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Summary

Despite extensive progress on the theoretical aspects of spectral efficient communi-
cation systems, hardware impairments, such as phase noise, are the key bottlenecks
in next generation wireless communication systems. The presence of non-ideal os-
cillators at the transceiver introduces time varying phase noise and degrades the per-
formance of the communication system. Significant research literature focuses on
joint synchronization and decoding based on joint posterior distribution, which in-
corporate both the channel and code graph. These joint synchronization and decod-
ing approaches operate on well designed sum-product algorithms, which involves
calculating probabilistic messages iteratively passed between the channel statistical
information and decoding information. Channel statistical information, generally en-
tails a high computational complexity because its probabilistic model may involve
continuous random variables. The detailed knowledge about the channel statistics for
these algorithms make them an inadequate choice for real world applications due to
power and computational limitations.

In this thesis, novel phase estimation strategies are proposed, in which soft decision-
directed iterative receivers for a separate A Posteriori Probability (APP)-based syn-
chronization and decoding are proposed. These algorithms do not require any a priori
statistical characterization of the phase noise process. The proposed approach relies
on a Maximum A Posteriori (MAP)-based algorithm to perform phase noise esti-
mation and does not depend on the considered modulation/coding scheme as it only
exploits the APPs of the transmitted symbols. Different variants of APP-based phase
estimation are considered. The proposed algorithm has significantly lower computa-



2 Summary

tional complexity with respect to joint synchronization/decoding approaches at the
cost of slight performance degradation.

With the aim to improve the robustness of the iterative receiver, we derive a new
system model for an oversampled (more than one sample per symbol interval) phase
noise channel. We extend the separate APP-based synchronization and decoding al-
gorithm to a multi-sample receiver, which exploits the received information from the
channel by exchanging the information in an iterative fashion to achieve robust con-
vergence. Two algorithms based on sliding block-wise processing with soft ISI can-
cellation and detection are proposed, based on the use of reliable information from
the channel decoder.

Dually polarized systems provide a cost-and spatial-effective solution to increase
spectral efficiency and are competitive candidates for next generation wireless com-
munication systems. A novel soft decision-directed iterative receiver, for separate
APP-based synchronization and decoding, is proposed. This algorithm relies on an
Minimum Mean Square Error (MMSE)-based cancellation of the cross polarization
interference (XPI) followed by phase estimation on the polarization of interest. This
iterative receiver structure is motivated from Master/Slave Phase Estimation (M/S-
PE), where M-PE corresponds to the polarization of interest. The operational princi-
ple of a M/S-PE block is to improve the phase tracking performance of both polar-
ization branches: more precisely, the M-PE block tracks the co-polar phase and the
S-PE block reduces the residual phase error on the cross-polar branch. Two variants
of MMSE-based phase estimation are considered; BW and PLP.



Chapter 1

Introduction

The aim of this chapter is to present a general overview on the problems underlying
the communication systems to achieve higher spectral efficiency for the next genera-
tion wireless communications systems. In particular, Section 1.1 motivates the scope
of this thesis work, where Section 1.2 highlight the related work from the literature.
Section 1.3 summarizes the aim of this thesis and Section 1.4 gives a brief overview
of the following chapters.

1.1 Motivation

Wireless communication has witnessed tremendous advancement during the last few
decades. Overwhelming data rates due to the emergence of broadband application
service like video streaming and massive number of users such as smart phones,
tablets and various types of machine-to-machine communication services, etc. This
increasing demand with reliable communication plays an essential role in pushing
this advancement for more spectrum efficient wireless communication systems in its
next generations.

Despite extensive progress on the theoretical aspects of spectral efficient commu-
nication systems, the hardware impairments in radio-frequency and optical commu-
nications are the key bottlenecks of the performance. Power amplifier non-linearities,
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channel non-linearities, oscillator phase noise, I/Q imbalance, sampling-rate and car-
rier frequency offsets are commonly known hardware impairments in wireless / op-
tical transceiver. Different compensation schemes are typically applied to limit the
impact of each of these impairments. However, in practice the compensation and cal-
ibration will not be perfect and residual noise from hardware impairments will still
remain and have greater impact on the system performance and, therefore, should be
taken into account. The advent of high performance digital signal processing helped
to minimize the effects of hardware impairments. Appropriate mathematical models
that can accurately represent the physical impairments are used to summarize the
impact of unwanted effects into a communication channel.

Oscillator phase noise can be regarded among the key noise impairments, which
severely limits the spectral efficiency of the digital communication system. The pres-
ence of non-ideal oscillators at the transceiver introduces time varying phase noise. A
realistic oscillator is subject to unwanted noise, in terms of temporal instabilities and
spectral dispersions. These instabilities, collectively referred to as phase noise [1],
induce distortions (in the limiting case, complete loss of information) in traditional
receivers.

The performance of lower-to-higher-order modulations, which employ dense con-
stellations, are severely affected by phase noise and this is a limiting factor in high
data rate digital communication systems. In addition to lower-to-higher-order mod-
ulations, the negative impact of the phase noise is more pronounced in different
transmission schemes, which offer spectral efficient wireless communications. As
an example of spectral efficient system, antenna polarization diversity offer a cost-
and spatial-effective solution by transmitting two independent data streams through
orthogonal polarizations using same carrier frequency [2, 3], where phase noise be-
comes detrimental and increases the cross polarization interference. The orthogonal-
ity of the subcarriers in orthogonal frequency division multiplexing (OFDM) systems
is also affected by phase noise and results into an increase in inter-carrier interfer-
ence [4, 5]. The performance of multiple antenna, such as Multiple Input Multiple
output (MIMO) radio systems [6–8] are limited by the presence of phase noise.



1.2. Related Work 5

1.2 Related Work

In digital communication systems, Additive White Gaussian Noise (AWGN) chan-
nel with phase noise is a widely used model to capture imperfect carrier-phase. The
use of high quality oscillator in the communication equipment increases its cost, it
is often preferable to use inexpensive oscillator and compensate for the phase noise
effects by means of digial signal processing. The study of phase noise-impaired com-
munications is well established in the literature, in terms of both achievable infor-
mation rate and design of practical receivers coping with this hindrance. From an
information-theoretic perspective, the ultimate performance limits in the presence of
phase noise have been investigated under different channel models, see, e.g., [9–12]
and references therein.

Several novel phase noise estimation techniques are proposed in the literature
to enhanced the receiver performance in the presence of phase noise. Traditional ap-
proaches to combat phase noise are based on conventional feedback tracking schemes
[13,14]. A most common example of feedback algorithm, which solve the phase am-
biguity problem are based on Phase Locked Loop (PLL) [15, 16]. However, these
algorithms are not appropriate for higher-order constellations due to the degradation
in the phase error estimation and need longer acquisition periods for burst transmis-
sion.

The issue of iterative phase synchronization is particularly relevant when pow-
erful error-correction code, such as turbo codes [17] and low-density parity check
codes [18], are used, as they require accurate phase estimation at very low Signal-
to-Noise Ratio (SNR). The problem of iterative detection/decoding of data symbols
transmitted over an AWGN channel in the presence of phase uncertainty is addressed
in [19], where an iterative Maximum Likelihood (ML) algorithm, embedded into
an Expectation-Maximization (EM) receiver, is derived. In [20], the authors extend
the ML synchronization problem by considering Data-Aided (DA), Non-Code-Aided
(NCA), and iterative Code-Aided (CA) synchronizers, all leading to iterative Phase
Locked Loop (PLL)-based schemes. In [21], the authors propose a model of the phase
uncertainty which allows to devise a variational Bayesian detection algorithm.
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In another approach, phase noise is assumed to be quasi- constant over an obser-
vation interval (block window) and a feedforward algorithm can be used to estimate
the local time average of phase in each sub-intervals [22]. However, the length of the
observation interval should be smaller to track the phase noise variation accurately,
whereas it should be long enough to average out the impact of the channel noise.
In [23–25], discrete cosine transform (DCT) based basis expansion model is used
at the front-end for phase noise estimation from the known transmitted information
and then an iterative receiver structure is devised to improve the estimation accuracy
by using the soft-information. In addition to this, other novel phase noise estimation
schemes can be found in the literature [26–31] and references therein.

Several algorithms for joint synchronization and decoding are performed, which
provide near optimal performance by using well-known sum-product algorithm [32–
35]. The sum-product algorithm uses a factor graph, which incorporates both the
phase estimation portion and channel decoding portion. The sum-product algorithm
involves calculating probabilistic messages iteratively passed between these two por-
tions. The phase estimation portion generally require a high computational complex-
ity because its probabilistic model involve continuous random variables. In [33], a
Tikhonov parameterization of the probabilistic model is employed as good tradeoff
between complexity and performance. In [36], an innovative approach for mixture
dimension reduction for Tikhonov canonical models is presented, which keeps ac-
curacy levels high with lower complexity compare to [33]. The detailed knowledge
about the phase noise statistics requirement for these algorithms make them an inad-
equate choice for real world applications due to power and computational complexity
constraints.

1.3 Aim of the thesis

In this thesis, phase noise estimation for spectrally efficient wireless communication
systems is investigated. The main objective of this thesis is to devise novel synchro-
nization/detection schemes for pragmatic receiver structure. Some important aspects
of the proposed novel phase noise estimation strategies are listed below.
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• The proposed algorithms do not require any a priori statistical characterization
of the phase noise process.

• Novel soft-decision directed iterative receiver, for separate A Posteriori Proba-
bility (APP)-based synchronization and decoding is proposed.

• The proposed approach is general in the sense that it does not depend on the
considered modulation/coding scheme as it only exploits the APPs of the trans-
mitted (modulated) symbols.

• Since the assumption of constant phase over a given observation interval is
contrary to the Bayesian estimation, an extended version, denoted as sliding
window, is proposed.

1.4 Overview of the Thesis

The remainder of the thesis is organized as follows.
In Chapter 2, a novel phase noise estimation algorithm is presented. In Sec-

tion 2.1, the system model used in this chapter is discussed in detail. Section 2.2
presents the novel soft-decision directed algorithm for phase noise estimation with
optimal strategies used for enhancing the performance of the system. The proposed
iterative synchronization/detection receiver structure is discussed in Section 2.3 and
detail performance analysis of the proposed schemes are conducted in Section 2.4.
Finally, Section 2.5 concludes the chapter.

In Chapter 3, phase synchronization problem in the presence of Inter-Symbol In-
terference (ISI) is considered. Details about a realistic system model are given in Sec-
tion 3.2. Section 3.3 focuses on the proposed receiver, which uses the APPs-from the
decoder for phase synchronization purpose. The corresponding iterative synchroniza-
tion receiver structure is shown in Section 3.4. The performance analysis is presented
in Section 3.5. Finally, Section 3.6 concludes the chapter.

The phase synchronization problem in dually-polarized communications is dis-
cussed in Chapter 4. In Section 4.2, the system model used for the dually-polarized
system is presented. Section 4.3, provide the detail about the proposed MMSE-based
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phase noise estimation algorithm. Section 4.4, an iterative receiver structure for the
proposed strategy is discussed. Performance analysis is given in Section 4.5 and Sec-
tion 4.6 concludes this chapter.



Chapter 2

Reduced Complexity Phase
Synchronization

The accuracy of the oscillator has an important role in spectral efficient digital com-
munication as carrier phase instabilities leads to a degradation in the overall system
performance. In this chapter, a Maximum A Posteriori (MAP)-based phase noise es-
timation algorithm is presented. In order to optimize the performance of block-based
Maximum Likelihood (ML) phase noise estimation, new strategies are also presented
for optimizing the performance of the communication systems.

The rest of the chapter is structured as follows. In Section 2.1, we present the
system model and discuss different ingredients of the transmitter in detail. In Sec-
tion 2.2, the proposed MAP-based phase noise estimation algorithm and some ex-
tended approaches are presented. The proposed iterative synchronization/detection
receiver structure is discussed in Section 2.3 and a detailed Performance analysis of
the proposed scheme are presented in Section 2.4. Finally, the Section 2.5 concludes
the chapter.
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Figure 2.1: System model for phase noise impaired communications.

2.1 System Model

At the transmitter, the binary information sequence {ai} is generated at a bit rate
equal to rb bit/s. The information sequence {ai} is encoded into a sequence {c j}
through a binary channel code with rate R. A modulation scheme with constellation
size M = 2b and symbol energy Es is then used.

2.1.1 Multi-Level Coding

In order to manage high-order modulation schemes, a multi-level channel encoding
policy is considered [37]. For small-size constellations (say b ≤ b1, where b1 is a
small integer), all bits are encoded, whereas for medium/high-size constellations, i.e.,
for b> b1, b1 out of b bits are encoded and the remaining b−b1 are left uncoded (free
bits). This approach has the implementation advantage of keeping the coding strategy
unaltered for modulations of various order. In this case, b1 coded bits identify one
of 2b1 possible subsets of a constellation with 2b points, whereas the b−b1 free bits
specify a given point of the selected subset. According to Ungerboeck set partitioning
rules [13], subsets are designed so as to maximize the Euclidean distance using a set-
partitioning [38]. Gray mapping, in terms of free bits, is used to label the points within
a given subset [39, 40]. The overall spectral efficiency of the considered multi-level
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coding scheme is

η =

{
R ·b bit/symb if b≤ b1

R ·b1 +(b−b1) bit/symb if b > b1.

Although the proposed approach is very general (in terms of the considered coded
modulation schemes) and, as it will be shown in Section 2.2, requires only APPs
on the transmitted symbols. In particular, multi-level coding (with b1 = 4) will be
considered with a large constellation size (1024-QAM).

2.1.2 Pilot Symbols and Insertion Loss

Initial synchronization (in the absence of APPs) is performed through the insertion,
in the transmitted frame, of pilot symbols known at the receiver [41]. We assume that
Np pilot symbols are interleaved every N data symbols, thus obtaining the following
effective spectral efficiency:

η
′ = η

N
N +Np

bit/symb.

We also assume that each pilot symbol has energy Ep and define

q ,
NpEp

NEs
(2.1)

as the ratio between the pilot energy and the data symbol energy. The average data
symbol energy can be expressed as

Es =
NpEp +NEs

N
= Es (1+q) . (2.2)

The factor (1+q) is the energy penalty due to pilot symbol insertion. The utilization
of pilot symbols at the receiver side will be detailed in Section 2.3.

The transmission channel introduces both AWGN and phase noise. For moderate
phase dynamics [11], the received discrete-time equivalent baseband model shown in
Figure 2.1 is

rk = xkeθk +nk k = 1,2, . . . (2.3)
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where {xk} are the transmitted symbols and {nk} are independent and identically
distributed (i.i.d.) Gaussian noise complex samples with per-component variance
σ2 = N0/2. The average received energy per information bit is Es/η and the per-
bit Signal-to-Noise Ratio (SNR) γb can be finally defined as follows:

γb ,
Eb

N0
=

Es

N0

1
η

=
Es

N0

1+q
η

. (2.4)

Note that the considered system model in (2.3) is a memory-less channel model,
where phase noise is introduced at the transmitted symbols and the channel assumes
perfect channel state information i.e., the channel is free from any non-linearities
such as Inter-symbol interference (ISI).

2.1.3 Phase Noise Model

The phase noise is modeled as a wiener process generated by integrating a white
Gaussian process and characterize by its Power Spectral density (PSD) 2πBθ . The
discrete-time phase noise {θk} at the k-th instant in (2.3) can be described as first-
order Markov, namely:

θk = θk−1 +∆k mod 2π (2.5)

where ∆k ∼N (0,σ2
∆
) and variance σ2

∆
= 2πBθ T , where T describe the symbol in-

terval and Bθ controls the intensity of the phase noise process. Bθ = 2∆ f3dB, i.e., the
frequency spacing between the 3-dB points of the Lorentzian PSD, where ∆ f3dB =

π f 2
c αosc [42]. αosc determines the oscillator quality and has linear relationship with

the σ2
∆

[43], where fc is the carrier (oscillator) frequency. In practice, the constant
αosc is not directly available, instead a measure used to describe the oscillator perfor-
mance is the decay of the oscillator PSD around the first harmonic L ( fo)[dBc/Hz] [42],
where fo is the frequency offset with respect to the fc. The connection between the
L ( fo) and αosc is achieved through the relation L ( fo)≈ 10log10(αosc f 2

c / f 2
0 ), which

holds for f0 much larger than the phase noise 3-dB bandwidth denoted by∆ f3dB.
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Figure 2.2: Example of a realization of the phase noise process for σ∆ = 0.51◦. For
comparison, the average phase over a window of size 16 is also shown. In the inset, a
zoom is shown for the first 16-symbol blocks.

2.2 MAP-based Phase Noise Estimation

We now describe a novel soft-decision aided iterative synchronization and decoding
algorithm for an LDPC-coded communications over a phase noise-impaired channel.
The soft information output by a channel decoder is used to perform a soft phase
estimation, i.e., to estimate the channel phase based on the A-Posteriori Probabil-
ity (APPs) of the transmitted symbols. This approach allows to properly weight the
transmitted symbols in the phase estimation process: the more reliable the transmitted
symbol, the more accurate the phase estimate.

2.2.1 Block Window

The key idea behind our algorithm is derived from [44], where the phase is assumed
constant over the entire transmission frame, i.e., a phase offset is applied to the en-
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ϑ̂1 ϑ̂2 ϑ̂3

(a)

ϑ̂2 ϑ̂3ϑ̂1

(b)

Figure 2.3: Window choices for the phase estimation algorithm: (a) block window
(disjoint blocks), and (b) sliding window.

tire signal. In this work, we extend this idea by assuming that the channel phase can
be considered constant over a (sufficiently short) observation period of ` consecutive
samples. In Figure 2.2, an example of a realization of the phase noise process for
σ∆ = 0.51◦ is shown. For comparison, the average phase over a window of 16 con-
secutive samples is also shown. From the inset, one can observe that the channel is
severly impaired by the phase noise, with possible large deviations even during small
time intervals. However, the correct phase value can be tracked by sufficiently short
windows, according to the coherence time of the phase noise process.

We first focus on disjoint windows, i.e., the phase estimated for a block of length
` is used to derotate the symbols over the same block and is, in general, different
from those estimated in adjacent blocks as shown in Figure. 2.3 (a). In other words,
the estimated phase has a step-wise trend and referred to as Block Window (BW).
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Consider a finite length-` observation window

rrrk , [rk−`+1, . . . ,rk]

over which the phase is assumed to be constant. The ML phase estimate is

θ̂k = argmax
θ

p(rrrk|θ) = argmax
θ

∑
xxxk∈X `

p(rrrk|θ ,xxxk)P(xxxk)

where

xxxk , [xk−`+1, . . . ,xk]

and X denotes the set of possible QAM symbols. The ML estimate is equivalent to
the maximum a-posteriori probability (MAP) strategy. In fact, using the Bayes rule
one obtains

θ̂k = argmax
θ

p(θ |rrrk)

= argmax
θ

p(rrrk|θ)p(θ)
p(rrrk)

= argmax
θ

p(rrrk|θ)

since θ is uniformly distributed and p(rrrk) is independent from θ .

Considering the available APPs as useful additional information, a modified ML
strategy can be adopted:

θ̂k ' argmax
θ

∑
xxxk∈X `

p(rrrk|θ ,xxxk)︸ ︷︷ ︸
Known

P(xxxk|rrr)︸ ︷︷ ︸
From LDPC dec.

where rrr is the entire collection of received samples over which the LDPC decoder
works. In particular, the term p(rrrk|θ ,xxxk) is known, from the channel model, to be
a Gaussian pdf, whereas the terms {P(xxxk|rrr)} can be obtained starting from the bit
LLRs output by the channel decoder.

Let us assume independence between QAM symbols associated with a code
block. This assumption is reasonable for interleaved convolutional codes and ran-
domly generated LDPC codes. In the considered scenario, the use of structured LDPC
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codes may hinder the validity of this assumption and the use of a bit interleaver can
be investigated to improve the performance. Using independence, one obtains

θ̂k ' argmax
θ

∑
xxxk∈X `

`−1

∏
l=0

p(rk−l|θ ,xk−l)P(xk−l|rrr) (2.6)

= argmax
θ

`−1

∏
l=0

[
M−1

∑
m=0

p(rk−l|θ ,xk−l)plm

]
(2.7)

= argmax
θ

`−1

∏
l=0

[
M−1

∑
m=0

1
2πσ2 e−

1
2σ2 |rk−l−x̃(m)e jθ |2 plm

]
(2.8)

where x̃(m) is the m-th QAM symbol belonging to the constellation X and

plm , P(xk−l = x̃(m)|rrr).

In other words, plm is the probability that the symbol transmitted at time k− l is equal
to the m-th symbol of the QAM constellation.

Note that in (2.6) and (2.7) the order of summation and product operators are
exchanged and: this is justified in Appendix A.

One can now take the natural logarithm, thus obtaining

θ̂k ' argmax
θ

ln
`−1

∏
l=0

[
M−1

∑
m=0

1
2πσ2 e−

1
2σ2 |rk−l−x̃(m)e jθ |2 plm

]

= argmax
θ

`−1

∑
l=0

ln

[
M−1

∑
m=0

1
2πσ2 e−

1
2σ2 |rk−l−x̃(m)e jθ |2 plm

]
.

A key assumption now is to operate in the low SNR regime, which is a typical con-
dition for powerful error correcting codes. In this case, the following approximations
can be used:

ex ' 1+ x |x| � 1 (2.9)

ln(1+ y)' y |y| � 1. (2.10)
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It is therefore possible to write

θ̂k ' argmax
θ

`−1

∑
l=0

ln

[
1

2πσ2

M−1

∑
m=0

plm

{
1+

∣∣rk−l− x̃(m)e jθ
∣∣2

2σ2

}]

= argmax
θ

`−1

∑
l=0

ln

[
1

2πσ2

{
1+

M−1

∑
m=0

plm

∣∣rk−l− x̃(m)e jθ
∣∣2

2σ2

}]

= argmax
θ

`−1

∑
l=0

ln
1

2πσ2 +
`−1

∑
l=0

ln

[
1+

M−1

∑
m=0

plm

∣∣rk−l− x̃(m)e jθ
∣∣2

2σ2

]

= argmax
θ

`−1

∑
l=0

ln

[
1+

M−1

∑
m=0

plm

∣∣rk−l− x̃(m)e jθ
∣∣2

2σ2

]
.

where the first low SNR regime approximation (2.9) has been used and irrelevant
terms have been dropped. Using the second low SNR regime approximation (2.10)
and dropping irrelevant terms leads to

θ̂k ' argmax
θ

`−1

∑
l=0

M−1

∑
m=0

plm

∣∣rk−l− x̃(m)e jθ
∣∣2

2σ2

= argmax
θ

`−1

∑
l=0

M−1

∑
m=0

plm

{
|rk−l|2 + |x̃(m)|2 +2ℜ

[
rk−l

(
x̃(m)

)∗
e− jθ

]}
= argmax

θ

`−1

∑
l=0
|rk−l|2

M−1

∑
m=0

plm︸ ︷︷ ︸
=1

+
`−1

∑
l=0

M−1

∑
m=0

plm|x̃(m)|2 +
`−1

∑
l=0

M−1

∑
m=0

plm2ℜ

[
rk−l

(
x̃(m)

)∗
e− jθ

]

= argmax
θ

`−1

∑
l=0

M−1

∑
m=0

plmℜ

[
rk−l

(
x̃(m)

)∗
e− jθ

]
.

Therefore, after further (simple) manipulations one obtains:

θ̂k ' argmax
θ

ℜ

[
`−1

∑
l=0

rk−lα
∗
k−le

− jθ

]
(2.11)

where

αk−l ,
M−1

∑
m=0

plmx̃(m)
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represents the center of gravity of the QAM constellation, at time instant k− l, based
on the symbol APPs.

Denote as θ̂ (i) the phase estimate over the i-th `-symbol block, i.e.,

θ̂k = θ̂
(i) k = (i−1)`+1, . . . , i` i = 1,2, . . . ,np

where np is the number of disjoint blocks with length ` within the same codeword.1

Denoting the ` observables in the i-th block as rrr(i) , [r(i−1)`+1, . . . ,ri,`], under the
assumption of constant phase over this block, its phase estimate for the k-th symbol
in the i-th block, k = (i− 1)`+ 1, . . . , i`, can be obtained from (2.11) and expressed
as

θ̂k,BW = arg

[
`−1

∑
l=0

ri`−lα
∗
i`−l

]
= arg

[
Φ

APP
i`,`
]

(2.12)

where the subscript BW has been introduced to clearly indicate the BW strategy and

Φ
APP
j,` ,

`−1

∑
l=0

r j−lα
∗
j−l (2.13)

αi`−l ,
M−1

∑
m=0

plmx̃(m)

plm , P(xi`−l = x̃(m)|rrr).

The quantity αi`−l can be interpreted as the center of gravity, at epoch i`− l, of
the transmitted constellation under the assumption that each constellation symbol is
weighted by the corresponding APP. If a given symbol x̃(m) ∈X has probability
close to 1 at epoch i`− l, then αi`−l ' x̃(m); on the other hand, if no APP is available
(this happens at the initial “coarse” phase estimation), then αi`−l corresponds to the
unweighted center of the constellation. If xi`−l is a pilot symbol, then α̂i`−l = xi`−l .

The quantities {plm} are the APPs, derived from the soft-output information gen-
erated by the decoder, that the symbol transmitted at epoch i`− l is equal to the m-th
symbol, belonging to constellation set X and denoted as x̃(m). Note that their com-
putation is independent of the presence/absence of multi-level coding. If multi-level

1The subscript k denotes the symbol index and the superscript i the i-th block.
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coding is not considered, all bit LLRs (used to compute a symbol APP) can be ob-
tained by the channel decoder; otherwise, b− b1 free bit LLRs come directly from
the (soft-output) demapper. Since an M-ary symbol xk is labeled by b = log2 M bits
(c(1)k , . . . ,c(b)k ), one obtains

P(xi`−l|rrr) =
log2 M

∏
j=1

P(c( j)
i`−l|rrr) =

log2 M

∏
j=1

e
(

1−c( j)
i`−l

)
L

( j)
i`−l

1+ eL
( j)

i`−l

where

L
( j)

i`−l , ln
P(c( j)

i`−l = 0|rrr)
P(c( j)

i`−l = 1|rrr)
j = 1, . . . , log2 M

are the LLRs output either by the soft-output channel decoder (coded bits) or by the
soft-output demapper (free bits).

2.2.2 Sliding Window

Different alternative schemes for phase noise estimation are possible, as shown in
Figure 2.3, in order to smooth and track the correct phase value.

Sliding Window (SW)-based phase noise estimation approach extends the BW
approach, to enhance the performance of the phase estimation algorithm by relying
on an improved use of (2.12). The BW phase estimation algorithm considers disjoint
sets of observables in the the phase noise estimation, i.e., the estimated phase for
a length-` window is used to derotate the symbols over the same block and is, in
general, different from those estimated in adjacent blocks, as shown in Figure 2.3 (a).
However, there exists a step-wise trend in adjacent blocks of estimated phases.

In SW approach, the block estimated phase are associated to the observable in
the middle of the window for each sliding position, as shown in Figure 2.3 (b). Math-
ematically,

θ̂k,SW = arg
[
Φ

APP
k`−b`/2c,`

]
(2.14)

It can be observed that

Φ
APP
k`−b`/2c,` =

`−1

∑
j=0

rk`− jα
∗
k`− j (2.15)
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From a practical implementation viewpoint, one should observe that border ef-
fects arise at the beginning and the end of the frame in (2.15). In fact, the phase
estimate derived from the `-observable block is associated with the symbol at posi-
tion b`/2c. These border effects are managed through secondary windows of smaller
sizes (`2 < `) at the beginning and at the end of the frame. Finally, note also that
the complexity of the SW approach is higher than that of the BW approach in terms
of time and computational load, since the block-based phase estimation needs to be
performed for each observable rk.

2.2.3 Phasor Linear Prediction

The BW strategy is based on the use of disjoint consecutive `-symbol windows. An
interesting extension leads to the use of an `-symbol sliding window. In particular,
for the generic k-th symbol assume k ≥ ` to avoid border effects. There are ` consec-
utive `-symbol blocks including the k-th symbol. In particular, taking into account
the definition (2.12), the following phase estimate at epoch k can be considered:

θ̂k,PLP = arg

[
`−1

∑
i=0

Φ
APP
k+i,`

]
(2.16)

where the subscript PLP denotes the Phasor Linear Prediction. It can be observed that

`−1

∑
i=0

Φ
APP
k+i,` =

`−1

∑
j=−`+1

u jrk− jα
∗
k− j (2.17)

where u j , `−| j|, j∈{−`+1, . . . , `−1}. Therefore, (2.16) can be written as follows:

θ̂k,PLP = arg

[
`−1

∑
j=−`+1

u jrk− jα
∗
k− j

]
(2.18)

The phase estimation strategy (2.18) is a generalized (APP-based) instance of the PLP
approach to phase estimation proposed in [45]. In particular, in (2.17) and (2.18) the
weighting coefficients {u j} have a triangular shape and provide the highest weight to
the k-th observable and is referred here to as APP-based PLP.
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2.2.4 Use of Filtering Approaches

To further enhance the system performance, additional approaches can be obtained by
properly filtering the estimation metric to smooth the phase estimation as suggested
in [46]. Accordingly, (2.12) can be modified as

θ̂k = arg

[
`/2

∑
l=−`/2

plrk`−lα
∗
k`−l

]
(2.19)

where the filter weights {pl} can be set according to a bi-exponential shape [46], i.e.,

pl = ξ
|l|

where ξ , 0≤ ξ ≤ 1, is a suitable parameter to be optimized by trial and error for the
phase noise dynamics of interest. The corresponding algorithms will be denoted as
Weighted SW (WSW) and Weighted PLP (WPLP), respectively.

2.3 Iterative Receiver Structure

We now describe the iterative receiver, shown as the right-most block in Figure 2.1,
which relies on the APP-based phase estimation algorithms derived in Section 2.2.
The detailed scheme of the iterative synchronization and decoding receiver is shown
in Figure 2.4, in which element-wise vector products are present. The dashed line is
only needed for multi-level coding.

The phase noise of the received observables {rk} in (2.3) is pre-compensated
by means of an interpolator which estimates the phase process on the basis of pilot
symbols. In this work, we only consider a simple linear interpolator, which limits
the system delay [47], with Np = 1. In correspondence to pilot symbols, the phase
noise process is simply estimated as the difference between the phase of the received
sample and the phase of the transmitted symbol xk:

θ̂k = ∠rkxk∗.

Note that this estimation is asymptotically (at high SNR) exact. Then, the phase noise
which impacts the data symbols is pre-estimated by means of linear interpolation be-
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Figure 2.4: Iterative synchronization and decoding receiver for the APP-based sepa-
rate phase estimation algorithms, where dashed line refers to the instances with multi-
level coding.

tween the phases of two consecutive pilot symbols. This preliminary phase estima-
tion enables to carry out the first decoding iteration, which is necessary to perform an
APP-based phase estimation. The observable at the output of the interpolator, denoted
as r̃k, can be expressed as follows:

r̃k = rke−θ̂k,int = xke(θk−θ̂k,int) +n′k

where e−θ̂k,int is the derotation introduced by the pre-compensation block. The addi-
tive noise process {n′k} is still i.i.d. Gaussian. The new phase noise process {θk−
θ̂k,int} can no longer be characterized by the same model of {θk}, e.g., a Wiener
model. However, the APP-based synchronization algorithms proposed in Section 2.2
do not require any a priori statistical characterization of the phase noise and, there-
fore, can be applied directly.

After the initial interpolation, the observables {r̃k} are fed directly to the input
of the demodulator, whose soft outputs are then passed to the soft-input soft-output
decoder, which possibly takes into account the multi-level coding scheme. The soft-
output decoder generates LLRs on the (multi-level) coded bits, denoted as LLL out,ccc[n],
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where n refers to the iteration number and the vector collects the values for all sym-
bols in a codeword. This first demodulation/decoding step is referred to as 0-th itera-
tion (i.e., n = 0).

In the absence of multi-level coding, the decoder is a standard channel decoder
(e.g., message passing for LDPC codes). In the presence of multi-level coding, in-
stead, multi-stage decoding [37] is performed: the soft-output information associated
with the coded bits is given by the channel decoder, whereas that associated with the
free bits is computed according to the (multi-level coding) scheme in Section 2.1.1.
Specifically, from the soft output information on the channel coded bits, one can
compute the most likely code binary sequence. For b1 = 4 and b > b1, each 4 decided
code bits identify a subset associated with a sub-constellation of size 2b−4, corre-
sponding to b−4 free bits. At this point, one can compute the soft output on the free
bits based on this sub-constellation. The LLRs on the channel coded bits and on the
free bits can then be combined to generate APPs on the constellation symbols. The
APPs then feed the phase estimator. We refer to a sequence of phase estimation and
demodulation/decoding as an iteration. In the presence of channel coding with itera-
tive decoding, e.g., LDPC or turbo coding, we can refer to the iterations between the
phase estimation block and the demodulation/decoding block as “external” iterations,
in order to distinguish them from “internal” iterations of the decoder.

The iterative algorithm can now be summarized as follows. We denote as nit

the maximum number of (external) iterations between phase estimator and demap-
per/decoder. The 0-th iteration, i.e., the first demodulation/decoding act that follows
interpolation has been described above. At the n-th iteration (n = 1, . . . ,nit), the phase
estimator operates on the observable vector yyy[n] obtained as

yyy[n] = r̃rr ◦ e−θ̂θθ [n−1] (2.20)

where the vectors yyy[n], r̃rr, and θ̂θθ [n−1] can be defined by analogy with vector rrr, θθθ [0] =
000, and the symbol ◦ represents the Hadamard (or element-wise) product between
two vectors. Note that the exponential function is applied element-wise to the vector
θ̂θθ [n−1]. The observable yyy[n] is then fed to the demapping and decoding functions to
compute the APPs on transmitted symbols to be used in (2.12), (2.14),(2.18), or (2.19)
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for their respective phase noise estimation algorithms, accordingly. Note that, since
the derotated observable yyy[n] is used, the estimated phase corresponds to a residual
phase error θ̂θθ [n], which is accumulated to obtain the phase estimate

θ̂θθ [n] = θ̂θθ [n−1]+ θ̂θθ [n]. (2.21)

to be used in (2.20). After nit iterations, a final decision on the vector of transmitted
bits in a codeword, denoted as âaa, is emitted.

2.4 Performance Analysis

In this section, we present a performance analysis of the proposed phase estimation
algorithm and its extensions. In Sub-section 2.4.1, we show numerical results in terms
of Bit Error Rate (BER) and Mean Square Error (MSE). In particular, the MSE is
defined as

MSE ,
1
n

n

∑
i=1

(θ̂i−θi)
2 (2.22)

being n the number of considered symbols. The θ̂i is a block-constant, i.e.,

θ̂i = θ̂k i = (k−1)`+1, . . . ,k`

for a given block index k. In Sub-section 2.4.2, we extend the performance analysis to
compare the complexity of the proposed algorithms with joint-MAP based solution
for phase noise estimation proposed in [48].

2.4.1 Numerical Results

In this section, we investigate the performance, in terms of BER, of the proposed
receiver schemes with iterative synchronization and demodulation/decoding for a
coded high-order QAM scheme. Np = 1 pilot symbol is inserted in the frame ev-
ery N = 48 symbols and belongs to a 4-QAM constellation with average energy 2.5
times the average energy of data symbols—this corresponds to an energy penalty
1+ q = 0.212 dB. The channel code is an LDPC code with rate R = k/n = 7/8,
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Figure 2.5: Performance, as functions of `, for BW, SW, and PLP approaches, con-
sidering 64-QAM, σ∆ = 0.51◦, γb = 12.1 dB, and nit = 3: (a) BER and (b) MSE.

with k = 7056 and n = 8064. The exponent parity-check matrix construction (semi-
random technique) and the encoding algorithm of the used LDPC code are those of
the WiMAX standard [49, Paragraph 8.4.9.2.5, Annex H]. In particular, the exponent
parity-check matrix has nb,r = 12 rows, nb,c = 96 columns, a spreading factor Zf = 84,
a constant row weight wr = 32 and an average column weight wc = 4. LDPC decod-
ing is based here on the sum-product algorithm, where at the end of each internal
iteration the algorithm verifies the parity check equation of the code and stops if it is
satisfied. The maximum number of internal iterations is set to 50—our results show
that for BER values below 10−2 the number of required internal iterations is lower
than 5.

In Figure 2.5, we show (a) the BER and (b) the MSE, as functions of `, for the
BW, SW, and PLP approaches, considering 64-QAM, σ∆ = 0.51◦, γb = 12.1 dB, and
nit = 3. From Figure 2.5 (a), one can observe that the BW approach has a minimum
BER for ` = 24, whereas the SW approach performs best for ` ≥ 27. It can also be
observed that PLP phase estimation algorithm performs significantly better than BW
and SW algorithms for `≥ 23 and the optimized window length for PLP approach is
`= 31. Similar considerations can be carried out from the MSE performance results
in Figure 2.5 (b).
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Figure 2.6: Performance, as functions of `, for BW, SW, and PLP approaches, con-
sidering 64-QAM, σ∆ = 1◦, γb = 12.7 dB, and nit = 3: (a) BER and (b) MSE.

In Figure 2.6, we show (a) the BER and (b) the MSE, as functions of `, for the
BW, SW, and PLP approaches, considering 64-QAM, σ∆ = 1◦, γb = 12.7 dB, and
nit = 3. According to BER results in Figure 2.6 (a), the optimal values of the window
length ` are: 24 for BW; 31 for SW; and 39 for PLP. Similar considerations can be
carried out from the MSE results in Figure 2.6 (b).

Figure 2.7 presents simulation results about the impact of the biexponentially-
shaped filtering technique presented in Section 2.2.4. This technique is applied to
both SW and PLP and the MSE is shown, as a function of ξ , for 64-QAM, γb = 11.9,
σ∆ = 0.51◦, and nit = 3 iterations.

When WSW is considered, there is a slight improvement for large values of the
filtering parameter, e.g., ξ = 0.9. On the other hand, when WPLP is considered no
such improvement arises. This is due to the fact that SW and PLP are already modified
versions of the BW strategy and, therefore, the phase estimate is already smooth.

At this point, we compare the proposed strategies in Figure 2.8. The BER is
shown, as a function of bit SNR, for 64-QAM, σ∆ = 0.51◦, comparing BW, SW,
and PLP for various of the window length and of the number of iterations. It can
be observed that PLP outperforms the other approaches (BW and SW). Moreover,
SW has approximately the same performance of the BW approach. Note that similar
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Figure 2.7: Impact of filtering on SW and PLP: MSE, as a function of ξ , for 64-QAM,
γb = 11.9, σ∆ = 0.51◦, and 3 iterations.
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Figure 2.9: BER, as a function of bit SNR, for 16-QAM. Different phase noise inten-
sities are considered as shown in the legends for equal number of iterations.

results hold for other values of the phase noise intensity.

In Figure 2.9, the BER is shown, as a function of bit SNR, for BW and PLP,
nit = 5, phase noise intensities, and 16-QAM is considered. For σ∆ ≤ 2◦ the loss
with respect to the reference coherent system (i.e., the performance of the considered
system with σ∆ = 0◦) is 0.2 dB. On the other hand, there is a loss of 0.5 dB for
σ∆ = 2◦. It can be noticed that the PLP approach performs better than the BW-based
phase estimation algorithm at the cost of slightly higher computational complexity.

In Figure 2.10, 1024-QAM is considered and the loss is approximately 0.2 dB
for σ∆ = 0.2◦, while the system performance degrades by 0.5 dB when σ∆ = 0.25◦.
Note that, as suggested in Figure 2.5 and Figure 2.6 for 64-QAM, proper window
length optimization can be performed to enhance the performance of the system for
a particular modulation order.

From Figure 2.5 and Figure 2.6, one can conclude that `= 32 to be a good com-
promise value for constellation sizes from 16- to 1024-QAM and several phase noise
intensities, for both BW and PLP. In Figure 2.11, the BER is shown, as a function
of γb, for 1024-QAM, σ∆ = 0.21◦, 5 iterations, and window length ` = 32—similar
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Figure 2.10: BER, as a function of bit SNR, for 1024-QAM. Different phase noise
intensities are considered as shown in the legends for equal number of iterations.
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results hold for other parameter settings. The performance of the proposed iterative
schemes (with BW and PLP phase estimation strategies) is compared with the perfor-
mance of the joint iterative decoding and synchronization receiver proposed in [48]
operating on rrr, in which pilot symbols are exploited to derive APPs on data sym-
bols (denoted as “joint MAP”). One can easily observe that the joint MAP scheme
slightly outperforms the proposed schemes: in particular, the PLP scheme shows a
0.1 dB loss with respect to the joint MAP scheme. The higher-order modulation are
sensitive to phase noise, and the 0.1 dB loss for higher modulation for PLP based
separate approach is negligible.

Unlike our solution, the joint MAP approach of [48] requires an iterative receiver
working on a properly designed factor graph (rather than using off-the-shelf demodu-
lation and decoding blocks and a separate synchronizer) and knowledge of the phase
noise intensity. In fact, the algorithm in [48], although designed for a Wiener phase
noise model, exhibits a good behaviour also for more realistic phase noise statistics,
provided that the value of σ∆ is optimized in order to maximize the performance.

2.4.2 Complexity Issues

The computational complexity can be evaluated in terms of the number of real mul-
tiplications and additions, per modulation symbol and external iteration, required for
phase synchronization and generation of LLRs at the input of the soft-input soft-
output decoder. Assuming that one complex multiplication requires four real multi-
plications and two real additions, our analysis shows that the number of multiplica-
tions is 8+ 18M for joint MAP and asymptotically 5M (large M) for BW and PLP,
whereas the number of additions is 8+M(11+ log2 M) for joint MAP2 and asymp-
totically 5M for BW and PLP [51]. On the basis of these results, one can define
the computational gains achieved by the proposed algorithms as the ratio between
the number of multiplications (additions) required by joint MAP and the number of
multiplications (additions) required by the proposed solutions. These computational

2The complexity evaluations for the joint MAP algorithm, here derived independently, comply with
those reported in [50, Table I].
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Figure 2.12: Computational gains, as functions of M, of the proposed synchronization
algorithms, with respect to joint MAP, for the considered simulation settings.

gains, denoted as ΓM for multiplications and ΓA for additions, are shown, as functions
of M, in Figure 2.12.

The overall computational gains of our approach, with respect to [48], increase
with the constellation size. More specifically, both BW and PLP approaches are sig-
nificantly less computationally complex for medium-high QAM constellation orders.

2.5 Concluding Remarks

In this chapter, a novel low-complexity pilot symbol-aided iterative synchronization
and decoding scheme with separate MAP phase estimation is proposed. The pro-
posed approach, in particular the PLP phase estimation strategy, guarantees a good
performance for both small and medium-high constellation sizes, even for challeng-
ing phase noise scenarios and complete absence of statistical information about the
phase noise process. At the cost of a minor performance degradation with respect to
optimized joint synchronization/decoding approaches, the proposed solution exhibits
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a significantly lower computational complexity and its pragmatic structure is tailored
to exploit off-the-shelf subsystems, thereby representing an attractive solution from
a practical implementation viewpoint.



Chapter 3

Phase Synchronization for
Channel impaired by ISI

In this chapter, we propose an iterative synchronization and decoding algorithm with
improved robustness of the phase noise impaired communication system. In partic-
ular, we assume oversampling (more that one sample per symbol interval) at the
receiver. A low-complexity Maximum A-posterior Probability (MAP) iterative syn-
chronization algorithm is derived to perform sliding window-based phase estimation.

The rest of the chapter is structured as follows. In Section 3.2, the system model
for the considered system is presented. In Section 3.3, the proposed APP-based syn-
chronization algorithm. The corresponding iterative synchronization receiver struc-
ture is shown in Section 3.4 and performance analysis is carried out in Section 3.5.
Finally, Section 3.6 concludes the chapter.

3.1 Introduction

Phase noise causes distortion or complete loss of incoming information in traditional
receivers and, consequently, high Bit Error Rate (BER). The performance of com-
munication systems over phase noise channels has been investigated from different
perspectives. A very common assumption consists in assuming slowly varying phase
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noise over a symbol duration [51, 52], which will be here referred to as “symbol-
time” model. In this case, both channel and receiver can be exactly characterized by
only one sample per symbol-time [9]. The Information Rate (IR) of a symbol-time
phase noise channel is studied in [11, 12]. The IR with a multi-sample receiver, i.e.,
which employs more than one sample per symbol, has been investigated in [12, 53],
showing promising theoretical gains.

Many methods for estimating the phase noise introduced by an unknown chan-
nel have been proposed over the past few decades, from a simple Phase Locked
Loop (PLL) to sophisticated iterative detection/decoding schemes to achieve better
phase noise tolerance with lower computational complexity [48, 51, 52]. Theoretical
analysis of an oversampled tracking of phase noise is performed in [54], whereas
joint symbol detection and tracking in the multi-receiver has shown robust perfor-
mance [55–57].

The use of oversampling leads to the presence of memory because of Inter-
Symbol Interference (ISI), which is a well studied transmission impairment. To cal-
culate the exact APPs at symbol time, one can use reduced-complexity BCJR al-
gorithms as suggested in [58–60]. However, BCJR algorithms are practical as long
as an ISI channel has a trellis with a sufficiently small number of states and small
constellation sizes. Additionally, they also require the statistical information of the
noise process. In contrast to BCJR equalization, block-wise processing with soft ISI
cancellation and detection can be regarded as a pragmatic solution for medium to
higher-order modulations [61].

In this work, we extend the work presented in [51] to a multi-sample receiver
for the phase noise channel, managing the generated ISI in the received sequence.
The purpose of this work is to exploit the received information from the channel by
exchanging the information in an iterative fashion to achieve robust convergence [62].

We consider the well-known shaping pulse with Square Root Raised Cosine
(SRRC) Fourier transform with a linear quadrature amplitude modulation (QAM).
An efficient Maximum A posteriori Probability (MAP)-based iterative synchroniza-
tion algorithm is devised. The phase estimation algorithm exploits the A Posteriori
Probabilities (APPs) of the transmitted samples and a sliding window-based phase
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Figure 3.1: System model for the continuous-time phase noise channel.

estimation algorithm to perform phase estimation on each received sample. Our re-
sults with Low-Density Parity-Check (LPDC)-coded 64-QAM scheme show good
performance with respect to an equivalent traditional receiver which uses only one
sample per symbol time.

3.2 System Model

3.2.1 Continuous-time Channel Model

The considered phase noise channel is shown in the Figure 3.1. The received signal
z(t) is given by

z(t) = s(t)e jθ(t)+w(t) (3.1)

where s(t) = ∑
∞
k=−∞ x̃k p(t− kT ) is the transmitted signal with {x̃k} being the infor-

mation sequence and p(t) is a unit-energy pulse shape. The communication chan-
nel introduces AWGN w(t) and phase noise e jθ(t). The phase noise is modeled as a
Wiener process generated by integrating a white Gaussian process and characterized
by zero-mean Power Spectral Density (PSD) 2πBθ . Note that the phasor e jθ(t) has a
Lorentzian PSD and exhibits 3-dB spectral width Bθ .

As pulse shaping, we consider SRRC pulse shape, which can be expressed as

p(t) = 4β

cos[(1+β )π t
T ]+

sin[(1−β )π t
T ]

4β
t
T

π
√

T [1− (4β
t
T )

2]

where the sample interval is Ts = 1/ fs (dimension: [s]) and β is the roll-off factor,
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Figure 3.2: Characteristics of SRRC pulse shapes (a). Symbol time {T} and sampling
time {Ts} comparison for SRRC pulse shape at β = 0.5, Nu = 8, L = 65, (b). SRRC
pulse shapes for different β , as time function t.

with 0 ≤ β ≤ 1. Some characteristics of the SRRC pulse shape are shown in Fig-
ure 3.2. It can be noticed that the ISI reduces with an increase in the β , however
β = 0.3− 0.7 are commonly used roll-offs in wireless communication system. The
SRRC pulse shapes satisfy the Nyquist criterion, leading to no ISI at symbol-time.
The signal bandwidth for the bandlimited pulse with SRRC transform is strictly lim-
ited to B = (1+β )/2T .

At the receiver side, we consider a front-end filter h(t), which is given by the
convolution of the transmitter pulse with the channel response, having bandwidth Bh

and frequency response H( f ), such that

|H( f )|2 =


1 | f | ≤ B

arbitrary B < | f |< Bh

0 otherwise.

(3.2)

It follows that the useful signal is not attenuated by the filtering operation, since the
frequency response is unitary in the signal bandwidth.

In the absence of phase noise, if sampling with period Ts < 1/2Bh is performed,
the sampled sequence {ri} is a sufficient statistic for the detection of the transmitted
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Figure 3.3: An equivalent discrete-time system model.

sequence [63]. Moreover, taking into account |H( f )|2 has vestigial symmetry with
respect to 1/2Ts, sampling at multiple of time instant Ts leads to independent and
identically distributed (i.i.d.) thermal noise samples. In order to simplify the front-
end implementation, one can assume Ts as an integer fraction of T , i.e., Ts = T/Nu,
where Nu is the oversampling factor. A practical receiver front-end able to deal with
signal bandwidth B can use a filter as in (3.2) with vestigial symmetry at Nu/(2T )
and bandwidth

Nu

2T
< Bh <

Nu

T
−B.

The output signal sampled at rate Nu/T to provide a sufficient statistic with i.i.d.
noise samples.

3.2.2 Discrete-time Channel Model

An equivalent discrete-time system model is shown in Figure 3.3. At the transmitter,
the information symbols {x̃k} are generated in the following way. A binary informa-
tion sequence {ai} is encoded into a sequence {c j} through a binary channel code
with rate R. A modulation scheme with constellation size M = 2b and symbol energy
Es is then used. In particular, we consider M-QAM constellations with multi-level
coding (MLC) [37], such that b1 out of b bits are encoded and the remaining b− b1

are left uncoded. In this case, b1 coded bits identify one of 2b1 possible subsets of
a constellation with 2b points, where as the b− b1 free bits specify a given point of
the selected subsets. The overall spectral efficiency of the considered MLC scheme
is η = R ·b1 +(b−b1) [dimension: bits/symbols] [39, 40].
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3.2.3 Pilot Symbols and Insertion Loss

Initial synchronization is performed through the insertion of pilot symbols in the
transmitted frame, which are known at the receiver. We assume that Np pilot sym-
bols, with energy Ep, are selected from a 4-QAM constellation and interleaved ev-
ery N data symbols, thus obtaining the following effective spectral efficiency η ′ =

ηN/(N +Np). Define Q , NpEp
NEs

as the ratio between the pilot energy and the data
symbol energy. The average data symbol energy can be expressed as

Ēs =
NpEp +NEs

N
= Es(1+Q)

where the factor (1+Q) is the energy penalty due to pilot symbol insertion.
As shown in Figure 3.1, received signal r(t) after front-end filtering is sampled at

time instants {iTs}. Assuming slowly varying phase noise, the samples {ri}1 can be
written as [53]

ri = sie jθi +wi (3.3)

with

si =
∞

∑
k=−∞

x̃k p[(i− kNu)Ts]

=
∞

∑
n=−∞

xn p[(i−n)Ts] (3.4)

where the sequence {xn} is obtained by interpolating the sequence {x̃k} with zeros,
i.e.,

xn =

x̃b n
Nu c n mod Nu = 0

0 otherwise

in which b·c denotes the largest integer less than or equal to the argument. Expression
(3.3) can be rewritten as

ri =
∞

∑
n=−∞

xi−n pne jθi +wi. (3.5)

1In this chapter, the subscript k will be used for symbol time and i for sample time, unless otherwise
stated.
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Although the SRRC filter {pn} has (theoretically) infinite length, it can assumed
to be of finite length due to memory and energy constraints, as suggested in [64]. In
particular, we consider the most significant L terms, with L = 2v+1, so that

pi '

p(iTs) if − v≤ i≤ v

0 otherwise.
(3.6)

Therefore, 2v is the number ISI taps of the equivalent filter. Expression (3.5) for the
received sample can be approximated as follows:

ri ∼=
v

∑
n=−v

xi−n pne jθi +wi. (3.7)

The discrete-time phase noise in (3.7) can be described as first-order Markov,
where

θi = [θi−1 +δi] mod 2π (3.8)

with i.i.d increments δi ∼ N (0,σ2
δ
), being σ2

δ
= 2πBθ Ts the variance of the phase

noise process at sample time. Using the model (3.8), the phase noise process at sym-
bol rate T can be similarly described as

θk = [θk−1 +∆k] mod 2π

where ∆k ∼ N (0,σ2
∆
), with σ2

∆
= Nuσ2

δ
= 2πBθ T .

The received signal (3.7) after pulse shape matched-filtering can be represented
as

r̃i = ri⊗ p∗−L =

[
v

∑
n=−v

xi−n pne jθi +wi

]
⊗ p∗−L

= xigLe jθi + w̃i (3.9)

given w̃i = wi⊗ p∗−L is an AWGN process with variance σ2
w,Nu = N0

2 ·Nu and gL =

pL⊗ p∗−L. Note that up-sampling with a factor Nu of a discrete-time Wiener process
{θi} leads to an σ2

δ
= σ2

∆
/Nu. Similar effect happens for an AWGN channel, such

that σ2
w,Nu = σ2

w,1Nu, in order to have the same values of the PSD of the noise process
as the up-sampling a signal widens the frequency domain without aliasing [65, 66].
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Under the assumption of slowly varying phase noise and optimal matched filter-
ing, the traditional receiver considers sampling at kTs, so that the sampled sequence
can be expressed as follows:

r̃k = xke jθk + w̃k (3.10)

which is a commonly used system model for symbol-time phase noise estimation.
In the presence of optimal matched filtering, it would hold that xk ' x̃k. The average
received energy per information bit is Ēs/η and the per-bit SNR γb can be finally
defined as follows:

γb ,
Eb

No
=

Ēs

No

1
η

=
Es

No

1+Q
η

.

3.3 Phase Synchronization and Detection in a Multi-Sample
Receiver

We now recall the approach proposed in Section 2.2 from Chapter 2, for phase syn-
chronization. An accurate phase estimation algorithm should track the phase vari-
ations on a sample-by-sample basis. We preliminarily assume that the phase noise
process can be approximated as quasi-constant over a (sufficiently short) observation
window of ` consecutive samples. This assumption leads to block-wise phase noise
estimation.

We focus on disjoint consecutive windows, where the phase estimated on a block
of length ` is used to compensate the phase rotation over all the samples of the same
block, which is referred to as block window (see Section 2.2 for detail). Denote as
θ̂ (q) the phase estimate over the q-th `-sample block,

θ̂i = θ̂
(q) i = (q−1)`+1, . . . ,q` q = 1,2, . . . ,np

where np is the number of disjoint blocks with length ` within the same codeword.
Denoting the ` received observables in the q-th block as rrr(q) ,

[
r(q−1)`+1, . . . ,rq`

]
,

under the assumption of constant phase over this block, its ML estimate can be written
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as follows:2

θ̂
(q)
ML = argmax

ϑ∈(0,2π)
p(rrr(q)|ϑ)

Note that, by straightforward application of the Bayes rule, the ML estimate is equiv-
alent to the MAP estimate θ̂ (q) , argmaxϑ∈(0,2π) p(ϑ |rrr(q)). The pulse shape and its
parameters (namely: roll-off β , filter length L, and oversampling factor Nu) are known
at the receiver, so that the sampled signal (3.7) is deterministic but unknown. Let
sssi = ∑

v
n=−v xi−n pn be the total transmitted signal at the i-th instant.

Strategy 1

Considering the available APPs from the coded symbols {x̃k} as useful information,
the following modified ML strategy can be considered:

θ̂
(q) = argmax

ϑ∈(0,2π)
∑

sss∈X `

p(rrr(q)|ϑ ,sss(q))︸ ︷︷ ︸
Known

P(sss(q)|rrr)︸ ︷︷ ︸
From channel dec.

where: sss,
[
s(q−1)`+1, . . . ,sssq`

]
; si(i=(q−1)`+1, . . . ,q`), denotes a sample at epoch i

drawn from the transmitted signal set X with |X |=ML; and rrr is the entire sequence
of received samples, i.e., rrr ,

[
rrr(1), . . . ,rrr(np)

]
over which the phase noise estimation is

to be performed. The PDF p(rrr(q)|ϑ ,sss(q)) is known to be Gaussian from the consid-
ered channel model (3.3), where the term P(sss(q)|rrr) can be referred to as APP of the
unknown constellation which can be calculated based on the filter characteristic and
modulation as suggested in [57]. Since we rely on APPs from channel coding, we use
P(x̃xx|rrr), resulting in an approximate way to estimate phase noise.

In the presence of a channel coding which generates soft outputs in terms of
bit Log-Likelihood Ratios (LLRs), the APPs can be obtained directly from the bit
LLRs, by taking into account the modulation strategy. Using a derivation similar to
that in Section 2.2, the phase estimate for the i-th sample in the q-th block, with
i = (q−1)`+1, . . . ,q`, can be expressed as:

θ̂i = arg[Φq`,`] (3.11)

2Lower case letter denotes a probability density function (PDF) and upper case letter denotes a
probability.
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where

Φq`,` ,

[
`−1

∑
l=0

rq`−lα
∗
q`−l

]
(3.12)

αi ,
v

∑
n=−v

α̃i−n pn (3.13)

α̃i =

α̃b i
Nu c i mod Nu = 0

0 otherwise.
(3.14)

Note that the sequence {α̃i} is obtained by interpolating the sequence {α̃k}with zeros
as shown in (3.14). The quantity αi is an (approximate) transmitted sample.

ISI at the received observable is reduced by matched filtering (3.9) followed by
symbol-time processing (as shown in the dotted section of Figure 3.4), to obtain re-
liable soft-information, and consequently, {αi}. Note that one sample per symbol
is sufficient for sequence detection [63]. The determined APPs from the demap-
per/SISO decoder values on the bits are considered for soft QAM symbol calculation
accordingly as follows:

α̃k ,
M−1

∑
m=0

p(k)m x̃(m) (3.15)

p(k)m , P(x̃k = x̃(m)|r̃).

If a given symbol x̃(m) has probability close to 1 at any instant k, i.e., p(k)m = 1, then
α̃k ' x̃(m); on the other hand, if no APP is available, then α̃k corresponds to the
unweighted center of the constellation. In the presence of a pilot symbol x̃k, then
α̃k = x̃k.

The computation of the probabilities {p(k)m }, obtained from the soft-output in-
formation generated by the decoder is independent of the presence/absence of MLC
[51]. Since an M-ary symbol x̃k is labeled by b = log2 M bits (c(1)k , . . . ,c(b)k ), one
obtains

P(x̃k|r̃rr) =
log2 M

∏
j=1

P(c( j)
k |r̃rr) =

log2 M

∏
j=1

e(1−c( j)
k )L (c( j)

k )

1+ eL (c( j)
k )
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where

L (c( j)
k |r̃rr), ln

P(c( j)
k = 0|r̃rr)

P(c( j)
k = 1|r̃rr)

, j = 1, . . . , log2 M

are the LLRs output either by the soft-output channel decoder (coded bits) or by the
soft-output demapper (free-bits) depending on the MLC-based strategy. Soft QAM
symbol (after up-sampling) with pulse shape are used block-wise to determine the
phase noise.

As already proposed in Section 2.2.3, we can rely on block window phase estima-
tion scheme based on Phasor Linear Prediction (PLP). According to this approach,
the phase estimate (at sample time) is given by

θ̂i,ISC1 = arg

[
`−l

∑
q=0

Φi+q,`

]
(3.16)

where

`−l

∑
q=0

Φi+q,` =
`−1

∑
j=−`+1

u jri− jα
∗
i− j (3.17)

where u j , `−| j|, j ∈ {−`+1, . . . , `−1}. In particular, in (3.17) the weighing coef-
ficients {u j} have a triangular shape. Due to the nature of received observable {ri},
we refer this approach to as an Inter-Symbol Correlated (ISC). 3

Strategy 2

An adaptive filter approach can be employed for matched filtering and noise cancel-
lation [61, 67]. In particular, we consider two sub-adaptive filters to mimic a desired
filter response, which can optimize the performance of the receiver in the presence of
phase noise.

In the strategy 1, the received observable r̃i is used for symbol-time process-
ing in (3.15). In fact, the received observable from the channel consists of a vector
rrri = [ri ri+1 . . . ri+L−1]

T , containing L = 2v+14 received samples as an input to the

3The subscript in ISC1 refers to strategy 1 and vice versa.
4The L is solely used to avoid any further confusion in the derivation.
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matched filter. The L−1 additional partial information in the past and future terms in
the received observable rrri, can be used for phase noise estimation. Note that SRRC
filter has a linear-phase response. The output of the matched filter (previously dis-
cussed in (3.9), now in terms of L) r̃i can be expressed as follows:

r̃i =
L−1

∑
l=0

ψlri+L−1−l =
L−1

∑
l=0

p∗l ri+l (3.18)

where ψl = p∗L−1−l,0≤ l ≤ L−1 is the impulse response of the matched filter.

For convenience in deriving the proposed phase noise estimation algorithm and
making distinction with r̃i, we assume a vector zzzi (an equivalent to r̃i), such that

zzzi , [zi−M2 . . . zi−1 zi zi+1 . . . zi+M1 ] (3.19)

The samples {zi}, its preceding M2 samples and subsequent M1 samples constitutes
the vector zzzi, having length Mwd = M1 +M2 +1. In addition to L samples of the rrri at
the input of the matched filter, an additional Mwd samples are required to avoid any
non-linearity in (3.19), which can be expressed as follows:

rrri , [ri−M2 . . . ri−1 ri ri+1 . . . ri−M1+L−1]
T (3.20)

We define a feedforward (i.e., matched filter) filter matrix Ψ of size Mwd×(Mwd +

L−2) as

Ψ =


p∗0 p∗1 . . . p∗L−1 0 . . . 0
0 p∗0 p∗1 . . . p∗L−1 0
...

...
. . . . . . . . . . . .

...
0 0 . . . p∗0 p∗1 . . . p∗L−1

 . (3.21)

Based on the (3.18), we obtain

zzzi = rrriΨ. (3.22)

The decision feedback matrix ΨFB can be obtained according to (3.9). The matrix
ΨFB has same dimension as Ψ, i.e., Mwd × (Mwd +L− 2). Instead ψl , we use gL =
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pL⊗ p∗−L as mentioned in (3.9), which can be expressed as follows:

ΨFB =


g0 g1 . . . gL−1 0 . . . 0
0 g0 g1 . . . gL−1 0
...

...
. . . . . . . . . . . .

...
0 0 . . . g0 g1 . . . gL−1

 (3.23)

The symbol-time processed information from (3.13) in conjunction with (3.23)
can be used to obtain AAAi,

AAAi =ααα iΨFB. (3.24)

Finally, phase estimate for the i-th sample in the q-th block for a given L-th col-
umn can be determined from (3.22) and (3.24), which can be expressed as follows:

`−l

∑
q=0

Φi+q,L =
`−1

∑
j=−`+1

u jzzzi− j(Ai− j)
† (3.25)

ϑ̂i,L = arg

[
`−1

∑
q=0

Φi+q,L

]
(3.26)

θ̂i,ISC2 =
1
L

L

∑
n=1

ϑ̂i,n (3.27)

where u j , `−| j|, j ∈ {−`+1, . . . , `−1} and (·)† denotes the transpose conjugation
of the selected vector set. An average of the estimated L phases in (3.26) are used in
(3.27) for each i-th received sample.

3.4 Iterative Receiver Structure

Figure 3.4 shows the proposed low-complexity iterative receiver structure, whose
phase estimation is performed at sample time. We now describe the principle of oper-
ation of the proposed iterative receiver structure, which consists of matched filtering
(MF), linear interpolator (INT), demapper and soft-input soft-output (DEM/SISO)
decoder block which consists of demodulation, channel and an MLC decoder. The
obtained symbol from the soft-information of the DEM/SISO with known transmit
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Figure 3.4: Block diagram of the proposed iterative multi-sample receiver.

pulse shape is used in the phase estimation procedure according to (3.16) and (3.27),
to perform synchronization at sample instant.

Initially, matched filtering is used to reduce ISI and obtain reliable {r̃i}, which are
then fed to symbol-time processing after downsampling with a factor Nu. Linear inter-
polator would be operational during the first iteration of the iterative receiver and rest
of the iteration uses the {r̃i} directly for the detection. This preliminary phase noise
estimation enables the soft demapper and decoder to provide reliable output, which
is necessary to perform the remaining iterations of the proposed iterative receiver.

The linear interpolator operates on the known consecutive pilot symbols, which
are interleaved in the transmitted data sequence. In correspondence to pilot symbols,
the phase noise process is estimated as the difference between the phase of the re-
ceived symbol and the phase of the transmitted symbol x̃k:

θ̂k = ∠r̃kx̃∗k .

The observable at the output of the interpolator, denoted as {ŕk}, can be expressed as
follows:

ŕk = r̃ke−ϕ̂k,int = x̃ke−(θk−ϕ̂k,int)+ w̃k

where e−θ̂k,int is the derotation introduced by the linear interpolator block and the
noise process {w̃k} is still i.i.d. Gaussian.
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After the initial phase noise compensation by the linear interpolator, the observ-
ables {ŕk} are fed directly to the input of the DEM/SISO decoder, which uses the
demodulator/decoder, whose soft outputs are then passed to the MLC decoder [51].
Since multi-level coding is used, the soft-output information associated with the free
bits should be computed according to the multi-level coding scheme in Section ??.
The channel decoder provides soft output information on the coded bits and, there-
fore, one can compute the most likely coded sequence output by the channel decoder.
For b1 = 4 and b > b1, each 4 decided code bits identify a subset associated with a
sub-constellation of size 2b−4, corresponding to b−4 free bits. At this point, one can
compute the soft output on the free bits based on this sub-constellation. The LLRs on
the channel coded bits and on the free bits can then be combined to generate APPs
on the constellation symbols. The obtained symbol from the soft-information of the
DEM/SISO with known transmit pulse shape is used to estimate the phase noise in
the transmitted sequence.

After the first iteration, the {r̃k} will be used for a maximum of nit iterations.
At the ñ-th iteration (ñ = 1, . . . ,nit), the phase estimator operates on the observables
vector yyy[ñ] obtained as

yyy[ñ] = rrr ◦ e−θ̂θθ [ñ−1] (3.28)

where rrr is the received observable from the channel, and θ̂θθ [ñ− 1] is the estimated
phase noise for a given ñ-th iteration. The symbol ◦ represents the Hadamard (or
element-wise) product between two vectors. Note that the exponential function is ap-
plied element-wise to the vector θ̂θθ [ñ−1]. The observable yyy[ñ] is fed to the DEM/SISO
decoder after matched filtering to compute the APPs on the transmitted symbols and
to be used in (3.16) or (3.26) for their respective phase estimation algorithm. Note
that, since the derotated observable yyy[ñ] is used, the estimated phase corresponds to a
residual phase error ϑ̂ϑϑ [ñ], which is accumulated to obtain the phase estimate

θ̂θθ [ñ] = θ̂θθ [ñ−1]+ϑ̂ϑϑ [ñ]

to be used in (3.28). After nit iterations, a final decision on the vector of transmitted
bits is emitted.
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3.5 Performance Analysis

3.5.1 Simulation Setup

In this section, we investigate the performance in terms of BER of the proposed re-
ceiver scheme with iterative synchronization and demodulation/decoding for a coded
64-QAM scheme based on MLC strategy. Np = 1 pilot symbol is inserted in the frame
every N = 48 symbols and belongs to a 4-QAM constellations with average energy
2.5 times the average energy of the data symbols. The channel code is an LDPC code
with rate R = k/n1 = 7/8, with k = 7056 and n1 = 8064. The exponent parity-check
matrix construction (semi-random technique) and the encoding algorithm of the used
LDPC code are those of the WiMAX standard [ [49], Paragraph 8.4.9.2.5, Annex H].
In particular, the exponent parity-check matrix has nb,r = 12 rows, nb,c = 96 columns,
a spreading factor Z f = 84, a constant row weight wr = 32 and an average column
weight wc = 4. LDPC decoding is based here on the sum-product algorithm, where
at the end of each internal iteration the algorithm verifies the parity check equation
of the code and stops if it is satisfied. The maximum number of decoding iterations
are set to 50.

3.5.2 Numerical Results

In Figure 3.5, the BER is shown, as function of γb, for 64-QAM, σ∆ = 1◦, 5 iterations,
and window length `1 = `/Nu = 32 symbols. In particular, we assume two samples
per symbol i.e., Nu = 2. A filter with finite length L = 13 with a roll-off β = 0.3 is
used to analyzed the performance of the system. The simulation results are compared
with traditional receiver structure which assumes only one sample per symbol at the
channel and receiver with an optimized phase estimation algorithm i.e., PLP in Sec-
tion 2.2.3. The traditional receiver is also simulated with more samples per symbol at
the channel and one sample per symbol at the receiver. The “PLP with matched fil-
tering” (PLP-MF) considers two samples per symbol at the channel and one sample
per symbol at the receiver. The proposed iterative receivers using phase estimation
algorithm based on ISC1 and ISC2 schemes assumes two samples per symbol at the
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Figure 3.5: BER as a function of γb for the proposed receiver with β = 0.3, L = 13,
σ∆ = 1◦, and nit = 5.

channel and receiver. For fair comparison, we assume same filter characteristics i.e.,
L = 13, β = 0.3.

It can be noticed here from the simulation results in Figure 3.5, that the phase
noise model considering one sample per symbol is a “worst-case" scenario. An im-
provement can be noticed with the PLP-MF which consider two samples per symbol
at the channel. The performance of the proposed iterative receiver scheme using ISC1

and ISC2 based algorithms performs better than the system with PLP and PLP-MF.
Simulation results with ISC2 are slightly better than ISC1.

In Figure 3.6, the simulations are repeated for nit = 10 with same parameter set-
tings and the performance of receivers with σ∆ = 1.5◦ is also included. From the
simulation results, we notice that the performance of the proposed iterative receiver
achieves better performance at both phase noise variances i.e., σ∆ = 1◦,1.5◦.

The performance of the iterative receiver for different values of filter length L =

2v + 1, where v = Nuv1 is presented in Figure 3.7. For equal spacing for each L,
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Figure 3.6: BER as a function of γb for the proposed receiver with β = 0.3, L = 13
and nit = 10. Various values of σ∆ are considered.

we consider BER as a function of v1. It can be noticed that the performance of the
receiver improves by increasing the value of β and v1 and window length ` for Nu = 2
sample per symbol. The improvement due to an increase in the value of β is due to
the fact that the ISI reduces with an increase in β value, which improves the receiver
performance. Similar analogue holds for L = 2Nuv1 +1, as an increase in the values
of L, better characterizes the ISI. Since the various parameter settings (pilot spacing,
coding-rate R, β , Nu etc.) may affect phase noise estimation performance in different
ways, the comparisons made here may not be conclusive, and further investigation is
a subject of future work.

3.6 Concluding Remarks

In this chapter, we have analyzed the performance of pilot symbol-aided iterative syn-
chronization based on MAP phase estimation for a phase noise-impaired communica-
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Figure 3.7: Block diagram of the proposed iterative multi-sample receiver.

tion system, where both the channel and the receiver are characterized by more than
one sample per symbol interval. We have derived a low-complexity phase synchro-
nization algorithm, which has been exploited in a proper iterative receiver structure.
Despite, some work in the literature for multi-sample receiver for phase noise chan-
nel from information-theoretic perspective, this work proposes a pragmatic iterative
synchronization receiver that exploits more samples per symbol from the channel.
Our simulation results with medium constellation e.g., 64-QAM clearly shows the
robustness of the proposed receiver.





Chapter 4

Phase Synchronization for
Dually-Polarized Communications

Dually-polarized radio schemes are an attractive design choice for future wireless
communication systems, as the overall spectral efficiency is directly twice that sup-
ported by each component polarization. However, Cross-Polarization Interference
(XPI) has a detrimental impact on the system robustness, where phase noise adds
further perturbation, making the design of dually-polarized systems challenging.

In this chapter, we propose an innovative Minimum Mean Square Error (MMSE)-
based iterative synchronization algorithm for an asynchronous dually-polarized radio
link affected by phase noise. A novel soft decision-directed iterative receiver, for
separate A Posteriori Probability (APP)-based synchronization and decoding, is pro-
posed. The key idea of the proposed synchronization algorithm relies on an MMSE-
based cancellation of the XPI followed by phase estimation on the polarization of
interest. An attractive feature of the proposed approach is the fact that it requires no
statistical knowledge of the phase noise process.

The rest of this chapter is structured as follows. In Section 4.2, the system model
used for the dually-polarized system is presented, where as Section 4.3, we derive
the novel phase noise estimation algorithm for the XPD scenario. Section 4.4, we
devise an iterative receiver for the proposed strategy. Performance analysis is given
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in Section 4.5 and Section 4.6 concludes this chapter.

4.1 Introduction

Antenna polarization diversity provides a cost- and spatial-effective solution to in-
crease spectral efficiency [2]. In the presence of polarization diversity, two indepen-
dent data streams are transmitted through two orthogonal polarizations (namely, ver-
tical and horizontal polarizations) using the same carrier frequency: these systems
are typically referred to as dually-polarized systems. In practice, however, the two
polarizations are not perfectly orthogonal. In particular, there can be some energy
“leakage” between the polarizations, thus generating Cross-Polarization Interference
(XPI). The influence of the XPI is especially noticeable when dual polarization is
considered with phase/amplitude modulated schemes, e.g., Quadrature Amplitude
Modulation (QAM). As shown in [3, 68], the overall bandwidth efficiency of the
microwave radio-link can be improved by using a Cross-Polarization Interference
Canceler (XPIC) at the receiver. In remainder of this chapter, dually-polarized sys-
tems with the use of an XPIC at the receiver will be referred to as Cross-Polarization
Discrimination (XPD) systems.

XPD system is an attractive choice for future wireless communication systems,
where carrier synchronization plays a pivotal role. In this context, the radio-frequency
oscillators are crucial components in wireless communication transceivers, which are
used for the generation of reference signals in the synchronization setup. A realistic
oscillator is subject to unwanted noise, in terms of temporal instabilities and spectral
dispersions. These instabilities, collectively referred to as phase noise [1], induce dis-
tortions (in the limiting case, complete loss of information) in traditional receivers.
A vast research literature on phase noise-impaired single polarization transmission
schemes exists, from both communication-theoretic and information-theoretic per-
spectives [9, 11, 12]. However, a very limited portion of the research literature has
addressed the carrier synchronization problem in XPD systems. In the presence of
spectrally efficient modulations (e.g., high-order QAM) in XPD systems, phase noise
becomes detrimental, even in the presence of equalization and XPIC at the receiver.
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Figure 4.1: Block diagram of the considered XPD system.

In this chapter, a phase noise-impaired XPD system with independent data trans-
mission stream are considered and a novel iterative synchronization/detection re-
ceiver structure is proposed. In fact,: (i) the transmitters in the two polarization planes
are not synchronized (time-wise and phase-wise); and (ii) at the receiver side, for each
polarization “branch,” the corresponding decoder and synchronizer have no direct ac-
cess to side information (in terms of phase estimates and data decisions) coming from
the other polarization branch.

4.2 System Model

The block diagram of the reference system model is shown in Figure 4.1. At the
transmitter, two independent binary information sequences {aaa(i)}2

i=1 are generated at
a common bit rate rb (dimension: [b/s]). Each information sequence aaa(i)(i = 1,2) is
encoded by a binary channel code, with code rate R, into a coded sequence ccc(i). Each
coded binary sequence is modulated using a modulation scheme with constellation
size equal to M = 2b and average symbol energy Es.

4.2.1 Multi-Level Coding

Multi-level channel encoding strategy is considered for high-order modulation schemes
[37]. More precisely: for small-size constellations (say b ≤ b1, where b1 is a small
integer), all bits are encoded; for medium/high-size constellations, i.e., for b > b1, b1
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out of b bits are encoded (“coded” bits) and the remaining b2 = b− b1 bits are left
uncoded (“free” bits).1 Therefore, in the latter case b1 coded bits identify one of 2b1

possible subsets of a constellation with a total of 2b points, whereas the b2 free bits
specify a given point of the selected subset. According to Ungerboeck set partition-
ing [13], subsets are designed to maximize the Euclidean distance between symbols
in each subset. Gray mapping, in terms of free bits, is used to label the points in a
given subset [39, 40]. The overall spectral efficiency of the considered multi-level
coding scheme is

η =

{
R ·b bit/symb if b≤ b1

R ·b1 +(b−b1) bit/symb if b > b1.

Although the proposed approach is very general (in terms of the considered coded
modulation schemes) and, as will be shown in Section 4.3, requires only APPs on the
transmitted symbols, in Section 4.5 we will focus on LDPC-coded M-QAM schemes.
In particular, no multi-level coding is considered up to 16-QAM (i.e., b = b1 = 4),
whereas it is applied to larger constellation sizes (e.g., 64-QAM or 1024-QAM, keep-
ing b1 = 4 in both cases).

4.2.2 Pilot Symbols and Insertion Loss

Initial synchronization (in the absence of APPs) is performed through the insertion,
in the transmitted frame, of pilot symbols, known at the receiver, with energy higher
than the average energy of data symbols [41]. We assume that Np pilot symbols are
interleaved every N data symbols, thus leading to the following effective spectral
efficiency:

η
′ = η

N
N +Np

bit/symb.

Denoting the pilot symbol energy as Ep, we define

q ,
NpEp

NEs
(4.1)

1This approach has the implementation advantage of keeping the coding strategy unalterated even if
the modulation order increases.
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as the ratio between pilot and data energies. Typically, q ≤ 1, in fact, if q > 1 the
system would be inefficient, as more energy would be reserved to pilot symbols rather
than to data symbols.

The average data symbol energy can then be expressed as

Es =
total frame energy

number of data symbols
=

NpEp +NEs

N
= Es (1+q) (4.2)

where the factor (1+ q) takes into account the energy penalty due to pilot symbol
insertion. The average energy per information bit is equal to Es/η and the per-bit
Signal-to-Noise Ratio (SNR) γb can be defined as follows:

γb ,
Eb

N0
=

Es

N0

1
η

=
Es

N0

1+q
η

.

4.2.3 XPD Channel and Phase Noise

All oscillation phases (at the transmitters and at the receivers) are assumed to be
independent. In this scenario, the overall transmitted sample on the i-th polarization
branch can be given the following expression:

x̃(i)k = hiix
(i)
k e jφ (i)

k +hi jx
( j)
k e jφ ( j)

k i, j ∈ {1,2} i 6= j (4.3)

where: k is the symbol epoch; i/ j denote the polarizations (i.e., vertical or horizontal);
x(i)k /x( j)

k are the QAM modulated symbols on the i/ j-th polarization associated with
the coded symbols c(i)k /c( j)

k ; and φ
(i)
k /φ

( j)
k are the phase rotations incurred by symbols

x(i)k /x( j)
k in the two polarization branches at the transmitter. The matrix

HHH ,

 h11 h12

h21 h22


fully characterizes the cross-polarization “intersection” between the two information
flows. In particular: hi j (i, j = 1,2, i 6= j) denotes the interference induced by the
j-th polarization transmission on the i-th polarization one (referred to as cross-polar
term); whereas hii (i = 1,2) denotes the co-polar gain. In the application of interest,
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|hii| > |hi j| ( j 6= i), i.e., the interference induced by the signal transmitted on other
polarization branch is smaller than the useful signal.

The observable at the input of the receiver relative to the i-th polarization branch
can be written as follows:

r̃(i)k = x̃(i)k e jψ(i)
k +n(i)k i ∈ {1,2} (4.4)

where: x̃k is given by (4.3); ψ
(i)
k is the channel-induced phase rotation experienced

by the signal in the i-th polarization branch; and n(i)k is an Additive White Gaussian
Noise (AWGN) complex sample with per component variance σ2 = N0/2. Inserting
(4.3) in to (4.4) leads to the following expression for the observable:

r̃(i)k =
(

hiix
(i)
k e jφ (i)

k +hi jx
( j)
k e jφ ( j)

k

)
e jψ(i)

k +n(i)k

= hiix
(i)
k e jθ (ii)

k +hi jx
( j)
k e jθ ( ji)

k +n(i)k i, j ∈ {1,2} i 6= j (4.5)

where θ
(ii)
k , φ

(i)
k +ψ

(i)
k and θ

( ji)
k , φ

( j)
k +ψ

(i)
k . If the two transmitted signals are

modulated using the same oscillator,2 then φ
(i)
k = φ

( j)
k and expression (4.5) reduces

to
r̃(i)k = hiix

(i)
k e jθ (ii)

k +hi jx
( j)
k e jθ (ii)

k +n(i)k i, j ∈ {1,2} i 6= j. (4.6)

The phase noise process {θ (ii)
k } is generated according to a proper discrete-time

model, which realistically represents (in discrete-time) the experimental (continuous-
time) phase noise process affecting the local oscillators at the transmitter. In par-
ticular, a phase noise model with quadratic power spectrum decaying is considered
for simulation purposes [42]. The equivalent discrete-time model is the well-known
Wiener model, which can be given the following general expression:

θk = θk−1 +∆k

where ∆k ∼ N (0,σ2
∆
) are independent and identically distributed (i.i.d.) Gaussian

increments with zero mean and variance σ2
∆

. Although we consider a Wiener phase

2In general, the two components θ
(ii)
k and θ

( ji)
k have identical statistical distribution. Therefore,

expression (4.6) for r̃(i)k accurately characterizes the behavior of the XPD systems in the presence of
phase noise.
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noise model, we remark that our approach is general and can be applied to various
phase noise models. In fact, as will be shown later, the proposed synchronization
strategy is “blind,” as it does not require any a priori statistical knowledge of the
phase noise process.

The receiver, as shown in Figure 4.1, is composed by two sub-blocks: the Front
End (FE) and the Iterative Detection and Phase Estimation (IDPE) sub-block. In fact,
bootstrapping (carried out by the FE sub-block) is required before activation of the it-
erative synchronization/detection procedure (carried out by the IDPE sub-block). As
shown in Figure 4.1, the FE is a preliminary stage which removes the non-linearities
present in the received signal {r̃(i)k }2

i=1: the “refined” observables at the input of the
IDPE sub-block will be denoted as {r(i)k }2

i=1. In Section 4.4, the FE and the IDPE
sub-blocks are discussed in detail. As shown in Figure 4.1, the IDPE sub-block is
composed by a soft-output demodulation/decoding block (which will be “off-the-
shelf”) and a phase estimation block, where a novel MMSE-based XPI cancellation
and phase estimation algorithm, which exploits APPs generated by the soft-output
demodulator/decoder is used. Section 4.3 is dedicated to preliminary derive this al-
gorithm.

4.3 MMSE-based XPI cancellation and Synchronization

With the aim of keeping the computational complexity low, inspired by the work
in [44] for channels affected by a constant phase offset, we preliminarily assume that
the phase noise process can be approximated as quasi-constant over a (sufficiently
short) observation window of ` consecutive samples. This assumption leads naturally
to block-wise XPI cancellation and phase noise estimation. In particular, the window
length ` should be chosen as a tradeoff: it should be as small as possible to meet
the quasi-constant assumption of the phase noise, but it should also be as large as
possible to average out the negative impact of the AWGN.

Unlike “classical” phase estimation in single polarization systems, in dually-
polarized systems XPI has to be carefully taken in to account. Our approach will aim
at canceling XPI before carrying out phase estimation for the polarization of interest.
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In Subsection 4.3.1, we first focus on disjoint consecutive windows, where, through
an MMSE-based strategy, the phases estimated (on both polarizations) for a block of
length ` is used to cancel the XPI and then compensate the phase rotations over all
symbols of the same block: this approach is referred to as Block Window (BW). In
Subsection 4.3.2, a sliding window phase estimation strategy is then derived as an
extension of the BW strategy.

4.3.1 Block Window

MMSE Strategy with Perfect Symbol Knowledge

The BW MMSE XPI cancellation and phase estimation strategy is motivated from
the Master/Slave phase synchronized first-order Phase-Locked Loop (PLL) scheme
proposed in [69]. The operational principle of a Master/Slave Phase Estimation (M/S-
PE) block is to improve the phase tracking performance of both polarization branches:
more precisely, the M-PE block is the starting one and the S-PE block exploits the
phase estimated by the former. In the considered XPD system, the M-PE block is
associated with the branch of interest (referred to as co-polar branch).

We preliminary denote the m-th `-symbol block of observables on the i-th (i ∈
{i,2}) polarization branch as:

rrr(i)m , [r(i)(m−1)`+1, . . . ,r
(i)
m`], m = 1,2, . . . ,np

where np is the number of `-symbol disjoint blocks within the same codeword.3 As
anticipated above, we assume that, over a window of length `, the estimated phase
process {ϕ̂(i)

k }m`
k=(m−1)`+1 over the ` symbols of the m-th block can be approximated

as constant, i.e.:

ϕ̂
(i)
k = ϕ̂

(i)
m k = (m−1)`+1, . . . ,m` i ∈ {1,2}.

The overall phase estimate vector over the symbols associated with a particular code-
word is denoted as ϕ̂ϕϕ

(i) , [ϕ̂
(i)
(1), . . . , ϕ̂

(i)
(np)

].

3In the following, we will use the subscript k for the symbol index and bold symbols with the
subscript m for the the m-th block.
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Given the above assumptions and assuming perfect knowledge of the co-polar
symbols {x(1)k }m`

k=(m−1)`+1, the proposed BW estimation strategy reads as follows:

ϕ̂
(1)
m , ϕ̂

(2)
m = argmin

ϕ
(1)
m ,ϕ

(2)
m

`−1

∑
l=0

∣∣∣z̃(1)m`−l− x(1)m`−l

∣∣∣2 (4.7)

where

z̃(1)m`−l ,
[
r(1)m`−l + r(2)m`−le

−ϕ
(2)
m
]

e−ϕ
(1)
m . (4.8)

The intuitive idea behind the block-wise MMSE strategy in (4.7) is that of using
the modified observables {z̃(1)m`−l}, as defined in (4.8), which are obtained from the co-
polar branch observables {r(1)m`−l} by first eliminating the XPI and then, by de-rotating
the “cleaner” observable. Using (4.8) into (4.7) and dropping irrelevant terms, after a
few simple manipulations, one obtains:

ϕ̂
(1)
m , ϕ̂

(2)
m = argmin

ϕ
(1)
m ,ϕ

(2)
m

`−1

∑
l=0

[∣∣z̃(1)m`−l

∣∣2−2ℜ

{
z̃(1)m`−l

(
x(1)m`−l

)∗}
+
∣∣x(1)m`−l

∣∣2]
= argmax

ϕ
(1)
m ,ϕ

(2)
m

ℜ

{
Be−ϕ

(1)
m +Ce−(ϕ

(1)
m +ϕ

(2)
m )+De−ϕ

(2)
m

}
(4.9)

where

B , ∑
`−1
l=0 r(1)m`−l(x

(1)
m`−l)

∗ (4.10)

C , ∑
`−1
l=0 r(2)m`−l(x

(1)
m`−l)

∗ (4.11)

D ,−∑
`−1
l=0 r(2)m`−l(r

(1)
m`−l)

∗. (4.12)

From (4.9), given ϕ
(2)
m , it would follow that

ϕ̂
(1)
m = arg

[
B+Ce−ϕ

(2)
m
]
. (4.13)

Similarly, given ϕ
(1)
m , from (4.9) it would follow that

ϕ̂
(2)
m = arg

[
D+Ce−ϕ

(1)
m
]
. (4.14)
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rrr(1)

e−jϕ̂ϕϕ(2)
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e−jϕ̂ϕϕ(1)

xxx(1)/ααα(1)

arg(.)

ϕ̂ϕϕ(1)

B

D

Solve (4.15)

Phasor
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ϕ̂ϕϕ(2)

(fixed point eq.)

Compute

B,C,D C

PRE-PROC. *

SLAVE ***

(4.10)-(4.12)

Figure 4.2: Block diagram of the proposed Master/Slave synchronization scheme
(i.e., equations (4.15) and (4.16)). The observable sequence rrr(1) corresponds to the
polarization of interest.

Under the assumption (verified later) that a unique solution (ϕ̂(1)
m , ϕ̂

(2)
m ) exists, insert-

ing (4.14) into (4.13) one obtains

ϕ̂
(1)
m s. t. ϕ̂

(1)
m = arg

[
B+Ce

−arg
[

D+Ce−ϕ̂
(1)
m

]]
︸ ︷︷ ︸

, f (ϕ̂(1)
m )

(4.15)

ϕ̂
(2)
m = arg

[
D+Ce−ϕ̂

(1)
m
]
. (4.16)

In Figure 4.2, block diagram of the M/S-PE scheme corresponding to (4.15) and
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ℜO

Q

P

6 B − ϕ(1)

|B|

6 C − ϕ(1) − ϕ(2)
|C|

|D|
6 D − ϕ(2)

R
ℑ

Objective function in (4.7)

(a)

ℜ
|B|

|C|

P R

ℑ

6 B − ϕ̂(1)

6 C − ϕ̂(1) − ϕ̂(2)

Q

|D|

6 D − ϕ̂(2)

O

(b)

Figure 4.3: Geometric interpretation of the optimization problem in (4.9): (a) general
geometric setting and (b) optimal MMSE solution.

(4.16) is shown. In Figure 4.3, a geometric interpretation of the optimization problem
in (4.9) is shown, for simplicity, the block index m has been dropped. In particular,
in Figure 4.3 (a) the general geometric setting is shown, with the explicit indication
of the three segments which correspond to the three addenda inside the real operator
at the right-hand side of (4.9). The complex argument of the real operator is denoted
as R. The maximization problem in (4.9) is equivalent to selecting the two angles
ϕ(1) and ϕ(2) so that the real part of the complex number R or, equivalently, the real
part of the segment OR is maximized. It can be geometrically shown, as illustrated in
Figure 4.3 (b), that the real part of the segment OR is maximum when the segments
OQ and PR are parallel to the real axis (in particular, the segment OQ lies on the real
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axis). This can be intuitively explained as follows:

• first, by varying the angle ϕ(1), it is possible to bring the point Q on the real
axis: this is the “best” strategy to maximize the real part of the segment OR by
acting only on ϕ(1);

• at this point, by varying the angle ϕ(2), the the real part of the segment OR is
maximized when the segment PR is parallel to the real axis;

• the second step of the geometric optimization procedure might have moved the
point Q off the real axis: if so, then the angle ϕ(1) can be further readjusted in
order to bring Q on the real axis and to further maximize the real part of the
segment OR;

• at this point, ϕ(2) and ϕ(1) are recursively adjusted (with minor and minor vari-
ations) in order to reach the configuration in Figure 4.3 (b). The corresponding
final phases ϕ̂(1) and ϕ̂(2) are the phase estimates obtained according to the
proposed MMSE strategy and composed to (4.15) and (4.16).

Although the above geometric considerations show that the solution (ϕ̂(1), ϕ̂(2)) is
unique, a rigorous mathematical proof is an open research problem. Note that (4.15) is
a fixed-point equation, whose solution can be obtained by leveraging on any iterative
algorithm suited to solve this kind of problem. In Figure 4.4, ϕ

(1)
m and f (ϕ(1)

m ), which
appears in (4.15), are shown in radians. One should observe that f (ϕ(1)

m ) is a periodic
function of ϕ

(1)
m and a unique intersection with the line ϕ

(1)
m exists. Therefore, the

function f (ϕ(1)
m )−ϕ

(1)
m has only one zero, which corresponds to the unique solution

of (4.15).

Based on (4.13), the phase estimate for the k-th symbol in the m-th block (k =

(m−1)`+1, . . . ,m`) can finally be expressed as

ϕ̂
(1)
k,BW = arg

[
B+Ce−ϕ

(2)
m
]
= arg[ΦAPP1

ml,l ] (4.17)

where the subscript BW has been introduced to clearly refer to the BW strategy and,
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Figure 4.4: ϕ
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m and f (ϕ(1)

m ) (as defined in (4.15)) in radians, for 64-QAM modula-
tion, γb = 12.5 dB and `= 16.

from the definitions of B and C in (4.10) and (4.11),

Φ
APP1
ml,l ,

`−1

∑
l=0

[
r(1)m`−l(x

(1)
m`−l)

∗+ r(2)m`−l(x
(1)
m`−l)

∗e−ϕ
(2)
m
]
. (4.18)

Similarly, from C and D defined in (4.11) and (4.12), expression (4.14) can be equiv-
alently written as:

ϕ̂
(2)
k,BW = arg[ΦAPP2

ml,l ], arg
`−1

∑
l=0

[
r(2)m`−l(x

(1)
m`−l)

∗e−ϕ
(1)
m − r(2)m`−l(r

(1)
m`−l)

∗
]
. (4.19)

MMSE Strategy with APPs

From a practical point of view, perfect knowledge of the co-polar symbols {x(1)m`−l}
is impossible. In practice, provided that a prior soft information on {x(1)m`−l} is avail-
able, then a symbol x(1)m`−l can be replaced by the following “soft symbol” based on
available symbol APPs {plm}:

α
(1)
m`−l ,

M−1

∑
m1=0

plmx̃(m1)
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where {x̃(m1)}M−1
m1=0 are symbols of the considered modulation constellations. In other

words, αm`−l represents the center of gravity of the transmitted constellation, at time
instant m`− l, based on the symbol APPs. For example, in the presence of channel
coding, {plm} can be derive from a soft-output decoder, as we now consider.

The symbol APPs {plm} are computed from the bit APPs output by the channel
decoder. With reference to the channel coding scheme introduced in Section 4.2, we
remark that the detection of the symbol APPs is independent of the presence/absence
of the multi-level coding strategy. In fact, if multi-level coding is not considered (i.e.,
b1 ≤ 4), all bit APPs come from the channel decoder; otherwise, b1 APPs come from
the decoder and b−b1 bit APPs come from the demapper. Since all symbols and bits
are assumed independent, it follows that

P(xxxm|rrr) =
`−1

∏
l=0

P(xm`−l|rrr)

where

P(xm`−l|rrr) =
b

∏
h=1

P(c(h)m`−l|rrr)'
b

∏
h=1

e
(

1−c(h)m`−l

)
L̂

(h)
m`−l

1+ eL̂
(h)

m`−l

and

L
(h)

m`−l , ln
P(c(h)m`−l = 0|rrr)
P(c(h)m`−l = 1|rrr)

. (4.20)

The LLRs {L (h)
m`−l} are obtained from the channel decoder (h ≤ b1) or from the

demapper (b1 < h ≤ b). If a given symbol x̃(m1) has probability close to 1 at time
instant m`− l, then αm`−l ' x̃(m1). In particular, αm`−l = Pm`−l if Pm`−l is a pilot
symbol.

4.3.2 Sliding Window

The BW strategy outlined in Section 4.3.1 relies on disjoint consecutive `-symbol
windows. A possible extension leads to the use of an `-symbol sliding window, in
which the phases estimated for a block of observable (on both polarizations) of length
` will be associated to the symbols at the center of the block. Such extensions will



4.4. Iterative Receiver Structure 67

help to overcome the limitation of the constant phase assumption with an increase
in computational complexity. Filtering can be used to further improve the estimated
phases. Taking into account the definition (4.18) and (4.19), the phase estimate at the
epoch k can be expressed:

ϕ̂
(1)
k,PLP = arg

[
`−1

∑
i=−`+1

πiΦ
APP1
ml+i,l

]
(4.21)

ϕ̂
(2)
k,PLP = arg

[
`−1

∑
i=−`+1

πiΦ
APP2
ml+i,l

]
(4.22)

where {π} are proper weights. The phase estimation strategy (4.21) is a generalized
(APP-based) instance of the Phasor Linear Prediction (PLP) approach to phase esti-
mation proposed in [45]. In particular, in (4.21) the weighting coefficients {π} have a
triangular shape, this is intuitively pleasing, as this gives the highest weight (namely,
`) to the k-th observable (associated with the k-th symbol). For this reason, we refer
to this phase estimation strategy as APP-based PLP.

4.4 Iterative Receiver Structure

At this point, we describe the overall iterative receiver structure shown in Figure 4.1.

4.4.1 Front End

The first operation to be performed at the receiver is channel equalization. Perfect
equalization is considered, i.e., the signals received on the two polarizations are mul-
tiplied by the matrix

GGG ,

 g11 g12

g21 g22

=HHH−1.

The goal of the block denoted as “XPIC” is to minimize the XPI between the two
orthogonal polarizations and relies on the use of techniques, such as those proposed
in [3,68,69] to improve the radio-link of the XPD system. XPIC is needed due to the
presence of non-negligible XPI at the cross-polar branch, which cannot be accurately
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estimated (as described in Section 4.3) without proper pre-compensation setup. In this
work, feed-forward XPIC based on stochastic gradient method is used to improve the
performance of the polarization of interest [3, 68, 69].

After XPIC compensation, the phases in correspondence to a block of data sym-
bols is pre-estimated by means of linear interpolation between the estimated phases
associated with the two consecutive pilot symbols at the border of the data symbols.
In our scenario, the pilot symbols are used on the polarization of interest, where pilot
symbols are available at the receiver. Although in [41] the author has shown that, in
general, the optimized use of pilot symbols requires, at the receiver, the application
of a Wiener filter, in this work we consider a linear interpolator for minimizing the
system delay [47]. In fact, the linear interpolator minimizes the system delay, since
only one frame has to be buffered to derive a phase estimate for each information
symbol between two consecutive pilot symbols.

In correspondence to the pilot symbols, the phase noise process is simply esti-
mated as the difference between the phase of the received sample and the phase of
the transmitted symbol xk:

θ̂
(i)
k = ∠r′′(i)k x(i)k ∗ i ∈ {1,2}

where, r′′(i)k corresponds to pre-compensation carried out by the XPIC on received
observable r̃(i)k for i-th polarization. Note that this estimation is asymptotically exact
at high SNR. The observable at the output of the interpolator for the i-th polarization,
denoted as r(i)k , can be expressed as follows:

r(i)k = r′′(i)k e−θ̂k,int = x′′(i)k e
(

θ
′′(i)
k −θ̂k,int

)
+n′(i)k

where e−θ̂k,int is the derotation introduced by the interpolator, x′′(i)k and θ
′′(i)
k corre-

spond to r′′(i)k . The additive noise process {n′(i)k } is still i.i.d. Gaussian. The new phase
noise process {θ ′′(i)k − θ̂k,int} can no longer be characterized by the same model of
{θk}, e.g., a Wiener model. However, the APP-based synchronization algorithms do
not require any a priori statistical characterization of the phase noise and, therefore,
can be applied directly.
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Figure 4.5: Block diagram of the iterative detection and synchronization.

This preliminary interference cancellation and phase estimation carried out by
the FE are expedient to carry out the first decoding iteration, which is necessary to
perform APP-based phase estimation and XPI cancellation. If FE compensation is not
applied, even a mild phase noise can hinder the first decoding act, making following
APP-based phase estimation and XPI cancellation ineffective.

4.4.2 Iterative Detection and Phase Estimation

Figure 4.5 shows the IDPE receiver for the MMSE-based phase estimation algorithm
(4.9) derived in Section 4.3. As already anticipated, the receiver operates only on
the polarization of interest and does not have access to data decided on the other
polarization: this allows to have two completely independent modems on the two
polarizations. The received observables at the output of the FE is used as reliable
(bootstrap) input for the iterative synchronization receiver at its first iteration.

The other iterations will consider the observable {rrr} from both branches, which
are fed directly to the input of the demodulator, whose soft-outputs are then passed
to the soft-input soft-output decoder, which takes into account the presence of multi-
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level coding (if required). The soft-output decoder generates LLRs on the (multi-
level) coded bits, denoted as Lout,ccc[n], where n refers to the iteration number. In the
presence of multi-level coding, the soft-output information associated with the free
bits should be computed, according to the multi-level coding scheme in Section 4.2.
The channel decoder provides soft output information on the coded bits and, there-
fore, one can compute the most likely code sequence ĉcc output by the channel de-
coder. Since b1 = 4, each length 4-bit substring {ĉ(b)m`−l}4

b=1 identifies a subset Sm`−l

associated with a (QAM) sub-constellation of size 2b1 , corresponding to b1 = b− 4
free bits. At this point, one can compute the soft output on the free bits based on
this sub-constellation. The LLRs on the channel coded bits and on the free bits can
then be combined to generate APPs on the constellation symbols. The APPs then
feed the phase estimator. We refer to a sequence of phase estimation and demodula-
tion/decoding as an iteration.

The iterative algorithm can now be summarized as follows. We denote as nit the
maximum number of (external) iterations between demapper/decoder and phase esti-
mator.4 At the n-th iteration, the phase estimator operates on the following observable
vector:

z̃̃z̃z[n] =
[
rrr(1)+rrr(2) ◦ e−ϕ̂ϕϕ

(2)[n−1]
]
◦ e−ϕ̂ϕϕ

(1)[n−1] (4.23)

where ϕ[0] = 0 and ◦ represents the Hadamard (or element-wise) product between
two vectors. The vector z̃̃z̃z[n] has elements given by (4.8), where ϕ̂(1) and ϕ̂(2) can be
derived from the (4.9) as explained in the Section 4.3. Note that, since the “clean”
(after XPI cancellation and derotation) observable z̃̃z̃z[n] is used, the estimated phase
corresponds to a residual phase error ϑ̂ϑϑ [n] to be used in the following iteration. The
phase estimate, to be used in (4.23), is then updated as

ϕ̂ϕϕ[n] = ϕ̂ϕϕ[n−1]+ϑ̂ϑϑ [n]. (4.24)

After nit iterations, a final decision on the transmitted bits âaa is made.
The proposed algorithm and the corresponding receiver architecture in Figure 4.5

are inherently iterative, in the sense that at each iteration the decoding should be

4Note that external iteration refers to the number of iterations considered for phase estimation algo-
rithm and in general different and independent from the detection iteration used for the decoder.
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performed to obtain soft decisions to be fed at the input of the phase estimator.

4.5 Performance Analysis

In this section, we present simulation results for the considered receivers for different
constellation sizes and phase noise intensities.

4.5.1 Simulation Setup

The XPD matrix HHH has elements

hi j =


1√

1+χ2
if i = j; i, j ∈ {1,2}

χ√
1+χ2

if i 6= j; i, j ∈ {1,2}

where the factor 1/
√

1+χ2 is introduced for normalization purposes, so that the
rows and columns of HHH have unitary energy. In the following, we consider χ = 10−

15
20 ,

i.e., the cross-polarization interference signal is 15 dB below the co-polar signal. Note
that the channel XPD is large, i.e., there is good isolation between the orthogonal
polarizations. Typically, channel XPD may vary between 15 dB and 5 dB: the largest
value is associated with outdoor Line-of-Sight (LOS) scenario, whereas the smallest
one is associated with scattering-rich Non-Line-of-Sight (NLOS) environments [70].

In all presented results, QAM is the considered modulation format and Np = 1
pilot symbol belongs to a 4-QAM constellation with average energy 2.5 times the av-
erage energy of data symbols is inserted in the frame every N = 50 symbols (unless
otherwise stated). The channel code is an LDPC code with rate R = k/n = 7/8, with
k = 7056 and n = 8064, unless otherwise stated. The exponent parity-check matrix
construction (semi-random technique) and the encoding algorithm of the used LDPC
code are those of the WiMAX standard [49, Paragraph 8.4.9.2.5, Annex H]. In par-
ticular, the exponent parity-check matrix has 12 rows, 96 columns, a spreading factor
84, a constant row weight 32 and an average column weight 4. LDPC decoding is
based on the belief propagation algorithm.
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Figure 4.6: BER, as a function of `, considering a 64-QAM, nit = 5 iterations, and
σ∆ = 1.5◦ for two different values of γb. Both BW and PLP phase estimation strate-
gies are considered.

4.5.2 Numerical Results

The impact of the window length ` on the system performance is investigated in Fig-
ure 4.6. The BER is shown, as a function of `, considering a scheme with 64-QAM,
nit = 5, σ∆ = 1.5◦, and various values of γb. Both BW and PLP phase estimation and
XPI cancellation strategies are considered. The optimized window length is chosen
as the one minimizing BER. In particular, ` = 24 is a good window length with the
BW strategy, for both considered values of γb. With the PLP strategy the performance
improves, since the lowest achievable BER is lower than in the BW case. In general,
` = 32 guarantees a good performance in all considered PLP cases. Moreover, our
results suggest that the ` = 32 is a good value for all considered constellation sizes
and phase noise intensities, for both BW and PLP strategies.

In Figure 4.7, increasing the value of the number of iterations nit improves the
performance of the iterative receiver for both BW and PLP based phase noise esti-
mation algorithms. Interestingly, the performance of the PLP approach at nit = 4 is
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and σ∆ = 1◦ for γb = 13.2 dB. Both BW and PLP phase estimation strategies are
considered.
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nearly equal to 10-th iteration of the BW approach, but this comes at the cost of a
higher computational complexity.

As we know that the performance of the phase estimates rely on the APPs of the
transmitted symbol. An increase in the coding rate would improve the performance
of the proposed iterative synchronization receiver. Noticeable performance improve-
ment can be seen in the Figure 4.8. Note that only PLP based phase estimation algo-
rithm is used for comparison purpose.

In Figure 4.9, the BER is shown, as a function of σ∆, considering schemes with
M-QAM (i.e., M = 16, 64, 1024), nit = 5, iterations, ` = 32, and various values of
γb. Both BW and PLP strategies are considered. From Figure 4.9, it can be observed
that the PLP approach is significantly better than the BW approach for low values of
γb and σ∆. Both PLP and BW strategies have similar performance at higher values of
σ∆.

From Figure 4.6 (and our preliminary analysis) for `, we consider ` = 32 to be
a reasonable value for constellation of different sizes and different values of σ∆. In
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Figure 4.10: BER, as a function of γb, considering nit = 5 iterations, ` = 32, and
various σ∆. The performance of BW and PLP are compared for 16-QAM.

Figure 4.10, the BER is shown, as a function of γb, considering nit = 5 iterations,
` = 32, and various values of σ∆. The performances of BW and PLP are compared
for 16-QAM. As a reference, in Figure 4.10 we also show the performance without
iterations (i.e., w/o it), i.e., in the case where, after FE processing, the demodula-
tion and decoding are carried out only once. The case with σ∆ = 0◦ and nit = 5 one
corresponds to the performance of the XPD system in the absence of phase noise
(i.e., idealized scenario), with both the FE and the IDPE blocks operational. We no-
tice that the performance of the iterative receiver improves significantly using using
IDPE sub-block. PLP approach performs better than the BW approach for different
values of σ∆.

In Figure 4.11, the BER is shown, as a function of γb, considering nit = 5 itera-
tions, `= 32, and various values of σ∆. The performances of BW and PLP are com-
pared for 1024-QAM. We remark that for high-order QAM (namely, 1024-QAM),
the system has a detrimental performance without IDPE sub-block iterations. This is
why no reference performance is shown in Figure 4.11. Also, multi-level coding is
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Figure 4.11: BER, as a function of γb, considering nit = 5 iterations, ` = 32, and
various σ∆. The performance of BW and PLP are compared for 1024-QAM.

applied in the 1024-QAM case with b1 = 4. For different values of σ∆, the perfor-
mance of the PLP approach is better than the BW-based phase noise estimation.

The impact of the proposed phase estimation and XPI cancellation strategy em-
bedded in the iterative receiver is evident, as the performance drastically improves us-
ing IDPE sub-block. Increasing the phase noise intensity degrades the performance,
and this degradation is more pronounced for larger constellation sizes. However, for
strong phase noise intensity the performance improvement brought by the PLP phase
estimation and XPI cancellation strategy, with respect to the BW strategy, is signifi-
cant, for both medium and high constellations.

4.6 Concluding Remarks

In the chapter, an innovative iterative synchronization receiver, which performs de-
modulation and decoding separately from the phase estimation process. In the phase
estimation process, a novel Minimum Mean Square Error (MMSE)-based XPI can-
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cellation algorithm is proposed.A system model has been derived for an XPD system
in the presence of phase noise. The proposed iterative synchronization and decod-
ing scheme integrates “off-the-shelf” blocks for demapping/decoding with separate
MMSE-based phase estimation and XPI cancellation. The block-wise Master/Slave
phase estimator with embedded XPI cancellation is used iteratively. The obtained
results show that the proposed approach guarantees good performance for various
constellation sizes, even for challenging phase noise-impaired scenarios.





Chapter 5

Conclusions

This chapter gives concluding remarks on the main results presented in this thesis.
With the aim to have lower complexity, iterative phase synchronization receivers,
which performs demodulation and decoding separately from the phase noise estima-
tion process, have been proposed. Additionally, the proposed separate phase synchro-
nization scheme has been employed for different channel impairments (such as: ISI
and XPI). The obtained results show that this scheme allows tolerating high phase
noise values for both small and medium-high constellations. We recall in the follow-
ing, the main features of the designed scheme. The implementation complexity of the
proposed scheme is kept lower by leaving unaltered the demapping/decoding opera-
tions, thus leading to the design of parallel iterative algorithms for phase synchroniza-
tion having “off-the-shelf” blocks for different operations. The proposed phase noise
estimation approach is also general, in the sense that it does not depend on (i) the
considered modulation/coding scheme and (ii) the phase noise model, as it only ex-
ploits APPs of the transmitted (modulated) symbols generated by an “off-the-shelf”
soft-output decoder. The proposed schemes leads to negligible performance degrada-
tion with respect to the ideal coherent system down to low signal-to-noise ratios, for
both small and medium-high constellations.

In reduced complexity synchronization, a MAP-based algorithm is used to per-
form phase noise estimation. In particular, the algorithm uses APPs from the demap-
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ping/decoding to perform phase synchronization. Different variants of APP-based
phase noise estimation have been considered to improve the robustness of the iterative
receiver. The proposed synchronization algorithms, in particular, the PLP approach
guarantees a good performance for both small and medium-high constellations, even
for challenging phase noise scenario. It was shown that the proposed algorithm has
significantly lower complexity with respect to a joint-MAP based solution.

In the extended work, the separate synchronization and decoding algorithms are
employed for channels impaired by ISI. A realistic continuous-time system model
for an oversampled phase noise channel is derived. In the presence of an equivalent
discrete-time system model, a low-complexity iterative synchronization and decod-
ing receiver is devised, which exploits the received information from the channel
by exchanging the information in an iterative fashion. With slight increase in the
complexity, with respect to an equivalent traditional receiver, the proposed iterative
receiver achieves better performance.

Finally, a system model has been derived for a dually-polarized system in the
presence of phase noise. A separate APP-based synchronization and decoding strat-
egy has been proposed. The proposed synchronization algorithm relies on an MMSE-
based cancellation of the XPI followed by phase noise estimation on the polarization
of interest. Two variants of MMSE-based phase noise estimation are considered: BW
and PLP. The proposed iterative receiver operates only on the polarization of inter-
est and has no access to the data decided on the other polarization, which allows to
have two completely independent modems on both the polarizations. A comprehen-
sive performance analysis has shown that the proposed iterative receiver is robust, for
small-high order modulations, in the presence of strong phase noise.



Appendix A

Exchange of Sum-Product
Operators

Let us denote, for the ease of simplicity, the term of the summation as

g(xxxk),
`−1

∏
l=0

p(rk−l|ϑ ,xk−l)P(xk−l|rrr) =
`−1

∏
l=0

gl(xk−l)

so that

∑
xxxk∈X `

`−1

∏
l=0

p(rk−l|ϑ ,xk−l)P(xk−l|rrr) = ∑
xxxk∈X `

g(xxxk).

At this point, one can factor out the first term of the vector xxxk, thus obtaining

∑
xxxk∈X `

g(xxxk) = ∑
xk∈X

g0(xk) ∑
xxx′k∈X `−1

g′(xxx′k)

where xxx′k is the (`− 1)-length vector obtained by eliminating xk from xxxk. One can
recursively apply this approach, obtaining:

∑
xxxk∈X `

g(xxxk) = ∑
xk∈X

g0(xk) ∑
xk−1∈X

g1(xk−1) · · · ∑
xk−`∈X

g`−1(xk−`) =
`−1

∏
l=0

∑
x∈X

gl(x)

where, in the last step, we have used the fact that the symbols {xk−l} (l = 0, . . . , `−1)
are all QAM symbols in the same alphabet X .
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