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1. Introduction

1.1 Motivation

Optical-fiber communication systems have revolutionizeel telecommunications industry and
they continue to be vital in enabling the proliferating usehe Internet. To meet their capacity
requirements, tremendous telecommunication serviceasety rely on optical-fiber communica-
tion systems. Optical links provide enormous bandwidtla #u@ optical fiber is the only medium
which can meet modern society’s needs for transporting iressnounts of data over long dis-
tances. No other known medium can support the massive derfandata-rate, reliability and

energy efficiency.

The data traffic transported over the telecommunicatiowords has grown exponentially in
the past. A foreseeable increased usage of data transgornipination with new types of applica-
tions will most likely stimulate an interest in more throygit [1]. Applications range from global
high-capacity networks, which constitute the backbon&efihternet, to the massively parallel in-
terconnects that provide data connectivity inside datdere and supercomputers. Commercially
deployed wavelength division multiplexing (WDM) opticalbéir systems in 2010 supported ap-
proximately 100 wavelength channels for an approximate i@sTof aggregate per-fiber WDM
capacity. With a 40% traffic growth rate, the need for comma¢rgystems supporting per-fiber ca-
pacities of 1 Pbit/s around 2024 should be expected [1]. d&mwand for higher capacities drives
the evolution of fiber-optic communication systems.

One of the most promising approaches to cope with the evezasog demand for capacity is
by increasing the spectral efficiency of WDM systems. Thisreepred through employing high
order modulation schemes and through densely packing thelevagth channels. Nevertheless,
this should be accomplished without sacrificing reach,qreréince, power consumption or cost
in long-haul optical communication systems. Coherent dieteaising digital signal processing
(DSP) has been and still proves to be a key enabling techypatogptical communication sys-
tems to engineer such opposing yet indispensable objsctive once again considered a feasible
detection method particularly beneficial for long-hauliopt communication systems with high
data-rates. Many of the problems hindering the use of colheletection have been eliminated
with the advancements of analog-to-digital converters CApspeeds [2]. Most notably, DSP alle-
viates the need for hardware phase-locking and polarizétazking, which can now be achieved
in the digital domain. Only coherent detection as compaoeithé other two detection schemes,
namely non-coherent and differentially-coherent, erabide full recovery of the optical field at
the receiver. This feature opens up the possibility of semtigh order modulation schemes by
modulating either the amplitude, the phase or the frequeh@n optical carrier. Moreover, the
conversion of the optical signal to the electrical digitahthin enables the use of powerful DSP
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2 1. Introduction

algorithms to mitigate linear optical impairments in theatical domain as powerful as traditional
optical compensation techniques. Currently, optical pansgers supporting 112 Gbits/s data rates
per wavelength channel are feasible employing coherensimassion technology using two po-
larizations, a quadrature phase shift keying (QPSK) mdiduidormat and DSP to equalize for
optical-fiber impairments with a baud-rate as low as 28 GBaudhe transmitter side of a co-
herent optical system DSP can be also employed in conjunetith digital-to-analog converters
(DACs) in order to digitally filter the signal of each wavel@mghannel. Pulse shaping controls the
spectrum of the signals to be modulated and sent over arabfikier. This allows to densely pack
the wavelength channels in WDM systems as a way to efficiesiythie available optical band-
width. Densely packing of the channels thus enhances tharapefficiency of the system and
provides aggregate capacities of Thit/s. It can be condubat the degrees of freedom that the
DSP provides introduce a myriad of research options andlpbigss for future long-haul WDM
transmission systems.

Operating at data rates of 112 Gbit/s per wavelength chamtetiensely packing the separate
wavelength channels at baud-rate spacing limit the ovpeaformance of long-haul coherent op-
tical communication systems due to the induced interfexebmear impairments like chromatic
dispersion (CD) induce intersymbol interference (ISI) atshigh data rates. Dense packing of the
wavelength channels at baud-rate induces interchaneefenénce (ICI). For a robust system both
types of interference should be compensated. Noneth#tesgchniques for interference compen-
sation should keep the complexity for filtering minimal. Téfere, the first objective of this thesis
is to develop novel DSP techniques at the receiver with effsttive methods for CD equalization
to mitigate I1SI. The developed techniques improve the perémce of the system drastically with
the same or a marginal increase in complexity as compardwetbeénchmark design. The second
objective is to develop DSP methods at the receiver to mggror compensate ICI in baud-rate
channel spaced WDM systems while using DSP for pulse shapihg &ransmitter. The different
developed techniques give a compromise between perfoerartcomplexity.

1.2 Overview and Contributions

In accordance to the main objectives targeted for the thesi®rganize it in three main parts:

Chapter 2: Optical Transmission

In this chapter, we give an overview of long-haul opticahsmission systems employing wave-
length division multiplexing (WDM) techniques. The setupranuced is widely used in experi-
ments and in commercially available products enabling begfh-rates per wavelength channel. We
present polarization-division multiplex quadrature aitople modulation (PDM-QAM) transmitter
architecture necessary for the generation of different Qédyhals. For the receiver we depict an
architecture necessary for coherent detection systems.

As part of long-haul optical transmission systems, we presi@gle-mode fibers (SMFs) showing
its physical structure and characteristics. In these fildbesmost important linear deterministic
impairments that arise are also reviewed. Specifically,aee$ on chromatic dispersion (CD) for
which we provide the corresponding mathematical model agptioal channel. We also revisit the
different dominant sources of noise in long-haul transiorssystems.
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Chapter 3: Chromatic Dispersion Compensation in Long-haul Tansmission Systems

In this chapter, we mainly focus on the compensation of CD ng{baul transmission systems
carrying data rates of 112 Gbit/s per wavelength channe.rii&in obstacle for implementation at
a such high data rate is the complexity of the filtering algponis in terms of multiplications. This
is directly related to power consumption and the availgbof DSP circuits that offer very high
gate density and very high processing speeds.

Digital signal processing with coherent detection schemeser constellations, and fast analog-
to-digital converters (ADCSs) plays an important role in CD gansation. Digital CD equalization
can be either done in time-domain (TD) or in the frequencyrdim (FD). We show in this chapter
that FD equalization becomes more efficient than TD equadizavith respect to implementation
complexity over a wide range of CD values. Namely, the ovedag-save (OLS) and overlap-and-
add (OLA) are the most efficient FD methods for CD equalization

The OLS method with an overlap factor of 50% (OLS-50%) is adered as the benchmark for
FD CD compensation. Starting from this, we show how this netban be implemented as a
non-maximally decimated discrete Fourier transform (D#igr bank (FB) with trivial prototype
filters i.e. filters with rectangular impulse response. Thaatization using such a structure is
done per sub-band paving the way for more sophisticatedoanld- processing. Based on this
observation and exploiting the nature of the CD channel, wagdea delayed single-tap filter
in each sub-band that equalizes not only the phase of the CiBnehaut also its group delay.
Furthermore, we derive a delayed dual-tap equalizer froendiflayed single-tap equalizer that
aims at smoothing the group delay function of the latter égeia We show that both designs
provide improved equalization abilities as compared tob#echmark with the same complexity
in terms of multiplications. Just additional delay elenseate required for the delayed single-tap
equalizer and the delayed dual-tap equalizer requiresi®s$is some adders and/or subtractors.
Finally, we derive the coefficients of the FD equalizer thatets into account the response of
the transmitter and receiver besides the propagating CDnehahhe equalization abilities for
low and moderate CD value improve for this design. All the sl equalization methods are
implemented with a fractionally spaced equalizer opegadititwo samples per symbol.

Chapter 4: Baud-rate Channel Spacing in Wavelength DivisiorMultiplexing Systems

In this chapter, we present three approaches to either nzimior compensate interchannel inter-
ference (ICl). The latter arises due to considerable ovdrktween the spectra of the adjacent
wavelength channels. The overlap occurs because we cotisade¢he channels are spaced at the
baud-rate as a way to efficiently use the available opticatitédth.

In the first approach for ICI equalization, offset-QAM (OQANM)used as modulation format im-
plemented through staggering and destaggering, in thertnisier and receiver, respectively, of
the real and imaginary parts of the signal. Ideally, thereadCl in the system and the equal-
izer in each wavelength channel reduces to a single-chaellizer. In the second technique
where standard QAM (SQAM) is used as modulation format, wegtean ICI equalizer in each
wavelength channel which treats ICI in the same way as thdiagldioise for the regularization
term of the minimum mean squared equalizer. The third agbréa 1CI cancellation is based on
utilizing SQAM as modulation scheme and ICl is canceled ardoeiver with the help of digital
signal processing. It is based on a super-receiver arthirgearhich builds on conventional Nyquist
WDM systems. For such an architecture each received sigtia¢ afeighboring wavelength chan-
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nel is fed into the receiver of the wavelength channel ofregefor multi-receiver equalization.
We compare the different developed techniques for ICI egatdin or cancellation in terms of
performance, complexity and system requirements.

For all the different approaches for ICI equalization, a tdigroot-raised-cosine (RRC) pulse
shaper characterized with a non-zero roll-off factor islenpented in the transmitter and in the
receiver. This choice is justified by the fact that the resgloverall RC response satisfies the first
Nyquist criterion for intersymbol interference (ISI)-&¢ansmission.

1.3 Notation and Definition

We present here the notations and definitions which we wadlftesquently throughout the thesis.

Scalars are expressed in italic font. Vectors are writtelower case letters in bold face. Ma-
trices are written as upper case letters in bold face. Theatms(e)*, (e)7, and(e)™ denote the
complex conjugate, transposition and Hermitian operatespectively, where the Hermitian op-
erator represents a complex conjugate transposition. yilnéd « denotes convolution, unless it
appears as a superscript in which it represents complexgatipn. The expectation is denoted as
Ele].

The real and imaginary part of a signal, an impulse responaaymatrix in the time domain
are written as Ri¢e)] = ()R and Inf(e)] = (e)', i.e.

(o) = (&)R +j(e)", withj =+/—1. (1.1)
The conjugate of a complex argument is defined as
(o) = ()% —(s)". (1.2)

The z-domain representation of a signgh] is denoted a¥ (z) = Z {y[n]}. Thefrequency
domainargument: corresponds wherever it appears to technical angular éregesv according
to 2 = exp(jwT). This means that is associated with the sampling time interial

The z-transform representation of an impulse respadris¢ of a finite impulse response (FIR)
filter with P coefficientsh,,p =0,--- , P — 1, is given by

hin] = ZO h,0[n —p|] «— H(z) = ZO hyz"P = ; hlp|z~P (1.3)

whered[i] is unity for: = 0 and is zero else. Therefore, the transfer functibfx) can be equally
expressed by the filter coefficierits or the impulse response of the filteln|. Applying the linear
time invariant (LTI) filterh[n] to a sequence[n] corresponds to a convolution betwefgn] and

z[n]

yl) = hln] * zfn] = 3yl — ). (L.4)

Thediscrete Fourier transfornfDFT) matrix of dimensionV x N is defined as

1

Wy = ——
N\/N

(WA k141 (1.5)
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with Wy = exp(—j2n/N), k = 0,1,--- ,N —1andn = 0,1,--- , N — 1. Consequently, the
conjugate complex and transposed matrix

1
Wh =Wy =Wy = =Wy kiin 1.6
N N N \/N[ N ]k+1, +1 ( )
Is theinverse discrete Fourier transforiDFT) matrix.
The definition of theV-point DFT of a sequenceln|,n = 0,1,--- , N — 1 and its inverse can
be expressed by (1.5) and (1.6), respectively, according to

N—-1
X[k] = z[n)WEr = VNef W ya (1.7)
n=0
and
N—-1 1
z[n] = 2 X[k]Wy™ = \/—Ne;W*NX, (1.8)
with = [2[0], z[1],- - ,z[N — 1]]T and X = [X][0], X[1],--- , X[N — 1]]" and the unit-vectors

e, ande,,.
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2. Optical Transmission

In this chapter, we present an overview of long-haul opticahsmission systems which trans-
port the largest amount of data over the longest distanaesndet the increasing demand for
high capacities and data-rates, these systems use watretinigion multiplexing (WDM) tech-
nology, employ polarization-division multiplex quadregtamplitude modulation (PDM-QAM) at
the transmitter and coherent reception in the receiverafttiqular, we illustrate the overall struc-
ture of the transmitter and the receiver showing the necgssanponents in both entities and
their functionality. As part of the optical transmissiors®ms, the optical fiber link contributes to
the overall performance due to its characteristics. Fogdloaul transmissions, single-mode fibers
(SMFs) are employed. We present not only the physical stra@nd characteristics of such fibers
but also the most important linear deterministic impairtsenduced in them. We derive also the
corresponding mathematical model of the optical channeVaat to this thesis.

2.1 Introduction

The optical transmission links in the backbone of the telemoinication network can be classi-
fied into access, metro or long-haul networks depending e tegenerator-fregransmission
distance. A transmission link in (ultra) long-haul corewatk transports the largest amount of
data over the longest distancesl000 km) for trans-national, trans-continental and tracsanic
communication. To allow a manifold increase in the datagatf long-haul optical transmission
systems, WDM technology is deployed. By multiplexing a numiewavelength channels of
lower data-rates onto a single fiber, a WDM transmission liakgports large amount of data traf-
fic.
Figure 2.1 shows the typical layout of a long-haul opticahsmission system. The main role of
the optical transmitter of each channel wavelength is toutadd the electrical data sequence onto
an optical carrier generated by an optical source. The agpaavelength channels are then mul-
tiplexed together using a wavelength multiplexer and seet the same fiber link. At the receiver
side of the transmission link, the WDM channels are demetigdl using demultiplexers. Each
of the de-multiplexed channels is then fed into an opticedénresr, which converts the signal back
to the electrical domain for further processing. The trassian link itself consists of cascaded
fiber spans with optical amplifiers (OAs) in-between. The @Awlify the weak input signal from
the previous span and launch it again into the next span.alloiss long-haul transmission while
maintaining a sufficiently high optical signal-to-nois¢éiocg OSNR) at the output of the fiber link.
To cope with the ever growing demand for increasing the aggdescapacity for example from
telecommunication transports [3], new technologies in WDKkb-haul transmission systems need
to be deployed. This is attained through increasing speaffraiency (SE) without resorting to ex-

7



8 2. Optical Transmission

panding the bandwidth of optical amplifiers. The bit rate araVvelength channel spacing of a
transmission system is often expressed in terms of the SEhvidthe transmitted capacity per
unit bandwidth. One way to increase SE is to increase thatatper wavelength channel by using
advanced modulation formats. The other way is to pack WDM Veaggh channels closer to-
gether. For both ways, coherent detection is ideally suitéé rebirth of coherent systems which
occurred around the turn of the century was remarked by tkd teincrease SE in long-haul
transmission systems. Originally, the rise of coherentesys occurred in the seventies as means
to increase the repeater spacing which was typically 60a70The optical signal had to be regen-
erated periodically using electronic repeaters due to fas=es. An increased repeater spacing of
10-20 km was achieved by using coherently-detected sydienaise their use required less power
at the receiver. Compared to direct-detection systems [@vdilable at that time, coherent systems
showed their improved receiver sensitivity approachimgshot noise limit [6—8] which have been
extensively also demonstrated [6]. At that time the mairwthack of coherent systems was the
complexity of the receiver. For example, polarization-chatg is needed between the received
signal and local oscillator (LO) laser [9]. Additionallypleerent receivers that used homodyne op-
tical front-ends where the optical signal is down-mixecdily to baseband needed accurate phase
tracking between the LO and signal carrier [7, 9]. Early hdyme receivers used optical phase-
locked loops (OPLLSs), which were technically demandingtplement. The invention and rapid
commercialization of erbium-doped fiber amplifiers (EDFNS)] for optical amplification led to
the demise of coherent systems [9]. This is because EDFAsdat a cheaper and simpler way
to increase repeater spacing. Additionally, EDFA systeraslienited by amplified spontaneous
emission (ASE) instead of shot noise. Therefore, coheesgivers being limited by shot-noise
became less interesting [7].

One way to increase SE is to increase the bit rate per wawblehgnnel by using advanced
modulation formats. They are generated based on amplitndghase modulation such as dif-
ferential quadrature phase shift keying ((D)QPSK) and catade amplitude modulation (QAM)
with polarization division multiplexing (PDM). PDM douldehe number of information bits by
transmitting independent information in each of the twdogonal polarizations of an optical
fiber. Since coherent detection techniques enables thetieteof both the amplitude and the
phase of the received optical signal, sending informatipmiodulating either the amplitude, or
the phase or the frequency of an optical carrier becomeghfeahe two other available detec-
tion techniques, namely direct detection and differerdetection, do not provide this possibility.
Direct detection does not allow phase or frequency moduiats all phase information of the
signal is lost. Differential detection is a form of coherdptection also known as self-coherent or
pseudo-coherent detection. It is generally used with ssm@teiver signal processing. Although
differential detection enables greater receiver sengitikian direct detection, it is still limited by
linear distortions such as chromatic dispersion (CD) andnprdtion-mode dispersion (PMD), and
may not be used easily with polarization multiplexing. Athar problem with differential detec-
tion is that the signal is itself noisy, so the receiver s@nsi is reduced considerably. Since with
a coherent receiver all four dimensions of the optical figlohglitude and phase in two orthog-
onal polarizations) can be detected, digital signal preiogs(DSP) may be utilized to mitigate
linear optical impairments such as CD and PMD in the digitat&lcal domain. Mitigation of
the impairments in the aforementioned domain is as poweagutaditional optical compensation
techniques to the extent that only non-deterministic ¢é$fdegrade the performance. The advances
in integrated circuits and DSP technologies over the yeadsrproved and could now operate at
speeds high enough to process the baseband electrical Jipeg have made it possible to build
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coherent receivers with relatively low optical compleXityl]. Problems such as polarization- and
carrier phase-compensation, which were difficult to solk@/usly, could now be solved digi-
tally [7,12]. Independent of the optical channel, the cka€the optical front-end at the receiver
(direct, differential or coherent detection) systemadlyodefines the system properties such as the
noise statistics, being linear or nonlinear system andnggshase information of the optical sig-
nal or not. Coherent detection systems are predominandgiiwith Gaussian noise characteristics
and full transfer of all information from the optical domamto the electrical domain is possible.

The other way to increase SE in WDM long-haul transmissiotesys is to closely pack the
wavelength channels. The channel spacing could be less gna@ater than or equal to the the
symbol-rate (baud-rate). Packing the wavelength chamelsannel spacing less than the symbol-
rate achieves the greatest SE as compared to the other twoedtsgpacing techniques. This con-
cept which is referred to daster-than-NyquistFTN) signaling was introduced by Mazo [13]. The
main motivation with FTN signaling was the potential ingeaf SE by fitting more signals than
the orthogonality principle allows in a specific frequenapge. It is a non-orthogonal signaling
method where inter-channel interference (ICl) arisesrisyenbol interference (ISI) is inherit in
the structure because the symbols overlap in both the toneath (TD) and in the frequency-
domain (FD). Notwithstanding, the detection implemewiafor such systems relies on very com-
plex techniques. This is because the transmitted symbolsatsbe detected independently making
the complexity at the receiver high [14]. For a channel spagreater than the symbol-rate, neigh-
boring wavelength channels do not considerably overlafs Means that the power of ICl is low.
However, the main drawback of such a technique is the los&irC&annel packing at exactly the
symbol-rate gives rise to considerable ICI due to spectradayyeHowever, there exist classes of
orthogonal-signaling systems where despite symbol-fzdeisg, ICl is ideally not present in the
system and the reconstruction of the transmitted data shgnabbthe receiver side becomes simple.
The first system isrthogonal frequency division multiplexif@FDM) [15-33]. In OFDM, each
wavelength channel is shaped in the FD with a sinc functiaghboring channels cross ideally
exactly at the symbol-rate leading to zero ICI. Simple e@adilbn of the transmitting channel
is done at the receiver in the FD through a single-tap eqerabecause a cyclic prefix (CP) is
inserted in each transmitted block. However, the inser@énleads to a loss in SE. Another ma-
jor drawback of OFDM is the higlpeak-to-average power ratiPAPR) values incurred which
give rise to non-linearities in the optical channel. Theosectechnology to generate symbol-rate
spaced channels is the Nyquist WDM approach [34-47]. It isptementary to OFDM where
each channel has an ideal rectangular shaped spectrum intkbamdwidth equal to the symbol-
rate obtained by employing pulse shaping filters in the tratter. However, practical issues are
raised by the requirement of perfect rectangular spedtegiag which is difficult to realize. This
leads to both ISI and ICI. One challenge in Nyquist WDM systerith symbol-rate spacing of
the channels is to simultaneously minimize ISI and ICI imp&ints which can be achieved by
adopting transmitter-side and receiver-side approadfesthird technology to generate symbol-
rate spaced channels is by employing offset QAM (OQAM) as dutadion scheme for Nyquist
WDM systems [48-53]. In OQAM-WDM [54, 55], orthogonality beden the wavelength chan-
nels is attained by alternately staggering the real andniagjinary parts of the signal of the even
and the odd wavelength channels in the transmitter. At tbeiver side, destaggering of the real
and the imaginary parts of the signal in each wavelengthratlas done. Theoretically, OQAM
Nyquist systems are ICI-free systems.

This chapter deals specifically with the design of coheremgj{haul WDM transmission sys-
tems. It is organized as follows. In Section 2.2, we desaibransmitter employing WDM PDM-
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Fig. 2.1. Generic WDM Long-haul Optical Communication System

QAM technology and the different wavelength channel pagkechniques. In Section 2.3, we
explain the concept of coherent reception relevant to ttesis and we present accordingly a co-
herent receiver structure. The setup introduced is widsfdun experiments and in commercially
available products for WDM long-haul transmission systerith high data-rates per wavelength
channel. In Section 2.4, we present the different dominantces of noise in long-haul trans-
mission systems. In Sections 2.5 and 2.6 we describe, riasggcthe single-mode fiber usually
employed in long-haul transmissions, and give the mathieadamhodel of the CD channel relevant
to this thesis.

2.2 WDM PDM-QAM Optical Transmitter

The main role of an optical transmitter is to convert the ileal signal into an optical form and
launch the resulting optical signal into the optical fibéreTuilding blocks of an optical transmit-
ter are optical source, optical modulators, digital-tedag converters (DACs), DSP module, and
a channel multiplexer.

The block diagram of the transmitter is shown in Fig. 2.2.dnlewavelength channel, the un-
modulated optical pulses coming from the same optical ®ouen be optionally pulse-carved
through an optical modulator before they are split into the brthogonal (vertical and hori-
zontal) linear polarizations. For generating polarizattiivision multiplex (also named as dual-
polarization (DP) or polarization multiplexing (PoIMUXY)AM modulation formats, typically
two inphase-quadrature (IQ) modulators are used in pdraieh modulating the (optionally mod-
ulated) pulses generated by the optical source in eachgwttad polarization as depicted in the
block diagram in Fig. 2.2. In each polarization, two diggalurces generate binary information.
In the horizontal polarization, the bit sequenag$n| andx},[n] € {0,1} are generated. In the
vertical polarization, the bit sequencgdn| andy, [n] € {0, 1} are generated. A symbol, which
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Fig. 2.2. Transmitter for Polarization Multiplexing

is formed of two bits, has a duration ©f in seconds and accordingly a symbol-rateof= 1/7;
also called thévaud rate These electrical signals could be pulse shaped in theatldpimain to
meet some requirements for example ISI-free pulse trassmni®r pre-distortion of the DAC and
optical front-end. The continuous-time representatiothefelectrical signals is denoted, respec-
tively, by zR(t), z},(t), %3 (t) andip, (t). Therefore, in each wavelength channel the continuous-tim
electrical signals of both polarizations are first modudaig the (optionally pulse-curved) optical
pulses and then combined together with a polarization beambmer (PBC). The signal transmit-
ted over the fiber is generated by multiplexing the indepetiggenerated optically modulated
PDM-QAM signal in each wavelength channel.

This section presents optical sources (Section 2.2.1)mibst common optical modulation
principles (Section 2.2.2), optical pulse carving (Settib2.3), electrical pulse forming (Sec-
tion 2.2.4), WDM schemes (Section 2.2.5) and multiplexees{idn 2.2.6).

2.2.1 Optical Source: Laser

Most of the optical transmission systems based on singl@erfiber operating at data rates greater
than 5 Gbit/s use semiconductor lasergylit Amplification by Stimulated Emission of Radia-
tion) as light sources. Light emission can occur through two &mental processes known as
spontaneouandstimulated emissiarThe later is the dominant process in lasers. With stimdlate
emission, a narrow beam of coherent light is generated agd asthe optical carrier.

The quality of a carrier light wave and detection highly degieeon the quality of the lasers. Ide-
ally, the carrier is a light-wave with constant amplitudedguency and phase, that translates into
zero laser spectral line-width. Unfortunately, the perfearrier cannot be generated in practice.
The process of spontaneous emission takes place alongtimithlated emission, causing fluctu-
ations in the intensity and the phase of the signal, namgztoéigely, amplitude and laser phase
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noise. This subsequently results in broadening the speatlth of the signal. The requirements
on the laser linewidth depend on the data rate and the masluletrmat used to transmit data.
Nowadays, with the modern technologies like single-modggibuted feedback lasers (DFB) and
external cavity lasers (ECL), carrier signal with linewislih the kHz range can be generated [56].
Therefore, phase noise is not of concern for the systemtigatsd in this thesis.

2.2.2 Optical Modulation

Optical modulation is the process by which data, conveyeanirelectrical signal, is converted
into an optical signal with the same information. There asitally two techniques to encode the
information on the optical carrier; these are namely direotlulation or external modulation. In
direct modulation, the output of the laser is directly maded by varying the injection electrical
current. External modulation is achieved by biasing theragth a constant injection electrical
current and an external modulator is used to convert thérigalcsignal into an optical modulated
signal with a certain modulation format. Although directantation simplifies the transmitter and
Is cost-effective, the frequency chirp imposed by curreodalation limits the system performance
at data rates larger than 5 Gbit/s. Instead, external mtmtalare used to modulate the continuous
wave (CW) output of a laser.

Two types of external modulators are commonly used in opttoanmunications systems
which are the electro-absorption modulators (EAMs) andtedeoptic modulators (EOMs). EOMs
have been preferred over EAMs due to the advantages thatetieoeoptic materials offer such
as linear response characteristic, high extinction ratid, in particular, the possibility to generate
chirp-free signals.

There exist three external optical modulator structuréfjmmdamental importance for today’s
optical high speed transmitters, which employ one or mor&/EOThese are phase modulator
(PM), Mach-Zehnder modulator (MZM), and 1Q modulator.

2.2.2.1 Phase Modulator

A PM can be implemented as an integrated optical device byeddibg an optical waveguide e.g.
Ti:LINbO3 in an electro-optical substrate e.g. LiINgO'he electrical field is applied to the waveg-
uide using electrodes causing a change in the effectivaatfe index. This results in an in-phase
modulation of the incoming optical signal. A PM is shown irgF2.3. According to the Pockels
effect, the phase shift experienced by the light in eachdiraue to the change in refractive index
varies linearly with the applied voltagét). It can be expressed kyp = w% whereV, denotes
the drive voltage necessary to produce a phase shiftledtween the two branches and the con-
stant optical phase shift of the modulator was neglectepic@y values forV, range between 3 to

6 \olts.

2.2.2.2 Mach-Zehnder Modulator

The most widely used device for external modulation is theMMizhich employs PMs to modulate
the intensity of an optical carrier by arranging them in thieiferometric structure depicted in
Fig. 2.4.

In a MZM, the CW light of the laseFi,(¢) is split equally (ideally) into two branches. The
refractive index of the waveguide material is changed bymaed the externally applied voltages
v1(t) andwy(t) in each branch, respectively, therefore, producing a pslaiiein the optical field.
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Depending on the applied electrical voltages, the interfee which varies from destructive to
constructive produces intensity modulation. If no voltag@pplied, the optical field in the two
branches experiences equal phase shift and interferegrwomely. If different voltages are ap-
plied to the arms of the MZM, constructive interference nager occurs, and the intensity of the
light at the output of the MZM is reduced proportionally tetphase difference between the two
arms. When the phase difference between the arms destructive interference occurs and no
light is transmitted.

For the case, (t) = v,(t) = v(t) andV;; = V.o = V., pure phase modulation is achieved and
the MZM operates in the push-push mode. In cage) = —v,(t) = %v(t) andV,, = V., =V,
the two branches have opposite phase shift and chirp-frgditade modulation is obtained. In
this case, the MZM operates in the push-pull mode with thieiehg time response

2.2.2.3 In-phase and Quadrature Modulator

Arbitrary complex optical waveforms can be generated usingoptical IQ modulator. An 1Q
modulator is composed of a PM and two MZMs, which is commdycavailable in an integrated
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form schematically shown in Fig. 2.5. The incoming CW lighttleé laserEi, (¢) is equally split
into two arms namely the in-phase and the quadrature armld\dmaplitude modulation can be
performed by operating the MZM in the push-pull mode in bath@which is used to produce the
in-phase and quadrature components of the signal, regplgctrurthermore, a relative phase shift
of 7/2 is adapted in one arm by a PM. With this method any constetigibint can be generated
in the complex I1Q-plane. The response of an optical IQ mddulzan be expressed by

) ) e

2.2.3 Optical Pulse Carvers

The shape of the generated optical pulses significantlgtafibe overall performance of a com-
munication system. An advantage of pulse carving is thatitgases the robustness of the system
against imperfections in the transmitter. In high bit-rap¢ical transmitters this can help to reduce
the stringent requirements on, for example, the bandwitithemodulator and driver amplifier
voltage swing [57]. Additionally, pulse carving reduces timwanted chirp that arises between
successive symbols [56]. The optimum pulse shape will dgmanthe transmission scenario,
e.g. available bandwidth, transmission distance and typeko

The most straightforward pulse form is the non-return@mzaNRZ) where a pulse filling the
entire symbol period is transmitted. Another common putsgs is known as return-to-zero (RZ),
where the optical power goes to zero in each symbol period.uR&p are generated in the optical
domain by means of an MZM used for pulse carving.
Optical pulse carving using an MZM is done as follows. The Cytiticoming from the laséfi, (¢)
is modulated by the electrical sinusoidal driving voltage) = V,, cos(2m fit 4+ ¢) + vpias With
peak voltagé/,, frequencyf., phasep and bias voltageyi,s. The four parameterfV,,, f!, ¢, vpias}
determine the characteristics of the generated pulsesaMirtie response of the pulse carver MZM
given by (2.1). Typical values for such parameters as listéihble 2.1 give rise to three different
pulses with a duty-cycle of 33% (RZ-33%), 50% (RZ-50%) and 6 R%-67%).

2.2.4 Electrical Pulse Forming

The signal to be transmitted over the optical fiber can be esthagpich that an 1SI-free received
signal is obtained. Nyquist pulses meet this requiremespitie band-limitation [58]. In WDM
architectures, Nyquist pulses are generated to allevistenéed of guard symbols necessary in
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Pulse Peak Drive Bias phase

shape \oltagéd), frequencyf. voltageuvpas ¢
RZ-67% Vi 1/(2Ty) V. - /2
RZ-50% Vi/2 1/(Ty) Ve /2 0
RZ-33% V)2 1/(2Ty) 0 0

Table 2.1. Parameters of the drive signal for pulse carving

OFDM systems as a way to improve SE. Moreover, to avoid peidoce degradation due to op-
tical front-end and the bandwidth limitation of DAC, the tsamitted signal is pre-distorted. By
using different DSP algorithms the electrical signal intifa@smitter can be both pulse shaped and
pre-distorted. Electrical pulse forming in the FD is supeaver both TD and optical pulse form-
ing. For FD pulse forming, discrete Fourier transform (DRny inverse DFT (IDFT) operations
are to be applied on the signal.

A filter which satisfies first Nyquist condition for ISI-freeahsmission is the raised-cosine
(RC) filter. A root-raised cosine (RRC) filter is derived from an R@&fikaccording to the require-
ment that the receive filter should be matched to the trarfgtaitin order to get sufficient statistics
for the subsequent symbol decision based on sampling aythiedd rate. In this way, the signal-
to-noise ratio at the sampling instants is maximized. Tkhguency response of an RRC filter is
obtained by taking the square root of the frequency respoihae RC filter. It reads as

1—
VT, 0<|fl < &,
Herelf) = § VTseos (%2 (111 - 52)) . 52 <11 < 52, (23)
0, fl > 3.

The frequency response of an RRC filter in the passband of teei§ilperfectly flat, the transition
from the passband to the stopband characterizes this fdtan&RRC filter, and the stopband is
the band where the frequency components of the signal afectigrattenuated. The parameger
with 0 < p < 1 is called the roll-off factor and can be adjusted to deteentive steepness of the
transition band and therefore the bandwidth of the filteyuFe 2.6 shows the frequency response
of an RRC filter with different values far.

To avoid the significant degradation of the signal to be seet the fiber link due to the
DAC and optical front-end, a pre-distorter is operated mdigital domain at the baseband. Pre-
distortion of the DAC and optical filtering is simply perfoeah on the input signal by filtering it by
the inverse of the combined impulse response of the DAC amaptical filter. Pre-distortion of
the input signal by filtering with the inverse of the propagatchannel impulse response can be
also done. However, due to possible high induced PAPR vatunesthe need for a fast feedback
channel from the receiver and for exact knowledge of thetetlation of the system, pre-distortion
of the channel impulse response is not further discussdukithesis.

2.2.5 Wavelength Division Multiplexing Schemes

WDM corresponds to the scheme in which the output of seveaslstnitters, each operating
at its own carrier frequency, (or correspondingly wavelength.), is multiplexed together.
The multiplexer combines the output of several transnstsarch that the frequency separation
Af = f* — fv=! between the neighboring carrier frequencigs® and f* of useru — 1 andu,
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Fig. 2.6. Frequency response of a Root Raised Cosine filter

respectively, is only a fractiong, of the inverse of the symbol peridd, i.e.
asp= AfT; (2.4)

whereas, could be equal to, less than or greater than 1.

For long-haul fiber links forming the backbone or the core télacommunication network, the
role of WDM is simply to increase the total capacity of the eyst The ultimate capacity of WDM
fiber links depends on how closely the wavelength channelb®eaacked. The minimum channel
spacingAf is limited by inter-channel crosstalk or inter-channeenférence. A measure of the
spectral efficiency of a WDM system is givenias = aLp Attempts are made to make, as large
as possible.

For as, < 1 through which the maximum SE is obtained, neighboring cenare spaced
below the symbol-rate i.é\ f < B. This is a non-orthogonal signaling method where in addito
ICI, ISl is inheritin the structure even in the absence of agnaission channel because the symbols
overlap in both TD and FD. Notwithstanding, the detectioplementation for such systems relies
on very complex techniques since the transmitted symbaoisoabe detected independently due
to the system’s inherent ISI and ICI. This makes the compjeatithe receiver high [14].

For asp = 1, neighboring channels are spaced exactly at the symwi-mtA f = B which
gives rise to considerable ICI due to spectra overlap. Therelasses of orthogonal-signaling sys-
tems where despite symbol-rate spacing ICl is ideally nadgarein the system structure. Thanks
to orthogonality, the reconstruction of the transmittethdaymbols at the receiver side becomes
simple. Three orthogonal multiplexing schemes exist waighknown from radio communications
and have been later adapted in optical communications R]6F8e first scheme is the multicar-
rier OFDM [15] scheme where the pulse in each wavelengthredldras a sinc-shape and adjacent
pulses have zero-crossings at the symbol-rate. In OFDM, RiBpresent at the transmitter and
a IDFT at the receiver requiring DAC and analog-to-digitaheerter (ADC), respectively, at both
entities. ICl is combated by introducing a guard intervalssn the transmitted blocks. This leads
to loss in SE. Moreover, OFDM is sensitive to frequency misimdetween the transmitter and
receiver. Additionally, an OFDM signal exhibits high PAP&uwes giving rise to non-linearities in
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the optical channel. For these reasons, we do not consideMXds a multiplexing scheme in this
thesis. The second orthogonal scheme is complementary@®/QiEis the Nyquist WDM scheme
where each wavelength channel has an ideal rectangulaeditspectrum with bandwidth equal
to the baud-rate. Electrical as well optical filters are usegenerate such a spectrum as reported
in [34—47]. However, practical issues are raised by theiremqent of perfect rectangular spectral
shaping which is difficult to realize which leads to ISI and.IThe requirement on an ideal rect-
angular spectrum is relaxed by varyipg@f the RRC filter to obtain Nyquist pulses. The resulting
Nyquist WDM system is non-orthogonal. One challenge in tlsgstems is to simultaneously min-
imize ISI and ICIl impairments achieved by adopting transmiside and receiver-side approaches.
The third orthogonal signaling scheme which is known fromréidio communications [54,55] and
is applied in optical Nyquist WDM systems is the multicar@@AM modulation [48-53]. Or-
thogonal multiplexing is achieved by alternately stagygthe the real and the imaginary parts of
the signal in the transmitter of each wavelength channdewhihe receiver, destaggering is done.
However, this is achieved by setting strict requirementshenfrequency, time and phase offsets
between the wavelength channels in the transmitter andvescén this thesis, we will consider
the last two schemes for Nyquist WDM systems with baud-rateliannel spacing.

For asp > 1, the spacing between neighboring channels is greater bebaud-rate which
meansA f > B. In this case, the ICI induced in such a system is smaller thaaystems where
asp = 1 andasp < 1. For sufficiently large spacing, ICI is even negligible. Thimplifies the
design of both the transmitter and the receiver. Howevemthin disadvantage of such systems is
the great loss in SE. For this reason, we will not consideriltiplexing scheme in this thesis.

2.2.6 Multiplexer

Optical signals of different wavelength channels in thegraitter of a WDM system are com-
bined by a multiplexer. The most frequently used technigoa@eptically multiplex multiple WDM
channels are arrayed waveguide gratings (AWG), thin-filrerBIf9, 59] or wavelength selective
switching (WSS) components.

For experiments, optical filters are used as multiplexergtic@l band-pass filters are mod-
eled as non-causal Gaussian filters with real-valued tearishction. The transfer function of a
Gaussian band-pass filt&izp( /) can be given by

22n0d In (2
Haol ) = o105 B2 (on( - 1) ) @25
wherenyg is the order of the filterf. is the center frequency angbsgg is the double-sided 3-dB
bandwidth of the filter, both given in Hz.
A low-pass equivalent of the optical filter in (2.5) can be glifired to

H,(f) —exp(— 1n(\/§)( 27 > n) (2.6)

BOSdB

The transfer function of the optical low-pass filtdy,(f) for different ordersno,g = 1,2,3 are
plotted in Fig. 2.7 forB = 28 GHz andBozgs = 35 GHz.

2.3 Coherent Optical Receiver

The role of an optical receiver is to convert the optical aigmack into the electrical form and
recover the data transmitted through the lightwave systeoconsists of photodiodes, optical and
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Fig. 2.7. Transfer function of an optical filter modeled as a Gaussianpasslfilter for various ordeftyq

electrical filters (laboratory channel demultiplexerg)lgpization beam splitters (PBSs), coherent
detection modules (2 4 90°-hybrid), ADCs, and DSP module.

In Section 2.3.1, we present the three different coheretaiction concepts. In Section 2.3.2,
we present a coherent receiver employed in commercialljedoi@ products.

2.3.1 Concept of Coherent Detection

In order to decode information bits from the complex phasedurated optical signal, the receiver
needs to detect both the absolute phase and amplitude @dbwed signal. For this a LO is used
at the receiver to beat with the incoming optical signal beefofalls on the detector.

There are three types of coherent detection methods thaiecdifferentiated. These are ho-
modyne, intradyne and heterodyne detection. All employséw@e principle of operation. The
signal-LO beat term mixes the signal either down to the basglfhomodyne detection) or to an
intermediate frequency (heterodyne detection) using 20°-hybrid. The term intradyne detection
is used if the intermediate frequency is smaller than thgueacy of the signal. The most com-
monly used and implemented methods in commercially aviailptnducts for coherent detection
are homodyne and intradyne detection.

Homodyne detection generates an electrical signal in teeldeand such that the frequency of
the LO is the same as the frequency of the carrier signal. Téie advantage of this scheme is
that an DSP for residual frequency recovery is not neededieder, the main disadvantage is its
phase sensitivity. Ideally, the phase of the LO should bé &epstant, but in practice it fluctuates
randomly over time. Therefore, it should be optically cotliéd. Such changes could be tracked by
an optical phase-locked loop (PLL). However, it is not sienfd implement such an analog loop
making the design of optical homodyne receivers quite caragdd. In addition, the condition that
the frequency of LO and the carrier signal should be the santgegtringent requirements on the
laser used at the transmitter and the one used for the LOgeTgreblems can be overcome by the
use of intradyne detection [60].

Intradyne detection generates an electrical signal at samnmediate frequency near to fre-
guency zero. Compared to homodyne detection, the LO lassminaeed to be coherent with the
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Fig. 2.8. Simplified block diagram of a typical polarization-diverse, intredgoherent demodulation with
a free-running LO mixing with the modulated optical signal in two opticalBgbrids

incoming optical carrier. The difference in terms of fregag and phase between the LO and the
laser in the transmitter is compensated in the DSP modul@araditomatic frequency controller
is employed. Intradyne detection requires optical andtetad components with bandwidth only
slightly larger than the signal’s bandwidth. This allowstae relaxation on the requirements of
the optical sources. Today’s commercially available digibherent receivers are based on polar-
ization and phase diversity intradyne coherent detectippasrted by DSP.

2.3.2 Coherent Receiver Design

In coherent receivers, all the information of the opticghsil such as amplitude, frequency, phase
and polarization can be transferred into the electrical@iamA first advantage, thus, of coherent
receivers is that the demodulation can be performed cosiplet the electrical domain and the
complexity for the optical components can be reduced. Thihdu advantages are the possibil-
ity for electronic compensation of transmission impairtsesnd the existence of tunable WDM
receivers with highly selective channel separation.

Here we present polarization diverse intradyne demodulat setup widely used in exper-
iments and also in commercially available products. It imposed of an optical front-end and
subsequent digital signal processing for data recoverg. @dlarization and phase coherent re
ceiver model is shown in Fig. 2.8.

For wavelength channel demultiplexing, band-pass opfiltats are used in the simulations
of WDM systems at the receiver. An optical bandpass filter asrgin (2.5) is convolved with
the receive signat,(¢) to separate the wavelength channels. Afterward, the mtatlkignal is
split by a PBS into its vertical and horizontal polarizatiolmdradyne downconversion by mixing
the LO with the signal can be achieved by an opticalBgbrid in each polarization. The inphase
and quadrature components in each of the orthogonal patenis is transferred into the electrical
domain by the balanced photodiodes. The electrical sigoad the quadrature front-ends is filtered
by a low-pass filter and then digitized with ADCs before beiad into the DSP unit. In the DSP
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unit, the linear impairments of the channel like CD and PMD amihg and carrier recovery are
compensated for to obtain the equalized sigials] = 2R[n|+ji4[n] andgy [n] = §5[n] -+, [n]
in the horizontal and vertical polarization, respectively

We give the details on the components of a coherent receivbeiwhat follows.

2.3.2.1 24 90°-Hybrid

Since photodiodes can only detect the power of light sigarahdditional component is necessary
in coherent receiver for the detection of phase informaWith the 2<4 90°-hybrid, the detection
of the in-phase and quadrature components of the opticabkig enabled to demodulate the
received signal with the LO. It is composed of two power $pig and a relative phase shiftof2
between the inphase and quadrature arm.

2.3.2.2 Photodetector

Photodetection is the process by which an optical signabiserted to an electrical signal. The
main requirements for a photodetector are high sensititiitgh response bandwidth, low noise,
low cost and high reliability. A photodetector is usuallyrgoosed of a photodiode and a receiver
electronic circuit.

In this thesis, we consider that the photodiode is an igeali — n photodiode with unity
responsivity. The responsivity is proportional to the quamefficiency of the photodiode defined
as the quotient between the electron generation rate arghtiten incident rate.

2.3.2.3 Electrical Filters

At the receiver side, electrical filters are used in ordeutther filter the noise after photodetection
since optoelectronic components like photodetectors anelwidth limited. In digital receivers,
electrical filters can be used as image rejection filtersreeA®Cs.

Electrical filters are usually modeled as low-pass Bessetsikince they can be physically im-
plemented, exhibit a linear phase response and an excsiggmtesponse with minimal overshoot
and ringing [56]. In this thesis, fifth-order Bessel low-piksrs are used with normalized transfer
function given by

H.(f) s

T jF5 4 15F% — 105, F° — 420F2 + 9455 F + 945’

2.7)

K.
whereF = 3dBf, Ksgg = 2.4274 is the 3-dB normalization constant aiiisgg is the single-

sided 3-dB bandwidth of the filter given in Hz.

2.3.2.4 Analog to Digital Convertor

The four output analog electrical signals of the coherecgixer are digitized. For simplicity, the
signals are digitized at 2 samples per symbol. This rate efsampling is not strictly necessary,
but reduces the constraints on the required anti-aliadtegsfiand enables compensation of a larger
range of frequency offset. As these ADCs operate in the regfidb GSa/s (fol3 = 28 GHz), the
performance of these components is critical. Both the numbigits of resolution and timing jitter
introduce uncertainty into the digitized signal. A metrigperformance for ADCs is the effective
number of bits (ENOBSs). The greater the ENOBs in the digitaldytre finer the resolution of the
DAC.
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2.3.2.5 Digital Signal Processing Module

For receivers with coherent detection, DSP is required ¢ower the data information. There are
different modules in the DSP. These are modules for FD erptgdn of CD, TD equalization of
PMD, and modules for the timing and carrier recovery.

The memory length of CD channel increases quadratically thighbaud-rate. For baud-rates
of 28 GBaud and more, the memory spread is in the order of hdadwe symbols. We show
in Sec. 3.3.3 that for such high data-rates it is more effidietterms of complexity, defined as
the number of real multiplications, to equalize CD channdrihrather than in TD. The mem-
ory spread of PMD for such high baud-rate is in the order o$ teihsymbols. Therefore, PMD
equalization is done in TD. Since CD equalization can opendtieout timing synchronization
whereas PMD can not because of the need to adapt the codfiéoeTD FIR PMD equalizer,
timing recovery can be done after CD equalization but mustdyee defore PMD equalization.
Most methods available for carrier recovery can not operetee presence of channel distortions.
Therefore, carrier recovery is performed as a last stepaidtBP module.

Putting all the modules in a nut shell, the order of the d#fégrmodules of DSP is shown
in Fig. 2.9. FD equalization (FDE) is done in a first step for Gidnpensation. Afterward, the
sample-rate synchronization and the optimal sample-tstimation can be performed with one of
the different timing recovery algorithms e.g., Gardneritignrecovery [61], square timing recov-
ery [62], Mueller & Mueller timing recovery [63], and histagm based timing recovery [64, 65].
Timing recovery is applied after FD equalization of CD anddoefTD equalization. Following
timing recovery, PMD and residual CD are compensated for antadaptive TD FIR filter having
butterfly structure. The adaptation of the coefficients ef ER filter can be implemented with
either non-data-aided algorithms such as constant modidosithm (CMA) [66] or the decision
directed least mean square (LMS) [67] algorithm or with emtied adaptation algorithms such
as CMA, LMS and minimum mean square error (MMSE) [68]. Finalyrier synchronization is
applied after TD equalization.

We assume in this thesis that timing and carrier recovery elsag the TD equalization of
PMD perfectly work. Therefore, we focus on the FD equal@atnodule to improve the perfor-
mance of the overall system in terms of increasing the dsspertolerance and decreasing the
required optical signal-to-noise ratio (ROSNR) values tigiodesigning different FD equalizers.
We propose, therefore, two novel FD equalization methodeefroup delay of the CD channel
that have the same complexity in terms of multiplicationsh@sbenchmark method. In baud-rate
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spacing of the wavelength channels in WDM systems we desitgreht equalization methods
that take into account the incurred ICI to improve the ovgualformance of the system. In such
systems considerable ICI arises because of the baud-rategd the channels.

2.4 Noise in Coherent Systems

There are different noise sources in optical communicatigsiems. These sources include am-
plified spontaneous emission (ASE), shot and thermal ndiskeeoreceiver. ASE is induced by
optical amplification. It results from spontaneous emissiothin EDFAs, which is then subse-
quently amplified. Shot noise arises when an avalanche pfiotte is applied. Thermal noise
arises in the electrical circuits.

The dominant source of additive noise in long-haul coheogtical transmission systems is
ASE. Besides, the linear transfer function of the receivecaherent optical systems preserves
the Gaussian noise statistics of ASE. ASE noise is polanizahdependent; it can be modeled
as an additive white Gaussian noise (AWGN) with identical @ogpectral density (PSD) in each
polarization. Although filtering at the receiver with an igpt and an electrical filter weakens the
assumption of white noise, the noise process in the elatttimmain can be described as AWGN
with a Gaussian power density function (PDF) with a certa@amand variance.

2.5 Optical Fiber

In 1966, Kao and Hockham proposed to use glass fibers as a wdeeipr long distance com-

munication at optical frequencies [69]. Since its intraglut, many different fiber types have been
developed. In this section, we present first the charatitrisef the fiber being used throughout
this thesis, then the linear impairments induced in an apfiber and finally the mathematical
model of the optical channel of interest in this thesis.

2.5.1 Fiber Structure

An optical fiber consists of a circular glass core surroundgda cladding layer as shown in
Fig. 2.10(a) having a refractive index, which is slightly lower than the core index,. Such
fibers are generally referred to as step-index fibers tondjsish them from graded-index fibers
in which the refractive index of the core decreases gragdiain center to core boundary and is
function of the radius as shown in Fig. 2.10(b). Most of therfdare made from glass, i.e. Silica.
For silica fibers;ne, ~ 1.48 and depending on the fiber typg, is 0.2 to 3% lower [70]. The
cladding confines the light into the core through total ingreflection and reduces the scattering
loss at the core-cladding boundary. The coating or jack&tefiber provides mechanical strength
and protection against moisture.

Optical fibers are designed to support either a single-modaitiiple-mode £ 100) transmis-
sion. The main difference between the single-mode fibersHg§Mnd multimode fibers (MMFs)
Is the core size. The core radiug is typically 25-30um for MMFs. However, SMFs requir&.,
to be< 5 um. The numerical value of the outer radius is less criticdbag as it is large enough
to confine the fiber modes entirely. Because MMFs have largersine than SMFs, they support
more than one propagation mode. The different modes in Myl at different group veloc-
ities causing intermodal dispersion. This leads to pulsadening when the signal travels along
the MMFs giving rise to ISI. Thus, intermodal dispersionitsrthe feasible transmission distance
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in MMFs. For this reason, all long-distance communicatifiimsrs are single-mode fibers [9]. Al-
though SMFs do not suffer from intermodal dispersion, ppakcdeterministic linear (attenuation
and dispersion) and nonlinear effects cause signal detijpad@hese effects depend on the concen-
tration of dopants in the material, the refractive indexfigothe effective area and the wavelength
of the propagating field. The various types of single-moder§itare typically characterized by
measurable parameters.

The term optical fiber in this thesis refers to standard simgbde fibers (SSMFs) unless noted
otherwise.

2.5.2 Fiber Loss

The optical signal losses its power as it propagates thraufber due to absorption by the glass
particles and scattering by microscopic imperfectionhmfiber. This loss is called attenuation.
If P in W is the power launched at the input end of a fiber, the signalepd¥/) in W after
traveling distancé, is given by

P(l) = Prexp(—aatla), (2.8)

whereagy is the attenuation coefficient in Neper per kilometer whglagssumed to be constant
in the vicinity of the carrier angular frequency.. Conventionally, the attenuation coefficient is
expressed in dB/km, which is related to Neper by

aai[dB| = 10log,, exp(aan) ~ 4.3430ax. (2.9)

The attenuation coefficienty; is a measure of the total fiber losses from all sources. Itratpe
on the wavelength. and the carrier frequencf. which are related according o = ¢/ f. where
c = 2.998 x 108 m/s represents the speed of light in vacuum. Several factorsibute to overall
losses; the two most important among them are material ptisorand Rayleigh scattering. Ma-
terial absorption can be divided into two categories isidrand extrinsic absorption. Intrinsic ab-
sorption lossesayy (dominating for short wavelengths) angk (dominating for long wavelengths)
occur due to electronic and vibrational resonances agsdaidth silica (SiQ) molecules, respec-
tively. Extrinsic absorptiornvoy is related to losses caused by impurities within statdiefart
silica fibers due to the presence of water vapors. Rayleigtiestay results from local micro-
scopic fluctuations in the material density that are credtethg the manufacturing process. It is
strongly wavelength dependent and varies As'.
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Band Description Wavelength Rangegnm]
O-band Original 1260 to 1360 nm
E-band Extended 1360 to 1460 nm
S-band Short wavelength 1460 to 1530 nm
C-band Conventional 1530 to 1565 nm
L-band Long wavelength 1565 to 1625 nm
U-band| Ultra-long wavelength 1625 to 1675 nm

Table 2.2. SSMF spectral bands

In modern lightwave systems, is chosen from a set of frequencies standardized by the Inter
national Telecommunication Union (ITU) which defined sinba for transmission using single-
mode fiber: the O, E, S, C, L and U-band ranging from 1260 nm t® 17 as shown in Table. 2.2
[71]. As the name implies, the original band (O-band) waglusesarly long-haul transmission
systems. Nowadays, practically no long-haul system ensploy O-band. However, the O-band is
used almost exclusively for the client interface in the asagetwork [72—75]. Due to the relatively
high attenuation, the extended band (E-band) and the wlhg-Wwavelength band (U-band) are
less interesting for most fiber-optic applications. Mosneoeercial transmission systems employ
the conventional band (C-band), from 1530 nm to 1565 nm, whiediber loss is the lowest.
When more bandwidth is required, the transmission capaaityoe increased by using the long-
wavelength band (L-band), from 1565 nm to 1625 nm. Altexady| the short-wavelength band
(S-band) from 1460 nm to 1530 nm can be used.

Modern fibers exhibit a loss af,4[dB] ~ 0.2 dB/km near the wavelength, = 1.55um,
which is the reference wavelength for most long-haul optremsmission systems [60]. Therefore,
transmission in the C-band will be considered in this thesis.

2.5.3 Chromatic Dispersion

The angular frequency dependence of the refractive imdey causes the effect of material dis-
persion that contributes the greatest to chromatic digperas a result, different spectral compo-
nents of an optical pulse propagating in a fiber travel ahfliygifferent group velocities given by
¢/n(w) leading to ISI.

Mathematically, the effects of chromatic dispersion amoaated for by expanding the mode-
propagation constart(w) = n(w)% of the fundamental mode in SSMF into a Taylor series with
the assumption thakw = w — w, K w,

B(w) zﬁo+51-(w—wc)+%62-(w—wc)2+~-- (2.10)
where
g = "B m=0,1,2,--- (2.11)
dw™ .

The constant phase shift is representeddm rad/km. The first two derivative$, in ps/km and3,
in ps’/km correspond to the group-velocity and the group veladigpersion (GVD), respectively.
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Both are related to the refractive indekw) and can be derived as follows, respectively,

b= =" =2 () + )| (2.12)
Vg c c dw w=we
1/ dn(w) d*n(w)
ﬁz = E (2 dw +w de ) w:wc, (213)

wheren, is the group index and, is the group velocity. Instead of the propagation constapit
is more common to use the dispersion paramg&kgs expressed in s/fmbut usually measured in
ps/nm/km to characterize optical fibers, which is relatedtas

_dp _ 2mc
dx A2

Bo. (2.14)

The termp3; in ps’/km represents the slope of CD. It is also called third-ordgpetsion which is
the change in dispersion as a function of the reference anffeljuencyo.. Often, the dispersion
slope paramete$ expressed in ps/nitkm is used instead ¢f; to characterize optical fibers [9]

dDcp  4rme ore 2
S = T 52+(A2> Bs. (2.15)

The bandwidth of most signals at bit rates up to 100 Gb/s ishnmacrower than the bandwidth
over whichp, varies for the most common fibers. Consequemntjyepresents an effective change
of 5, from one channel to another in WDM systems rather than havisigraficant impact in
single-channel systems. Therefore, when considering ginfyle-channel transmission, the effect
induced bys; can be neglected.

In optical fibers, CD results from material dispersibgy. Apart from material dispersiofy,
another important dispersion effect that occurs in SMFsagaguide dispersiohy,. Waveguide
dispersion is caused by the fact that the optical field isotallyy confined to the core of a fiber and
thus partly propagates through the cladding [70]. And agéfractive index of the core and the
cladding is different, waveguide dispersion arises. Therdaution of the waveguide dispersion is
dependent on fiber parameters such as the radius of the abthedifference in refractive index
between the core and the cladding. Therefore, the fiber Westgrmines the dispersion profile of
the fiber. Fig. 2.11 shows the chromatic dispersiagp and the relative contributions of materiel
dispersionDy, and waveguide dispersiadny, for SSMFs.

In SSMFs, the dispersion profile is mainly determined by tlaemal dispersiorDy,. In the
C-band the dispersion parameter for SSMF around the caraeelength\, = 1550 nm varies
betweenDcp = 15 — 18 ps/nm/km. We consider in this thesis thagp = 17 ps/nm/km. The
dispersion slope is typicall§ = 0.06 ps/nn¥/km.

2.5.4 Birefringence

Two orthogonally polarized fundamental modes are able epggate in a single-mode fiber. In
a perfectly cylindrical and stress-free fibers, these madesindistinguishable and degenerate.
This means a mode excited in the horizontal polarizationlevaot couple with the mode in the
orthogonal vertical polarization and both modes have idehpropagation properties. However,
in practice, fibers exhibit a certain amount of anisotropg tluintrinsic geometrical asymmetries
or due to external stress. As a consequence, a perfectaricre shape with a constant refractive
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Fig. 2.11. Chromatic dispersiabicp and the relative contributions of materiel dispersiofg and waveg-
uide dispersiorDyy for SSMFs.

index along the fiber cannot be achieved. As a result, bothesiadll propagate with different
velocities and exchange power along the way. This is redldob@smodal birefringencendmode
coupling respectively. The strength of modal birefringence is aefiby [60]

Ac| gt = Y|

2T

An = |ny —ny| = (2.16)
whereny andny are the modal refractive indices of the two orthogonallyapiaed fiber modes.
The axis along which the mode index is smaller is called tkedais because the group velocity
is larger for light propagating in that direction. For thengareason, the axis with the larger mode
index is called the slow axis. Due to the different group eities 5! and5) of the fundamental
mode of both polarization components, respectively, tHegbecomes broader as the two com-
ponents disperse along the fiber. In a short piece of fiberrgtkelLr, where birefringence can
be considered constant, the broadening can be estimatadhmtime delayAr between the two
polarization components during propagation of the pulde. fime delay\r is usually referred to
asdifferential group delayDGD) and is given by

w.AN
A7 = Lelg - BY) = 222, (2.17)

Birefringence leads to a periodic power exchange betweetwibgolarization components.
The period, referred to as the beat length, is given by

Lg = \/An. (2.18)

In SSMFs, typical values dfg are in the range of 10 to 30 meters [76]. SSMFs do not behave
like a single birefringence segment since the birefringecitanges over the fiber. Therefore, real
SSMFs need to be modeled by concatenating multiple fiber segnin which the birefringence
properties are locally constant.
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2.5.5 Polarization Mode Dispersion

Birefringence leads to the linear effect of polarization madispersion (PMD). For real fibers, the
birefringence is not constant and changes randomly ove, firaquency and fiber length because
of change in the shape of the core due to fabrication impeofex; mechanical stress applied to
the fiber, temperature changes, etc. PMD causes, for amaaybimput polarization, a pulse with
sufficiently low bandwidth to be split into pulses at the autpf the PMD section. The resulting
pulses are delayed against each other by DGD. As a result, Bfi4Bs as a stochastic process
where the DGD imMA7 in (2.17), also called first-order PMD, is not constant arahges randomly.
The mean DGD value denoted a$/r} is referred to as the PMD value. The evolution of
PMD for light propagating through a long span of fiber withdamly changing birefringence
sections can be modeled by concatenailig,p sections. The effect of local birefringence does
not accumulate linearly from section to section as it can apdand subtract in each section.
For this reason the PMD needs to be statistically described.probability density function for
the DGD,p(Ar), of a fiber section at any particular time can be characterimea Maxwellian

distribution [77]
]2 (AT)? (AT)?
p(AT) = \/; i exp(— 27 ), (2.19)

wheregr = \/EE{AT}. The frequency dependence of the DGBy;, causes higher order PMD
effects. For numerical simulations of all-order PMD, a mlogligh Npyp > 20 fiber sections has
been found to approximate the statistics sufficiently well.

PMD impairs the performance of a transmission system thré8f The impact of DGD scales
with the symbol rate. Higher data rates go along with smalieslots and therefore more 1SI oc-
curs with the same DGD. For long-haul transmission systémesPMD increases due to its ran-
dom birefringence behavior with the square root of the maasion distance. The PMD-coefficient
Dpyp €an in this case be expressed by [77]

Dewp = E{AT}/\/Le (2.20)

where Dpyp is expressed in psfkm. The PMD-coefficient of a fiber is a measure for the quality
of the fiber. PMD is especially problematic when old fiberdwathigh PMD coefficientlDpyp ~

1 psh/km) are used for transmission. In this case, PMD compensatibemes can be employed
to enable high bit-rate transmission. In the transmissipeements conducted in this thesis, high
quality transmission fibers were used with a low PMD vallgyp ~ 0.02 psi/km). Therefore
no PMD compensation is required.

2.6 Optical Channel Model

The discussion of attenuation in Section 2.5.2 and the fidestortions in Sections 2.5.3, 2.5.4
and 2.5.5 in optical fibers is based on an intuitive phenoogimal approach. In this Section,
we discuss attenuation and linear distortions by using #nevequation that governs propagation
of light in fiber. The numerical methods used to solve theltEgupropagation equation are also
presented.

Maxwell’s equations can be used to obtain the wave equatiaindescribes light propagation
in optical fibers. The wave equation in an optical fiber is esped by [60]

O°E 0*P

VxVxE= —€0M0w—ﬁ00w7

(2.21)
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wheree¢, and y represent the vacuum permittivity and the vacuum permigghiéspectively,
which are related to speed of Iight in vacuunas pyeo = 1/c%. The three dimensional vectors
E=[E.(r,t) E,(rt) E.(r, )} andP = [P,(r,t) P,(r,t) Pz(r,t)}T represent the strength
of the electric field and the induced electric polarizati@spectively, and are given in Cartesian
coordinates = (z,y, z). The variablet denotes time. The generalized link&chibdinger equa-
tion (GLSE) which governs the propagation of a pulse in aicaptiber represents the solution of
the wave equation [60].

Since the wave equation in (2.21) is difficult to handle, ihexessary to make several sim-
plifying assumptions to solve it. It is assumed that a skrgtede fiber in long-haul transmission
with pulse widths larger than 1 ps is employed. In single-enfider only the fundamental mode
Is supported and all higher-order modes are cut-off at tleeadmg wavelength. The fundamental
mode is uniquely determined by its propagation constdat) given in (2.10). The optical field
Is assumed to maintain its polarization along the fiber lersgt that a scalar approach for solv-
ing (2.21) is valid. It is assumed to be quasi-monochromaidhe pulse spectrum centered.at
is assumed to have a spectral widthy such thatAw/w. < 1 (this is valid for pulses as short
as 0.1 ps). Under these assumptions the following LSE ic#lgi employed that describes the
propagation of a pulse in optical fibers

OAn(z1) _ aa , OAL(z,t) 1 2A.(zt) 1. PA(z1)

82 - 2 :B(Z7t) +ﬁ1 at .]262 atQ - 6/83 atg ) (2'22)
04y (5,8) A1) | 1 P A0 1, A0
aZ - 2 Ay(z7t) + /61 at /82 atQ /63 at3 9 (223)

whereA,(z,t) andA,(z, t) are the slowly varying amplitude envelopes of the trangvemsnpo-
nentsE,(z,t) and E,(z,t), respectively, of the optical field. In the literature [60],(z,¢) and
A, (z,t) are often normalized such thpd, (z,¢)|* and|A,(z,t)|* represent power values. Fiber
losses explained in Section 2.5.2 are accounted for bywstem coefficient isvay. Linear bire-
fringence is considered in (2.22) and (2.23) which meanstties, and 3, of the propagation
constants(w) in (2.10) are different for both polarizations i.8; # 55 andsy # ;. This also
means that the quadratic and cubic teffnandg; in (2.10) are assumed to be equal for both polar-
izations i.e,55 = Y = 5y andpi = B3 = 3. The GVD coefficients; is related to the dispersion
Dcp as in (2.14) whereas; is related to the dispersion slopethrough (2.15). Here indicates
the propagation direction along the longitudinal axis d& tilber. Note that (2.22) and (2.23) are
entirely in the time-domain.

In single-channel transmission over the fiber, further tefon intra-channel impairments like
all-order PMD or self-phase modulation (SPM) can be add€d.2?) and (2.23).
In WDM systems,A(z, t) comprises a comb oK, independently modulated optical signals at
different optical frequencies propagating along the filies. of the form

Ken

ZA(’“) (z,t)exp(—jAwyt) (2.24)

where A (z t) is the slowly varying envelope of the signal in chanheh either polarization
andAw, = wi — w, represents channel spacing in terms of angular frequenmhwdhdefined as
the difference between the center angular frequency ofreliarand the angular frequency of the

1We do not consider non-linearities in this thesis
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center channel of the WDM comb.
By substituting (2.24) in (2.22) and (2.23) and by using th@esposition principle, the propagation
equation for channel in each polarization can be expressed by, respectively,

0A (2,1) __aan (4 ﬁx,(k)aAg“(z,t) L ilgw PAP (2,0) 1 0 PAP (1)

Dz 2 T ! ot 272 o2 6" o
(2.25)

04 (=) _ o AW (2, 1) + g 0AY (1) L g0 A (2 1) L 500 P A (z,1)

9. 2 v \® ! at ToP T o 63 o
(2.26)

where each WDM signal propagates with a different propagatanstant denoted a&" (w) =
B 4+ g®y 4 %65’%}2 + 3 ()3 4 .-, and the signals in the WDM comb experienealk-off
I.e., each propagates with a different group velocity. Nbs&g the derivation of (2.25) and (2.26)
do not consider the spectrum overlap of neighboring wagtlechannels. Further terms for intra-
channel impairments like linear effects of all-order PMDtwr non-linear effects of SPM, or inter-
channel nonlinear interference like cross-phase moau#¥PM), cross-polarization modulation
(XPoIM) and four wave mixing (FWM) can be added.

Closed form solutions of (2.22) and (2.23) (correspondirgl{2.25) and (2.25)) exist only in
special cases where chromatic dispersion, DGD or atteonugtneglected. In this thesis, we focus
on the effects of CD in long-haul transmissions. Therefore neglect the effects of attenuation
i.e. aay = 0, and birefringencg? = 0, 57 = 0,55 = 0 andgy = 0. In this case, equations (2.22)
and (2.23) reduce to the effects of CD as

0A(z,t) 1., 0*A(z,t)

ot = 5]52—(%2 (2.27)
which is polarization-independent and the cubic tetyrwas neglected, however, it must be in-
cluded when the signal propagates near the zero-dispexsieglength, i.e., whepf, ~ 0.
Equation (2.27) can be solved by the Fourier transform aaddtfution reads in the FD

A(z,w) = A(0,w)exp (—j%zuﬂ) : (2.28)
A TD function A(z,t) whose FD transform satisfies (2.28) broadens essentiakaily with =

in the time domain. The constafi is responsible for the spreading of the pulse. As can be seen
from (2.28),|A(z,w)| = |A(0,w)|, Vz; that is the Fourier transform has constant modulus and
in particular the magnitude of the frequency components aa¢ change during propagation. In
other words, equation (2.28) provides a simple all-pagsstex function.

We adopt in this thesis a FD representation of the CD chanmizdedisfrom (2.28) by substituting

w = 27 f (where the angular frequencyis centered around the carrier angular frequengyand
considering a signal propagating a distance /; along the fiber. It reads as

Hep(f) = exp(—jacnf?) (2.29)

2
TAL
c

whereacp =

x CD and CD represents the chromatic dispersion value given'mmps
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3. Chromatic Dispersion Compensation in Long-haul
Transmission Systems

In this chapter, we report on the performance of long-haticapsystems that enable 112 Gbit/s
polarization division multiplexed quadrature phase skefging (PDM-QPSK) data transmission
over a standard single-mode fiber (SSMF). Specifically,esotcomatic dispersion (CD), among
the various linear impairments present in optical fibersitd the performance in long-haul optical
systems [78], we focus on the different compensation teghas to mitigate it in these systems.

3.1 Introduction

The dramatic revolution in optical transmission systenmight by the introduction of coherent
technologies, has been multi-faceted. One of its many &spaolves the possibility to mitigate

dispersions in the link. Coherent optical receivers allogngicant compensation of CD in the
electrical domain instead of the compensation in the optoanain [79-82] or by dispersion

compensating fibers (DCFs) [83, 84] or dispersion compemgatiodules (DCMs) [85, 86]. This

provides a range of benefits with respect to cost effectsgnpower budget and non-linearity
tolerance [87].

Equalization in the electrical domain can be implementedriglog or digital electronics either
at the transmitter or at the receiver. In coherent opticatesys with a predominant linear chan-
nel, the stable implementation of a butterfly structure aifarge number of analog feed-forward
equalizers (FFEs) is most challenging and has not beendmmesi hitherto. With coherent de-
tection schemes, richer constellations, and fast analafigital converters (ADCSs), digital signal
processing plays an important role in CD compensation [§8,18% development of signal pro-
cessing algorithms for optical communications aggregedpdlly with the feasibility of coherent
detection. In this thesis, we consider that CD compensasidome at the receiver at the first stage
of the digital filtering since it is polarization independemd time-invariant. This allows for the
compensation of large amounts of CD without the need to fretfyuadapt the coefficients of the
CD equalizer providing advantages for the implementatiogigital signal processing methods.

Linear digital CD equalization can be either done in time-dom(TD) with finite impulse
response (FIR) filters [90-97] or infinite impulse respon#R)(filters [98—101] or in frequency-
domain (FD) with multi-carrier (MC) [18, 102, 103] or singbaxrier (SC) [104—-110] approaches.
In Sec. 3.3.1 and Sec. 3.3.2 we review these different msthudilable in the literature for CD
compensation. The equalization choice between TD and Flyndepends on the maximum
dispersion in the channel and the resulting number of caeffiis for the equalizer. One of the
main challenges is that the filtering algorithms have to beiample as possible to enable high-
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speed real time processing. This is because the main absbaainplementation at such data rates
is the complexity of the filtering algorithms and thus powensumption and availability of digital
signal processing circuits that offer both very high gatesity and speed.

The way the complexity of an algorithm to be quantified degemelavily on the platform it
is implemented on. For digital signal processing algorghmultiply-accumulate operation is a
common step that computes the product of two numbers andthatdgroduct to an accumulator.
The hardware unit that performs the operation is known as kipher-accumulator (MAC, or
MAC unit). The multiplication and addition introduce thensalatency which is the relevant figure
of merit although the hardware effort is much higher for atiplier than for an adder. For the
implementation of a digital signal processing algorithmaarapplication specific integrated circuit
(ASIC) or a field programmable gate array (FPGA), however,ggam@nsumption and chip space
are important. Here, the effort for a multiplier is much heghthan for an adder. Therefore, in
this thesis that the complexity of an algorithm measureeéims of the required number of real
multiplications is the figure of merit.

As we show in Sec. 3.3.3, in long haul communications, FD kzateon becomes more effi-
cient than TD equalization with respect to implementatiomplexity over a wide range of CD
values [18, 108-110] owing that to its block-to-block ogiena by using fast Fourier transform
(FFT) and inverse FFT (IFFT). Specifically, the overlap noelth[111-115], namely overlap-and-
save (OLS) and overlap-and-add (OLA) are the more effici@htrtethods for CD equalization.
The OLS method with an overlap factor of 50% (OLS-50%) is adered as the benchmark for
long-haul FD CD compensation. Starting from this, we showan. 3.4 that the OLS-50% method
can be implemented as a non-maximally decimated discretadfdransform (DFT) filter bank
(FB) (see Appendix C) with trivial prototype filters i.e. filewith rectangular impulse response,
and the equalization is done per sub-band. Filter banks [11152116] are digital signal processing
systems that are candidates for applications in varioussfiel wireless communications beyond
the current long-term evolution (LTE) systems. An impottelass of FBs is the DFT FB [116],
which can be efficiently implemented based on the use of palgp networks (see Appendix A),
FFT and IFFT. We present DFT FB in Appendix C. FD equalizatisimg DFT FB paves the way
for more sophisticated sub-band processing. Based on thés\adtion, we investigate in Sec. 3.5.2
the possibility of using a low complexity delayed singl@-tqualizer in the frequency sub-bands.
A delayed single-tap equalizer is a multi-tap equalizehweveral delay elements and just one
active tap. It aims at equalizing the group delay of the pgagiag CD channel in addition to
its phase. It turns out that this approach provides muclebetjualization ability with no extra
complexity as compared to the benchmark apart from ad@itidelay elements. In Sec. 3.5.3, we
derive a delayed dual-tap equalizer from the delayed sitagleequalizer that further improves the
performance of the system by smoothing the group delay fumdEor a special weighting factor
of the two active taps, no extra complexity apart from addeddor subtractors is incurred as com-
pared to the system with delayed single-tap equalizer. 1i7]jlthe idea of sub-band processing
with modulated FB for CD channels has been introduced. Theptmaty of the method in [117]
as compared to our method is higher since it requires moneedeips for the sub-band equalizer.
Additionally, the author in [117] considers fractional agt which lead to a non-efficient structure
for the FB, whereas we consider integer delays per sub-baddhigto an efficient implementation
of the FB.

Any linear channel distortion can in principle be compeeddity a digital receiver operating at
one sample per symbol [118]. This requires that, prior topganm, the receiver employs an analog
matched filter (matched to the convolution between the tmétitesd pulse shape and the propagating
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Fig. 3.1. Generic Single-channel Optical System Model

channel). Also, the performance of a symbol-rate equalgseensitive to sampling time error. A
fractionally spaced equalizer (FSE) can implement the heatdilter and equalizer as a single unit
and can compensate for sampling time errors, provided leab@aseband signal is sampled above
the Nyquist rate [118-121]. The experiments in coherentaptransmission invariably use an
oversampling rate of two for CD compensation [122—-125]. €fae, the different equalizers that
we present for CD compensation are FSEs operating at two sarppl symbol. In Sec. 3.6, we
design a FDE that equalizes not only the propagating CD chaaobhealso the impulse responses of
the transmit and receive filter. Moreover, the design of tieaéizer takes into account the aliasing
terms that arise because of the receive filter.

3.2 System Model for CD Equalization

A 28 GBaud PDM return-to-zero (RZ-50%) QPSK transmission wiiital coherent receiver
applying two-fold oversampling with 56 GSample/s is useddnfy the different methods for CD
equalization. The setup of a single-channel optical trassion system under investigation in this
chapter is shown in Fig. 3.1.

The discrete-time complex quadrature amplitude moduiai@AM) input dataz(n] of vari-
ance H|z[n]|?] = o2 is passed through the waveform generdigt) to get the continuous-time
complex signalr,(t)

(e 9]

rp(t) = > aln]h,(t —nT) (3.1)
whereT} is the symbol period. The waveform generdigft) employs a RZ-50% line code given
as

T 4T 2mt <t<
hp(t) = cos (1 +Feos (§)) . for o<t (3.2)
0, elsewhere

The signaley(t) has variance?

00 2

Z zn|hy(t — nTy)

n=—0oo

=02 > |hp(t —nTy)P, (3.3)

n=—oo

o0

= > Ellaln] P hplt —nT) P

n=—oo

77 = E [lapl)]?] = E

which follows from the assumption that the entries of theuingignalz[n] are independent and
identically distributed (i.i.d)

/ o? for n=n,
Elzfnleln]] =4 elsewhere
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The band-limited transmitted signajl(¢) is then coupled into the standard single mode fiber
which is modeled as a linear CD channel

JJCD(t) = hCD(t> * l’p(t> (34)

An equivalent baseband linear time invariant model for thediBnnel can be written in terms of
its frequency response asp(t) = [°° Hep(f)exp(j2n ft)df where

Hep(f) = eXp(_jaCDf2> . (3.5)

The argument in (3.5) is the frequency of the baseband electrical signdiet the optical signal.
It is defined in the frequency intervalf,/2 < f < +f,/2 with f, representing the sampling
frequency at the ADC (modeled as a 5th-order Bessel filter.if) X2T he coefficientvcp is defined
by )
acp — 7TT)\CCD, (36)

where the value of the chromatic dispersion CD is expressed/mm, the carrier wavelength
in nm and the speed of light in vacuunm m/s. In the receiver, the signa¢p(¢) is perturbed with
white Gaussian noise (WGN)t), originating from different sources as we explained in Qet,
which is added to the signal

2e(t) = zeo(t) + n(t). (3.7)

The noisen(t) has variance? is related to optical signal-to-noise ratio (OSNR) commarggd
in optical communication systems as

2
2 Oy B

7n = OSNRBg’

where B = 28 GHz is the symbol rate anf,s = 12.5 GHz is the reference bandwidth over
|AX.] = 0.1 nm resolution bandwidth of optical spectrum analyzers at= 1550 nm carrier
wavelength calculated d%ef = (c/A\?) x |AN|.

The perturbed signal(¢) is then optically filtered at the receiver

(3.8)

To(t) = ho(t) * (1) (3.9)

where the low-pass equivalent transfer function of theaapfilter 1, (¢) is modeled in the FD as a
Gaussian function given in (2.6) with ordesy = 2 expressed by

Ho(f):exp[—ln(\/ﬁ)( 2f )] (3.10)

Boszds

and Boszgs = 35 GHz represents the double-sided 3-dB bandwidth of the.filter
The optical signak,(¢) is then converted to an electrical signagk(t)

Toe(t) = he(t) * zo(t) (3.11)

whereh,(t) represents the low-pass characteristics of the electriraponents. It can be modeled
in the FD as a 5th-order Bessel function defined in (2.7) giwen b

945
© GF5 4 15F4 — j105F3 — 420F2 + j945F + 945

He(f) (3.12)
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whereF' = %f, Ksgg = 2.4274 is the 3-dB normalization constant and we chodggs =
0.7 x B = 19.6 GHz as the single-sided 3-dB bandwidth of the filter. Theagtand electrical
filters define the opto-electronic front-end of the coherectiver modeled by (t) = h,(t) *
he(t) in Fig. 3.1 which has the frequency responséff( f) = H,(f)H.(f).

The electrical signat,(t) is sampled with sampling time equalp/2 i.e. at twice the symbol
rate. Them-th sample of the electrical signal after the receive filser i

Tqlm] = zoe(mTs/2). (3.13)

The signalz4[m] is then equalized by one of the different available methdttieein the TD or
in FD. The target of the investigation here is to examinelgdlee equalization penalty. No other
impairment, laser phase or carrier frequency offset isidened in the simulation. The equalized
signal is denoted ag[m] which is finally downsampled by a factor of 2 to get the symbased
signalz[n].

The system performance is quantified by the required OSNRI¢oate different CD values
(accordingly different lengths of the fiber) to get a bitegfratio (BER) of10~3 evaluated over 0.1
nm resolution noise bandwidth and fti® bits.

3.3 Literature Review: Time-domain and Frequency-domain CD Compensa-
tion Methods

We revisit the popular digital filters for CD compensation@mpassing TD and FD designs.

3.3.1 Time-domain CD Compensation Methods

Time-domain CD compensation methods include the use of dagtd non-adaptive digital fil-
ters. Adaptive methods for CD equalization have been sugdestd intensively researched. The
authors in [90, 91] reported their CD equalization work udimg maximum likelihood sequence
estimation (MLSE) method, which was the first proposed digijualizer. The MLSE electronic
equalizer is implemented by using the Viterbi algorithm@],2vhere the most likely bit sequence
formed by a series of distorted signals is looked for. The HELSnot tailored to a specific dis-
tortion but is optimum for any kind of optically distortedysial detected by the photodiode. Later
the authors in [92, 93] developed a least mean squared (LBEgjtave filter to compensate CD in
a 112 Gbit/s non return-to-zero (NRZ)-PDM-QPSK coherenitaptransmission system. In gen-
eral, adaptive filters show the best performance in CD ecatadiz. However, their convergence
speed is slow and the update of the tap weights increasestmgutational complexity of the sys-
tem. Additionally, CD is time invariant and it is polarizatidndependent. So we restrict ourselves
to non-adaptive linear digital filters for long-haul CD compation.

3.3.1.1 FIR Filters

S. J. Savory designed in [94-96] a TD FIR filter to compensatéafge CD values. To derive the
equalizer, the impulse response of the CD channel is firstigioéd by taking the inverse Fourier
transform of (3.5). Then, the realization of the FIR filter égualization arises from the digitization
of the inverse of the TD impulse response of the CD channelimipalse response of the FIR CD
equalizer is truncated by a window filter to get a finite dunatcausal FIR filter and to avoid
aliasing that arises in digital systems. A closed form esgian of the complex coefficients of the



36 3. Chromatic Dispersion Compensation in Long-haul Tragsion Systems

FIR CD equalizer was given in [94-96]. The required numbeap$iV1p.Fr for the compensation

of CD channel is given by
2
gy |0 (0
N1p-rr = 2 X { o (Ts) J +1 (3.14)

which has an odd value and is the oversampling factor.

Although the simulations presented with this approach shovalmost penalty-free perfor-
mance for moderate and high CD values, this method suffens fiigh complexity. For an FIR of
Ntp.rir taps, the number of real multiplications per output symbol i

Ctp-Fir = 4NT1DFIR (3.15)

This arises from the well-known realization of complex rplications of two symbols which
requires four real multiplications and two real additioiitie complexity for TD FIR filtering
grows linearly withN+p_rr. The square dependence of the complexity on the baud-rdtéhan
linear dependence on CD indicates how quickly TD FIR filtebegomes computationally intense.
For example, to compensate for a CD value of 32,000 ps/nm \aitialfrate value o3 = 28 GHz
and an oversampling factor = 2, the number of taps for the equaliz€¥p.rr is 803. Moreover, a
longer FIR filter introduces a longer delay and requires naoea on a DSP chip. This method also
suffers from another two drawbacks. The first drawback is tifia quality of CD compensation
does not improve by increasing the number of coefficientshferequalizer. The second drawback
is that the method shows suboptimal performance espedwlinodulation formats with higher
spectral efficiencies.

To overcome these drawbacks, the authors in [97] presentedtanal least-squares (LS) FIR
digital filter design for CD compensation. Their methodoliggased on the convex minimization
of the complex error between the frequency response of thieedeCD equalizer (taken as the
inverse of CD channel in (3.5)) and an equalizer designed thvewhole frequency bandwidth
—fs/2 < f < +fs/2 or over a limited bandwidth obtained for example when emiplgya pulse
shaping filter with a given roll-off factor at both the trariter and the receiver. The impulse
response of the LS TD-FIR filter is obtained by taking the ID#The designed FD equalizer. A
comparison between the coefficients of the closed form espea of the TD-FIR filter in [94—
96] and the designed impulse response by the LS method setlest! both are partly similar.
However, the superiority of the LS-FIR method arises by thiaimed more constant group delay.
Additionally, the LS-FIR filter is not only designed to obitarbitrarily good CD compensation
but also requires fewer taps for the same BER performance @sjrsuch that a reduction by
63% of the number of taps is incurred for equalizing the saalgevof CD of 1000 ps/nm. A
straightforward alternative to this proposed optimizai®to get the underlying TD FIR impulse
response of CD equalizer by taking th&-point IDFT of the inverse of the CD channel in (3.5)

Hesm(fx) = Hep (fi) = exp(+jacof7) - (3.16)

The frequency response of the CD equalidegw( 1) is evaluated ad/ uniformly-spaced discrete
frequenciesf,,k = 0,1,--- , M — 1 (corresponding to those frequencies of anpoint DFT)
defined as

(3.17)

%k, for 0 <k< M/2-1,
f — MTy
g oo (M — k), for M/2 <k <M —1.

- MT;
This method is called the frequency sampling method (FSMY.DAFIR filter obtained by the
FSM method has a lower design complexity as the proposedIRSi€sign since for the former
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the underlying FD response is to be evaluated just/atliscrete frequency points whereas for
the latter it is to be evaluated at all the frequencies of talable bandwidth. With 4-QAM
modulation schemes, the LS-FIR and the underlying TD FIRrfitotained by FSM have a very
good and same performance for large CD values. The autho&7incpncluded that for high
spectral efficiency modulation formats like 512-QAM, thefpemance of the system with LS-FIR
filter is superior as compared to system where the equaizdstained by FSM method. However,
since high spectral efficiency modulation formats are vensgive to non-linear effects due to the
high required OSNR, smaller modulation formats are desireerevin this case both methods for
equalizer design deliver the same performance.

3.3.1.2 lIR Filters

An efficient alternative to FIR filtering for CD compensati@ciearly highly desirable. IIR filters
inherently require a reduced number of taps for a similgpgrse compared to FIR counterparts
due to the feedback path.

In [99], the author designed an all-pass IIR filter with baghlrand complex-valued coefficients
to approximate the desired phase response of the CD chatealedl-valued IIR filtering scheme
requires a Hilbert transformer and time reversal operatibmpaper [98], the authors showed that
CD compensation with real-valued coefficients for IR filtgyridelivers similar performance as
FIR filtering with a substantially reduced number of multptions. For large dispersion values,
the IIR equalizer has half the number of taps as comparectodhnterpart FIR equalizer

Nrpar = %NTD-FIR- (3.18)
The large overhead from the Hilbert transformer and theiapdesign considerations of the time
reversal device limit the overall performance of the systéth real-valued coefficients of the [IR
equalizer. These are overcome by designing complex-vatoetficients for the IIR filter [99].
As stated by the author in [99], complex-coefficient IIR filte practically impossible to design
such that the response is matched in the entire frequenaywhdit [127]. However it can be
designed to match well within a limited bandwidth, so somgrde of oversampling is required
when complex IR filtering is to be employed. The tradeoffimn computational efficiency and
higher sampling rate must be considered. Moreover, theédotaunt of CD compensation that can
be achieved using this filtering approach is limited. Ndwelgss, complex IIR filtering is highly
efficient for small dispersion values, and its advantagevshg when distributed compensation is
considered.

In [100], a stable complex-valued IIR all-pass filter for Clualization over the whole desired
frequency bandwidth was designed. The authors presentignde®thodology for finding the
complex coefficients of the IIR filter that incorporate thesided group delay as well as desired
phase behavior in a multi-step multi-objective optimiaatiramework. This approach delivers
better performance in comparison with other FIR-based &ptadn. The benefit obtained by this
approach is that the number of taps for the equalizer redo@sange of 65% to 70% as compared
to FIR filtering in [95] for the same performance. Howeverisitnot advantageous to use the
proposed framework for high CD values since the computatioo@plexity grows linearly with
the order of the filter. One possible way to reduce the conitgléxr long fiber lengths is to divide
the long CD channel into narrow sub-bands using a FB struidiz 115, 116] and to design low
order lIR equalizer for each of them as in [101].
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However, the inherent feedback of IIR equalizers makes ftoissible to implement in high
speed applications with parallel signal processing.

3.3.2 Frequency-domain CD Compensation Methods

FDE is well established in electrical communications anovkmin the literature [128,129]. It has

been proposed for the equalization of wireless channeB{134] and is a strong candidate for
applications beyond the current LTE systems. In opticaloomications, FDE is very attractive

for CD equalization in long-haul transmissions. This is leseat has much lower complexity than
TDE for large dispersion values when the equalizer has megrgy[tL8, 108—110] owing that to its

block-to-block operation by using FFT and IFFT.

The temporal dispersion of the received signal is decrebgdeDE. Therefore, the compu-
tational complexity of the timing and frequency synchratiian is significantly reduced because
they can be performed after the stage of FDE of CD. Additignalhce CD is time-invariant and
polarization independent, the FD equalizers for CD arecstai non-adaptive. As a result, we
stick to the method of FDE of CD with static filters where thea&aation is done at the first stage
in the DSP module.

There are two classes of FDE techniques: namely MC-FDE [18,d4%d SC-FDE [104-110].
In MC-FDE, cyclic-prefix orthogonal frequency division mplexing (CP-OFDM) with IFFT and
FFT at the transmitter and the receiver, respectively, eélu3hus, digital-to-analog converters
(DACs) are required at the transmitter for filtering the sighwever, multi-carrier systems suf-
fer from high peak-to-average power ratio (PAPR) values Wwimtake them vulnerable to the
nonlinearities in the fiber [102, 135]. Moreover, there isoasl in spectral efficiency due to the
cyclic prefix. Although CP-OFDM transmission has low compiotaal complexity because of its
block-wise operation, SC-FDE remain advantageous due taftmementioned problems.

For SC-FDE there are two configurations which are CP-FDE andl&@#DE (OFDE). In
CP-FDE [104] the input symbol sequence in the transmitteivisleld into blocks each havingy/
symbols. The lastV,,, symbols of the FFT block are copied and inserted, exactiyna3fDM,
at the beginning of the block. If the duration of the CP is lang@an the maximum time delay
difference of the channel impulse response, CP can avoidteehblock-interference (IBI) from
the previous block. In SC-FDE transmission, unique word (UW) be used as CP [130]. A
UW of N, symbols is inserted at the end of each DFT block and the puevidV is used as
the CP for the present block. Since each UW is a known symbalesex, it can be used not
only for CP but also for synchronization and for equalizatiéfter CP insertion, the symbol
sequence is transmitted. At the receiver, CP is removed/Apoint DFT is applied to decompose
the received signal intd/ frequency components. Then single tap equalization isechaut in
the frequency-domain to each block through point-wise iplidation with the transfer function
of the equalizer given in (3.16). Finally IDFT with/-point is done to get the serial equalized
signal. In long-haul communication systems, the blocklerdd must be large to compensate the
large temporal dispersion created by CD. Although the guatelval or the CP is effective to
eliminate the inter-symbol interference due to the temiptispersion, the large length of the CP
degrades the transmission efficiency. Furthermore, thekkim-block operation with large block
length is vulnerable to synchronization errors and thisgases the computational complexity of
the receiver. To overcome the aforementioned problems ob€8QE for FDE, the second method
was suggested which is the OFDE presented in [111-115] fg~kaul CD compensation [105—
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110]. OFDE was proposed for wireless systems to improvestngssion efficiency of FDE by
dispensing with the guard interval [136].

Overlap techniques perform linear convolution in the FDORDE, the sequence is divided
into blocks of length)M which is processed piecewise. Then the filtered segmentsaaedully
pieced back together. The building blocks of OFDE are: I/OffTength M, the formation of
input blocks for filtering and the formation of the output gegce. The overlap is required be-
cause filtering a signal in the FD results in cyclic convalotwhen using DFTs and IDFTSs. IBl is
eliminated by overlapping either the input blocks or thepotiblocks. These methods are named,
respectively, OLS and OLA. The number of overlapped samipldenoted as. Block-wise use
of circular convolution to accomplish linear convolutianalso referred to as fast convolution.

The overall complexity of FD filtering is composed of the cdextty of DFT, IDFT and the
point-wise multiplication in the FD. For OLS and OLA FD filteg, the number of real multipli-
cations per output symbol can be expressed by

2CormnorT + Cittering
. .

In what follows, we explain the OLS and OLA fast convolutiortimods that are relevant to
this work.

(3.19)

Crp-oLs/oLa =

3.3.2.1 Overlap-and-save Method

The schematic for FDE ofy[m] with the overlap-and-save method is illustrated in Fig. S&ial
to parallel conversion is applied to the signglm| forming bIocks:cé’) [m] with a certain overlap

factor, where the block length/ is the I/DFT-length. Each blockff) [m] consists ofM — v new
samples and is extended bysamples from its trailing neighbory "' [m]. Afterward, an DFT

is applied on each bloc;kff) [m] to get the FD signaXéi) [k],k = 0,1,--- , M — 1. Filtering of
Xc(f) [k] in FD is done through point-wise multiplication of it withetcoefficients of the equalizer
E[k]. For equalizing the CD channél[k] = H;(fi) as given in (3.16). Each block of the FD

filtered signalXéQ [k] is transformed into the TD through performing IDFT of length to get
y.ffq) [m]. Finally, the processed data blocks are combined togethdrthe bilateral overlap samples
are symmetrically discarded before converting the pdralteks into the serial signale[m).

In OFDE, the overlap length is an important factor. In general it should be larger than th
length of the propagating channel impulse response. Warasgloroughout this thesis that the
factor of overlap is 50% of the block siZ¢ i.e.v = M /2 independent from the channel memory.

The OLS method withh = M /2 is denoted as OLS-50%.

3.3.2.2 Overlap-and-add Method

The structure of the FDE af4[m| with overlap-and-add one-side zero-padding (OLA-OSZP)
method is shown in Fig. 3.3. In OLA method, serial to parat@hversion is applied to the signal
xq[m| forming small blocks denoted aéi) [m] having M — v samples without any overlap with
the adjacent block{ ™ [m]. Each blockz{ [m] is appended with a vector of zeros of lengtht

the tail. The formed block is denoted @&Q[m] which is of lengthM (length of I/DFT) in order

to be consistent with the OLS method. Each blazé’k[m} is transformed by an DFT into the FD
to get the signaP(éQ [k],k =0,1,--- , M — 1. Filtering ofXéQ [k] in FD is done through point-
wise multiplication of it with the coefficients of the equadr £[k]. For equalizing the CD channel
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Fig. 3.2. Concept of Overlap-and-save for Filtering: forming of oygriag blocks, DFT, FD filtering,
IDFT, discarding and forming of output sequence

E[k] = HZ3(fx) as given in (3.16). Each block of the FD filtered sigdéﬁ,) [k] is transformed
into the TD through performing IDFT of length/ to getyéQ [m]. Parallel to serial conversion is
applied to the filtered blocks. Finally the processed datmeeces are combined by overlapping
and adding as shown in Fig. 3.3 to get the signal|. The OLA method withy = M /2 (same as
in the OLS-50% method) is denoted as OLA-50%.

3.3.3 Implementation Complexity: TD vs. FD Filtering

If the I/DFT length M is power of two (which is assumed throughout this thesi®,ItBFT can
be efficiently implemented as FFT. There is a large pool dedeiht FFT algorithms. The most
widespread one is the classical radix-2 algorithm, for Wwhtwe length of the vector to be trans-
formed needs to be a power of 2.

The number of real multiplications for a-point I/FFT using split-radix algorithm on a block
of length M of complex data is given in [137] as

C|/|:|:T = M(10g2 M — 3) + 4. (320)
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Fig. 3.3. Concept of Overlap-and-add for Filtering: forming of noe+tapping blocks, DFT, FD Filtering,
IDFT, addition of the overlapping blocks for the formation of the outpuusege

For OLS-50% and OLA-50%, the complexity in (3.19) becomes

2C\per + 4M
Crp-oLsioLa = Mz

:410g2M—4+%. (3.21)
Note that for the calculation of the complexity for OLS-50#%aaDLA-50%, the complete internal
butterfly structures of IFFT and FFT, respectively, are aered for getting the output signal
although half of the output in OLS-50% in discarded and Hadf input symbols to the FFT in
OLA-50% is zero.

In Fig. 3.4, the complexity is plotted for TD and FD filteringrfdifferent values of\/. Given
that M is the I/FFT length for FD filtering, the filter (equalizer) the TD has)M /2 coefficients
for exact linear convolution with TD filtering. Thus the colagty with TD filtering is 2M. In
comparison, the complexity with TD filtering increases &g with M while with FD it increases
logarithmically with M. When the number of taps for equalization is greater thanethiltipli-
cation complexity of OFDE is much less than the complexityf Dfe. For CD compensation in
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Fig. 3.4. Total number of complex multiplications per output sample for TD anddiilization

long-haul transmission the equalizer requires more thaapd. tTherefore, it is more efficient to
perform FDE of CD.

3.4 Filter Bank Structure for Frequency-domain CD Compensation

Filter banks [112, 115, 116] are digital signal processigstems that could be used in FD CD
compensation. An important class of FBs is the non-maxinddigimated DFT FB [116], which
can be efficiently implemented based on the use of polypheseorks (see Appendix A), DFT
and IDFT. The filter bank structure is presented in detail ppéndix C.

To operate the FB structure as FD equalizer, FIR filters dhasl, (2,,/,) are placed between
the analysis FBs (see Appendix C.2) and the synthesis FBs (seendix C.3). The resulting
structure is shown in Fig. 3.5.

The FIR sub-band equalizéf, (z,,/2) can haveV, coefficients

N¢—1
Ex(zupe) = Y exllzy))y
=0

N¢—1
= erlllexp(—j2n fl MT/2), (3.22)
=0

where the value of the tap.[¢] can be designed according to zero-forcing (ZF), matchéet-fil
(MF) or minimum mean-squared error (MMSE) criterion.
Equalization with a multitap filter introduces a latency ¢im dependent o,

T.=rMT/2,r € {0,--- ,N; — 1}. (3.23)

The latency time, adds a degree of freedom for the design of the equalizer.
The sub-band equalizéf;(z,;/2) can have a single tap

Ei(2ny2) = B = e, (3.24)

where the value of,, can be derived according to ZF, MF or MMSE criterion.
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3.4.1 Filter Bank with Trivial Prototype Filters for FD CD Com pensation

The OLS-50% method can be implemented as a non-maximallyndéed DFT FB. This is
achieved by having trivial filters i.e. rectangular imputesponse for the analysis and the syn-
thesis prototype filtersp[l] andsp|l], respectively, (c.f. (C.3) and (C.4) in Appendix C) of length
P = M. However, the filtesp[l] has)M /2 zero coefficients due to discard part of the OLS method.
The prototype filter in the analysis filter bank (AFB) and in 8ynthesis filter bank (SFB) is,
respectively, given by

hell] = - h[k]8[l — K], (3.25)
k=0

spll] = Z s[k]S[l — K], (3.26)
-

where
1 _
k] = T for 0<k<M-1,
0, elsewhere
and
1 M 3M
k] = iTk for 7 <k <= -1,
0, elsewhere

The z-transform representation éf[l] andsp[l] is, respectively,

=+ M—-1 M—-1

1
He(z) = Z{helll} = 3 holllz™ = S Al = — 3 27, (3.27)
l=—0 k=0 M k=0
1=+ M 3M_y
=+00 1 1
Se(z) = Z{sell]} = Z sell]e™! = Z s[k]z™" = Vi %, (3.28)
[=—o0 k=4 =4
which when substituting = ¢/“7 can be expressed by
M-1 s wMT
. 1 . 1 . T S1N ——
Hol(z = eij _ e—ijk — e_Jw(M_l)E 2 7 3.29
ol ) VM ; v M sin % ( )
1 ¥_1 1 L wMT
. . . Sin
Sp(z = /1) = — e IWTh = g iw(M-1)3 — (3.30)
vM k:ZM vM smTT

4
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The proof of (3.29) and (3.30) is given in Appendix D. It falls accordingly that the per sub-band
analysis filterH(z) and synthesis filtef(z) is, respectively,

Hy(z) = Hp(zWE,) = Hp (z = ej(wf%%)T)

: wMT
_ 1 p—Iw(M=1)F jjm % (M—1) .Sm(T _:k)T 7 (3.31)
VM sin((w — 27577)5)
Si(2) = Se(2Wy;) = Sp (Z - ej(W%%)T>
: wMT
_ gﬁMMFU%gfﬁULJ)'anpir__:ké,. (3.32)
M sin((w — 27377)5)

The delayreg introduced by the FB in this case is the sum of the delay inkced by the AFB
and SFB

Since the prototype filters for OLS-50% are trivial filterslefhgth P = M, each polyphase
components,, (), m = 0,1,--- , M — 1 of Hi(z) in the AFB andS(z) in the SFB has one
coefficient which is equal to/+/M.

The following further step is needed to operate the FB atirecis OLS-50%. The phase factors
D in (C.13) of the prototype filters for an evenin the FD result in a cyclic shift of the signal
in the TD. This can be proved by multiplyin® by the DFT matrixW ,, in AFB and the IDFT
matrix W, in the SFB. This leads to the following permutation matrix

0 0 --- 1
1 0 - 0

wiDwy, =10 1 --- 0 (3.34)
0 -~ 1 0]

which results in having direct connections of the signauirtp the DFT in the AFB as opposed to
cross connections seen in Fig. C.2.

Fig. 3.6 shows the OLS-50% method for linear convolutionlangented as an efficient non-
maximally decimated DFT FB. CD equalization is done in eachlsard through point-wise mul-
tiplication of the DFT transformed overlapping blocksXyf(2) each of length\/ with the M -point
vector equalizee = [Ey(za)2), -+ » Ev—1(2my2)] Where By (zar/2) = Hco(f) given in (3.16).
The equalizer per sub-band has only one tapV,e= 1. This method is denoted as the benchmark
for FD CD compensation.

In general, to model linear convolution with an efficient roaximally decimated DFT FB, the
following inequality regarding the lengths (number of nmero coefficients) of the filters should
be fulfilled [112,115]

L+ L+ Ls—1<2M, (3.35)

where Lz, L;, and L, is the length of the equalizer, the analysis prototype filigf], and the
synthesis prototype filtesp|l], respectively. In the case of OLS-50%, sintg = P = M and
Ls = M/2, the length of the equalizdrz should be

Lp < M/2+1. (3.36)
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Fig. 3.6. The method of OLS-50% realized as a non-maximally decimated witH pioitype filters DFT
FB with sub-band equalizéty(z,/2) for CD compensation.

In the method for CD compensation presented so far)alliegrees of freedom have been used
for the design of the overall equalizer. So, it is no longacty the OLS method that implements
linear convolution with the aid of DFT and IDFT, but it is a FBded CD equalization with trivial
prototype filters. The system thus belongs to the class eéfiperiodically time variant systems.

In Fig. 3.7, CD tolerance foM = 512 is plotted with both methods for equalization which
are the exact linear convolution and the approximate limesvolution based on the efficient
non-maximally decimated DFT FB with trivial prototype filse Exact linear convolution for CD
compensation is attained by having an equalizer in the Tzkvhas)/ /2 coefficients. Thel//2
coefficients are obtained by taking af-point IFFT of equalizer’s transfer function in (3.16), out
of which just M /2 TD coefficients are chosen (in our case we choose the mitigfi2 points)
which are appended with/ /2 zeros and finally transformed back into the frequency dorgizain
M-point FFT. The resulting/-point FD equalizer is then used for CD compensation. As exgec
CD tolerance is extended with the FD equalization based omappeoximate linear convolution
since more degrees of freedom are exploited for the desigheokqualizer whose memory is
therefore prolonged.

3.4.2 Filter Bank with Non-trivial Prototype Filters for FD C D Compensation

Another approach for FD CD compensation is based on an effio@m-maximally decimated
DFT FB presented in Appendix C with non-trivial prototypedik (NTFs) for the analysis and
synthesis filters. The same prototype filter is used in botB ARd SFB. We choose the extended
lapped transform (ELT) for the prototype filter given in (C)2ihich is a low pass filter of length
P = 2M with linear phase and has real coefficients. Each polyphaswanent’,, (), m =
0,1,---, M — 1 of the analysis and synthesis filter thus has two coefficients

In Fig. 3.8, this method and the benchmark for CD compensatoe been compared by eval-
uating their applicability for different I/FFT length® and for compensating different CD values.
The simulations reveal that for the same required OSNR yhigeer CD values are compensated
for the same I/FFT length with the method of FD CD compensatiitin FB structure having non-
trivial prototype filters. This is because the memory of theadizer is further increased by the
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Fig. 3.8. Required OSNR for the compensation of different CD valueshgiifferent I/FFT lengthd/: Non-
maximally decimated DFT FB with trivial prototype filter and non-trivial ELT prtyfee filter structures.

prototype filters as compared to the case with trivial pyggetfilters (for the benchmark method)
and because the input signal for equalization is filteredheyELT prototype filter before being
further processed. For the same CD tolerance a lower valubéddSNR is required with the FB
based FDE with non-trivial prototype filters. This struetim contrast to the benchmark allows to
extend the reach even further for acceptable OSNR penaltids 3 dB. Moreover, this benefit
increases for large I/FFT length.

However the improved performance obtained comes at theatastreased complexity as
compared to the benchmark due to filtering by the prototyper fith the AFB and SFB. Since the
prototype filter has real coefficients of lengkh\/, an additional term oR(2K M)/(M/2) is to
be added for the complexity calculations in (3.21). For thsecof ELTK = 2. Therefore, the
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complexity in (3.21) for FB structure with non-trivial puatpe filters can be expressed by

CrenTE = 4logy M + 12 + % (3.37)

Fig. 3.9 shows the complexity of the FB structure for FD CD cenmgation with trivial and
non-trivial prototype filters for different values of I/FFN/. The constant gap between the two
curves is due to the additional filtering by the non-triviabfotype filter in the non-maximally
decimated DFT FB structure.

To get the same complexity for both structures, the I/FFGtled/ for OLS-50% should be
increased. Concretely, to achieve a complexity'pf.o s=40 real multiplications per output sym-
bol, the I/FFT length of\/rp.0 s=2048 is needed for OLS-50% whildrg nTF=128 is needed for
the non-maximally decimated FB structure with non-tripabtotype filters. The former shows a
dramatic performance advantage in terms of CD toleranceedsattier for Mrp.o s=2048. There-
fore, in the coming subsections and for the next chaptereéhetmark (i.e. OLS-50%) is adopted
and further improved for CD equalization.

In paper [138], we presented the method of FD CD compensatisachon a maximally deci-
mated efficient DFT FB structure with non-trivial prototyfiéers. The maximally decimated FB
structure utilizes more efficiently the spectral bandwaktihe non-maximally decimated FB since
the up- and down-sampling rafeper subband is equal to the number of sub-banwd&l. = M
in Fig. C.1). However, the signal at the output of a back-tokb@nnection of analysis and syn-
thesis FB is no longer alias-free. This disadvantage carvéeome by offsetting the real and the
imaginary parts of the signal in the SFB, a process known ggestang operation, and performing
destaggering in the AFB (refer to Sec. 4.3 for detailed exqtian of both operations). Addition-
ally, upon inserting a single tap CD equalizer into this duites the output is still not necessarily
alias-free. However, we were able to find a special arrangewwfethe equalizer that preserves
an alias-free output. FD CD equalization with this methodvée¢d the same performance as the
non-maximally decimated decimated FB with a non-triviabtptype filter since both structures
are inherently alias-free.
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3.5 Group Delay Equalization of CD
3.5.1 Motivation

The phase of the CD channel perceived from (3.5) reads as

dco(f) = —acof? (3.38)

which has a quadratic behavior with respect to frequeficyhe group delaycp(f) of the CD
channel which is obtained by differentiating the phasg( /) with respect to the angular frequency
w = 2x f and taking the negative sign of the result reads as

_ O¢colf) _ aco ¢
orf o«

7eo(f) = (3.39)
which changes linearly with the frequengy Therefore, not only does the CD channel distort the
phase of the signal but also its group delay.

The benchmark for CD compensation in (3.16) provides onlyrest@mt phase compensation
of +acpf? in each frequency subbardd= 0,1,--- , M — 1. Compensating not only the phase
value of the CD channelcp(f) but also the slope of the quadratically varying phase iegtioup
delayrcp(f) at each discrete frequency poifit which is the center of each frequency subband,
improves the performance to a great extent. We presengftrer the idea of a delayed single-tap
and delayed dual-tap equalizer in Sec. 3.5.2 and in Se®, 3dspectively. Adding appropriate
delay elements for the equalizer in each frequency sub-imenelases enormously the memory of
the equalizer. For large CD values, where usually large I1leRgths are needed for compensation,
small I/FFT lengths with an equalizer having delay elemamig a single or two active taps are
now needed leading almost to the same performance. We déateaisthis work in [139-141].

3.5.2 Delayed Single-tap Equalizer for FD CD Compensation
3.5.2.1 Derivation

The idea of the delayed single-tap equalizer is to take intmant in the design of it the group
delay (in samples) of the CD channel. It targets at compergstie group delay distortionsp( f)
caused by the CD channel in addition to its phase at each thdeeguency poinf;. This neces-
sitates that the sub-band equalizer should be a multi-Bdifér with N, taps as given in (3.22).
However, to avoid any extra complexity as compared to thetmark equalizer only one single
tapey[¢x] out of the N, taps at each frequency poifitin (3.22) is assumed to be active at position
¢, performing single-tap phase equalization. The otldgr— 1) taps are set to zero. This simplifies
(3.22) to the following expression for the equalizer

EQ(f) = exllr]exp(—j2m fMT/2) . (3.40)

Fig. 3.10 illustrates the idea of a delayed single-tap egeralvhere the delay elementg)/7T'/2
realize a sub-band group delay necessary to compensatetiedelay of the CD channedp( fx)
and it takes into account the latency timein (3.23). Note that, is an integer multiple of the
sampling time period/7/2 having discrete values from the ggte {0,1,--- , N, — 1} (for the
casel;, = 0, the equalizer is the single-tap equalizer). Therefore disayed single-tap equalizer
requires just additional delay elements as compared tankéestap equalizer in (3.16).
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Fig. 3.10. The idea of a delayed single-tap equalizer: eply] is active for thek-th sub-band. All other
taps €x[p] for p # () are zero.

In order to findey [¢] and/ in (3.40), we recall that in general the desired equalizezaich
sub-band: aims at equalizing the CD channel as follows

Ey(f) = Hed(fr)exp(—j2m fire) - (3.41)

The latency timer, defined in (3.23) is needed and necessary to get an overahloagualization.

In order to find/,, we first examine the group delay per sub-band that the emualiefined
in (3.41) introduces. It is obtained by differentiating fhtease of (3.41) with respect to the angular
frequencyw and taking the negative sign of the result. It is denoted d¢}.) and it therefore reads
as

Teq(fe) = —Ten(fi) + 7o (3.42)

which can take any value and is not necessarily an integetipteubf the sampling time period
MT /2. In order wordsyg,(fi) can be expressed by

Teq(fr) = GMT)2, (3.43)
wherel), € R is a non-integer number. By setting (3.42) and (3.43) edqa&an be re-arranged as

—7ep(fr) + Te
MT/2

Now, the integer multiplé, of the sampling period timé/7'/2 necessary for realizing the delayed
single-tap equalizer in (3.40) is found by the quantizatdd, . We choose to round the value of
(). to getly,

0 = (3.44)

{r = round?;)

. —7co(fx) + Te
= round(—MT/2 > . (3.45)
As a result, the number of delay elemeftsequired for the delayed single-tap equalizer depends
on the group delay of the CD channejs(f) and the latency time.. Note that¢; and/, are
pre-calculated offline.

In order to finde [¢x], both equalizers in (3.40) and (3.41) are set equal resuitin

Gk[gk] = Hc_é(fk)exp (—i—]zﬂ'fk (gék — Tc>) , (346)

which is complex-valued containing the term for equalizing phase of the CD channel.
In brief, the delayed single-tap equalizer can be integarets a sub-band group delay filter
with linear all-pass filtering of the CD channel in each subéba
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3.5.2.2 Performance Analysis

Based on linear simulations, the performance of the systeémdeilayed single-tap equalizer and
the benchmark i.e. with a single-tap equalizer is evaluiedifferent /V; (accordingly different

7. values), I/FFT lengths (i.e. different values faf) and for compensating different CD values. It
should be noted that on top of the demonstrated filtering Ipgr@SNR penalties resulting from
the fiber attenuation and the according optical amplificatieed to be added as well as penalties
from non-linearity and implementation constraints.

In Fig. 3.11,¢, and/, are plotted for CD = 36,000 ps/nm{ = 512, an even)V, of value
N; = 2. For this value oflV;, 7. can have infinitely many values bounded between 0 /ad/2
as given in (3.23). We choose the following values for= {0, ;L 2L} As can be seen in
Fig. 3.11(a)/) takes non-integer values which is dependent on the CD valuendr.. The integer
values of?;, for N; = 2 can be either O or 1 as can be seen in Figs. 3.11(b), 3.11@)3.44(d).
The value of/, = 0 means that in the subbaidcorrespondingly at the discrete frequency point
fx) no delay element exists i.e. a single-tap equalizer isiegpplThe value o, = 1 means
that in the subband (correspondingly at the discrete frequency pdiftthe delayed single-tap
equalizer is applied having one delay element. For eactealy., the group of frequency points
at which either the single-tap equalizéy, (= 0) or the delayed single-tap equalizéf (= 1) is
identified. Only for the case. = 1% which corresponds to. = Y.-121L the number of sub-
bands requiring one delay element for the equalizer (a ddlaingle-tap equallzer) is the same as
the number of sub-bands requiring no delay element for thaleggr (single-tap equalizer). This
can be observed by the symmetryjnin Fig. 3.11(c). In general for an eveéy andr, = Y1 M1

2 27
the rounding of; to get/,, is an operation performed by a mid-rise quantizer.

For the same settings as in Fig. 3.%],and/; are plotted in Fig. 3.12 for an odd value of
N, namely N, = 3. In this casey. can have larger values as compared to the casé/for 2.
We choose the following values for = {0, 1L ML 3MT 9MIL Accordingly, ¢, has larger
non-integer values as well. Fo¥; = 3, ¢, can have three different integer values of 0 or 1 or 2.
The value o/, = 2 means that the delayed single-tap equalizer have 2 delmeals in sub-band
k (the interpretation of, = 0 and/, = 1 is the same as in the casef = 2). Only for the case
7. = 4T corresponding to, = “-L M1 the number of sub-bands requiring two delay elements
for the equalizer and the number of sub bands requiring eteeycelement for the equalizer and
the number of sub-bands requiring no delay element for thalexgr (single-tap equalizer) is
equal. This is observed by the symmetryjrshown in Fig. 3.12(d). In general for an odd and

7. = Y=L MT the rounding of, to get(), is an operation performed by a mid-thread quantizer.

The dlfference betweefj and/, causes a low value of residual CD in each sub-band, which
Is compensated by a single-tap all-pass filtering functealizing the according parabolic phase
transfer function (c.f. (3.46)).

In Fig. 3.13, the required OSNR to compensate for differenv@es is plotted fol/ = 512,
N, = 2 and the different, values considered for Fig. 3.11. The advantage of a delagpgtesap
equalizer can be clearly seen where significantly higher QDegaare compensated for any value
of 7. as compared to the system with a single-tap equalizer. Tienman CD tolerance is obtained
for . = 2L, corresponding ta, = Y1 2L with a small penalty for small CD values. This is
due to the value of the active tap for the equallzatlon of these of the CD channel (c.f. (3.46)).
For . > ;MQT the CD tolerance does not increase and the system perfoeniaitite same for
Te < 1 MT . For example, for. = QT, the same system performance is obtained as compared for
the case of. = 0 as can be seen in Fig. 3.13. This can be interpreted by exagniné obtained
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structure of the equalizer (see Figs. 3.11(b) and 3.114diitionally, no penalty in performance
for small CD values is obtained for these values 0fAs a conclusion, for an eveN, the value
of 7. has to be optimized for each CD value: for small CD values toiolkee minimum required
OSNR and for large CD values to increase CD tolerance.

In Fig. 3.14, the required OSNR value to achieve a BER®f to compensate for different
CD values is plotted fon/ = 512, N, = 3 and the different. values considered for Fig. 3.12.
The advantage of a delayed single-tap equalizer can beyckzen where significantly larger
CD values are compensated for with any value adis compared to the system with a single-tap
equalizer. For, = YL corresponding to, = Nt ! MT the maximum CD tolerance is obtained
as compared to othe'g values and there is no penalty in the required OSNR for smali/&lDes
as compared to the system performance with otheralues and even when using a single-tap
equalizer. Forr. > % the CD tolerance does not increase and the system perfoenisitice
same forr, < L. For example the values of = 0 and7. = 2T deliver the same system
performance as can be seen in Fig. 3.14. This also the case ter1 MT andr, = g% For
both pairs ofr, values, the structure of the equalizer is the same (see ]m;z(b) and 3.12(f)
and 3.12(c) and 3.12(e), respectively). As a conclusiaramfoodd/V,, the optimumr, over all CD
values isr, = ML AT

In Fig. 3.15, the requwed OSNR is plotted for different nienbf taps/V, for the equalizer
per sub-band. For the case of ew¥p the value ofrc is optimized for each CD value to get the
least required OSNR. For oddl;, the value ofr, = 2 N1 MT is the optimum for all CD values.
The advantage of a delayed single-tap equalizer can bdy:@’n where significantly higher CD
values are compensated for the same FFT length when incgedsias long asV; < M. The
equalizer memory can be significantly increased by the coatioin of the group delay elements
and the phase rotation. This is a clear benefit compared togéediap equalizer with only phase
filtering. For a given maximun¥,, a lower number of active taps is automatically applied at lo
CD values. In other words, as CD increases, the number of eshjtéps for equalization increases
linearly until the maximumyV, is reached.

The simulations in Fig. 3.16 show the required OSNR for theesd’; value but with different
I/FFT-length)M . As a benchmark, we choose the I/FFT length= 1024 and a single-tap equalizer
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i.e. N, = 1. Significant smaller FFT lengths as compared to the bendhfoar, = 5 (and
optimum7.) is needed to tolerate the same CD value. For example, taateler CD value of
32,000 ps/nm, it is sufficient to have an I/FFT length\éf= 256 with N, = 5 taps with less than
1-dB OSNR penalty. With\/ = 1024 and N, = 5, a negligible OSNR penalty is observed even
outperforming the benchmark.

In Fig. 3.17, the required OSNR is plotted witth = 1024 and N, = 9. The linear increase of
filtering penalty up to 200,000 ps/nm results from the decwsitipn of the signal into an increas-
ing number of sub-bands. It results from slight phase ingmidns between adjacent sub-bands
after signal decomposition. Above 200,000 ps/nm the cHameenory starts to exceed the filter
memory with the typical rapid penalty accumulation. For 88NR filtering penalty of 0.5 dB
more than 240,000 ps/nm can be equalized which refers toms-Racific distance around 15,000
km with standard single-mode fiber.

3.5.3 Delayed Dual-tap Equalizer for FD CD Compensation
3.5.3.1 Derivation

Although the delayed single-tap equalizer already triesolmpensate not only the phase but also
the group delay of the CD channel at each discrete frequenicy g which is the center of
each frequency subband, it can perform this for the grougydahly in a coarsely quantized way,
i.e. in steps of\/T'/2. This quantization can be reduced by introducing the delayml-tap equal-
izer which reduces the step-size A67'/4. This is achieved by utilizing two taps with a delay
of MT/2 in between, thereby, interpolating the group delay comatéms betweerf,, M/ 7' /2 and
(¢,+£1)MT/2. This interpolation is specially useful in those frequesap-bands where the quan-
tization error due to rounding (3.45) is almadt’’/2.

The design of the delayed dual-tap equalizer is originateeh the delayed single-tap concept
(Sec. 3.5.2). There we observe the quantization error dbéise
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Fig. 3.17. Comparison of basic CD model with extended channel modeidetywconsidered I/FFT length
of M = 1024 andN; = 9.

which is bounded te-1/2 < ¢, < 1/2. A change in the sign fromy, to ¢, corresponding to
an abrupt change in the group delay compensation causeclphéinge front;, to ¢, points
to these frequency sub-bands is where the concept of doastmost useful. All those index
pairs(k, k + 1) are denoted byu,u + 1) and are collected in the sét,. We exclude the index
pair (M /2 — 1, M /2) which comprises the two frequency bins at the upper and l@ndrof the
baseband spectrum.

The mathematical expression of the delayed dual-tap exguadi obtained by modifying (3.40)
as follows

EP(f) = ¢ [t )exp(—j2m fe,MT/2) + €. [t, + 1)exp(—j2n f(£, £ 1)MT/2) ,u € Sp. (3.48)

The active tap/, [¢, — 1] is placed at positiofi, — 1 for a positivey, whereas the active tag)[¢,+1]
is placed at positioifi, + 1 for a negativey,.

In order to find the value of the two active tagg¢,| ande! [¢,, £ 1], we recall that in general
the desired equalizer in each sub-baraims at equalizing the CD channel as given in (3.41). The
equalizerE! (f) in (3.41) can be rewritten as follows

E;(f) = HEI%(fU)eXp(_j27fuTC)
= aHC_I%(fu)eXp(_jQquTC) +(1- a)HC_I%(fu)eXp(_jQqu%)
= aHzp(fu)exXp(—j2m fulu MT/2) exp(+j27 fuluMT/2) exp(—j2m fute)
+(1- G)H€é<fu)exp(_j277fu7—0)
x eXP(— 27 fu(ly £+ 1) MT/2) exp(+527 fu(ly £ 1)MT/2) (3.49)

where0 < a < 1is an amplitude factor assigned to the tap derived for thayael single-tap
equalizer. By setting (3.49) and (3.48) equal, the value etwo active tapg [¢,] ande! [¢, £ 1]
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is
L16.] = aHGb(f.)exp (+j27rfu (@z - T>) , (3.50)
euaLi1]:(1—4nfqg(ﬁgexp(+42wﬁl<§%ZkaLi1)-R)>. (3.51)

Both active taps’,[¢,] ande [¢, £+ 1] of the delayed dual-tap equalizer can be expressed as
function of the active tap, [, of the delayed single-tap equalizer as

el [l = aeu[l.], (3.52)

(1 —a) xe,[t,], for u even

%%i”:{—u—@XQmLmruwd (3:53)

In order to keep the same complexity in terms of multiplicas for the delayed dual-tap equal-
izer and the delayed single-tap equalizer, both activeaapshosen to be eqdaThis is achieved
by having

pu— —_. . 4
a=3 (3.54)
With this assumption, the delayed dual-tap equalizgfz,/») in (3.48) can be rewritten as

Wﬁ){

In general, for even the term(l + exp(:FjQWfMT/Q)) can be rewritten as

(3.55)

= D=

eullulexp(—72n fl,MT/2) (1 —exp(Fj2rfMT/2) |, for u odd

Y

eullulexp(—j2n fl,MT/2) El +exp(q:j27rfMT/2)§, for u even

1+ exp(Fj2rn fTM/2) = exp(Fj2n fTM/4) (exp(xj2rn fTM/4) 4+ exp(Fj2n fTM/4))
=2 x exp(Fj2r fTM/4) cos(2m fTM/4) (3.56)

and for oddu the term(l —exp(Fj2rfMT)/2) ) can be rewritten as

1 —exp(Fj2rfTM/2) = exp(Fj2n fTM/4) (exp(Lj2r fTM/4) — exp(Fj2rn fTM/4))
= +2j x exp(Fj2n fTM/4)sin(2rn fTM/4). (3.57)

This leads actually to the following two important conctuss for the delayed dual-tap equalizer
with ¢ = % Firstly, in the sub-bands where it is applied, there(dret %)MT/Q delay elements
represented by the ternts-j27 fTM/2) and (Fj2x fTM/4), respectively. This is illustrated in
Fig. 3.18. The delay elements realize a sub-band group delegssary to compensate the normal-
ized group delay of the CD channejp(f) and the latency time. in (3.23). Thus the sub-band
group delay is now smoothed where the delayed dual-tap iequéd applied. The second conclu-
sion is that the delayed dual-tap equalizer is not an alé-fiier since its amplitude is not equal
to one; it has a sinusoidal shape represented by the textisr f1°M /4) andsin(27 fT'M /4) for
even and odd, respectively.

For oddu, both taps have equal magnitudes but opposite signs.
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continuity of ¢, continuity of the quantization errag;
Fig. 3.19. Delayed dual-tap equalizer for CD= 60,000 ps/mim= 256, N, = 7: the frequencies at which
itis applied

3.5.3.2 Performance Analysis

The performance of the system with delayed dual-tap ecradizd with delayed single-tap equal-
izer is evaluated for compensating different CD values.

In a first set of simulations, in Fig. 3.19 we pl6t and and the quantization errgy for CD
value of 60,000 ps/nm)/ = 256 and N, = 7 (correspondingly optimum,). The discontinuity
(as marked in the figures) i), andg, highly depends on the quantization method (rounding in
our case) chosen to gét for a given CD valueM and V,. There is a total of twelve sub-bands
where the discontinuity occurs. This defines the elementeetetS, which has the following
indexesSp = {10, 11,32, 33,54, 55,201, 202, 223, 224, 245,246 }. In these frequency sub-bands,
the delayed dual-tap equalizer is applied to smdgth

For the same settings as in Fig. 3.19, the smoothing, @ shown in Fig. 3.20 by applying
the delayed dual-tap equalizer at the corresponding sntisb&Ve show just the frequency range
f € [0---10] GHz. At the even indexes of the s&p, the delayed dual-tap equalizer has the
additional active tap at positiof), — 1. At the odd indexes of the sélp, the delayed dual-tap
equalizer has the additional active tap at positipa- 1. Fractional values of,_; are noticed in
the sub-bands ofp,.

In a second set of simulations, the required OSNR is plottédg. 3.21 forM = 256, N, = 7
(and optimunr,) anda = % for different CD values. The performance of the system witblayed
dual-tap equalizer further improves as compared to thesystith delayed single-tap equalizer.
This is due to the finer quantization éf by smoothing it in the sub-bands where it is discon-
tinuous. The improvement in performance in terms of the irequOSNR can be observed when
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Fig. 3.21. Required OSNR for different CD values: Delayed Dual-tapakrer and single-tap equalizer
having the same complexity in terms of multiplications.

compensating for large CD values with small Actually, as long asV; stays small (and accord-

ingly the number of sub-bands at which the delayed dual-t@alezer is applied) as compared to
M, there is an improvement in performance.

3.6 Frequency Domain Equalization of the Complete System

The FD equalization of the signaljm| in Fig. 3.1 considered in the previous sections accounted
for the effects of the propagating CD channel for the equiatiesign. In this section, we design an
MMSE equalizer in the FD that equalizes the total channélting the response of the transmit
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Fig. 3.22. System Model for FD equalizer design

and receive filters. Moreover, the equalizer takes into aectthe aliasing terms that arise due
to the electrical (Bessel) filter. The criterion which we usedqualization reduces to filtering at
each discrete frequency point. In other words, we aim aigdésy a fractionally spaced MMSE
equalizerE[k] at each discrete frequency poiatk = 0,1,--- , M — 1 taking into account the
aliasing terms that arise due to the Bessel filter. A simplifieablel of the system in Fig. 3.1
necessary for the derivation of the point-wise equalizgt] is shown in Fig. 3.22.

We consider that the TD signals and the noise in Fig. 3.1 mmrtheir energy when trans-
formed to the FD according to Parseval’'s theorem. Giventtieal D input signak[n] has variance
o2, thek-th point of the discrete Fourier transformadf] denoted as([k], k = 0,1,--- , M /21
has the same variance @f. The discrete TD signat|n] after upsampling by a factor of 2 is de-
noted asc,[m]. The latter thus has a varianceddf = 02 according to (B.4). Therefore, it follows
that thek-th point of the discrete Fourier transformafm| denoted as([k],k = 0,1,--- , M —1
has the same variance of value

0% = =02, (3.58)
X

The k-th point of the discrete Fourier transform &fn] in Fig. 3.1 is denoted a&[k] in
Fig. 3.22. The aliasing terms present due to the downsagpfppear when expressing the output
signal X [k] as function of the equalized sign&L[%| [113]

- L(Xe[k] + Xe [k +M]), for 0<k<M/2-1,0<k<M/4—1,
2 2 (3.59)
2 2

(Xe[k] + Xe [k —2]), for M/2<k<M-1,M/A<k<M/2-1.

The continuous TD representation of the total channel d&hashy(t) is obtained by con-
volving the impulse response of the pulse shapgt), CD channelhcp(t) and the receive filter
hi(t) defined in Sec. 3.2

hiot(t) = hix(t) * hep(t) * hy(t). (3.60)

It follows that the discrete-time representationigf(t) is obtained by sampling it at twice the
symbol rate as follows

htot[m] = Btot(st/Q)- (361)

Therefore Hiy|k] representing thé-th point of the discrete Fourier transform/af;|[m| is obtained
according to (1.7)

M-1
Htot[k] = Z htot[m]WJl\?n- (3.62)
m=0

The impulse response of the receive filtgf() defined in Sec. 3.2 is sampled at twice the
symbol rateh,[m] = h(mTs/2) in order to get the corresponding discrete Fourier transfor
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representatiott/ k| according to (1.7)

M-1

Hy[k] = hom] W, (3.63)

The k-th (frequency) point of the discrete Fourier transformtoé hoise denoted as|k] is
obtained in the same way &&q[k| and H«[k| by first sampling the noise(t) in Fig. 3.1 at twice
the symbol rate and then transforming it according to (1.7)

M-1
N[k =Y n(mT,/2)W". (3.64)

The variance ofV|[k] denoted as? is derived as in (3.8) over a frequency bandwidtt Bf
We can, thus, express theth (frequency) point representation of the equalizeddign|k| as
function of Hi[k], Hx[k], Xu[k], N[k] and E[k] as follows
Xelk] = E[k] HolK] Xulk] + E[K] Hu[K]N[K]. (3.65)

For0 < k < M/4 — 1, the output signalX k] in (3.59) when substituting (3.65) can be
expressed in a matrix-vector notation as follows

X[F] = 5 (e[RRI X, [k] + e[k Halknk) (3.66)
where0 < k < M/2 — 1 with the following definitions
elk] = [E[k] E[k+%]], (3.67)
hik] = [Holk] Ho [k + 2]]7, (3.68)
Hglk] = [Hrg[k] i [k0+ | (3.69)
n[k] = [N[k] N [k+24]]", (3.70)

and we used the fact that, [k + 4/ | = X,[k] sinceX,[k] is periodic with period\//2.

We desigre|k] according to the FD MMSE criterion. For this the mean squaredr denoted
as.J(e[k]) at each discrete frequency points built betweenX [k] and X [k] which is function of
elk] as given in (3.66). It reads as

T

XT[k] — X[k]

J(e[k]) = E{

(e[k]h[k] _ 2) Xu[k] + e[k]HR[k]n[kDH]

0% (e[k]h[k] - 2) (e[k]R[K] — 2)" + vae[k]HR[/f]HR[k]HE[/f]H) , (871)
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whereX k] = X,[k] [113] fork = 0,1,--- ,M/4 — 1 andk = 0,1,--- , M/2 — 1 but the latter
has a variance af% given in (3.58). The expectation is taken over the sigiiglk] and over the
noise termn[k| with the following noise correlation matrix

E[|N]K]|? 0
E [n[k]n[k]H] _ “ O[ ” ] E[’N[k+ %“2} = U]2V12><27 (372)

and it is assumed that sign&],[k] and the noise componentswfk| are uncorrelated.
The optimume|[k] is the one that minimizeg(e[k]) in (3.71)

elk] = argmin J(e[k]) (3.73)
elk]

which is found by taking the derivative df(e[k]) with the respect te[k] and setting it to zero

G2 eli) = % (B 2T+ okl Hlb] Bl =00 (37

Therefore, the optimura[k] for k = 0,--- , M /2 — 1 reads as

1

elk] = 205 h[k]" (o% hlk]h[k]" + o} Hr[k|HR[K]") . (3.75)

Fork = M/2,--- M — 1, the vector-equalizez~[k] = [E[k] E [k — 4']] can be similarly
derived. It reads as

e [k] = 20%h [k]" (o%h™[k]h™[k]" + oX HR [k| Hg [k]) (3.76)

where
ho[k] = [Holk] Ho [k —2]], (3.77)
H K] [Hrg[k] i [ko_ %]] (3.78)

The matrix inversion lemma of the form (E.1) [142] is finallp@ied to (3.75) and (3.76) to
get the expression of the fractionally spaced equaliZér at each discrete frequency point

( 2 Hyot[ K]
|l kP for 0<k<M/2-1
HolH | |Halk+ ¥]|° ok o |
| Hix[K]|? Hylk+ M4 ? Ug{
Elk] = |2Ht0£[k‘]* 2 } ‘ (3.79)
| Hox[K]|?

, for M/2<k<M-1.

ol | |Fralk = 5] o}
L | Hix[K][? |er[k—%ﬂ2 o

The proof is given in Appendix E.
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Fig. 3.23. Frequency domain equalizer of the complete system: advantagdenchmark equalizer at
back-to-back connection of the transmitter and receiver i.e. no CD ehbatween them

The performance of the system with the equalizer designedrding to (3.79) is examined
in terms of ROSNR to get a BER df)—2 to compensate different CD values for a givéhas
compared to a system with the benchmark design given in (216 also other designs for the
equalizer derived from (3.79) as we present later.

In Fig. 3.23, the BER vs. OSNR is plotted for back-to-back @mtion of the transmitter(¢)
in (3.2)) and the receiver (the opto-electronic front-efthe coherent receiver,(t) in Fig. 3.1)

i.e. without CD channel between them. The equalization igduitimer through the proposed equal-
izer in (3.79) or the benchmark in (3.16) fof = 512. As it can be seen, less ROSNR values is
needed with the proposed equalizer as compared to the bankh@oncretely, a 0.5 dB improve-
ment in ROSNR is attained to get a BER18f2. This is because the equalizer in (3.79) can be
interpreted as a pre-whitening filter that whitens the aadanoise (with power spectral density of
0% | Hy[k]|?) input to the equalizer.

In Fig. 3.24 the ROSNR to get BER df)—3 is plotted for different CD values with both
equalizer designs as in Fig. 3.23. For CD values less than ual dg,000 ps/nm, the ROSNR
values with the proposed equalizer are less than the valilkshe benchmark equalizer. This is
because the proposed equalizer equalizes not only thegatipg CD channel but also the transmit
and receive filters (given by the terfd[k]* in (3.79)). However, for CD values greater than
14,000 ps/nm, the ROSNR values for the system with the pexpegualizer become greater than
for the system with the benchmark equalizer since the foegaalizer causes noise enhancement
at certain frequency components which deteriorates theathy®erformance. In other words, the
optimum equalizer design depends on the CD value (correspgigicbn the length of the optical
fiber).

Finally, in Fig. 3.25 the ROSNR to get BER ®6—2 is plotted for different CD values with
the proposed equalizer design in (3.79) and a pre-whiteequ@lizer expressed by, , [k] =
ﬁs[[:]]; which does not take into account both the aliasing terms du#ownsampling and the
regularization term due to FD MMSE design in the denominafdB.79). As it can be seen, for
M = 512 the ROSNR values with the proposed equalizer in (3.79) atlean the values when
a pre-whitening equalizer is used such that a gain of 0.5 dBesais obtained for CD values
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Fig. 3.25. Frequency Domain Equalizer with Oversampling vs Pre-whitergoglizer: advantage of FDE
with oversampling over all CD values

greater than 10,000 ps/nm. This is because the noise emhantwith the proposed equalizer is
less when compared to the pre-whitening filter. This gain@BSRIR values is more obvious when
decreasing/ where at least a 1-dB gain is obtained fidr= 256 for CD values greater than 4,000
ps/nm. Lastly, the equalizer can be designed without takitggaccount the aliasing terms due to
downsampling and thus thet % components in (3.79) can be ignored. The obtained equédizer

the given transmit and receive filter delivers not only higpFNR values for small CD values as
compared to all aforementioned designs of the equalizealbatit is not able to compensate large
CD values. This concludes the superiority and the advantages proposed equalizer in (3.79).

65
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3.7 Summary

Coherent detection with digital signal processing algonghook advantage from the continuously
increasing electrical processing speed. In this chaptegrresented various DSP algorithms asso-
ciated with PDM-QPSK-RZ-50% optical transmission cohessstems to enhance data rates of
112 Ghbit/s and beyond per wavelength channel. The DSP Higwiare used to compensate for
CD among other transmission impairments in optical fiberge. MhAin obstacle for implementation
at such high data rates is the complexity of the filtering atgms in terms of multiplications and
thus power consumption and the availability of DSP circthts offer both very high gate density
and processing speed. FD equalization by means of linepaa# filters has been shown to have
the least implementation complexity compared to TD impletaton for large dispersion values
where the equalizer has many taps. Overlap FDE is one coafignrof SC-FDE which perform
linear convolution in FD.

In this chapter, first, we interpreted the well known OLS-5@%thod applied so far for FD CD
compensation as a non-maximally decimated DFT FB withatrigrototype filters and a single-
tap filter per sub-band equalizing the propagating CD chamett, due to the nature of the CD
channel which distorts not only the phase of the signal tsd @t group delay, we proposed and
derived a delayed single-tap equalizer in the FD. It is a iatalft filter applied in each frequency
sub-band but has only one active tap and several delay ete@metrounting to the quantized (nor-
malized) group delay of the inverse of the CD channel. Witk tigsign larger CD values can be
compensated with a smaller I/DFT length. This is simply dopéncreasing the number of delay
elements of the equalizer in each sub-band as long as themaaxhumber of delay elements re-
mains negligible as compared to the I/DFT length. An impareedvantage of such a filter design
Is that its complexity in terms of multiplications remaiigtsame as the benchmark (OLS-50%)
apart from the needed additional delay elements. The qegh{hormalized) group delay func-
tion derived for the delayed single-tap equalizer can beosheal to provide a better (normalized)
group delay approximation around the frequency points w/tteg (normalized) group delay func-
tion is discontinuous. We proposed, therefore, a delayed-tdp equalizer applied at the these
frequency points which can also has the same complexityeadatayed single-tap equalizer apart
from some adders/subtractors by adjusting the amplitudleeotwo active taps. The (normalized)
group delay at the frequency points where this equalizeppdied is finer quantized by having an
and integer and fractional (normalized) group delay. Timgroves the performance of the system
by requiring lower ROSNR values specially when concursettite I/DFT length is small and the
CD values are large. Finally, we derived a FD MMSE equalizengensating the total channel
composed of the impulse response of both the transmitteres®ver and the propagating CD
channel. The designs takes into account as well the aliaemgs that arise due to the electrical
filter. The results showed lower ROSNR values of the systempewed to the benchmark for low
and moderate CD values.



4. Baud-rate Channel Spacing in Wavelength Division
Multiplexing Systems

In this chapter, we adopt baud-rate channel spacing in wagéh division multiplexing (WDM)
systems as a way to efficiently use the available opticalwaitt. Due to the baud-rate spacing of
WDM channels, there is a considerable overlap between adjabannel spectra. This gives rise
to interchannel interference (ICl) degrading system peréorce. Therefore, we present three dif-
ferent approaches to mitigate or minimize ICI. These apgresiemploy either standard or orthog-
onal modulation schemes. In standard quadrature amplinatiilation (QAM) WDM systems,
we develop two receiver-side approaches to mitigate ICIffsebQAM WDM systems, there is no
ICI despite spectra overlap because of the orthogonalityd®t the wavelength channels. Chan-
nel orthogonality is achieved theoretically through st&xgty and destaggering, in the transmitter
and receiver, respectively, of the real and imaginary pafrtbe signal. We demonstrate through
simulations the feasibility of offset QAM WDM systems. We coane these different approaches
in terms of performance, system requirements and compléat all the different techniques for
ICI mitigation or minization, a digital root-raised-cosifi@RC) pulse shaper is implemented in
the transmitter and in the receiver since the overall reguRC response satisfies the first Nyquist
criterion for intersymbol interference (ISI)-free transsion.

4.1 Introduction

In WDM optical communication systems, multiple optical eans are modulated individually at
relatively lower symbol rates, and then multiplexed togetttelivering the desired net data-rate.
Enhancing the spectral efficiency (SE) in WDM systems is thetkemeet the growing traffic
demands and higher capacity requirements. The SE detesmat@nly the maximum theoretical
data throughput of a system, but also how efficiently thel ttailable bandwidth is being used.
After the commercialization of 112 Gbit/s PDM-QPSK per wiangth channel systems and in
order to enhance the SE in WDM systems, approaches for theeefficse of the available optical
bandwidth are to be investigated. These approaches allstirexmodulation formats, baud-rate
and components to be exploited without the need to utilizbtiaxhal fibers and amplifier infras-
tructures, without employing high order modulation scheymathout an increase in the baud-rate,
without limiting the reach and without incurring unaccdpéacomplexities. Therefore, a way to
achieve high SE is by reducing the channel spacing, defindteasequency separation between
two optical carriers, to the baud-rate. Three major contipettechnologies for generating baud-
rate spaced channels in WDM systems can be identified.
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The first one is the orthogonal frequency-division multqoig (OFDM) technology [16—-33]. It
makes use of the orthogonality between the channels to &lospectral overlapping through uti-
lizing a sinc-function spectrum in the frequency-domaib)Hn the time-domain (TD), the mod-
ulated symbols in each channel have rectangular shape efstiy of implementation methods of
OFDM has been proposed, such as electro-optical hybrid OFZ2VR5], and all-optical OFDM
or namely no-guard-interval OFDM (NGI-OFDM) [19, 21, 30]3Rheoretically, OFDM belongs
to the class of orthogonal systems with ICI-free transmissitowever in practical systems, the
generation and maintenance of ideally orthogonal chansejsite difficult. The transmitting end
in an optical OFDM system must use optical oscillators wiggtiency locking to get carrier spac-
ing equal to the baud-rate with sufficient accuracy. Addaidy, OFDM systems require accurate
timing alignment of the symbols at the demultiplexing stemmaintain the orthogonality between
the channels. Any slight imperfection in maintaining ogboal channels results in severe perfor-
mance degradation mainly ICI from the cross-talk from negglrig channels. Moreover, there is
a long oscillating tail in the FD which implies that suffictdrandwidth is needed at the transmitter
and the receiver to modulate each channel. Furthermoranehaeparation at the receiver side is
not trivial, requiring a fast Fourier transform (FFT) eithe the electrical domain [25,26] or in the
optical domain [22, 27]. For the electrical channel sepanat simultaneous detection scheme is
usually used for detecting more than one channel per diggiapling, which further reduces the
achievable baud-rate per each channel due to the limitafidtre sampling rates of the analog-to-
digital converters (ADCSs). In addition to these practicaplementation issues, the use of Gl in
OFDM systems reduces the SE. Finally, conventional OFDNtally has a large peak-to-average
power ratio (PAPR) leading to high fiber nonlinear impairnsentfiber links. For these reasons,
we do not consider OFDM further in this thesis.

The second technology to generate baud-rate spaced chasntdle Nyquist WDM ap-
proach [34-47]. Itis complementary to OFDM where each cklnas an ideal rectangular shaped
spectrum in FD with bandwidth equal to the baud-rate obthlmeemploying optical, analog or
digital electrical filters in the transmitter [36, 38—413%446]. In the TD, the pulse within each
channel has a sinc-shape with zero-crossings at integdipheslof the symbol period’. This
simply characterizes a Nyquist pulse which achieves isyenbol interference (ISl)-free transmis-
sion. ISl is one of the major intrachannel impairments cdusethe limited channel bandwidth.
In Sec. 4.2, we review the concept of ISI-free transmissimaioed by utilizing different Nyquist
pulses each characterized by a roll-off factor. Theorbyiclyquist WDM systems are both ISI
and ICI free. However, practical issues raise such as therfegieggeneration of an ideal rectan-
gular spectrum and the difficulty to maintain it over the #maassion system due to the impact of
cascaded filters along the transmission line. These issegade the performance due to the in-
evitable induced ISl and ICI effects since there is no GI. Thuactical WDM systems are not ideal
Nyquist systems although it is common to refer to them as My§MDM systems. One challenge
in Nyquist WDM systems with baud-rate spacing of the chanisels simultaneously minimize
ISI and ICI impairments. This can be achieved by adoptingstratier-side and receiver-side ap-
proaches. At the transmitter side, pulse shaping is peddratcording to the Nyquist criterion to
generate ISI-free signals rather than sinc pulses. The disoot raised cosine (RRC) filters is
of particular interest for pulse shaping. This is becausg Hatisfy the Nyquist criterion of zero
ISI (in the case of an ideal channel) whatever the roll-offvieen applied at the transmitter and
receiver. The sinc-function has a raised cosine spectraimaero roll-off. Optical methods such as
Nyquist optical filter [144] or an ordinary optical filter amgoulse carver [145] to generate Nyquist
WDM signals have been demonstrated. Electrical pulse shdg) 146,147] implemented either
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in the analog or in the digital domain can be alternativelpelto delicately constitute the spec-
trum in electrical domain. Digital filtering approachesuigq digital-to-analog converter (DAC) at
the transmitter. Compared with optical approaches, DSBebpalse shaping solutions are more
flexible as the same hardware can be used to generate diffét@nshapes and modulation for-
mats [148]. These approaches can be implemented eithee ifiRhwith finite impulse response
(FIR) filters or in the FD using discrete Fourier transform {DHnverse DFT (IDFT) and point-
wise multiplication for filtering. Allowing for non-zero tboffs relaxes the constraints on the filter
length and the tolerable jitter at the expense of non-néxidCI degrading the performance. This
requires adopting receiver-side approaches to mitigatemlyg ICI but also ISl that arises due to
the propagating channel between the transmitter and excéivgeneral for ISI and ICI equaliza-
tion receiver-side approaches are more flexible and adagtathe overall channel variations than
transmitter-side approaches. We present two designsdadhalizer in the digital domain requir-
ing an ADC at the receiver side. The first equalization metivbath we propose in Sec. 4.6.1 is
based on the conventional minimum mean squared error (MN8&ign for the equalizer in the
FD which is modified such that the ICI of adjacent channelsse @troduced in the optimiza-
tion procedure. This is achieved by making use of the sigishformation of the symbols of the
immediately adjacent channels in order to get a regulaoizdaerm for the resulting expression
of the MMSE equalizer. Thus, the interference is taken imiwoant in the optimization process
in a very similar way to the noise. The equalization is caroet independently in each channel
of interest i.e. a single-receiver equalization techniduee second equalization approach that we
propose in Sec. 4.6.2 is referred to as multi-receiver ezptadn (MRE) method. It is based on
a super-receiver architecture which builds on conventiblyguist WDM systems such that the
received signals of the neighboring channels are fed irdadbeiver of the channel of interest to
eliminate ICl in this channel. This method has been previodemonstrated as an ICI cancellation
method in coherent OFDM systems [149]. By taking advantagefofmation from neighboring
channels using joint DSP to cancel ICI, greatly improved grenfance can be achieved as com-
pared to conventional receivers which process each chamdependently. In general, compared
to no GI OFDM systems, Nyquist WDM systems relax the bandwidtjuirement of the receiver
and exhibits better non-linearity tolerance due to lowePRA/alues [33].

The third technology to generate baud-rate spaced chamélg employing offset QAM
(OQAM) as modulation scheme in Nyquist WDM systems [48-58]OIQAM Nyquist WDM
systems as opposed to SQAM Nyquist WDM systems, the muliidesf the channels at the
baud-rate allows for spectral overlap without ideally fesg in ICI which impairs the received
constellations. Channel orthogonality is achieved thrabghuse of OQAM as modulation scheme
by offsetting the inphase and quadrature tributaries thetrate for odd and even channels. In
Sec. 4.3, we review the principle of OQAM for ICI-free transsion in baud-rate channel spaced
systems. Originally, OQAM was proposed by Chang [54] andz8alg [55] for parallel data trans-
mission systems over bandlimited dispersive transmigssiedia. Later it was applied in radio fre-
guency (RF) wireless communications [150—155], in poweriommunications [156,157], and in
optical wireless [158,159]. The concept of OQAM in Nyquist WIRBystems can be implemented
either in the optical [48, 51] or in the electrical domain [89]. As opposed to no GI OFDM,
OQAM Nyquist WDM systems use bandwidth-limited pulse shapésrefore, the bandwidth re-
quirements of the involved electrical and electro-optmahponents are reduced accordingly. In
Sec. 4.5, we introduce the OQAM Nyquist WDM system and demmatesthrough simulations the
feasibility of the OQAM principle under the assumption offpet synchronization of frequency,
phase and time.
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In this chapter, we consider three isolated wavelengthmélann the transmitter of a WDM
system which are multiplexed at baud-rate spacing. We figage Nyquist WDM systems which
employ either standard or offset QAM as modulation schemésconsider baud-rate of value
B = 28 GBaud. The signal generated by the transmitter is then cdupte the standard single
mode fiber which is modeled as a linear CD channel whose fregussponse is given in (3.5).
The received signal then enters coherent receiver(s) ftnduprocessing. We present a detailed
description of the different approaches necessary to atéi¢Cl in Nyquist WDM system with
SQAM and OQAM as modulation scheme in the following sections

4.2 Principle of ISI-free Transmission in Single-channel Transmissn Sys-
tems

According to Nyquist theorem [58], ISI-free transmissian single-channel systems can be
achieved if the spectrum of a signdl( f) satisfies

[e.e]

> H(f+my/T.) =T, (4.1)

ms=—00

at the slicer wherd’, is the symbol period of the signal. The smallest bandwidta signal with
zero ISl is1/T. The frequency spectrum of such signal is rectangular andaitrespondingly
pulse shape is a sinc function

hs(t) = sinc(;—t) = % (4.2)

One difficulty with the impulse response in (4.2) is that ifusdamentally impossible to obtain
because it is infinitely long. Additionally, the tails 6f(¢) decay ad /¢ which means that a large
number of taps are required in practice to approximate itaarydsmall sampling timing error can
cause ISI.

A widely used and more practical pulse that satisfies Nydhesirem is the raised cosine (RC)
filter with a roll-off factor0 < p < 1. It can expressed by

sin(wt/Ts) cos(mpt/Ts)

hre(t) = :
relf) nt/Ts 1 —A4mp?t?/T?

(4.3)

The tails ofhrc(t) in (4.3) decay as/t3 for p > 0. Consequently, as compared to the sinc function
in (4.2), the impulse response decays faster and an erramplgg time causes less ISI. However,
the RC pulse occupies/T, extra bandwidth.

According to the requirement that the receive filter sho@ariatched to the transmit filter, the
impulse response of the RC filter is factored into a RRC filter ith lemtities. Besides, the cascade
of the transmit and receive filters must satisfy the first Nggeriterion in order to avoid ISI. By
taking the square root of (4.3), the impulse response of an RRCdan be expressed by

Ak cos(m (14 ) + sin(m (1 — p))
hrre(t) = — - -

4.4
(1 - (4p%)?) “4-4)
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The frequency response of the continuous-time RC filter cafolned by taking the Fourier
transform of (4.3). It reads as

T, 0 <1l < fx(1=p),
Hac(f) =4 Geos(£ (L =(1-p)), -p) <IfI<f(l+p),  (45)
0, |f|>fN(1+p)‘

where fy = 1/(27T}) is the Nyquist frequency. The frequency response of theiremtis-time
RRC filter can be found by taking the square root of (4.5). It scasl

VT. 0 <171 < nll—p),
Hegelf) = § VTocos (5 (£ = (1=p)). I(Q=p) <A< ixl+p).  (46)
0, [f1> fn(L+p).

4.3 Principle of ICI-free Transmission in Multi-channel Transmission Sys-
tems

In multi-channel transmission system where each userrtriassvith a signaling rate of3 bit/s,

an efficient use of the available spectrum for channel meltipg is achieved when the channels
of the different users are placed at the baud-rate. Thisdotes considerable ICI. Chang and
Saltzberg developed independently in [54, 55] an orthogsigaaling method that leads to zero
crosstalk i.e. zero ICI despite baud-rate channel multiptexvhen the transmission medium is
distortionless. We briefly review here the proposed ortinadjsignaling in [54,55] .

Fig. 4.1 shows the block diagram of an analog contindmeiency division multiplexdadans-
mission system. It is assumed that the spectral shape ofjih@ $s identical in all channels and is
symmetrical around the center frequency of the channeldf eser. Each user transmits two inde-
pendent data streanisand(, each of which modulates one of a pair of carriers whose &eqy
is equal to the center frequency of the channel of each uaeh #ata stream has a signaling rate
of B/2 and the timing of the two streams is staggeredip§g. The signal in adjacent channels
Is staggered oppositely, so that the data streams which latedine cosine carriers of the even
numbered users’ channels are in phase with the data streatmsaddulate the sine carriers of the
odd numbered users’ channels and conversely. All the phbsgisg filtersH (w) in the transmitter
and receiver are identical and assumed to be real. They addilied to the signaling rate in
order to avoid the interference from non immediately adjacbannels.

Since the system is linear and time-invariant, the distarin one channel can be determined
from the response to a single pulse transmitted on each aobeh The channel could have an even
or odd number and the subchannel could be either the cosithe sime subchannel. There are six
components that constitute the distortion in each chafim&l.components comprise ISI from the
inphase and quadrature components of the channel itselfodilie dispersive media. The other
four components comprise ICI of the immediate adjacent upperlower channel specifically
from the inphase and quadrature components of the immédedgcent channels. In case the
transmission medium is distortionless and whéfw) is chosen such that it satisfies the Nyquist
criterion i.e. an RRC filter, there is no ISl in the system. By tiaggering and the destaggering op-
erations performed in the transmitter and receiver, rasdy, Saltzberg showed in his paper [55]
that the four terms consituting ICI are zero.
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(b) OQAM Staggeringy even
Fig. 4.2. OQAM Staggering in odd- and even-numbered channels

In the discrete-time domain, the process of offsetting &a and imaginary part of the signals
in the channels is carried out by the OQAM modulators in taegmitter and OQAM demodulators
in the receiver. The OQAM staggering of the symbols in ea@naokl is carried out according to
Figs. 4.2(a) and 4.2(b). The OQAM modulators denotedgsnherently include an upsampler
which increases the sampling rate of the signal by a fact@r ®he role of the real and imaginary
part has to be interchanged from one channel to the othes.rmbans the OQAM modulation of
the odd numbered channels delays the real part of the signatding to Fig. 4.2(a), whereas it
delays the imaginary part (multiplied hyin the even numbered channels according to Fig. 4.2(b).
The OQAM destaggering of the symbols in each channel isethout according to Figs. 4.3(a)
and 4.3(b). The OQAM demodulators denoted¥snherently include a decimation by the factor
2. Similar to the OQAM staggering, the role of the real andgmary part has to be interchanged
from one channel to the other. Hence, the OQAM demodulatfahe odd numbered channels
delays the imaginary part (multiplied by part of the signal according to Fig. 4.3(a), whereas it
delays the real part in the even numbered channels accaalkig. 4.3(b).

4.4 Transmit Processing in Nyquist WDM Systems

In the transmitter of a Nyquist WDM system, three separatesteggth channels are firstly gener-
ated and then multiplexed before being sent over the sanmabphannel.

4.4.1 Generic Digital Pulse Shaper Module

Pulse shaping is performed according to the Nyquist cateto generate ISI-free signals. Optical
methods such as Nyquist optical filter [144] or an ordinarticgb filter and a pulse carver [145]
to generate Nyquist WDM signals have been demonstratedri€bdulse shaping [40,146,147]
implemented either in the analog or in the digital domain lbaralternatively done to delicately
constitute the spectrum in electrical domain. Digital fithg approaches require a DAC at the
transmitter which incurs additional complexity due to DSBagessing. As compared with optical
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(b) OQAM Destaggeringy even
Fig. 4.3. OQAM Destaggering in odd- and even-numbered channels

— 72 — Pulse Shaping— DAC — g(t) —
x[n] zy[m] Zps[mn] q(t) Zod(t)
Fig. 4.4. Generic Digital Spectral Shaping Module

approaches, DSP-based pulse shaping solutions are mobéeflex the same hardware can be used
to generate different filter shapes and modulation forn48]. We therefore present and adopt
digital filtering for pulse shaping of the input signal.

A generic module for digital pulse shaping is shown in Fig. Zhe input signat[n] is upsam-
pled to avoid aliasing in the bandwidih before being pulse shaped. We choose an upsampling
factor of 2. Due to the reasons we mentioned in Sec. 4.2, an RRCifilour choice for the pulse
shaper in the transmitter of each wavelength channel. lerdadrelax the constraints on the filter
length and the tolerable jitter, we opt for a non-zero rdilfactor p for the RRC filter.

RRC filtering for digital pulse shaping can be performed eiinethe TD or in the FD. In the
TD, the upsampled input signa)[m] is linearly convolved with a digital FIR RRC filter to obtain
the RRC-shaped signal. An FIR RRC filter is obtained from the cantis time RRC impulse
response of infinite support in (4.4) by firstly sampling ifat2 spacing and then truncating it by
a discrete-time window function of lengt/, /2 + 1. In the FD, the overlap techniques perform
linear convolution of the signal with the RRC pulse shaper. dwerlap methods exist in the lit-
erature: the overlap-and-save and overlap-and-add. Weyd#qe overlap-and-save method with
50% overlap (OLS-50%)) for filtering in the FD. A schematic lo¢ tOLS-50% method is shown in
Fig. 3.2 where the length of DFT and IDFTAg,. The M, coefficients of the RRC filter in the FD
necessary for pulse shaping are obtained by evalu#fiag(f) in (4.6) atM, discrete frequency
points f,,p = 0,1,--- , M, — 1 defined in (3.17). Since all/, degrees of freedom are used in
the design of the FD RRC filter, the system is no longer a lineae tnvariant system but rather a
linear time variant one. However, for the FIR design of the RR€rfin TD, the system is linear
time invariant sincel/,,/2 + 1 degrees of freedom has been used for the design.
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Fig. 4.5. Power spectral density of the input signal pulse shaped wittR&hflRer of p = 2 designed in
the FD and TD

Different figures of merit determine whether to perform TDF® filtering for pulse shaping
the upsampled signal,[m]. Complexity in terms of the number of required real multiations
per output symbol is one figure of merit. As we showed in Se&.33whenl/, > 4, which is
the case for pulse shaping to design an RRC filter, the multijddin complexity for filtering in
the FD is much less than the complexity in the TD. Another irtgoat figure of merit that drives
the use of FD filtering rather than TD filtering is the power loé sidelobes of the attained RRC
pulse-shaped signal. This is an important attribute in babel spaced systems because the power
of the sidelobes causes out-of-band radiation. Since thefdoand radiation leaks to adjacent
channels, it leads to ICI in baud-rate spaced Nyquist WDM syst&Ve plot in Fig. 4.5 the power
spectral density of the signajsm| obtained by either TD or FD RRC filtering of the signa|[m]
for different values ofM, and with a roll-off value ofp = 0.2. As it can be seen in the plot,
the power of the sidelobes of the pulse-shaped sigpgah| is larger with TD filtering than with
FD filtering. Additionally, asM,, increases, the power of the sidelobes of the RRC-pulsed signal
xpgm| obtained by both methods for filtering decreases, but witHif&ing the signal has lower
sidelobes than with TD filtering. Therefore, throughousttiiesis we choose FD filtering with the
method of OLS-50% for performing RRC pulse shaping of eachsigspsampled signal not only
because it has lower computational complexity than TD filgebut also because it delivers lower
power of the sidelobes of the generated signal; an esspatiaieter in baud-rate spaced Nyquist
WDM systems.

The pulse shaped signalsm| is then converted to the analog domain through a DAC to get
the signalz4(¢) in order to further modulate it onto an optical carrier. Th&@holds each digital
value for half a symbol period and then filters it. Because th&€ s suppressing the periodic
repetitions inherent to its input sequence, a filter denatefdt) is employed as part of the digital
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FD processing
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Fig. 4.6. Transmitter module per wavelength channel: digital pulse shapthgracompensation of the
DAC and the optical filter and optical modulation

pulse shaper module. Realistic models for the DAC and the §i(te for suppressing the periodic
repetitions of the input signal to the DAC are given in thédeing section.

4.4.2 Transmitter Design per Wavelength-channel of WDM Syem

The transmitter in each wavelength channel constitutesdigital pulse shaper, a digital predis-
torter and an optical signal modulator.

The input signak:[n] in each wavelength channel is digitally pulse shaped in theaf we
presented in Sec. 4.4.1 to get the signalt). However, the signat.qy(t) is distorted by the DAC
and the optical filter. This induces ISI and degrades theopadnce of the overall system. These
distortions can be compensated at either the transmittgitbe receiver. It is intuitively reasonable
to compensate the distortions already at the transmiéeai the origin where they are introduced.
When the compensation is performed at the receiver, thertdidgtgignal propagates through the
time-invariant or -variant channel making the compensatmmplicated. Accordingly, we adopt a
transmitter model per wavelength channel shown in Fig.A detailed description of precompen-
sation is explained in the following paragraph. After pudbaping and precompensation, the real
and the imaginary part of the signal.[m| are fed into the DAC. They are filtered with the impulse
response of the DAC and finally with the optical filter. Thelr@ad imaginary part of the analog
electric signal are then used for the optical PDM-QPSK matitorh by ideal 1Q modulators.



4.4 Transmit Processing in Nyquist WDM Systems 77

with precompensation of DAC and optical filter
—+— without precompensation of DAC and optical filter

O .
o
k=3

2 -5}
‘0
c
(]
al
[

© —-10r
(0]
o
()
@
S

& —15f

_20 -

-4 -2 0 2 4
f [GHz]

Fig. 4.7. Power spectral density of the signal with and without predistodidhe DAC and the optical
filter

One advantage of filtering (pulse shaping) the signah| in the FD in the transmitter is that
it is relatively straightforward to pre-distort it as wallihe FD. Provided that the transfer function
of DAC and the filterg(¢) are known beforehand, RRC pulse-shaped siggpal| is pre-distorted
in the FD with the OLS-50%. In this case, the frequency tramséd overlapping blocks formed
from zpgm| are point-wise multiplied by the inverse of the transferdiion of the DAC and by
the inverse of the transfer function of the filtgt) at each discrete frequency poifit for pre-
distortion. We model the DAC in the FD as a fifth-order Bessatfion Hpac(f) defined in (2.7)
with single-sided 3-dB bandwidth @fpac = 0.25x B = 7in GHz. We model the filter suppressing
the periodic repetitions inherent to the input sequencé®DAC as a Gaussian filter denoted as
go(t) which has a frequency respongg(f) defined in (2.6) with orden,y = 2. We choose
Bosgs = 35 GHz for the double-sided 3-dB bandwidth &f( /). The FD digital pulse shaping and
predistortion is carried out with the same FFT and IFFT ireotd save computational complexity.
In other words, for OLS-50% method, the overlapping bloacksnfed from the upsampled signal
xy[m] which when transformed to the FD by an FFT of length) are point-wise multiplied by
Hrre(f)/ (Hoac(f)H,(f)) evaluated at discrete frequency poifissp = 0,1,--- , M, — 1.

In Fig. 4.7, the power spectral density of the signdl) generated in each wavelength channel
is plotted with and without the predistortion of the DAC aihe toptical filter. The loss in power
of the spectrum of the non predistorted RRC pulse-shapedlsignaes ISI. A consequence of
predistortion of the transfer function of the DAC and theicggtfilter is that the 3-dB bandwidth
of either the DAC or the optical filter has no influence on thégrenance of the system in the case
of infinite resolution of the DAC i.e. no quantization errdiieets.
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4.4.3 Wavelength Division Multiplexing with Baud-rate Spacng of the Channels

Multiplexing is the process of combining two or more signai® a single transmission line.
Wavelength division multiplexing belongs to the class ofiagd multiplexing techniques where
each wavelength channel is assigned a unique carrier fnegye (or correspondingly a unique
wavelength)\.) and the independent wavelength channels are transmitted aame time on the
same fiber link. The use of WDM therefore allows for a manifoicrease in the data-rates of long-
haul optical transmission systems. Even more importamthfiows for a tremendous decrease in
the cost per transmitted bit.

Multiplexing enhances the efficient use of the availablaéogptbandwidth. An optical mul-
tiplexer combines the output of several transmitters sihelt the frequency separatiahf =
furl — fu between the neighboring carrier frequencjgs! and f* of useru — 1 andu, respec-
tively, is only a fractiom;, of the inverse of the symbol periadd = 1/B, i.e.

asp= AfT; (4.7)

whereas, could be equal to, less than or greater than 1. The ultimataotiy of WDM fiber links
depends on how closely the wavelength channels can be patkedaninimum channel spacing
Af is limited by ISI and ICI. A measure of the spectral efficienéyadVDM system is given as
Nsp = aip Attempts are made to makg, as large as possible.

In this thesis, we consider three isolated wavelength oflanend a fixed channel spacing
between the neighboring channels at the baud-rate. ThigsrteatA f = B and consequently
the efficiency isjsp = 1. The wavelength channel of user 2 is in the baseband and tvedemgth
channel of users 1 and 3 are considered as the immediatedoeigi channels. The optical signal
generated in each of these wavelength channels denoteg,@$ and x, 3(¢), respectively, are
modulated as

r1(t) = x01(t)exp(j27Bt), (4.8)
z3(t) = zo3(t) exp(—j2nBt). (4.9)

Fig. 4.8 shows the transmitter of a Nyquist WDM system comgjsif the individual transmit-
ters of each wavelength channel, and an optical multipléXes signalz(t) transmitted over the
same fiber link can be expressed by

x(t) = z1(t) + 22(t) + 23(t) (4.10)

wherez;(t) = z42(t) represents the baseband optical signal of user 2.

A baud-rate multiplexing of the adjacent wavelength ché&nauses inevitable ICI due to
spectra overlap. We prove this by examining the relatignsbtweernys, and the roll-off factop of
the RRC pulse-shaper. In general, the spectra of adjacentelsaverlap wheng,— (1+p)/2 <
(1+ p)/2 and consequently when

asp < 1+ p. (4.11)

In baud-rate channel spaced WDM system whege= 1, equation (4.11) always holds since
p > 0. Therefore, baud-rate spacing causes considerable IChvd@mands developing receive
methods to mitigate it.
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4.5 Nyquist WDM Systems with Offset QAM Modulation Scheme

4.5.1 System Model

We show in Fig. 4.9 the schematic block diagram of an OQAM WDIgtem. In the transmitter
side, the discrete-time input signal[n],u = {1, 2, 3} in the wavelength channel of each user
respectively, is firstly staggered in the electrical domaims is done through OQAM modulators
O, according to Figs. 4.2(a) and 4.2(b) depending whether taeelength channel is odd- or
even-numbered, respectively. The signgln] has a variance [E,[n]|?] = 2. The output signal
of the OQAM modulator in each wavelength channel denotedds:] forms the input signal
to the transmitter module for pulse shaping as we explainegeic. 4.4. The transmitter module
in each wavelength channel of the OQAM WDM system differs fribw@ transmitter module in
Fig. 4.6 in Sec. 4.4 because in the former the upsamplingatiparis already included in the
OQAM modulators. Therefore, the staggered sigridin] in each wavelength channel is directly
operated by the pulse shaper in the transmitter module qexsén Fig. 4.6. The analog output
signal in each wavelength channel is denoted:@g). The transmitted signat®(t) obtained
as in (4.10) comprises the differently modulated &gnals&f in each wavelength channel
according to (4.8) and (4.9). Itis then coupled into the dsad smgle mode fiber which is modeled
as a linear CD channékp(t) to get the signatcp(t) = hep(t) x 29(t).

At the receiver side, the signal of each wavelength chasrfekt demultiplexed separately for
further processing before nois€t) from different sources explained in Sec. 2.4 is loaded to it.
We consider the receiver of the baseband channel i.e. teevego©f user 2. The input signal to the
receiver of user 2 is the perturbed signalt) = xcp(t) + n(t). The noisen(t) has variancer?
and is related to optical signal-to-noise ratio (OSNR) comiynaised in optical communication
systems given in (3.8). The signal(t) is then optically filtered by:,(¢) to get the signat,(t) =
ho(t) x x((t). The equivalent low-pass transfer function of the optid#ifir,(¢) denoted as/,( f)
iIs modeled in the FD as a Gaussian function given in (2.6) wotttern,g = 2 and Bozggs = 35
GHz. Afterward, the optical signal,(t) is converted into an electrical signal denotedvagt)
by an electrical filterh.(¢). It is modeled in the FD as a 5th-order Bessel function denated
H.(f) defined in (2.7) withBgzqg = 0.7 x B = 19.6 GHz. We assume that the electrical filter
represents a realistic model of an ADC which samples theabgindouble the symbol-rate. The
optical and electrical filters define the opto-electronantrend of the coherent receiver modeled
by h(t) = ho(t) * he(t) which has the frequency responserk(f) = H,(f)H.(f). The real
and imaginary tributaries of the sampled signal are addgeitiher to get:q[m| which is at this
stage equalized to get the signa[m|. After equalization, the signale[m] is then destaggered
through OQAM demodulators according to Fig 4.3(b) sincewhselength channel of user 2 is
even-numbered to get finally the symbol-based signfi].

4.5.2 Equalizer Design

We adopt, in the same way as we did in Chapter 3, the OLS-50%oahetith an I/FFT of length
M for the FD equalization af,[m] to get the signat.[m|. We aim thus at deriving a FD equalizer
at each discrete frequency point= 0, 1,--- , M — 1 in the wavelength channel of user 2 denoted
asE;¥M[k]. As we showed in Sec. 4.3, in OQAM WDM systems the ICl inducedi¢ddaseband
channel of user 2 from the two neighboring channels is elteid through the staggering and
destaggering operations in the transmitter and rece@spectively. In other words, the tolerance

Lin the absence of any system imperfection like for examp#mtipation errors, frequency, phase and time offset
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to dispersion in OQAM WDM systems is equivalent to the disjpersolerance in systems with
a single wavelength channel. This simplifies the design efettualizer5 " [k]. It is therefore
straightforward to design the FD MMSE equalizey?*"[k] with single-tap in the same way as
we did in Sec. 3.6. For this, the MSE expression needed fodéhniwation of E9%*M[£] is built
between the sent signab[n| and the detected signa}[n] on the wavelength channel of user 2
without including the signals from the immediate neightiegichannels. The equaliz&l " [k]

at each discrete frequency poine 0,1, --- , M — 1 employed in the wavelength channel of user
2 can be expressed by

E3 ™ k] = Hrrelf) Hep (/) Ho ()], (4.12)

It is a simplified expression of (3.79) since the FD exprassibthe total channel in this case is
Hiot(f) = Hrre(f)Hep(f)Hx(f). For (4.12) we also considered the /0% — oo in (3.79) and
fr is defined in (3.17) with an oversampling factQr= 2. Note that one complex-valued equalizer
EP¥M[L] is needed and derived at each discrete frequency pdimequalize the complex signal
zq[m|. In other words, we do not need to derive two different equeati each aimed to equalize
either the real or the imaginary tributary afm|.

4.5.3 Performance Analysis

The performance of the OQAM WDM system is examined in termshef tequired OSNR
(ROSNR) for a BER value of(0~3 for back-to-back connection of the transmitter and reaeive
I.e. without CD channel in between. It is compared to that dD&AM single wavelength channel
system with the same settings. In OQAM single wavelengtmielbsystem, only one channel is
present in the transmitter i.e. there are no interferinghobs and in the receiver the equalizer
derived in (4.12) is applied. We use for the simulations QR&ddulation scheme ang = 28
GHz.

In the simulations in Fig. 4.10, the BER vs. OSNR is plotted¥fy = 256 and M = 512. As
it can be seen in the figure, both systems deliver the samerpehce for any value qf with a
required OSNR value of3.3 dB to get a BER ofi0~3. This is also the theoretical OSNR value
required for the given BER in case of QPSK modulation scherhe. Simulation results prove
the theoretical assumption that OQAM WDM systems are ICI-fgstems in the absence of a
propagating channel and any other distortion in the system.

To examine the effects df/, on the performance of the overall system, we plot in Fig. 4hel
ROSNR for BER ofl0~* with different values of and M, (given thatM is simultaneously large
enough for the design of the RRC filter with the samia the receiver). Specifically, we plot for
p =0.01,0.05,0.1 andM,, = 64,128, 256 the ROSNR values in a back-to-back connection of the
transmitter and the receiver i.e. without CD channel in betwén the receiver where also an RRC
filter is employed with the samevalue as the pulse shaper in the transmitter, we chobse 512
for its design. As it can be seen in the figure, for smalalues, for example = 0.01 and0.05,
there is degradation in the overall performance of the sysidis is because the impulse response
of the RRC filter for suclp values is long and an I/FFT length 8f, = 64 or even smaller in
the transmitter is not sufficient to approximate it leadiadSI in the wavelength channel of user
2 and ICI from the interfering channels. For the caséff = 64 andp = 0.01 for example, a
0.5 dB penalty in OSNR is incurred given that the theoretiedie of the ROSNR i$3.3 dB for
QPSK modulation schemes to get a BER@f?. In order to avoid this degradatiof, should be
chosen large enough for smatalues. For example, fgr= 0.01, an I/FFT length of\/, = 256 is
sufficient to avoid degradation in the performance of théesysForp = 0.1 and larger)M,, = 128
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the pulse shaper

Is already sufficient to avoid degradation in performancea/Aonsequence, a system employing
an RRC filter with a smalb values experiences an increase in complexity at the tratesraide as
compared to a system with largesalues because of the additional DSP processing.

4.6 Nyquist WDM Systems with Standard QAM Modulation Scheme

In ideal Nyquist WDM systems with standard QAM modulation @) schemes where the
wavelength channels are packed with a channel spacing txjtd baud-rate, it is difficult to re-
alize a rectangular spectrum even with high cost. The lai@necessary requirement to eliminate
the effects of ICI in these systems. Moreover, in these systwenere there is no guard interval, any
slight spectral imperfection results in ICl which degrades performance of the system. In this
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Fig. 4.12. Standard QAM Nyquist WDM system model of three isolated cilammthe transmitter and one
channel (central channel) in the receiver

section, we relax the requirement of a tight roll-off factor the RRC pulse shaper by allowing
p > 0 in Nyquist SQAM WDM systems. This leads to considerable IClha system requiring
receiver-side approaches to mitigate it. We present, fivergwo approaches for ICI equalization.
The first one is a single-receiver equalizer where the ezxatadin is carried out independently in
each channel of interest such that IClI is taken into accouthigimptimization process very similar
to the noise. The second approach is multi-receiver eqiadiz method where the information of
the signals in adjacent channels are used to eliminate IGlah ehannel of interest.

4.6.1 SQAM WDM Single-receiver System Model

We show in Fig. 4.12 the schematic block diagram of a SQAM WDIgteyn with three isolated
transmitters and the receiver of one channel of interesefpralization which is the baseband
channel of user 2. In the transmitter side, the discrete-tiput signale, [n], u = {1, 2,3} in the
wavelength channel of each userrespectively, forms the input signal to the transmittedoie
for pulse shaping as we explained in Sec. 4.4. The sigrjal has a variance &, [n]|*] = o2. The
transmitter module in each wavelength channel of the SQAM W&)®tem is shown in Fig. 4.6.
The analog output signal in each wavelength channel is ddra:tz:gu(t). The transmitted signal
25(t) obtained as in (4.10) comprises the differently modulatgdads ofz3,(t) in each wave-
length channel according to (4.8) and (4.9). It is then cedphto the standard single mode fiber
which is modeled as a linear CD channgh(t) to get the signat2,(¢) = hep(t) * 25(¢).

At the receiver side, the signal of each wavelength chasrfekt demultiplexed separately for
further processing before noisg¢t) from different sources explained in Sec. 2.4 is loaded tait.
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Fig. 4.13. Simplified model of a SQAM WDM system with single-receiver fordealizer design

a SQAM WDM system with a single-receiver structure for equaglon, we consider the receiver
of the baseband channel. The baseband perturbed signdédeasa’(t) = x3,(t) + n(t) serves
as the input signal to the coherent receiver of the wavelfedgannel of user 2. The nois€t) of
varianceo? is related to OSNR commonly used in optical communicaticstesys given in (3.8).
The signalz>(t) is then optically filtered by, (¢) to get the signak3(t) = h(t) * x>(t). The
equivalent low-pass transfer function of the optical filigft) is modeled in the FD as a Gaussian
function denoted a#&/,(f) given in (2.6) with orderoy = 2 and Boggs = 35 GHz. Afterward, the
optical signal is converted into an electrical signal dedaisz$ (¢) by an electrical filterh. ().

It is modeled in the FD as a 5th-order Bessel function denoseH. &f) defined in (2.7) with
Besgg = 0.7 x B = 19.6 GHz. We assume that the electrical filter represents a tieatiedel
of an ADC which samples the signal at double the symbol-Ete. optical and electrical filters
define the opto-electronic front-end of the coherent rexemodeled byhy(t) = ho(t) * he(t)
which has the frequency responseiff(f) = H,(f)H.(f). The real and imaginary tributaries of
the sampled signal are added together taugét:]. The latter is equalized to get the signg[m)
which is finally downsampled by a factor of 2 to get the symbabed signat3[n).

4.6.1.1 Equalizer Design

For the equalization afzg[m], we adopt in the same way as we did in Chapter 3 the OLS-50%
method with an I/FFT of lengtid/. We aim thus at deriving a FD equalizer at each discrete fre-
quency point: = 0,1,--- , M — 1 in the wavelength channel of user 2 denoted?g8""[k]. The
crucial idea in the design df5**M[k] in SQAM WDM systems with single-receiver for equaliza-
tion is that the ICI of the neighboring channels to the wavgilerchannel of user 2, which is in
the baseband, is also introduced in the optimization praeedVe, therefore, use the statistical
information of the symbols on the immediately adjacent hieaging channels i.e. the wavelength
channel of users 1 and 3 in order to get a regularization tertié resulting Wiener-Hopf equation
of the MSE minimization. Thus the interference is taken @toount in the optimization process
very similar to the noise.

A simplified model of the SQAM WDM system with single-receiver equalization necessary
for the derivation of the equalizé®;*"M[k],k = 0,1,--- , M — 1 is shown in Fig. 4.13.

The k-th frequency point of the discrete Fourier transform of digcrete-time input signal
z,[m],u € {1,2,3} in Fig. 4.12 is denoted a¥,[k],k = 0,1,---,M/2 — 1 in Fig. 4.13. The
TD and FD signals have the same variancerpfaccording to Parseval's theorem. The discrete
TD signalz,[n],u € {1,2,3} after upsampling by a factor of 2 is denotedzag,[m|, respec-
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tively. The latter thus has a variance ©f = gag according to (B.4). Therefore, it follows that
the k-th (frequency) point of the discrete Fourier transformegf,[m], v € {1,2,3} denoted as
Xuulk],k=0,1,---, M — 1, respectively, has the same variance of valgje= 10?2.

We denoteH,»|k] as thek-th frequency point of the discrete Fourier transform ofdiserete
TD representation of the total channel of user 2 in the baskbamprising the pulse shaper, the
CD channel and the opto-electro receive filter. It can be obthas follows

Honalk) = Hewe /) Hoo D) e )| (4.13)

where f;, is defined in (3.17) with an oversampling factQr= 2.

Thek-th frequency point of the discrete Fourier transform ofititerfering channels i.e. wave-
length channel of user 1 and 3 denoted, respectivelydas, [k] and Hiy 3[k] can be obtained
from (4.13) as

0, for k=0,1,--- ,M/2-1,

Hiot1[k] = Hewalk — M/2,  for k= MJ2,-- M1, (4.14)
Hiopolk + M/2],  for k=0,1,--- ,M/2—1,

Horslk] = { 0 for k=M/2,--- M —1 (4.15)

since the TD transmit filter in each interfering channel espnts a modulated version of the trans-
mit filter in the baseband channel i.e. the wavelength cHasfneser 2.

The discrete Fourier transform representatién(k] of the receiver filter is obtained by first
samplingh(t) at double the symbol rate and then transforming it accorttir(@.7).

The k-th frequency point of the discrete Fourier transform ofrlbése denoted a¥ [k| repre-
sents a FD representation of the naigé) over a bandwidth o? B. The variance ofV[k| denoted
aso?; is derived as in (3.8) over a frequency bandwidtt Bt

We can, therefore, express theth frequency point representation of the equalized signal
Xe2[k| as function of the total channel of user 2 i%y2[k|, the interfering channel#fy ; k|
and Hyi 5[k, the receive filtett k], the upsampled signal of the desired user denoted ask],
the upsampled signal of the interfering users denoted agk] and Xy 3[k| the noiseN k] and
the equalize;**M[%] as follows

Xealk] = E5 M K] Hiora[K] Xy 2[k] + E5 M [K] (Hiora [K] Xu 1 [k] + Hiors[k] Xu s[K])
+ 5 Mk Ho [k N [R]. (4.16)
Taking into account the aliasing terms arising in the sysaeising from the optical filter, the
k-th point of the discrete Fourier transform of the outputsign the wavelength channel of user
2 denoted as(,[k| can be written as function of the equalized sigiak[%| as follows
- 3 (Xeplk] + Xep [+ %)), for 0<k<M/2-1,0<k<M/4-1,
Xalk] = 1 (Xeolk] + Xep [k — %)), for M/2<k<M-1,M/A<k<M/2-1.
(4.17)
For0 < k < M/4 — 1, the output signalX,[k] in (4.17) when substituting (4.16) can be
expressed in a matrix-vector notation as follows
P 1



86 4. Baud-rate Channel Spacing in Wavelength Division Mldkimg Systems

where0 < k < M/2 — 1 with the following definitions of the vector-equalizes[k| and vector-
channelhp k|, respectively, for the desired channel i.e. the waveleng#nnel of user 2

eplk] = [E5*MEK] ES¥M [k + Y]], (4.19)
holk] = [Howlk]  Hiowo [k+ 217, (4.20)

and the following definitions of the channel-mati#¥, [k] and signal-vectot, [k], respectively,
for the interfering channels i.e. the wavelength channelsefs 1 and 3

f”“:[miﬁfé1ﬂiﬁﬁf%}’ @20
xu[k] = [Xualk] Xus[K]', (4.22)
and the receive filter matrix and noise vector, respectively
H[k 0
Hilk] = [ ro[ | Ho [+ 2] | (4.23)
n[k] = [N[K] N [k+4]]". (4.24)

We used the fact thaty, [k + 4] = Xu..[k], u = {1,2,3} sinceXy,[k] is periodic with period
M)2.

In a similar way to the criterion we developed in Sec. 3.6, esigh the equalize‘ESQAM[k] at
each discrete frequency poihtaccording to the FD MMSE criterion. For this we build the mean
squared error denoted dséep[k|) at each discrete frequency poinbetweenX, k] and X, k] as
follows

2]

( (BD[k]hD[k‘] — 2) XU,QUC] + GD[]{?]H| [k]:cw [k?] + BD[]{Z]HR[]{?]TLU{J]> H]

0% (eo[k]ho[k] — 2) (ep[k|hplk] — 2)" + o ep k] H\ [k] H,\ [k]"ep[k]"
+ ok eok] Halk] Halk]"ep " ). (4.25)

where X, [k] = Xuyulk],u € {1,2,3} for k = 0,1,---,M/4 — 1 and consequently: =
0,1,---,M/2 — 1 [113] but the latter has a variance @} given in (3.58). The expectation is
taken over the signal&y ,[k], v € {1,2,3} and over the noise term[x] with the following noise
correlation matrix

E[IN[F]?] 0

Ehmnmﬂ_[ 0 E[NE+Y

2}] = U]2V12><2' (426)
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It is assumed that the signals are uncorrelated [&yE[k] Xu,,[k]*] = 0 whenu # v and that
signalsXy ,[k], v € {1, 2,3} and the noise componentswofk| are uncorrelated.
The optimumep k] is the one that minimizesg(ep|[k]) in (4.25)

eplk| = arglgcl]in J(eplk]). (4.27)

It is found by taking the derivative of (ep[k]) with the respect tep[k] and setting it to zero

Segfiy €0k = 7 (eolk]"holk]" = 2) holk" + ok eolk|"HI k] Hi[k]"

+ 0% ep|k]* Hg[k]* Hg[k]"
= 012 (4.28)

Therefore, the optimurap k| for k = 0,--- , M /2 — 1 reads as
-1

enlk] = 20% hok]" (0% ho ko k)" + 0% H\ [k H\ (K" + o3 Helk| He[k") (4.29)
For £ = M/2,---,M — 1, the vector-equalizer defined asg[k] =
[E5M[K] E5AM [k — 4]] can be similarly derived. It reads as
ep (k] = 20% ho (k)" (0% o [klho (k)" + o% H [k H [k + 0% He [F Hg [K") " (4.30)
with the following definitions
hB [k] - [Htot,Q[k] Htot,2 |:k’ - %HT, (431)
con | Houlk] Hiot[k]
Hilk] = ’ : 4.32
I o [ = 2] Hgs [6— 4] (492
B [ Hy K] 0
H_[k] = 4.33
=17 er[,{__}] (4.33)

By applying the inverse of 2x 2 matrix to (4.29) and (4.30), the expression of the fractilgna
spaced equalize’EQSQAM[k] at each discrete frequency pointaipplied in the channel of user 2 can
be finally expressed by

0 H; H [k + X4
203{ [ ] t0t2 M 51[] tot,2[ + 2} 7 for OSkSM/Q—l,
ESOAMI) — 0[k]0 [k+ } 51 (k] By (K]
2 - M * * M
- Mg Sk Ho [B— M
20% 01k = 5] Hinalk [ P [ — 5] , for M/2<k<M-—1.
0[k16 [k — 7] 62[ 185 [k]
(4.34)
where
3
0k = 0% > [Hotulk]|” + 0% | Hu[K]|* for 0 <k <M -1, (4.35)
u=1
M
_UXZHtotu Hig, |k + 5 [ for 0 <k <M/2-1, (4.36)

M
= 0% ZHM Hiy, {k’ - 7} for M/2<k<M-—1. (4.37)
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Fig. 4.14. BER vs. OSNR: SQAM WDM system with a single-receiver eqealfar ICl mitigation
and SQAM single wavelength-channel system at back-to-back ctoneaxf the transmitter and receiver
i.e. without CD channeld = 512 andM,, = 256.

4.6.1.2 Performance Analysis

The performance of the SQAM WDM system is examined in term$i®fROSNR to get a BER
value of10~3 for back-to-back connection of the transmitter and receigewithout CD channel in
between. It is compared to an SQAM single wavelength-chasystem with the same settings. In
SQAM single wavelength-channel system, only one chanm@ksent in the transmitter i.e. there
are no interfering channels and in the receiver the equaleéved in (3.79) is applied. We use for
the simulations QPSK modulation scheme @&hée- 28 GHz.

In the simulations in Fig. 4.14, we plot the BER vs. OSNR ¢y = 256 andp = 0.1,0.2,0.3
for the pulse shaper and = 512 for the equalizer. As it can be seen in the figure, for the SQAM
single wavelength-channel system, an OSNR of value 13.3 di@éded to get a BER 062 for
all p values. This value represents as well the theoretical OSA&efor the given BER. For a
SQAM WDM system, the performance degrades by incregsiag compared to a SQAM single
wavelength-channel system such that the penalty in theresh@SNR values increases. This is
the case since the power of the ICI increases by increasif@r largep values, for example
p = 0.9, a BER of10~2 can not be even reached.

4.6.2 SQAM WDM Multi-receiver System Model

We show in Fig. 4.15 the schematic block diagram of a SQAM WDIgtem with three isolated
wavelength channels in the transmitter and the receivérawnulti-receiver structure for ICI can-
cellation. We refer to this system as SQAM MRE WDM system. Thed&icellation processing

is illustrated for the baseband channel i.e. the waveledlgémnel of user 2. The structure of the
transmitter is the same as that of a SQAM WDM with single-nezresystem in Sec. 4.6.1. The
multi-receiver structure retains the functions of a siagleeiver structure but performs ICI can-
cellation jointly on multiple wavelength channels. Thulieatransmission over the optical fiber,
the received signal of each channel enters independenybahinized coherent receivers. The
optical signal of each channel is firstly separately dowmeaed to the baseband. The baseband
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Fig. 4.15. Standard QAM Nyquist WDM system model of three isolated atlarim the transmitter and in
the receiver for ICI cancellation evaluated for baseband wavelehgtime! of user 2
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Fig. 4.16. Simplified model of a SQAM MRE WDM system for FD ICI equalizesida

signal in each channel is denotedids, (¢), u = {1, 2, 3} which is filtered by an optical filtefs, ()
modeled in the FD as a Gaussian function given in (2.6) witleot,y = 2 and Bosgg = 35 GHz.
Each optical signal is then converted to an electrical digpahe filter .(¢) which represents the
low-pass characteristics of the electrical componentsaritbe modeled in the FD as a 5th-order
Bessel function defined in (2.7) witBesqg = 0.7 x B = 19.6 GHz. The optical and electrical filters
define the opto-electronic front-end of the coherent rexaivodeled by (t) = h,(t) * he(t) in
Fig. 4.15 which has the frequency responséigf f) = H,(f)H.(f). The electrical signals of the
multiple channels are then synchronously sampled at dabblsymbol rate i.e. at 56 Gsamples/s
to get the signalg, [m|. These are fed into the joint DSP block and processed offtinéfl can-
cellation to get the equalized signa:@u [m]. After equalization, the signaﬁu[m] is downsampled
by a factor of 2 to get finally the symbol-based sigig].

4.6.2.1 Equalizer Design

The crucial idea in SQAM MRE WDM system is that the signalsn/|, y»[m] andys[m] are jointly
processed for canceling the ICl introduced in the channederf 2. In the same way as in Sec. 4.6.1,
we adopt the OLS-50% with an I/FFT of lengdli for the joint equalization ofj; [m], y»[m] and
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ys[m]. Therefore, we present a FD design at each discrete fregumict 4 = 0,1,--- ., M — 1
of the necessary equalizers for ICI cancellation. We showign £16 a simplified model of the
SQAM MRE WDM system necessary for the derivation of the eqeadizSince we evaluate the
performance for the baseband wavelength channel of usee 2jw at designing the equalizers
FEs[k], E1o|k], Ess[k] at each discrete frequency point= 0,1, --- , M — 1.

The k-th frequency point of the discrete Fourier transform of thecrete-time input signal

x,[m] in Fig. 4.15 is denoted a%, [k|,k = 0,1,--- , M/2—1in Fig. 4.16. The TD and FD signals
have the same variance @f according to Parseval’s theorem. The discrete TD sigppl], u €
{1,2, 3} after upsampling by a factor of two is denotedias, ||, respectively. The latter thus has
a variance ob% = 2 o2 according to (B.4). Therefore, it follows that tiketh frequency point of
the discrete Fourier transform of, ,[m| denoted as\y ,[k],k = 0,1,--- , M — 1, respectively,
has the same variance of valaé = %

We denotedr ,, [k] as thek-th frequency point of the discrete Fourier transform ofdiserete
TD representation of the total base-band channel of ussmprising the pulse shaper and the
opto-electro receive filter. It can be obtained as follows

Hrrulk] = Hrre(f)Hw([) . (4.38)

wheref;, is defined in (3.17) with an oversampling factqr= 2

We denoteHrgr k], u,v € {1,2,3},u # v as thek-th (frequency) point of the discrete
Fourier transform of the interfering channelo the wavelength channel It is defined as

e K] = Heweo (/) HoF)| (4.39)

whereHy ., (f) = Hx(f), YuandHgge, (f) forms the interfering part at the transmitter obtained in
the same way as in (4.14) or (4.15). Note tHak 13[k] = Hrr31[k] = 0, Vk since the interference
Is just from the neighboring channels.

We can now give the expression éfth frequency point of the discrete Fourier trans-
form of the discrete-time signal,[m| for equalization denoted a¥,[k] as function of
Hrrulk], Hrruw k], Xuulk], Hx|k] and N [k] as follows

Yi[k] = Hrr1[k] Xy (k] + Hrr2[k] Xu2lk] + Hx[K]N[K], (4.40)

Yalk] = Hrro1[k| Xy (k] + Hrrolk]| Xualk] + Hrr2s[k] Xus[k] + Hix[k|N[E], (4.41)

Y?g[k] = HTR,gg[k]XU Q[k] -+ HTRyg[k)]XU’g[k] —+ er[k]N[k} (442)
The joint processing of; [k], Y2[k] andY3][k] for ICI cancellation is shown in Fig. 4.16 where

for the wavelength channel of user 2, the following threeadigars £ k|, E1»[k] and Es,[k] are
applied. The two equalizeis; k] and Es;[k] represent the ICI cancelers. We can therefore express
the k-th frequency point representation of the equalized sighal k] as function ofY, [k] and the
corresponding equalizers in the wavelength channels msviol

Xe1[k] = Er[k)Y1]K] + Ex k] Ya]k] (4.43)
Xealk] = Evak]Y1[k] + Es[k]Ya[k] + Eso[k]Y3[k] (4.44)
Xeslk] = Es[k]Ys[k] + Eos[k]Ya[K]. (4.45)
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The k-th frequebcy point of the discrete Fourier transform of ¢lput signal in each wave-
length channeld denoted as\, [k] can be written as function of the equalized sigial, [x] taking
into account the aliasing terms that arise in the systemadewnsampling as follows

2

L (Xeulk] + Xew [k —%]), for M/2<k<M-1,M/4<k<M/2-1.

- 2 (Xewlk] + Xeu [k +4]), for 0<k<M/2—-1,0<k<M/4-1,
2
(4.46)
The vector of the output signals is denoteddds] = [X[k] X.[k] X3[k]]" which can
be expressed in a matrix-vector notation when substitu@43), (4.44) and (4.44) in (4.46) as
follows

k] = %EMRE[k]y[k:] (4.47)

for0 < k < M/4—1 with the following definitions, respectively, for the matequalizerE"RE k]
and the vector-signa}[k]

Eyk]  Eilk+ M/2] Exnlk] Exlk+ M/2] 0 0
EMREK] = | Ew[k] Enlk+ M/2] Esfk]  Ealk+ M/2] Es[k] Eslk+ M/2]|, (4.48)
0 0 Eys[k] Easlk + M/2] Eslk]  Eslk+ M/2)
ylk] = [Vilk] Yilk+M/2) Ya[k] Yalk+M/2] Ys[k] Yalk+M/2]]". (4.49)

The signal-vectog|k] can be expressed by
y[k] = HMRE[K] X y[k] + Hrr[k] Nrr[k] (4.50)

based on (4.40), (4.41) and (4.42) with the channel-ma&#¥%=[%] defined as

Hrra (k] Hrgr 12 k] 0
Hrralk + M/2]  Hrraolk + M /2] 0
H k Hrrolk H k
HVRE[] = TR.21 (K] TR2/[K] TR23[K] | (4.51)
Hrgoilk + M/2] Hrrolk + M/2]  Hrraslk + M/2]
0 Hrg 32[K] Hrrs[k]
i 0 Hraolk + M/2]  Hrrslk + M/2]
and the receive filter matrix and noise vector, respectivifined as
[ Hyx[K] 0 0 0 0 0 T
0  Hylk+M/2] 0 0 0 0
0 0 H[k 0 0 0
Herlk] = o . (452)
0 0 0  Hxlk+ M/2] 0 0
0 0 0 0 Hy[k] 0
| 0 0 0 0 0  Hylk+ M/2]]

nrelk] = [N[k] N[k+M/2] N[k] N[k+ M/2] N[k| N[k+ M/Q]]T (4.53)
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and signal-vectoxy[k| defined as
zulk] = [Xua k] Xualk] Xus[k]' (4.54)

with the fact thatXy ,, [k + &| = Xuy.[k] sinceXy ,[k] is periodic with period\//2,

In order to design the equalizefs$ k], E15[k], Esz[k] for ICI cancellationx[k] and k] are
jointly processed. Note that the input signdis[k], X,[k] and X;[k] are stacked in the vector
zk] = [Xi[k] Xolk] Xs[k H which is equivalent tary[k] for k = 0,1,--- ,M/4 — 1 and
k=0,1,---,M/2 — 1 but the latter has covariance matfi¥y = o3 x 13,3 Whereo?% is given
in (3.58). The signal components®f k] are uncorrelated i.e.[Ky ,[k]| Xy ,[k]*] = 0,u # v. For
a FD MMSE design of£""5[k], we build the mean squared error denoted @8R [k]) between

x[k] and£[k] as follows
J(EMRE[K])) = E [\ (k] — w[kmﬂ (4.55)

which when substituting (4.47) and taking the expectatieer the signal-vectoxy[k| and over
the noise termmgg[k], it reduces to

J(EMRE[K]) = itr{aif (EMRE[R]HMRE(K] — 2 X 13,05) (EMRE[K]HMRE[R] — 2 X 13,3)"

+ O—NEMRE[k;]HRR[k]HRR[k]HEMRE[k]H}. (4.56)
The noise termgg[k] has the following noise correlation matrix
E [nrrk]nrerlk]"] =

[E[|N[K]|?] 0 0 0 0 0

0 E[IN[k+ 4% 0 0 0 0

0 0 E[|N[k][2] 0 0 0

0 0 0 E[IN[k+ 4% 0 0

0 0 0 0 E[|N[K]?] 0
|0 0 0 0 0 E[|N[k+ 5]
= 0% 16y (4.57)

and it is assumed that signal-vectay[k| and the noise componentsokg[k| are uncorrelated.
The Karush-Kuhn-Tucke(KKT) condition necessary for the optimum of (4.56) reads as

0
aEM—RE[k,]J(EMRE[k]) — 0_3{ (EMREUC]*HMRE[kZ]* —92x 13><3) HMRE[k]T
+ 0% EMRE[L]* Hrplk]* Hrrlk]"

- 03><6- (458)
It delivers the final expression of the FD MMSE equali#f"[k], k = 0,1,--- , M/2 — 1
EMRE[K] = 202 HVRE[]P (0% HVRE[R HVRE[K]" + 02 Hrlk] Hrgl[k]") ™' (4.59)

Given the definition of EVRE[L] in (4.48), the equalizersi,[k], E1o[k] and Es;[k] necessary
to cancel ICI in the wavelength channel of user 2 are obtaifiéds definition also deliv-
ers these equalizers at the discrete frequency péints M/2,--- | M — 1 through the terms
Es[k+ M/2], Ers[k + M/2] andEsq [k + M /2]. Therefore, the equalizefs, k], E»[k] and Ess k]
fork=0,1,---, M — 1 are obtained from (4.59).
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Fig. 4.17. BER vs. OSNR: SQAM WDM system with a multiple-receiver equafiaze|Cl cancellation
and SQAM single wavelength-channel system at back-to-back ctoneaxf the transmitter and receiver
i.e. without CD channeld = 512 andM,, = 256.

4.6.2.2 Performance Analysis

The performance of the SQAM MRE WDM system is examined in terfrik@@ROSNR to get a
BER value of10~3 for the back-to-back connection of the transmitter and dueiver i.e. with-
out CD channel between them witf, = 256 andp = 0.1,0.5,0.9 for the pulse shaper and
M = 512 for the equalizer. The performance is compared to the pedoce of an SQAM single
wavelength-channel system with the same settings. In SQiAlyleswavelength-channel system,
only one channel is present in the transmitter i.e. therenarmterfering channels and in the re-
ceiver the equalizer derived in (3.79) is applied. We deptoythe simulations QPSK modulation
schemes an® = 28 GHz.

We plot in Fig. 4.17 the BER vs. OSNR for both systems. As coegdan a SQAM single
wavelength-channel system, there is a penalty in perfoceanth a SQAM MRE WDM system.
The required OSNR value increases by increagismce the power of the ICl increases. However,
the penalty is not extremely high for largevalues. For large values, for example = 0.9, the
penalty as compared to a SQAM single wavelength-channét¢sys 1.4 dB. We compare in
Fig. 4.18, the performance of the SQAM MRE WDM system and the BQMDM system with
single-receiver for equalization. For the latter systenerep should be kept small as possible to
get the smallest penalty in OSNR, moderate or even largglues can be utilized in the former
system. This will neither lead to increased peak values moeduced eye-opening in time and
therefore provide a robust solution for the ICI problem. Hegrethis comes at the expense of
increased complexity in the digital signal processing mriceiver.

4.7 Summary

As WDM systems move to tighter channel spacing in search fir spectrally-efficient transmis-
sions, ICl is likely to incur a significant penalty due to thexsimlerable overlap between adjacent
channel spectra. We addressed and demonstrated threemliffgpproaches to minimize or com-
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Fig. 4.18. BER vs. OSNR: Performance comparison between SQAM W3k sywith a multiple-receiver
equalizer, SQAM WDM with single-receiver equalizer and SQAM single elervgth-channel system at
back-to-back connection of the transmitter and receiver i.e. without @Drei: A/ = 512 andM,, = 256.

pensate ICI in baud-rate channel-spaced WDM systems. Inghsrtitter of these WDM systems
regardless of the techniques used to compensate ICIl, a RRC ghdper characterized by its
roll-off factor is employed since it satisfies Nyquist crite for ISI-free transmission. The first
technique for ICI mitigation is a WDM system utilizing OQAM asodulation format. In this
technique, which is known from the perfect reconstructitiarfbanks, the achieved orthogonality
hinges on a strict frequency-, phase- and timing synchabioiz which may be hard to achieve
in a practical system. Nevertheless, if it is achieved IClesoed out. We demonstrated through
simulations that in the absence of any imperfections in ytstesn, the performance is the same
of a single wavelength-channel system i.e. there are notsffeom ICI. The second technique to
compensate for ICl in baud-rate channel spacing WDM systemusilize SQAM as modulation
format and to design an equalizer in the receiver of the vesgth channel of interest. The crucial
idea about the design of this equalizer is that the ICI of thghi®ring channel is introduced in
the optimization process and it is treated similar to ndiSeis minimized by simply reducing the
spectral overlap with an extremely small roll-off factohi§ comes with the expense of increased
peak values of the transmit signal possibly leading to mealr distortion not only in the electronic
part but also in the fiber. In addition the eye-opening wilcabe reduced in time, increasing the
vulnerability to timing jitter. Finally, we investigatedthird approach for ICI compensation. It is
based on a WDM system utilizing SQAM as modulation format ajadra processing of the three
received signals is carried out for ICI cancellation. In ttése, moderate or even large roll-off
factor can be utilized to enhance the performance. Thisneither lead to increased peak values
nor to reduced eye-opening in time providing a robust sotutor the ICI problem. However, this
method requires that the received signals are perfectlgispnized. This comes therefore at the
expense of increased complexity of the digital signal pset® in the receiver. Among these three
different approaches for ICI equalization or cancellatam©OQAM WDM system with a moderate
roll-off provide the compromise between performance andplexity.
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5. Conclusions and Outlook

We proposed various DSP algorithms to enhance the perfaenianiong-haul coherent optical
transmission systems carrying data rates of 112 Gbit/s peeMngth channel. The DSP algo-
rithms aim at compensating CD among other transmission imgaats in optical fibers. The main
obstacle for implementation at such high data rates is thegptaxity of the filtering algorithms in
terms of multiplication. Thus, power consumption and thalability of DSP circuits which offer
both very high gate density and processing speeds are oécoat such high data rates. Since
FD equalization of CD becomes more efficient than TD equatinabver a wide range of CD
values, the FD OLS-50% method is considered as the benchora@® compensation. We were
able to interpret the OLS-50% as a non-maximally decimated BB with trivial prototype filters
and the equalization is done per frequency sub-band. Thisdoine way for more sophisticated
sub-band processing. We, therefore, derived and implesdentlelayed single-tap equalizer. It is
a multi-tap filter applied in each frequency sub-band butdrdg one active tap and several delay
elements accounting to the quantized group delay of thesewaf the CD channel. The incentive
for such a design is the nature of the CD channel which distmt®nly the phase of the signal
but also its group delay. With this design, we showed thgielaCD values can be compensated
with a smaller I/DFT size as compared to the benchmark. Bh&mply done by increasing the
number of delay elements of the equalizer in each sub-batwhgsas the maximum number of
delay elements remains negligible as compared to the I/D£€L BVith this design, trans-Pacific
distance of around 15,000 km with standard single-mode &beounting for more than 240,000
ps/nm can be equalized with an OSNR filtering penalty of 0.5A&tBimportant advantage of such
a filter design is that its complexity in terms of multiplicats remains the same as compared to the
benchmark apart from the needed additional delay eleménfsirther improve the performance,
we proposed to smooth the quantized group delay of the ddkiggle-tap equalizer. We therefore
designed a delayed dual-tap equalizer derived from the fhendelayed single-tap equalizer. It is
applied in the frequency sub-bands where the group delayifumof the delayed single-tap equal-
izer is discontinuous. By setting the amplitude of the twavactaps equal, the delayed dual-tap
equalizer that we proposed keeps the same complexity asthged single-tap equalizer apart
from some adders and/or subtractors. The performance aytem was improved by requiring
lower ROSNR values specially when concurrently the I/DFZess small and the CD values are
large. As a way to further improve the performance of theesydor low and moderate CD values,
we designed a MMSE FD equalizer that equalizes not only tbpggating CD channel but also
the transfer function of the transmitter and receiver. Addally, the aliasing terms that arise due
to the optical filter in the receiver are also accounted faheequalizer design.

For WDM systems with baud-rate channel spacing, we propdsee tifferent approaches
which minimize or compensate for ICI. Baud-rate channel spa¢®M systems enable an effi-

97
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cient use of the available optical bandwidth as a way to ecd&E. However, due to the spectra
overlap considerable ICI arises. In the first approach for Hiadization OQAM is used as mod-
ulation format. OQAM is employed through staggering andatggering, in the transmitter and
receiver, respectively, of the real and imaginary partshef gignal. In this technique, which is
known from the perfect reconstruction filter banks, the el orthogonality hinges on a strict
frequency-, phase- and timing synchronization which malydrel to achieve in a practical system.
Nevertheless, if it is achieved ICI is zeroed out. We demaiestt this through simulations. In a
second approach SQAM is used as modulation scheme. We ddssignMMSE equalizer which
treats ICI in the same way as noise for the regularization térime equalizer. With this technique,
ICI is minimized by simply reducing the spectral overlap wath extremely small roll-off factor.
This comes with an increased peak values of the transmialppssibly leading to nonlinear dis-
tortions not only in the electronic part but also in the fideraddition the eye-opening will also
be reduced in time, increasing the vulnerability to timiitef. The third approach is based on uti-
lizing SQAM with a moderate or even large roll-off factor wadClI cancellation is done with the
help of digital signal processing. The proposed algoriteinased on a super-receiver architecture
which builds on conventional Nyquist WDM systems where tleeneed signals of the neighbor-
ing channels are fed into the receiver of the channel of éstefor multi-receiver equalization.
Moderate or even large roll-off factors will neither leadinereased peak values nor to reduced
eye-opening in time and therefore provide a robust soldtiothe ICI problem. However, this ap-
proach comes at the expense of increased complexity of gitaldiignal processing in the receiver
and strict synchronization requirements. For all thedediht approaches for ICI minimization or
cancellation, an RRC pulse shaper characterized by its fidkector is implemented in the trans-
mitter and in the receiver. This is the choice because theabbvesulting RC response satisfies the
first Nyquist criterion for I1SI-free transmission. Amonge#e approaches for ICI minimization or
cancellation it is reasonable to adopt the first approachGbequalization since it provides the
best compromise between performance and complexity.

These novel DSP algorithms for CD compensation and ICI ecatadiz and cancellation are
essential to reduce complexity and energy efficient for amyré coherent optical transceivers to
cope with the ever increasing demands for high throughpubfoorrow’s Internet applications.

As an outlook, the proposed algorithms for CD compensatioi@hmitigation must consider
real-time compatibility where the effects of frequencyrape- and timing synchronization should
be considered. A natural extension of this work is to inclpdtarization effects and quantify the
penalty that the systems incur with respect to different Pddlies. Additionally, compensation
algorithms for non-linear transmission impairments havied considered.



A. Polyphase Decomposition

A.l1 Type-1

This is the normal polyphase representation and it is refleto as polyphase decomposition of
type-1[160, 161].

Any sequencer[n] can be decomposed in the time-domain idtgolyphase components
zx[n],A=0,1,--- | L — 1 that differ in their phase offset

o] = 3 maln] = 3 alnusfn — A, (A1)

where

—LZ ey _ 1, n=mL+ )\ —0c0o < m < 400
L 0, elsewhere

Each polyphase component[n| can be expressed by

zln], n=mL+ X —00o<m < +00
nln] = alpjunn=A =9 elsewhere (A-2)

The z-transform representation of each polyphase componeAt 2) (esults in

X6) = 2l = 3 ol = 3 almk A0
= 2z Z z[mL + N (z5)™™
- X (A.3)
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100 A. Polyphase Decomposition

with X{(z5) = S2r° _ 2[mL + M(2¥)™™. The sum of the>-transform representations of all
polyphase components obviously results in the originalaig (z) proven in what follows:
L-1 L-1 400
Zz_’\Xf\(zL) = 2 Z w[mL + \(zF)™™
A=0 A=0 m=—00
L—-1 +x +oo L—-1
_ Z x[mL + )\]Zf(m[ri’)\) _ Z Zx[mL + )\]Zf(mL+)\)
A=0 m=—o00 m=—o0 A\=0
+oo L-—1 +oo
= Z Zx)\[n]z_" = Z x[n]z™"
n=—o00 A=0 n=-—00
= X(z). q.e.d. (A.4)

In addition to polyphase decomposition of type-1, therease two other decompositions
that are defined in the literature, namely, polyphase deositipn of type-2 [162] and type-3
[112,115,116]. These three decompositions are diffelsmesentations af[n], but they are alll
equivalent.

A.2 Type-2

Type-2 polyphase componentg) [n],\ = 0,1,--- L — 1 of z[n| are obtained by replacing
with (L — 1 — \) for (A.2) [162], i.e.
w0n] = afplwiln — (L —1-N)]
z[n], nmn=mL+(L—-1-=MX),—0c0<m < +0c0
— 7o, elsewhere (A-5)
The z-transform representation of the type-2 polyphase con‘rpim’i@ [n] in (A.5) results in

X/(\pQ)(z) = § xf\z) [n]z~". (A.6)
Therefore, the signaX(z) can be expressed ;s function)ofpz)(z) as
X(z) = f P ¢ U 20 (A7)
The relationship between type-2 polygh;se componentsyaedlt polyphase components is con-

structed as follows
X (2) = X1 a(2). (A.8)

A.3 Type-3

Type-3 polyphase componenztg‘) [n],A = 0,1,--- ,L — 1 of z[n] are obtained by replacing
with — ) for (A.2) [112,115,116], i.e.
zln], n=mL—\ —00<m < +00

0, elsewhere (A.9)

x(;»)[n] = z[nJwr[n + N\ = {
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The z-transform representation of the type-3 polyphase COHM@ [n] in (A.9) results in

+oo
X/(\p?’)(z) = Z xf\3)[n]2_". (A.10)

Therefore, the signaX’ (=) can be expressed as function)éf’?’)(z) as
L-1
X(z) =Y 2xP(h). (A.11)
A=0

The relationship between type-3 polyphase componentsyaedlt polyphase components is con-
structed as follows

X (2) = Xo(2), (A.12)
Xf\pB)(Z) =X, 0(2), A=1,2,--- L—1. (A.13)






B. Multi-rate Processing

We define a complex valued signaln] which is sampled at a rate dt;, = 1/7 whereT is
the symbol period in seconds. The spectrixifw) of z[n] is defined over the non-normalized
continuous angular frequency axis; < w < +7 wherew is the angular frequency defined by
w = 27 f in rad/s andf is the fundamental frequency in Hz s~*.

Multi-rate processing af|n| involves upsampling and downsampling it.

B.1 Upsampling

In the time-domain, upsampling of the signék] by a factor ofL fills L — 1 zero valued samples
inbetween the samples afn|. This leads to increasing the sampling ratex@i]| by L which
means that the temporal spacing between its subsequentesdmegomed’/ L. The new obtained
sequence denoted @8n] is given by

x[n], m = nlL,
ylm] = 0, elsewhere

The z-transform representatidri(z’) of y[m| is expressed by

—+00

Y() = Z{yml}y = > yml)™, (B.1)

m=—0oQ

with 2/ = /7. Since the = 0 polyphase component of type-1 gjfin| is nonzero and all other
polyphase components are zero valued, eq. (B.1) can be Bedpb

Y = 3 yml) ™= 3 all(z) ™ = Y el = X(). (B2)

In the w-domain, the spectrum of the upsampled sig‘fi(ab) is identical to the spectrum of the
original signalX (w) ) X

Y(w) = X(w). (B.3)
However, what differs after upsampling is the Nyquist bamtlv (bandwidth of uniqueness) of
both signals since the sampling rate has changed.

Given that the variance of the signaln] is o2, the variance of the upsampled signét)
denoted as;, is given by
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104 B. Multi-rate Processing

NL
0'2 = |imNL L y[m]
Y - —00
NL —
T
= lim —
NL—oo T %ﬂ”]
1 1 &
= limNL—)oozlimNL—woN ;%x[n]
N
. 1, 1
- IlmL_mzllmN_mﬁ ;x[n]
1

B.2 Downsampling

In the time-domain, downsampling of the signah] by a factorL keeps every -th sample and
deletes thg L — 1) in between samples of the input signah|. This leads to decreasing the
sampling rate of the signal by which means that the temporal spacing between the subgequen
samples becomésL.

There arel different possible ways to perform downsampling=0i| to gety|[m| depending
on the time instant when the downsampling starts. Usinghbert of polyphase decomposition,
the different outputs of downsampling are obtained by dimophe zero-valued elements of the
polyphase componenis [n|,A = 0,1,--- , L — 1 of xz[n]. Since for each\ the impulse response
of x,[n] is different, downsampling operation is not time-invatidhbelongs to the class of linear
periodically time varying systems of peridd

In this thesis, we consider for downsampling the= 0 polyphase component afn| which
has the followingz-transform representation

+oo —+00

Xo(z) = Z w[mL](zY)™™ = Z 2ZWL_€”2_”
P s
— _Z > aln] (W) " = - X(2W5). (B.5)

o~
I
o

(=0 n=—o00

In order to get the spectrum of the downsampled sigfal,) = Z{y[m]}, the zero-valued terms
of X,(z) are dropped

}N/(ZL) = XO(ZL) = X()(Z),
wherez;, = 2 = /T (see App. B.3) and taking into account that the spacing betwamples
isnow LT.
For the specific case df = 2, X(z) becomes

Xol2) = 5 (X(2) + X(~2)). (B.6)

N | —
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In Xy(2), the terms with odd exponents efare zero valued such thaf,(z) = XO(ZQ); Drop-

ping the zero valued terms df,(z), the following spectrum of the downsampled sighdks) is
obtained

Y(z) = Xo(2*) = Xo(2),

wherez, = 22 = ¢/**T and taking into account that the spacing between samplemig®f. The
spectrum ofX(z) can be expressed in thedomain as follows

Xo(w>:%()2<w)+)2(w+%)), we g, (B.7)
with X (w) = 327 z[nje 7T,

B.3 Difference between:; and =

Mathematicallyz; = »* but physicallyz-—* is a cascade aof delay elements each with delay time
T whereas:; ! is a single delay element with delay tirig.. This is shown in Fig. B.1.

-1
ZL — T —

L = T = T = T
NS >
vV
L-times
e —— > —
L LT > LT - LT
NS >
Vv
N-times

Fig. B.1. Difference betweesy, andz”

B.4 Noble Identity for Upsampling

X(2my2) Y(2) V(2) X(2my2) Y'(2py2)—— V(2)
- 1 - HZM)— = H(Z%/[/z) - 15 >~

Fig. B.2. Noble identities for upsampling

The input-output relation betweeXi(z,,/2) andV'(z) of the subbfigure on the left-hand side
of Fig. B.2 is obtained by inserting
Y(2) = X(2pm/2) (B.8)
into
V(z) = H(ZMY(2) (B.9)

as
V(z) = H(z™)X (21)2)- (B.10)



106 B. Multi-rate Processing

The input-output relation betweeXi(z,,/2) andV/ (z) of the subbfigure on the right-hand side
of Fig. B.2 is cascaded into

Y'(zpy2) = H<Z]2V[/2)X(ZM/2) (B.11)
and
V(2) =Y (2p2)- (B.12)

Combining both (B.11) and (B.12) leads to
V(2) = H(z39) X (2012) = H(z™) X (2172) (B.13)
which is identical to (B.10) and proves the equivalence i@tabf the Noble Identities [115] for
upsampling in Fig. B.2 .

B.5 Noble Identity for Downsampling

X(z) Y(z) V(znmy2) X(z) Y'(20/2) V(znmy2)
"

Fig. B.3. Noble identities for downsampling

The input-output relation betweeki(z) andY(z) of the subfigure on the left-hand side of
Fig. B.3 is obtained by inserting

Y(z) = H(ZM)X(2) (B.14)
int
o 9 M/2—1
Vianp) = 77 D V(W) (B.15)
=0
as
M/2 1 9 M/2-1
ZM/Z M Z M/2 (ZWM/Q) MH(ZM) Z X(ZW;L[Q)' (B.16)
N =0
=1V ¢

The relations for the subfigure on the right-hand side ofB=RQjare given by

9 M/2—1
Y'(zua2) = 37 ; X (2Wy ) (B.17)
and
V(zny2) = H(2312)Y (201/2)- (B.18)
Equations (B.17) and (B.18) can be combined into
9 M/2—1
Vizmy2) = MH(ZM) > X(zWyy)) (B.19)

confirming the equivalence relation of the Noble Identifies5] for downsampling of both sub-
figures in Fig. B.3.



C. Perfect Reconstruction Filter Bank

C.1 Uniform Exponentially Modulated Non-maximally Decimated Filter
Bank

A general structure of a filter bank system is sketched in €id. It is characterized by having
M subbands and a rate-changing factorloin each subband. We consider the case of a non-
maximally decimated filter bank structure which is charaeésl by havingl. < M. We choose
L= M)2.

Yo(z Vo2t Uo(z Xo(z
I Hye) L] e L 1) gy ete)
- H.(2) N IL Vifer) 1L Ui(2) 51(2) Xi(2) }a’)
X(z) Yi(z . Vi(z . Uk(z . i (2 X(z)
D ey PR T L [ )
Yai-a(z . Var—a(2L . Uni—2(2 : Xnr_a(z
- HMQ(Z) ( )> L () — 1L ( L SM,g(z) (i?
Yy-1(z Var—1(zr Un-1(z o1 (2
= Hy-1(2) ( )’iLﬂ Gz) —=1L (LSM—I(Z)X =)

Fig. C.1. General M-channel Filterbank with sampling-rate change fattbr Non-maximally Decimated
FB necessitaté < M. We choosd. = M /2.

The filters

Hy(z) = Z{h[l]}, k=0,1,---,M—1, and (C.1)
Se(z) = Z{skll]}, k=0,1,--- M -1 (C.2)
represent the analysis and synthesis filters, respectively
We consider exponentially modulated filter bank systemskwhre characterized by the mod-

ulation of suitably chosen prototype filteks[l] and sp[l] with length P to geth[l] and s]l],
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108 C. Perfect Reconstruction Filter Bank

respectively, in the following way

hie[l] = hell]exp(jlowl + Bi)) (C.3)
sk[l] = splllexp(jlaxl + Bi]) (C.9)
wherel = 0,1,--- , P — 1, k represents the corresponding subcarrigris the modulation factor

and g, determines the phase offset of the subcarriers. We alwaysresthat the prototype filters
he[l] andsp[l] have only real coefficients and are symmetrical.
Even stacked subcarrier modulation results in

2w

The factors, ensures that the complex valued subband filters have dystimetar phase and not
an affine phase. This is attained by having the following edbr 3,
2r P —1
Br = _MTk' (C.6)

For perfect reconstruction of the output sigrgh] = Z~'{X(z)}, which means that the
output signalz[n] is only a time-delayed version of the input signah] = Z-'{X(z)}, the
subband analysis filterfs, [/] and synthesis filters;[/] have to be set equal and they are derived
from a common prototype filter denoted g |

hall] = sell) = belllexp(jiland + Bi)). €7

The z-transform representation of the even-stacked lineargkabcarrier filterd7, (=) and
Sk(z) is obtained from (C.7) with (C.5) and (C.6) in the form

P—-1
Hy(2) = Si(2) = Z bplllexp(jlaxl + Bi])z ™"
=0
= exp< — j%#k) BP<Z exp( — j%k) ) (C.8)
——————
Wi

We will derive an efficient implementation [115] of this fittbank structure. Efficient means
that the computational complexity in terms of multiplicats per symbol is minimal. The effi-
cient implementation is attained through polyphase deasitipn (presented in Appendix A) of
the prototype filter and using Noble Identities for upsamgpl{presented in Appendix B.4) and
downsampling (presented in Appendix B.5) .

C.2 Efficient Implementation of the Analysis Filter Bank

The efficient analysis filter bank structure is obtained tigio polyphase decomposition of the
prototype filterBp(z) and the use of Noble Identities for downsampling presemégpendix B.5.
As we aim at having a DFT in the analysis filter bank, type-¥pbase decomposition éip(2)
is chosen. The-transform representation of type-3 polyphase comporsaristed aﬁi,’i?’)(zM )
of Bp(z) are expressed as in (A.11)
M-1
Bp(z) = MG (M), (C.9)

m=0
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We use the relation fok(z) in (C.8) and (C.9) in

2rn P —1
Yi(z) = Hy(2)X(2) = exp( - ]MWTk‘) Be(2Wy) X (2) (C.10)
to obtain the following expression faf,(z)
2P -1\ — "
Yi(2) = X(z)eXp< - jMTk:) (=WE) " GD((WEM)
m=0
2 P —1 —
— X(z)exp< — jMTk) (Go<zM> + mZ: z<Mm>Wx;'fGMm<zM>) ., (C11)

whereW M — ¢=ifikM — =27k — 1 vk and type-3 to type-1 transformation in (A.12) was used
to solve the problem of the non-causal delays that arisepe-8/polyphase decomposition (also
later in Sec. C.3 polyphase decomposition of type-1 in théhggis filter bank will be used).

Introducing the vectog, (=) with the polyphase components Bf(21W},) as entries according
to

gs(2) = [Go(z"), 2 M VG 1 (zM), 2 MGy (M), - ,Z_lGl(ZM)}Ta (C.12)
and the diagonal matri = diag[dx],k =0,1,--- , M — 1,
1
exp(—j 2 1)
D= e (C.13)
exp(—j3F (M — 1)57)
the vectory(z) which comprises the subcarrier sign&lgz) in the form

y(z) = [Yo(2), Ya(2), -, Yua(2)]" (C.14)
can be expressed in the matrix-vector notation
y(z) = VMDW yg;(2) X (2), (C.15)

whereW ,, is the DFT matrix defined in (1.5).

To this end, we can interpret analysis filter bank of the (ma<imally) decimated uniform
exponentially modulated filter bank as an DFT filter bank, rehe input signalX (z) is first
filtered with the polyphase vectgy (=), then the result is multiplied with the DFT matrix and the
phase factors and finally downsampled /My 2.

If the number of subcarrier®/ is power of two, the structure is already more efficient than t
original one because of the DFT block which can be implenteasgfast Fourier transform (FFT).
The structure can be further efficiently implemented. THieieht structure of the analysis filter
bank can be obtained by applying the Noble Identities [1E5haAppendix B.5 to exchange the
filtering by the polyphase components and downsamplingatioer. This can be done in this case
since DFT is a memoryless operation. The resulting efficsénicture of the analysis DFT filter
bank is shown in Fig. C.2.

The delay elements™ followed by downsampling by//2 in Fig. C.2 can be interpreted as a
serial to parallel convertor of the serial input sigmat] = Z{X(z)}. Overlapping blocks each of
length M are formed where consecutive blocks overlap\by2 samples. The overlapping blocks
in the time-domain serve as input to the polyphase compemgt).
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1
X(2) Vo(2my2)
i% ™ GO(ZJQw/z)
) )
51 () L4
[ ] dk [ )
| Vi(zaza)
E\ZM/2
T»i% - G2 DFT
Z_l : :
! [} del °
| VMA(ZM/Q)
S LY Ga()

Fig. C.2. Efficient Implementation of the Analysis Filter Bank

C.3 Efficient Implementation of the Synthesis Filter Bank

The efficient synthesis filter bank structure is obtainedugh polyphase decomposition of the
prototype filterBp(z) and the use of Noble Identities for upsampling presented4n B.

As we aim at having an IDFT in the synthesis filter bank, typeelyphase decomposition
of Bp(z) is chosen. The-transform representation of type-1 polyphase compordensted as
G, (2M) of Bp(z) are expressed as in (A.3) as

M-1
Bp(z) = Y 2 "G (). (C.16)
m=0

We use the relation faf(z) in (C.8) and (C.16) to express tteth output signalf(k(z) in each
sub-band as

. 2rP—-1
Xi(2) = Sp(2)Uk(2) = exp( — ]M”Tk> Bp(zWE)U(2). (C.17)
Introducing the vectog(z) with the polyphase components Bf(z1V},) as entries according to
g(z) = [GQ(ZM), 2 G (M), 272G (M), - 7z_(M_l)GM_l(ZM)}T , (C.18)
and the vectot(z) which comprises the sub-band signélgz) in the form
w(z) = [Up(2), Uy (2), -+, Uy_1(2)], (C.19)
the reconstructed signai(z) = S_1-,' Xi(z) can be compactly expressed by
-1
X(2) =) Xi(z) = VMg () DW ), u(z), (C.20)

k=0
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whereW ), is the IDFT matrix defined in (1.6) anB in (C.13).

To this end, each input signal to the synthesis filter banlp&ampled by factof/ /2, trans-
formed by the DFT and then filtered by the polyphase compangni.

If the number of subcarrierd! is power of two, the structure is already more efficient theen t
original one because of the DFT block which can be implenteassfast Fourier transform (FFT).
The structure can be further efficiently implemented. THigieht structure of the synthesis filter
bank can be obtained by applying the Noble Identities [1E5haAppendix B.4 to exchange the
upsampling operation by//2 and filtering by the polyphase componegts). This can be done
in this case since IDFT is a memoryless operation. The iagufficient structure of the analysis
DFT filter bank is shown in Fig. C.3.

1
X(2)
%(Z]\/[/Q) | Go(ZJQV[/Q) > T% »?—>
o [ J
° * °
° dk [ J
i
V.
% (201/2) IDFT Gk(Z]?WQ) > T% %
[ J ° 2_1
o [ J
) d]V[fl ° 4
|
Vi e G [

Fig. C.3. Efficient Implementation of the Synthesis Filter Bank

The upsamplering by//2 followed by the delay elements in Fig. C.3 can be interpreted as
a parallel to serial converter of the output blocks of theypbhse componentgz) . The filtered
blocks each of lengttV/ are overlapped such that the taidl/2 samples of each block are added to
the M /2 head samples of the adjacent blocks. The overlapped bloekially serialized to get
the reconstructed signaln] = Z{X(z)}.

C.4 Prototype Filter Designs

For the design of the prototype filtég[(] in (C.7) the perfect reconstruction condition should be
fullfilled.

An example for a perfect reconstruction prototype filigli] of length P = 2M is defined
by [163, 164] and used iextended lapped transforn{ELT). It has the following closed form
expression
1x

1
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Another possibility for the design of the prototype filtetasabandon the strict PR condition
and only achieve an approximate reconstruction or nearlyTP#. prototype filter is studied in
the literature under the term nearly perfect reconstradiiter banks. The RRC filter is a good
example of a NPR prototype filter. It reads as

dpg cos(m (1 + p)) + sin(r2(1 — p))

"= (4p2)) (€22

grre(t) =

with roll-off factor p.
The finite impulse response (FIR) RRC filter can be obtained f@r22) by e. g. the following
steps
e sampling of the continuous-time impulse response by aldeitaversampling factor (at least
factor 2),0y =T/Ts, k > 2,07 € N

gmdll] = grc(tTy), (C.23)

e truncation of the infinitely long filter by a discrete-timenaiow functionw|(] of length P
bell] = grmelllwll). (C.24)

We assume that the window function is a rectangular (syme)&tndow with an oddP.
For the case that the prototype filtgfl] hasP = K M coefficients expressed by

P-1

bell] = blplo[l — pl, (C.25)

p=0

each polyphase component of typ&:1,(z*) (cf. (C.16)) will haveK coefficients as

Gm(2M) = (z_: gm[i]z_Mi> , (C.26)

whereg,,[i] = b[p] andp = m + M form =0,1,--- , M — 1.
For the case tha? = K M + 1, just the first polyphase componeii§(z*) hasK + 1 coeffi-
cients whereas the rest polyphase components will hageefficients.



D. Proof of (3.29)and (3.30)

Using the Geometric series

1—IM
"= - (D.1)
k=0
in (3.27) withz = &7 results in
M-—1 .
. 1 . 1 1-—eJwTM
H, — pJwTy —jwTk _ :
P(Z € ) \/M g € \/M 1 — e JwT
| a-iwM¥ (eﬂ'wM% _ efjwM%>
VM e (e o)
. T
— Le—jw(M—l)gw' g.e.d (D.2)
VM sin(w3)
For the prototype filter in (3.27), we start by using the eifu#D.1) with z = e“Tin
M/2—1
Sh(z = ) = L_ Z e JTk (D.3)
M k=0
to get
A 1 1—e /M3
Sl — JwTy :
p(z =€) VM 1— el
. e jwM7 (eﬂwM% _ efjwM%)
" VM gl (eﬂ‘w% _ e—jw%)
= Le—m%—l)%w' (D.4)
VM sin(w?)
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The z-transform representation 6b(z = /7)) is

3M _q

. 1 < : — :
SP(Z — eij) _ e—ijk — e—]UJMZ S{:(Z — e]wT)
>
rsin(wMT)
2 - < .
VM sin(w?)

1 —jw(M—1)

= ——¢€ g.e.d (D.5)



E. Proof of (3.79)

The matrix inversion lemma of the following form [142]

1

A" (AA" 4+ B) T = (A"B'A+1) AMB! (E.1)

is used to derivev[k] for k = 0,1, - - - ,% — 11in (3.79). The same procedure can be used to get
Elklfork=2%—-1,--- M —1.
The matricesA andB in (E.1) correspond to
A = h[k] (E.2)
B = o3 Hg[k]|Hg[k]" (E.3)

in (3.79).
Therefore, the vector-equalizefk| in (3.75) can be expressed as

1

elk] = 205 h[k]" (0% hk]R[K]" + o3 Hr[k|Hg[k]™) ™
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By substituting (3.68) and (3.69) in (E.4), the latter beceme
elk] = [E[k] E[k+ 4]
o 0 Hiot K] o2\
=2 [Holk]* Holk+ Y]] |7 | ot o
(it e 301 | W] i)+ %)
1 0
X [Htot[k]* Hiot [k/‘JF%]*} [|erék] — 1 2]
| How [+ ]|
_ 2 [ Hiolk]*  Hiot [k? + %] " (E.5)
[Holk]* | |Ho[k+ 2117 0% | [HxFI* |He [k +2]°] '

_|__
(Hulk][> | Hy [k + 2] 0%
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Therefore, the equalizét[k] for k =0, 1, - - - ,% — lreads as
2 Hiol[ k]
2

B | Hot[ k]| ‘Htot[k“’%” ﬁ.
7t >

[Holk]? | H [k + 2]° 0%

The same steps can be followed to derisjé] for k = %, ««+ M — 1. This proves (3.79).



F. List of Used Symbols and Acronyms

F.1 List of Used Symbols

Symbol Description

a amplitude of the main active tap of the delayed dual-tap kgra
(o radius of the core

Ay(z, 1), Ay(z,1) slowly varying amplitude envelopes

A(z,w) frequency transform ofi(z, t)

B Baud-rate, noise bandwidth at the receiver

Bpac single-sided 3-dB bandwidth of the DAC

Beags single-sided 3-dB bandwidth of the electrical filter

Boads double-sided 3-dB bandwidth of the optical filter

Biet reference bandwidth

Cc
C’FD—OLS/OLA

speed of light in vacuum in m/s
number of real multiplications needed by the OLS and OLA roét

Clyrrt number of real multiplications for ai/-point I/FFT using split-radix
algorithm

Cro-ER number of real multiplications per output symbol

CD chromatic dispersion coefficient

d* phase factor

Dcp chromatic dispersion parameter

Dpmp polarization mode dispersion coefficient

Dy material dispersion

Dw waveguide dispersion

D matrix of the phase factors

el value of the/-th tap of the FIR CD equalizer in sub-bahd

exlx] value of thel,-th active tap of the delayed single-tap CD equalize
sub-band:

el [l.] value of the/,-th active tap of the delayed dual-tap CD equalize
sub-band,

el by £ 1] value of thef,, + 1-th active tap of the delayed dual-tap CD equali
in sub-band:

E[k], ES?™M[k], E99Mk] k-th discrete frequency point of the equalizer

E.[k], Eyuk] k-th discrete frequency point of the multi-receiver equatliz

elk] vector equalizer
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Symbol Description

Ein(t) continuous wave light of the laser
Ey(20/2) per sub-band FIR CD equalizer

ER(zm/2) delayed single-tap equalizer per sub-band
Eoul(t) output signal of the modulator

ER(zm)2) delayed dual-tap equalizer per sub-band
E.(z,1), Ey(z,1) transverse components of the optical field
E} (2p/2) desired equalizer per sub-bahd

E strength of the electric field

e[k], e"[k], ep|k], ep [K]
EMRE[I{}]

vector equalizer in FD
matrix equalizer in FD

f frequency argument

fe carrier frequency

Js I discrete frequency point

N Nyquist frequency

fs, It sampling frequency

F — 42 f a simplified argument

g(t) impulse response of the suppressor of periodic repetitroB\C

Go(t) low-pass equivalent of the optical filter

Gr(22,,5) k-th polyphase component of the prototype filter

hk] k-th coefficient of the prototype filter in the analysis filterik

hep(t) base-band linear time-invariant CD channel

he(t) low-pass characteristics of the electrical components

ho(t) low-pass equivalent of the optical filter

hp(t) continuous-time representation of the waveform generator

hpl/] ¢-th coefficient of the prototype filter in the analysis filtertk

hre(t) impulse response of an RC filter

hrre(t) impulse response of an RRC filter

hux(t) impulse response of the electro-optic receiver front-end

hs(t) impulse response of a pulse shaper

hiot[m] discrete-time domain representation of the total channel

hex[m] discrete time domain representation of the receive filter

hiot(t) continuous time domain representation of the total channel

H(w) response of the pulse shaping filter

Hep(f) frequency domain response of the CD channel

Hopac(f) frequency domain response of DAC

He(f) frequency domain response of the electrical filter

Hesu(f) frequency domain response of the CD equalizer

Hi(2) z-transform representation of the analysis filter in kil subband

Ho(f) frequency domain response of the optical filter

Hp(z) z-transform representation of the prototype filter in thelgsia filter
bank

Hre(f) frequency response of an RC filter

frequency response of an RRC filter
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Symbol Description

Hy(f) frequency domain response of the electro-optic receiwstfend
Hy k] k-th point of the discrete Fourier transform/af|m)|

Hq(f) spectrum of the signal

Hiot(f) frequency response &fq(¢)

Hiotlk], Hrotu[K] k-th point of the discrete Fourier transform of the total afgin

HTR,u [k] ) HTR,uv [k:]

HMRE[k]
Hgl[k], Hg k], Hrer[k]

k-th point of the discrete Fourier transform of the convoltreghsmit
and receive filter

channel vector in FD

channel matrix in FD

interfering channel matrix in FD

receive filter matrix in FD

data stream sent in the inphase subchannel

I, data stream detected in the inphase subchannel

J(E[k]) mean squared error expression as functiof g

k,k index of the discrete frequency point

K number of the non-zero coefficients of the polyphase commutone

Ken number of WDM channels

Ksags 3-dB normalization constant of the electrical filter

Oy, position of the active tap of the delayed single-tap eqealiz sub-
bandk

0 non-integer multiple of the sampling rate

L downsampling rate

Lg beat length of the fiber

Lg length of the equalizer

Lg fiber length where birefringence can be considered constant

Ly length of the prototype filter in the analysis filter bank

Ly length of the prototype filter in the synthesis filter bank

m sample index

M, M, I/DFT and I/FFT size

n(t) white Gaussian noise

n(w) refractive index

el refractive index of the cladding layer

Nco refractive index of the core layer

Ny group index

Nod order of the Gaussian function

nH modal refractive index of the horizontal polarization

ny modal refractive index of the vertical polarization

Nep number of symbols for cyclic prefix

Npwvbp PMD sections

Nspans fiber spans

N, number of coefficients for the equalizer

NTD-FIR maximum required number of taps for time-domain FIR CD eq

izer

Lal-
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Symbol Description
N1par maximum required number of taps for time-domain IR CD eqexl
NIk] k-th point of the discrete Fourier transform of the noise
n|k] noise vector in FD
nrr[k] noise vector in FD
0s oversampling factor
O, OQAM modulation
O, OQAM demodulation
p(AT) probability density function for the DGD
P length of the prototype filter
P power launched at the input end of an optical fiber
P(0) signal power after traveling distané®ver the optical fiber
P induced electric polarization
q maximum quantization error
G guantization error in subbarid
Qs data stream sent in the out-of-phase subchannel
Q, data stream detected in the out-of-phase subchannel

integer value
input signal to the DSP module in the vertical polarization
Cartesian coordinates

Ryx covariance matrix

s|k] k-th coefficient of the prototype filter in the synthesis filbemk

sB[n] + jshln] input signal to the DSP module in the horizontal polarizatio

sp[/] prototype filter in the synthesis filter bank

S dispersion slope parameter

Sp set of subband indexes

Sk(2) z-transform representation of the synthesis filter inke subband

Sp(z) z-transform representation of the prototype filter in thetkgsis fil-
ter bank

t time index

T double-symbol period

T, symbol period

u subband index at which delayed dual-tap equalizer is aghpliger’s
channel index

v(t) applied voltage

Upias bias voltage

Vg group velocity

v1(t), va(t) externally applied voltages

Ve, Vit, Vo drive voltage

Vy peak voltage

W s DFT matrix

x[n], z,[n] n-th sample of the discrete-time complex QAM input signal

zeo(t), 23p(t)
Jﬁd(t)

continuous-time transmitted signal over the CD channel
continuous-time output signal of the DAC
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Symbol Description
me[m] xg[m], Loy [m) m-th sample of the discrete-time equalized signal
xR [n], 4 [n] bit sequence in the horizontal polarization
zo(t), 28 (t), 28, (t), 25, (t) | continuous-time optical signal
mod(t) continuous-time filtered signal after DAC
Toe(t) continuous-time base-band electrical signal
xp(t), 29(t), 25(t) continuous-time complex signal sent over CD channel

Trou(t)

m-th sample of the discrete-time pulse-shaped signal

m-th sample of the electrical signal after the receive filter
continuous-time signal perturbed with noise

continuous-time optical signal in the receiver

n-th sample of the discrete-time upsampled signal

m-th sample of the discrete-time staggered input signal
modulated optical signal

continuous-time signal representation in the horizontédupzation

z[nl, &,[n], 2[n] n-th sample of the discrete-time downsampled equalizedabign

ay[n] + j2B[n) equalized signal in the horizontal polarization

Xelk], XewlK] k-th discrete frequency point representation of the eqedlsignal

Xe(2) z-transform representation of the (equalized) signah)|

Xq(2) z-transform representation of the signg|m|

X[K] k-th point of the discrete Fourier transform:df|

Xulk], Xuulk] k-th point of the discrete Fourier transform of the upsamgigdal

XT[k], X, [K] k-th discrete point of the output signal

2[k] vector of the output signals in FD

xylk]| vector of the upsampled input signal in FD

xy, k] interfering signal vector in FD

Yu[m] discrete-time complex signal for equalization

y&[n], v [n] bit sequence in the vertical polarization

(), ip () continuous-time signal representation in the verticahppation

95[n] + job [n] equalized signal in the vertical polarization

Y. [K] k-th discrete frequency point representation of the disetiete sig-
nal y,[m]

Y [£] signal vector in the FD of the signals for equalization

271 delay element

|x] floor operator

latt attenuation coefficient in the optical fiber

ocp CD coefficient

QR intrinsic absorption losses dominating for long wavelésgt

OOH extrinsic absorption

Qisp fraction of frequency separation

auy intrinsic absorption losses dominating for short wavetbag

B(w) propagation constant

Bo constant phase shift

o5 group-velocity
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Symbol Description
Ba group-velocity dispersion
Bs third-order dispersion
b1lk], B2[k] defined in (4.36) and (4.37)
H group velocity of the fundamental mode of the horizontalapiah-
tion
v group velocity of the fundamental mode of the vertical paktion
Af frequency separation
An strength of the modal dispersion
AT differential group delay
Ay phase shift
Nsp measure of the spectral efficiency
€0 vacuum permittivity
Ac carrier wavelength in nm
1o vacuum permeability
\Y% nabla operator
w angular frequency
0 partial operator
oco(f) phase of the CD channel
10) phase
p roll-off factor
02, 0% noise variance
o? variance of the signat, (¢)
o2 variance of the input signai[n]
o3 variance of the upsampled signal in the TD and FD
Te latency time
Tcn(f) group delay of the CD channel
Teg( ) group delay of the desired equalizer
TFB delay introduced by the filter bank
[k defined in (4.35)

F.2 List of Used Acronyms

Acronym Description

ADC analog-to-digital converter

AFB analysis filter bank

ASE amplified spontaneous emission
ASIC application specific integrated circuit
AWG arrayed waveguide gratings

BER bit-to-error ratio

CD chromatic dispersion

CMA constant modulus algorithm

CP cyclic-prefix

CP-FDE cyclic prefix - frequency-division equalization
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Acronym Description

Ccw continuous wave

C-band conventional band

DAC digital-to-analog converter

DCF dispersion compensating fiber
DCM dispersion compensating module
DFB distributed feedback laser

DFT discrete Fourier transform

DGD differential group delay

DMUX demultiplexer

DP dual-polarization

DSP digital signal processing

EAMs electro-absorption modulators
ECL external cavity laser

EDFA Erbium-doped fiber amplifier

ELT extended lapped transform
ENOBs effective number of bits

EOMs electro-optic modulators

E-band extended band

FB filter bank

FD frequency-domain

FDE frequency-domain equalizer

FFE feed-forward equalizer

FFT fast Fourier transform

FIR finite impulse response

FPGA field programmable gate array
FSE fractionally spaced equalizer
FSM frequency sampling method

FTN faster-than-Nyquist

FWM four wave mixing

GLSE generalized linear Scédinger equation
GVD group velocity dispersion

IBI inter-block-interference

ICI interchannel interference

IDFT inverse discrete Fourier transform
IFFT inverse fast Fourier transform

IR infinite impulse response

IQ inphase-quadrature

IQM in-phase and quadrature modulator
ISI intersymbol interference

ITU International Telecommunication Union
KKT Karush-Kuhn-Tucker

laser Light Amplification by Stimulated Emission of Radiation
LO local oscillator

LMS least mean squared
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Acronym Description
LS least-squares
LTI linear time invariant
L-band long-wavelength band
MAC multiplier-accumulator
MC multi-carrier
MF matched filter
MIMO multiple-input multiple-output
MLSE maximum likelihood sequence estimation
MMFs multimode fibers
MMSE minimum mean square error
MRE multi-receiver equalization
MUX multiplexer
MZM Mach-Zehnder modulator
NGI-OFDM no-guard-interval orthogonal frequency division mukixhg
NRZ non return-to-zero
NTF non-trivial prototype filters
OA optical amplifier
OFDE overlap frequency domain equalization
OFDM orthogonal frequency division multiplexing
OLA overlap-and-add
OLA-OSZP overlap-and-add one-side zero-padding
OLS overlap-and-save
OQAM offset QAM
OSNR optical signal to noise ratio
OPLLs optical phase-locked loops
O-band original band
PAPR peak-to-average power ratio
PBC polarization beam combiner
PBS polarization beam splitter
PDF power density function
PDM polarization division multiplexed
PLL phase-locked loop
PolMUX polarization multiplexing
PM phase modulator
PMD polarization mode dispersion
PSD power spectral density
QAM guadrature amplitude modulation
QPSK guadrature phase shift keying
RC raised cosine
RF radio frequency
RRC root raised cosine
Rz return-to-zero
SE spectral efficiency
SFB synthesis filter bank
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Acronym Description

SMFs single-mode fibers

SPM self-phase modulation

SQAM standard QAM

SSMF standard single-mode fiber
S-band short-wavelength band

TD time-domain

uw unique word

U-band ultra long-wavelength band
WDM wavelength division multiplexing
WGN white Gaussian noise

WSS wavelength selective switching
XPolM cross-polarization modulation
XPM cross-phase modulation

ZF zero-forcing
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