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ABSTRACT

Full duplex (FD) radios are the next generation wireless paradigm to answer the
growing demand of high capacity along with energy and spectrum efficient wire-
less transceivers. Given the colossal power difference between the transmit and
receive signal, self-interference cancellation becomes one of the key challenge in
the design of a FD radio. A model of self-interference channel is required to deve-
lop a robust cancellation mechanism. One of the key contribution of this thesis is
to define the properties of the self-interference channel. Furthermore, an analog
baseband cancellation mechanism for FD transceivers is also defined, which can
be used as a cancellation stage before the signal goes to digital domain.

The self-interference channel was measured using ultra wide-band antennas
(UWB). Narrow-band measurement technique i.e., a vector network analyzer
(VNA) was used for the channel measurements. Spatial resolution of 4.3 cm was
achieved. Measurements were done in variety of locations including an anechoic
chamber with different antenna orientation. Antennas were mounted on an old
laptop frame. Coherence bandwidth of the self-interference channel was found
to be varying between 1 MHz and 10 MHz, effectively making it a frequency se-
lective channel. The average amount of isolation was found to be around 40 dB
irrespective of the antennas relative orientation. It was also observed that a major
amount of power was transferred because of direct coupling between the anten-
nas and this coupling was due of the frame on which antennas were mounted.

Using the defined analog baseband cancellation mechanism, an orthogonal
frequency division multiplexing (OFDM) based transceiver was simulated using
Matlab. The impact of different bit analog-to-digital converter (ADC), digital-
to-analog converter (DAC), different training sequence length for the desired
and the self-interference channel, were observed in the simulations. The simu-
lations were performed for both 16 and 64 quadrature amplitude modulation
(QAM). Training symbols were used in front of the data frame to estimate both
the desired and self-interference channel and also to set the gain of variable gain
amplifiers (VGA). The least square algorithm was used for the estimates. The
self-interference power was set to −20 dBm and thermal noise floor was set to
−81.68 dBm. It was found that a twelve bit ADC along with a sixteen bit DAC
would provide a performance within 1.5 dB of theoretical performance.

Keywords: FD, VNA, ADC, DAC, VGA, self-interference channel, narrow-band,
analog baseband.
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1. INTRODUCTION

Over the past few years, there has been an exponential growth in the mobile data sector.
As consumers are switching to lightweight touch-screen tablets and smart-phones, they
are demanding more data hungry services [1]. With a plethora of audio and video
services available, current wireless technologies have been pushed to their limits. In
wireless lan technology, work is going on to utilize 60 GHz band to provide data speeds
in excess of 7 Gbps [2]. In the institute of electrical and electronics engineers (IEEE)
802.11ac standard, a channel bandwidth of 160 MHz is defined, which given the usage
of the industrial, scientific and medical (ISM) radio band, is hard to find.

Undeniably, this exponential growth in mobile data traffic demands a spectrum and
power efficient wireless transceiver which is able to keep up this growth. Up till now,
to meet this demand, the answer of research community was higher number of spatial
streams, more spectral efficient modulation schemes like 256 quadrature amplitude
modulation (QAM), better channel codes, etc. But, there is one fundamental aspect
of wireless transceivers that has not been explored yet and that is the duplexity. In
communication systems, a duplex system is one in which it is possible to communicate
in both directions [3]. Based on the simultaneity of the two way communication, a
duplex system can be classified as half duplex (HD) or full duplex (FD).

FD means simultaneous transmission and reception at the same frequency channel.
For long it has been thought that practically it is not possible to simultaneously re-
ceive and transmit at the same frequency channel. In fact given the difference in the
power levels of the receive and transmit signal anyone can form a logical conclusion
against the feasibility of the FD architecture. However, big breakthrough came when
the researchers at Stanford University unveiled their first FD transceiver [4]. It was a
manually tuned system and would never see the light of day outside the lab environ-
ment, however it was a vital proof-of-concept which proved the feasibility of the FD
transceiver.

A FD transceiver is going to have multiple cancellation stages, first being the an-
tenna cancellation stage and the last being the digital cancellation stage. A lot of
research is going on towards the development of various cancellation techniques in
the FD context. Since antenna cancellation is the first line of defense against the self
transmitted signal, it is sensible to make it as effective as possible. An effective can-
cellation scheme needs to know about the channel between the transmit chain and the
receive chain of the transceiver and there lies the first aim of this thesis. The first aim
of this thesis is to investigate the channel between the receive antenna and the transmit
antenna, henceforth called the self-interference channel. The goal is to characterize
the self-interference channel and to find its characteristics, for example isolation, co-
herence bandwidth, etc. A knowledge of these parameters will guide the design of an
antenna cancellation scheme. It can help in determine if a static antenna cancellation
scheme is sufficient or an active antenna cancellation scheme is required. After
antenna cancellation, one approach to FD transceiver design is to do the residual self-
interference cancellation in the digital domain and with the long development history
of digital interference cancellation mechanisms, it can be one plausible way out. How-
ever, the biggest roadblock in this approach is the ADC requirements to accommodate
the huge dynamic range needed for any meaningful cancellation. Thus, a logical di-
rection will be doing majority of cancellation before the digital domain. However, the
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flexibility and ease offered by the digital domain is a major motivation to do cancel-
lation there. Here, lies the second aim of this thesis. The second aim of this thesis is
to develop a baseband cancellation mechanism taking into account the characteristics
of the self-interference channel, thus, combining the flexibility of the digital domain
along with the effectiveness of the analog domain. ADC and DAC bit requirement
along with the length of training symbols will also be studied.

The thesis is organized in the following way. Chapter 2 presents the various benefits
and challenges of the FD transceiver. Chapter 3 gives an overview about the various
cancellation techniques currently listed in the literature. It also discusses about the im-
plementation of known FD transceivers. Chapter 4 gives a brief background of various
channel measurement techniques available. It also discusses the measurement plan
which was used for the self-interference channel measurement. Chapter 5 discusses
the analog baseband cancellation mechanism and the simulation model. Results are
listed in Chapter 6. Chapter 7 presents the discussion and future work. The thesis is
summarized in Chapter 8 and various appendices are attached in Chapter 10.
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2.SYSTEMCHARACTERISTICS

Thischapterprovidesabriefsummaryofthebenefitsandchallengesassociatedwith
FDcommunication. Asystemconsistingofpoint-to-pointFDlinkbetweenIEEE
802.11nodesisconsideredhereforillustration.Regardlessofthat,thebenefitsand
challengesdescribedinthefollowingsubsectionsareequallyvalidforacellularora
meshnetwork.

2.1.Benefits

FDcommunicationprovidesthebenefitslistedbelow:

•capacitygain,

•mediumaccesslayer(MAC)layerbenefits,

•networklayerbenefits.

Thesearebrieflydiscussedinthefollowingsubsections.

2.1.1.CapacityGain

ThebiggestmotivationforFDcommunicationistheassociatedcapacitygains.Till
nowallthecommunicationtechniqueshaveessentiallybeenHD.Uplinkanddownlink
channelsareseparatedeitheronthebasisoffrequencyortime.
Considerapoint-to-pointlinkasshowninFigure1consistingoftwoFDcapable
nodes,AandB.Signal-to-noiseratio(SNR)ofsignalreceivedbynodeAisdenotedby
SNRAB,similarlyfornodeBitisdenotedbySNRBA.Linkcapacityofeachindividual
linkisdenotedbyRAandRB.MaximumcapacityofaHDlinkisdenotedbyRHD,for
aFDlink,itisdenotedasRFD

A B

R
B

R
A

.

Figure1.Apoint-to-pointlink.

InanadditivewhiteGaussiannoise(AWGN)channel,linkcapacityorrateforan
individuallinkisgivenbytheequation[5]

RA =
1

2
log2(1+SNRAB), (1)

RB =
1

2
log2(1+SNRBA). (2)
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Assuming an equal rate target for both directions, which is a valid assumption for a
point-to-point wireless local area network (WLAN) node, capacity achieved by the
HD link will be dictated by the lower SNR, so

RHD =
1

2
log2(1 + min{SNRAB,SNRBA}). (3)

In the case of a FD link, the capacity of the total system will be the sum of individual
link capacities. For an ideal FD link, it can be assumed that the self transmitted signal
can be completely canceled out, so the SNR of an individual link will not change. Thus
the link capacity is expressed by

RFD =
1

2
log2(1 + SNRAB) +

1

2
log2(1 + SNRBA). (4)

It is also a valid to assume that both nodes have the same transmitting power. So in
an ideal case, SNR of individual link is same for both nodes. In this case, (3) and (4)
change to

RHD =
1

2
log2(1 + SNRAB), (5)

RFD = log2(1 + SNRAB)). (6)

From (5) and (6) it can be seen that theoretically derived capacity achieved by a FD
link is double as compared to the HD link. Of course, this is a case of an ideal FD
link where there is no degradation in SNR of one link because of the other. Practically
not all of the self-transmitted signal can be canceled out, so some amount of self-
transmitted signal will become a part of the interference, resulting in a degradation of
the SNR.

Figure 2 [6], shows the rate region achievable by the FD and HD links. For the HD
links, endpoints of the rate curve are achieved only when one of the node is trans-
mitting. Other rate pairs along the HD curve can be achieved using time-division
multiple-access (TDMA). In [6] it was experimentally validated that these regions are
achievable.

Even though the assumptions regarding equal rate target and equal SNR are not valid
for a cellular system per se; capacity gains achieved by a FD system are still valid for
them. The above statement can be justified from the fact that for the future wire-
less cellular systems, techniques like mobile-to-mobile relay are being investigated to
achieve spatial diversity in order to combat fading induced by multi-path propagation.
A mobile-to-mobile relay is quite similar to a point-to-point WLAN node in terms of
node capabilities, received power levels of signals between mobile relay and targeted
mobile [7]. Additionally, even the simplest relay techniques like amplify and forward
achieves better performance with the FD nodes in high SNR region [8].

2.1.2. MAC Layer Benefits

The FD concept can alleviate the inefficiencies caused by the hidden node and ex-
posed node in wireless networks. Almost all of the current MAC layer technologies
first sense the medium before transmitting. This is called carrier sense. In case of a
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wirelessmeshtopology,sometimesitisimpossibletodetecthiddennodes.Asshown
inFigure3,nodeAcannotsensethepresenceofnodeCandviceversa.Becauseof
this,thechancesofcollisionatnodeBarequitehigh.Thisisknownasthehidden
nodeproblem.

Figure3.CisahiddennodeforA.Ellipserepresentsthebroadcastrangeofanode.

Theexposednodeproblem[9]occurswhentransmissionfromanodepreventsits
neighboringnodefromtransmittingtosomeothernode. ThiscanbeseeninFig-
ure4[10],wheretransmissionfromnodeS2isblockedbecauseS1iscurrentlytrans-
mitting,evenwhentheintendedreceiverofS2transmission,i.e.,R2isoutofthe
broadcastareaofS1.TheproposedMAC,MACA[9,11],dealswiththehiddennode
problemusingtheshortcontrolframescalledrequesttosend(RTS)andcleartosend
(CTS). Wheneveranodewantstosendanydataframe,itfirstsendsaRTSwhich
includesthelengthoftransmission.Thereceivingnode,afterverifyingthatnoother
nodeinitsvicinityistransmitting,sendsaCTSwhichalsoincludesthedurationof
transmission. Thisbarsanyprotocoladheringnodeinthereceivingnodevicinity,
otherthantheoriginaltransmitter,totransmitinthatduration.RTS/CTSmechanism
alsoalleviatestheexposednodeproblem,butonlywhenthetransmissionsofthenodes
issynchronizedandtheyusethesametransmitdatarate.Inthiscase,whenanode
hearsonlytheRTSbutnotitscorrespondingCTS,itcandeducethatitisanexposed
nodeandispermittedtotransmittoothernodes.Themostsignificantdrawbackof
RTS/CTSmechanismistheextrabandwidthconsumed.
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Figure 4. Exposed nodes.

RTS/CTS mechanism is now a part of the IEEE 802.11 standard. The duration field
in the RTS/CTS corresponds to network allocation vector (NAV) value. Stations update
their NAV counters from the RTS/CTS frames they hear, which are not destined to them
and can only transmit when the NAV counter value is zero. NAV counter thus provides
a virtual carrier sensing mechanism which along with the physical carrier sense is used
to sense the availability of the medium. Since NAV counter is updated both from RTS
and CTS frames, it helps to solve the hidden node problem. The exposed node problem
is not tackled in the IEEE 802.11 standard. Another mechanism to handle the hidden
node problem, defined in the IEEE 802.11 is, CTS to self, in which a node sends a
CTS frame destined to itself before data transmission, just to update the NAV counters
of the nearby nodes. It saves a bit of the bandwidth as RTS is not used but it is not as
robust as RTS/CTS mechanism [11].

Currently used MACs, such as distributed coordinated function (DCF) for IEEE
802.11 networks [11], X-MAC [12] or low power probing (LPP) [13] for sensor net-
works, suffer in efficiency and fairness because of both the hidden node and exposed
node problems. By exploiting the full duplex capability of the nodes and synchroniza-
tion of transmissions, both of these problems can be solved [14]. In [14], an efficient
and fair MAC is developed for wireless network with self-interference cancellation.
Their results shown that increase in fairness is about 80% for a given network sce-
nario. Furthermore, for random traffic scenarios, increase in throughput is up to 50%.

2.1.3. Network Layer Benefits

Using the network utility maximization (NUM) framework, it is shown in [15] that
simultaneous transmission and reception can lead to gains in terms of average sum-
rate and network congestion. Their numerical results indicate that for a low SNR value
of 5 dB, a 30 dB reduction of self-interference coefficient can lead to an increase of
average sum-rate by 22% and reduce congestion by 21%.

Using cross-layer optimization, in [16] a distributed algorithm for multi-path routing
for the FD nodes was developed. This solved the problem of how to choose routes to
maximize the total profit of multiple users while minimizing the power consumed.
Although there was no comparison with the HD node, the study is solely referred for
completion.
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2.2. Challenges

2.2.1. Self-Jamming

The biggest technical challenge in the FD communication is the phenomenon of self-
jamming. Self-jamming occurs when a node’s own transmit signal drastically reduces
its capability to listen to any desired signal being transmitted by other nodes.

In modern WLAN systems, during transmission the signal power is in the range of
20 to 30 dBm and the desired signal power is in the range of −90 to −60 dBm. To
minimize the quantization noise added because of digitization of input analog signal,
the input of ADC has to fit in the full scale range of the ADC where the full scale
range varies, for example, for either ±0.5 V or ±5 V. A square wave having a peak
value of 0.5V corresponds to 7 dBm power, assuming a 50 Ω impedance. To amplify
the received signal to this level, an amplification of about 100 dB is required, which
is achieved by using an array of variable gain amplifiers (VGA). To take care of the
fluctuations in the input power level, an automatic gain controller (AGC) is used which
can vary the gain of the VGAs. By tuning the gain of VGAs, AGC makes sure that
these amplifiers are not driven to saturation. In addition, it will also protect the signal
from clipping at ADC.

In case an unattenuated copy of self-transmitted signal enters the receiver chain,
even with the lowest amplification possible, it will easily drive all the amplifiers to
saturation, effectively turning the receiver deaf.

2.2.2. Dynamic Range

ADCs have a limited dynamic range. For a NADC bit ADC, dynamic range is given by

DR = 6.021NADC + 1.763 + 10 log10

fs

2B
dB. (7)

Here fs is the sampling frequency and B is the bandwidth of the signal of interest. The
term 10 log10

fs
2B

represents the processing gain that is achieved by oversampling. If
the signal is sampled at Nyquist frequency, i.e. 2B, then the processing gain will be
unity or 0 dB.

Assuming that before ADC, the self-interference signal is canceled by 50 dB using
a mixture of antenna separation and radio frequency (RF) cancellation. If the orig-
inal signal power was 20 dBm, the power of the self-interference signal at input of
ADC will be −30 dBm. Assuming a received signal of −70 dBm and a noise level
of −100 dBm, which is roughly the thermal noise power for 20 MHz wide channel.
Based on these assumptions and using (7), it can be calculated that at least a 12 bit
ADC is required. If the self-interference signal was not present, then even a 5 bit ADC
would have been sufficient, so effectively 7 bits of ADC are wasted. In addition, for a
direct conversion receiver a 20 MHz wide signal has to be sampled at a rate of at least
20 Msps and for wider signals, the sampling rate increases even further to satisfy the
Nyquist criterion. As the signal has both in-band and quadrature components, so for
each receiver chain two ADCs are required.
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As seen from (7), increasing the sampling frequency can increase the dynamic range,
however the gain is not linear. Doubling the sampling frequency provides a 3 dB gain;
a quadruple increase in frequency yields a 6 dB gain. Thus to gain 1 bit, the sampling
frequency has to be increased by at least five times. Applying these results to the
20 MHz direct conversion receiver case mentioned above, a sampling frequency of at
least 100 Msps is needed to reduce the ADC requirement by 1 bit.

The calculations above do not take into consideration the increase in noise floor due
to the transmitter error vector magnitude (EVM), distortion in receiver chain and other
noise sources.

2.2.3. Added Complexity

A FD transceiver will no doubt be more complex as compared to the current HD
transceivers. To be commercially viable, the gains achieved by a FD transceiver should
outweigh a combination of similar HD nodes, for example, if a FD transceiver uses one
antenna for transmission and a separate one for reception, the capacity gain should ex-
ceed or be at least comparable to a 2 × 2 multiple-input multiple-output (MIMO) HD
transceiver. In addition, a FD receiver will use more costly hardware components like
faster and higher resolution ADCs and there might also be a need for extra components
for analog cancellation, these will further drive up the cost.

This is just a rough comparison as it can be always debated that the capacity gains
of MIMO are only valid when different channels, as seen by different receiver chains
are completely uncorrelated and the node is operating in high SNR region [17], which
are not general operating conditions. Besides this, a MIMO node will have multiple
transmit chains and receive chains where the exact number depends on the number of
transmit and receive antennas, which might not be the case for a FD transceiver.

In conclusion, a fair comparison between a FD transceiver with any of the currently
well established transceiver architectures might not be possible. However, the perfor-
mance and complexity trade off should be kept in mind as it will have a major impact
on the evolution of the FD architecture. Given that a FD transceiver architecture is
still in its infancy, whereas the other architectures have already been in production
for several years and have a highly optimized design in place, the road ahead for the
acceptance of FD transceiver architecture is full of challenges.
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3. RELATED STUDIES

This chapter introduces the background theory related to FD communication and also
touches upon the few implementations of the FD transceivers that currently exist.

3.1. Cancellation Mechanisms

Since the amount of attenuation needed for the self-interference signal is in the range
of 80 to 100 dB, no single cancellation mechanism is sufficient on its own. A simple
architecture to use is a cascade of different cancellation techniques. This subsection
reviews the various cancellation mechanisms that are listed in literature. At places
it is difficult to classify one method into one particular category because of murky
boundaries. So, the classification is according to the main theme of the literature from
where the mechanism is taken.

3.1.1. Antenna Cancellation

Antenna cancellation can refer to various antenna designs which can be used for seg-
regating transmitted and received signals. It varies from a simple separation in space
to using active components to cancel the self-interference signal. Cancellation mech-
anisms which provide cancellation by exploiting the properties of an antenna are ex-
plained in the subsequent subsections.

Exponential Attenuation

The power of electromagnetic (EM) waves reduces exponentially with distance trav-
eled. This basic property can be used to achieve some isolation between the transmit
and receive path of the transceiver. It is not a cancellation mechanism per se; it can
still provide a significant amount of isolation between transmit and receive path.

Free space path loss (FSPL) is proportional to the square of the distance between the
two nodes [18]. It is defined as

FSPL =

(
4πdfc

c

)2

(8)

FSPL (dB) = 20 log10(d) + 20 log10(fc)− 147.55, (9)

where d is the distance in meters, fc is the frequency in Hertz and c is the speed of light.
Using (9), for 2.4 GHz operation, a distance of 25 cm (possible in case of a laptop sized
device) will yield a FSPL of 28 dB. Equation (8) is valid only in the far field region.
For an electromagnetically short dipole antenna, near field approximately extends up to
2λ, where λ represents the wavelength of the electromagnetic wave [19]. For 2.4 GHz
frequency, λ turns out to be 12.5 cm which effectively brings the separation distance of
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25 cm in near field region. As shown in [20], near field path gain for an electric dipole
antenna, measured at a distance of d m from the antenna is,

PE(d, f) =
PRx(E)

PTx
, (10)

=
GRx(E)GTx

4

(
1

(kd)2
− 1

(kd)4
+

1

(kd)6

)
. (11)

where k is wave number, defined as 2π/λ. GRx(E) and GTx are the receive and transmit
antenna gains. Defining near field path loss (NFPL) as reciprocal of near field path
gain with unity antenna gains, NFPL becomes

NFPL =

(
4

1
(kd)2
− 1

(kd)4
+ 1

(kd)6

)
. (12)

Using (12), attenuation caused by the separation between two antennas comes out to
be 22 dB which is significantly less than the original estimate of 28 dB.

The main problem with the logarithmic attenuation technique is the sheer distance
of separation required to achieve the desired amount of isolation between two paths.
The distance required for a 22 dB of isolation, is achievable for a laptop size device
but is not feasible for a mobile phone or a tablet.

Antenna Polarization

Polarization is the property of an EM wave (or any wave having an oscillating com-
ponent in more than one dimension) which describes the time-varying direction and
relative amplitude of the electric field component. For an antenna it is defined as the
polarization of the transmitted wave. Polarization of an antenna can be linear or ellip-
tical [19].

The amount of power received by an antenna depends on the polarization mismatch
between the incident wave and the receive antenna. By exploiting the antenna polariza-
tion technique, further isolation between receive and transmit path can be materialized.
Using [19] representation, the loss in power due to the polarization mismatch is repre-
sented as polarization loss factor (PLF). Mathematically PLF is defined as

PLF = |ρ̂ω · ρ̂a|2, (13)
= | cos Ψp|2, (14)

PLF (dB) = 20 log10 | cos Ψp|, (15)

where ρ̂ω represents the polarization unit vector of an incident wave, ρ̂a represents the
polarization unit vector of an antenna and Ψp represents the angle between two unit
vectors. Isolation due to the polarization mismatch is equal to PLF in decibels i.e.,

Isolation = PLF (dB). (16)

Figure 5 [19] shows the relative alignment of the polarization vectors of the incident
wave and the antenna. Ideally, if the transmit and receive antennas are orthogonally
polarized with respect to each other, according to (13) there will not be any power
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Figure 5. Polarization mismatch between an incident plane wave and an antenna.

transfer from transmit antenna to receive antenna, thus, providing complete isolation,
i.e., isolation will be∞. Practically, because of the proximity of receive and transmit
antennas, there will be some coupling of power even though they are orthogonally
placed [19]. In addition, if the antennas are near an object, i.e., antennas reactive near
field area is not in free space, it will then have an affect on the radiation resistance and
polarization of the antenna and will cause some distortion. The degree of distortion will
depend on the material, type of antenna and orientation among other things. The only
way to get an accurate measure of the distortion is to numerically solve the Maxwell
equations using a tool like computer simulation technology (CST) microwave studio
(MWS) [21].

Active Antenna

An active antenna is one which incorporates an active device into the antenna to im-
prove its performance or to provide multiple circuit functions such as resonance, filtra-
tion or diplexing within the antenna itself. It can also provide capabilities like ampli-
fication or mixing. A typical active antenna consists of an active element like a gunn
diode or metal semiconductor field effect transistor (MESFET), along with a patch,
printed dipole or slot antenna [22].

In [23], an active antenna comprising of a microstrip patch antenna along with two
MESFETs is presented. One MESFET acts as an oscillator and the other acts as an
amplifier for the receiver stage. Since patch antennas are linearly polarized and the
transmit and receive channel are taken from orthogonal edges, these channels are or-
thogonally polarized providing isolation. It was shown that the constructed passive
square patch antenna provides an isolation of about 25 dB when using a transmission
line and of about 35 dB while using wire bonds, over a bandwidth of 100 MHz cen-
tered at 3.85 GHz. This difference in isolation between a wire contact and transmission
line was because of the excitation modes. It was stated that wire contact excites fewer
higher order modes than the transmission line and these higher excitation modes are
primarily responsible for cross polarization which breaks orthogonality. The isolation
was further improved using sequential rotation. An array of two patch antennas was
constructed with the antennas separated by a distance of 3λ/4. The receiver and trans-
mitter feed lines were on opposite edges and the phase of the direct feed-through signal
from transmitter to receiver was adjusted so that it was 180◦ out of phase, leading to
destructive interference. Figure 6 [23], shows the alignment of the patch antennas for
the sequential rotation. Active components used for the antenna construction are not



20

shown in the figure. The presented antenna provides isolation in excess of 55 dB over
a bandwidth of 47 MHz, centered at 3.77 GHz. Frequency tuning was done by varying
the oscillator gate and drain bias voltage.

Substrate Patch 1 Substrate Patch 2

Tx feed Tx feed

Received
signal

Variable phase
shifter

Figure 6. Antenna array of two similar patch antennas.

The drawback of self-interference cancellation via an active antenna as designed
in [23] is the difficulty in practically achieving sequential rotation, as sequential ro-
tation requires similar active patches. Also for transmission techniques like orthogo-
nal frequency division multiplexing (OFDM), it is very difficult to achieve the same
amount of cancellation over all the sub-carriers.

Destructive Interference

The EM waves generated by two or more antennas interact with each other resulting in
constructive and destructive interference patterns over space. This basic wave property
is exploited in [4] to design a self-interference cancellation mechanism using three
antennas. Receiver antenna was placed in between two transmit antennas such that
its distance from the two transmit antennas differed by λ/2. Figure 7 [4], shows the
antenna arrangement as proposed by Choi et al.. Choi et al. [4] also observed that
the destructive interference was most effective when the amplitudes of the transmitted
signal at the receiver from the two antennas match. To achieve the same, an attenuator
was placed in the path of the antenna which was closer to the receive antenna.

The maximum theoretical cancellation predicted for a 5 MHz bandwidth at a center
frequency of 2.48 GHz was 60.7 dB. It was also reported that a mismatch in the trans-
mitted signal at the receiver by 1 dB can reduce the cancellation to 23 dB from the
original estimate of 60.7 dB. In reality, Choi et al. found the amount of cancellation
achieved by this scheme to be close to 20 dB because of the 1 dB mismatch, which
was anyhow predicted by their calculations.

The fundamental flaw of cancellation by phase inversion via space is the limited
achievable cancellation bandwidth because perfect phase inversion can be achieved
for only one frequency not for a band of frequencies. This design leads to a highly
frequency-selective cancellation environment and so techniques like OFDM perform
poorly. Another drawback of the reported design is the need for manual tuning, which
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Figure 7. Antenna arrangement for cancellation.

is possible in a lab environment but not feasible in the outside world. It is also reported
in [24] that because of two transmit antennas there are small null regions in the far
field, which effectively means that a receiver present at one of those null regions will
not receive any signal. Also, by using 3 antennas, a 3× 3 MIMO system will increase
the capacity by almost three times in the best case, where as here it might be barely
doubled. The comparison here is solely on the basis of number of antennas not on the
basis of complexity of the overall transceiver architecture. A 3× 3 MIMO system will
be using three transmit chains along with complex baseband processing where as only
one transmit chain might be used for this antenna cancellation mechanism.

Conclusion

Antenna cancellation or isolation can be a stepping stone towards the conception of the
FD transceiver. As discussed above, it is possible to achieve an isolation of 30 to 40 dB
between the receiver and transmitter path. Each of the mechanisms discussed have their
own pros and cons. Separation in space is one of the simplest mechanisms, though not
very effective, whereas an active antenna can provide much better performance but at
the expense of simplicity.

3.1.2. RF Cancellation

RF cancellation can be defined as the cancellation mechanism operating in the analog
RF domain. RF cancellation mechanisms currently listed in the literature are discussed
in the subsequent sections.

Balanced Feed Network

In [25], a balanced feed network was developed with a circular patch antenna which
provided 40 to 45 dB of isolation between the receive and transmit path while main-
taining a low insertion loss (0.75 dB). Figure 8 [25], shows the design of the feed
network along with the different paths that transmit signal take to reach the receiver
port. Isolated port of the quadrature hybrid was terminated using a load matching with
the characteristic impedance of the hybrid, so that there was no reflected power.
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Figure8.Circularpolarizedantennawithbalancedfeedalongwithsignalflow.

Bydesign,thereisapathdifferenceofλ/4betweenthecoupledportandthetrans-
mittedportofthequadraturehybrid.Inadditiontothis,signalsatthetransmittedport
andcoupledportdifferfrominputportbyapathofλ/4and2λ/4respectively.
Thetransmittedsignalisabletoreachthereceiverportalongtwopaths. These
pathsexistsbecauseofthereflectionsfromantennaandleakagefromcirculators.Sig-
nalalongpathAtravelsviatwohybridsthroughtheircoupledportwhereassignal
alongpathBtravelsviatwoquadraturehybridbutthroughtheirtransmittedport.This
arrangementresultsinaphasedifferenceof180◦alongthetwopathsandsothetrans-
mittersignalcancelsoutatthereceiverport.
Knoxdevelopedthissystemusinglumpedcomponentstargetingafrequencyrange
of902MHzto928MHzandwasabletoachieveanisolationof40to45dBbetween
thetransmitandreceivepath.

QHx220-basedCancellation

QHx220isanoff-the-shelf,activeisolationenhancerandnoisecancellationintegrated
circuit,developedbyIntersil.Ithasafrequencyrangeof300MHzto3GHz,whichis
suitableformostofthewirelessapplications.Thechipclaimstoprovidecancellation
inexcessof20dB[26].
Aknownnoisesourceissampledandisgivenasaninputtothechip.Thisnoise
sourcehastocorrelatewiththenoiseinthevictimsignalotherwise,itwillnotbepos-
sibletoeliminatethenoisefromthevictimsignal.Usingthechipcontrolpins,thegain
andphaseoftheIandQbranchesaremodifiedandananti-noisesignalisgenerated
attheoutput.Thissignalisthenaddedinthepathofthevictimsignal.QHx220is
inherentlyanopenloopsystem.Itcanbeconvertedtoacloseloopsystembyadding
amicrocontrolleroranyprogrammablecontrollerwhichvariesthecontrolparameters
basedonsomecharacteristicsofthevictimsignal,likereceivedsignalstrengthindi-
cator(RSSI)orsystembiterrorrate(BER).IandQsignalVGAsarecontrolledusing
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a10bitdigital-to-analogconverter(DAC),thuslimitingtheresolution.Figure9[26],
showstheinternalblockdiagramoftheQHx220.

Figure9.InternalblockdiagramofQHx220.

ThebiggestlimitationoftheQHx220isthe−45dBmlimitontheinputsignal.
Exceedingthislimitresultsinanon-linearbehaviorleadingtonon-linearityinthe
outputsignal.Theexactlimitvariesdependinguponthefrequencyofoperationand
thegainmodeofthechip.Practically,itisnotpossibletoreducethemagnitudeof
cancellationsignaltozero,thuslimitingtheminimumcancellationsignalpowertothe
orderof−45to−55dBm. Anotherlimitationisrelatedtotheboarddesignbased
onQHx220.ThehighimpedanceRFoutputhastobeplacedwithin5mmfromthe
victimsignalpath.Failuretodosoresultsinresonanceandanattenuatedanti-noise
signal[27].
QHx220wasusedintheStanforduniversityFDtransceiverdesign.Intheirpaper,it
wasstatedthatthebiggestdisadvantageofusingQHx220inFDtransceiveristhenon-
linearityintroducedintheoutputsignalwhichseriouslyunderminestheefficacyof
anydigitalcancellationmechanismifdeployedinthedigitaldomain[24].However,it
mustbenotedthatwhentheinputsignalwaslessthanthechipdefinedmaximum,the
deviceperformedlinearlyandachievedabout30dBofcancellation.Itwasthewrong
RFdesignwhichpushedtheQHx220intosaturationandthusproducednon-linearity.

BalunCancellation

AbalunisapassiveelectricalcomponentwhichconvertsabalancedRFsignaltoan
unbalancedsignalandviceversa.Itisacommoncomponentinaudio,videoandRF
equipment.Commonusesofabalunincludeimpedancematching,connectingabal-
anceddipoleantennatoacoaxialcablewhichisessentiallyanunbalancedtransmission
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line and converting differential twisted pair ethernet lines to single ended electrical sig-
nals with a common ground, among others.

A transformer based balun operates on the principle of electromagnetic induction.
At the end of the secondary winding, it produces signals which differ in phase by 180◦.
Since the phase difference is achieved by the property of induction, it is relatively
independent of the wavelength of the wave and so it can be used for a wider band
of frequencies. Figure 10 [24] shows a trivial balun configuration to achieve phase
inverted signals.

In [24], cancellation using a balun is compared with cancellation via phase offset.
The setup consisted of a 240 MHz wide-band chirp generator centered at 2.4 GHz
along with a variable delay-line and a combiner. Cancellation was first achieved by
making one path longer than the other by a factor of λ/2. This result was compared
with the cancellation achieved by only using balun and RF cables of the same length.
In both these cases, a variable delay element along with a variable attenuator was used
to fine-tune the cancellation. Tuning was done manually. It was observed that by using
the phase offset technique, cancellation of 52 dB for 5 MHz wide signal and 25 dB for
100 MHz wide signal can be achieved, whereas with balun, cancellation of 52 dB for
5 MHz and 40 dB for 100 MHz signal is possible.

Single ended

RF Input

Input power P

RF Output to antenna

Output power P/2

RF output with

inverted phase

Output power P/2

Figure 10. Balun configuration for getting signals with 180◦ phase difference.

Various integrated implementations of balun can be found in several studies. Some
use the auto transformer approach while others use the transmission line approach.
In [28], an ultra broadband complementary metal oxide semiconductor (CMOS) im-
plementation of a standalone balun is defined, which has a total area of 0.24 mm2 and
can operate from 13 GHz to 110 GHz. In [29], a CMOS implementation of a duplexer
filter based on a balun, along with a differential amplifier, as shown in Figure 11 [29],
was developed. The prototype implementation was done on the 65 nm CMOS technol-
ogy with a total cross section area of 0.2 mm2. The filter’s isolation bandwidth, defined
as the bandwidth over which the isolation is above 50 dB, is 250 MHz. As the balun
is oriented in duplex filter configuration and it is not possible to remove the balancing
circuit, it cannot be directly used for balun cancellation. This work reiterates the fact
that a high performing balun implementation is possible without using any external
inductor or transmission line.

One disadvantage of using a transformer based balun is the 3 dB reduction in the
power transferred to the antenna, due to equal distribution of power at the secondary
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Figure 11. Balun and lna in duplexer configuration.

end of the balun. However, a balun secondary coil can be constructed in an unequal
ratio to distribute the power unequally at the secondary end. The 3 dB reduction is
assuming there are no ohmic losses in the balun and the power-coupling ratio is unity
i.e., all the input power is transferred to the secondary coil by induction and there are
no induction losses, which, however is not true for real-life components.

Active Analog Cancellation

Analog cancellation refers to the cancellation of the self-interference signal by adding
a phase inverted analog signal in the RF domain. It differs from the other techniques
in the way phase inverted signal is generated. Here, cancellation signal is generated
by estimating the self-interference channel. The term analog cancellation in the FD
context was first coined in [30], which forms the basis of the current classification.

The main idea of analog cancellation is to estimate the channel between receive and
transmit antenna, generate an inverted version of the estimated signal and add it to
the receiver chain, thus, canceling the self-interference. The block diagram of analog
cancellation is shown in Figure 12 [30]. Here, Xd is the original transmitted signal,
Xc is the cancellation signal, Y is the received signal, hz is the wired channel between
the cancellation chain output and the adder present in front of receiver chain, hi is the
wireless channel between the receiver and transmitter antenna and w is the AWGN
term. It can be readily seen from Figure 12 [30] that the signal received at the receiver
because of a nodes’ own transmission will be,

Y = Xdhi +Xchz + w. (17)

To reduce Y to zero, Xc has to be equal to −Xdĥi/ĥz, where ĥi and ĥz are the noisy
estimates of hi and hz respectively. These estimates are noisy because of the ubiquitous
noise, quantization caused by the limited dynamic range and other non linearities in
the system.

Measurement results listed in [30] show that analog cancellation can provide up to
33 dB of cancellation when the distance between the receive and transmit antennas is
20 cm and 31 dB when the distance is 40 cm. The decrease in cancellation is because
of the increased attenuation suffered by the self-interference signal due to an increase
in separation distance. This decrease in self-interference signal power decreases the
degree of accuracy of the self-interference channel estimate thus leading to a decrease
in cancellation.
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Figure 12. Analog cancellation.

Active analog cancellation is enhanced further in [31], where a 10 MHz FD OFDM
transceiver with 64 sub-carriers was designed using this principle. Figure 13 shows the
block diagram of the active analog cancellation for the OFDM based transceiver. The
phy was developed with a center frequency of 2.4 GHz and 7 dBi omni antennas were
used. Achaleshwar et al. reported a 81 dB suppression in the total self-interference
power. The contribution of analog cancellation in this was about 25 dB. On the same
lines, a 20 MHz FD OFDM transceiver operating at 2.4 GHz was designed in [32].
Self-interference channel estimation was done for all of the OFDM sub-carriers and
using those an OFDM cancellation signal was generated which is added in the RF
domain after up-converting it to a bandpass RF signal. Duarte reported to achieve an
average of 85 dB self-interference cancellation.

Uncoded Data
X[k]

Modulation mapping
QPSKIFFTP/SAdd cyclic PrefixRadio S/P

IFFTP/SAdd cyclic PrefixRadio

Active analog
cancellation signal

Multiply X[k] by
−ĥi,k/ĥz,k

Tx

Figure 13. Generation of active analog cancellation signal in an OFDM based
transceiver.
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Transmit Beamforming Cancellation

Beamforming is a signal processing technique to provide a form of spatial filter-
ing [33]. By having the knowledge of the channel, the input signal to the channel
can be preconditioned to get the desired output. In [34], a time domain transmit beam-
forming method was introduced to cancel the self-interference. It was also shown that
the conventional frequency domain beamforming method along with OFDM frame-
work does not perform cancellation in the prefix region of a transmitted frame. Cyclic
prefix is essential for communication in a multi-path fading environment. With a cyclic
prefix of a sufficiently large length, a multi-path channel reduces to a parallel channel
thus reducing the complexity of the transceiver [35].

The scheme consists of two types of generators, primary and auxiliary. Primary
generators are the ones generating an independent stream of data and the distance be-
tween them and receivers should be large enough for large diversity, whereas auxiliary
generators are the ones which generate a self-interference cancellation waveform. The
spacing between auxiliary generators and receivers should be small to have a large
coupling.

Let there be nt generators and nr receivers. g(i)
k (t) is the complex impulse response

of the kth transmit beamforming waveform for the ith data stream at time instant t. Let
hl,k(t) be the complex baseband channel impulse response from the kth generator to
the lth receiver on the same radio. The condition to cancel the self-interference is

H(t) ∗ g(i)(t) = 0, (18)

where

H(t) =



h1,1(t) · · · h1,nt(t)

... . . . ...
hnr,1(t) · · · hnr,nt(t)


 ,

g(t) =



gi1(t)

...
gint

(t)


 .

The general solution of (18) is covered in [34] and is not being repeated here. Lab
experiments using a single transmitter and a receiver showed that cancellation in the
order of 47 to 50 dB was achievable over a bandwidth of 30 MHz using this technique.
The experiment was conducted using 2.4 GHz dipole antennas.

Even though cancellation takes place at the receiving antennas and all the beamform-
ing processing runs at the baseband, transmit beamforming cancellation is classified
under RF cancellation because of the theme of [34].

Conclusion

RF cancellation can provide a major chunk of cancellation needed for achieving a
viable FD solution, however care must be taken regarding the additional noise added
by this stage. In all of the above techniques, cancellation signal is added in the RF
domain and in most of them no amplification of the received signal is done. As it is
already known, that for any wireless receiver, noise level and gain of the first stage
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governs the SNR at the ADC input [36], so any additional noise added at this stage
will deteriorate the SNR a lot. Furthermore, care should be taken when setting the
gains of the amplifiers so that none of them get driven into saturation.

3.1.3. Digital Baseband Cancellation

Digital baseband cancellation refers to the cancellation of the self-interference signal in
the digital domain. Digital cancellation is a much studied field on its own and till now
not much emphasis has been given to it from the perspective of FD communication
as, it was always thought to be an independent pluggable entity . In [4], it was stated
that in a system with cascaded cancellation, irrespective of the amount of cancellation
achieved by the previous stages, digital cancellation will always give an additional
gain.

This claim was however rejected in [37]. It was concluded that selectively applying
digital cancellation based on cancellation achieved by the previous stages is more ben-
eficial as compared to blindly applying digital cancellation. This result seems logical
also because the higher the cancellation provided by the earlier stages, the lower will
be the power of the interference signal at the input of baseband which leads to a noisy
estimate for self-interference signal and thus can cause higher error in cancellation.

Successive Interference Cancellation

As the name suggests, successive interference cancellation (SIC) cancels the interfer-
ence successively. In multiuser communication, each user acts as a source of inter-
ference to the other. The basic idea behind SIC is to first decode the strongest user,
regenerate the interference signal caused by that user and cancel it from the original
received signal and then repeat the process with the next strongest user. Figure 14 [38]
shows the procedure for SIC.

In [38], a SIC scheme was developed for decoding binary phase shift keying (BPSK)
modulation in direct sequence code division multiple access system (DS/CDMA). De-
ployment of SIC for a cellular network differs immensely when compared with WLAN
implementation. Cellular networks are designed with centralized control along with
dedicated frequency bands, codes and time slots. In contrast, WLAN is much more
chaotic. In [39], a SIC implementation for WLAN was developed. It was shown that
SIC can reduce the packet loss rate during collision in WLAN from 14% to 8%. It was
also reported that by increasing the threshold for carrier sense along with SIC, effective
spatial reuse increases.

However, it has been observed that when two transmitters are sending data to a
common receiver, the power allocation scheme that maximizes physical layer capacity
i.e., sum rate capacity, in case of SIC, is a sub optimal allocation scheme from the
prospective of the mac layer capacity. Let there be two transmitters transmitting to a
common receiver at the same time, as shown in Figure 15. Assuming transmission of
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Figure 14. Successive interference cancellation flow diagram.

node 1 is decoded first and node 2 after a perfect cancellation, individual and sum-rate
will be given by,

R1 = log2

(
1 +

P1

P2 +N0

)
, (19)

R2 = log2

(
1 +

P2

N0

)
, (20)

RSR = log2

(
1 +

P1

N0 + P2

)
+ log2

(
1 +

P2

N0

)
. (21)

From (21) it can be derived that to maximize the sum-rate capacity, P1 and P2 have to
be the same, however with equal P1 and P2 in (19) and (20) R1 will be much lower
than R2. This disparity in rates creates a hole in time i.e., one node will take much
longer than the other to complete its transmission thus leading to a suboptimal mac
layer utilization [40].

TX 1

TX 2

RX

R1 R2

Figure 15. Two transmitters sending to one receiver leading to a collision.
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Extending the above example in case of the FD point-to-point communication, sec-
ond transmitter becomes the self-interference. In Figure 16, hi,1 and hd,1 represent the
interference and desired channel impulse response experienced by node N1 respec-
tively. Similarly, hi,2 and hd,2 represent the interference and desired channel impulse
response experienced by node N2. It can be seen from Figure 16, node N1 will first

N1

Tx

Rx

N2

Rx

Tx

R1, P1, hi,1

R1, P1, hd,1

R2, P2, hi,2

R2, P2, hd,2

Figure 16. SIC in case of FD point-to-point nodes.

cancel its own transmitted data from its reception and then it can decode the transmis-
sion of node N2. For node N1, rate equations are,

R1 = log2

(
1 +

P1 ‖hi,1‖
P2 ‖hd,2‖+N0

)
, (22)

R2 = log2

(
1 +

P2 ‖hd,2‖
N0

)
. (23)

Similarly for node N2, rate equations are,

R1 = log2

(
1 +

P1 ‖hd,1‖
N0

)
, (24)

R2 = log2

(
1 +

P2 ‖hi,2‖
P1 ‖hd,1‖+N0

)
. (25)

Comparing (22) with (24) and (23) with (25), values of P1 and P2 which satisfy the
above rates can be derived as,

P1 =
N0

(
‖hi,1‖
‖hd,1‖ − 1

)

‖hd,2‖
, (26)

P2 =
N0

(
‖hi,2‖
‖hd,2‖ − 1

)

‖hd,1‖
. (27)

Equations (26) and (27) specify the power constraints which should be met to get a
perfect SIC. One requirement to get these power values is complete channel state infor-
mation at both nodes. If the above conditions are not met, then complete cancellation
cannot be achieved and individual rates will be less than as specified in (23) and (24).

Analog Network Coding

Analog network coding (ANC) is a technique which exploits the interference of strate-
gically picked nodes to increase the network capacity. In a way, it is an extension of
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Figure 17. Network coding for a two node network.

digital network coding at the physical layer. In digital network coding a router receives
data from two nodes, XORs them and broadcasts it, whereas in ANC, a wireless chan-
nel adds up the two signals and the router just amplifies the collided signal and broad-
casts it. Individual nodes decode this signal by first removing their own copy from it.
To successfully reconstruct its own transmitted signal for cancellation, a node needs
to know the downlink channel between the router and itself. Since the router does not
decode the collided frame, it does not send any training sequence which helps nodes to
determine the downlink channel. Here, asynchronous transmission of the nodes comes
to the rescue. Since nodes are transmitting independently of each other, there is a good
chance that some initial and end part of the collided frame will be collision-free and
can be used for downlink channel estimation [41]. Figure 17 [41], illustrates the key
difference between analog and digital network coding.

In [41], a transceiver based on ANC was developed using a software radio. Concep-
tually, ANC is independent of the modulation technique used, practically, algorithm
implementation is heavily dependent on the modulation used. The transceiver devel-
oped used minimum shift keying (MSK) which is a continuous-phase and fixed am-
plitude modulation. Also noncoherent detection was employed which further eased
the complexity. Empirical results showed that ANC improved the throughput by 70%
when compared with the traditional IEEE 802.11 networks and 30% with digital net-
work coding. Also, the BER for collided frames reduced to 2-4%.

Just as in the case of SIC, ANC can be easily extended for utilization in FD net-
works. In point-to-point FD architecture, the router is eliminated and collision between
received data and transmitted data happens at the node’s receive antenna. Let us as-
sume node N1 starts the transmission. When N2 hears that, it uses the interference free
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reception of N1 signal for estimating the desired channel between N1 and N2. Simi-
larly, N1 receiver uses the collision-free self-interference signal to get an estimate of
the self-interference channel. After some delay, N2 starts transmitting, causing a colli-
sion at the receiver antennas of both N1 and N2. Since N2 receiver already knows the
desired channel, it cancels the desired signal to first get an estimate of self-interference
channel and after that uses it to cancel the self-interference and recover N1 signal. In
a similar fashion, N1 cancels self-interference first to get the desired signal.

Zigzag decoding

Zigzag decoding is a receiver design to combat the hidden node terminal problem in
the IEEE 802.11 network. It is an interference cancellation mechanism which exploits
two unique characteristics of the IEEE 802.11 network, namely:

• Retransmission of a packet until the sender receives an acknowledgement or a
time out occurs.

• A short random delay (∆) before the start of transmission of any IEEE 802.11
frame.

By virtue of these characteristics, even in the event of collision, a receiver does have
a small chunk of a frame which is collision-free and thus decipherable. It then removes
this decoded chunk from the second collision which yields another interference free
chunk and removes it from the first collision, which yields another interference free
chunk and thus this iterative cycle continues until two interference free frames are
recovered [42]. This procedure is illustrated in Figure 18 [42].

∆1
∆2

First collision
Second collision

1 3

2 4

1 3

2 4

P1

P2
P2

P1

Figure 18. Zigzag decoding.

Performance of zigzag decoding was evaluated using a testbed consisting of 14
GNU’s not unix (GNU) radios, where 10% of the sender-receiver pair were perfectly
hidden nodes, 10% were partially hidden and the rest were able to sense each other
completely. It was observed that loss rate in case of hidden or partially hidden nodes
went down to 0.7% from an initial 76%. In addition, average throughput, averaged
over all nodes, went up by 25%.

The problem with basic zigzag decoding is propagation of error i.e., if one chunk
is decoded incorrectly then that error will be propagated further down the line leading
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to erroneous frames. In [43], an improvement over zigzag decoding is defined which
utilizes channel coding and soft decoding. In the proposed algorithm, iterations be-
tween the channel decoder and the zigzag decoder were done, leading to an iterative
algorithm where the zigzag decoder produces soft outputs which were decoded by the
channel decoder to yield a soft estimate of the original packet. This soft estimate was
used for cancellation and again fed to the zigzag decoder to get a soft estimate for
next chunk. Simulations showed that the proposed iterative zigzag decoding with 3
iterations, achieved 2 dB of gain in BER over conventional zigzag decoding.

A minimum of two copies of the same collision data are needed for zigzag decoding
to work, therefore, for utilizing zigzag decoding in point-to-point FD nodes, the same
data has to be sent explicitly at least twice. This restriction effectively makes zigzag
decoding worthless for FD nodes in terms of capacity gains. However, mac layer gains
like combating hidden node problem, are still applicable.

Conclusion

SIC and ANC are rather different techniques when analyzed on their own. In the HD
case, their use cases differ significantly where, SIC is being used to recover lost packets
and ANC is being used to increase throughput. However in the FD case, it does not
seems like there is any distinction between these two. Their use case seem the same,
the only difference might be in the implementation.

Digital baseband cancellation is the last line of defense against self-interference, al-
though viability of the digital cancellation depends on the effectiveness of the previous
cancellation stages. As proven in the previous work, selectively using a digital cancel-
lation stage might provide better overall system performance as compared to an always
on configuration. It can also be concluded that studying digital cancellation in conjunc-
tion with previous cancellation stages will yield better results instead of treating it as a
stand alone cancellation mechanism.

3.2. Existing Implementation

3.2.1. Stanford University Implementation

The first FD transceiver implementation at Stanford university was based on three
antenna cancellation in conjunction with QHx220 for RF cancellation, as shown in
Figure 19. For digital cancellation, a simple coherent detection based scheme was
used. As the self-interference symbol is already known, decoding is not needed for
the transmitted symbol. A coherent detector correlates the incoming signal with the
transmitter output. When the correlation peaks, delay and phase needed for canceling
the self-interference signal is calculated and is used for generating a copy of the self-
interference signal which is then used for cancellation. The novelty of this technique
lies in the fact that it does not require any preamble and it is modulation indepen-
dent. The cancellation performance of the digital cancellation stage was found to be
about 10 dB. Choi et al. believed that the jitter between the receiver and transmitter
clocks is the cause of such low performance, which is plausible because the receiver
and transmitter use different phase locked loop (PLL) [4]. The transceiver was built
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using 802.15.4 radios and operated at 2.4 GHz band. The transceiver was able to can-
cel about 80 dB of self-interference and was able to provide an 84% increase in the
median physical layer throughput compared to a HD system.

QHx220 basedRF

cancellation
ADC

Correlationbased

digital cancellation
Rx signal

Three antenna based

cancellation

Figure 19. Stanford university first transceiver architecture.

The second implementation utilizes active balun cancellation for RF cancellation.
Active balun cancellation is a step forward from balun cancellation, which is described
in Section 3.1.2. Here QHx220 is used along with a gradient decent algorithm to au-
tomatically tune the attenuation and delay needed for maximum cancellation. Instead
of using correlation based digital cancellation, it is done based on a simple additive
model defined in (28). The channel estimate is based on the least squares algorithm.
An initial preamble is used for getting the channel estimate. Digital cancellation is im-
plemented in a field programmable gate array (FPGA) using a finite impulse response
(FIR) filter. Digital cancellation procedure is mathematically represented as,

Y [n] =
N−1∑

k=0

hd[k]Xd[n− k] +
N−1∑

k=0

hi[k]Xi[n− k] + w[n], (28)

Ŷ [n] =
N−1∑

k=0

hd[k]Xd[n− k] +
N−1∑

k=0

(hi[k]− ĥi[k])Xi[n− k] + w[n]. (29)

Here Y [n] is the original signal received at the nth time slot, Ŷ is the signal after digital
cancellation, hd is the channel for desired signal, hi is the channel for interference
signal, ĥi is the least square estimate of the interference channel, Xd is the desired data
symbol, Xi is the self-interference data symbol and w is AWGN. N is the number of
sub-carriers [24]. Figure 20 [24], shows the overall block diagram of the second FD
transceiver developed at Stanford. This transceiver was able to cancel up-to 73 dB of
10 MHZ wide OFDM self-interference signal. It was also reported that there was a
110% increase in the downlink throughput and 15% increase in the uplink throughput
as compared to a HD transceiver.

3.2.2. Rice University Implementation

Rice university implementation utilizes the antenna separation as the first stage of iso-
lation. For analog cancellation, they used active analog cancellation. The procedure for
digital cancellation is almost similar to the Stanford university implementation. As in
the active analog cancellation, in digital cancellation, cancellation is done for each sub-
carrier. For estimating the interference channel, which also includes the wired channel,
separate training symbols are added in the preamble. The transceiver was implemented
using wireless open access research platform (WARP) [31, 32]. Figure 21 [31], shows
the per sub-carrier processing for the FD transceiver. In Figure 21 [31], K̂DC,i[f ] and
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Figure 20. Stanford university second transceiver architecture.

K̂AC,i[f ] represent the digital cancellation and analog cancellation coefficients for each
sub-carrier respectively. Self-interference cancellation of about 81 dB for the 10 MHz
OFDM transceiver and close to 85 dB for the 20 MHz transceiver was reported. A
70% increase in throughput was also claimed.
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Figure 21. Rice university transceiver architecture.

An asynchronous MAC layer, useful for FD systems is also defined [44]. Regard-
less of the number of symbols used in the training sequence for the self-interference
channel, self-interference cancellation is still limited as stated in [44].
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4. CHANNEL MODELING

Although considerable research has been done on self-interference cancellation mech-
anisms, less attention has been paid on the self-interference channel itself. One goal of
this thesis is to study the self-interference channel and to derive a model which can be
used for base-band simulations. This chapter is divided into three sections. Section 4.1
provides an overview of the channel sounding techniques, Section 4.2 describes vari-
ous parameters of a channel model and Section 4.3 specifies the measurement plan.

4.1. Channel Sounding

Channel sounding is the process of sending a known signal into the channel and de-
riving the channel impulse response h(t, τ), either directly or indirectly. Channel
sounding techniques currently listed in literature can be grouped into two broad cate-
gories [45]:

• narrow-band sounding,

• wide-band sounding.

These techniques are discussed in the following subsections.

4.1.1. Narrow-band Sounding

In narrow-band sounding, an unmodulated pure tone is used to sound the channel and
the tone frequency is varied over the desired band. Frequency of the tone can be either
varied in discrete steps or can be done in a continuous manner, i.e., channel can be
sounded with any of the following [46]:

• frequency-sweep stimulus,

• frequency-stepping stimulus.

In frequency-sweep or chirp techniques [47], frequency of the tone is swept in a con-
tinuous fashion. This method is faster as compared to the frequency-stepping method.

As the name suggests, in the frequency-stepping method, frequency of the tone is
varied in discrete steps. The desired frequency band is divided into a predefined num-
ber of points and the tone frequency is sequentially varied over those points. Vector
network analyzers (VNA), like the Agilent 8720 ES, uses this technique to estimate the
channel [48]. For measuring the channel, both the transmitting and receiving anten-
nas are connected to the same VNA. It might be possible to connect the receiving and
transmitting antennas to two separate VNAs but the feasibility of using separate VNAs
depends upon the available features of the VNA model. Special care must be taken
regarding the RF cables used to connect the antennas with the VNA. The cables should
be phase stable over the entire measurement band. Depending upon the quality of syn-
thesizers used in the VNA, time needed to cover the whole bandwidth will vary. Since
in frequency-stepping method, the source and receiver are tuned and phase-locked to
each frequency point, it provides better frequency accuracy [46].
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Due to the delay in measuring the whole band, tone based techniques cannot be
used for channels with a smaller coherence time τc as compared to the measurement
delay. Another practical difficulty in using the VNA or any other sounder is the need of
calibration. Calibration must be done before the measurements. Calibration is needed
for removing the affect of RF cables, connectors, power amplifiers, aging components
and other parameters which cause known measurable errors.

The frequency response measured is converted to the time-domain using inverse
fourier transform. The achievable time-domain resolution depends only upon the over-
all bandwidth over which measurements were done and any frequency-domain window
function applied. Upper bound on the detectable delay is governed by the overall band-
width and number of frequency points. Let BV be the overall bandwidth and NV be the
number of points, then time-domain resolution τmin and maximum observable delay
τmax are given by,

τmin =
1

BV
, (30)

τmax =
NV − 1

BV
. (31)

4.1.2. Wide-band Sounding

In wide-band sounding mechanisms, a train of modulated short duration pulses is used
to measure the channel. Currently known wide-band sounding techniques are [47]:

• periodic pulse sounding method,

• pulse compression technique,

• convolution matched-filter technique,

• swept time-delay correlation method.

In periodic pulse sounding scheme, a short, high power pulse is sent on the channel, the
received signal represents the convolution of the channel with the pulse. To measure
the time variation of the channel, a pulse is sent periodically. Care must be taken
regarding the repetition interval of the pulse. The repetition interval should be short
enough to measure all the time variations in the channel, at the same time it should be
long enough to ensure that all the multi-path components have died out before a new
pulse is sent. One disadvantage of this technique is the high peak-to-average power
ratio which requires costly power amplifiers [47].

An improvement over the periodic pulse sounding scheme is the pulse compression
scheme. The pulse compression schemes depend on the fact that if a sample of a white
noise signal, w(t) is transmitted over the channel then the cross-correlation coefficient
of the received sample is proportional to the channel impulse response. Let h(t) be the
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channel impulse response, r(t) be the received signal from the channel after exciting
the channel with a white noise signal w(t) whose power density is N0, then,

r(t) =

∫
h(ζ)w(t− ζ) dζ, (32)

E [r(t) ∗ w(t− τ)] = E
[∫

h(ζ)w(t− ζ) ∗ w(t− τ) dζ

]
, (33)

=

∫
h(ζ)N0δ(τ − ζ) dζ, (34)

= h(τ)N0. (35)

In practice, instead of a white noise sequence, a pseudo-random noise (PN) sequence
is used as it can be generated easily using linear feedback shift registers.

In convolution matched filter technique, pulse compression is achieved by using
a matched filter which is matched to the sounding waveform [49]. Bawja used the
surface acoustic wave (SAW) filter to implement this channel sounder. The biggest
advantage of using a matched filter is the gain in the SNR however, the dynamic range
of the sounder developed by Bawja was limited because of the SAW devices [45].

In swept time-delay method instead of convolution, correlation is used. A BPSK
modulated PN sequence of a fixed frequency f0 is sent on the channel and the received
signal is correlated with a replica of the original signal but which has a frequency of
f0(1− 1/K). This corresponds to a time scaling factor of f0

K
, which effectively means

that f0
K

individual responses are contained within each delay profile. The number of
impulse responses recorded in a second also depends upon the length of the PN se-
quence, NPN. There is a trade-off between the dynamic range and sounding frequency.
The dynamic range improves as NPN

K
increases, thus reducing the sounding rate and

hence limiting the measurable Doppler spread [45].

4.2. Equivalent Channel Model

There are three major components which govern the received signal power in wireless
networks. They are path loss, large-scale fading, and small-scale fading.

4.2.1. Path Loss Modeling

The path loss between a transmitter and receiver is defined as the ratio of transmit-
ted power to the received power. It is treated as a deterministic quantity and depends
on the link distance, antenna heights and environment. As the path loss is directly
correlated with the geographical features, it is intuitive to have different path loss
models for say macrocell or microcells. Some well known models for path loss are
Okumura-Hata model, Cost 231-Hata model, Lee model, Dual slope model, Lee mi-
crocell model and International telecommunication union radiocommunication sector
(ITU-R) P.1411 street canyon model [50].
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4.2.2. Large-scale Fading

Large-scale fading or shadowing is the variation in the received signal power around
the nominal value, as governed by the path loss model, due to the movement of the re-
ceiver or transmitter or both over large areas. Shadowing occurs due to the obstruction
in the signal path by objects with very large dimensions like a hill, a tree, a building
and the likes. It is modeled as a statistical parameter turning the whole path loss into a
random variable. Shadowing governs the reliability of the wireless link [51].

In a macrocell, shadowing is generally modeled as a zero mean Gaussian variable
with a standard deviation of σL, where σL is known as location variability [50]. This
introduces a shadowing margin, Ls, in the path link budget, whose probability density
function is given by,

p(Ls) =
1

σL
√

2π
exp

[
− L2

s

2σ2
L

]
. (36)

4.2.3. Small-scale Fading

Small-scale fading presents itself as a large variation in the received signal strength
with a distance variation in the order of few λ. It can lead to time dispersion or
frequency dispersion or both of them, depending upon the transmitted signal char-
acteristics. Based on time dispersion, small-scale fading is classified as flat fading or
frequency selective fading and based on frequency dispersion, it is classified as fast
fading or slow fading [51]. Figure 22 [51] illustrates this classification. Small-scale
fading turns the SNR of the received signal into a random variable. Some of the well
known probability distribution functions used for modeling the amplitude of the chan-
nel in small-scale fading are Nakagami-m distribution, Rayleigh distribution and Rice
distribution [52].
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Figure 22. Small-scale fading classification.

Fast fading happens when the coherence time of the channel is relatively smaller
than the symbol period i.e. τc is smaller as compared to Td. On the other hand, fading
process is classified as slow fading when τc is greater than Td. In other words, τc is a
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measure of the expected time duration over which channel is invariant. The easiest way
to mitigate the distortion effects of fast fading is to increase the data transmission rate.
The loss in SNR caused by fast fading can be compensated by employing diversity
over time, frequency, space or polarization [51].

Flat fading, also known as narrow-band fading, applies whenB is small as compared
to the coherence bandwidth of the channelBc. This implies that the fading process will
have an equal impact on all the frequency components of the signal [51].

Similarly, a wide-band fading process or frequency-selective fading is the one which
affects different frequency components of the signal in a different manner i.e., Bc is
smaller than B. In the time-domain, frequency-selective fading translates to a multi-
path environment, where the delay spread of the transmitted pulse is comparable to the
pulse duration [51].

A time varying channel with wide-band fading can be modeled as a linear filter
with time varying tap coefficients [50], where the number of taps represent separable
multi-paths and the individual tap coefficients model the narrow-band fading process
of each path. Let there be Nm multi-paths and delay of each path is denoted by τn. The
time-varying tap gain of each tap is denoted by hn(t). Input to the filter is denoted by
u(t) and the output by y(t). Output of the equivalent model can be represented by the
following equation,

y(t) =
Nm∑

n=1

hn(t)u(t− τn). (37)

Figure 23 [50] shows the equivalent channel model.
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Figure 23. Equivalent channel model.

4.2.4. Power Delay Profile

Power delay profile (PDP) is the distribution of power through a channel as a function
of time delay. A direct way to measure the PDP is using a technique called time-
domain reflectometry (TDR). In TDR, a short pulse is transmitted and the response
is measured using a high bandwidth oscilloscope. The spatial resolution of TDR is
proportional to the step rise time of the pulse, which in turn, is inversely proportional to
the bandwidth of the pulse. Thus, to achieve a spatial resolution of tens of centimeters
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an oscilloscope with a bandwidth of tens of gigahertz will be needed. Besides the high
cost, another drawback of such a high bandwidth oscilloscope is the poor SNR [53].

Another way to calculate the PDP is by channel measurements in frequency-domain
and converting them back to time-domain. Both narrow-band and wide-band sounding
mechanisms as described in Section 4.1, can be used. The spatial resolution depends
on the bandwidth of the sounding signal and by using super-heterodyne receiver ar-
chitecture it is very easy to manufacture high bandwidth equipment with high SNR.
Figure 24 shows a PDP calculated using the narrow-band sounding technique. In Fig-
ure 24, the power values at negative time are used to calculate the noise floor of the
device.
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Figure 24. Power delay profile.

A PDP can be characterized by the following parameters [50]:

• excess delay,

• total excess delay,

• mean delay,

• root mean square (RMS) delay.

The excess delay is the delay of a path relative to the line of sight (LOS) component
delay. Total excess delay is the delay between the last significant path and the LOS
path. The mean delay, τ0, represents the first moment of the PDP. Mathematically, it is
represented by the following equation

τ0 =

i=Nn∑
i=1

Piτi

i=Nn∑
i=1

Pi

, (38)
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where Pi is the power of the ith path and τi is the relative delay of the same. RMS
delay, τRMS, is the second moment of the PDP. It is given by the equation

τRMS =

√√√√√√√

i=Nn∑
i=1

Piτ 2
i

i=Nn∑
i=1

Pi

− τ 2
0 . (39)

RMS delay is independent of actual path delays and is defined only by the relative
delays, thus, making it a good indicator of system delay spread. It is also related to
the coherence bandwidth of the channel. Assuming Bc is defined as a band over which
frequency transfer function of the channel has a correlation factor of 0.9, Bc is given
as [51]

Bc ≈
1

50τRMS
. (40)

4.3. Measurement Plan

4.3.1. Objective

One of the main goals of this thesis is to get a better understanding of the self-
interference channel in a FD device and to find a model which can be used for baseband
simulations. Intuitively thinking, the self-interference channel can be assumed to be a
time-invariant channel whose characteristics depend only on the relative positioning of
the antennas. The time-invariant nature can be justified by the physical characteristics
of the self-interference channel which eliminates the possibility of any relative motion
between the transmit and receive antenna.

The self-interference channel between two antennas was investigated. The channel
was assumed to be time-invariant and a plan was designed to measure the multi-path
components of the channel. It was decided to carry out the measurements using a
narrow-band sounding technique because of the following reasons:

• A spatial resolution of 5 cm was required as it was assumed that there can be
dominant multiple reflections from the device structure. To achieve a spatial
resolution of this scale, bandwidth of the sounding signal was calculated to be
6 GHz. Such high bandwidth measurement can be easily done using a VNA.

• The proximity of the two antennas made it possible to connect them to the same
measuring equipment and thus removing the need of any transmitter to receiver
synchronization.

• There was no requirement to measure Doppler spread as the channel was as-
sumed to be static.

• Attenuation of the self-interference signal is only due to FSPL, thus requiring a
receiver with very high dynamic range.

Based on the channel measurement exercise, one could:
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• Assess the average isolation for a fixed separation distance.

• Assess the effect of polarization on isolation.

• Assess the effect of structure of the location on the self-interference channel.

• Observe the multiple paths in the self-interference channel.

• Evaluate τRMS and Bc for the self-interference channel.

4.3.2. Setup

The setup consisted of the following equipment:

• Agilent VNA 8720 ES [54].

• SkyCross SMT-3TO10M-A ultra wide-band (UWB) antennas [55]. This partic-
ular antenna was chosen because of its compact size and ultra wide-band char-
acteristics.

• High frequency phase stable RF cables.

• A broken laptop which was used as a frame.

VNA Settings

The configuration parameters of the VNA are shown in Table 1.

Table 1. VNA parameters
Parameter Value
Frequency band 3 to 10 Ghz
Bandwidth (BV) 7 Ghz
Number of points over the band (NV) 1601
Sweep time 800 milli-seconds
Transmitted power 5 dBm
Time domain mode Band pass impulse mode
Time sweep −1 ns to 100 ns
Window Normal

Before taking any measurements, the VNA was calibrated using vector-error cor-
rection. Full two-port calibration was done as defined in the service manual of the
VNA [56, 48]. The L bend used in different setups to change antenna orientation, was
not included in the calibration procedure. The VNA was connected to a laptop which
collected all the measurement data, via a general purpose interface bus (GPIB). A Lab-
view application was running on the laptop to automate the data collection. For each
measurement configuration, 100 sweeps were collected because the standard deviation
of data was found to be constant with increasing number of sweeps, which were then
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processed in matlab. The two port network consisting of antennas and self-interference
channel was assumed to be reciprocal. S21 parameter was collected for each configu-
ration.

Antenna Configurations

The antenna used for the measurement was a linearly polarized antenna with a max-
imum gain of 4.4 dBi at 4.5 GHz. The spatial arrangement of antennas under which
measurements were taken is explained below:

Setup I : Both antennas axis were symmetrically aligned as shown in Figure 25.

(a) Relative antenna positions.
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Figure 25. Symmetrically aligned antennas.

Setup II : One antenna was rotated 90◦ along Y axis in anti-clockwise direction as shown
in Figure 26.

(a) Relative antenna positions.
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Figure 26. Spatial arrangement of antennas with XY and YZ planes orthogonal.
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Setup III : The first antenna was rotated 90◦ along Y axis in clockwise direction. The sec-
ond antenna was rotated 90◦ along Y axis in anti-clockwise direction followed
by a 90◦ rotation along the original X axis as shown in Figure 27.

(a) Relative antenna positions.
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Figure 27. Spatial arrangement of antennas with YZ and XZ planes orthogonal.

Setup IV : One antenna was rotated 90◦ along Y axis in anti-clockwise direction followed
by a 90◦ rotation along the original X axis as shown in Figure 28.

(a) Relative antenna positions.
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Figure 28. Spatial arrangement of antennas with all three planes orthogonal to each
other.
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Locations

Measurements were taken at the following locations:

• Inside an anechoic chamber with the following dimensions 11.5 m × 6.5 m ×
6.5 m. The base unit was placed on top of the absorbers and was surrounded by
the absorbers from all directions.

• Inside the same anechoic chamber however the base unit was placed on a wooden
table.

• Inside a lab with the following dimensions 5.5 m× 6.5 m× 4 m. The base unit
was placed on top of a metal trolley, in the center of the lab. The antennas were
facing an empty corridor. No movement was allowed inside the lab.

• Inside the same lab at the same location however, the antennas were facing a
metal wall. The distance between the antennas and the metal wall was fixed to
0.3 m. No movement was allowed inside the lab.

• Inside the same lab at the same location however, the antennas were facing an
adult male. The distance between them was fixed to 0.3 m.

4.3.3. Calculations

The PDP was calculated using the S21 parameter. The measured S21 parameter from
the VNA is a vector of complex voltage level of length NV. To convert it to PDP,
inverse fast fourier transform (F−1) of the data was taken. Let us assume S21(f) is
a vector of S21 parameter measured at individual frequencies and S21(t) is the time
domain version of S21(f) i.e.,

PDP = 20 log10 |S21(t)| , (41)

S21(t) =




S21(t0)
...

S21(tNV−1)


 , (42)

S21(f) =




S21(f0)
...

S21(fNV−1)


 , (43)

S21(tn) = F−1(S21(f)) n = 0, . . . , NV − 1, (44)

F−1(S21(f)) =
1

NV

NV−1∑

k=0

S21(fk) exp 2iπnk/NV. (45)

Isolation was calculated using the time domain version of S21(f). Mathematically
it is defined as

Isolation = 10 log10

(
S21(t)

HS21(t)
)
, (46)
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where (·)H operation represents the hermitian of the vector. τRMS was calculated us-
ing (39). The values of Pi and τi were taken from PDP, in linear scale. A noise floor
was set at −90 dBm and all the power values below the fixed noise floor were not
considered in the calculation. Bc was calculated using (40).
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5. SYSTEM DESIGN

This chapter deals with the second aim of this thesis i.e., defining a cancellation mech-
anism for self-interference cancellation. An analog baseband cancellation mechanism
was developed and its performance was studied using Matlab simulations [57]. Sec-
tion 5.1 introduces the new cancellation mechanism developed and Section 5.2 de-
scribes the simulation model.

5.1. Analog Baseband Cancellation

As discussed in Section 2.2, two major challenges in implementing a FD transceiver
are self-jamming and limited dynamic range of an ADC. To deal with the self-jamming
problem, self-interference signal has to be canceled before it drives the amplifiers in
the receiver chain to saturation. The first amplifier encountered by the received signal
is the LNA. The input 1 dB compression point of a typical LNA is−13 dBm [58]. This
data implies that the LNA will behave linearly as long as the input signal has a power
less than −13 dBm. In a typical WLAN application, the transmitted power is about
20 dBm, so the minimum amount of cancellation required from an antenna cancellation
stage is 33 dB. Failure to do so will result in a non linear self-interference channel
model. As discussed in Section 3.1.1, it is possible to satisfy the above mentioned
requirement. It should be noted that adding any component before the LNA will have
a more pronounced impact on the overall noise figure of the receiver, however a FD
transceiver is going to be self-interference limited and receiver sensitivity is not going
to be the most important aspect.

It is a more cost effective approach to achieve the maximum possible cancellation
before the ADC instead of using a higher dynamic range ADC and removing the self-
interference in the digital domain. In addition, a variety of high performance digital
estimation techniques exist in the literature, so it is a sensible option to do the cancel-
lation in analog domain where cancellation signal is driven by the digital stage. This
motivates the design of analog baseband cancellation.

5.1.1. Architecture

Analog baseband cancellation refers to the cancellation done just before the ADC.
Figure 29 [57] illustrates the placement of the new analog baseband cancellation block.
The motivation to place the canceler after the mixer was to have the least impact on
the noise figure of the overall receiver.

Using the self-interference channel estimate and the exact transmitted digital base-
band symbol, an analog version of the baseband symbol is generated and is canceled
from the received analog baseband symbol. Generation of the self-interference sym-
bol can be done using a digital filter as shown in Figure 30 [57]. The digital filter is
used to generate the convolution of the self-interference channel and the transmitted
digital symbol. These convoluted samples are then fed to a DAC to construct a self-
interference signal. The "−" operation in Figure 30 [57] can be performed using a
differential amplifier. After the cancellation, the power of the residual signal will be of
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Figure 30. Analog baseband cancellation model with DAC.

the order of the desired received signal, thus to utilize the complete dynamic range of
the ADC an additional amplifier is needed.

If the self-interference channel is assumed to be a scalar channel, the convolution
operation reduces to multiplication which can be done using an amplifier. This less
complex approach is shown in Figure 31 [57]. This approach also requires an extra
amplifier to utilize the complete dynamic range of ADC. This design can still be used
for multi-path self-interference channel. The VGA can be used to cancel the dominant
path of the self-interference and later, a digital cancellation scheme can be used to
remove the rest of the paths.

5.1.2. System Model

For the analog baseband cancellation system, an additive self-interference model is
assumed. Let Xi(t) and Xd(t) be the self-interference and desired signal respectively.
In terms of baseband symbols, Xi(t) and Xd(t) are defined as

Xi(t) =
+∞∑

k=−∞
Xi[k]δ[t− kTs], (47)

Xd(t) =
+∞∑

k=−∞
Xd[k]δ[t− kTs], (48)
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Figure 31. Analog baseband cancellation model with VGA.

where Ts is the sampling time and Nyquist sampling is assumed. Here, [ ] are used to
enclose the time variable for discrete-time functions and ( ) are used to enclose time
variables for continuous-time functions. Furthermore, δ[] represents the unit impulse
function and δ() represents the dirac delta function. For mathematical simplicity, a
square pulse is assumed for the baseband symbols instead of the normal raised cosine
pulse. Let hi(t) and hd(t) be the normalized self-interference and desired channel, Pi

and Pd be the power of self-interference and desired channel and Nm be the maximum
of the multi-paths in either of these channels. Using a simple additive model, shown
in Figure 32, input to a receiver can be written as

Y (t) =
√
Pi (hi(t) ∗Xi(t)) +

√
Pd (hd(t) ∗Xd(t)) + w(t), (49)

Y (t) =
√
Pi




+∞∫

−∞

hi(τ)
+∞∑

k=−∞
Xi[k]δ[t− kTs − τ ] dτ


+

√
Pd




+∞∫

−∞

hd(τ)
+∞∑

k=−∞
Xd[k]δ[t− kTs − τ ] dτ


+ w(t), (50)

Y (t) =
√
Pi




+∞∑

k=−∞
Xi[k]

+∞∫

−∞

hi(τ)δ[t− kTs − τ ] dτ


+

√
Pd




+∞∑

k=−∞
Xd[k]

+∞∫

−∞

hd(τ)δ[t− kTs − τ ] dτ


+ w(t), (51)

Y (t) =
√
Pi

+∞∑

k=−∞
Xi[k]hi[t− kTs] +

√
Pd

+∞∑

k=−∞
Xi[k]hi[t− kTs] + w(t). (52)

Sampled version of Y (t) can be written as

Y [nTs] =
+∞∑

n=−∞

∫
Y (t)δ(t− nTs) dt. (53)
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Using (53) and (52)

Y [nTs] =
√
Pi

+∞∑

n=−∞

+∞∑

k=−∞
Xi[k]hi[nTs − kTs]+

√
Pd

+∞∑

n=−∞

+∞∑

k=−∞
Xd[k]hd[nTs − kTs] + w[nTs]. (54)

As both hi and hd are finite length channels with lengthNm, so for each n, (54) reduces
to,

Y [nTs] =
√
Pi

Nm−1∑

k=0

Xi[k]hi[(n− k)Ts]+

√
Pd

Nm−1∑

k=0

Xd[k]hd[(n− k)Ts] + w[nTs]. (55)

By dropping the Ts from (55), it reduces to

Y [n] =
√
Pi

Nm−1∑

k=0

Xi[k]hi[n− k] +
√
Pd

Nm−1∑

k=0

Xd[k]hd[n− k] + w[n]. (56)

Assuming both self-interference and desired channels are a single path channels, (56)
further simplifies to

Y [n] =
√
PiXi[n]hi +

√
PdXd[n]hd + w[n]. (57)

From the similarity between (52) and (56), it can be deduced that same operation at
symbol rate can be applied to analog symbols which is applied to baseband symbols
at sampling rate. It is assumed here that rectangular pulses are used, for other pulse
shapes sampling rate needs to be higher.

Considering the analog cancellation model shown in Figure 30 and assuming the
gain of VGA1 will normalize the interfering signal i.e.,

G1 =
1√
Pi
. (58)
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Figure 33 shows the signals after each component. These can be written as,

a[n] =
Nm−1∑

k=0

Xi[k]hi[n− k], (59)

b(t) = a[n], (60)
c(t) = G1Y (t), (61)
d(t) = b(t)− c(t), (62)
e(t) = G2d(t), (63)
r[n] = e(t) + qADC, (64)

where qADC represent the quantization noise caused by the ADC. Assuming a uniform
distribution for the quantization noise, it has a mean value of zero and its RMS value
is given by ∆i√

12
, where ∆i is defined as 1

2N
, Ni being the number of bits. Again, for

simplicity here it is assumed that amplifiers have a frequency flat transfer functions
because of which only gain is considered in the above defined equations. Combin-
ing (59)–(64), the received signal after cancellation can be represented as,

r[n] = G1G2

√
Pi

Nm−1∑

k=0

Xi[k](hi[n− k]− ĥi[n− k]) +G1G2

√
Pd

Nm−1∑

k=0

Xd[k]hd[n− k]+

G1G2w[n] + qADC. (65)

From (65), signal-to-interference-plus-noise ratio (SINR) of the signal can be calcu-
lated as

SINR =
G2

1G
2
2Pd

G2
1G

2
2Piδ2 +

G2
1G

2
2N0

2
+ ∆ADC

12

, (66)

where

δ2 = E

{
(
Nm−1∑

k=0

Xi[k](hi[n− k]− ĥi[n− k]))(
Nm−1∑

k=0

Xi[k](hi[n− k]− ĥi[n− k]))∗
}
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is the mean square error in the estimation of the self-interference channel. Using (58),
(66) can be rewritten as

SINR =
Pd

Pi


 1

δ2 +
G2

1N0

2
+ 1

G2
2

∆ADC
12


 . (67)

From (67), it can be seen that the SINR of the canceled signal is directly proportional
to the received signal power and inversely proportional to the sum of error in self-
interference channel estimation and thermal noise power. As the noise caused by the
quantization error is getting divided by the gain of second VGA but on the other hand
thermal noise is getting multiplied by the gain of first amplifier, it is beneficial for the
system SINR to select a high gain value for second amplifier and low for first amplifier.

Using the concept of analog baseband cancellation, an OFDM based FD transceiver
was also defined. Figure 34 shows the block diagram of the same. The self-interference
is canceled in time domain using the time domain estimate of the self-interference
channel.

Data
Modulate

(16,64 QAM)
S/PIFFTP/SDACUpconvertAmplify

RF cancellation

LNA Downconvert VGA 1 VGA 2 ADC FFTS/P
Remove

Cyclic Prefix

Analog Baseband
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Interference Channel
Estimation

− P/S

Desired Channel
Estimation

TxRx

VGA Tuning

VGA Tuning

Demodulate
(Matched filtering) Data

Add
Cyclic Prefix

IFFT

Figure 34. OFDM based transceiver with analog baseband cancellation.

5.2. Simulation Model

An OFDM based transceiver was simulated using Matlab. Boxed region in Figure 34
shows the blocks used in the simulations. An AWGN channel was considered between
the transmitter and receiver. Table 2 shows the important parameters which were kept
constant.
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Table 2. Simulation parameters
Parameter Value

Transmitted effective isotropic
radiated power (EIRP)

20 dBm

RF cancellation 40 dB
Self-interference power −20 dBm
Thermal noise power −81.68 dBm

ADC full scale measurement range ±0.5 V
DAV full scale measurement range ±0.5 V

Data modulation scheme 16 and 64 quadrature amplitude
modulation (QAM)

Bandwidth 20 MHz
FFT size 64

Number of sub-carriers (N ) 64
Symbol data time 3.2µs
Cyclic prefix time 0.8µs
Data frame length 100 symbols

Assuming the transceiver to be at a temperature of 290 K and the receiver band-
width of 20 MHz, thermal noise at the input of the receiver chain was calculated to be
−101 dBm using

P = kBTB, (68)

where kB is the Boltzmann constant, T is the temperature in Kelvin and B is the band-
width of the receiver [36]. Considering a LNA with 17 dB gain with a noise figure of
2 dB [58] and a mixer with a noise figure of 8 dB [59], thermal noise at the analog
baseband input is −81.68 dBm. The noise figure at the input of analog baseband was
calculated using Friis’s formula for total noise factor of a cascade of stages [36]. Thus,
the total input noise power was just the sum of the input thermal noise, noise figure
and the gain provided by any amplification stage.

At the start of every frame, training symbols were sent for performing the chan-
nel estimation for both self-interference and desired channel. Training intervals were
kept exclusive i.e., interference free. Both transmitter and receiver were assumed to be
completely synchronized in both time and frequency. Figure 35 shows the frame for-
mat used in simulations. A very trivial mechanism involving QPSK modulated pilots
was used for the channel estimation. Instead of using a training sequence with zero
autocorrelation at all time delays except at zero delay, a fixed symbol was sent over
the entire training period. The least square method was used for channel estimation.
Mathematically it is represented as

ĥ =

NT−1∑
k=0

Yk

NT−1∑
k=0

dk

, (69)

where Yk is the received data, dk is the known training symbol and NT is the length of
the training sequence. This procedure was used for every sub-carrier. The computed
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estimate is in frequency domain and is converted to time domain using inverse fourier
transfer.

Self-interference channel training sequence

length Ti

Silence

length Td

Self-interference data

length 100 symbols

Desired data

length 100 symbols

Silence

length Ti

Self-interference channel training sequence

length Td

Figure 35. Frame format for simulations.

It is possible to drastically reduce the amount of training data i.e., by not using
every sub-carrier for training and not sending training symbols before every frame.
However, this trivial training design was chosen for simplicity. Also, the main focus
of the simulations was to study the performance of analog baseband cancellation.

The training interval was also used to tune the gain of the amplifiers VGA 1 and
VGA 2, as shown in Figure 34. The self-interference training sequence was used to
tune VGA 1. It was tuned in a way so that the expected power output after the VGA 1
was equal to the power input of the ADC. VGA2 gain was set to unity during the self-
interference training sequence. Similarly, VGA 2 was tuned when the desired channel
training sequence was transmitted. Again, the gain of VGA 1 was set to unity and the
gain of VGA 2 was tuned so that the expected output power after VGA 2 was equal to
the input power of the ADC. During data transmission, gains of both VGA 1 and VGA
2 were set to a scaled value as derived during the training phase. The scaling factor
was kept the same for both the VGAs and was used to minimize the clipping at the
ADC. The value of the scaling factor was found empirically.

A simple quantization routine with upper and lower bound was used for the ADC.
As the gains achieved by oversampling or using better performing components like
sigma-delta ADC can be represented in terms of SNR, it is reasonable to use a simple
implementation for simulations. Mathematically, the quantization operation can be
represented as

Vq =

{
sgn{Vi}Vmax if |Vi| ≥ Vmax
ViVmax
2NADC−1

|Vi| < Vmax
(70)

where, Vq is the quantized voltage, Vi is the input voltage and Vmax represents the
maximum voltage swing of the ADC. A similar approach was used for the DAC im-
plementation.



56

6. RESULTS

This chapter discusses the channel measurement and simulation results. Section 6.1
specifies in detail the channel measurement results. PDP and detailed power distribu-
tion along time for all configurations and setups are illustrated in Appendix 1 and 2,
respectively. Performance of analog baseband cancellation mechanism for 16 QAM
modulation scheme is discussed in Section 6.2. Similar results for 64 QAM modula-
tion scheme are listed in Appendix 3.

6.1. Channel Measurement Results

6.1.1. Average Isolation

Table 3 illustrates the average amount of isolation, in decibels, between the receiver
and transmitter antenna. As can be seen from the last column of Table 3, antenna
orientation in setup four provides the maximum amount of isolation on an average
because in this case, all the three planes of the receiver and transmitter were orthogonal.
It can be also seen from Table 3 that in the case where there are no external reflections,
i.e., configuration one, relative orientation of the antennas with respect to each other
has a little impact on the amount of isolation. This suggests that the majority of power
is transferred via the coupling between the antennas and frame. The largest amount of
isolation occurs in the case of setup four, configuration two. It can be explained based
on the fact that the only source of reflection in case of configuration two is the floor
and in setup four the transmitting antenna’s magnetic field lines would be parallel to
the ground. However, it should also be noted that the same antenna orientation did not
provide the best isolation in case there is a strong source of reflection nearby i.e., as
seen in configuration four. In configuration four, the best antenna orientation is defined
in setup two.

Table 3. Average isolation (dB).
Configu-
ration

1

Configu-
ration

2

Configu-
ration

3

Configu-
ration

4

Configu-
ration

5

Average

Setup 1 38.49 40.92 40.63 34.40 41.04 40.30
Setup 2 40.40 41.32 41.05 40.38 40.52 41.56
Setup 3 39.87 40.22 41.07 35.14 41.19 41.01
Setup 4 41.76 44.68 43.44 38.85 43.64 43.76

6.1.2. Root Mean Square Delay

Table 4 illustrates the value of τRMS for various setups and configurations. The unit of
delay is nano seconds. Unlike the isolation, there is a significant variation in the values
of τRMS. It can be seen from Table 4 that the antenna arrangement as defined in setup
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three leads to the highest τRMS. The antenna orientation defined in setup three was the
only one in which magnetic field lines caused by the oscillating current in the antenna
loop, traveled along the height of the frame i.e., they would reach the receiving antenna
after multiple reflections from inside the frame. One thing to be noted here is that this
explanation is only valid in case there are no strong reflectors nearby. In case there are
strong reflections then they govern the τRMS.

The antenna orientation defined in setup four yields the smallest τRMS when there
are reflections only from the floor i.e., in configuration two. It should be noted that this
was the same configuration which yielded the maximum isolation.

Table 4. Average τRMS (in nano seconds).
Configu-
ration

1

Configu-
ration

2

Configu-
ration

3

Configu-
ration

4

Configu-
ration

5

Average

Setup 1 7.94 5.48 8.76 7.42 10.37 8.34
Setup 2 4.73 4.03 7.67 8.83 6.83 5.93
Setup 3 16.06 15.73 17.38 6.66 17.13 15.76
Setup 4 6.79 1.85 4.90 5.10 7.28 4.02

Being defined as the second moment of the PDP, τRMS displays the same variation as
PDP. PDP for various setups and its quantized version is presented in Appendix 1 and
Appendix 2, respectively.

6.1.3. Coherence Bandwidth

Coherence bandwidth is calculated from τRMS using (40). As Bc is inversely propor-
tional to τRMS, antenna orientation leading to highest τRMS results in the lowest Bc and
vice-versa. Table 5 illustrates the value of Bc for all the measured cases. The largest
value of Bc is 10.79 MHz and the lowest is 1.15 MHz.

Table 5. Average Bc (in mega hertz).
Configu-
ration

1

Configu-
ration

2

Configu-
ration

3

Configu-
ration

4

Configu-
ration

5

Average

Setup 1 2.51 3.65 2.28 2.69 1.92 2.39
Setup 2 4.22 4.95 2.60 2.26 2.92 3.37
Setup 3 1.24 1.27 1.15 2.99 1.16 1.26
Setup 4 2.95 10.79 4.08 3.91 2.74 4.96

The values listed in Table 5 are the most conservative estimate of Bc as explained
in 6.2. One major implication of this result is that the self-interference channel is a
multi-path channel and an OFDM based transmission scheme is an absolute necessity
otherwise an equalizer might be needed for the self-interference channel. As the chan-
nel bandwidth of more than 20 MHz is being used in WiFi networks [11], this result
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suggests that not all sub-carriers face a similar channel so there might be a need of per
sub-carrier channel estimation instead of a comb based pilot pattern [60].

6.2. Simulation Results

Figure 36 compares the simulated symbol error rate (SER) of the analog baseband
cancellation scheme with the theoretical SER of 16 QAM in AWGN channel. ADC
was fixed at twelve bits and five training symbols were used for estimating both the
self-interference and desired channel.

10 11 12 13 14 15 16 17 18 19 20
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R

Effect of different DAC bits
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12 bits DAC
14 bits DAC
16 bits DAC
Theoretical SER

Figure 36. Varying DAC bits with fixed ADC bits.

As visible from the figure, increasing the number of bits in the DAC improves the
performance even when the bits in ADC is fixed. It should be noted though this result
does not imply that more precision is added in to the system by increasing just the
bits in the DAC. This result arises from the fact that in these simulations, a floating
point representation with double precision was used for internal calculations, which
was trimmed to a fixed quantization levels by the DAC block. Increasing DAC bits
in-fact represents an increase in the word length of the system.

Figure 37 illustrates the SER when an eight bit DAC along with five training symbols
were used for estimation of both the self-interference and desired channel. It can be
seen that the performance is negligible as compared to the theoretical performance and
more than eight bits are needed in the DAC to improve it. As expected, cancellation
performance improves with the increasing number of bits in the ADC. Figure 37 also
suggests that the number of bits in the ADC is not the only bottleneck. This fact is
supported by the overlapping SER curves for twelve, fourteen and sixteen bit ADC.
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Figure 37. Varying ADC bits with DAC fixed at eight bits.

The performance of analog baseband cancellation technique with sixteen bit DAC
along with five training symbols for estimation of both channels is displayed in Fig-
ure 38.
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Figure 38. Varying ADC bits with sixteen bit DAC.
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Comparing Figures 37 and 38 reveals that a clear enhancement in performance is
visible when the bottleneck caused by the limited DAC range is removed. However,
the SER curves for fourteen and sixteen bit ADC still overlap, indicating the existence
of another bottleneck.

Figure 39 shows the impact of the number of training symbols on the SER. Twenty-
five symbols were used for estimating the desired channel and five symbols were used
for estimating the self-interference channel.
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Figure 39. SER with 25 symbols for training desired channel.

As evident from Figure 39, the performance achieved by using a fourteen bit ADC
is within 1 dB of theoretical performance at SER of 10−3. Here also, there is minimal
difference in performance of fourteen bit and sixteen bit ADC.

Figure 40 illustrates the impact of better self-interference channel estimation on the
performance of analog baseband cancellation. A sixteen bit DAC along with five train-
ing symbols for desired channel were used. There is no improvement in performance
of fourteen and sixteen bit ADC as compared to Figure 39. However, there is a sig-
nificant improvement in the performance of twelve bit ADC. This result suggests that
a better channel estimate for self-interference channel can provide a significant per-
formance boost at lower ADC range. This is the reason for choosing the most con-
servative estimate of Bc in Section 6.1.3. As stated earlier, (40) represents the band
where correlation coefficient is 0.9 and it is possible to define the Bc with less de-
gree of correlation [51]. As the Bc will dictate the pilot structure, it is beneficial to
drive the pilot requirement in a conservative manner to achieve the least variance in
the self-interference channel estimate.
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Figure 40. SER with 25 symbols for training self-interference channel.

Figure 41 represents the SER curves when 25 training symbols were used for both
self-interference and desired channel. The performance difference between the the-
oretical SER and SER achieved by using a fourteen or sixteen bit ADC is less than
0.5 dB at a SER of 10−3. Comparing with Figure 40 reveals that a better channel
estimate for desired channel yields a gain of about 0.5 dB in performance.

Figure 42 illustrates the optimal configuration. Optimality is defined in terms of
resource consumption. Bits required in the ADC has been given the highest weight,
followed by the DAC bits, training symbols for the self-interference channel and finally
the training symbols for the desired channel. If a performance loss of about 1.5 dB
is tolerable at SER of 10−3, then a twelve bit ADC along with sixteen bit DAC is
sufficient. Training symbol requirement for the self-interference and desired channel
is 25 symbols and ten symbols, respectively. For achieving the performance within
0.5 dB of theoretical performance at 10−3 SER, a fourteen bit ADC with sixteen bit
DAC is sufficient. Fifteen training symbols for the self-interference channel and 25 for
the desired channel are required for estimation.
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Figure 41. SER with 25 symbols for training both channels.
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Figure 42. Optimal configuration.
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7. DISCUSSION

Choi et al. [4] developed the first FD transceiver by using a simple three-antenna based
cancellation mechanism along with QHx220 based RF cancellation. It was a manually
tuned system with a limited bandwidth and far from a perfect system. However, it was
a vital proof of concept of the feasibility of the FD transceiver. Since then, three more
FD architectures have been demonstrated. The latest announcement regarding the FD
architecture was done by the University of Waterloo [61], in which it was claimed
that they have developed a robust FD architecture, although, besides the presentations
available on the university website, no peer reviewed literature exists for the same.

In IEEE 802.11 networks, besides the obvious capacity increase, the FD transceiver
will lead to more equality and efficiency. In cellular networks, where uplink and down-
link traffic is highly skewed, the FD can enable the possibility of having a real-time
feedback channel, thus, leading to full channel state information at the transmitter in
downlink.

The first aim of this thesis was to study the self-interference channel. The self-
interference channel was studied under different environments. UWB antennas [55]
were used for the purpose of measurement. A narrow-band channel measurement tech-
nique was used. The study could have been done with normal WiFi antennas but given
their narrow bandwidth, it would not have been possible to separate the multi-paths
in the self-interference channel. It was found that the self-interference channel is a
multi-path channel with Bc varying between 1 MHz to 10 MHz. The most important
consequence of this result is the necessity of OFDM based transmission technique.
In addition, a block based pilot scheme would be required instead of a comb based
one. Another interesting result is the insignificant impact of polarization on the aver-
age isolation when the antennas are attached to the frame. It suggests that the major
power transfer between antennas happens because of the mutual coupling between the
antennas where the frame on which they are mounted plays an important role. A note-
worthy consequence of this result is that by manipulating the antenna geometry with a
properly designed ground plane, a good degree of isolation between the antennas can
be achieved. The multi-path nature of the channel also rules out the use of passive an-
tenna cancellation mechanisms. Using signal processing an active antenna cancellation
mechanism can be developed.

During this study, there was no emphasis on separating the antenna patterns from
the measured data. Furthermore, the effect of L bends used in changing the antenna
orientation was not removed from the measurements. In addition, changes in S11 and
S22 because of different orientations were not taken into account while measuring iso-
lation. As the measurements were done in a limited space, the available data is not
comprehensive enough to derive a general simulation model which can cater to all
environments. Developing a statistical model for the self-interference channel can be
one future line of research. However, making that model antenna agnostic will be
difficult given the small antenna separation and the influence of the receive antenna,
measurement cables and laptop frame on the transmit antenna radiation pattern.

The second aim of this thesis was to develop and study a self-interference cancel-
lation mechanism. A cancellation mechanism that combined the analog and digital
architecture was proposed. This proposed technique cancels the self-interference be-
fore the ADC in the analog base-band domain. The canceling signal is in the voltage
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range of the self-interference signal, so no separate power amplifier is needed. An
additional VGA, as compared to the traditional receiver, is needed in the proposed de-
sign. For generating the cancellation signal, a digital FIR filter is needed that can be
replaced by a simple multiplier in case self-interference is confined to a single symbol.
The study revealed a rough hardware requirement that can lead to a respectable perfor-
mance. It was also found that the error in the self-interference channel estimate has a
much larger impact on the performance of the receiver as compared to the error in the
desired channel estimate.

The impact of non-linearities in the transmit chain such as error vector magnitude,
phase error, adjacent channel power leakage etc., have not been studied as part of
this thesis. It merits further attention to study the impact of self-interference on the
initial synchronization i.e., frequency acquisition, timing recovery and phase recovery.
Furthermore, a joint pilot scheme can be developed as the objectives are almost similar
for both the self-interference and desired channel.
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8. SUMMARY

The goal of this thesis was to have a better understanding of the self-interference chan-
nel and to develop a self-interference cancellation mechanism. An understanding of
the self-interference channel is needed to develop a robust cancellation mechanism. A
narrow-band channel measurement technique was used. Using UWB antennas, self-
interference channel was measured. A spatial resolution of 4.3 cm was achieved. The
results from the channel measurement exercise showed that the self-interference chan-
nel is a multi-path channel. It was also found that polarization based isolation does
not work when the antennas are attached to a frame. The average amount of isolation
was found to be approximately 40 dB. The lowest value of Bc was found to be around
1 MHz. The measurements were done in an environment that closely resembled the
general operating conditions of IEEE 802.11 devices. To remove the effect of nearby
surroundings, measurements were also done in an anechoic chamber.

An analog baseband cancellation scheme was defined and simulated using Matlab
simulations. Frequency flat channels in AWGN noise were used for simulations. EIRP
of the transmitter was assumed to be 20 dBm and RF cancellation was assumed to
be 40 dB, thus effectively reducing the self-interference power to −20 dBm. A least
square algorithm was used for the channel estimation. The thermal noise floor was
calculated using the Friis’s formula for total noise factor for a cascade of stages and
was set to −81.68 dBm. The following parameters were varied for the simulations:

• bits in ADC,

• bits in DAC,

• training symbols for desired channel,

• training symbols for self-interference channel.

Simulations were done for both 16 and 64 QAM modulation. Training symbols were
used both for the channel estimation and to set the gain of the VGAs. Separate pilots
were used for the desired and self-interference channel. From the simulation results it
was found that a twelve bit ADC along with a sixteen bit DAC gives a performance
that is about 1.5 dB worse than theoretical performance at a SER of 10−3. At the same
SER, a fourteen bit ADC in combination with a sixteen bit DAC, fifteen training sym-
bols for self-interference channel and 25 symbols for self-interference channel gives a
performance that is within 0.5 dB of the theoretical performance.
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Appendix 1 : Power Delay Profile

Power delay profile for different setups is listed here. Noise floor was set to
−90 dBm for calculating the PDP. Figure 43 is for the setup one where axis of both the
antennas are parallel to each other. Figure 44 illustrates the PDP for setup two. This is
the setup where antennas are arranged with their XY and YZ planes orthogonal. Fig-
ure 45 shows the PDP for antennas with YZ and XZ planes orthogonal and Figure 46
presents the PDP for setup four, where antennas have all three planes orthogonal to
each other.
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Figure 43. Setup one PDP.
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Figure 44. Setup two PDP.
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Figure 45. Setup three PDP.
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Figure 46. Setup four PDP.
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Appendix 2 : Power Distribution
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Figure 47. Power distribution (Setup 1).
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Figure 48. Power distribution (Setup 2).
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Figure 49. Power distribution (Setup 3).
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Figure 50. Power distribution (Setup 4).
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Table 6. Power distribution.
Configu-
ration

1

Configu-
ration

2

Configu-
ration

3

Configu-
ration

4

Configu-
ration

5

Average

Setup 1 31.06 54.57 51.88 12.42 57.49 47.50
19.43 41.86 34.61 55.58 27.08 38.29
45.09 2.01 8.4 24.92 11.09 12.09
3.05 0.87 1.87 4.52 1.62 1.52
1.23 0.65 3.02 2.47 2.47 0.87

Setup 2 67.51 82.54 76.62 45.37 79.7 78.96
13.86 15.02 15.44 35.08 13.09 15.42
14.16 0.99 4.72 12.62 5.05 3.92
3.49 0.7 0.87 3.09 0.64 0.77
0.84 0.65 2.13 3.63 1.31 0.73

Setup 3 70.15 78.27 67.57 19.32 69.58 69.53
9.8 9.21 14.82 58.74 14.37 19.45

8.03 5.56 7.21 12.79 7.24 4.41
8.27 3.25 2.62 6.02 2.71 3.56
3.47 3.44 7.47 3.04 5.77 2.73

Setup 4 48.72 81.97 67.25 24.96 71.71 69.45
11.10 13.41 20.67 42.78 18.45 20.03
25.76 1.84 7.17 21.64 6.06 6.7
12.76 1.26 0.89 6.71 0.71 2.14
1.46 1.34 3.71 3.77 2.71 1.39
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Appendix 3 : 64 QAM Simulation Results
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Figure 51. Varying DAC bits with fixed ADC bits.
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Figure 52. Varying ADC bits with DAC fixed at eight bits.
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Figure 53. Varying ADC bits with sixteen bit DAC.
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Figure 54. SER with 25 symbols for training desired channel.
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Figure 55. SER with 25 symbols for training self-interference channel.
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Figure 56. SER with 25 symbols for training both channels.
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Figure 57. Optimal configuration.


