Performance Enhancement for Wireless Networks:

Modulation, Clock Synchronization and Resource Management
by

Zhe Yang
B.Eng., Xi’an Jiaotong University, 2005
M.Eng., Xi’an Jiaotong University, 2008

A Dissertation Submitted in Partial Fulfillment of the

Requirements for the Degree of
DOCTOR OF PHILOSOPHY

in the Department of Electrical and Computer Engineering

(©) Zhe Yang, 2013

University of Victoria

All rights reserved. This dissertation may not be reproduced in whole or in part, by

photocopying or other means, without the permission of the author.



1

Performance Enhancement for Wireless Networks:

Modulation, Clock Synchronization and Resource Management
by
Zhe Yang

B.Eng., Xi’an Jiaotong University, 2005
M.Eng., Xi’an Jiaotong University, 2008

Supervisory Committee

Dr. Lin Cai, Supervisor

(Department of Electrical and Computer Engineering)

Dr. Hongchuan Yang, Departmental Member

(Department of Electrical and Computer Engineering)

Dr. Yi Shi, Outside Member

(Department of Mechanical Engineering)



11

Supervisory Committee

Dr. Lin Cai, Supervisor

(Department of Electrical and Computer Engineering)

Dr. Hongchuan Yang, Departmental Member

(Department of Electrical and Computer Engineering)

Dr. Yi Shi, Outside Member

(Department of Mechanical Engineering)

ABSTRACT

Wireless networks become more and more important in modern information systems
as the last mile/meter solutions, thanks to the flexibility of mobile access to facilitate
Internet access anytime, anywhere. Given the limited resources, e.g., spectrum and
energy supplies, to meet the ever increasing demand for wireless data services, new ap-
proaches are beckoned to enhance the spectrum and energy efficiency. We investigate
this problem from three important aspects, digital modulation, clock synchronization
and concurrent transmission scheduling. The contributions of this dissertation are
four-fold.

First, we employ the cross-layer design to explore the spatial diversity and broad-
cast nature of wireless links and propose a novel network modulation scheme that
can superpose the information bits of different priorities into one symbol. It offers
a new dimension to improve the network throughput since we can flexibly config-
ure the transmission according to the channels among transceivers. Moreover, it is
compatible with the main-stream hardware and we just need a software upgrade to
implement the idea.

Second, we propose modulation schemes based on hexagonal tiling, which is known
to be the most compact way of two-dimensional regular tiling. In order to fully uti-

lize the advantage of hexagonal constellation, we employ the non-binary error control



v

coding since the number of constellation points of hexagonal constellation is not neces-
sarily to be an integer power-of-two. The feasibility of these new modulation schemes
is verified by the prototype system based on the software defined radio platform
USRP2 and GNU Radio.

Third, to facilitate a wide range of wireless communications technologies and
protocols, clock synchronization among several wireless devices is a fundamental re-
quirement. We investigated this problem by tracing to the source of clock desynchro-
nization, which is the clock skew. However, as shown by measurement results, the
clock skew is not constant and related to the working temperature. We propose a
novel clock skew estimation algorithm that can leverage the temperature information
to accurately estimate the clock skew. Based on the estimation results, we propose
a clock synchronization scheme that can directly remove the clock skew according to
the working temperature.

Fourth, the traditional time-sharing based scheduling schemes usually schedule
one transmission within certain area. The emerging broadband wireless devices can
dynamically adjust the transmitted data rate according to the received signal to
interference and noise ratio (SINR). Allowing concurrent transmissions may be more
efficient, while optimal scheduling problem for concurrent transmissions is an NP-hard
problem. We propose simple yet effective heuristic algorithms that can significantly

improve the system throughput with moderate computational complexity.
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Chapter 1

Introduction

1.1 Background

With the continuous growth of the demand for ubiquitous Internet access anywhere,
anytime, wireless communication networks become an essential component of modern
information systems. It has triggered the fast development of wireless communica-
tion technologies, ranging from cellular networks, wireless metropolitan area net-
works (WMANS), wireless local area networks (WLANS), to mobile ad hoc networks
(MANETS). Although the achievable link data rate in the wireless systems keeps
increasing, it is out-paced by the demand for emerging information services. Accord-
ing to the Cisco Visual Networking Index and numerous studies based on market
status and trends, mobile data traffic will increase 18-fold from 2011 to 2016 [15].
Meanwhile, most of the mobile/handheld devices are battery powered, which indi-
cates that they usually have limited energy supplies. This ever-growing demand for
mobile data creates significant demands on the scarce wireless spectrum and limited
power of mobile devices. Thus how to improve the spectral and energy efficiency of
wireless communications systems is a major challenge for the research community
and industry, which also motivates this dissertation.

The layered architecture has been adopted in network protocol design. The over-
all networking tasks are divided into different layers. The protocol for each layer is
designed individually to provide services to upper layer protocols. This design con-
cept allows the upper layer takes the services of the lower layer transparently, which
simplifies the design and implementation of each layer. On the other hand, the up-

per layer protocols do not access the detailed information and implementation of the



lower layers. In wireless communication, just treating the lower layer as transpar-
ent components is not favorable since it may lose the chance to further improve the
system performance. Therefore, cross-layer design has attracted intensive attention.

To further enhance the wireless network performance, both the properties of the
physical medium and the quality of service requirements of applications should be
taken into account. We can adaptively adjust the transmission configuration to meet
the requirements of applications, such as adjusting transmission power, data rate and
coding schemes. Knowledge should be shared among layers to achieve the highest
possible adaptivity [6]. We work on three important issues in wireless communica-
tion networks, including clock synchronization, digital modulation and scheduling for
concurrent transmission. In the following section, we will briefly overview each of
them.

1.2 Research Objects and Solutions

1.2.1 Digital Modulation

Digital modulation is the process to convey coded messages in a physically trans-
mittable signal, which is an indispensable building block for a digital communication
system. For digital modulation, one of the most popular design concepts is the QAM
scheme, where a signal can be represented in the signal space domain using an in-
phase and quadrature-phase (I/Q) constellation diagram. FEach constellation point
is mapped to the amplitudes of the in-phased and quadrature-phased carrier waves.
In this dissertation work, we investigate the digital modulation from two different

perspectives.

Network Modulation

It is well know that wireless medium are usually open and shared. Besides, the chan-
nel quality of different users varies greatly due to the topology and the fading effect
etc. Inspired by these facts, we investigate the problem from a new angle and propose
the network modulation (NM) scheme for a multi-point wireless system, which can
significantly improve network throughput with a software upgrade to wireless devices.
The reason why we call it network modulation is that it allows us to combine topology
control, scheduling and routing (which belong to the functions of network protocols)

with modulation for multi-point wireless systems. In current wireless systems, when



sources transmit data to receivers through single-hop or multi-hop wireless paths, the
physical layer modulates and demodulates the information bits hop-by-hop, and the
transmission over each hop is treated the same as that in a point-to-point communi-
cation link.

The proposed NM scheme allows the sender transmit messages to multiple re-
ceivers simultaneously, using a software mapping technology to redefine the constel-
lation of typical quadrature amplitude modulation (QAM). It can superpose different
data to different layers corresponding to different channel qualities. By selecting and
re-mapping some constellation points to different layers, they will have the ability
to explore the spatial diversity. As the proposed NM is software-based, it does not
require specialized communication hardware and can be implemented with low cost
and high flexibility. NM can be used to improve network performance in a wide spec-
trum of scenarios, for applications with or without differentiated service requirements,
anycast (broadcast, multicast and unicast) services, one-way or two-way traffic, and
single-hop or multi-hop wireless paths, in infrastructure or ad hoc networks. The
minimum requirement for applying network modulation is that there are no less than
three nodes within each other’s transmission range, so we can consider modulation,

topology control, resource allocation, and routing jointly.

Hexagonal Modulation

The adaptive modulation and coding (AMC) schemes are widely adopted by modern
digital wireless communication systems, which can dynamically adjust the transmis-
sion rate according to the channel state information (CSI) to efficiently utilize channel
resources. One of the most popular modulation designs for wireless communications
are based on the QAM concept.

The amount of information transmitted by a modulation symbol is determined
by the number of constellation points of this modulation scheme. At the receiver
side, the demodulation is usually based on the Voronoi diagram, which can be con-
sidered as the partition of the two-dimension signal space. With the conventional
QAM, the signal space is partitioned into square decision regions; however, it is well
known that hexagon instead of square is the densest two-dimension packing. With
hexagonal tilting, we can pack more constellation points and thus transmit more in-
formation under the same energy constraint. However, it is non-trivial to adopt the

hexagon based QAM (H-QAM) designs since the number of constellation points is



no longer the integer power-of-two, which is very inconvenient for the widely used
binary representation of digital information. The straightforward solutions that just
selects part of the constellation points or just converts the coded bit stream to non-
binary symbols may not be able to fully explore the potential of H-QAMs. Selecting
part of the constellation points might deprive the energy efficiency of H-QAM. Just
directly converting coded bit stream to non-binary symbols that are compatible with
H-QAM may suffer from the error propagation problem and results in an even worse
bit-error-rate (BER) performance.

In this dissertation work, we not only adopt the H-QAM designs, but also use
ternary digits (trits) to carry information. To avoid the error propagation prob-
lem, we employ the ternary based error correction coding/decoding to provide the
forward error protection for the transmitted packets. Combing with ternary-based
error coding, the proposed H-QAM can fill the signal-to-noise-ration (SNR) gap of
the conventional AMC schemes and therefore can achieve much higher overall system

throughput.

1.2.2 Clock Synchronization

Clock synchronization is the process to mitigate the clock offset between two or more
hosts in a network and let them obtain a common notion of time in the network. It
serves as a fundamental requirement to facilitate pervasive computing and commu-
nications, and spreads a wide range of network applications including wired network
measurements, wireless sensor network data fusion, peer-to-peer video on demand
(P2P VoD) systems, and so on. All of them require clock synchronization with a
good resolution and tractable computational cost, especially for those in a resource-
constrained environment.

However, how to effectively estimate and compensate clock offset among two or
more hosts with low communication and computational cost is still an open issue. It
is especially important for wireless/handheld devices which are resource-constrained.
The inherent and dominant reason is clock skew. It is the instantaneous clock drift
that is caused by the imperfect crystal and peripheral circuit, i.e., the difference
between the rates of the pulses generated by periodic component of two clocks. The
effect of clock skew will be accumulated and lead to an unbounded clock offset.

Therefore, the estimation and compensation of clock skew are essential to improve

the performance and efficiency of clock synchronization, which can be especially ben-



eficial to resource-constrained devices. In this dissertation work, we first propose
an additional information aided clock skew estimation algorithm to accurately esti-
mate the clock skew. Then, based on the estimation results, we propose a two-phase
clock synchronization scheme. The first phase is for external clock synchronization,
during which nodes update their clock by exchanging timestamp messages with the
reference clock. Different from the conventional solutions, we propose to directly
remove the clock skew during the external synchronization phase, for a higher syn-
chronization accuracy and lower computational complexity. The second part is the
clock self-calibration phase, as the accumulated clock skew will make the synchronized
clock drift away again, therefore we need to compensate the clock skew to maintain
the clock synchronization accuracy. However, the compensation is non-trivial as the
clock skew may not be constant. Thus we propose the temperature-assisted clock
self-calibration (TACSC) to dynamically compensate the clock skew according to the
working temperature. Extensive simulation results demonstrate that the proposed
synchronization scheme can achieve a much lower root mean square error in the ex-
ternal synchronization phase. Furthermore, during the clock self-calibration phase,
the TACSC scheme can improve the synchronization accuracy by more than one or-
der of magnitude, which is verified by simulation and experimentation with a Mica2

sensor nodes testbed.

1.2.3 Scheduling for Concurrent Transmission

In traditional narrow-band rate-nonadaptive wireless systems, each flow can reliably
transmit at a specified data rate so long as the received signal to SINR is greater than
a certain threshold. In this case, letting more flows transmit concurrently without
violating their SINR requirements implies that a higher system throughput can be
achieved. The optimal scheduling problem for this case can be converted to a Knap-
sack problem which is known to be NP-complete [77]. We have seen a great deal
of research efforts in determining the system capacity and optimizing the concurrent
scheduling for such systems [29].

In emerging broadband wireless systems, however, the physical (PHY) layer uses
adaptive modulation and coding(AMC) schemes, so the instantaneous link data rate is
a variable determined by its received SINR. When we schedule multiple flows to share
a time slot, from the perspective of an individual flow, its performance in terms of data

rate or bit error probability in the slot might be degraded due to the interference from



other flows. On the other hand, with more flows sharing the time slots, each flow might
be allocated with more time slots, hence the long-term throughput of each flow and the
entire network throughput will be improved. Scheduling for rate-adaptive broadband
wireless networks with random network topology is thus much more difficult than
that in rate-nonadaptive systems: in a time slot, each flow’s throughput (data rate)
is not known before the scheduling decision of that slot is finalized; when we add or
remove one flow from the set sharing the slot, the throughput of all other flows in
the set will change. The capacity bound derived for rate-nonadaptive networks is no
longer applicable either.

Given the hardness of the scheduling problem for concurrent transmissions in rate-
adaptive wireless systems and the fact that the real time scheduling decision should
be made within a few milliseconds, optimal scheduling algorithms are impractical to
deploy due to the computational cost. In this dissertation work, we propose practical
heuristic scheduling algorithms that can achieve better performance than the exist-
ing solutions and maintain long-term fairness among competing flows with tolerable

computational complexity.

1.3 Dissertation Organization

This dissertation work is intended to improve wireless networks performance from
different perspectives to exploit the broadcast nature of wireless channel, the envi-
ronment related behaviors and the spatial diversity gain. The rest of this dissertation
is organized as follows.

The detailed research work and results are presented in Chapters 2, 3, 4 and 5
discussing three different research objects, namely, digital modulation, clock synchro-
nization and network scheduling for concurrent transmissions, respectively. In each
chapter, we first introduce the research topic, related research work and the proposed
solutions, followed by the simulation/experiment results.

The network modulation scheme is proposed in Chapter 2. It can superpose
different information bits into different layers in one transmitted signal and hence have
the ability to explore the spatial diversity. Also inspired by the fact that the wireless
channel is open and shared, we propose to leverage the help of error control coding
to further improve the performance of user cooperative network. The simulation
results have shown that the proposed schemes can significantly improve the spectrum

efficiency with very low computational cost.



In Chapter 3, we present the detailed design and performance evaluation of H-
QAM. In order to explore the capacity of H-QAM, it is critical to introduce the
non-binary error correction coding/decoding. Combining with different coding rates
and H-QAM, we can obtain the augmented AMC set. The new AMC schemes can
fill the gap between the conventional QAM based AMC schemes and lead to a finer
grained AMC set. Therefore, we can substantially improve the system throughput.
Meanwhile, since we fix the average symbol energy, the per-bit energy consumption
is also reduced.

Clock skew is the inherent reason of clock desynchronization. In Chapter 4, based
on the measurement results, we first present a new hybrid clock skew model consisting
of two different models, which describes the behavior of clock skew under different
working environment. The additional information aided multi-model Kalman fil-
ter (AMKF) is proposed to tackle the model uncertainty problem and we can obtain
a much higher estimation accuracy. Based on the estimation results, we can obtain
the value of clock skew w.r.t. the working temperature. The proposed two-phase
clock synchronization scheme can directly remove the clock skew accordingly. The
synchronization accuracy can be improved during the external synchronization phase.
In the clock self-calibration phase, we can dynamically compensate the clock skew
and keep the synchronization status for a much longer period without introducing
communication overhead.

Chapter 5 presents the scheduling for concurrent transmissions, as it may not
be efficient to allocate wireless channel(s) to one link exclusively. How to select
the concurrent transmission subset is an NP-Complete problem. In this chapter, we
propose a heuristic algorithm that can improve the system throughput with moderate
computational cost.

Chapter 6 concludes the dissertation with further research issues.

1.4 Bibliographic Notes

Most of the works reported in this dissertation have appeared in research papers. The
works in Chapter 2 have been published in [109, 107]. The works in Chapter 3 have
been submitted as [104]. The works in Chapter 4 have been published in [110, 105]
and submitted as [108], and those in Chapter 5 have appeared in [106].



Chapter 2

Network Modulation

2.1 Introduction

For the wireless communications among users at different locations, exploring the
spatial diversity and the broadcast nature of wireless media is a promising direction.
Previous approaches to explore the spatial diversity can be classified into two cate-
gories. One is to take advantage of the spatial diversity gain to improve the physical
(PHY)-layer performance, such as improving the spectrum and energy efficiency and
reducing the bit error rate [51, 66]. The other one is to arrange multi-hop relaying
and routing considering the network topology to improve the network performance,
such as network throughput and end-to-end delay [44]. On the other hand, it is
well known that, given the open and shared medium of a wireless channel, isolating
communication and networking designs may lead to performance degradation.

We investigate the cross-layer design for the performance enhancement of wireless
networks in a new direction. Specifically, we propose to enhance the PHY-layer mod-
ulation and error-correction coding design considering the network topology, aimed
to improve both the PHY-layer spectrum and energy efficiency, which can lead to
a better network performance in terms of a higher network throughput and a lower
bit-energy consumption.

We propose the NM scheme, a network topology-aware modulation scheme. Dif-
ferent from the traditional digital modulation schemes that are designed for point-to-
point transmissions, we design and select the NM schemes considering the network
topology and the three communication channels among the source node, the desti-

nation node, and the relay node that assists the transmission. It can also explore



the broadcast nature of wireless media and serve two users simultaneously without
introducing any new resources. Furthermore, for relay communication, we design the
error-correction coding assisted relay (EAR) scheme, where a strategically located
relay can generate and transmit Reed-Solomon (RS) code instead of the original in-
formation bits to the receiver. The configuration of the RS code also depends on the

topology and the channels among the three nodes.

2.2 Related Work

one bit for user 1:

1 0
— 0 three bits for the two users:
1,01 1,00 0,01 0,00
" e o ’ e o
two bits for user 2: ,,,GB””>
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Figure 2.1: Super-positioning precoding (SPC).

There are many approaches in different layers to improve the performance of
wireless communication systems. We take a new direction to configure the modulation
and error-correction coding schemes to enhance the network performance via user
cooperation.

The proposed NM scheme is inspired by super-positioning precoding (SPC) [16],
which was designed for multicast transmissions, and recently how to use SPC for
relay communications has also appeared [11, 78]. The idea can be illustrated using
an example shown in Fig. 2.1. When a source needs to deliver information bits to two
users with different channel quality, instead of transmitting the bits in different time
slots (called the time-sharing scheme), the source can superpose the bits targeted to
different users, and transmit them in one shot, such that both users can demodulate
and decode its own bits successfully (w.h.p.). The potential of SPC has been realized
not until recently, when the digital video broadcasting (DVB) systems have standard-
ized and implemented the hierarchical modulation (h-mod) schemes based on the idea
of SPC [96, 99]. The nice fit of SPC (or h-mod) and video broadcasting is because

the video sources use scalable video coding schemes and prefer differentiated services
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(DiffServ) provided by SPC. For instance, each video frame is encoded to a base layer
and a number of enhancement layers, and bits of the base layer are much more im-
portant than the others. Using SPC (or h-mod), the base layer bits can be received
successfully with much lower SNR than that for the enhancement layer bits, so the
receiver can always decode the base layer successfully, and can decode the enhance-
ment layers when the transmission channel quality is sufficiently good. However, SPC
(or h-mod) requires specialized hardware and sophisticated signal processing, so it is
not desirable for wireless hand-held devices.

Another direction is to extend the functions of the PHY layer to networking
protocols, which can effectively enhance system performance. For example, error
coding has been investigated for the PHY layer for several decades. Recently, network
coding has been proposed and been applied in many wired and wireless scenarios to
improve network performance [2, 42, 114, 43]. Similarly, we also let the upper layer
carry some function that is traditionally considered to be a PHY layer issue.

In [12], a scalable modulation (s-mod) scheme has been proposed which uses
software to remap the constellations of typical QAM to provide DiffServ for video
multicast over wireless networks. Performance study shows that the software based
solution, s-mod, can achieve performance similar to or even better than SPC (or h-
mod) for supporting video multicast in dynamic wireless environment. SoftCast is
another approach to support scalable video multicast in wireless networks [41].

In the proposed network modulation scheme, we also use a software based modu-
lation solution, similar to s-mod, to improve the wireless network performance. Dif-
ferent from the work in [12, 41|, here, we focus on how the software based modulation
remapping can be combined with the link layer resource allocation and network layer
relay and routing to significantly improve the throughput of wireless networks, for any
types of applications (with or without DiffServ requirements), for anycast services,
and for single-hop or multi-hop wireless networks.

Using error-correction coding to improve throughput is a well-studied topic [20,
40, 102, 93, 46, 98, 14, 54]. For instance, in [20], the optimal error-correcting code
is selected based on time-varying wireless channel conditions. An adaptive link-level
forward error correction algorithm was proposed in [40] to adjust the error-correcting
code according to the predicted packet loss rate. In [39], a partial packet recovery
scheme was proposed: instead of retransmitting the corrupted packet, the sender only
retransmits the bits in a packet that are likely in error and therefore the retransmitted

packet length can be much smaller than that of the original packet. To overcome the
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shortcoming of the previous solution in [39] that requires sophisticated hardware mod-
ifications, in [59], the sender retransmits a smaller packet contains error-correcting
codes. Our proposed EAR scheme is motivated by [59]. However, in a relay assisted
transmission, the relay node may not have a correct copy of the original packet, which
makes the configuration more complicated. In addition, the original messages and
the error-correcting codes are transmitted through different channels. Therefore, the
selection of error-correcting codes needs to consider the topology and channels among

multiple nodes, and its performance gain thus is topology sensitive.

2.3 Network Modulation

0.5d
(23.80dB)

0.67d

SO ,

(14.77dB)

Figure 2.2: A three-node example.

2.3.1 Design Intuition

We use a three-node topology shown in Fig. 2.2 to briefly explain the idea and demon-
strate the performance gain. Nodes S, A, B communicate with each other using
wireless transmissions, and the transceiver distances and the corresponding signal to
noise ratios (SNRs) are given in the figure assuming their transmission power (symbol
energy) is a constant, FE.

In current broadband wireless communication systems, the AMC schemes are used
to improve transmission efficiency in highly dynamic environment, so the sender can
adjust the modulation and coding schemes (and thus the link data rate) according
to the received SNR. For example, in WiMAX systems, the transmitter can vary the
data rate by using BPSK, QPSK, 16-QAM, and 64-QAM, combined with different
error control codes.

We consider three typical cases: (1) S unicasts data to A; (2) S broadcasts data
to both A and B; (3) S unicasts different data to A and B, respectively. For the
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first case, if using the direct transmission link with AMC, S can transmit at most
two bits per symbol duration (b/sym) (using QPSK); if using B as the relay, the
first hop can transmit 6 b/sym (using 64-QAM) and the second hop can transmit 4
b/sym (using 16-QAM), so the total throughput is 6/(1 + 6/4) = 2.4 b/sym. Using
the proposed NM scheme, we can let S send two bits to A and three other bits to
B simultaneously during one symbol transmission (in Section 2.3.3, we will discuss
how NM can achieve it), then let B relay the three bits to A using 16-QAM, so
we can achieve the throughput of 5/(1 + 3/4) = 2.857 b/sym. The per-bit energy
consumption using direct transmission, relay, and NM are E, /2, E,/2.4, and E,/2.857,
respectively. In other words, the proposed NM scheme can achieve both 43% and 19%
throughput gain and 30% and 16% energy saving than the direct transmission and
the traditional relay transmission schemes, respectively. The throughput gain for case
(2), the broadcast scenario, is the same as that for case (1).

For case (3), assume that the lengths of the two messages to A and B are the
same. If S transmits to A and B directly, it takes 1/2 + 1/6 = 2/3 symbol durations
to transmit one bit to A and one bit to B separately, i.e., the system throughput
is 3 b/sym. If S transmits all bits to B first using 64-QAM, and let B relay the
bits for A using 16-QAM, then the throughput is 2/(1/6 + 1/2.4) = 3.429 b/sym.
Using the proposed NM scheme, S can transmit two bits to A and three bits to B
simultaneously in one symbol; then, for the remaining bits to A, we can use B as the
relay using the same NM scheme as that for case (1). The throughput using NM is
6/(1 +1/2.857) = 4.444 b/sym. Thus, the throughput gains of using the proposed
NM over the direct transmission and traditional relay schemes are 48% and 30%,

respectively; and the energy saving is 32% and 23%, respectively.

2.3.2 System Model

Wireless signal suffers from path-loss, shadowing, multipath fading and other im-
pairments. The transceiver distance d is assumed fixed during the period of each

transmission, so the path-loss can be estimated by

PL(d)[dB] = PL(dy)[dB] + 10 - alogm(di), (2.1)
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where « is the path-loss exponent, and PL(dy) is the path-loss at reference distance

dy. PL(dy) can be calculated by the Friis free-space model:

Gtz Gracvz

PL(dp)[dB] = 10'10g1o(m)7 (2.2)

where v is the wavelength corresponding to the center frequency f., L is the sys-
tem loss factor, and Gy, and G,, are the transmitter and receiver antenna gains,
respectively.

The received signal power P, can be expressed as
P, =kPd“, (2.3)

where k = 10P4(4)/103 equals the reference path-loss times the fading and shadowing
factor [, and P; is the transmission power. The proposed NM can be applied when
different links have different values of 5. For simplicity, we assume 5 = 1 for all links.

Then, the received SNR, 7, is given by

_&_I@Ptd_a_ (i>7a

(2.4)

where v is the SNR at the reference distance d.

2.3.3 Motivation

The design of network modulation is inspired by the example shown in Fig. 2.2. In
this example, « is three, the received SNR of SA (link between node S and node A)
is 14.77 dB which can support QPSK (2 b/sym), the received SNR of SB is 23.80 dB
which can support 64-QAM (6 b/sym), and the received SNR of BA is 19.99 dB which
can support 16-QAM (4 b/sym). The first observation is that, to deliver information
bits from node S to node A, the path loss between node S and node A is so severe
that it is preferable to use node B as a relay. This relay strategy has been widely
used in relay networks and multi-hop routing protocol designs.

The second observation is that, if using node B as the relay, when node S transmits
bits to node B using 64-QAM, node A can receive a copy of the information. But
as the channel quality of SA is so poor, node A may not be able to demodulate
any bits successfully from this transmission. In the PHY layer, user cooperative

communication has been extensively studied, which tries to use sophisticated signal
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processing techniques to combine the two copies of signal node A received (the one
from the transmission by node S and the other from the transmission by node B)
to enhance system performance. Here, we found that, even without such techniques
which require hardware upgrade, we can enhance the relay performance by re-map
the constellation of the 64-QAM used by node S, as shown in Fig. 2.3.

01 00
[} . ] i o o [} . ] i [ ° ]
111:110 110: 111
° ° ° 5 . ° ° ° ° ° [ g 3 [) ° °
101 : 011: 010 010: 011: 101
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101: 011: 010 010: 011: 101
L L] L] y L] L] [ ] L] L] L] 3 3 [ ] L] L]
111: 110 110 111
L] L] ] y L] L] L] L] : 3 L] []
11 10
Layer-one Layer-two

@ (b)

Figure 2.3: A network modulation design.

Using the re-defined constellation map in Fig. 2.3, each symbol contains five bits
information represented by the location of the 32 black points. These 32 points belong
to four clusters, and the index of the clusters represent two layer-one bits, as shown in
Fig. 2.3 (a). Each cluster contains eight points, and the location of them represents
three layer-two bits, as shown in Fig. 2.3 (b). The dotted lines in Fig. 2.3 (a) and
(b) give the demodulation decision boundaries of the layer-one and layer-two bits,
respectively. As the minimum distances from the constellation points to the layer-
one decision boundaries are three times that to the layer-two decision boundaries,
therefore the minimum SNR needed to transmit the layer-one bits successfully (which
is close to the SNR needed for QPSK) is much less than that for the layer-two bits
(close to the SNR needed for 64-QAM).

Therefore, when node S transmits a symbol using the NM design shown in Fig. 2.3,
node A can demodulate two (layer-one) bits successfully, and node B can demodulate
both the two layer-one bits and three layer-two bits successfully. Then, node B just
need to relay the layer-two bits to node A using 16-QAM (with 4 b/sym). Node
A can receive five bits with 1 + 3/4 symbol duration, so the throughput using NM-
assisted relay is 5/1.75 = 2.857 b/sym, which is higher than both direct transmission
(2 b/sym) and purely relying on node B to relay all bits (2.4 b/sym).

As we use the same energy to transmit each symbol, the energy consumed per
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bit is inversely proportional to the throughput. Thus, in the above example, using

NM-assisted relay can enjoy both throughput gain and energy saving.

2.3.4 NM Implementation

To implement NM schemes, in the sender side, we can add a mapping function before
modulation. Using the above example, node S groups five bits and map them to a
six-bit symbol according to the standard constellation map of 64-QAM. For example,
“00000” is mapped to “000000” in Gray-mapped 64-QAM constellation, and “00111”
is mapped to “001101”.

The software re-mapping is so flexible that we can arrange the bit-mapping in
different clusters in an arbitrary order such that the decision regions of each symbol
can be maximized. For example, we can put the layer-two bits “000” in the neighbor-
ing clusters closest to each other as shown in Fig. 2.3 (b). This strategy can slightly
enhance the BER performance of layer-two bits.

In the receiver side, both node A and node B can demodulate the symbols using
standard 64-QAM demodulator first. Then, node A re-maps each 6-bit symbol to
two (layer-one) bits, and B re-maps each 6-bit symbol to three (layer-two) bits.

Therefore, the implementation of NM (for both modulation and demodulation)

can rely on software upgrade using the existing standard QAM modems.

2.3.5 BER Estimation

The BERSs for layer-one and layer-two bits are determined by the probability that the
received signal is outside the decision regions of them, respectively.

Using an AWGN channel as an example, we can integrate the 2-D Gaussian dis-
tribution over the area of a layer-one symbol’s decision region to get the probability
that the corresponding layer-one bits are successfully demodulated, p,. If this symbol
contains m layer-one bits, the BER of layer-one bits is approximately (1 — p,)/m.
Similarly, we can obtain the BER of layer-two bits.

Thus, when designing NM to ensure the BER performance, a key issue is to set
the minimum Euclidean distance (MED) of the constellation points to the decision
boundaries appropriately. On the other hand, the average bit symbol energy is pro-
portional to the square of the Euclidean distance of the constellation points to the

origin. Therefore, when we do the re-mapping, we should avoid the points farthest
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away from the origin if possible. The design given in Fig. 2.3 has used these two

insights to achieve performance gains.

2.3.6 NM Schemes
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Figure 2.4: Network Modulation Schemes.

So far, in addition to the NM scheme shown in Fig. 2.3, we design four other NM
schemes shown in Fig. 2.4. We use these five NM schemes to study how effectively
we can improve the network performance. These NM schemes are based on 16-QAM,
64-QAM, and 256-QAM, and each symbol contains two layer-one bits (with larger
MED) and one to four layer-two bits (with smaller MED).

Note that we have NOT exhaustively searched the design space of NM yet, which
remains an open issue. All existing standard modulations can be viewed as special
cases of NM.
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2.3.7 NM Applications

In this section, we study how to apply NM in various network scenarios to achieve

performance gains.

I. Relay

The first scenario is that a source node delivers information to a destination, with
the help of another node which serves as a relay. In this subsection, we first give the
necessary conditions that using a relay is preferable, with or without NM. The con-
ditions can be used to identify relay candidates. Then, we propose how to optimally
configure NM.

1. Necessary condition of using a relay

With traditional modulation, the direct transmission between the source and the

destination can support up-to m b/sym. We have the following theorem.

Theorem 1. [t is preferable to use a relay with traditional modulation if the following
condition holds:
T2, (2.5)
my + Mo
where my and mo are the bits per symbol rates corresponding to the highest modu-
lation schemes that can be supported by the source to the relay and the relay to the

destination, respectively.

For a NM scheme, the source can transmit m/ bits and m/, bits to the destination
and the relay in one symbol, respectively. The following theorem gives the necessary

condition that the NM-assisted relay is preferable.

Theorem 2. The condition that using the NM-assisted relay is preferable to the direct

transmaission is , ,
(m) + m3y)my (2.6)

ma + m),
The LHSs of (2.5) and (2.6) give the throughputs (in terms of bits per symbol) of
the relay with traditional modulation and with NM, respectively. The proofs of the
above two theorems are straight-forward and we omit them here.
2. Optimal NM configuration
Given an identified relay candidate, the next question is how to choose the best
NM scheme under the constraint of BER, p.. Denote p. s, perd, and pe sq the BERs
of the source (S) to the relay (R), the relay to the destination (D), and S to D,
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respectively, which depend on the modulation schemes used and the received SNRs.
Assume that all nodes transmit using the same power FP,. We can formulate the

following optimal NM configuration problem.

Problem 1. (P1)

max (m1/ + mgl)mg

Y

ma + mj
s.t. pe,sr(m,27 Pt) + pe,rd(m27 Pt) S Pe

pe,sd(mlla Pt) S DPe

As the number of modulation schemes that we can choose is limited (five proposed
NM schemes and four traditional modulation schemes), it is feasible to solve the above
optimization problem by exhaustive searching.

3. Optimal power allocation

As the channels between SR and RD might be quite different, appropriate trans-
mission power allocation might be desirable to further enhance the system perfor-
mance. Denote the total power budget by P. The optimal configuration considering

power allocation can be formulated as the following optimization problem.
Problem 2. (P2)

max (ml’ + mgl)mg

mo + myo’
st Pesa(mi’, Pr) < pe
Pe,sr (M, Pr) + pera(ma, Pa) < pe
Py + Py < Phax
P>0, P >0

The optimization problem (P2) is a mixed-integer problem which is difficult to
solve, especially without the close-form expression of BER. Considering the power
control in a practical system is discrete, P, and P are discrete variables with limited
number of values. Using exhaustive searching is still tractable as the searching space
is moderate. We set the number of power levels to be 100 here, which is sufficient for

a practical system.



19

I1. Broadcast and Multicast

When a node broadcasts or multicasts to a group of receivers using wireless transmis-
sions, it needs to adjust the modulation so the receiver with the worst channel quality
can successfully receive the message. In this case, we can use the similar strategy as
discussed in the previous subsection to enhance the system performance. That is,
first identify relay candidates for the worst-channel receiver; then use the optimal
NM configuration algorithm to select the appropriate NM scheme to maximize the
throughput and save energy. Then we repeat the procedure to consider the second
worst channel receiver. Due to space limitation, we do not discuss this problem in
detail.

I1I. Downlink Unicast

Next, we consider the scenario that, in an infrastructure-based network, a base station
(BS) or an access point (AP) needs to send different messages to users using the
downlink. We can also use NM to save the downlink bandwidth and energy. If we
let an idle node to act as a relay for an active user, the problem is again the same as
the relay problem discussed in subsection 2.3.7, and we omit it here. If only active
nodes can collaborate with each other, the problem is different, which is the focus of
this subsection.

Let F be the active user set (the downlink receiver set), and each user needs to
receive one unit of data per scheduling period from the BS. Using NM, the BS can
transmit messages to multiple users with different channel quality simultaneously to
achieve performance gain. As a starting point, we use NM to combine messages to
two users only, and how to combine the messages belong to more than two users

remains a further research issue.

IV. Uplink Unicast

The uplink scenario is similar to the downlink case. A user may need to rely on other
nodes (who can be either active or inactive) to relay messages for it. We can also
use the WLF matching algorithm to group nodes into pairs if using NM is preferable.
The NM configuration problem for each pair can also be solved by global searching

over the extended modulation set and we can also take power allocation into account.
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2.4 Error-correction Coding Assisted Relay

2.4.1 Motivation

Still consider the three-node topology in Fig. 2.2. For the transmission from S to R,
D also receives a copy. Due to the worse channel condition of SD, the received copy
by D may contain severe errors. In the existing solutions of relay networks, D solely
relies on the transmission from R to decode the message from S; in the traditional
cooperative systems, D combines two copies of transmissions from S and R to decode
the message [64, 84]. The relay approach is simpler, but it wastes the erroneous copy
from S to D entirely. The second cooperative communication approach can utilize
both copies to achieve the spatial diversity gain, but it requires sophisticated signal
processing and, more importantly, transmitting two copies of the same information
bits increases the cost.

Here, we investigate a new direction for cooperative transmissions. The transmis-
sion takes two steps. In the first step, S transmits a packet to R and D. In the second
step, R uses the received packet to generate a smaller packet that contains the error-
correcting code (ECC) of the original packet. Then, D can use the corrupted copy of
the original packet from the transmission by S and the ECC from the transmission

by R to recover the original packet.

2.4.2 Selection of ECC

Error coding is a well developed yet still very active area. Different ECCs have dif-
ferent applicable scenarios considering the trade-off of overhead, performance, and
implementation complexity. In traditional applications, both the message and the
parity bits are transmitted over the same channel and thus with equal error proba-
bility. For EAR, the transmissions from S and R to D are over independent channels
with different BERs due to the spatial diversity.

Given the special scenario of EAR, the desirable ECC should satisfy three prop-
erties. First, it must be a systematic code, because the relay node needs to receive
the original packet before it can encode it. Second, it should be scalable, so the code
length can be adjusted according to different error correction requirements. Third,
the computational cost should be acceptable for current hardware platforms. Consid-
ering these requirements, we choose the Reed-Solomon (RS) codes, as they satisfy the

requirements above and there are many high performance software and/or hardware
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implementations readily available.

2.4.3 RS-code Configuration

The RS-code is a systematic linear block code and it is organized into fixed-length
blocks. Each block contains b bits and the encoding and decoding operations are
in Galois field G(2°) [60]. Since modern computing systems are byte oriented, it is
straightforward to choose the block size of 8 bits to be compatible with the mainstream
hardware and software systems. Therefore, we use GF(2%) consisting of 28 — 1 blocks
to construct the RS-code.

Denote the RS-code by a two-tuple (n, k), where n = 255 is the length of encoded
blocks and k is the length of message blocks (in bytes). Their difference, r = n — k,
is the length of additive parity blocks appended to the k£ message blocks. RS-code
(n, k) can correct up to t = r/2 block errors. RS-code with longer parity blocks (i.e.,
larger ) can correct more bit errors at the cost of a higher overhead, so we need to
select the code length carefully.

Assume that RS-code is employed during all transmissions for fair comparison.
Given the BER, the block error rate, Pg, can be calculated as Py = 1 — (1 — BER)".
Different from the conventional configuration of RS-code in point-to-point communi-
cations, here, we need to consider the BERs of both the direct transmission and the
one by the relay. The corresponding block error rate are denoted as PgP and PEP,
respectively, which can be estimated by R.

Given the RS(n, k) code, the probability that D can decode the k-block message

correctly by combining the ECC from R and the original message from S is

r

Fepar(r) = i <I:>( SDY(1 — pEPyk-i.

=0

> (7) ey (- pEey

J=0

When wireless channels are worse than the estimation and the chosen ECC is
insufficient to to recover the original packet, a failed transmission occurs. We have
two choices: (a) to transmit another stronger ECC, and (b) to retransmit the whole
packet. The first scheme may require less channel time but it is difficult to determine

how many bits are in error and which ECC code is sufficient. Thus, we let the relay
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node retransmit the whole packet if the ECC attempt fails for simplicity.
We denote the maximum retransmission limit by R as R,.x, and the RS-code
length for the retransmission by R as rgp. The probability that the packet can be

successively received by D by a retransmission is

o2 kE+r
P =2 ( . RD) (PEPY(1— PEPyreot, (2.8)
If the previous retransmission fails, the message will be retransmitted again till reach-
ing the retransmission limit. Hence, the probability that the message can be success-

fully received by retransmissions is

Rmaxfl
P., = (1-PWY P, (2.9)

i=0
Thus, for each successfully transmitted L(r) = k(P. gar+ (1 — P. gar)P.,) bytes, the
expected transmitted data length (in bytes) by R is

U(r) =r+ (1 —= P.par)(k +7rD)

Runax—1 ' (2.10)
3" i+ 1)1~ POV P A+ Ryl — PR )

1=0

Given R using the modulation type with mgp bit/sym, the corresponding channel

time is T'(r) = % symbol duration.

Based on T(TI;, the expected throughput of the second hop (RD) is Ei(r) = %
(bytes per symbol duration), which should be maximized.

Discussion: As there are many efficient implementations of RS codec, the extra
computation cost of EAR is moderate. Experimental results in [59] showed that the
computation cost of RS encoding and decoding is less than 10% of the capacity for a
commodity computer. If using FPGA to implement RS codec, the efficiency is even

higher. For example, the decoding rate is up to 496 Mbps on Spartan-II by Xilinx [1].

2.5 Performance Evaluation and Discussion

Extensive simulations have been conducted to evaluate the performance of NM and

EAR in different scenarios with different network topologies. For comparison purpose,
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we also implement the traditional relay scheme based on adaptive modulation. We
use the same average symbol energy for all transmission schemes. Thus, if a scheme

can achieve a higher throughput, it can also save energy (using less energy per bit).

2.5.1 Line Topology

We first use a linear topology, where three nodes S, R, and D, are located on a line,
as shown in Fig. 2.5.

The distance between node S and node D is fixed at 1 unit with the corresponding
reference SNR equal to 12 dB (15.85). « is set to three, so the average received SNR
at distance z unit equals 15.85 - (z)™® and the AWGN channel model is considered.
The tolerable BER (before error coding) is set to p, = 1073. Therefore, with direct
transmission, node S can transmit to node D at most 2 b/sym using QPSK. The
distance between node R and node S, z, is varying between 0.05 and 0.95 to evaluate

the system performance under different channel conditions.

X 1-X
® - O
S R D

Figure 2.5: Line topology.
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First, we evaluate the performance of the single-receiver case, i.e., S transmits to D
using R as a relay. In Fig. 2.6(a) and (b), we compare the expected throughput under
the equal power allocation and optimal power allocation, respectively. In these figures,
x-axis represents the location of node R, and y-axis is the expected throughput (i.e.,
the expected number of bits received by node D divided by the expected number
of symbol durations). For the direct transmission, the throughput is 1.984 b/sym
considering packet retransmissions and error-control coding.

As shown in Fig. 2.6(a) and (b), first, to outperform the direct transmission, the
location of R can be in a wider range using the NM-assisted relay schemes than
that using the traditional relay schemes. Second, the proposed NM with a fixed
transmission power can outperform the traditional relay schemes (by up to 30% for
x = 0.3 or 0.7); if combined with the EAR scheme, it can achieve an even higher
throughput and outperform the traditional relay scheme by 50% at = = 0.7. The
improvement comes from twofold: 1) using the NM scheme, two-layered bits are
transmitted simultaneously and only the L2 bits need to be relayed; and 2) with the
EAR scheme, the relayed packet contains the RS parity bits, which is much smaller
than the original packet.

Furthermore, compared the results in Fig. 2.6(a) and (b), the system throughput
can be further improved by the optimal power allocation between S and R, and
NM/EAR can outperform the traditional relay by around 50% for = € (0.55,0.85).
The results demonstrate the importance of power allocation. In the following, all the
results are obtained with the optimal power allocation.

The throughput curves in Fig. 2.6 are in zig-zag patterns. This is because both
the number of modulation schemes and the RS code length are limited and cannot
be adjusted continuously.

The throughput curve of the traditional relay scheme is symmetric with respect
to x = 0.5, while those of the NM-assisted relay schemes are asymmetric. In specific,
when z < 0.5, the performance gain is mainly from the NM; when = > 0.5, EAR
can achieve a substantial improvement. This is because, with EAR, when R is closer
to D, the SNR of link SR is closer to that of SD, we need a less strong RS code
(fewer parity bits) to help D to successfully decode the packets. When R is very close
to S, R has to retransmit all L2 bits similar to the traditional relay scheme, so the

performance gain of EAR largely disappears.
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I1. Two-receiver case

Next, let node S transmit different messages to both node A and node B. The through-
put results are given in Fig. 2.7. In this scenario, the NM can achieve even higher
gains than the traditional schemes. From the figure, the NM schemes can achieve
up to 72% and 91% throughput gains than the traditional schemes with or without
relay, respectively. The preferable region of the relay (in which the NM-assisted relay
schemes can outperform the direct transmission schemes) is wider than that for the
single-receiver case. This is because that, for the two-receiver case, with NM, the
data to R can be piggybacked with the transmission to D, which can achieve a much

higher throughput gain than using R as a relay only.

Throughput [b/sym]
& w

*0-'NM Scheme with EAR
22| =B=NM Scheme without EAR
— Traditional Relay Scheme - 3
21| Direct Transmission SUSUIUHIINNS

L L L L L L
0.1 02 03 04 05 06 07 0.8 09
Location of node R (x)

Figure 2.7: Throughput comparison, two-receiver.

Another observation is that the preferable relay region (in which relay schemes can
outperform direct transmission schemes) is different for the single-receiver case and
that for the two-receiver case. This is because that the throughput of single-receiver
case is highly dependent on the rate of the second hop, which should support more
than 2 b/sym in order to outperform the direct transmission schemes. Thus, when B
is too close to S, using relay with or without NM cannot achieve higher throughput.
This is not the case for the two-receiver case, where the transmissions are finished
in two stages: unicast transmission and relay transmission (if transmission for node
B finishes first) or direct transmission (if transmission for node A finishes first). In

the unicast stage, the data for different nodes can be transmitted simultaneously,
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so the overall throughput is high. Thus, when node B is close to node S, even
though the second hop channel condition is not good enough to support modulation
schemes higher than QPSK, the NM-assisted transmission scheme can still achieve
throughput gain. Only when node B is very close to node A, we cannot obtain any
gain by traditional or NM-assisted relay schemes.

However, for the two-receiver case, the EAR scheme can only achieve a marginal
gain. This is because, using NM, the percentage of the data to be relayed by R to D
in the two-receiver case is much lower than that in the previous one-receiver case.

Note that these results are sensitive to the received SNR of SD. If the received
SNR of SD changes, the desirable relay locations and the performance gains of NM
and EAR also change. Nevertheless, the overall trend will remain the same.

The results with the linear topology not only provide important insights of where
the performance gain comes from and for which scenarios the proposed scheme is

most useful, but also indicate where the desirable relay nodes should be located.

2.5.2 Network Scenario

E Active User
< Relay Node

(a) Relay (b) User cooperation

Figure 2.8: Network topology.

We further evaluate the performance in a two-dimensional network, where a base
station (BS) serves all the active users uniformly distributed in the cell as shown in
Fig. 2.8. For simplicity, we assume that there is no interference for the downlink

and uplink transmissions, and each node has the same amount of data to transmit
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for both the downlink and the uplink. Assume that the BS has the knowledge of
the network topology and channel conditions that are stable during the scheduling
period.

First, grouping users into pairs for cooperative transmission can be formulated
as the following weighted non-bipartite matching problem, which is applicable to
both the uplink and downlink scenarios. Denote the set of the mobile users in the
cell by F. Denote by R;; the throughput for a pair of users ¢ and j, and R; and
R; their (downlink or uplink) individual throughput with traditional modulations,
respectively. The gain of using NM (with or without EAR) for users ¢ and j is
G,; = max(1/R; + 1/R; — 2/R; ;,0). The optimal matching will maximize the sum
of G, ; for all users.

If the G, ; for all users in F is known, the state-of-the-art optimal matching algo-
rithm can solve the above matching problem with the time complexity of O(N?) [25].
However, obtaining G, ; for all pairs is nontrivial. Thus, instead of using the opti-
mal matching algorithm, we use a simple heuristic algorithm called worst-link-first
(WLF) matching [67] to group users: the BS first sorts the channel qualities of all
users; then it selects an unmatched user j with the worst channel quality and finds
another unmatched user ¢ who is most desirable for j (i.e., the pair can achieve the
highest performance gain); it repeats the above procedure till all users are matched. If
using relay schemes (with NM and/or EAR) for a pair cannot achieve any throughput
gain, the direct transmission schemes will be used. We also use the optimal power

allocation for all schemes and all pairs.

Network throughput

Network throughput is used to evaluate the performance of different schemes, which
is the total amount of information transmitted in the whole network over the total
channel time consumed.

To consider different node densities, we vary the number of active users from 2 to
50 with the step size of 4. Set the SNR at the cell boundary as 11 dB (which can
support QPSK using the traditional modulation scheme). For each node density, we
repeated the simulation 1,000 times using different randomly generated topologies,
and calculated the average results. In the following figures, the network through-
puts are normalized to the one with direct transmission (which adopts the adaptive

modulation scheme) for easy comparison.
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Figure 2.9: Network throughput (uplink).
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Figure 2.10: Network throughput (downlink).

The normalized network throughputs for uplink and downlink are shown in Fig. 2.9
and Fig. 2.10, respectively. We note that the downlink and uplink throughputs are the
same with the traditional relay schemes. This is because, with the traditional relay
schemes, the most preferable relay nodes are at the same or symmetric locations for
the downlink and uplink transmissions. Thus, the same node will serve as the relay for
both uplink and downlink transmissions. However, the throughput of downlink and
uplink may not be the same with NM-assisted relay, since different relay nodes might
be chosen for uplink and downlink transmissions. Thus, with NM, the workloads of
relay nodes can be more balanced, which is desirable for energy-constrained wireless
networks.

From the simulation results, the traditional relay scheme can achieve a marginal
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network throughput gain, while the proposed NM with EAR scheme can achieve a
25% throughput gain.
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Figure 2.11: Per bit-energy consumption (uplink).
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Figure 2.12: Per bit-energy consumption (downlink).

In addition to the throughput gain, the average bit-energy consumption is also
reduced by using NM with EAR. Fig. 2.11 and Fig. 2.12 show the bit-energy results,
which are normalized to the bit-energy of direct transmission. With more than 30
users in the cell, for the uplink case, the NM without and with EAR schemes can
reduce the bit-energy by more than 20% and 31%, respectively, compared to the

direct transmission. For the downlink case, the NM scheme without and with EAR
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can reduce the bit-energy consumption by more than 22% and 28%, respectively.
Note that there is a tradeoff between energy consumption and throughput. How to
minimize bit-energy consumption while maintaining certain throughput using NM
and EAR can be formulated as a different optimization problem which can be an

interesting further research issue.

Further discussions

The gain by the NM is more significant for the downlink transmissions while the
gain by the EAR is more significant for the uplink transmissions, because the uplink
scenario is similar to the one-receiver case and the downlink scenario is similar to the
two-receiver case in the linear topology.

For the uplink, a higher node density can lead to a much higher gain as the
performance of EAR is more sensitive to the relay location. For the downlink, even
when the network only has two active users, using NM can achieve around 11%
throughput gain on average.

Note that we only consider five NM schemes and the RS(255, %) codes in this
dissertation work. If more well-designed NM schemes and RS codes are used, it is

possible to further improve the network performance.

2.6 Conclusions

In this chapter, we have presented the detailed design of the network modulation and
the error-correction coding assisted relay schemes, which take the network topology
and channel conditions among multiple nodes into consideration to explore the spatial
diversity and broadcast nature of wireless communications. The proposed NM is
based on the mainstream QAM modem, and the proposed EAR uses the widely-
used RS codes. Therefore, they are easy to be adopted in practical wireless systems.
Extensive simulation results have demonstrated the substantial performance gains

and lower bit-energy consumption of the proposed schemes.

2.7 Symbol List



Symbol Explanation

do, d transceiver distance

PL() path-loss

Gy, G transmitter and receiver antenna gains
P, P, transmitted and received signal power
Q path-loss factor

0 received SNR

m number of bits transmitted by a symbol
De BER

Py block error rate

P.gar(-)  decode probability

(n, k) RS-code

U(-) expected transmitted data length

T(") channel time (in symbol duration)

E (") expected throughput

G, performance gain by grouping user i and j
R link throughput
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Chapter 3

Hexagonal Modulation and

Non-binary Error Control Coding

3.1 Introduction

As mentioned in Chapter 2, the QAM is one of the most popular design principles
where two quadrature (90-degree out-of-phase) carrier waves (usually sinusoids) are
changed (i.e., modulated) in their amplitudes and mixed to represent the coded infor-
mation bits. The most common signal constellations are 16, 64 and 256-QAM which
carry 4, 6 and 8 bits per symbol, respectively [37]. Other modulation schemes such
as BPSK and QPSK share the same principle.

At the receiver end, the QAM demodulator converts the received signal, which may
be corrupted by fading, noise and interference, to bits. The signal space is partitioned
into decision regions for this purpose, and demodulation is equivalent to determining
the region that contains the received signal. With the conventional QAM, the signal
space is partitioned into rectangular decision regions, however, it is well known that a
two-dimensional regular tiling with hexagons is the most efficient packing in terms of
compactness [28]. Therefore, if hexagonal decision regions are employed to partition
the signal space, referred to as hexagonal modulation (H-QAM), the spectrum and/or
energy efficiency can be improved. H-QAM maximizes the minimum distance between
symbols and thus minimizes the symbol error probability for a given signal energy, as
well as the peak-to-average power ratio, which is important for OFDM systems [88,
31, 73, 22].

However, H-QAM schemes have not been widely adopted in wireless systems yet
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because the number of the constellation points may not be the integer power-of-two
and thus it has the inherent difficulty to be compatible with current information
systems, which usually use the binary digits to represent information. To improve
the compatibility, there are two existing approaches [88, 31, 73]. One is to convert
the binary data stream to non-binary symbols, e.g., ternary, at the transmitter and
reverse the procedure at the receiver. However, this scheme suffers from the error
propagation problem, i.e., a one non-binary digit error may cause several binary digit
errors and thus degrade the BER performance. The other approach is to leave some
symbols unused, but this reduces the efficiency which limits the gains possible with
H-QAM.

Thus hexagonal modulation alone can only provide marginal performance im-
provement. To fully realize the potential of H-QAM, it is necessary to go beyond
binary bit-mapping and coding. Thus, in this dissertation we not only employ H-
QAM | but also break the limitation of binary bit-mapping and coding, i.e., using
ternary digits (trits) to carry information and conduct error correction to achieve a
higher spectral and energy efficiency. Interestingly, ternary architectures have been
considered in computing and storage systems due to their higher radix economy and
the three usable states for certain electromagnetic materials [50, 49]. Even though
ternary communication and computing systems have not yet reached commercially
viability, their future use has been predicted by Knuth [47].

With this new approach, the main contributions of this chapter are three-fold.
First, we propose new modulation schemes based on hexagonal tiling and evaluate
the corresponding BER performance. The new H-QAM schemes proposed in this
dissertation contain 3, 6, 8, and 12 constellation points to represent 1 trit, 1-bit plus
1-trit, 3-bits, and 2-bits plus 1-trit, respectively. Second, we employ ternary convolu-
tional coding to protect the ternary digit directly. For H-QAM with hybrid bit and trit
information, we consider a combination of binary and ternary coding. The BER per-
formance is evaluated for different modulation schemes, including the conventional
QAM, with code rates 1/2 and 3/4 to conform to the IEEE 802.11 standard [75].
These results show that increasing the number of modulation schemes does not lead
to a large increase in AMC schemes, and will be discussed later. Third, due to the
ring structure of hexagonal modulations, bits and trits can naturally have different
levels of protection against transmission errors. For example, using an appropriate
information mapping in H12-QAM, the trit (with roughly 1.5-bit information) can
have a lower BER than the bit with the same average received SNR, due to the large
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inter-symbol-cluster distance. This intrinsic feature is especially favorable for scal-
able video applications (e.g., base vs enhancement layers in layered video coding, and
I, P and B frames in MPEG-like video coding schemes) due to the different levels
of sensitivity to information loss on user-perceived video quality. The last but not
the least, extensive simulation results are presented to demonstrate the efficiency of
the proposed scheme, which can provide considerable performance gains compared to
existing binary systems. A prototype H-QAM wireless communication system was
developed with non-binary information mapping using GNU Radio and USRP2, a
commonly used software-defined radio (SDR) platform [23].

3.2 Background and Related Work

3.2.1 Hexagonal Signal Constellations

Modulation is the process of converting a data stream to waveforms suitable for trans-
mission through a communication channel. For bandwidth limited bandpass modula-
tion, quadrature amplitude modulation (QAM) is commonly employed. Typical QAM
constellations can be considered as rectangular partitions of the two-dimension signal
space. It is well known that regular hexagons provide the densest two-dimension pack-
ing, and this has motivated research into the potential of H-QAM [31, 88, 73, 32].
Existing work on hexagonal modulation usually considers one of the following ap-
proaches. The first considers binary data, so that each modulation symbol represents
an integer number of bits. However, this scheme requires that the number of constel-
lation points be a power-of-two. Since the number of H-QAM constellation points
is not a power-of-two [31], some of the constellation points are not used, which is a
waste of available resources.

The second approach uses all points in the hexagonal constellation for transmission
to maximize the per-symbol throughput. It has been shown in [88] that hexagonal-18
QAM modulation (H18-QAM) requires less energy per-bit than 16-QAM. As 18 can
be factorized as 2 x 3 x 3, one H18-QAM symbol can be decomposed into one bit and
two trits. To accommodate a binary data stream, binary symbols can be mapped
to ternary symbols using binary-input ternary-output (BITO) convolutional or turbo
codes to also provide error correction [88]. However, this conversion is not flexible
and suffers from poor performance since it fails to offer adequate protection for the

ternary digits. According to the simulation results, the coded error performance of
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H18-QAM is 0.6 dB lower than that of the coded 16-QAM, so in this case hexagonal
modulation provides no improvement over rectangular modulation.

It is clear that using binary data with non-binary modulation may be suboptimal
as some useful constellation points are not used, and employing BITO codes for error
correction leads to the inflexibility in multiplexing bits and trits. An alternative

approach is to combine H-QAM with non-binary, in particular ternary, coding.

3.2.2 Ternary Computing and Communications

Radix economy is used to measure the cost of storing or transmitting numbers in a
base [33]. It is defined as the number of digits needed to represent a number N in the
base of b, multiplied by the radix b. A base with a lower radix economy has a higher
efficiency. It has been proven that a radix of three provides the lowest radix economy
among all integer bases. Thus, the cost of storing numbers can be minimized if a
ternary base is used [33]. This implies that a ternary base outperforms the widely
used binary base in terms of both storage and communications. Ternary based data
recording/storing systems have been investigated [49, 50]. Computers using balanced
ternary logic were implemented in the late 1950’s and were shown to be more efficient
in ternary than binary. Although the interests in ternary computing have diminished,
Knuth has predicted that the elegance and efficiency of ternary logic will bring it back
in the future [47].

As most existing information and computing systems are binary based, ternary
has not received much attention in wireless communication systems yet. For exam-
ple, the implementation of non-binary error correction coding such as Reed-Solomon
codes has been focused on binary extension fields GF(2°), where s is an integer [19].
Thus the number of known ternary error correcting codes suitable for communication
applications is limited.

As discussed in Sec. 3.2.1, the use of ternary codes with hexagonal constellations
can fully realize the potential of H-QAM and improve the performance of wireless
communication systems. Thus, we have conducted extensive literature scan to find
out a ternary convolutional code and applied appropriate puncturing schemes to

obtain different code rates, and the details will be discussed in Section 3.3.3.
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3.2.3 Differentiated Services

In many multimedia applications, some types of information are more important
than others in terms of how they are perceived by users, so we should treat them
differently to fully utilize the limited resources. We use scalable video as an example,
which can encode the video stream into a base layer and several enhancement layers to
provide spatial, temporal, and quality scalability. For each video frame, if the receiver
can receive its base layer successfully, a low quality video can be played back, and
the quality is improved when more enhancement layers are received. To improve the
coding efficiency, the correlations among the information in different layers are used to
compress the higher layers. Consequently, if the lower layer information is lost during
transmission, the corresponding higher layer information becomes useless. Given the
different importance of different layers, it is essential to provide differentiated services
for information in different layers.

Differentiated Services (DiffServ) can be provided in different layers of the net-
work protocol stack. Providing DiffServ at the coding and modulation level has the
advantage of easy synchronization and the robustness against varying wireless chan-
nel conditions: when multiplexing the information from different layers and trans-
mitting it in the same symbol, different layers of the same frame can be received
simultaneously. When the wireless channel quality is good, all layers can be received
successfully; when the channel quality is poor, the most important layers can be re-
ceived successfully and the other layers may be corrupted or lost. In the literature,
hierarchical modulation has been proposed to support differentiated services, and the
unequal protection of QAM constellation mapping has also been used to support
data bits of different importance [83]. Different from the previous work, here we use
the intrinsic performance difference of bits and trits multiplexed in each hexagonal

symbol to support layered video applications.

3.2.4 Modulation vs. Coding Gain

While low density parity check (LDPC) codes have been shown to provide near ca-
pacity performance [81], complexity remains a challenge.

Capacity achieving LDPC codes are very complex to implement because long
code lengths are required (millions of bits). In addition, the BER after demodulation
should be sufficiently low. If this BER is below a given threshold, coding can be
employed to reduce it to a negligible level. Otherwise, it is difficult for coding to
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Figure 3.1: Hlustration of achievable throughput with different modulation schemes.
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reduce the BER, and the BERs with and without coding are similar. Thus given the
SNR at the receiver, an appropriate modulation scheme can be used to ensure that
the BER after demodulation is below a threshold (often 107 for wireless systems),
and then error control coding is applied to reduce this BER to an acceptable region
(e.g., below 107%). As error control coding is not effective unless the uncoded BER is
sufficiently low, a better modulation scheme can help to improve the overall system
performance. For wireless communication systems employing AMC, several combi-
nations of modulation and coding schemes are usually adopted to fit with different
channel conditions. In this chapter, we also consider different code rates for H-QAM.
Introducing H-QAM modulation does not lead to much more AMC schemes as H-
QAM with coding can outperform and thus replace some of the existing, conventional
AMC schemes.

In addition, if the SNR gap between two AMC schemes is large, e.g., QPSK with
a rate 3/4 code and 16-QAM with a rate 1/2 code, this gap can be filled with an
H-QAM based scheme. As illustrated in Figure 3.1, since the SNR at the receiver
is continuous, there is space (shaded areas) for new modulation schemes (using new
or existing coding schemes) to improve the system performance, which motivates the

work reported in this chapter.

3.3 System Design

3.3.1 Constellation Geometry

A signal can be represented in the signal space domain using an in-phase and quadrature-
phase (I/Q) constellation diagram. For a constellation with N points, the information
carried in each symbol equals log, N bits (or logs N trits). The distance between a
constellation point to the origin, d, is proportional to the square root of the trans-
mitted symbol energy. In the absence of noise, the received signal constellation has
the same shape as the transmitted constellation, except that, at the receiver, the
distance from a constellation point to the origin is proportional to the square root of
the received symbol energy. In the following, constellation refers to the constellation
at the receiver unless otherwise stated.

In an additive white Gaussian noise (AWGN) channel, a received symbol follows
two-dimensional Gaussian distribution centered at the corresponding constellation

point. A Voronoi diagram can be used to determine the decision boundary of each
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symbol. The probability that a symbol is demodulated in error is equal to the proba-
bility that the received symbol lies outside the decision region of the intended symbol.

Given the requirement that the BER after demodulation should be low (e.g.,
below 1073), and the fact that the Gaussian distribution decays exponentially, we

can approximate the symbol error probability for H-QAM by

2r2

2Q ( Fo) , (3.1)
where Q(-) is the Q-function, r is the shortest distance from the constellation point to
its decision boundary, and Nj is the noise spectral density. As r is equal to half of the
minimum Euclidean distance in the signal space between two constellation points, the
BER is a function of the minimum Euclidean distance between constellation points.
The optimal design of a modulation constellation can be considered as the max-
imization of the number of constellation points under the average power (symbol
energy) and BER constraints. Using (3.1), this can be converted to the following
geometry problem. In a circle of radius v/E 47, pack as many non-overlapping circles
with radius r as possible, where F is the maximal received symbol energy, and r is

determined by the BER constraint.
When the radius of the region, V'E, is sufficiently large, the optimal packing is
a hexagonal tiling. Comparing this tiling with the rectangular tiling widely used in
existing QAM schemes, a hexagonal tiling can cover the region more efficiently, which

leads to approximately a 0.6 dB gain [24].

The Proposed H-QAM Geometry

Given the commonly employed modulation schemes such as BPSK, QPSK, and 16-
QAM, we propose to add ternary PSK (TPSK), H6-QAM, H8-QAM, and H12-QAM
schemes to fill the gaps in Figure 3.1. Each received symbol can provide from one
to four bits of information with a granularity of about 0.5 bit. We use these signal
constellations to demonstrate the benefits of hexagonal modulation combined with
ternary coding.

Given a fixed number of constellation points, the optimal constellation arrange-
ment problem is slightly different from the circle packing problem. Conditioned on
maximizing the minimum Euclidean distance, the average symbol energy should be

minimized. This is equivalent to minimizing the average of the square of the distances
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Figure 3.2: TPSK, H6-QAM, and H8-QAM constellations.
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Figure 3.3: Constellation and mapping for H12-QAM.

from the constellation points to the origin under the condition that the minimum dis-

tance of each constellation point to its decision boundary is no smaller than r, i.e.

d?
min %, (3.2)
where d; is the distance of the i-th constellation point to the origin and M is the
number of constellation points. Thus, the points should be as close to the origin as
possible, and so the location of the origin should be chosen carefully.

For the TPSK constellation shown in Figure 3.2(a), each symbol represents one
trit, or log, 3 ~ 1.585 bits of information. It is straightforward to arrange the con-
stellation points according to an equilateral triangle, and set the origin to the center
of the triangle. The minimum Euclidean distance from each point to its decision
boundary is r = \/m, where F; equals the average symbol energy.

For H6-QAM, each symbol carries one trit plus one bit of information, and the
constellation arrangement is shown in Figure 3.2(b). The minimum Euclidean dis-
tance from a constellation point to its decision boundary is r = \/m, which is
much larger than that of 6-PSK (\/m), and thus the symbol error performance of
H6-QAM is better.

For H8-QAM, each symbol carries three bits of information, and the constellation
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arrangement is shown in Figure 3.2(c), where the origin is located at the midpoint of
an edge of a hexagon. The minimum Euclidean distance from a constellation point to
its decision boundary is r = \/m, which is larger than that of rectangular 8-QAM
(v/Es/6). For H12-QAM, each symbol carries one trit plus two bits of information,
and the proposed constellation arrangement is shown in Figure 3.3(a), where the
origin is the joint vertex of the center hexagons. The minimum Euclidean distance
from a constellation point to its decision boundary is r = \/m Note that TPSK,
H6-QAM and H12-QAM are rotationally symmetric by 120°, which is an additional

benefit as will be shown in Section 3.5.

3.3.2 Constellation Mapping

Given the geometry of the constellation points, the next step is to map the bits
and trits to the constellation point such that the BER is minimized. As there are
more neighboring points (with the smallest distance to a constellation point) using
hexagonal modulation, careful mapping is required to limit the number of bits and/or
trits in error due to a symbol error. It is not straightforward to obtain a Gray type
of mapping (with only one bit/trit difference between neighboring points), because
the number of neighbors with hexagonal tiling often exceeds the number of bits and
trits represented by each symbol.

An exhaustive search for the optimal mapping is only possible when the number
of constellation points is small as the computational cost increases exponentially with
the number of points. Here, we use the following design principle to search for good
mappings. Starting from a bit, the constellation points are divided into two clusters.
Similarly, starting from a trit, the constellation points are divided into three clusters.
Then, ‘0" and ‘1’ (for a bit) or ‘0, ‘1’ and ‘2" (for a trit) are arbitrarily assigned
to each of the clusters. For the remaining bits or trits, binary or ternary numbers
are assigned to the points in one cluster first, and in turn to the points in the other
clusters. The same number is assigned to neighboring points in different clusters as
much as possible. For example, with the H12-QAM constellation in Figure 3.3(b),
starting with a trit, the 12 points are divided into three clusters, and the first, second
and third one are assigned ‘0, ‘1’ and ‘2’; respectively. Within the first cluster, a
Gray type mapping is used to assign ‘00’, ‘01°, ‘11" and ‘10’ to the four points. For
the second cluster, ‘00" and ‘01" are assigned to the points neighboring ‘000" and ‘001".
Similarly, for the third cluster, ‘01" and ‘11" are assigned to the points neighboring
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Figure 3.4: A ternary convolutional encoder [95].

‘1017 and ‘111°.
Although the above mapping is not of a Gray-type, the results presented in Sec-

tion 3.4 show that it still leads to a performance improvement.

3.3.3 Ternary Error Control Coding and Interleaving

Given a noisy channel, a received constellation point may differ from that transmitted
which will result in bit/trit errors. Interleaving and error control coding can be used

to mitigate these errors.

Non-binary Convolutional Codes

Convolutional coding has been widely used in wireless systems such as 802.11 because
of the relatively simple implementation and good performance improvements [27]. A
binary convolutional encoder can be represented by the parameters (n, k, m) where k
and n are the numbers of input and output bits, respectively, and m is the encoder
memory size. The code rate is k/n. Three code rates, 1/2, 3/4 and 2/3, are employed
in the IEEE 802.11 standard. At the receiver, the received coded bit stream is de-
coded to recover the original message bit stream. The Viterbi algorithm follows the
maximum-likelihood decoding approach and is widely used in practice because of the
low implementation complexity.

Similarly, a ternary (n, k, m) convolutional encoder maps k input trits to n output
trits [95]. A ternary convolutional encoder can be simply implemented using shift reg-
isters and modulo-3 adders, as shown in Figure 3.4. In the figure, the shaded squares
are memory elements and the circled numbers are the coefficients that the trits are
multiplied by. The circled sum represents a modulo-3 adder. As there are two output

trit streams v1 and v2, the code rate is 1/2. Similar to binary convolutional codes,
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puncturing can be employed to obtain different code rates to adjust the protection
level according to the modulation scheme, channel condition and required BER. To
be consistent with the 802.11 standard, a rate 3/4 punctured ternary convolutional
encoder is considered. The puncturing pattern is the same as that used for the binary
convolutional encoder, [1 1 1 0 0 1], where 0 means the coded digit at that position
is punctured.

Following the similar principle, we implemented the ternary based Viterbi de-
coding [86], where the difference is the operation is on GF(3) rather than GF(2).
The complexity associated with a convolutional code is primarily in the decoder. A
ternary decoder using the Viterbi algorithm requires O(3™ Lz ) memory space and
O(3*™+V L) computation time, where Ly is the trace back length of the decoder
and L¢ is the code block length, respectively. The computational complexity of a
ternary convolutional is comparable to that of a binary decoder with a similar number

of states.

Interleaving

Many error correcting codes such as convolutional codes cannot tolerate burst errors,
so it is desirable to separate these errors using an interleaver. An interleaver can also
help mitigate errors when Gray mapping is not employed. Bits or trits are interleaved
within a packet as the performance results show that this intra-packet interleaving
provides an obvious performance gain for fading channel and it does not introduce

extensive delay.

3.3.4 System Architecture

Using the IEEE 802.11a standard as an example, Figure 3.5 shows the system archi-
tecture which utilizes H-QAM. The shaded blocks indicate the new modules or the
existing modules that need to be updated. The messages are divided into two queues,
one of which is converted to the trit stream. The bits/trits conversion module converts
the bit sequence to a trit sequence (details of this conversion will be discussed later),
and this is the input to the ternary-based convolutional coding (CC) encoder. The
cross-layer controller uses the CSI to determine the modulation and coding schemes
to be used, which is included in the Physical Layer Convergence Procedure (PLCP)
header [27].

The PLCP header includes the physical layer control information. The rate field of
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Figure 3.6: BER without error control coding.

the PLCP header is used to inform the receiver of the modulation and coding scheme
to be employed. There are 8 different AMC schemes in the current IEEE 802.11a
standard, which is represented by a 4-bit rate field. There is one reserved bit in the
header which can be combined with the 4-bit rate field to represent up to 32 different
modulation and coding schemes. This should be sufficient to include the new AMC
schemes based on H-QAM and ternary convolutional coding proposed in this chapter,
as some of these schemes can replace existing AMC schemes based on conventional
QAM. The proposed non-binary H-QAM communication system is compatible with
conventional systems and does not require additional communication overhead as will

be shown later.

3.4 Performance Evaluation

3.4.1 Uncoded BER Performance

A key performance index is the BER given the received SNR over an AWGN channel.
We consider a received SNR from 0 to 18 dB and examine the uncoded BER for
different modulation schemes. The received signal to noise ratio is Es/Ny where Fj
is the received energy per symbol and N is the noise power spectral density. Monte
Carlo simulation is used to obtain the BER results shown in Figure 3.6.

Although H-QAM is the most efficient modulation in terms of achieving the min-
imum symbol error rate, each constellation point has more neighbors than that of

rectangular QAM, so the resultant non-Gray code mapping will degrade the BER
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Figure 3.7: Coded BER with BPSK, TPSK and QPSK modulation.

performance of H-QAM. Comparing H8-QAM and 8-QAM, we note that even with
this loss due to non-Gray mapping, H8-QAM still outperforms rectangular 8-QAM
by 0.8 dB at a BER of 1072, and this gap increases for smaller BERs. These results
demonstrate the advantage of using hexagonal constellations.

Considering uncoded systems and using 10~ as the uncoded BER threshold, the
addition of TPSK, H6-QAM, H8-QAM and H12-QAM provides more choices to adapt
the modulation. For instance, TPSK can be used to replace BPSK in the SNR range
of [6.2, 8] dB to achieve a 58% throughput gain. Similarly, H6-QAM, H8-QAM, and
H12-QAM can replace QPSK in the SNR range of [9.8, 15.3] dB to achieve 29%
to 79% throughput gains. H-QAM constellations such as H27-QAM and H54-QAM
should provide throughput gains when the received SNR is higher, which is left for

future research.

3.4.2 Coded BER Performance

For the coded BER performance, an AWGN channel is considered with the rate 1/2
ternary convolutional code shown in Figure 3.4. This code has 3% = 81 states, so for a
fair comparison a rate 1/2 binary convolutional code is used with 26 = 64 states. This
binary code is employed in IEEE 802.11 standards [27]. To evaluate the performance
of the H-QAM based AMC, we also consider punctured convolutional coding with
the puncture pattern discussed in Sec. 3.3.3, which provides a code rate of 3/4.

The BERs for BPSK, TPSK and QPSK with different code rates are shown in
Figure 3.7, and the BERs for QPSK, H6-QAM, H8-QAM, H12-QAM and 16-QAM
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Table 3.1: A comparison of modulation and coding schemes.

Modulation | Coding rate | Throughput (b/sym) | SNR (dB)
BPSK* 1/2 0.5 > 7.12
BPSK* 3/4 0.75 > 7.97
TPSK 1/2 0.785 > 8.89
TPSK* 3/4 1.178 > 9.3
QPSK 1/2 1 > 10.2
QPSK* 3/4 1.5 > 11.04
H6-QAM 1/2 1.285 > 12.81
H6-QAM* 3/4 1.928 > 13.27
H3-QAM 1/2 15 > 1378
H8-QAM* 3/4 2.25 > 14.58
H12-QAM 1/2 1.785 > 15.73
H12-QAM* 3/4 2.678 > 16.18
16-QAM 12 2 > 16.53
16-QAMF | 3/4 3 > 17.35

with different code rates in Figure 3.8. Comparing Figures 3.6 and 3.7, when the SNR
is below 5 dB, the BER for BPSK with or without coding is similar (1072 or above).
In addition, when the SNR is below 6 dB, the BER for TPSK with or without coding
is similar (1072 or above). Thus, error correction coding is effective only when the
uncoded BER is sufficiently low.

Figures 3.7 and 3.8 show that for a given code rate and BER, the required SNR
increases with respect to the number of constellation points. This is because the
denser the constellation, the smaller the minimum Euclidean distance. However, some
combinations of H-QAM and coding outperform the QAM combinations in terms of
both throughput (information per symbol) and BER. For instance, TPSK with a rate
3/4 code has a throughput of 1.178 b/sym (bits per symbol), which is higher than
that of QPSK with a rate 1/2 code, 1 b/sym. In addition, the BER performance
of TPSK with a rate 3/4 code is better than that of QPSK with a rate 1/2 code,
with more than 0.9 dB improvement at a BER of 107¢. Therefore, TPSK with rate
3/4 coding can replace QPSK with rate 1/2 coding in AMC. Similarly, H12-QAM
with rate 3/4 coding can replace 16-QAM with rate 1/2 coding. Using 1079 as the
threshold for coded BER, the required SNR and the corresponding throughput are
shown in Table 3.1.

Considering AMC, we can not only use TPSK and H12-QAM with rate 3/4 coding
to replace QPSK and 16-QAM with rate 1/2 coding, respectively, but also use H6-
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Figure 3.9: Single link throughput comparison.

QAM and H8-QAM with rate 3/4 coding to fill the SNR gap between QPSK with
rate 3/4 coding and 16-QAM with rate 1/2 coding. This provides us a finer grained
set of choices for AMC. These new AMC schemes can be indicated in the PLCP
header for the receiver to demodulate and decode properly. Next, we study how
these new modulation and coding schemes contribute to a higher system throughput

and efficiency.

3.4.3 Single Link Throughput

The enriched modulation and coding combinations are now considered in an AMC
system. A Rician fading channel with Rician factor K = 6 dB is considered for a
single communications link. The conventional AMC set contains BPSK, QPSK and
16-QAM with rate 1/2 and 3/4 coding according to the IEEE 802.11 standard [27].
The augmented AMC set includes the existing QAM and the new H-QAM based
transmission schemes marked by * in Table 3.1. For a fair comparison, we use the
same symbol rate and energy for all the modulation and coding schemes.

In the simulation, we transmit data packets with the size of 1 kilo-byte, and 1, 000
packets are transmitted to obtain the average performance. Intra-packet interleaving
is used for the bits and trits separately. The simulated transmitter and receiver follow
the same structure as given in Figure 3.5.

For AMC with or without H-QAM, one practical issue is the imperfect estimation
of channel conditions. If the received SNR is underestimated, the sender may select a

modulation and coding scheme with a lower throughput (i.e., the number of bits per
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symbol received by the receiver). Conversely, if the received SNR is overestimated, a
higher BER than the required threshold may result, which is even more undesirable.
The impact of channel estimation errors on the system performance is thus of critical
importance. To examine this impact, channel estimation errors are modeled as a
Gaussian random process with zero mean and unit variance. To reduce the probabil-
ity that the received SNR is overestimated, which may severely degrade the system
performance, the transmitter uses the estimated SNR minus its standard deviation
to select the modulation and coding type.

Figure 3.9 compares the link throughput using AMC with and without the pro-
posed H-QAM schemes, for an average received SNR of 8, 11, 14 and 17 dB. The
average throughput was obtained for 1,000 runs using Monte Carlo simulation to av-
erage the effects of fading. With perfect channel estimation, the proposed non-binary
communication system outperforms the conventional one by 13.7%, 14.5%, 24.1% and
14.9% when the average SNR is 8, 11, 14 and 17 dB, respectively. The performance of
both conventional QAM and H-QAM is degraded with imperfect channel estimation,
but the proposed system still achieves throughput gains of 13.1%, 13.5%, 23.6% and
17% for an average SNR of 8, 11, 14 and 17 dB, respectively.

3.4.4 Network Throughput

The system performance is then evaluated in an infrastructure-based network, where
an access point (AP) is centrally located to serve all users in the network, e.g., a
WiFi network, and the mobile users are randomly distributed. The wireless channels
suffer from independent Rician block fading. The path-loss exponent « is set to 3. All
symbols have the same average transmitted symbol energy. We consider the downlink
performance where the AP transmits packets (with the same size of 1 kilo-byte) to
all mobile users in a round-robin manner. It is assumed that the AP has the channel
information which is used to select the AMC scheme for each packet according to the
estimated SNR. The average SNR is set to 7 dB when users are at the boundary of
the network.

The system performance was evaluated using Monte Carlo simulation with dif-
ferent node densities. For each density, 1,000 simulation runs were executed using
random topologies, and the average network throughput was determined in terms of
bits per symbol. Figure 3.10 presents the results for 5 and 30 users, which correspond

to sparse and dense networks, respectively. These results show that the proposed
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non-binary H-QAM schemes increase the average network throughput by more than
13.2% and 13.3% for the 5 and 30 user cases, with perfect or imperfect channel infor-
mation. In addition to the throughput gain, for a given average transmitted symbol
energy, with more bits transmitted per symbol, the per-bit energy consumption is
reduced by 11.6% and 11.7%, respectively.

BER Diversity and Link-Layer Performance

We use H12-QAM which contains 1 trit and 2 bits of information per symbol as
an example to transmit the layered video. For comparison, we also evaluate the
performance using the traditional 16-QAM and QPSK. The coded trits/bits BER
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Figure 3.12: Link-Layer Transmission Times.

performance of H12-QAM is shown in Figure 3.11. From the figure, the BER perfor-
mance of trits and that of bits in H12-QAM have more than one order of difference.
The BER of trits is close to that of 8-QAM while the BER of bits is slightly better
than that of 16-QAM. It is anticipated to have a higher video quality if we use trits to
carry the base layer information and bits to carry the enhancement layer information,
as we have a better error resilience performance for the base layer due to the BER
diversity.

We still consider a Rician fading channel, where the average SNR is 75 (18.75 dB)
and the Rician factor is 8 dB. The wireless communication is error prone even with
a strong error control coding. Therefore, the link-layer retransmission schemes are
adopted to further improve the system robustness and link stability. Given the im-
portance of the base layer, we design the retransmission scheme accordingly: if the
base-layer in a packet contains errors, a retransmission will be triggered until the
base-layer is received correctly or reaching the maximum retransmission limit of 7
according to the IEEE 802.11 standard [27]. For simplicity, the video data are frag-
mented to packets with the maximal packet size of 1,500 bytes.

First, we use the average number of transmissions per packet to evaluate the
link-layer performance. Figure 3.12(a) shows the transmission times of each video
frame during one run of the simulation. There are several pulses in the curves of
16-QAM and H12-QAM, which are due to the channel variation and varying video
frame size. In the figure, all packets can be transmitted successfully with QPSK and
H12-QAM, but there are a few packet losses with 16-QAM after reaching the retry

limit. The average transmission times per packet are shown in Figure 3.12(b), which
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Figure 3.13: Video Quality with H12-QAM vs 16-QAM.

are 1.32, 1.04 and 1.00 for 16-QAM, H12-QAM and QPSK, respectively. There is
almost no retransmission for QPSK due to the low BER, and H12-QAM has slightly
larger retransmission times but its spectrum efficiency is more than 70% higher than
QPSK. On the other hand, the average retransmission times with 16-QAM is very
high, which not only leads to more channel time consumed but also results in a larger
delay and jitter. Considering the larger number of information carried per symbol and
the larger number of link layer retransmissions, the spectrum efficiency of 16-QAM

is similar to that of H12-QQAM. Next, we compare their video service quality.

Video Quality Comparison

Figure 3.13 compares the PSNR of the video using the 16-QAM and the H12-QAM.
With 16-QAM, the video performance degrades to unacceptable regions frequently
due to the losses of the base layer information even with up to 7 link-layer retrans-
missions.

We also conducted the simulation using QPSK. The average PSNR of the video
using 16-QAM, H12-QAM and QPSK are 33.31, 38.4 and 39.16 dB, respectively.
Compared with QPSK, we can see that the average video quality using H12-QAM is
similar, but H12-QAM can achieve both the bandwidth and energy saving by 70%.

In [83], Apex was proposed based on the conventional QAMs, where the unequal
error protection of constellation mapping codes is used to carry the I, P, and B frames
in a non-layered video, as the I frames are more important than P and B frames. The

trits and bits in H-QAM have an even larger performance difference than that of the
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conventional QAMs given in [83]. Thus, the non-layered video can also benefit from

the performance difference by using hybrid trits/ bits for I, P, and B frames.

3.5 Prototype and Measurements

A prototype for the non-binary H-QAM communication system was developed using
the SDR platform USRP2 [23] and GNU Radio. SDR offers the the flexibility to
develop the radio systems by moving the general signal processing modules to software
end. GNU Radio [9] is is one of the most popular SDR software development tool
stack.

The USRP2 platform can support different carrier frequencies according to the
daughter board mounted, and we used the XCV2450 daughter board which can be
operated at the license-free bands of 2.4 to 2.5 GHz and 4.9 to 5.85 GHz. One USRP2
was connected to the laptop host (DELL E5400) as the transmitter and another to
the PC host (DELL OPTIPLEX 755) as the receiver. The USRP2-based OFDM im-
plementation [76] was augmented with the proposed H-QAM. The carrier frequency,
number of subcarriers and FFT length are 2.49 GHz, 80 and 512, respectively.

Three new hexagonal modulation designs, TPSK, H6-QAM and H8-QAM, have
been implemented. As mentioned previously, bits/trits conversion is required to im-
plement H-QAM. This conversion will introduce some performance loss as 2 and 3 are
both prime numbers [88]. Using a long bit sequence will reduce this loss but increase

the delay and complexity. The conversion efficiency is defined as

ly

N li - logy(3)’ 33

n
where [, is the length of the input bit sequence and [; is the length of the output trit
sequence. Converting 11 bits to 7 trits provides an efficiency of %52232 =99.1% [48].
As the conversion block is small, this can be easily implemented using a lookup table.
After the bits/trits conversion and scrambling at the transmitter, the mapping to
modulation symbols is done.

1,000 test frames were transmitted where each frame contains 100 blocks of data,
and each block contains 16 bytes of data with a 4-byte CRC. The transmitter converts
all or part of the bits in each block to trits depending on the modulation employed.
The receiver demodulates the received symbols to bits and/or trits according to the

modulation scheme used as indicated in the PLCP header. Then the trits are con-



Table 3.2: The experimental BER results.

Modulation | Uncoded BER | Coded BER
BPSK 5.4 x 107° <1077
TPSK 5.1 x 107° <1077
QPSK 2.9 x 107 2.13 x 1077
H6-QAM 1.2 x 1073 5.49 x 107°
H8-QAM 1.6 x 1073 1.04 x 10—°
8PSK 2.3x 1073 1.22 x 107°

25
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verted back to bits and the CRC is checked to determine whether there are any
transmission errors in the block. If a block fails the CRC check, the number of errors
is obtained by comparing it with the original block. The BER after demodulation can
then be calculated using the total number of errors. To obtain the coded BER, the
received bits or trits are further processed using the binary and ternary convolutional
codes to determine the coded BER.

The BER results are shown in Table 3.2. As expected, the performance of TPSK
is better than that of QPSK, and H6-QAM and H8-QAM perform better than 8PSK.
These results demonstrate the feasibility and simplicity of deploying the proposed
H-QAM. Note that the uncoded BER performance of TPSK is even slightly better
than that of BPSK. This is because, given the constellation of BPSK, there might
be a 180° phase shift between two consecutive symbols transmitted, and these phase-
shifts result in large amplitude fluctuations, which degrade the performance of the
communication systems [86]. The relative phase difference of TPSK symbols, 120°, is
much smaller than that of BPSK, which brings an additional benefit in the practical
communication system that was usually not counted in the analysis. Despite the
accuracy limitations of the USRP2 hardware and the effects of the fading wireless
channel, the measured results given for an indoor environment confirm the feasibility

of the approach.

3.6 Conclusions

In this chapter, the design and implementation of a non-binary communication system
have been presented which employs H-QAM and ternary error control coding. Both
bits and trits are employed to improve the spectral and power efficiency. The proposed
H-QAM can be implemented by modifying existing QAM systems. We have also
explored the inherent performance diversity of bits and trits in the same symbol
to offer a differentiated information protection, which can be used to support video

applications for a higher efficiency and/or better QoS.

3.7 Symbol List



Symbol Explanation

E maximal received symbol energy

d; distance of the i-th constellation point to the origin
M the number of constellation points

B average symbol energy

lp length of bit sequence

length of trit sequence

S7
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Chapter 4

Environment-aware Clock Skew
Estimation and Clock

Synchronization

4.1 Introduction

Having a synchronized clock, i.e., all nodes having a common notion of time, is one
of the most fundamental requirements in wireless sensor networks. Clock synchro-
nization is critical for data transmission, localization, sleep-scheduling, information
fusion, and etc. However, due to the imperfect crystal cutting and clock circuit, and
the dynamic working temperature, the output value of a node’s local clock, namely
the local time, is often different from others’ local time, leading to the clock offset.
An unregulated clock offset will degrade the network performance and even endanger
the proper network functioning.

Clock synchronization, the process of removing clock offset w.r.t. the reference
clock, still remains a challenging issue especially in the contexts of sensor networks.
First, sensor nodes usually have limited computational capacity and power supply
and thus the synchronization algorithms for sensor networks should be with mod-
erate computational complexity and communication overhead. Besides the limited
resources, in many sensor network applications, such as environment monitoring,

wild animal tracking, surveillance systems, etc., the environments surrounding sensor
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nodes are usually highly dynamic and/or even hostile. Thus it is clear the environ-
ment information could be utilized to improve the synchronization of sensor nodes.

In the modern electronic system, a crystal oscillator is usually used to generate
the clock ticks, which are periodical signals with certain frequency. However, the
output frequency of the clock tick is not always the same as the nominal frequency
and changes according to the working temperature. The deviation of the output
frequency results in different clock tick durations and thus the clock skew, which is
the instantaneous clock drift rate between two or more clocks. It is the inherent
reason for clock de-synchronization [74]. The output value of a clock is the counting
number of its ticks and therefore the effect of clock skew will be accumulated and
lead to an unbounded clock offset. Thus the clock needs to be re-synchronized to
maintain the clock synchronization accuracy. It is obvious that if we can estimate
and compensate the clock skew, we can improve the clock synchronization accuracy
and therefore prolong the clock re-synchronization period [68].

However, the estimation on the clock skew is non-trivial because the output fre-
quency of a crystal is affected by the working temperature, which is dynamic especially
for contexts such as outdoor applications [115]. Previously, a constant clock skew was
assumed for skew estimation, which is not accurate according to the measurement re-
sults. Kalman filters have been used to improve online skew estimation performance,
which can achieve the minimum mean square error (MSE) for linear systems with
white Gaussian noise [7, 5, 30, 110]. However, in WSNs, clock skew is non-stationary
due to environment variations. Different from the previous approaches, in this chap-
ter, we use the correlation of temperature and clock skew in a multi-model Kalman
filter to accurately estimate the clock skew in a dynamic environment. Here, the dy-
namics of the environment mainly refers to the changing environment temperature.

Based on the clock skew estimation results, we propose a two-phase synchroniza-
tion scheme. The first one is the temperature-assisted external clock synchronization
phase, during which the local node exchanges timestamps to eliminate the clock offset.
Different from the previous solutions, we propose to leverage the relationship between
the clock skew and the temperature to estimate the current clock skew, which allows
us to directly remove the clock skew and thus improves the clock offset estimation
accuracy and reduces the computational complexity. During the second phase there is
no timestamp exchanged and the time is updated by the local clock only. We propose
the temperature-assisted clock self-calibration (TACSC), with which the clock skew is

dynamically compensated according to the current working temperature.
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The main contributions of this chapter are fourfold. First, based on our measure-
ments, we demonstrate that the clock skew is highly correlated to temperature, so we
use a hybrid two-model system to describe the clock skew. For the hybrid system,
the main challenge is to determine which model should be used in the Kalman filter
for a specific time period, as clock skew measurements contain severe noise. To tackle
this problem, we propose an additional information aided multi-model Kalman filter
(AMKF) to obtain the model likelihood for clock skew based on the local temperature
model likelihood estimation. Second, based on the clock skew estimation results w.r.t
temperature, we propose to directly remove the clock skew during a clock synchro-
nization process by exploring the relationship between the crystal frequency and the
working temperature. It can not only improve the estimation accuracy but also reduce
the computational complexity. Third, during the period when the local clock cannot
obtain the timestamps from the reference clock, we propose the TACSC scheme to
dynamically compensate the clock skew. Thus we can maintain the synchronization
of the local clock and therefore significantly prolong the period between two syn-
chronization processes under certain synchronization error tolerance. The proposed
TACSC scheme relies on local information only and does not require any timestamp
exchange. Therefore, it can not only reduce the communication overhead in clock
synchronization but also be used in the case when the reference clock is temporarily
unreachable. The last but not the least, extensive simulation and testbed verification
are conducted to demonstrate the efficacy of the proposed scheme. For the clock skew
estimation, the proposed scheme can reduce the RMSE by more than 50% and we
also obtain the estimation lower bound as benchmark. For the clock synchronization
phase, the proposed scheme can reduce the mean square error (MSE) of clock offset
estimation by more than 50%. For the duration when there is no timestamp message
exchanged, the proposed TACSC scheme can reduce the synchronization error by

more than one order of magnitude.

4.2 Related Work

In the previous research work, many clock synchronization approaches have been
proposed for different scenarios. For example, the Network Time Protocol (NTP) [70]
has been widely used in the Internet, which allows computers to extract the timestamp
information from NTP packets to update their local clocks. However, it is not well

suited for sensor networks due to the complexity. The Timing-sync Protocol for
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Sensor Networks (TPSN) was proposed for sensor networks instead in [26] to correct
the clock offset. However, this scheme requires frequent re-synchronizations because
it does not compensate clock skew, which makes the clock drift away quickly. The
Flooding Time Synchronization Protocol (FTSP) [68] has been proposed for multi-hop
wireless networks. It calculates the clock skew in a moving window and uses linear-
regression algorithms to mitigate both clock offset and clock skew in a hierarchical
way. F'TSP takes the clock skew into account. Therefore, it can achieve a relatively
high synchronization accuracy. In [57], an interesting scheme called FLIGHT was
proposed, which can explore the light intensity changes with a stable period that
equals half of the alternating current’s to perform clock synchronization in the indoor
environment.

With the estimation of clock skew, it can be removed and/or compensated to
improve the synchronization accuracy and/or prolong the re-synchronization period.
A linear optimization problem was formulated and solved to estimate clock skew
in [71]. A convex hull algorithm for both offline and online clock skew estimation was
proposed in [113], and it was also used for clock skew mitigation. In [53], the joint
estimation of clock offset and clock skew with unknown synchronization delay was
addressed. In [45], a direct clock skew removal technique was proposed. However,
the relationship between clock skew and working environment has not been consid-
ered in their work, and the skew estimation using a moving window might not be
able to track the change of clock skew accurately. In [115], the authors proposed an
interesting on-demand synchronization scheme that can give an uncertainty analy-
sis of the clock skew estimation and compensation. According to this uncertainty
analysis, the synchronization error can be statistically estimated and therefore the
resynchronization can be triggered wisely. However, since this scheme ignored the
impact of temperature and thus the analytical model can only work well in a stable
environment. As demonstrated in [105, 87|, clock skew changes dramatically when
the working temperature changes.

In general, crystal oscillators are sensitive to the temperature and the changing
temperature will deviate the output frequency of crystal oscillator. Although the
temperature compensated crystal oscillator (TCXO) can compensate the temperature
effect, e.g., MAXIM DS32KHz, but the cost is still too high ($2.81 each at the volume
of 1K [69]) for the low cost sensor nodes. Besides, the TCXO also increases the
circuit complexity, energy consumption and footprint of wireless devices. In addition,

the TCXO cannot totally eliminate the clock skew instability w.r.t. temperature
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(e.g., up to £7.5ppm [69]). Thus, we are motivated to devise low-cost, flexible software
solutions.

In [94], the authors validated that the clock skew of sensor node was unique and
sensitive to temperature and they utilized this information to detect malicious and
mal-functioning nodes. In [82], a temperature-compensated time synchronization
algorithm was proposed to compensate the clock according to the environment tem-
perature and can achieve a much longer resynchronization period. The limitation of
that work is that the calibration algorithm treated the clock skew as a stationary ran-
dom process, which may not be true in dynamic environments and will thus degrade
the estimation accuracy.

On the other hand, it is well known that Kalman filter is optimal for linear systems
with white Gaussian noise in terms of MSE. Several approaches have been proposed
based on Kalman filter [7, 5, 30, 110]. The algorithms proposed in [7, 5] assumed that
the clock skew is constant, which works well in a relatively stable environment, while
the performance will degrade in dynamic environments. For example, the temperature
may vary more than 20°C within 12 hours in an outdoor environment. Temperature
changes may be more dramatic for some applications such as wild fire detection. The
circuit temperature changes can also be faster due to the heat generated by the circuit
components.

In [30], an AR(1) model was developed to describe the changing clock skew, which
provides some adaptivity w.r.t the changing clock skew.

In [110], an interacting multi-model (IMM) Kalman filter was employed in clock
skew estimation to consider the changing clock skew. However, due to the high
noise level of clock skew measurement, the model uncertainty problem still exists. In
addition, how to utilize the high correlation between temperature and clock skew to
better estimate clock skew has not been investigated in [30, 110].

In [82], a temperature-compensated time synchronization algorithm was proposed
to compensate the clock skew according to the environment temperature. Since it
dynamically compensate the clock skew, it can achieve a longer re-synchronization
period. The limitation of that work is that the adopted clock skew estimation algo-
rithm treats the clock skew as a stationary random process, which may not be true
in dynamic environments.

Different from the previous approaches, in this work, we first identify the correla-
tion between temperature and clock skew from the measurement results, and propose

to accurately estimate clock skew with the assistance of temperature measurements
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using a low-cost Kalman filter. According to the estimation of clock skew w.r.t. tem-
perature, we can directly remove it in the external clock synchronization phase, which
results in both higher synchronization accuracy and lower computational complexity.
In the clock self-calibration phase, we use the correlation between temperature and
clock skew to compensate the instantaneous clock skew, so it can maintain the clock
synchronization level for a much longer duration without exchanging timestamp mes-
sages. The proposed solution can be easily extended to any other wireless devices

equipped with temperature sensors.

4.3 Notations and System Model

4.3.1 Notations

For presentation clarity, we first define the important terms used in this chapter,
which are consistent with our published work [105].

Clock is the device to measure time. It consists of a periodic component that ticks
at a given frequency and a counter that counts the number of ticks from a starting
time instant. Denote by C4(t) the output value of clock A at a given reference time
instant .

Clock frequency is the frequency of clock signal generated by the clock circuit,
which is usually determined by the crystal and the corresponding peripheral circuit
components. Let f(7T) denote the actual output frequency of clock circuit at temper-
ature T'. It may not be the same as the nominal frequency f, with perfect crystal
and peripheral circuit at the targeted temperature. The difference of f(7) and f,
results in the clock skew, which will be discussed later.

Clock offset is the difference between the reported time of two or more clocks.
If the time reported by clock A and clock B are C4(t) and Cg(t), respectively, the

offset of clock A w.r.t. clock B can be written as
05(t) = Ca(t) — Cp(t). (4.1)

Clock skew is the differential coefficient of the clock offset. The clock skew

reflects the difference of tick durations of two or more clocks, and is denoted by

oAt 0A(t+ T(ti) — 03(1) (4.2)

O{g(t) - dt ~ 7_( ) )



64

a(tyy —d+ £40v)

Processi
delay

0y

Sampling

Node A

. ‘ C’L C

e & )
(d+e,)) Propogation

delay

Figure 4.1: Two-way timestamp exchange

where 7(t) is the sampling interval.
Using a uniform sampling where 7(¢) = 7, the clock offset and clock skew can be

discretized, respectively, as
03[n] = Caln] — Cp[n], (4.3)

and

_ O3ln+1] — 04ln)

o/é [n] (4.4)

4.3.2 Two-way Timestamp Echange

The two-way timestamp exchange mechanism between the local node and the refer-
ence node is usually adopted to estimate the clock offset [53, 101], as shown in Fig 4.1.
Several timestamps might be exchanged to eliminate the measurement noise caused
by delay and clock jitters, etc., to obtain a higher clock offset estimation accuracy.
In Fig. 4.1, 6y is the initial clock offset to be estimated. The absolute value of

clock offset might change as time elapses due to the clock skew, i.e.,

O(AL) = 0 + a(T)A, (4.5)
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where the clock skew «(T") can be assumed as a constant during the timestamp
exchanges, since the timestamp message exchange can be finished within a very short
time. In the ith round of timestamp exchange, node A first sends the timestamp tﬁ?l
at t%?l +d, 4, where d, 4 is the processing and queuing delays at node A. The message

arrives at node B at thl — dp p and node B records the time tg?l, where d, p is the

processing and queuing delays at node B. The reply message contains timestamp tg)g

and is sent at tg.)g + d, p along with the previous recorded timestamp tiB’l. Then,
node A records the reception time of the reply message as tf472.

Denote D;i] as the difference between the timestamps t% | and t}; ,, i.e., Di[i] =
tiB71 — tiu. However, we cannot simply use D;[i] as the estimation or measurement of
clock offset 6]i], since there are several delays introduced in different stages during the
message transmission, which make it deviate from the actual clock offset. Instead,

the clock offset can be expressed as
Dy[i] = 0:1[i] + (1 + (1)) (teld] + teli] + tp]d]), (4.6)

where 61(i) = 0y + a(T)(t"y; — t%,) denotes the current clock offset; t.[i] and t,]i]
are the message construction delay at the sender side and the processing delay at the
receiver side, respectively; ¢,[¢] is the propagation delay. t.[i] and ¢, [i] may be different
from system to system due to the CPU capacity and the system load. Their variations
are usually at us level or even smaller, by setting the corresponding processes at a
high priority. Hence, we can approximate them as constants and their variations
can be included in the system observation noise. t;[i] can also be approximated as a
constant if the channel is stable, and thus its variance can be included in the system
observation noise as well. Therefore, we can attribute all these delays as a constant

delay d; plus a zero-mean random variable and rewrite D [i] as
Dhli] = 601[i] + (1 4+ a(T))(dy + wanli]), (4.7)

where wg1[i] is the delay jitter during the transmission from node A to node B.
Similary, let D;[i] denote the difference between timestamps ti , and t'y 5, i.e. Dyli] =

ts o — 'y, and it can be written as
D2 [Z] = 02 [l] - (]. + O[(T))(dg + wdg[l.]), (48)

where wg2[i] is the delay jitter during the transmission from node B to node A. Since
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the aforementioned process happens within a short period, we assume that the delay
is symmetric, i.e. d; = dy = d as in [74, 53]. Therefore, we can model this two-way

timestamp exchange as

{ Dii] =ty —tay = o+ a(T)(thy — tiy) + (1 +a(T))(d +waai]), (49)

Dyli] = 55 =t o = o + a(T)(th , — th1) — (1 + a(T))(d + wapli]),

where wg1[i] and wgsli] are assumed to be zero mean independent Gaussian dis-
tributed random variables with variance o2, which has been experimentally verified
in [21]. If the two-way timestamp exchange is conducted for N rounds, we can obtain
a sequence of recorded timestamps as {t} ;,tp;, 15,15, ;. Then, the clock offset
6y can be estimated based on these N equation sets similar to (4.9) by different

algorithms [53, 74].

4.3.3 Clock Skew Model

To accurately estimate clock skew, we first investigate its property from measurement
results. As all oscillators and PLL modules are sensitive to temperature, in addition to
the existing measurement results [72, 97, 110, 87], we conduct further measurements
over a time span of six months to verify and quantify the correlation of temperature

and clock skew.

Measurement Setting

We used one laptop (DELL Latitude-D520) as the reference node and the widely used
sensor node, Berkeley Mica2 Mote [89], as the client to send timestamps periodically,
where the period duration is set to one second for simplicity. We used two Mica?2
nodes and put them together. One Mica2 node was connected to the MIB board [90],
which offers the serial interface to send timestamp messages to the laptop. To avoid
the buffer jitter, when a serial port event interrupt is triggered, the laptop will read
the system time right away and then process the timestamp messages. The second
node was connected to a sensor board MTK300 [91], which has a temperature sensor.
The reason we used two nodes here is that the sensor board MTK300 is too thick for
Mica2 to connect with the MIB board.

To obtain the clock skew measurement in a dynamic environment, we used a

heater to increase and a fan to reduce the environment temperature for the Mica2
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Figure 4.2: Experiments on temperature and clock skew.

sensor nodes. This can mimic the outdoor situation where the sunshine and wind can
increase and reduce the temperature. The Mica2 node equipped with the temperature
sensor sent the temperature measurement to the other node on demand. The Mica2
node connected to the MIB board periodically transmitted timestamp messages con-
taining the temperature information to the laptop. Hence, we can use these messages

to obtain the clock skew measurement.

Measurement Results and Analysis

The measurement results are shown in Fig. 4.2. From the figure, when the envi-
ronment is stable, the clock skew can be well modeled as a constant with additive
noise. On the other hand, the absolute value of clock skew increases (decreases) as
the temperature increases (decreases) and hence cannot be considered as a stationary
random process. Therefore, it is difficult to use a single model to describe the dynamic

behavior of clock skew [110], and we use a hybrid two-model system to describe the
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clock skew as
a[n] = a+ ¢[n] (a),

(4.10)
aln] = aln— 1]+ 7p+ ¢[n] (b),

where p is the changing rate of clock skew and 7 is the sampling interval and ¢[n]
represents the processing noise, which can be considered as crystal jitter caused by
electromagnetic interference and/or some other uncertain factors.

If the temperature is relatively stable, the change of clock skew is marginal and
the constant clock skew model in (4.10-a) should be employed. If the temperature
changes, we can use the constant velocity model shown in (4.10-b) to characterize the
change of clock skew, because the temperature change is relatively smooth during the
sample period and the constant velocity model has been widely used in kinematics,
thus we can treat p as constant.

However, given the severe noise level of clock skew measurements, it is very difficult
if not impossible to determine which model to use at a time instant. In addition, from
the measurement results, we note that the change of clock skew is not necessarily
linear. However, we avoid to introduce other models, such as constant acceleration
model, as more models will further exaggerate the model uncertainty problem. In
addition, the constant velocity model has the ability to keep up with the constant
acceleration process if the sampling rate is sufficiently high, and in this case, the
model imperfection can be treated as part of the processing noise.

A more important observation is that, in Fig. 4.2, the trend of the temperature
curve matches the clock skew curve very well. We repeated the experiments, and the
results all show the similar tendency. To reveal the correlation, we first used the raw
measurement data to calculate the Pearson product-moment correlation coefficient
(pxy = E[(X —ux)(Y — ux)]/(oxoy)) of the clock skew and temperature mea-
surements. The coefficient result is —0.505 only, as the clock skew and temperature
measurements both contain noises. We then used a moving window of size 5 to smooth
the measurement results. We used the average of the measurement results within the
window and calculated their correlation coefficient again, and the result is —0.973,
indicating that the temperature and clock skew are indeed highly correlated (negative
temperature coefficient). However, we need to use advanced estimation techniques
to use this correlation, as the raw measurements, particularly for clock skew, contain
severe noise.

Furthermore, from our measurements repeated over a half-year span, for the same

pair of clocks, the relationship of clock skew w.r.t. temperature is stable; but different
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pairs of clocks exhibit different clock skew change patterns w.r.t. temperature. With
this observation, we propose to dynamically compensate the clock skew for each
sensor node by first estimating the relationship between the clock skew (w.r.t. the
reference clock) and temperature, which can enhance the effectiveness of the clock
offset compensation process and prolong the resynchronization period.

Also, the impact of temperature on clock skew is dominant when compared with
other environment factors, such as humidity, shock etc. [94, 87], which have not been

studied in this chapter, and we treat them as system noise.

4.3.4 Crystal Oscillator

With its low cost, relatively good stability and accuracy, crystal oscillator is widely
used in modern electronic systems especially in embedded systems, e.g., the Mica2
sensor nodes [89] are equipped with the 32KHz crystal SE2412CT-ND [34], a tuning
fork crystal unit. Crystal oscillator is an electronic oscillator circuit that uses the me-
chanical resonance of a vibrating crystal of piezoelectric material to create a periodical
electrical signal with certain frequency to provide a relatively stable clock signal. The
output frequency of the clock circuit depends on the crystal, i.e., the shape or the cut
of the crystal, and the peripheral devices, such as the capacitor [87]. However, due to
the imperfect cutting techniques and the load capacitance of the peripheral circuits,
the actual output frequency f(7') may not be the same as the nominal frequency f,
even at the targeted temperature 7' [87] (typically between 20°C~ 25°C [34]).

The output frequency is also highly related to the working temperature and can
be modeled as [87, 35, 110, 34]

F(T) = f(To)(1 = B(T — Ty)*), (4.11)

where [ is the parabolic coefficient (or temperature coefficient) and Tp is usually
called the turn-over temperature (might be different from the targeted temperature).
A common parabolic coefficient for a regular 32KHz tuning fork crystal is around
+0.04ppm /°C [35, 34]. It indicates that the crystal will resonate close to f(7y) when
the temperature is close to T, and it will slow down when either the temperature
increases or decreases from the turn-over temperature. As f(7') over T is a quadratic
function, it is very sensitive to the operating temperature, e.g., if ' — Ty = 10°C, the
frequency drift can be up to 4ppm (around 4us per second).

The clock output is the count of clock ticks, where the duration of a clock tick



70

is determined by the frequency of the crystal oscillator. Therefore, the difference

between f(T') and f,, results in a clock skew of

a(T) = f./f(T) — 1. (4.12)

Given the fact that the temperature sensor becomes the standard element of many
sensor board [91], we can substitute the measured temperature (may contain noise)
into (4.11) to estimate the current clock frequency and to obtain the corresponding
clock skew by (4.12). Since the measurement of temperature is noisy, it will result
in the estimation noise in the frequency and clock skew estimation, which will be

discussed in Section 4.5.1.

4.4 AMKF Clock Skew Estimation

According to the measurement results, clock skew is dependent on and sensitive to
the temperature and is modeled as a hybrid system with two models. It cannot be
considered as a stationary random process and many estimators designed for station-
ary random processes are not applicable here, such as Maximum-likelihood, Wiener
filter, etc. Here, we employ the Kalman filter for clock skew estimation.

Considering the hybrid system of clock skew models, it is difficult to determine
the suitable model for a specific time, because the switching of models is random and
unpredictable. In our previous work [110], an IMM Kalman filter is used to tackle
this model uncertainty in clock skew, which can combine the output of several filters
based on different models and/or parameters. Instead of making explicit decisions,
the IMM Kalman filter uses the weighted sum of the outputs from different filters as
the system output. The output combination is based on a soft decision by assigning
different probabilities to different models. The transition between these models is
considered as a Markov chain with preset transition probabilities. In each iteration,
every model processes the measurement data independently and the likelihood func-
tion is calculated based on the estimation of each filter. Then we can obtain the
dynamic weights, which can be considered as the posterior probability of each filter
based on these likelihood functions.

Although the IMM Kalman filter has the potential to deal with model uncertainty,
it is still difficult to accurately estimate the model probability because the measure-

ment noise is relatively large. The measurement noise may lead to severe errors in
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selecting the clock skew models, so the previous solution in [110] is not robust and
accurate enough.

On the other hand, we note that the measurement noise for temperature is much
smaller than that of clock skew as there are more additive error sources for clock skew
measurement. Given the high correlation of temperature and clock skew, we can use
the temperature information to assist the decision of which model to use for clock
skew estimation.

Therefore, we propose the additional information aided multi-model Kalman filter
(AMKF), which can estimate the model probability for one process using the model
probability of another related process of which the model probability is easier to
obtain. This approach is different from the traditional approaches, where the decision
is based on the estimated process itself only.

To use AMKF, we need to know the model probability of the related process,
which is temperature in this work. Given the fact that the temperature measurements
contain relatively small noise and the environment temperature can be either stable
or slowly changing, temperature is also modeled as a hybrid two-model system with
a constant model and a constant velocity model. We use the IMM Kalman filter [8]
to process the temperature first and obtain the corresponding model probability. At
any time instant, the model for the temperature is assumed identical to the model
for the clock skew because these two processes are highly positive-correlated.

The structure of the IMM Kalman filter is shown in Fig. 4.3. The IMM Kalman
filter takes three steps: reinitialization, model conditioned filtering, and output esti-
mation. The first step is to reinitialize the estimation state :fc,@l'k_l and covariance
matrix ]515?1“%1

. NG
variance matrix Pk_l‘ o1

several standard Kalman filters based on different models independently to process

based on the estimation results fvfﬁu x_, and the corresponding co-

of all filters in the system. In the second step, we maintain

the measurements zj. At last, the output Z, is estimated based on the estimation
results from different filters and the corresponding model likelihoods A%, which is
calculated based on the estimation residuals and corresponding covariance matrix.
Once we obtain the model probability from the IMM filter for temperature, we
can set a threshold to determine which model to use for clock skew estimation. In
our work, the threshold may not be 0.5. This is because the constant-velocity model
is a higher order model when compared with the constant model. Therefore, the esti-
mation error caused by the inaccurate model selection of using the constant velocity

model for a constant process is smaller than vice versa. Hence, the constant-velocity
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Figure 4.3: Structure of the IMM Kalman Filter.

model is slightly preferable, so it is associated with a larger likelihood. Since we
largely eliminate the model uncertainty of clock skew, we can use the sequential
Kalman filter here with different state transition matrix and covariance matrix of the
processing noise. The mathematical details of IMM [55] and Kalman filter [100] are
not presented here due to the space limitation.

The computational complexity of Kalman filter is mainly caused by the matrix
inversion. As it comes to our problem, the matrices involved are all 2 x 2 and therefore
the inversion can be calculated efficiently, so the computational complexity of the

proposed solution is affordable even for sensor nodes.

4.5 Temperature-Assisted Clock Synchronization
and Self-Calibration

In this section, we present the design of the two-phase temperature-assisted clock
synchronization algorithm. We first explore the relationship between the crystal out-
put frequency and the working temperature to estimate the clock skew. Then it
can be directly removed in the external synchronization phase and also dynamically

compensated thereafter till the following re-synchronization.

4.5.1 Online Clock Skew Estimation

As mentioned in Section 4.3.4, we can estimate the crystal output frequency based
on (4.11) and the current working temperature. Then the clock skew can be esti-

mated by (4.12). Since the temperature information from the temperature sensor
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also contains noise, it will introduce errors in the crystal frequency estimation and
thus the clock skew estimation. We analyze the estimation error performance first.
We assume that the temperature measurement noise 7 is Gaussian distributed with
the mean of 0 and the variance of o4, i.e. or € N(0,0%).

As presented in Section 4.3.4, the output frequency of a crystal is modeled as a
quadratic function w.r.t. temperature. Therefore, an intuitive solution is to substitute
the measured temperature into (4.11) to obtain the frequency estimation. However,

this estimation is biased.

Lemma 1. The frequency estimation f(T) obtained by substituting the measured
temperature into (4.11) is not an unbiased estimation of the actual frequency f(T) at

temperature T'.

Proof. The measured temperature T is expressed as
T =T+ 6r, (4.13)

where T denotes the actual temperature and d7 is the measurement noise as mentioned

before. Therefore, the estimation of frequency directly from (4.11) is
F(T) = fo1 = B(T — Tp)?), (4.14)

where fj is the frequency at temperature Ty. Then, we obtain the mean value of the

frequency estimation at temperature 7" as

E[J(T)] = Elfo(1 = B(T — Ty)?)]
= fo = foBEI(T + ér — Tp)*)]
= fo — foBE[(T — Tp)* + 67 + 267(T — to)]
= fo(l = B(T = Tv)*) — foBot.

(4.15)

As we know, the actual crystal output frequency at T should be fo(1— (T —Tp)?) [87,

35, 34|, which is different from E[f(T')] as we calculated above. This finishes the
proof. O

From the proof of Lemma 1, we can see that the difference between E[f(T)]
and f(T) is —foBc%, which is a known constant. Therefore, we can take it into

consideration and obtain the unbiased crystal output frequency estimation.
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Theorem 3. The unbiased estimation of crystal output frequency based on the tem-

perature measurement s

f=fo(l=B(T —Tp)?) + foBoz, (4.16)

and the mean value of the estimated frequency is E[f(T)] = f(T).

The proof of Theorem 3 is similar to that of Lemma 1 and therefore is omitted
here due to the space limit.

The estimation error of the crystal output frequency at certain temperature is also
a random variable. Numerically, we found its distribution can be well approximated
by a Gaussian distribution as shown in Fig. 4.4. Then we can derive the variance of

the crystal frequency estimation error as

U;(T) = E[(f— f)z]
= E[(fo(1 = BT = Tp)*) = fo(1 = B(T = Ty)*))*] (4.17)
= f28%*(307 + 4(T — Ty)?07).
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Figure 4.6: Variance of clock skew estimation error

From (4.17), the variance of the frequency estimation error is also related to tem-
perature, and the further from the turn-over temperature Tj, the larger the variance
is.

From (4.12), we can obtain the current clock skew based on the estimation of the

crystal output frequency

o
i(7)

As we use a Gaussian distribution to approximate the crystal frequency estimation

a(T) = -~ (4.18)

error, we can obtain the probability density function (PDF) of (14 «(7)) accordingly.
Unfortunately, even with the PDF, we still cannot obtain the closed-form expression
of the mean value and variance of clock skew estimation error. We found that we can
still use Gaussian distribution to well approximate the clock skew estimation error
as shown in Fig. 4.5. The clock skew estimation obtained from (4.18) can be biased.
However, from the numerical results, the mean value of the clock skew estimation error
is below 10719 level, which is negligible. The variance of the clock skew estimation

error can be approximated by a quadratic function w.r.t. temperature as in Fig. 4.6.
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Discussions: The clock skew changes in dynamic environments. To address this
challenge, we advocate to estimate the clock skew in advance based on the relationship
between the crystal output frequency and the temperature. Besides the temperature
measurement error, the errors contained in the parabolic parameter 3, the actual
turn-over temperature Ty and the corresponding crystal output frequency f(7p) also
affect the clock skew estimation performance. These parameters can be obtained
by pre-deployment system profiling [87] or by the curve fitting from the clock skew

estimation results [105].

4.5.2 Two-phase Clock Synchronization Scheme

Clock synchronization is the process to mitigate the clock offset among two or multiple
clocks based on the timestamps. However, the timestamp messages may not be always
available due to the communication overhead or when the reference clock is temporar-
ily unreachable, especially for WSN applications. Therefore, the sensor node needs
to maintain the synchronization by its local clock. Unfortunately, as we discussed
before, the uncompensated, time-varying clock skew will make the clock offset drift
away quickly and unbounded. The proposed clock synchronization scheme contains
two phases: (i) the external synchronization phase, during which nodes refresh their
clock by exchanging the timestamp messages; (ii) the clock self-calibration, which is
the interval between the two external synchronization phases and calibrate the clock
based on the local information. Different from the previous work [115, 53, 87, 82|, we

take the environment information into account.

External Clock Synchronization Phase

During this phase, local node exchanges timestamp messages with the reference clock
as presented in Section 4.3.2 and the procedure is shown in Fig. 4.1. Based on this
two-way timestamp exchange, we can obtain a sequence of equation sets as (4.9).
Since the timestamp exchange can be accomplished within a short period, we assume
the two-way transmission between the local node and the reference node undergoes
the same delay with independent delay jitters [53, 74]. We can rewrite the two-way
timestamp exchange model (4.9) by adding the two equations together, and the new

model is

Dy[i] + Dsli] = 200 + a(T)(thy + thp — 2th 1) + (1 + (D)) (warli] — wap[i]). (4.19)
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Different from the previous work which tries to estimate both clock offset 6y and
clock skew « simultaneously, such as using maximum likelihood estimators [53, 74],
we leverage the temperature information to estimate clock skew, as presented in Sec-
tion 4.5.1. Then we directly remove the clock skew accordingly to improve the clock
offset estimation accuracy. On the other hand, since we only need to estimate clock
offset instead of two unknown variables, we can reduce the computational complexity
of the estimator. Let &(T") denote the estimated clock skew, we can obtain the ith

clock offset estimation ] from (4.19) as

Ooli] = %[Dl [i] + Doli] — &(T)(thy + 1t — 2ta )] (4.20)

As we mentioned before, the two-way timestamps exchange is conducted multiple
times sequentially to smooth the noise out. Therefore, the estimation of clock offset

00 is
5 1 L
bo =5 z; Ooi], (4.21)

where N is the number of two-way timestamps. This estimator only involves scalar
operations. From (4.19) and (4.21), we can see that there are 9N add operations and
N multiply operations involved, which is much simpler than the previous work [53, 74],

where there are at least 14N add operations and 7N multiply operations.

Clock Self-calibration Phase

An effective compensation of clock skew can improve the clock synchronization accu-
racy and prolong the clock re-synchronization period and thus less frequent timestamp
exchange is needed, which is particularly desirable for WSNs where communication
energy is costly and frequent re-synchronization may not be feasible due to mobility,
sleep scheduling, etc. However, as demonstrated in previous work [105, 87, 82| and
in the crystal datasheet [36, 35, 34], the clock skew is not constant and varies with
the surrounding environment. Therefore, the compensation of clock skew for WSNs
is non-trivial, so we propose the temperature-assisted clock self-calibration (TACSC)
scheme which takes the temperature information into account to dynamically com-
pensate clock skew.

During the self-calibration phase, a local variable A[n] is used to indicate the
estimated clock offset in the n-th time slot, which is the accumulated clock skew

since the last external synchronization phase. Due to the thermal inertia, temperature
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usually does not change quickly in a small time period, such as a few seconds. We
assume that clock skew does not change during one sampling period. Thus, the
instantaneous temperature measurement can represent the temperature for the whole
sampling period. We can use the current temperature to obtain the instantaneous

clock skew @(7},). Then we can update the estimated clock offset as

fln] = 6[n — 1] + 7a(T,) = by + 7 i: a(T)), (4.22)

where T; is the temperature measurement in the ith slot and 7 is the tempera-
ture (clock skew) sampling duration. As proved in [115], (4.22) is an unbiased esti-

mation of clock offset 6;[n]. We are also interested in its error uncertainty.

Theorem 4. The variance of the clock offset estimation by (4.22) at Nth slot is

N
ng = 030 + 72 Z Ui(Ti), (4.23)
i=1

where 030 is the variance of clock offset estimation in the external synchronization

phase.

Proof. The true value of clock offset at Nth time slot is
N
O[N] =060+7>_ a(T}). (4.24)
i=1
Therefore, from (4.22) and (4.24), the clock offset estimation error is
) N
Sopny = O[N] = O[N] = bg, + 7> bacr, (4.25)

i=1

where dg, is the estimation error in the external clock synchronization phase and d,(r;)
is the clock skew estimation error, which is approximated as a Gaussian noise with the
variance related to temperature as presented in Section 4.5.1. Therefore, from (4.25),

we have the error variance as

N
2 _ 2 2 2
TgiN) = Oy + T Z Ta(Ty)-
=1
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This finishes the proof. O

From Theorem 4, given the elapsed time of TACSC (At = N7), we can see that
a smaller sampling period 7 leads to a smaller error variance at the cost of a higher
energy consumption. Without loss of generality, we set the sampling period 7 as 1s
for simplicity in simulation.

Given the estimation of clock offset f[n], we can compensate it to the local clock

as follows:

Ci[n] = Ci[n] — O[n]. (4.26)

Given the unavoidable clock offset and clock skew estimation errors, the clock will

eventually drift away but at a much slower pace, as we will show in Section 4.6.

4.6 Performance Evaluation

In this section, we first present the numerical results of the clock skew estimation. We
then evaluate the performance of clock offset estimation, i.e., the results of the external
clock synchronization phase. At last, the performance of the proposed TACSC scheme

by simulation and by experiments using our sensor testbed is studied.

4.6.1 Performance of AMKF

We generate the simulation traces based on the measurement results in a temperature-
changing environment. The temperature alternates between two states: either being
constant for a while, or changing smoothly in a certain duration. Assume that the
reference clock works in a stable environment or is well calibrated, and its clock jitter
can be treated as part of the noise. In the simulation, the temperature varied from
20°C to 50°C and the corresponding clock skew varied from 20 wps to 40 ps. The
measurement noises followed a Gaussian distribution. We used a set of training data
to obtain the table for clock skew compensation w.r.t. temperature.

We first applied the IMM Kalman filter on temperature measurements to deter-
mine the clock skew model at each time instant, and the results are shown in Fig. 4.7.
During the period that the temperature changes from 20°C to 50°C (from the 500
to 600 s), the probability of the constant velocity model is close to one; during the
period that the temperature is stable, the probability is below 0.5. As a result, during

the temperature changing period, the correct model is selected for clock skew almost
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Figure 4.7: Temperature measurements and the probability of constant velocity
model.

surely; while during the temperature stable period, there is a small probability that

the constant velocity model is selected, which is acceptable as discussed in Sec. 4.4.
For the two clock skew models, the constant and the constant velocity model, we

choose the clock state vector as xy = [0k, ax]. The corresponding transition matrix

and processing noise covariance matrix are

i 2
A 10’ wm_ |7 07

00 00

- . ; (4.27)
A 1T’ w_ | T4 T/27

01 T2 T?

where [ is a scalar to adjust the processing noise level, which reflects the accuracy of
the model. It can be used to make a tradeoff between estimation accuracy and filter
suitability. The similar setting is used for temperature except that the state vector
contains temperature and temperature change.

Given the model probability obtained from the IMM filter on temperature mea-
surements, the model in the Kalman filter for skew estimation is selected. The esti-
mation results are shown in Fig. 4.8. From the figure, the estimation results using
the proposed AMKEF (the dashed line) are close to the real values (the solid line),
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Figure 4.9: RMSE of clock skew estimation.

even though the clock measurements (the dots) contain severe noise. This is because
we can detect the change of model efficiently using temperature estimation, so the
negative impact of model uncertainty is minimized. From the figure, the estimation
errors are most obvious during the initial stage (0 to 50 s) and the period that the
temperature changes to the constant state (600 to 650 s). This is because that we
intentionally set the threshold of the IMM filter to favor constant velocity model, so
the probability of selecting a wrong model during these periods is higher than that of
other periods. Nevertheless, the estimation error of the proposed algorithm is always
much less than 1 us/s if the filter converges.

To further evaluate the estimation error, the root mean square error (RMSE) of
the proposed AMKF algorithm is shown in Fig. 4.9. We also compare the proposed
AMKF with our previous solution in [110], which used the IMM Kalman filter to
process the clock skew measurements without the assistance from temperature mea-
surements. As shown in [110], the IMM used in [110] can outperform the non-adaptive
estimation algorithms (such as the one in [30]), so it is the best known solution. From
the figure, the RMSE of the proposed AMKF is less than 50% of the best known re-
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sults in [110]. PCRLB offers a statistic lower bound of RMSE, and the results in
Fig. 4.9 show that the performance of the proposed AMKF is close to the bound.
Generally speaking, the Kalman filter can approach the PCRLB in a linear Gaussian
system with sufficient measurements. However, in dynamic environments, the process
within the same model cannot be arbitrary long due to the variations of clock skew
and temperature models. Therefore, the gap to reach the PCRLB exists, which is

mainly caused by the model change.

4.6.2 Performance of the External Clock Synchronization Phase

The external clock synchronization is based on the two-way timestamp exchange
shown in Fig. 4.1. The transmission delay D and the standard deviation of delay
jitter op are set as 100ms and 10us, respectively. The temperature measurement
noise is assumed to be zero mean Gaussian distributed with the variance o2 = 0.1.
Considering the tuning folk crystal oscillator used in Mica2 nodes [89], the nominal
frequency is 32,768Hz and the parabolic parameter 3 is set to 0.04ppm. The turn-
over temperature and the corresponding output frequency are 25°C and 32, 768.5Hz,
respectively.

The root mean square errors (RMSE) of the clock offset estimation based on
the two-way timestamp exchange are shown in Fig. 4.10. We compare the proposed
temperature-assisted external clock synchronization scheme with the existing solu-
tion [53], which tries to estimate the clock offset and clock skew simultaneously. We
also evaluate the Cramer-Rao Lower Bound (CRLB) as a benchmark [74]. As pre-
sented in Section 4.3.4, the estimation variance of clock skew is also related to the
temperature, which will affect the synchronization accuracy. Therefore, we evaluate
the synchronization performance under different temperatures (0°C and 10°C).

From Fig. 4.10, without the parabolic parameter error, the proposed temperature-
assisted synchronization can significantly outperform the existing algorithm and re-
duce the RMSE by more than 90% and close to the performance bound. This is
because the previous solutions estimate the clock offset and clock skew simultane-
ously, while we only need to estimate the clock offset and therefore the information
contained in the measurements is dedicated to one unknown variable. Besides, the
computational complexity is reduced. We just show the results at T'= 0°C and omit
the results at T'= 10°C, which largely overlap with the performance bound.

In reality, in order to obtain the parameters that define the parabolic function
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of crystal output frequency v.s. temperature, i.e., fo, Ty and S, we need clock skew
values w.r.t. different temperature values as the training data.

We can obtain the parabolic parameters with at least three clock skew v.s. tem-
perature estimation pairs, and the estimation accuracy will be improved with more
training data. Then we can use the minimum mean square error (MMSE) algorithm
to estimate these parabolic parameters. However, such estimation also contains er-
rors, which will affect the synchronization performance. The standard deviation of
the clock skew estimation error can be as low as 1072us [115, 105]. Assuming that the
standard deviation of the clock skew estimation error is 0.1us and that of the tem-
perature is 0.1°C, we used 8 clock skew v.s. temperature pairs as the training data
set to estimate the parabolic parameters and then use them to dynamically estimate
the crystal output frequency and thus the corresponding clock skew. From the results
shown in Fig. 4.11, we can see the RMSE is lower at 7' = 10°C than that at 7" = 0°C.
This is because that the parabolic parameters errors have a larger impact at the tem-
perature further away from the turn-over temperature (25°C). Besides, the variance of
clock skew estimation error is also larger at 7' = 0°C than that at 10°C. Nevertheless,
even with estimation errors in parabolic parameters, the proposed scheme can still

significantly outperform the existing algorithm.

4.6.3 Performance of the Clock Self-calibration Phase

To evaluate the performance of the TACSC scheme and compare it with the constant
skew compensation solution, we generated simulation data as shown in Fig. 4.12,
which simulate the temperature changing from the sunset to midnight (summer time,
Victoria, BC) and the corresponding clock skew. We set the sampling period T to be
1s.

The results of TACSC and the constant clock skew compensation are compared in
Fig. 4.13. As shown in the figure, the constant clock skew compensation only works
for certain circumstances and the performance degrades severely once the working
environment changes because it cannot adaptively compensate the changing clock
skew. On the other hand, we can see that the clock offset is well compensated using
the proposed TACSC and the clock synchronization error is more than two orders of
magnitude lower than that by the constant compensation algorithm.

Different from the external synchronization phase, the TACSC scheme is more

sensitive to the errors of parabolic parameters. As demonstrated in Fig. 4.14, the
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Figure 4.15: Training trace

mean synchronization error of TACSC is up to 160us, which is much higher than
that in Fig. 4.13 (less than 15us). This is because the clock skew estimation error
caused by the imperfect parabolic parameters will be accumulated over a much longer
calibration phase. However, the synchronization error of the proposed TACSC scheme
is still much lower than that of the non-dynamic clock skew compensation scheme,
which is up to 0.115s, and the improvement is about three orders of magnitude.

We also conducted experiments using the Mica2 testbed to demonstrate the ap-
plicability and feasibility of the proposed scheme in a real world. We used the tem-
perature and clock skew measurements shown in Fig. 4.15 as the training dataset
to obtain the clock skew v.s. temperature and estimate the parabolic parameters by
curve fitting. Then, several months later, we used the same sensor and the laptop
to conduct the same measurement, where the sensor was working in outdoor envi-
ronment in Victoria, BC, and the traces of temperature and clock skew are shown
in Fig. 4.16. According to the parabolic parameters estimated by the training data,
we can estimate the crystal output frequency (clock skew) and then dynamically
compensate the clock skew of the sensor node.

The compensation results are shown in Fig. 4.17. From the figure, the clock
offset by TACSC is much lower than those without compensation or with a constant
skew compensation. The clock offset by TACSC is always below 8.5ms over the

88, 593s (more than 24h) test duration, which is an order of magnitude improvement
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to the constant skew compensation, where the clock offset is up to 95ms.

On the other hand, it is not surprising that the experiment results are worse than
that of simulations due to the following reasons. First, some often-used assumptions
may not hold in a practical system, such as the measurement noise may not be strictly
Gaussian distributed, which will degrade the estimation accuracy. More importantly,
we used a laptop in a lab environment as the reference node, as the clock of the
laptop is much more stable than that of the sensor node. However, the laptop clock
circuit also suffers from thermal noise and other uncertain factors, and the lab room
temperature is not a constant as our lab has no temperature control, which also
introduces errors. Furthermore, the estimation error of parabolic parameters will be
accumulated. These imperfect practical conditions degrade the performance of the
clock skew estimation in the real test. Even with these impairments, the test results
show that TACSC can meet our design objective, i.e., reduce the clock offset and
prolong the re-synchronization period by an order of magnitude, and its performance

is reliable over several months (and probably more).

4.7 Conclusions

In this chapter, we have investigated the temperature-assisted clock synchronization
and clock self-calibration synchronization for wireless networks, which is specially
designed for the dynamic working environments. The crystal output frequency has
been modeled as a quadratic function w.r.t. temperature, so we can estimate it
according to the current working temperature and thus the clock skew. We have then
proposed to directly remove the clock skew during the external clock synchronization
process to improve the synchronization accuracy with a much lower computational
cost. For the interval between synchronization actions, we have proposed a TACSC
scheme to conduct the real-time dynamic clock skew compensation. Simulation and

experiment results have demonstrated the effectiveness and efficiency of the proposed
TACSC scheme.

4.8 Symbol List
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Symbol Explanation

Ca(t) output of clock A at time t

04(t) clock offset of clock A w.r.t. clock B

aa(t) clock skew of clock A w.r.t. clock B

T sampling period

D measured clock offset

te message construction delay

ty propagation delay

tp processing delay

w delay jitter

ti‘(BL* time stamp of node A(B) at ith exchange

d total message delay

p changing rate of clock skew

[0} processing noise

T temperature

f(T) crystal frequency at temperature 7'

i,(jz”k_l estimation result of Kalman filter ¢ at kK — 1th step
f’k(i)ll .1  estimation covariance matrix of Kalman filter ¢ at & — 1th step

measurement of AMKEF at kth step
temperature measurement noise
parabolic coefficient

state transition matrix

process noise covariance matrix
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Chapter 5

Scheduling for Concurrent

Transmission

5.1 Introduction

Many wireless networks have a mesh topology where nodes can communicate with
each other in a peer-to-peer fashion. Representatives of such systems include the wire-
less mesh networks [3], ultra-wide band (UWB) wireless personal networks (WPANS)
and home networks [103]. In these systems, how to improve the system performance
by scheduling concurrent transmissions appropriately is an important and challenging
issue, due to the multi-user interference (MUI) of concurrent transmissions.

In a narrow-band rate-nonadaptive wireless system, each flow can successfully
transmit at a specified data rate so long as the received SINR is above certain thresh-
old. In this case, letting more flows transmit concurrently without violating their
SINR requirements means that we can have higher system throughput. The optimal
scheduling problem for this case can be converted to a Knapsack problem which is
NP-complete [77]. We have seen a great deal of research efforts in determining the
system capacity and optimizing the concurrent scheduling for such systems [29].

In most broadband wireless systems, the PHY-layer can adjust the modulation
and coding schemes used, so the link data rate is a variable which is determined
by its received SINR. When we schedule multiple flows to share a time slot, from
the perspective of an individual flow, its performance in terms of data rate or bit
error probability in the slot might be degraded due to the interference from other

flows. On the other hand, with more flows sharing the time slots, each flow might be
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allocated with more time slots, hence the long-term throughput of each flow and the
entire network throughput will be improved. Scheduling for rate-adaptive broadband
wireless networks with random network topology is thus much more difficult than
that in rate-nonadaptive systems: a) in each time slot, each flow’s throughput (data
rate) is not known before the scheduling decision of that slot is finalized; and b) when
we add or remove one flow from the set sharing the slot, the throughput of all other
flows in the set will change.

Given the hardness of the concurrent scheduling problem for rate-adaptive wireless
systems and the fact that the real-time scheduling decision should be made within a
few milliseconds, optimal scheduling algorithms will be impractical to deploy due to
the computational cost. In this chapter, we propose practical heuristic scheduling al-
gorithms that can achieve significantly better performance than the existing solutions
and with tolerable computational complexity.

The main contributions of this chapter are three-fold. First, we formulate an op-
timal scheduling problem aimed to maximize the network throughput and maintain
long-term fairness among competing flows. We decompose the problem and propose
a simple searching algorithm which can quickly move towards better scheduling solu-
tions. Thus, the scheduling decision can achieve high throughput and maintain long-
term fairness. Second, in the case that each flow has a short-term minimum service
rate requirement, we formulate a constrained optimal scheduling problem. To satisfy
the constraints, we consider the dual problem and apply Lagrangian relaxation. We
incorporate a dual update procedure in the proposed searching algorithm to ensure
that the searching results satisfy the constraints. Finally, extensive simulations are
conducted to demonstrate the effectiveness and efficiency of the proposed scheduling
algorithms which are found to achieve higher throughputs than the existing solutions

and ensure better fairness.

5.2 Related Work

The joint scheduling and routing problem has been heavily investigated [4, 56, 112].
These work employed a conflict graph to bound mutual-interference when scheduling
concurrent transmissions. However,this approach is not suitable for rate-adaptive
wireless systems where the transceiver can adjust the link data rate to tolerate
different levels of interference. References [17, 61] considered rate-adaptive wire-

less networks, but they focused on the minimum power allocation problem and the
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application-rate assignment problem instead of the throughput maximization problem
we consider here.

As most broadband wireless systems adopt adaptive modulation and coding schemes,
concurrent scheduling problem for rate-adaptive wireless networks begins to attract
attention. In [62, 63],based on the concept of “exclusive region” [79], several heuris-
tic scheduling algorithms with polynomial time complexity were proposed. In their
work, each receiver defines an exclusive region, and flows are scheduled to transmit
concurrently only if the senders are outside the exclusive regions of other receivers. By
allowing concurrent transmissions without violating the exclusive region conditions,
the network throughput can be made much higher than that with the time division
multiple access (TDMA) scheme. However, using exclusive region cannot guarantee
the optimal searching direction. In addition, how to constrain the scheduling decisions
(such as to guarantee the minimum flow throughput) has not been addressed.

In [80], a novel quadratic lower bound for the capacity of single flow was employed
and such approximation is involved in the dual problem of the primal non-convex op-
timization problem, where certain constrained sub-problems were then solved. How-
ever, the computational complexity of the approach is O(n32") which is too high for
real time schedulers.

Besides the wireless network scheduling, there are problems in other communi-
cation and networking systems with similar mathematical models. In [52], Lee et
al. studied the optimization and rate control problem for multi-class services in the
Internet, aimed to maximize the utility function which may not be concave (i.e.,
non-convex minimization). They showed that rate control algorithms based on the
dual method by a pricing-based mechanism, developed for concave utility function,
can be used for problems with non-concave utility function. Their problem is still
simpler than the scheduling problem to be investigated here. This is because their
non-concave utility functions are chosen to be sigmoid-like which are not difficult
to evaluated, compared to our non-concave objective function (for flow date rate
under MUI). Lagrangian dual relaxation was studied in [13, 111, 65] to solve the dy-
namic spectrum management problem in digital subscriber line (DSL) systems. Yu
and Lui [111] first discovered the zero duality gap under the so-called time sharing
condition. Subsequently, Luo and Zhang [65] rigorously proved some results for the
continuous Lebesgue integral formulation. However, the optimal algorithms proposed
in [111] is of very high computational cost, and they do not consider the fairness and

minimum flow throughput requirements.
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5.3 Practical Scheduling Algorithms for Concur-

rent Transmissions

5.3.1 System Model

We consider a wireless network with a set of 2V active nodes, A/, randomly deployed in
a region. These nodes are divided into two disjoint sets, namely the transmitter set S
and the receiver set C. The two sets have the same cardinality |S| = |C| = $|N| = N.
One transmitter s; in S and one receiver ¢; in C form a communication pair (s;, ¢;)
(flow ). The instantaneous data rate of flow ¢ is determined by the received SINR.

We consider the scenarios in that wireless devices can directly communicate to or
relay for each other in a peer-to-peer fashion, i.e., the network has a mesh topology.
For presentation clarity, in what follows we use IEEE 802.15.3 UWB WPANs to
describe the scheduling problem. Our approach can be applicable to other wireless
systems with a mesh topology.

According to the IEEE 802.15.3 standard, several wireless devices can autonomously
form a piconet in which one of the nodes should be selected as the piconet coordinator
(PNC). The system model of a piconet is shown in Fig. 5.1. The system uses a super-
frame structure in the time domain, where each superframe consists of three phases:
the Beacon period (BP) for network synchronization and control messages broad-
cast by the PNC, the contention access period (CAP) for devices sending requests to
the PNC using the carrier sensing multiple access/collision avoidance (CSMA/CA)
MAC protocol, and the channel time allocation period (CTAP) for data transmissions
among devices in a peer-to-peer fashion. The CTAP contains several channel time
slots. Currently, TDMA is used to allocate each time slot to a specific flow, i.e., each
time slot is occupied by one flow exclusively. Without loss of generality, we assume
that the number of time slots in a superframe equals N, and the scheduler (the PNC)
makes a scheduling decision for every superframe. For the physical layer, we employ

the path-loss model as presented in 2.3.2.

5.3.2 Scheduling Problem Formulation

For time slot k, the scheduling decision can be represented by a control vector Uy =
(Uk,1, Uk2, - - - ug N ), where variable ug ; controls the channel access of flow ¢ with uy; =

1 if flow 7 is scheduled to transmit in slot k, and uy; = 0 if 7 is idle in slot k. Denote
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Rx

Figure 5.1: System model of a piconet.

by Ry, , the throughput of flow 4 in slot k, we can write

I UkJIﬁGZ',iPtdi_’:
No +0 Zl#i Uk,lKJGl’iF)td;ify

Ry, , = nW -logy(1 ), (5.1)

where b is the multiple user interference factor, W is the signal bandwidth, 7 is the
coefficient describing the efficiency of the transceiver design, G is the fading gain, d
is the transceiver distance, x is the reference path-loss, and ~ is the path-loss factor.
Under these circumstances, the design goal of the scheduling algorithm is to de-
termine the optimal Uy, Us, ..., Uy to maximize the system throughput.
To maximize the total throughput, we first formulate the scheduling problem as

an unconstrained optimization problem:

Problem 3. (P3)
N N
uk?é?éi,l} ; ; Ry, .. (5.2)
The optimization problem (P3) is a nonlinear integer programming problem. One
possible approach is to relax the integer variables to continuous ones, and use opti-
mization tools to solve the approximated problem. However, even the approximated
problem is difficult to solve, since its objective function is not necessarily concave in
Uy. This is because the first term of the Hessian matrix of the objective function
can be negative. There is no existing software to effectively solve the non-convex
optimization problem.
The optimization problem (P3) is more difficult than the optimal single slot
scheduling problem for rate-nonadaptive networks, which can be reduced to a 0-1

Knapsack problem [77]: Consider the case where the data rate of each flow in a slot,
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corresponding to the profit of items in the knapsack problem, is fixed so long as the
total interference is smaller than a threshold. Items (flows) can be added into the
knapsack (allocated to use the slot). The objective is to maximize the total profit
(total throughput) with the weight (interference) constraint. It is well-known that
the Knapsack problem is NP-complete [77]. The problem we investigate here is even
harder than the Knapsack problem, since the profits of items (flow throughput) will
change according to the selected subsets. It results in the hardness of this scheduling
problem,; and the existing approximation algorithms for Knapsack problems cannot
be used for our problem.

In addition, it is obvious that the optimal algorithm (if exists) for (P3) will lead
to a biased solution, i.e., all the resources (time slots) will be allocated to those flows
with better channel conditions while some unlucky flows will be starving.

To ensure long-term fairness among competing flows, we employ a control param-

eter based on the weighted fair queuing [18] as

Wy
(Cm Ry, +€)

where € is a small positive scalar in order to prevent zero denominator, w; is a weight

Pk—1,i = (5.3)

for flow ¢ to provide differentiated services, and « is a parameter to make a tradeoff
between fairness and network throughput. This control variable may be considered
as the dynamic weight of each flow determined by the resource allocation schemes up
to (k —1)th time slot, Uy, Us, - - - , Ugx_1. The optimal scheduling problem considering

the long term fairness can now be formulated as

Problem 4. (P})

N N
max Z Z pr—1i - Ru, (5.4)

uea€{01} 4

where initially po; = 1/e.
For the cases that a minimum throughput R . of each flow needs to be ensured,

min

the optimal scheduling problem with the constraints is formulated as
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Problem 5. (P5)

N N
max Z Z pr—1i - Ru,, (5.5)

R
N
st. Y Ry, > Ri, Vi (5.6)
k=1

To deal with the NP-hard optimal scheduling problems (P3), (P4) and (P5), we
use a dynamic programming approach. We decompose each problem into several
smaller decision problems to reduce the computational complexity. The technical

details of our approach are described in the following part.

5.3.3 Single-flip Algorithm

It is difficult to approximate the unconstrained scheduling problems (P3) and (P4),
due to the data rate adaptation. Considering the hardness of the problem and that
a scheduling algorithm needs to be executed with very limited time (typically in the
order of milliseconds), we develop heuristic algorithms that offer good performance
with tolerable complexity.

Intuitively, the optimal scheduling result U* can be found by evaluating the sys-
tem throughput for all the scheduling decisions (the states) in the searching space U.
Such a brute force is not feasible since the induced computation load grows exponen-
tially w.r.t. the multiplication of the number of flows and the number of slots. The
inefficiency is mainly caused by the huge searching space that includes many undesir-
able candidates. Therefore, to develop a practical search algorithm, the key is to find
a better state in each searching step efficiently, while discarding those undesirable
ones.

Since the scheduling problem has a decomposed structure in the time domain,
instead of optimizing all the N flows in N time slots simultaneously, we solve the
problem in an iterative manner by reducing the searching space of scheduling states

from 2V to 2V, In this way, each step of the scheduling problem becomes,
Problem 6. (P6)

N
max Z pr-1iRu, - (5.7)

ug, i €{0,1} i1
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Another advantage of this approach is that it maintains the long-term fairness
among competing flows, because the dynamic weight of each flow p,_;,; depends on
the scheduling decisions Uy, Us, - - - , Uj_1 in the past k—1 time slots, thus the iterative
allocation structure allows us to update the weights slot by slot.

Note that the decomposed version of the scheduling problem (P6) is still non-
convex and NP-hard. To improve the efficiency of the GSA, in each searching step
the state should move towards a better one. For our problem, the metric to determine
whether or not the scheduling state Uy, is better than Uy, is the corresponding system
throughputs, i.e., to compare Zf\il Ry with Zfil Ry, .. For fast convergence to a
better state, we propose a single-flip scheme as follows. If the profit of adding flow
1 is greater than the degradation of throughput it causes to other pre-selected flows,
this flow will be temporarily added (flip uy; from zero to one); otherwise, this flow
will be temporarily removed (flip u,; from one to zero).

Based on this idea, below we propose the single-flip global search algorithm (S-
GSA). For the k-th time slot, we first initialize the scheduling vector Uy = 0 and
calculate the weighted fair queuing coefficients p(k — 1,4). Next, the local optimal
value uy; is evaluated. To this end, we let u,; be 0 or 1 while keeping all the
other variables uy 2, Uk 3, -, u,n fixed, and choose the value of u;; according to the
superior weighted sum of all flows’ data rates in Uy. The same criterion is used to
set uy o while keeping all other wuy; (i # 2) fixed. All other variables w3, ug.4, - - - Ug N
are locally optimized in a similar manner. The above process is repeated until Uy
converges (i.e., no flip of single uy; will result in a higher weighted sum of flow data

rates). A step by step description of the S-GSA algorithm is shown in Algorithm 1.

Algorithm 1 Single-flip GSA (S-GSA)
1: initialize the dynamic weight of each flow, pg; = % Y i;
2: for k =1 to N (time slot) do
3:  update pg_1,; = w;/( f:_ll Ry, , + €)* for each flow based on Uy, Us, -+ , U1

4 initialize the vector Uy = 0

5: repeat

6 for i = 1 to N (i is the flow index) do

7 set u; according to arg max{py_1Ry, ; + Zf\iuﬂ pr-1,Ru,, }

ug,;€{0,1}
&: end for
9:  until Uy = [ug,1 ug1 -+ ugn| converges
10: end for

The proposed S-GSA algorithm reduces the exponential searching complexity for
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each slot from 2V to O(TyN), where T; is the number of iterations for Uy to converge.
The value of T} is typically smaller than the polynomial function of N. From the
simulation results of a network with up to 40 flows, 77 was found to be smaller than
5. Thus, the computation load of S-GSA is tractable and feasible for making realtime
scheduling decisions.

Remarks: The S-GSA algorithm ensures that we cannot get a better scheduling
solution by adding or removing one flow to share the time slot. However, it is possible
to get a better solution by adding or removing more than one flows. Therefore, the
S-GSA can only find locally optimal solution and cannot ensure the global optimality
of the solution. On the other hand, for each time slot, an individual flow that is
not scheduled to transmit is considered unfavorable (namely, adding it will reduce
the total throughput), and the profit of adding a group of such unfavorable flows
is statistically low. Similarly, each flow being scheduled to transmit in the slot is
considered favorable (namely, removing it will reduce the total throughput), the profit

of removing a group of such favorable flows is also low.

5.3.4 Scheduling Algorithm for Constrained Problem Using
a Dual Method

In this section, we present an algorithm for the constrained optimal scheduling prob-
lem (P5). The constraints give rise to the difficulties for the scheduling problem.
With the previous S-GSA algorithm, some unlucky flows cannot get the minimum
throughput required, even the long-term fairness is ensured. This is because, in the
rate-adaptive wireless networks the total throughput can be achieved is unknown
(unlike many other scheduling or job-assignment problems) and proportional fairness
among flows cannot guarantee a minimum throughput of a flow.

Using duality variables ensures that the solution locates in the feasible region
(thus satisfying the constraints). However, using this approach, it is difficult if not
impossible to obtain the global optimal solution of the primal problem, which can be
obtained only if the number of time slots goes to infinite (N — oo) under the time-
sharing condition [111] or the jointly concave condition [65]. Hence, our algorithm is
not aimed at the optimal solution of the duality variables and it will terminate when
the constraints are satisfied, that can significantly reduce the computational com-
plexity. Consider the constrained optimization problem (P5), we follow the definition

of Lagrangian dual [10] and take the Lagrangian function as our objective function.



102

The corresponding Lagrangian function is given by,

N N
LU =Y pecrai- RU,“+Z>\ ZRUM - (5.8)

k=1 i=1 i=1
where A = [\, A2, - - Ay is the Lagrangian dual variable.

Define the dual function g(\) as the maximization of the Lagrangian function
9(A) = max L(U:; A), (5.9)

and the Lagrangian dual optimization problem can be formulated as

Problem 7. (P7)

min  g(A) (5.10)
st A>0. (5.11)

If the primal problem (P5) is convex, then the duality gap is zero and the maximum
value of the primal problem (P5) and the minimum value of the dual problem (P7)
converge at the same optimal solution. If the primal problem is non-convex, the dual
problem provides an upper bound, which is not always tight, for the primal solution.
However, the dual problem is always convex w.r.t. A regardless of the primal problem.
This allows a direct optimization of g(A) by some dual update methods. The main idea
here is to minimize g(\) by updating all components of A along a specific direction,
which can be found using the existing optimization tools.

To this end, the gradient descent method is employed (sub-gradient for the non-

differentiable case), and the updating direction corresponding to J\; is given by

}:le R ) (5.12)

Next, we update all A’s along their gradient descent directions with a step sequence

s'. Considering A\ > 0, the update is performed as,

A = max(0, N — s ZRU’“ R in))s (5.13)

l

where s' is a scalar sequence and is square summable [85]. Thus, we choose s' = 1/I
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as the update step size. Ideally, we can employ this algorithm to get the optimal
solution of the dual problem and then solve the primal problem with the leverage
of the dual problem. However, evaluating the dual objective function, which is to
maximize the Lagrangian function to all A, is difficult if not impossible. Nevertheless,
the dual problem is still very important to ensure that the solution is feasible when
we use the S-GSA algorithm for the constrained scheduling problem, since A may
further increase the weights of those starving flows. In what follows, we employ a

local search algorithm to approximately evaluate the dual objective function

g(\) = max L(U; \)

= max{z Z Pr—1, - Ru, ,
k=1 =1
NN | (5.14)
+ Z )\1[2 RUk i R:nln]}
=1 k=1
N
Z X{Zpk 1’L+)\ RUk} Z)\len
k=1

Since the scheduling problem has a decomposed structure, we set

g(A) = H}J%X{Z(Pk—l,i + Ai)Ry,... } (5.15)

and the S-GSA algorithm can be modified to locally optimize g(\). Different from
the original S-GSA algorithm, we need to use the dual update to ensure our solution
is feasible, i.e. the minimum throughput requirements are satisfied. It is easy to show
that \; increases if the constraint of flow i is violated. In (5.15), the throughput of
each flow is multiplied by (pg—1; + A;). Thus, the flows with a larger value of \; will
get a larger weights. In the following iteration, these flows will have a better chance
to get resources. A sub-optimal solution of the constrained optimization problem is
then obtained by combining the S-GSA and the dual update technology, which is
named Single-flip Dual-update GSA (SD-GSA)z.

The computational complexity of the SD-GSA is O(T>TyN?). Tt is higher than
S-GSA due to the update of A. The inner-loop of SD-GSA is used for evaluating g(\),
similar to S-GSA, and it has the same computational complexity as S-GSA, O(T;N?).

The outer-loop is used to update the dual variables \;.
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5.4 Performance Evaluation

5.4.1 Simulation Setting

In the simulation, we set a UWB network with random network topology. In the
network, all nodes were randomly deployed in a 10 x 10m? region and the communi-
cation pairs were selected randomly, i.e., randomly selected one node from the sender
set and one from the receiver set to form a communication pair. The shadowing gain
from each sender to any receiver was generated randomly according to the log-normal
distribution.

Let all senders use the same transmission power level for transmission. The lo-
cation of each node is known, and the average signal and interference power were
calculated based on the physical layer model discussed before. We tested our algo-
rithm with different node density, by varying the active node number from 4 (2 flows)
to 80 (40 flows). For each density (with the same number of flows), we repeated 1000
times using Monte Carlo simulations, and calculated the average results with different
network topologies and wireless channels.

We implemented the heuristic algorithm based on the exclusive region (Ex-region)
proposed in [62], since, to the best of our knowledge, it is the best algorithm so far
solving the same concurrent scheduling problem. The exclusive region size was set to
2 meters, which was the optimal value calculated according to the analysis in [62]. We
used the same network configurations to compare the performance of all scheduling
algorithms.

Two performance metrics were considered, the total network throughput and the
fairness index. To show the performance gain, network throughputs were normalized
to the throughput using the TDMA scheme with two flows. F]?irness was measured

(it Ri)?

by the widely used Jain’s fairness index which is defined as NN g2 (38].

5.4.2 Performance of Scheduling without Constraints

We first evaluate the performance of the S-GSA algorithm for the unconstrained
scheduling problem (P4) with different node density and different value of a.
As shown in Figs. 5.2 and 5.3, the throughput degrades as « increases while the

fairness has a reverse trend. This is because that a larger value of o will give the
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starving flows larger weights, thus more time slots will be allocated to the flows with
bad channel conditions. When the value of « is moderate, around 0.4 to 0.6, the
network throughput using the S-GSA algorithm is much higher than that with the
exclusive region based algorithm, and both algorithms are found to achieve similar
fairness level. The throughput with S-GSA increases with network density, and it can
outperform TDMA and the exclusive region based algorithm by 1300% and 100% with
40 flows, respectively (with @ = 0.4). The major weakness of the exclusive region
based algorithm is that the procedure to select the concurrent transmission subset is
not guaranteed to reach a better scheduling state. In addition, the exclusive region
size is difficult to be optimized in a dynamic wireless environment.

As shown in Fig. 5.3, the fairness index with all of the scheduling algorithms
including TDMA are low. This is because the received signal powers of different
flows vary significantly, so their throughputs have large variation even when there
is no mutual interference. On the other hand, there is always a tradeoff between
throughput and fairness, and the advantage of S-GSA is that we can adjust the

parameter « to flexibly make the tradeoff.
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5.4.3 Performance of Scheduling with Constraints

Next, the performance of SD-GSA for the constrained scheduling problem is evalu-
ated. In SD-GSA, the dual method is employed to solve the constrained non-convex
optimization problem. The Lagrangian dual variables are used to ensure that all the
constraints are satisfied.

Using SD-GSA, simulation results show that the minimum throughput require-
ments of all flows are satisfied; however, the overall network throughput degrades
slightly compared with that with S-GSA, as shown in Fig. 5.4. This is because, with
SD-GSA, more time slots are allocated to the flows with small received signal power
to satisfy their minimum throughput requirements, so the total network throughput
is degraded.

The minimum flow throughput requirements cannot be arbitrarily set since the
data rates of some flows with bad channel conditions are very low even without
interference. Thus, the minimum throughput requirements should be carefully set
to be feasible. In the simulation, we use 1.15 times the flow throughput achieved
using the TDMA scheme as the minimal throughput requirement, so the requirement
could be feasible w.h.p, and the resulting minimum flow throughput can be 80%
higher than that with the TDMA scheme (because of the quantized time resources,
thus much higher than 15%). In general, it is difficult to evaluate whether or not
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the throughput constraints are feasible, since the data rate of each flow depends

on the network topology and the scheduling decision. What is the capacity of the

rate-adaptive wireless network is still an open issue.
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Fig. 5.5 shows the minimal flow throughput among all competing flows. The
results show that the minimal flow throughput with SD-GSA can be higher than that
with TDMA and S-GSA, so it can achieve better max-min fairness. The improvement
is not as significant as the total network throughput, since the algorithm will not
allocate excessive resources for those flows with bad channel conditions. Otherwise,

the total network throughput will be sacrificed.

5.5 Conclusion

In this chapter, we have investigated the scheduling of concurrent transmission prob-
lem for rate-adaptive wireless networks. For the unconstrained and constrained op-
timal scheduling problems, we have proposed S-GSA and SD-GSA algorithms. Ex-
tensive simulation results have shown that the proposed algorithms can significantly
out-perform the previous heuristic algorithm, while the computation cost of the pro-

posed algorithms is low and tolerable.

5.6 Symbol List

Symbol Explanation
RUy,) throughput of flow 7 in slot k

(uki) schedule result of user 7 in slot k

d transceiver distance

Pk—1,i fairness control parameter

w; weight of flow ¢

Q@ parameter to make the tradeoff between fairness and throughput ¢
€ parameter used to prevent zero denominator in fairness calculation
L(U;0)  Lagrangian function

A Lagrangian dual variable

g(N) maximization of the Lagrangian function
d sub-gradient
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Chapter 6
Conclusions and Future work

In this dissertation, we have investigated three important and fundamental problems
in wireless communication /network systems: (1) digital modulation schemes including
network modulation, which takes the network topology into account, and hexagonal
modulation that utilizes the hexagon based constellation mapping, (2) environment-
aware clock skew estimation and dynamic compensation, which takes the environment
factor into account and improve synchronization accuracy while reduce communica-
tion overhead, and (3) practical concurrent communication scheduling in broad band
wireless communication systems. The following outlines the contributions achieved

and the possible future research directions.

6.1 Network Modulation

We have proposed the NM and EAR schemes that take the network topology into
account and can explore the spatial diversity and the broadcast nature of wireless
networks. The NM scheme can superimpose bits with different SNR requirements on
a single transmitted symbol and thus it can naturally support two users simultane-
ously without introducing new resources. Besides, this property can be used in relay
communication, which is also motivated by the spatial diversity of wireless systems.
The EAR scheme can further enhance the performance of relay communication, which
leverages the useful information contained in the corrupted packets and reduces the
amount of information being relayed. In addition, as the NM scheme is based on the
bit mapping/re-mapping of the conventional QAM schemes, it does not require spe-

cialized communication hardware and is ready to be implemented. The effectiveness
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is verified by extensive simulation results.

It is concluded that topology-aware PHY layer design will be a promising direc-
tion with many open issues for further study. First, in this dissertation, we group
users mainly considering the estimated channel conditions. For heterogeneous ap-
plications, the scheduling of users should consider the different utility functions for
different applications. Second, the admission region of single-hop and multi-hop wire-
less networks with NM and EAR needs to be redefined in the new setting. Third, the
interactions of NM, EAR and the protocols of other layers need further investigation.
Fourth, in this work, the receiver demodulates and decodes bits from one transmis-
sion. It is possible to combine various user cooperative diversity techniques with
NM/EAR to further improve the system performance by fully utilizing the spatial di-
versity gain. Finally, many new cross-layer optimization problems can be formulated,
e.g., jointly optimize NM/EAR with relay selection/scheduling and routing, as the
topology-aware PHY layer design provides one more dimension of freedom to improve

the network performance.

6.2 Hexagonal Modulation and Non-binary Error

Control Coding

We have proposed to adopt the hexagonal modulation and multiplex bits and trits
for wireless systems. We have also introduced the ternay error control coding to
provide the error protection for trits. The H-QAM based AMC schemes can achieve
much higher overall system throughput. Extensive simulation results have verified the
efficacy of the proposed schemes. Moreover, we have also implemented a prototype
system that demonstrates the feasibility of the proposed schemes.

In this dissertation, we examine four hexagonal modulation schemes as examples,
but others are possible and the design should depend on the particular application.
For instance, H-QAM with denser constellation points may be desirable for higher
SNR scenarios. Second, it is possible to improve the constellation mapping to further
reduce the BER, and the non-binary trellis coded modulation techniques can be a
promising extension. In addition, we employed a ternary convolutional code with
code rates of 1/2 and 3/4 (the latter obtained by puncturing). The design of ternary
error correcting codes has received very little attention in the literature, so this is a

promising area for further investigation.
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6.3 Environment-aware Clock Skew Estimation and

Synchronization

We have investigated the estimation and compensation of clock skew to improve the
clock synchronization performance and proposed to utilize the correlation between
clock skew and temperature to accurately estimate the clock skew. Based on the
clock skew v.s. temperature estimation results, we have proposed a two-phase clock
synchronization scheme, the environment-aware external clock synchronization phase
and clock self-calibration phase. The proposed scheme utilizes the temperature in-
formation to estimate clock skew and then removes the effect of clock skew directly.
It can improve the clock synchronization accuracy and reduce the computational
complexity and communication overhead, which is verified by simulation and experi-
mentation with a Mica2 sensor nodes testbed.

It is a promising research direction to take the environment factors into account
to improve the performance of communication/network system. How to further im-
prove the accuracy of the clock skew especially with an online estimation remains an
open issue. Meanwhile, more research work about the uncertainty analysis of TACSC
scheme under imperfect parabolic parameter estimation is beckoned since it can give
the error bound of TACSC and thus the re-synchronization can be triggered appropri-
ately according to the synchronization requirement. Besides the temperature, further
research is needed to investigate the impact of other environment factors (such as the
power supply voltage, humidity, electromagnetic interference, and vibration) on clock
skew, which are treated as noise in this work as their influence is typically less than

that of the temperature.

6.4 Scheduling for Concurrent Transmission

In this dissertation work, we have investigated the concurrent transmission scheduling
problem in broad band network. It allows the transmission of multiple flows within
collision regions. We have proposed simple yet effective algorithms to conduct the
scheduling efficiently and significantly improve the network throughput compared
with the existing solutions.

Although the proposed algorithms can achieve a much higher network through-

put; however, how to calculate the network throughput with concurrent transmission
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and rate adaptation still remains an open issue. Besides, the concurrent scheduling
problem in fading environment will also be an interesting research problem. Given the
popularity of rate-adaptive PHY layer technologies in wireless systems, more research

work is needed for this difficult and important problem.
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Appendix A

PCRLB for AMKF

A.1 PCRLB for AMKF

Here we provide a brief outline for the derivation of PCRLB of AMKF as the estima-
tion performance bound. The clock skew estimation error bound can not only offer
a performance benchmark but also determine the synchronization period for a given
synchronization accuracy and provide important insights for clock synchronization
protocol design [105].

With an appropriate filter parameter setting, the estimation covariance matrix
from the Kalman filter can be used to indicate the estimation accuracy and conver-
gence, which is bounded by the Posterior Cramer-Rao Lower Bound (PCRLB) [92].
In this section, we derive the PCRLB for the clock skew estimation and clock skew
fusion, which can be used as a benchmark for performance evaluation.

Denote the state to be estimated and the measurement at time instance k as x
(€ R™) and z;, (€ R™), respectively. The posterior Fisher information matrix (FIM)
for X}, is defined as

J(X) 2 —F {82 1ogp(Xk,Zk)] _ B {82 logp(Xk|Zk)}

0X;, (0Xy) 0X;, (0Xy) (A1)

where Xy = [21 2L ... 2T|T ZF = [2T 21 ... 21T, and p(X4, Z) are the joint proba-
bility density function (PDF) of X, and Z;, respectively. Denote by X, the estimation
of state vector X;. The estimate covariance is bounded by the PCRLB as

Px, = E[(X), — X3) (X — X3)'] > @ £ T (X3), (A.2)

k
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(A.4)

with the equality holds when X}, = E(Xy|Z). The difference of the two matrices
Px, — ®; is a positive semidefinite matrix. Since Xy = [(X;_1)7,z1]", Tichavsky
et al. showed in[92] that the posterior FIM J(X}) can be decomposed into block

matrices as

F (A3)

J Jx. 11 712
J(Xk) _ [ Xp—1,Xk—1 Xk—1, k] _ [Jk Jk ]

T
Jkal,Ik Jxk’zk

Applying the blockwise inversion to J(X}j) above, ®; can be expressed as (A.4).

Similarly, Py, can also be decomposed into block matrices

Py, = E Pxf,l (Xk—l - Xk—l)(-if?k - -Ik)T
(X1 — Xpo1) (@ — 2f)” Py,

k

, (A.5)

where E[P,,] is the estimated covariance of xy. As Px, — @ is positive semidefinite,
the corresponding PCRLB is

Py, = E[(&% — @) (&, — 21)"] > o, (A.6)

k

where ¢y, is the lower-right corner block of ®; and ¢y, = (J#2 — (JFA)T(JHH) LI~ L

Thus, the corresponding posterior FIM for z;, is
J(ae) = T2 = (L) (L) 72 (A7)
It is not easy to evaluate the equation above. However, given the fact that
P( Xk, Zi) = plar)oe)p(zr|ve—1)p(Xk-1, Zr-1), (A.8)
let X* = [(Xp_o)T, 2L |, 2F]T, we have,

J(Xy) = J([(Xi—2) ", wi_y, 2 ]")
Tl T2y 0
= (Jlgl)T lezl + Dlilfl Dl%il J
0 (D))" Dy

(A.9)
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where )
1 0 10gp(xk|xk_1)
Dk*l - 7 ?
a$k—13($k—1)
12 0? Ing(fEk’fl?kfl)
D~y =— ;
893k_18(xk)
0?log p(xk|rr_1)
Dl?—l ==

8xk8(a:k)’
Similar to (A.4)-(A.6), we can express J(zy) based on (A.9) as

J(wr) = DiZy = (Di20)" (J(@e1) + Dily) T D2y, (A.10)

where J(zp—1) = J&2, — (JE2)T(JH) T2,

Then J(zy) can be calculated recursively, since it is not difficult to evaluate
D}t . D}2, and D{?, in linear Gaussian systems. Given a general linear Gaussian
system,

Tpp1 = Axy + Vg, (A11)
2 = Hxy + wy,

where A is the state transition matrix, H is the observation matrix, v, and wy are the
process noise and observation noise respectively, and the corresponding covariance

matrices are () and R. Then, we can rewrite D}! |, Di* | and D??, as

Dily = ATQ7A,
D2, = —-ATQ™, (A.12)
DZ,=Q '+ H"R'H.

Substituting (A.12) into (A.10), we have

J(rp)=Q '+ HR 'HT -

-T T =1 g =1 AT —1 (A.13)
QTA(J(zp—1) +ATQTA)TATQT

We can further simplify it by applying the matrix inversion lemma [58], and we obtain
J(wx) = (Q+ AJ(xy1) ' AT) '+ HRT'HT. (A.14)

Then we can evaluate J(zy) recursively.



