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Abstract

In recent years, hybrid fiber-coax (HFC) networks have been deployed by both ca-
ble television operators and telephone companies to transport information to and
from subscriber premises. Analog transmission of television signals in the down-
stream direction (from the operator’s headend to customer premises) is common to-
day; downstream digital transmission is expected to be relatively straightforward
because downstream channels are generally high-quality. Hence, transmission using a
simple single-carrier modulation in broadcast mode is probably a sufficient solution.
Upstream transmission, however, presents a more challenging problem. The reverse
channel of HFC networks, which has been reserved for upstream communications
since the early days of cable television, is defined as the band from 5 MHz to 42 MHz.
This bandwidth is often degraded by a number of severe transmission impairments,
including passband ripple, spectral nulls, impulse noise, and radio-frequency ingress.
Consequently, the reverse channel is seldom used today. To enable reliable, high-
speed upstream transmission in the limited reverse channel bandwidth, a spectrally-
efficient, robust transmission scheme is required. Furthermore, because HFC networks
are generally configured in tree-and-branch topologies, the reverse channel bandwidth
is shared among many users, potentially thousands, and coordination of remote unit
transmissions via a channel access protocol is necessary to ensure the channel is used
efficiently.

This dissertation proposes Discrete Multi-Tone (DMT) modulation for reverse
channel transmission in HFC networks. The HFC reverse channel is first character-
ized, and an example channel is modeled for use in evaluating the proposed solution.
Next, the expected performance of DMT in HFC reverse channels is quantified to
illustrate that DMT achieves high spectral efficiencies and offers robustness to severe

channel impairments and noise. Next, the concept of Synchronized DMT (SDMT),
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first proposed by Cioffi in [1], is reviewed. SDMT is achieved when transmissions
from multiple DMT-based remote terminals in a multipoint-to-point environment are
synchronized so that the signal arriving at a central site receiver appears to have been
transmitted by a single remote terminal, which enables the receiver to demodulate
the incoming signal as it would in a point-to-point environment. SDMT dramatically
reduces the receiver complexity when DMT is used in multipoint-to-point environ-
ments. Procedures for installing, synchronizing, and training remote terminals on a
Synchronized DMT network are then presented. Finally, a comparison of a number
of general channel access protocol families reveals that reservation-based protocols
are compatible with SDMT and offer a number of advantages for HFC reverse chan-
nels. New reservation-based protocols designed specifically for multicarrier remote
terminals are then presented, and their performances are quantified via analysis and
simulation. It is concluded that use of SDMT-based remote terminals controlled by
a reservation-based channel access protocol provides an efficient, robust solution for

HFC reverse channel communications.
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Chapter 1
Introduction

In recent years, growing interest in transmitting information to and from homes and
businesses has sparked numerous efforts to devise schemes that provide customers
with high-speed, low-cost data paths. Table 1.1 gives some examples of the infor-
mation services that have captured the imaginations of consumers and consequently
helped to drive these efforts. The table indicates that as the sophistication of infor-
mation signals grows, higher bit rate channels are required to support these services
satisfactorily. Practical voice-band modems are limited to transmission rates on the
order of 30 kbps, which is not sufficient to support many services of interest. Inte-
grated Services Digital Network (ISDN), High-Speed Digital Subscriber Lines (HDSL),
Asymmetric Digital Subscriber Lines (ADSL), and most recently Very high-speed Dig-
ital Subscriber Lines (VDSL) are services that use twisted-pair frequency bands be-

yond the voice band to support higher data rates. ISDN (which can support up to 144

Table 1.1: Example data services

Data rate
Service To subscriber | From subscriber Data type

Video conferencing | 128 - 384 kbps | 128 - 384 kbps | Constant bit rate

Video-on-demand | 1.5 - 6.0 Mbps < 100 bps Constant bit rate

Internet access < 10 Mbps < 10 Mbps Packetized
Home security ~ 0 < 100 bps Constant bit rate
Video games < 1.0 Mbps < 100 bps Packetized
Digitized voice 64 kbps 64 kbps Constant bit rate
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kbps), HDSL (which supports up to 2.048 Mbps), and ADSL (which supports up to 8
Mbps from the telephone company central office to the home, and up to 640 kbps in
the opposite direction) have been tested and deployed by telephone companies around
the world, and VDSL (which delivers up to 52 Mbps to the subscriber premise) is
envisioned as the next generation service for the twisted-pair environment. Hence,
significant effort has been expended to increase the data rates supported by ordinary
telephone lines.

In the United States and in many other countries, however, cable television plants
offer an alternative path to subscriber premises. The transmission characteristics
of coaxial cable itself are superior to twisted pair: the line attenuation is less se-
vere with increasing frequency, enabling cable networks to span large distances, and
the shielding of coaxial cable renders it less susceptible than twisted pair lines to
many potential interfering signals. Cable television networks, however, were installed
to support television signals broadcast from cable operators over large distances to
subscribers, and consequently they are characterized by some unique problems. In
particular, the amplifiers used to counter signal attenuation caused by coaxial cable
inject noise into the network, and they require maintenance to ensure that the signal
quality at subscriber premises is adequate. Amplifiers nearer to the broadcast sig-
nal point of origin must be well-maintained because any degradations they introduce
will be seen by all subscribers on the network. To reduce network maintenance re-
quirements, a new architecture called Hybrid Fiber-Coaz (HFC) has evolved. In HFC
networks, the coaxial cable that typically spans the largest distance is replaced by
fiber, which eliminates the most problematic network amplifiers and their associated
service requirements. Thus, an HFC network is typically less noisy than its all-coaxial
counterpart, but HFC networks are still configured to support signals broadcast by
the cable operator to subscribers; the architecture is not immediately conducive to
transmission from subscribers to the cable operator. This reverse path transmission

problem is addressed by this work.

1.1 Problem Statement

This dissertation considers the general problem of transmitting information on a

shared channel from a set of independent remote terminals (or remote units) to a
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central-site receiver when the remote units transmit using Discrete Multi-Tone (DMT)
modulation. Hence, the problem can be considered multipoint-to-point transmission
with DMT-based remote terminals. The particular environment addressed in this
work is the hybrid fiber-coax network reverse channel, a portion of the cable television
spectrum that is reserved for transmission of signals from subscriber premises to a
cable operator’s headend, which is the origination point of signals broadcast from
the cable operator to subscribers. The reverse channel offers a limited bandwidth
that must be shared by hundreds or, on some larger networks, thousands of remote
terminals. The direction signals travel in the reverse channel (from subscribers to
the headend) is referred to as upstream, whereas signals broadcast from the headend
propagate downstream.

Cable Television Laboratories (CableLabs), in its request for proposals for a high-
speed cable data service, has identified a number of design goals and requirements
that an HFC reverse channel communications system should meet. [3] Among them

are:

1. Compatibility with existing HFC network designs, parameters, and
services: Most existing HFC networks continue to support the broadcast of
analog video signals, and some networks may support other systems. For ex-
ample, a cable operator may have installed on the network a two-way com-
munications link that uses part of the reverse channel bandwidth. Any reverse
channel transmission system should be compatible with these services. Further-
more, HFC parameters such as spectral allocations should be observed by the

design.

2. Efficient use of the limited reverse channel bandwidth: Because hun-
dreds or thousands of subscribers may need to transmit using the reverse chan-
nel, which is a fixed bandwidth, it is desirable that the system design maximize

the number of simultaneous users.

3. Ability to support up to 2,000 users per fiber node: Although CableLabs
estimates that most HFC networks serve approximately 500 homes, in some
geographic locations a single network may be required to support as many as

2,000 remote terminals.
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4. Resilience to a variety of channel noises and impairments: The design
should ensure that service impairments do not cause any long-term degrada-
tions. Recovery from transient impairments should be automatic and immedi-

ate.

5. Support of a unique network address at the subscriber premise: Al-
though each remote terminal will be assigned a unique serial number during the
manufacturing process, using this typically-long serial number to communicate
with a particular terminal is inefficient. Instead, a unique, shorter node ad-
dress can be assigned to a terminal to enable more efficient headend-to-remote

terminal (and vice-versa) communications.

6. Ability to support a variety of services: As Table 1.1 indicates, some
information sources generate data at a constant bit rate, and others generate
data in discrete packets. For example, a digitized voice signal must be supported,
in general, by a constant bit rate channel, whereas a video game generates
discrete packets at irregular intervals. Moreover, the instantaneous bit rate
required by the video game source could be anywhere from zero to some peak
rate, depending on the user’s activity. Hence, in contrast to constant bit rate
sources, the required bit rate of a packetized source may vary with time. The
reverse channel HFC design should be able to support a mixture of both constant
bit rate and packetized sources along with a wide range of instantaneous bit
rates. CableLabs cites a minimum peak burst rate of 500 kbps, and Table 1.1

suggests that a maximum burst rate of 10 Mbps is desirable.

7. Flexible, fluid, and, to the subscriber, transparent allocation of the

available spectrum.

8. Ability to track subscriber usage of the return channel: To facilitate
billing, the design should enable the network operator to monitor subscriber

usage.

An additional goal, as in any design, is to minimize cost and complexity while meeting
the other requirements.

In this dissertation, an HFC reverse channel communications system that meets
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these criteria is designed. The design uses Synchronized Discrete Multi-Tone modu-
lation in conjunction with a channel access protocol to enable highly efficient, cost-

effective digital communications in the reverse channel.

1.2 Outline of Dissertation

Before a system can be designed to provide reverse channel hybrid fiber-coax commu-
nications, it is necessary to gain an understanding of the HFC environment. Chapter
2 begins with a brief history of cable television networks and then describes the
so-called “tree-and-branch” topology in which cable networks are traditionally con-
figured. Next, the HFC network reference architecture is presented. A variety of
channel impairments the HFC architecture can introduce into the reverse channel are
then described. In particular, causes of passband ripple, spectral nulls, and various
noises, including radio-frequency ingress, impulse noise, and additive white Gaussian
noise, are identified. Finally, a model HFC network configuration is constructed, and
the reverse channel transfer characteristics resulting from an analysis of the model
system are extracted to evaluate Discrete Multi-Tone modulation for reverse channel
communications.

Chapter 3 describes Discrete Multi-Tone (DMT) modulation, a multicarrier trans-
mission technique that partitions a channel into a set of orthogonal, equal-bandwidth
subchannels and then assigns to each subchannel a number of bits based on the sub-
channel’s signal-to-noise ratio and the desired symbol error probability. By tailoring
the bit distribution to the attenuation and noise characteristics of a particular chan-
nel, DMT avoids regions of the spectrum that are too noisy or too severely attenuated
to support meaningful communications. Consequently, DMT can maximize the spec-
tral efficiency of a transmission system. Simulation results are presented in Chapter
3 to illustrate this ability and to quantify the performance achievable by DMT on the
channel simulated in Chapter 2. Additionally, a reference system is constructed for
use as an example throughout the remainder of this dissertation.

In Chapter 4, Synchronized DMT (SDMT), a method of synchronizing multiple
DMT-based remote terminals to enable multipoint-to-point communications, is re-
viewed. Essentially, SDMT synchronizes transmissions from the remote terminals so

that the signal arriving at a central-site receiver appears to have been transmitted
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by a single remote terminal. A channel access protocol is then used to control which
remote unit transmits at any given time or in any given frequency band. The chapter
begins with a discussion of DMT modulation in a multipoint-to-point environment.
The need for synchronization is illustrated by a simple example system that uses a
very restrictive and, hence, impractical channel access protocol. The example illus-
trates that synchronization preserves the elegant subchannel orthogonality achieved
straightforwardly in the point-to-point case. Based on the synchronization discus-
sion, it is concluded that, to minimize the design cost, remote terminals should be
synchronized to transmit data on the reverse channel. A procedure for installing the
remote terminals is then described. The installation process includes synchronizing
a remote terminal and determining the best bit distribution for it based on the re-
verse channel characteristics. Finally, because the channel and noise can change as a
system operates, a procedure for retraining the remote terminals is described.

Chapter 5 addresses the issue of reverse channel access control. Generalized proto-
col alternatives are reviewed first, and it is concluded that a reservation-based protocol
is a good choice to coordinate transmissions on HFC reverse channels. Several new
reservation-based access protocols designed specifically for networks that use gener-
alized multicarrier-based remote terminals are subsequently presented and analyzed.
Simulation results are compared to determine which of the new reservation-based
protocols offers the best performance in terms of channel access delay (the time from
when a remote terminal has a message ready to transmit and when the remote ter-
minal begins to transmit that message) and message transport delay (the time from
when a remote terminal has a message ready to when that message is received suc-
cessfully at the central site). The chapter shows that protocols that take advantage
of the accessibility of both the time and frequency dimensions offered by multicar-
rier modulation outperform protocols that operate in either a strict time-division or
frequency-division manner.

Chapter 6 summarizes the results of the dissertation, discusses how well the Dis-
crete Multi-Tone design meets the requirements outlined in this introduction, and
suggests additional research topics in the area of reverse channel transmission on
HFC networks.
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1.3 Contributions

The author’s major contribution is the system design presented in this dissertation.
To the author’s knowledge, many of the ideas and their application to HFC reverse
channel communications are original. First, the evaluation of the performance of Dis-
crete Multi-Tone modulation in HFC reverse channels, which is presented in Chapter
3 of this dissertation, is an innovation. Prior to this work, no one had proposed
DMT for upstream communications on HFC networks or quantified its achievable
performance. Because DMT is a multicarrier technique, its use in the multipoint-to-
point reverse channel environment, which itself imposed some interesting constraints,
created some unique problems that required creative new solutions. For example,
although Cioffi’s patent application for Synchronized DMT describes the conditions
DMT-based remote terminals must meet to enable the use of DMT in multipoint-to-
point environments, it does not specify how these conditions should be achieved. [1]
Consequently, methods for meeting the requirements of Synchronized DMT on HFC
reverse channels were devised by the author. The installation, synchronization, train-
ing, and retraining procedures presented in Chapter 4 were developed in this work
to enable the use of Synchronized DMT. Proposing a reservation-based protocol for
HFC reverse channels is not an original idea, but the multicarrier protocols developed
by the author are new. In particular, the idea of partitioning a multicarrier symbol
into a set of concurrent, disjoint reservation slots is, to the author’s knowledge, an
innovation. The analysis of the RBM-T protocol and simulations of the RBM-T and
RBM-TF protocols, all presented in Chapter 5, are also contributions to the field.

A final contribution is the author’s work in the IEEE 802.14 Working Group,
which is standardizing communications on HFC networks. As a result of the early
work on the achievable performance of DMT in HFC reverse channels, the author
was invited by the chairman of what was to become the IEEE 802.14 Working Group
to propose DMT as a solution for reverse channel transmission. Since that time,
working with Amati’s John Bingham, the author has written and presented multiple
contributions for the 802.14 committee in an attempt to convince them to choose
DMT as the standard.

Finally, the author would be remiss not to acknowledge the valuable contribu-

tions of John A.C. Bingham to this work. Although the research presented in this
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dissertation is original, over the years the author has participated in numerous fruit-
ful discussions with John Bingham, and those conversations and John’s advice most

certainly helped to shape the author’s thinking and work.



Chapter 2

Hybrid Fiber-Coax (HFC)
Networks

This chapter reviews hybrid fiber-coax (HFC) networks and presents a reverse channel
model that will be used subsequently to evaluate the proposed design. The chapter
begins, in Section 2.1, with a review of the all-coaxial cable television networks from
which HFC networks have evolved. The HFC architecture, including hardware and
topology, is described in Section 2.2. Section 2.3 discusses the HFC reverse channel
environment. Various transmission impairments, including those introduced by the
channel itself and common reverse channel noises, are described. In Section 2.4, the
effects of the impairments presented in Section 2.3 are translated into a reverse channel

model, which is used as an example throughout the remainder of the dissertation.

2.1 Cable Television Systems

The hybrid fiber-coax architecture is an evolution of the familiar all-coaxial cable
television network. Therefore, before describing the HFC network topology, it is
helpful to present some background information about cable television systems. An
historical overview describes the evolution of cable networks to the current tree-and-
branch architecture. In addition, the characteristics of coaxial cable, the core of cable
television systems, are reviewed. For additional details on cable television networks,
the reader is referred to [4], [5], or [6].
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2.1.1 Historical Overview

Cable television networks were deployed originally for the sole purpose of delivering
analog television signals to homes that could not receive over-the-air broadcast signals
with an antenna. In some cases, homes were out of range of over-the-air signals, and in
other cases the terrain made high-quality reception difficult. [4] Hence, the offerings
of the first cable television networks were merely duplications of publicly-available
over-the-air signals, but the signals were transmitted over more reliable channels,
such as twin-lead lines or coaxial cables strung from home to home. Eventually, cable
operators deployed structured networks composed of coaxial cables, amplifiers, and
taps. In the mid-1970s, satellite delivery of signals enabled cable television opera-
tors to expand their offerings to include programming unavailable from terrestrial
broadcasters. Because the cable system frequency spectrum is theoretically indepen-
dent of the over-the-air spectrum, cable operators were able to add new channels
by “re-using” frequencies that in the over-the-air spectrum are assigned to services
other than television broadcast, as illustrated in Figure 2.1. Specialized channels for
news, sports, shopping, and movies were transmitted by most cable operators in the
“new” frequency bands, and subscribers wishing to receive the additional channels
were charged fees each month. Essentially, today’s cable systems are operated in the
same manner.

In addition to detailing the spectral allocations of channels that carry signals from
the cable operator to subscribers, Figure 2.1 also illustrates the reverse channel band-
width, from 5 to 42 MHz, allocated for upstream communications. Even in the early
days of cable television, a need for the support of transmissions from subscribers to
cable operators was recognized. Unfortunately, however, as later sections of this chap-
ter will illustrate, the bandwidth reserved for upstream communications is arguably
the most hostile toward communications in the entire spectrum. For this reason,
the reverse channel is still today seldom used, even though some specialized services
offered on cable systems require communications from subscribers to the cable op-
erator. An example is pay-per-view programming, where the broadcast of an event
can be received (theoretically) only by those subscribers who have agreed to pay a
fee to view it. Ironically, although such services as pay-per-view are offered regularly
by nearly all cable operators, ordering must generally take place over an automated

telephone link because the reverse channel is unreliable and rarely enabled. [4]
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Figure 2.1: Cable television and over-the-air frequency

allocations [2]

2.1.2 Coaxial Cable

The core of cable television plants is the coaxial cable that transports signals to

subscribers. Coaxial cable is composed of an inner conductor (typically copper-clad

aluminum or copper-clad steel), a concentric outer conductor (usually made of alu-

minum or a combination of metal foil and braided wire), and a dielectric that separates

the two conductors, as shown in Figure 2.2. [4] The outer conductor acts as a shield,

confining the transmitted electric field to within the coaxial cable and preventing

external signals from penetrating the cable. [7] Assuming perfect conductors and a

lossless dielectric, the theoretical characteristic impedance Z, of coaxial cable is given

by

Ly =

60 (P

60 Ohms,
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Dielectric material
Outer conductor

Inner conductor Inner conductor cladding

Figure 2.2: Coaxial cable cross section

where ¢, is the relative permittivity of the dielectric material, b is the inner diameter
of the outer conductor, and «a is the outer diameter of the inner conductor. (See
Figure 2.2.) For coaxial cables used in cable television systems, a,b, and ¢, are
selected so that Z, = 752.

Like any physical medium that transmits electrical signals, real-world coaxial cable
is characterized by a loss, which is a consequence of manufacturing cables from real-
world conductors and dielectrics. The loss is a function of the cable diameter, length,
and dielectric material, as well as operating frequency and temperature. Of these
parameters, diameter, length, and frequency most strongly determine the attenuation
of signals transmitted on real-world coaxial cables, assuming a reasonable dielectric
is used. Exact equations for the attenuation are given in Appendix A, but in general
at any frequency the loss is inversely proportional to the cable diameter. Hence,
cables with smaller diameters incur more significant losses at any frequency than
do larger-diameter cables. Furthermore, at any frequency the attenuation is directly
proportional to the length of cable. Additionally, the loss is proportional to the square
root of frequency. Figure 2.3 plots attenuation as a function of frequency for three
lengths of 0.5-inch diameter coaxial cable (assuming a copper-clad aluminum center
conductor, an aluminum outer conductor, and a dielectric with €, = 1.16), illustrating

the frequency- and length-dependence of cable attenuation.
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Figure 2.3: Attenuation of 0.5-inch coaxial cable

2.1.3 Cable Television Network Architecture

Figure 2.4 illustrates the topology of most cable television systems. Signals broad-
cast on a cable network originate at the headend, where both satellite and local and
distant over-the-air television signals are received via antennas. In addition, some
programming transmitted on the cable network may originate at the headend; exam-
ples include commercial advertisements, taped programs, and live productions from
studios located at the headend. The signals are launched on trunk cables, which
transport signals to residential neighborhoods in the bandwidth between 50 MHz and
some upper frequency that may be as low as 220 MHz in small systems or as high as
750 MHz in large systems, in accordance with the channelization shown in Figure 2.1.
Inserted approximately every 2,000 feet along the trunk cables are broadband trunk
amplifiers that counter signal attenuation caused by the trunk cable. In residential
neighborhoods, bridger amplifiers interface the trunk cable with distribution cables.

The bridger amplifiers increase signal levels for delivery to multiple homes. Along
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Figure 2.4: Cable television system topology

each distribution cable, one or two line extender amplifiers may be inserted 300 to
900 feet apart to preserve signal quality. Finally, taps deliver signals from the distri-
bution cable to the familiar flexible drop cables, which are routed to residences and
connected either to a set-top box or, if a so-called “cable-ready” television is used, to
the television itself. The cable television topology is often referred to as a tree-and-
branch configuration because the various parts of the network are analogous to parts
of a tree.

Like all systems built from passive and active components, cable networks are
degraded by thermal noise due to the heat-induced random movement of free elec-
trons. [8] The minimum thermal noise power in a 4-MHz band of a perfect cable
network at room-temperature is 1.62 x 10~'* Watts. Signal levels in cable systems
are commonly represented in decibel-millivolts (dBmV), which is a measure of deci-
bels relative to 1 mV across the 75 €2 characteristic impedance of coaxial cable. Given

a noise level n in Watts, in dBmV the noise is

n
1.33 x 10—® Watts

Noise in dBmV = 101log (2.1)

Hence, using Equation 2.1, the minimum noise level in a 4-MHz band of a cable
network is -59.2 dBmV. This level is often called the thermal noise threshold.
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On practical cable networks, amplifiers contribute noise in excess of the thermal
noise threshold. Every amplifier is characterized by a noise figure, which is the amount
of noise the amplifier contributes above the noise threshold. [8] Furthermore, because
relatively high signal levels are required at the input to the distribution plant to ensure
adequate signal quality at subscriber premises, some amplifiers on the network may
be driven into regions of their transfer characteristics that are slightly nonlinear.
Consequently, these amplifiers cause signal distortion that is a function of both the
signal level and bandwidth. Higher signal levels and bandwidths cause more severe
distortion products. [4] Both the aggregate thermal noise and distortion increase as
additional amplifiers are inserted in the network. For this reason, and to reduce
system costs, cable operators generally try to minimize the number of amplifiers on
their networks. For example, the maximum number of trunk amplifiers on cable
networks supporting large numbers of channels is usually less than thirty, whereas
networks supporting fewer channels, which span a narrower bandwidth, may be able
to tolerate distortion contributed by up to fifty or sixty amplifiers. [4]

Of the total footage of coaxial cable in most cable television plants, approximately
45% comprises subscriber drops, 40% is found in the distribution cables, and the
remaining 15% of the footage is in trunk cables. [4] Because trunk cables carry signals
over large distances, 1.0-inch or 0.75-inch diameter coaxial cable is typically used
to reduce the signal attenuation per unit length and, consequently, the number of
trunk amplifiers required to maintain an acceptable signal quality. As a result, the
ambient noise contributed by network hardware is kept as low as possible. To reduce
system cost, the diameters of distribution and drop cables are generally 0.5 inches
and 0.25 inches, respectively. Smaller diameter cables can be used without requiring
many more amplifiers because any particular distribution or drop cable spans a much
shorter distance than do trunk cables, even though the total footage of distribution

and drop cables far exceeds the total footage of trunk cables.

2.2 HFC Network Topology

Hybrid fiber-coax (HFC) networks were developed to better use the cable television
infrastructure and to reduce maintenance and repair costs. Like cable television

networks, HFC networks are configured in tree-and-branch architectures. However,
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Figure 2.5: HFC network configuration

a fiber trunk, usually less than 50 miles long, replaces the coaxial trunk to transport
signals between the headend and a fiber node. By substituting fiber for the trunk cable
and its associated amplifiers, both the channel thermal noise and overall amplifier
distortion and maintenance requirements are reduced significantly. Hence, the HFC
environment provides a less noisy, lower-maintenance channel to the cable operator.
At the fiber node, optical signals are converted to electrical signals (or vice-versa for
signals traveling from subscribers to the headend). As in traditional all-coaxial cable
systems, distribution and drop cables then transport signals between the fiber node
and as many as a few thousand remote terminals. [3] Typically the maximum length
of coaxial cable between the fiber node and remote terminals is 2 miles. [9] Figure 2.5
illustrates the HFC network topology.

As in cable television networks, the frequency spectrum of HFC networks is con-
figured to support duplex transmission in disjoint frequency bands. In most existing
HFC networks, known as sub-split systems, downstream transmission is supported in
the frequency band from 50 to 550 MHz (or from 50 to 750 MHz in upgraded sys-
tems). Presently, the downstream bandwidth of HFC networks supports, in general,
only the broadcast of the familiar analog cable television signals, although transmis-
sion of digital signals in the downstream bandwidth is currently under investigation
by various cable operators and standards organizations. Upstream transmission in

sub-split systems is confined to the frequency band from 5 to 35 MHz (or from 5 to
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Figure 2.6: Tap characteristics render direct remote-to-remote
communications impossible

42 MHz in upgraded systems). The upstream and downstream spectral allocations in
sub-split networks are essentially the same as in traditional cable television networks.
Newer HFC network deployments may support a mid-split (5 to 108 MHz for up-
stream transmission and above 162 MHz for downstream transmission) or a high-split
(from 5 to 174 MHz for upstream transmission and above 243 MHz for downstream
transmission) frequency band allocation. [3] Regardless of the particular bands used
for upstream and downstream transmission, diplex filters and amplifiers are used to
separate the two bands, and remote terminals are unable to receive transmissions in
the reverse channel. Even if remote terminals were equipped with reverse channel re-
ceivers, tap characteristics would prevent them from receiving signals transmitted by
other remote terminals in the reverse channel. Figure 2.6 illustrates why. Considering
the tap orientation from the downstream broadcast perspective, signals transmitted
“backward” through taps are attenuated only slightly between either tap “output”
and the “input.” In contrast, the attenuation between the two tap “outputs” is
quite large, and even remote terminals connected to the same tap are unable, under
normal circumstances, to receive transmissions from each other via the reverse chan-

nel. Clearly, if multiple taps separate two remote terminals wishing to communicate
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with each other, then reverse channel signals transmitted by either remote are at-
tenuated even more severely as they pass through the additional taps. For example,
in Figure 2.6, neither Remote A nor Remote B can detect signals transmitted by
each other in the reverse channel. This hardware limitation imposes a constraint on
HFC network transmission: all remote-to-remote transmissions must pass through the
headend, where they are remodulated into the downstream bandwidth. As Chapter 5
will illustrate, this requirement limits the number of reverse channel access protocol

alternatives.

2.3 HFC Reverse Channel Characterization

Before a reverse channel communications system can be designed, it is necessary to
understand the transmission environment and impairments. In Section 2.1.2, the
frequency-dependent attenuation of signals caused by coaxial cable was described.
Transmission of digital signals on HFC networks is further complicated by two ad-
ditional general effects: micro-reflections and noise. Micro-reflections are delayed
versions of the desired signal that are created when the original signal is reflected
at points in the network at which the impedance is discontinuous. Because hard-
ware used in HFC networks is not ideal and network installations cannot be perfect,
various hardware including taps, amplifiers, connectors, splices, and splitters can all
cause signals to be reflected at their insertion points. Unterminated (that is, open-
circuited) coaxial stubs introduce standing waves in the channel. In addition, damage
to coaxial cable (such as kinks and dents) can also cause signal reflections. The effect
of these reflected signals on the frequency transfer characteristic of an HFC network
is passband ripple, which, in downstream analog television channels, causes the fa-
miliar “ghosting” effect. The impact of ripple on digital signals, however, whether
transmitted upstream or downstream, can be more severe. Variations in a channel’s
frequency response can cause successively transmitted symbols to interfere with one
another, a well-known effect called intersymbol interference (ISI). Depending on the
absolute deviations of the channel magnitude response (which are determined by the
magnitudes of impedance mismatches) and the frequency with which those devia-
tions occur in the frequency response (which depends on the length of transmission

line between mismatches), a given symbol could interfere significantly with a large
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number of adjacent symbols. Recent studies of existing HFC networks have shown
that signal reflections attenuated less than 20 dB with respect to the original sig-
nal generally occur at delays of less than 0.5 us, although more attenuated echoes
can occur up to approximately 1.5 us after the initial transmission. [10] Any digital
transmission scheme used on an HFC network must be somewhat robust to microre-
flections, regardless of its spectral efficiency. However, efficient modulation techniques
that transmit large numbers of bits per symbol must be especially resilient to ISI to
protect the system against detection errors.

A second source of signal degradation in HFC reverse channels is noise. Significant
effort to characterize the HFC upstream noise environment has been expended in
recent years by Cable Television Laboratories and several of its member companies.
As a consequence of their studies, two major noise sources, ingress and impulse noise,

have been identified as particularly problematic in the reverse channel.

2.3.1 Ingress Noise

Ingress is the entrance of ambient external signals into a network. Although HFC
systems are theoretically closed, meaning that signals both within and external to
a network remain so, the shielding effectiveness of plants is often compromised by
leaky hardware. As a result, external signals in frequency bands that coincide with the
reverse channel bandwidth can enter HFC networks and cause interference. Examples
of potential reverse channel ingress signals include amateur radio, citizen’s band, and
short-wave radio transmissions, as shown in Figure 2.1.

Studies have revealed that ingress may enter HFC networks in a variety of ways.
First, coaxial connectors are generally attached to cables by crimping. If shield con-
nections are improperly crimped, the shield can act as a receiving antenna. [2] Fur-
thermore, as connections wear, shields may break at the crimps, thus compromising
a system’s immunity to ingress. A second potential cause of ingress is illegal hookups
to cable networks. People making unauthorized connections to a network may not
understand the importance of shielding and proper connections. In addition, cable
operators have found illegal hookups in which twin-lead cable has been used instead
of coaxial cable [2], which results not only in potential points of entry for ingress, but

also in impedance mismatches, which cause ISI as described previously. Older drop
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cables, particularly those installed prior to 1980, may not be as well shielded as newer
cables, and they may be less effective at preventing ambient signals from entering the
network. Television sets also contribute to ingress problems because they are, by
necessity, broadband devices that receive over-the-air signals. Finally, common ac-
cessories such as splitters, video games, video cassette recorders, and their additional
required cabling also offer entry points for unwanted radio-frequency signals.

Because nearly all potential points of entry for ingress are located in subscriber
premises, cable operators have little or no control over ingress noise. The problem
is compounded in the reverse channel by what is known as the “funneling effect,”
which is the accumulation of all ingress signals at the headend. Hence, ingress caused
by a single subscriber’s equipment affects reverse channel communications by every
subscriber because the noise seen by the headend receiver contains a component
that is the sum of all ingress noise in the reverse channel. In contrast, ingress in the
downstream bandwidth affects only those subscribers downstream of the ingress point
of entry. Often, ingress may affect only a single subscriber. Therefore, on average,
many fewer subscribers are affected by ingress, and the problem is not considered
especially significant in the downstream direction.

A recent CableLabs study found that roughly 5% of subscriber premises provide
less than 36 dB shielding. [10] These subscribers are likely to contribute ingress noise
to the reverse channel. If the precise characteristics of ingress as a function of time
could be predetermined, then a reverse channel transmission scheme could be designed
to operate in the bandwidth not affected by ingress. However, the bands allocated
in the over-the-air spectrum for potential ingress signals overlap almost entirely the
reverse channel allocation in the HFC spectrum, as shown in Figure 2.1. Furthermore,
the bandwidths of individual interfering signals can vary from fewer than 100 Hz to
several megahertz, depending on the ingress source. [11] In addition, the durations,
spectral locations, and power levels of interferers can vary. Consequently, only general
comments can be made regarding the characteristics of ingress noise in the reverse
channel. For example, Rogers Cable Systems reports in a recent study that ingress
in the band from 5 to 20 MHz is typically much more severe than ingress in the
band above 20 MHz. [12] Because ingress is a severe problem that is almost certain
to affect HFC reverse channels, an effective digital transmission scheme must be able

to maintain a desired performance level in the presence of ingress noise.
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2.3.2 Impulse Noise

The second noise source identified as severe in the reverse channel is impulse noise. In
contrast to ingress noise, which consists of one or more disturbers that are localized
in frequency but potentially high-power, impulse noise is broadband. Furthermore,
whereas ingress signals can interfere with transmission for a significant span of time,
impulse noise is a sporadic, short-duration disturber. In general, the spectral energy
density of impulse noise in HFC networks decreases with increasing frequency. Con-
sequently, the reverse channel is affected by more severe impulse noise than are the
downstream channels. The causes of impulse noise in HFC networks are not well
understood, but several potential sources have been identified, including power line
discharges, lightning, industrial machinery, and home appliances. [12] [13] Impulse
noise enters HFC networks via the same mechanisms as does ingress noise. In partic-
ular, faulty connectors and insufficient grounding of the cable shield can allow impulse

noise to enter the HFC plant.

2.4 Channel Model

From the discussion in the previous section, it is clear that “typical” HFC reverse
channels suffer from a variety of impairments, most of which are difficult or im-
possible to characterize precisely. The reverse channel frequency spectrum can be
measured to determine either an instantaneous or average channel profile, but nei-
ther is likely to represent the reverse channel accurately enough to be meaningful.
Likewise, modeling the channel and, particularly, reverse channel noise for computer
simulations is difficult. However, based on the preceding discussions, it is possible
to construct a channel model representative of the worst-case reverse channel trans-
mission environment. By showing that a particular transmission scheme achieves a
desired performance on the worst-case channel, acceptable performance can be as-
sured on less severe, more common channels.

A useful HFC reverse channel model should capture effects of the four degradations

described in this chapter:

e Thermal noise;

e Micro-reflections;
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e Ingress noise;
e Impulse noise.

First, because thermal noise is frequency-independent, it is modeled as additive
white Gaussian noise (AWGN). Second, as described in the previous section, micro-
reflections are the result of mismatched impedances on the network, and they cause
deviations and nulls in a channel’s frequency response. Hence, the effects of mi-
croreflections on the channel frequency response can be simulated by constructing a
network model that includes a variety of impedance mismatches. Next, ingress noise
is composed of relatively narrow-bandwidth disturbers that could be modeled as re-
gions in the noise spectrum with higher power spectral densities than the ambient
AWGN. However, the effect of ingress on the reverse channel signal-to-noise ratio
(SNR) suggests a simpler model for ingress noise, particularly because this disserta-
tion proposes Discrete Multi-Tone modulation for reverse channel transmission. To
illustrate, assume that a channel with a flat frequency response is corrupted by ingress
noise and AWGN. Assuming a uniform transmit power distribution, the channel SNR,

as a function of frequency is computed using

_ PH(f)
Sx(f)”

SNR(f) (2.2)
where, P is the transmit power per Hertz, H(f) is the channel insertion loss, and
Sn(f) is the power spectral density of the channel noise. If the channel SNR computed
from Equation 2.2 is plotted as a function of frequency, regions of the frequency
band corrupted by ingress noise appear as nulls or minima, as shown in Figure 2.7.
Therefore, the effects of ingress noise on the SNR are essentially the same as the
effects of impedance mismatches, and, when Discrete Multi-Tone is chosen as the
transmission technique, demonstrating adequate system performance on a channel
exhibiting spectral nulls implies that the system will also perform well in the presence
of ingress noise. The last impairment, impulse noise, can be modeled as a transient
increase in the channel AWGN level. Hence, the AWGN power can be increased to
simulate impulse noise.

To generate a channel model that includes the channel degradations described,
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Figure 2.7: Effect of ingress noise on channel SNR

a reverse channel frequency response corresponding to the simple network configu-
ration shown in Figure 2.8 was computed.! Because the majority of degradations
to reverse channel signals are introduced at points between the fiber node and sub-
scriber premises, only the coaxial portion of the HFC network has been modeled.
Distribution and line extender amplifiers are not included in the model. Real HFC
systems may include amplifiers in the reverse channel; if so, then the levels of sig-
nals transmitted at higher frequencies would be increased. Hence, the model yields
a worst-case frequency response. The model network consists of 0.5-inch copperclad
coaxial cable that delivers signals through taps to as many as fifteen subscribers. The
attenuation characteristics of various lengths of this particular 0.5-inch coaxial cable
were shown in Figure 2.3. The subscriber premise for which the frequency response
was computed is denoted with a dashed box in Figure 2.8. In the model configura-
tion, both the source impedance at the home considered and the headend termination
impedance are assumed to be 752, but it is assumed that the drop cables in some

homes are either unterminated (that is, open-circuited) or improperly terminated.

!Thanks to Professor D. G. Messerschmitt of the University of California at Berkeley for making
his transmission line modeling program available to our research group.
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Figure 2.8: Simulated system configuration

The values assumed for the remote terminal source impedances are shown in paren-
theses in Figure 2.8. The line lengths were chosen so that the maximum length of
coaxial cable between any remote terminal and the fiber node is two miles.

Figure 2.9 shows the frequency response magnitude of the chosen reverse channel.
The variation in frequency response magnitude caused by the impedance mismatches
is evident in the figure. Also shown clearly is the frequency-dependence of the response
magnitude due to the coaxial cable characteristics and absence of amplifiers.

Even though the network model technically includes only the effects of impedance
mismatches, as described previously, when the reverse channel SNR is considered, the
nulls could just as well have been caused by ingress noise. Hence, the reverse channel
shown in Figure 2.9 can be considered the equivalent channel, meaning the frequency
response includes the effects of both the channel and all noise except AWGN and
transient noises such as impulse noise. The addition of both AWGN and impulse
noise is straightforward when Discrete Multi-Tone modulation is simulated, as will
be shown in Chapter 3. Figure 2.10 shows a frequency-dependent SNR that might be
achieved in the band from 24.336-28.752 MHz when a flat transmit-power-to-AWGN
level of 75.0 dB is assumed.



Chapter 2. Hybrid Fiber-Coax (HFC) Networks 25

Frequency response magnitude (dB)
o
1
T
|

_70 —

_80 1 1 1 1 1 1 1
5 10 15 20 25 30 35 40

Frequency (MHz)

Figure 2.9: Frequency response magnitude of simulated return
channel

2.5 Summary

In this chapter, the HFC network architecture was described, and the limitations
imposed by the architecture on reverse channel transmission were identified. In par-
ticular, the inability of remote terminals to receive signals in the reverse channel
bandwidth due to HFC hardware was noted. This constraint will drive the devel-
opment of reverse channel protocols for multicarrier modulation in Chapter 5. Also
in this chapter, various reverse channel transmission impairments and their causes
were described, including micro-reflections, thermal noise, ingress noise, and impulse
noise. These impairments were then incorporated into a worst-case equivalent reverse
channel model, which will be used in Chapter 3 to evaluate Discrete Multi-Tone as a

solution for reverse channel transmission.
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Chapter 3

Discrete Multi-Tone Modulation

for Upstream HFC Transmission

Although numerous techniques may be used to transmit digital signals on bandlimited
channels, given a finite-complexity constraint and the need to support a high bit rate
with low latency, there are two practical options: single-carrier quadrature amplitude
modulation (QAM) with equalization and multicarrier modulation. In single-carrier
QAM, symbols are transmitted using the entire channel bandwidth. The symbols
are then decoded one by one in the receiver. Because practical channels cause in-
tersymbol interference (ISI), an equalizer is used to reduce the interference between
successively transmitted symbols, thereby improving the performance of the system
while maintaining a fixed complexity. Equalization is, however, an inherently subop-
timal detection method for practical channels. Furthermore, finite-length equalizers
may not perform well on channels that have significant deviations in their frequency
response magnitudes. In contrast, multicarrier modulation is well-suited for these
types of channels because it partitions a channel into a set of orthogonal subchannels,
each of which supports a distinct carrier. Discrete Multi-Tone (DMT) modulation is
a specific type of multicarrier modulation that achieves excellent performance with
finite complexity. Hence, because it offers numerous advantages, DMT is proposed
as a solution for upstream transmission on HFC networks.

The chapter begins with a review of DMT in Section 3.1. In particular, the
purpose of the cyclic prefix is examined, and the calculation of the aggregate bit rate

a channel can support is described. Section 3.2 discusses the optimality of DMT

27
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Figure 3.1: A channel partitioned into subchannels

for HFC reverse channels. An example shows that DMT automatically optimizes
the bandwidth used to transmit data. In Section 3.3, the achievable performance of
DMT on the example channel simulated in Chapter 2 under various power and noise
circumstances is then quantified. Based on these results, a reference configuration for

DMT-based reverse channel transmission is presented in Section 3.4.

3.1 Discrete Multi-Tone Modulation

This section briefly reviews Discrete Multi-Tone modulation. For additional details,
the reader is referred to [14] through [19].

Discrete Multi-Tone (DMT) modulation uses an inverse discrete Fourier transform
(IDFT) to partition a transmission channel into a set of orthogonal, equal-bandwidth
subchannels so that the frequency response of each subchannel is roughly constant
across its bandwidth, as illustrated in Figure 3.1. The resulting subchannels are
almost memoryless, and the small amount of intersymbol and intersubchannel inter-
ference caused by the channel’s non-unity impulse response length can be eliminated
by use of a cyclic prefir. As its name implies, the cyclic prefix precedes each symbol,
as shown in Figure 3.2. It is a copy of the last v time-domain (that is, post-IDFT)
samples of each DMT symbol. Hence, the cyclic prefix carries redundant information
and is transmission overhead. If there are no more than v + 1 non-zero samples in the
channel impulse response, then ISI caused by each symbol is confined to the cyclic pre-
fix of the following symbol. By discarding the cyclic prefix samples in the receiver, ISI

is eliminated completely, as illustrated by the following example: Assume the channel
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Channel impul se response
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Figure 3.2: Illustration of cyclic prefix

impulse response length is 4 samples, and the cyclic prefix spans 3 samples, which
is the minimum length required to eliminate ISI in this case. Assume further that
the IDFT size is 8, meaning each transmitted DMT symbol contains 8 independent
(time-domain) data samples. Denote the current block of time-domain data samples
as x, the previous block as x, the channel impulse response as h, and the current
received time-domain block as y. Assuming infinite-resolution analog-to-digital and
digital-to-analog converters and neglecting noise, the current received discrete-time
signal can be written as y; = x * hy, where * denotes linear convolution. Under the
impulse response length and cyclic prefix length assumptions, the output samples y;

are

Yp = T *x hy

= [ Ii'5i'6.'2'71'51'61'71'01'11'21'31'41'51'61‘7 ]*[hohlhghg]

Denoting the received cyclic prefix samples as y_3, ¥ 2, and y_1, the entire received
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block corresponding to data block x and its cyclic prefix can be written as

hs he by 0 0 0 0 0 hy O 0
0 hs ha 0 0 0 0 0 hi h
[ ys ] 00 By 00 0 0 0 ho b ho|p.
Y_s 00 0 by 00 0 0 hy hy bn ||
Y1 0 0 0 h hy 0 0 0 hy e ||
Yo |=]0 0 0 hy hy hg 0 0 h ||
i 0 0 0 hy hy by hy O 0 ,
: 0 0 0 0 hy he hi ho 0
" 0 0 0 0 0 hy hy hy g 0 0 | L7
- 0 0 0 0 0 0 hy he i hy O
(00 0 0 0 0 0 hy hy hi hy |

An examination of the set y, reveals that although the received cyclic prefix samples
are corrupted by samples of X, the data samples y, through y; contain contributions
only from x. Hence, the cyclic prefix can be discarded in the receiver prior to re-
constructing the data stream using a discrete Fourier transform (DFT), and, if the
cyclic prefix is long enough, ISI is eliminated completely. Therefore, a traditional
equalizer is not required in the DMT receiver. If the cyclic prefix is not long enough,
the received signal incurs some distortion. This effect is discussed and quantified in
Appendix B.

In the DMT transmitter, a bitstream is encoded as a set of quadrature amplitude
modulated (QAM) subsymbols, where each QAM subsymbol represents a number of
bits determined by the signal-to-noise ratio (SNR) of its associated subchannel. The
following derivation yields an equation that can be used to compute the number of bits
each subchannel supports. The derivation assumes that a QAM signal is transmitted
on an ISI-free additive white Gaussian noise channel. Given that the well-known
Q-function is defined by

it
ez dy,

Q) =—= [

the probability that the receiver incorrectly decodes a transmitted QAM symbol is

Pe:NeQ [Clzrzn] ) (31)
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where N, is the average number of nearest neighbors in the QAM constellation, o is
the received noise variance per dimension, and d,,;, is the minimum distance between
points in the QAM constellation at the channel output. In terms of the distance d
between points in the input constellation,

d2min = d’ |H|27
where |H| is the channel gain. For QAM constellations, N, < 4, and Equation 3.1 is

consequently written as

d .
P, <4 = . 2
<4Q l 5 ] (3.2)
At the receiver, the SNR is
E|H)?
NR = )
SNR 52 (3.3)

where £ is the average input signal energy per two-dimensional QAM symbol. If all

points in the QAM constellation are equally likely to be transmitted, then

d2(20 — 1)

£ =
6 )

(3.4)

where b is the number of bits the constellation represents. Substituting Equation 3.4

into Equation 3.3,

(2" - 1)|H?
NR = . .
SNR 1357 (3.5)
Defining the SNR gap I'(P,) as
d*|H? &,
I(P,) = = Zmin .
(Fe) 1202 1202 (3.6)

a manipulation of Equation 3.5 yields an approximation of the number of QAM bits

a channel can support:

b=log , (FSEDR) + 1) | (3.7)
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The SNR gap I'(P,) is an estimate of the difference between Shannon’s channel ca-
pacity and the achievable rate of a practical system. Note that, from Equation 3.1,

the SNR gap is computed as

[(P,) = 4 Nell (3.8)

Using Equation 3.8 and assuming N, = 4, T'(1077) = 9.8 dB, and I'(10~%) = 11.1 dB.

Returning to a set of DMT subchannels, given a desired symbol error probability
on each subchannel, an expression for the number of bits that can be supported by
the 7th subchannel is

SNR;

where b; is the number of bits supported by the ith subchannel, SNR; is the signal-
to-noise ratio of the ith subchannel, and I'(P,) is the SNR gap at the desired symbol

error probability as defined previously. Similar to before,

&\ H;|?

2 Y
207

SNR; =

where &; is the energy allocated to the ith subchannel, and |H;| and o? are the gain
and noise variance, respectively, of subchannel i. Using Equation 3.9, SNRs required
to support various QAM constellation sizes with designated symbol error probabilities
can be computed. Table 3.1 gives the subchannel SNRs required to support 2 through
8 QAM bits with P, = 10~7 and 107°.

As a simple DMT bit allocation example, assume a transmission channel is divided
into 4 subchannels! with SNRs of 15.5, 22.5, 19.0, and 2.0 dB, respectively. Then,
according to Table 3.1, to achieve an (uncoded) received symbol error probability of
107, the subchannels can support 2, 4, 3, and 0 bits, respectively. Hence, DMT can
transmit up to 9 bits per symbol? in this configuration, with the first three subchannels
supporting 4-QAM (or, equivalently, QPSK), 16-QAM, and 8-cross QAM. Because

'Tn reality, four subchannels would seldom be sufficient to satisfy the requirement of flat frequency
response magnitude over the bandwidth of each subchannel.

2In some cases it may be desirable to allocate fewer bits per subchannel than the channel can
support.
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Table 3.1: SNRs required to support various numbers of QAM bits
at P, =10"7 and P, = 107

Required SNR (dB)
Bits | B,=10" | P.=10"°
2 14.6 15.9
3 18.3 19.6
4 21.6 22.9
5 24.7 26.0
6 27.8 29.1
7 30.8 32.1
8 33.9 35.2

the SNR of the last subchannel is insufficient to support even one bit at 10=7 symbol
error probability, it is not used. The total bit rate of the system when 9 bits are
allocated per symbol is then (9 bits/symbol)(W symbols/s), where W is the nominal
bandwidth of each subchannel. Note that W is also the symbol rate of the DMT
system.

During each DMT symbol period, a set of subsymbols is input as a block to a
complex-to-real IDFT. The cyclic prefix is added to the output, and the result is
converted from digital to analog format. If passband transmission is required, the re-
sulting signal, a sum of real time-domain sinusoids, is then upconverted to the desired
carrier frequency and transmitted over the channel. In the receiver, after downcon-
version and analog-to-digital conversion, the cyclic prefix is stripped, and the samples
are input to a DFT. Each output value is then scaled by a single complex number
to compensate for the magnitude and phase of each subchannel’s frequency response,
and a memoryless detector decodes the resulting symbols. The set of complex mul-
tipliers is known as the frequency-domain equalizer (FE(Q). Changes in the channel
magnitude or phase are accommodated by updating the FEQ taps as the system
operates. A generalized passband DMT transmitter and receiver pair is shown in
Figure 3.3.

During steady-state operation, the subchannel SNRs are monitored in a data
driven manner by the receiver, and the bit distribution is modified as necessary at
the transmitter to maintain a desired system performance. This adaptivity enables

DMT to alleviate problems caused by changes in the channel frequency response or
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Figure 3.3: Passband DMT block diagram

noise while a system operates. If the attenuation or noise in a subchannel becomes
severe enough to compromise the system error performance, fewer or no bits are as-
signed to that subchannel while the noise or attenuation persists. Upon detecting a
degradation in a subchannel SNR, the receiver computes a modified bit distribution
that better achieves the desired error performance. Depending on the SNR of a de-
graded subchannel, some or all of its bits may be moved via a bit swap algorithm
to one or more other subchannels that can support additional bits. The bit distri-
bution change is reported to the transmitter, where it is implemented. Therefore,
even unpredictable, bursty, high-power noise such as ingress from amateur radio or
other radio-frequency interferers can be tolerated by a DMT system, assuming that
either the resulting channel can continue to support the required data rate or the
data rate can be decreased and that the interference does not overload the receiver
and cause nonlinear operation. Dramatic changes in the channel itself can also be
accommodated by an adaptive DMT system, provided that the adaptation speed of
the bit swap algorithm is sufficient to track the changes. Note that changes in the
channel frequency response or noise during operation that actually improve any of the
subchannel SNRs can be used to increase the system’s overall data rate, if desired.
Alternatively, if a fixed data rate is desired, improvements in subchannel SNRs yield
higher noise immunity by increasing the noise margin. The noise margin is the SNR
in excess of what is required to support a particular number of bits on a subchannel.

For example, if a subchannel SNR is 28.0 dB, and a symbol error probability of 107
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is desired, then imposing a noise margin of 6.0 dB means only 4 bits are assigned to
that subchannel, even though the SNR is sufficient to support 6 bits. Operating with
a noise margin of 7, dB on each subchannel implies that the subchannel noises can
increase by 7, dB before the symbol error probability is compromised.

Depending on the system symbol rate, noise margin, and noise power, impulse
noise may or may not affect the performance of a DMT system. With respect to single-
carrier systems, multicarrier systems offer improved impulse noise immunity. Because
the DMT receiver processes received samples in blocks, after the receiver transform
the energy of any impulse noise that corrupted some of the received samples is spread
evenly among the subchannels. Hence, impulse noise causes a temporary decrease
in each subchannel SNR. If the subchannel noise margins are large enough, impulse
noise may not affect the system error performance. If, however, the expected impulse
noise is severe enough to exceed the noise margin, then forward error correction with

interleaving can be applied to mitigate errors. [20]

3.2 Optimality of DMT

One advantage of DMT is that it automatically optimizes the channel bandwidth that
is used for data transmission. Regions of the transmit spectrum that cannot support
meaningful communications are avoided when the bit distribution of a channel is com-
puted. Practical single-carrier transceivers are much less proficient at optimizing the
transmission bandwidth: most finite-length equalizers cannot produce required nulls
and notches in the frequency spectrum as accurately as DMT can simply by turning
off subchannels. A simple example illustrates the automatic bandwidth optimization
by DMT.

Figure 3.4 shows the insertion loss of two lengths, 1 mile and 2 miles, of 0.5-inch
coaxial cable as a function of reverse channel frequency. Assuming the only channel
noise is additive white Gaussian noise, if a uniform power distribution is chosen so that
the transmit power-to-noise ratio is 50 dB, Figure 3.5 illustrates the resulting reverse
channel SNRs as functions of frequency. Assuming the reverse channel is partitioned
into 1024 subchannels and a 6.0 dB noise margin is imposed, Figure 3.6 shows the
DMT bit distributions computed using Equation 3.9 for the two line lengths. In com-

puting the bit distributions, it was assumed that subchannels with SNRs insufficient
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Figure 3.4: Insertion losses across the reverse channel bandwidth of
0.5-inch coaxial cable

to support at least two bits are not used.

As Figure 3.6 illustrates, the 1-mile coaxial cable is capable, assuming the pre-
viously specified transmit power, noise, and noise margin values, of supporting data
using the entire reverse channel bandwidth. Up to 9 bits are supported near the lower
edge of the band, and at least 5 bits can be supported over the entire bandwidth. In
contrast, under the same assumptions, the attenuation of the 2-mile cable is severe
enough that the line can support two or more bits only in the lower half of the reverse
channel bandwidth. Hence, subchannels above roughly 19 MHz are simply not used.
This result reveals a significant advantage of DMT: a single design can be used on a
wide range of channels because the transmit bandwidth is optimized for each channel.

Additional details on bandwidth optimization can be found in [21].
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Figure 3.5: Reverse channel SNR

3.3 Achievable Performance of DMT in HFC Re-

verse Channels

Given the advantages of DMT for HFC reverse channel transmission— immunity to
ingress, channel nulls, and impulse noise, and the ability to adapt to changes in the
channel characteristics—the next step is to quantify the achievable performance of
DMT on the worst-case channel modeled in Chapter 2. Neglecting for the time being
the multi-access nature of the reverse channel, the example channel from Chapter
2 is assumed to be the equivalent channel from a particular remote terminal to the
headend, meaning that its frequency response includes the effects of both channel
variation and all noise except AWGN and impulse noise. The transmit power distri-
bution is assumed to be uniform in frequency, and no analog equalization is assumed;

consequently, the SNR of the reverse channel tends to decrease with frequency due
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Figure 3.6: Bit distributions: 1024 subchannels, 6 dB noise margin

to the coaxial cable loss.

To achieve a desired symbol error probability of 10~7 and assuming subchannels
unable to support at least two bits are not used, Figure 3.7 shows the DMT bit
distribution when (almost all of) the reverse channel is partitioned into 1024 34.5-kHz-
wide subchannels, each with 0 dB noise margin. Hence, the sampling rate is 70.656
MHz, and the symbol rate is 32 kHz with a cyclic prefix length of 160 samples. The
ratio of transmit power to AWGN used in the simulation was 80 dB, which, along with
the equivalent channel insertion loss, yields the plot of SNR as a function of frequency
that is shown in the lower half of Figure 3.7. Using this 1024-subchannel configuration,
the aggregate achievable data rate in the example reverse channel is 168.7 Mbps. Of
course, assuming the equivalent channel remains constant, the aggregate upstream
data rate is a function of the transmit power and AWGN noise levels. Table 3.2 shows

the achievable data rates and their corresponding spectral efficiencies in bits/s/Hz for
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Figure 3.7: Example reverse channel SNR and corresponding bit
distribution with an 80 dB transmit power-to-AWGN
ratio (P, = 1077)

various transmit-power-to-AWGN ratios.

As mentioned in Chapter 2, the effect of impulse noise can be considered a tempo-
rary increase in the AWGN level, or, equivalently, a decrease in the power-to-AWGN
ratio. Hence, rates at the lower power-to-AWGN values given in Table 3.2 might rep-
resent a lower bound on the instantaneous performance of the system during those
symbol periods affected by impulse noise, while rates corresponding to the higher
power-to-AWGN ratios are more representative of the performance during “normal”
operation, assuming no noise margin. As discussed previously, imposing a noise mar-

gin may prevent degradations due to some types of impulse noise.
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Table 3.2: Achievable aggregate data rates and spectral efficiencies

on example reverse channel (P, = 1077)

Power-to-AWGN Aggregate Spectral efficiency
ratio (dB) data rate (Mbps) (bits/s/Hz)
71 90.0 2.55
74 109.5 3.10
7 138.2 3.91
80 168.7 4.78
83 199.1 5.64
86 228.3 6.46
89 255.8 7.24
92 281.0 7.95

Table 3.3: Achievable aggregate data rates and spectral efficiencies

on example reverse channel (P, = 1077)

Power-to-AWGN Aggregate Spectral efficiency
ratio (dB) data rate (Mbps) (bits/s/Hz)
71 83.8 2.37
74 99.7 2.82
7 126.0 3.57
80 155.8 4.41
83 185.9 5.26
86 215.4 6.10
89 243.4 6.89
92 270.0 7.64

If the required decoded symbol error probability is 10~ rather than 10~7, which

might be the case if error correcting codes are not used in conjunction with DMT,

then the aggregate bit rates achievable on the example channel decrease somewhat.

Maintaining the other assumptions from the previous simulations, the bit rates with

P, = 1079 are given in Table 3.3. Also shown are the associated spectral efficiencies

in bits/s/Hz. Comparing Tables 3.2 and 3.3, the loss in achievable rate over the entire

reverse channel when the required symbol error probability is decreased from 10~7 to
102 ranges from just over 6 Mbps with 71 dB transmit-power-to-AWGN ratio to 11

Mbps with 92 dB transmit-power-to-AWGN ratio.

The previous simulations assumed, rather arbitrarily, that the reverse channel is
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partitioned into 1024 subchannels, each of which is 34.5 kHz wide. In general, the
reverse channel can be partitioned into any convenient number of subchannels, as
long as the condition of nearly-flat frequency responses over the subchannel band-
widths is met. However, one cost-effective implementation of DMT uses the fast
Fourier transform (FFT) to compute efficiently the DFT and IDFT required in the
receiver and transmitter, respectively. To exploit the computational efficiency offered
by the FFT, the number of subchannels should be an integer power of two. Cost and
performance constraints then dictate the precise number of subchannels into which a
channel is partitioned. Assuming a fixed total channel bandwidth, as the number of
subchannels increases, so does the DMT symbol period. Because the required cyclic
prefix is a function of the duration of the channel impulse response, to eliminate ISI
it must span the same amount of time regardless of how many subchannels are used.
Hence, the relative overhead required to transmit the cyclic prefix decreases as the
number of subchannels and, consequently, the DMT symbol period increase. In other
words, as the number of subchannels increases, the percentage of time the channel
is used to transmit the redundant cyclic prefix samples decreases, and the overall
system efficiency increases. The penalty for this increase in efficiency with increased
numbers of subchannels is, of course, an increase in system complexity resulting from
the increase in FF'T size.

Given the discussion of microreflections in Chapter 2, a cyclic prefix of approx-
imately 2 ps duration should be sufficient to eliminate nearly all ISI between suc-
cessively transmitted DMT symbols in HFC reverse channels. Assuming (for conve-
nience and reasons that will be discussed in Appendix B) that a 2.26 us cyclic prefix
is used, which corresponds to 160 samples when the sampling rate is 70.656 MHz
(approximately twice the available reverse channel bandwidth), Table 3.4 shows the
achievable aggregate reverse channel bit rates for various numbers of subchannels and
transmit-power-to-AWGN ratios when P, = 10~7. Also shown are the computational
complexities, in millions of instructions per second (MIPS), required to compute the
FFT required in the DMT transmitter or receiver for each FF'T size. The FFT is the
most computationally intensive operation performed by the transmitter and receiver,
and therefore the number of MIPS required to compute the FFT is representative
of the remote terminal complexities. Counting a multiply-accumulate as a single in-

struction, the number of instructions required to compute the N-point FFT of a real
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Table 3.4: Achievable aggregate data rates (in Mbps) on example
reverse channel with P, = 1077 as a function of FFT size

FFT size (N = 2N)
Power-to-AWGN ratio (dB) | 8192 | 4196 [ 2048 | 1024 | 512 [ 256
71 95.1 | 93.5 | 90.0 | 83.8 | 74.2 | 59.6
74 115.9 | 113.7 | 109.5 | 102.4 | 90.4 | 71.8
7 146.1 | 143.4 | 138.2 | 128.7 | 114.2 | 90.7
80 178.4 | 175.1 | 168.7 | 157.2 | 139.0 | 111.9
83 210.4 | 206.3 | 199.1 | 185.6 | 163.9 | 131.8
86 241.4 | 236.7 | 228.3 | 213.4 | 187.2 | 1515
89 270.2 | 265.2 | 255.8 | 238.8 | 210.3 | 169.5
92 296.9 | 291.3 | 281.0 | 262.1 | 231.2 | 186.3
| Complexity (MIPS) | 1822 | 1638 | 1442 | 1222 [ 969 | 696 |

input sequence is approximated as 2N log, N, assuming N is a power of 2. Consider-
ing only the remote terminal transmitter, 2N log, /V instructions are required during
every DMT symbol period to modulate the input signal. Given the cyclic prefix
length in samples and the system sampling rate, the symbol period can be computed.
If the sampling rate of the system is 1/7 Hz and the number of cyclic prefix samples

is v, then the symbol rate is

f B 1
$,DMT = T(N—i—l/)'

Therefore, the number of MIPS required to implement the FFT in either the trans-

mitter or receiver is given by

2N logy, N

N =
MIPS T(N +7)

Table 3.4 illustrates that, as expected, increasing the FFT size increases the com-

plexity in MIPS of the remote terminal.
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3.4 Reference System

Assuming a sub-split HFC configuration as described in Chapter 2, the entire reverse
channel spans the frequency band from 5 MHz to 42 MHz. However, designing remote
terminals that use the entire 37-MHz band is impractical for a number of reasons.
First, as shown by the simulation results in the previous section, the computational
complexity of any transceiver operating in 35+ MHz bandwidth can be prohibitive.
Based on the complexities detailed in Table 3.4, the only potentially feasible num-
ber of subchannels that could be used in a cost-sensitive consumer product is 128
(corresponding to N = 256), the computation of which requires nearly 700 MIPS.
However, because the required cyclic prefix length is significant in comparison to the
symbol period when only 128 subchannels are used, the achievable data rates are sig-
nificantly lower than when higher numbers of subchannels are used. Hence, to use the
limited available reverse channel bandwidth more efficiently, the channel should be
partitioned into a larger number of subchannels, which, as Table 3.4 shows, increases
the modem complexity and, as a result, the cost. However, aside from the cost issues,
it is unlikely that the data rate requirements of the remote terminals warrant use
of the entire reverse channel at any time. From Table 1.1, the maximum expected
instantaneous bit rate of any service listed is 10 Mbps. If a spectral efficiency of just
2 bits/s/Hz can be achieved in some part of the reverse channel, then a maximum of
5 MHz bandwidth is required to support 10 Mbps (neglecting any excess bandwidth).
Hence, none of the remote terminals is ever likely to need access to the entire reverse
channel. A more practical solution than designing wide-band transceivers is to seg-
ment the reverse channel bandwidth into smaller bands, each of which supports an
independent DMT signal.

From the achievable data rates given in Table 3.4, and using the N = 8192 case as
a reference, it is clear that for any power-to-AWGN ratio the loss in achievable data
rate with decreasing FF'T size is least severe in terms of both percentage and raw bits
per second for N = 4096 (N = 2048 subchannels) and N = 2048 (N = 1024). Hence,
assuming that minimizing the cost of the remote terminals is a design goal, dividing
the entire reverse channel into 1024 34.5-kHz-wide subchannels appears to be a good
compromise between performance and complexity. To ensure the complexity of the

remote terminals is not prohibitive, the set of 1024 subchannels can be segmented
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Figure 3.8: Partitioning of reverse channel into eight groups

into eight disjoint groups of 128 consecutive subchannels, as shown in Figure 3.8. [22]
Given this partitioning, any remote terminal can use a maximum of 128 subchannels
that span 4.416 MHz bandwidth at any time. As a result, the maximum sampling rate
of the remote terminals must be only 8.832 MHz, and the required FFT size is 256.
Each remote terminal configured in this way then has a computational complexity
of 131 MIPS, which can be handled easily by a single DSP chip. Furthermore, even
less expensive remote terminals can be designed, as will be described in Appendix B.
In addition to reducing remote terminal costs, the flexible eight-group configuration
offers another advantage. As described in Chapter 2, cable operator studies have
revealed that some parts of the reverse-channel bandwidth are poorer quality than
other parts. In particular, it is generally agreed that the bandwidth from 5-20 MHz
is significantly worse in terms of ingress than is the bandwidth from 15-20 MHz. [12]
By designing the remote terminals with frequency-agile carriers, a remote terminal
can transmit using the group of subchannels that is best able to support its data rate
requirements. Hence, groups that can support high aggregate data rates can be used
either by some number of high bit rate users or by a larger number of lower bit rate
remote terminals. Those groups that are affected by severe attenuation, passband
ripple, or ingress can then be more lightly loaded. Because the average achievable

aggregate bit rate in any group is likely to be at least 11 Mbps, as simulation results in
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Table 3.5: Reference system parameters

Total number of subchannels 1024
Number of subchannels per group 128
Remote terminal FFT size 256
Headend receiver FF'T size 2048
Subchannel width 34.5 kHz
Symbol rate 32 kHz
Symbol period 31.25 us
Cyclic prefix length 2.26 ps
Cyclic prefix length in samples 20
Remote terminal sampling rate 8.832 MHz

Headend receiver sampling rate 70.656 MHz

the previous section showed, a “typical” 4.416 MHz band in the reverse channel should
be able to support any of the services listed in Table 1.1. Furthermore, even though
eight independent DMT signals can be transmitted in the eight-group configuration,
a single headend receiver, spanning the entire reverse channel bandwidth, can be
designed. The receiver performs a 2048-point FFT to demodulate incoming signals,
and a controller then ensures signals are decoded correctly. From Table 3.4, 1442
MIPS are required to implement a 2048-point FFT in the receiver. Furthermore,
an analog-to-digital converter sampling at over 70 MHz is required, which adds to
the receiver implementation costs. However, because the HFC reverse channel is a
multipoint-to-point environment, the cost of the headend receiver is amortized over
all remote terminals on the network. From this perspective, then, the cost of the
broadband receiver is not prohibitive.

Because the eight-group remote terminal configuration offers a number of advan-
tages for HFC reverse channel transmission, it is referred to in the sequel as the

reference configuration. Table 3.5 summarizes the reference system parameters.

3.5 Summary

The chapter began with a review of Discrete Multi-Tone (DMT) modulation, a trans-

mission technique that partitions a channel into a set of orthogonal subchannels and
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allocates data to those subchannels based on their signal-to-noise ratios. The impor-
tance of the cyclic prefix and the ease with which it eliminates intersymbol interference
was emphasized. The advantages of DMT for transmission on HFC reverse channels
were described. In particular, the ability of DMT to transmit only in areas of the
spectrum in which meaningful communications can be supported was discussed. Ad-
ditionally, the adaptivity of DMT was noted as especially advantageous for reverse
channel transmission. Equation 3.9 was presented to illustrate the computation of a
channel’s bit distribution. The equation was subsequently used to compute achiev-
able aggregate data rates under certain transmit power and noise assumptions on
the channel modeled in Chapter 2. The simulation results illustrate that DMT can
achieve high data rates on HFC reverse channels. Next, the implementational com-
plexity of DMT was evaluated. Based on the evaluation, it was concluded that a
remote terminal design spanning the entire reverse channel is impractical. Hence,
a reference system was defined, in which the reverse channel is partitioned into a
total of 1024 subchannels. The 1024 subchannels are subsequently divided into eight
groups of 128 subchannels to enable the design of cost effective remote terminals. The
parameters of the reference system were detailed at the end of the chapter for easy

reference.



Chapter 4

Synchronized DMT for
Multipoint-to-point

Communications

The previous chapter described point-to-point DMT, in which a single transmitter
communicates with a single receiver over a dedicated channel. In a point-to-point
environment, because the DMT transmitter modulates data using an IDFT with a
cyclic prefix, the resulting subchannels are independent and orthogonal in the presence
of white Gaussian noise. As described in Chapter 2, however, the reverse channel of
an HFC network is shared by multiple remote transmitters. Hence, unless precautions
are taken, the elegant subchannel orthogonality achieved so easily in point-to-point
DMT can be lost in the multipoint-to-point case.

Synchronized DMT (SDMT) is a generalized multipoint-to-point technique intro-
duced by Cioffi in [1] that synchronizes multiple DMT-based remote terminals so they
may communicate with a single receiver over a shared channel according to some chan-
nel access protocol. SDMT ensures the signal arriving at the common receiver always
appears to have been transmitted by a single remote terminal, thus minimizing the
increase in receiver complexity required when DMT is used in a multipoint-to-point,
rather than point-to-point, environment. A channel access protocol is then used on
top of SDMT to coordinate use of the upstream subchannels.

Section 4.1 reviews SDMT. A simple example demonstrates that synchronizing

DMT-based remote terminal transmissions preserves the subchannel orthogonality

47
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when DMT is applied in a multipoint-to-point environment. In Section 4.2, under the
assumption that synchronized transmissions are required, a procedure for installing
DMT-based remote terminals is outlined. Training and retraining procedures, which
ensure that the best possible bit distributions are always available to the remote

terminals, are presented in Section 4.3.

4.1 Synchronized DMT (SDMT)

To motivate Synchronized DMT (SDMT), consider the following example: Assume
that exactly three remote terminals (A, B, and C), located on an HFC network such
that their signal propagation times to the headend differ, wish to transmit data to
a single headend receiver. To begin, assume that the three remote units have been
permanently assigned disjoint sets of subchannels for their upstream transmissions!,
as shown in Figure 4.1. By restricting the remote terminals to transmit on disjoint
sets of subchannels, the time-varying nature of the multi-access problem is eliminated
for the time being, and synchronization requirements related only to the modulation
can be examined. Under this assumption, Figure 4.1 illustrates conceptually the sig-
nal that might be received at the headend if Remotes A, B, and C all transmit data
for a time equal to one symbol period on their respective subchannel sets beginning
at time t = 0. Because Remote C is closest to the headend, its signal (information
on subchannels marked “C” in the figure) arrives first at the receiver. The signal
from Remote B arrives next, and data on subchannels used by Remote A arrives
last. Because the remote units “own” their respective subchannel sets, there is no
possibility that more than one remote unit transmits at a time on any subchannel.
The received time-domain signal is then the sum of the signals transmitted by the in-
dividual remote terminals, which by construction contain only frequency components
corresponding to the subchannels assigned to each remote unit. As a result, subchan-
nel orthogonality is ensured in this case. Hence, in theory, the remote terminals can
transmit as desired on their designated subchannel sets, and the headend receiver can

demodulate and reconstruct correctly the original signal provided its sampling rate is

1Such a restricted FDMA-like allocation of subchannels for data transmission is undesirable for
a number of reasons that will be discussed in the next chapter. However, this configuration helps to
demonstrate the need for remote terminal synchronization.
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Figure 4.1: Example of multipoint-to-point DMT communications
without synchronization

at least twice the bandwidth of the transmitted signals. Thus, when disjoint sets of
subchannels are assigned permanently to the remote terminals, synchronization of the
remote terminals is not required; however, it dramatically simplifies the complexity
of the headend receiver. From the discussion in Chapter 3, the DMT receiver is a
block processor: it collects a number of time-domain signal samples and manipulates
these samples to reconstruct the set of QAM subsymbols that was transmitted during
a symbol period. Hence, the DMT receiver must define where the collection of each
block of samples begins and ends. Ideally, the receiver begins collecting data samples
immediately after the cyclic prefix samples, which are, in general, corrupted by inter-
ference from the preceding symbol, as described in Chapter 3. In a multipoint-to-point
configuration in which multiple remote terminals transmit on permanently-assigned
disjoint subchannel sets, however, if transmissions from the remote units are not syn-
chronized to arrive at the headend at the appropriate times, then the cyclic prefix
samples corresponding to the various subchannel sets most likely do not coincide in
time in the received signal; hence, “the cyclic prefix” no longer exists as a distinct,

well-defined set of received samples that can be discarded in the receiver. Instead,
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Figure 4.2: Loss of well-defined cyclic prefix when unsynchronized
remote terminal transmissions are allowed in
multipoint-to-point configurations

cyclic prefix samples transmitted by the various remote terminals may be scattered
throughout the received data. Figure 4.2 illustrates the scattering of the cyclic prefix
assuming the three-remote configuration shown in Figure 4.1. Because the received
signal is the sum of unsynchronized remote terminal transmissions, the individual
cyclic prefixes cannot be removed from the received signal. Hence, use of a cyclic
prefix does not help to eliminate ISI if the remote terminal transmissions are not
synchronized. Instead, to mitigate IST a bank of parallel equalizers (one equalizer per
subchannel) must be implemented in the receiver, which dramatically increases the
complexity of the headend modem. Moreover, as mentioned in Chapter 3, equaliza-
tion is a suboptimal detection technique, so the performance of an unsynchronized
equalized system may be degraded with respect to a synchronized system that pre-
serves the cyclic prefix.

The preceding discussion presumed that disjoint subchannel sets are permanently
assigned to the remote terminals, implying that no additional channel access protocol
is required: remote terminals simply transmit as desired on their respective subchan-
nel sets, and no bandwidth conflicts occur. However, some networks might require a
less restrictive allocation of the available bandwidth, particularly if remote terminal
transmission requirements vary significantly with time. Hence, a more sophisticated
channel access protocol may be necessary to coordinate use of the subchannels. If so,
then synchronization of remote terminal transmissions becomes even more critical.
Because the remote terminal distances from the headend differ, ensuring for all time
that no more than one remote terminal uses any particular subchannel is extremely
difficult without synchronization. In addition, the cyclic prefix problem described

previously also exists when a less restrictive allocation of subchannels is allowed with
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unsynchronized transmissions.

If remote terminal transmissions are synchronized so that the symbol boundaries
of signals arriving at the headend receiver coincide, however, then the key properties
of point-to-point DMT also hold for multipoint-to-point transmission. This obser-
vation led Cioffi to propose Synchronized DMT (SDMT). [1] The general idea of
SDMT is to coordinate remote terminal transmissions so that the signal arriving at
a single receiver appears to have been transmitted by a single remote terminal. The
receiver then proceeds, for the most part, as if it were in a point-to-point environ-
ment. To ensure that symbols transmitted by the various remote terminals on an
HFC network arrive at the headend with synchronized symbol boundaries, remote
units must delay their transmissions a number of samples inversely proportional to
their physical distances (in terms of length of coaxial cable) from the fiber node. As
a result of the synchronization, the cyclic prefix as defined for point-to-point trans-
mission is preserved; hence, ISI can be eliminated just as in the point-to-point case
by discarding the cyclic prefix in the receiver, and no equalizer other than the FEQ
is required. Figure 4.3 illustrates this concept for the three-remote configuration con-
sidered previously. Furthermore, if more than one remote terminal transmits during a
particular symbol period using disjoint sets of subchannels, then the headend receiver
can decode the received signal by applying the appropriate mixture of FEQ taps, as-
suming the headend controller knows which remote transmitted on each subchannel.
Finally, the overhead required to initiate and maintain synchronized remote terminal
transmissions is reasonable, as will be shown subsequently.

Synchronization of remote terminal transmissions to enable SDMT can be achieved
by a two-step procedure. Initially, remote terminals must synchronize their local
clocks to a master clock so that all remote units transmit with respect to a common
reference. The master clock must be broadcast by the headend controller in a down-
stream control channel: because of the limitations imposed by the HFC configuration
(see Chapter 2), broadcasting the clock in a downstream channel is the only means
by which all remote terminals can access a common clock signal. In addition, each
remote terminal must acquire a sample delay, computed by the headend controller
when the terminal is installed on the network, before it can begin operating. A remote
terminal’s required sample delay is the difference between the maximum round-trip

signal delay to and from the headend of all remote units on the network and the
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Figure 4.3: Preservation of the cyclic prefix in multipoint-to-point
environments by delaying remote terminal
transmissions

remote terminal’s round-trip signal delay.

4.2 Remote Terminal Installations

Installation of a remote terminal on a multiaccess network is the process of physically
connecting the terminal to the network and following some procedure to condition it
for coordinated multipoint-to-point upstream communications. One installation task
resulting from the requirements outlined in Chapter 1 is the exchange of a terminal’s

factory-assigned serial number for a shorter network node address, which enables
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more efficient communications from the headend to the remote terminal. Also, as
discussed in the preceding section, SDMT-based remote units must be synchronized
during installation.

When a remote unit is first connected to the network, its installation request must
not interfere with ongoing data signals from remote terminals already installed and
synchronized. The new remote can receive and decode information in the downstream
control channel, but, because it does not yet have a node address on the network and
the headend controller does not know its factory-assigned serial number, the remote
terminal cannot respond to a poll from the headend. Furthermore, because the termi-
nal does not know its distance from the headend modem, it cannot be synchronized
precisely without ranging, which requires the transmission of a probing signal by the
remote. Hence, there are two practical installation alternatives: transmitting instal-
lation signals in a dedicated band, or using the same bandwidth that is used for data
transmissions. Under normal circumstances, remote unit installations are infrequent
events. For this reason, and because the upstream bandwidth is a limited resource,
dedicating some portion of the reverse channel bandwidth to installations is unde-
sirable: the reserved bandwidth would be idle most of the time. Furthermore, given
the anticipated ingress noise problems described in Chapter 2, locating a portion of
the reverse channel bandwidth that is always able to support communications would
be difficult. Installing remote terminals using the same bandwidth that supports
data transmissions is a more robust solution, and it is also a more efficient solution
if the percentage of symbols allocated for installations can be changed according to
demand. However, to avoid interfering with the remote units currently operating,
newly connected units cannot transmit installation requests unless the other remotes
are silent. To accommodate installation requests using the same bandwidth that is
used for data transmissions, silent periods must be provided periodically in the up-
stream data path. The duration of these silent periods must be sufficient to ensure
that an installation signal transmitted by any remote on the network arrives at the
headend modem before the signal corresponding to the next non-installation symbol
arrives. Specifically, the silent interval must be at least the maximum variation in
round-trip signal delay over all remotes plus the time required to transmit the in-
stallation information. Because the maximum variation in round-trip delay must be

known to determine the required length of the installation interval, it is necessary to
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know the maximum signal delay when configuring the network. Note that because the
fiber trunk is common to all remote terminals, the maximum signal delay is incurred
by the remote terminal furthest, in terms of length of coaxial cable, from the fiber
node. Hence, given a particular installation interval duration, a maximum network

span is imposed.

4.2.1 Synchronization Procedure

To begin its synchronization procedure, a newly-connected remote terminal first loop-
times its local clock with the master clock signal broadcast by the headend transmit-
ter. It then monitors the downstream control channel to learn its group assignment
and to detect the trigger indicating the presence of an installation period, which tells
installing units to transmit their installation parameters. In general, the group assign-
ment will be the group least loaded by remote terminals currently transmitting data.
Technically, the only required installation parameter is the remote unit’s factory-
assigned serial number to enable the headend to communicate with it, although other
parameters could also be transmitted. The serial number is exchanged for a shorter
node address, which is used subsequently by the headend modem to send addressed
messages directly to the remote in the downstream control channel. Because the bit
capacities of the subchannels in the assigned group from the installing remote to the
headend have not yet been determined, the remote unit uses four-level differential
QPSK (2 bits per subchannel) with 100% redundancy to transmit its installation
signal on some subset (or perhaps all) of the available subchannels for two symbols
during the next installation period. Assuming remote terminal serial numbers are 48
bits long, then at least 48 subchannels must be used to send installation signals with
this scheme. When the headend controller detects this signal, it compares the incom-
ing signal’s symbol boundaries, which are determined by when the receiver detects
energy during the installation period, to a reference signal. In general, there will be a
difference in symbol boundaries because the remote terminal is not yet synchronized,
and, using the downstream control channel, the controller computes and sends the
delay in samples required of the synchronizing unit to correct the symbol boundary
misalignment. The remote unit then implements the computed sample delay and

transmits during the next installation period a signal requesting verification that it
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Figure 4.4: Synchronization procedure for SDMT remote terminals

is synchronized. If the remote unit transmission is indeed synchronized, the headend
controller sends a signal to that unit in the downstream channel to indicate that no
further shifting is required, and that the remote unit may now communicate with the
headend modem incorporating the appropriate delay. Otherwise, the synchroniza-
tion procedure is repeated. Figure 4.4 illustrates the synchronization process after a
remote terminal has loop-timed its local clock to the master clock.

After the initial sample delay has been determined, unless a remote unit is moved
or its connection to the network is terminated, it should not have to be resynchro-
nized. Failing to synchronize the remote units to within a certain tolerance can
result in interchannel interference, which can decrease the achievable bit rates on

some subchannels. The effects of inaccurate synchronization and ways to relax the
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synchronization requirements are addressed in Appendix B.

Using the installation technique described, there is a nonzero probability that mul-
tiple remote units attempt installation during the same installation period. Without
loss of generality, assume exactly two remote terminals transmit installation signals
during the same installation interval. One of two situations then occurs. On some
networks, it may be possible for both installation requests to arrive intact at the
headend if the difference in propagation times from the remote terminals to the head-
end is greater than the time required to transmit an installation signal. In this case
the headend controller may either install one of the remote terminals and ignore the
other, or, if the headend modem has queueing capabilities, it may be able to queue
the second request until it has completed installation of the first remote. Although
this scenario is theoretically possible, on practical HFC networks it is not likely to
occur. As described in Chapter 2, the fiber trunk, which is up to 50 miles long, is
common to all remote terminal-to-headend transmission paths. The only difference in
propagation times is introduced by coaxial branches, which span up to 2 miles. Hence,
if a propagation time through coaxial cable of 7.5 us/mile is assumed, the maximum
difference in propagation times is 15 us. Because transmission of installation signals
during two consecutive symbols is required for the headend receiver to decode the
transmissions, the maximum DMT symbol period that would enable two remote ter-
minals to transmit successful installation signals during the same installation period
is 3.75 ps, which corresponds to a symbol rate (and subchannel width) of nearly
270 kHz. Given the characteristics of the HFC reverse channel, use of such a high
symbol rate is unlikely to provide subchannels with flat or nearly flat SNRs across
their bandwidths. The reference system, for example, uses a symbol rate of 32 kHz,
which corresponds to a symbol period of 31.25 us. In this case, if multiple installation
signals are transmitted during a single installation period, then all transmissions in-
terfere with each other. The headend receiver detects a collision when it is unable to
decode the received signal, and the headend controller then sends a collision message
in the downstream control channel to inform all remotes that attempted installation
during the previous installation period that their attempts were unsuccessful. The
remote terminals then wait a random number of installation periods before trying
again.

Installations are infrequent events: each remote terminal must be installed only
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once, assuming it is not disconnected from the network. Hence, the probability of
collision during any installation period can be made arbitrarily small by increasing
the frequency of the installation periods. Of course, the penalty for increasing the
frequency of installation periods is a decrease in the time the channel is available
for data transmissions. Because installation times of less than a few seconds should
be acceptable to subscribers, a small to moderate collision probability can probably
be tolerated. As an example, the reference system symbol rate imposes a minimum
installation period length requirement of three symbols (two symbols for transmission
of the installation signal, plus one symbol to allow for the maximum difference in
reverse channel propagation times). If an overhead of 0.1% of the total number
of symbols is allowed for installations, then installation periods occur every 2997
symbols, or 10.7 times per second. This frequency of installation periods should

enable the remote terminals to synchronize in less than one second.

4.3 Training and Retraining

After a new remote terminal has been installed, its transmissions are synchronized
with transmissions from other remote terminals. Hence, with permission from the
headend controller it can now use symbols in the upstream data path for upstream
communications without interfering with ongoing data transmissions. However, the
subchannel capacities and FEQ tap settings for the new remote terminal need to be
determined before the remote can most efficiently use whatever upstream bandwidth
is allocated to it in the future. Thus, after completing the installation process, each
remote terminal must undergo a training procedure.

After verifying that the new remote terminal is properly synchronized, the headend
controller sends an addressed message in the downstream control channel instructing

the new remote unit to transmit a “wide-band”? signal during a specified number

2The term “wide-band” here means that the remote unit uses all allowed subchannels in its
bandwidth during a specified number of upcoming training periods. Note that some subchannels
may be disallowed for some reason. For example, if the network operator has another system in
place on the network using bandwidth that overlaps the bandwidth of the DMT system, then the
overlapping DMT subchannels are marked by the headend controller as disallowed. This information
is then sent to the remote terminals in the downstream control channel, and the affected subchannels
are never used for either training or data transmission.
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of upcoming training periods to train the headend receiver. To ensure accurate bit
capacities and FEQ taps are computed by the headend modem, several consecutive
training intervals are used for the initial training of newly installed remote terminals.
Installed remote units remain quiet while the new remote unit transmits a training
signal on the permissible subset of subchannels in its group, and the headend con-
troller records the bit capacity and FEQ tap setting of each subchannel from that
remote unit. The bit capacities are used to determine subchannel assignments when
the remote terminal later requests data transmissions.

As the network operates, both the reverse channel frequency response and noise
profile can change. As described in Chapter 3, in point-to-point DMT these changes
are accommodated by a bit swap algorithm, which tracks symbol-to-symbol changes
in subchannel SNRs and redistributes some or all bits carried by a degrading sub-
channel to one or more other subchannels that can better support those bits. In a
multipoint-to-point environment, however, use of a bit swap algorithm may not be
sufficient to compensate for changes in the channel and noise. Because the channel is
shared by multiple remote terminals with varying data rate requirements, if a flexible
channel access protocol is used, then at least some low-rate remote terminals will be
assigned bandwidth for short periods of time or very infrequently. In such cases, a
bit swap algorithm may be too slow to modify the bit distributions adequately. Fur-
thermore, running bit swap algorithms to adjust the bit distributions of all remote
terminals on the network is burdensome to the headend controller. Consequently, to
accommodate changes in the channel and noise characteristics, remote terminals are
retrained periodically during another interval reserved specifically for this purpose.
As during the installation and training periods, all remote terminals that are not
retraining remain quiet to allow the headend controller to update the bit capacities
and FEQ tap settings for the retraining remote. Typically, the bit distribution is
updated by estimating the SNR, of each subchannel and noting any differences be-
tween the new bit distribution and the current one. An adaptation algorithm such
as LMS can be used to update the FEQ taps. Depending on the frequency of the
retraining intervals, the number of remotes on a particular network, and other system
parameters, each remote can be retrained as often as many times per second or as
infrequently as every two (or more) seconds. As an example, in the reference system,

assuming training intervals are 20 symbols long and 0.25% of the total symbols are
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reserved for training, then training intervals occur every 7980 symbols, or 4 times
per second. If up to 64 remote terminals are assigned to each group, then using only
0.25% of the total symbols for retraining implies that each remote modem can be
retrained every 16 seconds. If 1% of the total symbols are reserved for retraining,
then retraining periods occur every 1980 symbols, or about 16 times per second. In
this case, again assuming up to 64 remote terminals are assigned to each group, every

remote terminal can be retrained every 4 seconds.

4.4 Summary

The chapter began with a review of Synchronized DMT, in which multiple DMT-
based remote terminals are synchronized to enable them to communicate with a
common receiver over a shared channel according to some channel access protocol.
An example was given to illustrate that synchronizing DMT-based remote terminal
transmissions preserves the desired subchannel orthogonality when DMT is applied
in a multipoint-to-point environment. Hence, it was concluded that synchronizing
the remote terminals is beneficial from the perspective of system complexity. Next,
under the assumption that SDMT is desired, a procedure for installing DMT-based
remote terminals was outlined. New procedures for training and retraining remote
terminals were presented to enable efficient communications according to a channel

access protocol.



Chapter 5

Design and Analysis of
SDMT-based Random Access

Protocols

After a remote unit has been installed and the optimal bit distribution has been
determined, the remote terminal is ready to request upstream communications ac-
cording to a channel access protocol. This chapter examines several protocol alter-
natives. Because the reverse channel bandwidth is limited, and the instantaneous
data transmission requirements of the remote terminals may vary significantly from
a few hundred bits per second to several megabits per second, the reverse channel
bandwidth must likely be allocated dynamically to the remote units.

In Section 5.1, several generalized channel access protocol alternatives are re-
viewed. First, Time-Division Multiple Access (TDMA), Frequency-Division Multi-
ple Access (FDMA), Aloha, Carrier-Sense Multiple Access (CSMA), and Busy-Tone
Multiple Access (BTMA) protocols are described and evaluated as candidates for
controlling HFC reverse channel access. It is concluded that none of these alter-
natives is a satisfactory solution for HFC reverse channels. Reservation-based pro-
tocols, however, offer significant advantages for HFC reverse channel transmission,
including accommodating the required overhead periods for installation, training,
and retraining. Consequently, new reservation-based protocols designed specifically
for multicarrier remote terminals are presented. Section 5.2 describes one such pro-

tocol, called the Reservation-Based Multicarrier protocol with TDMA data symbol
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Figure 5.1: Time-division multiple access

assignments (RBM-T). The performance of the RBM-T protocol, in terms of how
well it enables the channel to be used and the delays messages incur due to the pro-
tocol, is evaluated via analysis and simulation. The results suggest that a variation
on the RBM-T protocol might offer improved performance. Consequently, in Section
5.3 the Reservation-Based Multicarrier protocol with combined TDMA and FDMA
data symbol assignments (RBM-TF) is described. Simulation results are presented
to illustrate that the RBM-TF protocol outperforms the RBM-T protocol.

5.1 Generalized Protocol Alternatives

Protocols can be divided into two classes: those with centralized control and those
with distributed control. With centralized control, a single node coordinates the
activities of all other nodes on the network. In protocols with distributed control, all
nodes behave according to the same set of rules. [23]

Perhaps the simplest distributed-control protocol alternatives for the reverse chan-
nel of HFC networks are Time-Division Multiple Access (TDMA) and Frequency-
Division Multiple Access (FDMA), both of which ensure that transmissions from
remote terminals do not interfere with each other. Hence, TDMA and FDMA are
known as conflict-free protocols. In TDMA, one or more consecutive symbol periods
are grouped together into slots. These slots are then assigned in a round-robin fashion
to the remote terminals on the network, and the probability of conflicts in channel
use is theoretically zero. Assuming there are M remote terminals on a network, each
terminal is assigned every Mth slot, as shown in Figure 5.1. If a remote terminal does
not require the use of a slot assigned to it, then the channel is idle during that slot.
Conversely, if a remote terminal cannot fit its data transmission into one slot, it must
wait M — 1 additional slot periods for its next assigned slot before it can send the
remainder of its message. To implement TDMA in a network, each remote terminal

only needs to maintain a slot counter that ranges from 1 to M to determine when it
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may transmit. Thus, TDMA is simple and inexpensive to implement.

In FDMA, the channel bandwidth is divided into a set of parallel, equal-bandwidth,
slower subchannels, each of which supports an identical modulation. Each subchannel
is assigned permanently to a distinct remote terminal on the network, which ensures
that no data transmission conflicts occur. Again assuming the network serves M
remote units, the channel is divided into M subchannels, as illustrated in Figure 5.2.
Each remote terminal has immediate access to its assigned subchannel. If a remote
terminal does not need to transmit any data, then its subchannel remains idle. One
advantage of FDMA relative to TDMA is that the transmit bandwidth of each remote
terminal is reduced to only W/M Hz, where W is the total available bandwidth, in-
cluding excess bandwidth. Hence, the required sampling rate of the remote terminal
analog-to-digital converters is only 2WW/M Hz as opposed to 2W Hz. The disadvan-
tage of FDMA with respect to TDMA is that the average time required to transmit
messages is generally longer. The reason is that a remote terminal with data ready
to transmit on a TDMA network must wait an average of M/2 slot periods before
the arrival of its designated slot, at which time it can transmit its message. However,
when the terminal’s next slot period arrives, the message is transmitted as quickly
as possible, using the entire available W Hz. Thus, assuming each message requires
one TDMA slot for transmission, the average time to transmit a message is M/2 + 1
slots. On an FDMA network, a remote terminal can begin to transmit a message
immediately, but the time required to transmit that message is M times longer than
in the TDMA case because only 1/Mth of the total bandwidth is used. Consequently,
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assuming again that each message requires one TDMA slot for transmission, the aver-
age message transmission time on an FDMA network with the same total bandwidth
is equal to M TDMA slots. Only if M = 2 are the average times required to complete
transmission of a message in the TDMA and FDMA cases the same. For any M > 2,
the average transmission time is less for TDMA.

Although both TDMA and FDMA are simple to implement and ensure that all
transmissions are free from interference from other transmissions, they are inflexible.
Assuming the channel can support a total of R bits/second, the maximum data
rate that can be transmitted by each remote terminal is R/M bits/second for either
TDMA or FDMA. As discussed in Chapter 1, some services HFC networks may need
to support are bursty in nature, suggesting that both the bandwidth requirements of
individual remote terminals and the aggregate traffic load may vary dramatically as a
network operates. Hence, a static allocation of the available bandwidth is undesirable.
Instead, remote terminals should be able to secure bandwidth proportional to their
needs.

An alternative channel access protocol that meets the requirement of dynamic
bandwidth allocation is Aloha, which was developed by Abramson in the late 1960s
at the University of Hawaii. [24] In contrast to TDMA and FDMA, Aloha does not
guarantee that transmissions from independent remote terminals do not interfere
with each other. On the contrary, remote units on an Aloha network simply transmit
messages as necessary, without regard to the requirements or activities of the other
remote terminals. Hence, Aloha enables dynamic bandwidth allocation at the expense
of conflict-free data transmission. A remote terminal that has transmitted a message
waits to receive an acknowledgement from the receiver that its message arrived intact.
If two or more terminals transmit at the same time, then a collision occurs, and the
remote terminals involved in the collision retransmit their messages after a randomly-
chosen delay. If no collision occurs, then the receiver sends an acknowledgement
message back to the transmitter to indicate the message was received successfully.
It can be shown easily that if message transmissions (both new messages and those
that have been rescheduled due to collisions) are assumed to be attempted by an
infinite population of remote terminals at an aggregate rate of G messages per unit
time, where G is Poisson distributed, then the channel can be used for successful

transmissions a maximum of only 18% of the time. By slotting the time axis and
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restricting the remote units to transmit synchronized to the slot boundaries, which
results in the protocol known as slotted Aloha, Roberts showed that the maximum
fraction of time the channel is used for successful data transmissions (often called the
channel utilization or throughput) increases to 36%. [25] Other variations of Aloha
have been developed, but none enables a throughput greater than 36%.

One disadvantage of Aloha protocols when considering the reverse channel of HFC
networks is the low achievable channel utilization. Although the reverse channel may
span up to 37 MHz, a maximum throughput of 36% means that effectively only 13.3
MHz is used at most. Hence, nearly 2/3 of the available bandwidth is wasted under
the best of circumstances. A second problem with Aloha for HFC reverse channels is
caused by the electrical length of typical HFC networks. Assuming reasonable prop-
agation times for coaxial cable and fiber of 7.5 us/mile and 5.5 ps/mile, respectively,
the round-trip propagation time on an HFC network can approach 0.5 milliseconds.
Consequently, remote terminals using Aloha for upstream HFC transmission must
wait up to 0.5 ms to learn the outcomes of their transmissions. If remote terminals
are required to verify that each message they transmit has arrived successfully before
they may transmit additional messages, then a lag time between successive message
transmissions of up to 0.5 ms is imposed automatically, thus decreasing the maximum
rate at which remote units may transmit data. If a message transmission is unsuccess-
ful, then the corresponding remote terminal incurs at least the round-trip delay plus
an additional delay due to rescheduling the transmission. Furthermore, a message
could collide multiple times before being received successfully. Hence, the average
message transmission time when an Aloha protocol is used is likely to be excessive.
Finally, pure Aloha and slotted Aloha protocols are notoriously unstable. However,
they can be stabilized in theory, although not necessarily in practice, by imposing on
the remote terminals a message retransmission rule that takes into account the past
and present channel activity.

Based on the preceding discussion of Aloha protocols and the potential increases
in message transmission delays that can result due to collisions between messages,
a conflict-free protocol is desirable for upstream HFC transmission. One family of
protocols that attempts to avoid message collisions by forcing remote terminals to
consider the state of the channel (in use or idle) before transmitting messages is
the class of Carrier-Sense Multiple Access (CSMA) protocols. CSMA protocols are
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distributed-control protocols that were developed by Tobagi and Kleinrock to offer
channel utilization values higher than those achievable using Aloha protocols. [26] Un-
der CSMA protocols, a remote terminal desiring to transmit a message first checks
the channel state to determine whether another remote terminal is already transmit-
ting. If the channel is sensed busy, then the remote unit reschedules its transmission
for a later time according to a retransmission rule. At that time it again checks the
channel state and proceeds accordingly. If the channel is sensed idle, then the remote
terminal transmits its message. Because a finite time, due to the propagation time of
the transmission medium, is required for the other remote terminals on the network
to detect this transmission and thereby recognize that the channel is busy, there is
a nonzero probability that another remote terminal will begin to transmit a message
that interferes with the first message. If a collision occurs, retransmission of the mes-
sages involved is required. However, because the remote terminals transmit messages
only if they sense the channel is idle, the channel utilization increases significantly
with respect to Aloha, where users transmit without regard to the channel state. The
achievable channel utilization of CSMA is a function of the electrical length of the
network and the size of transmitted messages, but for networks with low round-trip
propagation delays with respect to the message transmission time, the channel utiliza-
tion can exceed 80%. Furthermore, by slotting the time axis and forcing the remote
terminals to transmit synchronized to the slot boundaries, the channel utilization can
be improved even further.

Although CSMA protocols can provide high channel utilization, use of CSMA on
the HFC reverse channel is not possible. As described in Chapter 2, HFC hardware
prevents the remote terminals from sensing the state of the reverse channel. However,
a variation of CSMA called Busy-Tone Multiple Access (BTMA), proposed by Tobagi
and Kleinrock, incorporates the “listen before transmitting” principle for networks
on which remote terminals cannot directly sense the state of the shared channel. [27]
In BTMA, a separate overhead channel that can be received by all remote terminals
is used to indicate the state of the shared channel. Remote terminals desiring to
transmit data then monitor the overhead channel to determine whether or not to
transmit their messages. Signals on the overhead channel can be generated in a
variety of ways, depending on the characteristics of the network. For example, a

remote terminal that is transmitting a message could simultaneously transmit a busy
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tone signal in the overhead channel. Alternatively, the recipient of the message being
transmitted could generate the busy tone. This technique would be necessary for
HFC networks because remote terminals can only transmit in the reverse channel
bandwidth and receive in the downstream bandwidth. Hence, the headend modem
would need to transmit the busy tone signal. However, the headend modem cannot
generate the busy tone until it has received a signal in the upstream bandwidth, by
which time the transmission for which the busy tone should be generated is long over
because the electrical length of the network is so large. The only way BTMA could be
used to coordinate HFC reverse channel transmissions is if a channel sensing device
is installed at the fiber node. To minimize maintenance costs, installing nonessential
equipment at the fiber node is undesirable. Hence, BTMA is not an attractive option
for controlling remote terminal transmissions in the reverse channel.

CSMA and BTMA protocols force remote terminals to transmit data while at-
tempting to avoid collisions. However, collisions between messages can and do occur.
Reservation-based protocols, in contrast, guarantee conflict-free data transmissions
by requiring all remote units to reserve transmission bandwidth via a centralized
scheduling mechanism. Hence, reservation-based protocols provide conflict-free data
transmissions by imposing centralized control. A remote terminal needing to transmit
a message first transmits a reservation request to the central controller. The reser-
vation request may be sent in a separate channel, or it could be transmitted using
the same channel that is used for data transmissions. Furthermore, depending on the
implementation of the protocol, the reservation requests themselves could be subject
to collisions, or they may be conflict-free. Upon receiving a reservation request, which
must somehow identify the requesting remote terminal and convey its transmission
requirements, the centralized controller then schedules future bandwidth for use by
the requesting remote terminal and transmits the assignment to the terminal. Be-
cause a central controller schedules all data transmissions, collisions are avoided. The
penalty for ensuring collision-free data transmissions, however, is a minimum delay
of one round-trip propagation time before a remote terminal can begin to transmit
its message.

Traditional reservation-based protocols may feature reservation slots followed by
data transmission slots, or a portion of the total bandwidth may be reserved for reser-

vation request transmissions. The latter approach is not practical for HFC reverse
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Figure 5.3: Illustration of reservation and data slots with
single-carrier modulation

channels because ingress or channel nulls can render large portions of the spectrum
useless. The problem is compounded by the unpredictability of poor-quality regions
in the reverse channel. Hence, as with remote terminal installations, the same band-
width that is used for data transmissions is also used to transmit reservation requests
in this design. In single carrier systems, several symbols are grouped into a reser-
vation slot, as shown in Figure 5.3. As shown in Chapter 3, however, the number
of bits supported by a single symbol in most DMT systems is far greater than the
number required to request a reservation, especially if the channel is partitioned into
a large number of subchannels. The same is generally true for other multicarrier
modulations, too. This observation motivates the design of reservation-based channel
access protocols specifically for multicarrier-based remote units. In this dissertation,
the general class of reservation-based protocols for multicarrier-based remote units
will be called Reservation-Based Multicarrier (RBM) Protocols.

Because the reverse channel traffic load may vary significantly as the network
operates, of concern is what percentage of the available channel bandwidth should
be allocated to reservation slots as opposed to data transmission slots. Ideally, the
number of reservation slots should change to best accommodate the needs of the
remote terminals. Perhaps the simplest approach is to allow the headend controller
to label each symbol as either reserved or available for contention. Contention symbols
can be used by remote terminals to transmit reservations to request bandwidth for

data transmissions. By transmitting the symbol status information to the remote
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units in a downstream control channel, the headend controller informs the remote
units of the channel use. Because reservation requests are transmitted only during
contention symbols, they do not collide with data transmissions, assuming information
transmitted in the downstream control channel is received and decoded perfectly. The
implications of errors in decoding the downstream control channel are addressed in

Appendix B.

5.2 The RBM-T Protocol: A Reservation-Based
Multicarrier Protocol with TDMA Data Sym-

bol Assignments

Figure 5.4 illustrates a simple protocol based on the idea that the headend controller
schedules all data transmissions by communicating to the remote terminals when they
may transmit what type of information. As described briefly at the end of the last
section, each symbol in the upstream data path is classified as either a contention
(that is, unassigned for data transmissions) symbol or as some other type of symbol,
and this information is transmitted to the remote units by the headend controller via
a downstream control channel. In general, most symbols that have not been assigned
for data transmissions are classified as contention symbols, although, as described in
Chapter 4, some symbols must be reserved for installation, training, and retraining
remote terminals. During contention symbols, the remote terminals are authorized
to transmit reservation requests, which are, in this protocol, always unsolicited. A
reservation request contains the requesting terminal’s node address and a descrip-
tion of the unit’s transmission needs. Because the headend controller has designated
which symbols are contention symbols, it identifies signals received during contention
symbols as reservation requests and proceeds accordingly. After a reservation request
is received successfully by the headend modem, upcoming symbols are assigned to
the remote terminal that transmitted the successful reservation. The assignment is
transmitted to the remote terminal in the downstream control channel. To mini-
mize bookkeeping for the headend controller, symbols assigned for data transmission
are assigned to a single remote unit. Hence, no two remote terminals can transmit

data during the same symbol, and therefore a TDMA-like data symbol assignment
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Figure 5.4: Illustration of RBM-T protocol with K =4

is used. The TDMA-like data symbol assignments enable the headend controller
to inform the remote terminals of the status (contention or reserved) of upcoming
symbols by broadcasting a channel status signal, which ensures none of the remote
terminals transmits a reservation request during a symbol that has been reserved by
the headend controller for data transmission, installations, or training. Because data
symbols are assigned entirely to only one remote terminal, this protocol is called the
Reservation-Based Multicarrier protocol with TDMA data symbol assignments. The
name is abbreviated to RBM-T for simplicity.

Technically, a transmitter partitioning a channel into as few as two subchannels is



Chapter 5. Design and Analysis of SDMT-based Random Access Protocols 70

considered multicarrier. Hence, using DMT as an example, an FFT size of 4 produces
two subchannels, each of which supports a number of bits proportional to its SNR.
Using a larger FF'T size increases the number of subchannels into which the channel
is partitioned and, in general, the number of bits supported by each DMT symbol. As
the FF'T size increases, however, so does the symbol period. Consequently, systems
using large FF'T sizes support large numbers of bits per symbol, but their symbol
rates are low. Based on this observation, multicarrier symbols may support many
more bits than necessary for the transmission of a reservation request, particularly
if the channel is partitioned into a large number of subchannels. Consequently, in
the RBM-T protocol each contention symbol is split into a set of K concurrent but
disjoint reservation slots, as shown in Figure 5.4. A reservation slot is a group of
subchannels that together support the number of bits required to transmit a reserva-
tion. Hence, if a channel supports different numbers of bits per subchannel, then the
K groups may be composed of different numbers of subchannels. However the sub-
channels are grouped into reservation slots, the partitioning must be observed by all
remote units to ensure that collisions overlap completely. To mitigate any interchan-
nel interference problems due to slight offsets in remote terminal carrier frequencies,
the subchannel sets should be composed of adjacent subchannels. Depending on the
number of subchannels into which a channel is partitioned, the bit capacities of those
subchannels, and the number of bits required to represent a reservation request, the
value of K could be as small as 1. If K = 1, each symbol, even though it is a
multicarrier symbol, can support only one reservation request. For this reason, and
because symbols are assigned in a TDMA manner for data transmissions, the K =1
case can be considered a slotted single carrier version of the RBM-T protocol. It will
illustrate the advantages or disadvantages of multicarrier modulation with respect to
single-carrier modulation under the RBM-T protocol.

During a contention symbol, a remote unit that needs to request a reservation
chooses randomly from the set of K reservation slots and transmits its request on
that subchannel set. If no other remote unit transmits an overlapping reservation
request, then the headend receiver successfully decodes the request, and the headend
controller assigns one or more upcoming symbols to the remote unit for transmission

of the data corresponding to the reservation. The particular remote unit to which
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the data symbols have been assigned learns of the assignment when it receives an ad-
dressed packet in the downstream control channel indicating the indices of upcoming
symbols that have been assigned to it. For any value of K, if two or more reservation
requests collide on, for example, the sth subchannel set, then the headend controller
broadcasts in the downstream control channel a message indicating that whichever
remote terminals transmitted requests on the sth subchannel set during that symbol
period must retransmit their requests. The remote terminals involved in the collision
then reschedule their requests for a later time according to a rescheduling algorithm,
at which time the procedure of checking the channel state and either rescheduling
or randomly choosing a subchannel set and transmitting the reservation request is
repeated.

To enable the headend modem to decode reservation requests transmitted dur-
ing contention symbols, two requirements must be satisfied. First, the bit distribu-
tions used by the remote terminals must be the same when reservation requests are
transmitted. Hence, the “lowest common denominator” bit distribution is used for
reservation requests. Without this restriction, the constellation used on a particular
subchannel could change depending on which remote terminal transmitted a reser-
vation request. Because reservation requests are unsolicited, if the bit distributions
were not the same, the headend receiver would be unable to determine how many
bits were transmitted on each subchannel. Similarly, the second requirement is also
a consequence of the unsolicited requests. If a single symbol period is used to trans-
mit reservation requests, which is desirable to minimize the probability of collisions
between requests and thus maximize the efficiency, all remote terminals must apply
a coarse “inverse FEQ” to their reservation requests. Because the reverse channels
from the various remote terminals to the headend may differ significantly, the gains
and phase shifts introduced by the subchannels can also vary from remote terminal to
remote terminal. Again, the headend receiver is unable to tell which remote terminal
transmitted a reservation request, and it thus cannot apply the correct mixture of
FEQ taps to the received signal in the decoding process. If a coarse inverse FEQ is
implemented in the remote terminals, however, and the number of bits transmitted
on each subchannel is set to some value lower than could be supported (that is, a
noise margin is imposed), then decoding the received reservation requests should be

straightforward. As an example, based on the results in Chapter 3, which showed



Chapter 5. Design and Analysis of SDMT-based Random Access Protocols 72

that most regions of the worst-case reverse channel can support at least 3 bits, trans-
mitting reservation requests using 2 bits per subchannel and applying a coarse inverse
FEQ in the remote terminals should result in essentially error-free decoding.

The inverse FEQ is computed from the updated receiver FEQ taps after a remote
terminal’s training interval has ended. Because the inverse FEQ is used only when
reservation requests are transmitted, the taps are computed under the assumption
that each remote terminal transmits only 2 bits per subchannel; hence, the required
precision is not as high as for the receiver FEQ. The tap settings are then transmitted
to the appropriate remote terminal in the downstream control channel.

If implementation of inverse FEQs is not feasible for a system, then remote ter-
minals must transmit their reservation requests using differential QPSK (DQPSK) to
enable the headend receiver to decode the signals. Use of DQPSK decreases the effi-
ciency of the protocol because successful transmission of a reservation request requires
two consecutive symbol periods during which no interfering request is transmitted.
First, depending on the channel state, two consecutive symbol periods may not be
available, which imposes a delay while the remote terminal waits for two consecutive
contention symbols in the upstream data path. Furthermore, if two consecutive con-
tention symbols are available but a collision occurs during either of the two symbol
periods, then the reservation must be retransmitted. Because application of an inverse
FEQ results in a more efficient protocol, it is the method assumed in the remainder
of this dissertation. The impact of the inverse FEQ on the system complexity is

evaluated in Appendix B.

5.2.1 Protocol Evaluation Criteria

As mentioned in Section 5.1, of interest for evaluating the performance of a particular
protocol is the expected channel utilization or throughput it supports at various traffic
loads. Again, the throughput is defined as the percent of time the channel is used for
successful data transmissions. Figure 5.5 illustrates the channel activity as a function
of time for the RBM-T protocol when the sum of the round-trip propagation delay
plus the headend unit and remote unit processing times is equal to the time required
to transmit a message. To simplify notation, all time variables are normalized by the

message transmission time. Hence, the message transmission time is set equal to 1,



Chapter 5. Design and Analysis of SDMT-based Random Access Protocols 73

Successful reservation requests

TR | =
33832008 | ____________
£es8ssesss _________
$3382200 8 _________
£388858888, ' _________
533822888 | _________
il 5 -

) N < ; N 7

Time Lasf datatransmission 7" Collisions ' Datatransmissions
in previous cycle
| PR : | 1 | 1 |
[~ |
Idle period Busy period
| |
Previouscycle‘ 1Cycle | Next cycle

Figure 5.5: Example of potential channel activity under the
RBM-T protocol with a =1

and the sum of the round-trip propagation time plus the remote unit and headend
modem processing times normalized by the message transmission time is denoted by
a.

Referring to Figure 5.5, a cycle consists of at least one successful reservation
request and its corresponding data transmission plus the idle period between the last
data transmission in the previous cycle and the first reservation attempt (successful
or not) in the current cycle. A busy period is defined as the time from the first
reservation attempt after the idle period to the end of the last data transmission in
the current cycle. When a < 1, the “last data transmission” is the data transmission
corresponding to the last successful reservation request occurring during the period
a.! Thus, every busy period is composed of an equal number of successful reservation
requests and data transmissions, and each busy period ends with a data transmission.

Using these definitions, and denoting the average durations of a busy period and an

'When a > 1, the RBM-T protocol analysis becomes much more difficult. As a result, only the
a < 1 case is considered in this dissertation.
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idle period as B and I, respectively, the throughput is

U

S =_—_
B+1T’

(5.1)
where U is the average time per cycle the channel is used for data transmissions.
Hence, the throughput is just the average fraction of each cycle that is used for data
transmission.

The channel access delay is defined as the average time from when a remote unit
first has a message ready for transmission to when transmission of that message
begins. The access delay may be caused by a number of factors. First, under any
reservation-based protocol, all messages incur a minimum delay that is the sum of
the time required to transmit each reservation request, the times required for the
headend to process each reservation request and for the remote unit to process the
corresponding grant message, and the round-trip propagation time of the network
itself. A potential second cause of delay is the state of the channel when a remote
unit attempts to schedule a reservation request. For example, in the RBM-T protocol,
if the channel is in use for data transmission (that is, it is busy) when the remote
wishes to transmit a reservation request, then the remote unit must reschedule its
request for a later time, thus incurring a delay. Alternatively, if the channel is idle
but two or more remote units transmit reservation requests that overlap in time and
frequency, then the requests collide, and the remote units involved in the collision
must reschedule their requests for a later time.? The transport delay of a particular
message is the access delay plus the time required to transmit the message. If all
messages require the same amount of time for transmission, then the transport delay
is simply the access delay plus a constant. In general, for protocols allowing conflicts
between either data messages or reservation requests, as the throughput increases,

the expected access and transport delays also increase.

2Tt is worth noting here that the delay incurred because of colliding reservation requests can be
significantly larger than the delay when the channel is found busy because the remote units must
wait the round-trip propagation time before they can determine their requests collided. Only then
can they reschedule their requests for a later time according to the delay distribution. For networks
that span large distances, as most HFC networks do, it is especially desirable to avoid reservation
request collisions and the corresponding increases in access delay.
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5.2.2 Throughput Analysis

To simplify the RBM-T throughput analysis, the transmission channel from each
remote terminal to the headend is assumed to be flat and identical, and all remote
units are assumed to be the same distance (in terms of transmission line length) from
the headend. Hence, the bit tables of all remote units are the same: all subchannels
support B bits, and each symbol, regardless of which remote unit transmitted it,
is composed of NB bits. Furthermore, although the network traffic will in general
consist of both constant bit rate and packetized data, for simplicity the analysis
assumes only packetized data is supported. It is also assumed that all data messages
are the same length and that all reservation requests are the same length. The
message length is chosen to require an integral number of multicarrier symbols for
transmission so that no bandwidth is wasted by constraining the multicarrier system
to use all subchannels in a symbol for data transmission as required by the RBM-
T protocol. Clearly, if this requirement is not satisfied, then the protocol could be
very inefficient, since it is possible that only a small percentage of a symbol might
be needed for data transmission. Finally, the analysis assumes that all remote units
satisfy the requirements for SDMT: they are loop-timed to a master clock broadcast
by the headend transmitter and impose the appropriate sample delays to ensure their
transmissions arrive at the headend synchronized to predefined symbol boundaries.
A method for achieving SDMT was described in the Chapter 4.

Under the RMB-T protocol, the aggregate network traffic is composed of both
packetized data transmissions and requests for bandwidth. Constant-length mes-
sages are assumed to be generated by an infinite population of remote units at a
collective rate of A messages per second according to some probability distribution.
The assumption of an infinite population is equivalent to assuming that each remote
terminal attempts to transmit only one message. In other words, the delay between
remote terminal message requests is infinite. Denoting the message transmission time
by T', messages and their corresponding reservation requests are generated by the pop-
ulation of remote units at a rate of S = AT per message transmission time, which is
the throughput of the network because a message is either transmitted successfully
or rescheduled, but never discarded. Because some of the transmitted reservation
requests will collide and require retransmission, reservation requests, both new and

retransmitted, and their corresponding messages are offered at an average aggregate
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Table 5.1: Notation

Round-trip propagation delay plus headend and remote unit
processing times, normalized to message transmission time
= Number of subchannels required to send reservation request
Number of request slots per multicarrier symbol
One symbol period, normalized to message transmission time
Number of subchannels in multicarrier system
= Average number of reservation requests scheduled per message
transmission time, including rescheduled requests
Channel throughput (Alternatively, the rate at which new mes-
sages are generated)
Number of multicarrier symbols required to transmit each mes-
sage
Number of additional successful reservation requests during first-
success symbol period
= Number of successful reservations during a
= Number of reservation requests attempted during a symbol pe-
riod
Expected time from the end of the last message in the previous
cycle to the first successful reservation request in the current
cycle

Q=S == S
I

&~ 93]
I I

=
[

S

~4
I

rate of G per time 7T, where G > S. For the purpose of analysis, GG is assumed to be
Poisson distributed.

For reference, the notation used in the analysis is detailed in Table 5.1.

From the definition of a cycle, it is clear that there must be at least one successful
reservation request and its corresponding data transmission in every cycle. After the
initial successful reservation in a cycle, while the first remote unit waits for a message
in the downstream control channel granting use of the channel for data transmission,
other remotes may transmit reservation requests during the following a time units.
Furthermore, if K > 1 it is possible for more than one successful reservation request to
occur during the symbol period in which the “first” success occurs. Thus, to compute
the expected time the channel is used for data transmission, it is necessary to know the
expected number of additional successful reservation requests (V) occurring during

the first-success symbol period and the expected number of successful reservations
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during a (N,). Then, in normalized time units, U is simply

U =1+ E{N,} + E{N,}. (5.2)

E{N,} can be computed by considering what happens during a single multicarrier
symbol period. The number of reservation requests attempted during a symbol period
is denoted as N,, which is a Poisson distributed random variable in accordance with
the traffic assumptions. If K = 1, which means that each contention symbol is
composed of only one request slot, then the expected number of successes during a
symbol period is Pr{N, = 1}. If K > 1, a Bernoulli random variable X;, i = 1... K

is defined as

X — 1 if exactly one reservation request is transmitted on subchannel set ¢
' 0 otherwise

Because the remote terminals transmitting reservation requests choose randomly from
the K request slots, it is sufficient to consider only the sth slot. Then the expected
number of successes during a contention symbol period is KE{X;}. Because X;
is a Bernoulli random variable, its expected value is Pr{X; = 1}, which can be
computed by conditioning on the total number of reservation requests attempted

during a symbol period:

E{X;} = Pr{X; =1} = 3 Pr{X; = 1|N, = n} Pr{N, = n}.
n=1
Because the offered traffic is Poisson distributed with rate G reservation requests per

message transmission time,

ebe (bG)n

n!

Pr{N, =n} = ,
where b denotes the symbol period in normalized time units. Pr{X; = 1|V, = n} is
found by observing that X; = 1 when n reservation requests are attempted during
that symbol period if and only if exactly one remote unit transmits its reservation
request on subchannel set ¢ and the other n—1 remote units transmit their reservation

requests on any of the remaining K — 1 subchannel sets. Appendix C shows that there
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n+K-—1 oo
are ( ) ways to distribute n requests among K subchannel sets. Hence,

n
K -3
there are ( nt . ) ways to distribute n — 1 requests among K — 1 subchannel
n J—
sets, and
( n+K-—3 )
n—1
Pr{X; =1|N, =n} = .
n+K-—-1
n
Thus,

- n(K —1)

E{X;} =Pr{X; =1} = Z mn+K-1)(n+K—2)

- Pr{N, = n},

and, during any contention symbol,

E{Nsuccesses} = KE{Xi} =
Pr{N, =1} if K=1
K(K-1)>> -Pr{N, =n} if K >1

1 (n+K71;1(n+K72)

Therefore, if each message requires L symbols for transmission, then a is aL symbols

in duration, and

E{N}:{aLPr{Nzl} ifK =1
aLK(K —1) | TR DR D -Pr{N, =n} if K >1 (5.3)

E{N;} can be computed in a similar manner. In this case, however, it is known
that, because this symbol period is the first-success period, at least one successful
reservation request occurs, which leaves K — 1 concurrent request slots in which
additional successful reservation requests can be transmitted. If K = 1, then clearly
E{N,} =0. If K = 2, then the expected number of additional successes during this
symbol period is 1 if exactly 2 reservation requests are attempted; otherwise it is zero.
Hence, the expected number of additional successes is just Pr{N, = 2} if K = 2. To

determine the expected number of additional successes during the first-success symbol
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period for values of K greater than 2, a Bernoulli random variable W;, s =1... K —1,
is defined:

W — 1 if exactly one reservation request is transmitted on subchannel set i
' 0 otherwise

Then, similar to before,

E{W;} =Pr{W; =1} = i Pr{W, = 1|N, = n} Pr{N, = n},
but this time
E{Ns} = (K = ) E{W:}.

Clearly, if the total number of attempts /N, during this symbol period is 1, then
the expected number of additional successes is zero. If N, = 2, then both reservation
requests must be successful because it is known that at least one success occurs during
this symbol period. Thus, Pr{W; = 1|N, = 2} = ﬁ For N, > 3, the probability
that exactly one of the remaining (n — 1) reservation requests is transmitted on the

1th subchannel set is

(n+K—5>
n—2
Pr{W;=1|N, =n,n > 3} =
n+ K —3
n—1

by the same arguments that were used previously. Hence, for K > 3, the expected

number of additional successes can be written as

(n—i—K—S)

o0 n—2

E{Ns}Pr{Nr2}+(K1)z:3(n+K3) -Pr{N, = n}.
n—1

Finally, simplifying and collecting the expressions for the expected number of addi-

tional successes during the first-success symbol period for various values of K yields
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E{N,}:

E{NS} =
0 ifK=1
Pr{N, = 2} + (5.4)

(K = 1)(K = 2) 0% i worey PV, =n} if K >2

Substituting the appropriate versions of Equations 5.3 and 5.4 into Equation 5.2 yields
U for any value of K.

Next, the expected duration of a cycle is computed as
B+I=1+a+b+E{N,}+E{N,} +Y. (5.5)

Both E{N,} and E{N,} were found in the derivation of U. Y is the expected time
from the end of the last message transmission in the previous cycle to the first suc-
cessful reservation request(s) in the current cycle. Hence, Y includes both the idle
period and the expected time from the first reservation request attempt in the cycle to
the first successful reservation request transmission, and it can be computed by con-
sidering each symbol period to be an independent Bernoulli trial. The assumption of
independence is valid when an infinite population of remote units is assumed: because
the rescheduling of reservation requests is infinite, the activity during any symbol is
independent of the outcomes of preceding symbols. Returning to the Bernoulli trials,
the outcome of each symbol period is a success if at least one reservation request is
transmitted successfully during that symbol period; otherwise, it is a failure.® Let A
be the event that at least one successful reservation request occurs during a symbol
period. The sequence of symbol outcomes is a geometric random variable, and the

expected number of symbols before at least one successful reservation request occurs
1-Pr{A}

is Br{A] - Normalized by the number of symbols per message,
~ 1-—Pr{A}
y=-— 4“7 5.6
LPr{A} (5.6)

3Note that in this case a symbol is termed a failure if there are no reservation request attempts
or if all attempts during a symbol period fail.
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Pr{A} can be computed by conditioning on the number of reservation requests at-
tempted during a symbol period. Given that n reservations are attempted, the prob-
ability that at least one success occurs is simply the probability that at least one of
the subchannel sets is chosen by exactly one remote unit. If K = 1, then Pr{A} is
Pr{N, = 1} because only one success per symbol period can occur. For K > 1, define
A; as the event that subchannel set i is chosen by exactly one remote unit. Then
Pr{A|N, = n} is just Pr{A; UAyU---U Ag|N, = n}. Invoking inclusion-exclusion,

PI'{A1UA2U"'UAK|N :n}:
ZPr{A N, =n} =Y Pr{A;nAj|N, =n}+ > Pr{A,NnA;NAIN, =n}—..

1<J 1<j<lI

The closed-form solution is

K n+K—(2i+1)
min(n,K) . i n—1
PI"{A1UA2UUAK|NT :n} == Z (—]_)H_l y
i=1 n+K-—1
n

c
where 0 is taken to be 1, regardless of the value of c.* Removing the condition

on the number of reservation requests attempted yields

PI'{Al UA2 U UAK} = PI'{A} =

(K) (n+K—(2i+1)>
oo |min(n,K) i n—i
Z Z (n+K—1> -Pr{N, =n}|. (5.7)

Equation 5.7 can be evaluated for any number K > 1 of subchannel sets (request

T -1
4Note that when n = K, the second combination in the numerator evaluates to ( 0 ) when
i = min(n, K), which makes no sense. However, writing a separate formula valid for n = K is

-1 ) is taken to be 1.

cumbersome and can be avoided if ( 0
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Figure 5.6: Throughput as a function of offered load for various
reservation request sizes

slots). As found previously, for K =1, Pr{A} = Pr{N, = 1}. The appropriate value
of Pr{A} is then substituted into Equation 5.6 to find Y. By substituting the results
of Equations 5.3, 5.4, and 5.6 into Equation 5.5, the expected duration of a cycle can
be computed. Finally, the throughput is found from Equation 5.1.

Figure 5.6 illustrates the throughput as a function of the offered load G for various
reservation request sizes and a fixed message size. The total number of subchannels
was set to 64, and the number of request slots per symbol was set to 4, 8, and 16.
The figure shows that as the size of the reservation request messages increases (that
is, K decreases), the maximum throughput decreases because more collisions occur
among requests.

Figure 5.7 shows the effect of the number of subchannels on the achievable through-
put. This time the message and reservation request sizes were fixed, and the number
of subchannels per symbol and, as a result, the symbol period were changed. The

number of subchannels was varied from 16 to 64, and the number of subchannels per
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Figure 5.7: Throughput as a function of offered load parameterized
by the number of subchannels available

reservation request was fixed at 16. (Hence, K varied from 1 to 4.) The number of
symbols per message was set to 2 for K = 4. The figure shows that at offered loads
less than some critical value, the K' = 1 curve stays higher than the other two, in-
dicating that the slotted single-carrier version achieves a higher throughput than the
higher-order configurations. Beyond the critical load value, however, the multicarrier
configurations perform better.

Insight into the differences between the K = 1 (slotted single-carrier) and K > 1
(multicarrier) versions of the RBM-T protocol can be fostered by considering the
channel activity at various points on the curves in Figure 5.7. As a simple example, an
offered load of 1 message per message transmission time means that during any time
period equal to the message transmission time, an average of 1 remote unit becomes
ready to transmit a reservation request. As described previously, ready remotes check
the channel state and either transmit or reschedule their reservation requests based

on the channel state. According to Figure 5.7, when the offered load is 1 message per
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message transmission time, the throughput achieved by any version of the protocol is
just under 0.5, which means that if 2 message “slots” are monitored, on average 1 of
the 2 will carry a message. The other message slot is available for reservation request
transmissions by ready remote units, and, to maintain a throughput of about 0.5, an
average of 1 successful reservation request occurs during this message slot. Because
the offered load is only 1 message per message transmission time, which means that on
average only one remote terminal attempts to transmit a reservation request during
each message slot, collisions between reservation attempts are rare for any value of K,
and it follows that approximately 1 successful reservation request will occur during
each available message transmission slot.

Considering now an offered load of 10 messages per message transmission time,
the throughputs for the various versions of the protocol vary between roughly 0.69
(K =4) and 0.74 (K = 1). The reason for the differences in throughput is illustrated
in Figure 5.8, which shows the expected number of successful reservation requests
during a message transmission time. From Figure 5.8, at an offered load of 10 the
expected number of successful reservation requests per message slot when K = 1
(slotted single-carrier) is greater than the expected number of successful reservation
requests per message slot when K > 1. The reason is that the probability of more
than one reservation attempt during a request slot (that is, the probability of collision)
at this offered load when K =1 is only about 0.12. Consequently, every attempted
reservation request is much more likely to succeed than to collide, because each is
probably the only reservation request transmitted during that symbol. In contrast,
when K = 4 the probability of 2 or more reservation attempts during a symbol
period (which consists of 4 request slots) is approximately 0.71. Even if exactly 2
reservation requests are attempted during a symbol period, the probability that both
succeed is only 0.75. Thus, whereas in the K = 1 case a reservation request has a
success probability of almost 0.9 at this offered load, when K = 4 the probability
of success drops significantly, as does the expected number of successful reservation
requests during a message slot. The consequence of the decrease in expected number
of successes during a is a corresponding decrease in the throughput. Note that at
an offered load of approximately 20 the curves in both Figures 5.7 and 5.8 cross,
and at loads above this point the expected number of successes per message slot and

throughput are greatest for K = 4. Thus, at high offered loads, when the probability
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Figure 5.8: Expected number of successes per message slot for
32-subchannel (K = 4), 16-subchannel (K = 2), and
slotted single-carrier (K = 1) channel access protocols

of request collisions in the K = 1 case exceeds the probability of collision in the
K > 1 cases, the availability of multiple request slots during each symbol period
dramatically increases the expected number of successful reservation requests that

occur and, therefore, the throughput.

5.2.3 Simulation Results: Throughput-Delay Curves

The analysis in the previous section illustrates the throughput that can be achieved
by various versions (that is, different values of K') of the RBM-T protocol subject to

the following set of assumptions:

e The population of remote terminals is infinite, and rescheduling delays are in-
finite;

e All transmissions consist of constant-length messages;
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e No constant bit rate traffic is transmitted;
e The offered traffic is Poisson-distributed;

e The sum of the round-trip propagation time and the transceiver processing

times is less than or equal to the message transmission time.

In reality, none of these assumptions is likely to hold. First, the assumption of an
infinite population of remote terminals with infinite rescheduling delays forces the
symbol outcomes to be independent. As a result, an analysis of the maximum achiev-
able throughput was possible. In a real HFC network, of course, message delays can be
critically important, and one goal of the system design is to ensure a tolerable message
delay while achieving high throughput. Second, a flexible HFC network should allow
transmission of messages of various sizes and should also support constant bit rate
services. In addition, real-world offered traffic is probably not well-approximated by
a Poisson distribution, especially because traffic sources of terminals using the reverse
channel could be anything from a video game (short, high-priority, bursty messages)
to an Ethernet node (longer, bursty messages with varying priorities) to a constant
bit rate connection (constant-length, high-priority, regular messages). Finally, given
the physical size of HFC networks, it is unlikely that the message transmission time
will always exceed the sum of the round-trip delay plus the transceiver processing
times. As an example, assume the reference system is deployed on an HFC network
that imposes a 0.5 ms round-trip delay, including transceiver processing times.”> If
each of the 128 subchannels in a group can support only two bits, then each DMT
symbol from a remote terminal contains 256 bits. Because the symbol rate is 32 kHz,
the round-trip delay corresponds to 16 DMT symbols, which implies that meeting the
a < 1 requirement imposes a minimum message size of 16 symbols, or at least 4096
bits, if the most efficient use of the channel is desired. Restricting messages to such
a large minimum length is likely to result in network inefficiencies; some upstream
messages require many fewer than 4096 bits. Clearly, increasing the symbol period
(that is, using narrower subchannels) increases the minimum message size necessary
to meet the a < 1 constraint. In addition, channels that can support higher-order con-

stellations on the subchannels also increase the minimum required message size. For

5For ease of terminology, the sum of the round-trip propagation time plus the remote terminal
and headend modem processing times is referred to henceforth as the round-trip delay.
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example, Chapter 3 showed that HFC reverse channels should be able to support well
over 2 bits per subchannel. Consequently, the analysis in the previous section does
not reflect accurately the achievable throughput of networks with mixed traffic-type
sources or remote units with high-order modulations or high bandwidths.
Unfortunately, an exact analysis of the RBM-T protocol throughput under more
realistic traffic assumptions is virtually impossible. Furthermore, although the achiev-
able throughput as a function of offered load is of interest, the channel access and
transport delays as functions of throughput are perhaps better indicators of the ex-
pected real-world protocol performance. Even in the a < 1 case, analysis of the
throughput-delay characteristics is very difficult. Hence, this section presents results
of throughput-delay simulations of the K = 1 and K > 1 protocols under various
traffic assumptions. First, the a < 1 constraint is eliminated. Second, the assumption
that the offered traffic is Poisson distributed is removed. Instead, the process of new
message arrivals is assumed to be Poisson distributed, and the offered load then takes
on some unknown distribution. Because the multicarrier system is forced to operate
in a TDMA fashion, all messages are still constrained to require an integer number
of multicarrier symbols for transmission. Therefore, the multicarrier system is not
penalized for supporting a large number of bits per symbol. Finally, the remote ter-
minals are assumed to employ a nonpersistent rescheduling algorithm, which means
that if the channel is being used for data transmission when the remote checks the
channel state, the remote reschedules its request attempt for a later time. In other
words, if the channel is in use, a remote unit does not monitor the channel status sig-
nal and attempt to transmit its reservation request during the first contention symbol
after the current data transmission. Instead, the reservation request is delayed for a
time determined by a delay distribution, at which time the channel status signal is
checked again and the request transmitted if the channel is idle. A request involved
in a collision is rescheduled likewise after the remote unit has determined a collision

occurred.

Simulation Methodology

The RBM-T protocol was simulated using Matlab™. In all simulations, consistent
with the definition of a single group in the reference system described in Chapter 3, a

total bandwidth of 4.416 MHz was assumed. However, the number of subchannels into
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which that 4.416 MHz band was divided varied from 8 to 128. A maximum of 1024
remote terminals were assumed to be assigned to the bandwidth considered, which
means node addresses of at least 10 bits were required. All remote terminals were
assumed to be located exactly 2 miles from the fiber node, which itself was assumed
to be 50 miles from the headend. The propagation times of coaxial cable and fiber
were taken to be 7.5 us/mile and 5.5 us/mile, respectively. Consequently, the one-way
propagation time for each remote terminal in all simulations was 290 us. Although the
bit distributions of the remote terminals can in general vary significantly, as Chapter
3 showed, to enable evaluation of the protocol independent of the modulation, all
remote terminals were constrained to transmit the same number of bits per symbol.
For message transmissions, the average number of bits per subchannel was assumed to
be 4 bits. Thus, although the bit distributions vary from terminal to terminal, in the
simulations all remote terminals supported 4N bits per multicarrier symbol, where
N is the number of subchannels into which the channel is divided. For reservation
requests, because the lowest common denominator bit distribution must be used,
each subchannel was used to transmit only 2 bits. Hence, the simulations represent
the worst-case protocol performance, as the minimum spectral efficiency has been
imposed on reservation requests.

Although only 10 bits are required to represent the node addresses of the 1024
remote terminals that could access this group, 16-bit reservation requests were as-
sumed. The additional 6 bits could be used by the remote terminals in a real system
to add redundancy for noise immunity, to request bandwidth for the transmission of
more than one message, or to indicate service requirements.

The simulations proceeded in the following manner. For each throughput value,
ranging from 0.1 to 1.0, a matrix of 100 events was generated. Each row of the matrix
represented a reservation request, characterized by the node address of the request-
ing terminal (generated using a uniform random variable), the arrival time of the
reservation request (generated using an exponential random variable), the size of the
associated message in bits (which was held constant in these particular simulations),
and the current delay of the reservation request in multicarrier symbol periods. The
matrix was sorted in order of request arrival times. Because reservation requests were
generated according to a continuous-time Poisson process, the delay of new reserva-

tion requests was set to one-half a multicarrier symbol period to account for arrivals
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between multicarrier symbol boundaries. Vectors representing the channel state and
the use of frequency-domain request slots were maintained to track use of the channel
and reservation request outcomes. Each iteration of the simulations began by updat-
ing the channel status vector based on the arrival time of the first request in the event
matrix. The first element of the channel status vector was then checked to determine
if the channel was available for transmission of reservation requests. If the channel
was available, then the first request in the event matrix and any other requests in
the matrix scheduled during the same multicarrier symbol period were “transmitted”
by generating a uniformly-distributed request slot index between 1 and K for each
request. The outcome of each request was then determined by checking whether any
other remote terminal chose the same reservation slot. If a request was successful,
meaning a reservation slot was chosen by exactly one remote terminal, then, based
on the channel status vector and the round-trip propagation time of the network, the
indices of the symbols assigned to the remote terminal for transmission of its message
corresponding to the successful reservation were determined. The channel status vec-
tor was then updated to reflect the assignment. The channel access delay was then
computed as the difference between the initial arrival time of the reservation request
and the time at which transmission of the corresponding message begins. The trans-
port delay was set to the access delay plus the time required to transmit the message,
which was the same for all remote terminals because the number of bits transmitted
during each symbol period was the same. If a request was unsuccessful, meaning more
than one remote terminal transmitted reservation requests on a particular subchannel
set, then a rescheduling delay was computed from an exponential random variable.
The delay and arrival time of the request were then updated to include the round-trip
propagation delay plus the rescheduling delay, and the rescheduled request was in-
serted, based on its new arrival time, in the appropriate location in the event matrix.
If the channel status signal indicated the channel was in use for data transmissions,
then any requests scheduled for that symbol period were rescheduled according to an
exponential delay distribution. Their arrival times and delays were then updated to
reflect the rescheduling delay, and the event matrix was sorted by arrival times.
After each iteration, regardless of whether any successful reservation requests oc-

curred, at least one new reservation request was generated.® The times of arrival of

STf j successful requests occurred during the symbol period considered, then j new reservation
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new reservation requests were computed based on the last new request in the event
matrix to ensure the desired throughput was maintained during the simulations.

For each throughput S(7), bandwidth was allocated for the transmission of 20,000+
100,000S5(i) data messages, all of a constant length, to ensure the protocol had
reached steady-state.” It was verified that the average delay had stabilized for each
throughput value.

Simulation Results

Figure 5.9 shows the expected channel access delay as a function of throughput under
the RBM-T protocol. A message length of 512 bits was used, and the number of
subchannels was varied from 8 to 128. Given each subchannel was assumed to support
2 bits for reservation requests, the value of K varied from 1 to 16 while the total system
bandwidth was held constant. Because the number of subchannels was a variable, it
was assumed that each subchannel supported exactly 4 bits for data transmissions so
that the spectral efficiency of each system was the same. Thus, when K = 1, meaning
the channel was partitioned into 8 subchannels, 16 symbols were assigned for each
message transmission. When K = 16, only one symbol was assigned for transmission
of a message.

Figure 5.9 shows that dividing the channel bandwidth into larger numbers of
subchannels results in slightly larger access delays as the throughput increases. This
result agrees with the throughput analysis in the previous section. The throughput
analysis showed that the gains in throughput achieved by higher-order multicarrier
systems occur only at very high loads. The simulation results indicate that the access
delay at these loads is very high; so high, in fact, that no gain is evident in the

8

throughput-delay curves as K increases.®° As mentioned previously, the transport

delay of each configuration is just the access delay plus a constant that is the same

requests were generated to ensure the event matrix always contained at least 100 new requests.

"In actuality, as in Aloha, there is a small but nonzero probability that a reservation request in
the RBM-T protocol could collide indefinitely with other requests, which means that a true steady-
state condition is never reached. However, it is expected that usage of HFC networks, like Ethernet,
will vary significantly with time of day. Overnight, for example, the offered load is likely to be light,
which would allow the RBM-T protocol to stabilize if it were overloaded slightly during the day.

8This conclusion may not hold in general. There may be channel parameters (that is, round-trip
delay, etc.) that would cause the higher-order multicarrier systems to perform better.
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Figure 5.9: Channel access delay versus throughput for RBM-T
protocol with K’ =1 through 16

for any value of K, as shown in Figure 5.10. From the simulation results, it is clear
that using a multicarrier system rather than a single-carrier system with the RBM-T
protocol yields no improvement in either access or transport delay. This conclusion
suggests that constraining a multicarrier system to operate in a TDMA-like mode for
data transmission results in a slight degradation in performance with respect to a
spectrally-equivalent slotted single-carrier system operating under the same protocol.
It is important to note that a multicarrier system will, in general, support more
bits per Hertz than a single-carrier system, so there may in fact be a gain when the

constraint of equivalent spectral efficiencies is removed.
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Figure 5.10: Message transport delay versus throughput for

RBM-T protocol with K =1 through 16

The RBM-TF Protocol: A Reservation-Based
Multicarrier Protocol with Combined TDMA
and FDMA Data Symbol Assignments

The throughput-delay curves presented in the previous section suggest that assign-

ing multicarrier symbols for data transmission in a TDMA fashion does not yield any

protocol performance gain. One reason is that the channel is blocked from reservation

attempts when data is transmitted; any reservation requests that might otherwise be

attempted during that time must be rescheduled. These rescheduled requests are then

more likely to collide once the channel is available because the rescheduling delays

must be finite in practice to achieve satisfactory access and transport delays. At some

throughput value, this effect causes a catastrophic failure of the protocol. This result
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motivates the design of another RBM protocol that takes advantage of the dimension-
ality in both time and frequency of multicarrier modulation by assigning only some
of the total number of subchannels during each symbol period to a remote that trans-
mits a message. In this protocol, called the Reservation-Based Multicarrier protocol
with combined TDMA and FDMA data symbol assignments (RBM-TF), each symbol
is divided by the headend controller into .J sets of subchannels for data transmissions.
The subchannel sets are called data slots. The data slots may be composed of the
same number of subchannels, or they may contain different numbers of subchannels.
Regardless of what method is used to divide the subchannels into data slots, the
partitioning must be observed by all remote terminals. Given a particular data slot
partitioning, any of the J sets can be assigned to a particular remote terminal for the
number of symbols required to transmit a message. Because the remote terminal bit
distributions may vary significantly, the jth data slot may support a variable number
of bits per symbol, depending on which remote terminal uses it for data transmission.
Hence, a B-bit message transmitted by Remote A on data slot j may require L symbol
periods, whereas that same message transmitted by Remote B using the same data
slot may require more or fewer symbols, depending on Remote B’s bit distribution.
The channel status signal, broadcast by the headend controller in the downstream
control channel, indicates which of the J transmission slots will be in use for data
transmission during the next symbol. Hence, if exactly n message slots will be in use
during a particular symbol period, the remaining unused N —nN/J subchannels are
partitioned into K (t) request slots, where the maximum value of K (¢), which occurs
when no data slots are in use during a symbol period, is just K as defined for the
RBM-T protocol. Remote units in the ready state can then choose randomly from
among the available K (t) request slots and transmit their reservation requests during
the next symbol period, sending only two bits per subchannel and applying the in-
verse FEQ to the reservation requests. As a simple example of the RBM-TF protocol
partitioning, if a 128-subchannel multicarrier system that supports exactly 4 bits per
subchannel per remote terminal for 512-bit data messages divides the channel into
J = 4 transmission slots, then a transmission slot consists of 32 4-bit subchannels
assigned for 4 consecutive symbols. If 16-bit reservation requests are assumed, then
each unused transmission slot during a single symbol period corresponds to 4 request

slots. Figure 5.11 shows an example of the channel activity with K =4 and J = 2.
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Figure 5.11: Illustration of RBM-TF protocol with K = 4 and
J =2

As the figure suggests, for throughput values below some maximum, the combined
TDMA/FDMA assignment of symbols results in a higher probability that at least
one request slot is available during each symbol period. Clearly, as .J increases, so
does the probability that at least one request slot is available. The penalty for the
availability of additional request slots is, of course, an increase in message transmis-
sion time incurred by forcing remote units to transmit using only 1/J of the total
bandwidth.

5.3.1 Simulation Results: Throughput-Delay Curves
Simulation Methodology

Like the RBM-T protocol, the RBM-TF protocol was simulated using Matlab™.
Again, 16-bit reservation requests were assumed. As before, the reservation slot
outcomes were tracked using a vector. However, whereas the channel status signal
in the RBM-T protocol could be represented by a vector, in the RBM-TF protocol
maintaining a matrix was necessary to keep track of data slot assignments.

The RBM-T protocol simulation results showed that no throughput-delay advan-

tage results from partitioning the channel into a large number of subchannels. In the
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RBM-TF protocol, however, the subchannels are grouped into both data and reser-
vation slots. Hence, to maximize the number of J values into which the subchannels
could be partitioned, the simulations used 128 subchannels. Furthermore, whereas
in the RBM-T protocol only the total number of bits per symbol was constrained to
be the same for all remote terminals, in the RBM-TF simulations all subchannels for
all remote terminals were assumed to support exactly 4 bits each. This assumption
greatly simplified bookkeeping in the simulations, but, as mentioned previously, con-
straining the subchannels to support the same number of bits is not necessary in a
real system as long as all remote terminals observe the same data and reservation slot
partitioning. Allowing arbitrary bits per subchannel does increase the burden on the
headend controller, however, as the controller must compute per message the number

of symbols for which a data slot should be assigned.

Simulation Results

Figure 5.12 shows the average access delay of messages transmitted under the RBM-
TF protocol for various values of J. Note that K = max[K(¢)] = 16. From Fig-
ure 5.12, it is clear that as the number of transmission slots available during each
symbol increases, the maximum achievable throughput also increases. Furthermore,
the average access delay at any throughput value is smallest for larger .J values. Hence,
dividing the available transmission bandwidth into .JJ transmission slots can decrease
the channel access delay. However, as mentioned previously, the time required to
transmit each message increases in direct proportion to .JJ, which means that for each
value of .J the access delay must be increased by a different amount to compute the
transport delay. Figure 5.13 shows the average transport delay of messages for the
various values of .J. The figure demonstrates that the long message transmission time
required for higher values of .J significantly increases the transport delay, even at low
throughput values. Looking only at Figure 5.12, one might conclude that setting
J = 32 results in the best system performance (with respect to the other two values
of J used in the simulations). However, Figure 5.13 indicates that J = 32 may not
be the best choice. The average transport delay with J = 32 is approximately twice
that with J = 4 at low loads, and at higher loads J = 32 offers only a slight decrease
in transport delay over a small range of throughputs. Hence, this example illustrates

the importance of considering both access delay and transport delay when choosing
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Figure 5.12: Channel access delay versus throughput for RBM-TF
protocol with 128 subchannels and J = 4, 8, and 32

a multicarrier access protocol configuration.

5.4 Summary

The chapter began by reviewing a number of channel access protocols for use in
the HFC reverse channel. TDMA, FDMA, Aloha, CSMA, and BTMA were all dis-
carded because none of them offers an attractive set of performance characteristics
for the HFC upstream environment. It was concluded that reservation-based proto-
cols do meet the requirements for an HFC reverse channel protocol. Subsequently,
new reservation-based protocols designed specifically for multicarrier remote termi-
nals were presented. In particular, the Reservation-Based Multicarrier protocol with
TDMA data symbol assignments (RBM-T) was proposed. The performance of the
RBM-T protocol, in terms of how well it enables the channel to be used and the
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Figure 5.13: Message transport delay versus throughput for
RBM-TF protocol with 128 subchannels and J = 4, §,
and 32

delays messages incur due to the protocol, was evaluated via analysis and simula-
tion. Because the performance of the RBM-T protocol was not as good as desired,
a variation on the RBM-T protocol, called the Reservation-Based Multicarrier pro-
tocol with combined TDMA and FDMA data symbol assignments (RBM-TF), was
described. Simulation results were presented to illustrate that the RBM-TF protocol
outperforms the RBM-T protocol.



Chapter 6
Conclusions

This dissertation began with a statement of the goal of this research: to design a
digital communications system for the reverse channel of HFC networks. In addition
to summarizing the results, this chapter reviews how well the design presented meets

the requirements outlined in Chapter 1.

6.1 Summary of Results

Chapter 2 began with a review of HFC networks. The tree-and-branch architecture
in which HFC networks are usually configured was explained, and the limitations this
topology imposes on reverse channel transmission were described. Next, common
reverse channel impairments were identified. Causes of the most prevalent and severe
impairments—micro-reflections, thermal noise, ingress noise, and impulse noise—were
described. These impairments were then incorporated into a worst-case equivalent
reverse channel model.

In Chapter 3, the first piece of the reverse channel communications system design
was described. Because Discrete Multi-Tone offers resilience to the common HFC
impairments discussed in Chapter 2, it was proposed as the modulation for reverse
channel transmission. The chapter showed that DMT transmits data only in regions
of the spectrum in which meaningful communications can be supported. Additionally,
the ability of DMT to adapt to a channel’s frequency response and noise characteris-
tics was noted as advantageous for reverse channel transmission. The procedure for

computing the optimal bit distribution for a transmission channel was then described,

98
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and the procedure was applied to the channel modeled in Chapter 2, thus illustrating
the high data rates achievable with DMT. Next, the implementational complexity
of DMT was evaluated. Based on this evaluation, it was concluded that a remote
terminal design spanning the entire reverse channel is impractical. Hence, a reference
system was defined, in which the reverse channel is partitioned into a total of 1024
subchannels. The 1024 subchannels are subsequently divided into eight groups of 128
subchannels to enable the design of cost effective remote terminals.

Information presented in Chapter 3 illustrates that using DMT as the reverse
channel modulation meets four of the design requirements outlined in the introduc-

tion:

1. Compatibility with existing HFC network designs, parameters,
and services: By partitioning the reverse channel bandwidth into 1024
34.5-kHz-wide subchannels, the system observes the reverse channel band-
width allocation between 5 and 42 MHz. Furthermore, if other systems
are present in the reverse channel bandwidth, DMT can nimbly avoid
bandwidth conflicts simply by not using those subchannels that overlap
the bands used by other systems. Hence, compatibility with existing HFC

network designs, parameters, and services is assured.

2. Efficient use of the limited reverse channel bandwidth: Because
DMT allocates data to the subchannels based on their signal-to-noise
ratios, it maximizes the system efficiency. Hence, the data-carrying capa-

bility of the limited reverse channel bandwidth is fully exploited.

3. Ability to support up to 2,000 users per fiber node: By maximiz-
ing the data rate supported by the reverse channel, DMT simultaneously
maximizes the number of users that can be supported by the network. The
results of Chapter 3 indicate that the aggregate data rate is a function of
the transmit power used and the noise characteristics of the channel. In
addition, the number of users that can be supported at any given time
depends on the data rate requirements of the remote terminals. Assuming
an 80 dB transmit power-to-AWGN ratio, if 2,000 remote terminals are
active, each can transmit at approximately 84 kbps, on average, which

is significantly higher than the data rates offered by voice-band modems.
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Hence, even when the HFC network is used heavily, the data rates avail-

able to the remote terminals are quite high.

4. Resilience to a variety of channel noises and impairments: The
chapter simulations and discussion illustrated clearly that DMT is robust
in the presence of all common HFC reverse channel impairments. Channel
nulls and regions of the channel that are corrupted by ingress are avoided
by assigning fewer or no bits to the subchannels that overlap those regions
of the reverse channel. By adapting the bit distributions via a bit swap
algorithm, peak performance is maintained even as the channel and noise
characteristics change. DM'T’s inherent resilience to impulse noise was
also described, and methods for improving the system robustness were

discussed.

In Chapter 4, the multi-access part of the problem was considered for the first
time. Complications that result from using DMT in a multipoint-to-point, rather
than point-to-point, environment were discussed. In particular, the loss of the cyclic
prefix when remote terminal transmissions are not coordinated was illustrated by an
example. The example emphasized the importance of maintaining the cyclic prefix
in multipoint-to-point transmission to enable the receiver to eliminate intersymbol
interference simply by discarding the cyclic prefix. As a result of this discussion,
Synchronized DMT was proposed to enable a set of independent HFC remote termi-
nals to communicate with the headend modem on the reverse channel. It was shown
that synchronizing DMT-based remote terminal transmissions preserves the cyclic
prefix, and hence the desired subchannel orthogonality. Under the assumption that
SDMT is used in the reverse channel communications design, new procedures designed
specifically for installing, training, and retraining DMT-based remote terminals were
described.

Chapter 4 revealed the design’s ability to meet another of the requirements from
Chapter 1:

5. Support of a unique network address at the subscriber premise:
The SDMT installation method presented in Chapter 4 requires installing
remote terminals to exchange their factory-assigned serial numbers for

node addresses to facilitate more efficient communications between the
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headend modem and the remote terminals. Hence, support of a unique

network address at the subscriber premise is assured.

Chapter 5 began by reviewing a number of candidate channel access protocols for
use on HFC reverse channels. It was concluded that the best choice for the restric-
tive HFC reverse channel is a reservation-based protocol. Two new reservation-based
protocols designed specifically for multicarrier-based remote terminals were then pre-
sented. Both protocols use an innovative partitioning of multicarrier symbols into a
set of disjoint but concurrent reservation slots. Remote terminals wishing to request
bandwidth then transmit a reservation request on a randomly-chosen reservation slot.
The Reservation-Based Multicarrier protocol with TDMA data symbol assignments
(RBM-T protocol) was described in detail, and its performance in terms of achievable
channel throughput was analyzed. Simulation results were then presented to quan-
tify the throughput-delay characteristics of the RBM-T protocol. The somewhat
lackluster results motivated the design of a second protocol, called the Reservation-
Based Multicarrier protocol with combined TDMA and FDMA data symbol assign-
ments (RBM-TF protocol). Simulation results were then presented to illustrate that
the RBM-TF protocol outperforms the RBM-T protocol and achieves satisfactory
throughput-delay characteristics.

Chapter 5 illustrates that the reverse channel design proposed in this dissertation

meets the remainder of the requirements from Chapter 1:

6. Ability to support a variety of services: To support a variety of
services, the design must be able to support variable-length packetized
messages in addition to constant bit rate traffic. Although the simulation
results presented in Chapter 5 assumed all remote terminals transmit only
packetized messages of a particular length, this assumption was made to
simplify computation of the channel throughput. There is nothing inher-
ent in either the RBM-T protocol or RBM-TF protocol to preclude the
transmission of variable-length messages. If the remote terminals specify
the sizes of their messages in the corresponding reservation requests, then
the headend controller can simply allocate a number of symbols or sub-
channels sufficient to support the messages. Likewise, both the RBM-T
and RBM-TF protocols can support constant bit rate traffic. In either
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case, subchannels can be assigned on a “permanent” basis to remote ter-
minals for constant bit rate transmissions. The headend controller can
then inform the remote terminals which of the subchannels are in use for
constant bit rate transmissions and, hence, unavailable for reservation re-
quests or message transmissions. It is this ability to support seamlessly
both packetized and constant bit rate traffic that is one of the strongest ar-
guments for using multicarrier modulation for HF'C reverse channel trans-

mission.

7. Flexible, fluid, and, to the subscriber, transparent allocation of
the available spectrum: Because the RBM-T and RBM-TF protocols
enable an elegant allocation of the available spectrum based on remote

terminal needs, this requirement is met.

8. Ability to track subscriber usage of the return channel: Because
all transmissions are scheduled and tracked by the headend controller,
remote terminal usage of the reverse channel bandwidth can be tracked

easily.

The last design goal, minimizing system cost, was considered in each chapter
as decisions were made and system parameters were chosen. At each stage of the
development, an attempt was made to minimize the system complexity while still

meeting the requirements detailed in Chapter 1.

6.2 Recommendations for Future Research

A variety of topics for future research have been identified as a result of this work.
First, there are a number of issues related to the particular protocols described in
this dissertation. For example, it was assumed in both the analysis and simulations
that a collision between two reservation requests renders both indecipherable by the
receiver. In reality, it may be possible to reconstruct one or more requests involved in a
collision. If so, then this ability affects the performances of the protocols. Second, this
work concluded that reservation-based protocols are a good choice for transmission in

HFC reverse channels. However, reservation-based protocols are not the only choice;
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many protocol families exist, and surely other protocols that offer good performances
in this environment can be found. These new protocols introduce new challenges for
installing, training, and retraining multicarrier-based remote terminals. Furthermore,
the area of random access protocol design for multicarrier-based remote terminals
encompasses many environments in addition to the HFC reverse channel. As an
example, protocols for environments in which the remote terminals can sense the
state of the channel have been proposed by Chlamtac and Ganz [28] and others, but
these protocols only consider multicarrier remote terminals that can transmit on only
one subchannel. Perhaps performance enhancements are possible by allowing the
remote terminals to transmit using multiple subchannels. Finally, the definition of
the “optimal” combination of a modulation scheme and channel access protocol is an

open problem.



Appendix A

Coaxial Cable Equations

In this appendix, the calculations required to compute the attenuation of coaxial
cable are presented. In particular, expressions for the primary parameters of coaxial
cable are given.[7] [29] [30]

Assuming the chosen dielectric material is a good insulator, the attenuation of

coaxial cable in terms of its distributed parameters is

1/2

a=nfVLC JlJr(%)Z—l : (A.1)

where L, C', and R are the inductance, capacitance, and resistance, respectively, per

unit length of line, and f is the operating frequency in Hz. In turn, L, C', and R are

given by
L="tm (T—> , (A.2)
2m Toc
2
=T (A.3)
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R=—+— Ad
S8 (A4)

where r;, is the inner radius of the outer conductor, r,. is the outer radius of the
inner conductor, as illustrated by Figure A.1, and p and ¢ are the permeability and

permittivity, respectively, of the dielectric material. In the equation for R, S; and
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Outer conductor

Inner conductor
Inner conductor cladding

Figure A.1: Coaxial cable cross-section

S, are the conductances of the inner and outer conductors, respectively. Because the
inner conductor is generally either aluminum or steel clad in copper, 5; is a function
of the conductances of two metals. For notational simplicity, upcoming equations
assume an aluminum center conductor. Additional dimensional variables required in
the conductance expressions are shown in Figure A.1: r;. denotes the inner radius
of the center conductor copper cladding, and ¢, is the outer conductor (or sheath)
thickness. The conductivities of aluminum and copper are denoted as o,, and oc,.

Using the set of defined variables, S; and S, are written as

2
Cu

Si - 200\1 laCuroc - i(acuric - l)efacu(roc*ﬁ'c) — 1] +
(6

2
ﬂUAle—acu(Toc—nc) [_1 + O Tic + e_aAlric] (A5)
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where
Qp = /T floal

is the attenuation of aluminum at frequency f, and

Oy = \/Tf 0c

is the attenuation of copper at frequency f.



Appendix B

Practical System Considerations

This appendix considers some practical issues either deferred or ignored in Chapters
1 through 6 of the dissertation. In Section B.1, the effect of using a cyclic prefix
that is not long enough is addressed. An analysis shows that distortion is incurred
in the received signal, and a closed-form expression for this distortion is derived.
In Section B.2, the effect of a network-wide failure on SDMT is examined. It is
concluded that if a small static RAM is included in the remote terminal design,
then a network failure is not catastrophic to SDMT. Section B.3 examines the precise
memory requirements resulting from the SRAM requirement and the remote terminal
and headend memory requirements to use either the RBM-T or RBM-TF protocol.
Section B.4 then presents suggestions for reducing the system complexity. The issue
of timing accuracy is addressed in Section B.5. A simple example illustrates that
the required accuracy in symbol boundary alignment for SDMT is less stringent if
the cyclic prefix is longer than the length of the sampled channel impulse response.
In Section B.6, requirements for tracking changes in subchannel SNRs are examined.
Section B.7 discusses the downstream control channel presumed for both the RBM-T
and RBM-TF protocols. The required data rate is computed, and the implications

of errors in decoding the downstream control channel are discussed.

B.1 Insufficient Cyclic Prefix Length

As described in Chapter 2, successive DMT symbols are free of ISI if the cyclic prefix

spans at least as many samples as are in the channel impulse response. In this section,
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the effect of using a cyclic prefix shorter than required is examined. Specifically, the
length of the channel impulse response is denoted as v, +v,+1, where v, is the number
of trailing ISI samples, and v, is the number of leading ISI samples. The cyclic prefix
length is denoted as v, where v, + 1, > v. Furthermore, the present block of (time-
domain) data samples is denoted as x, the previous block as X, the next block as x’,
the channel impulse response as h, and the current received block as y. Assuming
perfect recontruction of the original discrete-time signal, the current received discrete-
time signal can be written as y = X*h+n, where x is the concatenation of X, x, and
x’, which is necessary because the cyclic prefix is not long enough, and n is a noise
vector of (assumed) IID Gaussian random variables. The number of independent
samples in each block is denoted as Ny. Hence, the length of each data block with
the cyclic prefix appended is N = Ny + v.

To begin the analysis it is assumed that v, = 0, which means that all ISI is due
to trailing channel impulse response samples. The distortion analysis is simplest if
an example for specific values of v,, v, and Ny is considered first. Generalized results
can then be extrapolated for arbitrary values of these variables. Let v, =5, v = 2,
and Ny = 7 to start, and neglect noise for the time being. The present output block

can be written as

Yr = Tk *x hy

= [ i4£5£6i7x6x7x1x2x3x4x5x6x7 "']*[h0h1h2h3h4h5]



Appendix B. Practical System Considerations 109

After stripping the cyclic prefix, the output samples can be written as

(he O 0 O O hy hy |

hy hg 0 hsg he
Y1 ho hi hg 0 hy hg 1
| =1 hs ha hi hg 0 hs hy :
Y7 hy hs ho hy hy 0 hs T7

hs hy hs hy hi hy O

0 hs by by he by hg

00 0 0 hs hy hs
0000 0 hy hy
0000 0 0 hsl]|®
+10000 0 0 0
00000 0 0|]#
00000 0 0
00000 0 0

The first matrix can be written as the sum of two matrices, and the received vector
is then
y = HIX + HQX + H3}~C,

where

hge 0 hs hy hs hy hy
hi he 0 hs hy hy he
hy hy hy 0 hs hy hs
Hy=1|hy hy hiy hy 0 hs hg |,
hy hs ho hy hy 0 bhs
hs hy hs hy hy hyg O
O hs hy hy hy hy hg
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0 0 —hs —hs —hz 0 0
00 0 —hs —hy 00
00 0 0 —hs 00
Hy=l00 0 0 0 00|,
00 0 0 0 00
00 0 0 0 00
00 0 0 0 00
and . -
0000 hy ha hy
0000 0 hy ha
0000 0 0 hs
Hy=|0000 0 0 0
00000 0 0
00000 0 0
(00000 0 0|

An examination of these matrices reveals that when the cyclic prefix is not long
enough the received vector is the sum of three components. The first, the product of
a circulant matrix of channel components and the current input block, would be the
only contributor to the output if the cyclic prefix length were equal to v,. The second
and third components are the result of the cyclic prefix not being long enough, and

“intrablock” and “interblock” interference, respectively.

they can be considered to be
Hence, as might be expected, if the cyclic prefix is too short, distortion is incurred in
the received signal. A variety of metrics can be used to quantify the distortion; the
sum of the Frobenius norms of matrices Hy and H; is a convenient measure that is
used here. Note that |Hy| = |H;|. For the specific case of v, =5, v =2, and Ny =7,
the distortion is

|Hy|* + | H3|* = 2h2 + 4h2 4 6h2.

In the general case, the distortion is
D,=2 > (i—v)h. (B.1)

Hence, the distortion due to the cyclic prefix not being long enough is a weighted sum
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of squares of the impulse response samples that extend beyond the cyclic prefix. The
weights increase linearly with “distance” in samples from the cyclic prefix length.
Although the preceding analysis assumed that all interblock interference is due to
trailing samples of the channel impulse response, the analysis can be extended to in-
clude precursor ISI samples. Precursor samples interfere with the previous block in the
same manner in which post-cursor samples interfere with the next block. Specifically,
the precursor channel impulse response samples are weighted in direct proportion
to their distance, in samples, from the hy sample. If the precursor channel impulse
response samples are denoted as h_y,h_s,...,h_, , then the total distortion due to

both leading and trailing intersymbol interference is easily derived as

Du,total =2 Z (Z - V)h? + Zlh%l . (BQ)
i=v+1 =1

B.2 Network Failure

One potential situation that may arise during operation of an HFC network is a system
failure, in which many or all remote terminals are suddenly unable to communicate
with the headend modem. Such a situation could be caused, for example, by a power
outage. When power is restored, some method of “restarting” the remote terminals
is required.

As was mentioned in Chapter 4, after an SDMT remote terminal has been syn-
chronized, meaning it has loop-timed its local clock to the master clock and acquired
its sample delay by transmitting a ranging signal, it does not need to be resynchro-
nized unless it is physically disconnected from the network. Hence, to ensure that
a power failure does not necessitate a re-installation of remote terminals, the node
address, sample delay, and most recent bit distribution and coarse inverse FEQ tap
settings should be stored by the remote terminals in static RAM. Then, following a
power outage, the remote units need only loop-time their clocks to the master clock
before they may transmit according to the chosen access protocol.

Although the loss of local power does not necessitate resynchronization of a re-
mote terminal, some uncommon but feasible situations may require a remote terminal
to repeat the entire installation procedure. For example, if coaxial cable between the

remote terminal and the fiber node is inserted or removed for some reason while the
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Table B.1: Remote terminal SRAM requirements: reference

configuration
Parameter stored | Memory required (in bytes)
Node address 2
Sample delay 2
Bit distribution 48
Inverse FEQ 192
Total 244

unit is operating, then the terminal should be reinstalled to account for the change
in cable length between it and the fiber node. In such a case, the remote terminal
recognizes the need to reinstall when it detects no energy in the downstream control
channel, but local power is intact. Thus, the loss of downstream master clock signal
causes the remote terminal to repeat the installation procedure, meaning it resyn-
chronizes and undergoes the training procedure detailed in Chapter 4 to determine
the required FEQ tap settings and bit distribution.

B.3 Modem Memory Requirements

Based on the discussion in Section B.2, inclusion of static RAM (SRAM) in the remote
terminals is desirable to enable the network to recover quickly from an outage. As
mentioned previously, a remote terminal’s node address, sample delay, and most
recent bit distribution and inverse FEQ tap settings must be maintained in SRAM.
Based on the reference system parameters, the storage requirements in bytes are given
in Table B.1. In computing the number of bytes required to store the bit distribution,
it was assumed that up to 8 bits can be supported on each subchannel. Hence, 384
bits are required to represent the entire bit table. Similarly, the inverse FEQ taps are
assumed to be represented by 12 bits each, meaning the settings can be represented
by 1536 bits. From the table, it is clear that a 256-byte SRAM is sufficient to store
the critical parameters.

The memory requirements in the headend modem are more substantial. If the

most efficient operation is desired, then the bit tables and FEQ taps for all remote
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terminals on the network must be stored by the headend modem. Assuming a max-
imum of 8 bits per subchannel, a 32-bit receiver FEQ tap representation, and the
reference system parameters, the headend modem must store 640 bytes of information
per remote terminal. Assuming the network supports up to 2,000 remote terminals,
1.28 Mbytes of storage is required simply to store the bit distributions and FEQ tap
settings of the remote terminals. If the remote terminals are constrained to transmit
using identical bit distributions, then the headend modem storage is reduced to just
over 1 Mbyte. To ensure that a power failure at the headend does not result in a
loss of assigned remote terminal node addresses and other information determined
at installation, some parameters should be stored in SRAM or on a hard disc. The
channel status and other variables that change dramatically as the network operates
should be maintained in ordinary RAM.

In addition to storing the bit distributions and FEQ settings, the headend modem
must keep track of which node addresses have been assigned to installed remote termi-
nals. However, if the bit tables and FEQ taps are stored in order, meaning that their
storage locations correspond to their node addresses, then the allocated addresses are
tracked automatically. Upon receiving an installation signal, the headend controller
must only locate an unused row of either the FEQ or bit table matrix to assign an
available node address to the installing remote terminal. Another storage require-
ment is imposed by the use of installation and training periods by the protocols: the
headend modem must maintain a counter to determine when installation and training
periods occur. Presumably only a few bytes are necessary for this purpose. However,
a retraining queue must be maintained for each group, and it must store the node
addresses of the active remote terminals in the order in which they are to be retrained.
Each retrain queue should be larger than the maximum number of remote terminals
that will be assigned to a group to enable inactive remote terminals to be placed at
the front of the queue when they are reactivated. Assuming that no more than 500
remote terminals can be assigned to a group, a retrain queue vector with 512 2-byte
elements should be sufficient. Thus, for all eight groups, 8192 bytes are required.

In addition to storing the bit distributions and FEQ settings, the headend modem
must store the symbol or data slot assignments, depending on which protocol is used.
Assuming the headend controller is allowed to allocate symbols up to 1024 symbols
in the future and the RBM-T protocol is used, a 1024-element vector with 2 bytes
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Table B.2: Headend memory requirements, assuming up to 2,000
remote terminals and reference configuration

Total memory required
Parameter stored RBM-T RBM-TF (J =38)
Bit tables 256 kbytes 256 kbytes
FEQ tap settings 1024 kbytes 1024 kbytes
Symbol counters 16 bytes 16 bytes
Retrain queues 8192 bytes 8192 bytes
Symbol/slot assignments | 16384 bytes 131072 bytes
Total 1.305 Mbytes 1.42 Mbytes
Per remote terminal 652 bytes 710 bytes

per element must be maintained per group to keep track of data symbol assignments.
Considering all eight groups, 16.4 kbytes are required. If the RBM-TF protocol is
used, then the data slot assignment storage requirements increase by a factor of .J.
Hence, if J = 8, and the controller is allowed to allocate symbols up to 1024 symbols
in the future, then 8192 bytes per group are required, and 131.1 kbytes are necessary
for all eight groups.

Table B.2 details the headend modem memory requirements. The values given are
cumulative, not per group. Hence, the memory requirements of the headend modem
are significantly higher than the requirements of the remote terminals. However,
because one headend modem services up to 2,000 remote terminals, the requirements

per remote are reasonable.

B.4 Reducing Remote Terminal Complexities

In Chapter 3, it was determined that partitioning the reverse channel into 1024 34.5-
kHz-wide subchannels enables, under most circumstances, the transmission of data
rates high enough to support any of the services described in Table 1.1. By dividing
the 1024 subchannels into eight groups of 128 subchannels, which is the reference con-
figuration, the maximum remote terminal bandwidth is constrained to 4.416 MHz,
which, as discussed in Chapter 3, reduces the computational complexity of the re-
mote terminals. However, for some cost-sensitive applications, it may be desirable

to design remote terminals that use fewer than 128 subchannels. For example, a
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32 subchannels

25.440 MHz - 26.544 MHz
34.5kHz

Figure B.1: Partitioning of reverse channel into groups and
subgroups

video-conferencing signal may require 384 kbps. Assuming a minimum of 2 bits per
subchannel, then at a symbol rate of 32 kbps only 6 subchannels are required to sup-
port this bit rate. To guard against subchannels that are too noisy or attenuated to
support data, a conservative design for video-conferencing signals might use, say, 32
subchannels. The headend controller could then assign these smaller-bandwidth units
to a subgroup within a particular group, as shown in Figure B.1. The main advantages
of using fewer than 128 subchannels are the resulting reduction in transmitter compu-
tational complexity and a reduced digital-to-analog converter complexity. When only
32 subchannels are used by a remote terminal, the required FF'T size is 64, and the
sampling rate, assuming the reference configuration environment, is 2.208 MHz. To
maintain a subchannel spacing of 34.5 kHz, the cyclic prefix length is then 5 samples.
Using this configuration, the remote terminal hardware must be capable of executing
24.6 MIPS to compute the FFT at a symbol rate of 32 kHz.

In addition to the computational complexity required to compute the FFTs of

data, another contributor to remote terminal cost and complexity is the required
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Figure B.2: Use of a 2N-point FFT to reduce analog complexity:
N =16

analog circuitry. Filters are required to confine transmitted signals to the desired
group frequency bands. Given the division of the reverse channel into groups of
adjacent subchannels, it appears that very sharp transmit filters are required to ensure
that signals transmitted by remote terminals in one group do not interfere with signals
transmitted by remote terminals in an adjacent group. The cost of these analog
filters would likely be prohibitive. To relax the filtering constraints, Bingham has
suggested implementing a 2N-point FFT in the remote terminals and transmitting
no energy on the first and last quarters of the N resulting subchannels. [31] Note
that the “extra” subchannels on which no energy is transmitted actually belong to
the adjacent groups and will be used by remote terminals in those groups, so the
“extra” subchannels are not reserved as guard bands. To illustrate the use of a larger
FFT than required, in the reference system a 512-point FF'T can be used rather than
a 256-point FFT. Then less precise, inexpensive analog filters can be designed to
ensure only that the transmitted signal attenuation is greater than some minimum
value at frequencies beyond the band edges. Figure B.2 illustrates the concept. The
penalty for increasing the FFT size is an increase in computational complexity, which
was quantified in Chapter 3. However, the cost of complex analog components like
a sharp transmit filter, which may be difficult to manufacture reliably, can dominate
the total cost of a design, whereas increases in digital complexity are generally not as

expensive to implement. Hence, reducing analog complexity is worth the consequent
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increase in digital complexity.

B.5 Timing Requirements

The SDMT system design requires that remote terminal transmissions be coordinated
so that the symbol boundaries of arriving signals coincide with the symbol boundaries
defined by the headend receiver. If the cyclic prefix is not long enough to eliminate
ISI between successively transmitted symbols, then, as shown in Section B.1, distor-
tion is incurred in the received signal even if the symbol boundaries are perfectly
synchronized. This distortion can become significantly worse if the symbol bound-
aries are not properly aligned. If the cyclic prefix spans the minimum number of
samples required to eliminate ISI, then inaccuracies in symbol boundary alignment
at the head end introduce distortion in the received signal in the same manner as
when the cyclic prefix is not long enough. However, if the cyclic prefix spans a longer
time period than the channel impulse response duration, then the otherwise strict
symbol boundary alignment requirements are relaxed somewhat. To illustrate this
point, consider a system in which the cyclic prefix is v samples long, but the sampled
channel impulse response is only v, < v samples long, and each data block contains
Ny independent data samples. In this case, only the first v, samples of each received
symbol’s cyclic prefix are corrupted by ISI from the previous symbol. Hence, each
block of received data, prior to stripping the cyclic prefix, contains Ny + v — v, ISI-
free samples. The receiver discards v samples, of course, but when v > v, there are
v — v, possible sets of data samples that result in ISI-free symbols, as illustrated in
Figure B.3. Thus, there may be a discrepancy in symbol boundaries of up to v — v,
samples before any degradation occurs. If a symbol boundary within the uncorrupted
cyclic prefix samples is used by the receiver, then the received symbol is shifted in
phase with respect to the transmitted symbol (disregarding the additional phase shift
introduced by the channel). This phase shift is easily accommodated by the FEQ
and causes no degradation to the received signal as long as the symbol boundaries
remain constant as the system operates.

To illustrate this concept, in the reference system, every set of 256 (real) data
samples is preceded by a 20-sample cyclic prefix. Because the sampling rate of the

system is 8.832 MHz, samples are spaced at 113.2 ns intervals, and the cyclic prefix
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Channel impulse response

Cyclic prefix N, samples

ISI-free received samples
Potential symbol boundaries:

Figure B.3: Illustration of symbol boundary flexibility afforded
when v > v,

therefore spans 2.26 ps. Hence, if the channel impulse response duration is, for
example, only 1.5 us, then only the first 14 samples of the cyclic prefix are corrupted
by ISI. Consequently, any contiguous block of 256 samples that begins in the range
from sample 15 to sample 20 yields an ISI-free DMT symbol. Therefore, remote unit
sample delays need only be within 6 samples of their exact values.

The second component to timing in an SDMT system is carrier alignment. Loop-
timing the SDMT remote terminals to the master clock ensures that the carrier fre-
quencies of the remote terminals are precise. In the remote terminal transmitter, the
required carrier frequency, which is dependent upon which group of subchannels the
remote uses, can be derived easily from the received master clock. Of course, the
remote terminal oscillator must be very accurate and stable to ensure the remote

clock does not wander.

B.6 Tracking Changes in Subchannel SNRs

As an HFC network operates, both the channel and noise characteristics can change.
Damage to a drop cable, for example, can introduce additional nulls in the channel

frequency response. The remote terminals and headend modem must adapt to these
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Table B.3: Average time between remote terminal retrains:

reference configuration

% overhead | # of active terminals/group | Time between retrains (sec)
0.10 10 6.24
0.10 32 19.98
0.10 64 39.96
0.10 128 79.92
0.25 10 2.49
0.25 32 7.98
0.25 64 15.96
0.25 128 31.92
1.00 10 0.62
1.00 32 1.98
1.00 64 3.96
1.00 128 7.92

changes to ensure the system is not disabled as a result of changes in the transmission
environment.

In Chapter 4, a procedure for retraining remote terminals was presented. Es-
sentially, a queue is maintained by the headend controller, and active remotes are
retrained in a round-robin fashion to keep their bit distributions and required FEQ
tap settings up to date.! The frequency with which the remote terminals are retrained
depends on how many active terminals are on the network and how often the train-
ing intervals occur. Table B.3 gives some examples of how often a particular remote
terminal can be retrained assuming a certain number of active remote terminals and
particular training interval frequencies. For simplicity, the number of symbols per
training interval is fixed at 20.

Table B.3 suggests that it might be desirable to allow the headend controller
to vary the frequency of training intervals based on the number of active remotes
the network is supporting and the number of changes it makes to the various bit
distributions as the network operates. For example, if the headend controller notes

that significant changes in an active remote terminal’s bit distribution are necessary

! An exception to the round-robin ordering is a remote terminal that has been off or inactive for a
significant time. Upon reactivating, the remote terminal notifies the headend controller that it has
become active, and the headend controller moves it to the front of the retrain queue.
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during a few consecutive training periods, then it should conclude that the terminals
are not being retrained often enough. To remedy the situation, the controller can

decrease the time between training intervals, thus increasing the overhead for training.

B.7 Downstream Control Channel

Throughout this dissertation, the availability of a reliable downstream control chan-
nel to facilitate reverse channel communications has been assumed tacitly. In part,
this assumption is valid: downstream bandwidth in HFC networks is plentiful (or at
least more plentiful than the reverse channel bandwidth), and reserving part of this
bandwidth for overhead to enable efficient reverse channel communications is worth-
while to cable operators. The assumption that the downstream control channel is
reliable may be a less realistic assumption in some cases. Although the downstream
bandwidth is generally degraded much less than the reverse channel by transmission
impairments, if remote terminals make detection errors when they demodulate the
control data, the performance of the reverse channel can be degraded significantly.
For example, in both the RBM-T and RBM-TF protocols, the downstream control
channel informs the remote terminals of the status of the channel during upcoming
symbol periods. Each symbol is classified by its type: installation, training, or other.
To ensure collision-free data transmissions and to maximize use of the reverse chan-
nel, it is important that the symbol classification signal be decoded correctly by the
remote terminals.

The reliability of the downstream control channel data is determined in part by
the data rate it supports. Assuming the maximum data rate a fixed-bandwidth
downstream control channel can support is known, transmitting at that rate may
result in unwanted detection errors by the remote terminals over time, especially if
transient channel disturbances such as impulse or ingress noise are expected, or if
a decision-feedback equalizer (DFE) is used by the remote terminals to decode the
downstream channel.? Hence, to attempt to ensure accurate control channel decoding,
a noise margin and error correction should be used in the downstream control channel.

Assuming a fixed data rate is required to send the downstream control information,

2 As is well-known, the performance of decision-feedback equalizers can be degraded significantly
by error propagation.
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imposing a noise margin increases the required transmission bandwidth of the control
channel because fewer bits per symbol than the maximum possible are transmitted.
To compensate, more symbols must be transmitted per second, which requires an
increase in transmit bandwidth.

The precise data rate that must be supported by the downstream control channel
depends on whether the RBM-T or RBM-TF protocol is used. In either case, be-
cause SDMT requires the remote terminals to be loop-timed to a master clock, the
master clock must be broadcast downstream to enable synchronization. The precise
frequency of the master clock is not particularly important; the remote terminals can
derive the required clock via division. As an example, as an upcoming discussion of
the downstream control channel data requirements will show, a 32-kHz clock signal
is convenient for the headend modem to transmit and for the remote terminals to
use: sampling clocks at 8.832 MHz for those remote terminals that operate using up
to 128 subchannels can then be generated by dividing the received master clock by
276. Likewise, remote terminals that operate only within a 32-subchannel subgroup
can derive their required 2.204-MHz clocks by dividing the master clock by 69. Spe-
cific additional downstream control channel data rate requirements particular to the
RBM-T and RBM-TF protocols are described in forthcoming subsections.

B.7.1 RBM-T Downstream Control Channel Requirements

and Implications

Consider first the RBM-T protocol. Data symbols are assigned to distinct remote
terminals, which means that no reservation requests can be transmitted during data
symbols. Hence, the RBM-T symbols can be classified into one of four categories:
installation, training, contention, or reserved for data. Perhaps the simplest way to
communicate the classification of each upcoming symbol is to encode and transmit
downstream a two-bit signal at the upstream symbol rate of 32-kHz. Table B.4 gives
an example two-bit constellation mapping that could be used to designate the symbol
classifications. If an error is made in decoding the symbol classification signal, the
repercussions of the error depend on the particular misclassification. A summary of
decoding errors and their general effects is given in Table B.5. The ramifications of

specific misclassifications are detailed below.
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Table B.4: Two-bit symbol classification signal in downstream
control channel

Bit pattern Symbol classification
00 Installation symbol
01 Training (or retraining) symbol
10 Contention symbol
11 Reserved data symbol

Misclassifying Installation Symbols

As implied by Table B.5, if an installation symbol is incorrectly classified as any
other type of symbol by an installing remote terminal, then no detrimental outcome
occurs: the installing remote simply remains silent and waits for the next installation
period. If an already-installed remote terminal incorrectly decodes an installation
symbol as a training symbol, then most likely nothing detrimental occurs. As dis-
cussed in Section B.6, remote terminals are retrained in a round-robin fashion. The
most straightforward way for the headend controller to instruct the appropriate re-
mote terminal to retrain is to send downstream the node address of that terminal
prior to the arrival of the next training interval. Thus, unless the remote termi-
nal that misclassified an installation symbol as a training symbol also happens to
be the remote terminal next in the retraining queue or also incorrectly decodes its
own address in the retraining signal, the remote terminal remains silent. If by some
chance the remote terminal does transmit a retraining signal during an installation
symbol, then the headend controller recognizes that the signal format is not correct,
and it broadcasts a message downstream that a problem occurred. Likewise, if an
installation symbol is mistaken as a contention symbol by an already-installed re-
mote terminal, then the remote terminal may transmit a reservation request during
the installation period. In this case, because installation signals are transmitted via
differential QPSK (DQPSK) during two consecutive symbols whereas reservation re-
quests are transmitted during only one symbol period, the headend receiver, which
switches to decoding DQPSK signals for the duration of the installation period, is un-
able to decode the received signal. Consequently, the headend controller recognizes
that a non-installation signal was transmitted, and it broadcasts a message down-

stream to indicate that it was unable to decode the signal(s) transmitted during that
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symbol period. If an installation symbol is incorrectly classified as a data symbol,
then all remote terminals remain quiet because they are restricted from transmitting
during data symbol periods unless authorized by the headend controller. Hence, no
performance degradation occurs other than a potential delay in the installation time

of an uninstalled remote terminal that misclassified the symbol.

Misclassifying Training Symbols

If a training symbol is decoded as an installation symbol, then an uninstalled remote
terminal may transmit an interfering installation signal during the training period.
As a consequence, the remote terminal to which the training period is allocated may
need to use an additional training period to ensure that accurate bit distributions and
FEQ taps are maintained. Alternatively, if the remote terminal that misclassified the
symbol is the remote to which that training period has been assigned, the remote
will not retrain. The headend controller then detects that the remote terminal has
not transmitted its request signal, and it allocates an upcoming training period to
the remote terminal to attempt retraining again. Likewise, if a training symbol is
mistaken for a contention symbol, training may be corrupted by the transmission of
a reservation request, in which case allocation of an additional training period may
be necessary. Finally, if a training symbol is mistaken for a data symbol, all remote

terminals remain quiet.

Misclassifying Data Symbols

If a data symbol is incorrectly classified as an installation symbol, and if an installing
remote terminal consequently transmits an installation signal, then interference with
data signals will occur. Because installation signals are two symbols in duration, and
they are not synchronized to the symbol boundaries, an unauthorized installation
signal could interfere with as many as three data symbols. In this case, the headend
controller would likely be unable to decode correctly the data signals, and it would
have to allocate future data symbols to the remote(s) that suffered from interference.
The effect of mistaking a data symbol for an installation symbol is thus a potential

decrease in throughput, since effectively twice the required number of symbol periods
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may have to be allocated to transmit a message. Similarly, if a data symbol is mis-
taken for a training symbol by the remote terminal that is scheduled to retrain during
the next training interval, then the training signals interfere with data. Again, the
interference could extend over multiple symbol periods, depending on the number of
symbols used for training, and the headend must reallocate additional symbols for
retransmissions of the corrupted messages. Hence, the protocol throughput may be
reduced. If a data symbol is mistaken for a contention symbol, and if the remote
terminal that incorrectly decoded the classification signal transmits a reservation re-
quest during that symbol period, then the request interferes with some or all of the
message transmitted by the remote unit to which that symbol period is allocated.
Depending on the error correction capability of the head-end receiver, it may be pos-
sible to recover from one or more unauthorized reservation requests. If not, however,
then the throughput decreases as additional symbol periods must be allocated to the

remote terminal that attempted to transmit data.

Misclassifying Contention Symbols

If a contention symbol is mistaken for an installation symbol, and if an installing
remote terminal consequently transmits an installation signal, then some or all reser-
vation requests transmitted during that symbol period may be corrupted by the
installation signal. If so, then the headend controller detects reservation request col-
lisions in the received data, and it proceeds as usual after a contention symbol by
transmitting a message in the downstream control channel indicating those subchan-
nel sets on which a conflict occurred. If a contention symbol is misclassified as a
training symbol by the remote terminal that is scheduled to retrain during the next
training interval, then, as in the other cases when this type of mistake is made, the
headend controller recognizes that the signal format is not correct, and it broadcasts
a message downstream that a problem occurred. If a contention symbol is mistaken
for a data symbol, then a reduction in throughput may occur if and only if the remote
terminal that incorrectly decoded the control signal would otherwise have transmit-
ted a reservation request during that symbol period. Of course, it is possible that
the misinterpretation by the remote terminal might actually improve the throughput
if the transmission of its reservation request during that symbol period would have

collided with another remote terminal’s request. In any case, the effect on system
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performance of mistaking a contention symbol period for a reserved symbol period is

minimal.

Downstream Control Channel Data Rate Requirements

As described previously, the downstream control channel must support the symbol
classification signal (called the channel status signal in the analysis in Chapter 5),
which can be implemented as a four-bit signal transmitted at a 32-kHz symbol rate.
In addition, the master clock must be supported. However, the clock can be de-
rived easily from data broadcast downstream at, say, 32 ksymbols per second. Thus,
broadcasting a separate clock signal is not necessary. The index of the group of 128
subchannels the next installing remote terminal should use must also be transmitted
at least once between installation periods. Assuming 0.1% overhead is allowed for
installation periods, communicating the group index requires 3 bits sent at least once
every 2997 symbols, or at a symbol rate of 11 Hz. Furthermore, the headend con-
troller sometimes must report to the remote terminals that a collision occurred during
a symbol period. In general, these messages must be sent to the entire population
because the headend controller cannot determine which remote terminals transmit-
ted the requests that collided.®> When the headend communicates with the entire
population of remote terminals, the remote terminals act based on whether they
transmitted information on the affected subchannel set during the affected symbol
period. Hence, if each contention symbol is partitioned into K reservation slots, then
the signal from the headend must be composed of K bits at a 32-kHz symbol rate to
indicate whether or not the headend detected a collision on each of the subchannel
sets. Finally, the downstream control channel must support the various messages the
headend controller sends to instruct particular remote terminals when to transmit
data and training signals. Each such headend transmission must include the node
address of the remote terminal the controller wishes to address plus the instruction
itself. Assuming a 42-MHz reverse channel supports up to 2048 remote terminals,
node addresses may need to be up to 11 bits long. Messages addressed to particular

remote terminals include instructions to transmit a training signal during the next

3In some cases, such as when a collision is detected during a data symbol, the headend controller
can deduce the identity of one remote involved in the collision, but, because the other transmission
during that symbol period was unauthorized, it cannot determine the address of the interferer.
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training interval and indices of symbols assigned for data transmissions. Assuming
the headend controller can allocate data symbols up to 1024 symbols in the future,
10 bits are required to indicate a single symbol assignment. A training message,
which could be as short as one or two bits in addition to the remote terminal’s node
address, must be sent at least once between training periods. Assuming 1% overhead
is reserved for training periods, then a symbol rate of 17 Hz is required to ensure the
next remote in the training queue is adequately informed of its assignment of the up-
coming training period. After a remote terminal has transmitted its training signal,
both the coarse inverse FEQ tap values and any changes in the bit distribution must
be sent back to the remote terminal. In the worst case, the entire bit distribution and
an entirely new set of inverse FEQ taps must be sent. To maintain the best system
performance, the new settings should be transmitted to the remote terminal before
the next training interval arrives. Assuming a 128-entry bit table with up to 8 bits
per subchannel, 384 bits are required to represent the bit table. If the inverse FEQ
taps can be represented by 12 bits, then a total of up to 1920 bits must be transmit-
ted after each training interval to update the remote terminals. These bits must be
transmitted by the time the next training interval arrives, which is 1980 symbols later
if 1% overhead for training symbols is assumed. Hence, using a 32 kHz symbol rate,
one bit per symbol must be transmitted to send the updated bit table and inverse
FEQ settings. Of course, sending the new bit table and inverse FEQ values faster
than required may improve the system performance. Thus, although transmitting
two or more bits per symbol increases the instantaneous control channel data rate, it
may be worthwhile from a performance standpoint. For the purpose of example, it is
assumed that 4 bits per symbol are used to transmit the updated values.

Table B.6 summarizes the various downstream control channel signals required per
group and their required symbol rates and bit rates. From the values in the table, the
total required bit rate of the downstream control channel for a single group using the
RBM-T protocol is on the order of 1.4 Mbps when K = 16. Hence, to control all eight
groups, a downstream channel capable of supporting at least 11 Mbps is required.
Assuming the assigned downstream spectrum can support at least 6 bits/s/Hz, a
6.0 dB noise margin is desired, and a single-carrier modulation such as QAM is
used, the minimum required bandwidth of the control channel is approximately 2.75

MHz, excluding excess bandwidth, since only 4 bits are supported per symbol period.
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Assuming significant redundancy is used to represent all downstream control signals, a
6-MHz-wide band of the downstream spectrum should be sufficient to control reverse

channel transmissions.

B.7.2 RBM-TF Downstream Control Channel Requirements

and Implications

As with the RBM-T protocol, the RBM-TF protocol performance can be degraded
when symbol types are misinterpreted by the remote terminals. Under this protocol,
however, symbols cannot be classified easily into four categories. Installation and
training symbols are the same as in the RBM-T protocol, but “data symbols” and
“contention symbols” no longer exist because of the combined TDMA/FDMA data
assignments used in the protocol. Instead, every non-installation and non-training
symbol period can be described by a J-bit signal called the data/contention symbol
status signal, where bits set to zero indicate which of the .J data slots are in use,
and bits set to one indicate those data slots that can be further partitioned into
K(t) request slots and used to transmit reservation requests. These slots can be
considered contention slots. Hence, symbols can be classified as installation, training,
or data/contention by a two-bit signal, but an additional .J-bit downstream control
signal is required to specify the allocation status of each data/contention symbol. As
an example, if a version of the RBM-TF protocol uses J = 4 data slots, each of which
can be decomposed into 2 reservation slots, then a data/contention symbol with the
bit pattern 0100 indicates that the first, third, and fourth data slots are in use for
data transmissions, and remote terminals needing to transmit reservation requests
during that symbol period should choose one of the two reservation slots into which
the second data slot, which is now actually a contention slot, is divided.

The implications of mistaking installation and training symbols for data/contention
symbols are the same as in the RBM-T protocol, and Table B.7 describes the effects
of misclassifying data/contention symbols. Because the data/contention symbols are
partitioned into J data slots, the severity of some misclassifications is mitigated some-
what with respect to the RBM-T protocol. In particular, if a data slot is mistaken
for a contention slot, then interference occurs if and only if the remote terminal that

made the error needs to transmit a reservation request during that symbol period and
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also happens to choose one of the reservation slots into which the misclassified data
slot is partitioned. Hence, problems due to this type of misclassification are likely to

be more frequent at high throughput values.

Downstream Control Channel Data Rate Requirements

As with the RBM-T protocol, the downstream control channel for the RBM-TF pro-
tocol must support the symbol classification signal (which can again be implemented
as a two-bit signal transmitted at a 32-kHz symbol rate), the data/contention symbol
status signal, the group index for the next installing remote terminal, collision reports,
training instructions, and data slot assignments.. Of these signals, only the transmis-
sion of the data/contention symbol status signal and the data slot assignment signal
differs from the RBM-T protocol. If each data/contention symbol is partitioned into
J data slots, then J bits must be transmitted at a rate of 32 ksymbols per second
to communicate this information to the remote terminals. Likewise, data slot assign-
ments require [log, J| + 21 bits, under the same assumptions made for the RBM-T
protocol. Table B.8 summarizes the various downstream control channel signals re-
quired per group under the RBM-TF protocol and their required symbol rates and bit
rates. Assuming as an example that J = 8 and max[K ()] = 16, Table B.8 indicates
that the total required downstream control channel bit rate for a single group under
the RBM-TF protocol is 1.7 Mbps. For all eight groups, the required data rate is
13.8 Mbps. Under the same redundancy and noise margin assumptions as were made
for the RBM-T protocol, a 7-MHz downstream band capable of supporting 4 bits per
symbol should be adequate to support the required RBM-TF control information.

B.8 Summary

In this appendix, several practical issues related to the system design that were either
ignored or deferred in previous chapters were considered. First, the effect of using
a cyclic prefix that is not long enough was investigated. The analysis showed that
distortion is incurred in the received signal in this case, and a closed-form expression
for this distortion was derived. Next, the effect of a network-wide failure on SDMT
was examined, and it was concluded that if a small static RAM is included in the

remote terminal design, then network failures are not catastrophic to SDMT. The
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precise memory requirements resulting from the SRAM requirement and the remote
terminal and headend memory requirements to use either the RBM-T or RBM-TF
protocol were described next. It was determined that each remote terminal requires
approximately 256 bytes of storage, and the headend modem needs less than 1.5
Mbytes. It was concluded that both memory requirements are reasonable. Sugges-
tions for reducing the system complexity were then presented, including allowing the
remote terminals to use a maximum number of subchannels that is fewer than 128.
In addition, a method for reducing the analog filtering requirements by increasing
the FFT size was described. The issue of timing accuracy was addressed next, and
a simple example illustrated that the required accuracy in symbol boundary align-
ment for SDMT is less stringent if the cyclic prefix is longer than the length of the
sampled channel impulse response. Requirements for tracking changes in subchannel
SNRs were examined next, and it was concluded that the headend controller should
be allowed to modify the percent overhead allocated for retraining remote terminals
to enable the best possible system performance. Finally, the downstream control
channel requirements for both the RBM-T and RBM-TF protocols were addressed.
The required control channel data rate was computed for both protocols, and the
implications of remote terminal errors in decoding the downstream control channel
were discussed. It was concluded that the centralized control required by the RBM-T
and RBM-TF protocols mitigates many problems that might otherwise be caused by

decoding errors.
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Table B.5: Effects of downstream control channel decoding errors
by remote terminals under RBM-T protocol

Actual
classification

Misclassification

Effect

Installation

Training

Nothing, unless remote terminal that made
error is next in retrain queue. An installation
signal that might otherwise have been
received successfully may have to be
retransmitted.

Installation

Contention

Nothing, unless remote terminal transmits
reservation request. An installation signal
that might otherwise have been received

successfully may have to be retransmitted.

Installation

Data

Nothing.

Training

Installation

An installing remote terminal may transmit
its installation signal. Remote that was
supposed to be training may need an
additional period as a result of the
interference.

Training

Contention

Nothing, unless remote terminal sends
reservation request. Remote that was
supposed to be training may need to use an
additional training period as a result of the
interference.

Training

Data

Nothing.

Data

Installation

An installing remote terminal may transmit
an installation signal that interferes with a
data transmission.

Data

Training

Nothing, unless remote terminal that made
error is next in retrain queue.

Data

Contention

Remote terminal may send a reservation
request, which will interfere with a data
transmission.

Contention

Installation

An installing remote terminal may transmit

its installation signal. A remote that sent a

reservation request may need to retransmit
the request.

Contention

Training

Nothing, unless remote terminal that made
error is next in retrain queue.

Contention

Data

Nothing.
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Table B.6: Downstream control channel signals required per group
for RBM-T protocol
‘ Signal ‘ Bits required per symbol ‘ Symbol rate ‘ Bit rate ‘
Symbol classification 2 32 kHz 64 kbps
Group index 3 11 Hz 33 bps
Collision detected K 32 kHz 32K kbps
Data symbol assignment, 21 < 32 kHz < 672 kbps
Training authorization 13 17 Hz 221 bps
Bit table, inverse FEQ 4 32 kHz 128 kbps

Table B.7: Effects of downstream control channel decoding errors
by remote terminals under RBM-TF protocol

Actual Misclassification Effect
classification

Data/contention| Installation An installing remote terminal may transmit

symbol symbol an installation signal that interferes with a
data transmission.

Data/contention Training Nothing, unless remote terminal that made

symbol symbol error is next in retrain queue.
Data slot Contention slot Remote terminals may send reservation

requests that interfere with a data
transmission.

Contention slot

Data slot

Nothing.
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Table B.8: Downstream control channel signals required per group
for RBM-TF protocol

Signal Bits required per | Symbol rate Bit rate
symbol
Symbol classification 2 32 kHz 64 kbps
Data/contention J 32 kHz 32.J kbps
symbol status signal
Group index 3 11 Hz 33 bps
Collision detected max|K (t)] 32 kHz 32 (max[K (t)]) kbps
Data slot [log, J] + 21 < 32 kHz < 32([log, J| + 21)
assignments kbps
Training 13 17 Hz 221 bps
authorization
Bit table, inverse 4 32 kHz 128 kbps
FEQ
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Distributing Reservation Requests

Among Subchannel Sets

: : n+K-—1 L
This appendix shows why there are ways to distribute n requests
n

among K subchannel sets. The problem is the same as the problem of distributing
n balls in K urns, and it can be solved in the following way: Construct a vertical
grid of n + K squares. Each square is to be filled by either a ball or an urn, with the
restriction that the bottom square must contain an urn. Then, after distribution of
the remaining K — 1 urns and n balls, those balls between two urns can be considered
“in” the urn just below them. Hence, after distribution of the balls and urns, the grid
might look like Figure C.1, where 6 balls, denoted by circles, are distributed among 5
urns. Beginning from the bottom urn, the urns contain 2, 1, 0, 3, and 0 balls. Given
the restriction that the bottom square of the grid must contain an urn, it is clear that

after the K — 1 remaining urns have been distributed among the N 4+ k — 1 squares,

K -1
the locations of the balls in the grid are fixed. Therefore, there are anL{ . )

. n+K—1 o
or, equivalently, ( ) ways to distribute n balls among K urns.
n
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Figure C.1: Distribution of balls and urns on a grid
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