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Abstract

To accurately characterize the effects of optical filters, it is crucial to model the filter’s

frequency response as precisely as possible. Given that the amplitude response of an

optical filter can be obtained through theoretical models and/or experiments, the

main objective of this thesis is to investigate techniques for determining the optical

filter’s phase response from its amplitude response.

To achieve this, the Hilbert transform technique and the direct numerical integra-

tion technique based on Kramers-Kronig relations are utilized. The most accurate

method is to calculate the filter’s group delay response and then integrate it to obtain

the phase response through the direct numerical integration technique. The integra-

tion is approximated using the trapezoidal rule. Additionally, maximum out-of-band

attenuation and smoothing in a specific interval around the intersection of the fil-

ter slope and the maximum out-of-band attenuation are applied to the amplitude

response to align it with practical devices.

The second objective of this thesis is to determine the phase response of the

WSS filter based on its amplitude response using the most effective technique. The

amplitude response of the WSS filter is modeled analytically and also measured using

a Finisar WaveShaper 1000S and a broadband noise source as input.
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The simulation results show that, after applying maximum out-of-band attenua-

tion of 54 dB and smoothing in a 6 GHz interval around the intersection, the group

delay response of a 38 GHz wide WSS filter changed non-linearly between -20 to 80

ps and, correspondingly, the phase response changed between -2 to 16 rad in the [0,

150] GHz frequency range.

Finally, an application of obtaining the optical filter’s phase response is demon-

strated in this study. For this purpose, the impact of incorporating the phase response

in the cascaded filtering effect in an optical link is studied. The simulated optical link

comprised 10 spans, and a 28 Gbaud DP 64-QAM signal is subjected to a distributed

ASE noise configuration. Generalized Mutual Information (GMI) is calculated as a

system performance metric. The results indicate that the phase response can have a

significant impact on signal performance in an optical system. Moreover, the impact

of the location of cascaded WSS filters in the system, including the phase response

of the cascaded WSS filters, is investigated.
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Chapter 1

Introduction

With the rapid development of broadband services such as data communication, cloud

computing, and high-definition video streaming, internet traffic has been undergoing

exponential growth, resulting in challenges to current optical networking technologies

[1, 2]. The optical network architecture is being transformed into the Elastic Optical

Network (EON) to satisfy the growing capacity demand by utilizing efficient spectrum

allocation and intelligent resource assignment [3, 4]. Flexible Reconfigurable Optical

Add and Drop Multiplexers (ROADMs) are based on Wavelength Selective Switch

(WSS) technology and provides high Spectral Efficiency (SE) [4, 5, 6]. ROADMs using

Liquid Crystal on Silicon (LCoS) or Micro-Electro Mechanical Systems (MEMS) with

optical switch fabric, enable wavelength-dependent controlling of routing to satisfy

the flexibility required in current and future optical networks [7, 8].

In fixed optical network design, static routes are considered; where, for each route,

a typical 3 to 5 dB margin, is assigned for controlling network performance degrading

effects, and to assure future operation [9]. With the introduction of ROADMs, the

wavelength path according to the end-user request can be dynamically changed, re-

sulting in more variant network performance in comparison to static optical networks
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[10, 9]. To meet the requirements of constantly increasing and time-varying data

traffic demands, EONs are introduced to adaptively assign routes, bandwidths, and

modulation levels [4, 11]. In such networks, ROADMs are essential for implementing

dynamic and reliable networks having higher network capacity and SE by flex-grid

and finer resolution of bandwidth allocation based on WSS technology [9]. Accord-

ingly, a signal may travel through numerous optical filters on the route from its source

to its destination, where each of the filters modifies the optical signal’s amplitude and

phase. Multiplying the frequency responses of the individual filters in the frequency

domain results in the total frequency response of a set of filters. Filter concatenation

is the term used to describe this procedure. As filter concatenation may substantially

distort the signal due to the amplitude and phase characteristics of the cascaded fil-

ters, it is essential to assess a transmitted signal’s quality after it passes through the

ROADMs. Moreover, in order to maximize the capacity of an optical communica-

tion system, the different channels should be packed together as tightly as possible

to increase the number of transmitted channels [12]. Therefore, filter concatenation

and narrow filtering are real concerns in the development of EON and modern optical

communication systems as a given signal may be multiplexed and demultiplexed at

many optical cross-connect or optical add–drop elements throughout its path.

1.1 Research motivation

Utilization of the maximum bandwidth in Wavelength-Division Multiplexing (WDM)

systems can be achieved by using optical filters [12]. While WSS filters are specified

primarily with their amplitude response, the phase response can be important in

the context of cascaded ROADMs [13]. The amplitude response of WSS filters is
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well understood in WDM systems. Conversely, the WSS filter phase response has

not been sufficiently investigated [11, 14]. The phase response can determine the

dispersive properties of the filters. The impact of phase distortion is the introduction

of dispersion into the filtered signal by changing the phase relationships between the

different frequency components of the signal. This impact in the filtered signal or

into the neighboring channels leads to pulse distortion and transmission performance

degradation [15, 16].

The main motivation for this research is to provide an accurate estimation of

ROADM filter concatenation effects in WDM systems. In order to properly char-

acterize the ROADM filter concatenation effects, it is necessary to model the WSS

filter frequency response as accurately as possible. There can be a source of penalties

on the system performance when an optical data-bearing signal goes through a WSS

filter or a series of WSS filters, and not including the WSS filter phase response when

modeling the WSS filter response can result in an overestimation of the system per-

formance. Since the amplitude response of the WSS filter can be obtained through

theoretical models and/ or experiments, the primary goal is to develop techniques for

determining the WSS filter phase response from its amplitude response.

Since based on my assumption only the amplitude response of the WSS filter is

available from simulation or measurement, there is uncertainty about the accuracy

of the proposed techniques. Therefore, it is essential to provide comparison criteria

for the reliability of the proposed techniques for determining the WSS filter phase re-

sponse. To provide the comparison, the proposed techniques will be first implemented

on a Butterworth filter to obtain its phase response from its amplitude response. The

motivation of this research is to evaluate the effect of the cascaded WSS filters on the
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system performance for a 64-Quadrature Amplitude Modulation (QAM) constellation

with and without including the WSS filter phase response, in order to determine the

effect on the accuracy of the determined system performance.

1.2 Thesis objectives and contributions

There are three main objectives of this thesis:

• To provide reliable techniques for determining a filter phase response when the

corresponding amplitude response is available or measurable. This includes im-

plementing Kramers-Kronig (K-K) relations on a Butterworth filter as a reason-

able example, obtaining the most accurate technique for determining the filter

phase response, applying adjustment on the theoretical amplitude response to

match practical models.

• To determine the phase response of WSS filters based on their amplitude re-

sponse using the best implemented technique evaluated using a Butterworth

filter.

• To assess the impact of WSS filter concatenation on a 64-QAM signal in a

coherent system by focusing on the effect of the WSS filter phase response in

determining the system performance.

1.3 Thesis organization

This thesis is broken down into 6 chapters, which are organized as follows:

• Chapter 1 serves as an introduction to fiber optic communications and gives an

outline of what is expected in the rest of the thesis.
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• Chapter 2 covers ROADM architectures based on WSS technology and the con-

cept of EONs. It also discusses the impact of optical filtering and the assessment

of filtering penalties. The chapter also briefly introduces other sources of signal

impairments besides optical filtering.

• Chapter 3 outlines the importance of including the filter phase response in opti-

cal systems. The techniques for obtaining the phase response of a Butterworth

filter, including the Hilbert transform and Direct Numerical Integration (DNI)

methods, and challenges encountered during the implementation are explained.

Results are compared to identify the best technique, and modifications are made

to the amplitude response of the filter to increase its similarity to measurements

and practical uses.

• Chapter 4 investigates the filter frequency response for a WSS filter, where

the theoretical model of a WSS filter is compared with the measured amplitude

response. In this chapter the phase response of a WSS filter is also determined in

comparison to the closest order of a Butterworth filter to that, where the best

technique discussed in chapter 3 is utilized to determine the phase response.

Chapter 4 also includes simulation results of determined phase response for

measured and theoretical cases, after implementing the practical parameters on

the amplitude response as well as results of applying filter concatenation on the

phase response.

• Chapter 5 begins with a brief explanation of related concepts, including the

coherent transmitter and receiver. The simulation setup for a coherent system

is then explained, where the impact of cascading WSS filters on the system
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performance is evaluated for a 64-QAM constellation, both with and without

considering the phase response of the WSS filters. The simulation results high-

light the effect of the number and location of cascaded filters, emphasizing the

importance of taking into account the phase response of WSS filters for a more

accurate estimation of the system performance.

• Chapter 6 provides the conclusions of the thesis and outlines future work.
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Chapter 2

Elastic optical networks with ROADMs

2.1 WSS-based ROADMs

The increasing demands of traffic and the evolving needs of networks are leading

to a greater reliance on optical networks to transmit large quantities of data across

multiple wavelengths at network nodes. This helps to ensure that the network is able

to efficiently handle the traffic and meet the requirements of its users [17].

ROADMs allow for the flexible adding and dropping of wavelength channels in a

fiber optic network. ROADMs enable dynamic reconfiguration of the network without

the need to physically re-patch fibers and provide automatic scheduling and restora-

tion in the optical layer which changes traditional optical links into reconfigurable

networks [17]. Since ROADMs offer simplification of network planning and provision-

ing, reduction in infrastructure cost, and allow higher network flexibility for network

operators, they have been deployed as key elements in enabling optical transmission,

in a dense WDM network [17, 16].

ROADMs can express/add/drop wavelength division multiplexed signals by avoid-

ing O-E-O conversion and enabling systems that use optical switching. ROADMs
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route the optical signals directly and are bit rate/ protocol independent, so future

upgrades of bit rate or protocol can be done without upgrading the switch [17, 18].

Modern ROADM technology is based on a WSS which is an active component

that performs wavelength switching [19]. The defining functional feature of a WSS

is the ability to independently switch any wavelength within a certain range to any

port without imposing any restrictions on the switching of other wavelengths.

(a) (b)

Figure 2.1: Architectures for each degree in a WSS-based degree-4 node with (a)
colored and (b) colorless Add/Drop ports from [20]

A 1×N WSS is useful either for degree-N connectivity or for adding/dropping

channels. The degree of a ROADM describes the number of supported DWDM line

interfaces. Figure 4.1 (a) shows WSS supporting mesh connectivity, where a 1×5

WSS can support a degree-4 node. In this application, add and drop ports are

colored as a single 1×N WSS is used for each degree and fixed multiplexing is used

for adding and dropping signals [20]. As shown in Figure 4.1 (b), in order to provide

both mesh connectivity and colorless add/drop ports three WSSs should be used for

each degree. A WSS makes colorless ports allowing any subset of the total number

of channels to exit any port. Colored add/drop ports are specifically tuned to a
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Figure 2.2: Architecture of a WSS-based degree-4 node where both mesh connectivity
and colorless Add/Drop ports are supported from [20]

particular wavelength of light and can only be used to add or drop that particular

wavelength. Colorless add/drop ports, on the other hand, are not specific to any

particular wavelength and can be used to add or drop any wavelength within a certain

range.

Figure 2.2 shows a degree-4 node where, in addition to supporting mesh connec-

tivity, the architecture provides colorless add/drop ports. As shown, a total of 12

1×5 WSSs are required to provide the functionality, a proposition that makes this

architecture costly in comparison to the colored add/drop ports.
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Figure 2.3: Multi-path ROADM configuration example from [21]

An example of a multi-port ROADM configuration is illustrated in Figure 2.3.

This configuration allows for signals carried by multi-path fibers to be changed,

dropped, or added without conversion to electrical signals. In this configuration, WSS

realizes the per-wavelength path configuration function of ROADM. Based on Figure

2.3 ROADM architecture can be explained based on two functional blocks which are

the WXC function and add/drop function. The WXC function exchanges optical sig-

nals without the need for O/E/O conversion and provides a wavelength cross-connect

function and add/drop function assigns optical signals from the transponder to the

WXC function. The WXC function can provide complete N×N connectivity solutions

for mesh networks. For a degree N node and M wavelengths per fiber, a WXC needs

N demuxes, N muxes, and M N×N switches.

The add/drop function can be classified into four types: (1) fixed, (2) colorless, (3)

colorless and directionless (CD), and (4) colorless and directionless and contentionless
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(CDC) [21]. As mobile data traffic in metro and core networks is dominant and more

dynamic, multi-degree ROADMs with CDC functions are seen as a viable solution to

restore wavelength paths and realize network reconfigurations that optimize the use

of network resources in these networks [22]. CDC ROADMs will enable any add/drop

port to support any wavelength and connect to any fiber.

2.2 Elastic optical networks

WDM networks have traditionally employed a fixed grid of optical frequencies, but

with the increasing demand for high bandwidth connections, the need for a more

flexible grid has emerged. Earlier solutions, such as mixed transmission rates of 10,

40, and 100 Gbps over a fixed 50 GHz grid, resulted in underutilization of channel

bandwidth. Attempts have been made to address these challenges through the use of

a flexible or elastic spectral grid in EONs. The use of a flexible grid in EONs aims to

minimize underutilization of bandwidth for low-rate transmissions while also allowing

for high-rate transmissions exceeding 100 Gbps through the use of multiple carrier

(multicarrier) communication [23].

The flex-grid paradigm allows for the coexistence of optical channels with vary-

ing bandwidths within the same fiber. To efficiently fit all of these channels, optical

frequency slots of different sizes can be allocated using variable bandwidths in incre-

ments of 12.5 GHz [24]. This necessitates the use of WSS filters at network nodes,

which supports this flexibility in bandwidth. WSS filters in fixed-grid networks can

only provide fixed-width frequency slots (50 or 100 GHz) that are evenly spaced, while

flex-grid networks can use the optical spectrum more efficiently and flexibly [24, 25].

Figure 2.4 illustrates spectral saving enabled by EON. This example illustrates the
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Figure 2.4: Spectral saving enabled by EON from [26]

flexibility in spectrum utilization provided by programmable coherent transponders,

where the modulation format and corresponding channel capacity can be selected on

a per-channel basis to achieve the best match for capacity reach [26]. Figure 2.4 (a)

shows a 50 GHz grid has a maximum capacity of 100 Gb/s per DP-QPSK channel;

(b) shows a 100 GHz grid has a maximum capacity of 400 Gb/s per DP-QPSK or

16-QAM channel; (c) shows multi-rate channel deployment on a fixed grid; and (d)

shows multi-rate channel deployment on a flexible grid where frequency slot is 12.5

GHz.

2.3 Optical filtering penalties originating from cascaded ROADMs

Flexibility for optical networks is achieved through the use of multiple or cascaded

ROADMs. Furthermore addressing the increasing and variable needs of network
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capacity has been possible by utilizing the flexible optical routing and bandwidth

allocation [27]. The flexibility is obtained based on a WSS-based ROADM with the

capability of routing the signal entirely in the optical domain [27]. Transmission

penalty due to ROADM cascades has been identified as one of the critical limiting

factors in high bit rate systems which is highly dependent on the system configura-

tion. In the following, filter concatenation penalties will be covered as bandwidth

narrowing, center frequency shift, and pass-band impairments.

Bandwidth Narrowing. As the transfer function of a WSS switch is not ideally

rectangular, cascading multiple ROADMs causes narrow pass-band filtering. The

narrowing or bandwidth reduction depends on the shape of the filter edge, moreover,

the filtering impact on signal quality depends on signal bandwidth, cascaded ROADM

bandwidth, and distribution of ROADMs in the link [28]. The overall bandwidth of

a WSS cascade decreases with increasing number of devices at a rate that strongly

depends on the shape of the transfer functions of the individual ones. WSS transfer

functions with a flat center section and steeply falling edges result in substantially

wider cascaded bandwidths than those with gently falling edges [29].

Center Frequency Shift. In most past cases of cascaded WSS studies, WSS fil-

ters are assumed to be identical which means the transfer function for all ports and

channels is the same. But in practice transfer functions slightly vary from channel

to channel and device to device. As a result, WSSs usually exhibit variations in the

center frequency of the passband of each channel. The reasons for center frequency

variations include component imperfections, misalignments in the optical system, in-

ternal and external stress, and environmental condition changes [30]. However, the

impact of a center frequency shift in the passband of WSS filters on the overall 3 dB
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bandwidth of multiple cascaded WSS filters can depend on the size of the shift and

it may not necessarily result in a substantial impact [29].

Passband Impairment. An optical signal in a network may be filtered many times

before reaching the destination. Since those filters do not have ideal transfer functions

for the optical amplitude and phase, optical filtering will also likely amplify any

overlapping passband impairments that occur in the filters such as an asymmetric

slope or ripple, although in some cases the passband impairments may cancel [29].

2.4 Impact of optical filtering in WDM networks

ROADMs are key components in enabling all-optical transmission in dense WDM

networks. They offer benefits such as simplifying network planning and reducing

costs and power consumption. However, they also introduce impairments such as

bandwidth-narrowing and ripples arising from filtering which will impose on the signal

passing through a cascade of ROADMs in an optical link. Various methods have

been proposed to compensate for these impairments, such as pre-compensation at

the transmitter, using finite impulse response filters, or introducing new hardware

blocks at the receiver. However, these methods have limitations such as higher power

consumption or extra cost and maintenance.

ROADMs also introduce noise to the signal due to filtering effects; which causes

critical limitations in fixed-grid optical networks [31]. One of the main sources of

noise in a ROADM system is the optical amplifiers used within the ROADM. These

amplifiers, specifically Erbium-Doped Fiber Amplifier (EDFA), introduce noise to the

signal in the form of Amplified Spontaneous Emission (ASE).

Realistically, a coexistence of fixed and flex-grid is expected for deployed optical
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networks with flex-grid being dominant in the backbone network segment. In this

situation, a significant source of penalty is caused by the transmission through a cas-

cade of nodes containing non-ideal optical filters. Thus, the effect of optical filtering

is the source of non-negligible performance degradation [25].

2.4.1 Summary of different aspects of filtering penalty assessment

The filtering penalties resulting from a cascade of WSS-based ROADMs have been

covered extensively in the literature [28, 25, 29, 32, 33, 34, 35, 36, 37, 38, 39, 40,

41, 42, 43, 44, 13, 45, 46, 47, 48, 49, 50, 51, 52, 53, 54, 55, 56]. The transmission

penalties caused by optical filtering depend not only on the spectral width and shape

of the WSS passbands but also on other transmission parameters such as modulation

format of the transmitted signals and optical spectral shaping [33]. Accordingly, there

is no simple answer to the question of how many cascaded ROADM nodes broadband

signals can traverse before they become severely distorted. In general, the effect of

cascaded filtering on system performance and methods for mitigating the filtering

penalties have been investigated by simulation and by experiments using both offline

and real-time signal processing [25, 34, 35, 36, 38, 39, 40, 41, 42, 43, 44, 13, 45, 57].

In addition, many techniques have been proposed to estimate filtering impairments

[33, 44, 46, 58].

Filtering effect in experiments and simulation

Experiments for studying the effect of cascaded filtering on system performance have

been done either using a recirculating loop to repeatedly apply an optical signal to the

same optical filter(s) [28, 24, 37, 43, 45, 46, 47, 48, 49, 59], or straight-line cascades
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of distinct optical filters [28, 33, 34, 36, 45, 57]. In the former case, the filtering effect

would be the same for each path, and for each experiment, which is not representative

of the practical situation. However, in straight-line cascades of individual filters, the

experimental situation is closer to what happens in practice where optical filters have

manufacturing variations in their physical parameters.

As bandwidth narrowing can result in signal distortion, the tolerance to the narrow

optical filtering effect experimentally has been investigated in some studies [34, 36,

37, 39, 41, 48, 49, 52, 55]. Besides bandwidth narrowing, inadvertent variations in the

frequency responses of individual filters result in unpredictable signal distortion [38,

57]. The reason is variations in pass-band amplitude response of ROADM elements

in DWDM optical networks due to manufacturing variations and supplier diversity

[38, 39, 47, 57].

The current generation of WSSs is compliant with EON requirements and the

narrow spectral increments to maximize spectral efficiency. For this reason, cascaded

filtering penalties have been investigated in the literature not only for the different

number of concatenated WSSs or 3 dB bandwidth [29, 47, 51, 57] for various modula-

tion formats, with different symbol rates and transmission pulse shapes, but also for

different filter shapes corresponding to different WSS designs or filter shape variations

[38].

Estimating filtering impairments

The flexibility of EONs is mainly enabled by WSS-based ROADMs, while cascading

multiple ROADMs and accumulated link noise can cause diverse impairments for

different links in a typical meshed optical network [28, 38]. To meet the dynamic
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and bandwidth-on-demand requirements of EONs, one potential solution is to use

machine learning algorithms to estimate the optimal symbol rate and format based on

parameters monitored by coherent receivers. By utilizing this approach, the network

can estimate the optimal combination of symbol rates and modulation formats while

minimizing the impact of the ROADM filtering effect [36, 44, 58].

One way to tackle this challenge is through the development of predictive models.

These models can be trained on a dataset of past impairment estimates, learning to

recognize patterns and relationships that can be used to predict future impairments.

This can be particularly useful in networks with a large number of components, as it

allows for the estimation of impairments across the entire network [60]. However, it is

important to note that using machine learning techniques to estimate optical filtering

impairments in EONs can also be challenging due to the need for a large amount of

labeled data to train the model, the complexity of the relationship between optical

signals and impairments, and the requirement for the model to generalize well to new,

unseen data.

2.5 Other sources of signal impairments

The overall performance of an optical network is determined by the combined effect

of all impairments present in the system. Therefore, it is important to consider other

sources of impairments as well to accurately predict the performance of the network

and design it accordingly.
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2.5.1 Signal propagation on a fiber

The Nonlinear Schrodinger Equation (NLSE), Equation 2.1, is a mathematical model

that describes the dynamics of a weakly nonlinear, quasi-monochromatic wave packet

propagating through a dispersive medium. Equation 2.1 is for modeling a single

polarization signal where A is the complex amplitude of the field envelope and a

function of the distance z and the time t, α is the attenuation coefficient, β2 is

Group Velocity Dispersion (GVD) parameter, and γ is the nonlinear coefficient. The

attenuation coefficient, α, represents the loss of signal strength due to absorption

and scattering as the signal travels through the fiber. The term β2
∂2A
∂t2

represents the

chromatic dispersion of the fiber and the term γ | A |2 A represents the nonlinear

effects of the fiber. In Equation 2.2 n2 denotes the nonlinear Kerr coefficient, λ denotes

the carrier wavelength, and Aeff denotes the effective mode area. In Equation 2.1,

time (t) is replaced with t−β1z, where β1 is related to group velocity. This is because

simulating the time delay caused by a spectral component traveling a certain distance

down a single-mode fiber and arriving at the output after would require a much longer

time, particularly for long distances. Table 2.1 provides further information on the

parameters included in Equation 2.1.

∂A(z, t)

∂z
+

iβ2

2

∂2A(z, t)

∂t2
= iγ | A(z, t) |2 A(z, t) − α

2
A(z, t) (2.1)

γ =
2πn2

λAeff

(2.2)

It is generally not possible to derive an exact solution for the NLSE. However,
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Value Units Description

A(z, t)
√
W electric field at (z, t) in the fiber

z m distance in the fiber
t s time
i - imaginary unit
ω rad/s frequency of electrical field
α m−1 fiber attenuation, typical value: 0.2 to 0.4 dB/km
β2 s2/m GVD parameter, typical value: -20 to -50 ps2/km
γ 1

W.m
nonlinear coefficient,typical value: 1.3 1/W/km

Table 2.1: NLSE parameters

approximate solutions can be obtained using numerical methods such as the split-

step Fourier transform method. This method involves dividing the equation into

linear and nonlinear segments and solving them separately over short segments of

fiber [61].

2.5.2 Attenuation

Light traveling in an optical fiber loses power over distance. The attenuation of any

fiber is the reduction in the power of the input signal due to the fiber properties [61].

Given input power Pin over a fiber of length L and output power Pout, the mean

attenuation constant α of the fiber, in units dB/km, is defined as Equation 2.3.

α =
10

L
log

Pin

Pout

(2.3)

So P (z) the power of the optical signal at length z, is:

P (z) = Pin exp(−αz) (2.4)
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2.5.3 Chromatic dispersion

The solution of Equation 2.1 in the frequency domain, by ignoring nonlinear impair-

ments and attenuation is:

A(z, ω) = A(0, ω) e
iβ2ω

2

2
z (2.5)

Equation 2.5 shows that different frequency components of a signal which go through

the fiber will travel at different speeds. This phenomenon is known as chromatic

dispersion results in a spreading of a pulse of light as it travels [61]. This broadening

of the pulse widths causes interference among consecutive pulses, and it is called Inter

Symbol Interference (ISI) which is a source of penalty in communication systems.

There are two types of chromatic dispersion that can occur in a single-mode

fiber: material dispersion and waveguide dispersion. Material dispersion is caused

by the fact that different wavelengths of light have different refractive indices in the

fiber material. This causes the different wavelengths to travel at different speeds,

resulting in chromatic dispersion. Waveguide dispersion is caused by the fact that

the waveguide structure of the fiber causes different wavelengths to travel at different

speeds [29, 61].

2.5.4 ASE noise

As the signal travels through the fiber, it is subject to attenuation due to absorp-

tion and scattering. This reduces the signal strength and can limit the transmission

distance of the fiber. Inline amplifiers can be used to amplify the signal and compen-

sate for the loss due to attenuation, allowing the signal to be transmitted over longer



2.5. OTHER SOURCES OF SIGNAL IMPAIRMENTS 26

distances.

ASE noise is a type of noise that occurs in optical amplifiers, such as EDFA. It

is caused by the amplification of spontaneous emission of photons in the amplifier’s

gain medium, which results in the emission of broadband noise that can degrade the

Signal-to-Noise Ratio (SNR) of the transmitted signal [61]. The gain of the amplifier

specifies the amount of amplification that is applied to the signal and the noise figure

of the amplifier indicates the amount of noise that is added to the signal in relation

to the signal’s power level.

2.5.5 Polarization mode dispersion

Polarization Mode Dispersion (PMD) is a phenomenon that occurs in single-mode

optical fibers, in which the two orthogonal polarization modes of the propagating

light waves travel at different speeds and experience different amounts of dispersion.

This can lead to a loss of signal integrity, as the two polarization modes can become

misaligned over long distances, causing the received signal to become distorted [61].

2.5.6 Nonlinear impairments

Nonlinear impairments in an optical communication system refer to distortions or

impairments that occur as a result of the nonlinear nature of the material through

which the light is propagating. The nonlinear refractive index coefficient n2 is a

measure of the strength of the nonlinearity of a material. It is related to the nonlinear

susceptibility of the material, which is a measure of how the material responds to an

applied optical field. By including the power dependency of the refractive index,

the nonlinear refractive index, n is defined as Equation 2.6; where n0 is the linear
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refractive index and P is the optical power.

n = n0 + n2
P

Aeff

(2.6)

When light propagates through a material with a nonlinear refractive index, the

intensity of the light can cause the refractive index of the material to change, leading

to nonlinear effects such as self-phase modulation, cross-phase modulation, and four-

wave mixing. These nonlinear effects can cause signal degradation and limit the

transmission distance and capacity of an optical communication system [61].

Self-Phase Modulation (SPM) The varying refractive index of material due to

the intensity of the optical field passing through it causes a shift in the phase of the

pulse, leading to broadening of the optical spectrum [61].

Cross-Phase Modulation (XPM) When multiple optical channels are transmitted

simultaneously inside an optical fiber using the WDM technique, the nonlinear phase

shift for a specific channel depends not only on the power of that channel but also

on the power of other channels, leading to a cross-modulation of the phases of the

different channels [61].

Four-Wave Mixing (FWM) When three or more light waves interact in a medium

with a nonlinear refractive index, this interaction results in the generation of new

waves at different frequencies, which can cause signal degradation in an optical com-

munication system [61].
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Chapter 3

Filter phase response and techniques for its

determination

3.1 Necessity of including the filter phase response

Ideally, an optical filter should have a rectangular amplitude response that is as

wide as the desired bandwidth with no deviation from a flat transmission across the

passband (also known as in-band flatness) and an abrupt falloff at the edges, and a

linear phase response throughout the passband [62]. However, achieving this ideal

frequency response is not currently possible due to technological limitations. Instead,

the best solution is to use a filter with a frequency response that is as close to the

ideal as possible. This will help to maximize the performance of the filter and the

overall WDM system.

The impact of the filter frequency response becomes more important in the neigh-

boring channels and ultimately can result in transmission error and limitations to

the bit rate. In these cases, especially in high-bit rate systems, the determination

of the exact filter impact on the signal is of great importance [19]. The ampli-

tude response of optical filters in WDM systems has been extensively studied in
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[17, 16, 63, 39, 43, 13, 25, 51, 52, 34, 57, 64, 65, 66, 29]. However, the phase response

of optical filters has only been discussed in a few cases of WDM systems [67, 68]. The

filter phase response determines the dispersive properties of filters which can lead to

system performance degradation [62]. Therefore, an understanding of the filter phase

response is essential as an influential factor in the system performance.

In this chapter, we discuss and compare two techniques for determining the phase

response of optical filters. As the phase response for a WSS filter is unknown, the

techniques are investigated for a Butterworth filter to be able to compare the deter-

mined filter phase response with the ideal filter phase response.

3.2 Definition of the Butterworth filter

The Butterworth filter is designed to have a flat frequency response within a cer-

tain passband. This means that it allows all frequencies within the passband to pass

through the filter with equal gain, and it attenuates frequencies outside the pass-

band. The Butterworth filter has a smooth roll-off and a monotonically decreasing

attenuation rate in the stopband [69].

The amplitude response and phase response of a Butterworth filter are given by

Equations 3.1 and 3.2.

G(ω) =
1√

1 + ( ω
ωc

)2n
(3.1)

ϕ(ω) = − arctan
( ω
ωc

)n
(3.2)

where ω is the angular frequency, ωc is the angular cutoff frequency (i.e., the frequency

at which the amplitude response is 3 dB), and n is the order of the filter.
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The amplitude response and phase response of a Butterworth filter in the fre-

quency range from [0, 150] GHz, for n = 2, 4, 6, 8, 10 are shown in Figure 3.1 for

cutoff frequency = 50 GHz. Considering that optical filters are of interest, the fre-

quency offset refers to the frequency around an optical frequency.

(a) (b)

Figure 3.1: Butterworth filter frequency response (a) Amplitude response (b) Phase
response

3.3 Techniques for determining the filter phase response

3.3.1 Analysis

The amplitude response of the optical filter can be easily measured using an Optical

Spectrum Analyzer (OSA) and some sort of tunable or broadband light source (e.g.

tunable laser or optical noise source)[70]. However, measuring the phase response

of an optical filter is more complex and requires specialized equipment compared to

measuring the amplitude response. Therefore, often only the optical filter’s amplitude

response is available. In such a case, a possible solution for determining the phase

response of the optical filter is available if the optical filter is regarded as a Minimum
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Phase (MP) system [67]. A Linear Time Invariant (LTI) filter H(z) = B(z)/A(z) is

said to be MP if all its poles and zeros are inside the unit circle |z| = 1, while excluding

the unit circle itself. In the discrete-time domain, z is related to the complex frequency

ω by the substitution z = ejωT , where T is the sampling period.

The frequency response of a system with real, stable, and causal impulse response

can be written as a complex function expressed in terms of its real and imaginary

parts. The K-K relations are a set of mathematical relationships that relate the real

and imaginary parts of a complex function. These relations can be used to relate the

logarithm of the amplitude response of a system to its phase response, under certain

circumstances. The K-K relations hold for any LTI system that has a stable, causal

impulse response. Since an MP system has a stable, causal impulse response, the

K-K relations can be applied to it. This can be useful in a variety of applications,

including the analysis and design of optical filters and other linear systems.

The performance of an optical filter can be fully described using a typical filter

frequency response according to Equation 3.3 :

H(ω) = G(ω)ejφ(ω) (3.3)

The K-K relations, presented in Equation 3.4 are used for relating ln (G(ω)) to φ(ω)

[67].

φ(ω) =
2

π
PV

∫ ∞

0

ω

ω2 − ν2
ln(G(ν)) dν (3.4)

where PV denotes that the integral is calculated as the principal value in the Cauchy

sense.

This chapter presents two techniques for calculating the filter phase response as



3.3. TECHNIQUES FOR DETERMINING THE FILTER PHASE
RESPONSE 32

expressed in Equation 3.4, the Hilbert transform technique and the DNI technique

and describes the challenges when these techniques are applied to calculate the phase

response of the Butterworth filters from the amplitude response. Furthermore, in this

chapter, we discuss K-K relations to determine the best approach when applied to a

Butterworth filter.

Hilbert transform technique

For a real (or causal) system with an impulse response such as h(t) beginning at time

t = 0, and its Fourier transform H(ω) with ω being the angular frequency, the K-K

relations can be defined as

φ(ω) = HT (ln(G(ω)))

ln(G(ω)) = −HT (φ(ω))

(3.5)

where HT is the Hilbert transform, and Hr(ω) and Hi(ω) are the real and imaginary

parts of the Fourier transform H(ω), respectively. Considering h(t) and its Fourier

transform as H(ω) the Hilbert transform can be defined as Equation 3.6

HT (h(t)) =
−2

t
∗ h(t)

= F−1(F(
−2

t
∗ h(t)))

= F−1(j sgn(ω) H(ω))

(3.6)

where F is the Fourier transform, F−1 is the inverse Fourier transform and the sgn(ω)

function is +1 when ω ≥ 0 and −1 when ω < 0.

In our simulations, Equation 3.5 has been used for determining the filter phase
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response from the filter amplitude response using the Hilbert technique, considering

G(ω) as the amplitude and φ(ω) as the phase response of the filter. The numerical

Hilbert transform HT corresponding to Equation 3.6 has been computed using the

Fast Fourier Transform (FFT) algorithm in MATLAB.

Direct numerical integration (DNI) technique

The filter frequency response is defined by G(ω) as the filter amplitude response and

φ(ω) as the filter phase response. Group delay response can also be considered for

determining the filter performance as it can be used to determine the amount of

distortion introduced by a filter. The definition of the group delay calculated from

the filter phase response is

τg(ω) =
−dφ

dω
(3.7)

where φ is the phase response. However, the problem is that direct differentiation

of Equation 3.4 is impossible. Therefore, the integral in Equation 3.4 is evaluated

in parts first and the result is then differentiated to calculate the group delay as

expressed in Equation 3.8 [68].

τg(ω)) =
2

π
PV

∫ ∞

0

ν

ω2 − ν2
Ψ(ν) dν

Ψ(ν) =
d ln(G(ν))

dν

(3.8)

It is not feasible to execute Equations 3.4 and 3.8 exactly due to a singularity at

(ω = ν) in the denominator of the integrands and the limited frequency range in which

G(ω) is measured/calculated, with data only available at discrete points. Therefore,

the integrals over the half-real line are approximated using the trapezoidal rule. The
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general trapezoidal rule is defined by

Th(g) = h

[
1

2
+

n−1∑
j=1

g(xj) +
1

2
g(xn)

]
(3.9)

where h = (β − α)/n and xj = α + jh (j = 0, 1, ..., n), and approximates the definite

integral: ∫ β

α

g(x) dx (3.10)

with the assumption that the integrand g(x) is integrable on the interval [α, β].

3.3.2 Challenges

When implementing the Hilbert technique and DNI technique on a Butterworth filter,

I faced challenges in the calculation. Two main challenges, integration span and pre-

filtering, and their solutions are described in the following sections.

Integration span

The upper limit of the integral in Equation 3.4 which is defined as the integration span

can have an impact on the accuracy of the phase response of the filter, as determined

using the Hilbert technique or DNI technique. By increasing the integration span,

it is possible to obtain a phase response that is closer to the ideal phase response

for a given application. This effect is shown in Figures 3.2, 3.3, and 3.4, where the

determined phase responses using the Hilbert technique are depicted in comparison

to the respective ideal phase responses for a Butterworth filter, order 10 and cutoff

frequency = 50 GHz, with integration spans of 500, 5000, and 50000 GHz. In Figures

3.2, 3.3, and 3.4, in (a) the phase response is represented in the actual integration span

range, and in (b) the phase response is presented in [0, 150] GHz frequency range,



3.3. TECHNIQUES FOR DETERMINING THE FILTER PHASE
RESPONSE 35

which is our region of interest. To calculate these results, the number of samples in

the 500 GHz integration span is 220. The number of samples has been increased by a

factor of 10 and 100 for the integration span of 5000 and 50000 GHz, respectively, in

order to keep the ∆f fixed, where ∆f = integration span / number of samples. As a

result, singularity is approached within about 470 KHz of the singularity.

Figure 3.2: Butterworth filter order 10 and cutoff frequency of 50 GHz phase response,
integration span = 500 GHz

Figure 3.3: Butterworth filter order 10 and cutoff frequency of 50 GHz phase response
phase response, integration span = 5000 GHz
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Figure 3.4: Butterworth filter order 10 and cutoff frequency of 50 GHz phase response
phase response, integration span = 50000 GHz

As shown in Figures 3.2, 3.3, and 3.4, by increasing the integration span, the

phase response obtained by the Hilbert transform gets closer to the ideal response in

the frequency range of [0, 150] GHz. The reason is explained in Figure 3.5 where the

“Numerator” (ln(G(ν))) and the “Inverted Denominator” ( 1
ω2−ν2

) are related to the

integrand in Equation 3.4. In the denominator of the integrand, there is a singularity,

which makes the denominator equal to zero (ω = ν). At the singularity, which is cho-

sen as 10, 100, and 1000 GHz in Figure 3.5 (a), (b), and (c) respectively, the “Inverted

Denominator” → ±∞. By increasing the integration span, we enlarge the interval

of integration, which leads to more points being included in the integral and thereby

improves its accuracy. Furthermore, this also minimizes the impact of singularities

on the integral by making them a smaller part of the whole. As a result, using an

integration span of 5000 GHz or 50000 GHz produces a more precise approximation of

the integral when compared to a span of 500 GHz. Moreover, the “Inverted Denomi-

nator” term decreases as frequency increases, while the “Numerator” term increases.

However, the rate of change in the “Inverted Denominator” at higher frequencies is

much higher than the “Numerator” and the trapezoidal technique cannot accurately

capture these high rate changes. Therefore, we have chosen an integration span of
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(a)

(b)

(c)

Figure 3.5: Integrand components for integration span of (a) 500 GHz, (b) 5000 GHz,
and (c) 50000 GHz
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50000 GHz for our simulations, which leads to a more accurate result for the phase

response of the filter in the region of [0, 150] GHz.

Pre- filtering

Computing a filter phase response from an amplitude measurement and vice-versa is a

practical application of the K-K relations. A filter frequency response such as H(ω) =

G(ω) ejφ(ω) is often determined by measuring its amplitude G(ω) and its phase φ(ω).

The K-K relation relates G(ω) cos(φ(ω)) to G(ω) sin(φ(ω)). It is interesting from an

experimental point of view to obtain G(ω) from the measurement of φ(ω) and vice-

versa, especially when one of the measurements is difficult or impossible to perform

such as measurement of φ(ω) when using a spectrum analyzer. In order to separate

G(ω) and φ(ω), it is standard to consider the logarithm of H(ω): ln (H(ω)) =

ln(G) + jφ(ω). I investigated to find out if the relations represented in Equation 3.5

can be applied for a Butterworth filter.

In general, Equation 3.5 is applicable to any LTI system. However, the application

of the K-K relation pair Equation 3.5 to a Butterworth filter, order 10 and 3 dB

bandwidth of 50 GHz, in a straightforward manner did not yield the expected result

as presented in Figures 3.2, 3.3, and 3.4. Figure 3.6 also shows the same effect, with

(a) depicting the amplitude response of the filter and (b) depicting a comparison of

the ideal phase response and the phase response determined by applying the K-K

relations in Equation 3.5. Comparing the “ideal phase” (Figure 3.6 (b) red) to the

determined phase by “Hilbert transform” (Figure 3.6 (b) blue) shows the difference.

Based on [67], the discrepancy between the phase responses can be solved using

a gain compensation technique which is called pre-filtering in this thesis. In this

solution, H1(ω) is defined as the frequency response of the filter of interest. By
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(a) (b)

Figure 3.6: Frequency response for a Butterworth filter order 10 and cutoff frequency
of 50 GHz (a) Amplitude response (b) Phase response

calculating the product H(ω) = H1(ω) ×H2(ω), we have:

φ(ω) = φ1(ω) + φ2(ω)

ln(G(ω)) = ln(G1(ω)) + ln(G2(ω))

(3.11)

To obtain φ1(ω), H2(ω), with known amplitude and phase responses, is chosen

based on [67] such that: ln(G1(ω))+ln(G2(ω)) is approximately zero when ω → ωmax.

In general ln(G1(ω)) is known or can be measured between 0 and ωmax and here

ωmax = 1.57e+14 rad/s (corresponding to the integration span of 50000 GHz). The

phase φ1(ω) can then be determined from φ1(ω) = φ(ω) − φ2(ω), where φ(ω) =

HT

(
ln(G1(ω)) + ln(G2(ω))

)
.

This has been applied using H2(ω) as a simple first-order High Pass Filter (HPF)

with a cutoff frequency of ωc, and gain of Q whose frequency response is compensating
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(a) (b)

Figure 3.7: Pre-filtering for successful case (a) Amplitude response (b) Phase response

to determine the phase response for the Butterworth filter mentioned in Figure 3.6

H2(ω) =
Q

1 − j ωc

ω

(3.12)

The result of applying H2(ω) with Q = 21.8 and ωc = 1.69 1016 rad/s is presented

in Figure 3.7, wherein (a) “Compensated” amplitude shows ln(G1(ω)) + ln(G2(ω))

(black line) and in (b) “Compensated” phase shows φ(ω) (dashed black curve). In

this situation (pre-filtering for successful case), in Figure 3.7 (b) one can see that the

compensated phase response (dashed black curve) and the ideal phase response (red

curve) are nearly identical. However, this method is only applicable as long as the

ideal phase response of the filter of interest (”K-K direct”) is known. It should also

be noted that the proper parameter values for Q and ωc have to be chosen carefully.

In this example, the phase response of the Butterworth filter is known, therefore

the pre-filtering technique results can be assessed. However, my interest is in deter-

mining the filter phase response, when it is not known. Therefore, choosing Q and

ωc parameters for a first-order HPF as a compensation frequency response could be
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(a) (b)

Figure 3.8: Pre-filtering for unsuccessful case (a) Amplitude response (b) Phase re-
sponse

very challenging. The challenge is explained with an example of unsuccessful pre-

filtering for a Butterworth filter. In this situation (pre-filtering for the unsuccessful

case) by applying the frequency response of H2(ω) the compensated phase response

deviates from the ideal phase response. This case is shown in Figure 3.8 where in

(a), ln(G1(ω)) + ln(G2(ω)) is approximately zero when ω → ωmax, but the compen-

sated phase response (dashed black curve) deviates from the ideal phase response (red

curve) in (b). In this case H2(ω) with Q = 15.2 and ωc = 5.02 1015 rad/s is applied.

The reason for the phase response deviation is the sensitivity of the pre-filtering

technique to the compensating parameters, Q and ωc. This sensitivity is depicted in

Figure 3.9 (a) the comparison of successful and unsuccessful compensated amplitudes

and (b) the corresponding phase responses. Although both curves in 3.9 (a) show

that (ln(G1(ω)) + ln(G2(ω)) is close to zero, with (ln(G1(ω)) + ln(G2(ω)) = 0.0064

for the successful case and (ln(G1(ω)) + ln(G2(ω)) = 0.0058 for the unsuccessful case

(for both cases ωmax= 157 1015 rad/s), the way in which they reach ωmax is also

important. In the successful case, (ln(G1(ω)) + ln(G2(ω)) is smoother in comparison



3.3. TECHNIQUES FOR DETERMINING THE FILTER PHASE
RESPONSE 42

(a) (b)

Figure 3.9: Comparison of successful and unsuccessful cases (a) Compensated ampli-
tude (b) Compensated phase

to the unsuccessful case, where (ln(G1(ω)) + ln(G2(ω)) varies in a larger range when

ω → ωmax. Consequently, the pre-filtering is not chosen as a reliable technique for

determining the WSS filter phase response.

3.3.3 Simulation results for a Butterworth filter

To implement the Hilbert technique and DNI technique, a Butterworth filter, order 10,

3 dB bandwidth of 50 GHz, and integration span of 50000 GHz has been chosen. The

amplitude response and the phase response of the Butterworth filter are calculated

based on Equations 3.1 and 3.2.

For the Hilbert technique, we applied Equation 3.5, where HT was calculated using

FFT. Figure 3.10 (a) shows the comparison of the ideal phase response (solid line)

with the determined phase response (dashed line) using the Hilbert technique and

(b) shows the corresponding results for the group delay. The group delay response

has been calculated by differentiating the phase response, Equation 3.7. Figure 3.10

represents the successful implementation of the Hilbert technique in the frequency
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(a) (b)

Figure 3.10: Hilbert technique implemented for a Butterworth filter order 10 and
cutoff frequency of 50 GHz (a) Phase response (b) Group delay response

range of [0, 150] GHz with the determined phase and group delay responses matching

the respective ideal responses in this frequency range. To obtain the phase response

using the DNI technique, two procedures can be used. In the first procedure (DNI1)

Equation 3.9 is applied to calculate the group delay represented in Equation 3.8

and then the group delay response is integrated to determine the phase response,

in which the integration has been implemented using the trapezoidal rule. In the

second procedure(DNI2) the phase response is directly calculated based on Equation

3.4 using Equation 3.9. Results of the implementation of these procedures on a

Butterworth filter are presented in Figure 3.11, where (a) illustrates a comparison

between the group delay determined using DNI technique (dashed red curve) and the

ideal group delay (blue curve), (b) illustrates a comparison between the phase response

determined using the first procedure (DNI1) (dashed red curve) and the ideal phase

response (blue curve), and (c) illustrates a comparison between the phase response

determined using the second procedure (DNI2) (dashed red curve) and the ideal
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(a)

(b)

(c)

Figure 3.11: DNI technique implemented for a Butterworth filter order 10 and cutoff
frequency of 50 GHz (a) Group delay response (b) Phase response using
DNI1 (c) Phase response using DNI2
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phase response (blue curve). As can be seen in Figure 3.11, the three comparisons

indicate that the determined group delay and phase responses closely match the ideal

group delay and phase responses.

Although both of these procedures DNI1 and DNI2 lead to well-matched results

for the phase response in the frequency range of [0, 150] GHz, a comparison be-

tween Figure 3.11 (b) and (c) reveals that the first procedure (DNI1) provides more

accuracy.

3.3.4 Comparison of the techniques

Figure 3.12 demonstrates the Mean Squared Error (MSE) between the ideal phase

response and the determined phase responses using the Hilbert technique, and DNI

technique, procedures 1 and 2 (DNI1 and DNI2). The MSE is calculated for Butter-

worth filters, order 2 to 20, 3 dB bandwidth of 50 GHz, and over the frequency range

of [0, 150] GHz. As expected from the previous section, DNI1 (integrating group

delay response to determine the phase response) leads to lower MSE in comparison

to DNI2 (determining the phase response directly). Moreover, DNI1 leads to lower

MSE in determining the phase response in comparison to the Hilbert technique. As a

result, for the simulations described in chapters 3 to 5, the best method to determine

the phase response is DNI1. However, the reason for more accuracy provided by

DNI1 would need more investigation. The computation time required for this tech-

nique, given the selected integration span of 50000 GHz, amounts to approximately

five days to calculate the phase response of each filter frequency response.
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Figure 3.12: MSE between ideal phase and determined phase for Butterworth filters
order 2 to 20 and cutoff frequency of 50 GHz from corresponding methods

3.3.5 Applied parameters on amplitude response for practical use

While the theoretical modeling of an optical filter frequency response can be defined

for any desired frequency range, measurements and simulations are always performed

within limited frequency ranges. Figure 3.13 illustrates a comparison of theoretical

modeling data (dashed red curve) with measured results (blue curve) of an optical

filter with a 50 GHz bandwidth. The measured results have been obtained from a

Finisar WaveShaper 1000S, a programmable optical processor which allows the cre-

ation of customized optical profiles. As it is noticeable in Figure 3.13 for the measured

data, the maximum out-of-band attenuation is approximately 50 dB. Moreover, the

transition of the filter slope to the maximum out-of-band attenuation is not abrupt.
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Figure 3.13: Comparison between theoretical modeling and measured channel shape
for a 50 GHz filter response

In this section, the group delay and the phase response are investigated by pro-

cessing the amplitude response data using the maximum out-of-band attenuation and

smoothing in a region around the intersection. These two parameters are of interest

when we compare measured data with theoretical modeling data of an optical filter

to generate a more realistic filter frequency response.

Maximum out-of-band attenuation

An optical bandpass filter is designed to selectively transmit a specific frequency range

of an optical signal while effectively blocking any frequencies outside of that range.

The out-of-band attenuation of a bandpass filter refers to the reduction in amplitude

of frequencies outside of the desired passband. It measures the level of suppression

applied by a filter to frequencies that fall outside the desired frequency range. Out-of-

band attenuation is a key characteristic of a bandpass filter, as it indicates its ability

to effectively suppress or reduce the amplitudes of unwanted frequencies.
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(a)

(b)

(c)

Figure 3.14: (a) Amplitude responses (b) Group delay responses (c) Phase responses
of a Butterworth filter order 10 and cutoff frequency of 50 GHz after
applying maximum out-of-band attenuation
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To investigate the impact of maximum out-of-band attenuation for a Butterworth

filter order 10, with a 3 dB bandwidth of 50 GHz, 3 levels of maximum out-of-band

attenuations are applied. For each case, the phase response and group delay response

are compared to the corresponding ideal response as illustrated in Figure 3.14 where

(a) shows the amplitude responses for maximum out-of-band attenuation of 30, 40,

and 50 dB in the frequency range of [0, 150] GHz; (b) illustrates the corresponding

group delay responses and (c) shows the phase responses calculated using DNI1. To

facilitate the comparison, the results of the group delay responses are adjusted such

that the group delay responses are zero (ps) at a frequency of zero (GHz).

As shown in Figure 3.14, maximum out-of-band attenuation is applied at different

levels while the transition from filter edge response to maximum out-of-band atten-

uation is abrupt. This transition causes a peak in the group delay response at the

neighborhood of the frequency where the filter slope and the maximum out-of-band

attenuation intersect. Related to this anomaly in the group delay response, some

deviations appear in the phase response as well. Although the deviations from the

ideal phase response are less significant in comparison to the group delay response,

the deviations still occur at the frequencies corresponding to the group delay peaks.

This is because the phase response is derived from the integral of the group delay re-

sponse. The integral of a function smooths out the variations in the function, which

means that the deviations in the group delay response will be less significant in the

determined phase response.
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Smoothing in a region around the intersection

In addition to applying maximum out-of-band attenuation to make the amplitude re-

sponse more resemble a measurement, it is desired to investigate the effect of smooth-

ing in a region around the abrupt transition from the filter slope to the maximum

out-of-band attenuation. To this end, 3 cases of smoothing intervals in a region around

the intersection are considered for a Butterworth filter, order 10, 3 dB bandwidth of

50 GHz, and maximum out-of-band attenuation of 30 dB.

Figure 3.15: Smoothing function

For the smoothing function in this thesis, h(x) has been defined as a function that

smoothly connects g(x) (the filter slope) and f(x) (the maximum out-of-band atten-

uation) together as depicted in Figure 3.15. The function h(x) is a cubic polynomial

as Equation 3.13

h(x) = ax3 + bx2 + cx + d (3.13)

There are four constraints that must be satisfied by function h(x) defined in Equations
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3.14, where XL+1 is the next frequency sample after XL and h
′
(x) is derivative of h(x).

h(XL) = g(XL)

h(XR) = f(XR)

h
′
(XL) = g

′
(XL) =

g(XL+1) − g(XL)

XL+1 −XL

h
′
(XR) = f

′
(XR) = 0

(3.14)

as a result :



XL
3 XL

2 XL 1

XR
3 XR

2 XR 1

3 XL
2 2 XL 1 0

3 XR
2 2 XR 1 0


︸ ︷︷ ︸

M



a

b

c

d


=



g(XL)

f(XR)

g(XL+1)−g(XL)

XL+1−XL

0


︸ ︷︷ ︸

N

(3.15)

By representing the system of equations in matrix form as Equation 3.15, the smooth-

ing function parameters are obtained as Equation 3.16.



a

b

c

d


= M−1N (3.16)

In Figure 3.16 (a) the amplitude response for the Butterworth filter with smooth-

ing intervals of 5, 10, and 15 GHz is shown. A smoothing interval of, for example, 5

GHz means the amplitude response has been smoothed in a 5 GHz frequency range

around the intersection, and considering an intersection is located at a frequency of
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(a)

(b)

(c)

Figure 3.16: (a) Amplitude responses (b) Group delay responses (c) Phase responses
of a Butterworth filter order 10 and cutoff frequency of 50 GHz after
applying smoothing
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70 GHz, the smoothing has been applied from XL = 67.5 GHz to XR = 72.5 GHz

based on the provided solution. In Figures 3.16 (b) and (c) the effect of the applied

smoothing is depicted for the group delay and the phase responses. By applying

smoothing in a region around the intersection, the peaks of the group delay responses

are decreased, with an increasing frequency range of smoothing leading to smaller

peaks in the group delay responses. Correspondingly, by applying smoothing in a

region around the intersection, the determined phase responses exhibit more gradual

changes in curvature with increasing smoothing intervals.

3.4 Conclusion

The general objective of this chapter was to determine the phase response of a Butter-

worth filter from its amplitude response. Therefore, by utilizing the Hilbert transform

technique and the DNI technique based on K-K relations for a Butterworth filter, the

phase response φ(ω) was determined from the amplitude response G(ω). The Butter-

worth filter is beneficial by enabling a comparison between the ideal phase response

and the determined phase response.

For my final objective of determining the phase of a WSS filter, I assume the only

information available based on either theoretical modeling or measurement is the

amplitude response. Likewise, it was of high importance to investigate the effective

parameters on the amplitude response leading to a more realistic determination of

an optical filter phase response. These parameters are the maximum out-of-band

attenuation and smoothing in a region around the intersection. The next chapter is

directed to the phase response of a WSS filter based on DNI1 response and applying

the effective parameters on the filter frequency response.
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Chapter 4

Filter frequency response for a WSS filter

4.1 Theoretical WSS versus experimental WSS

The non-ideal filter shape of WSS filters causes signal deterioration in flexible grid

ROADM networks operating with tight channel spacing [63]. Therefore, understand-

ing the impact of the WSS filter shape on network performance is paramount. The

WSS structure discussed in this thesis (Figure 4.1) includes an LCoS switching ele-

ment as its main component [66]. The input optical signal first goes through polar-

ization diversity optics and separates into two co-polarized beams. The input signal

is then directed onto a diffraction grating which reflects a specific wavelength of light.

The diffracted light is then focused onto a 2D array of LCoS pixels by an imaging mir-

ror and imaging optics. Each pixel in the LCoS array can be addressed individually

and has a phase retardation from 0 to 2π. The diffraction grating again recombines

all different wavelengths diffracted by the LCoS onto individual output ports. In this

way, different wavelengths are being selectively routed to any selected output ports.

In early studies, the WSS filter frequency response have been modeled with a

super-Gaussian function [66, 17, 28, 16, 13, 52, 34]. The super-Gaussian model for



4.1. THEORETICAL WSS VERSUS EXPERIMENTAL WSS 55

Figure 4.1: General schematic of LCoS-based WSS operation from [66]

a WSS filter frequency response can be used to approximately match measurements.

Alternatively, some studies used an analytical model for the WSS filter frequency

response [66, 17, 39, 71] based on two characteristics, the 6 dB bandwidth (B), and

the Optical Transfer Function (OTF) bandwidth BWOTF of the WSS filter which is

more accurate [66]. The OTF of the filter is a normalized Gaussian function where

the standard deviation of the Gaussian OTF is related to the 3 dB bandwidth and

is used to determine the OTF bandwidth of the WSS. BWOTF is a fixed parameter

based on the structure of the WSS filter and governs the shape of the filter frequency

response. The amplitude response generated by a WSS filter can be expressed as

Equations 4.1 by using the error function [66].

S(f) =
1

2
σ
√

2π
{
erf

( B
2
− f

√
2σ

)
−erf

( −B
2

− f
√

2σ

)}
σ =

BWOTF

2
√

2ln2
, erf(x) =

1√
π

∫ x

−x

e−t2 dt

(4.1)
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Figure 4.2: WSS filter amplitude response measurement setup

The theoretical model expressed in Equations 4.1 provides an analytical method of

determining signal deterioration through a WSS filter in a realistic manner.

In our simulations, the data of a measured WSS filter amplitude is compared to

data determined using the theoretical model in terms of the two parameters B and

BWOTF . The measurement data is provided to me by Dr. John Cartledge. The WSS

filter amplitude response has been emulated using a Finisar WaveShaper, configured

as 38, 50, 75, and 100 GHz wide rectangular optical filters, with a broadband noise as

the input signal as shown in Figure 4.2. The input is made by an optical filter that

was used to select a portion of the broadband noise spectrum before amplification by

an EDFA to boost the input signal and keep the out-of-band signal well above the

OSA noise floor.

The measurement data for WSS filters are limited to a certain frequency range.

Accordingly, the amplitude response for frequencies beyond the provided range, up

to the required integration span of 50000 GHz, is considered to be the same as the

last measured amplitude response.

As indicated in Equations 4.1 the theoretical amplitude of a WSS filter depends

on the two parameters, B and BWOTF . From the measurement data, I can easily

determine the parameter B, which is equal to the 6 dB bandwidth of the filter. To

determine the parameter BWOTF , I investigated a range of possible values, from 8 to

15 GHz. For each value of the parameter BWOTF , the theoretical filter amplitude,

S(f), and the MSE between the theoretical amplitude response and the measured
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Figure 4.3: MSE between WSS measurement and theoretical amplitude

amplitude response are calculated. The MSE is calculated in the passband up to the

intersection of maximum out-of-band attenuation with the filter slope.

The MSE results are depicted in Figure 4.3 for 38, 50, 75, and 100 GHz WSS

filters. From Figure 4.3 the value of parameter BWOTF can be extracted as 13, 11,

12, and 12 GHz for 38, 50, 75, and 100 GHz WSS filters, respectively. Moreover, I

investigated the sensitivity of the MSE between the theoretical amplitude response

and the measurement amplitude response. Replacing the four extracted values of

the parameters BWOTF with their average (12 GHz) only changes the MSE from

the minimum amount of 5.37 and 5.13 to 5.74 for both 38 and 50 GHz WSS filters.

Therefore, in the theoretical model of the WSS filters in what follows in chapters 4

and 5, I have chosen the value for the parameter BWOTF as 12 GHz.

Figures 4.4 (a) to (d) depict comparisons between the measured amplitude re-

sponse and the theoretical amplitude response for 38, 50, 75, and 100 GHz WSS

filters. The theoretical amplitude response data is determined using Equation 4.1

with B= 38, 50, 75, and 100 GHz and BWOTF = 12 GHz and applying maximum

out-of-band attenuation of 53, 52, 51, 50 dB on the calculated amplitude responses
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(a) (b)

(c) (d)

Figure 4.4: Comparison of WSS measurement versus theoretical amplitude response
for (a) 38 GHz (b) 50 GHz (c) 75 GHz (d) 100 GHz

for 38, 50, 75, and 100 GHz WSS filters, respectively. Figures 4.4 (a) to (d) indicate a

close match between the theoretical amplitude response and the measured amplitude

response of the WSS filters.

4.2 Phase response of WSS versus Butterworth

Since the phase response of the WSS filter is unknown, by comparing it to the known

phase response of a Butterworth filter we can gain a better understanding of the



4.2. PHASE RESPONSE OF WSS VERSUS BUTTERWORTH 59

WSS filter’s behavior and its possible phase response. Moreover, we can investigate

the effect of different parameters on the amplitude response, such as the maximum

out-of-band attenuation and smoothing in a region around the intersection, on the

phase response of a WSS filter. As a result, we determine the best match between

the WSS filter response and the Butterworth amplitude response and then compare

their respective phase responses in this section.

(a) (b)

Figure 4.5: Comparison of WSS 38 GHz wide versus Butterworth amplitude response
for (a) Butterworth orders (the best match is order 6) (b) Applied smooth-
ing on intersections
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(a) (b)

Figure 4.6: Comparison of WSS 50 GHz wide versus Butterworth amplitude response
for (a) Butterworth orders (the best match is order 8) (b) Applied smooth-
ing on intersections

(a) (b)

Figure 4.7: Comparison of WSS 75 GHz wide versus Butterworth amplitude response
for (a) Butterworth orders (the best match is order 12) (b) Applied
smoothing on intersections
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(a) (b)

Figure 4.8: Comparison of WSS 100 GHz wide versus Butterworth amplitude re-
sponse for (a) Butterworth orders (the best match is order 16) (b) Ap-
plied smoothing on intersections

In order to make the comparison, the measurements of WSS filter amplitude

responses versus different orders of Butterworth filter amplitude responses are con-

sidered. Figures 4.5, 4.6, 4.7, and 4.8 show in (a) the measured WSS filter amplitude

responses for 38, 50, 75, and 100 GHz wide WSS filters along with different orders of

Butterworth filters, where the 3 dB bandwidth of the Butterworth filter is extracted

from the measurement of the WSS filter amplitude. For each Butterworth filter, the

maximum out-of-band attenuation and smoothing in a region around the intersection

are applied to more closely resemble the measurement. The maximum out-of-band

attenuation corresponds to the minimum amplitude in the measured data. Moreover,

a range from 1 to 10 GHz of smoothing intervals is applied to a region around the

intersection, and the smoothing interval that generates the closest resemblance with

the measured data is chosen. The chosen smoothing intervals are 6 GHz for 38 and

50 GHz WSS filters and 8 GHz for 75 and 100 GHz WSS filters.
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In the next step, for different orders of the Butterworth filter, the MSE between the

measured filter amplitude response and the Butterworth filter amplitude response is

calculated. The minimum of the MSE indicates the best matching Butterworth filter

order.

Figures 4.5, 4.6, 4.7, and 4.8 depict in (b) the measured WSS filter amplitude

responses for 38, 50, 75, and 100 GHz wide WSS filters along with the best matching

amplitude responses of the Butterworth filter of orders 6, 8, 12, and 16, respectively.

As the bandwidth of the WSS filter increases, the point where the filter slope transi-

tions to its maximum out-of-band attenuation becomes less distinct. This means that

a higher order Butterworth filter is needed in order to match it. The figures demon-

strate that the method of matching the orders of Butterworth filters, applying maxi-

mum out-of-band attenuation, and smoothing in the region around the intersection is

successful in finding a match for the WSS filter amplitude response measurements. As

the phase response of the WSS filter is determined based on its amplitude response,

the similarity in the measured WSS filter amplitude response and best-matched But-

terworth amplitude response suggests a similarity in their phase responses as well.
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(a) (b)

Figure 4.9: Comparison of WSS 38 GHz wide versus Butterworth order 6 (a) Group
delay response (b) Phase response

(a) (b)

Figure 4.10: Comparison of WSS 50 GHz wide versus Butterworth order 8 (a) Group
delay response (b) Phase response
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(a) (b)

Figure 4.11: Comparison of WSS 75 GHz wide versus Butterworth order 12 (a) Group
delay response (b) Phase response

(a) (b)

Figure 4.12: Comparison of WSS 100 GHz wide versus Butterworth order 16 (a)
Group delay response (b) Phase response

After the best matching Butterworth filter amplitude responses in terms of 3 dB

bandwidth, Butterworth filter order, maximum out-of-band attenuation, and smooth-

ing interval in a region around the intersection, have been determined for the 38, 50,
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75, and 100 GHz wide WSS filters I can further determine the filter group delay and

phase responses based on the measured filter amplitude response and the correspond-

ing Butterworth filter amplitude response. Figures 4.9, 4.10, 4.11, and 4.12 illustrate

in (a) a comparison of the WSS filter group delay responses with the Butterworth

filter group delay responses and in (b) a comparison of the WSS filter phase responses

with the Butterworth filter phase responses. These results confirm the usefulness of

the DNI1 technique discussed in chapter 3, as the group delays and the phase re-

sponses of the measured WSS filters closely follow the respective Butterworth filters’

group delays and phase responses. As depicted in Figures 4.9, 4.10, 4.11, and 4.12 the

group delay responses of the Butterworth filter are smoother than the group delay

responses of the measured WSS filter group delay responses due to the deviations

on amplitude response of the measured WSS filters. As the group delay response is

calculated based on the amplitude response, the deviations are reflected in the group

delay response. Furthermore, the frequencies of the peaks and valleys in the group

delay responses of the Butterworth filters and the measured WSS filters are relatively

consistent because the amplitude responses have matching 3 dB bandwidths and filter

slopes. The Butterworth filter group delay response has a smaller peak compared to

the measured WSS filter because its amplitude response is smoothed in an interval

around the point where the filter slope intersects with the maximum out-of-band at-

tenuation. As a result, the determined filter phase responses are also well-matched,

except in proximity of the transition region of the maximum out-of-band attenuation

to the filter slope in the amplitude responses.
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4.3 Phase response of measured WSS versus theoretical WSS

(a) (b)

(c) (d)

(e) (f)

Figure 4.13: Comparison of measured WSS versus theoretical WSS (a) Amplitude
response - measurement (b) Amplitude response - theoretical (c) Group
delay response - measurement (d) Group delay response - theoretical (e)
Phase response - measurement (f) Phase response - theoretical
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Figure 4.13 summarizes the results of WSS filter comparisons, showing measured

and theoretical amplitude responses at 38, 50, 75, and 100 GHz in (a) and (b), group

delay responses in (c) and (d), and phase responses in (e) and (f) determined using the

DNI1 technique. There is agreement between measured and theoretical amplitude,

group delay, and phase responses, except the latter are smoother due to imperfections

in measurement. In fact, the transition from filter slope to out-of-band attenuation is

smooth in the theoretical model, which means in the theoretical model as frequency

offset increases the amplitude decreases monotonically, while the measurement and

instrument errors prevent the smooth transition in the measured amplitude response.

Furthermore, as WSS filter bandwidth increases the peaks and valleys of the cor-

responding group delay responses are shifted towards higher frequencies. This is

because the transition from the filter amplitude slope to out-of-band attenuation oc-

curs at higher frequencies with the wider bandwidth of the WSS filter. Consequently,

the phase responses remain approximately zero in a larger frequency range. For ex-

ample, for a 38 GHz wide WSS filter, the frequency response starts to deviate from

zero around the frequency of 15 GHz, while for a 100 GHz wide WSS filter, this

frequency is around 45 GHz.

Figure 4.13 highlights the importance of considering the group delay and the phase

response, in addition to amplitude response, for a comprehensive understanding of

WSS filter effects. In Figure 4.13 (c) and (d) the group delay is not constant means

that different spectral components of the pulse traversing the WSS have different

delays and hence distort the waveform. As a result, the phase response calculated by

integrating group delay response provides insight into the phase shift of the pulse as

it passes through the filter as shown in Figure 4.13 (e) and (f).
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4.4 Effect of cascading WSS filters

The effect of concatenating WSS filters is well investigated and is discussed in chapter

2 of this thesis. The main effect of concatenating filters is bandwidth narrowing which

is depicted in Figure 4.14. In this figure, for a WSS filter with B and BWOTF of 38

GHz and 12 GHz, respectively, the amplitude response, S(f), is calculated based

on Equation 4.1, and maximum out-of-band attenuation and smoothing in a region

around the intersection is applied for two cases; one WSS filter, and 5 concatenated

filters.

Figure 4.14 (a) clearly shows the bandwidth narrowing effect on the amplitude

response. In the determined group delay response, illustrated in Figure 4.14 (b), the

peak is higher and the valley is deeper for 5 concatenated WSS filters compared to

the group delay of one WSS filter. This result satisfies my expectation for the phase

response of a concatenation of WSS filters since the phase response of a concatenation

of WSS filters is equal to the sum of the phase responses of the concatenated WSS

filters.

The effect of cascading WSS devices is to multiply the bandpass filter spectra

together. Figure 4.14 (a) displays the resulting bandwidth narrowing from cascaded

WSS filters, where the 3 dB bandwidth of one WSS filter is 15.85 GHz and it reduces

to 10.8 GHz for 5 cascaded WSS filters. Additionally, the cascading of WSS filters

leads to the accumulation of group delay ripples in the passband, causing the changes

in the group delay response to increase from one WSS filter to 5 cascaded WSS

filters, as shown in Figure 4.14 (b). Furthermore, Figure 4.14 (c) demonstrates that

the increased group delay variation (non-constant group delay) caused by cascading

5 WSS filters, compared to one WSS filter, also results in an increased phase shift.
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(a)

(b)

(c)

Figure 4.14: Effect of cascading WSS filters (a) Amplitude response (b) Group delay
response (b) Phase response
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The phase response for one WSS filter changes between 0 to -0.9 rad, whereas the

phase response for 5 cascaded WSS filters changes between 0 rad to -1.08 rad in the

[0, 20] GHz range.

4.5 Conclusion

The WSS filter is a commonly used optical filter in communication systems, however,

its phase response is not well understood. By investigating the best match between

the WSS filter response and the Butterworth filter response, we were able to have an

estimation of the potential phase response of a WSS filter.

In order to achieve the ultimate goal of this chapter, which is to determine the

phase response of a WSS filter when only its amplitude response is available, the

DNI1 technique was applied to the measured and theoretical amplitude response of

WSS filters, and the corresponding group delay and phase responses were determined

over the passband frequency range. These results demonstrate that to accurately

define the WSS frequency response, the phase response is non-negligible and both

amplitude and phase response must be included. Furthermore, the determined group

delay response of the WSS filter indicates that it introduces varying delays, up to

several dozen ps, for different spectral components of the pulse. In the next chapter,

I will evaluate the impact of including the phase response in the cascaded filtering

effect in a ROADM-based optical network.
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Chapter 5

Implementing cascaded filtering effect in

ROADM-based optical networks

In this chapter, a brief introduction to the fundamentals of coherent optical systems

followed by simulation results of the WSS filtering effect in an optical network are

presented.

5.1 Digital coherent systems

In comparison with traditional Intensity Modulation and Direct Detection (IM-DD)

systems, coherent systems use not only the intensity of a carrier signal for encoding

information but also the phase of the carrier signal. In such systems, the receiver

must have synchronous access to the transmitted carrier frequency and phase in

order to be able to decode the received signal, which can be provided by using a

Local Oscillator (LO) laser and a coherent front-end to extract encoded information

from the received signal [72]. In fact, a coherent front-end provides balanced detection

of the superposition of the received signal and local oscillator.

Coherent systems have two main advantages over IM-DD systems. First, coherent
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systems allow data to be encoded, multiplexed, and transmitted over optical fibers,

using the phase of the carrier signal in addition to the amplitude. This enables the

use of advanced modulation techniques such as QAM, which can increase the bit

rate for a given symbol rate. Second, the use of coherent detection allows for the

receiver to obtain complete knowledge of the electric field, which enables the receiver

to efficiently compensate for numerous channel impairments such as chromatic disper-

sion and polarization mode dispersion by applying Digital Signal Processing (DSP).

Both benefits lead to increased transmission distance or throughput which refers to

the amount of data (in bits) that can be transmitted over a given time period (in

seconds) and received successfully by the receiver [72, 73].

5.1.1 Coherent transmitter

An example block diagram of a coherent transmitter is shown in Figure 5.1. A binary

input signal is first processed in a DSP block, which includes Foward Error Correction

(FEC) coding, bit-to-symbol mapping, digital pulse shaping, and pre-compensation

for expected transmission impairments. The two sets of complex-valued samples pro-

vided by the DSP block (in-phase (I) and quadrature (Q) signals for the X and Y

polarizations) are split into four parts to modulate the I and Q components of the

optical carrier into X and Y polarizations. X and Y polarizations refer to the Dual

Polarization (DP) technique that involves multiplexing two orthogonal polarizations

in order to increase the capacity and spectral efficiency of the system. Polarization

Division Multiplexing (PDM) is typically used together with QAM, allowing trans-

mission speeds of 100-Gb/s and above over a single wavelength. In the transmitter,

the combination of DSP and Digital-to-Analog Converters (DACs) generates drive
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Figure 5.1: Dual-polarization coherent transmitter; DSP: Digital signal processing,
DAC: Digital-to-analog converter; PBC: Polarization beam combiner;
PBS: Polarization-beam splitters; IQ Mod.: IQ Modulator

signals for the optical modulator. As shown in Figure 5.1 the modulator drive signals

are generated using four high-speed DACs. Optical modulation is performed using

an I-Q modulator where the modulator takes two input electrical signals and uses

them to adjust the amplitudes of the laser’s I and Q components. optical IQ modu-

lation can be realized with modulators in parallel, between which a π/2 phase shift

is given. This creates a modulated optical signal that can be transmitted over an

optical fiber. The X-polarized and Y-polarized optical waveforms are combined using

a Polarization Beam Combiner (PBC) [74].

FEC

FEC codes add redundancy to the transmitted data in order to enable data error

detection and correction. They are employed in advanced coherent systems to reduce

the post-FEC Bit-Error-Rate (BER) to acceptable levels, where each FEC code can

reduce the number of errors in the incoming data to a given post-FEC BER level.
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FEC codes vary in complexity and performance [75, 76].

In order to compare the effectiveness of various FEC codes without having to

repeat a transmission experiment and/or signal processing, researchers frequently

reuse experimental data from optical transmission experiments. One way to evaluate

the effectiveness of an FEC code is to determine whether the BER following FEC

decoding is below the required target BER, which can range from 10−13 to 10−15.

Thresholds are frequently used to make this determination, with the most commonly

used threshold in literature being the pre-FEC BER. It is important to note that if

the symbol rate is fixed, then the information bit rate and FEC code overhead are

constrained to match it. However, it is more common to assume an information bit

rate and FEC code, and then determine conditions for which the pre-FEC BER is

less than the code threshold.

Pulse shaping

SE is a measure of the amount of information that can be transmitted over a given

bandwidth, defined as the information rate divided by the allocated transmission

bandwidth. To achieve high efficiency in transmitting data, the channel spacing

should be kept close to the modulated signal bandwidth. However, this can lead to

increased cross-talk between channels. To prevent this, narrow filtering can be used at

the transmitter, but this can result in increased ISI. Single-carrier systems can attain

tight filtering either through the use of narrow optical filtering in the optical domain

or by employing DSP in the electrical domain [77]. The proper transmission filter

bandwidth and channel spacing can be achieved by satisfying the trade-off between

cross-talk and ISI distortions.
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To effectively balance the trade-off between cross talk and ISI distortions, a pulse-

shaping filter is often used. An appropriate pulse shaping filter not only reduces the

signal bandwidth, increasing the SE, but also eliminates the introduction of ISI. A

commonly used pulse shaping filter for this purpose is the Raised Cosine (RC) pulse

shaping filter [77].

The frequency spectrum characteristic of an RC pulse is given by Equation 5.1

XRC(f) =


T 0 ≤ |f | ≤ 1−β

2T

T
2

{
1 + cos{πT

β
(|f | − 1−β

2T
)}
}

1−β
2T

< |f | ≤ 1+β
2T

0 |f | > 1+β
2T

(5.1)

In Equation 5.1, β is the roll-off factor and T is the symbol period. The impulse

response of the spectrum for the RC function is given by Equation 5.2

xRC(t) = sinc(
πt

T
)
cosπβt

T

1 − 4β2t2

T 2

(5.2)

The roll-off factor (β) of a RC pulse shape is a parameter that determines the

bandwidth occupied by the signal. A value of β = 1 corresponds to the maximum

bandwidth (equal to the symbol rate), while a value of β = 0 corresponds to the

minimum bandwidth (equal to half of the symbol rate ). This scenario (β = 0) is

known as the Nyquist pulse shape. For a given symbol rate, the minimum sampling

rate of an Analog-to-Digital Converter (ADC) can be reduced by a factor of 2 by

changing β from 1 to 0. This is because the minimum sampling rate of an ADC,

according to the Nyquist theorem, should be greater than twice the highest frequency

component of the signal.
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In my simulations, I have used a square-Root Raised Cosine (RRC) pulse shape,

since it allows matched filtering at the receiver. Matched-filter receivers are considered

optimal in terms of maximizing the output SNR by matching the impulse response

of the receiver filter to the pulse shape of the transmitted signal. By doing this it

maximizes the correlation between the received signal and the transmitted signal.

The RRC spectrum and its corresponding time domain expression are given by

XRRC(f) =| XRC(f) |
1
2 (5.3)

xRRC(t) =
2β

π
√
T

cos[(1 + β)π t
T

] +
sin[(1−β)π t

T
]

4β t
T

1 − (4βt
T

)
2 (5.4)

Digital to analog conversion

High-speed DACs are a key feature of modern coherent transmitters. Coherent trans-

mitters capable of processing high symbol rates can be implemented using powerful

DSP in combination with high-speed DACs having appropriate bit resolution, sam-

pling rate, and bandwidth. A digital waveform is a representation of an analog signal

in the digital domain. The accuracy of mapping the digital signal back to its analog

counterpart depends on the sampling rate of the DAC. In order for the mapping to be

accurate, the DAC sampling rate must be more than twice the maximum frequency

of the analog signal. [73, 78].

The frequency-dependent Effective Number of Bits (ENOB) is a convenient metric

for characterizing the DAC performance as it reflects many converter imperfections

such as quantization noise, noise floor, and clock jitter. The ENOB is a measure of

the number of bits that a converter actually performs and it is often smaller than N

bits.
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5.1.2 Coherent receiver

Coherent detection is widely used in commercial WDM systems for several reasons,

one of which is its ability to detect the optical field, rather than just the intensity.

This allows for the use of multi-level modulation formats, such as m-ary QAM. m-ary

QAM uses a set of complex-valued symbols, each consisting of a specific amplitude

and phase, to represent the data. The number of bits per symbol is determined by

the number of distinct symbols and is equal to log2(m), where m is the number of

complex symbols used. m-ary QAM can decrease the spectral width of the signal

while maintaining the bit rate, or raise the bit rate while maintaining the symbol

rate. However, as the number of bits per symbol increases, the signal points in

the constellation become closer together and the system becomes more sensitive to

noise, interference, and nonlinear distortions. This is where coherent detection comes

in. Additionally, high-speed DSP is available to further enhance the performance of

the system by performing operations such as equalization, demodulation, and error

correction [79].

Coherent detection is a method of demodulating optical signals that allows for the

recovery of both the phase and amplitude information of an optical signal. This is

important in coherent systems that use complex-valued modulation formats because

these formats rely on the phase and amplitude information of the optical signal to

encode data. Without coherent detection, the receiver would not be able to accurately

demodulate all kinds of modulation formats used at the transmitter and retrieve the

encoded data.

Coherent receivers use a combination of polarization and phase diversity tech-

niques to mix and synchronize the received signal with an optical carrier produced
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Figure 5.2: Dual-polarization coherent receiver; PBS: Polarization beam splitter;
PMS: Polarization maintaining splitter. BPD: Balanced photo detector;
ADC: Analog-to-digital converter.

by a LO laser, as shown in Figure 5.2. A component in this process is the Polarizing

Beam Splitter (PBS), which separates the incoming light into two orthogonal polar-

izations. This is followed by the use of 90 °hybrids, which are used to split the X and

Y polarizations into their I and Q components. The I and Q components are then

detected by a pair of Balanced Photo Detectors (BPDs) for each polarization, result-

ing in four electrical signals. These signals are converted to digital format through

ADCs. The digital signals are then processed by a DSP to extract the desired infor-

mation from the received signal. As represented in Figure 5.2 four high-speed ADCs

digitalize the four analog electrical signals.

Re-sampling to 2 samples/symbol

Resampling is a technique used in signal processing to change the sampling rate of

a digital signal. In the context of equalizing channel effects in a communication

system, resampling is used to ensure that an adequate number of samples are taken
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per symbol. For static channel effects, it can vary from 1 to 2 samples per symbol

depending on β, the roll-off factor of the pulse shaping filter. Increasing the sampling

rate above one sample per symbol can enable the equalizer to reject out-of-band noise

and improve its robustness against timing errors. The roll-off factor of the pulse

shaping filter and the symbol rate determine the minimum sampling rate required

for the ADC to properly digitize the signal. By resampling the digital data from

the ADC, the two times oversampling condition (two samples per symbol) can be

satisfied, allowing for a more accurate signal equalization [79].

Fixed equalization of accumulated CD

Chromatic Dispersion (CD) is a nonlinear phenomenon that occurs in optical fiber

systems due to the wavelength dependence of the refractive index of the fiber material.

There are two types of CD: material dispersion, which occurs due to the varying

refractive index of the fiber material with respect to the wavelength of the light, and

waveguide dispersion, which occurs due to the dependence of the effective refractive

index of the fiber core on the wavelength of the light. This leads to different spectral

components of a propagating optical pulse experiencing different time delays, resulting

in ISI. CD can be modeled as an all-pass filter in the frequency domain, and the

dispersion compensating filter is considered to be the inverse of this transfer function

[80].

In coherent systems, the transfer function representing CD can be compensated

using digital filters at the transmitter and/or the receiver. The method used for CD

compensation depends on the maximum dispersion of the link and can be either Time

Domain Equalization (TDE) or Frequency Domain Equalization (FDE) [80].TDE is

typically used for relatively low dispersion values, where the distortion is caused by
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dispersion over short distances. On the other hand, FDE is effective in compensating

for the accumulated dispersion over longer distances.

Time-domain Finite Impulse Response (FIR) filters can be used for CD compen-

sation by determining the filter coefficients based on the fiber CD transfer function.

This method of CD compensation is effective in equalizing the pulse shape in the

time domain, but it can be computationally complex as it requires a large number of

calculations to determine the filter coefficients. As an alternative, FFT-based FDE

uses the FFT algorithm to convert the signal to the frequency domain, making it

easier to analyze and equalize the signal.

Timing recovery

In a coherent receiver, timing recovery is a critical process that ensures the accurate

synchronization of the received data samples with the symbol period. This is essen-

tial because the transmitter and receiver clocks may not be perfectly synchronized,

causing a timing offset between the two that needs to be corrected. Even when the

transmitter and receiver clocks have matching sampling rates, timing recovery is still

necessary to correct for small variations in the timing of the clock signals, which can

lead to errors in the received signal. A popular technique used for clock recovery is

the digital filter and square timing recovery method [81].

Adaptive equalization

Adaptive equalization is a technique used to compensate for time-varying channel

effects in optical communication systems. These effects can include PMD, residual
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CD, and filter effects. Unlike CD, which is a constant phenomenon, polarization-

dependent effects are subject to changes in the polarization state of the signal. Adap-

tive equalization performs polarization de-multiplexing, which helps to mitigate these

time-varying effects and improve the overall performance of the system [61].

Single mode fibers often experience birefringence, which is caused by differences

in the propagation constants between X and Y polarizations. This leads to ran-

dom rotation of the propagating signal’s state of polarization and can cause various

polarization-related effects such as PMD and Polarization-Dependent Loss (PDL).

PDL is defined as the maximum difference in insertion loss between two orthogonally

polarized signals at the same wavelength and is caused by the imperfections in the

fiber core and cladding. PDL of line elements is typically larger than PDL of fiber.

DP transmission can be viewed as a 2×2 Multiple Input Multiple Output (MIMO)

system where the input is the signals Ex,in(t) and Ey,in(t) and the output is the signals

Ex,out(t) and Ey,out(t) as defined in Equation 5.5.

Ex,out(t)

Ey,out(t)

 =

Hxx(t) Hxy(t)

Hyx(t) Hyy(t)


︸ ︷︷ ︸

=H(t)

∗

Ex,in(t)

Ey,in(t)

 (5.5)

In Equation 5.5 * indicates convolution and Hxx(t), Hxy(t), Hyx(t), Hyy(t) represent

the complex channel impulse response between the X polarization input signal and

X polarization output signal, X polarization input signal and Y polarization output

signal, Y polarization input signal and X polarization output signal and Y polarization

input signal and Y polarization output signal, respectively. Since the channel response

is unknown and time-varying, an adaptive equalizer is required to capture H(t) and

track its changes over time. The adaptive equalizer needed to compensate these
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Figure 5.3: The structure of an adaptive equalizer

dynamic effects can be implemented with a set of four FIR filters [82] as illustrated in

Figure 5.3. A T/2 fractionally spaced equalizer, with T being the symbol period, can

compensate these dynamic effects, where xin(n) and yin(n) are the complex vectors

of the input signals, xout(n) and yout(n) are the complex vectors of the equalizer

output signals, respectively, and hxx(n), hxy(n), hyx(n) and hyy(n) are the complex

tap weights vectors. For DP Quadrature Phase Shift Keying (QPSK), the filter

coefficients can be updated using the Constant Modulus Algorithm (CMA) in order

to adapt to the constantly changing signal characteristics of DP QPSK systems and

maintain accurate compensation [83]. For multilevel modulation formats such as m-

ary QAM where the modulus of the constellation is not constant (e.g., m = 16, 32, 64),

the CMA can be employed for the purpose of pre-convergence. Pre-convergence, in

this context, refers to the initial stage of the optimization process where the algorithm

is utilized to bring the system closer to its optimal performance. Specifically, CMA is

utilized to facilitate the convergence of the system towards optimal compensation for

the dynamic effects of the signal. Once this pre-convergence stage has been achieved,
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the algorithm can be changed to multi-modulus algorithms such as the decision-

directed Least Mean Squares (LMS) algorithm [84].

Frequency offset estimation and carrier phase recovery

The down-converted received signal after coherent detection exhibits a frequency

offset equivalent to the difference between the frequency of the transmitter LO laser

and the frequency of the receiver LO laser. Additionally, because the linewidths

of the transmitter and receiver lasers are not zero, the detected signal experiences

time-varying laser phase noise. Therefore, carrier synchronization including carrier

frequency offset and phase error compensation is applied before symbol decisions are

made. Techniques for phase error compensation and frequency offset correction can

be similar. The common methodology for both is to remove the modulation, estimate

the frequency offset or phase noise of the laser, and correct for them [85].

For optical transmission, various carrier frequency estimators and carrier phase

estimators have been introduced. These techniques mostly rely on the phase differ-

ence between two adjacent received samples after de-modulation. For Phase Shift

Keying (PSK) modulations, this is simple to implement by identifying a frequency

that maximizes the FFT of the mth power of the received signal (m is the number

of constellation points) [86] which is used for estimating the carrier frequency offset.

The mth power technique can be applied to subsets of the constellation that are parti-

tioned based on their amplitude to provide modulation-free samples for m-ary QAM

signals [86, 87]. This approach is also used for estimating the carrier frequency offset.

It is simple to implement, computationally efficient, and provides accurate estimation

of the carrier frequency offset, which is crucial for achieving coherent detection and

accurate decoding of the transmitted data.
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OSNR

In Equation 5.6 the Optical Signal to Noise Ratio (OSNR) in dB, of a received signal

after undergoing linear propagation with periodic amplification and amplifier noise

figures can be defined for channels where the noise is white Gaussian noise. Pin is

the fiber input power at the transmitter in dBm, N is the number of spans, Ls is

the span loss in dB, Fn is the amplifier noise figure in dB, h is Planck’s constant,

fc is the optical carrier frequency, and Bo is the two-sided electrical reference noise

bandwidth. OSNR is defined as [88]:

OSNR (dB) = Pin − 10 log10(N) − Ls − Fn − 10 log10

(hfcBo

1mW

)
(5.6)

The information rate (bits per one-dimensional symbol) that can be reliably trans-

mitted in a channel containing Additive White Gaussian Noise (AWGN) is upper-

bounded by the Shannon capacity obtained with Gaussian modulation. The Shannon

capacity, C, is given by the equation:

C =
1

2
log2(1 + SNR) (5.7)

Where C (bits per one-dimensional symbol) is the channel capacity and SNR is the

signal-to-noise ratio. In optical systems, it is more convenient to use the OSNR, which

is the ratio of the optical signal power measured in its noise-equivalent bandwidth

Be to the optical noise power recorded across a 0.1-nm (12.5 GHz) bandwidth of the

noise spectrum. The SNR is defined as:

SNR(dB) = OSNR + 10 log10(
Bo

Be

) (5.8)
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Where Be is the two-sided electrical equivalent noise bandwidth.

Achievable information rates

In combination with FEC encoding, the Mutual Information (MI) and the Generalised

Mutual Information (GMI) provide substantially accurate estimates of the informa-

tion bits per symbol, as well as the necessary FEC overhead for systems [89, 90].

For a specified SNR, the value of MI (and GMI) provides the maximum number of

information bits that can be transmitted with a vanishing probability of error [89].

The MI and GMI can be assessed using multivariate probability density functions for

multidimensional constellations [91].

The MI I(X;Y ) between channel input and output random variables X and Y is

defined as

I(X;Y ) = EXY

[
log2

pY |X(y|x)

pY (y)

]
(5.9)

where E denotes expectation and pY |X and pY are the conditional memoryless channel

transition probability and channel output PDFs, respectively. X and Y are the

input symbols and output signal sample values after receiver DSP, respectively. It is

difficult to find the exact value of I(X;Y ) for fiber channels because the transition

Probability Density Function (PDF) of the channel, pY |X(y|x) is not known. The

channel is affected by a variety of factors such as nonlinearity and noise. These factors

make it difficult to accurately model the channel and determine its transition PDF.

Additionally, the channel can change dynamically, making it even more difficult to

find the exact value of I(X;Y ) for fiber channels. Therefore, one can approximate it

using the Monte Carlo integration method, which uses the weak law of large numbers.
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In this method, for a given number of transmitted input-output symbol pairs (K),

the value of Î(X;Y ) is calculated as the average of the logarithm of the ratio of the

conditional probability of the output signal given the input signal, pY |X(yi|xi) and

the unconditional probability of the output signal, pY (yi) as follows:

Î(X;Y ) ≈ 1

K

K∑
i=1

[
log2

pY |X(yi|xi)

pY (yi)

]
(5.10)

The value of Î(X;Y ) tends to the exact value as the number of transmitted input-

output symbol pairs (K) increases.

A lower bound on Î(X;Y ) can be found by assuming that the samples were trans-

mitted over an auxiliary channel with transition density qY |X(y|x). In this context,

the method used to determine the auxiliary channel for the nonlinear optical channel

is the circularly symmetric Gaussian PDF assumption [89]. This method is used in

[89] as a lower bound on the capacity of the channel with memory. The lower bound

of Î(X;Y ) is then calculated as the average of the logarithm of the ratio of the con-

ditional probability of the output signal given the input signal, qY |X(yi|xi) and the

unconditional probability of the output signal, qY (yi) as follows Alvarado2018:

Î(X;Y ) ≥ 1

K

K∑
i=1

[
log2

qY |X(yi|xi)

qY (yi)

]
(5.11)

qY (y) is the unconditional probability of the output signal Y, which is calculated

based on the auxiliary channel function qY |X(y|x) and the probability mass function

of the input signal, PX(x). The relationship between qY (y) and qY |X(y|x) is defined

by Equation 5.12.

qY (y) =
∑
x

qY |X(y|x) PX(x) (5.12)
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Equation 5.12 is presented in the context of using constellation shaping. Constel-

lation shaping is a technique that modifies the signal constellation, which is the set of

possible signal points that can be transmitted, in order to improve the performance of

the communication system. The goal of constellation shaping is to design the signal

constellation in such a way that it is more robust to the noise and distortion present

in the channel. If the system does not use constellation shaping PX(x) is uniform,

meaning that all symbols in the signal constellation have the same probability of oc-

curring. In the case of a QAM signal constellation, the PMF would be represented

as PX(x) = 1/M , where M is the number of constellation points.

Modern coherent transceivers are based on decoders that use Bit-Wise (BW) met-

rics, which split the decoding process into two stages: first, Log-Likelihood Ratio

(LLR) values are calculated for each bit of the symbol, and then one or multiple

decoders are used to make a decision on the most likely transmitted bit value based

on the calculated LLR values. Therefore, each incoming sample value Y is trans-

lated to m = log2(M) loglikelihood ratios corresponding to the symbol bit levels

B=
{
B1, ..., Bm

}
using a soft BW de-mapper before the FEC decoding stage. The

constellation vector set has a cardinality of M [92]. The Bit-Wise Achievable Infor-

mation Rate (BW-AIR) is supplied for independent bit levels, the BW-AIR is given

by Equation 5.13 in [93]

BW − AIR =
m∑
i=1

I(Bi;Y ) (5.13)

where the index i indicates the bit level. The bit levels are independent and have

probability distribution PBi
. Equation 5.13 represents the sum of MIs of m parallel

BW channels. The BW-AIR can be obtained as Equation 5.14 using Monte Carlo
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integration for K transmitted input output symbol pairs [89, 94]

BW − AIR ≈ 1

K

K∑
k=1

[
− log2 PX(xk)

]
− 1

K

K∑
k=1

m∑
i=1

[
log2(1 + e(−1)

bk,iΛk,i)
] (5.14)

In Equation 5.14 bk;i are the transmitted bits and Λk,i is the log-likelihood ratio as

given by Equation 5.15

Λk,i = log

∑
x∈Xi

1

[
qY |X(yk|x) PX(x)

]
∑

x∈Xi
0

[
qY |X(yk|x) PX(x)

]
= log

qY |Bi
(yk|1)

qY |Bi
(yk|0)

+ log
PBi

(1)

PBi
(0)

(5.15)

where X i
1 and X i

0 represent the constellation vectors for which the ith bits are 1 and 0,

respectively. qY |X(y|x) denotes the auxiliary channel transition PDF [90]. The means

and variances for the auxiliary PDFs are estimated from the signal sample values

after the receiver processing. The estimated values of the mean µi and variance σ2
i

for each of the M constellation points are used to calculate the effective SNR [95].

The effective SNR is defined using the following equation:

SNReff ≈
∑M

i=1 PX(xi) |µi|2∑M
i=1 PX(xi) σ2

i

(5.16)

Where µi is the empirical mean of the received data symbols that correspond to the

input data symbol (xi), σ
2
i is the empirical variance of the received data symbols that

correspond to the input data symbol (xi), and PX(xi) is the probability of occurrence
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of the input data symbol (xi). The SNReff includes all distortions between the chan-

nel input and output, including the implementation penalty with DSP imperfections

and any impairments present in the transmission. In other words, it captures the

overall quality of the received signal after all distortions have been accounted for.

5.2 Simulation setup

In this chapter, the effect of cascading WSS filters on the GMI as a performance

metric is assessed for a 64-QAM constellation with and without including the phase

response of the WSS filters. The system simulation includes the generation of symbol

sequences, cascaded WSS filters, fiber transmission, coherent detection, and calcula-

tion of the GMI. Results are determined for a distributed noise configuration. The

symbol rate is 28 Gbaud, and RRC pulse shaping with a roll-off factor of 0.15 is used.

Table 5.1 represents a summary of the parameters that are used in my simulations.

Most of the code was developed by Lightwave Systems Research Laboratory (LSRL)

colleagues with a few functions from Optilux to implement the coherent system, DSP

functions, and calculate GMI and SNReff . My contribution was implementing the

phase response of the WSS filter in the simulation setup.

A spectral model for the WSS filters is utilized to determine the overall frequency

response for a cascade of filters. The amplitude response of the cascaded WSS fil-

ters is given by Equation 4.1 and the phase response is determined using the DNI1

technique, as described in chapter 3, to assess the effect of WSS filtering.

In the simulations, the OSNR is set by using ASE distributed noise configuration

as shown in Figure 5.4 for a system with 10 spans. Considering ASE distributed noise

configuration and noise loading as the ways in which noise can be added to the signal
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Parameter Units Value

Span length (L) km 40 to 100
LO frequency offset Hz 1M
laser linewidth Hz 100k
Fiber attenuation (α) dB/km 0.2
Channel launch power (P) dBm -1
Channel spacing GHz 37.5
TX/RX bandwidth GHz 40
Amplifier(EDFA) noise figure (NF) dB 4
WSS filter insertion loss (IL) dB 3
SNRTRX dB 25
Symbol rate (R) Gbaud 28
Number of spans (N) - 10
Number of WSS filters (K) - 0,2,4,6
Number of symbols - 108000
Modulation format - 64 QAM (RRC 0.15)

Table 5.1: Parameters used for simulation

Figure 5.4: Simulation setups with distributed noise.

in a coherent receiver, in a distributed configuration, ASE noise was added in each

span of a link, while in noise loading, noise is added specifically at certain points in the

optical link. The distributed noise configuration is typically chosen because it results

in a larger BW-AIR for a given SNR compared to the noise-loading configuration as

shown in [14] and more closely resembles a real system.
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(a) (b)

(c) (d)

Figure 5.5: CMA Frequency Response (a) H11 (b) H12 (c) H21 (d) H22

(a) (b)

(c) (d)

Figure 5.6: RDA Frequency Response (a) H11 (b) H12 (c) H21 (d) H22
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Adaptive equalization is used in my simulations to partially compensate for signal

distortion caused by cascaded filters. The Constant Modulus Algorithm (CMA) and

the Radius-Directed Algorithm (RDA) are used for adaptive equalization. The num-

ber of equalizer taps for the CMA and RDA is set at 19 and the number of iterations

is set at 21 based on the performance achieved. Figures 5.5 and 5.6 show adaptive

filter impulse responses for CMA and RDA respectively, in terms of amplitude and

phase response, where H11, H12, H21, and H22 represent the impulse response between

the X polarization input signal and X polarization output signal, X polarization input

signal and Y polarization output signal, Y polarization input signal and X polariza-

tion output signal and Y polarization input signal and Y polarization output signal,

respectively. Considering the cascaded WSS filter response as H(f), my expectation

is to ideally have the adaptive equalizer frequency response as 1/H(f) to combat the

filtering effect. Comparing CMA and RDA frequency responses with a WSS filter

response (e.g. Figure 5.8) shows that the adaptive equalizer frequency response is in

line with my expectation.

In my simulations, to focus specifically on the effect of cascaded WSS filtering,

fiber nonlinearities are not taken into account. However, fiber dispersion is included

in the DSP chain and is compensated for by the receiver signal processing. For K

WSS filters with B = 37.5 GHz, a 28 Gbaud DP 64-QAM signal is subjected to

the distributed noise configuration, followed by an ideal optical band pass filter with

a bandwidth of 40 GHz before the receiver. The ADC sampling rate is 2 samples

per symbol. The received signal was processed using a coherent detection scheme

including matched filtering, resampling, and clock recovery to determine the optimal
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sampling phase. The simulation also included polarization demultiplexing and adap-

tive equalization to combat filtering effects. Additionally, the system compensated

for frequency offset between the transmitting LO laser and the receiving LO laser,

as well as for laser phase noise. The LO frequency offset and laser linewidth are 1

MHz and 100 kHz, respectively, and the 6th-power algorithm was used for FOE. The

recovered symbols were then processed to determine GMI. In my simulations, the

GMI represents an achievable information rate for BW decoders.

5.3 Performance implication for ideal WSS filtering

In this section, simulation results are presented for SNRTotal values ranging from 15.9

to 23.4 dB for a 10-span link, a symbol rate of 28 Gbaud DP 64-QAM signal, input

power of -1 dBm, and an EDFA noise figure of 4 dB. This range of SNRTotal values

has been determined for span lengths between 40 and 100 km (fiber attenuation of

0.2 dB/km). In my simulations SNRTotal is 1/NSRTotal and calculated as:

1

SNRTotal

=
1

SNRASE

+
1

SNRTRX

(5.17)

where SNRASE is the signal-to-noise ratio with the noise being caused by the opti-

cal amplifiers and SNRTRX is the signal-to-noise ratio with the noise caused by the

transceiver. Transceiver noise refers to unwanted electrical or electromagnetic energy

that is present in a transceiver circuit. It can interfere with the signal being transmit-

ted or received, causing errors or reducing the overall quality of the communication.

Implementing Transceiver (TRX) noise in my simulation is done by adding AWGN

to the transmitter and receiver. The amount of TRX noise can vary depending on a
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Figure 5.7: Dependence of GMI on the SNRTotal with ideal filtering

number of factors such as the specific transceiver design, the quality of the compo-

nents used, and the operating conditions. In my case, SNRTRX is considered as 25

dB.

In Figure 5.7 the dependence of GMI (bits/2D symbol) on SNRTotal(dB) is repre-

sented where a 2D symbol refers to a modulation scheme that encodes information on

both the amplitude and phase of an optical signal. For the results of Figure 5.7, GMI

is the average of the calculated GMI for X and Y polarizations. Moreover, the WSS

filters are assumed to be ideal, where the amplitude response is constant, indicating

that all frequencies are passed through the filter with no gain for the amplitude re-

sponse. This means that the filter does not introduce any distortion or attenuation

to any particular frequency, and it preserves the original signal’s frequency content.

Figure 5.7 shows GMI as a function of SNRTotal for the two cases: 1- ASE noise,

2- ASE noise + TRX noise. The Insertion Loss (IL) of the WSS filter is 3 dB which

would be compensated by EDFA gain. The results indicate the dependence of GMI on

the SNRTotal with decreasing GMI for decreasing SNRTotal for both cases. Moreover
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by adding ASE noise and TRX noise in two steps, the SNRTotal shifts toward smaller

values (Equation 5.17). Figure 5.7 shows the effect of including TRX noise, where for

the same link, TRX noise reduces the GMI.

5.4 Performance implication for non-ideal WSS filtering

(a) (b)

Figure 5.8: Implemented WSS filter (a) Amplitude response (b) Phase response

To investigate the effect of cascading non-ideal WSS filters two scenarios have been

considered. First, only the amplitude response is included in the WSS filter frequency

response. Second, both, the amplitude response and the phase response are included

in the WSS filter frequency response. For both cases, channel ASE noise, TRX noise,

and the IL of the WSS filters are considered. The WSS filter amplitude response is

calculated based on the theoretical definition in Equations 4.1, with B = 37.5 GHz

and BWOTF = 12 GHz. For the results to resemble a more realistic situation, the

maximum out-of-band attenuation of 54 dB and smoothing in a 6 GHz region around

the intersection are applied to obtain the frequency response. The amplitude and
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the phase response of the WSS filter are represented in Figure 5.8 over the frequency

range of [0, 20] GHz, due to the modulated signal bandwidth which is 16.1 GHz.

5.4.1 Impact of the number of cascaded WSS filters

To determine the effect of the number of cascaded WSS filters on the GMI, the GMI

is calculated for K cascaded WSS filters in 10 spans. For the case that the phase

response is not included in the WSS filter frequency response (“without phase”),

GMI is shown in dashed lines in Figure 5.9. For the case that the phase response

is included in the WSS filter frequency response (“with phase”), GMI is shown in

solid lines in Figure 5.9. K is equal to 0, 2, 4, and 6; and where K = 0 represents

the case where there is no WSS filter present in the link. The K cascaded WSS

filters are distributed in 10 spans, such that: for 2 cascaded WSS filters the spans

are chosen as [3,8]; for 4 cascaded WSS filters the spans are chosen as [1,4,7,10]; and

for 6 cascaded WSS filters the spans are chosen as spans [2,3,4,7,8,9], where WSS

filters are considered at the ends of these spans. Results are depicted in Figure 5.9,

where SNRTotal is changing with span lengths from 40 to 100 km. By increasing

the number of cascaded WSS filters, the total 3 dB bandwidth is reduced due to the

effect of bandwidth narrowing. Furthermore, the phase response will become larger as

I assumed the WSS filter amplitude responses are identical, the total phase response

of a cascade of WSS filters is equal to the product of the phase response for one WSS

filter and the number of cascaded filters (as discussed in chapter 4, section 4.4). The

resulting stronger filtering leads to a higher required SNRTotal for achieving a specific

GMI.
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Figure 5.9: Dependence of GMI on the SNRTotal with non-ideal filtering and different
numbers of cascaded WSS filters

Figure 5.10: Dependence of SNReff on the SNRTotal with non-ideal filtering and
different numbers of cascaded WSS filters

As seen in Figure 5.9 the calculated GMI is higher for all K in the case where the
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phase response is not included than in the case where the phase response is included.

As an example, for SNRTotal= 18 dB and K=6 the calculated GMI decreases from

5.2 (bit/ 2D symbol) to 4.8 (bit/ 2D symbol) by including the WSS filter phase

response. Furthermore, with increasing K, the effect of including the phase response

increases. For example, for K=6 the difference between the calculated GMI with and

without the phase response of the WSS filters is greater compared to K=2. It is also

noticeable that for higher SNRTotal the effect of cascaded WSS filters on the GMI for

the two cases is approximately the same, and with decreasing SNRTotal the difference

between the two cases of WSS filter cascading is increasing.

Results for the dependence of SNReff on SNRTotal are shown in Figure 5.10 for

four different numbers of cascaded WSS filters (0, 2, 4, and 6 filters). In the absence

of optical filtering and signal distortion, SNReff essentially coincides with SNRTotal.

With an increase in the number of cascaded WSS filters, the signal distortion becomes

more severe and SNReff exhibits a sub-linear dependence on SNRTotal. As SNRTotal

does not reflect the effect of WSS filtering, SNReff is represented as a reference to

capture the effect of the number of cascaded WSS filters. SNReff is more represen-

tative of the system performance than SNRTotal. However, GMI versus SNRTotal is

being used as it is more convenient in the concept of an optical link performance.

To illustrate the effect of cascading WSS filters on the performance of the system,

constellation diagrams for the X polarization signal after the RX-DSP chain for 6

cascaded filters are shown in Figure 5.11 where the WSS filter frequency response

is not included phase response for (a) and included phase response for (b). The

constellation diagrams are referring to L=40 km, SNRTotal=23.39 dB, and GMI=

5.97 (bit/ 2D symbol) for (a) and 5.92 (bit/ 2D symbol) for (b). It can be seen from
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(a) (b)

Figure 5.11: Constellation points (a) not including and (b) including phase response
of WSS filters

Figure 5.11 how my estimation of system performance could be negatively affected

when I do not include the phase response for the WSS filtering. This issue gets

more serious in lower SNRTotal when the effect of cascading WSS filters makes more

impairments on system performance.

5.4.2 Impact of the location of cascaded WSS filters

In addition to the effect of the number of cascaded WSS filters on the system perfor-

mance, the effect of the location of WSS filters in the 10 spans is investigated. For

this reason, three placements of K=4 cascaded WSS filters at different locations are

considered. For the “First” placement the spans are chosen as [1,2,3,4], for the “Dis-

tributed” placement the spans are chosen as [1,4,7,10], and for the “Last” placement

the spans are chosen as [7,8,9,10]. The system performance for the three placements is

determined for the case where the WSS filter phase response is included. The results



5.4. PERFORMANCE IMPLICATION FOR NON-IDEAL WSS
FILTERING 100

are represented in Figure 5.12.

Figure 5.12: Dependence of GMI on the SNRTotal with non-ideal filtering and differ-
ent locations of cascaded WSS filters

Figure 5.12 shows that the placement with the best end-of-link performance occurs

when the WSS filters are located in the last spans, and the placement with the worst

end-of-link performance occurs when the WSS filters are located in the first spans.

The impact of cascaded WSS filters on performance is not only determined by the

total number of filters but also by their distribution. The effect is visualized in Figures

5.13 and 5.14, which display the signal and noise spectra for (a) “Last” case and (b)

“First” case before the adaptive equalizer. Figures 5.13 and 5.14 show the signal and

noise spectra for (c) “Last” case (d) “First” case where the spectra are captured after

the adaptive equalizer.

In this context, The better performance of the “Last” case can be attributed to

the noise enhancement effect by equalization. For the “Last” case, the filtering occurs

after most ASE noise is loaded, suggesting the signal and the ASE noise have similar

spectral shapes as shown in Figures 5.13 (c) and 5.14 (c). Thus an equalization
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(a) (b)

(c) (d)

Figure 5.13: The signal spectrum for the (a) “Last” case before the adaptive equalizer
(b) “First” case before the adaptive equalizer, (c) “Last” case after the
adaptive equalizer, and (d) “First” case after the adaptive equalizer

process recovers the spectrum of signal and noise simultaneously, introducing less

filtering penalty. On the other hand, for the “First” case, most ASE noise is loaded

after filtering, then an equalization process would not only recover the signal spectrum

but also enhance the outer frequency components of noise as shown in Figure 5.14

(d), which leads to more filtering penalty and larger system performance degradation.
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(a) (b)

(c) (d)

Figure 5.14: The noise spectrum for the (a) “Last” case before the adaptive equalizer
(b) “First” case before the adaptive equalizer, (c) “Last” case after the
adaptive equalizer, and (d) “First” case after the adaptive equalizer
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Chapter 6

Conclusion and future work

6.1 Conclusion

The objectives of this research are divided into two parts. The first part aims to model

the phase response of an optical filter, given its amplitude response. To achieve this

goal, the following steps were taken:

• The filter phase response was determined using K-K relations applied to the

filter’s amplitude response. Two techniques were studied: the Hilbert trans-

form technique and the DNI technique. The DNI technique was defined as two

procedures, DNI1 (determining the integrating group delay response followed

by integration to find the phase response) and DNI2 (determining the phase

response directly), with the integral approximated using the trapezoidal rule.

The results showed that DNI1 was more accurate than DNI2 and the Hilbert

technique, so DNI1 was chosen to determine the phase response.

• The phase response of a Butterworth filter was determined from its amplitude
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response. The Butterworth filter was selected as it closely resembles the am-

plitude response of a WSS filter. Using a Butterworth filter allowed for a com-

parison between the ideal phase response and the determined phase response,

providing insights into the accuracy and usefulness of the applied techniques.

• To make the optical filter response more representative of a practical situation

(or measurement), two parameters were applied to the amplitude response,

and the phase and group delay responses were determined accordingly. The

parameters were maximum out-of-band attenuation and smoothing in a region

around the intersection.

• The amplitude response of WSS filters was modeled using an analytical model

based on two parameters, the 6 dB bandwidth (B) and the OTF bandwidth

(BWOTF ). In addition to the analytical amplitude response, the WSS filter

amplitude measurement data was used for comparison.

• Using the DNI1 technique on the measured and analytical WSS amplitude

responses, the phase and group delay responses were obtained. For example,

based on my simulation results, the group delay response of a 38 GHz wide WSS

filter, after applying maximum out-of-band attenuation of 54 dB and smoothing

in a 6 GHz interval around the intersection, changes nonlinearly between 0 to -14

ps and accordingly the phase response changes between 0 to -0.9 rad in the [0, 20]

GHz frequency range. This result emphasizes the importance of considering the

group delay or phase response of a filter to have a comprehensive understanding

of its performance.

To fulfill the second objective of this thesis, which is to depict an application
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of modeling an optical filter phase response, the impact of cascading WSS filters is

studied in the second part. The following steps were taken for this purpose:

• In a 10-span link, a 28 Gbaud DP 64-QAM signal was subjected to a distributed

ASE noise configuration, followed by an ideal optical bandpass filter, and then

to the receiver. The system simulation involved symbol generation, cascaded

WSS filters, fiber transmission, coherent detection, and GMI calculation.

• The received signal was processed using coherent detection and adaptive equal-

ization, and GMI was calculated as an achievable information rate representa-

tive of BW decoder performance. GMI was calculated for different SNRTotal

values, where 1
SNRTotal

= 1
SNRASE

+ 1
SNRTRX

, and SNRASE is the signal-to-

noise ratio caused by optical amplifiers and SNRTRX is the noise-to-signal ratio

caused by the transceiver. The ASE noise changes as the span lengths range

from 40 to 100 km, and SNRTRX is set to 25 dB.

• GMI versus SNRTotal was calculated for various numbers of cascaded WSS

filters in two scenarios: considering only the amplitude response or both the

amplitude and phase response in the WSS filter frequency response. The results

showed that GMI decreases as the number of cascaded WSS filters increases and

that including both the amplitude and phase response of WSS filters results in

degradation of GMI compared to considering only the amplitude response. The

location of cascaded WSS filters in the system was also studied, including the

phase response for the WSS filter. The best end-of-link performance was found

to occur when WSS filters were located in the last spans. However, in practice,

the location of WSS filters cannot be controlled. Both approaches, regarding
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the number and location of cascaded WSS filters, were carried out to emphasize

the impact of including the phase response.

In conclusion, my study emphasizes the importance of evaluating the overall per-

formance of WSS filters in terms of both amplitude and phase response. The ampli-

tude response gives an indication of how much the signal is amplified or suppressed,

while the phase or group delay response provides information on the phase shift of

the signal as it passes through the filter. Different phase shifts for different frequency

components of the WSS filter can cause ISI and waveform distortion. To prevent

waveform distortion, the overall system response must have a flat passband with a

constant group delay (linear phase). However, this is not always achievable in prac-

tice. Therefore, it is crucial to consider both the amplitude and phase response of

optical filters in studies of WSS filters to predict the actual system performance and

avoid ISI.

The results of my study indicate that phase response can have a significant impact

on signal performance in an optical system, where GMI decreases as the number of

cascaded WSS filters increases. For example, in my simulation of a 10-span link,

a cascade of 6 WSS filters decreased GMI from 5.89 to 5.75 (bit/ 2D symbol) for

SNRTotal = 22 dB with the WSS filter phase response included. This effect was more

pronounced at lower SNRTotal, where for SNRTotal = 20 dB, GMI decreased from

5.62 to 5.36 (bit/ 2D symbol). As a result, it is necessary to include phase response

in addition to amplitude response when studying WSS filters.
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6.2 Future Work

The future of this study can be pursued by simulating setups to measure the phase

response of WSS and comparing the results to those obtained in the current work.

The focus of future work can be on developing optical performance monitoring meth-

ods and parameters to estimate channel impairments caused by cascaded filtering,

taking into account the WSS filter phase response. The research can then move on

to investigating different system configurations, including various symbol rates and

channel bandwidths, with varying numbers of cascaded filters. Both simulation and

experimental methods can be used to examine the impact of the WSS filtering effect

and its phase response.

Moreover, the simulation setup can be made more representative of real-world

situations by incorporating the effect of cross-talk in neighboring channels. In chapter

5, the signal is impacted by ASE and TRX noise, resulting in a total noise-to-signal

ratio (NSRTotal) equal to the sum of NSRASE and NSRTRX . By considering cross-

talk and neighboring channels, the simulation can be conducted to account for the

sum of NSRASE, NSRTRX , NSRISI , and NSRcrosstalk.



BIBLIOGRAPHY 108

Bibliography

[1] Lu Zhang, Xin Li, Ying Tang, Jingjie Xin, and Shanguo Huang. A survey on QoT

prediction using machine learning in optical networks. Optical Fiber Technology,

68:102804, 2022.
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