chapter Summery

We have proposed a novel frequency-domain equalizer in digital coherent receivers, which
operates on twofold-oversampled input sequences. Such an equalizer performs sampling-phase
adjustment of ADCs, polarization demultiplexing, and signal equalization with computational
complexity lower than the time-domain equalizer. The proposed equalizer is very efficient when
long-tap filter implementation is necessary and therefore is a good choice for multi-impairment
monitoring from the equalizer. The performance of the equalizer as well as multi-impairment
monitoring from its tap coefficients are verified by 40-Gbits/s dual-polarization QPSK

transmission experiments.
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Chapter 5
Monitoring of Optical Signal-to-Noise Ratio

Optical signal-to-noise ratio (OSNR) monitoring is an important issue for optically amplified
systems. Accurate OSNR monitoring in any digital signal processing (DSP) stage of coherent
optical receiver is not yet available. In this work, we proposed and experimentally verified a
novel method to monitor OSNR by measuring the higher-order statistical moments of the
adaptive-equalizer output. The proposed scheme is simple and can monitor the in-band OSNR
with good accuracy.

This chapter starts with background theory which includes definition of OSNR and its
typical measurement technique and the definitions of higher-order statistical moments that will
be required to understand the proposed OSNR monitoring algorithm. Section 2 describes our
OSNR monitoring method and Sec. 3 provides its experimental verification. The final section

summarizes the chapter.

5.1 Background Theory
5.1.1 Definition of OSNR

OSNR can be defined as the logarithmic ratio of the average optical signal power to the average

optical noise power over a specific spectral bandwidth [1]. It can be expressed as

OSNR =10log [Psij (5.1)
where
OSNR: optical signal-to-noise ratio bounded by bandwidth Bo, dB
Psig.: signal power bound by By, mw
Phoise: NOise power bound by By, mw
Bo: reference spectral bandwidth, nm.
Though there are different sources of noise in optical communication systems, in optically
amplified systems, the noise source mainly stems from amplified spontaneous emission (ASE)

[2]. Therefore, the OSNR in such system is defined as
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E

OSNR =1OIog( g J (5.2)
ASE

where Pagse is the ASE noise bound by the reference bandwidth By, which is typically chosen as

0.1 nm (12.5 GHz).

5.1.2 Typical OSNR Measurement Technique

The optical spectrum analyzer (OSA) is the instrument typically used to measure OSNR. Most
OSA units use the method defined by IEC 61280-2-9 standard [3]. Both signal and noise
measurements are done over a specific spectral bandwidth B,, known as the OSA’s resolution
bandwidth (RBW). The RBW filter acts as a band-pass filter allowing only a set amount of
optical spectrum to strike the OSA’s photo-detector. The photo-detector measures the average of
all optical power in this spectral width.

As shown in Fig. 5.1, noise power at the signal wavelength cannot be measured directly
because it is obscured by the signal itself. Hence, the noise measurement is performed at the
wavelengths 1; and 4, which are located on both sides of the signal wavelength 1o, by using the
OSA’s noise equivalent bandwidth (NEB) filter. Then the results are interpolated to calculate the

noise power at the signal wavelength. Finally, the OSNR is calculated by the following equation:

P B
OSNR=10Iog(P 9. j+10|og[gmj, (5.3)

noise r

where B, is NEB and B, is RBW and the interpolated noise is calculated as

I:)noise :{Pnoise (ﬂl) + Pnoise (/’ll)}/ 2.

Equation (5.3) is similar to Eqg. (5.1) with the exception of the last term. This term is a
scaling factor used to adjust the measured noise power bound by the noise equivalent bandwidth,
to the signal RBW bandwidth.
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Fig. 5.1: OSA view of typical signals and OSNR parameters

For dense wavelength-division multiplexed (DWDM) system IEC 61280-2-9 defines the
OSNR measuring method. Signal, noise power, and OSNR measurements and calculations are

performed at each individual DWDM channel. For i-th channel the OSNR is calculated as

Psi i B
OSNR, =10log (ﬁ}dOlog {Emj (5.4)

noise, i r

Noise measurements for interpolation are generally made at 1/2 ITU channel spacing (or

less) on both sides of the signal wavelength such as P, . ={P.. (A_aruy2) + Proise (Aiamur2)H 2.

For tightly spaced DWDM channels, a tighter width is used.

Note that, special precaution is required if we measure the OSNR on the filtered end or
demux side (drop side) of a DWDM, optical add-drop multiplexer (OADM), or reconfigurable
optical add-drop multiplexer (ROADM) [4]. Due to DWDM, OADM, or ROADM filtering
effects, a false noise floor may appear in an OSA. This can result in an incorrect automatic
OSNR measurement. The correct measurement can be made by manually setting the OSA noise

markers to the proper noise floor.
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It should be noted here that the laser spectral width varies with the modulation rate; higher
the rate wider the signal spectral width. Thus, RBW should be chosen according to the
modulation rate. Table 5.1 shows the minimum recommendation for RBW that will cause a

certain measurement error for various transmission rates and NRZ modulation [3].

Table 5.1: Minimum RBW for Different Signal Modulation Rate

Modulation Rate Minimum RBW for less Minimum RBW for less
(Gbps) than 0.1 dB error (nm) than 1 dB error (nm)
40 1 --
10 >0.2 >0.1
2.5 >0.09 >0.03

5.1.3 Statistical Moments

The n-th moment of a distribution is the expected value of the n-th power of the deviations from
a fixed value. The first moment of the distribution of the random variable x is the expectation
operator, i.e., the population mean (if the first moment exists). Generally, in higher orders, either
the central moments (moments about the mean) or the moments about zero are considered.

The k-th central moment of a real-valued random variable x is given by

= E{(x— 1)}, (5.5)

where, E is the mathematical expectation operator and w is the expected value (mean) given as

1 =E{x}. The first central moment is thus 0. The second central moment is the variance, while

third and fourth normalized central moments are called skewness and kurtosis, respectively.
Variance:

The variance of x is given by:
H = E{(x— 1)} (5.6)

The variance is used as a measure of how far a set of numbers are spread out from each
other. The positive square root of variance is the standard deviation . The normalized nth
central moment or standardized moment is the nth central moment divided by ¢"; the
normalized nth central moment of x= E((x — p1)")/c". These normalized central moments
are dimensionless quantities, which represent the distribution independently of any linear change

of scale.
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For a complex random variable z, the variance can be expressed as
too =E{(z— 1) (2~ 1)}
=E{lz—4'}. (5.7)
With a zero mean value Eqg. (5.7) reduces as
1. =E{Z[}. (5.8)

Skewness:

The skewness of a random variable x is the third standardized moment, denoted y; and defined as

h=£%=5{“_ff}, (5.9)

(o) o

where w3 is the third moment about the mean.

Skewness is a measure of the asymmetry of the probability distribution of a real-
valued random variable. The skewness value can be positive or negative, or even undefined. As
shown in Fig. 5.2 a negative skew indicates that the tail on the left side of the probability density
function is longer than the right side and the bulk of the values lie to the right of the mean. A
positive skew indicates that the tail on the right side is longer than the left side and the bulk of
the values lie to the left of the mean. A zero value indicates that the values are relatively evenly
distributed on both sides of the mean, typically but not necessarily implying a symmetric
distribution [5].

A A

Y
Y

Negative Skew Positive Skew

Fig. 5.2: lllustration of positive and negative skew
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Kurtosis:

The fourth standardized moment can be defined as kurtosis as

/32=“—1=E{(X_f‘)4}, (5.10)

(o) (o)

where uy4 is the fourth moment about the mean.
Many authors define Kurtosisas a measure of the "peakedness" of the probability
distribution (however, this is not strictly true [6]). Higher kurtosis means more of the variance is

the result of infrequent extreme deviations, as opposed to frequent modestly sized deviations.

However, kurtosis is more commonly defined as the fourth-cumulant divided by the square
of the second-cumulant, which is equal to the fourth moment around the mean divided by the
square of the variance of the probability distribution minus 3,

y, =443 (5.11)
O

which is also known as excess kurtosis. The "minus 3" at the end of this formula is often
explained as a correction to make the kurtosis of the normal distribution equal to zero.

There are three forms of kurtosis: Leptokurtic, Mesokurtic, Platykurtic. When kurtosis is
zero, it is called mesokurtic and it is corresponds to normal distribution. The negative kurtosis is
platykurtic and positive kurtosis is leptykurtic. When compared to a normal distribution, a
platykurtic data set has a flatter peak around its mean, which causes thin tails within the
distribution. The flatness results from the data being less concentrated around its mean.
Leptokurtic distributions have higher peaks around the mean compared to normal distributions,
which leads to thick tails on both sides. These peaks result from the data being highly

concentrated around the mean, due to lower variations within observations.
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Fig. 5.3: Hlustration of different types of kurtosis

Normalized 4-th order moment of complex random variable z around zero mean is given as

L
P et T o

There are different ways for generalization of kurtosis for complex random variables. The

most commonly used definition [7, 8, 9] is

7/2,c = ﬂz,c - - 2. (513)

With such a definition, similar to the kurtosis of a real-valued Gaussian random variable, the
value of y,. is zero for both circular and noncircular complex Gaussian random variables.
Furthermore, in this measure, kurtosis value of a sub-Gaussian complex random variable is
negative and that of a super-Gaussian complex random variable is positive, irrespective of the

circularity/noncircularity of the random variable.
5.2 Proposed OSNR Monitoring Method

We monitor the OSNR from the statistical characteristics of adaptive-equalizer output. When the
channel power is modest so as to operate the transmission system in the optically linear region or

weakly nonlinear region and also the length of the adaptive FIR filter is sufficient enough to
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compensate for all linear impairments, the output signal from the adaptive filter can be

approximated as
v, ~/Ca, +/NW *h_, (5.14)

where a, is the M-ary PSK symbol amplitude, C is the carrier power scale factor, N is the noise
power scale factor, w', is the amplified spontaneous emission (ASE) noise, * is the convolution

operator, and h_is the filter impulse response. The symbol amplitude a, and the noise amplitude

w', are stochastically-independent random variables, whose means are 0 and variances are 1.
When we neglect the polarization dependent loss, the coherent optical channel has the 'all-pass'

nature; and thus h has an impulse response of an all-pass filter [10, 11]. Under such a condition,
we can write w, *h, =w_, where w', is statistically equivalent to w, [12]. Thus, Eq. (5.14) can be

rewritten as
v, =JCa_++Nw,. (5.15)

Assuming that the modulation format is QPSK and w,, has the Gaussian distribution, we can

find the statistical prosperities of a, and w, as shown in Table 5.2.

Table 5.2: Statistical Properties of a, and wj,

Parameter an Wn
Mean 0 0
Variance 1 1
Kurtosis 1 2

In the following, using the statistical properties in Table 5.2, we develop an OSNR monitoring

algorithm by measuring the second- and fourth- order moments of vp,.

The second-order moment W, of v, can be expressed as
Hy = E{an:}

=CE{a,a,}+VCNE{a,W }+~CNE{a,w,}+ NE{w,w,}
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= CE{|a,|"}+ VCN (E{a,w;} + E{a;w, ) + NE{w, '}, (5.16)

where superscript ()" denotes complex conjugate.
Since signal and noise are mutually independent complex-valued random processes with

zero mean, we can write

E{a,w,}=0, (5.17)
E{a,w,}=0. (5.18)

Also we have E{[aq[}=1and E{Jwa[}=1. Putting these values in Eq. (5.16) yields

1, =C+N. (5.19)
On the other hand, the fourth-order moment of v,, can be written as

e = E{(V,v)’}
= S’E{(a,a,)*}+ 2S~/SN (E{a,a’a,w,*}+ E{a,a;a, *w,}) + SN (E{(a,w, *)*}+
4E{a.a’w W }+E{(a, *W_)?}) + 2N/SN (E{w,w'a w, *}+ E{w.w'a *w }) + N2E{(w.w)*}.
(5.20)
Since the carrier signal and noise are independent and both are zero mean processes, all terms in

Eq. (5.20) with single appearance of a, or w, disappears. Thus,

E{aaaw *}=E{aaa} E{w *}=0. (5.21)
Similarly,

E{a,a,a, *w,}=0, (5.22)

E{w,w,a,w,*}=0, (5.23)

E{w,w.a, *w,}=0. (5.24)

Moreover, the real and imaginary components of carrier and noise can be considered as

orthogonal; hence in such condition
E{(a.w,)’} = E{(a,)’} E{(w;)*}=0, (5.25)

E{(aw,)’}=E{(a,)"} E{(w,)*}=0. (5.26)
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Also, it is evident that, E{(aa)’}= E{]an|4}, E{(w W )*}= E{]wn|4} and
E{a,aw,w.}=E{a,[ |w,[}.
Therefore, Eq. (5.20) can be rewritten as
ty = S°Efla,| 3+ 4CNE{a, |*|w, [ 3+ N2Eqw,|'}
=7,,C*+4CN +y, ,N?, (5.27)

where, 7, .=E{[an|*¥E{|a.[*}* and y,.w= E{|wn|*HE{|wW.|*}* are kurtoses of the signal and the noise,
respectively. Noting that y, . =1 for the M-ary PSK signal; on the other hand, ASE noise can be
approximated as the Gaussian-noise [13] and thus y,, =2 [14]. Therefore, Eq. (5.27) can be

written as
i, =C?+4CN +2N?, (5.28)

In a practical system, second- and fourth-order moments are calculated from a block of L
symbols as in Egs. (5.29) and (5.30):

15 .
o= 2l (5.29)
n=0

l L-1

w2l (5.:30)
n=0

Solving Eqg. (5.19) and (5.28), we get

C=\2Z - p,, (5.31)

N =11, = 244 =ty (5.32)

When we determine ,,and .,, by using Egs. (5.29) and (5.30), we can estimate the carrier-

to-noise ratio (CNR) as

_ x/zluzz —Hy
CNR = = . (5.33)
My =215 — 1




In this point we make two assumptions-

(1) The input launch power to the fiber is not high enough, so that the fiber nonlinearity is
negligible. In such a case the measure noise as in Eq. (5.32) is the contribution of ASE noise.
(2) After the adaptive-equalizer, all linear fiber transmission impairments are perfectly
compensated. This assumption is practical as the accumulated fiber dispersion after transmission
of thousands of km can be compensated without any notable penalty using digital filters with
sufficient number of taps in coherent optical receivers [15].

With the above conditions, OSNR in dB can be estimated from the CNR value given by Eq.
(5.33) as

OSNR,, =10log,,(CNR) +10log,, (R, / B, ), (5.34)

where Rs is the symbol rate and (Rs/By) is a scaling factor to adjust the measured noise power to

some reference bandwidth B,.

5.3 Experimental Verification
5.3.1 Experimental Setup

To demonstrate the effectiveness of the proposed algorithm, we carried out 10-Gsymbol/s
QPSK transmission experiments shown in Fig. 5.4. The transmitter laser and the local oscillator
(LO) were distributed-feedback lasers (DFB-LDs) having a center wavelength of 1552 nm and a
3-dB linewidth of 150 kHz. A 20-Gbit/s NRZ-QPSK optical signal was generated by using a
LiNbOj3 optical 1Q modulator (IQM), which was driven by two streams of a 2°-1 pseudo-random
binary sequence (PRBS) from an arbitrary waveform generator (AWG). The signal was then pass
through a standard single mode fiber (SMF). ASE noise was separately generated by an erbium-
doped fiber amplifier (EDFA) and coupled to the signal by an optical coupler. The combined
signal and noise passed through a variable optical attenuator (VOA). Then, a coupler spit it into
two paths: one was connected to an optical spectrum analyzer (OSA) to measure OSNR
independently, and the other was incident on a phase diversity homodyne receiver. Outputs of the
receiver were sampled and digitized at 20 Gsample/s with analog-to-digital converters (ADCs) and
sent to offline DSP.
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Fig. 5.4: Schematics of experimental setup to verify the proposed OSNR monitoring algorithm

In the DSP circuit, a 33-tap half-symbol-spaced adaptive FIR filter was used for sampling
phase adjustment [16] and compensation for linear impairments. The constant-modulus algorithm
(CMA) was used for FIR-filter adaptation. Then, the filter output was used directly to estimate
OSNR without carrier recovery since the second- and fourth-order moments are independent of the

carrier phase.

5.3.2 Results and Discussions

We monitor OSNR over a range from 6 dB to 13 dB with 0.1-nm ASE-noise bandwidth, which
correspond to a bit-error rate (BER) of 4x10? and an error-free condition, respectively. As
shown in Fig. 5.5, OSNR estimated by our proposed algorithm agrees well with OSNR measured
by OSA for both channel dispersion of 0 and 1600 ps/nm.
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Fig. 5.6: Monitoring error as a function of OSNR measured by the OSA

The monitoring error is shown in Fig. 5.6 for the CD value of 0 ps/nm and 1600 ps/nm.
For both the cases, the monitoring error always found below 1 dB. Thus, the fiber dispersion has

no significant effect in the monitoring as it is compensated by the FIR filters.
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5.4 Chapter Summary

We have proposed a new OSNR monitoring method in digital coherent receivers by measuring

second- and fourth- order statistical moments of the adaptive-equalizer output. The effectiveness

of such algorithm is verified by 20-Gbits/s QPSK transmission experiments.
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Chapter 6

Conclusions

6.1 Conclusions

The objective of enabling optical performance monitoring (OPM) in digital coherent receivers
has been successfully completed. The considered parameters for monitoring are linear fiber
transmission impairments, such as chromatic dispersion (CD), first- and second-order
polarization mode dispersion (PMD), polarization dependent loss (PDL), and optical signal-to-
noise ratio (OSNR). In this thesis, we have presented the new and novel concepts and results,
both theoretically and experimentally, for OPM in digital coherent receivers.

The importance of the OPM for the next generation optical networks is outlined in chapter 1.
Different methods for the OPM have been reviewed and motivations of thesis are clearly
explained.

The background of digital coherent receivers is given in Chapter 2, which covered the
principle of coherent detection and digital signal processing (DSP) based coherent receivers.
Various functional blocks in a typical DSP core of such receiver have been discussed.

In Chapter 3 of this thesis, multi-impairment monitoring in digital coherent receiver is
explored. The monitoring method is based on the analysis of transfer functions of four adaptive
finite-impulse-response (FIR) filters that are used in the two-by-two butterfly configuration in
digital coherent receivers for compensation for all linear transmission impairments. A novel
algorithm to monitor the individual impairments from the single transfer matrix is reported. The
measurable impairments include CD, differential group delay (DGD), PDL, second-order PMD
including its components polarization dependent chromatic dispersion (PCD) and depolarization
(DEP) of principle states of polarization (PSPs). For filter adaptation the constant-modulus
algorithm (CMA) has been used. However, such algorithm may suffer from the singularity
problem which means both output ports of the butterfly configuration converge to the same
polarization tributary. Consequently, such problem is avoided by introducing the training mode

before the blind CMA. Singularity free operation of CMA with the training mode as well as the
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proposed multi-impairment monitoring from the FIR filters are verified by dual-polarization
QPSK transmission experiments.

The important issue for multi-impairment monitoring from adaptive equalizer is that the
filter length should be long enough to compensate for all fiber transmission impairments.
However, it is difficult to implement long-tap FIR filters in an application-specific integrated
circuit (ASIC) or field-programmable gate array (FPGA) as the computational complexity of
such filters increases sharply with the number of taps. In Chapter 4 of this thesis, we propose a
novel adaptive frequency-domain equalizer (FDE) for a digital coherent receiver which reduces
the computational cost significantly compare to FIR based equalizer. The proposed algorithm is
based on CMA and by introducing even and odd sub-equalizer concept, we enable the FDE to
operate on the two-fold over-sampled input sequence even in the block processing mode. Thus,
when it is used in butterfly structure, it performs equalization, polarization demultiplexing and
clock recovery functionalities simultaneously. The equalization characteristics of such adaptive
FDE and the performances of the multi-impairment monitoring from the tap coefficients of the
proposed FDE are verified and compared with its counterpart of the conventional FIR-based
equalizer by 40-Gbits/s dual-polarization QPSK transmission experiments.

In Chapter 5 of this thesis, we present a new method to monitor the OSNR in digital
coherent receivers. The method is based on the measurement of higher-order statistical moment
of adaptive-equalizer output. The symbol-spaced signal samples and noise samples at the
adaptive-equalizer output have well-defined but dissimilar statistical properties. A formula is
derived to express the carrier-to-signal ration (CNR) in terms of second- and fourth- order
statistical moments of adaptive-equalizer output. Then, OSNR is estimated from the CNR value
by scaling the noise bandwidth to the reference bandwidth. The proposed OSNR monitoring
algorithm is verified by QPSK transmission experiments.

6.2 Future Works
A number of areas remain open to further investigations, these include the following points:
Fiber nonlinearity monitoring

Fiber nonlinearity monitoring is an important issue for reconfigurable WDM networks. The
signal degradation from the fiber nonlinearity accumulates during propagation along the optical

transmission line and can only be fully characterized at the final destination. Therefore,
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nonlinearity monitoring in digital coherent receivers will be an important task. Moreover, such
monitoring information can open the possibility to develop the fiber-nonlinearity tolerant OSNR

monitoring scheme.
Equalization and monitoring for high-order QAM

Throughout this thesis the CMA is used for adaptive equalization. Though the high-order QAM
modulation formats do not have constant modulus, the CMA can be applied to such formats.
However, the convergence and equalization performance of CMA is not so good for higher-order
QAM. Hence, further modification of CMA is required.

Moreover, though the OSNR monitoring algorithm presented in this thesis can be
theoretically extended for high-order QAM modulation formats, a very long block of data is
required to achieve a good statistical prediction of such signal. Hence, an alternative OSNR
monitoring method should be introduced for such transmission system.

Further investigation on adaptive FDE

The proposed adaptive FDE can be implemented with much reduced complexity than the
conventional time-domain adaptive equalizer. However, research should be carry out for further
reduction of the computational cost of the equalizer. Especially, the requirements of gradient
constraint should be examined for coherent optical communication systems, because it can be
omitted if the filter input signal satisfies particular conditions. Moreover, in the proposed FDE,
we calculate the cost function in the time domain. Further research is required for gradient

estimation entirely in the frequency domain.

%94



Publications Related to this work

Journals:

1.

Md. S. Faruk, Y. Mori, C. Zhang, K. lgarashi, and K. Kikuchi, "Multi-impairment
monitoring from adaptive finite-impulse-response filters in a digital coherent receiver,”
Opt. Express 18, 26929-26936 (2010).

Md. S. Faruk and K. Kikuchi, "Adaptive frequency-domain equalization in digital
coherent receivers," Opt. Express 19, 12789-12798 (2011).

Md. S. Faruk and K. Kikuchi, "Monitoring of linear fiber transmission impairments
from adaptive frequency-domain equalizer in digital coherent receivers,"” in preparation,
Photon. Technol. Lett. (2011).

International Conferences:

1.

Md. S. Faruk, Y. Mori, C. Zhang, and K. Kikuchi, "Proper polarization demultiplexing
in coherent optical receiver using constant modulus algorithm with training mode, " in
Proceedings of Optoelectronics and Communications Conference (2010), Paper 9B3-3.
Md. S. Faruk, Y. Mori, C. Zhang, and K. Kikuchi, "Multi-impairments monitoring
from the equalizer in a digital coherent optical receiver,” in Proceedings of European
Conference on Optical Communication (2010), Paper Th.10.A.1.

Md. S. Faruk, Y. Mori, C. Zhang, K. Igarashi, and K. Kikuchi, "Second-order PMD
monitoring from adaptive FIR-filter tap coefficients in a digital coherent receiver,"
in Optical Fiber Communication Conference, OSA Technical Digest (CD) (Optical
Society of America, 2011), paper OWN3.

Md. S. Faruk and K. Kikuchi, "Frequency-domain adaptive equalization in digital
coherent receivers," in CLEO:2011 - Laser Applications to Photonic Applications, OSA
Technical Digest (CD) (Optical Society of America, 2011), paper CThH7.

Md. S. Faruk and K. Kikuchi, "Monitoring of optical signal-to-noise ratio using
statistical moments of adaptive-equalizer output in digital coherent receivers,” in

Proceedings of Optoelectronics and Communications Conference (2011), Paper 6B4 3.

95



Domestic Conferences:

1. Md. S. Faruk and K. Kikuchi, "Frequency-domain adaptive equalization for coherent
optical transmission system," in Proceedings of Institute of Electronics, Information
and Communication Engineers (IEICE) Society Conference (2010), Paper B-10-71.

2. Md. S. Faruk and K. Kikuchi, "Monitoring of fiber transmission impairments using
digital coherent optical receivers,”" in Proceedings of the Conference of Solid-state
Electronics and Opto-electronics (2011), Paper 1-25.

3. Md. S. Faruk, Y. Mori, C. Zhang, and K. Kikuchi, "Frequency-domain adaptive
equalization for polarization-multiplexed coherent optical transmission system,” in
Proceedings of Institute of Electronics, Information and Communication Engineers
(IEICE) general conference (2011), Paper B-10-49.

Workshop:

1. Md. S. Faruk and K. Kikuchi, "Optical performance monitoring in digital coherent
receivers,” Italy-Japan Joint Workshop on Advanced Photonic Technologies for
Communication and Sensing, Pisa (Italy), Feb. 23-25 (2011).

Technical Report:

1. Md. S. Faruk and K. Kikuchi, "Multi-impairment monitoring from adaptive
frequency-domain equalizer in digital coherent optical receivers,” to be
presented, Technical Committee on Optical Communication Systems (OCS) 2011, the
Institute of Electronics, Information and Communication Engineers (IEICE), Hokkaido
(Japan), Aug. 25-26, 2011.

96



Appendix
Al.Update equation for the LMS
According to gradient decent algorithm the tap coefficients update is done as
h(n+1) =h(n) + 4 [-VI(n)]. 1)

where vJ(n)is gradient vector which is the derivative of mean square error J(n), ' is the step
size parameter. In case of LMS algorithm, the error value can be consider as

e(n) =d(n)—v(n)
=d(n)—u(nh(n) )

where d(n) is the desired symbol and v(n) is the filter output. In case of complex input, J(n) can
be written as

J(n) =le(n)|” =e(n)e’(n) 3)

Thus, the gradient vector can be written as

vJ(n) = {e(me”(n)}

8
ah(n)

=e(n )—{ e'(n)}+e"(n)

oh(n) te(m;

h()

—e(n )—{d (n)—u"(mh’(n)} +¢” ()

ah() {d(n) —u(mh(n)}

()

ah'(n) & (nyx(n) 20

4
oh(n) oh(n) *)

=—e(n)x (n)

For complex value of h(n), we can write h(n) =h,(n)+ jh,(n) . Therefore, we get

oh(n) _ ah(n) _ . oh(n)
oh(n) _ ah.(n) " an (n)

=1+j.j=1-1=0 (5)

oh'(n) _ah'(n) ‘i on"(n) _

oh(n) oh.(n)  ah,(n) Tli=lrl=2 ©)
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Egs. (5) and (6) in Eq. (4) yield
VvJ(n) =—2e(n)u’(n) (7)
Putting this gradient vector in Eq. (1), we get the LMS update equation as
h(n+1) =h(n)+24'e(n)u’(n) (8)
Introducing a constant 2 into a new step size parameter u yield the update equation of LMS as
h(n+1) =h(n) + ze(n)u”(n) 9)
A2. Update equation for the CMA
The error value for the CMA can be written as
e(n) =R? —|v(n)|2 (10)

According to this definition, e(n) is real, thus e(n)=e*(n)

Therefore, the gradient vector is

O _fe(m)}

o (. \
{e (n)}+e (n) P

oh(n)

=2e(n) éha(n) {e(n)}

VJ(n) =e(n)

=2e(n) ———{R; ~v(n)v'(n)

oh(n ){

. .
:—2e(n) ()m{ “(m}+v'(n) ah(n){v(n)}}

=—2e(n) v( )—{h (Mu (n)}+V (n)

- ){h<n>u<n>}}

ah(n)
— _2¢(n) V(n)u (n) ((n)) +V'(n)u(n) ZEE:;}
=—4e(n)v(n)u’(n) (11)
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Hence, the update equation of CMA can be written as
h(n+1) =h(n)+4xe(n)v(n)u’(n) (12)
Introducing a constant 4 into a new step size parameter u yield the update equation of CMA as

h(n+1) =h(n) + ze(n)v(n)u” (n) (14)

99



