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Sammanfattning

För att kunna åstadkomma Full Duplex (fd) kommunikation förlitar sig nuvaran-
de lösningar i den kommersiella sektorn på avancerade “självstörningsdämpan-
de” (Self-Interference Cancellation, sic) tekniker för att undertrycka den egna
sända signalen. Denna rapport utökar forskningen kring dessa tekniker genom
att evaluera om de också kan brukas inom det militära området där både krav
och förhållanden för kommunikation är annorlunda. Detta görs genom att först
identifiera, kategorisera och beskriva en uppsättning sic-tekniker. Sedan väljs
två sic-tekniker ut som kan ingå i en fd transceiver (sändtagare) och dessa ana-
lyseras och simuleras. De flesta av de studerade sic-teknikerna ansågs kunna im-
plementeras i militära fd transceivers. Det fanns dock några som till exempel fre-
kvensberoende och rundstrålnings hindrande tekniker som av dessa anledningar
inte kunde användas. Simuleringen och analysen av the två valda teknikerna vi-
sade att det var möjligt att nästan helt undertrycka den sända signalen. Detta
under förutsättningarna att en begränsad sändareffekt används och att bara en
begränsad del av signalen reflekteras tillbaka till transceivern, vilket också visa-
de sig vara möjligt när sändardelen i transceivern orsakade olinjär distorsion.
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Abstract

In order to achieve Full Duplex (fd) communication, currently studied solutions
for the commercial sector rely on advanced Self-Interferece Cancellation (sic)
techniques to remove the transmitted signal from the received one. This thesis ex-
pands the research of these techniques by evaluating their potential usage in mil-
itary communication scenarios where requirements and conditions are distinct,
firstly, by identifying, categorizing and describing a set of previously proposed
sic techniques and secondly, by performing a comprehensive simulation and
analysis of two suggested sic techniques as part of a fd transceiver. Though the
majority of the considered sic techniques was determined to be potentially im-
plementable in military fd transceivers, some frequency-dependent techniques
and techniques prohibiting omnidirectional communication could not be used.
The simulation and analysis of the two suggested sic techniques show that under
certain conditions, such as limited transmission power and/or reflective environ-
ment, close to complete suppression could be realized even with high nonlinear
distortion in the transmit chain.
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1
Introduction

1.1 Motivation, Background and Purpose

The demand for increasing data rates raises the need for further improvement
of the Spectral Efficiency (se). Current communication links employ Half Du-
plex (hd) to achieve bidirectional communication, forcing transmission and re-
ceptions to share, for example, time or frequency resources by using either Time-
Division Duplexing (tdd) or Frequency-Division Duplexing (fdd). Full Duplex
(fd), on the other hand, is defined as simultaneous transmission and reception at
the same center frequency. This means that fd does not need to share time nor
frequency resources, potentially doubling the SE in wireless networks and thus
enabling higher data rates [38].

Yet, it is not without difficulties that fd can be realized, and one of the key
technical challenges comes from attempting to suppress the high power of the
Self-Interference (si). To illustrate this, consider the basic fd link depicted in
Figure 1.1. If K1 and K2 are to transmit simultaneously, it becomes evident that
what reaches their respective receiving antenna (rx) is not only the desired sig-
nal from the other unit, but a sum of both their transmitted signals. If the two
signals reaching the rx have approximately the same power, it would be rather
easy to separate them since both K1 and K2 know what they transmitted and
could simply subtract it from their respective received signal. However, the real
challenge arises as the power of the si signal is generally much (often over a mil-
lion times) higher than that of the desired signal, since it is transmitted from an
antenna (tx) which is physically much closer. Trying to pass such a high power
signal into an Analog-to-Digital Converter (adc), optimized for receiving low
power signals, would saturate it and the desired signal would not be recoverable.
Hence, suppression also needs to take place either in the propagation domain,
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2 1 Introduction

meaning outside the physical transceiver and/or in an analog circuit before the
adc [4].

Figure 1.1: Simple illustration of full duplex communication link.

Due to the gained interest in fd in conjunction with the development of the
fifth generation mobile wireless network, the commercial sector has been the driv-
ing force behind the advancement of fd. This has led to an almost overwhelming
focus on fd in well-structured, centralized networks, where terminals have been
assumed to be low cost, low complexity and energy efficient devices operating in
the Ultra-High Frequency (uhf) range (400 MHz–3 GHz) [4, 15, 18, 38]. Hence,
this topic is well-studied, while in contrast, there is little known about adopting
fd under other assumptions. Attempts such as [31] have been made in order
to highlight some military applications of fd, such as simultaneous communica-
tion (ordinary reception) and jamming, simultaneous communication (ordinary
transmission) and interception, and simultaneous interception and jamming, in
order to raise its relevance in military settings. An endeavor to elaborate on this
topic can be found in [30], where the applications of fd in military scenarios are
extended, and general military radio requirements such as time-variant network
topology, robustness and reliability are introduced as a help to further research.
However, even though according to [30] and [31], there is much to gain from fd in
military communication and electronic warfare, there is, to our knowledge, little
known about how the current fd technologies perform in real military applica-
tions. It is in particular the conditions in the Very High Frequency (vhf) range
(30–400 MHz), together with spread-spectrum techniques, in varying network
topologies and under the requirement of high robustness and reliability which
are of greatest interest. This, then, will be the main focus of this thesis, and will
be carried out by performing a comprehensive study of current sic technologies
in the context of military radio requirements. The study will suggest a composi-
tion of Self-Interference Cancellation (sic) techniques for a fd transceiver, which
will be validated through simulations. The feasibility of a practical implementa-
tion of fd in military scenarios will be determined with the current sic technolo-
gies.
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1.2 Problem Formulation

In order to better understand the feasibility and practicality of implementing fd
techniques in military communication scenarios, the following questions need to
be addressed:

1. Which sic techniques can potentially be included in a military fd
transceiver?

2. Under which conditions do the sic techniques in the suggested fd
transceiver provide sufficient sic, and do these conditions correspond to
what can be expected in a military scenario?

1.3 Method

As outlined in 1.1, this report will consist of two main parts, the literature survey,
and the analysis of a suggested fd transceiver. Where the literature survey will
be used to answer the first question in the above problem formulation, the analy-
sis of the suggested fd transceiver will answer the second question.

Using secondary sources, the literature survey will be developed through the
following steps:

• Identifying and explaining the different types and categories of sic tech-
niques.

• Selecting a variety of techniques from each of the categories and giving each
of these a broad but thorough description.

• Summarizing the techniques of each category and discussing their advan-
tages and disadvantages and comparing them to others of the same cate-
gory.

• Composing a brief description of aspects and requirements concerning com-
munication in military scenarios.

• Using the information gained from the above steps in order to conclude
which sic techniques that can potentially be included in a military fd
transceiver.

The analysis of the fd transceiver will be carried out through the following
steps:

• Suggest techniques studied in the literature survey that are to be analyzed.

• Defining models for the different stages of the transceiver and si channel.

• Giving a detailed description of the composed fd transceiver.

• Simulating in order to obtain concrete data.
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• Discussing simulation results and concluding under which conditions the
suggested fd transceiver provide sufficient sic and whether or not these
conditions correspond to a military scenario.

1.4 Scope

As fd communication in military scenarios is a broad and complex subject, it has
been necessary to restrict the scope of this thesis to focus on studying si suppres-
sion techniques for fd transceivers. There are, of course, other aspects essential
to practical fd communication in military scenarios such as Multi-user communi-
cation protocols and Tactical military advantages. However, these aspects depend
on fd first functioning on a technical level, which justifies the reason for study-
ing these techniques.

Since there are a lot of different sic techniques currently being studied, it was
deemed necessary to only consider a finite set in the literature survey, due to the
limited time-frame. However, since many of the proposed techniques found in
the literature are only small variations of each other, it was considered of greater
relevance to study techniques that had more distinct characteristics. On the same
note, it was also considered a priority to include techniques from the different
types of categories, which may have caused the exclusion of other interesting
techniques.



2
Literature Survey

The literature survey starts of with an introductory section regarding sic tech-
niques and categorization. The following three sections then correspond to the
different sic categories, each with introduction, description of various techniques
and a summary. After those, follows a section pertaining to the different aspects
and requirements of military communication scenario, and finally the potential
sic techniques for military fd transceiver are presented and discussed.

2.1 Introduction to Self-Interference Cancellation
Techniques

Complete sic for fd transceivers is considered a complex problem. Though many
advances have been made in the area, as of yet, no current sic technique can by
itself achieve sufficient si suppression for fd. Instead of relying on any one sic
technique, the main focus has been placed on combining different sic methods
to reach the necessary amount of suppression [4].

In order to differentiate between sic techniques, it has become customary to
categorize them in a variety of ways which differ from author to author. The
categorization scheme used in this survey takes a broad approach loosely based
on [30], but borrowing some ideas from both [4] and [38]. The resulting three
main groups of sic techniques and their definitions are thus:

1. Propagation-domain and Antenna-Interface Suppression – si suppression
gained from either separate antenna or shared antenna implementations
including the antenna-interface.

2. Analog Cancellation – Cancellation, excluding techniques from group 1,

5



6 2 Literature Survey

which can be performed using the output of the Digital-to-Analog Con-
verter (dac) and without first sampling of the received signal (using the
adc).

3. Digital Cancellation – Cancellation which relies on digital-processing and
sampling of the original or partially suppressed received signal.

Figure 2.1 illustrates a general fd transceiver and the operational domain of
each group. It is noticeable, that both analog and digital cancellation span be-
tween the Transmitter (tx) chain and Receiver (rx) chain, since they often use
a reference signal to perform cancellation. It is also worth noting that analog
cancellation can be performed using both the Radio Frequency (rf) signal and a
downconverted version of it, which is the reason why the analog block spans over
the conversion step. However, the division by domains in Figure 2.1, is not always
entirely accurate since some sic techniques might span over multiple parts of the
transceiver and also the propagation-domain.

Figure 2.1: Combined illustration of shared and separate antenna fd
transceiver. Also shown are the different cancellation and suppression stages
and where in the transceiver they reside [30].

In order to effectively compare and combine different sic techniques, it can be
helpful to model the si as having two main components: the direct path si and re-
flected path si, where the latter is caused by the transmitted signal being reflected
back towards the transceiver and picked up by the receiving antenna. These are
here referred to as the the si multipath components, and will be both frequency
selective and time-varying due to the ever changing propagation environment
surrounding the transceiver. The direct path si is generally a high power-version
of the transmitted signal caused mainly by leakage in the antenna-interface for
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shared antenna transceivers, while in separate antenna transceivers, it is caused
by the transmitted signal directly propagating into the receiver antenna. The two
different direct paths si are depicted by self-interference arrows in Figure 2.1. Dif-
ferent sic techniques often deal with either the direct path si or the reflected path
si which is important to take into consideration when designing a complete fd
transceiver, since cancellation of both paths is necessary.

2.2 Propagation-domain and Antenna-Interface
Suppression

A fd transceiver can be implemented either by using separate antennas for trans-
mission and reception, so called separate antenna design or by utilizing the same
antenna, shared antenna design, where certain propagation-domain and antenna-
interface suppression can be associated with one of the two antenna designs. There-
fore it becomes quite natural to also separate the techniques into two subcate-
gories separate antenna suppression techniques and shared antenna suppression tech-
niques. However, in both cases the included methods can be seen as the first line
of defence against SI, working mainly by suppressing the direct path si [15].

The following sections will present different techniques of propagation-domain
and antenna-interface suppression, first for a transceiver using separate antennas
for transmission and reception and then for a shared antenna transceiver.

2.2.1 Separate Antenna Suppression Techniques

The majority of the separate antenna suppression techniques (all in this survey) are
passive and are therefore rather simple to implement and require no tuning or
interaction while in operation. However, this limits them to only suppressing the
direct path si and have little impact on the reflected path [13].

The separate antenna suppression techniques studied in this survey are:

• Antenna Separation

• Directional Isolation

• Polarization

• Absorptive Shielding

Each technique can either be implemented by itself or in combination with
any, or all other techniques. Another important aspect of passive separate an-
tenna suppression techniques is that combining more techniques will always in-
crease the total amount of si suppression. However, since all the passive separate
antenna suppression techniques work by mainly suppressing the direct path si, the
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suppression amounts may not be strictly additive. For instance, combining two
techniques providing each a 15 dB suppression by themselves might only result
in a total of 25 dB suppression instead of the expected 30 dB [13].

Antenna Separation

Antenna separation naturally achieves si suppression since the power density of
electromagnetic waves reduces with distance from the transmitting antenna. A
rough estimate of the amount of suppression an antenna separation of d achieves
when transmitting at frequency f , can be acquired from the free-space path-loss
formula

[Ploss]dB = 20 × log10(
4πdf
c

), (2.1)

where c is the speed of light, and d is such that the tx and rx antennas are placed
in each other’s far-field [2]. Though the formula only provides a rough estimate
of the path loss, it is sufficient to illustrate the notion that better si suppression is
achieved if either d or f are increased. It is also possible to deduce that lower fre-
quencies would need larger separation in order to achieve the same si as higher
frequencies.

Antenna separation can also be used to achieve so-called Antenna Cancellation.
This is done by placing two transmitting antennas at a distance d and d + λ/2
respectively from the receiving antenna, as seen in Figure 2.2. The offset of λ/2
between them will then ensure that destructive interference is attained at the
rx-antenna, effectively suppressing the si [8].

Figure 2.2: Illustration of antenna placement in antenna cancellation
scheme.

However, since the placement of the antenna depends on the wavelength, and
thus indirectly the center frequency, it becomes evident that this technique is
limited to narrow-banded signals. Furthermore, this technique might also create
additional unwanted destructive interference at other points in the far-field [8].

Directional Isolation

The idea behind directional isolation is to have minimal intersection between the
main radiation lobes of the transmitting and receiving antennas [13], which will
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result in reduced si. An illustration of directional isolation using 90° beamwidth
antennas, with slightly intersecting main radiation lobes, can be seen in Figure
2.3.

Figure 2.3: Directional antennas with partially intersecting main radiation
lobes (darker section).

si suppression, using directional isolation, is naturally done in combination
with antenna separation, and has for instance been proven to provide between
39.7—45.3 dB suppression when using 90° beamwidth in the 2.4–2.48 GHz fre-
quency range. These results, obtained from [13], are summarized in Table 2.1 and
are attained by using different configurations for antenna and beam separations
in a low reflective environment (anechoic chamber).

Table 2.1: Suppression achieved using different configurations of antenna-
and beam separation in an anechoic chamber.

Beam Separation (°) Antenna Separation (cm) Suppression (dB)
90 50 45.3
60 50 39.7
60 35 45.1

Additional tests were also performed in a highly reflective room using the
same configurations. The results then showed si suppression ranging from 36.0–
37.7 dB, an average suppression reduction of 6.4 dB compared to the anechoic
chamber. This is to be expected, since a more reflective environment would sug-
gest that more of the transmitted signal would bounce off its surfaces and even-
tually reach the receiving antenna, increasing the power of the si [13].

Though directional isolation works well in many cases, one rather large draw-
back is the low SNR in the nulling direction of the antennas. To partially solve
this problem, the use of annular slot antennas has been proposed. Annular slot
antennas are almost omnidirectional, except in a small angular slot of width 10°−
15°, in which it is able to cancel around 25–30 dB. Clearly, this means that the an-
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tenna will still have a lower SNR in that particular direction, but it is considered
a significant step up from the 90° beamwidth [6].

Polarization

si suppression using polarization works by trying to achieve orthogonal polar-
ization between the transmitting antenna and receiving antenna, which will re-
sult in the receiving antenna not picking up transmitted signal. This works well
for suppressing the direct path si of the transmitted signal, but since reflections
change the polarization, it does not affect the reflected signals [13]. Empirical
results from [13] shows that adding cross-polarization to a system utilizing only
directional-isolation can increase the suppression by 18 dB, though the suppres-
sion is of course dependent of the type of environment [13].

Absorptive Shielding

The idea behind si suppression using absorptive shielding is to place a material
which prevents electromagnetic waves from reflecting off its surface or passing
through it, between the transmitting and receiving antennas. This type of appli-
cation is called free space absorption and includes two broad types, namely reflec-
tivity absorbers and insertion loss absorbers, where the former aims at eliminat-
ing reflections and the latter tries to prevent the wave from propagating through
it [12].

The principal behind a reflectivity absorber is based on impedance match-
ing, since a wave that experiences an impedance equal to that of free space (Z =
377Ω) will be completely absorbed by the material. To illustrate this, consider
the setup in Figure 2.4 where the impedance Z at the metal surface is zero, while
the impedance and admittance υ at a distance λ/4 in free space will be infinite
and zero respectively. By placing a layer of resistive material (RF absorbing ma-
terial in Figure 2.4) with a surface resistivity ρ = 377Ω ·m, a quarter wavelength
out from the metal surface, the impedance at that same distance will be equal
to that of free space (377Ω) and the incoming wave will be completely absorbed
[12].

Since the absorber described above is highly dependent on the bandwidth,
such an absorber would only work for extremely narrowbanded signals. To ex-
tend the operational bandwidth of the absorber, multiple layers of resistive ma-
terials can be stacked, essentially enabling the 377Ω impedance condition to be
satisfied over a range of frequencies. A similar effect can also be achieved by us-
ing a homogeneous material in the shape of pyramids. The incoming wave will
then come into contact with an increasing portion of the material as it propagates
farther into the pyramid structure, experiencing a gradient impedance. Having
no abrupt transitioning layers implies that there is no surface in which large re-
flections can be introduced, thus resulting in excellent (above 50 dB) suppression
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Figure 2.4: Visualization of the principle of a single layer λ/4 absorber.

of the reflectivity [12].

Since the main propagation path in the direction of the receiving antenna
will be blocked by the absorber, free-space absorption will exhibit a similar lim-
itation as directional isolation when it comes to omnidirectional transmission
and reception. Furthermore, empirical results from [13] show that the effective
suppression of absorptive shielding reduces with increasing reflectivity of the sur-
rounding environment, since the reflective si paths in such an environment will
contribute to a larger portion of the total si [13].

2.2.2 Shared Antenna Suppression Techniques

Shared-antenna, for both transmission and reception, enables channel reciprocity
between antenna pairs on different units or devices [11]. However, this does not
come without its challenges since there must exist some means by which the trans-
mit and receive signals are decoupled. This is handled by the shared-antenna
interface [29], which is generally a three or four port junction that exhibits direc-
tional routing between its ports.

Some common types of shared-antenna interfaces that will be discussed in the
following sections are:

• Non-reciprocal ferrite circulator

• Reciprocal Electrical-Balance Duplexer (ebd)

• Non-reciprocal active circulator

• Non-reciprocal non-magnetic passive circulator
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The reciprocal property is undesirable for shared-antenna interfaces, since it
introduces a fundamental minimum 3 dB Insertion Loss (il) in the transmitter
and receiver paths [29].

It has been mentioned that the main source of the direct path si is leakage
inside the shared-antenna interface. This leakage is due to the inability of the
shared-antenna interface to completely isolate the power flow from the tx port to
the rx port. However, another source for direct path si is the antenna-transceiver
impedance mismatch, which will cause portions of the transmitted signal to be
reflected back into the receiver. Since the “return path” of the antenna is coupled
to the rx chain, this will introduce additional si [4].

Non-reciprocal Ferrite Circulator

The most basic type of ferrite circulator is the 3-port junction circulator seen in
Figure 2.5. This circulator uses a disk of ferrite materials which in the presence
of a magnetic field can achieve directional routing [11]. In more detail, when a
signal is applied to the ferrite disk of this circulator it will generate two equal,
circularly polarized counter-rotating waves that will have the same rotational ve-
locities, but in opposite directions. The propagation velocity of such a wave in
a magnetically biased microwave ferrite material will depend on its direction of
rotation. Thus by choosing specific ferrite materials and biasing magnetic field
the phase velocity of waves traveling in opposite directions can be manipulated.
This is done in a ferrite circulator in such a way that the two copies generated by
the signal entering Port 1 will add up constructively at Port 2 and destructively
at Port 3, meaning maximum power transfer will be reached at Port 2 and min-
imum power transfer will be attained at Port 3. From the outside perspective
this will give the perception of the signal entering Port 1 and exiting Port 2 only.
In a similar fashion it is possible to achieve the same behavior simultaneously
between other ports, illustrated in Figure 2.5 by the unidirectional power flow
arrows [24].

The two main advantages of the ferrite circulator is the small il, often less
than 1 dB, and the relatively high tx-rx isolation of 20 dB. However, since the
size of the ferrite circulator depend on the frequency at which it operate, circula-
tors operating in the vhf range (30–300 MHz) become large and bulky. Alternate
designs have been proposed such as the Stacked Multistaged Lumped Element Cir-
culator which operates around a center frequency of 170 MHz providing 47 dB
isolation when used within a bandwidth of 10 MHz and 20 dB isolation within a
bandwidth of around 60 MHz. Though this type of ferrite circulator can be made
15% smaller [33], they do not solve the problem of the hardware’s frequency
dependency or the small operational bandwidth at vhf that ferrite circulators
exhibit.
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Figure 2.5: Ferrite junction circulator with three ports and arrows indicating
signal power flow between ports.

Reciprocal Electrical-Balance Duplexer

An Electrical-Balance Duplexer (ebd), see Figure 2.6, achieves directional rout-
ing by tuning the balancing impedance ZBAL in a hybrid junction [19].

Figure 2.6: Simple model of an Electrical-Balance Duplexer.

A more detailed model of a hybrid transformer used in ebds is depicted in
Figure 2.7, where the different resistors and inductors are matched to create con-
jugacy between Port 1 and Port 3 and also between Port 2 and Port 4. With this
kind of matching achieved, the tx-rx isolation boils down to a function of match-
ing the balancing impedance with that of the antenna. However, the hybrid trans-
former has a fundamental limitation present in all ebds, namely a minimum in-
sertion loss. For instance, when the hybrid transformer in Figure 2.7 is used for
transmission, the rx side is isolated, or assumed shorted. The transmit power
will thus be split between the antenna port (Port 2) and the balance port (Port 4)
with ratio r. Both the insertion loss of the tx and rx paths will depend on this
ratio r, but inversely to one another. This means that a lower il in the tx path
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Figure 2.7: Ideal hybrid transformer circuit.

will result in a greater il in the rx path and vice versa. The minimum sum-il is
reached when r = 1 and both paths experience an il of 3 dB. However, it is worth
mentioning that practical implementations of ebds will suffer from additional il
[1].

If the presence of IL can be overlooked, ebd provides good TX-RX isolation
that increase as the balancing impedance gets closer to that of the antenna. How-
ever, there are two main challenges associated with balancing the impedance orig-
inating from the fact that the antenna impedance can be both time-variant and
frequency-variant [22], both of which needs to be compensated for in a commu-
nication link where wideband signals or non-stationary antennas will be used.

There are techniques to compensate for the impedance variations. First, in
order to broaden the operational bandwidth of the ebd, a so-called balancing net-
work, that tries to mimic the impedance of the antenna over a wider bandwidth,
can be implemented. These networks come in a variety of different topologies
and are often categorized as either single-pole or multi-pole. Though increasing
the number of poles will increase the frequency range at which the network can
mimic the antenna impedance, it will also become increasingly more complex
and make it harder to control [22].

The time-varying aspect of the antenna impedance arises mainly due to physi-
cal interaction with the transceiver (placing the device on a metal surface) which
may be more common for certain types of devices. To adjust for time-varying
impedance changes it is necessary to modify the balancing network at regular
intervals [20]. This has proven to be possible by implementing an Antenna Tun-
ing Unit (atu) [22], which is placed between the ebd and the antenna, on the
so-called feedline. At regular intervals, the atumodifies the values of the balanc-
ing network, so to maintain the impedance match between the transmitter and
the antenna, effectively reducing the amount of power that will be reflected back
into the transceiver [19].
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Though the idea behind EBD has been around for many years, it has only
recently been suggested as a viable technique to enable FD when using a shared-
antenna design [19]. As mentioned above, the main disadvantage of the ebd is
the presence of IL in the hybrid transformer [1]. However the main advantages
are:

• High TX-RX isolation over a large bandwidth (> 45dB over 200MHz) [25].

• Ability to be fabricated on a Complementary Metal-Oxide Semiconductor
(cmos) Integrated Circuit (ic) [25].

• Adaptability to different propagation environments [19].

Non-reciprocal Active Circulator

Non-reciprocal Active Circulator uses the non-reciprocal characteristics of com-
ponents such as transistors or active baluns to achieve directional routing [35].

The main advantages of active circulators are:

• Small size and weight [7]

• Low cost [7]

• Possibility to be integrated on a cmos ic [35]

• Wide-band operational range (0.2 – 2 GHz) [16]

However, traditional active circulators also introduce noise and nonlineari-
ties [29], which limit the rf power-handling capability [7] and increase the model
complexity for later digital sic. Furthermore, these same circulators are at higher
signal level negatively impacted by voltage-drops over resistors in their internal
circuits. These voltage-drops can break the initial operating conditions of the
circulator, and despite being non-reciprocal, high il can be observed. Attempts
such as the Broadband high power active circulator, have been made to mitigate
these effects to some extent. This particular active circulator manage a 15 dB tx-
rx isolation over the 0.2 – 1 GHz frequency range, with an il between 2.5 – 5 dB
at signal power levels up to 26 dBm [16].

Another type of active circulator is the so called quasi-circulator. A partic-
ular type of this circulator is presented in [32], and uses parallel-coupled line
with a slow-wave structure together with amplifiers. The gain of the amplifiers
are matched to the coupling-factor of the parallel-couplers in order to achieve
energy flow in a single direction between ports. As a result of good component
matching and slow-wave coupler design, this circulator is able to almost com-
pletely remove the il and achieve a 20 dB tx-rx isolation over the 1 – 3 GHz
frequency range [32]. However, this particular circulator has of yet, not been
implemented in an fd transceiver and it is not evident how it is behaves with
alternating antenna impedance or what kind of noise it introduces.



16 2 Literature Survey

Non-reciprocal Non-magnetic Passive Circulator

Another type of circulator is the non-reciprocal non-magnetic circulator, which
breaks reciprocity by being time-variant [29]. While there are a variety of meth-
ods to achieve this, two of them that both take advantage of phase-non-reciprocal
behavior are:

• Phase-shifted two-port Linear Periodically Time-Varying (lptv)

• Spatio-temporal conductivity modulation

Though the two methods use different techniques to achieve a non-reciprocal
phase shift element, Non-Ideal N-path Filter and Gyro respectively, both are used
to generate a +/- 90° phase shift for signals travelling in opposite direction. This
non-reciprocal phase shift element can then be implemented into a 3λ/4 trans-
mission line in order to attain non-reciprocal wave propagation. This is possible
since in the clockwise direction, the -270° phase shift added by the transmission
line will add to the -90° phase shift through the non-reciprocal phase shift ele-
ment, thus enabling wave propagation, see Figure 2.8. In contrast, in the counter-
clockwise direction, the phase shift of the transmission line and the +90° phase
shift of the non-reciprocal phase shift element will suppress wave propagation
[11]. This means that under perfect conditions, waves will only travel in the
clockwise direction making it possible to implement a three-port circulator by
simply placing ports at λ/4 intervals as seen in Figure 2.9.

Figure 2.8: Non-reciprocal wave propagation using non-reciprocal phase
shift element and 3λ/4 transmission line [11].

In order to minimize the size of the transmission line, it is implemented us-
ing capacitors and inductors exhibiting the same effect as a 3λ/4 transmission
line would without being that long.

The performance of the two non-reciprocal non-magnetic passive circulators
can be seen in Table 2.2 [11]. The main difference between the two circulators
is the isolation bandwidth, the second circulator can operate over a wide range
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Figure 2.9: Three-port non-reciprocal non-magnetic passive circulator with
ports at λ/4 distance from each other [11].

of frequencies. Another difference is the center frequency, the Phase-shift lptv
circulator is limited to operating at lower frequencies while the Spatio-Temportal
circulator is developed to be able to work in the higher frequency range. What
can also be seen from Table 2.2, is that both circulators are fairy narrowbanded.
However, techniques such as balancing network and atu used in ebds have been
suggested in order to achieve wideband isolation under antenna impedance vari-
ations. This would introduce active components and make this type of circulator
very similar to ebds, but with a small il. However, further research and testing
is needed before these circulators can be realized [11].

Table 2.2: Performance summary of two non-reciprocal non-magnetic pas-
sive circulators. Isolation BW is the ratio between the bandwidth and carrier
frequency over which an isolation better or equal to the TX-RX Isolation is
acquired.

Phase-Shift Technique lptv, N-path Filter Spatio-Temporal
Center Frequency 750 MHz 22.7–27.3 GHz
TX-RX Isolation >20 dB >18.5 dB

Isolation Bandwidth 4.3% 18%
il TX path -1.7 dB -3.3–1 dB (22–27.5 GHz)
il RX path -1.7 dB 3.2–1 dB (22.7–27.5 GHz)

Noise Figure (nf) 4.3 dB 3.3–4.4 dB

2.2.3 Summary

Depending on the requirements on the communication system, either separate or
shared transmit and receiver antennas can be used as part of an fd transceiver,
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both having their advantages and disadvantages. For instance, one of the main
advantages of shared-antenna design is that channel between antenna pairs on
different units will be reciprocal, meaning that only one channel needs to be esti-
mated for uplink and downlink transmissions. In contrast, when separate anten-
nas are used, uplink and downlink transmissions will be done over two distinct
channels, which will demand additional channel estimation.

One of the main advantages of separate antenna transceivers is their reduced
complexity in comparison to shared-antenna transceivers. Since the tx and rx
chains are completely decoupled, there is no need for extra hardware to suppress
si leakage inside the transceiver. Furthermore, suppression techniques used in
separate antenna design can often be combined and customized to further in-
crease si suppression in specific communication scenarios.

All the propagation-domain and antenna-interface si suppression techniques
mentioned in this survey are summarized and compared in Table 2.3. However,
there is another important property of separate antenna suppression techniques
not given in Table 2.3, namely that they can be directly applied to also suppress
interference between different communication system on the same unit/platform.
This is because these techniques, in contrast to the shared-antenna techniques,
do not utilize the original signal in order to perform si suppression. Worth men-
tioning is that this interference cancellation can be used by any platform using
different antennas for each communication system, and is by no means limited
to separate antenna transceivers.

2.3 Analog Cancellation

The main purpose of analog cancellation is to reduce the power of the si so that
the received signal can be sampled without saturating the adc.

Analog cancellation is most often carried out between the pa in the tx chain
and the Low-Noise Amplifier (lna) in the rx chain, as seen in Figure 2.10, where
one of the basic ideas is to use a copy of the rf transmit signal and subtract it
from the received signal. Though modeling is needed in the analog circuit to
mimic the effects of the si channel, the rf version of the signal allows the analog
cancellation to disregard any nonlinear distortion caused by hardware imperfec-
tions, since they are already included in the copy [4].

Although analog cancellation using the rf signal (sometimes referred to as rf
cancellation) is most common, analog cancellation of the Base Band (bb) signal
also occurs. Cancellation using the bb signal has the advantage that it can be
implemented at lower operational frequencies enabling more complex filtering
[37]. However, the bb version of the received signal has also been affected by the
pa, lna and the mixing stages (up and down conversion) which cause additional
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Table 2.3: Comparison between different propagation-domain and antenna-
interface si suppression techniques.

Technique Advantages Disadvantages

Antenna
Separation

1) Passive suppression.
2) Wideband.

1) Large separation needed for
low frequencies.
2) Direct path si suppression only.

Directional
Isolation

1) Passive suppression.
2) Frequency independent.

1) Low transmission SNR in
certain directions.
2) Direct path si suppression only.

Polarization 1) Passive suppression. 1) Not implementable in systems
where polarization is used for
other functions.
2) Direct path si suppression only.
3) Requires explicit predefined
polarization orientations for TX
and RX.

Absorptive
Shielding

1) Passive suppression. 1) Frequency dependent form
factor.
2) Low transmission SNR in
certain directions.
3) Mainly direct path si
suppression.

Ferrite
Circulator

1) Passive suppression.
2) Low insertion loss.

1) Frequency dependent form
factor.
2) Narrowbanded operational
range.
3) Direct path si suppression only.
4) Can not be implemented on
cmos ic.

Electrical-
Balance
Duplexer

1) Wideband operational range.
2) Can be implemented on cmos
ic.
3) Adaptability to changing
propagation environment.

1) High insertion loss.
2) Direct path si suppression only.

Active
Circulator

1) Can be implemented on cmos
ic
2) Wideband operational range.

1) Unstable at high power.
2) Additional power consumption.
3) Introduce nonlinearity.

Non-magnetic
Passive
Circulator

1) Passive suppression.
2) Low insertion loss.
3) Can be implemented on cmos
ic.

1) Limited bandwidth without
active components.
2) Limited research and empirical
results from fd implementations.

complexity in modeling the effective si channel [37].
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Figure 2.10: Analog cancellation performed between the pa and lna, some-
times referred to as rf cancellation.

2.3.1 Two-Tap Analog Canceller

The idea behind the Two-Tap Analog Cancellation technique is to focus the ana-
log cancellation on what is assumed to be the two main si components in a shared-
antenna fd transceiver. These are leakage in the antenna-interface and the reflec-
tion due to mismatch of the antenna impedance, completely disregarding the si
multipath components (caused by from reflections outside the transciever). How-
ever, as long as the power of two main components compose a significant portion
of the si and can be suppressed sufficiently so the residual si is within the dy-
namic range of the adc, this is a perfectly valid approach [27].

The basic structure of a Two-Tap Analog Canceller can be seen in Figure 2.11,
where y(t) is the RF signal coming from the pa, and ySI (t) is the received signal
coming from the antenna when no desired signal is present. In accordance with
the assumption that the si can be split up into separate components, the received
signal can be written as

ySI (t) = aLy(t − τL) + aRy(t − τR) +
M∑
m=1

hmy(t − τm), (2.2)

where aL, aR, τL and τR are the complex amplitudes and delays of the leakage (L)
and reflective (R) components, respectively. The sum in expression (2.2) models
the multipath components, each with a complex amplitude hm and delay τm. As
can be seen in Figure 2.11, the canceller directs y(t) into two different paths, each
applying a fixed delay di , attenuation ai and phase shift φi , in order to model
both the si caused by the leakage and reflection, but with a 180° phase shift. If
accurate modelling is achieved, the resulting signal from the canceller can then
be applied to the received signal and effectively cancel the si due to leakage and
reflections. A major advantage with the Two-Tap Analog Canceller is that it can al-
most completely be configured off-line. This is because the reflection and leakage
components of the si are caused by hardware which is relatively time-invariant.
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This makes it possible to accurately measure and set the parameters once, and
then make small adjustments during operation [27].

Figure 2.11: Basic structure of a Two-Tap Analog Canceller.

A Two-tap Analog Canceller was implemented in [27] as part of a fd transceiver.
The analog stage, in an indoor environment, was able to remove ≈40 dB of si
when using a carrier frequency of 2.4 GHz, a bandwidth of 20 MHz and a trans-
mission power of 20 dBm [27].

2.3.2 Dual-Injection Path Cancellation

Dual-Injection Path Cancellation is a type of si cancellation architecture first pre-
sented in [37]. In contrast to other analog cancellation techniques, this scheme
contains two analog cancellation steps which can be seen in Figure 2.12. The first
one, the rf canceller, is situated between the pa and the lna, and the second,
the bb canceller, is placed between the frequency mixing steps in the tx and rx
chains [37].
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Figure 2.12: Dual-injection path si cancellation architecture.
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The purpose of the RF canceller is to reduce the power of the si in the received
signal so that the rx front end of the transceiver will not be saturated. This effec-
tively relaxes the required linearity of the lna and other components in the rx
chain, meaning imperfect components can be used without the risk of introduc-
ing nonlinear distortions. The rf canceller is implemented in the transceiver as a
Finite Impulse Response (fir) filter using delay blocks TD and transconductance
stages Wn, which can be seen in Figure 2.13. Though adding more taps to the
filter will result in a more accurate modelling of the si multipath components,
it also requires more active components to implement, effectively increasing the
noise figure of the transceiver [37].

Figure 2.13: Block diagram of RF Canceller, implemented as an fir filter
with N number of taps [37].

The design behind the bb canceller is similar to that of the rf canceller in that
it is implemented as a fir filter. However, the bb canceller can have much longer
time delays TD , and more of them, since the operational frequency is lower after
the mixing. The purpose of the bb canceller is twofold:

1. Attenuate the tx si carrier signal as well as noise and nonlinear distortion
caused by the pa.

2. Cancel the phase noise in the rx signal path.

To describe how the bb canceller operates, it is useful to consider the imple-
mentation scheme shown in Figure 2.14. As indicated by the two different colors
(or line types), the transmit signal is divided into two paths, the rx path (red,
dashed) and the bb canceller path (blue,solid). The signal passing through the
rx path is the signal which is transmitted by the antenna. Parts of this signal
will reenter the transceiver, be partially cancelled by the rf canceller and ampli-
fied by the lna. In the next step, the signal is downconverted to the bb and fed
through any other bb circuitry that may be implemented. The effective delay ex-
perienced in rx path before the mixing is represented by TD1

in Figure 2.14 and
after the mixing by TD2

. The bb cancellation path is routed through an analog
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circuit inside the transceiver. First the signal is downconverted to the bb by a
delayed signal from the Local Oscillator (lo) and then it is modeled using the
adaptive fir filter to provide a copy of the residual si. By effectively matching
the time delays of TD and TD3

to TD1
and TD2

respectively, it is possible to cancel
the si when the paths are combined. There are three main reasons why the bb
canceller use the rf version of the signal instead of a copy of the bb signal from
earlier in the tx chain, these are:

1. Having a large amplification (pa) before the bb canceller will relax its re-
quired noise performance.

2. All nonlinear distortions introduced in the later part of the tx chain will
also be included in the signal without the need for complex modelling.

3. It enables the bb canceller to also remove phase noise added in the rx chain.
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Figure 2.14: Block diagram showing the implementation of a BB Canceller
in the fd transceiver.

The key to removing the phase noise added by the rx chain is to delay the
lo output to the mixer in the bb path by TD . This is done so that the phase noise
added at the downconversion in each of the signal paths will be highly correlated,
and can be canceled out when the signals are combined [37].

Results obtained from [37], where the two analog cancellers where imple-
mented, show that this scheme was able to achieve a si suppression of 50 dB
in a shared-antenna fd transceiver and around 42 dB in a separate-antenna fd
transceiver. Both transceivers used a bandwidth of 42 MHz and implemented a
five-tap analog fir filter for the rf canceller and two 14-tap analog fir filters for
the bb canceller.
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2.3.3 Digitally-Controlled Wideband RF Canceller

The Digitally-Controlled Wideband RF canceller builds on the basic idea of the
rf canceller, seen in Figure 2.15. However, rather than having just one internal
rf path, the Digitally-Controlled Wideband RF canceller uses NC parallel paths,
as seen in Figure 2.16, each with a fixed, but different delay τC,n, as well as a
digitally adjustable amplitude and phase [34].

Figure 2.15: Block diagram of RF canceller implemented in fd transceiver.

Figure 2.16: Block diagram of Wideband RF canceller implemented in fd
transceiver [34].

To understand the process behind the Wideband rf canceller, it may be help-
ful to first consider the complex bb equivalent received signal

y(t) = ySI (t) + d(t) + n(t), (2.3)

where d(t) is the desired signal and n(t) is thermal noise. The signal ySI (t) is the
received si signal which can be described by a fir filter as

ySI (t) =
NSI∑
n=1

hSI,nx(t − τSI,n), (2.4)
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where hSI,n and τSI,n denote the complex channel coefficient and delay of the n-th
si component and x(t) is the bb equivalent pa output signal. Using expression
(2.3), it is now possible to write the result of the rf cancellation process as

z(t) = ySI (t) + d(t) + n(t) −
NC∑
n=1

wnx(t − τC,n), (2.5)

where wn denotes the digitally controlled amplitude and phase of the n-th can-
cellation path. In order to effectively cancel the si, it is desirable to choose wn in
such a way that only d(t) and n(t) remain. Though not completely evident, this
can be achieved by selecting the wn in such a way that the power E{|z(t)|2} is mini-
mized. This, according to [9], comes from the fact that only ySI (t) is correlated to
the cancellation signal

∑NC
n=1 wnx(t − τC,n) meaning there is no way to select wn to

also cancel d(t) and n(t), concluding that the minimization of E{|z(t)|2} effectively
means cancelling ySI (t) while “ignoring” the other two components.

Notable is the fact that the τC,n delays do not need to match the τSI,n per-
fectly since wn contains both an adjustable amplitude and phase. Similarly, the
NC number of paths in the canceller, does not need to coincide with the number
of si multipath components, NSI . However, the amount of possible suppression
is increased with a greater number of paths and a smaller normalized tap delay
difference, B|τC,k+1 − τC,k |, where B denotes the bandwidth. While achieving a
small tap delay difference in an analog circuit is rather easy, the total tap delay
difference (|τC,NC − τC,1|) needs to at least cover the delay spread of the si chan-
nel multipath components. This leads to the notion that a large delay spread
with small normalized tap delay differences will require a large number of taps
(paths). However, having a large number of taps can introduce additional com-
plexity and noise [9].

In order to achieve a fast adaption rate of the wn parameters and at the same
time maintain low computing complexity, [34] adopts a Least Mean Square (lms)
algorithm in a closed control loop. For appropriate digital tuning, both the
tapped reference signal, x(t − τC,n), and the cancellation output, z(t), are down-
converted and digitized. The digital wn parameters can then be set according
to

wn[k + 1] = wn[k] + νx∗n[k]z[k], (2.6)

where ν denotes the adaption step-size, xn[k] is the downconverted signal of the
n-th path, and the square brackets ’[]’ indicate that discrete signals are used. The
resulting wn are then converted to analog signals and fed into a vector modulator
which adjust the phase and amplitude of the n-th path RF signal (xn(t)) accord-
ingly [34].

A Digitally-Controlled Wideband RF Canceller as described above, imple-
menting three cancellation paths (NC = 3) was constructed in [34] and capable
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of an si suppression around 50 dB over 20 MHz, 45 dB over 40 MHz, and 40 dB
over 80 MHz.

2.3.4 Summary

The main purpose of analog cancellation is to reduce the power of the si so that
the received signal can be sampled without saturating the ADC, effectively en-
abling the use of digital sic. Considering this, it is debatable whether analog
cancellation should be optimized to provide high sic or merely sufficient sic and
instead focus on low complexity and being easy to implement.

The techniques studied in this survey are listed in Table 2.4 with their advan-
tages and disadvantages respectively. All these techniques rely on the same basic
idea of modeling the residual si and subtracting it from the received signal. How-
ever, the main difference between the techniques relates to their implementation
and the type of si component(s) they suppress.

Table 2.4: Comparison between different analog sic techniques.

Technique Advantages Disadvantages

Two-Tap Canceller 1) Simple to implement.
2) Can be tuned off-line.

1) Does not cancel the si
multipath component which
have been reflected back to the
transciever.
2) Mainly developed for
shared-antenna fd transceivers.

Dual-Injection
Canceller

1) High sic over a large
bandwidth.
2) Suppress rx phase noise.
3) Partial suppression of
nonlinear distortion.
4) Possible to implement in
both shared and
separate-antenna transceivers.

1) Complex implementation.
2) Increased power
consumption due to active
components.

Digitally-
Controlled
Wideband RF
Canceller

1) Self-adaptive cancellation.
2) Wide bandwidth.
3) Cancels all types of si
components.

1) Many additional electrical
components.

2.4 Digital Cancellation

Even after the analog cancellation, the power level of the residual SI, though
within the dynamic range of the adc, can still be relatively high. This demands
further cancellation, which can be performed in the digital domain and most
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straight forward way to implement this would be to subtract the original si signal.
However, from the original dac to the adc the si signal has passed through both
the transmitter and receiver chain, including any passive or analog cancellation
technique utilized, as well as a frequency selective channel in the propagation
domain. All these linear or nonlinear (pa) steps have effected the si signal and
need to be taken into account in order to achieve sufficient digital cancellation
[18].

2.4.1 Adaptive Feedback Canceller

The Adaptive Feedback Cancellation is a digital sic scheme, mainly developed
for Amplify and Forward (a&f) relay operations as the one seen in Figure 2.17.
When the relay exhibits simultaneous transmission and receiving it is evident
that the transmit signal y(n) will cause si and obstruct reception of the signal
s(n) coming from the source. The basic idea behind an Adaptive Feedback Can-
celler (afc) is to implement a filter which can cancel the effects of the feedback
path (si channel).

Figure 2.17: Block diagram of a&f fd relay.

For a more detailed view of the inner workings of the afc, consider the dis-
crete time system equivalent block diagram of the a&f operation in Figure 2.17,
but from the point of view of the digital afc, shown in Figure 2.18. The transfer
function from s(n) to y(n), can then be written as

T (z) =
C(z)H(z)GRX(z)

1 − H(z)GRX(z)F(z)GT X(z)
, (2.7)

where the included transfer functions, C(z), H(z), GRX(z), F(z) and GT X(z) cor-
reponds to the blocks in Figure 2.18. By limiting H(z) to have an all-pole filter
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Figure 2.18: Discrete-time block diagram of a relay operation from the point
of view of the digital afc, where s(n) is the signal transmitted from the
source, y(n) is the signal transmitted by the a&f relay, and ω(n) is additive
noise [21].

structure (H(z) = b/[1 + bA(z)]), expression (2.7) can be written as

T (z) =
bC(z)GRX(z)

1 + bA(z) − bGRX(z)F(z)GT X(z)
, (2.8)

where b is a constant and A(z) is strictly causal. Now by choosing

A(z) = GRX(z)F(z)GT X(z),

the denominator of expression (2.8) will be one and the effective transfer function
from s(n) to y(n) can be written as

T (z) = bC(z)GRX(z), (2.9)

which subsequently does not depend on F(z), indicating that this choice of H(z)
is sufficient to completely cancel the effects of the feedback path, removing the si
[21].

To obtain a high performance a&f relay, it is desirable to have little or ideally
no delay between its input and output. Having such a small delay, essentially
means that the output will be a slightly delayed replica of the input signal, mak-
ing them highly correlated. This raises a problem, since directly applying a lms
algorithm to determine the parameters of the all-pole filterH(z) would result in a
biased estimate of the feedback path. To circumvent this, it is possible to instead
base the adaptive algorithm on the property-restoral principle, which is done in
[21], where the afc attempts to restore the Power Spectral Density (psd) of the
signal instead of minimizing the mean-square error. The filter coefficients are
then continuously adjusted to maintain the psd of the output matched to a pre-
defined “spectral mask", effectively removing the si. Additionally, this scheme
will also, to some extent, compensate for distortion due to multipath propaga-
tion in the channel between the source and relay and also imperfections in the
analog frontend [21].
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2.4.2 Two step Digital Cancellation

A two step digital cancellation method for sic is introduced and implemented in
[5], where the basic idea behind it is to separate the linear and nonlinear cancella-
tion into two parts that can be processed independently.

The linear cancellation step is based on the idea that parts of the si can
be modeled as a linear non-causal function of the transmitted signal. The non-
causality is simply due to the fact that the transceiver has knowledge of the entire
signal (or at least packet) which is to be transmitted which makes it possible to
estimate the si at the current instance n using the past k samples as well as future
samples. The received signal can thus be described by

y[n] =
2k−1∑
i=0

h[k − i]x[n − k + i] + ω[n], (2.10)

where x[n] is the transmitted signal, h[k], . . . , h[−k + 1] are the si channel coef-
ficients and ω[n] is the receiver noise. For estimation of these si channel coef-
ficients, a known signal needs to be transmitted in the absence of interference.
However, to avoid using additional resources for this transmission, a communica-
tion system that uses packet preambles (pilots/training/reference sequence) can
instead utilize these for the estimation. The received samples of y[n] correspond-
ing to the transmitted preambles xpr [n] can then be written on matrix form as

y = Ah + ω, (2.11)

where h = (h[k] · · · h[−k + 1])T and ω is a noise vector where the elements are in-
dependent and normally distributed with zero mean and variance corresponding
to the receiver noise-floor. The matrix

A =


xpr [−k] · · · xpr [0] · · · xpr [k − 1]

...
...

...
...

xpr [n − k] · · · xpr [n] · · · xpr [n + k − 1]

 ,
in the expression, is a Toeplitz matrix composed of the preambles xpr [n]. Since
the preambles are known, A and any manipulation of A (such as inverse or trans-
pose) can be pre-computed and stored. Finding the MLE of vector h can then be
done by calculating

h = A†y, (2.12)

where A†, is the pseudo inverse of matrix A and y is the received sample of the
preamble. With the estimated channel coefficients known, it is possible to also re-
move the si present during data transmission since that signal will also be known
[5].

The nonlinear cancellation step is used to remove the nonlinear components
of the si. Since it is difficult to guess the exact nonlinear function applied by
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a radio, this sic method takes a more general approach and uses Taylor series
expansion in order to approximate the nonlinear function. The received signal
can then be written as

y[n] =
∑
m odd

x[n](|x[n]|)m−1 ∗ hm[n], n = −k, . . . , k, (2.13)

where x[n] is the known transmitted signal, hm[n] is the weight of the term which
raises the signal to the mth order. Only odd terms are included since the even
terms will be zero inside the band of interest. The estimation of hm[n] can be
done similarly to the estimation of channel coefficients in the linear cancellation
step, with the exception that the matrix A will consist of the higher order odd
powers of the preamble samples. With the estimates of the nonlinear channel
coefficients acquired, it is then possible to remove also the nonlinear si from the
received signal [5].

It is worth mentioning that the order m of nonlinear terms, and the number
of samples that need to be included to achieve sufficient sic, will depend on the
frequency-selectivity of the si channel as well as the complexity of the hardware
imperfections in the fd transceiver. However, empirical results from [5] show
that higher order terms have much lower power and their multipath components
are quickly reduced to under the receiver noise floor. For example, as shown in a
WiFi application in [5], far less than 128 samples were needed from each nonlin-
ear higher order term, requiring only a total 224 variables (hm[n]) to be estimated
[5].

One of the main advantages of the two step digital cancellation is that the
computation heavy part can be pre-computed and stored, drastically reducing
the complexity and real-time computation needed. Furthermore, as long as the
canceller is part of a communication system that already uses preambles, no ad-
ditional pilot sequence needs to be sent in order to estimate the si channel. How-
ever, in specific applications, it has been suggested to use additional ofdm sym-
bol training sequence to estimate the si channel. This type of sequence lends it-
self to performing Least Square estimation in the frequency domain, which could
further decrease computations by around 60%, though with some limitations in
environments with large delay spread [3].

2.4.3 Adaptive Nonlinear Digital Canceller

The idea behind the Adaptive Nonlinear Digital Canceller (andc) is to use the
original transmit signal, modify it according to the effective channel experienced
by the residual SI and then remove it from the received signal. However, the
effective channel can be rather complex since it includes:

• The effect of the transmitter and receiver chain
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• The circulator or direct-path between the transmitting and receiving an-
tenna

• The analog canceller

• The multipath components of the transmitted signal reflected back to the
rx antenna

It is necessary to take all these steps into account since a more accurate model
of the effects of the channel will provide better sic. This justifies the need for
nonlinear modeling since both the transmitter and receiver chain contains com-
ponents causing nonlinear distortion. One such component in particular, is the
transmitter Power-Amplifier (pa), which in general account for the majority of
nonlinear distortion, especially when higher transmission power is used. So in
order to include these nonlinear distortions, together with the memory of the pa,
the multipath components and analog cancellation circuit the andc represent
the residual si as a weighted sum of nonlinear transformations, each having their
own delay [18]. This representation corresponds well to the Parallel Hammer-
stein (ph) model

y(n) =
P∑
p=1
p odd

M−1∑
m=0

hp(m)ψp(x(n −m)) + z̃(n), (2.14)

where P is the highest order of nonlinearity considered, hp(m) is the pth coef-
ficient of the effective si channel including the pa memory, ψp(x(n)) is the pth-
order basis function, x(n) is the original digital transmit signal and z̃(n) repre-
sents the combined noise and model mismatch [10].

The block diagram of an andc implementation, corresponding to expression
(2.14) can be seen in Figure 2.19. The first step corresponds to applying the par-
allel basis functions (|x(n)|p−1x(n)) to the original digital signal. The filters, Hp
in Figure 2.19, then model the linear part of the effective channel and are ad-
justed at regular intervals in accordance with the estimated channel coefficients
hp(m) obtained from an lms algorithm. The particular choice of lms algorithm
for adaptive estimation of the channel coefficients is due to its simplicity and low
computational processing, which enables it to be performed in real-time and un-
der time-variant conditions.

However, directly applying the lms algorithm would result in slow conver-
gence and possible high mean-squared error since the basis functions are highly
correlated. To make them uncorrelated, the orthogonalization step is implemented,
which use a precomputed transformation matrix to make the basis functions or-
thogonal, effectively avoiding the lms convergence problem [10].
.

The underlying model for the andc is, as mentioned above, the ph model.
This follows from the notion that the pa is the main source of nonlinear distor-
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Figure 2.19: Block diagram of an Adaptive Nonlinear Digital Canceller im-
plementation [18].

tion. The ph model, which has been proven to accurately model a variety of dif-
ferent pas, is therefore an exceptional candidate for use in the andc to achieve
high sic, while still maintaining simplicity. However, there are also other im-
pairments such as phase noise, that are not included in this type of model but
likewise cause nonlinear distortion [18]. Though the inclusion of additional dis-
tortion sources would increase the accuracy of the model and the sic, it is not
clear to what extent. Furthermore, added modelling usually means added im-
plementation and computation complexity, indicating that certain balancing be-
tween the modelling accuracy and complexity is needed in practical systems.

2.4.4 RF-Tapping Digital Canceller

The concept of rf-Tapping Digital Cancellation was first introduced in [27] un-
der the ambiguous name, digital cancellation. However, in order to differentiate it
from other digital cancellation schemes in this survey, the name RF-Tapping Digi-
tal Cancellation will be used instead.

The idea behind the rf-Tapping Digital Canceller, as shown in Figure 2.20, is
to use a copy of the rf transmit signal as a reference signal. The copy is down-
converted, sampled using a second adc, adjusted according to the effects of the
si channel, and finally subtracted from the received signal. Since the rf copy of
the signal has passed through the whole tx-chain, it is presumed that nonlinear
distortion added by the pa as well as phase noise added in the upconversion, is
included in the copy. This means that the nonlinearities do not need to be incor-
porated in the effective si channel model, which in turn reduces the complexity
of the digital cancellation since it will only require linear modeling. The digital
canceller in [27] also assumes that the strong direct path si components (leakage
and antenna reflection) have been partially suppressed, meaning the residual si,
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after analog cancellation, can be modeled as the output of an fir filter

rSI [n] =
L∑
l=1

hlx[n − l], (2.15)

where x[n] is the digitized version of the transmitted rf signal, hl is the lth
multipath channel coefficient and L is the number of distinct signal paths. Using
a pilot sequence or preambles, it is possible to estimate these components using
a least-square estimator. The estimated coefficients are then used on the copied
and downconverted rf signal yielding

r̂[n] =
L∑
l=1

ĥlx[n − l], (2.16)

where ĥl is the lth estimated channel coefficient. This reconstructed signal can
then be subtracted from the residual si (rSI [n]). During simultaneous transmis-
sion and receiving this will give the following signal

y[n] = rSI [n] + d[n] − r̂[n] = d[n] +
L∑
l=1

(hl − ĥl)x[n − l], (2.17)

where d[n] is the desired, received signal. The expression above indicates that
better estimation of the channel coefficients will yield better suppression [27].
Additional distortion/error will however be present due to thermal noise and
phase noise added in the receiver chain.

Figure 2.20: Block diagram of a single antenna fd transceiver implementing
a rf-Tapping Digital Canceller.
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2.4.5 Summary

Digital cancellation is the fd transceiver’s last resort against si and aims to reduce
the power of the residual si to levels below the receiver noise floor. Though dig-
ital sic depends heavily on other cancellation techniques to first suppress the si
to fit the adcs dynamic range, the power of the residual si can still be considered
substantial. Furthermore, the effective si channel from the original digital signal
to the sampled received signal is generally time-variant, frequency-selective with
small coherence bandwidth [13] and contain nonlinear distortion [18], notably
increasing the challenge of digital sic. However, the digital domain offers a lot
of freedom, enabling the possibility to implement more complex sic solutions
which lends itself well to this type of task.

There are several key points to consider when choosing what type of digital
sic technique to implement:

• Type of fd implementation – All digital sic techniques are not suited for
all types of fd transceivers. For instance, ZF Filters, Pre-Coding/Decoding
and Optimal Eigenbeamforming (not included in the survey), for this type of
application, require a high number of antennas [38], and can therefore not
be implemented in all types of systems.

• Possibility of si channel estimation – Some digital sic techniques require
either preambles or dedicated pilot sequences in order to obtain accurate
si channel estimations. However, this might take up extra resources and
require additional overhead to avoid interference while the estimation is
performed.

• Additional transceiver requirements – Additional demands on the
transceiver such as limited power consumption, limited computational pro-
cessing and cheap (often nonlinear) components, may also impact the type
of digital sic method that can be used. Some digital sic techniques are
developed with certain limitations in mind [18], but there is generally a
trade-off between simplicity and the amount of sic possible.

• Rate of time variations in the si channel – The rate at which the propaga-
tion environment around the transceiver changes directly influence the rate
at which the digital sic technique should be able to adapt its parameters.

Table 2.5 list the advantages and disadvantages of the different types of dig-
ital sic techniques discussed in this survey. It should however, be noted that
additional digital sic techniques do exist, tough many of them can be considered
slight alterations to the ones presented. This is especially common for the model-
based techniques, where smaller adjustments can be made to better correspond
to the selected hardware of the fd transceiver.
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Table 2.5: Comparison between different digital sic techniques.

Technique Advantages Disadvantages

Adaptive Feedback
Canceller

1) No training sequence
required.
2) Compensate for multipath
propagation and imperfections
in analog frontend.

1) Requires that the
autocorrelation sequence of the
signal transmitted from the
source is known.
2) Mainly developed for
Amplify-and-Forward relays.

Two step Digital
Cancellation

1) Linear and nonlinear
cancellation.
2) Can use preambles for si
channel estimation.
3) Reduced computation due to
pre-processing.

1) Requires si channel
estimation.
2) Additional pilot sequence
needed when preambles are not
used.

Adaptive
Nonlinear Digital
Canceller

1) Linear and nonlinear
cancellation.
2) Low complexity and
computational processing.

1) The transmitter pa is
assumed the only source of
nonlinear distortion.
2) Sensitive to model mismatch.

rf-tapping Digital
Canceller

1) Simple to implement.
2) Does not require nonlinear
cancellation.

1) Does not consider the
rx-chain phase noise.
2) Requires additional adc.

2.5 Military Scenario

The following section is used to define and describe different general character-
istics and aspects associated with military communication scenarios. This will
provide a basis for the study of sic techniques in relation to military applica-
tions.

• Decentralization – Military networks are generally decentralized, meaning
there is no fixed base station that can coordinate the network traffic between
itself and other nodes. It is therefore up to each node in the network to be
aware of its surroundings and to know when to transmit, relay and receive
transmissions.

• Mobility – Since typical nodes in a military network include a variety of
land, sea or air vehicles, platoons, and even individual soldiers, it is com-
mon that these nodes are highly mobile. This contributes to an ever-changing
network structure, where both the location and number of nodes can vary
with time.

• Broadcast – Much of the traffic in military networks is broadcasting, mean-
ing a transmission is sent from one node out to all the others within its
range. To enable communication with nodes outside its direct reach, neigh-
bouring nodes can be used to relay the transmission, essentially extending
the effective communication range of any given node.
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• Frequency – Military communications are often confined to the vhf band,
which is much lower than the frequency bands used in conventional com-
mercial networks. The low frequencies directly impact the way waves prop-
agate through the environment as well as the possibility of implementing
frequency dependent components or techniques.

• Collocated radio systems – It is not uncommon for a military platform
to incorporate multiple radio systems. This introduces an additional level
of complexity, since cooperation or coordination between different systems
becomes mandatory in order to avoid interference.

• Electronic Warfare – Being able to jam or intercept enemy communication
can give a great tactical advantage. This, of course, also means that it is de-
sirable to protect one’s own communication from such attacks. In military
radios, this is often done by implementing either Chirp Spread Spectrum
(css), Discrete-Sequence Spread Spectrum (dsss), or Frequency-Hopping
Spread Spectrum (fhss).

Each of the characteristics and aspects listed above is also included in Table
2.6, alongside challenges and opportunities associated with each one of them.

2.6 Survey Conclusion

In this section, the difficulties and limiting factors are discussed for each category
of sic techniques, followed by a summary of the validity of potentially imple-
menting each technique in a fd transceiver employed in a military scenario.

Separate Antenna

The two main limiting factors for usage of separate antenna suppression tech-
niques in military scenarios are the use of the vhf band and the need for omnidi-
rectional transmission and receiving.

The large wavelengths (0.75–10m) of vhf (30–400 MHz) signals make it dif-
ficult to achieve significant tx and rx antenna separation on the same platform,
and in some cases, it might not even be possible to place the tx and rx anten-
nas in their respective far-field. Similarly, this also limits the use of transmit and
receive-beamforming, since the lack of physical space on a platform prohibits the
placement of multiple antennas.

The second factor, omnidirectional transmission and receiving, comes from
the fact that military networks are generally decentralized with highly mobile
nodes, making it difficult to be aware of the location of other nodes. This means
that omnidirectional transmission and reception in military scenarios may, in
many cases, be essential. Thus, suppression techniques which inhibit this type
of communication, such as directional isolation and absorptive shielding, cannot be
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Table 2.6: Challenges and opportunities associated with general military
communication scenarios.

Challenges Opportunities

Decentralization 1) Cooperation between nodes.
2) Interference between nodes.

1) Increase topology awareness.
2) Suppress interference
between nodes.

Mobility 1) Constant changing network
structure.

1) Adaptive communication
topology.
2) Enable transmission of
additional network
information.

Broadcast 1) Synchronization and
cooperation.

1) Decrease time-delay in relays.
2) Coordinate relaying in
network.

Frequency 1) Distinct wave propagation
behavior.
2) Limited frequency spectrum.

1) Increase spectrum efficiency.
2) Decrease the portion of the
communication link used for
network overhead.

Collocated radio
systems

1) Interference between
different systems on the same
platform.

1) Actively remove interference
between systems.
2) Increase cooperation between
collocated systems.

Electronic Warfare 1) Protect against jamming and
interception.
2) Perform jamming and
interception.

1) Facilitate or supplement
existing spread spectrum
techniques.
2) Enable additional jamming
and interception capabilities.

used.

Shared Antenna

Since spread spectrum techniques such as fhss and dsss are utilized by mili-
tary communication, it is required that the transceiver can be used for a vari-
ety of different frequencies within the vhf spectrum or over a wide bandwidth.
While communication using fhss can contain relatively narrowbanded signals,
it is vital that the transceiver can change center frequency, and in the case of fd
transceiver, maintain high tx-rx isolation. For this reason, antenna-interfaces
that can not do this during operations or do not provide isolation over a suffi-
ciently wide bandwidth are not preferred.

Another factor to consider is the potential use of high transmission power.
This is not uncommon in military scenarios since it is often used in broadcast
communication and to cope with jamming or high interference caused by collo-
cated communication systems. It is crucial that the antenna-interface can func-
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tion even under these conditions and preferably, not introduce nonlinearities.

Analog Cancellation

The main difference between the studied analog cancellation techniques is whether
they deal with multipath si components or not. While techniques that do con-
sider these multipath components potentially provide higher suppression, they
also tend to be more complicated to realize and contain more active components.
In contrast, only suppressing the direct-path components implies that the power
of the multipath components may never exceed the effective dr of the adc con-
verter if saturation is to be avoided and the desired signal is to be obtainable. The
amount of power in these multipath components will depend on a variety of fac-
tors such as frequency, transmit power and most importantly, reflectivity of the
environment. It can therefore be difficult to state with confidence whether or not
only direct-path suppression for an analog canceller would be viable for all mili-
tary applications without empirical data showing the power of these components
in different scenarios.

Digital Cancellation

As discussed above, it is not uncommon in military communication to increase
or vary the transmission power in order to cope with interference or jamming.
This may then also further increase the nonlinear distortion caused by the pa,
it is therefore crucial for the digital cancellation technique to either implement
nonlinear modelling or use some other method to deal with nonlinear distortion
(as is done by the RF-tapping Digital Canceller).

Furthermore, since discussing more general military applications, it is deemed
less relevant in this thesis to consider digital cancellation techniques that are de-
veloped for only particular types of fd operations, such as a&f.

Summary of SIC techniques

Taking into account the above discussed limiting factors and aspects regarding
shared-antenna suppression, separate antenna suppression, analog cancellation
and digital cancellation, it is possible to conclude which sic techniques are po-
tentially implementable in a military fd transceiver. Table 2.7 lists all tech-
niques studied in the survey, including their validity for use in general military
fd transceivers, together with a reason and/or comment.
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Table 2.7: Viability to implement sic techniques into military fd
transceivers.

sic Technique Viable Reason/Comment

Antenna Separation yes Limited by large wavelength.

Directional Isolation no Inhibits omnidirectional transmission and
reception.

Polarization yes

Absorptive Shielding no Inhibits omnidirectional transmission and
reception.

Ferrite Circulator no Can not change center frequency during
operation.

Electrical-Balance
Duplexer

yes

Active Circulator no Sensitivity to high transmit power and
introduction of nonlinearities.

Non-magnetic Passive
Circulator

yes

Two-Tap Canceller yes Possible when power of multipath si
components do not surpass effective dr of
adc.

Dual-Injection Canceller yes

Digitally-Controlled
Wideband RF Canceller

yes

Adaptive Feedback
Canceller

no Only specialized for A&F relays.

Two step Digital
Cancellation

yes

Adaptive Nonlinear
Digital Canceller

yes

RF-tapping Digital
Canceller

yes





3
FD Transceiver Analysis

The analysis of the fd transceiver begins by describing the reasoning behind
the suggested sic techniques and continues with the defining of key concepts
and terminologies necessary to understand the analysis. Thereafter follows sec-
tions defining and discussing the models used to examine the si channel and the
fd transceiver. Finally, the analysis is concluded by presenting and discussing
simulation results from the suggested sic techniques as well as the complete
transceiver.

3.1 Suggested Self-Interference Cancellation
Techniques

Analog Canceller For validation and simulation, it is deemed more appropriate
to select a simple-to-implement analog cancellation technique so that more focus
can be spent on better understanding the challenges associated with this type of
sic. The suggested analog cancellation technique is therefore chosen to be the
Two-Tap analog canceller, which is considered less complex mainly due to the
notion that it only works at suppressing the direct path si component(s).

Shared or Separate Antenna Transceiver Since the suggested type of analog
canceller is developed mainly for shared-antenna transceiver, such a transceiver
will be considered. However, by simply removing one tap from the analog can-
celler, it should also be possible to use it in a separate antenna transceiver, though
such a solution will not be analyzed here. The selected antenna-interface will be
an ebd since it provides high suppression over a wide bandwidth.

41
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Digital Canceller Similar to the reasoning behind the analog canceller, the digi-
tal canceller is also chosen with consideration for simplicity in order to identify
potential challenges with this type of sic. Since the RF-Tapping digital canceller
relies on nonlinearities to be included in its reference signal, it omits the necessity
to implement complex nonlinear modelling. Thus, it is much easier to simulate
and analyze in comparison to other digital sic techniques.

3.2 Key Concepts

There are several key concepts and terminologies which are needed to evaluate
and analyze sic. The following section will define and explain two of the most
important ones.

Suppression/Cancellation The terms suppression and cancellation are in gen-
eral interchangeable and defined in this context as the difference in power ratio
between the input of the cancellation process and its output when no “desired”
signal is present, and can simply be written as

Γ =
Pin

Pout
. (3.1)

This quantity is usually expressed in dB, and a larger value means higher sup-
pression is achieved, which is good in the context of sic.

Complete Suppression/Cancellation This is the amount of suppression needed
in order to achieve the same link snr as that of half duplex. This amount of
si suppression, as shown in [4], can directly be obtained from the difference be-
tween the transmit power PT X and the receiver-noise-floor according to

[ΓCS]dB = [PT X ]dBm − (−174dBm/Hz + [NF]dB + 10 log(B)),

where ΓCS denotes complete suppression, −174dBm/Hz is the “available noise
power” at a temperature of 300 K [28], [NF]dB is the receiver noise figure, B is
the bandwidth, and the entire expression in the parentheses is referred to as the
receiver-noise-floor. This amount of suppression should be the goal of any fd
transceiver which utilizes sic. If ΓCS is not achieved, a degradation in the final
snr, compared to the half duplex case will be the outcome.

To further break down the characterization of si suppression, it is also possi-
ble to approximately determine how much suppression is needed for the different
stages of sic. The effective Dynamic-Range (dr) of the adc can be obtained as in
[4] using

[dr]dB = 6.02(enob − 2), (3.2)

where enob refers to the effective number of bits of the adc, the 6.02 is an ap-
proximate divisor converting bits to dB (log2 to log10) and the two extra bits are
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budgeted to prevent the system from being quantization limited and to avoid
clipping [4]. Since the dr can be seen as the upper limit of the ratio between
the maximum and minimum input level that the receiver can tolerate without
saturation [28], it also provides an approximate upper limit for the amount of
sic achievable in the digital domain. Analogously, the amount of sic that needs
to be achieved before the adc is the difference between the total amount of sup-
pression and the effective dr [4], which can be written as

[ΓPD]dB + [ΓAC,D]dB = [ΓCS]dB − [ΓDC]dB = [ΓCS]dB − [dr]dB, (3.3)

where ΓPD denotes the suppression in the propagation-domain, ΓAC,D the suppres-
sion of the analog cancellation and ΓDC the suppression of the digital cancellation.

3.3 Modeling and Parameter Estimation

This section contains the models for the channel and suggested fd transceiver
which is to be validated. First, the models for the different parts of the si channel
are defined primarily based on the work in [14, 27, 36] and then the suggested
fd transceiver is presented and described in detail.

3.3.1 Modelling the Antenna-Interface

The antenna-interface contributes to two main si components: leakage and an-
tenna reflection. Considering, for now, these to be the only sources of si, it is
possible to write the received si signal as

ySI (t) = a1x(t − τ1)e−j2πfcτ1 + a2x(t − τ2)e−j2πfcτ2 . (3.4)

Here, a1, a2, τ1 and τ2 are the real-valued attenuation and delay of the leakage
(denoted 1) and reflective (denoted 2) components respectively, and fc is the car-
rier frequency, assumed here to be known and without phase-error [27].

The difference between the two delays can be approximated by

∆τ = |τ2 − τ1| ≈
2Lf

1/
√
µε
, (3.5)

where µ and ε are the permeability and permittivity of the feedline, respectively,
and Lf is the length of the feedline [36]. For a 50-Ω solid polyethylene dielectric
cable, this means that the denominator 1/

√
µε will be around 1.976 × 108 m/s,

resulting in a time difference ∆τ close to 10 ns for a meter long feedline [36]. The
smallest difference between the leakage and reflection components is obtained as
Lf → 0. At that point, it can be extremely hard to measure any difference be-
tween the two components.
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Though these si components have been studied for circulators, there has, to
our knowledge, been no study done concerning these in the context of ebds. Thus,
it will be necessary to make assumptions in order to include the effects of the ebd.

In accordance with [22], tx-rx isolation corresponds to the power ratio be-
tween the input signal of the ebd and the power of the output signal. The tx-rx
isolation can thus be written as

Υ0 = 10 log10

(
E{|x(t)|2}

E{|ySI (t)|2}

)
, (3.6)

where the tx-rx isolation has been assumed approximately constant in the fre-
quency range of interest.

Furthermore, it will also be assumed that x(t) is wide sense stationary and
τ1 ≈ τ2 = τ under the measuring of Υ0 so that the tx-rx isolation becomes

Υ0 = 10 log10

(
E{|x(t)|2}

E{|(a1 + a2)x(t − τ)e−j2πfcτ |2}

)
≈ 10 log10

(
1

(a1 + a2)2

)
. (3.7)

Alternatively, (3.7) can be written as

(a1 + a2) ≈ 1
√

100.1Υ0
. (3.8)

Though the ratio between a1 and a2 is unknown, it will be assumed that a1 >
10 · a2 in accordance with the results shown in [36].

3.3.2 Modeling the Multipath Channel

As the same antenna is used for simultaneous transmission and reception, a por-
tion of the transmitted signal will reflect off the environment and be received
back at the same antenna. As the cause of this interference is different from the
leakage and antenna reflection, it will be referred to as the reflective multipath
si component. Assuming Wide Sense Stationary Uncorrelated Scattering (wssus),
and a channel usage shorter than the coherence time, the frequency-selective mul-
tipath channel can be described by the time-invariant Tapped-Delay Line (tdl)
channel model [26]. Assuming that the delay-spread Tm of the channel is finite,
the number of taps in the tdl can be limited to

L = bTm ·Bc + 1, (3.9)

where B denotes the bandwidth of the signal which is to be transmitted. The
channel impulse response can then be written as

g(τ) =
L−1∑
l=0

glδ(τ − Ts · l), (3.10)



3.4 Detailed FD Transceiver Description 45

where gl are the complex valued channel coefficients and Ts denotes the sampling
time. The channel coefficients can be split up according to

gl = alβl , (3.11)

where the real value al denotes the large-scale fading coefficient and βl denotes the
small-scale fading coefficient, which will be assumed Rayleigh, corresponding to
βl ∼ CN (0, 1) [23]. The large-scale fading coefficients can be obtained by sam-
pling the average Power Density Profile (pdp) S(τ) according to

al =
√
S(l · Ts), (3.12)

where it is assumed that the pdp follows the general exponential-decay pattern

S(τ) =

P0e
−ητ , τ ≥ 0

0 , τ < 0,
(3.13)

where P0 denotes the power at τ = 0 and η is the decaying constant, reflecting the
rate at which the pdp decreases [14]. Since S(mTs) will never actually reach zero,
Tm and consequently M will not be finite. However, it will be assumed sufficient
to consider the taps which power exceeds the transceiver noise-floor, since con-
secutive multipath signal components will be overtaken by noise.

As the tdl model has a resolution of one over the signal bandwidth (1/B),
any multipath components with a smaller time separation than this will not be
resolvable [26]. This means accordingly, that if the delay of the direct signal com-
ponents is much smaller than Ts, they or their residue power will be included
in the first channel tap. Note however, that this only applies to the digital rep-
resentation of the channel. The analog canceller will, in contrast, experience a
continuous signal with two distinct components.

3.4 Detailed FD Transceiver Description

The block diagram of the suggested fd transceiver can be seen in Figure 3.1,
where mixing (upconversion and downconversion) has been omitted in order to
reduce complexity. The three different cancellation steps are as mentioned, the
antenna interface (blue, dashed area), the analog canceller (yellow, dashed area),
and the digital canceller (yellow, solid area). It is clear from the diagram that
both the analog and digital canceller use the pa output as their respective refer-
ence signal, in order to include the nonlinear distortion, and to avoid complex
modelling. As also alluded to by Figure 3.1, the suggested transceiver could be
usable for both shared and separate antenna designs, though only a shared an-
tenna transceiver will be considered in this paper.

Though the different signals in Figure 3.1 will be defined in the following
sections, the noise signal n(t) corresponds to the noise added in the receiver. This
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Analog Canceller

DAC

TX-Filter

Modulator Digital Canceller

PA

LNA

ADC ADC

RXTX

'

Figure 3.1: Block diagram of suggested fd transceiver with either separate
or shared antennas, based on the transceiver presented in [27].

noise will be assumed to be zero mean complex Gaussian noise with variance σ2
n ,

which can be obtained according to

[σ2
n ]dBm = −174dBm/Hz + [NF]dB + 10 log10(B), (3.14)

where the noise-figure NF is the total noise-figure for the receiver chain.

3.4.1 Analog Cancellation

The need for analog cancellation, as previously mentioned, comes from the fact
that the adc in the receiver chain has a limited dr and the maximum amount of
digital cancellation is equal to this dr. Since the suppression in the propagation-
domain is generally not sufficient, analog cancellation is added to enhance sup-
pression before sampling. The desired amount of analog cancellation can be writ-
ten as

[ΓAC,D]dB = [ΓCS]dB − [ΓPD]dB − [dr]dB, (3.15)

which is transceiver specific.

Moving on to the analysis of the Two-tap analog canceller, seen in the cen-
ter of Figure 3.1, it can be noted that in the absence of reflective si multipath
components and a desired signal, the complex-baseband representation of the in-
put signal to the analog canceller directly corresponds to (3.4). However, (3.4)
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does not capture the fact that the values of the attenuation coefficients and path
delays might change during operation, or that the measurements of these param-
eters may not be exact. To adhere to this, the attenuation coefficients and path
delays are considered normally distributed stochastic variables according to

â1 ∼ N (a1, σ
2
a ) (3.16)

â2 ∼ N (a2, σ
2
a ) (3.17)

τ̂1 ∼ N (τ1, σ
2
τ ) (3.18)

τ̂2 ∼ N (τ2, σ
2
τ ), (3.19)

where the mean values are assumed to be a1, a2, τ1 and τ2, and the variances σ2
a

and σ2
τ depend only on the type of parameter (attenuation or delay). Hence, (3.4)

can be written as

y(t) = â1x(t − τ̂1)e−j2πfc τ̂1 + â2x(t − τ̂2)e−j2πfc τ̂2 + n(t), (3.20)

Assuming that the mean values are attainable when measuring, the cancellation
signal can be given by

z(t) = a1x(t − τ1)e−j2πfcτ1 + a2x(t − τ2)e−j2πfcτ2 , (3.21)

where the delay and phase shift (seen in Figure 3.1) have been combined into
single delays τ1 and τ2. It then follows that the output of the analog canceller
can be written as

r(t) = y(t) − z(t), (3.22)

and subsequently, the amount of suppression achieved can be defined as

ΓAC =
Py
Pr

=
E{|y(t)|2}

E{|y(t) − z(t)|2}
. (3.23)

Although both (3.22) and (3.23) are obtainable through numerical simulations,
analytical expressions for Py and Pr will reveal the underlying rationale for the
characteristics of the suppression. Furthermore, using these expressions it will
be possible to obtain a tolerance level for σ2

τ and σ2
a given a desired amount of

suppression ΓAC,D. This is needed as the Two-tap canceller is static, and will
suffer a performance loss when the attenuation and path delays of the direct-path
si components deviate too much from their respective mean (measured) values.
In order to obtain the expressions for Py and Pr , the following will be assumed
concerning x(t)

E{x(t)} = 0 (3.24)

E{|x(t)|2} = Px. (3.25)

Furthermore, it will be assumed that x(t) is wide sense stationary and that the
symbol duration Td of x(t) is much greater than the difference τ2 − τ1, or τ̂2 − τ̂1.
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The last assumption leads to the following approximation of the autocorrelation
function

E{x(t)x∗(t − τ)} = Rxx(τ) ≈ Px, (3.26)

where ∗ denotes complex conjugate. This approximation holds true when τ is
equal to any combinations of the delays (τi − τj , τ̂i − τ̂l , τ̂i − τl , i, l = 1, 2), which
is backed up by Figure 3.2, which shows the real part of the autocorrelation func-
tion of x(t), when x(t) is a 50 kHz QPSK modulated signal. The ‘×’ mark in the
plot indicates τ = τ2−τ1 when using a 1 m feed-line, as described in Section 3.3.1.
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Figure 3.2: Real part of the autocorrelation function of x(t),

An expression of the power of y(t) can be obtained according to

Py = E{â2
1|x(t − τ̂1)|2 + â2

2|x(t − τ̂2)|2 + â1â2x(t − τ̂1)x∗(t − τ̂2)e−j2πfc(τ̂1−τ̂2)

+ â1â2x(t − τ̂2)x∗(t − τ̂1)e−j2πfc(τ̂2−τ̂1)} + σ2
n , (3.27)

where the independence between n(t), x(t) and âi has been employed. Utilizing
(3.25), (3.27) can be simplified into

Py = (a2
1 + a2

2 + 2σ2
a )Px + a1a2E{x(t − τ̂1)x∗(t − τ̂2)e−j2πfc(τ̂1−τ̂2)

+ x(t − τ̂2)x∗(t − τ̂1)e−j2πfc(τ̂2−τ̂1)} + σ2
n

= 2a1a2Re{E{x(t − τ̂2)x∗(t − τ̂1)} · E{e−j2πfc(τ̂2−τ̂1)}}
+ (a2

1 + a2
2 + 2σ2

a )Px + σ2
n , (3.28)

where the independence between the value of the delayed signal and the delay
has been used. In order to move forward, the characteristic function of a normally
distributed variable is introduced

ϕZ (t) = E{ejtZ } = ejtµZ−
1
2 σ

2
Z t

2
, (3.29)
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which can be applied to (3.28), with t = −2πfc, Z = τ̂2 − τ̂1, µZ = τ2 − τ1 and
σ2
Z = 2σ2

τ , yielding

Py = (a2
1 + a2

2 + 2σ2
a )Px + 2a1a2Re{Rxx(τ̂1 − τ̂2) · e−j2πfc(τ2−τ1)−σ2

τ (2πfc)2
} + σ2

n

≈ (a2
1 + a2

2 + 2σ2
a + 2a1a2 cos(2πfc(τ2 − τ1)) · e−σ

2
τ (2πfc)2

)Px + σ2
n , (3.30)

where in the last step, (3.26) was used in combination with the observation that
Px is real-valued.

Similarly, Pr can be obtained as

Pr ≈ (2a2
1 + 2a2

2 + 2σ2
a + 2a1a2(e−σ

2
τ (2πfc)2

− 2e−
1
2 σ

2
τ (2πfc)2

+ 1) cos(2πfc(τ2 − τ1))

− 2(a2
1 + a2

2)e−
1
2 σ

2
τ (2πfc)2

)Px + σ2
n , (3.31)

as shown in Appendix A.1. Utilizing these two expressions, it is then possible to
approximately obtain the suppression for the Two-Tap analog canceller as Py /Pr .
However, for a more compact form, the variables

φ = e−σ
2
τ (2πfc)2

(3.32)

∆τ = τ2 − τ1, (3.33)

will be used to yield the expression

Py
Pr
≈

a2
1 + a2

2 + 2σ2
a + 2a1a2 cos(2πfc∆τ)φ + σ2

n /Px

2(a2
1 + a2

2)(1 −
√
φ) + 2σ2

a + 2a1a2 cos(2πfc∆τ)(1 −
√
φ)2 + σ2

n /Px
. (3.34)

3.4.2 Digital Cancellation

During channel estimation, it will be assumed that there is no desired signal d[n]
present. The sampled output of the analog canceller can under this phase be
written as

r[k] =
L−1∑
l=0

hlx[k − l] + n′[k], (3.35)

where n′[k] is sampled complex wgn with variance σ2
n′ . As shown in Figure 3.1,

the digital canceller uses a sampled version of x(t) to generate the cancellation
signal w[k], so the same sampling frequency 1/Ts is used. This signal can be
written as

w[k] =
L−1∑
l=0

ĥlx[k − l], (3.36)

where the estimated channel coefficients are obtained by transmitting a pilot sig-
nal u[k] of length K and assuming the channel is time-invariant during the sam-
pling interval Q where K + L < Q. The sampled signal after analog cancellation
can, during pilot transmission, be written as

r[k] =
L−1∑
l=0

hlu[k − l] + n′[k] k = 0, 1, ..., K − 1 (3.37)
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where u[k] = 0 for k < 0. This can be written on matrix form as

r = Hθ + n′ (3.38)

where r = [r[0], ..., r[K − 1]]T , θ = [h0, ..., hL−1]T ,

H =


u[0] 0 . . . 0
u[1] u[0] . . . 0
...

...
. . .

...
u[K − 1] u[K − 2] . . . u[K − L]

 (3.39)

and n′ = [n′[0], ..., n′[K − 1]]T . The channel coefficients can then be obtained as

θ̂ = (HHH)−1HHr, (3.40)

which corresponds to the Minimum Variance Unbiased (mvu) estimator. Further-
more, if HHH is diagonal, which is approximately the case when K � L and
u[k] is chosen to be a random noise sequence, the variance of the mvu will be
minimized and the variance of the coefficients can be attained according to

Var{ĥl} =
1

KRuu[0]/σ2
n′

=
σ2
n′

K · Pu
= σ2

h′ , (3.41)

where Pu is the power of u[k] [17]. Note that the variance is the same for all coef-
ficients, and while it depends on the variance of the noise, it decreases when the
duration of the pilot sequence u[k] is extended .

The output of the digital canceller, when no desired signal is present, can be
written as

e[k] = r[k] − w[k] =
L−1∑
l=0

(hl − ĥl)x[k − l] + n′[k]. (3.42)

However, since the transceiver uses two different receiver chains, the reference
signal will not be a perfect copy of the transmitted signal, hence

x̂[k] = x[k] + v[k], (3.43)

where v[k] is assumed wgn with variance σ2
v . Expression (3.42) will therefore

need to be modified into

e[k] =
L−1∑
l=0

(hl − ĥl)x[k − l] −
L−1∑
l=0

ĥlv[k − l] + n′[k]. (3.44)

Though dependent on ĥl , the sum
∑L−1
l=0 ĥlv[k − l] is independent of other

terms and can thus simply be seen as additional noise, adding to the effective
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noise. Considering momentarily expression (3.44) in the absence of the desired
signal, this will yield the effective noise

v′[k] = −
L−1∑
l=0

ĥlv[k − l] + n′[k], (3.45)

with mean zero and variance according to

σ2
v′ = E{(ĥTv+ n′[k])(ĥTv+ n′[k])∗} = σ2

v

L−1∑
l=0

E{|ĥl |2|}+ σ2
n′ = L · σ2

v σ
2
h′ + σ

2
n′ , (3.46)

where ĥ = [h0, ..., hL−1]T and v = [v[k], ..., v[k − L − 1]]T , and the independence
between ĥ, v and n′[k] has been used. As such, it is possible to write e[k] as

e[k] =
L−1∑
l=0

(hl − ĥl)x[k − l] + v′[k], (3.47)

where it should be noted that v′[k] is not normally distributed. However, what
expression (3.47) implies, is that it is once again possible to use the expressions
that assume a noiseless reference signal, but with the substitution v′[k] for n′[k].

It has, at various times, been stated that the digital cancellation is limited
by the dr of the adc. However, the amount of suppression necessary by the
digital canceller will vary depending on the channel, the amount of suppres-
sion achieved in the propagation-domain/antenna-interface and by the analog
canceller, as well as the transmit power Px. This amount will, in this thesis, be
referred to as the Upper Limit of Suppression (uls) and is, for this particular
digital canceller, given by

uls =
Pr
σ2
v′
, (3.48)

which is the input power of the digital canceller, divided by the variance of the
noise v′[k]. The uls is of interest since it corresponds to the amount of sup-
pression necessary by the digital canceller in order for the transceiver to achieve
complete suppression (in accordance with Section 3.2). Expanding (3.48) yields

uls =
Pr
σ2
v′

=
E{|r[k]|2}
σ2
v′

=
E{|hT x + v′[k]|2}

σ2
v′

, (3.49)

where h = [h0, ..., hL−1]T and x = [x[k], x[k − 1], ..., x[k − L + 1]]T . Further simplifi-
cation can be made, acknowledging that the channel coefficients may be assumed
uncorrelated and independent of the signal, resulting in

uls =
Px

∑L−1
l=0 E{|hl |2} + σ2

v′

σ2
v′

=
Px

∑L−1
l=0 a

2
l + σ2

v′

σ2
v′

, (3.50)
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which effectively demonstrates how the necessary amount of suppression will in-
crease if either or both the transmit power and the power of the si multipath
components increase.
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3.5 Results and Conclusions

The transceiver used for the simulations is assumed to use a 50 KHz QPSK mod-
ulated signal, pulseshaped using a raised-cosine filter with a roll-off factor of
0.3 and a transmit power of 20 dBm (if not otherwise mentioned). The receiver
part will be assumed to have a noise-figure of about 10 dB, which can be seen
as slightly above a typical value for a receiver [28]. Knowing the noise-figure
and bandwidth, it is then possible to, through expression (3.14) to acquire the
noise-floor, which for these choices of parameters is approximately −117 dBm.

3.5.1 Analog Canceller

The first step in analyzing the analog canceller was to compare the suppression
of numerical simulations with the approximate expression given by (3.34). The
numerical results were obtained by performing the actual cancellation described

in (3.22) and calculating
Py
Pr

using

Py =
1
N

N−1∑
n=0

|y[n]|2, (3.51)

and

Pr =
1
N

N−1∑
n=0

|r[n]|2. (3.52)

The comparison between the simulation and approximation is shown in Figure
3.3 and Figure 3.4, where in Figure 3.3, the delays have been assumed known
(τ̂i = τi ⇒ σ2

τ = 0), and in Figure 3.4, the channel attenuation coefficients have
been assumed known (âi = ai ⇒ σ2

a = 0). In both cases, the approximations agree
with the simulations and will thus work well for further analysis and ultimately
finding the tolerance of σ2

τ and σ2
a .

That being said, it is now possible to use the approximation in order to dis-
cuss the impact of the different parameters on the suppression. Starting with the
variance of the channel attenuation coefficients, σ2

τ = 0 (φ = 1) is set in (3.34),
yielding

Py
Pr
≈

(a2
1 + a2

2 + 2a1a2 cos(2πfc(∆τ)))Px + 2σ2
a Px + σ2

n

2σ2
a Px + σ2

n

=
(a2

1 + a2
2 + 2a1a2 cos(2πfc(∆τ)))Px

2σ2
a Px + σ2

n
+ 1. (3.53)

This expression clearly increases as the variance of the attenuation coefficients
σ2
a decreases. In other words, if a higher suppression is required, then a lower

variance of the attenuation coefficients is needed. In order to guarantee a cer-
tain performance, it is of interest to know the highest σ2

a tolerable for a desired
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Figure 3.3: Comparison between simulated suppression and approximated
suppression as a function of σ2

a .

amount of suppression ΓAC,D. This can be achieved by substituting ΓAC,D for Py /Pr
in (3.53) according to

(ΓAC,D − 1) · (2σ2
a + σ2

n /Px) = (a2
1 + a2

2 + 2a1a2 cos(2πfc(∆τ)))

2σ2
a +

σ2
n

Px
=

(a2
1 + a2

2 + 2a1a2 cos(2πfc(∆τ)))
(ΓAC,D − 1)

σ2
a =

(a2
1 + a2

2 + 2a1a2 cos(2πfc(∆τ)))
2(ΓAC,D − 1)

− σ2
n

2Px
, (3.54)

and establishing the tolerance level by acknowledging that cos(2πfc(∆τ)) = −1
minimizes the right side of (3.54), resulting in

σ2
a ≤

(a2
1 + a2

2 − 2a1a2)
2(ΓAC,D − 1)

− σ2
n

2Px

=
(a1 − a2)2

2(ΓAC,D − 1)
− σ2

n

2Px
. (3.55)

For the delays, the suppression from (3.34), can be written as

Py
Pr
≈

a2
1 + a2

2 + 2a1a2 cos(2πfc∆τ)φ + σ2
n /Px

2(a2
1 + a2

2)(1 −
√
φ) + 2a1a2 cos(2πfc∆τ)(1 −

√
φ)2 + σ2

n /Px
, (3.56)

when σ2
a = 0 and where φ = e−σ

2
τ (2πfc)2

. This means that as σ2
τ → 0, φ will

approach 1 and consequently, (3.56) will tend towards

a2
1 + a2

2 + 2a1a2 cos(2πfc∆τ) + σ2
n /Px

σ2
n /Px

, (3.57)
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Figure 3.4: Comparison between simulated suppression and approximated
suppression as a function of σ2

τ .

which corresponds to the behavior seen in Figure 3.4. Noting that σ2
n /Px is gen-

erally very small, it is reasonable to presume that the attenuation coefficients a1
and a2 are relatively large in comparison, otherwise there would be little to no
leakage or reflection component to speak of. This means that the suppression can
be approximately written as

Py
Pr
≈

a2
1 + a2

2 + 2a1a2 cos(2πfc∆τ)φ

2(a2
1 + a2

2)(1 −
√
φ) + 2a1a2 cos(2πfc∆τ)(1 −

√
φ)2

, (3.58)

when
2(a2

1 + a2
2)(1 −

√
φ)� σ2

n /Px. (3.59)

In the region where (3.59) does not hold true, the suppression exhibits the behav-
ior shown by the two solid lines in Figure 3.5, where the suppression levels out
and reaches the maximum value given by (3.57). Further simplification of (3.58)
can be achieved by defining

a =
a2

1 + a2
2

2a1a2
=

1
2

· (
a1

a2
+
a2

a1
), (3.60)

which, when substituted into (3.58), yields

Py
Pr
≈ 1

(1 −
√
φ)

·
a + cos(2πfc∆τ)φ

2a + cos(2πfc∆τ)(1 −
√
φ)
. (3.61)

Using the conditions

a ≥ 1 (3.62)

−1 ≤ cos(2πfc∆τ) ≤ 1 (3.63)

0 ≤ φ ≤ 1, (3.64)
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and the Karush-Kuhn-Tucker Conditions as shown in Appendix A.2, it can be
shown that the right fraction in expression (3.61) is minimized when φ = 1 and
cos(2πfc∆τ) = −1. Hence, a simplified lower limit for the suppression can be
defined according to

Py
Pr
≥ a − 1

2a · (1 −
√
φ)
. (3.65)

This expression corresponds to the dashed yellow line in Figure 3.5, which as
suspected, is slightly below the other approximations (the solid blue line and the
solid red line).
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Figure 3.5: Suppression as a function of σ2
τ for two different values of the

power ratio σ2
n /Px. Also included (dashed line) is the approximate lower

limit of suppression as given by expression (3.65).

If the desired amount of suppression ΓAC,D is known, (3.65) can be used to
obtain the highest tolerable σ2

τ . The simplest way to achieve this is by first substi-
tuting φ for e−σ

2
τ (2πfc)2

yielding

ΓAC,D =
1

(1 − e−
1
2 σ

2
τ (2πfc)2

)
·
a − 1
2a

, (3.66)

and studying the effects of σ2
τ on the above expression. As σ2

τ increases, (3.66)
will tend towards the constant value

a − 1
2a

.

In contrast, if σ2
τ decreases (tends towards zero), expression (3.66) will increase

indefinitely. Both these behaviors are shown in Figure 3.5, where the suppression
can be seen to increase as σ2

τ decreases. However, it should once again be noted
that the approximation only holds as long as 2(a2

1 + a2
2)(1−

√
φ)� σ2

n /Px, which is
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the reason why the other lines level out. Nevertheless, while the approximation
is valid, it is possible to defined an upper bound for σ2

τ , according to

σ2
τ ≤ −

2
(2πfc)2 ln

(
1 − a − 1

2a · ΓAC,D

)
, (3.67)

where the direction of the inequality corresponds to how σ2
τ affects the suppres-

sion as described above.

Though it may not be trivial, increasing ΓAC,D will result in the right side of
the inequality to decrease, meaning a higher desired suppression will require a
lower σ2

τ . Furthermore, beyond giving a maximum tolerance level for σ2
τ , expres-

sion (3.67) also shows the carrier frequency’s influence on σ2
τ . A larger fc means

that σ2
τ must be smaller, and vice versa, and due to the fact that fc is squared, a

small change in fc will have a large impact on σ2
τ .

Finally, evaluating the approximate expression for the suppression while vary-
ing both σ2

τ and σ2
a , as done in Figure 3.6, it can be seen (by the form of the graph),

that the amount of suppression will be limited by the ‘worst’ of the two. In other

Figure 3.6: Approximate suppression as a function of σ2
τ and σ2

a .

words, it matters little if σ2
τ = 10−30 (upper limit of graph) when σ2

a is only 10−6,
since no greater than ≈ 20 dB will ever be achieved under such conditions. This
means that for a desired amount of analog cancellation ΓAC,D, both (3.53) and
(3.67) need to be satisfied. Furthermore, the reason for the plateau in Figures 3.3,
3.4 and 3.6 is that the suppression of the Two-tap analog canceller is limited to
the power contained in the direct path si components. This means that if, for
example, only 30 dB of the power is contained in these components, only 30 dB
suppression can be achieved, even though σ2

a and σ2
τ may be relatively small.
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3.5.2 Digital Canceller

Digital cancellation, unlike analog cancellation, will not depend on the autocor-
relation of x[k], since the channel coefficients are considered uncorrelated and
zero mean. This implies that the only “varying” parameter is the variance of the
channel coefficients, σ2

h . The following simulation results assume perfect ana-
log suppression, meaning the direct path components will not contribute to the
first channel tap. Furthermore, P0 was set to 10−5 corresponding to a −40 dB at-
tenuation as in [36] and η = 0.8 ln (10), resulting in a −136 dB attenuation at tap
number 12, which is well below the noise-floor when the output power is 20 dBm.

The simulation results for the digital cancellation (ΓDC = Pe
Pr

) shown in Fig-

ure 3.7 were obtained as a function of σ2
h , where σ2

h was adjusted by solely al-
tering the length of the pilot sequence described by expression (3.41), keeping
σ2
n′ = σ2

v′ ≈ 2.0 · 10−13. The plot clearly shows that the amount of cancellation
achieved increases as σ2

h decreases, which is to be expected since it means that
the estimates of the channel coefficients are closer to the real values.

Furthermore, two different values for theuls are included in Figure 3.7, where
the dashed yellow line excludes the noise added in the reference signal chain.
Though not visible with the naked eye, there is a small difference between them;
uls (σ2

v′ ) being slightly smaller. However, when the uls is almost reached (when
σ2
h ≈ 10−14), it is evident that σ2

v′ ≈ σ
2
n since L · σ2

h σ
2
v′ will be very small. This

shows that the added noise in the reference signal path will, under these condi-
tions, have close to no impact on the resulting cancellation.
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Figure 3.7: Simulated digital cancellation as a function of estimated channel
coefficients variance σ2

h .

As a first step to identifying what amount of variance σ2
h that is tolerable, the

transmit power is altered. This has been done for the simulation for which the
results are shown in Figure 3.8, where the transmit power was dropped from 20
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dBm to 6 dBm for the exact same si multipath channel. What can be deduced
from the plot is that the uls is reached “earlier” (around σ2

h ≈ 10−13) when the
transmit power is lower. In contrast, if the transmit power is held constant and
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Figure 3.8: Comparison of relative suppression to uls achieved by RF-
tapping digital canceller when different amount of transmit power is used.

the amount of multipath si components are changed, the uls is reached with ap-
proximately the same value of σ2

h (≈ 10−13) as demonstrated by the simulation
results in Figure 3.9. This makes sense because the power of the error between
the estimated channel tap ĥl and hl will be σ2

h , independent of whether hl is large
or small, since ĥl is the mvu. As such, the difference between the amount of sup-
pression achieved and the uls for a given σ2

h will always be the same. This may
seem to contradict the results shown in Figure 3.8. However, since the variance
σ2
h depends on Pu (transmit power of pilot sequence, which is assumed the same

as Px), a higher transmit power would result in a lower variance, assuming that
the same length of the pilot sequence is used. This means that even though the
uls and the transmit power increase concurrently, the variance σ2

h will simultane-
ously decrease by the same factor. Hence, if the suppression is plotted against the
product σ2

h · Px, the uls will be achieved at the same instance, as seen in Figure
3.10. Conclusively, for a fixed noise-floor at -117 dBm and using 50 kHz QPSK
modulated signal, it can be assumed that σ2

h should be less than 10−14/Px.

3.5.3 Complete Transceiver Suppression

In order to test the complete fd transceiver, a 50 kHz bandwidth signal was used,
corresponding to those used in the lower regions of the vhf band. The trans-
mit power was first set to 20 dBm, which is relatively low in a military context,
but compares to what was used in [27]. The attenuation of leakage and antenna-
reflection coefficients a1 and a2 were set to −20 dB and −35 dB, which is compara-
ble with the suppression achieved with the circulator in [18]. The desired amount
of analog suppression ΓAC,D was set to 70 dB, which corresponding to σ2

a ≈ 10−10
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Figure 3.9: Simulated digital cancellation as a function of estimated chan-
nel coefficients variance σ2

h for two different amount of multipath si compo-
nents, adjusted by ρ.

and σ2
τ ≈ 10−24, the values obtained using (3.55) and (3.67). The variance of

the channel taps was chosen as σ2
h = 10−14/Px, which corresponds to what was

deemed necessary in Section 3.5.2. The noise-figure of both the reference signal
and receiver chain were set to 10 dB each, which can be seen as slightly above the
typical value for the rx noise-figure [28].

The simulation results in Figure 3.11 show that close to complete suppression
was achieved with the parameters given above. However, if the level of the
residue si power at the input of the adc is calculated

[Pr ]dBm = 20 dBm − 27 dB − 42 dB = −49 dBm, (3.68)

it reveals that a dr of 68 dB for the adc is required to avoid saturation. Using
expression (3.2), this can be shown to require an adc with enob > 13, which is
rather high [4].

In contrast, when the transmit power was lowered as seen in Figure 3.12, the
amount of si power at the adc decreased, resulting in a less stringent require-
ment on the dr (enob ≈ 11). This follows from the fact that less output power
means that the simultipath components will contain less power, even though the
reflectivity of the environment remains the same. This is also evident from the
uls of the digital canceller, given by (3.50), which increases if either the transmit
power or the power of the channel coefficients increase. In fact, by comparing the
uls of the digital canceller to the effective dr of the adc, it is possible to directly
determine if complete suppression can even be achieved at all. The reason for this
is simply that if the uls is larger than the dr, then the power of the remaining si
components are, by themselves, larger than the dr and will cause saturation.
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Figure 3.10: Comparison of relative suppression to uls achieved by RF-
tapping digital canceller when different amount of transmit power is used
and the suppression is shown as a function of σ2

h · Px.
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Figure 3.11: Simulated fd si cancellation for a 20 dBm, 50 kHz bandwidth
signal and a receiver noise-floor at −117 dBm.

In order to validate that nonlinear cancellation is also possible, a saturation
level for the pa was introduced, yielding nonlinear amplification, especially for
high transmit power. As seen in Figure 3.13 where the transmit power has been
increased to ≈40 dBm, the output power of the pa is less confined and causes
out-of-band interference. However, as seen by the cancellation steps, there is
no visible reduction in suppression and it is evident that even the out-of-band
components are removed by the transceiver. The possibility of out-of-band sup-
pression is an attractive feature which could even find use-cases outside the field
of fd. It is imaginable that collocated communication systems on the same plat-
form could use this type of interference cancellation to eliminate interference
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Figure 3.12: Simulated fd si cancellation for a 12 dBm, 50 kHz bandwidth
signal and a receiver noise-floor at −117 dBm.

that occurs when transmitting and receiving on channels close to one another.
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Figure 3.13: Simulated fd si cancellation for a ≈ 40 dBm, 50 kHz bandwidth
signal which has undergone nonlinear distortion due highly saturated pa.



4
Conclusions

The main challenge behind realizing fd communication is how to suppress the
self-interference caused by ones’ own transmission. Expecting the same link snr
as in half duplex would generally demand a total suppression of around 100 dB,
which needs to, due to the adc’s limited dynamic-range, at least partially occur
before sampling the signal. In military scenarios, where the requirements and cir-
cumstances differ from those in the commercial sector, the conditions for fd com-
munication and for the suppression techniques are also distinct. The composed
literature survey clarifies these distinctions and provides a broad study of differ-
ent self-interference techniques, weighing their advantages and disadvantages in
order to establish which of the currently studied self-interference cancellation
techniques that can be implemented in a military fd communication system.

Beyond the broad study of the literature survey, a comprehensive analysis of
two sic techniques implemented in a fd transceiver was performed. As part of
the analysis, the uls was defined and determined in order to assess the perfor-
mance of the digital suppression technique under varying conditions and impair-
ments. From simulation results, it was concluded that the fd transceiver could,
given certain conditions such as limited transmission power and/or reflective en-
vironment, provide close to complete suppression, and that noise in the reference
signal chain had close to no impact on the final cancellation. In contrast, the
benefit of using the pa output as a reference signal to the digital canceller was
shown by the fact that no reduction in suppression was noted even during in-
creased nonlinear distortion in the transmission chain. As a final contribution to
the analysis, the amount of tolerable error in the parameter estimations and mea-
surements were quantified in order to establish whether high suppression could
be achieved even under varying conditions.

63



64 4 Conclusions

4.1 Problem Formulation Responses

This section contains the responses to the questions posed in Section 1.2 Problem
Formulation.

•Which sic techniques can potentially be included in amilitary fd transceiver?

Though the military scenario introduces various requirements different from
those of communication in the commercial sector, the majority of the sic tech-
niques referenced by the literature survey could potentially be used in a military
fd transceiver as are presented in Table 2.7.

•Underwhich conditions do the SIC techniques in the suggested FD transceiver
provide sufficient SIC, and do these conditions correspond to what can be ex-
pected in a military scenario?

In accordance with the results and conclusions in Section 3.5, it is possible to
achieve sufficient suppression if the following conditions are fulfilled:

• The variance of the attenuation coefficients of the analog canceller is bound
according to

σ2
a ≤

(a1 − a2)2

2(ΓAC,D − 1)
− σ2

n

2Px
,

where ΓAC,D is the desired amount of suppression of the analog canceller.

• The variance of the direct channel path is bound according to

σ2
τ ≤ −

2
(2πfc)2 ln

(
1 − a − 1

2a · ΓAC,D

)
,

where a = 1
2 ( a1
a2

+ a2
a1

) and fc is the carrier frequency.

• The variance of the channel coefficients of the digital canceller is less than
10−14/Px (when the noise-floor is -117 dBm, NF = 10 dB and the bandwidth
is 50 kHz).

• The uls of the digital canceller is less than the dr.

Of the above condition, the last may be the most difficult to satisfy in a military
application. This is mainly because high transmit power and relatively sensitive
receivers are commonly used, and as demonstrated by (3.48), this will result in
a high uls, and ultimately tough requirements on the adc. To cope with this, it
should be possible to either implement a more high-end adc with larger dr, or
introduce a sic multipath component into the analog canceller. Though adding
additional cancellation will increase the complexity of the transceiver, it might
be necessary in order for the transceiver to achieve fd.
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4.2 Future Work

A natural extension of this work would be to further evaluate how the two sug-
gested sic techniques perform under additional transceiver impairments such
as phase noise in both the receiver and reference signal paths. Furthermore, it
would be of interest to evaluate the possibility of implementing an adaptive ele-
ment to the analog canceller in order to, at least partially, suppress the si multi-
path components which are caused by reflections in the environment. This could
potentially relax the required enob of the adc and enable the transceiver to be
usable in more reflective environments and still use high transmission power.

Alternatively, since there are several sic techniques which can be potentially
implemented in a military transceiver, it may also be of interest to evaluate other
sic techniques by performing similar simulations and analyses as the one per-
formed in this thesis.
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A
A.1 Output Power, Two-Tap Analog Canceller

The output of the canceller can be written as

r(t) = y(t) − z(t)

= â1x(t − τ̂1)e−j2πfc τ̂1 + â2x(t − τ̂2)e−j2πfc τ̂2 + n(t)

− a1x(t − τ1)e−j2πfcτ1 − a2x(t − τ2)e−j2πfcτ2 , (A.1)

where the attenuation and delays of the cancellation signal z(t) are assumed de-
terministic and take on the mean value of each respective parameter. The power
of the cancellation output can then be written as

Pr = E{|r(t)|2}

= E{|â1x(t − τ̂1)e−j2πfc τ̂1 + â2x(t − τ̂2)e−j2πfc τ̂2 + n(t)

− a1x(t − τ1)e−j2πfcτ1 − a2x(t − τ2)e−j2πfcτ2 |2}. (A.2)

Adopting the assumptions given in Section 3.4.1 concerning x(t), it can be ac-
knowledged that the expected value of all the different products of x(t − τ̂1),
x(t − τ̂2), x(t − τ1), x(t − τ2) and their conjugates will be equal to Px in accordance
with (3.26). This means (A.2) can be approximated as

Pr ≈ Px · E{|â1e
−j2πfc τ̂1 + â2e

−j2πfc τ̂2 − a1e
−j2πfcτ1 − a2e

−j2πfcτ2 |2} + σ2
n , (A.3)
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where the independence between the noise n(t) and the rest of the signal compo-
nents has been used. Further expansion of expression (A.3) now yields

Pr ≈ Px · E{|â1|2 + â1â
∗
2e
−j2πfc(τ̂1−τ̂2) − â1a

∗
1e
−j2πfc(τ̂1−τ1) − â1a

∗
2e
−j2πfc(τ̂1−τ2)

+ â2â
∗
1e
−j2πfc(τ̂2−τ̂1) + |â2|2 − â2a

∗
1e
−j2πfc(τ̂2−τ1) − â2a

∗
2e
−j2πfc(τ̂2−τ2)

− a1â
∗
1e
−j2πfc(τ1−τ̂1) − a1â

∗
2e
−j2πfc(τ1−τ̂2) + |a1|2 + a1a

∗
2e
−j2πfc(τ1−τ2)

− a2â
∗
1e
−j2πfc(τ2−τ̂1) − a2â

∗
2e
−j2πfc(τ2−τ̂2) + a2a

∗
1e
−j2πfc(τ2−τ1) + |a2|2} + σ2

n . (A.4)

Now, two observations can be made concerning (A.4), namely that â1, â2, a1 and
a2 are real numbers meaning ai = a∗i and âi = â∗i , and that

E{|âi |2 + |ai |2} = σ2
a + |E{âi}|2 + a2

i = σ2
a + 2 · a2

i , (A.5)

in accordance with the definitions in (3.16) and (3.17). Hence, (A.4) can be sim-
plified into

Pr ≈ Px[2a2
1 + 2a2

2 + 2σ2
a + E{â1â2(e−j2πfc(τ̂1−τ̂2) + e−j2πfc(τ̂2−τ̂1))

− â1a1(e−j2πfc(τ̂1−τ1) + e−j2πfc(τ1−τ̂1))

− â1a2(e−j2πfc(τ̂1−τ2) + e−j2πfc(τ2−τ̂1))

− â2a1(e−j2πfc(τ̂2−τ1) + e−j2πfc(τ1−τ̂2))

− â2a2(e−j2πfc(τ̂2−τ2) + e−j2πfc(τ2−τ̂2))

+ a1a2(e−j2πfc(τ1−τ2) + e−j2πfc(τ2−τ1))}] + σ2
n , (A.6)

where it is possible to apply the characteristic function of a normally distributed
variable, ϕZ (t) = E{ejtZ } = ejtµZ−

1
2 σ

2
Z t

2
in order to evaluate the expected values.

Setting t = −2πfc and acknowledging that E{τ̂i − τi} = E{τi − τ̂i} = 0 and E{τ̂2 −
τ1} = E{τ2 − τ̂1} = τ2 − τ1 = µτ , Pr can be written as

Pr ≈ Px[2a2
1 + 2a2

2 + 2σ2
a + a1a2(ejtµτ + e−jtµτ )e−σ

2
τ t

2

− 2a2
1e
− 1

2 σ
2
τ t

2
− a1a2(ejtµτ + e−jtµτ )e−

1
2 σ

2
τ t

2

− a2a1(e−jtµτ + ejtµτ )e−
1
2 σ

2
τ t

2
− 2a2

2e
− 1

2 σ
2
τ t

2

+ a1a2(ejtµτ + e−jtµτ )] + σ2
n

= Px[2a2
1 + 2a2

2 + 2σ2
a + 2a1a2 cos(tµτ )e−σ

2
τ t

2

− 2a2
1e
− 1

2 σ
2
τ t

2
− 2a1a2 cos(tµτ )e−

1
2 σ

2
τ t

2

− 2a2a1 cos(tµτ )e−
1
2 σ

2
τ t

2
− 2a2

2e
− 1

2 σ
2
τ t

2

+ 2a1a2 cos(tµτ )] + σ2
n (A.7)

Finally, refining expression (A.7) and returning to the original parameters, yields

Pr ≈ Px[2a2
1 + 2a2

2 + 2σ2
a + 2a1a2(e−σ

2
τ (2πfc)2

− 2e−
1
2 σ

2
τ (2πfc)2

+ 1) cos(2πfc(τ2 − τ1))

− 2(a2
1 + a2

2)e−
1
2 σ

2
τ (2πfc)2

] + σ2
n . (A.8)
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A.2 Minimization by Karush-Kuhn-Tucker Conditions

The task at hand is to find which ∆τ and φ that minimize the function

f (∆τ, φ) =
a + cos(2πfc∆τ)φ

2a + cos(2πfc∆τ)(1 −
√
φ)
,

subject to the following conditions and constraints

a ≥ 1 (A.9)

0 ≤ φ ≤ 1

−1 ≤ cos(2πfc∆τ) ≤ 1.

The first steps performed are the two variable substitutions

x = cos(2πfc∆τ)

y =
√
φ.

This means that (A.2) can be written as

f (x, y) =
a + xy2

2a + x(1 − y)
. (A.10)

The corresponding conditions and constraints then become

0 ≤ y ≤ 1 ⇔ (2y − 1)2 − 1 ≤ 0 (A.11)

−1 ≤ x ≤ 1 ⇔ x2 − 1 ≤ 0, (A.12)

where the equivalencies (⇔) hold, assuming x and y are real numbers. The La-
grangian can then be defined according to

L(x, y, µ1, µ2) = −f (x, y) + µ1(x2 − 1) + µ2((2y − 1)2 − 1), (A.13)

and from this, the Karush-Kuhn-Tucker conditions can be established as

∂L(x, y, µ1, µ2)
∂x

= −
a(2y2 + y − 1)
(2a − xy + x)2 + 2xµ1 = 0 (A.14)

∂L(x, y, µ1, µ2)
∂y

= −
x(4ay + a − x(y − 2)y)

(2a − xy + x)2 − µ2(8y − 4) = 0 (A.15)

µ1, µ2 ≥ 0 (A.16)

µ1(x2 − 1) = 0 (A.17)

µ2((2y − 1)2 − 1) = 0. (A.18)

Having two complementary conditions results in a total of four different cases,
which all need to be investigated in order to find potential candidates for x and
y that minimize f (x, y). This will be done in the following.
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Case 1: Assuming that µ1 = µ2 = 0, entails that (A.14) simplifies to

(2y2 + y − 1) = (2y − 1)(y + 1) = 0,

where only y = 1/2 is a valid solution since y = −1 violates (A.11). With y ob-
tained, it is now possible to write (A.15) as

x(2a + a − x(
1
2
− 2)

1
2

) = x(3a +
3x
4

) = 0,

which has two solutions, namely x = 0 and x = −4a. However, the latter solution
is invalid since it violates (A.12) as a ≥ 1. This means that Case 1 yields one
possible candidate for minimizing f (x, y),

f (0, 1/2) =
a

2a
=

1
2
. (A.19)

Case 2: Here it is assumed that µ1 = 0 and (2y − 1)2 − 1 = 0, corresponding to
y = 0 or y = 1. Assuming the former in (A.14) yields

− a(−1)
(2a + x)2 =

a

(2a + x)2 , 0,

which is not a valid solution, since a ≥ 1. Similarly, if y = 1, (A.14) becomes

−a(2 + 1 − 1)
(2a)2 = − 2a

(2a)2 = − 1
2a
, 0,

which is also not a valid solution. This means that Case 2 does not yield a single
candidate.

Case 3: It is here assumed that µ2 = 0 and x2 − 1 = 0, corresponding to x = 1 or
x = −1. Starting with x = 1, (A.15) becomes

y2 − 2y − 4ay − a = 0,

which yields the two solutions

y = 1 + 2a +
√

4a2 + 5a + 1,

and
y = 1 + 2a −

√
4a2 + 5a + 1.

However, neither solution is valid as they do not satisfy (A.11) when a ≥ 1. Con-
tinuing with x = −1 in (A.15) yields

y2 − 2y + 4ay + a = y2 + (4a − 2)y + a = 0,

resulting in the following two solutions for y,

y = 1 − 2a −
√

4a2 − 5a + 1, (A.20)
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and
y = 1 − 2a +

√
4a2 − 5a + 1. (A.21)

Right away it can be noticed that if a = 1, then y = 0 which yields the candidate

f (−1, 0) =
a

2a − 1
= 1. (A.22)

However, if a > 1 is assumed, then
√

4a2 − 5a + 1 > 0, making it evident that
(A.20) is not valid as y will always be negative, not satisfying (A.11). Furthermore,
it can be shown that (A.21) is not valid if

1 − 2a +
√

4a2 − 5a + 1 < 0 ⇔ 2a − 1 >
√

4a2 − 5a + 1,

when a > 1. Acknowledging that 4a2 − 5a + 1 > 0 and 2a − 1 > 0, when a > 1,
enables the above inequality to be written as

(2a − 1)2 > 4a2 − 5a + 1 ⇔ −4a > −5a,

which clearly holds when a > 1. Hence, Case 3 only provides one candidate
(A.22), which is only valid when a = 1.

Case 4: It is here assumed that x and y are at the boundaries of their respective
regions, which corresponds to x = 1 or x = −1, and y = 0 or y = 1. The simplest
way of determining the possible candidates at this point is to simply calculate
f (x, y) for the different values of x and y. Doing so yields

f (−1, 0) =
a

2a − 1

f (−1, 1) =
a − 1
2a

(A.23)

f (1, 0) =
a

2a + 1

f (1, 1) =
a + 1

2a
,

where it is possible, through inspection and adhering to (A.9), to note that x = −1,
y = 1 yields the smallest value for f (x, y).

Comparing (A.23) to the other possible candidates (A.19) and (A.22) can eas-
ily be done by rewriting (A.23) as

f (−1, 1) =
a

2a
− 1

2a
=

1
2
− 1

2a
,

which will always be less than 1/2 considering (A.9), and consequently less than
both (A.19) and (A.22). Hence, it is possible to state that cos(2πfc∆τ) = −1
and φ = 1 minimizes f (∆τ, φ) subject to the initially given conditions and con-
straints.
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