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Abstract

Full-duplex (FD) wireless communications can potentially double the spectral efficiency by trans-
mitting and receiving simultaneously over the same frequency at a cost of a large power difference
between the high-power self-interference (SI), and the low-power intended signal received from
the remote transmitter. SI can be reduced gradually by a combination of radio-frequency (RF)
and baseband SI-cancellation stages. Each stage requires the estimation of various distortions
that the SI endures, such as SI-channel and transceiver nonlinearities. This thesis deals with the
development of SI-cancellation techniques that are well adapted to FD operations.

We address SI-cancellation for FD operations in the presence of imperfect RF components.
In particular, we develop a new scheme to jointly estimate the IQ mixer imbalance, power am-
plifier (PA) nonlinearities, up-/down-conversion phase-noise and SI-channel. First, we study and
develop a baseband model that captures the most significant transceiver RF imperfections, for
both separate- and common-oscillator structures used in the up- and down-conversions. A ba-
sis expansion model (BEM) is then derived to approximate the time-varying phase-noise, and to
transform the problem of estimating the time-varying phase-noise into the estimation of a set of
static coefficients. Using the method of maximum likelihood (ML) criterion, the likelihood func-
tion is derived in the presence of the unknown intended signal, which leads to the joint estimation
of the intended channel, the SI-channel, the nonlinear impairments and the phase-noise. When
the intended signal is unknown, an iterative procedure is developed to find the ML estimate of
the different parameters based on its own known transmitted data, the known pilot symbols, and
the statistic of the unknown intended signal received from the intended transmitter. We consider
the two pilot-insertion structures used in LTE for the frequency-multiplexed pilots and the time-
multiplexed pilots. Compared to training-based techniques, the full use of the received signal
significantly reduces the required number of pilot symbols. Simulation results indicate that the
proposed algorithms can offer a superior SI-cancellation performance, with the resulting signal-
to-SI-and-noise ratio (SINR) being very close to the signal-to-noise ratio (SNR).

Moreover, we study the power of SI after each cancellation stage, taking into account the
transceiver impairments. One SI-cancellation scheme, which combines antenna cancellation, RF
cancellation and digital cancellation, provides results from real world experiments that show the
feasibility of an FD design. In general, it is difficult to assess the exact level of the SI reduction
that is obtainable due to the interactions among factors such as transceiver impairments, wireless
propagation channel and estimation error. We hereby identify the main factors that affect the
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cancellation performance. This allows for a better understanding of the obtained performance,
and leads to the development of new methods that improves the cancellation capability of FD
systems. We address the impact of each transceiver impairment in FD systems, and specify the
limiting factors of the RF and baseband SI-cancellation stages for a given architecture. In addi-
tion, we demonstrate that reducing the SI before the LNA/ADC, via the RF SI-cancellation stage
is necessary to avoid high quantization noise from the ADC. The analysis further reveals that
the transmitter nonlinearities need to be modeled and canceled in the baseband SI-cancellation
stage. Finally, in light of our simulation results, we discuss the trade-off between the amount of
SI-cancellation and the number of cancellation stages, and propose the potential case scenarios
for operations with one digital cancellation.
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Sommaire

La transmission en duplex intégral (full-duplex ou DF) peut potentiellement doubler l’efficacité
spectrale des systèmes semi-duplex. Elle est achevée en utilisant la même ressource temporelle et
fréquentielle pour la transmission et la réception au prix d’une large interférence (self-interference
ou SI) comparée à la puissance du signal utile reçu de l’autre émetteur. La SI peut être gradu-
ellement réduite par une combinaison d’étages de réduction au niveau radiofréquence (RF) et en
bande de base. Chaque étage requiert l’estimation des différentes distorsions que la SI subit, tels
que le canal de propagation et les non-linéarités de l’émetteur. Cette thèse propose des techniques
pour réduire la SI qui sont bien adaptées à l’opération en FD.

Nous adressons la réduction de la SI pour opérer en FD en présence de composants RF
imparfaits. En particulier, nous développons un nouveau schéma pour estimer jointement le
dérèglement du mélangeur, la non-linéarité de l’amplificateur de puissance (PA), le bruit de
phase du convertisseur de fréquence et le canal de propagation. Premièrement, nous détaillons
un modèle en bande de base qui capture les imperfections de l’émetteur les plus importantes,
utilisant soit deux oscillateurs séparés pour les conversions de fréquence ou un même oscilla-
teur. Un modèle d’expansion de base (BEM) est ensuite dérivé pour approximer la variation
temporelle du bruit de phase et pour transformer le problème d’estimer des coefficients variables
au cours du temps à l’estimation d’un ensemble de coefficients statiques. En utilisant le critère
du maximum de vraisemblance (ML), la fonction de vraisemblance est dérivée en présence du
signal inconnu, qui résulte à l’estimation jointe des canaux de propagation de la SI et du signal
utile, des imperfections de l’émetteur et du bruit de phase. Quand le signal utile est non connu,
une procédure itérative est développée pour trouver l’estimé au maximum de vraisemblance des
différents paramètres en se basant sur le signal transmis, les symboles pilotes et la statistique
du signal utile inconnu. Nous considérons les deux structures utilisées en LTE pour l’insertion
des symboles pilotes en les multiplexant en temps ou en fréquence. Comparée aux techniques
supervisées, l’utilisation complète du signal reçu réduit considérablement le nombre de pilotes
requis. Les résultats de simulation indiquent que l’algorithme proposé offre des performances
supérieures en terme d’annulation de SI, résultant en un rapport signal sur SI plus bruit très
proche du rapport signal sur bruit (SNR).

De plus, nous étudions la puissance de la SI après chaque étage d’annulation, en prenant en
compte les imperfections de l’émetteur. En général, il est difficile de trouver le niveau exact
de la SI après chaque étage d’annulation à cause de l’interaction de plusieurs facteurs tels que
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les imperfections de l’émetteur, le canal de propagation et l’erreur d’estimation. En identifiant
les facteurs principaux qui dictent la performance d’annulation, nous pouvons développer les
méthodes appropriées qui traitent ces facteurs. Nous évaluons l’impact de chaque composant
dans les systèmes FD et nous spécifions les facteurs limites des étages d’annulation en RF et en
bande de base. En plus, nous démontrons que réduire la SI avant les LAN/ADC, à travers l’étage
d’annulation RF, est nécessaire pour éviter un large bruit de quantification de l’ADC. L’analyse
révèle aussi que les non-linéarités de l’émetteur doivent être modelées et réduites en bande de
base. Finalement, à travers nos résultats de simulations, nous discutons le compromis entre le
taux d’annulation et le nombre d’étages d’annulation et nous proposons le scénario d’opération
utilisant un étage d’annulation en bande de base.
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Chapter 1

Introduction

Currently, wireless communications systems operate in half-duplex (HD) [1]. To avoid the po-
tentially strong self-interference (SI) from its own transmission to its reception, a transceiver
in a HD system has to transmit and receive in non-overlapping time-slots (time-division du-
plex (TDD)), or frequency-slots (frequency-division duplex (FDD)), or in different orthogonal
spectrum-spreading codes. Since the demand on data rates offered by communications sys-
tems is rapidly increasing, it is necessary to improve the spectral efficiency of these networks.
Although many advanced techniques, for example orthogonal frequency division multiplexing
(OFDM) [2] and multiple-input–multiple-output (MIMO) [3], have been proposed to increase
the spectral efficiency, current operational wireless communications systems [4], which employ
only HD operations, still cannot meet the demand for the fast growth of wireless communications.
Therefore, relying solely on HD transmission leads to under-utilization of resources. Full-duplex
(FD) operations by simultaneous transmission and reception over the same frequency slot, can
increase the spectral efficiency to overcome the limitations of HD systems [5].

1.1 Motivation

Despite the aforementioned benefits promised by FD operations, the main challenge remains in
dealing with the SI signal that arises from the node’s own transmission. This SI is much stronger
than the signal of interest from the remote node [6], and results in very low signal-to-interference-
and-noise ratio (SINR). In fact, the strong SI reduces the capacity of an FD system to a level below
that of an HD system. Moreover, SI signals cause transceiver oscillations [4,7]. Therefore, when
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implementing FD communications systems, it is critical to keep SI sufficiently low in order to
effectively detect the intended but lower-powered signal. The notion of FD operations is not new,
and has been successfully used in wired communications systems. In this case, the interference,
or the line echo, arises from the coupling between transmitting and receiving wires, as well as
from the impedance mismatch of the hybrid circuit at the two/four-wires conversion interface [8],
as shown in Fig. 1.1. This line echo is about 3− 6 dB lower than the intended signal [9], which
requires a relatively low cancellation level in the range of 20− 30 dB.

Fig. 1.1 An FD wireline communication system with echo cancellation.

However, it is more challenging for current wireless communications systems to operate in
FD mode. As shown in Fig. 1.2, when transceivers communicate in FD, the receiver, due to its
own transmission, would experience a co-channel SI. Due to the large distance that the intended
signal crosses, the SI is often several orders of magnitude stronger than the intended signal [10].
For example, given two transceivers that are separated by 1 km, then for each, the intended
signal coming from the other would be attenuated by approximately 100 dB, assuming free-
space path loss (FSPL). Supposing that the transmit and receive antennas within one transceiver
are isolated by 15 dB, the resulting SI would be 85 dB stronger than the intended signal. The
difference in power level between the SI and the intended signal becomes even larger as the
distance between them increases. Consequently, FD wireless systems require a much higher SI-
cancellation, compared with echo cancellation in wired communications systems. This in turn
suggests the need for developing more advanced cancellation techniques and strategies.

Various works have proposed to suppress the SI by combining successive cancellation stages
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Fig. 1.2 Illustration of the SI in an FD point-to-point wireless communication sys-
tem.

[11, 12]. First, the antenna SI-cancellation stage exploits the designed antennas and supporting
structures on the same transceiver to reduce the transmitter-receiver coupling. Subsequently, a
radio-frequency (RF) SI-cancellation stage is introduced prior to the low-noise amplifier (LNA)
and the analog-to-digital converter (ADC) to further suppress the SI. This brings down the SI to a
sufficiently low level, to avoid overloading or saturating these components. Further cancellation
of the residual SI can be done after the ADC at the baseband.

Due to the non-ideality of transceiver components, reducing only the linear part of the SI
leaves a large amount of residual SI, which needs to be further suppressed by digital SI cancelers
at baseband. Actually, the IQ mixer creates an inband image signal, about 25 dB lower than
the main signal [13]. The IQ imbalance on the FD transceiver results in considerable residual
SI [14] that cannot be ignored. In [15], a widely-linear least-square (LS) estimation technique
was proposed to compensate the IQ imbalance caused by IQ mixers in the transceiver. Moreover,
the transmit power amplifier (PA) generates nonlinear components [10, 16–18]. Cancellation of
the nonlinearities induced by the PA in FD transceivers is discussed in [15], where the PA output
is approximated by a Hammerstein model and an LS-based estimator is used to find the model
coefficients. In [19], an iterative algorithm is proposed to jointly estimate the SI-channel and the
nonlinear-PA coefficients using LS criterion. The estimated coefficients are then used to construct
an estimate of the received SI to be subtracted from the received signal.

The analytical and experimental results from [10, 20, 21] show that the power of phase-noise
induced distortion is high relative to the intended signal. Thus it has to be canceled in order to
accurately detect the intended signal. In generally, phase-noise in OFDM systems has a two-fold
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effect: It generates a common phase error (CPE), which is a constant phase shift affecting all
subcarriers, and intercarrier interference (ICI) [20]. The CPE can be compensated by most of the
current SI-cancellation methods. However, ICI causes the power of a subcarrier to spread into
adjacent ones, which limits the performance of SI cancellation.

The experimental results in [22] show how phase-noise affects narrow band signals in an FD
transceiver, in which the transmitter and receiver have separate oscillators. However, since FD
operations use the same frequency for transmission and the reception, it is more convenient to
share the same oscillator between the transmit and receive chains. Both common and separate
oscillator scenarios were studied in [20] in terms of the resulting SI. Using one common oscilla-
tor, the phase-noise affecting the signal in the up-conversion and down-conversion is the same,
with some delay due to signal propagation. On the other hand, when using separate oscilla-
tors, the signal is affected by two independent phase-noises, making the effect of the phase-noise
more severe. For generality, both independent/separate oscillators and common/shared oscilla-
tor will be discussed in this work. To suppress the oscillator phase-noise in FD systems, we
need first to estimate the phase-noise that affects the received SI, shift the reference signal in
order to produce a replica of the SI, which is subtracted from the received signal at baseband.
However, the time-varying nature of the phase-noise makes the estimation process challenging.
A frequency-domain and a time-domain estimation procedures were proposed in [23], using the
minimum-mean-square-error (MMSE) and LS criteria by alternatively estimating the phase-noise
and the SI-channel, while considering the intended signal as additive noise. Compared to the
frequency-domain technique, the time-domain technique achieves better performance due to the
linear interpolation performed, which uses the estimated samples to obtain an estimate for the
residual samples in each OFDM symbol [23].

Using an estimation of the SI-channel, the transmitter nonlinearities and the phase-noise, a
replica of the received SI can be generated from the known transmitted signal, then subtracted
from the received signal in the baseband. All the previous methods we mentioned, which can
be considered as training based techniques, ignore the intended signal by considering it as ad-
ditive noise or using a training period. The assumption made in [15] and [19] that the intended
signal is not present during the SI estimation stage, is not practical in a real FD communica-
tions system. Moreover, since the phase-noise is a time varying process, it cannot be estimated
during training periods since. Other methods consider the intended signal as noise, which in-
creases the estimation error in these methods [24]. This estimation error will directly affect the
cancellation performance for the reconstructed SI is different from the actual received SI. Since
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the presence of the intended signal significantly influences the estimation performance, it is more
appropriate to jointly estimate the SI-channel, intended channel, transmitter nonlinearities and
the phase-noise [25]. To that end, we need an accurate model to capture all these parameters.

1.2 Contributions

The first objective of this work is to develop a novel and effective baseband SI-cancellation stage
for FD wireless communications systems. To achieve this goal, we study and develop appropriate
estimation algorithm to reduce the residual SI accurately after the RF cancellation. The second
objective is to build a platform of FD communications systems to evaluate the SI-cancellation
performance. The research contributions of this work are highlighted along with the thesis orga-
nization as follows.

In Chapter 2, we start with a brief survey of the most relevant state-of-the-art cancellation
techniques. We summarize the existing architectures to design the SI canceler. Then, a brief
overview of the existing estimation algorithms used to reconstruct the SI for SI-cancellation is
presented. We also summarize the spatial cancellation techniques applicable to SI suppression.
These background materials will be the starting point for the developments of new algorithms
and methods for SI-cancellation.

In Chapter 3, we incorporate the intended signal in the estimation process instead of con-
sidering it as additive noise and we cancel all transmitter impairments. To that end, we de-
velop a new method to jointly estimate the transmitter nonlinearities, phase-noise and both the
SI- and intended-channel at the baseband. To deal with the time-varying aspect of the phase-
noise, a Basis Expansion Model (BEM) [26–28] is adopted to model the combined phase-noise,
nonlinearities and SI-channel coefficients. To estimate the BEM coefficients, we rely on the
Maximum-Likelihood (ML) criteria. The proposed ML estimator uses the known transmitted SI
signal, and both the known pilot symbols and unknown data symbols received from the other
transmitter. The required number of pilot symbols is able to be reduced by making the full
use of each block of the received signal [29]. To formulate the likelihood function, the un-
known signal is modeled as a Gaussian process. An iterative procedure is proposed to find the
global maximum of the likelihood function. While an ML-based estimator was previously de-
veloped to estimate the SI and intended channels [29], it was not explored to mitigate the effect
of transmitter impairments. Our preliminary results in [28] focus on the phase-noise mitigation
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without considering the intended transmitter impairments. The development of the joint estima-
tion scheme to simultaneously mitigate the PA, the IQ mixer and the phase-noise effects will be
presented in this thesis. We consider both LTE pilot insertion schemes used for the frequency-
multiplexed pilots (i.e., base-station transmission) and time-multiplexed pilots (i.e., user trans-
mission) [13]. For the frequency-multiplexed pilots, the base-station transmitted signal contains
the known pilot symbols in the specified/reserved sub-carriers and unknown data symbols in the
other sub-carriers. Different from the frequency-multiplexed pilots, the time-multiplexed pilots
transmission reserves certain time slots for pilot transmission. According to the pilot distribution
in time-multiplexed pilots transmission time-slots, the proposed method to estimate the BEM
coefficients is based on the combination of LS and ML criteria. For unknown data blocks, the
intended signal is considered as Gaussian noise. An iterative procedure is proposed to find the
global maximum of the likelihood function.

First, we briefly introduce the SIMULINK platform and explain the practical settings in Chap-
ter 4. Then, for the two commonly used architectures of SI-cancellation, we discuss the main
limitation factor of each cancellation stage [10] with a complete set of simulation results. In our
platform, we focus on the quantization and nonlinearity, and study scenarios of individual im-
pairment. The limitation factor that we take into consideration is distortion introduced by ADC
and DAC, nonlinearity of analog SI-cancellation stage, nonlinearity of PA and nonlinearity of
LAN. By presenting the performance with each limitation factor, the effect of each limitation
on cancellation is shown directly. Based on these results, we analyze the dominant factors that
limit the SI-cancellation. Last, we discuss the potential scenarios for operation with only two
SI-cancellation stages: RF/Analog and Baseband/Digital.

Finally, Chapter 5 concludes this thesis.
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Chapter 2

SI-Cancellation in Full-Duplex Systems

This chapter provides a brief overview of FD communications systems and SI-cancellation tech-
niques. We first discuss the nature of the SI-channel then model it by power delay profile. Based
on this model, we propose several successive cancellation stages, including an antenna cancel-
lation stage, an analog RF SI-cancellation stage and a digital cancellation stage. We present a
survey on each stage, describing the techniques applied to each stage and discussing their advan-
tages and limitations.

2.1 SI-Channel Modeling

Several works have been done to analyze and measure the SI-channel. Considering the typical
and popular architecture of antenna, the same antenna is used to transmit and receive signals si-
multaneously via a three-port circulator. As shown in Fig.2.1(a), the SI-channel is divided into
three components: leakage, antenna internal reflection, and external reflection [30]. Leakage oc-
curs due to the practically limited isolation in the circulator and the impedance mismatch in the
circulator ports [30]. Antenna internal reflection (i.e., part of the transmitted signal is reflected
from the antenna) results from the impedance mismatch between the isolator and antenna [30].
External reflections from the surrounding environment [30], mainly closely located objects, typ-
ically have larger delays and weaker levels than leakage and antenna internal reflection.
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It was reported in [30] that power levels of the leakage and antenna internal reflection are
more stable, and they exceed the external reflections by about 30 dB. When using two different
antennas to transmit and receive, the line-of-sight (LoS) components and the path coming from
the electromagnetic waves reflected from the transceiver structure represent the most significant
paths [31]. The different reflection paths that constitute the SI-channel between the two antenna
configurations are represented in Fig.2.1(b). The antenna internal reflection is almost static be-
cause there is no relative movement between the two antennas, while the external reflections
change according to the surrounding environment.

(a) Shared-antenna transceiver (b) Separate antennas transceiver

Fig. 2.1 Illustration of the SI-channel for separate and shared antenna architectures.

For both architectures, in general, the power delay profile (PDP) of the SI-channel is written
as [30]:

PPDP (t, τ) =Pplδ(t− τpl) + Parδ(t− τar) +
L∑
l=1

Plδ(t− τl), τpl > τir ≥ τl (2.1)

where {Ppl, τpl}, {Par, τar} and {Pl, τl} are the power delays of the leakage path, the antenna
reflection path, and the external reflection multipath, respectively, and L is the number of the
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external reflection multipath components [30].

2.2 Antenna SI-Cancellation

Antenna SI-cancellation techniques are intended to reduce SI by means of an appropriate design
of transmitting and receiving antenna structures. A FD transceiver can (i) use one common an-
tenna shared by its transmitter and receiver via a circulator, or (ii) use 2 separate antennas, one
for its transmitter and the other for its receiver, shown in Fig. 2.1. In a separate-antenna FD
transceiver, strong SI can occur via direct leakage from transmit to receive antennas, and reflec-
tions due to the transceiver structure. On the other hand, in a shared-antenna FD transceiver,
leakage is via the circulator and the reflections comes from the antenna impedance mismatch.
In both architectures, these two components are quasi-static and are referred to as internal re-
flections. Furthermore, for both architectures, SI is also contributed by external reflections due
to surrounding environmental conditions, which vary over time and cannot be reduced by the
antenna design.

Antenna SI-cancellation, or passive SI-cancellation, can be achieved by using antenna sep-
aration [32, 33], directional antennas [34, 35] or antennas placement to create null space at the
receive antennas [36, 37].

2.2.1 Antenna Separation

Antenna separation is the basic method of implementing passive suppression [4], because in
practice increasing the path-loss between the transmit antenna and receive antenna is an effective
approach to attenuate the SI signal for systems. Consider a system in which each node has one
transmit and one receive antenna, higher SI suppression capability is achieved by the larger sep-
aration between the transmit and the receive antennas [32, 33]. For FD communications systems
in practice, however, the isolation cancellation by antenna separation is insufficient, therefore the
employment of RF and digital SI-cancellation stages is necessary to further reduce the power of
residual SI [4].
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2.2.2 Antenna Direction

Antenna-directional SI suppression is a technique that minimizes the intersection of main radia-
tion side lobes of the transmit and receive antennas of an FD node [38]. The topology of Fig. 2.2
is an example of an FD base station that can exploit directional diversity [34]. These techniques
imply that the transceiver’s transmit direction is different from its receive direction [34, 35]. In
this case, SI suppression can be achieved by applying directional antennas at FD base station,
which directs its transmit signal to the downlink mobile and thus away from its receive antenna,
which directs the uplink mobile [35].

Fig. 2.2 A FD base station can receive in the uplink from one mobile station while

transmitting in the downlink to another mobile station.

2.2.3 Antenna Placement

Antenna placement can be achieved by employing two transmit antennas and a single receive
antenna, where the pair of transmit antennas is placed at distances of d and d+λ/2 away from the
receive antenna respectively, with λ representing the wavelength of the transmitted signal [37].
Positioned appropriately, the distances between the receive antenna and the transmit antennas
differ by an odd multiple of λ/2, which results in the transmit signals to be superimposed with
each other [36, 37]. Fig. 2.3 illustrates this technique. The destructive interference becomes
excellent when the signal impulses impinging on the receive antenna from the pair of transmit
antennas are identical, thereby generating a zero at the position of the receive antenna [4].
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Fig. 2.3 Block diagram of antenna placement.

2.3 RF SI-Cancellation

RF SI-cancellation aims to use the knowledge of the transmitted SI to cancel it before the receiv-
ing LNA. In general, RF SI-cancellation can be implemented in two stages. The first RF/analog
stage takes part of the RF/analog transmitted signal from the PA output, passes it through an ana-
log tapped-delay line (TDL) circuit to reconstruct the estimated SI replica for cancellation at the
receiver input as shown in Fig. 2.4 [10, 17]. The second RF/digital stage (not shown in Fig. 2.4)
passes the transmitted baseband digital signal through a digital SI-channel estimator and then to
an auxiliary transmit chain with DAC, and up-converter to produce an estimated RF SI-replica to
be subtracted from the received signal prior to the LNA [39–41].

The SI-channel can be divided into internal reflections (near-field) having fewer paths, shorter
delays as well as larger amplitudes, and external reflections (far-field) with more paths, longer
delays and smaller amplitudes, as discussed in Section 2.2. Internal reflections are quasi-static,
and depend on the components and structure of transceivers, while external reflections vary in
accordance with environmental conditions.
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Fig. 2.4 RF/analog SI-cancellation stage using TDL circuit.

Based on this multi-tap structure, as shown in Fig. 2.4, the first RF/analog SI-cancellation
stage uses a TDL circuit with adjustable delays and coefficients. The TDL method achieves an
SI reduction of 30 to 45 dB [42, 43]. Although the TDL can match the short delay of the internal
reflections, the interaction between the delays and attenuators makes the tuning very complex. A
4-tap analog RF cancellation is proposed in [43,44]. Each tap consists of variable attenuator and
phase. The antenna domain suppression was implemented by ring array antenna with optimized
beamformer [45]. In [42], a 12-tap analog RF cancellation is proposed with variable attenuator
and fixed delay lines. The method proposed in [36, 46] consists of using a cancelling circuit
based on balance transformer such as QHx220 chip. To match the received SI, this chip takes the
transmitted SI as input, then subtracts the resulting signal from the received signal by changing
its amplitude and phase. This method is able to achieve about 20 dB reduction in the received
SI [36].

A large amount of residual SI is left to be reduced in the subsequent cancellation stages.
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Moreover, being sensitive to environmental conditions, more adaptive cancellation methods are
needed to cancel external reflections, which can be done by using digital domain processing.
RF/digital SI-cancellation can be applied to adapt to random external reflections, and to suppress
SI components due to external reflections by using a digital symbol-synchronous finite-impulse-
response filter [36, 41, 47]. The idea of using an initial HD period to initiate the RF/digital
SI-cancellation stage has been used in [48], where the baseband transmit signal is rotated at
each subcarrier and the rotated signal is used to represent the received SI. This second RF/digital
SI-cancellation stage requires additional hardware resources for each antenna, such as an up-
converter and a DAC, potentially making it too costly for MIMO system [25]. In addition, since
the reference signal was tapped at baseband, the PA nonlinear distortion, as well as output noise
will not be reduced, leaving a large amount of SI.

RF SI-cancellation is combined with antenna cancellation to reduce the SI signal power to
prevent receiver saturation [16], and reduce ADC quantization noise, since quantization noise is
a key factor in limiting the performance of SI-cancellation [49, 50].

2.4 Baseband/Digital SI-Cancellation

Digital SI-cancellation is an effective mitigation mechanism in the baseband [4]. In practice,
digital cancellation includes two steps: i) Estimate the SI-channel; ii) Construct an estimate of
the received SI from the channel estimate and the known transmit signal, then subtract it from the
received signal [46]. By exploiting the knowledge of the SI signal, received SI is canceled after
quantization of the received signal by the ADC [36, 40].

Fig. 2.5 Transversal FIR structure.



2 SI-Cancellation in Full-Duplex Systems 14

Digital SI-cancellation can be based on the finite impulse response (FIR) structure, shown
in Fig. 2.5. In this structure, the tap-delay is constant and equal to the signal sampling period,
and is implemented by digital D-flipflops. Therefore, the problem of estimating the SI-channel
is converted to that of specifying the set of tap-coefficients {al}L0 . Moreover, the interaction
between delays and attenuations, as it is the case for the analog TDL, can be avoided. As a result,
digital processing can deal with a larger number of taps than analog TDL, to adapt to the varying
external environment.

The general transceiver structure is shown in Fig. 2.6, where the RF transmit signal can be
extracted at the transmit PA output, processed in the RF SI-cancellation stage, and subtracted
from the received signal before the receive LNA.

Fig. 2.6 Simplified block diagram of the FD transceiver with RF and baseband SI-
cancellation stages.

Being in the digital domain, baseband SI-cancellation stage after the ADC can leverage var-
ious advanced signal processing techniques. As a necessary precondition, SI needs to be suf-
ficiently reduced before entering the ADC, via antenna and RF SI-cancellation stages. The ef-
fectiveness of baseband cancellation hinges on the estimation quality of the received SI signal,
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which requires accurate estimates of SI-channel and transceiver impairments. To that end, we
need to get every impairment that may happen to the transmitted SI along the way, including
propagation channel and nonlinearities of RF components like in-phase/quadrature (IQ) mixer
and power amplifier (PA) [10].

To achieve the goal of SI-cancellation in baseband, many works have provided different meth-
ods [15, 19, 23, 29, 51]. A joint detection procedure is developed in [29] based on subspace that
can accurately estimate the SI channel coefficients and the nonlinear parameters without any
pilot symbols from the intended signal. The author in [15] proposed a separate channel and
phase-noise estimation for compensating the image component of the SI signal, which occurs
due to IQ imbalances in the transmitter and receiver IQ mixers. An iterative technique is pro-
posed in [19], which is used to jointly estimate the SI-channel and the nonlinearity coefficients to
suppress the distortion signal. A closed-form expression of baseband SI-cancellation is derived
in [51] by alternatively estimating the SI-channel with IQ imbalance and PA nonlinearity. An
MMSE procedure proposed in [23] considers the intended signal as additive noise. However, it
suffers from two kinds of errors: the phase-noise increases the estimation error of the SI-channel,
and that in turn degrades the phase-noise estimation performance.

In the next chapters, we discuss the existing techniques in more details, improve some of
them and propose new cancellation techniques.

2.5 Chapter Summary

This chapter provides an overview of the existing works on SI-cancellation in FD wireless sys-
tems. Estimating the SI-channel is seen as a central issue in developing efficient cancellation
methods. Due to the large power of SI, successive cancellation stages are needed to properly
detect the intended signal.
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Chapter 3

BEM Based Maximum Likelihood-Based

SI-Cancellation 1

This chapter addresses the self-interference cancellation for FD operation in the presence of im-
perfect radio-frequency components. In particular, we develop a new scheme to jointly estimate
and cancel the IQ mixer imbalance, power amplifier nonlinearities, up-/down-conversion phase-
noise and the SI-channel. First, we develop a detailed baseband model that captures the most sig-
nificant transceiver RF imperfections for both separate- and common-oscillator structures used
in the up- and down-conversions. A basis expansion model is derived to approximate the time-
varying phase-noise and to transform the problem of estimating the time-varying phase-noise
into the estimation of a set of time-invariant coefficients. Subsequently, the likelihood function
is derived in the presence of the unknown intended signal to formulate the joint estimation of the
intended channel, the SI-channel, nonlinear impairments and phase-noise, under the maximum
likelihood criterion. An iterative procedure is developed to find the ML estimate of the different
parameters based on the known transmitted data, the known pilot symbols, and the statistics of
the unknown intended signal received from the intended transmitter. The full use of the received
signal significantly reduces the required number of pilot symbols as compared to training-based

1Parts of this chapter have been presented in [28].
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techniques. We consider the two pilot-insertion structures used in LTE: frequency- and time-
multiplexed pilots. Simulation results indicate that the proposed ML algorithms can offer a su-
perior SI-cancellation performance with the resulting signal-to-SI-and-noise ratio (SINR) very
close to the signal-to-noise ratio (SNR).

3.1 System Model for Frequency-Multiplexed Pilot Transmission

In this section, we present the signal model for FD systems in the presence of transceiver im-
pairments, and transmit and receive phase-noise. Consider an FD transceiver that transmits and
receives simultaneously over the same frequency slot. This FD operation creates SI that needs to
be canceled in order to reliably detect the intended signal from the other transmitter. The block
diagram of the considered FD transceiver along with the other intended transmitter2 is presented
in Fig. 2.6. In addition to the transmit and receive chains, the transceiver contains SI-cancellation
stages. RF SI-cancellation stages are assumed to suppress the SI to a sufficiently low level before
the LNA to avoid receiver saturation/overloading. Then, baseband SI-cancellation stage, after the
ADC, further reduces the residual SI.

3.1.1 Signal model

We consider an OFDM system with N subcarriers and focus on the received signal at one
transceiver. After processing by the digital-to-analog converter (DAC), the mth transmitted
OFDM signal, denoted by xm(t), is passed through the IQ mixer. Due to the inherent mismatches
between the amplitudes and phases of the I and Q branches, a mirror image of the original signal
is added. The local oscillator used for up-conversion generates random phase-noise, denoted by
φup,i(t). The signal at the output of the transmit IQ mixer is written as3 [52]:

xIQ
m (t) = (g1xm(t) + g2x

∗
m(t))e

jφup,i(t), (3.1)

where g1 is the response of the IQ mixer for the direct signal component, and g2 is the response
for the image component.

2For simplicity, the receiver of the other transceiver is not shown in Fig. 2.6.
3For brevity, we use the equivalent complex-valued baseband representation (i.e., with zero carrier frequency.)
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Before transmission, the signal is passed through the transmit PA, whose response is modeled
with a Hammerstein nonlinearity [53, 54] presented as:

xPA
m (t) =

( K∑
k=0

α2k+1xm,2k+1(t)

)
∗ f(t), (3.2)

where α1is the linear gain of PA, and α2k+1, for k = 1, . . . , K is the gain of (2k + 1)th order
component4, 2K + 1 is the total order of PA nonlinear component, f(t) denotes the memory
model of the PA, ∗ denotes the convolution operator, and xm,2k+1(t) = xIQ

m (t)|xIQ
m (t)|2k results

from the cascaded IQ and PA [55].
At the receiver, in the presence of the intended signal, the mth received OFDM block (in-

cluding one OFDM symbol of N subcarriers and Ncp cyclic prefix) is written in time domain
as:

yRF
m (t) =

(
xPA
m (t)ejφ

up,i(t)
)
∗ hSI(t) +

(
sm(t)e

jφup,s(t)
)
∗ hs(t) + wGm(t), (3.3)

where φup,i(t) and φup,s(t) are the phase-noise processes affecting the SI and the intended signal,
respectively. hSI(t) is the SI-channel and hs(t) is the intended channel, and wGm(n) is the additive
Gaussian noise.

After SI-cancellation at the RF stage, the received signal can be expressed as:

yrsi
m (t) = yRF

m (t)− xPA
m (t) ∗ a(t), (3.4)

where a(t) is an estimate of the SI-channel [36, 41]. Typically, RF SI-cancellation provides 30

dB suppression of the SI signal [41].
In this paper, we assume the receiver implements a direct down-converter with IQ correction

[56], such that the IQ imbalance is removed. Phase-noise generated by the local transceiver
oscillator used for down-conversion is denoted by φdown(t). Thus, the mth received OFDM signal

4We ignore the even-order nonlinearities, which are out of the band of the signal.
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is written as:

ym(n) =
((
(α1g1xm(n) + α1g2x

∗
m(n)

)
ejφ

up,i(n)
)
∗ hrsi(n)e−jφ

down(n)

+

( K∑
k=1

α2k+1xm,2k+1(n)e
jφup,i(n)

)
∗ hrsi(n)e−jφ

down(n)

+

(
sm(n)e

jφup,s(n)

)
∗ hs(n)e−jφ

down(n) + wm(n). (3.5)

for n = 1, 2, ..., N , where xm(n) and sm(n) are the SI and intended signal, respectively, the
residual SI-channel after RF cancellation is hrsi(n) = hSI(n) − a(n), and wm(n) is the overall
noise.

We assume that the length of cyclic prefix Ncp satisfies Ncp > L. For L-tap propagation
channels, the received signal can be written as:

ym(n) =
L−1∑
l=0

α1g1xm(n− l)hi(l)ejφ
i(n−l)+

α1g2x
∗
m(n− l)hi

IQ(l)e
jφi(n−l)+

K∑
k=1

α2k+1xm,2k+1(n− l)hi
PA,k(l)e

jφi(n−l)+

sm(n− l)hs(l)ejφ
s(n−l) + wm(n), (3.6)

where hi
PA,k(l), for k = 0, . . . , K, is the equivalent SI-channel for the kth order of PA nonlinear

component, xm,2k+1(n) is approximated by g1xm(n)|xm(n)|2k + g2x
∗
m(n)|xm(n)|2k [15], and

φi(n − l) = φup,i(n − l) − φdown(n), φs(n − l) = φup,s(n − l) − φdown(n) are the global phase-
noise processes affecting the SI and intended signals, respectively. The equivalent SI and intended
channels for the individual signal components combined with the phase-noise on both transmitter
and receiver are:

hi(n, l) = α1g1h
rsi(l)ejφ

i(n−l),

hi
IQ(n, l) = α1g2h

rsi(l)ejφ
i(n−l),
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hi
PA,k(n, l) = α2k+1g1h

rsi(l)ejφ
i(n−l),

hi
PA,IQ,k(n, l) = α2k+1g2h

rsi(l)ejφ
i(n−l),

hs(n, l) = hs(l)ejφ
s(n−l). (3.7)

The up-converter and down-converter oscillators in a full-duplex communications system can
be either separate, where the resulting phase-noise processes φup,i(n) and φdown(n) are statistically
independent, or common where φup,i(n) = φdown(n), which is possible for co-located transmit and
receive chains. The global phase-noise process changes from one sample to another. Thus, the
equivalent channel coefficients in (3.7) are time-varying. In this case, the number of parameters
to estimate is much larger than the number of received samples. In fact, each additional sample
results in 2K + 3 unknowns. To avoid this problem, we adopt the approach detailed in the
following section.

3.1.2 Basis expansion model

In general, a function can be approximated by a decomposition over a set of elementary functions.
Considering the combined channel coefficient and phase-noise hi(n, l0) = hrsi(l0)e

jφi(n−l0) as a
function of time n for a given l0, it can be approximated by a set of elementary functions of n.

In this situation, hi(n, l0) can be expanded over a basis of complex exponentials. Specifically,
the variation of the impulse responses, caused by the time-varying phase-noise, is captured in a
deterministic way by the means of a basis expansion as follows:

hi(n, l) =

Q∑
q=1

arsi
q (l)bq(n) + εi

q(n), (3.8)

where εi
q(n) is the remainder of the expansion, bq(n), for q = 1, . . . , Q, form the known basis

used for the development, Q is the order of the development, and arsi
q (l), for q = 1, . . . , Q, are

the unknown coefficients, which are time-invariant. The coefficients {arsi
q (l)}

Q
q=1, together with

the basis {bq(n)}Qq=1, characterize the system.
Various BEM designs have been suggested to model time-varying channel [26] such as Poly-

nomial BEM (P-BEM), Discrete Karhunen-Loève BEM (DKL-BEM), and Complex Exponential
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BEM (CE-BEM). For the problem at hand, the combined phase-noise and channel coefficients
are complex-valued, making the real-valued P-BEM not suitable. On the other hand, the DKL-
BEM offers the lowest estimation error, but requires knowledge of the channel statistics, which
may not be available in practice. Due to its tractability, the complex exponential basis, given by
bq(n) = ejwqn, is widely used to model the wireless channel. It can be seen as a special case
of the Karhunen-Loève BEM based on white spectrum. Therefore, we apply CE-BEM in our
model.

The method to estimate the frequencies of the exponential basis {wq}Qq=1 proposed in [27] is
time-consuming and thus impractical in real implementation. The variation of the channel and
phase-noise can be represented by i) the time-invariant BEM coefficients a, and ii) the Fourier
basis ejwqn, that captures the time-variation. According to the characteristics of channel and
phase-noise responses over the block duration [57], and the property of Fourier transform, the
basis used to jointly model the channel and phase-noise is given by:

bq(n) = ej2π(q−Q/2)n/N . (3.9)

The remainder of the expansion εrsi
q (n) tends to zero under the following conditions: i) For a

sufficient approximation order Q; or ii) For a small variation of the phase-noise. For a particular
oscillator, the phase-noise is a slowly varying process with respect to the sampling rate; thus
εrsi
q (n) can be neglected to obtain the equivalent SI and intended channels for the individual signal

components combined with the phase-noise:

hi(n, l) =

Q∑
q=1

arsi
q (l)bq(n),

hi
IQ(n, l) =

Q∑
q=1

arsi
q,IQ(l)bq(n),

hi
PA(n, l) =

Q∑
q=1

arsi
q,PA(l)bq(n),

hi
PA,IQ(n, l) =

Q∑
q=1

arsi
q,PA,IQ(l)bq(n),
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hs(n, l) =

Q∑
q=1

as
q(l)bq(n), (3.10)

where arsi
q,PA(l), a

rsi
q,PA,IQ(l) and as

q(l), q = 1, 2, ..., Q are the unknown coefficients, related to their
corresponding channels. The objective of the formulation in (3.10), referred to as BEM [27], is to
reduce the number of parameters to be estimated and to transform the original under-determined
problem to a more tractable one.

For an OFDM transmitted signal, the symbol sequence {Sm(k)}N−10 is transformed into time
domain signal sm(n) using an IFFT block (i.e., sm(n) =

∑N−1
0 Sm(k)e

j2πkn/N ). For frequency-
multiplexed pilot transmission, the base-station transmitted signal contains the known pilot sym-
bols in the specified/reserved sub-carriers and unknown data symbols in the other sub-carriers.
By denoting Np = {p1, . . . , pP} as the index set of subcarriers that are used for pilot symbols,
where P is the number of pilots. We represent the transmitted signal sm(n) from the intended
transceiver as the sum of two signals sm(n) = sp

m(m) + sd
m(n) where:

sp
m(n) =

P∑
i=1

Sm(ni)e
j2πpin/N ,

sd
m(n) =

∑
k/∈Np

Sm(k)e
j2πkn/N . (3.11)

Then, we rewrite (3.6) as:

ym(n) =
L−1∑
l=0

Q∑
q=1

xm(n− l)arsi
q,1(l)bq(n)+

x∗m(n− l)arsi
q,IQ(l)bq(n)+

xm(n− l)|xm(n− l)|2arsi
q,PA(l)bq(n)+

x∗m(n− l)|xm(n− l)|2arsi
q,PA,IQ(l)bq(n)+

sp
m(n− l)as

q(l)bq(n)+

sd
m(n− l)as

q(l)bq(n) + wm(n). (3.12)
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The estimation of the time-varying channels turns into that of the sets of the time-invariant
BEM coefficients given by:

arsi(l) = [arsi
1 (l), . . . , a

rsi
Q (l)]

T ,

arsi
IQ(l) = [arsi

1,IQ(l), . . . , a
rsi
Q,IQ(l)]

T ,

arsi
PA(l) = [arsi

1,PA(l), . . . , a
rsi
Q,PA(l)]

T ,

arsi
PA,IQ(l) = [arsi

1,PA,IQ(l), . . . , a
rsi
Q,PA,IQ(l)]

T ,

as(l) = [as
1(l), . . . , a

s
Q(l)]

T . (3.13)

For a more compact representation of (3.10), we gather the basis and coefficients for the
residual SI-channel in matrix form as:

hrsi(n, l) = bTna
rsi(l), (3.14)

where bn = [b1(n), . . . , bQ(n)]
T is the basis vector at time n. Applying the same manipulation

for all individual channel coefficients yields the following relations:

hrsi
IQ(n, l) =bTna

rsi
IQ(l),

hrsi
PA(n, l) =bTna

rsi
PA(l),

hrsi
PA,IQ(n, l) =bTna

rsi
PA,IQ(l),

hs(n, l) =bTna
s(l). (3.15)

By gathering the different paths in vector forms as:

hrsi
n =[hrsi(n, 0), . . . , hrsi(n, L− 1)]T ,

hrsi
n,IQ =[hrsi

IQ(n, 0), . . . , h
rsi
IQ(n, L− 1)]T ,

hrsi
n,PA =[hrsi

PA(n, 0), . . . , h
rsi
PA(n, L− 1)]T ,

hrsi
n,PA,IQ =[hrsi

PA,IQ(n, 0), . . . , h
rsi
PA,IQ(n, L− 1)]T ,

hs
n =[hs(n, 0), . . . , hs(n, L− 1)]T , (3.16)
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all the channel coefficients to be estimated are collected as:

hn =

[
hrsi
n

T
,hrsi

n,IQ

T
,hrsi

n,PA

T
,hrsi

n,PA,IQ

T
,hs

n
T

]T
=Bna, (3.17)

where a = [arsiT ,arsi
IQ

T
,arsi

PA
T
,arsi

PA,IQ
T
,asT ]

T
is the 5QL×1 vector gathering all the BEM coef-

ficients where the vectors of coefficients are related to the SI-channel arsi = [arsi(0),arsi(1), . . . ,

arsi(L− 1)]
T for direct component, arsi

IQ = [arsi
IQ(0),a

rsi
IQ(1), . . . ,a

rsi
IQ(L− 1)]

T for image com-
ponent, arsi

PA = [arsi
PA(0),a

rsi
PA(1), . . . ,a

rsi
PA(L− 1)]

T for direct part of PA component, arsi
PA,IQ =

[arsi
PA,IQ(0),a

rsi
PA,IQ(1), . . . ,a

rsi
PA,IQ(L− 1)]

T for image part of PA component, and as = [as(0),

as(1), . . . ,as(L− 1)]T for intended channel. The 5L× 5QL basis matrix Bn is given by:

Bn =



bTn 0 · · · 0 0

0 bTn · · · 0 0

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

0 0 · · · bTn 0

0 0 · · · 0 bTn


= IN×N ⊗ bTn , (3.18)

where ⊗ denotes the Kronecker product.
Using the sequence {xm(n)}, we define the N × L Toeplitz matrix Xtoep,m, with the first

row [xm(1), xm(N), . . . , xm(N −L+2)], and the first column5 [xm(1), xm(2), . . . , xm(N)]. The
Toeplitz matrices XIQ,toep,m, XPA,toep,m, XPA,IQ,toep,m and Sp

toep,m are defined in the same way
as Xtoep,m using the sequence {x∗m(n)}, {xm(n)|xm(n)|2}, {x∗m(n)|xm(n)|2} and {sp

m(n)}, in-

5Note that the remaining i, j elements of a Toeplitz matrix A satisfy the relation: ai,j = ai−1,j−1.



3 BEM Based Maximum Likelihood-Based SI-Cancellation 25

stead of {xm(n)}, respectively. Using Xtoep,m, the N × LQ matrix Xbasis,m, combining the di-
rect component of the SI data sequence and the basis, is defined as6 Xbasis,m(n, :) = Xtoep,m(n, :

)⊗bTn . Similarly, XIQ,basis,m, XPA,basis,m and XPA,IQ,basis,m combineXIQ,toep,m,XPA,toep,m and
XPA,IQ,toep,m, respectively, with the basis bn, instead of Xtoep,m, and the matrix Sp

basis,m, contain-
ing the intended pilot symbols, is defined in the same way using Sp

toep,m. Then, we express the
received vector ym = [ym(1), . . . , ym(N)]T as:

ym =Xbasis,ma
rsi +XIQ,basis,ma

rsi
IQ +XPA,basis,ma

rsi
PA +XPA,IQ,basis,ma

rsi
PA,IQ+

Sp
basis,ma

s +H s
ms

d
m +wm

=Dbasis,ma+H s
ms

d
m +wm, (3.19)

where Dbasis,m = [Xbasis,m,XIQ,basis,m,XPA,basis,m,XPA,IQ,basis,m,S
p
basis,m] is the matrix col-

lecting all the known SI symbols of direct component, image component and nonlinear PA com-
ponent, as well as the known pilot symbols from the intended signal. In (3.19), H s

m is the intended
channel matrix of mth block defined as:

Hs
m =



hs(1, 0) 0 · · · hs(1, L− 1) · · · hs(1, 1)

hs(2, 1) hs(2, 0) · · · hs(2, L− 1) · · · hs(2, 2)

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

hs(L,L− 1) · · · hs(L, 0) 0 · · · 0

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

0 · · · 0 · · · hs(N,L− 1) · · · hs(N, 0)



. (3.20)

The formulation of the received signal in (3.19) allows us to express the parameters to estimate

6Xtoep,m(n, :) is the nth row of Toeplitz matrix Xtoep,m, Xbasis,m(n, :) is the nth row of matrix Xbasis,m
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in a linear form.

3.2 Parameter Estimation and SI-Cancellation for Frequency-Multiplexed

Pilot Transmission

This section studies the estimation of the SI-channel, nonlinearities, and phase-noise based on
the previous developments. We consider the problem of estimating the time-invariant BEM co-
efficients a from the sample ym.

To reduce the SI in (3.19), we need to estimate the vector ãrsi = [arsiT ,arsi
IQ

T
,arsi

PA
T
,arsi

PA,IQ
T
]
T

from ym. Since the Xbasis,m, XIQ,basis,m, XPA,basis,m and XPA,IQ,basis,m are known, the straight-
forward procedure to estimate ãrsi is to resort to a linear estimator using the matrix X̃basis,m =

[Xbasis,m,XIQ,basis,m,XPA,basis,m,XPA,IQ,basis,m]. However, this strategy gives poor perfor-
mance since the intended signal is considered as noise. As an alternative, we exploit the statistics
of the unknown part of the intended signal to jointly estimate ãrsi and as. The received signal is
modeled as a Gaussian random process7 with mean Dbasis,ma and covariance matrix R given by:

R = E
{(

H s
ms

d
m +wm)(H

s
ms

d
m +wm)

H
}

= EH
{
H s

mEs
{
sd
ms

d
m

H}
H s

m
H

}
+ E

{
wmwm

H
}

= α2E
{
H s

mH
s
m
H

}
+ σ2IN , (3.21)

where (·)H denotes the Hermitian transpose, α2 and σ2 are the variances of the intended signal
and additive Gaussian thermal noise, respectively, and E

{
H s

mH
s
m
H
}

depends on the statistical
properties of the phase-noise process and the intended channel coefficients. The statistical prop-
erties of the phase-noise are determined by the oscillator type (i.e., PLL-based oscillator or a
free-running oscillator [59]). According to the Gaussian model, the log-likelihood function is

7The Gaussian approximation is well justified for OFDM signals [58].
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given by:

L(a) =−M log |R| −
M∑
m=1

(ym −Dbasis,ma)
HR−1(ym −Dbasis,ma), (3.22)

where M is the total number of received blocks, | · | returns the determinant of a matrix.
The ML estimator of a is obtained by maximizing the log-likelihood function L(·) shown

in (3.22). According to its definition, H s
m depends on the intended channel and phase-noise

equivalent on as. Therefore, the dependency between R and a makes the direct maximization of
the log-likelihood function with respect to a difficult. To overcome this complexity, we ignore
the relation between a and R and we maximize the log-likelihood function with respect to a and
R, treated as two separate terms. In other words, the new optimization problem is split into two
independent optimization problems, each with respect to only one variable, a or R while fixing
the other. This separability is exploited to solve the problem in a low-complexity manner.

By separately considering variables a and R, it is possible to maximize (3.22) with respect to
one variable. If the matrix R is available, the vector a that maximizes the log-likelihood function
is given by:

aML(R) =

( M∑
m=1

DH
basis,mR

−1Dbasis,m

)−1
×

M∑
m=1

DH
basis,mR

−1ym. (3.23)

Conversely, given a, we can solve the maximization of log-likelihood function with respect
to R as:

RML(a) =
1

M

M∑
m=1

(ym −Dbasis,ma
)
(ym −Dbasis,ma)

H . (3.24)

Thus, using (3.23) and (3.24), we develop the following iterative algorithm: Given covariance
matrix Rk−1, estimate of a at the kth iteration is obtained by ak = aML(Rk−1); Then, we update
the kth estimate of R as Rk = RML(ak). In the proposed algorithm, Rk acts as a weighting
matrix that improves the performance of parameter estimation as more iterations are performed.
This algorithm continues until the difference between the estimated values from two successive
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iterations is considered to be negligibly small. In the absence of a prior knowledge of R, we
initialize the algorithm by R0 = IN which gives an LS estimator of the vector coefficients at first
iteration as:

aLS =

( M∑
m=1

DH
basis,mDbasis,m

)−1 M∑
m=1

DH
basis,mym. (3.25)

In order to demonstrate the validity of this iterative algorithm, we need to show the conver-
gence of the ML solution. Noting that the objective function is maximized with respect to one
variable a or R while fixing the other, the value of the objective function is increased after every
iteration. The proof of convergence to the global maximum of the log-likelihood function is not
straightforward because the function at hand is not verified to be convex. In fact, when initializ-
ing the algorithm with R0 = I , the algorithm returns, in the second iteration, the same channel
estimate given in the closed-form solution [29] as:

hML =

( M∑
m=1

DH
basis,mR̃

−1Dbasis,m

)−1
×

M∑
m=1

DH
basis,mR̃

−1ym, (3.26)

where R̃ = 1/M
∑M

m=1 dmd
H
m, and dm = ym −Dbasis,maLS . That is, after two iterations, the

algorithm operates close to the ML solution. We have:

L(hi,Ri) = max
R
L(hi,R)

≥ L(hi,Ri−1)

= max
h
L(h,Ri−1)

≥ L(hi−1,Ri−1). (3.27)

Therefore, the log-likelihood function increases after each iteration, and the convergence to global
maximum is fast, given a suitable initialization. The simulation results presented in Section 3.4
also confirm that, when the algorithm is initialized by R0 = I , the iterative algorithm converges
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to the ML solution after a reasonable number of iterations [29].
The computational complexity of the LS estimator comes mainly from the inversion of(∑M
m=1D

H
basis,mDbasis,m

)
, while compared to the LS estimator, the proposed ML algorithm

needs to calculate an additional inversion of N ×N matrix R in each iteration [29].

3.3 Signal Model and SI-Cancellation Parameter Estimation for

Time-Multiplexed Pilots Transmission

Fig. 3.1 Time-multiplexed pilots transmission.

The algorithm developed in the previous section follows the frequency-multiplexed pilots
insertion, as used for the downlink from the base station to the mobile users in the LTE standard
[13].

When Single Carrier FDMA (SC-FDMA) is used in LTE, the pilots are multiplexed in time
domain by introducing one pilot symbol every 7 time-blocks, as shown in Fig. 3.1. Thus, the
intended received signal s(n) from users can contain either pilot or data time-slots. We denote
byMP andMD the index sets for pilot and data time-blocks, respectively. When the received
symbol in time m corresponds to a pilot symbol (i.e., m ∈ MP ,) the received signal can be
written as:

ym|m∈MP
=Xbasis,ma

rsi +XIQ,basis,ma
rsi
IQ +XPA,basis,ma

rsi
PA +XPA,IQ,basis,ma

rsi
PA,IQ

+Sp
basis,ma

s +wm

=Dbasis,ma+wm, (3.28)

where arsi, arsi
IQ, arsi

PA and arsi
PA,IQ are QL × 1 vectors gathering all the coefficients necessary to
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reduce the SI, and as is the QL× 1 vector collecting the channel coefficients of intended signal.
For data-carrying symbols (i.e., m ∈MD), the received signal is expressed in a slightly different
way as:

ym|m∈MD
=Xbasis,ma

rsi +XIQ,basis,ma
rsi
IQ +XPA,basis,ma

rsi
PA +XPA,IQ,basis,ma

rsi
PA,IQ

+H s
ms

d
m +wm

=X̃basis,mã
rsi +H s

ms
d
m +wm. (3.29)

In what follows we describe the estimation process to find ãrsi.

3.3.1 LS and ML Estimators for Time-Multiplexed Pilots Transmission

The objective is to estimate the SI-channel and the transmitter impairments, and then to regenerate
the SI to be subtracted from the received signal. Since the transmitted SI signal Dbasis,m is known,
the straightforward way is to use the LS estimator as:

aLS|m∈MP
=

( ∑
m∈MP

DH
basis,mDbasis,m

)−1
×
( ∑
m∈MP

DH
basis,mym

)
. (3.30)

The estimate in (3.30) is based on the received symbols corresponding to pilots (i.e., m ∈
MP ). Therefore, a better estimate of a can be obtained if we exploit all the received signals
both pilot m ∈ MP and data symbols m ∈ MD. In the following, we propose an estimation
algorithm that incorporates the intended signal both in pilot time slots and data time slots. By
modeling the unknown data as Gaussian random variable, the received signal ym during the non-
pilot period is a Gaussian random vector with mean X̃basis,mã

rsi and covariance matrix RMD
=

α2E
{
H s

m
HH s

m

}
+ σ2IN . Furthermore, during the pilot period, the received signal ym is a

Gaussian variable with mean Dbasis,ma and covariance matrix RMP
= σ2IN . Considering the

statistical properties of the received signal, the log likelihood function is given by:

L(ãrsi,as) =−Md log|RMP
| −

∑
m∈MP

(ym − X̃basis,mã
rsi − Sp

basis,ma
s)
T
×
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(ym − X̃basis,mã
rsi − Sp

basis,ma
s)−∑

m∈MD

(ym − X̃basis,mã
rsi)

T
R−1MP

(ym − X̃basis,mã
rsi). (3.31)

Therefore, the ML estimates of ãrsi and as are obtained by maximizing L(., .) in (3.31).
Note that, in the above objective function, the matrix RMP

depends on as making the direct
maximization of L(., .) intractable since it involves a multidimensional grid search. To solve the
problem, we first maximize (3.31) with respect to ãrsi for fixed as and RMP

. Therefore, taking
the gradient of L(., .) with respect to ãrsi and setting it to zero yields:

̂̃arsi

ML =

( ∑
m∈MP̃

XH
basis,mX̃basis,m +

∑
m∈MD̃

XH
basis,mR

−1
MP

X̃basis,m

)−1
×( ∑

m∈MP̃

XH
basis,m(ym− Sp

basis,ma
s)+
∑

m∈MD̃

XH
basis,mR

−1
MP

ym

)
. (3.32)

On the other hand, for fixed ãrsi, the covariance matrix RMP
can be estimated as:

R̂MPML=
1

M

T∑
m=1

(ym−X̃basis,mã
rsi)(ym−X̃basis,mã

rsi)H . (3.33)

and the coefficients related to the intended channel are obtained from:

âs
ML =

( ∑
m∈MP

SpH
basis,mS

p
basis,m

)−1
×
( ∑
m∈MP

SpH
basis,m(ym − X̃basis,mã

rsi)

)
. (3.34)

Clearly, the estimate of ãrsi in (3.32) depends on as and RMP
. At the same time, the estimate

of RMP
in (3.33) and as in (3.34), depends on the value of ãrsi. Therefore, here we resort to

an iterative procedure to find the different parameters. At the kth iteration, the estimate ̂̃arsi,k−1

obtained at iteration k − 1 is used to find R̂k
MP

and âs,k. Then, the estimate of ãrsi is updated at
iteration k using the obtained values of RMP

and as. To initiate this procedure, we use the pilot
symbols to estimate ãrsi and as as equation (3.30).
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There are two differences between the ML solution in (3.32) and the LS solution in (3.30).
The ML estimate is obtained by using the received signal corresponding to both pilot and data
symbols, while the LS estimate only uses the received signal corresponding to pilot symbols.

The proof of convergence to the global maximum of the log-likelihood function is similar to
that in the previous section.

3.4 Simulation Results

We evaluate the performance of the proposed algorithm in terms of the estimation mean square er-
ror (MSE), intended-signal-to-SI-plus-thermal-noise power ratio (SINR) and the SI-cancellation
gain versus the intended-signal-to-thermal-noise power ratio (SNR). The SI-cancellation gain is
defined as the power ratio of the initial SI before cancellation to the residual SI after cancellation.
Also, the intended-signal-to-interference power ratio (SIR) at the output of the RF cancellation
stage is assumed to be −20 dB. The wireless channels are represented by a multipath Rayleigh
fading model with L = 7 paths and an average path gain vector [0,−1,−5,−10,−8,−15,−25]
dB for the intended channel and [20, 19, 15, 10, 12, 5,−5] dB for the SI channel corresponding to
SIR of −20 dB.

There are two widely used oscillator types: free-running and phase-locked loop (PLL) based
oscillators. Phase-noise in a free-running oscillator can be modeled as a Wiener process [59]. In
a PLL-based oscillator, phase-noise is controlled by the feed-back loop and can be modeled as an
Ornstein Uhlenbeck process [60]. In the following, we consider free-running oscillators in use,
and the corresponding Wiener phase-noise at the nth sample is related to the previous sample
as: φ(n) = φ(n − 1) + β, where β is a Gaussian random process with zero mean and variance
σ2 = 4πf3dBTs. Ts denotes the sample interval and f3dB is the 3 dB bandwidth of the phase-noise
Lorentzian spectrum [59], indicating the quality of the oscillator (i.e., large f3dB corresponding
to large phase-noise). In the following numerical results, we set σ2 = 0.001, f3dB = 100 Hz.

In the simulation, we use MATLAB to implement the various blocks shown in Fig.2.6. The
generated OFDM signals cover both frequency-multiplexed pilots and time-multiplexed pilots.
The non-linear PA polynomial model coefficients are derived from our SimRF amplifier operating
at 2.08896 GHz in SIMULINK, as α1 = 10, α3 = −0.2, α5 = 2.95× 10−4, α7 = −1.14× 10−7.
Based on these coefficients, we calculate the power gain G = 20log10(α1) = 20 dB, output
third-order intercept point OIP3 = 10log10

α1
3

|α3| + 14.26 = 51.24 dBm, and the output 1dB-
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compression point as P1dB = OIP3 − 10.6 = 40.64 dBm. The effects of the IQ-imbalance
are modeled by introducing an image signal to the actual transmit signal with a signal-to-image
power ratio of 40 dB, where g1=1 and g2=0.0029 − 0.013i. The thermal noise is modeled as a
white Gaussian component added to the received signal and SI at the receiver input, after which
its power is increased according to the receiver component gains and noise figures.

3.4.1 Performance Evaluation with Separate- and Common-Oscillator Structures

SNR [dB]
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S
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R
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B
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separate after cancellation
absence of nonlinearity  & phase-noise

Fig. 3.2 SINR before and after baseband SI-cancellation versus SNR in separate-
oscillator and common-oscillator cases.

In this section, we compare the effect of phase-noise introduced by two oscillator structures,
where nonlinearity is not included. When using a common oscillator, the phase-noise is partially
compensated by the oscillator on the receiver’s side, making the effects of the phase-noise lower
than using two separate oscillators, where the transmit and receive SI signals are affected by



3 BEM Based Maximum Likelihood-Based SI-Cancellation 34

two independent phase-noise realizations [20]. Fig. 3.2 compares the SINR’s before and after
baseband SI-cancellation for the: separate- and common-oscillator scenarios. The plots indicate
a large SINR gap of about 2.7 dB between the separate- and common-oscillator cases, before
baseband SI-cancellation. In the common-oscillator case, part of the up-conversion phase-noise
φup(n) can be compensated for in down-conversion phase-noise φdown(n), resulting in less phase-
noise, and hence less SI. The baseband SI-cancellation stage effectively reduces the SI as shown
in Fig. 3.2.

After baseband SI-cancellation, the SINR in the common-oscillator case is almost equal to the
SNR, and the SINR gap between the common- and separate-oscillator cases is reduced to less than
1 dB for SNR< 5 dB. However, with increasing SNR, this SINR gap is increased. At SNR= 20

dB, the SINR gap is about 2.7 dB, similar to the SINR gap before baseband SI-cancellation.

sample index
0 20 40 60 80 100 120

ph
as

e 
no

is
e 

am
pl

itu
de

-0.42

-0.4

-0.38

-0.36

-0.34

-0.32

-0.3

-0.28

Q=128

Q=8

Q = 14

Fig. 3.3 Phase-noise in the separate oscillator case (solid line) and its approxima-
tions (dashed lines) using different basis expansion order Q.

In a multipath channel, each resolvable path has a different delay, resulting in different global
phase-noise φ = φup(n− l)−φdown(n). Figs. 3.3 and 3.4 plot the phase-noise samples, along with
BEM approximations, of one channel path for separate and common oscillators, respectively.
Higher expansion orders result in a better approximation of the phase-noise, as shown in Fig. 3.3
and Fig. 3.4, but at the cost of increasing the number of parameters to estimate (i.e., the size of
a is related to Q as 5QL). The problem is identifiable when the number of samples considered
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Fig. 3.4 Phase-noise in the common oscillator case (solid line) and its approxima-
tions (dashed lines) using different basis expansion order Q.

for the estimation is larger than the number of parameters (i.e., the order of basis should satisfy
5QL ≤ N ). In the simulation, we choose Q = bN/(5L)c = 14.

3.4.2 Performance of Frequency-Multiplexed and Time-Multiplexed Pilot Transmission

For the frequency-multiplexed pilots, we consider an OFDM system with N = 512 subcarriers,
using 4QAM and a cyclic prefix of Ncp = 16. The number of observed OFDM blocks is set to
be T = 140 in all simulations. The pilot symbols are inserted periodically in some subcarriers
before the IFFT operation. Fig. 3.5 plots the channel MSE versus the SNR for different numbers
of iterations in the case of frequency-multiplexed pilots. From the plot, it can be seen that 5
iterations are sufficient to obtain a good performance.

We also evaluate the performance of the proposed algorithm in the case of time-multiplexed
pilots, in a SC-FDMA system with N = 512 data subcarriers, using 4QAM and a cyclic prefix of
Ncp = 16. The number of observed SC-FDMA blocks is T = 140. The pilot symbols are inserted
periodically in the fourth block of every slot. For reference, we also evaluate the performance
of the algorithm proposed in [23], under the same conditions. The approach proposed in [23]
consists of the following two steps: First, it assumes no phase-noise and estimates the SI-channel
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Fig. 3.5 SI-channel MSE versus SNR in different numbers of iterations.

using the LS criterion; Then, with the estimated SI-channel, it estimates the phase-noise using the
MMSE criterion. This method suffers from two kinds of estimation errors: Channel estimation
error when estimating the phase-noise, and errors from the unknown intended signal, which is
treated as additive noise.

Regarding the computational complexity, the complexity of the proposed algorithm is mainly
related to the calculation of matrix inversion of the N × N matrix R at each iteration. This
inversion sets the complexity of such technique to O(N2). In addition to matrix inversion, the
SI signal is reconstructed using an O(N) multiplication process. The main complexity of the
algorithm proposed in [23] comes from the calculation of an N × N weighting matrix that in-
volves matrix inversion with complexity order of O(N2). Reconstructing the SI signal involves
a multiplication process of order O(N). In addition, the MMSE estimation requires an inverse
discrete Fourier transform (IDFT) process to with complexity order of O(Nlog2N).

Fig. 3.6 plots the MSE of the SI-channel estimation as a function of SNR, with the perfor-
mance of the algorithm proposed in [23] (labeled as “separate channel and phase-noise estima-
tion” in Fig. 3.6). For simplicity, we just compute and compare the SI-channel corresponding
to the direct component of the SI signal hi. For both frequency- and time-multiplexed pilots,
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Fig. 3.6 SI-channel estimation MSE versus input SNR.

the simulation results indicate that the performance of [23] saturates at high SNR because it is
affected by both phase-noise and additive Gaussian noise. Moreover, at high SNR, even if the
phase-noise is suppressed, the transmitter nonlinearity considerably increases the noise floor, lim-
iting the estimation performance and resulting in a large residual SI. Thus, the suppression of the
transmitter nonlinearity in our algorithm improves the performance significantly.

Fig. 3.7 shows the relationship between the SINR after cancellation and the SNR in presence
of the phase-noise in the separate-oscillator case, for both the frequency-multiplexed and time-
multiplexed pilots. In general, the SINR is always smaller than the SNR due to the non-zero
residual SI after cancellation. Without phase-noise, the resulting SINR is almost the same as
the operating SNR. It can be seen that larger phase-noise induces higher residual SI and hence
larger degradation in cancellation performance (i.e., lower SINR). With phase-noise, the proposed
algorithm closely approaches the SINR performance in the case of no phase-noise (< 0.5 dB for
SNR≤ 10 dB,< 1 dB for SNR≤ 20 dB), and outperforms the algorithm in [23], more noticeable
at high SNR > 10 dB when the resulting SINR of the algorithm in [23], becomes saturated at
around 12 dB. In all cases, the frequency-multiplexed pilots provide better SINR performance
than the time-multiplexed pilots.
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Fig. 3.7 Output SINR versus input SNR after cancellation.

We consider a typical case when the average power of the SI (before cancellation) is about
70 dB to 90 dB higher than that of the intended signal. Results in [36, 41] indicate an antenna SI
isolation of more than 30 dB plus a RF SI-cancellation of about 20 dB, so that the SI-to-intended-
signal power ratio (ISR) after the RF SI-cancellation stage (at the LNA input in Fig. 2.6) is
about 20 dB (= 70 dB−30 dB−20 dB) to 40 dB (= 90 dB−30 dB−20 dB). The baseband SI-
cancellation stage offers further reduction/suppression of the residual SI, which can be expressed
as SI-cancellation gain (in dB). Fig. 3.8 plots the SI-cancellation gain versus the SNR achieved by
the proposed algorithm and the algorithm of [23] for ISR = 20 dB and 40 dB. For the frequency-
multiplexed pilots, the results shows that the proposed BEM-ML algorithm outperforms that
of [23] by 3 dB when ISR=20 dB and 6 dB when ISR=40 dB. The results for the time-multiplexed
pilots show that the performance difference of two algorithms is not obvious at low SNR, but
becomes clearer at high SNR. At SNR=20 dB the proposed BEM-ML algorithm outperforms
that of [23] by 8 dB in both cases.
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3.5 Chapter Summary

In this chapter, a phase-noise and nonlinearity mitigation scheme has been proposed to reduce
the SI in FD systems. The BEM is adopted to transform the problem of estimating the time-
varying phase-noise to the estimation of a set of time-invariant coefficients. Then, an ML scheme
is developed to find the BEM coefficients. Incorporating the intended signal into the estima-
tion process represents the main advantage of the proposed method. By exploiting the pilot
symbols and second-order statistics of the unknown intended signal, the proposed method incor-
porates the unknown intended signal in an iterative process by jointly both estimating the SI and
intended-signal channels. For time-multiplexed pilot transmission, we combined the LS and the
ML schemes. First, the LS algorithm is used to exploit the pilot symbols and to jointly estimate
the SI and intended-signal channels. Then, the ML algorithm is applied to exploit second-order
statistics of the unknown intended data signal and incorporates the unknown intended signal in
an iterative process. Simulation results are presented and confirm the superior performance of
the proposed algorithm in achieving SI-cancellation.
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Chapter 4

SI-Cancellation Performance and Limiting

Factors

4.1 Overview of Simulink FD Communications System Platform

In this chapter, we study the SI-cancellation performance and its characteristics in different sce-
narios through simulation using experimental results.

We first implement an FD communication system using 20 MHz OFDM centered at 2.27 GHz
with 30 dBm. This OFDM signal has 12 dB peak-to-average power ratio (PAPR), similar to LTE
signals. Fig. 4.1 depicts the top level block diagram of the implemented FD communication sys-
tem platform. The signal was generated by waveform simulator implemented in Simulink with
3/4 channel coding and 16-QAM modulation. The signal goes through a DAC, where quantiza-
tion noise is introduced, before being sent through a PA, which amplifies its power to 30 dBm.
The PA introduces nonlinear distortion as well as adding some output noise. For the SI channel
with an analog SI-cancellation stage (S1), both measured and theoretical SI channels are used in
the Matlab Simulink Platform. An LNA is used at the receiver. One active RF SI-cancellation
stage (S2) is applied before LNA. Moreover, to incorporate the effect of quantization noise into
the simulations, the ADC is modeled explicitly as a uniform quantization process. The imple-
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mentation of the baseband SI-cancellation stage (S3) follows directly after the ADC. The effect
of thermal noise is realized by fixed noise power. For example, in our platform the thermal noise
power spectral density is −174 dBm/Hz while the SNR is 20 dB.

Fig. 4.1 Top Level Block Diagram of Simulink FD Communications System Plat-
form.

For the analog SI-cancellation stage, we apply the method in [49]. The SI channel could
be split into two sections, namely internal SI channel and external SI channel. The internal
SI channel is due to the intrinsic characteristics of antenna structures, which are independent
of environment. However, the external SI channels are related to the dynamic reflections of the
environment. The purpose of analog cancellation is three-fold: suppressing the internal reflection,
preventing receiver saturation, and minimizing the quantization noise. For a 20 MHz OFDM
signal with transmitted power of 30 dBm, in order to keep the degradation of the effective SNR
of the intended signal within 0.4 dB, the co-channel nonlinear distortion power generated by
analog cancellation must be at least 10 dB lower than the thermal noise floor. This requires the
IIP3 of analog cancellation to be higher than 78 dBm. The prototype analog cancellation with 2
taps was measured and characterized using a 20MHz OFDM signal centered at 2.27 GHz with
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30 dBm signal. In an outdoor environment, analog cancellation combined with custom dual-
polarized antenna separation of approximately 50 dB suppression would provide 80 − 90 dB
cancellation for an FD system. In an indoor environment, due to the rich multipath effects, the
analog cancellation improves to be about 17 dB cancellation over 48 dB antenna suppression,
yielding 65 dB of cancellation in total. The signal after analog cancellation was captured and fed
into a digital cancellation simulation platform. In our simulation, we implemented the analog
SI-cancellation stage, while taking into account measurements from actual indoor and outdoor SI
channels.

To avoid overloading or saturation of these components, a radio frequency SI-cancellation
stage is introduced prior to the LNA and ADC to suppress the SI to a level sufficiently low. As
previously discussed, the major task in the RF SI-cancellation stage is to estimate the SI channel
vector. The initial SI channel estimate is obtained during the short HD period at the start of the
RF SI-cancellation stage, also called the estimation period of S2. Since the transmitted SI signal
is known, it is straightforward to use the least-square method for estimation. After the SI channel
is estimated, the simulation moves to the cancellation period of S2, which lies in the FD period
of the RF cancellation, where the SI is suppressed.

RF cancellation attenuates only the direct coupling component of the SI channel. Therefore,
to suppress the residual SI and RF impairments, a baseband SI-cancellation stage is introduced
after the ADC. During FD operations, detection of the intended signal requires the knowledge of
the channel between the two transceivers. An ML algorithm is implemented in baseband cancel-
lation to jointly estimate the residual SI channel with transmitter nonlinearity and the intended
channel, based on the known transmitted symbols from its own transmitter as well as the known
pilot symbols from the other intended transmitter. Here, the RF impairments include PA and LNA
nonlinearities. An iterative algorithm is implemented to improve the estimation performance.

4.2 Simulation of FD Communication System

Following a typical direct conversion architecture [61–63], the structures of the transceivers being
analyzed are given in Fig. 4.2. The calculations are mostly dedicated to identifying the limiting
factors of the SI-cancellation performance. One significant component of SI-cancellation is the
reference signal for the RF and the baseband SI-cancellation stages [10]. In the simulation, we
apply these two commonly used architectures and analyze the SI-cancellation performance of
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each architecture. In the first one, the reference signals are directly taken from the transmitter
baseband for both RF and baseband stages, where an auxiliary transmitter chain is required to
convert the baseband signal to RF [10]. The second architecture takes the reference signals from
the output of the PA. As a result, an additional receive chain is needed to obtain the reference
signal for baseband stage [10].

(a) Architecture 1 (b) Architecture 2

Fig. 4.2 Simplified block diagram of the FD transceivers with RF and baseband

SI-cancellation stages.

In the first architecture, distortion caused by the transmitter cannot be suppressed by the
RF cancellation, and it increases the quantization noise. However, baseband cancellation can
reduce the PA-induced nonlinearity. In the second architecture, the distortion is reduced by the
RF cancellation since it has already been included in the reference signal. But the additional
transmitter reference ADC increases the quantization noise.
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4.2.1 Limiting Factors in SI-Cancellation

To reduce the SI in an FD system, successive cancellation stages are needed to properly detect
the intended signal due to its large power. In general, it is difficult to give an accurate estimate of
the obtainable SI reduction because of the interactions among many factors such as transceiver
impairments, wireless propagation channel, estimation error and so on. In the following, we
briefly discuss the impact of the transceiver impairments in FD systems that limit the cancellation
of SI.

Quantization Noise

There are two quantization noise sources, one from the finite-resolution DAC, and the other from
the ADC [64]. Since the amount of the SI-cancellation performed in the digital domain is very
large, in order to avoid the low resolution of the weak intended signal, an additional dynamic
range is required in the interfaces of ADC and DAC, otherwise, the low resolution limits the
overall performance of the transceiver [16].

The uniform ADCs with equidistant quantization levels at 2b are mostly used in communica-
tions systems, where b is the number of bits of the ADC. Assuming that the level of the output
signal from the ADC is limited between +1 and −1, the quantization function under these con-
ditions is [64, 65]:

Q(x) =


−1, if x ≤ 2−2b

2b−1 ,

2 q−1
2b−1 − 1, if 2q−2−2b

2b−1 < x ≤ 2q−2b
2b−1 , q = 2, . . . , 2b − 1,

1, if x ≥ 2b−2
2b−1 .

(4.1)

In practice, as the receiver automatic gain control (AGC) with adjustable gain gAGC keeps the
total ADC input level within the fixed scale of the quantization block Q(·). In our development,
we make sure that the AGC operates optimally to minimize the the quantization noise.

Let us assume the transmission of OFDM signals, which are very close to Gaussian by the
central limit theorem when the number of subcarriers is large [66]. Therefore, the classical for-
mula of signal-to-quantization noise ratio is ρ = 6.02b + 1.76dB, assuming a sinusoidal input
signal is no longer valid. fs is the sampling rate of signal before quantization. The resulting sam-
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ples are denoted by y(n). Using the Bussgang’s theorem [67] for nonlinear memoryless systems,
the output of the ADC is the sum of the input attenuation version and the statistical independent
Gaussian term. Thus the input-output relation of the ADC is given by [64]:

yADC(n) = α
√
gAGCy(n) + ωAGC(n), (4.2)

where ωADC(n) is the clipping-plus-quantization noise uncorrelated with the input y(n) and α is
the attenuation given as follows [64]:

α =
√
gAGC

E{y(n) ∗ yADC(n)}
E{|y(n)|2}

. (4.3)

The power of ωADC(n) is obtained by rearranging the terms in (4.2) as:

PADC = E{|yADC(n)|2} − α2gAGCE{|y(n)|2}. (4.4)

The various expectations in (4.3) and (4.5) can be easily calculated given that the input signal
follows a Gaussian distribution:

E{|yADC(n)|2} =
∫ ∞
−∞

Q2(x)f(x, gPin)dx,

E{y(n)× yADC(n)} =
∫ ∞
−∞

xQ(x)
√
gAGC

f(x, gPin)dx. (4.5)

where Pin is the power of the input signal of the ADC and f(x, σ2
x) is the probability distri-

bution function of a Gaussian random variable x with zero mean and σ2
x variance [64].

Nonlinearity

While it is relatively easy to reduce the linear part of the SI, reducing the different nonlinearity
impairments from the transmitter and receiver chains is more challenging. Analog SI-cancellation
nonlinearity, PA nonlinearity and LNA nonlinearity are recognized as the dominant nonlineari-
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ties.
Nonlinearity of analog SI-cancellation is introduced by the process of S1. The power of

co-channel nonlinear distortion (PCC), which occurs due to the analog SI-cancellation, limits
the cancellation performance of entire FD system. In order to avoid a significant fall in SNR,
PCC should be kept below the noise floor at the receiver by a certain amount. The limiting
factors of overall cancellation are co-channel nonlinearity, signal bandwidth and noise figure of
the receiver [68]. Hence, the total achievable cancellation PTC at the receiver is presented as
follows [68]:

PTC = PTx − (−174 + 10log10Bw + PTNF + PCC), (4.6)

where PTx is the transmitted power, PTNF is the noise figure of the receiver with analog SI-
Cancellation, Bw is the signal bandwidth [69].

To prevent a degradation exceeding 0.4 dB to the intended signal’s effective SNR, the in-band
PCC should be 10 dB lower than the noise floor at receiver (−174+10log10Bw−10+Ptnf ) [68].
The relation between PCC and two tone third-order Inter-Modulation Distortion components
(IMD3) is provided by [69]:

PCC =10log10(
64

3
PIMD3)

=PIMD3 + 13.3, (4.7)

where PIMD3 is the power of IMD3. By equation 4.7, we can transform the requirement of co-
channel nonlinear distortion into that of IMD3, which is frequently used in measuring system
nonlinearity [68].

In addition, the third-order intercept point (OIP3) of analog SI-Cancellation with 10 dB PCC

margin is given by [68]:

POIP3 =
2

3
(PTx − PAS)−

1

2
(−174 + 10log10Bw − 10− 13.4 + PTNF ) (4.8)

where PAS is the cancellation power of antenna suppression.
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As mentioned in the previous section, PA nonlinearity can be modeled with a Hammerstein
nonlinearity.

The low noise amplifier (LNA) is an important component of RF receiver. The distortion
performance of LAN is its significant properties [70], typically specified in terms of IIP2 and
IIP3.

The kth order nonlinearity produced by transmit PA and receive LNA is presented as [61]:

pk,nl =
pking

piip
k−1
k

, (4.9)

where g is the linear gain of the component, pin is the power of the input signal and piipk is the
kth order input reference intercept point.

Transceiver Noise

The thermal noise represented by the additive Gaussian noise is inherent in the transceiver cir-
cuits, and it is usually characterized by the noise factor. Considering the multiple stages in Fig.
4.2, the receiver’s output noise power is

pnoise,Rx = kT0FRxBw(gLNA), (4.10)

where gLNA is the power gain of the LNA, Bw is the bandwidth of the signal, kT0 = 10−174/10

mW/Hz is the thermal noise power spectral density, and FRx is the overall noise factor of the re-
ceiver. By Friis’ formula, FRx can be derived from FLNA and FAGC , which refer to the individual
noise factors of LNA and AGC respectively, as

FRx = FLNA +
FAGC − 1

gLNA
. (4.11)

Noise emission from the transmitter to its own receiver also affects the performance of FD
systems. While being partially suppressed in the second architecture, the noise remains unchecked
in the first one, it still has to be derived. Let FTx = FPA− 1 be the noise factor of the transmitter
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chain, its noise emission, pnoise,Tx, is then given by [10]:

pnoise,Tx = kT0FTxBwgPA, (4.12)

where gPA is the gain of the PA. In the previous expression, it is assumed that compared to the
noise generated by the PA, the noise generated by other devices (such as low-pass and band-pass
filters) is negligible.

4.2.2 Performance of The First Architecture

In the first architecture, the estimate by RF and baseband SI-cancellation stages take the refer-
ence signals from the transmitter baseband, therefore an auxiliary transmitter chain is required to
convert the baseband signal to RF [10].
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Fig. 4.3 Cancellation performance in the absence of quantization noise and nonlin-
earities in architecture 1.
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Quantization Effect

As shown in Fig. 4.2 (a), quantization noise is introduced by one ADC and two DACs. In the
transmitter chain, a DAC is added before up-converting signal from baseband to RF band, in
which signals having a few defined (digital) levels are converted into ones having a theoretically
infinite number of (analog) levels that result in some distortion. In the output of S2 cancellation,
an additional DAC and an up-converting radio chain for generating the RF signal are needed. The
additional components slightly change the generated SI leading to residual SI, thereby introduc-
ing a part of quantization noise. Moreover, an ADC is required in the receiver chain. Actually,
the ADC is preceded by AGC with adjustable gain. As a result, the strong SI in the received sig-
nal significantly reduces the amount of bits that can be used for intended signal. In the following
figures, we show the quantization effects of each of these components.
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Fig. 4.4 Receive ADC resolution effect in architecture 1.

To better illustrate the quantization effects of ADC in the receiver, Fig. 4.4 plots the can-
cellation performance with various resolutions of ADC. It is clear that the quantization noise
introduced by ADC in the receiver greatly limits the cancellation ability of our system, especially
when the ADC resolution is low (i.e., 9.5 bits). When we increase the resolution, the power of
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residual SI decreases quickly. Baseband SI-cancellation stage is more sensitive to receiver ADC
compared with RF SI-cancellation stage, particularly with high ISR. This is due to the fact that
without RF SI-cancellation stage the high residual SI passes the ADC and leads to large amount
of quantization, which becomes the dominant noise and makes baseband SI-cancellation stage
unable to estimate the SI channel accurately. Thus the ability of cancellation in the system is
weakened. According to Fig. 4.4 we can see that even when the quantization noise is sufficiently
low, the power of residual SI still increases with ISR of the receiver. In this situation, noise figure
of PA and LNA become the main limiting factor of cancellation.

Fig. 4.5 RF cancellation output DAC resolution effect in architecture 1.

Fig. 4.5 presents the cancellation performance with various resolutions of DAC, showing that
the distortion introduced by S2 DAC, especially with low resolution, greatly limits the cancel-
lation performance. However, when we only apply analog and baseband SI-cancellation stages
(with the absence of RF-cancellation stage), the quantization noise from the DAC at RF cancel-
lation output is of no concern.

Fig. 4.6 shows the cancellation performance with various resolutions of transmitter DAC.
It indicates that transmitter DAC does not have much influence on RF SI-cancellation stage or
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Fig. 4.6 Transmitter DAC resolution effect in architecture 1.

baseband SI-cancellation stage. The noise figure of PA and LNA are the main limitations of
cancellation.

The quantization noise introduced by receiver ADC and S2 DAC is the main quantization
factor that limits the RF SI-cancellation stage and baseband SI-cancellation stage. Fig. 4.7 plots
the combined cases with ADC and DACs. Having a high quality receiver ADC and S2 DAC is
very important. For negligible contribution to total cancellation limit (128 dB), the receiver ADC
and S2 DAC should have at least 12 and 14 effective bits, respectively. Otherwise, with 9.5-bit
ADC and 10.6-bit DAC, the total cancellation will be mostly limited by 10.6-bit S2 DAC to about
118 dB (for the case of S1 cancellation of 65 dB).

PA Nonlinearity Effect

The nonlinear distortion from the transmitter PA can contribute significantly to the SI signal
and limit the efficiency of digital cancellation. Through the following figures, the effect of PA
nonlinearity becomes clear.

Fig. 4.8 plots the cancellation performance with PA nonlinearity. We compare the perfor-
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Fig. 4.7 Combined ADC and DAC resolution effect in architecture 1.
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Fig. 4.8 PA nonlinearity effect in architecture 1.
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mance between two kinds of power amplifiers, one with linearization while OIP3 is 56 dBm, the
other without linearization while the OIP3 is 52 dBm. The plot shows clearly that, applying the
linearization techniques gives a better performance. The difference is about 10 dB, when analog
SI-cancellation stage contributes less than 80 dB, but it becomes less distinct when the contri-
bution exceeds 85 dB. In our platform, since it is realized by a linear algorithm, PA nonlinearity
has a large effect on RF SI-cancellation stage, however the baseband SI-cancellation stage can
suppress a part of nonlinearity.

ISR [dB]
20 25 30 35 40 45 50 55 60 65 70

P
ow

er
 o

f R
S

I[d
B

m
]

-110

-105

-100

-95

-90

-85

-80

-75

-70

-65

-60

-55

-50
PA OIP3 52 dBm, ADC 9.5 bits, DAC 10.6 bits, S1&S2

PA OIP3 52 dBm, ADC 9.5 bits, DAC 10.6 bits, S1&S3

PA OIP3 52 dBm, ADC 9.5 bits, DAC 10.6 bits, S1&S2&S3

PA OIP3 52 dBm, ADC 12 bits, DAC 14 bits, S1&S2

PA OIP3 52 dBm, ADC 12 bits, DAC 14 bits, S1&S3

PA OIP3 52 dBm, ADC 12 bits, DAC 14 bits, S1&S2&S3

PA OIP3 56 dBm, ADC 12 bits, DAC 14 bits, S1&S2

PA OIP3 56 dBm, ADC 12 bits, DAC 14 bits, S1&S3

PA OIP3 56 dBm, ADC 12 bits, DAC 14 bits, S1&S2&S3

Thermal noise level -174dBm/Hz

LTE BS standard spec for
receiver noise level -166dBm/Hz

S1 cancellation [dB]
45505560657075808590

to
ta

l c
an

ce
lla

tio
n 

[d
B

]

80

85

90

95

100

105

110

115

120

125

130

135

140

Fig. 4.9 Combined PA nonlinearity and Quantization effect in architecture 1.

The combined performance by PA nonlinearity and quantization effect is shown in Fig. 4.9.
The RF SI-cancellation stage is mainly limited by the PA nonlinearity, while the baseband SI-
cancellation stage is restricted primarily by the quantization noise of the receiver ADC and S2
DAC. Combined degradation effects of practical 9.5-bit receiver ADC, 10.6-bit S2 DAC, and TX
PA OIP3 of 56 dBm, result in total cancellation limit of about 116 dB (for S1 cancellation of 65
dB ). Improving quantization with 12-bit ADC and 14-bit DAC increases the total cancellation to
about 118 dB (limited by PA OIP3).
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Analog SI-Cancellation Nonlinearity Effect

Analog cancellation introduces co-channel nonlinear distortion that cannot be avoided. Taking
the nonlinearity of analog cancellation into consideration, the following figures show its effect
on cancellation performance.

Table 4.1: Analog SI-Cancellation nonlinearity effect in ar-
chitecture 1.

S1 IIP3 67 dBm

ISR [dB] 26 46

Power of
RSI [dBm]

after S2 -93.32 -91.0
after S3 -96.43 -95.64

after S2 and S3 -96.44 -95.65

S1 IIP3 70 dBm

ISR [dB] 26 46

Power of
RSI [dBm]

after S2 -96.31 -95.78
after S3 -97.48 -97.34

after S2 and S3 -97.51 -97.48

S1 IIP3 82 dBm

ISR [dB] 26 46

Power of
RSI [dBm]

after S2 -98.08 -97.93
after S3 -98.09 -98.09

after S2 and S3 -99.68 -99.42

Table. 4.1 shows the cancellation performance with various powers of analog SI-cancellation
stage nonlinearity. To analyze analog SI-cancellation nonlinearity, we only have two cases to
consider: S1 = 82 dB for a typical outdoor SI channel, and S1 = 62 dB for a typical indoor SI
channel. It is clear that analog SI-cancellation stage nonlinearity limits the RF SI-cancellation
stage, due to the linear algorithm applied in the RF SI-cancellation stage. Comparing analog SI-
cancellation stage nonlinearity and PA nonlinearity, we notice that PA nonlinearity is dominant.



4 SI-Cancellation Performance and Limiting Factors 56

Table 4.2: Combined analog SI-cancellation nonlinearity
and quantization effect in architecture 1.

S1 IIP3 67 dBm

Power of
RSI [dBm]

ADC 9.5 bits, DAC 10.6 bits ADC 12 bits, DAC 14 bits
ISR [dB] 26 46 ISR [dB] 26 46
after S2 -90.36 -81.21 after S2 -91.54 -90.29
after S3 -90.41 -81.26 after S3 -91.64 -90.39

after S2 and S3 -94.78 -82.08 after S2 and S3 -95.46 -94.06

S1 IIP3 82 dBm

Power of
RSI [dBm]

ADC 9.5 bits, DAC 10.6 bits ADC 12 bits, DAC 14 bits
ISR [dB] 26 46 ISR [dB] 26 46
after S2 -96.74 -81.53 after S2 -97.80 -94.90
after S3 -96.79 -81.58 after S3 -97.90 -95.0

after S2 and S3 -98.29 -82.28 after S2 and S3 -99.43 -95.22

Table. 4.2 combines the analog SI-cancellation stage nonlinearity and quantization noise. For
the case of 9.5-bit ADC and 10.6-bit DAC, the quantization would be the main limiting factor of
total cancellation (about 112 dB). With 12-bit ADC and 14-bit DAC, the total cancellation could
be improved to 124 dB and 125 dB, for S1 TD-SIC IIP3 of 67 dBm and 82 dBm, respectively.

LNA Nonlinearity Effect

At the receiver, the distortion behavior of LNA also limits the SI-cancellation. Although S1
and S2 suppress SI by a large amount, the residual SI at the output of S2 still introduces some
nonlinearity when going through LNA. Fig. 4.10 plots the cancellation performance with the
effect of LNA nonlinearity.

Compared with PA nonlinearity, the nonlinearity introduced by LNA is not as strong. From
Fig. 4.3 and Fig. 4.10 we can see that the nonlinearity of LNA does not limit the cancellation
ability by much, while the noise figure of PA and LNA dominate the limitation of cancellation.

Fig. 4.11 plots the performance after combining both LNA nonlinearity and quantization
noise. The existence of LNA nonlinearity limits the cancellation of RF stage. The dominant lim-
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Fig. 4.10 LNA nonlinearity effect in architecture 1.
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Fig. 4.11 Combined LNA nonlinearity and quantization effect in architecture 1.
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itation is the quantization noise. For the case of ADC 9.5-bit and DAC 10.6-bit, the quantization
would be the main limiting factor of total cancellation (about 113 dB). With 12-bit ADC and
14-bit DAC, the total cancellation could be improved to 126 dB.

Selected Practical Cases of Combined Nonlinearity and Quantization Effects

Previously, we have showed the effects of each impairment on the SI-cancellation. In this part,
we present the performance of some practical cases of combined quantization and nonlinearity:
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Fig. 4.12 TD-SICv4 case and TD-SICv5 case in architecture 1.

The cancellation performances in practical cases with both nonlinearity and quantization ef-
fects are shown in Fig. 4.12. Under TD-SICv4, ADC and DAC have 9.5 and 10.6 bits, while PA
OIP3, S1 IIP3 and LNA IIP3 are set to 56 dBm, 67 dBm and 28.4 dBm, respectively. The settings
for TD-SICv5 are such that ADC is 9.5-bit, DAC is 10.6-bit, PA OIP3 is 56 dBm, S1 IIP3 is 82
dBm and the LNA IIP3 is 28.4 dBm. It is nonlinearity that mainly limits the RF SI-cancellation
stage. For the entire system, the quantization noise introduced by receiver ADC is the dominant
factor that limits the cancellation.
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Practical 9.5-bit ADCs and 10.6-bit DACs, and assumed nonlinearity of TX PA, S1, and LNA
would limit the total cancellation to about 111 dB with S1 cancellation of 65 dB. For negligible
contribution to total cancellation limit, the receive ADC and S2 DAC should have at least 12 and
14 effective bits, respectively. However, TX Ref ADC should have at least 14 bits. This total
cancellation limit is mainly due to the quantization effects of TX Ref ADC and S2 RF SIC DAC.

4.2.3 Performance of The Second Architecture

The second architecture takes the reference signals for RF and baseband SI-cancellation stages
from the output of the PA [10]. Thus, SI signal, transmitter impairments and noise are partially
canceled by the RF SI-cancellation stage. The resulting signal is then subtracted from the received
signal. This requires an additional receive (Rx) chain containing an RF attenuator and an ADC.
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Fig. 4.13 Cancellation performance in the absence of quantization noise and non-
linearities in architecture 2.
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Quantization Effect

As shown in Fig. 4.2 (b), quantization noise is introduced by two ADCs and two DACs. In
addition to the first architecture, another ADC with down-conversion is required at the input
of digital cancellation stages, because the reference signal for RF and baseband are taken from
the output of the PA. The following figures show the quantization effect of these components
separately.
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Fig. 4.14 Receive ADC resolution effect in architecture 2.

Fig. 4.14 plots the cancellation performance with various resolutions of ADC in the receiver.
It is clear that the quantization noise introduced by ADC in the receiver greatly limits the can-
cellation ability of our system, especially when the ADC resolution is low (i.e., 9.5 bits). When
we increase the resolution of ADC, the power of residual SI decreases quickly. Baseband SI-
cancellation stage is more sensitive to receiver ADC when compared with RF SI-cancellation
stage, particularly with high ISR. This is due to the fact that without RF SI-cancellation stage
the high residual SI passes the ADC and leads to a large amount of quantization, which becomes
the dominant noise and makes baseband SI-cancellation stage unable to estimate the SI channel
accurately. Thus the ability of cancellation in the system is weakened. Taking the reference after
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PA, the signal includes all the PA impairments. Hence, when the resolution of ADC is high and
the ISR is great, the cancellation decreases more slowly than that in the first architecture.
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Fig. 4.15 Transmitter reference ADC resolution effect in architecture 2.

Fig. 4.15 plots the cancellation performance with various resolutions of ADC in the reference
of cancellation stage. Architecture 1 does not have this ADC block. Similar to the ADC in the
receiver, the quantization noise introduced by ADC in the reference of cancellation stage greatly
limits the cancellation ability of our system, especially when the ADC resolution is low (i.e., 9.5
bits). However, ADC in the reference of cancellation stage not only limits the RF SI-cancellation
stage, but also the baseband SI-cancellation stage. When reference signal passes the ADC, the
introduced quantization makes cancellation stage unable to estimate the SI channel accurately.
Thus the ability of both RF and baseband SI-cancellation stages in the system are weakened.

Fig. 4.16 presents the cancellation performance under various resolutions of DAC, accord-
ing to which, when analog SI-cancellation stage contributes more than 55 dB, the power of the
residual SI more or less stays unchanged (i.e., −82 dBm with 10.6-bit DAC). Otherwise, when
the suppression of SI by the analog SI-cancellation stage is below a threshold, the quantization
noise caused by the DAC becomes too large and cannot be suppressed by the RF and baseband
SI-cancellation stages. Similar to the case in the first architecture, when we only apply analog
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Fig. 4.16 RF cancellation output DAC resolution effect in architecture 2.

and baseband SI-cancellation stages (with the absence of RF-cancellation stage), the quantization
noise from the DAC at RF cancellation output is of no concern.

Fig. 4.17 shows the cancellation performance under various resolutions of transmitter DAC. It
implies that the main limitations of RF and baseband SI-cancellation stages are the noise figures
of PA and LNA, instead of the quantization noise introduced by the transmitter DAC.

The quantization noises introduced by ADCs are the main quantization factors that limit the
RF SI-cancellation stage and baseband SI-cancellation stage. The effects of combined cases with
ADCs and DACs are shown in Fig. 4.18. For negligible contribution to total cancellation limit
(125 dB), the receive ADC and S2 DAC should have at least 12 and 14 effective bits, respectively.
Otherwise, with 9.5-bit ADC and 10.6-bit DAC, the total cancellation will be mostly limited by
9.5-bit TX Ref ADC to about 112 dB (for the case of S1 cancellation of 65 dB).
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Fig. 4.17 Transmitter DAC resolution effect in architecture 2.
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Fig. 4.18 Combined ADC and DAC resolution effect in architecture 2.
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PA Nonlinearity Effect

PA nonlinearity is not a limiting factor of SI-cancellation in architecture 2, because the transmit-
ter impairments contained in reference signal are reduced by RF SI-cancellation stage. This is
confirmed by the following figures.
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Fig. 4.19 PA nonlinearity effect in architecture 2.

Fig. 4.19 plots the effect of PA nonlinearity on cancellation performance. The reference
signal contains the different transmitter impairments, thus the performances of PA with OIP3 of
56 dBm and 52 dBm are the same.

In the second architecture, the performance offer combining PA nonlinearity and quantization
effects is shown in Fig. 4.20. Compared with the case that only has quantization shown in Fig.
4.18, we observe the similar cancellation performance. Therefore, it is clear that the baseband
SI-cancellation stage is mainly limited by quantization noise. For negligible contribution to total
cancellation limit, the ADC and DAC should have at least 12 and 14 effective bits, respectively
(total cancellation 126 dB with S1 cancellation of 65 dB. Otherwise, 9.5-bit ADC and 10.6-bit
DAC would limit the total cancellation to 112 dB with S1 cancellation of 65 dB.
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Fig. 4.20 Combined PA nonlinearity and Quantization effect in architecture 2.

Analog SI-Cancellation Nonlinearity Effect

Table 4.3: Analog SI-Cancellation nonlinearity effect in ar-
chitecture 2.

S1 IIP3 67 dBm

ISR [dB] 26 46

Power of
RSI [dBm]

after S2 -93.34 -91.52
after S3 -96.43 -95.67

after S2 and S3 -96.44 -95.67

S1 IIP3 70 dBm

ISR [dB] 26 46

Power of
RSI [dBm]

after S2 -96.35 -95.89
after S3 -97.51 -97.47

after S2 and S3 -97.52 -97.55
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S1 IIP3 82 dBm

ISR [dB] 26 46

Power of
RSI [dBm]

after S2 -98.64 -98.04
after S3 -99.03 -98.47

after S2 and S3 -99.91 -99.42

The co-channel nonlinear distortion introduced by analog cancellation becomes the dominant
nonlinearity, since the PA nonlinearity is no longer the limiting factor when taking the reference
at the output of PA. Under this situation, the nonlinearity consideration of analog cancellation is
shown in subsequent tables.

The effects of nonlinearity in the analog SI-cancellation stage is shown in Table. 4.3. Only
two cases are available: S1 = 82 dB typically outdoor SI channel, and S1 = 62 dB typically
indoor SI channel. Due to the linear algorithm, the RF SI-cancellation stage is limited by nonlin-
earity from the analog SI-cancellation stage.

Table 4.4: Combined analog SI-cancellation nonlinearity
and quantization effect in architecture 2.

S1 IIP3 67 dBm

Power of
RSI [dBm]

ADC 9.5 bits, DAC 10.6 bits ADC 12 bits, DAC 14 bits
ISR [dB] 26 46 ISR [dB] 26 46
after S2 -90.38 -81.21 after S2 -91.66 -90.33
after S3 -90.40 -81.27 after S3 -91.69 -90.43

after S2 and S3 -94.78 -82.09 after S2 and S3 -95.49 -94.45

S1 IIP3 82 dBm

Power of
RSI [dBm]

ADC 9.5 bits, DAC 10.6 bits ADC 12 bits, DAC 14 bits
ISR [dB] 26 46 ISR [dB] 26 46
after S2 -96.73 -81.61 after S2 -97.94 -94.97
after S3 -96.74 -81.70 after S3 -98.03 -95.56

after S2 and S3 -98.31 -82.30 after S2 and S3 -99.55 -95.96

For the case of ADC 9.5-bit and DAC 10.6-bit, the quantization would be the main limiting
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factor of total cancellation (about 112 dB). With 12-bit ADC and 14-bit DAC, the total cancel-
lation could be improved to 124 dB and 125 dB, for S1 TD-SIC IIP3 of 67 dBm and 82 dBm,
respectively.

LNA Nonlinearity Effect

At the receiver, the distortion behavior of LNA also limits the SI-cancellation. Although S1
and S2 suppress SI by a large amount, the residual SI at the output of S2 still introduces some
nonlinearity when going through the LNA. Fig. 4.21 plots the cancellation performance with the
effect of LNA nonlinearity.
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Fig. 4.21 LNA nonlinearity effect in architecture 2.

LNA nonlinearity has less power compared with PA nonlinearity, thus it has less effect on
SI-cancellation. When the analog SI-cancellation stage offers more than 60 dB of cancellation,
the distortion introduced by LNA can be ignored.

The performance with effects from both LNA nonlinearity and quantization noise is shown in
Fig. 4.22. Although the LNA nonlinearity limits the cancellation of the RF stage, for the whole
system, the dominant limitation is due to the quantization noise. For negligible contribution to
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Fig. 4.22 Combined LNA nonlinearity and quantization effect in architecture 2.

total cancellation limit, the receive ADC and S2 DAC should have at least 12 and 14 effective
bits, respectively (total cancellation 126 dB with S1 cancellation of 65 dB. TX Ref ADC is the
main contributor of limitation, and should be at least 14 bits to improve total cancellation to 129
dB. Otherwise 9.5-bit ADC and 10.6-bit DAC would limit the total cancellation to 113 dB.

Selected Practical Cases of Combined Nonlinearity and Quantization Effects

Previously, we have showed the effects of each impairment on the SI-cancellation. In this part,
we present in Fig. 4.23 the performance of some practical cases with combined effects from
quantization and nonlinearity.

The settings for the two practical cases are as follows. For TD-SICv4, ADC is 9.5 bits, DAC
is 10.6 bits, PA OIP3 is 56 dBm, S1 IIP3 is 67 dBm and the LNA IIP3 is 28.4 dBm. For TD-
SICv5, on the other hand, ADC is 9.5-bit, DAC is 10.6-bit, PA OIP3 is 56 dBm, S1 IIP3 is 82

dBm and the LNA IIP3 is 28.4 dBm.
In the second architecture, the reference signal contains all the transmitter impairments, thus

the limiting factor is no longer the PA nonlinearity. The ADC in the reference of cancellation
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Fig. 4.23 TD-SICv4 case and TD-SICv5 case in architecture 2.

stage introduces the quantization that limits both the RF and baseband SI-cancellation stages,
while the quantization noise introduced by the receiver ADC is the another dominant factor that
limits the baseband SI-cancellation stage.

Practical 9.5-bit ADCs and 10.6-bit DACs, and the nonlinearities of TX PA, S1 and LNA
would limit the total cancellation to about 113 dB with 65 dB S1 cancellation. For negligible
contribution to total cancellation limit, the receiver ADC and S2 DAC should have at least 12
and 14 effective bits, respectively. However, TX Ref ADC should have at least 14 bits. This total
cancellation limit is mainly due to the quantization effects of TX Ref ADC and S2 RF SIC DAC.

4.3 Limitation of Cancellation

In this section, we gather results from previous sections to evaluate the impact of all the compo-
nents on overall system performance, in order to identify the factors that limits FD systems for
the two architectures.
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4.3.1 Limitation of RF SI-Cancellation Stage

The RF SI-cancellation stage subtracts a replica of the received SI, based on an estimate of the
SI-channel from the received RF signal. The performance of the RF SI-cancellation stage depen-
dents on the accuracy of the SI-channel estimation. We assume an initial HD transmission period
(i.e., without the intended signal) in which the SI-channel is estimated, by using the LS estimator.

In the first architecture, all paths of the SI-channel are canceled, leaving the transmitter im-
pairments to be reduced in the baseband. The most significant residual SI is caused by the trans-
mitter impairments, which cannot be reduced by the RF SI-cancellation stage.

The second architecture reduces the paths of the SI-channel along with the transmitter im-
pairments in the RF stage. The quantization noise introduced by ADCs and DACs become the
dominant source of residual SI.

4.3.2 Limitation of baseband SI-cancellation stage

The residual SI is reduced in the baseband by subtracting a baseband replica of the SI from the
received signal.

In the first architecture, the subtracted samples are generated by processing the known trans-
mitted baseband symbols with an estimate of the nonlinearity coefficients and the residual SI-
channel after the RF SI-cancellation stage. The estimated residual SI-channel includes the effects
of the transceiver and the multi-path components due to external reflections.

In the second architecture, transmitter nonlinearities are already included in the reference
signal for baseband SI-cancellation, which is taken after the PA, and that only linear processing
is needed to obtain the canceling signal.

For both architectures, baseband SI-cancellation stage cannot reduce the quantization noise
introduced by ADCs and DACs.

4.4 Potential Scenarios with fewer cancellation stages

Suppressing the SI by combining successive cancellation stages is a practical and widely used
method. In general, the amount of SI-cancellation increases with the number of stages. How-
ever, beyond a certain level, adding more cancellation stages does not help suppress the SI; it
only makes the canceler more complex. In fact, having more cancellation stages not only adds
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complexity to the communication system, but also increases the cost of building one. In previous
work, we applied two digital cancellation stages to achieve a good SI suppression: one RF SI-
cancellation stage applied before receiver LNA, and one baseband SI-cancellation stage applied
after the receiver ADC. We aim for an improved design, in the sense of having minimal number
of stages for the SI canceler, while keeping the cancellation requirement satisfied. In the follow-
ing subsections, we discuss the trade-off between the amount of SI-cancellation and the number
of cancellation stages, based on the simulation results we presented in previous sections. We also
propose potential scenarios for operation with one digital cancellation.

4.4.1 Potential Scenarios for operation without RF SI-cancellation stage

RF SI-cancellation stage is more expensive than baseband SI-cancellation stage, because the
former requires an auxiliary transmitter chain to convert the baseband signal to RF. We would
like to remove the RF SI-cancellation stage without sacrificing the cancellation performance.
Presently, the RF SI-cancellation stage results in the suppression of SI to a level sufficiently low
prior to the ADC, in order to avoid the saturation of these components. From the cancellation
results with quantization effect shown previously, we can see that the distortion made by ADC
overloading cannot be reduced by the baseband SI-cancellation stage. Thus, once we suppress
the SI sufficiently by the analog SI-cancellation stage, the RF SI-cancellation stage is no longer
necessary.

For 12 bits RF ADC, the parameters we used are listed in Table. 4.5:

Table 4.5 The parameters of ADC
parameter value

SNR (full BW ADC spec) 48 dB
SFDR (full BW ADC spec) 60 dBc

IMD3 (at ADC output) -64 dBc

Assume the signal at the input of ADC has: SNR + ISR < 64dB − 10dB = 54dB (with a
back-off of 10 dB). Therefore, when SNR is 20 dB, the ISR is less than 54dB − 20dB = 34dB.
The noise figure of the receiver is about 4 dB, thus the SNR at the input of receiver (output of
analog SI-cancellation stage) is 24 dB, and the power of noise Pnoise is −103 dBm. Under these
conditions, the power of intended signal at the input of receiver PIS is −79 dBm, thus PSI, the
power of SI at input of receiver, should be less than −79dBm + 34dB = −45dBm.
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For LNA, we apply the HW Balanced Amplifier, whose parameters are listed in Table. 4.6.

Table 4.6 The parameters of LNA
parameter value

Noise Figure (NF) 1.8 dB
Gain (G) 15 dB

IIP3 28.4 dBm
P1dBin

18.4 dBm

The average input signal power to LNA (Pavgin) should be less than 6.4 dB (P1dBin
−PAR =

+18.4dBm − 12dB = +6.4dBm). For operation in linear region, assuming an additional back-
off of 20 dB, Pavgin is no more than−13.6 dBm. Thus for the gain of transmitter PA (Ptx) of +30

dBm, we need at least 43.6 dB cancellation after the analog SI-cancellation stage.
According to the above, preliminary calculations considering receiver ADC and LNA indi-

cate that in order to remove the RF SI-cancellation stage, the analog SI-cancellation stage should
provide at least 75 dB of SI-cancellation, which agrees with the simulation results shown previ-
ously.

4.4.2 Potential Scenarios for operation without baseband SI-cancellation stage

Baseband SI-cancellation stage is very important because it suppresses the residual SI and RF
impairments. Nonlinearities introduced by PA, analog SI-cancellation stage and LNA cannot be
suppressed by the other two stages. In particular, PA nonlinearity is the dominant limitation.

As previously shown, for the second architecture, the reference signal contains all the trans-
mitter impairments, including PA nonlinearity. The power of LNA nonlinearity is not very strong,
so it only has a small effect on SI-cancellation. When the analog SI-cancellation stage offers more
than 60 dB cancellation, distortion introduced by the LNA can be ignored. Thus, the factors that
make operations without baseband SI-cancellation stage challenging are the quantization noise
introduced by ADCs and DACs.

By choosing the second architecture, we can remove the baseband SI-cancellation stage, as
long as the analog SI-cancellation stage provides at least 60 dB of SI-cancellation.



4 SI-Cancellation Performance and Limiting Factors 73

4.5 Chapter Summary

We implemented a SIMULINK FD communications system platform to evaluate the SI-cancellation
performance and its characteristics in different realistic scenarios. We also investigated the main
limitations of each SI-cancellation stage in two widely used architectures for SI-cancellation.
When the transmit baseband signal is used as a reference, RF SI-cancellation stage is affected
mainly by the transmitter impairments. While if PA output is taken as a reference signal, the
RF SI-cancellation stage can sufficiently reduce the transmitter impairments. In this case, the
quantization noise of the receiver ADC is the main factor that limits the upper bound of overall
cancellation by both RF and baseband SI-cancellation stages. Moreover, the transmitter nonlin-
earities have to be reduced in the baseband. Intensive simulation results illustrate the effects of the
quantization noise and nonlinearity. For reducing the SI-cancellation complexity, we discussed
potential scenarios for operations with only analog and RF SI-cancellation stages, or analog and
baseband SI-cancellation stages.
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Chapter 5

Conclusions and Future Work

5.1 Summary

Along this thesis, we studied the problem of SI-cancellation in FD systems. Conventional ap-
proaches subtract the SI from the received signal and thus reveal the need to estimate and re-
construct the received SI. We develop a new estimation algorithm for SI-cancellation to achieve
superior accuracy and spectral efficiency than the available approaches. The main contributions
and corresponding results are summarized as follows.

A parameters estimation of baseband SI-cancellation is proposed in Chapter 3. In the previ-
ous works, the proposed estimators ignore the intended signal by either using a training period to
estimate the SI parameters, resulting in a reduced spectral efficiency, or simply considering the in-
tended signal as additive noise. In our work, we incorporate the intended signal in the estimation
process by exploiting its second-order statistics and the transmit pilots. The global phase-noise
process changes from one sample to another. Thus the equivalent channel coefficients become
time-varying. Other works that consider the phase-noise are proposed by alternatively estimating
the phase-noise and the SI channel. However, this algorithm suffers from two kinds of errors:
the phase-noise increases the estimation error of the SI channel, and then the channel estimation
error reduces the phase-noise estimation performance. In our work, BEM is adopted to model
the combined phase-noise and channel coefficients. The time-varying phase-noise is captured in
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a deterministic way by means of a basis expansion, which reduces the number of parameters. An
ML scheme is developed to find the BEM coefficients. Incorporating the intended signal into the
estimation process represents the main advantage of the proposed method.

The strong SI, which travels much shorter distance than the remote intended signal, requires
multiple cancellation stages at the receiver. In Chapter 4, we studied the power of SI after each
cancellation stage for the two widely used architectures, taking into account the transceiver im-
pairments. One SI-cancellation scheme by combining antenna cancellation, RF cancellation and
digital cancellation provides results from practical experiments showing the feasibility of an FD
design. In general, it is difficult to give an exact number of the SI reduction that can be obtained
because of the interaction between many factors such as transceiver impairments, wireless prop-
agation channel and estimation error. What can be done is to identify the main factors that limit
the cancellation performance. This makes a better analysis of the entire system performance and
leads to the development of more efficient methods to improve the cancellation capability. We
addressed the impact of each transceiver impairment in FD systems and specified the limiting
factors of the RF and baseband SI-cancellation stages in two architectures. We justified the need
to reduce the SI before the LNA/ADC, using the RF SI-cancellation stage, to avoid high quanti-
zation noise from the ADC. The analysis reveals also that the transmitter nonlinearities have to
be modeled and canceled in the baseband SI-cancellation stage. Finally we discussed the bal-
ance between the amount of SI-cancellation and the number of cancellation stages according to
the simulation results we presented, and proposed the potential scenarios for operation with one
digital cancellation.

5.2 Potential Future Research

Although several issues regarding SI-cancellation in system have been addressed in this thesis,
many interesting related problems remain to be answered and hence, deserve further attention.
The proposed future work is given as follows:

In Chapter 3, we applied an iterative procedure to calculate the covariance matrix and intended
channel coefficients. This is a common approach to deal with these dependent parameters, while
it is time consuming and increase the complexity of calculation. A closed-form solution should
be applied in this situation.

When developing the ML estimator in Chapter 3, equivalent channels corresponding to, for
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example, the direct signal, or the image signal from the IQ mixer, are assumed to be indepen-
dent. They are, however, related by a multiplicative factor that represents the response of the
IQ mixer to the image signal. Thus exploiting this relation can potentially improve the estima-
tion accuracy. Furthermore, the estimator we developed by imposing independent conditions
for the covariance matrix and intended channel coefficients is only an approximation of the true
ML estimator. Removing the independence assumption and using numerical methods such as
Newton-type algorithms would lead to the true form.

Only FD SISO system is analyzed in Chapter 4. While MIMO is an advanced technique that
has been proposed as a promising solution for beneficially increasing the networks spectral effi-
ciency, which is currently operational in wireless communications systems. Thus the cancellation
performance should be further simulated with MIMO system.
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