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Notation and abbreviations

ACPR Adjacent Channel Power Ratio
ADC Analogue to digital convertor
ASE Amplified spontaneous emission
ASIC Application specific integrated circuit
AWGN Additive white Gaussian noise
AWG Arrayed waveguide grating
BER Bit error rate

CD Chromatic dispersion

CMA Constant modulus algorithm
CMOS Complementary metal-oxide-semiconductor
DAC Digital to Analog Converter
DBP Digital backpropagation

DD Decision directed

DFB Distributed feedback

DGD Differential group delay

DP Dual polarization

DSP Digital signal processing

DNL Differential non-linearity
EDFA Erbium doped fibre amplifier
EM Electro-magnetic

FEC Forward error correction

FIR Finite impulse response
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GBaud Giga baud

GbE Gigabit Ethernet

GVD Group velocity dispersion

INL Integral non-linearity

IM-DD Intensity modulation-direct detection
ISI Inter-symbol interference

LMS Least mean squares

LO Local oscillator

LUT Look-up table

MMA Multi-Modulus Algorithm

MC Media Channel

ML Maximum likelihood

MSE Mean square error

MZM Mach-Zehnder modulator

NMC Network Media Channel

NLSE Non-linear Schrodinger equation
NRZ Non-return to zero

OoPGW OPtical ground wire

OSNR Optical signal to noise ratio
PDM Polarization division multiplexed
PDL Polarization dependent loss
PLL Phase locked loop

PI Phase Interpolator

PMD Polarization mode dispersion
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PSK
QAM
QPSK
ROADM

ROSNR

SE
SerDes
SNR
SOP
SiPh
SPM
SSFM
Tx
WDM
WSS

XPM

Phase shift keying

Quadrature amplitude modulation
Quadrature phase shift keying
Reconfigurable Optical Add Drop Multiplexer
Required-Optical Signal to Noise Ratio
Recursive least squares

Receiver

Return-to-zero

Spectral efficiency

Serializer De-serializer
Signal-to-noise ratio

State of Polarization

Silicon Photonics

Self-Phase Modulation

Split-Step Frequency Method
Transmitter

Wavelength division multiplexing
Wavelength Selective Switch

Cross Phase Modulation
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Abstract

With the technological shift towards big data, internet of things (loT), 5G applications and cloud
computing, the demand for high capacity networks is dramatically increasing. To avoid congestion
and saturation, content and service providers are re-designing their network (backbone, metro
and data-centers interconnects) connectivity using gridless optical line systems along with
programmable coherent transponders. The latter are expected to transmit data at different data
rates up to 400 Gb/s. In 2008, the first coherent receiver was commercially available [1]. By means
of high-speed analog to digital converters and adaptive digital signal processing (DSP) algorithms,
such revolution in modern optical communication was possible. That allowed a better spectral
efficiency using higher order modulation formats and further signal reach by means of
compensating both linear and nonlinear impairments. Another key development was leveraging
light polarization-diversity, that permits to double the data rate at the expense of receiver
complexity. To further increase the capacity of fiber links, gridless DWDM networks are being
developed for deployment in the next few years. The key idea is to allow variable bandwidth
signals to be allocated on optical links and by performing the appropriate network layer
optimization improved throughput can be achieved. These innovations are driving new types of
challenges for routing and assignment methods, as well, DSP algorithms such as clock recovery

and compensation of fiber non-linearity.

This thesis is organized as a collection of contributions and composed of five major parts. The
first part, consisting of chapters 2 and 3. Chapter 4 deals with tracking of fast state of polarization
transient, i.e. dynamic aspect of optical channels, in presence of polarization dependent loss
(PDL) and filtering effects due to reconfigurable optical add-drop multiplexers (ROADMS).
Chapters 5 and 6 study the impact of filtering effects, quasi-static effects in optical links and
transponders, represented by ROADMs in fixed-grid and Silicon Photonics (SiPh) modulators in
flexible-grid networks, respectively. Chapters 7, 8 and 9, are related to clock recovery in digital
coherent receivers. They cover mitigation of jitter in gridless applications, improving jitter when

deploying phase interpolators (PI) and jitter injection as a test-mean to evaluate performance.

We start with introduction to the area of optical links and the coherent transponders. This part is
intended to address a wide audience by mean of gathering of information and representative

figures. We provide a quick tour of the history of fiber optics communication and the current/future
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trends. Then we discuss the propagation of light, along with the associated linear and non-linear
impairments. We focused on the impairments that we will be dealing with in our algorithms and
methods. The concept of coherent detection covering the optical front-end, then analog/digital
signal processing components all the way to the Forward Error Correction (FEC) block are all

introduced.

In chapter 4, we analyze the performance of adaptive filtering in the context of dual-polarization
coherent optical software-defined transceivers. We investigate the ability of different adaptive
algorithms to track fast state-of-polarization (SOP) transients in the presence of colored noise.
Colored noise exists due to the concatenation of Wavelength Selective Switches (WSSs) and
polarization dependent loss (PDL) which can be considered as spatially-dependent noise. We
consider the use of different modulation formats and the practical limitation of error signal
feedback delay in decision directed adaptive filters is also taken into account. The back-to-back
required signal to noise ratio (RSNR) penalty that can be tolerated determines the maximum SOP
rate of change that can be tracked by the adaptive filters as well as the filter's adaptive step-size.
We show that the recursive least squares algorithm, using the covariance matrix as an aggressive
“step size” has a much better convergence speed compared to the least mean squares (LMS),
normalized LMS (NLMS) and multi-modulus (MMA) algorithms in the presence of colored noise
in the fiber. However, the three algorithms have similar tracking capabilities in the absence of

colored noise.

In chapter 5, we are proposing an adaptive joint pre- and post- compensation to correct the
fitering effects caused by cascading optical reconfigurable optical add drop multiplexers
(ROADMSs). The improvement is achieved without using additional hardware (HW) on the link or
within the signal processor in the transponders. Using Monte Carlo simulations, the gradient-
descent based method provided an improvement of 0.6 dB and 0.3 dB in required optical signal-
to-noise ratio (ROSNR) versus post-compensation only and pre-compensation only respectively.
We experimentally verified the method with lab measurements in presence of heavy filtering and
optical impairments. We observed a gain of 0.15 dB and up to 0.4 dB compared to pre-

compensation only and post-compensation only, respectively.

In chapter 6, we study the impact of bandwidth loss of silicon photonics (SiPh) modulators in
coherent receivers. We propose a new approach to compensate for the steep roll-off in frequency

response. We show that our proposed minimum mean-square error gradient-descent based
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method provides 0.5 dB of ROSNR reduction for 60GHz channel when decay of modulator TF is
6 dB at 30 GHz. We present system benefits of not doing full pre-compensation at the Tx signal
processor on the design of coherent transponders. As well, we show that when squeezing
channels in gridless networks, using joint compensation provides a reduction of 0.1 dB to the

probe channel when squeezing both neighbors by 2 GHz.

Allowing for tight channel spacing in gridless networks is an important issue to be tackled in future
DWDM (dense wavelength division multiplexing) links. In chapter 7, we propose and
experimentally study a new methodology and system to optimize the spacing between optical
channels, using excess bandwidth as a mean to extract clock information, in gridless networks.
By improving the mitigation of jitter of high-speed optical transponders, the method will exploit
spectral efficiency by enabling the channels to operate on super-Nyquist DWDM (dense
wavelength division multiplexing). We are describing a new clock recovery scheme, as an
example, allowing decoupling the contribution of high-jitter noise sources from the clock recovery
loop and an algorithm to optimize clock recovery settings to gain up to 2 GHz in spacing per pair
of channels in the Media Channel (MC). The latter is defined in International Telecommunication
Union (ITU) standard as a form of super-channel that includes sub-channels propagating from

same node to same destination in an optical link.

In chapter 8, we propose a novel circuit and technique to measure and pre-compensate for the
differential and integral non-linearities (DNL and INL) of phase interpolators (Pl). Laboratory

experiment shows that the solution enabled a reduction in system total jitter.

Finally, in chapter 9, we present a novel low-power circuit built into wireline transceivers that can
be used in characterizing both modems and channels. The novelty is in properly controlling a
phase interpolator in the transmitter clock recovery circuity which allows for jitter
generation/injection. At the receiver side, we make use of existing clock recovery circuit to report
statistics on measured jitter. Although generic and can be applied to any wireline transceivers,

the method and circuit were prototyped and tested in a high-speed optical modem.
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Chapter 1 - Introduction

“All our knowledge begins with the senses, proceeds then to the understanding, and ends with
reason. There is nothing higher than reason.” — Immanual Kant

1.1 - A Bit of History

Most data traffic in present-day networks is carried by means of optical electromagnetic (EM)
fields. As demand for more communication channels increased with time, researchers had to
consider two fundamental quantities, the attenuation and the maximum bandwidth of the
transmission median. The first governs the SNR; hence the reach of the EM field and the
bandwidth outlines the bit rates of data transmission. Using coaxial cables and waveguides,
researchers could consistently increase the frequency of the carrier until they hit fundamental
limits. Kao and Hockham, proposed using optical fiber as mean to transmit light allowing THz of
bandwidth [4]. Using total internal reflection by covering the core by a cladding of different
refractive index (Nciadding Slightly lower than ncore) [5], most of the EM field energy is preserved. The
high loss of glass due to impurity was the main issue till early 1970s, when fused silica started to
operate at 4dB/km at Corning. Another important component that helped in the evolution is the
laser, which provides a line-width limited source to transmit data. By the end of the 70s, a loss of
0.2 dB/km was available around 1550 nm. However, due to the need to use repeaters every 50
km, the cost of lightwave systems were high and their bit-rate was limited. In 1987 [6], optically
pumped erbium doped fiber amplifier (EDFA) was introduced. The high gain and bandwidth, along
with low noise figure, allowed the use of multiple-channels on same link and the concept of

Wavelength-Division Multiplexing (WDM, or FDM in wireless terms) was feasible.

Figure 1: Structure of fiber and total reflection

Until 2005 [3], the transponders were based on Intensity-Modulated Direct Detection (IMDD),



where signaling between transmitter and receiver is based on the ON (1) /OFF (0) concept. The

intensity of the light detected using photodiodes determines the bit of information sent.

Figure 2: Illustration of IMDD

As laser and electronics technologies matured, allowing the mixing of incoming signal with small
line-width laser and implementation of high-speed digital signal processing blocks, coherent
receiver research was brought back to life. It permitted the increase of bit rate since the amplitude,
phase and polarization are preserved. The three dimensions are made available for electronics
to post-process the sampled EM. Another advantage for coherent detection is when mixing the
incoming signal with the local oscillator (LO), as we will see in detail in chapter 3, we are amplifying
the signal and hence decreasing the receiver sensitivity. Coherent transponders that are
programmable, similar to software defined radio, operate at 50Gb/s in submarine cables, 100

Gb/s in long-haul, and 200Gb/s in metro networks are commercially available.
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Figure 3: Single Core versus Multi-Core Fibers

To cope with the demand for more bandwidth [1], among research work investigates spatial
division multiplexing using either multi-core fiber (Fig. 3) or few modes fiber (larger core compared
to single core fiber). Although the after-mentioned methods are still a potential for future
deployments, the current infrastructure of buried fibers are mostly single-mode and costly to
replace. In the near future, the following aspects are being extensively looked at [2]:

¢ Increasing the baud rate (along with increasing the clock rate of signal processing)

e Transmitting data using higher order modulation formats.

e Reducing spacing by building super-channels.

e Compensating for nonlinear impairments (especially for Submarine and Long-haul links).

2



o More efficient network planning using gridless Wavelength Selective Switches (WSSs).

1.2 - Contents, Statement of Problems and Contributions

The next two chapters, 2 and 3, are an overview of fiber physical impairments and how they are
compensated for in digital signal processing electronics with coherent receivers. The remaining
chapters form the contributions of this thesis, where each chapter is aimed to study a specific

challenge in current and future deployments of optical transceivers.

Chapter 4 covers the tracking of fast changes in the state-of-polarization (SOP), along with other
link impairments, where practical limitations in hardware design are considered. This subject is
currently a “hot-topic” with more content and internet providers depending on aerial fiber links to
speed-up establishment of new services. Published works and available literature don’t cover the

following challenges:

- Comparison of various filters adaptation algorithms.

- Performance in the context of software-defined optical transceivers.

- Consideration of other link impairments, such as polarization-dependent loss (PDL) and
filtering effects, since any networks experiencing SOP transients would have the mentioned
impairments. Especially that the total penalty due to all impairments combined is not a

cumulative of the penalties of each impairment separately.

Therefore, our aim is to fill-up the gaps mentioned above. We study four adaptive filter algorithms
while comparing them in the presence of linear impairments. We obtain our results from Monte-
Carlo simulations, while presenting mathematical explanation of the variability in performance

while further considering the available design trade-offs.

Chapter 5 deals with heavy filtering due to concatenated reconfigurable optical add drop
multiplexers (ROADMSs) and channel multiplexer/demultiplexer (CMD) in optical links, i.e fixed-

grid networks. Published works focused on:

- Pre-compensation at the transmitter through the introduction of time-domain finite-impulse

response (FIR) filtering. However, there is no mention of a methodology on how the channel



response is obtained.

- Using waveshaper, as part of spectral engineering or network planning, per link. Such
solution means more loss in the link (insertion loss of new equipment should be
compensated for by amplifications), higher cost for deployments, higher power consumption

to power-up the waveshaper and higher maintenance cost.

We propose a novel method, based on well-defined mathematical modelling, to help reduce the
required-optical signal to noise ratio (ROSNR) in presence of ROADMs. We show that with power
limitation and noise at the transmitter (Tx), splitting the compensation between Tx and receiver
(Rx), yields a better performance. We use the common response of the four adaptive filters at the

receiver as a means to extract the static filtering effect of the channel.

Chapter 6 re-uses most of the same method introduced in chapter 5, however, we apply it to the
steep loss in the frequency response of Silicon Photonics (SiPh) modulators. The focus of the
work is for short-reach gridless networks applications. Available literature assumes full pre-
compensation or applied discrete multi-tone, along with bit-loading techniques, to leverage all
available bandwidth while maximizing capacity. We take a new approach where we study the
impact of the SiPh modulators on ROSNR with and without compensation. We then look at
splitting the compensation of the modulator’ frequency response between Tx and Rx, and the

benefit of such a method in gridless networks with tight spacings between channels.

As mentioned in the introduction, one method to cope with demands for more capacity in fiber link
is to increase the baud-rate of transmitted signals. The main circuit impacted by such increase is
clock recovery where the unit interval (symbol periods) is getting smaller compared to previous
generations of coherent transponders and the sensitivity to jitter is higher. Hence, chapters 7, 8

and 9 are concerned with topics related to clock recovery in digital coherent receivers.

Chapter 7 demonstrates a circuit and method which allow to better mitigate jitter in coherent
receivers that use excess bandwidth to extract clock phase error. The goal is to be able to reduce
spacing between neighboring channels, to gain achieve higher spectral efficiency, in optical links
based on gridless configuration. Therefore, when two channels are travelling together in the same
media channel (MC), they impact each other through the leaked power from their edges (end of

channel bandwidth). The issue is when the edge information, i.e. excess bandwidth, is used as a
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mean to track jitter induced by both the transmitter and the channel. To the best of our knowledge,
this is a unique approach. Related literature discussed using techniques to use fourth-power
Gardner phase error estimate but still to operate at low roll-off factor of the pulse shaping and not
to reduce spacing. The circuit and method are submitted as patent application and currently are

under US government review.

Chapter 8 tackles the non-linearity issue of phase interpolators (Pl). The latter are used as a mean
to adjust clocks phase when converting data from digital to analog. We present a novel, low cost
and low power method that measures the Pl non-linearity and uses only a look-up table (LUT) to
perform the proper pre-compensation. To deal with the issue, Authors in published literature had
to increase the granularity of the phase steps which requires a larger design foot-print, higher
resolution digital control and an increase in power consumption. Our digital method makes the

most of low-cost delay elements, accumulator and simple bang-bang binary phase detector.

Similar to chapter 8, chapter 9, deals with the testing aspect of coherent and, more generally,
wireline transceivers. We introduce a new method to induce jitter tones in order to modulate clocks
at digital to analog converter (DAC). The circuit is able to produce fine mis-alignments, in the
order of femto-seconds, in the clock generating the digital samples. An associated method to
automate the process of generating jitter mask for receiver’ clock recovery circuity, while re-using

existing signal processing blocks, is described as well.

1.3 - Associated Publications

Publication reviewed by Ciena technical and IP teams:

1. Conference (published): Abdo, A., D’Amours, C., “Performance of LMS Based Adaptive
Filtering in Coherent Optical Receivers in Presence of State-of-Polarization Transients,
PDL and ROADMs,” Proc. IEEE Can. Conf. Elect. And Comp. Eng. (CCECE), May 2018.

2. Conference (published): Abdo, A., D’Amours, C., “Adaptive Pre-Compensation of
ROADMs in Coherent Optical Transponders,” Proc. IEEE Can. Conf. Elect. And Comp.
Eng. (CCECE), May 2018.

3. Conference (submitted): Ahmad Abdo, Sadok Aouini, Naim Ben-Hamida and Claude
D'Amours, “Circuit and Technique for Measuring and Compensating Phase Interpolator

Non-Linearity”, Custom Integrated Circuits Conference, May 2019



Journal (submitted): Ahmad Abdo, Claude D’Amours, “Adaptive Filtering in Optical
Coherent Software Defined Receivers in the Presence of State-of-Polarization Transients
and Colored Noise”, Journal of Lightwave Technology, (JTL - 22944-2018)

Journal (in prep): Ahmad Abdo, Claude D’Amours, “Adaptive Pre/Post-Compensation of
ROADMs in Coherent Optical Transponders”, Photonics Technology Letters.

Journal (under review by Ciena publication): Ahmad Abdo, Sadok Aouini, Naim Ben-
Hamida and Claude D'Amours, “Jitter Loading Built-In Circuit and Method to Characterize

Optical Transceivers and Channels”, IEEE Transactions on Circuits and Systems-||

Patent - defensive disclosure (published): “Characterizing optical fiber channels for jitter

and polarization state via optical transceivers”, IPCOM000253714D

Patent (published - under government review): “Clock recovery circuits, systems and

implementation for increased optical channel density”.

Conference (in-prep for submission): Ahmad Abdo, Claude D’Amours and David Plant,
“System Study of Silicon Photonic Modulator in Short Reach Gridless Coherent Networks”,
CLEO, 2019.



Chapter 2 - Fiber Optics Channels

"Everything has its tax and the tax of knowledge is to teach people." — Imam Ja'far al-Sadiq
(AS)

2.1 - Light Propagation
The Nonlinear Schrodinger equation (NLSE), described in [7] and [11], governs the propagation
of the electrical field as a function of time and distance when attenuation, chromatic dispersion

and Kerr nonlinearities are present:
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Where E, function of time (t) and distance (z), is the electric field, a is the attenuation coefficient
(loss in dB/km), B2 is the dispersion parameter, y is the nonlinear coefficient. E is EM wave
propagating in nonlinear dispersive media. Therefore, NLSE is derived using Maxwells equations

assuming single-mode fiber (SMF).

To double the data rate, propagating with two polarizations as shown in figure below, was
introduced in coherent receivers. Signal for each polarization is generated separately then
orthogonally merged, using polarization beam combiner, at the output of the transmitter. The

impairments and complexity associated with this feature will be discussed in details later on.
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Figure 4: Single and Dual Polarization Signals in 100Gb/s system



Then equation above can be extended as follow, [9], to cover the interactions between the two

polarizations:
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2.2 - Optical versus Wireless Channels

A comparison between optical and wireless channels is helpful to pave the way for common
ground and ease the digestion of some optical channel related concepts. As presented in the
table below, most of the input are adopted from [10], optical and wireless channels are quite
unique. Each has its own challenges both in term of speed of the variability and main impairments
that should be compensated. We will elaborate on this in chapter 3 when we present the attributes

of the transponders.

Impairment Optical Wireless
Dispersion e Chromatic Dispersion Multi-path propagation
e Polarization-Dependent Dispersion
Noise ASE and shot noise Thermal Noise
Source of
channel Fiber motion Terminal Motion
variation
Scale of time- 10 to 100s of ps 1 ms
varying channel
Fading e Fiber Attenuation Multi-path propagation

e In MMF, Mode-Dependent optical
amplifier gain
Interference | ¢ Inter-Channel CrossTalk (linear) Inter-Channel CrossTalk

e Inter-Channel interference (nonlinear (linear)
cross-phase modulation)

e Intra-Channel interference (nonlinear
self-phase modulation)

Attentuation in | Polarization-Dependent Loss (can be up to Large in case of Rayleigh
MIMO modes 10 dB in long-haul) effect

Table 1: Comparison Between Optical and Wireless Channels




2.3 -DWDM

As laser technology advances, we can divide the available bandwidth in the low loss spectrum of
the fiber into frequency bins and modulate data independently —even with different data rate- in
each bin. By having multiple carriers in optical domain and simultaneously transmitting them into
a fiber, DIWDM systems came into existence. A key element in nowadays flexible DWDM optical
networks, the ROADMSs (built using Micro-Electro-Mechanical Systems), introduce both loss and
frequency dependent noise. Nowadays deployments are based on fixed-grid 50GHz spacing
defined by ITU G.694.1 standard.

> D) B>

< <=« <«

IR
OADM

Figure 5: A typical DWDM network with multi-span

In gridless networks, that are being designed to reduce spacing between wavelengths, individual
channels are not filtered separately; therefore, the effects of leaked power from neighboring

channels (cross-talk) on system performance is a major research topic to be tackled.

2.4 - Attenuation & Noise

Itis a necessary condition that the modulated light in fiber optics to reach the other end with power
higher than the sensitivity of the receiver. Attenuation is due to multiple reasons, such as partial
absorption, impurity of Silica and scattering. The typical attenuation in optical links is 0.2 dB/km.
On top of propagation loss, connectors, patch cables, input channel multiplexers, and other
passive components required to establish the connectivity have insertion loss. The propagation
loss is wavelength dependent; based on the figure below, the so-called C-Band window has the

lowest attenuation.
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Figure 6: Attenuation in different optical windows

Loss is typically modelled as follow, with a in dB/km:
Pous = exp(—a*L) * Py (2.4)

To overcome the total attenuation, without converting signals back to electrical domain and the
use expensive repeaters, EDFA and Raman amplifiers are an integral part of optical links.
Amplifiers gain can reach 25 dB and they are installed at the end of a span of fiber of around 80-
100 km. As part of the process, spontaneous photons are released and they are not stimulated
by signal photons. That is called Amplified Spontaneous Emission (ASE) and it is characterized
as AWGN noise source when studying fiber models. As in any complex system, there are many

sources of noise. The second dominant one, after ASE, is the local oscillator shot noise.

We will be using both terms SNR and optical-SNR (OSNR). Here are the definitions, with P

representing Power:

OSNR = — 398" __ (5 5)

Pnoise,lz.SGHz

SNR = 2248% (5 6)

noise,BW
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OSNRgyw /o1 = 10logyo(BW/12.5) + SNR (dBscale) (2.7)

2.5 - Linear Impairments

2.5.1 - Chromatic Dispersion (CD)
Different colors traveling in a fiber have different velocities. Since a time-domain spreading of
the transmitted signal occurs. It is the sum of two dispersion types:

- Material dispersion

- Waveguide dispersion

Before introducing complex DSP functionality, mainly high resolution DAC/ADC, into optical
transmitter design, dispersion was compensated optically inline. However, that was costly,

requires high-maintenance with more amplifications and more susceptible to outages.

Figure 7: Dispersion effect and DCF (compensating it inline optically)

In frequency domain, dispersion is just a phase shift with unity amplitude [11]:

. mxD+Lxlambda?

H() =expV ¢ .. 25
Where, D = dispersion
C = Light speed
L = distance

Lambda = wavelength
As an example, the delay spread for a 1000 km SMF @25GBaud with D = 17 ps/nm*km is 7nsec,

that is equivalent to 170 symbols. Below we show how a RRC pulse is broadening and interfering
with neighboring symbols after propagation of 3 spans of 80 km each.
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Figure 8: Pulse after Propagation in Dispersive Fiber

The inter-symbol interference above is translated to constellation points being mixed-up.Since it
is a linear impairment (linear combination of symbols), so a finite impulse response (FIR) filter at

the receiver -with sufficient number of taps — can correct for that without any penalty.

Another way to show input/output relationship, using frequency domain, is used later when

solving non-linear Schrodinger equation (NLSE) numerically:

Aoue(f) = A (f) * expU* 2™ F2xOf) (2 6)

2.5.2 - Polarization Dependent Impairments

As mentioned, to increase the data rate by two, polarization diversity is a degree of freedom that
is a standard in coherent receiver implementation. However, that creates a new set of challenges
in single mode fiber which was not part of the IMDD receivers. Real-life manufacturing processes
and deployments introduce internal and external imperfections, such as core stress, fiber bend,
fiber twist and many others. That leads to a phenomenon called Birefringence in fiber [12], where

the refractive index to change based on polarization state.

® AN\

Figure 9: Illustration of Elliptical Core and Fiber Bend
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2.5.2.1 - Polarization Mode Dispersion (PMD)

The PMD is another type of dispersion where the two polarizations are travelling at different speed
and hence arriving at different time (Fig. 10). As we see in figure below, the total pulse —combining
both polarizations- is broadened in time and at high data-rates, I1SI becomes a major limitation.
However, if the equalizer at the receiver has enough taps to handle the delay, PMD —similar to

CD- can be compensated with no penalty. First order PMD can be modeled as follow:

cos(6) sin(@)] [eﬂp ] [ cos(B) sin(B) 2.7
e~Jo

Hchannel with PMD onty = —sin(0) cos(8) sin(f) cos(B)

2.5.2.2 - Polarization Dependent Loss (PDL)
PDL cause a loss that is polarization dependent. Fig. 10 illustrates both PDL and PMD.

Delay between _
Polarizations due Pulse Attenuation
to PMD of a Polarization

Fiber / WSS [ due to PDL

\N Amplifier Sites

Figure 10: PMD and PDL Effects on PSP in Dual Polarization Optical Fiber Transmission

Mathematical representation of one PDL element in the fiber:

cos(6) sm(B) ”cos(ﬁ) sin(f)

Hhannet with DL only = —sin(0) COS(Q) sin(8) cos(B) (2.8)
Where k < 1. Since 8 and B are changing randomly, the two polarizations are being mixed in a
time-varying manner and it is up to adaptive filter at the receiver to track and compensate for the

linear combination.

2.5.2.3 - States of Polarization
Another form of linear impairment is the combination or rotation of the two states of polarization.

The general form is the Jones rotation matrix below:

cost9-exp(z’(p) Sinl9-exp(i¢) [ a b
—sin<9-exp(—i¢) COSH-exp(—i(p) |y 4 (2.9)

Hchannel with Rotation only = |:
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The Jones Vector represents the state of polarization using the complex Electric Field; while the
Jones Matrix is the model of linear operations applied to the Jones Vector throughout transmission
in fiber optics. The received signal on each of the polarizations is a linear combination of the two
transmitted signals. Hence we can decouple the by using 2x2 MIMO FIR filter adapted to inverse

Jones matrix of the fiber channel.

exp(j*fA2*D) explj*f*1/2)

Dispersion PMID

explj*fA2°D) exp(-i*f*1/2)

-

H""-\. .-""-l
'\\.\_\ -~
Transﬁﬁqsd Data Fte;;eiﬁggl Data
. . o
5x ™ Rx
Ry

Jlones Matrix

Figure 11: Dual-polarizations Fiber Model with only linear impairments

2.6 - Nonlinearity in Fiber Optics

What has been discussed in the Linear Impairments section, the properties of the fiber do not
depend upon the signal. On the other hand, when the silica properties are altered by the energy
of the signal itself, then that falls into a category of what is called "non-linear fiber optics". Because
of nonlinearity, we can’t increase the launch power (equivalently the signal to noise ratio) to allow
further reach of optical signal; it is now the main limiting factor to reach Shannon Limit in optical
fiber.

The non-linear effects, of interest, in optical fibers are the following [11]:
e Intra-Channel Self-Phase Modulation (SPM)
¢ Inter-Channel Cross-Phase Modulation (XPM)
¢ Inter-Channel Four Wave Mixing (FWM)
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When the light intensity increases, the higher order susceptibility terms in the induced polarization
of dielectric material must be taken into consideration. Kerr non-linearity is due to the third-order
susceptibility. As the light enters fiber optics, it travels for long time. That causes an accumulation

of non-linearity due to its continuous interaction with glass (SiO2).

n=n+ n, (i;f) (2.10)

where n; is the nonlinear index coefficient = 2.6 x 10°(-20) m?/W
n is the Silica refractive index
P is the optical power

Aerris the fiber effective area.

For our interest, we will focus on SPM and XPM. The phase shift determined by nonlinearity has
the form [11]:

Aoyt () = Ay (£) * expU*Y*Llerr*PO) (2 49)

. 2% TT *
A Aeff

Differential equation NLSE (eq. 2.1) is solved numerically with small number of steps to achieve
solution of propagating optical pulse. Split-Step Fourier Method (SSFM) is a one of the popular
ways to do so. It splits Schrodinger equation into linear (dispersion) and nonlinear parts. Then it

solves the linear part in frequency domain (eq. 2.6) and nonlinear part (eq. 2.11) in time domain.

Figure 12: QPSK Constellation with: a) ASE only b) ASE and Phase Noise Impairment
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2.7 - Link Budgeting

Monitoring and recording the impairments based on the information gathered by the channel
equalizers, described in details next chapter, will help in network planning and spectrum
assignment. The statistics of those impairments can be associated with OSNR impairment-
penalty; therefore, for each route in a network, the operator (or automated planning software) will

be able to, based on margin, reduce outages and FEC hits when choosing a route with:

OSNR = Required-OSNR + impairment-penalty + end of life margin (2.12)

Since FEC errors at the optical layer are propagated to all above layers, network operators

optimize the OSNR to keep BER at the receiver far from FEC limit.
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Chapter 3 - Signal Processing in Coherent Optical Transponders

“For man to be able to live he must either not see the infinite, or have such an explanation of the
meaning of life as will connect the finite with the infinite.” — Leo Tolstoy

3.1 - Introduction

Digital signal processing has been applied to radars, mobile telephones and digital television to
compensate for low available bandwidth, and increase tolerance to noise. Since the early nineties,
interest has grown in the use of electrical signal processing using equalization filters for the
correction of ISl in high-speed optical communications [13], [14]. The work of adaptive
equalization filters to compensate for deterministic distortion of the signal, along with Forward
Error Correction (FEC) to protect against random noise, is at the core of the receivers’ design.
The availability of fast CMOS Integrated Circuits, featuring data converters and signal processing
units, where the main drivers permitting the design of electronic chips capable of handling optical
transmission. They allowed substantial improvement to linear optical transmission impairments
tolerance. Signal processing techniques lend themselves to integration and mass production, and
give a cost-effective method of increasing system lengths in a low cost optical communications

system.

As previously mentioned, until 2005, the detection in optical transponders operation at 10G and
below was based on direct detection of intensity with one polarization being modulated. Using
photo-diodes detectors, made with Germanium for example, where free electronholes are
generated by absorbed photons; such technique was simple and it has a by-design immunity to
state of polarization. Since the phase of the modulated signal is lost during the detection, we could
not support rich modulation formats. As well, we could not simply keep increasing the baud-rate
(with one bit per symbol) by 10 to reach 100Gb/s, that is limited by the speed of the electronics
and the resulting occupied bandwidth. However, by detecting the optical field i.e. the power level
and the phase, using interferometric (or coherent) detection we can solve the problem and follow
the trends of modems in wireless. When mixing the incoming optical signal with high-power local
oscillator, the phase is preserved and the sensitivity of the receiver is decreased since the mixing

operation is acting as amplification as well.

As shown in [15], [16], [17], [18], [19] and [20], new techniques are being developed every year

to enable both submarine and data-center interconnect communications, while increasing the
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capacity of existing fibers. In this chapter, we will look at how dual-polarization (DP-) coherent

systems are recovering payloads.

3.2 - Optical versus Wireless Transponders
The complexity of optical transponders is governed by the symbol rates. Compared to wireless,
the amount of parallelism required is significant. We will perform a quick table-based comparison

with wireless modems. Most of these attributes were mentioned in [10].

Attribute Optical Wireless
Symbol rate 30 to 80 GBaud 10s of MBaud
Carrier frequency 185-196 THz 0.8 to 6 GHz
Dithering Sensitive laser control Terminal Motion
MIMO Interface Dual-polarization in SMF Multiple Antennas
Multi-mode in MMF
ASIC Clock 100s MHz 100s MHz

Table 2: Comparison between attributes of optical and wireless transponders

It is worth noting that the demodulation, beyond converting the signal from analog to digital
domain, is pretty much common among optical, wireless and DSL modems. As we will see in the
Rx DSP section, all modems require clock recovery, adaptive filtering, decoder, estimation of

carrier and FEC.
3.2 - Principle of Coherent Detection

3.2.1 - Tx Modulator

The key concept enabling optical coherent modulators, at the transmitter, is that we can slow
down light when applying an electric field across its path. A carrier, or continuous wave signal
generator, is being modulated. As we see in figure below, the electric field is built one dimension

at the time.
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Figure 13: Modulator of coherent transmitter

The mathematical model of one arm is in the equation below, where V1 and V2 are the voltage
driven by the Digital to Analog Converter (DAC). The interference will result in Eoy, ranging from

constructive when same phase in each arm to the destructive when 1 is the difference.
1 '*V—*T[ *V—*n:
Foue = 3+ (/7" + /W) u By (31)

As you can see, due to layout variability when building those optical modulators, a lot of issues
will raise. To name few:

¢ 1/Q delay on each of the polarization

¢ |/Q power imbalance

o X/Y delay

e X/Y power imbalance.

3.2.2 - Rx Optical Front-End
By mixing, with simple 50/50 3 dB coupler, the incoming modulated optical field with local oscillator
field, then applying a balanced detector to get the electrical signal containing both phase and

magnitude information:

Ep(t) = [P # €1 " (Wrx b4 &rx(0) (3 2)

E o) = /pLO % el * WLo t+ ¢ro(1) (3.3)
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Figure 14: Simple Coherent Detection with Balanced Photo-Diodes
E I 1 En(t
v L : ) (3.4)
E,| V2|1 =1]|Ew()
1 1
Ey= & (En(®)+ Eo(®) B2 = & (Ex(D) = Eo(®)  (3.5)

It) = L) — L,(t) = (Ry * Ey* — Ry * E,?) (3.6)

with R, and R, are the responsivity of the photodiodes.

With DC block, the current /(t) is a function proportional of both channel power and phase:

I 2% [Py x Proxcos(Wpy — wio) + (@rx — 010))  (3.7)

We can add in-phase/quadrature and polarization diversity circuits to cover 4 elements per

symbol as below:
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Figure 15: Complete Rx Coherent Detection with Pre-ADC Amplifiers

3.3 - Digital & Analog Signal Processing in Coherent Transponders

3.3.1-ADC/DAC
The advances in high-speed parallel ADC/DAC architecture were a key enabler for allowing DSP

to operate on optical signals. To fulfill Nyquist requirements, the sampling rate should be double

the maximum frequency of the signal.

The DAC determines how much pre-shaping/pre-compensation of dispersion we are able to do.

It is important to determine dynamic range of operation to avoid clipping.

The current commercial ADC are operating at the rate of the order of 56Gs/s and 6-bit ENOB [22].
The target Effective Number of Bits (ENOB) is based on the modulation format supported by the
modem. It is necessary to keep the balance between the clipping and the quantization rates.
Typically, Trans-Impendence Amplifier (TIA), as shown in figure above, with gain engineered to
keep signal levels so the ADC can operates at full scale. The performance of ADC, typically sub-
ADCs interleaved [21], depends on jitter untracked by a Phase Locked-Loop (PLL); that is
especially at high frequencies. At low frequencies, quantization and thermal noise are the
dominant factors.

2 2 2
( _ SNRQLanb::-ll.iou Noise \ ( _ SNRT‘ht‘rmal Noise \| ( _ SNR.ILllt'r 3
SNR zpc [dBc] =—20xlog {110 20 J +\10 20 ) +\10 20

(3.8)

3.3.2 - Tx DSP
Tx is mainly responsible for encoding a bit stream coming from the data-link layer. That involves
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scrambling, applying Forward Error Correction (FEC) overhead, mapping bits into constellation
symbols (with gray encoding if applicable), arranging the symbols into packets and applying a
“shape” to the pulse to minimize ISI. In figure below, we show a table with various supported

modulation formats in nowadays commercial transponders:

Format

Bits/Symbaol

a0-
Constellation

Figure 16: Various Dual-Polarization Constellations

Other important DSP blocks are typically found on the Tx side, such as:
1- Frequency or time domain filter that can be used for the following:
a. Pulse Shaping: to maximize SNR at the input of the receiver adaptive filter [23], it

is typical to use root-raised cosine on the Tx, then matched with root-raised cosine

at the Rx.
1 for| f |<2W,-W
_ zZ| 1+ -2, _
H(f)=1cos {4 W, } for2W, —W < f |<W
0 for| f>W (39)

with W, —W is the excess bandwidth.

Transmitted Symbol
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Figure 17: Time and Frequency Representation of a Root-Raised Cosine Pulse
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b. Dispersion pre-compensation: It is shown in literature that dispersion pre-
compensation can help enabling more dispersion tolerance at high-data rate, as
well has the benefit when dealing with nonlinearity [24] in long-haul optical

communication.

2- PDL Pre-compensation: PDL can be slightly mitigated using a polarization-scrambler,
leading to an averaging over the performance of various equiprobable polarization-
states. [25]

3- Nonlinearity: The authors in [26] showed a technique to use the transmitter for non-linear

compensation of SPM.

3.3.3 - Rx DSP

Most of the processing, and heat consumption, is taking place at the receiver. Figure below shows
the typical blocks used in coherent receivers right from the output of the ADC to the input of the
decoder. We will discuss these blocks one by one, then give an overview of non-linear

backpropagation and FEC.

Decision

Clock Recovery

Figure 18: Typical DSP in Coherent Receivers

CD (Post) Compensation
Once data is digitized, the first action is typically to compensate for chromatic dispersion. For
long-haul optical communication for example, the large accumulated chromatic dispersion

causing one pulse to smear over hundreds of neighboring symbols, makes it impossible to do any
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linear operation before compensating for the bulk part of it. The compensation usually occurs in
frequency domain (FFTs and IFFTs are not shown here) by multiplying the Fourier representation

of incoming burst with the following correction [27] [28] [29] [30]:

mw+D+Lxlambda? "

HUf) =expC ¢ D (3.10)

Clock recovery

The second key block is clock recovery. Similar to wireless modems, the transmitter and receiver
have different clocks. Therefore to sample received analog data at the right phase (and
frequency), we need to track the jitter. The clock recovery circuits are built around a PD (Phase
Detector), PLL (Phase Locked Loop) and various filtering/accumulators to equalize the sources
of noise. Many methods are proposed in time-domain (Gardner [32]) or frequency domain
(Godard [33]). Once PD outputs the phase error, the latter is used as input to a control loop driving
a VCO.

Optimum| Timing

LoopFilter g

Figure 19: Clock recovery simplified circuit and eye diagram

Dynamic Butterfly MIMO

To decouple the two polarizations, we need a MIMO structure of 2x2 filters [34] [35]. For time-
varying channel estimation, the choice between time or frequency domain implementation is
usually based on the filter orders. For small number taps, time-domain convolution can be done
without much complexity. For T/2 spaced equalization, the amount of PMD that can be mitigated
is half the filter order. To handle large PMD, frequency domain is typically used. Adapting

algorithms are such Least Mean Square and Recursive Least Square.

Carrier Recovery
At the output of MIMO, the signals from the two polarizations are decoupled but the constellations

are rotated due to the difference in frequencies between the transmitter and receiver lasers (Rx
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is not sharing the same local oscillator as the Tx, so difference between WLo and Wrx in equation
3.7 is tracked here). Therefore, both frequency and phase must be aligned or more like their
difference must be corrected for [36] [37] [38]. Similar to adaptive filtering, that can be done in
pilot-directed mode, blind or combination of the two. Nonlinearity is another impairment that can

benefit from carrier recovery circuit, since SPM and XPM both produce a “phase-noise” like effect.

Non-linear (post) compensation

Due to the required intensive processing, in commercial modems there is no non-linear
compensation at the receivers. However, with the trend in CMOS technology, it will be possible
to implement back propagation algorithms to adaptively solve the NLSE. It is worth noting that
backpropagation can compensate well for SPM, while to mitigate XPM and FWM, we need to
know the information from the link, basically neighboring channels spacing and power
distributions. That might be possible in static Submarine link and tend to be difficult in a mesh
highly dynamic networks. As shown in the image below, using numerical methods such as Split-
Step Fourier (SSF), we can simulate signal propagation by iteratively solving the Schrodinger

equation.

Pulse Evolution over Distance
with fiber loss | 128 ps Width | Gamma = 0.003

0.03 ~

0.025 ~

0.02 +

0.015 4

Magnitude

0.01 |

0.005 +

10000

80OOO
6000

2000 4000

Distance Time

Figure 20: Pulse Propagation using SSF Method
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The simplest implementation of the split step algorithm [11] is to propagate the field over step h

in two stages. Inthe first step, nonlinearity acts alone, and D=0. Inthe second, the non-linearity

is zero, and dispersion acts alone.
Alz+h,t)~ exp (D Jexp (19 )(z,2) ~ (3.11)
The non-commutating nature of the linear and non-linear operators leads to a leading error term

of order h?. In the symmetrized split step algorithm [53], the non-linear operator is evaluated in

the centre of the step, and the dispersion evaluated as two half-steps.
h A ~ h h A
A(z+h,t)zexp ED exp| hN z+5 exp ED A(z,t) (3.12)

A further refinement is to replace the non-linear step by an integral

z+h

A(Z+h,z)zexp(§[>jem( !N(z')dz’]exp(%[)j/l(z,t) (3.13)

In figure below, we illustrate the SSF method.

xNb of Spans

%Mk of Steps Per Span

‘ >

Figure 21: Fiber model with non-linearity, dispersion, attenuation and amplifier gain

Another method considered in optical fiber communication to approximate the nonlinearity is

considering the nonlinear field as a perturbation compared to linear dispersion effect [39] [40].

E@®) = | Elinear) + |a) (3-14)
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Forward Error Correction

Forward Error Correction (FEC) blocks are typical in transponders, they help increasing the signal
reach and allows for more design flexibility. Both hard and soft-decision FEC can be used after
DSP. Standards such as G.709 has a coding gain of more than 6 dB at BER 10'5. The FEC is
preceded by a de-interleaver that is meant to shuffle error over many transmitted blocks. The size

of the interleaver is important in the case of transients’ kind of error in the fiber channels.

Figure 22: DSP & FEC in Coherent Receiver
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Chapter 4 - Adaptive Filtering in Optical Coherent Software Defined
Receivers in the Presence of State-of-Polarization Transients and
Colored Noise

“He is a man of intelligence, but to act sensibly, intelligence is not enough.” — Fyodor
Dostoyevsky

4.1 - Introduction & Literature Review

HE era of data-drive and cloud based computation has arrived. To be able to accommodate

the increased data rates and increased number of communicating devices on the internet,
new techniques in optical telecommunications are being developed. The main vehicles for high-
capacity networks are software-defined transceivers that use coherent detection and dual
polarization. Dual polarization, introduced in [41], effective doubles the data rate compared to
single polarization techniques. The core operation in dual-polarization communication systems
is the adaptive filter which performs equalization to correct for the time-varying state-of-
polarization (SOP) as well as other linear channel impairments. Studying both the convergence
and tracking performance of the adaptive filters used in this process is important in understanding

the limitations of the system.

The linear impairments encountered in an optical channel are a mix of deterministic and
stochastic impairments. Chromatic dispersion (CD) is a type of deterministic impairment while
polarization mode dispersion (PMD), polarization dependent loss (PDL) and (SOP) are stochastic

ones.

A dual polarization optical signal has amplitude and phase in one polarization (X) and another
amplitude and phase on the orthogonal polarization (Y). The received optical signal is a rotated
version of the transmitted one. The rotation caused by the channel is either static or slowly varying
allows the receiver to employ a linear adaptive filter to decouple the two polarizations from the
received rotated optical signal. Algorithms such as the classical least mean squares (LMS)
[42][43][44] and the constant modulus algorithm (CMA) [45] have been used to undo the effects
of the channel rotation.

In this chapter, we are interested in the effects of fast SOP transients and PDL on the

performance of the adaptive linear filter used to decouple the two polarizations of the received
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optical signal. In particular, we wish to see how well the adaptive filters can track fast SOP
transients in the presence of PDL and colored noise with limited RSNR penalty due to those

impairments.

Optical ground wires (OPGW) are primarily deployed by the electrical utility industry. They
shield the conductors from lightning strikes while providing a telecommunications path for third
party communications. High-voltage lines carry electricity from the utility to the consumers while
fiber optic cables provide telecommunication capability. OPGWs are being increasingly deployed
to reduce costs compared to buried fibers; however, lightning strikes and other phenomena can
cause the transmitted data to be exposed to fast SOP transients. In [46], it is stated that a 100
km length of OPGW can experience roughly 30 lightning strikes per year in Central Europe. The
external structure of OPGW is constructed to discharge the lightning, but a Faraday Effect is

observed on the two polarizations when a lightning strike occurs [47].

An in-depth study done using Verizon aerial fiber in [48, 49] showed that aerial fibers typically
encounter higher SOP transients than those buried in the ground. In [50], data was collected from
an OPGW plant in order to determine the correlation between SOP transients and lightning
strikes. They were able to demonstrate a high correlation between lightning strikes and the
occurrence of fast SOP transients which could achieve rates of up to 5.1 Mrads/sec. Laboratory
experiments were conducted in [51,52] to emulate the effect of lightning on SOP transients
observed in OPGW fibers. They showed that the rate of change in SOP increases as both the
electrical current created by the lightning strike increases and the length of the cable increases.
They demonstrated through repeated trials that, for a given lightning current and cable length, the
variance of the measured SOP data was less than 0.5% about the mean. In [53], the authors
report that wind speed and the high-voltage line current also have an effect on the SOP rate of

change.

Temperature and other forces can also have an effect on SOP in fiber cables. For example,
deep sea cables experience mean SOP variations of 200 Hz, [54], while the mean SOP rate of
change is 50 Hz in buried cables, as shown in [55]. The authors of [56] found that the rate of SOP

change is correlated to variations in ambient temperature.

Other causes of fast SOP variation are mechanical vibration of the fiber cable caused by the

passage of trains or construction work in close proximity. In [57], a study of SOP induced by
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mechanical vibration of Dispersion Slope Compensation (DSC) modules was done. The special
case about DSCs is that they contain long fibers that is typically meant to compensate for
dispersion of a span of the DWDM network (80 km). Certain packaging methodologies were

introduced in [58] to reduce the fluctuations of SOP in DSC modules.

Much work has been done on reducing the RSNR penalty to compensate for the different
impairments that are typical in coherent dual polarization communication systems over fiber
cables. In[59], it was shown that PMD actually helps averaging the penalty due to PDL. This is
due to the fact that PMD spreads both polarizations equally at the two extreme PDL axes of the
fiber. In [9], coding on the X and Y polarizations is used to mitigate PDL to avoid worst case
orientations, which in turn reduces the RSNR penalty due to PDL. However, neither study

considered the effect of fast SOP transients.

In [60], the authors presented a field programmable gate array implementation of a coherent
dual-polarization receiver where quadrature phase shift keying (QPSK) modulation is used.
Operating at data rate of 2.8 Gb/s, their receiver’s adaptive filter was able to track SOP transients
of 5 KHz in the presence of 3 dB PDL in the link with a RSNR penalty of 0.5 dB. The work in [10]
compared LMS algorithm to the recursive least square (RLS) algorithm in a system that employs
spatial-division multiplexing (SDM), where multiple modes travel in the fiber in order to increase
channel capacity. They show that the RLS has the superior convergence properties. The authors
of [61] considered the effects of error feedback delay, using CMA, on the performance of the
coherent receiver in the presence of CD. The work done in [62, 63] shows how pipelining and
efficient implementation of the adaptive filter’ feedback loop in the receiver help reducing the delay

of the error signal used in the LMS tap weight updates by 18%.

In [64], authors looked at Kalman filtering to tracking SOP with some PDL and frequency offset.
Despite the fact that Kalman requires O(N?) processing complexity which does not fit in the
industry trend to reduce power consumption in modems, the prerequisite for a fiber model in order

to get the prediction then compare to measurement for correction, makes it tough to generalize.

Constant Amplitude Zero Auto-Correlation (CAZAC) sequence are popular in wireless studies,
they are used in long-term evolution (LTE). In [65], the authors performed a detailed study on the
impact of CAZAC in long-haul transmission system viewed as chirp signals. In the studies

undertaken in [35, 66], frequency domain equalization (FDE) is used to track the SOP transients,
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using only QPSK modulation, in pilot-directed mode. The papers focused on the amount of
averaging of the channel estimates in trade-off of back-to-back penalty and SOP transients
tracking. The authors in [35, 66, 67] did not considering other types of optical fiber impairments

such as PDL and optical filtering.

In this chapter, we investigate the performance of the LMS, normalized LMS (NLMS) and RLS
algorithms for the adaptive filter in coherent receivers for dual-polarization optical signals in the
presence of SOP transients, PDL and optical filters. We consider the limitation in practical
implementation such as the error signal feedback delay. In section 4.2, we present the theoretical
background and modulation formats that we use in our simulations. In section 4.3, we present a
theoretical overview of coherent receivers and adaptive filtering. The simulation environment
details are given in section 4.4. In section 4.5, we present our simulation results where we focus
on the effect of SOP rate of change on RSNR penalty, as well as the trade-off between
performance in back-to-back (i.e. patch cord fiber between transmitter and receiver) link
configuration versus PDL penalty versus SOP tracking capabilities. As well, we compare different
adaptive algorithms by simulating their convergence speed and maximum trackable SOP for a
given SNR penalty. In Section 4.6, we discuss an idea related to autonomous intelligent networks.
In Section 4.7, we provide our conclusions. It's worth noting that for all chapters, more elaborate
conclusion(s) is provided in the last chapter of this thesis. The main contributions of this paper
are the following:

1. Study of SOP tracking in the context of Software Defined Optical Transceivers with practical

implementation limitation.

2. lllustrating the trade-off between back to back RSNR and PDL penalties versus SOP

tracking penalty.

3. Presenting analysis and simulation, in both convergence and steady states, to compare the

performance of LMS versus NLMS and RLS in presence of PDL and SOP.

4.2 - Adaptive Filters Architecture and Software Defined Transceivers

Next generation coherent receivers are designed to support high-speed, reduction in power
consumption and flexible provisioning. They are an integral component in the migration to
Software Defined Optical Networks [68]. The programmability is required so that network
operators can switch between modulation formats, such as the ones in Fig.1, based on link margin
and available bandwidth. Therefore, it is worth studying the performance of the adaptive filters

with the same practical limitations for different constellations (different line rates). We consider
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QPSK and 16QAM, as rich modulation format deployed for long reach link, throughout most of
the study. As well, we look at SOP rate of change tracking, for a different SNR penalty, of LMS
for QPSK and 8/16/32/64 QAM. The PDL values, associated with modulation formats shown in

Fig. 23, are estimates based on the possible number of spans per bit rate.
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Figure 23: SER versus signal-to-noise ratio (SNR) for different constellations

In a typical link budgeting process, operators and equipment vendors include SNR margin when
planning optical networks [69]. Examples of the reasons for the unused what we are call “Fiber
Link SNR Margin” are to account for laser aging, amplifier power transients, pixels drift in
ROADMs and fast SOP transients. The trends in standardization bodies such asEEE802.3/OIF
are focusing on, among other things, Soft-Decoding Forward Error Correction (FEC) with high
threshold (In [70], FEC threshold used is 4.5x10-2 with 24% overhead for 64QAM modulation
format and propagation scenario of 300 km). Therefore, we chose the FEC threshold, that will

define our operating point with base SNR at 4.5x10-2 for all modulation formats studied

Link SNR = SNR (@ BER = 4.5 %) + “Fiber Link SNR Margin”

4.3 - Theoretical Background

The performance of digital fiber optics communications systems, impaired with dispersive effects
such as chromatic dispersion and PMD, depends highly how reliably the coherent receivers
distinguish the closely spaced symbols. With coherent receivers, as shown in Fig. 24, any linear
distortion in the optical domain can be treated as linear in the electrical domain. That permits the
use of finite impulse response filters (FIR) to compensate for impairments since both amplitude

and phase are preserved. The choice between block frequency domain implementation or time-
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domain convolution is determined by the targeted amount of PMD to support. In [71], the authors
compared time versus frequency domain filtering in term of hardware gate counts by detailing the
number of operations required for both coefficients update and filtering. As we see in Fig. 25 that
once the number of taps per branch is more than 7, then frequency domain filtering is
recommended. Another architectural decision is data-directed versus pilot directed, while the

former increases throughput, it is more prone to error.

AGC: Monitor & Control
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Symbol Decision [Viterbi
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Carrier-Phase Recovery

Bulk Chromatic Dispersion Compansation

Figure 24: Typical architecture of a coherent receiver

Adaptive filtering methods, such as LMS, are the core elements in the design of the coherent
receivers. LMS converges toward the Weiner solution [43]. Since the error calculated in decision-
directed modes are part of the update equations, the availability of the error vector is key to
making the right update to compensate for the time-varying channel impairments. The two-main
time-varying impairments we will consider are fast SOP transients and PDL. The former is usually
illustrated on the Poincaré sphere and modelled mathematically as changes in the Stokes vector
representation. The instantaneous PDL, resulting from contributions of many
random birefringence in fibers and optical components along the link, can be chosen from a
Maxwell-distribution [72]. It is considered a time-varying impairment where one of the received

polarizations is attenuated in a randomly fashion.

A typical digital signal processor in a coherent receiver contains static and adaptive filters,
carrier phase/frequency recovery as detailed in [73], and a threshold-based decision block. For
adaptive filter algorithms to work in data-directed mode, the error is measured at the output of the
decision block. Signal processing operates at much slower speed than the sampling rate. As the

modulation order increases, the complexity of the carrier recovery algorithm and detector/decoder
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increases and results in increased feedback delay (FD) of the error signal used to update the filter
tap weights. As part of design, there will be trade-offs between size, power and amount of FD.
The more parallelism in the implementation, i.e. processing more symbols at same time, the
smaller the FD but then the number of hardware gates is larger due to increase number of
operations per Application-Specific Integrated Circuit (ASIC) clock, as shown in [74], and

therefore power consumption will be higher.

In dual-polarization coherent detection, the adaptive filter can have one of two configurations:
2x2 MIMO (Multiple Input Multiple Output) system equivalent to 4 independent filters where X and
Y common impairment are compensated, or 4x4 MIMO [75, 76], at the price of more power
consumption, that can compensate for X and Y, as well, in-phase and quadrature related
impairments such as delay and loss/gain imbalance. In the presence of FD in the adaptive filter
loop, the update equation is modified where current update is based on outdated input data » and
error (¢) by FD blocks. The larger the loop delay, the greater the lag error which results in
limitations on stability and bandwidth. This reduces the maximum value for the adaptive filter step
size which in turn limits the maximum rate of channel state variations that the adaptive filter can
track. The main advantage of having the FIR (finite-impulse response) operates per block of
symbols is the reduction of computational complexity. Knowing that with baud rate equal to 80
Giga-Baud (GBaud), the symbols spacing is 12.5 ps. Assuming the requirement set by link-budget
team for the PMD handling of the coherent transponder to be peak of 200 ps. With adaptive

equalizer operating at T (symbol period)/2 spacing, therefore, the FIR filter needs 32 taps.
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Figure 25: Computational complexity of time versus frequency domain

4.3.1 - Derivation of Minimum Mean-Square-Error Solution

Using quantum mechanics notations, the 2x1 column vector representing the received signal at
input of the adaptive filter is defined as:

[r()) =M|[s(m)) + [u(m))  (4.1)
With M, the jones matrix representing the channel response at specific time instance. s the 2x1

transmitted signal vector with two polarizations, X and Y.

rm)y = (20) (4.2)

r2(n)

And u, 2x1 vector, is modelling additive noise. For now, assuming it is white with mean 0:
E{lu(m)) (u(m)|} = 0?1 (4.3)

Without loss of generality, let's assume:
E{lsm) (s(m)[} =1 (4.4)

We would like to estimate C, 2x2 correction matrix, in the least square sense. Where:
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C= [Cll CIZ]
C21 C22

The first row generates X-polarization when combined with received vector and second row
generates Y-polarization. Therefore, each element is C has two indexes. And the estimated

symbol is obtained as follow:
|Sese (M) = C|r(n)) (4.5)
And the error is equal to:
le(n)) = |s(n)) = |sese (M) = [s(n)) = C|r(n))  (4.6)
Let’s define z as the mean-square error (MSE):
z = E{(e(n)le(n))} (4.7)
Defining a, b, ¢, j and k scalar that are selected from the set {1,2}. In component, per

polarization, form:

zq = E{eg(n)eq,(n)} (4.8)
Where,
ea(n) = sq(n) — Caprp(h) (4.9)
The mse is then derived as follow:
2o = E{(sa(m) — Capry () ea(n)} (4.10)

Therefore, C is found by minimizing z with respect to elements of C. With § is the dirac-delta

discrete function, we get the popular the “orthogonality principle”:

0z E{( 0Cyy > ( )}
— = ———T1 | eg(n
aCj, acy, ")

= - E{ Tg ea(n) 6](16_1]{}

= E{r; ej(n)}=0 (4.11)
Based on the above, we will look for C. With:
ej(n) = sj(n) — Cjp1p(b) (4.12)

Replacing eq. 4.12 in 4.11, we obtain:
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E{ 1 (s;(n) — Cjbrb(b))} =0 (4.13)
E{ T sj(n)} = Cjp E{ ¢ 1,(b)} (4.14)
The first term is expanded as follow:

E{r; s;()} = E{5;(n) (Mi si () + wp(n))}

E{(Micc si(n) s;00))} +0

Myc 6je = My; (4.15)
The second term of eq. 4.14 is expressed as follow:

E{ri 1 (1)} = E{(Mirc 5: () + uje(m) (Mpasa () + w, ()}

= E{(Mpa Micsa () st} + E{(wy 00) up())}
= (Mpq Sac) Mic + %6k
= Mp. My, + 026y (4.16)
Replacing eq. 4.15 and 4.16 back in eq. 4.14:
My; = Cip(Mpe Mye + 028px) (4.17)
Therefore, for while noise and minimum mean-square error (MMSE), the correction matrix is
estimated as:
C= MM MY+ g2t (4.18)
() and ()~ are, respectively, Hermitian and inverse operators. When ignoring the variance of
the noise, we get the zero-forcing (ZF) solution:
c=M'M MH!
— MH(MH_l ML)
= M1 (4.19)
In the case of colored noise, each polarization is received as follow:
ra(n) = Mgpsp () + Ngpup (n) (4.20)

With W defined as the noise covariance matrix, eq. 4.3 becomes:
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E{NJu(n)) (u(m)|N"} = N o2 N*
= 02NNH = o2 W (4.21)
With the orthogonality principle in eq. 4.11 still hold, the derivation leads to:

c=MI(M MY+ o2w)?! (4.22)

Assuming same input-output relationship as in eq. 4.1, when solving the MMSE:
MMSE = minE(|r — Ms|?) (4.23)

We get the popular Wiener—Hopf equations. The coefficients of the optimum channel estimate,

vector, are derived as follow:
— RST‘
C= /Rrr (4.24)

Where: R,, is the autocorrelation matrix of the received data and Ry, is the cross-correlation
vector between the tap inputs and the desired response. Both matrices are illustrated in appendix
A.

R, =E[rrT] (4.25)
Ry, = E[s7T] (4.26)

The issue is that computing the autocorrelation and cross-correlation in real-time manner is not
possible, especially when processing a block of 512 symbols. Hence, the need for iterative

methods to approach such the optimum coefficients.

4.3.2 - Filter Structure & Iterative Adaptive Methods

FIR structure is shown in Fig. 26. Received bits are delayed, multiplied by tap coefficients, which
may be adaptive, and then summed. The tap delay (ti.. tn) may be equal to the symbol period, or
a fraction of it. To reduce receiver noise, by blocking output band noise, the receiver bandwidth
is usually less than the signal bandwidth. A fractional equalizer with tap delays matched to the
receiver bandwidth, or to the transmitted pulse shape (e.g. raised cosine), can help reduce ISI or
channel distortion [23]. The ISI may be due to chromatic dispersion, PMD, channel

multiplexers/demultiplexers, ROADMs or non-ideal transmitter or receiver responses.
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| Output

Figure 26: Structure of FIR per Branch

The waveform at the output of the transversal filter is:
Output(t) = YN, C;. Input(t — t;) (4.27)

For the four LMS-based filters, shown in Fig. 24, the update algorithm can be expressed by the

following equations when taking the feedback delay in consideration with subscript are based on
the polarization:

Cox(n+1) = Crx(n) — 1 r*x,n—FDgx,n—FD (4.28)
ny (n+1)= ny(n) — U r*y,n—FDgx,n—FD (4.29)
ny (n+1)= ny(n) — U r*x,n—FDSy,n—FD (4.30)
ny(n +1) = ny(n) - ur*y,n—FDgy,n—FD (4.31)

Where C is one of the coefficients of the adaptive filter shown on Fig. 26, € is the error signal
fed back from the output of the decision circuit to use in the tap weight update and r is the input

signal buffered by FD blocks. For NLMS, the step size p is normalized by the power of the 2x1
received jones vector.

The standard RLS adaptive algorithm considered in this paper is based on the update equations
below:

Crrs(n+1) = Crrs(n) + P(DT —ppEpn—rp (4.32)

Pn+1)= ,1+r(n)TP1(n—1)r(n) Pn) - P(n)r(n)r(n)TP) (4.33)

with r and ¢ are 2x1 vectors, A is the forgetting factor. p and Cg; s (same for LMS/NLMS) are 2x2
matrices representing all four FIRs as follow:

Cyx ny]

CRLS = [C I (434)

xy yy
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In the case of multi-modulus algorithm (MMA), an upgrade of CMA for multi-level constellations,

the error function is:

e =12—ly, |’ (4.35)
g, = 12—y, |? (4.36)

Where r is the nearest constellation point measured at the output of the adaptive filter. The

update equation is then similar to LMS:

Cxx(n+ 1) = Cyx(n) — (1/2) r*x,n—FDgx,n—FD (4.37)

The filtered data per polarization going to carrier recovery block is therefore a combination of

two branches as shown below:

Xout = Cxx -Tx + Cyx .1, (4.38)
Your = Cyy .1y + Cyy .1y (4.39)

The MMSE, minimum mean-square solution, as we showed in previous section, will take this

form when M is the frequency response of the channel and N; is the noise variance:

Cope = [M¥ M+ Ny 17 M (4.40)

() and ()~ are, respectively, Hermitian and inverse operators. The coefficient vector error,

per branch, is defined as:

q=C— Cyy (4.41)

PDL accumulates in a link mainly due to birefringent elements (mechanical stress or variability
in the manufacturing process) and Wavelength Selective Switches (WSSs) [77]. With general

Jones 2x2 matrix is shown in the equation below:

cos(0) .exp(id) sin(@) . exp(i®)

Hyotation only = [_ sin(8) . exp(—i®) cos(8) . exp(—i®) (4.42)

We see how the different orientations of PDL affect the system SNR penalty. PDL is
memoryless channel impairment, it degrades polarization-dependent OSNR. Adaptive filters can

estimate the effect as in [78], but it can’t compensate for it as in the case of PMD. Fig. 27 is
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generated by applying MMSE optimal solution, eq. 4.37, to polarization-multiplexed 16QAM data
stream impacted by noise, PDL is constant of 6 dB and a rotation matrix as in eq. 4.42. As we
see, when the two polarizations are attenuated by same factor, i.e. 8 is 45 degrees, the SNR
penalty is minimized. Conventional decoders, such as minimum Euclidian distance, are
customized for channels impaired with additive white Gaussian noise (AWGN) [79], therefore they

are not optimal for colored noise such as PDL.

16QAM Penalty versus PDL @(theta, phi)
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Figure 27: Theoretical SNR penalty for 16QAM in presence of 6 dB PDL

Both pilot-directed (or training-based) and data-direction (or decision-directed) adaptive filtering
are used in commercial products. The obvious disadvantage of the former is the reduction of the
data load within the transmitted burst, especially if the channel frequency response is long (such
as in the case of large chromatic dispersion). While the latter requires the eye of the channel to
be open in order for the filter to converge. One way of dealing with such scenario is to train the
receiver first then switch to data-directed. We used CAZAC training symbols in our simulation as
they are studied in other literature [66]. The main advantages of using CAZAC set of symbols as

pilot in coherent optical receivers:
- Constant amplitude reduces the transient in power, lower peak-to-average power ratio,
which is good for not introducing further nonlinearities (self-phase modulation and cross-
phase modulation) especially in long-haul/submarine transmission systems.

- Their good periodic correlation properties allow for good channel estimation.

With N the number of symbols transmitted per burst, the CAZAC set is calculated as follow:
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_ . mxgrmx(m+1)

as(m) = e Nzc 0 <m < Ny (4.43)

4.4 - Simulation Methodology

4.4.1 - Limitations

We make the following limiting assumptions which can be addressed in future work:

1. All dispersion is assumed to be compensated by the static FIR filter.

2. No laser offset between Tx and Rx., as well 0 MHz laser linewidth, i.e. both carrier
frequency and phase recovery circuits in Fig. 24 are bypassed. The reason is that typically
frequency offset recovery is pilot-based solution with high tracking bandwidth.

3. Jitter penalties are not taken into account. In practice, PDL and SOP have impact on jitter
estimators [80] and untracked jitter will cause an error in sampling the symbols at the ADC,
therefore higher SNR penalty.

4. No methods to help in PDL equalization considered at the Electro-Optical front end. For
example, as shown in [81], automatic gain control can offset some PDL effects. Therefore,
it is up to the adaptive filters to equalize for PDL and track SOP changes.

5. SOP transients only occurs when receiver is in steady-state except when we look at
convergence speed of the adaptive filters.

6. No A/D quantization noise or arithmetic rounding errors.

4.4.2 - Simulation Environment

All simulations were conducted using Matlab 2016b©. PDL is typically simplified as one bulk
random attenuator for one of the two polarizations. However, in literature such as [80], the ingress
and egress rotation matrices are modelled as being the same; which is not precise. In this
correspondence, our model has the two unitary matrices (represented by RI and RIl), functions
of 8 and 3, independent and PMD element followed by another SOP rotation (RIII):

H _[cos(8) sin(8)]r1 07[cos(B) sin(B) exp(%f ) 0 cos(a) sin(a) 4.44
channel = [—sin(@) COS(G) [0 k] [_Sin(ﬁ) COS(ﬁ) 0 exp(_i‘[ ) [—sin(a) COS(“) ( ’ )
2
RI PDL RII PMD RIIT

where 0 < k < 1. The attenuation in dB is:
PDLgg = —20 * log,o (k) (4.45)
Since 0 and B are randomly varying, the two polarizations (X and Y) are mixed in a time-varying
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manner. And 7 > 0 when PMD is introduced. It is up to adaptive filter at the receiver to correct
and track for the time-varying crosstalk effects. The high-level parameters and assumptions of

the simulator are shown below:

i. Symbol rate of 33 GBaud
i. 11 complex taps per filter
iii.  Fixed block size of 512 symbols.
iv.  Uniform steps, as shown in Fig. 28 & 30, over simulated stream of bits when introducing

SOP rotation angle (8) to the signal, that is equivalent to:

8(n+1) —B(n) = B(n) - B8(n-1) (4.46)

v.  SOP of full 21 rotation on Poincaré sphere was performed for each tested SOP rate of
change.

An example of three SOP transient, with rotation around S3, simulated by varying 6 over time is

illustrated in two-dimensional graph in Fig. 28.

Theta (rad) - Rotate around S3

0 2 4 6 8 10 12
# of Blocks Simulated 5
x 10

Figure 28: Rotation angle applied per block in simulation based on the target SOP rate of change

The Stokes space is useful to help picturing the conditions of the state of polarization when
debugging and monitor changes signal in fiber. Any polarization state of fully polarized light can
be depicted by a point in this three-dimensional space that lies on the surface of a sphere - the
so-called Poincaré sphere that has its center in the origin of the coordinate system. The vector

representation of each dual-polarization point on the Poincare sphere is:
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51
S = 52
S3
And with So is the total energy of the symbol. Typically, that is equal to 1 and hence we require

S1, S2 and Ss to represent any point on the sphere.

Figure 29: From constellation to SOP of Polarization-Multiplexed QPSK on the Poincaré sphere

On 3D Poincare sphere, various SOP change trajectories, can be simulated by combining

rotations of variables in eq. 4.39. Three examples are illustrated below:

Fotation around 5
all axes

Rotation
1 e around 51
Rotation - A
s . around 53 7 v et
i 3 i
o |
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05 4 *
1
-1 5l ,
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L ~0
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1 7]
Figure 30: Poincare sphere illustrating different transient trajectories

4.5 - Simulation Results
In this section we present our simulation results based on the theory and assumptions above. We

44



begin by showing the impact of adaptive filter step-size on both back to back and PDL RSNR
penalty versus the ability to track fast SOP transient. We will look at the limitation of feedback
delay for different modulation formats. At the end, we compare different adaptive filtering methods

in the presence of colored-noise such as PDL.

4.5.1 - SOP Tracking with LMS

In this sub-section we will use floating point LMS algorithm to train the adaptive filters taps.

4.5.1.1 - Impact of Step Size on SNR

We know from [82] that large step size increases misadjustment errors, while small step size
make adaptation of taps prone to lag errors. As we see below, even in the back-to-back (B2B)
condition (PDL = 0.0 dB as in Fig. 31), the SNR penalty increases as function of step size. In our
simulation, the taps are initialized to an 2x2 identity matrix. As we increase PDL, which causes
more fluctuation in the measured SNR at the output of the adaptive filter (higher rate of the error),

the slope of the SNR penalty gets higher.
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Figure 31: SNR Penalty versus Gain
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4.5.1.2 - Trade-Offs in Presence of Feedback Delay

As error feedback delay increases, the lag error becomes more dominant in the adaptive loop.
And as discussed above, when high step size is utilized, we amplify the distortion by mis-
adjustment, therefore, we get even more decision error that will be translated into larger SNR
penalty. Using rich modulation formats, comparing to BPSK, the decoding process becomes more
complex, as well carrier recovery circuits; therefore, FD is becoming larger in state-of-the-art
coherent receivers. The new upper bound on the step size is a function of error signal feedback

delay, it is governed by the equation below (in here FD starting index is 0) [83]:

2 . b4
O< u< . * sin 2@ FDTD (4.47)

In Fig. 32, we show the maximum LMS gain (or step size) allowed to ensure stability as function
of FD.
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o N o w o IS o

Maximum LMS Gain (in term of stability)
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Feedback Delay (# of Blocks)

Figure 32: Maximum LMS gain versus delay

For 16QAM, as we see in the figures 31 and 33 there is a trade-off between B2B/PDL RSNR

penalty versus SOP rate of change tracking. The smaller the step size, the more stable adaptive
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filter is, however the slower it is to adjust the directions of the taps to track the changes in the
state of polarization. On the other hand, the larger the step size the faster the adaptation rate. It
is shown as well that the SNR Margin on the link does not make much of a difference in presence
of large feedback delay (FD). We compared the results of data-directed (DD) to 16 symbols pilot-
directed (PD), equivalent to ~ 5% overhead, the latter by default has a FD of 1 since the symbols
are known to the receiver and there is no need to get feedback to measure the error. However, if
no avergaring performed on multiple measures of the received pilot-symbols, the SNR penalty is
high due to noisy estimates. On the other hand, as expected due to small delay, the tracking
speed of CAZAC-based PD is higher than tracking capability than DD.
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Figure 33: Maximum SOP versus Step Size using 16QAM

When we consider QPSK modulation, our results show similar trends as 16QAM where B2B
penalty and SOP tracking capability both increase as function of step size. In [66], SOP related
tracking capability is studied, authors used CAZAC-based frequency-domain zero-forcing and
minimum mean square error to get channel estimation. As well, with feedback delay set to larger
value (as doing more averaging on training-symbols), the maximum SOP tracking capability for a

fixed penalty is reduced. It is shown as well that DD has much lower back to back penalty (Fig.
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34) and, for same SNR penalty, higher SOP tracking (Fig. 35) when FD is set to 1. The reason is
that in DD there is more data available to tune the coefficients, unlike PD where only 16 data
points are used. The SNR penalty of PD can be reduced by performing more averaging of multiple
received training symbols, before updating filtering coefficients, especially when operating in
OSNR link (i.e. noisy channel).
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Figure 34: Back to back SNR penalty as function of step size

o
o

AN
NN

Back to Back SNR Penalty (dB)
o
=

\

o
N

One way to increase spectral efficiencies in optical fiber links is to increase the baud-rate, i.e.
symbol rate. With new CMOS technologies, such as 16 nm [84], new high-speed data converters
working at 80 and 100 GBaud, as shown in [85] and [86] respectively, are implemented in
nowadays products. That will be converted to faster signal processing; therefore, faster
convergence and more tracking of change in SOP transients. Clock speed that is driving the
adaptive filter and other functionalities in the ASIC is an important factor that determines amount
of SOP tracking, as well as in [87], if buffering of incoming data is used then SOP rotation feed-
forward correction is performed, then the SNR penalty can be reduced, and SOP tracking
tolerance increased. In [88] & [89], authors introduced a method to choose (variable) step size
per coefficient based on the feedback error (or link SNR) that helped reducing the tradeoff

between mis-adjustment and tracking ability of the fixed step size.

4.5.1.3 - SNR Penalty versus SOP Transients

To avoid disturbing traffic, network operators design their dense-wavelength division multiplexing

links with some OSNR margin (typical 3 to 4 dB). It is reflected in their link budget to account, as
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shown in [90], for SOP transients and for end-of-life related performance degradations such as
lasers drift, center frequencies per port drift of link filtering and changes in transfer functions of
electro-optical components. Increasing the LMS gain and the SOP tracking penalty introduce a
noise penalty and not an OSNR penalty. It is not correct to use OSNR penalty (in dB) as a
comparator because it unfairly disadvantages any modulation format that has a higher back-to-

back RSNR.
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Figure 35: Maximum SOP versus Step Size using QPSK

As described in [91], higher-order constellations are more sensitive to noise. Therefore, noise
penalty is the relevant figure of merit for comparison for different modulation format and baud-
rates. However, for the sake of performing comparison with a metric that used in typical link
budget planning tools, we will use SNR penalty (and not Optical-SNR which takes in consideration
the bandwidth of the signal versus the 12.5 GHz noise bandwidth), while the noise can be

retrieved as follow:

RSNRpgse RSNRimpaired

Noisegg = —10 xlog,,(10 10— 10 10 ) (4.48)

In the case of SOP transients, an untracked change in the state of polarization rotates vectors
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on Poincare sphere so that data from one polarization interferes with the other i.e. crosstalk that

results in confusion of X symbols with Y symbols, and vice versa.
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Figure 36: SNR Penalty vs SOP (versus Step Size)

4.5.1.4 - Effect of Colored Noise on Tracking of SOP Transients

Another source of impairments in optical links is the filtering effects of the concatenation of
ROADMs. They are based on Wavelength Selective Switches (WSS) and can be silicon-based

as presented in [78].

To study the impact of filtering on SOP tracking, we used the fiber model in Fig. 37. Noise was
added for each span as it is the case in real optical links. The simulated data stream was shaped
at the transmitter with Root-Raised Cosine (RRC) pulse shaped to comply with zero ISI criterion
since the bandwidth is limited. The set roll-off factor chosen was 0.21, along with the mentioned
baud-rate of 33 GBaud, the total bandwidth of the signal is 40 GHz. Considering it is 16QAM, it
allows a line rate of 264 Gb/s (33 (GBaud) * 4 (dual polarization) * 2 (bits per baud)) without

consideration of forward error control (FEC) overhead. We tested one set of filters, combined with
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the transfer function of the common multiplexer/demultiplexer, to mimic 12 spans (have 6
ROADMSs) optical link, with resulting effective 3-dB bandwidth of 37.3 GHz.

ASE

xN

Figure 37: Simulated fiber model

In Fig. 38, we scaled all penalties to remove base due to the additional impairment; therefore
at 0 KHz SOP transient, we see the penalty associated are “0”. If we did perform the scale, you
would see penalty associated with adding the 12 spans model to the PDL. That is due to the
receiver signal having its high frequency components attenuated by the filtering. When LMS tries
to recover the data, it boosts noise as well and hence the increase in Bit-Error Rate (BER). As
the rate of SOP increases, the penalty gets higher. For 12 spans/PDL = 6 dB versus PDL = 6 dB
only, the penalty for SOP at 20 KHz is 0.2 dB while it is 0.4 dB at 25 KHz. Based on some fitting
on the data in figure below, for each one dB PDL increase in link, we lose 7.1 KHz and 8.6 KHz
for SNR penalty of 1 and 2 dB respectively. It is worth noting that in real fiber link with many
filtering sites, the variability in the BER gets higher since the PDL of the link is fluctuating over
time. Our observations showed that the adaptive filter taps are noisier due to increase in the
feedback error during the transient, therefore the estimate even of the static portion of the fiber
channel will be noisy and hence higher the penalty. When adding 10 ps of PMD along PDL of 2
dB, the increment in penalty did not exceed 0.3 dB at the highest supported SOP tracking rate
(within 2 dB SNR penalty). As well, the BER variability gets higher as PDL increases, it is mainly
due to upsurge in randomness of attenuation and SNR measured per polarization. Therefore, the

maximum LMS step size required to assure stability gets smaller.
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Figure 38: Penalty of SOP tracking for 16QAM for different PDL

4.5.1.5 - Tracking Transients for Different Modulation Formats

With programmable transponders being the norm in next generation Software-Defined Networks,
the same hardware will be used for supporting the transmission of more than one modulation
format. Therefore, it is important to study SOP tracking capabilities of one modem for various line
rates. It is safe to assume that the feedback delay is the same for different modulations formats
to reduce hardware footprint/complexity. However, the maximum PDL to be supported is different
since the applications ranges from DCI to submarine links, as illustrated in Fig. 23. As we see
below, the maximum achievable SOP tracking gets smaller when the modulation order is higher.
The reason is that the Euclidian distance between nearest points is smaller for higher order
modulation constellations and, as described in [91] for wireless applications, richer constellations
are more sensitive to even modest amount of added noise. Assuming same fiber link SNR Margin
of 4 dB for all cases and same adaptive filter gain, we show in Fig. 39, the reduction in SOP
tracking capability as the number of bits per symbols increases. It is shown as well that allowing
higher SNR penalty has lesser effect on SOP tracking.
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Figure 39: SOP tracking versus modulation format for different SNR penalties

4.5.3 - RLS, NLMS and LMS in presence of colored noise

In this sub-section, we compare floating-point LMS, NLMS and RLS algorithms in term of both
convergence speed and steady state performance. In comparison to wireless, SOP transients in
a MIMO system is unique to optical fiber communication, it does cause the channel response to
become nonstationary. PDL can be compared to slow fading, while combined with SOP transient,

it becomes more like “short-duration statistically non-stationary fast-fading channel”.

The authors in [92] performed a detailed study comparing RLS, LMS and sign updating
algorithms in time-varying channels. It shows RLS outperforms other methods in term of excess
mean-square estimation error, unless the eigenvalues of the input signals covariance matrix are
equal. The later condition is not the case in presence of PDL. In [93-95], authors compared RLS
and LMS in wireless context with time-varying non-stationary channels. It was shown that
depending on the SNR and channel bandwidth, LMS can have a better performance with chirp-
like signals. In [79], authors introduced a whitening process that can be applied post the adaptive
filters to improve coherent receivers’ performance in presence of PDL. Our simulations showed
that with slow variation of SOP, applying the whitening matrix prior to decision block helped
reducing ROSNR. However, in presence of fast SOP fluctuation, updating the whitening matrix
as quickly is challenging in practice.
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4.5.3.1 - Convergence Speed in Presence of PDL

Convergence speed of adaptive filters is part of the signal acquisition process in coherent
receivers. Acquisition time is a key specification in optical networks. Initialization needs to be
performed each time the signal is re-routed or recovers from loss of signal. As example of the
stringent limitation on recovery time, SONET protection should recovery within 50 ms as stated
in the Telcordia®© GR-253-Core specification [96]. In [99], it is discussed that for 5G networks the
“0-Switching time” is as low as 1 ms and latency is 10x better compared to previous wireless
networks generations. Since the wireless networks depend heavily on optical links for their
backbone connections [95], that imposes severe requirements on the design of the next

generation coherent transponders.

In Fig. 40, our Monte-Carlo simulation shows the number of blocks required for system to reach
convergence (bit error rate of equivalent to steady state) as function of PDL using 16QAM as
modulation format, 0.15 LMS gain (and 0.985 as RLS forgotten factor) and Link SNR Margin of 4
dB. We can see, as expected, that RLS outperforms NLMS, which is faster than LMS. Although
it is accepted to assume that acquisition is not performed under fast SOP transients, that’s
because the latter are supposed to be a rare event. However, we tested few cases with 30 KHz;
we show that even with no FD of 1, the high oscillatory behavior due to PDL and SOP resulted in
long acquisition time. We can see how a FD of 20 blocks caused the acquisition time for RLS with
PDL of 6 dB to double.
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Figure 40: Number of blocks required to reach steady state versus PDL
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The above results are in-line with literature [92, 96] where it is shown that the spread in the
eigenvalues of the correlation matrix causes LMS to have a slower convergence speed. It is worth

noting that PDL can be estimated in coherent receivers using the taps of the adaptive filters as:
PDLyg = 20 * log10(32%) (4.49)
Where Anax and Amin are the eigenvalues of the channel inverse [61].

4.5.3.2 - SOP Tracking in Presence of PDL

As detailed in [98], even though RLS is significantly superior to LMS in term of convergence
performance, the tracking in non-stationary environments must be studied on case-by-case basis.
In our simulation, we observed that the ordering of PDL and the position (on fiber) of SOP transient
has an impact on the capability of the adaptive filter to track. For LMS and NLMS, the impact was
minimal; however, for RLS, as we will see in Fig. 41, for PDL = 6 dB, the SOP tracking capability
is around 46 KHz. When flipping PDL and fast SOP, we can achieve it is 70 KHz. The reason is
related to how the filter input covariance matrix is calculated. Consider the input-output relation,

with bulk PDL element (PDL), considered between two rotating Jones matrices (Rl and RII):

r = (RI* PDL * RII) * s (4.50)

Where r is the output of the fiber (received dual-polarization signal), therefore the input of the

adaptive filter and s is the transmitted data. The autocorrelation of r is:

=7Tr.r
= [(RI « PDL * RII) * s] * [(RI « PDL * RII) * s]¥
= [(RI * PDL = RII) * s] * [s" « RII¥ « PDL + RIY]

= (RI* PDL? = RI) (4.51)

If Rl is slowly rotating and RII in rotating quickly, the auto-correlation is not being updated fast
enough for the filter to converge. On the contrary, when Rl is in fast rotation mode and Rll is slow,
the RLS algorithm convergences much more quickly compared to LMS. In the simulations below,
we are applying transient on Rl only. In both cases, the autocorrection of the input signal(s) to

the adaptive filters is still a function of the amount of PDL in the channel.

For a fixed penalty of 1.0 dB in SNR, we compare the four adaption methods when the signal
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is affected by PDL. It is shown, in Fig. 41, all three methods are tracking similar SOP rate of
change transient when there is no PDL. As the latter increases, the 2x2 covariance matrix of the
input signal used in RLS (P in eq. 4.33 is an iterative estimate of the covariance matrix) or its trace
used in NLMS (step size being normalized by the power of the input symbols), help with tracking
SOP. In case of LMS using a fixed step size, with PDL acting as random attenuators, the tracking

capability is limited as no form of “power equalization” is performed.

40 Bloeks

Ability to Track SOP Rate of Change (KHz)
@1 dB SNR Penalty

PDL (dB)
Figure 41: Achievable SOP tracking for 16QAM versus PDL

4.6 - Adaptive Gain Setting

Based on the simulation results above, we can see there is a trade-off between SOP tracking
capability and ROSNR. A method for adjusting the adaptive filter gain based on user defined link
condition (or modem itself using fuzzy logic to set the condition) can be used. Such method, using
flow below, would fit well into SDN strategy of zero-touch network. SOP transient-related traffic

hit can be monitored similar to what is described in [61] for PDL.
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Figure 42: Flow of adaptive gain setting

4.7 - Conclusion

We studied the performance of LMS adaptive filter, in the context of dual-polarization coherent
optical receivers, in presence of SOP transients, PDL and ROADMs. The trade-off between
tracking capability and implementation noise when choosing the step size and forgetting factor is
a key design/modem integration decision. We showed how the higher the step size the more SOP
tracking the adaptive filter will be handling but at the price of higher B2B/PDL ROSNR. The higher
the order the modulation formats the less tracking can be done, a reduction of 30% is expected
for an increase of one bit per symbol. Error signal feedback delay is a key bottleneck for higher
SOP tracking, we showed due to higher BER oscillatory behavior that a delay of 40 blocks of 512
symbols can reduce tracking by 50% compared to FD of 20 blocks. As well, for each one dB PDL
increase in link, we lose 7.1 KHz and 8.6 KHz for SNR penalty of 1 and 2 dB respectively. We
presented the impact of concatenating ROADMs on SOP tracking. The RLS algorithm, using a
covariance matrix as an aggressive dynamic “step size”, has an advantage over the LMS and
NLMS algorithms in both convergence speed and tracking in steady state in presence of PDL in
the fiber. MMA is comparable to LMS in term of implementation complexity, however, it can have
a lower feedback delay. As expected, for same error signal feedback delay, the blind MMA is a
bit noisier than decision directed LMS and hence the SOP tracking capability is lower. However,
unlike NLMS and RLS where the adaptive algorithm gain is constant, the introduction of PDL
decreases the SOP tracking capability faster.
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Chapter 5 - Adaptive Pre/Post-Compensation in Coherent Optical
Transponders of Cascade Filters

“First and best victory is to conquer self.” — Plato

5.1 - Introduction & Literature Review

THE deployment of optical switches, such as reconfigurable optical add drop multiplexing
(ROADM), was a key milestone in enabling all-optical transmission, as illustrated in Fig. 43, from
source to destination in a dense wavelength division multiplexing (DWDM) network. They offer
great advantages for service providers such as simplification of network planning and
provisioning, reduction in infrastructure cost and lower power consumption (no electrical to optical,
and vice-versa, conversion required). Each optical link is split into sections called spans. The
latter are characterized by the position of ROADM nodes, one every two fiber spans. Hence, the
number of crossed ROADMs (Each ROADM is built with two Wavelength Selective Switch (WSS),
a multiplexer and demultiplexer) is equal to half the number of spans. The length of fiber per span

are in the range of 80 to 160 km depending on amplification technology used [100].

With flexibility being a requirement in current and future optical networks, ROADMSs, which are
made using Liquid-Crystal on Silicon (LCOS) [101] or Micro-Electro Mechanical Systems (MEMS)
[102] with optical switch fabric, allow control to be done per wavelength both in terms of routing
and attenuation. “Broadcast and Select” and “Route and Select” are two main architectures based
on ROADMSs discussed in [103].

A
EH |
@

An

e |

Figure 43: ROADMs in typical networks configuration

ROADMs, acting like filters with limited passband bandwidth, are critical limitations in fixed-grid
optical networks [104]. They introduce colored noise to the signal while affecting both the

amplitude and the phase of the propagated stream of optical pulses. The system impact of

58



concatenated filtering on 28 Giga-baud (Gbaud), using dual-polarization (DP) 8QAM
constellation, was discussed in [105]. Both passband bandwidth narrowing and ripples are
discussed in [106]. The mentioned effects get accumulated by the concatenation of multiple
ROADMs as the signal travels from the source to destination across the network. The dispersion
introduced and the spectral clipping on the edges are major causes of performance degradation.
Currently deployed ROADMs have fixed-bandwidths of 50 and 100 GHz per wavelength.
Deployment of next generation flexible-bandwidth, enabling flex-grid networks, with a granularity
of 6.25 GHz is under-way [107]. That along with temperature affecting the frequency response of
the EO at both the transmitter (Tx) and receiver (Rx), will cause an overall filtering effect that

should be compensated for to minimize penalty imposed on signal-to-noise ratio (SNR).

To compensate for the filtering frequency dependent loss, as illustrated in Fig. 44, the authors
of [108, 109] discussed applying a pre-compensation at the Tx of a 10G optical transponder. It is
assumed that the transfer function of the channel is measured and available to use. In [110,111],
authors studied the impact of pre-compensation, using finite impulse response (FIR) filters at the
digital to analog converter (DAC), of the narrowing of bandwidth due to gridless ROADMs. The
method assumes the knowledge of the number of WSSs in the link and the center frequency

offset.

In [112], authors introduced new hardware (HW) block, a trellis decoder, at the end of the Rx
processing chain. The solution requires extensive number of gate counts and cause higher power
consumption. In [113], authors suggested to use external optical wave-shapers at edge of the
DWDM link. The concept is similar to Dispersion Slope Compensation module, described in [114],
that deals with compensating for chromatic dispersion per span along the link. However, beside
the cost, maintenance and power consumption of new modules in link, the shapers have to be
programmed for initial deployment. which makes network planning more burden but will lack
continuous track of changes in transfer frequency response due to temperature or drift in center
frequency when MEMS’ mirrors ages. In [115], time-domain hybrid modulation used to reduce the
gap between the required optical-signal-to-noise ratio (OSNR) of regular M-QAM constellations,
therefore provides flexible line-rate transmission. Authors presented super-symbols as
combination of 8QAM and 16QAM and showed that, as expected, hybrid modulations perform in

between the two even when propagating through heavily filtered channels.

In this chapter, we present a new method that uses existing HW blocks in a typical coherent
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Rx, to reduce the Required-OSNR (ROSNR) of an optical link in the presence of ROADMs
filtering. The contribution of the paper is detailed in section 5.2. The models used for the filtering
and architecture of typical dual-polarization coherent Rx are illustrated in section 5.3 and 5.4,
respectively. In section 5.5, we will show the mathematical derivation of the proposed gradient-
descent based method. The flow covering both acquisition and steady state operations of the Rx
is presented in Section 5.6. The channel model and simulation environments are described in
section 5.7. In section 5.8 and 5.9, the method is validated through both simulation and lab

experiment.

5.2 - Chapter Contribution

We propose a new method that uses typical hardware blocks in coherent optical transponders
and system-level feedback loop to continuously optimize both Tx and Rx FIR filters based on
estimated signal to noise ratio (SNR) at the Rx. The method does not imply any extra power
consumption, compared to other methods using power consuming time domain FIR or trellis
decoders. As well, we present an algorithm to cover both acquisition and steady state operations,

to give chance for Rx to acquire even if communication with Tx is not established yet.

With software defined networks being designed, providers are moving to automated, zero-touch
and zero-provisioning optical networks [116]. Carrier grade requirements are focused on features
such automatic rerouting [117] and adaption of line rate based on available OSNR on the link
[115]. Having said that, a back channel between Tx and Rx will be a must in current and next-
generation intelligent transponders. The feedback communication can be done using an optical
service channel, if available in the network. Otherwise, since the vast majority of optical fiber
deployments are duplex, a software-based feature which inserts information to communicate back
to Tx as part of the frame load once every certain number of frames (based on bandwidth of the
loop) can be used. The loop bandwidth is very small therefore the overhead required is negligible
compared to capacity of the link. Since the variation of filtering effects are quasi-static (changes
very slowly in time versus temperature and aging), we can capture the estimate and send it back
to Tx even in the presence of propagation delay. In our case, 256 coefficients, each of 10 bits,
required to be exchanged between Tx and Rx every 10 seconds; which adds a very small
overhead. The challenge is that feedback loop won’t work with modems required to support
interoperability from different vendors, unless it is standardized in Optical Internetworking Forum
(OIF).
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With the introduction of colorless channel mux/demux (CMD), new ROADM-based
architectures described as Colorless-Directionless-Contentionless (CDC) mux/DeMux are heavily
deployed in nowadays’ mesh networks [118]. The latter may have more than hundreds of light-
paths [119] and deploy multi-degrees ROADMSs, up to 8 degrees using WSSs with 43 ports as in
presented in [120], per site where any tunable Tx can be connected to any colorless CMD port.
Having said that, pre-setting the correct pre-equalization transfer function or programming FIR
filter taps properly takes an enormous effort and its prune to mistakes. Since only the Rx can

estimate the channel response, any automated method requires feedback channel.

Beside gain in ROSNR as presented in section VIl and IX, splitting the compensation offers
many advantages. Based on what we demonstrate in the results, in most cases, only 70% of
worst-case peaking to pre-compensate for concatenated filters, EO and data converters
frequency responses is to be performed in the Tx. Such system information provides guidance
for designers of various digital and analog blocks in both Tx and Rx of coherent modem, as we

explain in the three points below:

1. The ability to do pre-compensation, i.e. applying peaking to high frequencies, is dependent
on the effective number of bits (ENOB) of the DAC. Per example, each 6 dB to pre-
compensation requires 1 bit of ENOB, which requires four times more power consumption

[121]. Therefore, splitting the compensation helps relaxing the ENOB requirement of the DAC.

2. With next generation transponders aiming for 600Gb/s with high baud-rate, 84 GBaud was
presented in [122], the analog driver of the optical modulator requires to have a large
bandwidth. Our method helps relaxing the design requirement since the frequency response

does not have to be wide to let through all the peaking at high frequencies.

3. Continuously moving the compensation of the static portion of the channel, such as chromatic
dispersion as in [29], from the adaptive filter to the static filters of the Tx and Rx, allows some
of the adaptive filters taps to deal with more dynamic impairments of the optical link such as

polarization mode dispersion (PMD) and polarization-dependent loss (PDL).

4. Reducing the impact of noisy, i.e. high intrinsic jitter profile, phase locked loop (PLL) at data
converters in the Tx. As we illustrate in appendix B, jitter impact on sinusoidal tones gets
higher as frequency increases. Therefore, the more peaking performed at the Tx, i.e.

increasing the magnitude of component, the higher the SNR penalty due to jitter.
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5.3 - Modelling of ROADMs Concatenation

With fixed-grid switching elements, WSSs and CMDs, being built with different technologies, as
well with diverse manufacturing variations and large number of suppliers [119], the predictability
of the frequency response and center frequency shift of the concatenation of all the filtering effects
is a challenge. In literature, the distribution of center frequency offset varies from the range of (-
1,+1) GHz [11] to (-4,+4) in [119]. While in [123], the characterization of 96 CMD instances built
with arrayed-waveguide gratings (AWG) technology, showed a variation of +/- 5 GHz around
channel nominal frequency. As well, each the insertion loss per port varies and alter the shape of
the propagated waveform. As presented in [124], each WSS port can be modelled as super-

Gaussian and is specified by two parameters: 3dB frequency width (o,,) and order (n):

Soa(F) = smempl-GLp" (61)

202,

For our simulations and lab testing, we got the frequency response of the aggregation of 18
commercial 50 GHz fixed-grid WSSs and one set of worst case Mux/Demux of a 50 GHz fixed
grid CMD. The responses showed in Fig. 44 include some ripples in the passband. The phase
response was ignored for two reasons: one is that the concatenation of filters causes a reduction
in the phase ripple variance, second is that the adaptive filter can correct for that with no penalty.
Unlike the work done in [110], we are not covering power loss, so we normalized the root-mean
square (RMS) of the signal is in simulation, while in the lab experiments, the erbium-doped fiber
amplifier (EDFA) was set in power-mode to keep received power the same. The latter was chosen

so RMS of received signal is in the optimum spot for the analog-to-digital converter (ADC).
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Figure 44: Signal with RRC pulse shaping and Ideal DAC/EQ, as well, the two models used in simulation/experiment

showing reduction in bandwidth due to cascaded SO0GHz ROADMs
5.4 - Typical Blocks in Coherent Receiver

In Fig. 45, we illustrate the typical blocks in coherent transponder. In the Tx, data streams are
encoded then filtered with static filter (CD EQ_x/y). The latter can be used for two purposes: pulse
shaping (such as root-raised cosine (RRC)) to help reducing inter-symbol interference and
dispersion pre-compensation. It is shown in literature [24] that splitting the dispersion
compensation between Tx and Rx improves performance in presence of nonlinearity, such as in
long-haul propagation. Tx/Rx Firmware (FW) blocks are the software used to provision the digital

and Electro-Optics (EO) of modems.

Dual-polarization optical signal is split and mixed with the output of a local oscillator at the Rx
to generate four branches (X/Y polarizations, each has in-phase and quadrature field). The data
is digitized using an ADC then goes to digital signal processing blocks. Similar to the Tx, the Rx
side the static filter (CD EQ_x) is used for matching the Tx filter to maximize SNR and it is used
for dispersion post-compensation. Typically root raised cosine (RRC) are used in both Tx and Rx
to form a raised cosine to minimize inter-symbol interference (ISI). It is typical that the bulk part
of dispersion is compensated prior to symbols reaching the butterfly MIMO equalizer. The latter
is the core of the Rx and it is adaptive, where Constant Modulus Algorithm (CMA) and Least Mean
Square (LMS) are examples of the adaptive method used, [125], to decouple the two polarizations
and compensate for linear time variant channel impairments such as Polarization Rotation,
Polarization Mode Dispersion (PMD) and Polarization Dependent Loss (PDL).
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Impairments such as residual dispersion, filters passband ripples and edges roll-off are static;
they can be estimated using the common factor of the four Multi-Input Multi-Output (MIMO) filters.
In [126], the use of common response was introduced to remove some of the residual dispersion
from the adaptive filter and transfer them to the static filter to increase the Rx tolerance of PMD.
In our case, instead of using the phase of the common response, we will use the magnitude to
help mitigate the filtering effects. Frequency and phase offsets, between Tx and Rx laser
oscillators, are tracked by carrier recovery block using methods such as Viterbi-Viterbi [127].
Symbol decoding, or de-mapping, and forward error correction (FEC) work together to extract and
correct the sent stream of bits from the received symbols. As described in [128], they both can be

based on soft-decision, such likelihood metric, or hard-decision.
The 2x2 MIMO equalizer matrix can be represented as:

Hyex () ny(f)> (5.2)

1) = <ny(f) Hyy (f)

With the common response equal to (we want to do enough averaging to get a good estimate),

as shown in [29]:

Hc (f) = \/Hxx(f) * yy(f) - ny(f) * yx(f) (5.3)

With no impairments, such as frequency selective loss and dispersion, the symbol arrives at
the Rx within its “dedicated” interval. Otherwise, we see ISI effect where the transition of the
symbols scatters to the neighbor intervals. Digital compensation is basically applying different
weights and delays, i.e. filtering, to undo the expansion caused by neighboring symbols over the
symbol of interest. The size of the filters required depends on the characteristic of the channels.
In the frequency domain, the compensation is mainly pre-emphasizing high-frequency
components of the data stream. Beside ROADMSs, data converters (ADC/DAC), driver and optical
modulator can have some roll-off at high frequencies [129]. In [130], it is mentioned that DAC
frequency response at 80% of Nyquist sampling frequency, the output amplitude is attenuated by
2.42dB.
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Figure 45: Block diagram showing key functional blocks in coherent optical transponder and requirements for the

operation of the presented method

Here we demonstrate how the amplitude of the common response Hc(f), presented in Eq. 3, is
capturing the quasi-static frequency-dependent ripple and loss from output of Tx DAC to the input
of Rx ADC. In a lab experiment, with commercial card, we captured the four vectors of FIR filters
taps (Hw/Hyx/Hx/H,y) 50 times, with five ms period, as shown in Fig. 46. The latter illustrates how
consistent is the common response in estimating the static frequency response, both phase and
amplitude. Since the filters response has intense drooping at high-frequencies, and there is a
frequency offset to that emphasizes one side, we can see more peaking about 5 dB on the high
positive frequencies compared to negative ones. In the mid-range of the frequency response, the
ripples are compensating for both the ripples in channels and the residual ripples from Tx EO/Rx
EO/DAC/ADC calibrations.
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Figure 46: Common response of the adaptive filter after convergence
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The average of the retrieved common responses of three different scenarios, displayed in Fig.
47, are used in the optimization process. The approximation of the shift in the center frequency,
from the ITU (International Communication Union) center frequency, is embedded in the
estimated frequency response; it is visualized when comparing blue and red curves below. The
x-axis is the index of the frequency bins used in the operation, they are mapped to -20 to +20

GHz, i.e. +/- sampling frequency/2 (Fs/2).
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Figure 47: Magnitude of common response for link scenarios

Since PDL accumulates in a link mainly due to birefringent elements, such as mechanical stress
or variability in the manufacturing process as described in [131], and Wavelength Selective
Switches (WSS), as detailed in [132]; therefore, we modeled the maximum PDL in association

with filtering.
5.5 - Mathematical Analysis

In this section, using zero-forcing compensation approach how splitting compensation yields a
higher SNR at the Rx. We will, then, present our proposed iterative-based method that operates
on frequency-domain coefficients of both Tx and Rx filters. Last but not least, we will show that

under the same constraints, a closed-form solution exists.

5.5.1 - Zero-Forcing Joint-Compensation

Consider the simple system below with vector G is the magnitude of frequency-domain pre-
compensation filter at the Tx, before the DAC, and vector W is the post-compensation filter. n is

the white Gaussian noise of the channel, N is the Fourier transform and its power spectrum
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density is defined as Pnn. Vector Hc is the frequency response of the quasi-static impairment in

the channel. The sent signal, s, is assumed to have zero-mean and variance o.

e B~
(n]

Figure 48: Simplified system model

Under zero-forcing constraint, the following product should be equivalent Nyquist impulse

response:
G(f) *Hc(f)«W()=1 (54)
Then

1

W = e

(5.5)

The transmitter output power is given by, with T sampling time:

+Inf

2 df
Po= T [ 1GNP+ 5= (5.6)
The minimum square error is defined as:
e =Ele()|? (5.7)

e(j) =est_s(j) —s@) (5.8)

When solving the problem from zero-forcing perspective, the error seen by the receiver is due to

noise n going through the receiver filter W in time-domain:

e()= [T w@ *q(T - ) dr  (59)

Assuming q complies with wide-sense stationarity stochastic processes, the mean square value

is equivalent to:

= [ B WP % df /(2% pi) (5.10)

Replacing W (f) from (5.5):

+ Inf 1 .
"t B * sy 12 * df/@#pD) (5.11)
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Using expression above, multiply by:

+Inf
( [ lenr df)
—Inf

Then establish Cauchy-Schwartz inequality:

+Inf +Inf
(f_mf fim * ‘G(f) *1Hc(f) I zd];) ’ <f mf'G(f)'z df) =

+Inf 1 2
(U np P * el 2*pl) (5.12)

Now considering the set constraint on output power, eq. 5.6, we have:

+ Inf 1 df
(| B R E
Inf * He(f) 2 * pi
+inf 1 df
([ uf B 2% ) (T p)  (513)

The equality is achieved when the two integrands in eq. 5.12 are related by a scalar. The pre-

compensation filter G is optimized to:

G(f) = Kyre * ——1 * (Pan (V) (5.14)

Hc(f)2

And the post-compensation is derived as:

W(F) = Kyose ¥ —— * (Bun ()79 (5.15)

Hc(f)z2

With K estimated to comply with equation (5.6), then Kpost can be derived from the equality of
(5.13). As in our case with bandlimited channels, the Inf is replaced by Baud-Rate/2 for channels
with no excess bandwidth, i.e. T-spaced channels. For the case of white noise, P, is a constant;

therefore, then G and W constitute a pair of matched filter.
5.5.2 - Proposed Iterative Method

Zero-forcing splitting would not consider noise profile. We propose an iterative, gradient-descent,
MMSE method. Without power constraint, pre-shaping data only at the Tx would give the best
performance since noise has not yet been introduced. However, in practice, transceivers operate

with total power constraint over the signal spectrum.
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Pep =

We propose a new method to do the joint compensation that takes into consideration the power
limitation at the output of the Tx. It is a gradient-descent approach which involves a valid
communication taken place between the Tx and Rx to transfer the estimated pre-emphasis
spectrum, while all computations can be done at the Rx. The communication can be done using
a service channel or as part of the data overhead. In this paper, we only look at compensating for

the magnitude response only.

First, we consider the Weiner solution, [42, 43, 133], in an adaptive equalization context. Once
steady state is reached, the MIMO adaptive filter at the coherent Rx converges to a near-Wiener
solution. Since both polarizations go through the same filtering effect, we can use one of them in

our procedure. In frequency domain, the input of the adaptive filter of the Rx is:

Y(f) = S(HGCHH () + N() (5.17)

Where S is frequency-domain (Fourier transform) representation of the decoded symbols (at the
input of the FEC), representing the estimate of transmitted symbols, and its power spectrum
density is defined as Pss. Y is the Fourier transform of the received symbols at the input the
receiver filters. Hc is the estimate of the static portion of channel frequency response. G is the
frequency domain of pre-compensation coefficients. n is the additive noise, N is the Fourier
transform and its power spectrum density is defined as Pn,, estimated from the error used in the
adaptive filters coefficients update. We can show that the optimal Wiener equalizer [36, 37] in the

frequency domain, W, is given by the following equation, with * conjugate operator:

Pss(F)G* H1 *
W(f)= (G (f) ( ()

.18
Pos(DIG () Ho L (D) 12+ Pan(r)  10)

The goal is to minimize the mean square error (MSE) over the M (= 256 in our case) frequency

bins. We define F as:
F=si E{WHY(H) - X))’} (5.19)
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Rearranging (5.19), we get:

F=YyM N
=ae () 6ol +N

(5.20)

Then gradient descent approached can be used, with u defined as the step size. We picked a
small value equal to 0.1 considering the slow dynamic of moving elements (such as the variability

of total transfer function of modem’ Eos and cascaded WSSs over temperature):

oF
9G(f1)

G(f) =G(fi) + nx (5.21)

Normalization is required due to the total optical power constraint at the output of the Tx:

G(f) = j@ (5.22)

Finally, W(f;) can be derived based on (5.18).

5.5.3 - Closed-Form Proof Approximation

The error power spectrum, due to channel noise n in Fig. 48, after the optimal post-compensation

Wiener solution presented in (5.18):

PSS(f) Pnn(f)

P = 5.23
¢ = P D G Pan) 02V
Knowing that the P, introduced in eq. 5.16, is equal to:
Pon = 5= 7 Pss(F) 1G(P)I df (5.24)
And let’s define
B=16(NI? (5.25)

Lagrange optimization method allows minimizing ffunction of 8, subject to constraint on function
g (in our case, equal to P,,), by introducing variable A (Lagrange multiplier) and finding the critical

points of Lagrangian function:
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L) = f(B) — 29(B)

Therefore,

_ T Pss(f) Pnn(f) d_f 1z _
LB = L gy mis o 20+ A G LaPss(D B df = Pa)

Looking for optimal g by setting the condition
oL(B) _
B 0
We get

Pss(f) Pun(F) |1Hc ()1
(B Pss(f) [He(F) 12+ Pppn(£))?

=1

Solving for 8, gives us the pre-compensation filter:

_ / Pin()  Pua(f)
G(f) = jk Pss(F) IH:(DI2  Pss(f) [H(P)I?

5.6 - Flow of Software Automation

The high-level software implementation can be segregated into the following steps shown in Fig.
49. Once the provisioning of lasers with proper wavelength and initialization of Application-

Specific Integrated Circuit (ASIC) are complete, the signal processor at the Rx will begin the

acquisition process.

no Completed Laser

Dithering? Rx Acquired?

i Try Next yes
Frequency Offset

.Apphlr new super- Get Tx Initial Coefficient and Total Power
Gaussian settings

%0 VA 7 |

Get Common Factor From Rx

Inverse/Clip
Gradient Descent Based Process

Apply Tx/Rx Changes

Figure 49: Flowchart of the steps proposed for by software to perform the optimization

71

(5.26)

(5.27)

(5.28)

(5.29)

(5.30)



Assuming dispersion compensated link, or both Tx and Rx are provisioned with proper digital
dispersion compensation settings, the Rx will sweep the frequency around the provisioned ITU
wavelength to get the frequency offset between the Tx and Rx local oscillators to within carrier
recovery acquisition range (+/- 1.1 GHz for 16QAM as in [134], which not to be confused with shift
in center frequency of the channel model). If the search for frequency is complete and acquisition
did not occur yet, we propose a blind pre-compensation sweep to help increase the total SNR at
the input of the adaptive filter. Updating the Tx filter, causes peaking at high frequencies, as shown
in Fig. 50, and is generalized as follow:

Hry(f) = Hrre(F) * Hepp (F) * 1S54 () (5.31)

Power spectrum (dB)

Froquency (GHe)
Figure 50: Example showing spectrum at Tx with & without pre-compensation

If SNR improvement achieved, when performing the sweep of super-Gaussian parameters,
reaches the level required for acquisition, then Rx will acquire. If dispersion is not known, or links
are not equipped with dispersion slope compensation modules, then scanning for dispersion is
required for every steps. Blind maximum likelihood methods, such as described in [135], can be
added to the software flow. The algorithm was tested with an extreme link condition of 15 spans,
i.e. 15 Mux + 15 Demux WSSs, case where the receiver of a commercial and calibrated card was
not acquiring. With filter order in Eq. 5.1 set to 5, the sweeping of 3-dB bandwidth resulted in an

improvement of SNR by more than 0.4 dB which enabled the receiver to acquire, as illustrated
below.
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Figure 51: ROSNR penalty versus 3dB bandwidth of super-Gaussian model of WSSs in link when blindly sweeping
parameters to achieve signal acquisition at the Rx.

Once acquisition is achieved, the flow to optimize both Tx and RYx, is triggered. In Fig. 52, we
show how much peaking at high-frequencies (more than 10 dB) is performed by the adaptive
filters at the Rx then the spectrum becomes flat since the static portion of the adaptation is moved
to both Tx and Rx static filters.

20

.m:'l

Amplitude of Adaptive Filters
Common Response (dB) - |He(f)|

Frequency (GHz)

Figure 52: Absolute value of the amplitude of the common response of the Rx adaptive filters

5.7 - Simulation Setup

All simulations were conducted using Matlab 2016b®©. Fig. 45 is, as well, an overview of the block

diagram of the DSP elements used in simulation to evaluate the methods proposed in this paper.
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The modulation format of choice was 16QAM with the signal baud-rate equal to 35 GBaud and
the RRC roll-off factor set to 0.14. The total bandwidth of the signal is 39.9 GHz. The LMS-based
adaptive filters each has 17 taps in time domain. The EO models were ideal, i.e. brick-wall shape
with flat passband in spectrum till Fs/2. In these simulations, both frequency and phase of Tx and
Rx LO are equal; therefore, carrier recovery was not active. As well, EO models are set to ideal
flat spectrum. Symbol identification was a simple search for minimum Euclidian distant per
polarization for each received time-domain symbol from carrier recovery. A white jitter profile of
RMS of 1 pico-second is introduced at both the Tx and Rx. The FEC was not modelled in our

case.

Three set of filters were simulated with each combined with the transfer function of the common
multiplexer/demultiplexer. The 3 dB bandwidth of the final concatenation for 12 and 18 WSSs,
Fig. 44, are 30.8 GHz and 32.37 GHz respectively. The model of PDL, used in this

correspondence, is the following:

_[cos(8) sin(@)] 11 07 [cos(B) sin(B)
Hypar = [—sin(@) cos(6) [0 k] [—sin(ﬁ) cos(p) (5.32)
where 0 < k < 1. The attenuation in dB is:
PDLug = —20%*log,y(k) (5.33)

Since 8 and B are randomly varying, the two polarizations (X and Y) are mixed in a time-varying
manner. It is up to adaptive filter at the Rx to correct and track for the time-varying crosstalk
effects. The overall fiber model, Fig. 53, used is a concatenation of a channel Mux, filtering effect,
noise source to mimic the amplified spontaneous emission (ASE) coming from Erbium-doped
fiber amplifier (EDFA), bulk PDL element and channel Demux. The EDFAs are typically used in
every span to compensate for the loss of fiber and insertion loss of optical components. And N is
equal to number of WSSs divided by 2.
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Figure 53: Simulated channel model

The instantaneous PDL, resulting from contributions of many random birefringence in fibers and
optical components along the link, can be chosen from a Maxwell-distribution [136]. Therefore, in
deployed fibers, the total PDL observed by the Rx is statistical and varies with time. In both our
simulation and experiment, we fixed the value of PDL and applied continuous random rotations
before and after, as in Eq. 5.32. The value of 8 was set to rotate at speed of 800 Hz (maximum
rotation measured in buried fibers [137]), while B was rotating at 100 Hz. The BER was averaged

out over the length of frame required by the FEC.

5.8 - Simulation Results and Discussion

We start by studying the effect of filtering and PDL on the system performance without any kind
of optimization, i.e. the adaptive MIMO filters at the Rx is compensating for all the impairments.
In Fig. 54, all data are with a frequency offset of the filter models are set to 0 GHz; therefore, they
are modelled as presented in Fig. 44. The ROSNR was measured by sweeping BER versus five
OSNR values, then performing an interpolation. We notice that the ROSNR penalty, at 2% BER,
versus PDL can be fit to a quadratic function. The penalty of PDL equal to 7.5 dB is inline results
reported [43]. As well, as expected, the penalty when aggregating PDL and filtering impairments
is bigger than adding the penalty of each impairment tested individually. The reason for the
ROSNR penalty is that both impairments are inducing colored noise that affects amplitude. Since
the received is equalizing to bring back the two polarizations to be equal and the spectrum to be
flat, then it will boost noise as well. Therefore, both PDL and filtering can’t be corrected, as PMD
and chromatic dispersion, but can only be compensated. As well, when the adaptive filter is
compensating for more than one impairment, the taps continuously trying to converge to the
solution with the minimum mean square error; however, they are prune to mis-adjustment and
hence higher penalty when aggregated. The penalty of 12xWSSs without PDL is ~ 1.05 dB, while
when added to PDL, it is ~1.2 dB.
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Figure 54: ROSNR penalty as function of PDL and filtering

The higher the noise in the link, i.e. low OSNR, the more advantageous to amplify the signal
right at the transmitter since symbols are not corrupted with errors yet. However, to keep the
power constant, the peaking of high frequency components comes at the price of de-emphasizing
the low frequency bins. Hence the trade-off. However, real transmitters have implementation
noise due to quantization (limited bits resolution of both filter taps and QAM symbols), their static
filters taps are near clipping and ENOB at the DAC is a function of frequency; therefore,
emphasizing frequency bins at the transmitter might be deteriorating rather than helpful. The
concept of splitting the compensation is known in serializer/de-serializer (SerDes), as shown in
[138], where links have steep loss at high frequencies causing inter-symbol interference. For “Tx
Equalization” only, the Tx static filter is programmed with aim to get the spectrum flatten at the

output of the modulator, while keeping total power constant:

Hrx(f) = Hgre(f) * Houp(F) * [He(F)] - (14)

At 2% BER, we notice that when method converges (after around 40 iterations on average with
the loop running ones every 10 seconds), most of the compensation (~70%) of the steep roll-off
of the cascaded filters occurs at the Tx. While the remaining 30% are applied to the static filter of
the receiver. At lower BER, i.e. higher link OSNR, the ratios will change. The reason is that it
might not be as beneficial to pre-emphasis data since the noise induced is small. Such

observations are explained by Weiner optimal solution in presence of pre/post-compensation, Eq.
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5.18, where the noise components are showed up in the denominator. As noise gets larger, the

post-compensation gets smaller and vice-versa.

With 18xWSSs and PDL of 7.5 dB, splitting the compensation of the steep loss at high
frequencies between the Tx and Rx, with minimum mean-square-error at receiver as criteria,
reduced the ROSNR by 0.6 dB compared to 0.3 dB when performing pre-compensation only. The
penalty versus center frequency offset, due to the mismatch between carrier frequency and center
of concatenated filters, is highly dependent on the symmetry of the frequency response of the
channel, EOs and data converters. The reason is that all the frequency responses will be
multiplied by the signal, with noise added at different stages of the propagation chain, prior being
processed by the receiver. As expected, and similar shape was measured in [142], the penalty
versus frequency offset has minimal around 0 GHz and gets larger on both positive and negative

edges.

#— 12xW5Ss + POL=8.0 dB | Rx Equalization Only
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Figure 55: Comparison of different compensation methods, for two scenarios, in term of ROSNR at 2% BER

5.9 - Experimental Verification

The experiment below is using the same filter shape and a calibrated commercial card that is
running 16QAM as modulation format, RRC as pulse shape with a roll-off of 0.14 and baud rate
of 35 Gbaud.

5.9.1 - Experimental Methodology

A set of experiments were conducted to get the quantitative benefits in real-world settings using
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the setup in Fig. 56. We tested channel propagation with PDL emulator, PMD and Polarization
Controller. PC1 and PC2, [144], used to scramble the two polarizations sent by the Tx at rotation
rate of 800 Hz. Noise was added by controlling the variable optical attenuator (VOA) setting at
the egress of the amplified spontaneous emission (ASE) source. Using a LC patch cord fiber, we
connected the Tx of a calibrated commercial card to the fiber link. The latter is composed of the

following equipment:

- PC1: as polarization scrambler running at 200 Hz SOP rate of change.

- PDL: as PDL emulator to mimic a polarization dependent loss.

- DGD: as DGD emulator to introduce a delay between the two polarizations.

- PC2: as polarization scrambler as well, it is running at 200 Hz SOP rate of change.

- EDFA: due to high loss of the above equipment, it is necessary to compensate for the
power loss and to make sure that the received power is in the optimal area to avoid artificial
ROSNR penalty.

- An amplifier was used as ASE noise source and the noise level added to signal through
fiber combiner through a controllable VOA.

- Afiber splitter 90% / 10 % was used to direct a portion of the optical signal to OSA in order
to measure the ROSNR.

- The output of the 90% port of the splitter was connected the common port of the channel
Mux/Demux.

- The output port of the Demux associated with wavelength 1546.92 nm was connected to

the Rx of the transponder.

Finisar ol
Wavechaper & E ADC/Scope
y l
ASE Noise DS5P Processing
Source |

Figure 56: Experimental setup

The LCoS-based 1 GHz resolution waveshaper, [139], was used to mimic two different optical
links, as shown in Fig. 44, with the frequency responses of both CMD Mux and DeMux subtracted.
Instead, we used real AWG-based CMD at both sides, which helped filtering the noise before
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signal is received. PMD emulator was programmed to introduce 30 ps. Variation in PMD, along
with state of polarization, can be corrected at the receiver with no penalty. Its introduction here
for completeness to mimic real-fiber effects and not directly related to WSSs. The reason is that
results in [140] showed, using a high-resolution measurement technique, that a MEMS-based
WSS has an upper-bound PMD value of 30 femto-second per port. The commercial card was set
in loopback through the experimental work, therefore once acquired, the laser was centered at
ITU wavelength of 1546.92 nm (equivalent to 193800 GHz), and only moving within the range of
200 MHz since it is locked to itself.

The procedure described in [143] was used to measure the total PDL seen by the RXx,
including the PDL within the Tx (X/Y power imbalance) and the polarization dependent
components (PMD emulator). Therefore, the PDL value of 7.5 dB reported in the results is verified

to a very high confidence.

To visualize the impact of filtering with real-time measurements, we captured 6 traces as shown
in Fig. 57. An optical spectrum analyzer with fine resolution of 300 MHz, [141], was used in the
measurement of transmitted spectrum with and without pulse shaping, and filtering effects
programmed at the waveshaper. The impact of filtering on high frequency components of
transmitted signals is obvious. For our experiment, the waveshaper was provisioned once with
the 18xWSSs model. The ASE noise, although completely added after the filtering, it is still filtered
by the CMD Demux.

The sweeping of OSNR was done with varying the setting of VOA. The setup was characterized,
and we found that the OSNR measurements, done according to IEC 61280-2- 9 standard, are
accurate within 0.1 dB. To minimize error, all reported OSNR are the average of 10 consecutive

measurements.
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5.9.2 - Experimental Results

Figure 57: Measured transmitted optical spectrum

The lab results are shown in Fig. 58. Unlike how data displayed in simulation results, the

required-OSNR again were measured per frequency offset and only the difference to post-

compensation only is presented. We saw a consistent gain for both pre-compensation and

proposed method, with the minimum gain equal to 0.2 dB, compared to Rx doing the full post-

compensating using its adaptive filtering. The proposed method has steady gain over pre-

compensation. It does tell that the real-time transponder has many sources of noise at the Tx

side.
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Figure 58: ROSNR gain versus post-compensation only

5.9.3 - Discussion: Simulation Versus Lab Results

The simulation and lab results agree qualitatively. We will list some of the main differences
between the two setups:

Although the Tx/Rx models used in simulation were a fixed-point with inherited implementation

noise, the channel model in simulation was Matlab with operations done in floating point.

e The resolution of the waveshaper does not permit the accurate replication of shapes.

o The EO model in simulation had no ripples, while it can be seen from Fig. 14, when bypassing
the waveshaper that the signal has frequency dependent ripples. We did not have access to
the EO models at both Tx and Rx.

o Carrier recovery is activated in modem, although the frequency of laser was within 200 MHz
from ITU center frequency, the small dithering and phase noise would impact slightly the
results.

e Although basic jitter models is part of simulation, the jitter for hardware PLL at Tx DAC might
be different. As we can see in Appendix B, the overall SNR will be impacted.
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5.10 - Conclusion

We presented a new method to perform an adaptive joint Tx'Rx compensation, of stringent
filtering effected caused by CMDs and ROADMs in fixed-grid optical networks, while using typical
HW blocks in coherent transponder. The only requirement is the availability of communication
channel between Tx and Rx. With 18xXWSSs scenario, both simulation and lab measurements
showed a gain up to 0.5 and 0.15 dB, respectively, in ROSNR at BER of 2% versus doing pre-

compensation only.

82



Chapter 6 - System Study and Compensation Method of Silicon Photonics
Modulator in Short Reach Gridless Coherent Networks

“Ignorance leads to fear, fear leads to hatred, and hatred leads to violence.” — Ibn Rushd

6.1 - Introduction & Literature Review

FTER several years of research, silicon photonics has recently entered production and is

being highly pursued with the goal of economically satisfying the increasing demand in optical
interconnects. Silicon photonic (SiPh) provides a low cost, low power and highly integrated
solution which are key features for data center interconnect (DCI) applications. Silicon photonic
traveling wave modulators have been under active research and show a good potential for non-
coherent applications [145-148]. However, due to the stringent requirements of the coherent
modem it is difficult for a silicon photonic based traveling wave Mach-Zehnder modulators
(TWMZMs) to be adopted in coherent space. For example, the high required phase shift of the
coherent modulator leads to a low bandwidth in the silicon photonic modulator. To compensate
for the bandwidth loss, one solution is to peak the high frequency response of the driver at the
transmitter (Tx). However, this leads to high power consumption and reduced linearity of the

driver.

With optical fibers being in the core of the networks, dense wavelength division multiplexing
(DWDM) links should therefore be more flexible. Optical networks evolved from point-to-point
links, to fixed add/drop where multiplexing ports are specified per wavelength, to fixed 50GHz
bandwidth reconfigurable ROADMs (reconfigurable optical add-drop multiplexer) with internal
VOAs (variable optical attenuator) and now with the current high-end generation of WSS
(Wavelength Selective Switches) —such as the one based on Liquid Crystal on Silicon (LCOS)
technology [149]- that will enable elastic spectral resolution in multiples of 12.5 GHz. The main
goal is to fit more channels in the same C-band (or C+L bands) by allowing more agility in
assigning traffic to signals with various spectral widths. When channels are travelling together
from one source to same destination, we pack them into one media channel (MC), as defined in

ITU-T G.870 [150]. Hence, gridless channels are subject to interference from their neighbors.

Typical work in the field of short reach is either based on non-coherent advanced modulation
formats such as discrete-modulation-tone [151] and pulse-amplitude modulation [152]. Work done

using coherent solution [153] is reported to use standard modulation formats (QPSK, 8QAM and

83



16QAM). As for the coherent solutions, the design of mentioned constellations does not take in
consideration the limitations of the PIC [154], such as the roll-off of the IQ modulator. In [155],
authors introduced pre-emphasized drive signal with SiPh modulators, then in [156] they achieved
16Gb/s transmission. The dependency of the transfer function on temperature variation is
depending on the configuration of the modulator. While the symmetrically configured
interferometer does not have its characteristics change with temperature, ring resonators [157]
are highly sensitive. With the operation temperature range is from -5 °C to 75 °C, as specified in
GR-468-CORE. The use of continuous joint optimization, beside thermo-control, of both
transmitter and receiver static filter dynamic range to mitigate inter-symbol interference is worth
investigating. Authors in [157] proposed a pre-emphasis for roll-off in DAC frequency response.
The emphasis in the Tx was estimated, assuming knowledge of the real frequency response, by
estimating noise and setting a desired response. In [158], pre-emphasis only was used to
compensate the non-idealities of low cost phase-modulator in passive optical network, a capacity
of 10 Gb/s was achieved for access application. In [159], pre-compensation of I/Q skew and
frequency response was used for coherent transponders using 16 and 256-QAM. In [160], authors
experimentally compared pulse amplitude modulation (PAM) to discrete multitone modulation
(DMT) using SiPh modulator operating in the O-Band. They showed that DMT, using water-filling
bits loading mechanism at the Tx based on decoded symbols from the Rx, has lower bit error rate
(BER) than PAM-4 for a voltage bias of 4V. As discussed in [161], having multiple subcarrier
components being added at the output of the inverse Fourier transform cause high amplitude,
spurious-like peaks composite in the equivalent time domain signal. Therefore, the main issue
with using DMT, and any other multi-frequency bands transmission schemes, is the resulting
increase of peak to root-mean square (rms) ratio (PAPR) compared to single carrier systems.
High PAPR imposes on system design that digital to analog converter (DAC), analog to digital
converter (ADC), modulator and its driver to have high-swing; otherwise, nonlinearities and
quantization noise related impairment will surface. Clipping signal at the input of the driver [162]
and precoding schemes such as Walsh-Hadamard [163] can help at the price of system
performance. The imperfections in photonic integrated circuits (PIC) due packaging in small form
factor and variability of fabrication processes, such as loss or imbalance of delay/power 1Q
components, can be dealt with using DSP, it does come with a penalty in SNR and complexity in
Hardware design. In [164], authors described the benefit, on PAM-2 system in direct-detection
mode, of doing only post-compensation, at the Rx when the modulator at the Tx is driverless. The

paper did not look into coherent detection.
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Our aim in this chapter is to study the impact of the roll-off of SiPh-based modulator in coherent
transponder for short reach application (such as 400G ZR using dual-polarization 16-QAM and
100 Km transmission). We will look at the system impact of not pre-emphasizing the signal at the
transmitter, we will propose a gradient descent-based optimization method, that uses existing
hardware (HW) blocks in a typical coherent receiver, to minimize the mean-square error of the
received symbols. We will compare our method to zero-forcing (ZF) version and to doing full pre-
emphasis. We will look at the system impact in gridless dense wavelength division multiplexing
(DWDM) networks. The paper is organized as follow. In section 6.2, we will describe the SiPh
modulator used. The architecture of typical dual-polarization coherent receiver is explained and
illustrated in section 6.3. In section 6.4, we will show the mathematical derivation of our proposed

compensation mechanism. In Section 6.5, the method is validated through simulation.

6.2 - Silicon Photonics Modulator Model

A SiPh modulator is used at the front-end of optical transponder to modulate a light beam
produced by a tunable laser. They are categorized as amplitude, phase or polarization. The
authors of this paper, [165], investigated push-pull modulator SiPh MZM based ST fabrication
process and fabricated in an SOI process with a low resistivity. The length of the modulator
transmission medium and the applied voltage bias determine the resulting frequency response
(S21). It was shown the shorter the modulator, the higher is the 3-dB bandwidth when measured
using small signal electro-optics (EO) measurements. The resulting frequency response with bias

voltage of 4 V is shown in Fig. 59.
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Figure 59: Frequency domain EO response, i.e. transfer function (TF), of a silicon photonic modulator
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When modulator’ RF drivers are used to boost the low voltage coming from CMOS DAC, a

balanced rms voltage is required. If value too high, risking operating in non-linear region of
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modulator (edges of the S-curve) and higher power consumption. If too low more carrier leak

which causes constellation to shift and degrades SNR.

6.3 - Capacity Trade-Offs & Typical Blocks in Coherent Receiver

Using Shannon formula below, for a given Capacity (C), we can trade-offs Bandwidth (B) versus
Signal to Noise Ratio (SNR). if you increase the system bandwidth (i.e. baud-rate) by 1dB, you
can expect to add 1dB in overall system SNR penalty due to modulator response with no cause
in overall penalty (as the gain in bandwidth increase cancels out the penalty due to the modulator

response).

C =B~ log,(1+SNR) (6.1)

In Fig. 60, we illustrate the typical blocks in coherent transponder. In the Tx, data streams are
encoded then filtered with static filter (CD EQ_x/y). The latter can be used for two purposes: pulse
shaping (such as root-raised cosine (RRC)) to help reducing inter-symbol interference (ISI) and
dispersion pre-compensation. Data generated is converted to analog domain using a digital to
analog converter (DAC) which are characterized by effective number of bits (ENOB). Variable
gain amplifiers (VGA), descripted in [166], are used to drive optical modulators since data coming
from CMOS is low power and modulator requires high Vpi (7 V in the case here). Tx/Rx FW blocks
are the software used to provision and monitor the ASIC and Electro-Optics (EO) controllers.
Dual-polarization optical signal is split and mixed with the output of a local oscillator (LO) at the

receiver to generate four branches (X/Y polarizations, each has in-phase and quadrature field).

The data is digitized using an ADC then goes to digital signal processing blocks. Similar to the
Tx, the Rx side the static filter (CD EQ_x) is used for matching the Tx filter (with RRC to form a
raised cosine) to maximize SNR and it is used for dispersion post-compensation. It is typical that
the bulk part of dispersion is compensated prior to symbols reaching the butterfly MIMO equalizer.
The latter is the core of the receiver and it is adaptive (Constant Modulus Algorithm and Recursive
Least Square are examples of the adaptive method used) to decouple the two polarizations and
compensate for linear time variant channel impairments such as Polarization Rotation,

Polarization Mode Dispersion (PMD) and Polarization Dependent Loss (PDL).
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Figure 60: Block diagram showing key functional blocks in coherent optical transponder and requirements for the
operation of the presented method
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With no impairments, such as frequency selective loss and dispersion, the symbol arrives at
the receiver within its “dedicated” interval. Otherwise, we see IS| effect where the transition of the
symbols scatters to the neighbor intervals. Digital compensation is basically applying different
weights and delays, i.e. filtering, to undo the expansion caused by neighboring symbols over the
symbol of interest. The size of the filters required depends on the characteristic of the channels.
In the frequency domain, the compensation is mainly pre-emphasizing high-frequency
components of the data stream. Beside SiPh modulators, both digital to analog converter (DAC)
driving the VGA and ROADMs can have some roll-off at high frequencies. Although it can be
different based on the design and the technology. The transfer function of a DAC is typically

modeled as:

. sin("/ /)
HDAC = SlnC(nf/fS) = Tﬁs (62)

Analysis of optical modulators, DAC/ADC and channels in frequency domain, using both
amplitude and phase responses versus frequency components (H(f)), gives a full description of
their impacts. When time-domain signal x(t), with its Fourier transform X(f), propagated from the
encoder at the Tx, the received signal Y(f) is defined as the multiplication of the Fourier transforms
of pre-distortion (G(f)) and concatenation of frequency responses DAC, modulator, channel,
optical integrated coherent receiver (ICR) and ADC. Assuming ideal settings, except for the
modulator, we show in Fig. 61 how the amplitude of the common response is “tracking” static
impairments. As well, common factor of adaptive filters is compensating for high frequency losses

for different decay loss (due to voltage bias) of the SiPh modulators. The adaptive filter is flattening
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the spectrum by boosting (post-distorting) the high-frequencies portion of the received signal.
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Figure 61: Common response of the adaptive filter after convergence
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6.4 - Mathematical derivation

The critical component in PIC is the IQ modulator, where the limitations imposed by design should
be understood and over-came to meet the optimal performance. Unequal transition probabilities
of input symbols, along with input power constraints, and various FEC overhead can lead to
algorithm for efficient use of spectrum. In here, we take a frequency domain approach to re-use
existing HW Tx and Rx static filters in typical coherent transponder to optimize the performance.
Without power constraint, pre-shaping data only at the Tx would give the best performance since
noise has not yet been introduced. However, in practice, transmitters operate with total power
constraint over the signal spectrum. The rest of the analysis is similar to section 5.5 of previous

chapter.

The equation used to perform the pre-compensation, in which the static part of the channel is
estimated and applied through digital signal processing circuity with the aim to flatten the Tx

spectrum at the output of the modulator, is the following:

Heo(f) = Hppe(F) * Houp(F) * 1H, ()] (6.3)

The Tx power is kept constant and the chromatic dispersion compensation impacting the phase

response only:
, LDA?
Hewp (f) = exp (—1 i+ f2 (7)) (6.4)
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6.4.1 - System Benefits of Proposed Method

The overall goal is to flatten the channel response, up to Nyquist frequency, so we remove the
ISI before the symbol identifier (or decoder) block. Pre-distorting transmitted pulse to invert fully
or partially channel response causes attenuation of the low frequency components of the signal.
Therefore, a trade-off between the two exists to get an overall optimal solution, in the mean-
square minimum sense. Beside gain in ROSNR per channel or impact on neighboring channels
in gridless network as we will see, the method provides three other advantages for coherent

system design:

A. Having 6 dB to pre-compensate for at the Tx filter requires 1 bit of effective dynamic range of
the DAC. Splitting the compensation helps relaxing the ENOB requirement of the DAC.

B. Relaxing VGA filtering requirement at the Tx since the frequency response does not have to
be wide.

C. Continuously moving the compensation of the static portion of the channel, such as chromatic
dispersion as in or changes in modulator frequency response to temperature as in our case,
to the static filters of the Tx and Rx, allows some of the adaptive filters taps to deal with more

dynamic impairments of the optical link such as PMD and PDL.

6.5 - Simulation Settings & results

All simulations were conducted using Matlab 2016b®©.

With ideal Electro-Optic model at the Rx, we simulated the system shown in Fig. 60 using Dual-
Polarization (DP) 16-QAM as modulation format. The Tx and Rx were implemented in fixed point
model; therefore, quantization noise is taken into consideration. Both ADC and DAC have an
ENOB of 10 bits. Since we are targeting short-reach applications, 80 to 120 km i.e. up to two
spans, concatenation of ROADMs in fixed-grid (75 or 100 GHz as discussed in OIF [167])
networks is not an issue. While in most cases of gridless configurations, Fig. 62, there is only

filtering at the edge of the MC on one side of some of the channels, but as well, it is not a concern.

Channels Sharing One Path’ =

Figure 62: Channels placing in gridless optical network
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6.5.1 - Impact of Modulator Frequency Response

In coherent detection, the LO acts as amplifier of the low power optical signal received at the end
of optical link. To adopt silicon photonic modulator for a low power, where we don’t consume high-
power by boosting signal at the Tx and accept the penalty of the frequency response roll-off due
to SiPh modulator, we study the impact on ROSNR for two cases. The red curve shows the
ROSNR penalty, at BER of 1% and 60 GBaud channel, versus fully compensated modulator. For
measured TF in Fig. 59, the penalty is only 0.6 dB. For the blue curve, in Fig. 63, what is reflected
here is the penalty we get from getting lower Rx power compared to fully compensating the
modulator TF at the Tx (or having an amplifier at the end of the link) that normalizes the power
(to reach similar rms) before sampling signal at ADC. Otherwise, when small signal is outside the
dynamic of the ADC, the penalty gets much larger. Therefore, most of the penalty is due to the

modulator decaying response is indeed due to its attenuation on input signal rms.

N
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N

Required Signal-to-Noise Ratio (dB) Penalty
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Modulator Loss (dB) at Fs/2

Figure 63: System signal to noise ratio penalty versus loss in TF at Fs/2

6.5.2 - Benefits of Proposed Method

Both described methods in Section IV result in combining Tx and Rx compensation, of the
modulator response, such that they effectively constitute a matched filter pair. Doing full pre-
compensation is not always the optimum case especially when Tx, before the modulator, is

impaired with multiple sources of noise such as high noise figure of VGA driver, low DAC ENOB
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and Tx implementation noise. In Fig. 64, we notice the advantage of the joint equalization is
getting larger as the signal Baud-rate increases. The main reason is that the more loss we are try
to compensate, while keeping power constant, we penalize low frequency contents. As well, the
digital Tx peaking when being quantized through the DAC, the amplitude of the high-frequency

components is amplifier, therefore the impact of jitter and quantization is higher.

—#— Proposed MMSE-Based Gradient Descent Joint Equalization
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Figure 64: Simulation results showing comparison of different compensation versus baud-rate

6.5.3 - Impact of Proposed Method in Gridless DWDM Link

It is known in wireless, since channels are using the same medium over different frequencies,
specifications such as the adjacent channel leakage-power ratio (ACLR) are required to limit the
impact on neighboring signals. In gridless optical DWDM networks, there is a need to do such
tests if channels are transmitted within same MC. As you can see in Fig. 65, the less power a
channel has at the edges (less pre-compensation), the less leaked power to impact SNR of

neighboring channels.

With three channels, one as probe and two as interferes as illustrated in Fig. 65, the interferes
are using SiPh modulators with 6 dB decay at 30 GHz and static filter set with optimal solution.
The reference ROSNR is defined when the carriers are 61 GHz apart i.e. channel spacing is equal
to total channel bandwidth of 61 GHz. In Fig. 66, we present the gain in term of reduction in
ROSNR of the probe, typical fully compensated Tx DAC and analog/EO chain, versus spacing
between the center of the probe and the two interferes.
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Figure 65: Illustration of the two scenarios simulated for gridless applications

As expected, when channels are squeezed, i.e “Spacing” in Fig. 65 is getting smaller, there is
less noise power leaked into the neighbor channel, hence higher SNR. For richer constellations,
we expect the gain to be higher since they are more susceptible to noise, [91], then will benefit

more from less power leakage from neighboring channels.
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Figure 66: ROSNR Gain versus channel spacing in gridless application

6.6 - Conclusion

We studied the impact of bandwidth loss of SiPh MZ modulators in coherent receivers. We
showed that our proposed MMSE gradient-descent based method provides 0.5 dB of ROSNR
reduction for 60GHz channel when decay of modulator TF is 6 dB at 30 GHz. We presented

92



system benefits of not doing full pre-compensation at the Tx signal processor. As well, we showed
that when squeezing channels in gridless networks, using joint compensation provides a reduction

of 0.1 dB to the probe channel when squeezing both neighbors by 2 GHz.
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Chapter 7 - Adaptive Coherent Receiver Settings for Optimum Channel
Spacing in Gridless Optical Networks

“The ideal subject of totalitarian rule is... people for whom the distinction between fact and fiction
and the distinction between true and false no longer exist.” — Hannah Arendt

7.1 - Introduction

THE cloud computing era is pushing operators to upgrade to more autonomous and agile

management of traffic demands. With optical fibers being in the core of the networks, DWDM
links should therefore be more flexible. Optical networks evolved from point-to-point links, to fixed
add/drop where multiplexing ports are specified per wavelength, to fixed 50GHz bandwidth
reconfigurable ROADMSs (reconfigurable optical add-drop multiplexer) with internal VOAs
(variable optical attenuator) and now with the current high-end generation of WSS (Wavelength
Selective Switches) —such as the one based on Liquid Crystal on Silicon (LCOS) technology
[149]- that will enable elastic spectral resolution in multiples of 12.5 GHz. Such flexibility in the
photonics transport layer, is completed with advancement in software-defined coherent
transponders. The latter are typically dual-polarization coherent optical receivers coupled with
high speed data converters and intelligent digital signal processing [168]. With centralized control
and high-level applications, SDN (software defined networking) is coming along. The paradigm is
based on monitoring, provisioning and running networks with zero-touch. Since performance
metrics are being collected from existing channels in the network, ideally network management

should take advantage of them to optimize the process of adding new capacity.

Managing gridless channels is by far the biggest turmoil of photonic systems. The level of
complexity in planning and assigning resources grows exponentially with available ports and
directions. The main goal is to fit more channels in the same C-band (or C+L bands) by allowing
more agility in assigning traffic to signals with various spectral widths. The red areas, appearing
in Fig. 62 (previous chapter), are dead-bands on the edges of each Media Channel (MC), they
can be up to 6.25 GHz roll-off as defined in ITU standard [150]. When channels, each called
Network Media Channel (NMC), are travelling together from one source to same destination, we
pack them into one MC (as defined in ITU G.870). Hence, gridless channels are subject to
interference from their neighbors. When excess bandwidth is used as part of clock recovery
scheme, spectral energy from adjacent channels first leaks in the edge bands which hinders the
integrity of the extracted transmitter clock manifested by an increase in clock jitter. The latter

defines the certainty in the sampling moment and the effective number of bits (ENOB) of the
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interleaved high-speed analog-to-digital converters (ADC) [169]. The clock recovery loop is built
around a Phase Detector (PD) implemented in digital processing domain, a voltage- controlled

oscillator (VCO) gain and filtering elements working in conjunction to reduce the sources of noise.

One of the most important aspect to enable high-speed optical networks for 400 Gb/s and
beyond, is the performance of data converters. Therefore, jitter is a key impairment to be studied
as circuits are required to operate at high-speed clocks, while having higher ENOB to support rich
modulation formats and reduce power dissipation. With samplers operating at 100 Gsample/s, as
demonstrated in [170], the unit interval of transmitted symboils is 10 ps. Therefore, better systems
and practices to control and mitigate jitter are crucial to future optical (coherent and non-coherent),
wireless (such as 5G) and wireless (backplane serializer/de-serializers). Our simulation, Fig. 67,
shows how the penalty measured, in required-optical-signal-to-noise ratio at 3% bit error rate

(BER), is sensitive to untracked jitter when the order of the modulation format is higher.
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Figure 67: ROSNR penalty versus uncorrected jitter for various modulation formats

In this paper, we present a new methodology to optimize the channel spacing per MC by
adaptively controlling the coherent receiver settings based on link conditions. The method, along
with using a new clock recovery circuity as an example, is validated through experimental results.
The paper is organized as follows. In section 7.2, we describe the source of noise in optical links
and clock recovery circuity. The theory along with simulations are presented in sections 7.3 and
7.4, respectively. Finally, in section 7.5, we describe the experiment performed and show the

results.

7.2 - Clock Recovery in Coherent Optical Receivers
With rich modulation formats becoming the norm in coherent transceivers, data converters are
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more sensitive to degradations in signal-to-noise ratio (SNR); especially with single-carrier
modems operating at high-baud rates, hence higher frequencies at the ADCs input. One of the
key tasks to maintain good performance, and to allow signal processing to compensate for the
optical channel, is to optimize the clock synchronization for the ADC. The typical architecture of

such apparatus is shown in Fig. 68.
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Figure 68: Simplified clock and data recovery schemes used in coherent receivers

The main objective of the clock recovery is to estimate the timing offset and compensate for it.
The architectures discussed in the literature are typically a combination of digital and analog
blocks, and designs can be feedforward-based, feedback or a combination of both, and data-
aided versus non-data aided [171]. In the context of optical gridless networks, cross-talk from
adjacent channels is an extra source of linear impairments. It is a bigger challenge when clock
recovery depends on excess bandwidth, i.e. phase detector is non-data-aided. That is especially
the case in Nyquist and Super-Nyquist spacing. The latter is defined as when the spacing between
channel and its neighbor (Af) is smaller than the channel bandwidth (B). In the case of root-raised
cosine pulse shaping, the excess bandwidth is governed by the roll-off factor B and it is defined
in time-domain as:

—-pnt

e
(14 pyne] | sinfE=Em
2B COS[ T ]"' 2BT/T

T 1- (4Bt/T)2

h(t) = (7.1)

With T is the duration of the symbol. The frequency domain spectrum is illustrated in Fig. 69,

showing the excess bandwidth.
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Figure 69: Root-raised cosine filtering example with different roll-off factors

7.2.1 - Sources of Jitter

Coherent receivers must deal with two main sources of jitter, one is specific to optical impairments

and the second is due to typical PLL implementation. Jitter from optical links is due to:

- ASE (amplified spontaneous emission) induced by optical line amplifiers can shift the pulse
from its ideal location [172].

- CD (chromatic dispersion), which its bulk part should be compensated before being able to
digitally recover timing information, although a certain residual dispersion tolerance is
anticipated but it comes with a penalty. In [175], when CD is convoluted with the phase
noise of the local oscillator it causes timing jitter.

- Kerr nonlinearity such as SPM (self-phase modulation) and XPM (cross-phase modulation)

have effect on timing jitter as shown, respectively, in [173] and [174].

From the electronics side or RF (radio frequency), on both the transmitter and receiver clocks,
the dominant sources of jitter in PLLs are the VCO (voltage controller oscillator) and CP (charge
pump). With respect to the VCO, it is subject to jitter accumulation which manifests itself as high
phase noise at low frequency offsets with respect to the carrier frequency as depicted in Fig. 70.
This can be expressed with the following simplified Leeson’ frequency domain equation [176]:

FKTemp[ 1 fCZfT1 1 5.0 b

L(fm) = —5 ?402"'??4‘&4‘1] (7.2)
m L m L

With:

Q: Resonator loaded Q
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P: Resonator power

%: Flicker noise corner

fm: Offset from carrier
fc : RF frequency

F: Oscillator noise figure
K: Boltzmann’s constant

Temp: Temperature

Other sources, [177], are thermal noise, and flicker noise in clock buffers, internal aperture of
the ADC, supply variation and electromagnetic coupling. The latter is due to the decrease in
electronic channel lengths when circuits are integrated on the same substrate. Some jitter, or
ripple effects, is caused by the closed loop control. The design of the loop filter order and

bandwidth plays a major role in controlling the total jitter induced.

f1* Random walk FM

fT3:Flicker FM
\\ f%: White FM
“~.._ [ l'tFlicker phase

fO: White phase

Phase noise dBc/Hz

Frequency: Offset from the carrier
Figure 70: Phase noise versus frequency in PLLs

7.2.2 - Timing Phase Error Detection

At the receiver, to track the transmitter sampling clock, we leverage some out of band signal
energy to estimate the total phase noise. The center frequency band of the signal, i.e. direct
current (DC), does not experience any jitter effect; while the higher the frequency the more
deviation the data will be from the ideal sampling value. This phenomena is illustrated graphically
in the Fig. 71. Therefore, to measure jitter, we need to look at the phase error from DC to the

highest frequency, i.e. end of signal bandwidth.
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Figure 71: Jitter impact as function of frequency

We will examine mathematically how to use excess bandwidth to extract clock information. A
time-domain approach is detailed by Gardner in [32] and the equivalency between different
methods is available in [178]. In here, we are using a frequency domain approach. The transmitter
will upsample the data in order to produce identical frequency domain contents at the extreme
edges of the spectrum. Initially, let’'s assume there are no impairments. Let {X;.} represent a single
DFT of size N obtained from analog input signal x(t) sampled with period T, at the “optimum”

instants.

A property of the DFT is that a shift in time corresponds to a phase ramp in the frequency

domain. If we had sampled late by a time offset of T we would get:

Let’'s define G as the number of bins before pulse shaping and N as number of bins after pulse
shaping, i.e. includes excess bandwidth. Now let’'s define sampling phase offset (in radians) as
function of time offset:

s gL
¢ £ 2m (7.3)

Then the phase shift introduced on each DFT bin is simply:

k k

We'll apply this construct to the frequency bins after the DFT. With optimum timing the pair
{Xi, Xx_c} separated by G bins would have the identical phase, just as they had at the transmitter.

We'll use this general property in polar domain of complex numbers:
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Xg=T1g exp(jﬁa) (7.5)

Xy =1pexp(joy) (7.6)

Xp =1 exp(—joy) (7.7)
XoXp =11, exp(j (0, — 6p)) (7.8)
L(Xy X)) =6,—06, (7.9)

Then, with sampling phase offset of ¢ we get:

I R —ky_kEG,=8
L(XiXy—¢) = Ok = Ok =59 ——F ¢ =5¢ (7.10)
Extracting the phase above translates into being able to estimate the phase error t. The latter
is smoothed and by a control loop, as shown in Fig. 3, to properly adjust the receiver sampling

clock used in the ADC.

7.2.3 - PLL Basics

A detailed look at PLL allows us to elaborate on the limitations of the existing clock recovery
methods in gridless applications. Both control theory and signal processing are required tools to

study the stability of PLLs. The basic structure of PLL is depicted in Fig. 72.

PD LPF

VCO
Bi{s}
— V.(s) o V,(s) meqts}

“Npy

Figure 72: Block diagram representation of a PLL.

A typical PLL consists of a PD, a low pass loop filter (LPF) and a VCO in the feed-forward path
and a frequency divider (Np.L) in the feedback path. The need for divider is that reference clocks,
crystal-based ones, are stable and have low jitter at low frequencies. Therefore, we adjust the
input voltage of the VCO as part of the feedback loop. Under steady-state conditions, the PD
creates an output that is proportional to the phase/frequency difference of its two inputs with a

gain of Kp:
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V() = Ky (0~ 6:()) (71D

The loop filter (LPF) is assumed to be a low-pass filter with general transfer function F(s). The
order of the filter depends on the configuration of the resistors (R) and capacitors (C). The higher
the order of the PLL, the more rejection of high-frequency components is achieved in the forward
path. If n is the number of cascaded RC stages, the resulting frequency domain filter response,
have a roll-off of (n x -20dB)/decade.

' l 2" Order

Figure 73: A third-order PLL loop filter

Fig. 74 shows the frequency response for a 2", 3 and 6™ order PLL implementation. Filters of

high orders achieve more rejection of noise and spurs from both VCO and reference.

Amplitude of Frequency Response (dB)

Frequency (Hz)
Figure 74: Magnitude of the frequency response of three PLLs with different filter order with same 3-dB bandwidth

The VCO is responsible for generating the high-frequency clock used to drive the ADC. It
converts a voltage to frequency with a gain of Kvco and frequency offset wyg. Since the input and
output variables of a PLL are best described in terms of instantaneous phase, the VCO operation

can be described in the Laplace domain as:

By = L2 V(s) + “ZE (7.12)
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Finally, the divider in the feedback path Np.. reduces the frequency or phase of the signal
feedback to the PD:

0,(s)
NpLL

0;(s) = (7.13)

When deriving the closed-loop form reflecting input-output behavior of the PLL, we get an
aggregation of a low-pass filter (second term) that governs the reference to output response and
high-pass filter (first term) that governs the noise from the VCO viewed from the output. Presented

in eq. (7.14) below:

Npy @pg n SN KoK pF (s)
S(Vpwss + KoK F(9)) - 5(Npus + KoK F(5))

6,(s)= 0,(s) (7.14)

Typical reference clocks have their phase noise at low frequencies; Hence decreasing the
forward-path loop bandwidth (left of Fig. 75) does not add much noise from the reference.
However, decreasing bandwidth of the low-pass means increasing bandwidth of the

complementary high-pass and therefore, letting more VCO noise through.
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Figure 75: Reference to output and VCO to output transfer functions

7.3 - Clock Recovery Circuit and Method

We are proposing a new methodology to optimize the channel spacing based on the total jitter
seen by the receiver in gridless networks. We will discuss the issues with typical clock recovery

architecture, then present our circuit and methods.

7.3.1 - Limitation of Existing Architectures

As discussed at the end of section II-C, when the clock recovery loop is controlling the VCO
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directly, Fig. 76, adjusting the bandwidth will result in higher VCO noise, i.e. degradation of system
performance. Hence, the key limitation of existing clock recovery circuity is the lack of flexibility

and hence they can’'t be optimized when “Data CIk” is corrupted with leaked power from

» ‘I—‘
Digital Signal Data Clk

Processing based
Phaze Detector

Figure 76: Clock recovery circuit used Optimization Method

neighboring channels.
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7.3.2 - Our Proposed Circuit

In the receiver, a clock recovery scheme which decouples the intrinsic VCO jitter bandwidth
requirement from the clock recovery overall bandwidth is used. To do so, we are segregating our
circuit into two loops: digital PLL, with high bandwidth in the forward path to filter as much as
possible VCO noise, and another loop is governed by the software controlled “Digital LPF” and
interacts with the “Numerically Controlled Oscillator” by adjusting phase delay. The architecture
is presented in Fig. 77. The parameters of the digital or analog PLL, represented as “Numerically
Controlled Oscillator’, VCO gain/PD gain/loop damping and bandwidth are chosen in a way to

guarantee a stable operation around the desired sampling frequency and adequate transient time.
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Figure 77: Clock recovery circuit used Optimization Method

In presence of interference from adjacent channels, “Data CIk” becomes noisy. Therefore, the
bandwidth of the software controller “Digital LPF” can be adjusted to filter the noise without
affecting the stability and noise profile of the “Numerically Controlled Oscillator”. In our design,
the latter locks to a reference clock with a high bandwidth to reduce VCO phase noise.

7.3.3 - Method Overview
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To elaborate further, we note that when measuring SNR, and assuming noise is uncorrelated with

zero mean, it is averaged over L observations to smooth out the result:

SNR

E[|signal|?]
L+E[|noise|?]

Ellsignal|?]
averaged — W -

L2

=Lx SNRoriginal (715)

L2

The equivalent of lower loop’ bandwidth is the higher averaging of incoming error signal prior

to produce a control signal. Therefore, the system performance gets better if there is no high-

frequency noise source that goes untracked.
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Figure 78: Jitter measured versus averaging of Clock recovery circuit used Optimization Method

The phase domain (¢qsc) spectral density of the different contributors at the receiver is depicted

in Fig. 79. As can be seen, lowering the clock recovery bandwidth effectively helps in filtering out

the impact of the adjacent channel interference (in yellow) and would provide better signal integrity

with respect to the transmitter clock extraction. However, the untracked jitter from the Tx, for

example, must be bounded to keep the overall jitter within specification. A scheme that takes into

consideration phase noise induced by channel and where the effective clock recovery bandwidth

and gain can be digitally programmed is required.
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Figure 79: Phase-domain spectral density of different contributors

In addition, optimizing the clock recovery bandwidth reduces the effective tracking by the
receiver of the other sources of jitter. If we assume J (jitter induced by RXx) is tracked by the
receiver PLL, Jchannet Can be estimated from neighboring channels in the same MC. For the cases
of low transmitter clock standard deviation in the total phase error (Ji), we can simply base the
optimized parameters (bandwidth and gain) on the specification in order to perform a fitting to

extract optimal channel spacing as shown in Fig. 80.
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Figure 80: Application-layer algorithm

“Digital LPF” is illustrated in Fig. 81. It is implemented as simple proportional/integral control
scheme [179].

— 0
Figure 81: Proportional/Integral Control in Laplace-domain
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The relationship between loop bandwidth and Ki setting, to be stored per card during calibration,
is manifested in Fig. 82. For simplicity, we are showing the equivalency between clock recovery
loop bandwidth, blue dashed line in Fig. 79, and Ki control setting. It is shown that the higher the

gain, the faster the loop reacts to changes, therefore, the higher the bandwidth.
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Figure 82: Loop bandwidth versus Ki setting

Since with Software-Defined Networks (SDN) the trend is to have a centralized server that
oversees the whole networks, passing information about the link to modems can be performed
using NETCONF, an Internet Engineering Task Force (IETF) network management protocol.
Upon a request for a new channel, a brute force method can be used to optimize parameters by
adding the channel at nominal spacing (pre-defined or at (1+f)*symbol-rate) then run 2D sweep
using receiver firmware (or processor) to find the minimum jitter. Based on the margin available
(targeting 100G QPSK in this case), squeeze the channel using a fitting method. The latter can
be derived from the modelling performed in Fig. 84, where we associate a spacing and OSNR
with jitter margin. Both discrete look-up table based or continuous fitting, can be used to translate
a jitter margin, defined based on specifications associated with the modem, into spacing when
knowing the OSNR.

7.4 - Simulation Results
7.4.1 - System Penalty versus Channel Spacing

When measuring the impact of spacing on the ROSNR (Required-OSNR) for different modulation
formats typically used in commercial coherent modems, we see that the penalty gets higher as

the constellation gets denser (Fig. 83). We looked at cases covering submarine links, to long-
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haul, metro and data-center interconnects with a DP-32QAM modulation format to be able to
predict how ROSNR in link budget will be impacted by channel spacing. It will give us as well the
minimum OSNR availability required to perform the optimization process. The simulation below
covers the case of two neighbors with same power as the probe. In other terms, the penalty is

due to Signal-to-Interference & Noise Ratio (SINR) is defined as:

Ps
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SINR = (7.16)
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Figure 83: ROSNR, at 3% BER, penalty due to spectral leakage from neighboring channels

7.4.3 - Jitter Tolerance versus Channel Spacing

Typically, the PSD of the generated phase noise of VCOs within a PLL is modelled as a Lorentzian
distribution. When putting components together in simulation, we predict the effects on total jitter
and the ability of the receiver to acquire. In Fig. 84, 0% margin is the point at which the receiver
can’t reach steady state and 100% is when jitter reaches its expected noise floor (that is due to
various sources presented in section 7.2.1). The lower the OSNR, the more noise is added to the
data and then higher jitter is simulated. However, in Fig. 84, the ramp is steeper versus spacing
compared to change in ASE noise level. That observation can be explained by the high bandwidth
phase noise induced in the jitter estimation when squeezing channels together. We can use this
model as part of our methodology to predict the jitter margin available versus a link OSNR and

spacing.
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7.5 - Experimental Verification

7.5.1 - Experimental Methodology

A set of experiments were conducted to get the quantitative benefits with real-world flex-grid
settings using Ciena 6500 ROADMs. We used three 100G QPSK channels with the center one
being the probe as in Fig. 85.

Adjacent Channel Adjacent
channel of interest channel

Figure 85: Gridless setup

We used the setup shown in Fig. 86 with three WavelLogic3 © transponders operating at
35GBaud, two as interferers and one centered as the probe (“two sides” or “two neighbors” are
used to reflect that the probe channel is “double-sided”). Since most digital signal processing
techniques for clock recovery are sensitive to optical impairments, our sweeps were done over
multiple Polarization Dependent Loss (PDL), Differential Group Delay (DGD), State of Polarization
(SOP) scramblers (PC1/ PC2) and OSNR values. The latter is controlled by adjusting a variable

optical attenuator (VOA) at the egress of an ASE source.

Using a LC shape patch cord fiber, we connected each of the three Tx of calibrated
commercial cards to the channel Mux/Demux of a Ciena ROADM 6500 ©. The common fiber is

then connected to the fiber link. The latter is composed of the following equipment:

- PC1: as polarization scrambler running at 200 Hz SOP rate of change.

- PDL: as PDL emulator to mimic a polarization dependent loss.
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- DGD: as DGD emulator to introduce a delay between the two polarizations.

- PC2: as polarization scrambler as well, it is running at 200 Hz SOP rate of change.

- EDFA: due to high loss of the above equipment, it is necessary to compensate for the
power loss and to make sure that the received power is in the optimal area to avoid artificial
ROSNR penalty.

- An amplifier was used as ASE noise source and the noise level added to signal through
fiber combiner through a controllable VOA.

- Afiber splitter 90% / 10 % was used to direct a portion of the optical signal to OSA in order
to measure the ROSNR.

- The output of the 90% port of the splitter was connected the common port of the channel
Mux/Demux.

- The output port of the Demux associated with wavelength 1546.92 nm was connected to

the Rx of the transponder.
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Figure 86: Experimental setup

7.5.2 - Experimental Results

When trying to squeeze channels into super-Nyquist mode of operation the penalty from linear
cross-talk, which appears similar to white noise, is inevitable. Our method allows for pushing the
bounds at which receiver can carry traffic. We were able to operate without any errors with the
same 2 dB OSNR penalty as non-optimal method but with 1 GHz less spacing. In Fig. 87, we
show how the optimized method improves the jitter margin.

109



yrnnd which Rx can't lock

=
kS

X:31.75

2 aov ¥:1.139
[ ]
;=
D) o \
™ M
=@ h
'5 T
&0 S

5 —

100%

Jitter Noise Floor

32 3 34 35 36 37
Channel Spacing (two sides)

Figure 87: Optimization of jitter through setting the proper tracking

We then show, in Fig. 88, the system level benefit in terms of channel spacing with the
associated OSNR penalty. We compared two circuits, legacy in Fig. 76, and our proposed
circuit/method. The penalty from linear cross-talk is unavoidable, hence the increase in ROSNR

penalty but it is shown that our method allows for tighter spacing in gridless setup.
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Figure 88: Results showing the advantage of the proposed optimization method

7.6 - Conclusion

We presented a novel circuit and method to optimize the channel spacing in gridless optical
networks. We showed the results for 100G QPSK; however, the method was successfully tested

for different data rate/modulation formats. When assuming 10 channels are propagating together,
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i.e. therefore there are 9 spacings to be optimized, the experiment showed ability to gain from 9
GHz (9*1 GHz for 2 dB OSNR margin) to 18 GHz (9*2 GHz for 3.5 dB OSNR margin) in the optical

spectrum for each MC.
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Chapter 8 - Circuit and Technique for Measuring and Compensating
Phase Interpolator Non-Linearity

“Man was born free, and he is everywhere in chains”. — Jean-Jacques Rousseau

8.1 - Introduction & Literature Review

THE rapid growth of internet traffic has stimulated the development of high-speed modems in

wireline, wireless and optical spaces. As stated in [180], the majority of high-speed digital
wireline transceivers have their digital to analog converters’ (DAC) timing controlled by a phase-
locked loop (PLL). While at the receiver side, PLL and delay-locked loop (DLL) are used to extract
the clock information from the data and correction is applied properly to analog to digital

converters (ADC) or to digital interpolator within digital signal processor (DSP).

Phase interpolator (PI) is one of the critical components in high-speed Serializer De-serializer
(SerDes) [181,182], it permits applying fine adjustment to the phase of sampling clocks. Two PI
design categories are discussed in literature, current-controlled [183] and voltage-controlled
[184]. The former is larger in size, while the latter is less linear. Pl is used to shift clock phase
within data sampling window. The controlled current-mode logic-based topology, shown in Fig.
89, is described in detail in [185]. The input consists of two clocks, having same frequency, but
with 90° phase difference. The weight, X is digitally controlled by a DAC. Then the granularity,
number of phases, is determined by the controllable bits of the DAC and the frequency of the
cross-coupled VCO. However, Pl can suffer from non-linearities originating from two sources:
divider mismatch between in-phase (I)-quadrature (Q) clocks and arctan effect resulting from a

linear summation of a differential current mode DAC.

In [186], a PI design with increased number of phases that gives improved performance in term
of linearity was introduced. However, the increase of complexity and power consumption are a
burden. Other techniques such as using stages of multiple steps were proposed in [187]. In [188],
a phase interpolator was demonstrated using CMOS 65 nm technology, operating at clock
frequency of 2.5 GHz with improved linearity by combining two techniques: proper setting of the
integration of the output signal and increasing the step size resolution. In [189], authors discussed
a closed-loop circuit to estimate and continuously correct for non-linearity. The result presented,

in term of residual INL, is a 10% improvement compared to [191]. The resolution of circuits
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presented in literature, [186, 188, 190 and 191], are in the order of pico-seconds (ps), while our

circuit is designed for femto-seconds (fs) applications.

A*sin(w*t +0)

R T [
e
N X*lo ” (1-X)*1o T

Figure 89: Differential controlled current-mode logic phase interpolator circuit

We present a digital technique that allows an extremely fine resolution (10-20 femtosecond)
with an infinite phase domain dynamic range without the need for any bench top equipment such
as an oscilloscope. We propose to run the calibration once (such as during optical modem
integration/production) which reduces parasitics and power consumption during the operation
when deployed. The paper is organized as follows. In section 8.2, we describe the source of non-
linearities in phase interpolators. The test circuit and compensation method are discussed in

section 8.3. In Section 8.4, we present lab results.

8.2 - Non-Linearities In Phase Interpolators

In general, the sum of two sinusoids of the same frequency but different phase is given by [192]:
Csin(wt + ¢) = Asin(wt + a) + Bsin(wt + B) (8.1)

where

_ —1 (Asin(a)+B sin(p)
¢ =tan (A cos(a)+B cos(ﬁ’)) (8.2)

and the amplitude C is a function of the other variables, but here we are only interested in the

phase. Referring to Fig. 1, for the meaning of X, if we seta =0 and § = —”/2, A=Xand B =

(1 - X), the expression of eq. 8.2 simplifies to:

¢ =tan™? (£2) (8.3)
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In Fig. 90 we show the quasi-linear shape of the output phase of phase interpolator, across one
quadrant, versus 10 bits input code. For X = 0 the output phase is § = —”/2, while for X =1,
we get ¢ = a = 0. This is part of the transfer function of the phase rotator that we are trying to

compensate (the variation from the ideal linear output-input relationship is evident).

Pik === = 2

255 512 768 Digital
Code

Figure 90: Digitally controlled phase rotator transfer function. Phase delay in radians vs digital input code (10 bits)

The curve in Fig. 90 illustrates the primary source of non-linearity in the phase rotator. The
secondary source of nonlinearity in the phase rotator is the fact that the in-phase (I) and
quadrature (Q) signals are not perfectly orthogonal in practice. This is because these signals are
derived from the rising and falling edges of the VCO clock, respectively, and this clock may not
have a perfect 50% duty cycle. Note that the first non-linear factor is deterministic, while the
second will vary from one instance of the circuit to the next, and may even vary with temperature

and time, so is more difficult to compensate for.

Beside the digital technique presented in [190], typical solutions for estimating INL in circuit is
to measure phase rotator steps with an external oscilloscope which suffers from both limited time
and noise resolution. Such limitations impact time-domain accuracy; especially in high-speed
modems where measurements are in the order of femtoseconds. Other techniques can involve
using an on-chip time-to-digital converter. All reported time-to-digital converters suffer from a
limited range (do not go around 2Pi circle) and have relatively coarse resolution (in the order of

picoseconds).

8.3 - Circuit & Method

We present a novel low-power built-in test circuit, implemented in 28 nm CMOS technology, that
can be used in wireline transceivers using Pl. In Fig. 91, we show how all the blocks are put

together. With the PI being part of the PLL feedback loop at Tx, any movement in phase is
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translated into a movement in the VCO clock (within PLL bandwidth). And since the loop is filtered,
then the deviation injected is cleaner. The test circuit solution has the following key elements:
phase interpolator, 1-bit bang-bang phase error detector, fine-resolution delay elements and a
digital filter. The compensation process can be automated as software application running part of

firmware bring-up to perform the measurements and apply proper compensation.

The phase rotator under test is placed in the feedback path of the main PLL. The following steps
describe in detail the operation of the circuit and the methodology used in the process of

compensation for non-linearity:

» A digital delay-locked loop with a 1-bit (bang-bang phase detector) locking the PLL output
to the reference clock by controlling a high resolution digitally controlled delay element is
used as the measuring instrument. The delay element has an ultra-fine delay step (10-20

fs) but a limited range (in the order of a few ps).

» The other phase rotator (within “test circuit”) is used to center the delay locked loop so that

it settles in the middle of the range of the digitally controlled delay element.

* Applying a phase step to the phase rotator under test would force the delay locked loop to
track that phase step and the accumulator controlling the digitally controlled delay element
would settle to a new code (accumulator value) proportional to the phase rotator step (DNL
value). To filter out jitter, the accumulator code is sampled many times and the average

value is stored.

+ The above process is repeated for every code step of the phase rotator under test (phase

rotator in feedback path) until the digitally controlled delay elements run out of range.

» Atthis point, the other phase rotator (within “test circuit”) is used to “rewind” the delay locked

loop so that it settles in the middle of the range of the digitally controlled delay element.

The process described above to build the DNL curve is then repeated. Summing all the DNL
steps of the phase rotator would then result in the integral non-linearity (INL) of the phase rotator
and can be used to pre-compensate its transfer function using a lookup table (LUT). A brute force

method can be used to derive the contents of the pre-compensation LUT. It consists of searching
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for the nearest word code that minimize the error INL per phase.
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Figure 91: Phase rotator DNL & INL test circuitry.

The same divider is required in the PLL feedback path and in the test circuit so the inputs to the
bang-bang phase detector are at the same frequency. If “optional divider” R > 1, then a similar

divider will be introduced in the test circuit after the high-resolution delay elements.

8.4 - Results

We can see the ripple effect clearly by plotting the phase rotation error, as shown in raw plot in
Fig. 92, as a function of the target phase rotation. The prototype was successfully demonstrated
where the phase interpolator, used in the test chip for transmitter clock recovery circuity, has been
fully characterized with an accuracy of 20 femtoseconds and then its transfer function was

compensated using a lookup table.

Fig. 92 shows the error transfer characteristic curve for the same phase interpolator for both
uncompensated and compensated cases, where the reported error is with respect to the ideal
transfer curve for each sample. The root-mean square (rms) error is improved by 10x when the

phase interpolator is properly compensated.
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Figure 92: Measured uncompensated (blue) and compensated (red) phase interpolator error curve (x-axis: phase code, y-
axis: Time placement error in seconds). Uncompensated phase rotator has rms error = 330 fs and compensated phase
rotator has error of 30 fs.

8.5 - Conclusion

We introduced a novel low cost, low power and compact circuit so it can be built-into wireline
transceivers. It is used to linearize Pl used in high-speed clock recovery circuity such as DAC in
an optical modem. The method can be used in calibration of wireline transceivers to improve

system performance. We showed that a reduction of phase error, up to 10x, can be achieved.
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Chapter 9 - Jitter Loading Built-In Circuit and Method to Characterize
Optical Transceivers and Channels

“In the World through which I travel, | am endlessly creating myself.” — Frantz Fanon

9.1 - Introduction & Literature Review

THE move from private optical networks (closed cables and transponders) to both interoperable

transponders, such as white box [193] and 400G ZR [194], and open cables, as proposed for
submarine applications [195], are current trends. An important aspect of optical network design
is the area of network synchronization and timing, and specifically the control of jitter to ensure
end-to-end reliability especially in networks that span great distances, such as those implemented
for continent wide or transoceanic submarine applications. Due to the non-idealities of circuits
and systems, synthesized clock has deviation [196]. The latter is manifested as phase and
frequency drifting and variations. At the physical layer, to determine if a transmitted bit is 1 or O,
the recovered clock signal from data should occur at time where eye opening is maximum.
Therefore, if the jitter in a system is not tracked, it can cause bit errors that degrades the

performance of transmission system.

Based on ITU G810 standard, short-term timing variation, with frequency lesser than 10 Hz is
called wander. For clock variations beyond 10 Hz, there are two main types of jitter: random and
deterministic. As clock speed and communication channels run at higher frequencies, size of unit
interval (Ul, i.e. duration of each symbol) is getting smaller. For example, in 35 GBaud
transmission system, the symbol duration is 28 ps while at 80 GBaud, itis 12.5 ps. Consequently,
stringent specifications on jitter is unavoidable and ways to reduce the sources of jitter is a key
part of nowadays’ telecommunication systems. As well, it is becoming vital for network operators
to have physical level tests to characterize both modems and channels. Such tests need to report

information such as bit error rate (BER), noise tolerance and jitter tolerance.

In [5], due to the complexity of optical transponders, the authors described built-in functional
blocks designed around the core Application-Specific Integrated Circuit (ASIC) to allow for fast
system lab integration. The design for validation (DFV) methodology involves inserting test
signals, probing mechanism to retrieve processed digital signals from within the ASIC and, with
the help of software, post-process and visualize. The paper is generic and does not specify

inserting any kind of tone to modulate clocks or how it will deal with characterizing jitter. In [197],
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jitter injection at the output of charge pump of the phase locked loop (PLL) is described, where
the amplitude of voltage driving the voltage-controlled oscillator (VCO) is being modulated. The
drawbacks of this method are its analog nature. As well, how the charge pump is loaded which
can only be high-pass since it is complementary to the main PLL loop; since the latter has a pole
at DC.

As stated in [180], the majority of high-speed digital wireline transceivers have their digital to
analog converters (DAC) timing is controlled by a PLL. While at the receiver (Rx) side, PLL and
delay-locked loop (DLL) are used to extract the clock information from the data and correction is
applied properly to analog to digital converters (ADC) or to digital interpolator within digital signal
processor (DSP). For the Rx side, in [199] (and similar in [200], [201] & [202]), a circuit for on-chip
measurement of period jitter and skew of clock distribution, with implementation showing 1 ps
resolution, is described. Unlike in our method, it is an add-ons circuit that uses a single latch and
a voltage-controlled delay element. In [203], a digital circuit implemented at the receiver to induce
jitter and system tolerance is discussed. The circuit, allowing BER analysis as well with PRBS

checking; however, it does not permit channel characterization.

We will describe a novel low-power circuit, implemented in 28 nm complementary metal-oxide-
semiconductor (CMOS) technology, that can be used to characterize wireline transceivers and
channels. The solution has three key elements: PLL with phase interpolator (Pl) integrated in the
feedback path used to inject a modulated eye, re-usage of existing clock recovery circuit (also
called clock-data recovery circuity (CDR)) in coherent receivers for jitter reporting and a software
algorithm automated to perform the measurements. This paper is organized as follow. Section
9.2 describes jitter characterization and related state of the art procedures. The new circuit and
associated method are described in section 9.3. Finally, the experimental results are covered in

section 9.4.

9.2 - Jitter & Its Characterization

As stated in [203], manufacturing cost of mixed-signal integrated circuits is dominated by testing.

Both transmitter (Tx) and Rx have embedded PLLs to generate and synchronize clocks.

Root-mean-square (rms) jitter, phase noise integrated over interval defined by jitter mask, is
typical figure of merit (FoM) for OTN and Ethernet applications. With most system using Forward

Error Correction (FEC), the interval of tone frequencies over which we need to integrate in order
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to estimate jitter, is driven by experiments. Rx PLLs can track variations within their designed
bandwidths, while FEC frame scrambling helps at high frequencies. The out-of-band frequencies
are critical that impact system performance. There is a trade-off between response time of PLLs
and loop bandwidth, while the attenuation of jitter is related to bandwidth of the loop filter. PLL
acts as low-pass filter upon reference clock and high-pass with respect to the VCO. Bandwidth is
defined as the modulation frequency at which the PLL starts losing lock with respect to reference.

In the context of optical transponders, the design criteria for a receiver must be considered of
all aspects: the transmit SerDes, digital phase locked loop (PLL), optic driver/receiver and the
fiber channel, including switching nodes. Two levels of jitter characterization, node and system,
exist. Jitter characterization at the system level (such as protocols SONET, OTN, SDH, ...) looks
at the total node to node contribution. Testing is required between telecom equipment in a
network, difference in frequency in clock domain can be absorbed by first-input first output (FIFO)
buffering. It is assumed that the individual cumulative contributions of the nodes (transponders
and switches) are characterized as part of the node level characterization exercise. In
transmission system, there are three jitter transfer behaviors that can be used to describe the

effect of the transfer function on the clock:

o Jitter generation: is the amount of jitter added to signal sampled with clean clock. The
source of jitter could be random or deterministic.

o Jitter transfer: is ratio of the output jitter over the input jitter, expressed in terms of dBc,
gain using the carrier as the reference.

o Jitter tolerance: is a specification to indicate how much jitter the system can tolerate at the

input while maintaining a desired performance at the specific BER.

On the testing side, jitter tracking and tolerance” test is required. It characterizes the ability of
the Rx clock recovery circuit to track jitter within its loop bandwidth. It generates a mask over
frequency band of interest. The y-axis is the power level of the phase noise versus frequency
offset (4f) at x-axis, relative to power level of the carrier:

power of 1 Hz band @ of fset (Af)
power @ carrier

L(fapc = 10 x logyo ] ©.1)

One key application for jitter characterization is evaluating multi-gigabits per second
serializers/de-serializers (SerDes). performance. The two main related electrical parameters that
go into datasheet are the jitter of the transmitter at giving BER and the ability of the receiver to

track jitter at a given BER. Both serializer and DAC are driven by Tx clock generated by PLL, and
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both de-serializer and ADC are driven by Rx clock generated by CDR which includes a PLL. In
both modules, reference clock is used to synchronize clocking information extracted from
incoming data. Within the PLL, in most cases, passive loop filter is used because it is low cost

and easy to implement.

The phase noise comes from the thermal noises of the resistors. Modeling the phase noise of
the different SerDes components, extracting the time jitter and decomposing it, would help
designers to achieve desired Figure of Merit (FoM) for future SerDes. Generating white and
colored noise synthetic jitter patterns would allow to better analyze the effect of jitter in a system
for design verification. The jitter tolerance (used in SONET), used to derive jitter mask, test takes
different names based on the standard, such as stressed eye in optical or sinusoidal interference
in 10GbEthernet. The SONET specification does not currently define the split between the optics
and the SerDes. The Jitter Mask defines two different areas: In-Band jitter (tracked by CDR at
receiver but contains phase noise) and out-of-band jitter which is beyond the tracking loop and it
is the critical portion that impacts BER. The total out-band jitter is composed of random and further

deterministic content.

Both jitter generation and tolerance testing have to be performed over different temperature
ranges. Due to thermal noise, random jitter (RJ) is always there and can be measured as noise
floor in the phase noise plot. RJ can have both white and colored noise properties. In [203], it is
found that RJ represents the noise in the clock signal; while Deterministic Jitter (DJ) is a result of
circuit bandwidth effects and other sources such as interference, crosstalk, and impedance
mismatch. In [205], a white noise generation approach was introduced. DJ is bounded because it
has well defined minimum and maximum extends and is specified as peak-to-peak value. Total

jitter (TJ) is a linear combination of RJ as a function of BER, and DJ, as described in [206].

The link model is a combination of Tx, channel and Rx. The stream of symbols is generated at
the Tx and the receiver uses maximume-likelihood or minimum distance methods to decide on the
received symbol. When looking at the eye-diagram, the width of the eye is determined by jitter
while the heights is dominated by noise (defined within BER level). In high-end bit-error-ratio
tester (BERT) testers (such as Agilent N4903A), allows all sort of composition of jitter (RJ, DJ,
and Sinusoidal Jitter) to create both realistic and worse case stress condition. As well, it is
expected that they have ultra-low intrinsic jitter. They do indeed come with automated jitter

tolerance characterization that searches for the maximum jitter value the receiver tolerates by
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sweeping SJ (that looks like electromagnetic interference) in modulation frequency and
magnitude. Test equipment for creating eye diagrams requires a BERT that generates pseudo-
random repeating test patterns. BERT testers usually have multiple trigger choices. For example,
a “clock trigger” provides a classical eye diagram that implements all possible bit transitions in
one display. In Fig. 93, we show the typical setup used to test jitter tolerance of a device under
test (DUT).

Delay Control

Signal

Generator

Noisy Clock

ﬁ

Figure 93: Typical BERT-based Jitter Testing Setup

Two categories for testing jitter methods exist:

¢ Time domain: measurement is done using high-frequency digital oscilloscopes that have the

capability of high single-shot sampling bandwidth.

e Frequency domain: spectrum analyzer will display phase noise expressed as single-side
noise-to-carrier ratio L(Af), representing power-spectral density versus frequency offset Af

relative to the carrier. It illustrates both random noise level and spurs.

Therefore, the jitter tolerance mask is meant to test the CDR’s tracking ability (as described in
Telcordia’s GR 253, section 5.6.2.2.2). In standards, such as in [207], the frequency intervals for

different network protocols are defined:

- SONET 0C-3/12/48: 12 KHz to 20 MHz
- SONET OC-192 : 50 KHz to 80 MHz
- Fiber Channel : 637 KHz to 10 MHz

Converting from Phase noise profile (L(f)), to rms jitter is done by integrating over the whole

band of frequencies using formula presented in [208]:
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1 >, LD
RMSjicer = 5 /2* 1000 df (9.2)

9.3 - Circuit & Method

In this section, we present a circuit that is low cost, low power and low foot-print so it can be built-
into wireline transceivers that can generate jitter with fine resolution. It is deterministic since it is
programmed in a look-up table (LUT). However, it can have any distribution (Gaussian, sinusoidal
...) and any power spectral density. It is limited by Tx PLL bandwidth. It provides control of jitter
amplitude in seconds or unit intervals, waveform type (sine, square, or noise) and frequency. The
system, with high-level description shown in Fig. 94, can be used to characterize one of the three

components in optical links as follows:

Rx: using golden (i.e. either has low jitter or known jitter) Tx, back to back fiber

(Application: any modem, as example 400GZR [2] — interoperability).

Tx: using golden (i.e. either has low jitter or known jitter) Rx, back to back fiber

(Application: any modem, as example 400GZR [2] — interoperability).

Optical Channel: using both golden Tx and Rx (Application: Open Cables [194] where

characterizing jitter tolerance of wet plant using golden Submarine Line Terminating
Equipment (SLTE) can help setting requirement for plant, where our modems are installed,

and eventually setting pricing/allowing to compare wet plants).

_O_)‘ ')‘ Clock
Tx data Rx Recwen’y

Tx clock

+Test Tone Recovered clock
- v +measured impact

Soare Based
Monitoring

Figure 94: System-level view of method

The solution has three key elements: PLL with phase interpolator (PI), Fig. 95 (same as in Fig.
89), integrated in the feedback path used to inject a modulated eye, re-usage of existing clock

recovery circuit (also called clock-data recovery circuity (CDR)) in coherent receivers for jitter
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reporting and a software algorithm automated to perform the measurements.

A*sin(w*t +0)

A*sin(w*t + a)

Figure 95: Differential controlled current-mode logic phase interpolator circuit

Phase interpolator is used to shift clock phase within data sampling window. The controlled
current-mode logic-based topology is described in great details in [209]. The input consists of two
clocks, having same frequency, but with 90° phase difference. The weight, X is set by digitally
controlled by a DAC. Then the granularity is determined by the resolution of the DAC (number of
controlled bits) and the frequency of the cross-coupled VCO. The phase modulator output is non-

linear due to trigonometric element:

— -1 X
® = tan (1—x) 9.3)
The idea in the jitter injecting process is that, at the Tx, we are deliberately widening the
transition areas in the eye-diagram. With original clock having the following model:
sig = a x cos(w, * t) 9.4)
where a is the amplitude of the signal and w.= 2 *  * F; (carrier frequency). The noisy signal, or
phase modulated version, is the original signal with added phase noise. It takes the form of:
Signoisy = @ * cos(W¢ * t + B * cos(wp, xt))  (9.5)

where 8 is the amplitude of the jitter and wm = 2 * 11 * Fn (modulation frequency). The equivalent

jitter is seconds, peak-to-peak is defined as:

. 2% B
Jitteryy seconas = 2 mirF, 9.6)
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The second key component is the phase error detector at the Rx to estimate the jitter. It is worth
noting that the method re-uses the circuits available in typical Rx for clock recovery (including
jitter approximation) and BER/FER estimations. For the former method such as Gardener based

detector [32] can be used, where the timing error detected for the k" symbol is given by:

e(k) = a;(k) + aq(k) (9.7)
Where:
a;(k) = {y;((k = DT + dy_y) — ¥, (kT + d )}y, (kT — T/z + di-1)

ag(k) = {yo((k = DT + diy) — kT + d)}yo(kT — T/y + di_y)

And T is the period of symbol, dkis the estimate of the phase at kT and y;and yqare the received
in-phase and quadrature components.

Based on the above, the method can be viewed as a low cost and built-into transceivers as
jitter-loading mechanism. Controlling the PI, with its small instantaneous phase deviation, makes
it possible to inject jitter at high resolution. With the Pl being part of the PLL feedback loop at Tx,
any movement in phase is translated into a movement in the VCO clock feeding the DAC. In Fig.
96, we put all blocks together with more details. Most of the components are used in typical serial
links as shown in [210]. In the case of optical link, the Electro-Optic (EO) converters are required
after the DAC. We used an interleaved ADC as described in [169]. The state machine, in the
control block, based on register settings allows different reading rate of the content of the look-
up-table. Such methodology permits the modulation of the Tx clock with a large range of carrier
frequency at different amplitude. Comparing to [211], we are able to generate any form of phase
signal, and not just square wave. As well, the fact that the Pl is in the feedback path of the PLL,

the injection is clean.

g Fiber
Fr | Phase ™ Charge . Loop g N _Iine .
Detector |-w  Pump Filter

Statistics
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£ PLL
:/ PI \:I— Diﬂplav
TxPLL

Figure 96: Detailed view of both Tx and Rx circuits
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A proof of concept model, Fig. 97 & 98, was tested in Simulink © 2016a as part of the design
activity. It is showing a s-domain behavior model of an analog PLL and phase delay element
driven by a DAC to modulate the feedback signal going into the frequency divider. The stability of
the whole PLL was studied rigorously as shown in chapter 7.
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Figure 97: Simulink Model with Clocking Amplitude to Phase Modulation & VCO control ramping to achieve steady
state

Figure 98: VCO output driving DAC clock

The method and circuit can program one tone or multi-tone on both the transmitter. Anything
with jitter signature with link or transceiver can be characterized. And the automated tool is able
to produce a jitter mask based on fixed jitter at the Tx, or until certain metric threshold is crossed
at the Rx. The remaining functionality shown in Fig.99, automated in Matlab now, can be turned
into software implementation. The following list of metrics can be used as reference for jitter
characterization:

A. Atarget BER

B. Reach error level at FEC
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C. Measured rms of jitter

Measure Base
Jitter at Rx

)
Apply Tone in Tx

Clocking System
Reset Tone Size & Increase
Change Frequency Tone Size

Detect Changes
in Jitter at Rx

Figure 99: Flow chart of the automation method used

9.4 - Results

One of the major electrical parameter used to characterize integrated circuits and systems
performance is, at a given BER, the Rx ability to track jitter. It can be characterized either as rms
value in time domain, or spectral density over bandwidth (dB/Hz) in frequency domain. We used
a back to back configuration, i.e. Tx output directly connected to Rx with patch fiber and a Tx with
low intrinsic jitter. In Fig. 100, we are summing three sinusoidal waveforms, with same amplitude,
at different frequencies. We show the time-domain waveform programmed into the 1024 entries

of the on-chip LUT. The jitter resulting from the tone is calculated as follow:

10Lspur/20

Spurious Tonal Jitter = 9.11)

And since it is independent of the exiting jitter sources, the total jitter is derived as follow:

Total Jitter = (Integrated Noise Jitter? + Spurious Tonal Jitter?)'/? 9.12)
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Figure 100: Example of multi-tone waveform programmed in LUT

Using spectrum analyzer, we probed clock signal at the VCO going into the DAC. In Fig. 101,
the output of single sideband phase noise profile is shown with the tones appearing, in frequency
domain, added on top of the existing phase noise spectrum (in red) versus the blue curve without
jitter injection. Although jitter is not sinusoidal in nature in real systems, we inject sinusoidal tones
because of the ability to reproduce same deterministic waveforms and comparing tolerance

masks of different systems.
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Figure 101: Measured phase noise with and without injected tones

In Fig. 102, we inject one sinusoidal tone at the time. The goal is to characterize the tolerance of
the Rx to lock to the upstream PLL and track jitter. As you can see, due to the low-pass nature of
the CDR circuit, the Rx is able to track high-amplitude tones at the low frequencies, then the
tolerance gets smaller until it reaches a noise floor. At high frequencies, the variations are too fast
for Rx to track, hence less tolerance and only small amplitude tones can be handled. Changing
CDR bandwidth at the Rx will result in shift of the mask presented. The lower the bandwidth the

less phase noise we are letting in, but at the price of less tracking capability.

16

' |—-—-Sel tone until COR at Rx fails to acquire

efined Mask= Measured Data + Margin

RMS of Sine Tone (ps)

> I i
104 10° 10° 107
Frequency Offset of Tone From Carrier (Hz)

Figure 102: Jitter tolerance mask for a given CDR settings

9.5 - Conclusion

We presented a circuit and an associated method to induce jitter at clock recovery circuity in a
wireline Tx and use it to characterize different modules in an end-to-end layer O optical
transmission system. The novelty of the method is in introducing the phase interpolator at the Tx
clock circuity to allow for jitter generator by providing control of jitter amplitude in seconds or unit

intervals, waveform type (sine, square, or noise) and frequency.
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Chapter 10 - Conclusion & Future Work

“I do not fear death. | had been dead for billions and billions of years before | was born,
and had not suffered the slightest inconvenience from it.” — Mark Twain

10.1 - Conclusion

In this thesis, we investigated three different aspects all related to high-speed coherent receiver
technology in optical networks. Since the chapters are dealing with segregated problems, our

conclusions for the work presented in each chapter separately:

Chapter 4: First, we studied the performance of LMS adaptive filter, in the context of dual-
polarization coherent optical receivers, in presence of SOP transients, PDL and ROADMs. The
trade-off between tracking capability and implementation noise when choosing the step size and
forgetting factor is a key design decision, we showed how the higher the step size the more SOP
tracking the adaptive filter will be handling but at the price of higher B2B/PDL ROSNR. The higher

the order the modulation formats the less tracking can be done, a reduction of 30% expected for

every extra bit per symbol. Error signal feedback delay is a key bottleneck for higher SOP tracking,
we showed due to higher BER oscillatory behavior that a delay of 40 blocks of 512 symbols can
reduce tracking by 50% compared to FD of 20 blocks. As well, for each one dB PDL increase in
link, we lose 7.1 KHz and 8.6 KHz for SNR penalty of 1 and 2 dB respectively. Finally, we
presented the impact of concatenating ROADMs on SOP tracking. The RLS algorithm, using a
covariance matrix as an aggressive dynamic “step size”, has an advantage over the LMS and
NLMS algorithms in both convergence speed and tracking in steady state in presence of PDL
(and other colored noise) in the fiber. Our simulation data showed that RLS is ~2.5x faster than
LMS when comparing convergence speed at 6 dB PDL with fast and slow SOP rotations. NLMS,
using the trace of the covariance matrix, is around 2x slower than RLS. For SOP tracking, all
studied algorithms have similar performance without presence of colored noise. Otherwise, RLS
outperforms MMA, NLMS and LMS. On the other hand, RLS complexity growth, as a function of
filter length, is quadratic O(L?), unlike LMS family which increases in linear fashion. The length of
the filter governs how much PMD the receiver is designed to compensate for. It is worth noting
that choosing one of the algorithms depends on the application. For example, the case of Data
Center Interconnect of 100 KMs will not have considerable PDL in the link and the requirement

for low power consumption is rigid; therefore, LMS/MMA (or sign-LMS) can be a good choice.
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Chapter 5: We presented a new method to perform an adaptive joint Tx/Rx compensation, of
stringent filtering effected caused by CMDs and ROADMs in fixed-grid optical networks, while
using typical HW blocks in coherent transponder. The only requirement is the availability of
communication channel between Tx and Rx. When a Rx that is not matched to the Tx pulse shape
and optical channel can result in insufficient electrical bandwidth and noise enhancement.
Proposed method in Section V leverages Tx and Rx static filters compensation capability, of the
channel frequency response, such that they effectively constitute a matched filter pair hence
maximizing SNR at the input of the Rx adaptive filter. With filtering models representing real
optical networks and components, and PDL, we showed an improvement in system performance.
With 18xWSSs scenario, both simulation and lab measurements showed a gain of 0.6 and 0.33
dB, respectively, in ROSNR at BER of 2% versus doing post-compensation only. We showed for
the first time, to the best of our knowledge, that splitting the compensation of heavy filtering in real
deployment scenarios, is better than doing Tx pre-compensation. That is especially the case in
presence of implementation noise at transmitter, limited ENOB of DAC, clipping of coefficients in
transmitter filter and noise in Tx analog chain. With 18xWSSs scenario, both simulation and lab
measurements showed a gain up to 0.5 and 0.15 dB, respectively, in ROSNR at BER of 2%

versus doing pre-compensation only.

Chapter 6: We studied the impact of bandwidth loss of SiPh MZ modulators in coherent receivers.
We showed that our proposed MMSE gradient-descent based method provides 0.5 dB of ROSNR
reduction for 60GHz channel when decay of modulator TF is 6 dB at 30 GHz. We presented
system benefits of not doing full pre-compensation at the Tx signal processor. As well, we showed
that when squeezing channels in gridless networks, using joint compensation provides a reduction

of 0.1 dB to the probe channel when squeezing both neighbors by 2 GHz.

Chapter 7: A methodology to allow for less spacing between channels travelling in same MC, by
mitigating jitter more effectively even in presence of phase noise in PLL, was presented. The work
was done using WaveLogic3 © coherent transponder at Ciena © Cooperation. Part of the work
was studying, in-depth, the subject of clock recovery in coherent receiver. The theoretical concept
was supported by simulation to get the fitting models and basic requirements to guide a high-level
software application in the optimization process. Then, lab experiments showed that with available
OSNR margin, up to 18 GHz of optical spectrum can be saved in each NMC consisting of 10
channels. Depending on the baud-rate, that can be translated to one extra channel running at 35

Gbaud for every two NMC. It is expected that network providers assume at least 3 to 4 dB OSNR
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margin at early deployments to account for end-of-life degradation in modems and fiber aging.
Hence, our approach allows operators to take advantage of the margin to increase the capacity

of their links.

Chapter 8: We introduced a novel low cost, low power and compact circuit so it can be built-into
wireline transceivers. It is used to linearize Pl used in high-speed clock recovery circuity such as
DAC in an optical modem. The method can be used in calibration of wireline transceivers to
improve system performance. We showed that a reduction of phase error, up to 10x, can be

achieved.

Chapter 9: We presented a circuit and an associated method to induce jitter at clock recovery
circuity in a wireline transmitter and use it to characterize different modules in an end-to-end layer-
0 optical transmission system. The novelty of the method is in introducing the phase interpolator
at the transmitter clock circuity to allow for jitter generator by providing control of jitter amplitude

in seconds or unit intervals, waveform type (sine, square, or noise) and frequency.

10.2 - Future Work

Same as above, we will present the potential future related research activities in a modular

form:

Chapter 4: First and foremost, matching the simulations with lab experiments is always desirable
to help gain more confidence on the validity of the channel and receiver simulated model. As well,
such activity will involve stressing other blocks, such as carrier recovery, and checking the overall
performance as part of the tracking process. Comparing tracking performance with Constant
Modulus Algorithm (CMA), with and without colored noise, would complete the picture since CMA
is widely used in coherent space. Mixing data-directed with pilot-directed and showing how much
improvement we can get. Looking at LMS with (some kind of) whitening and testing that against

RLS to see if we can improve the tracking capability in presence of PDL.

Chapter 5: We don’t believe that the fiber type would make a difference while operating at low
input power i.e. being in the linear transmission regime; however, since the spectrum of the signal
transmitted is not flat with the pre-compensation part of the method, looking at the effect of non-
linearity (both SPM with signal channel propagation and XPM in DWDM link) would be desired.
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Chapter 6: A plan was discussed with Dr. David Plant, from McGill university, to use his laboratory
for conducting experiments that mimic the simulations. We will compare the results to simulation

in back to back configuration, as well, in fiber propagation scenarios for up to 120 km.

Chapter 7: Using the introduced method, it is desirable to perform some of the trials with high-
input power where the receiver is experimenting some non-linearity is worth investigating; as well,
using different fiber types with various dispersion mapping. Although for data-center interconnect

and metro applications, this might not be required since the launch power is not typically high.

Chapter 8: The method was tested with only two PLLs having phase interpolators in the feedback
path. Therefore, it is worth applying the method to circuits built with new technologies, where
analog libraries are not mature, such as 7 nm. The latter is inherently noisier and prune to mis-

match between components.
Chapter 9: A graphical user interface to ease the use of the method is of great interest. As well,

testing different fibers with commercial cards, is beneficial for cases where interoperation between

different vendors is required, as 400G ZR.
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Appendix A: Matrices of Weiner-Hopf Equations

Let M be dimension of the vector:

rm)=[r(n) rn—-1) .. rh—M—-1)]

Then
R, = E[rr¥]
Rrr-(o) Rrr*(M -1
rp- 1 RO
With

R, (0) = E[r(n) r(n)]
Ry (1) = E[r(n) r(n — 1)]

and soon ...

Let’s call R, ; the cross-correlation function between s(n) and r(n — i):
R = E[s(m)r(n — D]
R, = E[s "]

= (Rsr,O' Rsr,l' ey Rsr,M—l)T
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Appendix B: Impact of Jitter on SNR versus Frequency

The variation of a signal, s(t), over small deviation in time is defined as:

As_ N
At—S()

The error in amplitude due to jitter is derived as:
As = (s(t)") At
The resulting equivalent MSE is:
E[As?] = E[(s(0)")?At?]
= E[(s(®))?] E[At?]
= E[(s())?] (itteTys)

SNR due to jitter is equal to:

E[(s(® )?]
[(s(6))?] Jitterims)

SN Rjitter = E
In frequency domain, each bin is sinusoidal tone. Defining s(t) as sine function:
s(t) = Asin(2x f)
Then,
El(s® )] = 4/,
And the derivative is,
E[(s(t)?) = GTANY,

Back to the SNR,
A? /
2

Uitter,ms) G740/

SNRjitter,linear =

1
" itterms) (21 f)?
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The higher the frequency, the more the jitter would impact the SNR as shown in simulation
below.
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