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Abstract

This paper presents a new, but DOCSS
compliant, economic system approach for
multi-dwelling unit (MDU), hotel, and
university campus or hospital high-speed
Internet access that operates effectively in
existing in-building TV coax. The system
offers plug and play end-user attachment
without PC reconfiguration or installation of

an Ethernet NIC card as multi-megabit
Internet access is achieved through the use of
the PC’s existing parallel or USB port.
Within-MDU ingress interference is isolated
from the main hybrid fiber-coax network and
the system offers improved bandwidth
management and efficiency, particularly in
the upstream or return direction. The
coaXmedia user interface consumes less than
one tenth of the power of that of a Cable
Modem thus making it easy to provide for
lifeline services.

BACKGROUND

The demand for high-speed Internet access is
driving the telecommunications industry like
few forces have in the past. While the Cable
and Telephone industry position their
networks for the future, ever-changing
technology has previously made it both costly
and risky to invest in new delivery systems.

Most current approaches for delivery of
Internet services in MDUSs utilize telephone
wiring in “data above voice” configurations.
Such approaches usually require selective
identification and disconnection of each
telephone pair and the insertion of a modem
function at the central end of the telephone
loop. Such intrusive installation is both costly
and time consuming. A second modem is

required at the user end of the telephone pair
to connect to the users PC or in-home
network.  Since MDU telephone wiring
generally has worse inter-pair crosstalk
performance than that of outside wiring and
suffers  considerable electrical ingress
interference it is usual to insert the data on the
telephone loop within the building to ensure
adequate performance.

The high frequency loss of longer telephone
loops between the central office and the MDU
considerably limits their potential two-way
transmission speed.

The use of low-cost wireless data transmission
works well where the distances are short and
spectrum is abundant. For densely populated
MDUs this is not usually the case.

THE PRESENT CABLE ENVIRONMENT

Cable Modem Internet service has now
penetrated well over one million residences
and has become extremely popular due to its
exceptional speed. However the introduction
of Cable Modem service in MDUs is
problematic due to the complex and irregular
topology of the TV coax wiring and the
sharing of limited available upstream
bandwidth. In addition, points of ingress
interference in MDU coax distribution and
home wiring are very difficult to locate and
particularly difficult to isolate. Such ingress
interference can cause failure of two-way
services to all users in an MDU and
potentially other users upstream of the MDU
on the Hybrid Fiber-Coax (HFC) network.



Both Cable Modem and Telephone loop data
modems are usually interfaced to the PC using

an Ethernet 10baseT connection.  This
requires that a Network Interface Card (NIC)

be installed in each PC and the PC network
software configured. Since the average PC
users are not usually technically skilled, this
installation and/or configuration is frequently
performed by the Cable or Telephone network
provider. In this way the network provider
becomes potentially liable for problemsin the

PC, often when the trouble is not related to the
network provider's work. While this issue
can be alleviated in some cases by use of USB
ports, a large proportion of PCs are not so
equipped. In hotel/motel situations, users do
not generally require networking between
themselves and are rarely adept or willing to
reconfigure their PCs each time they rent a
room or return to their home or office.

MDU and hotel coax distribution systems,
which can be served by Cable, Satellite or
Broadcast network operators, are usually
configured as passive “tree and branch”
systems using splitters and/or relatively long
coax runs with taps or couplers arranged to
serve the apartments or rooms. Such passive
distribution arrangements frequently serve
from 30 to 100 rooms or apartments and are
arranged such that the TV signal levels fed to
each apartment or hotel room are typically
within a 10 dB range. These coax distribution
systems typically have losses in the range of
15 dB to 25 dB and are usually fed from a
centralized one-way broadband TV channel
amplifier to ensure adequate signal levels for
the users. Larger high-rise MDUs and hotels
usually have a number of centralized
amplifiers each feeding a passive coax
distribution sub-system serving separate areas
or floors of the building.

THE OPPORTUNITY

The spectrum of the MDU TV services
usually lies below 750 MHz, whereas the coax
cable can handle frequencies beyond 1 GHz.
The passive splitters or couplers, although
usually only rated for use in the TV bands,
usually perform adequately in terms of loss
and/or port isolation when carrying more
robust digital signals of up to 1 GHz.
Furthermore, the loss per unit length of the in-
building coax wiring, rather than being a
problem, helps attenuate echoes at these
higher frequencies and thus permits much
simpler equalization in digital receivers.

Clearly there is an opportunity to utilize the
higher frequency spectrum of in-building coax
for high-speed Internet access services using
robust digital modulation techniques. Ingress
interference is much less at frequencies above
those of TV channels and, being contained by
the one-way characteristic of the central TV
channel amplifiers -- at least at the TV
downstream channel frequencies and higher,
any ingress interference is prevented from
exiting the MDU and interfering with the
HFC Cable network.

The available above-TV-channel spectrum in
in-building coax can be arbitrarily divided up
to offer high-speed data in both directions.
Due to the relatively high field-strength
radiation of portable cellular handsets it is
prudent to operate at frequencies of 900 MHz
and above. Using presently installed splitters
and couplers it is also better to keep to
frequencies of 1 GHz and below. This
available 100 MHz of available spectrum is
plenty to serve the statistical two-way Internet
access needs of 50 to 100 users or client
modems.  If higher capacity is needed,
additional downstream spectra can be
allocated in bands between 1 GHz and about
1.6 GHz, provided that higher frequency
specified splitters are substituted.  Such
higher uni-directional capacity can provide



for additional digital video-on-demand (VOD)
services, in either Internet Protocol (IP) format
or in native MPEG2 format. In all cases the
spectrum between 900 MHz and 930 MHz
can be utilized for upstream transmission.
The use of this single upstream spectrum
provides adequate traffic capacity and
simplifies control.

AN ALTERNATIVE APPROACH

An dlternative system approach, named
coaXmedia, has been devised which takes
advantage of the topology and performance of
in-building coax distribution to provide high-
speed Internet services.

This system architecture is DOCSIS
compliant at a network level, consistent with
existing Cable Modem operation and service
practices and yet offers plug and play end-
user attachment without PC reconfiguration or
installation of an Ethernet NIC card. At the
same time the approach isolates within-MDU
ingress interference from the main hybrid
fiber-coax network and provides bandwidth
management and efficiency, particularly in
the upstream or return direction.

The  per-MDU common equipment
installation is extremely simple and thereis no
need for a truck-roll or appointment to
provide service to each customer. Indeed, the
customer interface can be drop-shipped to the
consumer and is easier to hook-up than a
VCR.  Multi-megabit Internet access is
achieved through the use of the PC’s existing
parallel or USB port using a simple “enabler”
which can be optionally loaded from the
MDU central hub modem, via the PC’s
existing serial connector -- no floppy disks or
CDs.

The primary purpose of this “enabler” is to
place a “connection” icon on the user's
desktop for ease of access to the service.

There is never the need to perform another
enabler load when moving the PC between
coaXmedia client modems, such as when
moving between hotel rooms or returning
home, as the “enabler” does not need to
contain any addressing or configuration
information.

The coaXmedia client modem is extremely
simple since it does not require a tuner or
even a microprocessor for its operation. Other
simplifications result in a complexity of
around a quarter of that of a conventional
Cable modem. The client modem is thus very
low in cost and this cost will continue to track
at significantly less than half of the cost of
technology-evolving  conventional cable
modems. Additionally, the coaXmedia user
interface consumes less than one tenth of the
power of that of a Cable Modem. Installation
costs are minimal and marketing of the
service by the Cable MSO is simplified as
service may be offered on a same-day trial
basis.

The coaXmedia client modem can be
packaged on a single printed circuit board
housed in a plastic case of approximately the
size of a small cellular phone. This case may
be included as a pod inserted in a piece of
coax cord connected to a coax wall receptacle.
This pod will also have a thin data cord with a
multi-faceted connector that may be inserted
into the parallel, serial or USB connector on a
PC or laptop. Future connectors may include
an infrared transceiver for communication
with similarly equipped PCs or PDAs. Power
is provided using a low-cost, single AC
voltage, UL/CSA approved, transformer cube.

THE COAXMEDIA ARCHITECTURE

A diagram illustrating the overall coaXmedia
architecture is shown in Figure 1.
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Figure 1. The coaXmedia Architecture

In this arrangement a single DOCSIS- At the user or client ends of the system a very
compliant off-shelf Cable Modem is used to simple modem interface is used to interface to
serve the dtatistical data needs of multiple the user’s PC via its existing serial, parallel or
users connected via a passive in-building coax USB port. In this way no NIC card or

distribution system. network configuration is required in the users



PC. Point-to-Point Protocol (PPP) is carried
on RF channels on the in-building coax
distribution to a central RF modem.

A protocol converter is provided between this
central RF modem and the shared DOCSIS-
compliant Cable Modem. This converter
trandates the data format between the Point-
to-Point Protocol used by the PC and the
10baseT used by the DOCSIS Cable modem.
Thus any IP protocol, such as TCF/IP,
UDP/IP, etc., is carried transparently to and
from the Internet. Special prioritization is
available for low-latency requirement traffic,
such as IP voice or multimedia, in both
directions of transmission.

The protocol converter also acts as a proxy
server in order to connect the many
coaXmedia client modems and their PCs to
one or a few DOCSIS-compliant Cable
modems. This involves providing IP
addresses to the PCs in response to PPP
connection requests. The protocol converter
trandates single or multiple socket addresses
that uniquely identify multiple sessions or
windows running within each PC, in order to
present unique socket addresses to servers that
exist on the IP network.

The field-trial verson of the protocol
converter is supported by a PC motherboard
and is packaged, together with the coaXmedia
central modem RF board, in a PC rack-mount,
pizza box sized case, for wall mounting. This

PC motherboard, upon booting, makes a
DHCP request via its Cable modem to a
server in the headend and receives a leased IP
address — just like a user-PC provided with
regular Cable modem service. If the protocol
converter has multiple Cable modem
connections to the headend then this action is
repeated for each Cable modem.

The many client-PC’s are be made to appear,
from a headend service management

perspective, as though they are connected via
individual Cable modems. Thus a function is
provided in the headend that collects
associated user-PC MAC and assigned IP
address information from the coaXmedia
protocol converter and presents this as an
interface to service management functions
that also manage single-user Cable Modem
services.

RE TRANSMISSION

The in-building RF system presently uses 15
Msymbol/sec BPSK or QPSK modulation in a
single downstream “channel” with a center
frequency of approximately 970 MHz. Higher
symbol rates are planned which could offer at
least 30 Mb/s net downstream data capacity.

The downstream signal is transmitted
continuously and formatted in a standard
MPEG2/DVB structure. The MPEG2 frames
comprise a framing (47 hex) / super-framing
(inverted 47 hex) byte, 187 information bytes
and 16 forward error correcting (FEC) bytes —
a total of 204 bytes. Certain reserved MPEG2
“Packet IDentification” (PID) codes are used
to indicate that the following information
bytes are data of a particular type rather than
digital video or idle frames.

Conventional synchronized scrambling is
employed for spectral reasons and the 16-byte
FEC field is always used or reserved for error
correction. These structures facilitate the use
of the same industry-standartf-shelf set-top
technologies in both data and digital TV
applications. Frame interleaving, while
available, is not used in in-building passive
coax distribution as this would delay latency-
sensitive traffic and is not necessary for error
protection purposes.

Upstream transmission in the in-building coax
uses a BPSK modulated 915 MHz RF signal



carrying a 15 Mb/s digital stream. Upstream
transmission is only permitted from one
coaXmedia client modem a a time as
specified by downstream “polling” contained
in the downstream data control envelope.
Thus there is no collision of upstream signals.
The upstream signal comprises a preamble
signal that is ramped up in level followed by a
sync byte. A scrambled client modem source
address, a length field and then data follow
this preamble. The length of the data field is
dependant on how much is requested by the
central modem or the remaining amount of
upstream data buffered in the client modem.
As in the downstream direction, special
provision is made for the needs of low-latency
traffic.

COAX PATH LOSS COMPENSATION

Path losses between each client modem and
the central modem will have a wide variation
due to the coax distribution topology and
loading variations. The system is designed to
accept losses of 40 dB or more.

Loss variations in the downstream direction
are compensated by an automatic gain control
(AGC) function contained in each coaXmedia
client modem receiver.

The upstream AGC method involves adjusting
each of the client modem transmitters such
that their signals, upon arrival at the upstream
receiver in the central modem, are
approximately equal.

Each time a data burst is sent to a client
modem an extra bit is included which
indicates if the previous transmitted burst
from that modem was above or below the
ideal level required at the central modem
receiver. This bit is used by the client modem
to slightly adjust, either upward or downward,
the level of its next transmitted burst. Thus
all signals received by the central modem

from every client modem become aligned in

level and cycle upward and downward by a

small amount. This is an ideal situation since
the upstream BPSK receiver has a much wider
acceptable input signal range than the small
level variations received. Control systems of

this type are fast to react to changes in
transmission path attenuation and are
intrinsically stable.

PRIVACY

A minimal cost moderate level of data privacy
Is provided using individual spectral
scrambling sequences and/or sequence start
points for each client modem in each
direction. The method of establishing such
scrambling sequences is itself secure. Higher
levels of encryption security, like those used
in DOCSIS-compliant Cable modems, will be
made available, where required, at a slightly
additional cost.

TECHNOLOGIES

The systems about to go into public trial use
available low-cost, commercial RF and digital

technologies. The coaXmedia client modem
receiver may use tuner/demodulator chipsets
commonly used in satellite set-top boxes.

Near-term plans include moving most
functions into a pair of custom chips; one a
small RF analog chip, the other a semi-custom
chip containing the digital functions. This
technology evolution will result in a
coaXmedia modem the size of a small cellular
phone that may become part of a coax cord
assembly and consume very little power.

The coaXmedia hub or proxy server is
presently constructed using a normally rack-
mounted diskless, low cost, PC motherboard
equipped with an RF/protocol board and one
or more 10baseT NIC interfaces. This may be
mounted, together with one or more off-shelf



cable modems, on a wall adjacent to the
existing building TV distribution amplifier.

INSTALLATION

As illustrated in Figure 1, the centra
installation requires only the addition of two
coax splitters to which are attached a
conventional cable modem and the
coaXmedia hub. The coaXmedia client
modems are simply introduced, by the end-
user, between the TV wall receptacle and TV

set (if any). An associated transformer cubeis
then plugged into a convenient power
receptacle and the data cord plugged into the
user's PC. No network-stack configuration of
the PC is required, thus offering a real plug-
and-play high-speed Internet access service.

SUMMARY

The coaXmedia system presents a new,
economic approach for MDU or hotel high-

speed Internet access that works well over
existing in-building coax.

This coaXmedia system is DOCSIS-compliant
as seen from the headend networking
elements, consistent with existing Cable
Modem operation and service practices and
yet offers plug and play end-user attachment
without PC reconfiguration or installation of

an Ethernet NIC card. The per-MDU common
equipment installation is extremely simple
and there is no need for a truck-roll or
appointment to provide service to each
customer. Indeed, coaXmedia modems can be
mailed and are easier to hook-up than a VCR.

The approach isolates internal MDU ingress
interference from the main HFC network and
provides improved bandwidth management
and efficiency, particularly in the upstream or
return direction.

Multi-megabit Internet access is achieved via
the PC’s existing parallel or USB port using a
simple “enabler” that places a connection icon
on its desktop and activates the PC’s existing
PPP direct connection facility. The “enabler”

can be loaded from the coaXmedia central
hub via the PC’s existing serial connector --
no floppy disks or CDs.

The coaXmedia system approach is, and will
track at, significantly less than half of the cost
of a conventional Cable modem approach.
Additionally, the coaXmedia user interface
consumes less than one tenth of the power of
that of a Cable Modem.

Marketing of the service by the Cable MSO is
simplified as whole-MDU installation may be
offered on a same-day trial basis.
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Abstract

In the future an increasing amount of
video content will be provided to the
cable subscriber as an on-demand
service rather than a broadcast service.
This advanced service can be expected to
become a very significant portion of the
revenue stream for cable operators.

Historically the high costs of video-on-
demand (VOD) have discouraged
significant deployment. The falling costs
of computing power and digital
hardware, combined with innovative
hybrid fiber-coax (HFC) transport
techniques such as dense wavelength
division multiplexing (DWDM), are now
making the business case much more

appealing.

In this paper we will review how one can
centralize the video server hardware in
the headend and use DWDM to transport
the digital video streams in ‘on channel’
QAM?256 format out to the hubs. Once at
the hubs, the VOD channels can be easily
combined with the broadcast content and
then routed out to the subscriber. The
paper will review the technical issues,
performance, and approximate costs of a
16 and 32 wavelength DWDM system for
VOD transport.

We will also review the latest technical
developments in the area of digital
stream manipulation required for
successful, low-cost VOD deployment:
PID filtering and program assignment,
DVB/Simulcrypt scrambling, conditional
access provisioning and QAM

modulation. Particular emphasis will be
placed on how this is implemented in an
open-standard configuration, taking into
account OpenCAS and other standards-
based initiatives.

Several such systems are in deployment
in trials worldwide. In the last section of
the paper we will review the deployment
currently underway by Telewest in
Britain.

1. A VOD System: The Building Blocks

Before delving into the detail lets first
review the overall structure of a VOD
deployment. A VOD deployment over an
HFC network consists of several
functional blocks. Figure 1 shows the
functional blocks in a graphical fashion.

From the perspective of the operator it is
naturally desirable to implement these
functions in the lowest cost and most
reliable fashion. One key aspect of a
cost-effective system is the use of open
standard interfaces between the
functional blocks. In this way it is
possible to implement best-of-class
components, in particular such items as
the servers, the interactive network
adapter (INA), and the conditional
access.

Also, by grouping certain functions onto
a single circuit board it is possible to
dramatically reduce cost and size. In
particular an attractive option is to group
the scrambling, multiplexing, and QAM



Figure 1: The building blocks for a VOD system.

modulation together in a single device.
This is illustrated in figure 1 by the
combined box titled ‘stream
conditioning’ and the smaller adjacent
box for QAM modulation. The stream
conditioning is covered in section 8.

The transport function is covered in
section 4, ‘Server Location and Stream
Transportation Options’.

2. Cost Goals and the Financial Model

VOD is a service with great strategic
competitive advantage for HFC

operators. Custom video requires a large
amount of narrowcast bandwidth capacity
— bandwidth that HFC networks can
provide significantly more cost-
effectively than competing technologies
such as direct broadcast satellite, or
twisted pair telephone line. It is also a
service with well-known demand — at
least to the extent that one can extrapolate
from consumer behavior at the local
video rental store. It is no surprise that
VOD is high on the list of new services
that the leading US cable operators are
looking to deploy.
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However, for VOD to have wide
deployment it must provide a return on
investment that is compelling when
compared to alternative investment
options available to the HFC system
operator. The key parameter to
determine in any discussion of VOD
architectures is the delivery cost per
stream of video. The 1998 paper “Video-
On-Demand, The SeaChange Business
Model” ! outlines a useful financial
model for VOD delivery. In that model
the target price for the various building
blocks includes $350 per stream for the
server, $300 per stream for the combined
functionality of scrambling, multiplexing,
QAM modulation and RF upconversion,
and $200 per stream for the transport.
Given these costs the Seachange business
model shows a return on investment time
of less than 18 months.

As we will see in the following sections
of the paper the use of open standard
conditioning combined with DWDM

! “Video-On-Demand, The SeaChange Business
Model”, 1998, Yvette Gordon, SeaChange
International, www.schange.com




transport enables these cost targets to be
met, and in fact exceeded.

3. Server Location and Stream
Transportation Options

The HFC network operator has two
options for server location — the hub or
the headend. . Although both options are
valid, and both are used by various
operators around the world, we believe
that there are several advantages to
centralizing the equipment in the
headend. The three main options for
location of the VOD equipment are
shown in figure 2.

Option 1:

Locate the servers and conditioning
equipment in the hub. Use a low or
moderate speed Wide Area Network
(WAN) to update the servers with the
latest content. This minimizes transport
costs but has the disadvantage of
requiring significant hub space and also
requires at least two servers per hub for
redundancy.

Option 2:

Locate the servers in the headend,
transport the video streams from the
headend to the hub using a high quality
of service (QOS) baseband digital
transport such as SONET or SDH, and
place the QAM modulation and RF
upconversion in the hub. By centralizing
the servers one can minimize the server
capacity required — from both the aspect
of coping with peak demand rates, and
from the aspect of providing a fully
redundant system.

Option 3: Locate the servers, QAM
modulation, and RF upconversion
functions in the headend and move the
video streams to the hub, or through the
hub, via DWDM transport. In addition to
maximizing server efficiency by
centralizing the server, this approach also
transports the video in set-top ready
format from the headend and therefore
requires minimal or no processing at the
hub.

Figure 2: Options for Server Location and Transport
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4. DWDM Transport: Technical Issues

DWDM provides cost effective, high
capacity transport in QAM format from a
headend to a hub with minimal fiber use.
The general architecture is shown in
Figure 3 below. Figure 3 illustrates the
structure in a ring architecture where one
drops off a couple of wavelengths at a
hub location and sends the remaining
wavelength on the subsequent hubs on
the same single fiber. It is
straightforward to modify this for a star
headend-hub architecture as the optical
drop now becomes a terminal optical
demux.

The diagram shows 10 QAM modulated
channels upconverted and RF combined
into a block of channels which then drive
one of the ITU grid DWDM transmitters.
For consistency throughout the paper the
diagram shows 10 RF channels allocated
for VOD service.

Once at the hub there are two main
techniques for continuing the transport to
the node.

1) Receive the optical DWDM signal at
the hub and electrically combine with
the broadcast signal at the hub. This
approach could be used if the
operator has an existing 1310
distribution network out of the hub.

Figure 3: DWDM transport architecture
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2) Unbundle the desired DWDM
wavelengths at the hub and optically
combine the signal with the
distribution network. This
arrangement is shown in Figure 5.
This architecture is very similar to the
general DWDM architecture widely
deployed by AT&T BIS for their
advanced internet and telephony
service.

DWDM has been extensively tested and
deployed for the transport of QAM
modulated signals. 8 wavelength systems
have seen significant recent use in the US
and now in Europe. Crosstalk can be
kept to a minimum by keeping fiber
launch powers at a moderate level plus
proper attention to transmitter and filter
properties.

16 wavelength systems are also available
for deployment. We have tested a 16
wavelength DWDM system over a 100
Km fiber link carrying QAM256. The
system is shown in Figure 6. With
received power per wavelength of greater
than —10 dBm we observed SNR of
greater than 40 dB and BER on the
QAM256 of better than 10 without
forward error correction.
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Figure 4 Drop at the hub and RF combine with the broadcast signal
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Figure 5 Drop at the hub and optically combine with the broadcast signal
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Figure 6 Experimental set up for 16 Wavelength DWDM test over 100 Km with QAM256
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5. DWDM Transport: Costs

Optical component costs are falling
rapidly in this competitive and rising
volume world of optical transport.
DWDM costs have been falling at faster
than 20% per year and we have no reason
to expect this trend to change in the near
future. The costs given below are typical
at the time of writing but for operators
considering this approach we recommend
that you contact preferred vendors for
latest pricing.

The ‘per stream’ cost of DWDM
transport is easily calculated. First
determine the cost of a point to point
transport for a single wavelength. A
DWDM directly modulated transmitter
costs around $5000 including platform
and power supply. The average cost for
the single port of an 8 or 16 wavelength
mux or demux is $800, i.e. $1600 for a
Mux and demux pair; and receivers are in
the range of $1800. Total point-to-point
cost per wavelength is therefore ~ $8400.

The transport cost per stream is a very
simple function of QAM format and the
number of channels allocated per
wavelength. For QAM256 format we
assume that, given a typical per stream
bit rate of 3.6 Mb/s, one can carry 10
streams per RF channel. With 10
channels allocated to VOD each
wavelength would therefore carry 100
streams. The cost per stream is then

$8400/100 or $84 per stream. Table 1
below shows the scaling in cost per
stream for several other likely
combinations.

It is worthwhile comparing these costs
with a typical SONET or other high
quality of service baseband transport —as
would be used in option #2 described in
section 4. A single OC12 terminal
currently costs of the order of $40,000 to
$60,000 with the lower prices coming
from newer companies in the market.
Therefore even in the best case a point to
point baseband link with 622 Mb/s
capacity will require two terminals and
will cost in the range of $80,000. Using
the same typical per stream bit rate as
above this capacity corresponds to 170
video streams, or $470 per stream. This
SONET cost is significantly higher than
the equivalent DWDM cost.

6. The Benefits of a Standards-Based
VOD Solution

One key aspect of a cost-effective system
is the use of open standard interfaces
between the functional blocks shown in
Figure 1. In this way it is possible to
implement the most appropriate product
for the specific cable operator, in
particular such items as the servers, the
interactive network adapter (INA), and
the conditional access.

Table 1: DWDM Transport Cost Per Stream vs Channel Allocation and QAM Format

(NTSC)
Number of Channels Allocated for VOD
DWDM Cost Per Stream* 2 4 6 8 10
QAM 64 (7 streams per Ch) $ 600[% 300(% 200[% 150 120
QAM 256 (10 streams per Ch) $ 420($% 210|$% 140 $ 105 84

*Assume cost per wavelength of $8400




Historically most of the early VOD
solutions have been closed systems with
perhaps some limited choice of video
servers. However if we look at the
functions outlined in Figure 1 we note
that for many of the functions there are
several different vendors offering
products with different cost-performance
characteristics. Due to the disparity of
the core technologies, different vendors
are best qualified to provide the
individual components. Working with
partners who are experts in these core-
competencies ensures that the VOD
operator is taking advantage of the latest
technology advances to drive down the
cost.

The key providers of these VOD system
components are not only committed to
providing the optimum technological
solution at the lowest cost, they are also
committed to working together to provide
an open-standard seamless solution to the
network operator. These leading vendors
are working together both in the field
with real deployments (as we shall see in
the example below) and on standards
bodies to ensure that in future
deployments interoperability is
maintained. For example, OpenCAS is a
working group established to define
standards such that vendors can achieve
interoperability between conditional
access and content collection subsystems
(scheduling, encoding, multiplexing,
scrambling) to speed system integration
and reduce risk. All the leading vendors
are key contributors to this forum and at
the present time their recommendations
for the interface standards have been
submitted to the SCTE.

7. Stream Conditioning

By stream conditioning we are referring
to the combined functions of scrambling,
PID filtering, and multiplexing. In a

broadcast environment the number of
unique video streams is low therefore the
cost of stream conditioning is not
excessive. Historically, the functions —
multiplexing and routing, scrambling,
QAM modulation and RF upconversion
for a VOD deployment, have been
handled using equipment tailored for a
broadcast system. This is inefficient both
in cost and space allocation. A system
such as this can quickly grow to occupy
most of the space in a headend.

Today, equipment has been designed
specifically for the stream conditioning
of narrowcast services. This technology
dynamically selects program services
from the high-speed asynchronous serial
interface (ASI) from the media server,
automatically routing the services to a
QAM channel and the associated RF
upconverter. Every time the media server
adds or drops a service, the associated
service information and program
information are updated. The content
needs to be scrambled prior to
transmission. This functionality has been
incorporated in the stream conditioning.

Today the cost-per-stream for the stream
conditioning plus QAM modulation and
RF upconversion is approximately $450.
In the very near future the cost-per-
stream for this combined functionality
will be driven to under $300, meeting the
target set in the SeaChange model. This
can be accomplished by combining the
stream conditioning, QAM modulation,
and RF upconversion for several RF
channels on to a single circuit board. The
resulting cost and space savings will
continue to strengthen the business case
for VOD.

&. Current Deployments

This VOD architecture we have described
above has recently been deployed by




Telewest in Britain and is about to go
online at the time of writing in mid
March 2000. The Telewest deployment
makes use of the open standard stream
conditioning approach we show in Figure
1 and also uses the DWDM transport as
shown in Figure 4.

Here are some key technical details. The
initial deployment covers 337,000 homes
passed. Each serving area contains about
8,400 homes passed and there are 5
channels allocated for VOD service in the
delivered spectrum. As this is PAL
format, each of the five channels is
carrying 9 video streams at 3.6 Mb/s, in 8
MHz of spectrum using QAM 64
modulation. Therefore, the system
delivers 45 unique VOD streams per
8,400 homes passed serving area. This
capacity is sufficient for the present
customer and digital box take rates,
however it is expected that the capacity
will be scaled up as demand rises..

In keeping with an open-standard
approach many of the key functions are
provided by different vendors: the media
servers are provided by both SeaChange
and nCUBE; the scrambling,
multiplexing, and QAM conversion are
provided using the VSG card from
Harmonic; conditional access is
provided by NagraVision and the set-top
boxes from Pace.

NTL, the other major operator in Britain
is also deploying a DWDM architecture.
For NTL the primary driver was to
enable transport of the out-of-band
signaling to the specific serving areas,
however going forward NTL intend to
make use of this narrowcast capability
and offer VOD and other interactive
services. NTL in some franchise areas
have a 1550 to the node architecture and
are using the optical combining method
shown in Figure 5. It is worth noting that

this optical combining is performed in the
streetside cabinets rather than at the hubs.

British cable operators have historically
faces intense competition from satellite
service providers. By offering a
significantly differentiable product in the
form of this true VOD service, Telewest
expect to significantly improve their
competitive position, increase their
customer take rate, and increase their
revenues per subscriber.

9. Summary

Video-On-Demand is service with a key
competitive advantage for HFC
operators. New technologies with lower
costs enable operators to deploy systems
today that provide this competitive edge
with an immediate return-on-investment.
The business case is there.

In this paper we have reviewed some of
the new directions that are enabling this
business model.

* Combining several key video stream
conditioning functions into a single
low cost unit

* Using an open-standard approach
which enables the operator to choose
the latest and most cost-effective
products from a competitive
environment

* Using DWDM technology to provide
low cost and flexible transport of
VOD streams to the serving area

Finally, we reviewed the current
deployment by Telewest of a VOD
system which has incorporated all of
these features discussed above. Stay
tuned!

John Trail and Dawn Emms are both with
Harmonic Inc. www.harmonicinc.com



Advances In Content Management And Protection

Wim Mooij
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Abstract

With the accelerating adoption of digital
formats in multiple application domains, it
becomes possible to transfer content from
one domain to another. Especially with the
emerging home entertainment environment
with digital storage devices, content can flow
between a large variety of electronic devices.
Protecting the interests of all value chain
participants is the challenge of a new set of
technologies called Content Management
and Protection. This includes security
solution from multiple application domains.
Content Management and Protection is
critical to the industry growth in the digital
content and information era.

INTRODUCTION

Digital Broadcasting is now supported by a
wide range of globally adopted specifications
for consumer and professional Television
equipment. With the migration of broadcast
signals to the digital domain, the traditional
distinction between various media
applications disappears. After all, who can
tell the difference between an audio, video
and data bits? With the advent of internet,
digital television and digital telephony many
networks now carry only digital data streams.
It then becomes possible to transport the
same  bits over new  distribution
infrastructures creating new potential value
propositions  for  network  operators,
consumers and intellectual property creators.
The digital intellectual property in the digital
content may represent significant (future)
commercial value to participants in the value
chain. Content management and protection

system aim to enforce the copyrights and/or
other intellectual property contained in the
content. Such systems need to operate in a
rapidly changing environment, and no longer
can ignore the move of broadcasting into the
“e-Environment”.

COMMERCIAL ANALYSIS

Content in digital form can be transported
over a wide variety of distribution and
communication media. This facility also is
available to the consumer. The same content
thus may appear in a variety of infrastructures
and consumer equipment. This great
flexibility allows greater freedom, but with
that freedom also comes a vast increase in
unintended  commercial  side  effects.
Especially the ability to make perfect copies
of digital content in any of the domains and
the capability to introduce such copies into
another player infrastructure completely
changes the underlying assumptions of many
distribution regimes. Often such implications
are only discovered after the fact. It thus is
necessary in many cases to re-visit the
complete application and determine the basic
commercial rules that make it a viable
business proposition to all value chain
participants.  With  these basic rules
established, it becomes possible to devise a
suitable content management and protection
regime.

A key observation is that any content
management and protection regime takes
away some freedom of use from the
consumer. In many cases this freedom would
allow the consumer to seriously violate the
commercial rules driving the application. The



capability of copying and distributing
amongst friends without some form of
compensation to the intellectual property
creators is one such limitation. In all cases
the chosen content management and
protection system should consider the
capabilities of equipment in other domains.
So, it is a fallacy to assume that copying is
not possible because all copying devices in
one application domain, have some build in
copy restriction mechanism. If such a
mechanism is not implemented in another
application domain, it may be possible to
make unrestricted copies.

Content in the digital domain may have a
substantial value associated with it. The easy
copying and distribution of  digital
information requires that the content itself is
protected in a persistent manner. Copies of
protected content then are not a problem, as
the intellectual property is safe in the
protected form. The consumer can play the
protected content on any rendering device as
long as that device is capable of dealing with
the protection layer for the protected content.
As the rendering quality of content
continuously ~ improves, it  becomes
increasingly relevant to extend the content
protection into the “analog” domain. This
aims to prevent the removal of the protection
layer through a re-encoding process.

In some CMP systems a removable element
such as a smartcard may be used to
implement some or all functions of the
content management and protection (CMP)
system. Other CMP systems utilize periodic
on-line communications to implement some
protection system functions. Although
implementations of CMP systems vary
widely, they all share the basic function to
enforce the business rules associated with the
use of the content.

In an e-Environment where all content is
digital and all networks are digital, content
can flow very easily between networks and
devices. It is unlikely that a single CMP
system will be able to deal with all existing
and future applications. Hence, CMP systems
have to find a way to work with other CMP
systems in order to facilitate this natural flow
of content.

The main challenge is to make this protection
framework easy for the most frequent types
of consumer usage of the content. It is a
widely held belief that consumers only will
accept content protection if this is realized in
an interoperable fashion and permitting
horizontal market structures. Consumer
interests are protected by commercial
interests of the industries involved and by
possible regulatory involvement. As the need
for content protection increases due to a
rapidly growing abuse of intellectual property
in content, a substantial effort is required to
create and implement an open content
management and  protection  system
infrastructure. Several standards setting
initiatives are now dealing with (aspects of)
the content management and protection
issues facing a wide range of application
platforms.

TECHNICAL ANALYSIS

A content management and protection system
architecture operates in an environment
where multiple content players are
interconnected ~ through an  in-home
distribution network. An example diagram of
such a network is shown in Figure 1.
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Figure 1 Diagram of the in-home distribution
network.

It is desirable in such an environment that
content can be shared between content
players. During content move and/or copy
operations, the material should remain
protected. The enforcement of the business
rules associated with the content is the task of
the CMP System.

APPLICATIONS

There is a continuously expanding range of
applications that distribute content. Most of
these applications are under control of some
form of CMP System. Several distribution
infrastructures can be identified.

* Broadband (broadcast)
* Internet

*  Wireless networks

* Pre-packaged media

In all of these networks a rich variety of
media types can be identified such as real
time stock price information, premium
movies, archived newspaper articles. In all
cases the current and future value of the
content differ substantially. Hence the CMP
System features also have corresponding
differences. Similar differences exist in the
payment structure. In the broadcast domain
the following different payment structures
exist.

* Free TV

* Subscription TV

* Pay per use

* Near Video on Demand

* Video on Demand

e Services that add wvalue to those
mentioned above, e.g. paid-for Electronic
Program Guides and other such services

Similar differences in service types and
payment structures apply to other content
delivery structures, further increasing the
range of options that CMP Systems need to
support.

The threat model for each commercial
application also varies significantly. Early
releases of premium movies have an entirely
different value compared to highly volatile
stock price information. Hence the required
security features of the CMP System can
differ some orders of magnitude. Thus, it is
not surprising that all attempts at defining a
single CMP System for a reasonable range of
applications is impossible.

INTEROPERABILITY

There is a world of proprietary application
domains that each have their own governance
structures defined by a set of CMP systems.
An example of a such a set of CMP Systems
is traditional Conditional Access Systems for
broadcasting applications. Interoperability
among such CMP systems creates a structure
where operators and consumers benefit from
new commerce structures.

An early attempts at interoperability of CMP
Systems is the SimulCrypt concept developed
in the European Digital Video Broadcasting
project. SimulCrypt is a mechanism where
multiple business rule sets are linked to the



same broadcast material. Although this works
within a broadcast environment, it does not
facilitate interoperability with other digital
content application domains.

A multiple application domain
interoperability between CMP Systems can
be based on the specifications developed in
the Open Platform Initiative for Multimedia
Access (OPIMA). OPIMA provides tools to
exchange a set of authenticated identifiers,
called OPIMA Credentials, to enable
Protected Content to flow within and
between application domains. When OPIMA
peers have an on-line connection, the OPIMA
Credentials can be exchanged prior to the
delivery of the Protected Content. OPIMA
Credentials and CMP Systems can be
combined with the Protected Content when
the delivery infrastructure does not support
on-line connections (e.g. storage media,
broadcast media). The OPIMA Credentials
contain necessary information that may be
used to enable Protected Content flow
between application domains. For a given
instance of Protected Content that is intended
for consumption in two application domains,
a Broadcast conditional access domain and an
Internet music delivery domain, OPIMA
Credentials from both domains are associated
with the Protected Content.

OPIMA enables generic interoperability
between different applications, devices and
CMP systems belonging to different
compartments. A compartment is a class of
OPIMA enabled devices that share some
common elements in their CMP interfaces
and/or  architectural components. For
example, digital TV broadcasting can be
considered as a compartment, which in turn
contains other compartments defined by
specific CMP system. Content does not
necessarily flow between all compartments,
however, OPIMA provides a schema for

facilitating content flow between

compartments.

The OPIMA architecture is peer-to-peer. The
core OPIMA element is a peer called the
OPIMA Virtual Machine (OVM). OPIMA
provides protocols and infrastructure
components that enable secure (trusted) inter-
operation amongst these elements.

This section describes an in terms of. Figure
2 depicts the functional units of the OPIMA
Peer.

CM|| C CM
L. PS|PS| «+|PS
Application #1 |42 an | CMP

Services

Services

Native OS & Hardware

Figure 2 Diagram of the OPIMA peer
The OPIMA peer contains a group of basic
functional elements that implement the
backbone of trust. This is called the OVM.
The basic functionality of the OVM allows
for application-specific extensions. The
OVM is responsible for establishing
authenticated, secure channels amongst
OPIMA compliant devices. The OPIMA
Application Services API allows services to
communicate with the OVM and the CMP
system installed in the OVM. CMP Systems
can access the OVM functions through the
CMP Services APL

The OPIMA specification alone is not
sufficient to achieve horizontal markets. This
requires further specifications to be defined
in a particular application domain. OPIMA
solves the problem of permitting content to
flow across domain boundaries and thus
solves a major problem in the digital content
environment.



RENEWABILITY

One of the fundamental assumptions for any
CMP System is that eventually someone will
compromise the system. This follows directly
from the observation that it is possible to
copy any system implementation given
sufficient resources (time, money and skills).
If the eventual breach of a CMP System is an
integral part of its design and
implementation, it will handle such situations
more efficiently. In most cases, the CMP
System has some flexible response strategy to
deal with such security breach eventualities.
This strategy allows the renewal of part(s) of
the CMP System with minimal impact to
operations and the consumer. This section
analyses various implementation options for
CMP Systems and describes how these
impact the renewability of the system.

The general structure of a Content
Management and Protection (CMP) System
is assumed to use classic cryptography. Other
techniques such as watermarking possess
similar security threats and implementation
principles. For the sake of simplicity this
analysis only deals with the case of
cryptographic technology CMP Systems. The
key components of such a system are shown
in the following diagram.

Content Content
—_— . . >
Decryption Rendering
Rules ‘a":;
Processor §
Figure 3 Diagram of a CMP System
Before the content can be rendered

(decompressed, D/A converted etc.), the
CMP System needs to remove the protective
encryption layer around the content. This is
based upon some decryption function. The

keys to the decryption process are provided
by the rules processing engine, which
decodes the business rules associated with the
content. These business rules can be enforced
by the rules processing engine as it uses
secrets to decrypt the keys that will unlock
the content. Obviously, these secrets need to
be protected wusing tamper resistance
techniques. The key issue is the
implementation of the CMP System. There
are three main trends:

1. Integrate all three elements onto a single
silicon device.

2. Integrate content decryption and content
rendering onto a single device and use a
separate rules processor.

3. As option 1, but make provision for a
separate rules processor

The arguments in favor of the first
implementation is that this makes it the most
difficult (and expensive) for an attacker to
find the relevant secrets to compromise the
player infrastructure. And even when an
attacker manages to find the secrets, it is not
possible to introduce a breach into the system
without breaking into the integrated device at
the chip level. Oddly, the complexity of
distribution of a breach introduces a
weakness in this implementation. As soon as
the secret has been obtained, it becomes
necessary to build a modified player that
bypasses all security features to distribute the
security breach As technology progresses at
such high speed, such solutions become
increasingly feasible over time. It is thus
inevitable that such devices will become
available. The pricing of illegal devices can
be low as no licenses are paid. The main
attraction is that these illegal devices play
legitimate content. Thus, the CMP system
implementation forces the security breach to
be distributed using a alternate (illegal)
device infrastructure. As these new devices



are outside the scope of the legitimate content
distributors, only legal counter measures are
possible. Note that counter measures such as
software downloads and revocation don’t
work when the security system is completely
known. Market dynamics at some point will
cause the illegal players to grow very rapidly,
encouraging manufacturers to also cut
corners where security measures are
concerned. Over time, the complete device
infrastructure is lost to legitimate content
distributors. Note that this process accelerates
where software receivers are possible.

The second CMP system implementation
method offers a slightly lower cost to the
attacker as only the replaceable rules
processor needs to be reverse broken into.
And even worse, the implementation
provides an easy way for a security breach to
be distributed to the legitimate player
infrastructure. It would seem that this is a
worse situation than the first implementation.
Again, appearances deceive. The distributor
of legitimate content now can upgrade the
rules processor, driving out the security
breached version as this cannot process new
content. This will quickly reduce the level of
illegal rules processors. The attackers then
are forced to break the legitimate rules
processor and the cycle repeats itself.
Obviously, there is a cost involved in the
replacement of rules processors. The
important effect of this implementation is
that the infrastructure of players always
remains legitimate. Only the rules processor
can become illegal from time to time, but
also can be recovered as a legal content
player. This way the security breaches can be
contained and controlled without losing the
entire device infrastructure.

The third implementation form is a
combination of the first two. It pairs a slightly
higher burden for the first attack and still

allows the infrastructure to recover from a
security breach, if implemented through the
rules processor interface. If the security
breach is distributed through the method
described in the first implementation method,
the recovery through a rules processor
upgrade no longer is possible. This depends
upon the discovery of existence of this
interface by the attackers.

CONCLUSION

This article describes the challenges placed
on CMP Systems in the converging world of
digital content and networks. It describes the
environment were perfect copies are just one
mouse click or a remote control button push
away. Supporting the consumer reasonable
demand for novel uses of the new network
and content possibilities, places strong
demands on CMP Systems. They now also
need to consider how they can work with
competing systems in other application
domains. They need to consider how they can
deal with security infringements. CMP
Systems also need to be flexible to support
new business options and new commerce
structures. The article describes these
problems and shows some recent advances in
the CMP Systems that address these
important issues for a bright digital content
future.
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Bandwidth Monitoring Parameters for Capacity Management

Dennis Cleary
High Speed Access Corp.

ABSTRACT

Operators need to effectively
plan and manage capacity when
designing and building a broadband
network. These networks need to be
capable of handling services available
today. They must have the flexibility to
grow and meet future demands. The
success rate of a cable operator’s system,
from a service and an economic stand
point can be directly effected by circuit
capacity management. An excess of
bandwidth can be economically
inefficient when on the other hand, not
enough bandwidth will cause delays
resulting in possible lost revenue. We
will discuss bandwidth monitoring
parameters to assist the cable operator
with a general understanding of
Bandwidth issues for their systems. The
basic parameters follow the 70/30 rule.
The following is the equivalent of a brief
white paper with some of the issues that
impact the 70/30 rule.

DEFINITIONS

The 70/30 Rule: This means that
at 70% and above, contention occurs,
and multiple users are vying for access.
This 70 % and higher would generally
be considered peak periods. When peak
utilization spikes routinely exceed 70%,
additional bandwidth is required to avoid
contention-based delays. Conversely,
when capacity is in excess of 30% for
average utilization (that is, during
normal use, and continuous utilization

runs 30% or more), bandwidth allocation
needs reviewing.

Additional bandwidth is required
to avoid contention-based delays, where
average utilization exceeds 30%, and
peak utilization hits 70% or more,
consistently. The degree of accuracy
with respect to these capacity
percentages is directly related to the
timeframe of the monitor (i.e., it is more
accurate to monitor every 15 seconds
than to monitor every hour). The
monitor process, itself, uses the network.
Thus, it is important to consider this
when establishing these monitoring
timeframes. The more frequent the
monitor, the more the network is
utilized.

Capacity: For the purposes of
this discussion the definition of
“capacity” is the information carrying
ability of a telecommunications circuit.

Bandwidth: Bandwidth, in a
broad sense is directly proportional to
the amount of data transmitted or
received, per unit of time. Ina
qualitative sense, bandwidth is
proportional to the complexity of the
data for a given level of performance.
Obviously, it requires more bandwidth to
download a graph or picture than to
download a page of text in the same unit
of time. Computer programs, audio
files, and animated videos require the
use of more bandwidth in the same unit



of time. The consumer is still pushing
hard for the delivery, of streaming
media, today. Oh, by the way, let’s not
forget gaming with its utilization
requirements.

All this looks good on paper, but
how do we apply these theories, manage
them, and survive the high cost of
bandwidth today? A good place to start,
is the 70/30 rule, combined with many
other elements that make up the capacity
management formula. We will touch on
other supporting tools such as:

Capacity Management Tools
Caching Technologies
Capacity Planning Model
Circuit Monitoring Software
Organization Issues

With respect to bandwidth, it is
important to understand that the
traditional mode of operation for many
companies has been less than
“managerial”. Basically, when
contingency occurred, a circuit was
ordered. This put the fire out, but did it
solve the problem? More often than not,
this solution did nothing more than
create more billing, and an over
abundance of circuits.

The idea with this discussion is
to increase management’s awareness in
order to utilize bandwidth in a network
more efficiently and economically. By
doing so, companies will order circuits
less often and more effectively utilize
the existing bandwidth for a longer
period of time Done correctly, this will
result in improved customer service and
additional savings.

The point is, the cost of circuits
may make or break the core business

plan and may, quite possibly, exceed any
other company expense.

CAPACITY MANAGEMENT TOOLS

Some of the software tools
available today that will enhance
capacity management capabilities
include (but are not be limited to)
products such as:

Transcend
Optivity
Centillion
Spectrum
Cascade View
Cisco Works
HP Open View
Net View
NetManager

And let’s not exclude the ability
today for companies to completely
outsource their network monitoring and
bandwidth management needs to
companies owning very sophisticated
Network Operations Centers (“NOCs”).

A recent article in the Telephony
Magazine' states “About 95% of the
U.S. population has cable TV, proving
that providers have built confidence and
found a place in the homes of
consumers”.

For successful capacity
management, a close relationship must
be in place with the Marketing
Department. One marketing campaign
could easily affect the network. When
sales increase at a particular location, in
a short period of time, the network can
be drastically affected. Tight
coordination with Marketing allows the
Capacity Management Department to
ensure that there will be enough



bandwidth to accommodate the projected
customer acquisition rates.

With that in mind, demographics
should certainly be one element to
consider in a capacity management
formula. Other elements to consider
include:

Is the system a 2 Way System or
a 1 Way Cable Modem System?

Does the system support Dial-Up
customers?

What are the total subscriber
counts, both for the commercial
and residential markets.

How many homes passed?

What marketing campaigns are
on the horizon.

A review of the sales forecasts.

Planning for the long time lines
for installation of the LEC and
back bone provider circuits (i.e.,
DS-1s or DS-3s).

Is varied bandwidth being
offered (ranging from 128 kbps
to 512kbps).

Is VSAT an option in suburban
areas?

The cable operator might
consider several philosophies and
theories, when applying capacity
forecast tools. Some individuals view
the process as a science and others view
this process as an art. In either case [ am
not convinced that a complicated and

detailed formula for bandwidth capacity
is the answer.

Generally speaking, historical
records of bandwidth utilization also
deserve some study. This research could
produce ratios of circuits vs. subscribers.
Certainly not fool proof, ratios are
commonly used to help keep networks in
check.

For example, history might show
that in a dial-up network, a ratio of 3:1
would exist, providing services to 72
customers per DS-1 on the local side. On
the back bone side, the ratio might be
200:1 or 300:1, which would support
200 or 300 customers per DS-1.

CACHING TECHNOLOGIES

Should local caching be
considered as a bandwidth capacity
management tool. As mentioned earlier,
streaming media files are very large and
bandwidth intensive. The distance
between the provider and the customer is
usually substantial. As more users
request streaming content, it requires
additional bandwidth. Multiple users
viewing the same program, in the same
system without caching will consume
the bandwidth required on an individual
basis. For instance, if twenty different
users in the same system want to view
the same movie, then multiply the
bandwidth required by twenty.

By using caching technologies
the Cable Operator can provide high
quality streaming video, and increase
revenue, without wasting bandwidth.
The bandwidth saving will not only
effect the customers viewing the
streaming video but deliver a higher



quality service to other subscribers on
line.

Streaming video is only one
example and one should consider the
effects of caching for their entire system.
We estimate an across the board 20 to 30
percent savings in bandwidth utilization
with caching technologies.

Bandwidth management is,
without a doubt, a very important issue
with Cable Operators delivering Internet
services. The Futurist Magazine
estimates that “more than 70 percent of
U.S. adults will have Internet access by
the fall of this year.”2
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CAPACITY PLANNING MODEL

We, at High Speed Access
Corporation, are continuously evaluating
all processes and procedures involved in
capacity management, from the onset of
receiving an Authorization To Proceed
(ATP), to the Site Survey through the
Alpha test, into the Beta test, and finally
to the ongoing monitoring of a site (once
in full service).

Today, when our Sr. Project
Managers receives the Authorization to
Proceed (ATP) from a system, a very
detailed Site Survey is completed.

Based on our capacity planning
model, circuits are ordered. The formula
for the circuits is written into the
capacity planning model. In a cable
modem application, the policy has been
to apply a suitable ratio dictated by the
capacity planning model. In a system
where dial-up is also present, a different
ratio might be used than in a system
where 2-way is the only service.
Although the model for a 2-way system
shows that in the month that the headend
is installed, we are at a 1% of homes
passed. And each month thereafter, we
increase the penetration by .5, we
actually order whatever the model calls
for in the first month that the headend is
scheduled for installation and, then, in
three months, we schedule for the
remainder of what the model calls for
(by the fourth month). For example: if
the model calls for 1 DS-1 to be installed
in January for the headend installation,
we order one DS-1 at installation. Then,
the model shows an additional DS-1
each month (Feb, Mar, and Apr) for a
total of 4 DS-1s by the April date for
revenue launch.

In this scenario, We would
typically order 2 of the DS-1s for
installation in January and an additional
2 DS-1s to be installed March 31, for the
April total of 4, which the model calls
for.
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This practice seems to vary,
depending on the number of prospects in
the Operator's prospect database. If
Project Managers see that there are 2000
potential customers ready to sign-up;
they would escalate that order to
accommodate for a more robust market.
If there were only 200 potential
customers, they would not order as many
DS-1s as with the first example.

BROADBAND ACCESS SERVICES

According to Broadband Access
Services, data traffic has been doubling
approximately every 100 days, or at an
average rate of 1000% for the last three
years. With this kind of growth,
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monitoring your network is an absolute.
The future of broadband access services
depends on the ability to manage the
distribution of bandwidth, dynamically.
Without Bandwidth monitoring, heavy
users can monopolize bandwidth at the
expense of other users, resulting with
dissatisfied customers. Here again,
monitoring your network is essential.
Bandwidth management is important for
another reason, as well. Security.
Unusual traffic patterns could easily
point to a suspect and the problem
stopped before damage is caused. An
example of this, are people who spam
using your network, or set up a DNS
server—selling their own services—with
your [P address.



One of the most important
aspects to achieve is to educate your
personnel. They need to know how to
analyze bandwidth needs before ordering
circuits. In many cases, the individuals
who ordered circuits were simply
placing the orders with little or no
analysis or thought. This is the first
change towards bandwidth management.

CIRCUIT MONITORING SOFTWARE

Generally speaking, circuit
monitoring software may offer a built-in
feature for notification. This type of
feature can notify specified individuals
when circuit capacities exceed pre-
determined thresholds. The active
circuit inventory monitored by the
circuit monitoring software is usually
loaded manually. Periodically, an audit
of the circuit inventory is necessary to
ensure accuracy. It’s important to have
circuit monitoring software that has the
ability to access each site, and
accomplish an automatic inventory of
circuits and equipment. This will
accommodate for changes in the field, as
time goes on.

Our circuit monitoring software
currently executes every 5 minutes. The
results are stored and accumulated in
several time frames for historical value,
per site. These time intervals are
adjustable. The information is blocked.
First, for every 5 minutes then every 4
hours, 6 times per day, weekly, monthly
and yearly.

These time intervals are set based
on our preference. Your preferences
may differ. It is important to note, that
while monitoring is taking place, you are
utilizing your network.

When new locations are added to
the system, your procedures should
reflect the addition of that location to
your monitoring software.

ORGANIZATIONAL ISSUES

A pro-active effort must be taken
at all levels within the company. This
means from the President, at corporate
level, to field personnel. Extremely
close attention to the billing by the CFO,
with a clear focus on circuit costs,
generating questions and commanding
answers from subordinates, can begin
the process. In addition, more than one
department may take part.

For instance, if several
departments have access to the capacity
management tools and are reviewing this
data, this will create an effective check
and balance process.

This awareness and focus on
capacity management will, no doubt,
improve the customer experience and
allow you to utilize your networks in a
more economically sound manner.

Accurate database accounting for
each and every circuit—both carrier, and
LEC providers—that indicates every
cost per circuit, will help heighten
awareness within the organization.

It is important to mention here
that, personally, I am unimpressed with
the accuracy of the billing from the
circuit providers. A word of caution that
an internal checks and balance process
be implemented to confirm pricing, prior
to payment. It’s amazing that so many
companies today pay the bill they
receive without the means to verify bill.



I would go as far as to say that an
internal billing audit might be
appropriate. (Many third-party
companies will audit these bills on a
contingency basis. (Often times, with no
cash outlay from your organization).

CONCLUSION

Throwing money at a problem such as
capacity issues, without proper
management, prior to the purchase of
any circuits is not a recommended
practice.

Under utilized networks are equally as
important as over utilized networks.
Good bandwidth management will adjust
for both seniors.

The future will bring high-speed data,
voice and video to our homes and
offices. Cable Operators are in an
advantageous situation. With even more
exciting opportunities on the horizon.

An aggressive approach to provide the
services and technologies the consumer
wants through high speed access is the
key to success.

! Telephony Magazine, February 21, 2000
Solution For Success: author Chrissy Moch

? What’s Hot for the 21% Century, February 25,
2000: author Barbara Reinhold




Beyond Moore’s Law

Oleh Sniezko and Xiaolin Lu
AT&T Broadband

Abstract

The computer industry has been proudly
riding on the exponential curve based on
Moore’s law for decades. What Moore did not

expect, and perhaps nobody has ever dreamt of,

is that the photonic technology, especially its
application in cable industry, has similar if not
more profound impacts on the communication
infrastructure and service delivery mechanism.

Since the advent of linear laser that
introduced the optical transport technology into
coaxial networks, the cable industry has

embarked on extensive network upgrades that

continually push fiber deeper into the network
to evolve the infrastructure from a broadcast-
based trunk-and-branch plant to a two-way
broadband network with superior quality and
reliability to deliver advanced

telecommunication and entertainment services.

This paper will discuss the evolution of
cable infrastructure from the point of view of a
Photonic Moore’s Law that is based on the
continuous technology innovation in lightwave,
RF, and digital processing. We will describe the
new exponential curve that represents this
evolution, starting from conventional Fiber-to-
the-Serving-Area with fiber node segmentation,
through DWDM-based Secondary Ring
architecture, to the Lightwif¥ network with
fully-passive coax plant, and to the CoralLitht
architecture based on digital and distributed
processing platform with DWDM deployment to
the last thousands feet.

PHOTONIC RULES

The innovation and implementation of
photonic technology have been accelerating at

much higher speed than what Moore projected
for computer industry. This has been shown in
at least three aress.

Firstly, many barriers in lightwave
transmission and applications have been broken.
The transmission speed and switching capacity
has been increasing exponentially over the past
10 years (Figure 1) and reached more than
terra-bits per second. 10Gbps system moved
from laboratory fantasy to commercial products
in 6 years, while the incoming 40Gbps system
may only take half of that time.
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Figurel. Singlefiber capacity

Not only the speed, but also the
applications of photonic technology continually
broaden their horizon. The advent of linear laser
introduced the optical transport technology into
cable industry’'s coaxial networks, which
enables tremendous opportunities for emerging
service delivery that otherwise would be
difficult over conventional twist pair based



telephony networks or purely coxia RF
networks.

Secondly, with aggressive deployment
of lightwave technology, especially in access
networks, the price of photonic components and
systems has declined at a speed of 1.5 times of
that in electronics and DSP (Figure 2). This
further motivates deeper fiber penetration and
photonic technology deployment on even larger
scale (Figure 3).
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Figure 2. Price decrease of photonic devices
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Figure 3. Top CLEC's fiber deployment

Lastly and most importantly, the
photonic technology has stuck its head out of
pure physical transport and moved to higher
layer operation. Many network features and
functions that were previousy carried by
electronic and DSP are now better performed by
photonic components and systems. Examples

include cross connect, switching, fault
protection etc. This allows much more efficient
and simpler operation and prevents software and
DSP exploson due to the complexity of
electronic processing.

All  these changes enable new
architecture alternatives and different ways of
operating the networks with profound impacts
on our business.

NETWORK EVOLUTION

Historically, cable networks were
established for video broadcasting services.
Ever since the advent of linear lasers, the cable
industry has been embarking an extensive fiber
deployment in the networks (HFC: Hybrid
Fiber/Coax) to evolve the infrastructure from a
one-way trunk-and-branch plant to a broadband
two-way network with superior quality and
reliability.

The total bandwidth in a HFC network
has expanded exponentially over the past 35
years, enabled by the deployment of fiber optics
and technology innovation in RF devices
(Figure 4). Most recently, emerging interactive
services, always-on applications, and therefore
substantially increased network usage increase
demand for further bandwidth expansion,
especially bases on bandwidth per household
passed.

Further, new services, increased
customer expectation, and competition motivate
network evolution for simple and efficient
operation, and continual cost reduction. All
these lead to tremendous technology innovation
in bringing atraditional broadcast cable network
to a broadband two-way infrastructure and
further to an end-to-end digital platform with
wide implementation of the advances in
lightwave and digital technologies.



Coaxial System Bandwidth Expansion

1000
T 800 ad
E, /
£ 600
2 400 /
c
S 200
0

1960 1965 1970 1975 1980 1985 1990 1995 2000

Years

Figure 4: Coaxial Cable System Bandwidth Expansion

DWDM Ring and FN Segmentation

The purpose of fiber node (FN)
segmentation is to increase the bandwidth per
household passed (HHP) without incurring the
cost of relocating fiber nodes and installing new
fibers (Figure 5). By dividing the original 1,200
HHP coax bus into four 300 HHP buses,
quadrupling of capacity per HHP is realized.
Usng DWDM technology, end-to-end
transparency can be achieved with DWDM
Secondary Ring architecture with dedicated
wavelength to newly created buses.
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Figure5. Fiber Node segmentation

Figure6. DWDM based secondary ring ar chitecture

Secondary hub concept was introduced
as a way of providing route diversity and
lowering fiber counts in a single fiber cable
route. Since then, secondary hubs have evolved
into facilities for signal concentration and
distribution, therefore supporting headend
consolidation for advanced services (Figure 6).
Without this, operating emerging two-way
services (telephony, data, etc.) becomes
expensive due to the high fiber counts for
optical cables connecting primary hub to each
fiber node, or the operation cost of allocating
HDT and CMTS at each remote headend.
Figure 7 shows the secondary hub architecture
usng DWDM technology. Combined with
DWDM  FN  segmentation, end-to-end
transparency is achieved.

Primary Hub Secondary Hub

Fiber Node

Figure7. DWDM trunk



Fiber - To - What?

The Photonic Moore’'s Law enables
deeper fiber penetration and deployment of
advanced photonic technology in the network.
The objectives are to:

1. Establish a future-proof network

2. Simplify operation and reduce operating
cost

3. Significantly improve network reliability.

All  these considerations lead to
industry’s continuous efforts in defining and re-
defining architectural solutions for HFC
networks to capture the ever-changing
landscape of service demand and affordability
(cost/benefit ratio) of new technological
solutions.

Lightwire™

The ultimate evolution of the FN based
upgrades leads thightWire™ architecture. In
this architecture, mini fiber nodes (MmFNS)
eliminate all the coax amplifie(gigure 8), and
carry both current and new services over passive
coax plant.

Fibers connecting multiple mFNs are
terminated at the MuxNode that resides either at
the original fiber node location or at a location
that “consolidates” multiple FNs. As its name
implies, the MuxNode performs certain
concentration and distribution functions. It
“multiplexes” the upstream signals and sends
them to the primary hub through the secondary
hubs. It also “demultiplexes” the downstream
signals received from the PH-SH fiber trunks
and distributes them to mFNs.
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Figure8. Lightwire™

One of the interesting features of this
architecture is that it maintains the
characteristics of conventional HFC networks of
being transparent to different signal formats and
protocols, therefore fully supporting the existing
operation for current services.

CoraLight™

One challenge the industry is facing is to
provide flexibility for future expansion and
growth provisioning while minimizing the
incremental cost and service interruption. To
resolve this issue, we proposed a so-called
CoraLight™ architecturgFigure 9). Based on
their geographic locations, mFNs are daisy-
chained together with three fibers: one fiber
carrying downstream broadcast signals, one
carrying the remaining downstream narrowcast
signals, and one fiber carrying upstream signals.
This therefore implements an optical bus
(physical) while the previousLightWire™
architecture is a physical star. The advantages
are the reduced fiber handling and the cost
associated with it, and the flexibility for future
expansion and growth (the optical bus can be
further expanded to cover more areas). Our
preliminary study indicated that, especially in
green field situation, the cost 6braLight™ is
of parity with that of a traditional HFC network.
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Based on the physical bus, logical star or
bus operation can be implemented. Using
upstream transmission as an example, each
mFN could perform repesating function to realize
a bus operation (Figure 10). On the other hand,
utilizing WDM technology, a logical star can be
implemented with the upstream traffic from
eech mFN being caried by different
wavelengths.
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new service opportunities. On the other hand,
with fiber penetrating deeper into HFC
networks, the proliferation of RF technology,
together with the power of DSP, motivates
distributing certain control functions into the
networks to simplify operation and improve
network scalability. Terminating RF subcarrier
link at the fiber/metallic transition point
therefore makes more sense, if not just from
cost reduction point of view.

In addition to digitizing the upstream RF
bands, the unique position of each mFN enables
a considerable simplification in defining media
access control (MAC) protocols. Each mFN can
do local policing, and resolve upstream
contention within its serving area without
involving other parts of the networks. The
typical headend equipment can therefore be
distributed into the network. For example, the
RF interface (modulator and demodulator) and
MAC functions can be placed at mFNs and the
multiplexing/demultiplexing functions can be
placed at the secondary hub. By doing this, the
current RF optical transmitters and receivers can
be replaced by digital ones, and passive optical
network (PON) technology, such as spectrum
dicing technique with high power LED and
DWDM add/drop at each mFN, can be utilized.
This further simplifies the transport network,
reduces its cost, improves service performance,
and enhances network flexibility and scalability.

More On Photonic Rules

The amount of fiber in HFC network has
been increasing continuously over the past 12
years from 5% in fiber backbone architecture to
30% in the LightWire™ architecture. Different

from Moore’'s prediction, the photonic
technology not only contributes to the speed of
the transmission, but also adds more features
and values to the communication network.
DWDM technology, together with the power of
DSP and RF technology, provides us with more

The linear lightwave technology enabled
the implementation of RF subcarrier link over
the hybrid fiber/coax infrastructure. This end-to-
end format transparent link provides us with
many different service delivery mechanisms and



flexibility in network operation and service
provisioning. It is our belief that this trend will
continue (Figure 11), and it is certainly to our
benefit to take advantage of these opportunities.
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Figure11. DWDM deployment: HHP per wavelength
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Bringing Home the Bandwidth: Optimal HFC Access Architectures for New Builds

Chris Bonang
Harmonic, Inc.

Abstract

As consumer demand for services
such as high-speed internet access,
multiple voice lines, and video on
demand continues to grow, HFC
networks are increasingly being
recognized worldwide as the only single,
proven, residential access network that
can deliver the enormous bandwidth
necessary to supply these services. Any
network built today must be ‘‘future-
proof”, capable of scaling to whatever
amount of bandwidth that will be
necessary to support any future services
and applications that may appear in the
next 10-15 years. Even in existing HFC
systems with extensive legacy equipment,
it is possible to apply solutions
developed for new builds when planning
system upgrades.

In this paper, optimal HFC designs
for such “greenfield” builds are
reviewed. The expected growth in
bandwidth demand from cable
subscribers over the next several years is
first reviewed. Deep fiber optical node
segmentation schemes which will allow
highly scalable bandwidth delivery, and
at the same time minimize or eliminate
RF actives from the coax plant are then
discussed. It is then shown how DWDM
can provide significant cost savings and
deployment convenience by reducing
costly hub real estate and minimizing or
eliminating expensive SONET
transmission systems. Cost-effective
implementation of a combination of
digital transmission and DWDM in the

return path of such deep fiber
architectures is examined. Finally, the
discussion of digital return is extended
to include the possibility of
demodulation, and even reduced CMTS
functionality, in the node.

BANDWDITH DEMAND

Over the past few years, the
exploding popularity of the internet has
revealed a bottleneck in the local access
network. Uptake of internet services has
been delayed by the frustratingly slow
speed of 14 kbps dial-up modems.
Recently, new technologies such as
cable modems and xDSL have improved
peak available downstream residential
bandwidth to a bearable 500 kbps.
Although the associated customer
premises equipment (CPE) is capable of
much higher bandwidths, the shared
access networks themselves typically do
not yet support them. Network operators
in the process of deploying new systems
do not want to face any such service
bandwidth limitations, and so are
typically choosing hybrid fiber-coax
(HFC) architectures, due to their
unparalleled bandwidth delivering
capabilities — 800 MHz or 5 Gbps per
laser transmitter. The key to making this
enormous bandwidth available to
subscribers is dedicating narrowcasting
services to transmitters and optical nodes
serving small service areas in a scalable
fashion. Before discussing the details of
this process, it is first reasonable to
characterize the services whose demand
is giving incentive to cable operators to



build new HFC networks or upgrade
their existing ones.

Peak data rates for current typical
internet usage is more than sufficient at
1 Mbps. The increasing popularity of
applications like streaming video
probably add another 1 Mbps to the
potential bandwidth demand. The
expanding prevalence of digital cameras,
both for still pictures and video, will
increase both up- and downstream
bandwidth demand, as individuals
exchange such material over the internet.
This bandwidth forecast is probably
conservative, since internet backbone
traffic is forecasted to increase by x10
per year, and this increase must also then
be reflected in the access network. In
addition, the improving economics of
video-on-demand (VOD) delivery
systems will likely soon result in 1 or 2
movies per household at 4 Mbps per
movie commonly being purchased.
Based on this analysis, the peak rate to a
single subscriber could be as much as 10
Mbps in the next 1-2 years. The services
mentioned above are particularly
downstream intensive, so a traffice
asymmetry of 10:1 downstream to
upstream is assumed. Peak upstream
bandwidth might be on the order of 1
Mbps in this case. New services such as
video conferencing, interactive gaming,
and future services that have yet to be
conceived must also be taken into
account. Consumers will likely use as
much bandwidth as is made available to
them. Therefore, network operators
must choose architectures that will scale
to support this almost unlimited
bandwidth demand.

NODE SEGMENTATION

The number of subscribers served by
an optical node for a typical HFC system
has steadily decreased over the last
decade. Formerly, 1000-2000 home
nodes were the norm, but today new
builds and upgrades are more likely to
be in the 100-500 homes per node range.
Pushing fiber deeper into the network
results in improved bandwidth,
performance and reliability, particularly
due to the reduction RF actives from the
coax plant. Completely eliminating RF
amplifiers from the system is an
excellent goal, since the system would
have a 33-50% less active components
resulting in greater reliability and
reduced power consumption (~40%).
Completely passive coax networks are
possible for cases of very high
subscriber density — multiple dwelling
units (MDU’s) with +200 subscribers
per mile. However, for more typical
densities of 100 subs/mile, it is
necessary to segment down to
approximately 35 homes per optical
node in order to create a completely
passive coax network. This assumes a
four output node with 51-53 dBmV
outputs. Unfortunately, for most cable
plant, it is difficult or impossible to
effectively use all four outputs from the
node, and there is not a tremendous cost
difference between nodes utilizing 2, 3
or 4 ports. Although it is generally
better to push fiber as deep as possible,
35 homes per node is probably not a
cost-effective alternative at this time. A
practical trade-off is to employ a four-
output node passing 100 subscribers and
add one line extender to each node
output. This provides plenty of RF level
at the home, and potentially anywhere
from 20 to 50 Mbps of dedicated
downstream bandwidth. With only a



single line extender in each path, high
performance based primarily on the
optical link(s) is easily obtained, and
higher order modulation formats like
256-QAM and even 1024-QAM can be
supported.

DEEP FIBER ARCHITECTURES

Traditional Double-hop HFC
Architecture

A traditional HFC architecture is
shown in Figure 1. Broadcast analog
video is transmitted by an externally
modulated 1550 nm transmitter from the
head end to the hub. A redundant
transmitter and path are included for
signal protection. Narrowcasting
services (data, voice, and possibly digital
video) are typically transmitted via a
SONET link, although other options
include ATM, IP or proprietary
baseband digital transport are also
available. At the hub, the digital
narrowcast signals are processed for
transmission over the HFC network by
the appropriate interface unit. A cable
modem termination system (CMTS)
converts the downstream data signal to
QAM, and QPSK demodulates the
upstream signal, as well as supplying
media access control. It is assumed that
any CMTS/Cable modems deployed in
the future will be based on the DOCSIS
standard. The host digital terminal
(HDT) performs the same tasks for cable
telephony. Video servers are shown at
the head end, but could also be located
in the hub to provide digital video and
VOD service. After processing and
QAM modulation, the 550-860 MHz
narrowcast signals are combined with
the 50-550 MHz broadcast analog signal
and fed to 1310 nm transmitters, which
in turn feed multiple or individual

optical nodes. Each optical node could
serve anywhere from 100-1000
subscribers; for the deep fiber
architecture, we will assume 100
subs/node. Since each hub serves on the
order of 50,000 subs, the hubs must be
relatively large buildings in order to
house all of the equipment and fiber
connections. The cost of the building
and real estate in metropolitan areas can
be as much as $2M, assuming that a
suitable site can be located.

Several drawbacks exist for operators
deploying traditional double-hop
architectures in order to serve today’s
bandwidth-hungry subscribers. Aside
from the difficulty and expense of
locating and building a large hub site,
there are the functional problems of
redundancy and sheer numbers of fibers
necessary to feed ~500 nodes from each
hub. For services such as telephony,
most operators require both equipment
and fiber path redundancy down to at
least the 500-1000 home level. This is
difficult to achieve in the double-hop
architecture unless there are redundant
receivers in each node fed by redundant
fiber rings and transmitters. This
arrangement provides redundancy down
to the 100 home level, which might be
considered overkill, and is definitely
expensive. A star architecture from the
hub to the nodes would mitigate the
redundancy problem, but would be
prohibitively expensive in terms of fiber
cable, since there would be a unique
fiber cable to each node.

An additional disadvantage of the
double-hop architecture is the high cost
of SONET or proprietary digital
transport as bandwidth demand increases
beyond 1 Mbps per home. For a hub
serving 50,000 subscribers, providing



both the head end and the hub, a great
expense in both equipment and space.

just 2 Mbps to each requires 100 Gbps
from the head end to the hub. This

Also, much of the SONET bandwidth is
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wasted, due to the 10:1 asymmetry of the
downstream and upstream traffic.

DWDM Deep Fiber Architecture

A Dense Wavelength Division
Multiplexing (DWDM) deep fiber
architecture is shown in Figure 2. As
before, the broadcast analog video is
redundantly transmitted via an externally
modulated 1550 nm transmitter from the
head end to a hub. At the hub, the
broadcast signal is amplified and split to
feed optically scaleable nodes (OSN’s).
The signal at the OSN, which may be
either strand- or cabinet-mounted, is
further split to feed 100 home mini-
nodes. The narrowcast signals are
transmitted via directly modulated
DWDM transmitters, whose
wavelengths correspond to those of the
ITU grid. The wavelengths are
multiplexed together at the head end,
optically amplified by an erbium doped
fiber amplifier (EDFA), pass through the
hub site, and are demultiplexed at the
OSN. In this ultimate configuration,
each wavelength serves a single mini-
node, providing 300 MHz of
narrowcasting QAM channels (~2 Gbps
or 20 Mbps per subscriber). However,
the system can be scaled such that
initially each wavelength is shared
amongst eight mini-nodes. A simple
optical splitter is deployed in the OSN
instead of a DWDM demultiplexer. As
bandwidth demand increases, additional
DWDM transmitters are added at the
head end, and DWDM demultiplexers
replace the optical splitters in the OSN.

In the configuration shown in Figure
2, each OSN serves eight mini-nodes.
That limitation presently exists primarily
due to the temperature-dependence of
DWDM demultiplexers. Wavelength

spacing of 200 GHz is necessary for the
extreme temperature conditions of a
strand-mounted environment. However,
next-generation temperature-hardened
DWDM couplers will soon be available
which allow 100 GHz spacing, and
therefore 16 wavelengths can be
transmitted to each OSN. Each OSN can
then serve 16 mini-nodes, making the
system somewhat more cost-effective.

The broadcast and demultiplexed
narrowcast signals are combined at the
OSN and transmitted over the same fiber
to a single receiver in the mini-node.
The signals may be combined via a
simple 2x1 optical coupler, or by a 2x1
DWDM multiplexer, depending on the
available loss budget. If a DWDM mux
is necessary due to link budget
considerations, then another option is to
leave the broadcast and narrowcast
signals separate, and transmit them over
individual fibers to separate receivers in
the mini-node. The cost of a 2x1
DWDM mux and 10 km of fiber is
greater than the cost of an additional
receiver. In addition, avoiding the 2x1
combiner more easily enables the
equipment associated with a 1x16 split
to be packed into the OSN, as opposed
to only serving 8 mini-nodes from each
OSN. An additional advantage of this
approach is that it eliminates potential
problems associated with the CSO and
CTB from the narrowcast signals
interfering with the broadcast signal
when using a single receiver.

Due to the fact that the forward path
signals are passively transmitted through
the hub, it is easy to replace the large
hub site with a small, inexpensive
cabinet or vault. Such cabinets are much
easier for which to find locations and
only cost on the order of $20K. In
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Figure 2, the 50,000 subs formerly
served by a single large hub are served
by four cabinets. Placing all of the
equipment at the head end has the
additional advantages of lowering
operational costs and permitting less
total equipment to be deployed in the
initial stages. In the traditional
architecture, it is necessary to locate at
least one CMTS, HDT and possibly a
video server at each hub, regardless of
how limited the demand. With the
CMTS and HDT pulled back to the head
end, this equipment can be shared
amongst multiple cabinets/hubs when
demand is very low.

The DWDM deep fiber system shown
in Figure 2 does not require expensive
SONET or other digital transport
systems. As shown in Figure 3, when
combined with the use of cabinets rather
than expensive Hubs, this results in a

very large savings as narrowcast
bandwidth demand to the home
increases into the several Mbps range.
The traditional architecture cost
increases rapidly with increasing
bandwidth demand, but the DWDM
architecture only requires additional, and
relatively inexpensive, DWDM
transmitters. Similar to SONET, the
DWDM architecture also provides path
and equipment protection via redundant
optical amplifiers and optical switches.
However, for certain high-priority
services, such as telephony, many
operators are more comfortable with the
extensive protection and monitoring
capabilities of SONET. For these
operators, a hybrid approach is possible.
The low bandwidth, high-priority
services like telephony can be
transmitted to the hub/cabinet via
SONET, while the high bandwidth, non-



lifeline services such as VOD can be
transmitted via DWDM.

Return Path

Traditionally, multiple return paths
are simply combined such that the
upstream signal from thousands of
subscribers is fed to a single CMTS or
HDT. This results in very high noise
levels, and limits the number of
subscribers who can access the service.
As service penetration increases,
operators must be able to segment the
upstream to serve much smaller numbers
of subscribers. Several methods exist
for segmenting the return path, thus
providing dedicated upstream bandwidth
to customers. Figure 4 illustrates the
pure DWDM option, which is basically
the mirror image of the DWDM
downstream. ITU return path
transmitters in the mini-node transmit
back to the OSN, where the signal is
DWDM muxed with the signals from the
other mini-nodes served by the OSN.
Since the signals are 5-40 MHz analog,
it is necessary to amplify with an EDFA
before transmitting back to the head end
in order to maintain acceptable
performance. At the head end, the
signals are demultiplexed and fed to
individual return path receivers. The
DWDM upstream option provides
excellent segmentation. But it is not
scalable, since the required ITU lasers in
every mini-node, and the cabinet
EDFA’s, combine to make the initial
system deployment relatively expensive.
The system does provide excellent return
path bandwidth of up to approximately
100 Mbps, assuming 16-QAM
modulation. This corresponds to 1 Mbps
peak rate per subscriber, which may be
more than necessary in the early stages
of deployment.

A more scalable and less expensive
return path option is to combine digital
transmission with DWDM. As shown in
Figure 5, the 5-40 MHz upstream signal
is transmitted by a 1310 nm laser from
the mini-node to the OSN. The laser
could be either a relatively low-
inexpensive uncooled distributed
feedback (DFB) laser or a very low-cost
Fabry-Perot (FP) laser. The choice
between the two depends on how much
combining the operator plans to do. FP
lasers are more noisy, particularly when
no signal is driving them. DFB lasers
therefore may be necessary when
combining many return path segments,
and when high priority services like
telephony are offered.

At the OSN, the signal is received
and combined with three other upstream
signals. The combined 5-40 MHz
signals are then digitized by a 10 bit
sampling A/D converter. This results in
a baseband digital signal of
approximately 1 Gbps. This signal is
then time division multiplexed (TDM)
with the digitized signal from four other
combined receivers and transmitted back
to the cabinet via a 2.5Gbps ITU
transmitter. At the cabinet, the signals
are DWDM muxed with other return
path wavelengths and transmitted to the
head end. Because the signals are in
digital format, an EDFA is not
necessary. At the head end, the signals
are demuxed, converted back to analog
format, and fed to the appropriate
CMTS, HDT or VOD controller. This
system uses fewer ITU lasers than the
pure DWDM return option, and no
EDFA’s, so it is more cost-effective.
However, in the initial deployment
shown, it only permits segmentation to
the 400 home level, which corresponds
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to a peak upstream rate of 250 Kbps per
sub. In order to provide the same
segmentation and bandwidth of the pure
DWDM option, every return path
segment must be digitized separately
without combining. Either additional
digital 2.5 Gbps ITU transmitters will be
necessary, or the eight digitized return
segments must all be multiplexed
together before transmission. However,
this would require a 10 Gbps transmitter,
which must be externally modulated, and
is probably cost prohibitive compared to
a common, directly modulated 2.5Gbps
transmitter.

An final return path option is to
employ a more efficient form of
digitization of the QPSK and 16-QAM
signals in the 5-40 MHz return band.
Digital sampling of the return path signal
is somewhat effective, but very
inefficient. The 5-40 MHz waveform is
digitized to produce a 1 Gbps signal,
despite the fact the maximum useful
information carried by the signal,
assuming 16-QAM modulation, is only
100 Mbps. A possible solution to the
digital upstream efficiency problem
under development is to remotely
demodulate the DOCSIS QPSK or 16-
QAM upstream signal by moving some
of the functionality of the CMTS from
the head end to the OSN or mini-node.
Utilizing such a technique makes the
return path more scalable. A further
possible step is to locate an entire
reduced-functionality CMTS in the mini-
node. The device consists of the PHY
portion of a regular CMTS (QAM
modulator, upconverter, QPSK
demodulator) and a rudimentary MAC
layer. A two-way ethernet switching
fabric transmits the baseband digital
signal from the head end to the mini-
node.

SUMMARY

Utilizing a Dense Wavelength Division
Multiplexing (DWDM) deep fiber
architecture overcomes many of the
drawbacks associated with traditional
HFC architectures. The system is
capable of providing enormous amounts
of dedicated bandwidth. The
architecture is also completely scalable,
and cost-effective when compared with
traditional dual-hop HFC architectures.
The return path uses a combination of
digitization and DWDM to provide
segmentation and scalability. Next
generation technologies may distribute
demodulation presently associated with
the CMTS out into the node.



Broadband Readiness

Bruce F. Bahlmann
MediaOne

Abstract

The most basic requirement of service
activation is still connectivity. Without
connectivity it does not matter how quickly
new services can be provisioned. Broadband
Readiness proposes a way to achieve
significant efficiencies in wring customers
for new services.

Today, a majority of the homes passed by
our cable plant have facilities to support
cable television (CATV). These facilities
include:

* A drop connecting that home to the cable
plant

* Some type of grounding device to protect
the home from lightning strikes on the cable
plant

* Some type of splitter network device that
allows the single drop to provide cable
signal to multiple devices

* Cabling that runs from the splitter to one (or
more) rooms in the house

It is these facilities that allow various cable
television information services to be
“relatively” quickly installed and activated
in customers’ homes. These facilities are
based on an installation model developed by
the Society of Cable Telecommunications
Engineers, Inc. (SCTE) that is 20+ years
old. However, new services like telephony,
high-speed data (HSD), and digital video
require enhancements to this model before
they can  work  properly.  These
enhancements range from replacing out
dated splitters to pulling new cable to the
desired room(s). It is these very
modifications that represent Broadband’s
single largest obstacle in terms of

streamlining the installation of new services.
Time studies of cabling enhancements range
from 5 minutes to 2+ hours depending on
the size and complexity of the job. Due to
this wide range of time spent cabling a home
(which is referred to as the radio frequency
(RF) portion of the install), the growth in
installation rates for new services has been
slow because of its high dependency on
labor.

While efforts proceed towards streamlining
the remaining service specific portions of
installs (i.e. performing
installation/configuration tasks unique to a
specific  information service — like
configuring a PC for Internet access), each
installation still requires completion of the
RF portion of the install to activate the
customer. Therefore, no matter who/what
completes the service specific portion or
how quickly it can be completed, the RF
portion will remain the single most time
consuming task associated with the install.
Installation of these new services must
follow stringent hardware and cabling
requirements to achieve the manufacturers’
recommended operational signal strengths.
As a result, if cabling is done improperly, its
likely to result in a service call to that
customer to correct the problem or worst,
the improper cabling could negatively affect
other customers’ service or performance.

The need to complete installations correctly
along with the need to grow the installed
base for new services gives rise to the
conclusion that the current method or model
of installing cable (for all services) is
suspect. I propose a new model or method of
installing services that I call “Broadband



Ready.” Instituting Broadband Ready will
further elevate MediaOne as a leader in
providing broadband services. Broadband
Ready is as much a strategy as it is an
installation model. Basically, the idea is to
expand the task of standardizing the wiring
of customer residences to “every” field
organization in the company. Make it the
mission of every member of the MediaOne
field staff to convert every customer
residence to a Broadband Ready residence.
Field staff in this case would include
installers of all types (video, HSD,
telephony), service technicians, even field
sales staff. If everyone focused on wiring
every residence to make them Broadband
Ready, all services would benefit from faster
installation times, better cable plant
performance, and reduced customer initiated
wiring. Along with this initiative, it is
beneficial to encourage standardization and
stomp out the competition. The following
action items would limit competition and
significantly ease our development and
deployment of new broadband services.

Action Item #1: Don’t wire a house with
category 5 (cat5) twisted pair wire when you
can instead wire it with RG6 (MediaOne’s
chosen standard for coax in the home). By
wiring the house with RG6 you prevent
competitors from easily replacing our
products with their own and then using our
wiring. If we wire with cat5, we open the
home to any Internet provider that is able to
convert to this widely accepted wiring
standard.

Action Item #2: Standardize all homes to a
similar wiring model. This allows MediaOne
to more easily expand the number of
services in each home without completely
rewiring it with each new addition.
Implementing a standard wiring plan for all
homes passed increases the market value of
each home and simplifies the job of

engineering new services to work in that
environment.

Action Item #3: Establish regional boards
that work with local building professionals,
city planners, and state certification agencies
to uphold recommended wiring practices
and material requirements for expanding
only the “approved” use of broadband.
Closely track the progress of these regional
boards in changing public policy, codes, and
new building practices to use the approved
standards. Make these boards responsible for
reporting on their progress and set goals for
the assimilation of all involved parties to the
new standards.

By the Numbers:

MediaOne currently performs three different
types of field activity: installation, service,
and direct sales for each service type (video,
HSD, telephony) it provides. The numbers
in Table 1 represent a single region’s annual
occurrences of this activity for an area with
583,707 homes passed and 317,819 active
customers. Table 2 attempts to translate
these numbers across all regions by basing
these numbers on per homes passed and per
active subscriber which was obtained from
Table 1. The objective of Tables 1 and 2 is
to provide reasonably good numbers that
represent how often we visit a customer’s
residence. What this means for the
Broadband Ready initiative, is that each visit
to a customer residence represents an
opportunity to perform the needed work to
make that residence Broadband Ready.

Per Home Per

Passed Subscriber
Number of Subs 583,707 317,819
Installation 150,780 150,780
Visits
Service Visits 204,180 204,180
Direct Sales 1,712 1,172
Visits

Table 1 -- Annual field activity for MN region




Per Home Per

Passed Subscriber
Installation 0.2583 0.4744
Visits
Service Visits 0.3498 0.6424
Direct Sales 0.002933 0.005387
Visits
Combined 0.611033 1.122187
Visits

Table 2 -- Estimated number of annual visits

In between the lines of these numbers
represent “reality” in terms of actual non
Broadband Ready residence (or unique)
customer visits — where “unique” visits
represent those to customers that are not
already upgraded to the Broadband Ready.
For example, each year MediaOne does not
perform installations to 47.44 percent unique
subscriber residences or service 64.24
percent of unique subscriber residences.
There are repeat service calls to the same
residence and repeated installations to the
same subscriber residence (i.e. apartments).
Therefore some fraction of these numbers
hold true for year-to-year unique subscriber
residence visits. Conservatively, I estimate
that Y4 of each of these types of visits are
actually to a unique subscriber residence.
While the initial years of implementing the
Broadband Ready initiative would have a
high degree of unique subscriber visit
opportunities, the years that follow would
steadily decrease. Also note that during the
first year there may be higher than estimated
unique subscriber visits. However, not all
customers will want or be willing to allow
the upgrade to take place because of
personal preferences, time constraints, or
other inconveniences that could reduce the
number of Broadband Ready upgrades
actually performed. Any lower than average
response during the first two to three years,
would merely result in a slower
accumulation of Broadband Ready homes
passed in the years to come.

Assuming the number of homes passed
remains constant, its predicted in Table 3
that over first 3 years of implementation
approximately 45 percent of the homes
passed would become Broadband Ready.
Since, as a company, we typically penetrate
close to 60 percent of the homes passed, the
45 percent of homes passed that are
Broadband Ready would represent 75
percent of our current subscribers as being
Broadband Ready. Any increase in the
homes passed (i.e. system trades) would
only extend the initial accumulation phase,
however, note that after the initial
accumulation phase the percent of
Broadband Ready homes passed will grow
more slowly over time.

1" Year | 2™ Year | 3™ Year
Installation 6.48 % 6.48 % 6.48 %
visits
Service visits 8.75 % 8.75 % 8.75 %
Direct sales 0.0733 0.0733 0.0733
visits % % %
Accumulated
Yo Broadband 5 30 0. | 30 60 9, | 45.90 %
Ready homes
passed

Table 3 -- Accumulation of Broadband Ready
homes passed

Projected Payback:

The payback of the Broadband Ready
initiative is significant. It is also likely to
yield additional installation, marketing, and
engineering efficiencies than what is
explained in this document across all
MediaOne services -- not to mention the
under the cover increases that the model
would bring to plant signal quality and
improved video. The most obvious
efficiency that the Broadband Ready
initiative will yield is to HSD and digital
video installations (which are the focus of
this document). Activating the Broadband
Ready would mean that approximately 75




percent of all HSD installations to current
subscribers would not require any RF
installation time to complete. Like wise,
each year that the Broadband Ready is
active there would be further increases in the
percentage of HSD installs that would not
require any additional RF wiring. If the
Broadband Ready initiative was taken
seriously and adopted as a long term
company goal it is realistic to anticipate a
time where only trivial RF wiring (i.e.
custom jumpers) is required to install
services. Table 4 displays the projected
return on investment in terms of increasing
the installation capacity of the existing HSD
install team without increasing the number
of its full time employees (FTE)s.

1" Year | 2™ Year | 3™ Year

Accumulated %

Broadband Ready | 15.30 % | 30.60 % | 45.90 %

homes passed

% HSD Installs in

Broadband Ready 25 % 50 % 75 %

residences

Installer time
savings on
Broadband Ready
installs

2 2

Increase in
overall number of
HSD installations

due to +12.5% +25% | +37.5%

encountering
Broadband Ready
residences

Table 4 -- Payback on investment for Broadband
Ready

Basically, each of the first three years that
the Broadband Ready initiative is active,
MediaOne should expect an approximate
12.5 percent increase in installation
capacity® of its existing HSD install team.
This increase would be the result of being
able to do twice the number of “normal”
HSD installations 25 percent of the time the
first year, 50 percent of the time the second

year, and 75 percent of the time the third
year.

*Note this does not take into account the
improvements in streamlining the PC
portion of the HSD installation. When
improvements to the PC portion can be
realized, the impact (when combined with
Broadband Ready efforts) would yield
significant reductions in the overall time
spent to install HSD services. In fact, its
likely that we’d see average HSD
installations times in the order of 30 minutes
at that point — most of which would be time
taken for customer education. Also note that
installation capacity is dependent on
sales/marketing and cannot be directly
attributed to actual increases in subscriber
count.

The other payback is the inside sales data
that is accumulated as a result of the
customer having a Broadband Ready
residence. For example, if a customer is
flagged as having a PC at the time they are
upgraded to Broadband Ready, this
information could be used by MediaOne
telemarketing to offer them HSD services at
a later date. Alternatively (once ready),
MediaOne could send them a self-
installation CD so they would be able to
subscribe to HSD services at their
convenience (without any truck roll)**.

**Caution: It is my belief that MediaOne
provides a ‘“personal” service to the
customer by going to their residence and
helping them get access to information
services (be it video, high-speed Internet,
telephony, digital video, pay-per-view, etc.).
Additionally, MediaOne helps the customer
use this service by teaching them how to use
it as well as answering questions one-on-
one. The fact that we come to the customers’
residence is what makes MediaOne a
superior information/technology provider.



Therefore, it is NOT in our best interest to
provide service without any customer
contact. It’s  the  contact  (sales,
installation/instruction, and service) with
the customer that differentiates us from our
competition.

Projected Costs.

To proceed with the Broadband Ready
initiative, MediaOne will need additional
resources (FTE)s and contractors to help
carry out the mission of making every
subscriber residence Broadband Ready. A
majority of these resources already exist
within the current video side of the business
and merely need to include additional duties
with each unique subscriber visit.

1" Year | 2™ Year | 3™ Year

Accumulated %
Broadband
Ready homes
passed

15.30 % | 30.60 % | 45.90 %

% of video
installs and
service calls
requiring
upgrade to
Broadband
Ready

1530 % | 15.30% | 15.30 %

Time required to
upgrade
customer to
Broadband
Ready

-2 -2 -2
hours hours hours

Table 5 -- Projected time requirements of
implementing Broadband Ready project

Table 5 represents the additional time
required to complete Broadband Ready
upgrades on new or existing unique
customer residences. Once a customer is
upgraded to Broadband Ready, a flag in the
billing system would be set for that
residence upon check-in process. This flag
wound then provide information to those
routing technicians to installations and

service calls as to the anticipated amount of
work required during each customer visit.
This information could also be used by the
billing system to correctly associate the
number of points with Broadband Ready
customer visits as opposed to non-
broadband ready customer visits. Based on
the requirement of up to a 2 hour extension
of 15.30 percent of the customer visits
during each of the first three years, field
fulfillment organizations should plan on an
increase of 15-20 percent in the number of
FTEs currently supporting video
installations and service calls. Excess and
peek demand for Broadband Ready
upgrades could be handled by hiring of
contractors to fill the gap. Note that in the
event of direct sales initiated upgrade,
additional wiring could be provided or
scheduled with a contractor that day.

In addition to the resources needed to carry
out the Broadband Ready, another dollar
figure must come into play for the extended
time and materials video service or
installation personnel would require to
complete an Broadband Ready upgrades.
This approximate dollar figure (see Formula
1) is based on the following assumption:

The technician is already on site (i.e. the
Broadband Ready upgrade does not incur
the full costs of a truck roll because the
technician was already required to be at
that customers’ residence).

Cost of Broadband Ready upgrade (327.37)
= Cost of Additional Outlet labor/parts
(~819.95) + HSD Required Parts ($7.42)
Formula 1 -- Cost of each Broadband Ready
upgrade

To determine the cost of implementing
Broadband Ready from a time and materials
stand point (less the cost of actually
employing the required additional FTEs



mentioned earlier) the following formula
calculates this out by using the annual
combined visits per homes passed calculated
earlier (see Table 2):

0.09349 unique visits per hm passed =
0.611033 Combined annual visits per hm
passed x 15.30% Broadband Ready

residences growth

Finally, the number of unique visits per
home passed allows us to determine the cost
of Broadband Ready per home passed. This
is calculated as follows:

82.56 dollars per home passed = 0.09349
unique visits per hm passed x $27.37 cost of
Broadband Ready upgrade

Based on these calculations, one can
approximate the cost of time and materials
required of implementing the Broadband
Ready program for any MediaOne region
(again minus the cost of actually employing
additional FTEs mentioned earlier). To
determine this cost multiply the $2.56 figure
times the total number of homes passed. For
example, in the case of the MN region
where it currently has 583,707 homes
passed, the annual cost of time and materials
for implementing the Broadband Ready
would be approximately $1,494,289.92

Review of Costs and Paybacks:

As with any long-term project of this
magnitude the costs up-front are significant!
However, the long-term payback for this out
weighs the up front investment. For example
the number of FTEs required by a region to
increase HSD installation rate by 12.5
percent alone may be worth the investment.

Installers 100

Maximum number of installs per day 40

Maximum number of installs per year | 96,000
counting 2 weeks vacation and no
other absences or turnover

12.5 % increase would amount to this 12,000
many additional installs

Equivalent number of FTEs to produce | 12.5 FTE

same output:
120 / (40x24)

A 12.5 percent increase in HSD installs
would require a similar 12.5 percent
increase in the number of FTEs dedicated to
HSD to achieve a similar increase in the
number of install capacity. Any increase in
installation personnel is costly as it requires
paying the FTE’s salary, benefits, vehicle,
and all the supplies needed to outfit the
installer to accomplish his/her job. Using the
numbers from above and assuming the costs
of each installer is $70,000 ($20,000
vehicle, $40,000 FTE/benefits, $10,000
installation test equipment and materials) the
savings of 12.5 percent* FTEs would save
the company $875,000%.

After the third year the 37.5 percent increase
in the number of HSD installs and reduction
in FTEs would save the company
$2,625,000*.  MediaOne  could also
capitalize the opportunity cost created by the
addition of approximate 36,000* additional
HSD customers it would not have realized
without the Broadband Ready. This amounts
to approximately $2,876,400 in annual
revenue. These savings would continue to
rise as the HSD installation rate continue to
increase (due to the time savings of the
Broadband Ready) while the costs of
running the Broadband Ready decline (due
to reducing number of non Broadband
Ready visits).

*Based on the example above using 100
installers




Based on these numbers, and after 3 years,
MediaOne could let go or promote the
expanded FTEs required to implement the
initial labor oriented phase of Broadband
Ready initiative and fall back to today’s
field fulfillment FTE count yet improve this
groups overall installation capacity 37.5
percent. Additional benefits of improved
video performance, reduction in the numbers
of service calls, and the reduction of time
required to complete video or telephony
installations are difficult to quantify in terms
of cost savings. However, it is projected that
as the number of Broadband Ready homes
passed approaches 50 percent (a 5 year
projection) MediaOne will have paid back
the investment required to initiate the
Broadband Ready and begin seeing
enormous reductions in its operating costs
and average installation times.



Compatibility Issues in Block Conversion for Return Path Concentration

James O. Farmer
Mark A. Linford
ANTEC Corporation

ABSTRACT

A few months ago we received re-
ports of problems using block conversion
with DOCSIS modems. We attempted to du-
plicate the problems in the lab, but were un-
able to do so. We are not able to show rea-
sons for the failures, but we are able to dis-
cuss possible sources of the problem. Our
tests indicate good safety margins with the
equipment we used. Block diagrams of
practical laboratory tests are shown, which
can help identify any possible problems be-
fore system deployment.

SUMMARY

Block conversion is a technique used
to improve the utilization efficiency of the
return path. Return path spectra from multi-
ple nodes are converted to different bands,
then the bands are combined to modulate
one laser. This provides a convenient, eco-
nomical way of using one fiber to transport
up to 18 return spectra at one wavelength.

A few months ago we heard of field
problems involving block conversion and
DOCSIS modems. The report was that the
modems didn’t work over a block conver-
sion system. We set up a simulation in the
lab to understand the problem. Commercial
concerns precluded our obtaining the same
equipment used in the failed field test, so we
had to use available equipment. For better
or worse, we were not able to induce failures
similar to those observed in the field. In
fact, we found excellent margins to any fail-
ure modes. Thus, we are unable to report

the source of the field failure. However, we
can speculate on some of the possible rea-
sons for the failure, and show test systems
that will allow simulation of field condi-
tions, allowing you to do your own testing.

BACKGROUND

Figure 1' illustrates a basic block
conversion system. Multiple return path
spectra are converted to different frequen-
cies before being modulated onto a single
optical transmitter. As illustrated in Figure
1, block conversion is used at a node, where
up to four return paths are placed in the
spectrum from 5 MHz to about 210 MHz,
and modulated onto one laser for upstream
transmission. This allows one fiber to be
used to transport four individual return
paths. In the simple system illustrated, sin-
gle conversion is used, so that the three
bands that are frequency translated are also
inverted. At the headend the bands are
block down converted, with the spectrum
being returned to its normal relation.

An alternate form of block conver-
sion is employed to allow return signal
transport from a hub to the headend. In this
application all blocks are converted to fit the
spectrum from 50 MHz to 860 MHz. In the
North American channel plan, up to 18
blocks can be accommodated on one optical
path. The composite spectrum is applied to
an optical transmitter of the type normally
used for downstream transmission. In this
configuration, double conversion may be
used to eliminate the spectrum inversion of
figure 1. Of course, double conversion adds
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Figure 1. Basic Block Conversion

complexity and potentially more phase
noise, but you can show that overall, it pro-
vides a more practical block conversion sys-
tem for the application. It is quite possible
to further multiplex different wavelengths,
providing up to about 288 return blocks
(10.7 GHz) on one fiber."

SYSTEM SIMULATION

When we first became aware of
problems in the field, we set up a simulated
system in the laboratory in order to try to
duplicate the problems. Unfortunately we
were not able to gain access to the system
that had shown problems in the field, nor
were we able to obtain that equipment for
the lab test, so we set up a similar system
using different equipment. We were not
able to duplicate the problems - the lab sys-
tem worked quite well - but we did gain in-

sight into what might have happened in the
field.

Figure 2 illustrates the system set-up
in the laboratory used to simulate the system
tested by others in the field. The “headend”
on the left supplies downstream signals to a
node. The downstream signals consisted of
the incoming feed of our local cable system
to 550 MHz, combined with the output of an
Arris CMTS1000 cable modem termination
system operating in the 256QAM mode.
This signal was supplied through a typical
length of fiber to the node, which in turn
supplied signals to two RCA brand cable
modems purchased at retail. Each modem
was connected to a computer, and the task
against which we judged performance was
the transfer of a large file from one computer
to the other. This exercised both the down-
stream signaling, which was not under test,
and the upstream signaling, which was under
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test. The upstream communication was op-
erated in the 16QAM 10.24 Mb/s mode, the
highest upstream speed currently defined for
DOCSIS-compliant modems.

To simulate a real return path, we
used a Fabry-Perot (F-P) return laser in the
node, which supplied signals to a “hub,”
which comprised an 18 band block converter
and a DFB return optical transmitter. The
return path was loaded using a noise genera-
tor with a 5-42 MHz bandpass filter. This
signal was split, with a portion of the signal
being supplied to the second block converter
of the 18. At the “headend,” the output of
block 2, which contained the noise generator
signal, was looped back to the “hub”
through a short cable, and supplied to block
3, whose output was supplied to block 4 and
so on. By doing this, we de-correlated the

noise supplied to each block. This is neces-
sary to make the resultant signal have about
the same peak to average characteristics as
would real return signals. The roughly 130
Ms of delay in the return fiber ensured that
peaks in the random noise did not occur si-
multaneously in each block. For practical
reasons, we didn’t loop all 18 channels as
shown, but we did loop them in three
groups, which yielded about the same re-
sults.

Result of System Simulation

We were able to transfer files be-
tween the two computers through the CMTS
with no measurable errors. The operational
dynamic range of the system could be tested
by adjusting AT1. This attenuator changed
the return path signal level received by the



CMTS. Long loop automatic level control
resulted in the output level of the two mo-
dems varying as AT1 was adjusted. Simul-
taneously AT2 was changed to keep the
noise at a constant level relative to the mo-
dem outputs. When the dynamic range was
measured at channel T12, we had an error-
free range of 27 dB. At the high-level end
of the range, we experienced a transition
from error-free transmission to complete
failure with a 1 dB change in level. This
was likely due to clipping in the F-P laser.
At the low-level end a 1 dB change pro-
duced a transition from error-free transmis-
sion to errors reported by the CMTS, and an
increase in file transfer time from 223 to 275
seconds. We did not experience a failure to
communicate, however.

When the test was repeated using a
modem return center frequency of 9 MHz,
the high-level limit was similar, but we ex-
perienced a worse low-level limit and a dy-
namic range of 14 dB. This is believed to be
due primarily to noise from TX2, which was
loaded very lightly. Many modern return
transmitters employ dither techniques to im-
prove the dynamic range at low levels, but
the transmitter chosen for this test did not
have a dither circuit. The problem may have
been exacerbated by group delay at the low
end of the spectrum.

The tests were repeated using blocks
9 and 18 with substantially identical results.

MARGIN TEST

Finding no problems with the system
set-up, we investigated the amount of addi-
tional degradation that the system could tol-
erate. The block conversion system was
modified to introduce errors that might
cause failure of the return path, and we in-
vestigated how much additional error could

be tolerated before we encountered system
problems.

The block conversion system used in
testing has a pilot carrier that is transmitted
from each block to the headend. The pilot is
used to stabilize the gain of the return path
against changes due to temperature and opti-
cal path changes. The pilot is also used to
force zero frequency error in the block con-
version process. Frequency conversion error
is not necessarily a problem for all return
systems. However, there are some return
applications that demand zero error. For
example, a few years ago the industry was
looking seriously at using cable to link PCS
(personal communications service) mini-
cells. This is a cellular-like telephone sys-
tem that uses small base stations. It is com-
mon for a phone to be simultaneously in
contact with multiple base stations, which
are linked back to a master controller by the
cable plant. The master controller can work
with signals being received simultaneously
by multiple base stations, but only if there is
no frequency error between the received sig-
nals. If the several base stations communi-
cate upstream through different cable nodes,
there must be no frequency translation error.

The system tested by the MSO may
not have phase locked the up- and down-
conversion processes, so we experimented
with breaking the loop and introducing in-
tentional frequency error. Another concern
is with phase noise in the frequency conver-
sion process. Any phase noise in the local
oscillators will be transferred to the signal,
and if enough phase noise is added, demodu-
lation of the return signal can fail."™

Figure 3 illustrates the configuration
used to test these and other hypotheses re-
garding what could go wrong. The CMTS
was connected to our internal network to
provide access to the internet, and was con-
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nected to the two modems and computers as
described above. In this case we did not add
the optical network, since we were con-
cerned only with what might happen in the
block converter. The forward path was
transmitted directly from the CMTS to the
modems. A diplex filter routed the return
signals through a single up converter and
down converter, of the type used in Figure 2.
The down converter was modified to allow
us to break the phase locked loop in order to
introduce frequency errors. We also added
the ability to introduce phase noise into the
closed loop. The block down converter is
actually a dual conversion device as de-
scribed above, but we have shown only one
conversion here, because we did nothing
with the other conversion.

The 20 MHz generator was used to
give us a return path signal that we could
measure in order to determine frequency off-
set and phase noise. By observing the 20
MHz signal on a spectrum analyzer at the
“headend” we could tell how much fre-
quency error or phase noise we introduced.

To introduce phase noise, we used a
pseudorandom noise generator followed by a
low pass filter to limit the noise to about 100
kHz. Attenuator ATI1 allowed us to adjust
the amount of added phase noise until we
encountered errors. We monitored the con-
trol computer for errors reported in the re-
turn transmission, and defined failure as oc-
curring when we saw any reported errors or
delays in file transfer. We used the same file
transfer test reported above. We also tried
using a web radio broadcast as the source,
but there is little return data required to keep
the broadcast alive, so it didn’t really stress
the return path at all. Also, we found so
many internet problems that it was hard to
tell when the return path was at fault.

Frequency Offset

We were able to offset the frequency
+30 kHz and -35 kHz by changing the con-
trol voltage to the oscillator. Over this range
no change in operation of the return path
was noted. This corresponds to a worst case
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frequency translation error of about 37.5
ppm, which is not a difficult number to
achieve today. Since we saw no problems
with this much error, we concluded that
even a block conversion system that was not
phase locked should work, at least with this
combination of modems and CMTS.

Phase Noise

It is known that if enough phase
noise is introduced into a transmission path,
digital transmission will fail.  Figure 4
shows the phase noise on the 20 MHz carrier
without any added noise, and also shows the
phase noise with enough additional noise to
induce errors into the 16QAM transmission.
Often phase noise is measured as so many
dB down from the carrier at a 10 kHz offset,
measured in a specified bandwidth. For this
test, we were not as much interested in the

exact number of dB the phase noise was
down, but we were interested in knowing
how far we were from problems.

We found that we had to add enough
noise to bring the noise sidebands up 40 dB
(at 10 kHz offset) in order to induce errors.
Note that this was so much noise that the
carrier peak is not discernable at the resolu-
tion bandwidth used. Comparison of the no-
excess noise plot with archival records dat-
ing back to initial product approval showed
that we were measuring more than 10 dB
more noise here than in the approval meas-
urements. We suspect that this is due to
noise on the 20 MHz oscillator, which was a
medium-quality variable signal source.
Thus, we probably had more than 50 dB
margin in phase noise.
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WHAT ELSE CAN GO WRONG?

Having not found any significant
problems that would explain the field fail-
ures, we searched for other issues that may
have been limiting factors in the field per-
formance of the other equipment. It cer-
tainly is possible that errors in frequency or
delay response of the block conversion sys-
tem could cause premature failure to com-
municate. In the present DOCSIS specifica-
tion, there is no adaptive equalizer in the
return path. Inclusion of adaptive equaliza-
tion is difficult because the amount of
equalization required is different for every
modem, depending on the equipment be-
tween the modem and the headend. Also,
lower order modulation methods, such as the
QPSK and 16QAM used in DOCSIS return

paths, are not that susceptible to errors. (In
future generations of DOCSIS specification,
where higher levels of return path modula-
tion are used, the specification may provide
for pre-distortion in the modem transmitters,
based on headend measurements relayed
back to the modem.)

Figure 5 is archival test data showing
the amplitude and delay response of a typical
block conversion system, including a 15 km
optical path. In the S;; log MAG (amplitude
response) path at the top, we show the test
spectrum where the return path signal was
operated for this test. The spectrum is 3.2
MHz wide, the widest bandwidth currently
specified by DOCSIS." The peak-to-peak
amplitude error is negligible over this band-
width. Placing the return carrier at other



frequencies would have made little differ-
ence.

Of possibly greater interest is the
group delay shown at the bottom. The block
converter uses ceramic resonator filters that
do exhibit group delay, but delay equaliza-
tion is provided. Note that the residual
group delay is worst at the very low end of
the spectrum. Over the bandwidth occupied
by the DOCSIS signal, the delay is about
115 ns. The maximum symbol rate speci-
fied in DOCSIS for the return path is 2.56
Ms/s (mega-symbols per second), so the pe-
riod of one symbol is the reciprocal, or 391
ns. This is still longer than the delay, so we
might suppose that group delay alone would
not be fatal to a data signal carried in this
spectrum. However, other delay issues and,
more importantly, noise considerations,
would preclude use of a return path this low
in frequency. If any signals are placed this
low, they should only be extremely robust
BPSK or FSK signals at very low data rates,
with the ability to accept errors.

Marker 2 is at 42 MHz, the highest
frequency specified for the block converter
system under test. Note that the group delay
is starting to rise slightly, but group delay at
this frequency will be dominated by that of
the diplexers in the node and amplifiers. For
this reason it is not recommended to use fre-
quencies above about 40 MHz with a 42
MHz return cutoff."

CONCLUSION

We received reports from an MSO
that he had tried a block conversion system
with DOCSIS modems, and experienced un-
satisfactory performance, which was attrib-
uted to block conversion. We were unable
to obtain the equipment used in his test for
commercial reasons, but we did set up sev-
eral laboratory experiments to try to dupli-

cate the results, using equipment available to
us. We were not able to experience the
same failures, but we were able to define
some parameters that an operator may want
to look at to ensure satisfactory perform-
ance. Our test confirmed that DOCSIS mo-
dems can work very well with block conver-
sion.
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Abstract
How to manage access bandwidth to
accommodate multiple services with diverse
bandwidth requirements, while meeting
performance objectives and maximizing
revenues/profits is an area of great interest in
the cable industry. We have developed a
network engineering tool for efficient and
effective multi-service cable network design.
In addition, the tool can be used to effectively
evaluate the impact of service definitions and
growth scenarios on bandwidth utilization and
performance. In this paper, we discuss the
principles of multi-service network design,
review some performance considerations, and
present the capabilities of the network
engineering tool with example results.

1. Introduction

Today’s cable services are primarily
entertainment based but there is a rapid
expansion underway into high-speed data and
telephony. The traditional, and still the
primary business of the cable industry is one-
way broadcast television service delivering up
to about 80 channels with more on the way.
Pay channel subscriptions that are broadcast
over the network have been successfully
selling monthly subscription services for about
the past 25 years. Pay Per View works
similar to the pay channel subscriptions except
there is a billing reporting mechanism — often
done by polling the subscriber’s set top box by
telephone or a store and forward RF system
using two—way compatible plant. Modern
addressable set top boxes have allowed cable
operators to scramble analog channels and
offer them as a tiered service. MPEG-2
(Moving Picture Experts Group) compression
technology and QAM (Quadrature Amplitude
Modulation) have enabled the cable operators
to offer broadcast digital channel with tiered

services, which too are gaining in popularity.
A true departure from traditional entertainment
video is high-speed data with well over 1
million subscribers in service. It allows a
subscriber with a cable modem to receive and
transmit high-speed data at rates far beyond
those of traditional analog modems.

There are many competitive pressures on cable
companies today that can effect the set of core
services that are offered. To help combat the
competitive pressures, cable operators are
looking to new future services to retain and
attract customers. These services include a
mixture of video services, telephony, and
multimedia services. Narrowcast ad insertion
could be targeted to specific subscribers based
on an individual customer’s profile. Circuit
based telephony, while being deployed today
in some markets, will be quickly replaced by
IP based telephony. IP telephony leverages a
common logical layer infrastructure (the IP
layer) for both voice and data services —
resulting in lower capital and operations costs.
Video on demand is surfacing as a narrowcast
service that allows individual subscribers to
order, and watch a movie or event. Work-at-
home, and ideal service for an IP based
infrastructure, extends LAN and PBX
functionality to a workstation in an employee’s
home. Home security monitoring and energy
monitoring/management services can be rather
easily deployed using an HFC infrastructure.
And, streaming video, video conferencing,
video telephony and interactive gaming can
open new opportunities for services delivered
using an IP data infrastructure.

Each new service will have its own set of
bandwidth requirements. These new services
will compete for bandwidth in both up and
downstream directions on cable plant.
Managing this bandwidth, especially those



services enabled by a common logical IP layer,
to maximize efficiency and minimize cost is of
great interest to the industry and is the topic of
the remainder of this paper.

2. Service and Traffic Scenarios

As indicated in the previous section, cable
networks today support a limited set of
services, i.e., broadcast video, Pay Per View,
Video On Demand, data services, and, in some
cases, circuit voice services. These services
typically occupy different part of the spectrum.
They coexist on the same HFC plant but are
engineered and provisioned separately.

The introduction of DOCSIS [1] brought about
an Internet Protocol platform on cable
networks that enables multiple service
offerings. Internet access services have been
widely available in the many areas in the
United States and many other countries. Voice
over IP (VoIP) services have been in trials
while the technology and PacketCable
specifications are being developed and
implemented. The first service scenario we
consider includes VoIP and basic Internet
access services.

In addition to voice and basic Internet access
services, the potential of new services for the
cable operators is enormous. Cable operators

can provide different grades of service to
create tiers of services. Different tiers of
Internet service could be associated with
different bandwidth guarantees, maximum
delays, and maximum packet loss
probabilities. Massive bandwidth available on
cable will open up the opportunities of many
new services, €.g., streaming video, interactive
gaming, and VPN connectivity for work at
home. Table 1 shows the typical set of traffic
parameters associated with some of the new
services.

3. Multi-Service Network Design

Principles
The key to designing any efficient network is a
good model of bandwidth requirements. Multi-
service networks provide the additional
challenge of estimating bandwidth
requirements for several services. These
services may have to satisfy multiple
performance criteria and they can also have
different busy hours — overlapping or non-
overlapping.

Let us take the simple example of designing a
residential voice and data network over the
cable infrastructure. An important
performance parameter for voice service is
probability of blocking while for data service a
key criterion is throughput. First, let us

Services Bandwidth On-Line Active Busy Hour

Requirement Ratio Ratio Erlang_

G.711 Voice with PHS - 2 way| 121.6 kbps N/A] N/A] 0.346
IBasic Data Service 60% 40% N/A|
Downstream 400 kbps N/A
Upstream 160 kbps N/A
Video Telephony - 2 way 400 kbps 30% 100% N/A
Streaming Video N/A|
Downstream 1.5 mbps 25% 100% N/A|
Upstream 0 N/A
linteractive Gaming 25% 80% N/A
Downstream 500 kbps N/A
Upstream 100 kbps N/A
SOHO - 2 way 1.5 mbps 100% 80% N/A

Table 1: Example Application Bandwidth Requirements



assume that there is a common busy hour for
both the services — 8:00-9:00 p.m. The
network is loaded to its limits for both
signaling as well as bearer traffic during this
hour. Proper network engineering will require
ensuring the desired blocking probability for
voice traffic and providing the required
throughput for data traffic. Secondly, let us
now assume that the busy hour for voice is
7:30-8:30 p.m. and the same for data is 8:30-
9:30 p.m. In this scenario, the design needs to
meet the blocking criterion during the voice
busy hour and the throughput criterion during
the data busy hour. Lastly, let us assume that
voice busy hour is from 7:30-8:30 p.m. and
data busy hour from 8:00-9:00 p.m. In this
case, the design needs to meet blocking criteria
7:30-8:00 p.m., blocking and throughput
criteria 8:00-8:30 p.m. and throughput criteria
8:30-9:00 p.m.

The above is probably the simplest example of
a multi-service network — only two services
with one performance criterion each — and yet
it poses a formidable challenge already to the
network designer. In the very near future,
cable operators will provide a combination of
voice, data and video services to a mixture of
residential, telecommuting, business, SOHO
and other types of customers over a common
platform. Each of the services may also be
offered in different tiers, such as silver, gold
and platinum classes. It is obvious that the
solution space is multi-dimensional and the
possible number of dimensions could grow out
of control if it is not properly constrained by
certain network planning and design
framework.

In order to properly bound the problem, we
first define as the building blocks several basic
services, and, for every basic service, we
assign certain traffic parameters based on a
collection of expert opinions and market data.
Note that these traffic parameters are part of
the modeling tool inputs and can be varied to
fit different service assumptions. Several
basic services then can be grouped into a

service package. Growth or service
penetration rates then are associated with the
service packages. Finally, we compute the
weighted averages of the parameter values
across all services for the network. This
approach can be used in parts of a network
(e.g., the region served by one Fiber Node) or
to the entire network (e.g., a region served by
one or more Head Ends). Figure 1 shows
sample upstream and downstream bandwidth
requirement at a Head End with respect to
varying market sizes and service penetration
rates.
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Figure 1: Voice and Data Bandwidth Demand

The basic concept of busy hour is still valid,
but it has to be interpreted in the proper
perspective. We no longer look into busy-hour
traffic data for individual services; what we
need, is to establish the busy hours for the
aggregate bandwidth demand. Today, we have
extensive data on voice bandwidth demand
and have some measurements of Internet data
traffic demand. As other types of data usage
increases and as multimedia traffic grows,
there is an increased need for keeping track of
subscriber bandwidth requirements.

Once the basic traffic requirements are
established, the next step is to set the proper
performance objectives. These performance
criteria will typically be different for various
types and classes of service. The challenge is
to engineer a network that provides the



required bandwidth while satisfying the
required performance criteria.

4. Performance Considerations

In order to capitalize on the promise of
converged networks, it is necessary to develop
models and network design techniques that
allow the network designer to engineer a
single infrastructure capable of supporting
multiple services. These models and
techniques have to be flexible enough to give
services a degree of isolation from one another
in terms of network characteristics to meet
service-specific requirements. The designer
takes into account all of these requirements in
the form of delay, delay jitter, bandwidth
requirements, BER, packet loss rates etc. By
evaluating the performance impact of various
engineering the parameters of the MAC and IP
layers as well as choice of QoS schemes and
proper network sizing attempts to satisfy the
requirements of all services. The first step is
to understand the acceptable levels of
performance required by each service and
identifying the major factors impacting
performance. Until very recently, the Internet
access over cable was the predominant, non-
traditional service offered by the MSOs. The
service requirements were very loosely
defined. For both delay and packet loss, the
general understanding was that less is better,
but no specific targets have been established.
This very loose definition of service levels has
led to under-engineered networks and
unacceptable performance levels as the
subscriber population grew. Planned
introduction of voice services changes that
picture entirely. Voice services, and primary
line services in particular, are characterized by
very strict delay, delay jitter and packet loss
requirements. Legacy services, such as fax
and voice band data, place even stricter
requirements on those performance measures.
Below we discuss the major factors affecting
voice and data performance in networks with
HFC access. Figure 2 shows the major
architectural components of such a network.

4.1. Delay

As mentioned above, voice services place very
stringent delay requirements. These follow
from the desire to maintain PSTN levels of
voice quality in the VoIP services in the cable
environment. The general requirement is that
the bearer channel delay should be less then
300 ms round trip. It is widely supported by
perception studies and standards. Primary line
service is also characterized by strict signaling
delay requirements, driven by two factors.

The first is driven by customer perception of
what constitutes good service and second,
maybe even more important, is the desire to
maintain all of the optional features (call
waiting, caller ID etc.), some of which have
strict timing requirements. In the following we
identify the end-to-end delay components,
with particular emphasis on bearer traffic
delays.

4.1.1. Delay in Multimedia Terminal
Adapter/Cable Modem (MTA/CM)

MTA performs A/D conversion and
packetization of the speech samples. The
delay introduced by both is driven by the
choice of codec. All codec's have an
associated block size i.e. the number of speech
samples that need to be accumulated before
the codec can process them. The block size
ranges from the low of 1 sample (i.e. a delay
of 125 microsecond for 8000 sample/s) to a
high of 240 samples (or 30 ms) for G.723
codec. Some codec's also require a look-ahead
time, which can be as high as 7.5 ms for
G.723. The packetization time has to be an
integer multiple of block size and therefore its
theoretical lower limit is a single block size for
the codec of choice. However, one has to
consider the issue of bandwidth efficiency and
the longer the packet in terms of bytes, the
smaller is the overhead associated with packet
headers and physical overheads. In some
sense we have to strike a balance between the
delay and bandwidth efficiency.
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Figure 2: A converged network with ingress cable access and various possible egress networks

The additional factor to consider is that the
more efficient the codec i.e. it generates
smaller number of bytes per unit time of
speech, the higher (in percentage terms) is the
overhead, for a fixed packetization time. We
will come back to that subject later. It suffices
to say here that the “optimal” packetization
time ranges someplace between 5 and 20 ms
with 10 ms being commonly used. Additional
delays are incurred at the MTA for packet
processing (i.e. header generation etc.).

For data traffic the estimate is much simpler.
As to data traffic, the CM is just a
bridge/router with its well understood delay
sources.

4.1.2. Delay in HFC Plant

The HFC plant delay includes not only the
propagation delay (which is negligible) but
also the Medium Access scheme. The switch
from data oriented DOCSIS 1.0 to integrated
services DOCSIS 1.1 has become the enabler
of real time services. For real time services,
Unsolicited Grant Service (UGS) is the
preferred MAC access method. UGS service
grants periodic, fixed size transmit
opportunities to established CBR flows. In
order to minimize the access delay an MTA
can synchronize its packet generation time
with the expected grant arrival time and hence

not incur any delay (other then a small safety
margin). Should the MTA choose not to
implement grant synchronization, the MAC
access delay becomes a random variable
(uniformly distributed) in the ranging from 0
to 1 packetization time, as the packet might be
generated at any time between successive
transmit opportunities. That delay is random
only from call to call and should remain
constant for the duration of a particular call.
The picture becomes much more complex,
when multi-line MTA is considered, where the
processor has to perform a juggling act
between encoding and decoding operations on
multiple connections and still try to keep these
operations synchronized with the transmit
opportunities.

4.1.3. Delay in CMTS and IP
Interconnecting Network

Once the voice packet reaches the CMTS
successfully, it will be treated preferentially, as
voice packets carry very high ToS or DS
marking. The delay therefore is negligible, as
the only traffic a voice packet competes
against is that of other voice packets. A
simple estimate, based on the relative sizes of
the ingress and egress interfaces and the
packet size, shows that delay in the worst case
is no more than 0.5 millisecond. Same




conclusion remains true (and actually
improves) throughout the IP interconnecting
network, as the speed mismatch between
ingress and egress is the worst at the CMTS.
One should however emphasize that this delay
is highly dependent on the interconnecting
network architecture.

4 .1.4. Delay in Gateways and Core
Networks.

Once the traffic emerges in the primary
headend, it can take two distinct paths,
depending on the called number location and
more importantly, transport network that a
service provider has at its disposition. As of
today, there are few QoS enabled (a.k.a.
managed) IP backbones in existence as the
technology to build them is not yet mature
enough. Therefore, for the sake of this
analysis, one should primarily consider two
choices. A direct ATM backbone connection
and PSTN hop-off. The delay analysis of the
ATM backbones is relatively easy, as they are
connection oriented (i.e. allow for traffic
engineering), QoS enabled with call admission
control. Under such a set of conditions, one
can easily predict (and guarantee) the delays,
which for a backbone have two major
components: switch delays and propagation
delays. The picture is much more complex,
when a hop-off to PSTN is needed. Hopping
off to the PSTN entails restoring original
packet spacing, commonly referred to as
dejittering, and playing the voice packets out.
Playing out involves restoring packets into a
TDM structure, an operation that ranges in
complexity from simple recovery of individual
bytes from a packet for G.711 to a full
decoding operation for compression codec’s.
The dejitter buffer will delay packets by a
fixed amount that is programmed based upon
the amount of delay variation experienced by
packets form the same flow on their way from
the MTA to the PSTN gateway. The less
jitter, the smaller the dejittering delay. This is
where proper network design in terms of
sizing and QoS will have a major effect.

The propagation delay through the PSTN (or
any network, for that matter) is impacted by
the facilities length, a factor related but distinct
from the distance between the end points. It
takes into account the fact that facilities do not
necessarily follow the shortest path, as well as
the fact that for reasons ranging from traffic
engineering to protection switching the even
the shortest facilities path may not be used.
The correction factor of 1.3 to 1.8 is
commonly used. Once the packets arrive at
the egress network attached to a cable plant,
all the processes the packet went through on
ingress, i.€., packetization at the gateway,
dejitter, and play-out at the terminating MTA
will be repeated. The only difference is that
now we send bits downstream on the cable
plant. The transit delay is negligible, with the
biggest component being the interleaving
delay.

4.2. Delay Jitter

The delay jitters have several components. The
first occurs right at the MAC access where the
transmission opportunities can be scheduled
within a certain window. This picture becomes
much more complex if VAD is used, which
employs UGS with poling. This access
method works similarly to the UGS service,
except that when silence is detected the flow
of grants is stopped and resumed again when
speech is detected. There is a delay associated
with restarting the flow of grants and that
additional delay will impact the first packet of
the talk spurt. Additionally, the CMTS
upstream MAC scheduler might not be able to
schedule the transmission opportunities for the
flow at the same position as previously. This
will add to jitter. Furthermore, each router,
including the CMTS, can experience varying
levels of congestion and hence packets of the
same flow waiting for an access to an outgoing
link will experience variable delay through
each router. Similarly, the egress (CMTS
downstream) link buffers and scheduling
algorithm at the CMTS should be engineered
carefully to avoid potentially excessive jitter.



Since the packets have to be played out evenly
spaced, dejitter buffers are used at end points
to properly re-space the packets. The amount
of time packets is placed in that buffer before
they are played out should be slightly larger
than the maximum expected jitter, otherwise
packet loss will occur. A buffer that is too
large leads to an unnecessary additional delay.
The upper bounds on jitter can be estimated by
adding all jitter elements mentioned above.
Jitter in routers can be estimated by calculating
the maximum number of packets from
competing voice connections. Finally, it
should be pointed out that jitter can become a
component of constant delay if the first packet
(its time of arrival establishes the play-out
reference point) incurs maximum jitter.

Generally, the requirements for data are not as
strict as they are for voice. It, of course,
depends on type of data. Interactive gaming
has actually stricter delay requirements than
voice. Other types of data, such as e-mail, are
practically insensitive to delays. But most of
data, as represented by Internet traffic or NCS
signaling traffic, do not have to be delivered to
the destination with accuracy of several (tens)
of milliseconds and virtually no jitter.
However, one should take into account that
many of these types of traffic are riding on the
TCP protocol, which can be profoundly
effected by long delays, excessive jitter and
packet loss. All of these can throw the TCP
behavior out of balance and limit its
throughput disproportionately to the
incremental impairment.

4.3. Bandwidth Efficiency

It is well known that IP is extremely
bandwidth inefficient for short packets, such
as voice packets. As discussed previously
there exists a trade-off between delay and
bandwidth efficiency. The headers associated
with bearer traffic are RTP/UDP/IP headers,
Ethernet MAC and DOCSIS MAC.
Additional overhead is incurred by FEC and
mapping of packets into minislots. Finally,

there is physical layer overhead associated
with guard time and preamble. As some of
these overheads are unavoidable, in particular
given the harsh conditions of the HFC plant,
others are constant form packet to packet and
can therefore be suppressed. The mechanism
of the PHS can be used to suppress the packet
header constant fields in particular the entire
UDP, IP headers and nearly entire Ethernet
header in the upstream direction can be
suppressed. It is accomplished through a
mechanism PHS mask (byte wise mask of
suppressed fields) and telling the CMTS (or
the CM) the values of the constant fields so it
can restore them. The header suppression
technique is not in general available in the IP
backbone network. The overhead becomes
more pronounced as the number of bytes in the
packet gets smaller, as is the case when one
shortens the packetization time and/or deploys
a more efficient coder/decoder (codec). PHS
is not used for data packets.

4.4. Packet Loss and FEC

In order to prevent excessive packet losses
(voice packets are particularly sensitive, as
they cannot be retransmitted), one can protect
the packets with an error correcting code. The
more extra bytes are added, the more errors
can be corrected. However, it also results in
lower bandwidth efficiency. The issue of FEC
depth is of particular importance in the
upstream direction where interleaving cannot
be used. The FEC depth required is related to
the noise characteristics in the HFC plant. In
the high ingress levels will contribute to lower
bandwidth efficiency, higher bit error rates and
packet loss rates, which for voice services will
lead to deteriorating voice quality. In general,
losses in the range of 0.1% - 1% are service
effecting, with the exact number highly
dependent on the codec type used. In order to
mask the impact of packet losses on voice
quality, an error concealment method should
be implemented in the voice decoder. For
voice-band data (VBD) and fax, the
requirements are even more stringent (0.01%




packet loss), and failure to achieve them might
lead to unusable service. It should also be
pointed out that fax and VBD services usually
require G.711 coding, which is less bandwidth
efficient, as compression codec's do not
reliably transfer the analog signaling.
Reliability of DTFM tone transmissions in
compression codec's is of concern as well.

5. Lucent Cable Network Engineering
Tool (LUCNET)

Lucent’s Cable Network Engineering Tool
(LuCNET) has been developed to minimize
equipment cost while still satisfying necessary
performance criteria. The input to the tool
comprises traffic demand, network topology
and service definitions (service area
characteristics) and performance objectives.

The user can specify Head End (HE) and
Distribution Hub (DH) location on a map and
input traffic parameters on an interactive input
screen. The tool generates Customer Premises
Equipment (CPE) to DH bandwidth estimate.
It then uses various in-built engineering rules
and performance objectives to determine
various equipment configuration. Once the
tool is run, the user can view graphically a
schematic representation of the network, sizing
of inter-connecting links, and equipment sizing
at each node. Numerous sensitivity analyses
charts can also be generated. Network costs for
various configurations can be determined
interactively, when the cost data is available.
The cost elements can be fed into a business
modeling tool in conjunction with revenue and
other relevant data to generate various
financial reports. A representative process
flow chart for the tool is presented in Figure 3.

6. Example LUCNET Results

LuCNET is highly flexible to generate
different types of results that may be of
interest to a network designer. The basic
output comprises a schematic network
topography connecting the Distribution Hubs

and Headends in a single or hierarchical dual
ring structure. The tree structure connecting
the Distribution Hubs to the Fiber Nodes and
to the homes is also captured in network
diagrams. Links are shown towards the PSTN,
SS7 and Data networks. By clicking on one of
these links, one can see the type of facility
(e.g., DS3, OC3...), the number of facilities
(e.g., 1, 2...) and the loads of these links (e.g.,
65%, 80%...).

Clicking on the nodes can show details of the
nodes on the diagram. They will show what
equipment and how many of them are there
(e.g., Cable Modem Termination System, Call
Management System, etc.) By further clicking
on the equipment, one can also see the detailed
equipment configuration (e.g., number of
chassis, plug-in cards, etc.)

Some of the most interesting outputs from the
tool are the various sensitivity analyses charts.
Figure 4 shows the sensitivity of cost per
subscriber with respect to market size and take
rate. The x-axis shows different market sizes
(with respect to the number of households
passed) and the y-axis represents normalized
cost per subscriber. Each curve corresponds to
a particular take rate. As expected, cost per
subscriber goes down as the market size and
penetration increases.

Figure 5 shows the sensitivity of the total
network cost (normalized) with respect to
different market sizes and penetration. On the
x-axis, each bar corresponds to a market size
(HHP — Households Passed) and a penetration
value. The y-axis represents normalized cost
for the entire network. The top part of each bar
represents the cost contribution from the
CMTS while the bottom part represents the
cost contribution from the CMS.

Presented in this paper are only a few
examples of sensitivity analysis charts of
common interest. The tool can create
numerous such figures based on individual
needs of the users.
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7. Concluding Remarks

Cable access networks present a special
challenge to network planning and design.
Sharing of the network resources extend from
the core to the access, which traditionally is
dedicated to a single user. With the enormous
amount of bandwidth on cable access, many
new services will become available. These
new services will further complicate the tasks
of designing an efficient access network while
meeting QoS objectives of all the services. In
this paper, it is shown that, with appropriate
design tools and good understanding of service
characteristics, a cable access network can be
built efficiently and effectively to offer
multiple services on an IP platform.
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DWDM Block Converted Return Transmission Performance

John J. Kenny
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ABSTRACT

Block conversion and dense wavelength di-
vision multiplexing (DWDM) have each
been used to concentrate multiple independ-
ent return path signals onto a small number
of fibers. The combination of these tech-
nologies resultsin very fiber-efficient return
path transmission.

Performance evaluation of a return path
system using these combined technologies
could require a prohibitively large number
of independent signal sourcesto load the
system. Therefore, aloopback technique
has been devel oped to minimize the amount
of test equipment required for transmission
testing.

This technique was used to characterize a
DWDM block converted return path link
carrying 72 independent 5 to 42 MHz return
signals.

INTRODUCTION

The number of return bands requiring inde-
pendent transport from a hub back to the
headend can be quite staggering. A hub
may serve 50 or more nodes and often these
node returns must be subdivided to support
high take rates for services. Thisleadsto a
situation in which conventional return tech-
niques require alarge number of fibers,
thereby requiring technologies to reduce fi-
ber count.

Reducing the hub to headend fiber count has
several advantages. It lowers cable costsin
new installations; it can avoid additional ca-

bleinstallation; it can free up fibersto allow
redundant fiber path diversity; and it reduces
the time to fusion splice fibers after a cable
cut.

Block conversion and DWDM have each
been used independently to concentrate re-
turns from the hub to headend. Block con-
version by itself allows up to eighteen, 5to
42 MHz, or twelve, 5to 65 MHz, returnsto
be carried in the traditional forward band
frequency range of 45 to 870 MHZ". Ini-
tialy, the DWDM return path architecture
used eight wavelengths?, while early instal-
lations generally equipped no more than
four. Recently reported work®, along with
experimental verification, derived optical
crosstalk design rules for analog DWDM
systems with up to 32 optical channels. Us-
ing both of these technol ogies together fur-
ther economizes fiber usage. We will
eventually be ableto carry at least 18 x 32 =
576 independent 5 to 42 MHz return path
signals on asingle fiber, using externally
modulated DWDM transmitters.

TEST CONFIGURATIONS

The testing performed on DWDM with

block conversion consisted of noise power
ratio (NPR) measurements and dynamic

range for “error free” 16 QAM transmission
from a cable modem to a cable modem ter-
mination system (CMTS).

Based on availability of hardware, this test-
ing was limited to 8 wavelengths and we
used directly modulated transmitters. Since
directly modulated optical transmitters car-
ried by standard single mode fiber create a



significant amount of second order distor-
tion, the range of block converted signals
was restricted to less than an octave, i.e.
each transmitter was loaded with 9 blocks
instead of 18. Thus, this verification testing
was done for 72 independent returns.

Noise Power Ratio

During early block conversion NPR testing,
we learned the importance of having inde-
pendent signal sources to characterize dy-
namic range. Initially, we simply split the
output from a noise generator to drive mul-
tiple upconverters. The measured NPR dy-
namic range was far worse than predicted.

have 72 independent signal sources, 72 up

and down converters, 8 transmitters and re-
ceivers, etc. Thisleadsto avery complex

test configuration. We have found two ef-
fective means for generating decorrel ated

test signals from a single noise generator.
Oneisto put the output of a1 GHz noise
generator into a bank of downconverters.

Each downconverter samples a different

portion of the noise generator’s output spec-
trum and frequency shifts it down to 5 to 42
MHz. The second technique is to introduce
time shifts between the upconverter input
signals. A combination of these methods is
used in the test configuration block diagram
in Fig. 1. To conserve the number of up and
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Figure 1 Test Configuration for NPR Testing of DWDM with Block Conversion

The correlation of the input signals was the
culprit. Once we decorrelated the test signa
sources applied to each upconverter, the
measurements agreed with expectations.
Therefore, to test this 9 block, 8-wavelength
return transport system, one would like to

down converters, we recycled a receiver
output from one path to the input of a
DWDM transmitter. Again, the 40-km of
fiber provides more than enough delay to
decorrelate the signals loading the Interna-
tional Telecommunications Union (ITU)



grid DWDM directly modul ated transmit-
ters.

Figure 1 shows the path under test as the top
upconverter/downconverter pair and top op-
tical transmitter/receiver pair. Thesignal for
the path under test comes from an automated
NPR test set. Theinputsto the other upcon-
verters come from the split outputs of three
down converters. More downconverters

crosstalk. To correct for this problem, a nar-
row band of noise was inserted into the
noise slot for the second and subsequent op-
tical paths.

DOCSIS Return Path

The second area of testing used two RCA
DOCSIS compliant cable modems pur-
chased off the shelf at a retail store and a
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Figure2 Test Configuration for Cable modem Dynamic Range

could have been used so that all input sig-

nals are uncorrelated, so the test results may

be somewhat penalized by taking this short
cut. Looping back areceiver output to the
next transmitter’s input derived the RF in-
puts for the other seven DWDM transmit-
ters. There is just one difficulty with doing
this: Unless something intentional is done,
there will be no crosstalk contribution to the
measurement. At the notch frequency the
inputs to all transmitters will be low in level
and hence there will be no measurable

model 1000 CMTS from Arris Interactive.
We tested the dynamic range of the trans-
mission path to demonstrate the amount of
headroom relative to level changes.

The block diagram of this test configuration
is shown in Fig. 2. The CMTS generates a 6
MHz wide 256 QAM signal at 555 MHz.

This signal is “dropped” to two cable mo-
dems through a diplexer and an RF splitter.
The 3.2 MHz wide, 9 MHz, 16 QAM return
signals from the cable modems are directed



to the return path transmission equipment by
the low pass section of adiplexer. A 5to 40
MHz band of noise is notched at 9 MHz,

combined with the cable modem signals and
then it isinserted into the upconverter of the

AEF 24.5 dBmV ATTEN @ dB

path under test. See Fig. 3 for aplot of the
upconverter’s input signal. Eight other block
converters are noise loaded, and then the set
of nine block converters is combined to

drive a 1550 nm directly modulated
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transmitter. Eight transmitters are optically
multiplexed and sent over 40 km of standard
single mode fiber. At the headend, they are
optically amplified before being separated
into individual optical signalsin aDWDM.
The optical receiver output with 9 return
bandsis split 9 ways. Then the bands are
downconverted to 5 to 40 MHz and con-
nected to the CMTS return inpuit.

TEST RESULTS

NPR

The NPR tests were conducted in three
blocks: 10, 15 and 18. The measured NPR
dynamic ranges for several values of NPR
areshownin Table 1:

NPR, | Block | Block | Block
dB 10 15 18
25 29.3 313 30.8
30 245 26.5 26.2
35 19.3 20.9 19.9
38 16.3 17.1 15.6
40 14.3 14.5 13.1

Table 1 NPR Dynamic Range for DWDM with
Block Conversion

A previous estimate of the NPR perform-
ance for an 8-wavelength system using di-
rectly modulated DWDM transmitters was
15-dB dynamic range at a noise power ratio
of 38 dB*. Theimpact of crosstalk interfer-
enceisseenin Fig. 4 by comparing the NPR
curves with and without modulation on the
other 7 DWDM optical transmitters. It can
be seen in that figure that the influence of
crosstalk is negligible for NPR values less
than about 41 dB.

Cable Modem Dynamic Range

The block converter input signal, composed
of the cable modem return signal and the
notched noise, was varied in level to deter-
mine how sensitive the end to end DWDM

with block conversion system isto input
level. AsshowninFig. 2,the CMTSis
connected to a PC to display data packet er-
rors. The dynamic range as used here is
based on the limits of signal level providing
error free transmission of the 10 Mb/s, 16
QAM signal.> Thetest timeis based on
sending a 50-MB file multiple times with
zero correctable bit errors, so the bit error
rate is about 10°°. As aworst case scenario,
we used block 10 for thistest (see Table 1).
The nominal level at the input to the upcon-
verter was set to be the noise density that
produces approximately 41 dB NPR. We
were able to raise the cable modem signal
and band of noise by 16 dB in 1-dB steps or
lower them by 13 dB in 1-dB steps without
encountering bit errors during afile transfer.
Thus we observed at |east a 29-dB total dy-
namic range.

Comparison of NPR and Cable Modem Dy-
namic Range M easurements

Theoretically, 16 QAM reaches a bit error
rate (BER) of 10° at asignal to noise ratio
of about 22.5 dB. Practicaly, a modem will
produce that BER at adightly higher signal
to noiseratio. Table 1 indicates that the dy-
namic range for an NPR of 25 dB is about
29 dB. Thisisshow good agreement be-
tween NPR and BER dynamic range per-
formance.

CONCLUSIONS

The measurements confirmed that the im-
pact of optical crosstalk is negligiblein
block converted DWDM return band trans-
mission. Furthermore, the performance cor-
relations among predicted, measured and
actual QAM bit error rate are very good.
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Enhanced Broadcast Services with Complimentary Delivery Over P

Jan van der Meer
Philips Consumer Electronics

Abstract

The increase of available
bandwidth over 1P, the decrease of costs
of storage devices and the availability of
new technology for coding and
streaming of audio and video is creating
more and more opportunities for new
enhanced broadcast services. The paper
discusses technologies that enable those
services and examples of applications.

INTRODUCTION

One of the technologies that is
expected to play an important role in
enhanced broadcast services with
complimentary delivery over IP is
MPEG-4, an object oriented multimedia
standard that offers a variety of tools. In
addition to providing tools for coding of
individual video, audio and graphical
objects, MPEG-4 provides aso facilities
to compose an MPEG-4 scene from a set
of such objects. The composition may
vary in time and space, which is
particularly powerful in the case of
multimedia applications with a behavior
that is dynamic and yet unknown at
application launch, for example covering
alife sports event.

To enhance an MPEG-2 based
broadcast service, the MPEG-4 objects
can be transported over the same MPEG-
2 Transport Stream as the MPEG-2
audiovisual broadcast content. Typically,
this will be done for objects that need to
be transported to al viewers of the

broadcast service. However, transport
over IP is possible too, which may in
particular be useful when transport is
needed to one or more individual users
only, for example in case of a
personalized service.

The MPEG-4 content can be
played back immediately, but it is also
possible to store one or more of the
objects on a storage device in the Set
Top Box for playback at alater time, for
example upon a command of the user. In
summary, delivery and playback options
can be exploited as deemed appropriate
by the application.

This paper first provides an
introduction on important MPEG-4
features for enhancement of MPEG-2
programs with MPEG-4 content. Next, it
is discussed how to incorporate MPEG-4
features in MPEG-2 broadcast services.
Finally, some example applications are
presented.

MPEG-4 FEATURES

MPEG-4 is an ISO/IEC standard,
defined by MPEG, the Committee that
earlier developed the Emmy Award
winning standards known as MPEG-1
and MPEG-2, which enabled a large
variety of digital video applications for
Compact Discs, Broadcast, and DVD.
MPEG-4, their most recent achievement,
is an object based multimedia standard,
offering scalability and flexibility, in
combination with a high coding



efficiency over a large range of
bandwidth.

Though there is some functional overlap
between MPEG-4 and MPEG-2, MPEG-
4 will not replace MPEG-2. At the
bitrates and resolutions commonly
utilized by MPEG-2 applications thereis
no improvement in coding efficiency
and hence no justification to replace
MPEG-2 by MPEG-4 toals. Instead, the
MPEG-4 specification is designed to
offer a set of new features that can be
exploited to add vaue to existing
MPEG-2 applications. In particular the
object oriented approach of MPEG-4
enables the design of sophisticated
multimedia applications. An overview of
MPEG-4 features for video, graphics,
audio and composition of scenes is
provided below.

Video

The video tools are capable of
coding natural textures, images and
video. In addition, arbitrary shaped
objects and transparency of video
objects are supported. MPEG-4 video
offers scalability and flexibility in
combination with a high coding
efficiency over a large range of
bandwidth, from as low as 5kbit/s up to
about 1 Mbit/s. This makes MPEG-4
especially suitable for video streaming
applications in environments where the
available bandwidth may vary.

Coding of natural images and
video is achieved in a way similar to
conventionah MPEG-1 and MPEG-2
coding, using motion compensated
predictive DCT technology, with a high
level of flexibility with respect to input
formats, frame rates, pixe depth and
bitrates. When compared with MPEG-1

and MPEG-2, motion compensation
technologies are enhanced to support
very low bitrates. As a result, MPEG-4
is extremely efficient at very low
bitrates, making the MPEG-4 standard
the obvious choice for streaming media
over the Internet.

In addition to the MPEG-1 and
MPEG-2 capabilities, MPEG-4 supports
arbitrary shaped objects and
transparency of video objects. MPEG-4
also includes a dedicated coding scheme
for textures and still images based on a
very efficient and scalable zerotree
wavelet algorithm. Furthermore the
MPEG-4 standard supports some 2D and
3D modeling techniques, as well as
synthetic objects, in particular human
face and body animation.

Graphics

MPEG-4 defines arich set of 2D
and 3D graphical functions, largely
based on VRML. For applications
requiring low-complexity graphics, a 2D
Graphics profile is defined. For transport
of graphical data an efficient binary
format has been specified that
compresses VRML 2.0 datawith afactor
of typically 8 - 15. This format aso
allows for very low bitrate animations,
typically at the bitrate of a few
kbit/second.

Audio

The MPEG-4 audio tools are
capable of coding speech and music over
a wide range of bit rates and sampling
frequencies. Three different types of
codecs are defined. The lowest bitrate
range is covered by parametric coding
techniques; 2 - 4 kbit/s for speech with a
8 kHz sampling frequency and 4 - 16



kbit/s for music with a sampling
frequency of 8 or 16 kHz. Speech coding
at the medium bitrates between about 6 -
24 kbit/s uses Code Excited Linear
Predictive (CELP) coding techniques. In
this region, two sampling rates, 8 and 16
kHz, ae wused to support both
narrowband and wideband  speech,
respectively. For bitrates starting below
16 kbit/s, and typically up to 128 kbit/s
for stereo, Time to Frequency (T/F)
coding techniques are applied, with
sampling frequencies such as 8, 16, 24,
32 and 48 kHz.

To support audio streaming over
Internet with a range of available
bandwidth and a variable Quality of
Service (QoS), MPEG-4 defined the
Scalable Audio Profile. Using this
profile, it is possible to increase the
audio quality seamlessly when more
bandwidth comes available and to
decrease the audio quality gracefully
when the available bandwidth decreases.

Scenes

MPEG-4 is an object oriented
multimedia standard. In addition to
providing support for the coding of
individual video, audio and graphical
objects, MPEG-4 also provides facilities
to compose an MPEG-4 scene from a set
of such objects. The composition may
vary in time and space, which is
particularly powerful in the case of
multimedia applications with a dynamic
behavior. Examples thereof are
applications to enhance the broadcast of
life sport events. During such life
broadcasts, several sSituations may
happen that are worthwhile to be
reflected in an immediate change of the
scene composition of the enhanced
broadcast application. MPEG-4 allows

for example to add and remove on the
fly video objects simultaneously
overlayed on the screen.

The necessary  composition
information forms the scene description
that is constructed using the so-called
BIFS (Binary Format for Scene
description). Composition information is
coded and transmitted together with the
media objects. BIFS provides MPEG-4
with a rich set of scene construction
operators, including the VRML graphics
primitives that can be used to construct
sophisticated scenes.

Delivery of MPEG-4 content over
MPEG-2 Systems and over |P

MPEG-4 is an abstract standard
that does not define transport
mechanisms; for interoperable services
additional specifications are needed to
define transport of MPEG-4 data. The
MPEG Committee defined how to carry
MPEG-4 content over MPEG-2 System
streams in Amendment 7 to the MPEG-2
System specification, while the IETF
defines carriage of MPEG-4 over IPin a
joint effort with the MPEG Committee.

ENHANCED MPEG-2 PROGRAMS
WITH MPEG-4 CONTENT

Within  MPEG-2  Transport
Streams, the Program Map Table, PMT,
is used to define which eementary
streams form a program. Within the
PMT also reference can be made to
MPEG-4 content. The MPEG-4 content
may represent an individual MPEG-4
elementary stream, or an MPEG-4 scene
with one or more MPEG-4 objects.



Individual MPEG-4

streams

elementary

An individua MPEG-4 stream
may represent for example an MPEG-4
encoded complementary speech channel
or alow frame rate video of a small size
for overlay on full screen MPEG-2
video. Each individual MPEG-4 audio
and visual stream is carried in PES
packets. In the PES header, PTSs are
encoded in the same way as for MPEG-2
elementary streams, based on the
MPEG-2 System Time Clock. In this
way the decoding and presentation of the
individual MPEG-4 elementary stream is
defined directly in terms of the MPEG-2
time base.

M PEG-4 scenes and obj ects

To identify the MPEG-4 objects
that are to be composed into an MPEG-4
scene, a unique ID, the ES ID, is
assigned to each such MPEG-4 object.
An MPEG-4 object may represent audio,
video, text, graphics, or other content.
An MPEG-4 object is not required to be
MPEG-4 encoded. For example, also an
MPEG-2 video or audio stream can be
an MPEG-4 object.

MPEG-4 System streams

MPEG-4 audio and visua
elementary streams can be carried
directly in PES as individua MPEG-4
elementary stream. Next to this method,
also MPEG-4 System tools can be used
to carry MPEG-4 content over MPEG-2,
in particular SL-packetized streams and
FlexMux streams.

In MPEG-4 Systems, SL packets
are the basic entity for carriage of access
units. Each SL packet carries exactly one
access unit or a part thereof. The header
of the SL packet contains time stamps
and other data for the contained access
unit. A sequence of SL packets with data
from the same dementary stream is
called a SL-packetized stream.

The MPEG-4 FexMux tool is
capable of multiplexing SL-packetized
streams into a HexMux stream. A
FlexMux stream consists of a sequence
of FlexMux packets. Each SL-
packetized stream in a FlexMux has its
own FlexMux channel, identified by the
FlexMux channel number coded in the
header of the FlexMux packet.

MPEG-4 time base(s)

In principle, each MPEG-4
object has its own time base. Elementary
streams carried in PES without the use
of MPEG-4 System streams are locked
to the MPEG-2 System Time Clock,
STC, in the same way as any MPEG-2
audio or video stream that is part of the
same program. MPEG-4 eementary
streams that are carried using MPEG-4
System streams have a time base with
the following characteristics :

* The object time base is locked to the
MPEG-2 STC;

* Thereis afixed time offset between
the object time base and the MPEG-2
STC.

In this case the object time base is either

carried by the SL-packet header or by a

specific FlexMux channel. The time

offset between the object time base is
defined through the use of MPEG-2 and

MPEG-4 time stamps. See amendment 7

to the MPEG-2 System specification.



Complementary delivery over IP

Once developed, an MPEG-4
application requires transport of the
MPEG-4 content. If the streams are
intended for broadcast to many clients,
transport over MPEG-2 may be most
suitable, but content that isdelivered to a
single client may be delivered more
efficiently over IP. In any case both
delivery methods are available as
complementary options which can be
exploited as appropriate.

Delivery  of  SL-packetized
streams and FlexMux streams over IP is
specified by IETF, in a joint effort with
the MPEG Committee. MPEG-4 alows
the content to be authored independently
of the delivery method. The application
requires that the content has been
authored under the same conditions as
for delivery over MPEG-2, and therefore
the format of constructed SL-packetized
and FlexMux streams is fully transparent
to transport over MPEG-2 or over IP.
However, applications should take into
account that the end-to-end delay for
delivery over IP may be significantly
larger.

EXAMPLES OF APPLICATIONS

MPEG-4 Scene composition is a
powerful tool to design multimedia
applications. It specifies how video,
audio and graphics and other objects
relate in time and space. In this section
four examples are given of multimedia
applications designed to enhance digital
broadcast services.

Audience attractor

Assume a Pay TV broadcast of a
tennis event. Instead of the usual way of
reporting from a tennis match with a
broadcast of a single full screen video
stream and a single audio stream, the
broadcast is now composed of multiple
objects:

» two tennis players as two foreground
video objects;

* the tennis stadium as a background
video object;

e an audio object with a commentary

VOICE;

* the ambient sound in the stadium as

a background audio object.

The PayTV coverage of the event is
broadcasting the background objects, the
tennis stadium with its ambient sound
for free, to attract the target audience.
Upon payment, the tennis players and
the commentary voice are added to the
background.

Personalized advertizing

Assume further to the previous
example some advertisement boards as
texture objects within the background
object The advertisements on the boards
depend on the geographic location and
profile of the consumer, to reach the
target audience for the advertisements.

I mmer sive sport cover age

Assume a mgjor sport event such
as the Olympics, World Football
Championship, Tour de France Cycling
or Car Racing. The event is covered with
one or more digital broadcasts. Each
broadcast consists of the usua full
screen video and associated audio
streams, but in addition other streams are



provided too, such as one or more of the

following small size pictures that can be

overlayed on the full screen video. These

overlayed pictures may or may not have

associated audio, and may represent for

example one or more of the following :

» Coverage of a simultaneousy
ongoing game

o« Status of the race at different
positions

» Performance of a specific racer

» Highlights of the game or race until
now

* Summary of aprevious race or game

* Replay of something that happened
during the game or race.

The additional content may be available

in many ways. It may be broadcast or

stored locally or at a server. In case the

additional content isintended for a broad

audience, it is likely delivered over the

broadcast channel, but in case of

delivery to a single user or a small group

of users, the content may be delivered

more efficiently over IP.

The objective is to optionally
offer users an enhanced coverage of the
event. If the user wishes, after tuning in
he can ask for the highlights until now,
he can keep an eye on the progress of
simultaneous games, have a look to the
performance of his favorite racer and
have a replay of what happened earlier.
The user may be able to choose between
watching the event in the usual lean back
position or to have an exciting
multimedia experience in a little bit
more lean forward position or anything
in between, as desired.

Enhanced EPG

Assume a bouquet of digital
broadcast services offered over a
medium such as cable. For user
convenience and promotional purposes
an enhanced EPG is offered; the EPG
can be overlayed on top of any of the
selected broadcast programs, exploiting
the transparency and arbitrary shape
features of MPEG-4. The EPG shows a
vertical axis that lists al available
services and a horizontal axis that
represents time. The user can very
conveniently select a service and a point
in time and will get presented in a small
window information on what is
broadcast by the selected service at the
selected time. The information can be
broadcast, stored locally or provided
over IP. The user can select programs of
a certain type and when available, such
programs are recommended to the user,
either to watch or to store for later use.

CONCLUSION

The MPEG-4 standard provides a
truly open specification with a large
variety of features enabling powerful
multimedia  applications. MPEG-4
provides solutions for delivery over
Internet with its largely varying delivery
rates, but MPEG-4 aso provides a
solution for high QoS services such as
provided by digital broadcasts. Using the
same MPEG-4 standard, applications
can exploit the strengths of both delivery
methods. Complete new ways of
broadcast become possible.

Jan van der Meer

Technology Manager

Philips Consumer Electronics

Email : jan.vandermeer@philips.com




Evolving To The IP Solution —
IP Access To Embedded Circuit Switched Systems

J.C. Proano
Jane Gambill
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ABSTRACT

Many MSOs (multi-system
operators) are providing telephony service
and Internet access as well as entertainment
video. These are usually provided in today’s
market as three separate networks — a video
network, based on a hybrid fiber-coax
infrastructure, a data network, built on the

HFC infrastructure using CableLabs’
DOCSIS specifications, and telephony
network, also built on the HFC

infrastructure. Some MSOs are considering
combining the data and telephony networks,
to reduce the cost of network
implementation and maintenance.

Two approaches are considered: (1)
Providing an IP telephony network on top of
the DOCSIS network, using the CableLabs’
PacketCable specifications, and (2)
Providing IP telephony access to existing
telephony equipment in the headend. The
latter approach allows existing circuit
switches deployed by an MSO or other
service provider to provide telephony
service to cable users on an IP based cable
access plant. This scenario allows a
migration from circuit based telephony to
packet based telephony. Normalized costs
are evaluated. From an end-user perspective
and from an access network perspective —
the two approaches are transparent.
However from a service provider and
network architecture perspective, the two
approaches are vastly different.

INTRODUCTION
Today's cable service providers are

exploring adding revenues to their income by
adding new services beyond traditional

entertainment video. Internet access and
residential telephony service are two good
examples — built on the existing video

distribution network, these subscriber services
offer new revenue streams that leverage the
existing service provider investment.

Internet access is the service that
allows subscribers to use their personal
computers (PCs) to access an Internet Service
Provider, or ISP Roadrunner and @homeare
two ISPs that partner with MSOs to provide
Internet service. The MSO works with the
subscribers to provide cable modems in the
home, and provides a CMTS in the hub or
headend that routes the data packets to the
ISP. Subscribers usually pay a monthly fee
for the high-speed access a cable modem
network provides to the Internet, in addition
to the fee for cable television services. MSOs
leverage the installed HFC network to
minimize the cost of deploying this additional
revenue-generating service.

Residential telephone service is
another revenue stream being offered by
MSOs. In this model, the MSO works with
the subscriber to provide a box on the side of
the house — a network interface unit (NIU).
The NIU has telephone jacks (RJ11) on one
side, and a coax connection on the other side,
for the cable drop. Each telephone jack is
connected to the one twisted pair in the house
telephone wiring, providing a new phone line



for the house. The NIUs on the side of the
house vary from vendor to vendor, providing
one or multiple new phone lines for each
house. Subscribers typically pay a monthly

/‘ N \
c
_ PSTN
Cable Headend or Hub
Subscriber Class 5
Switch [‘ 7\
_| Proprietary| HDT R/}grzgg%gjr
Proprietary P = N I%ata K -
& DOCSIS Router etwor
1 CMTS
Eiber Optical Optical - Video- R
Node TXIRX | [TX/Rx | | [ Transpori)
N k
- Networ

HFC Access Infrastructure Backbone Network

cost is used to compare the different technical
solutions.

DEPLOYING CIRCUIT-SWITCHED

] Router —-| cmMTS || &DocsIs__
Optical Optical Fiber
TTRx | |TXRx @ Node

Cable Headend or Hub

Subscriber

Class 5
Switch

HDT |-l Proprietary |
IP Proprietary

CM: Cable Modem

CMTS: Cable Modem Termination System
HDT - Host Digital Terminal

Class 5 Switch - PSTN Circuit Switch

HFC Access Infrastructure

Figure 1: Overlay Networks

fee for each phone line activated.

Depending on the technology
selected by the NIU vendor, different
headend equipment and different network
bandwidth is required to provide telephone
service. Two technologies are currently
being explored for phone service: circuit-
switched technology and  IP-based
technology. This paper compares circuit-
switched and IP-based technology for
telephony, and proposes a hybrid solution
providing IP access to circuit-switched
headend telephony equipment. Normalized

TELEPHONY SERVICE

Figure 1 shows an architecture that
provides telephony to the cable network
subscribers. In this architecture, the cable
operator chose to deploy an overlay telephony
network at the service level (i.e, it uses the
same coax cable to the home but the operator
has separated voice and data bandwidth over
the cable). Note that the only integration of
voice and high-speed data in this architecture
isthe sharing of the HFC physical facilities.

An example of how the bandwidth on
the cable spectrum might be allocated to



Figure 2: Spectrum Allocation for Overlay Networks
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support these overlay networks is shown in
Figure 2.

The bulk of the spectrum is reserved
for television services, and the new revenue
streams are alocated 5-40 MHz and 650-
700 MHz. Thisbandwidth is divided among
the standard and proprietary data protocols,
and the separate circuit telephony protocol.
When telephone service and Internet access
are both deployed over a common IP
network, then the underlying physical
network, the IP network, and the common
spectrum can al be shared.

This type of architecture has a few
advantages.

« Provides immediate implementation of
telephony service by using two-way
cable networks and circuit-based
backbone transmission and switching

- Fairly secure. In the last few years, this
implementation has been supplemented
with efficient security mechanism for
privacy and other security attacks.

Among the disadvantages we can
mention the following:

« Itisan overlay network incompatible with
packet switching technology.

- Evolution to packet-based
telecommunication is very limited or null
(forklift-upgrades are needed).

«  Costly solution. Uses technology that is
currently in decline (or at least not
aggressively increasing)

«  Current mature circuit-based over cable
technology cannot take advantage of the
IP backbone network without expensive
multiplexer and conversion systems.

equipment. DEPLOYING IPACCESSTO
QuaJit_y of ser_vice is very similar to the EXISTING CIRCUIT-SWITCHED
old twisted pair. TELEPHONE EQUIPMENT

« Tedephony searvices are transparent to A technology emerging in telephony
user. sarvice is IP Telephony — the ability to deploy

Performance and reliability is very high
and is only limited by reiability of the
cable plant.

telephone service over IP networks. IP
Telephony offers efficiency in the use of



cable spectrum, and in the use of cable
network infrastructure, particularly in
networks that include IP access to Internet
Service Providers. Many, but not al, of the
features used in residential telephony service

are avalable in IP  Teephony
implementations. For service providers who
have Class 5 circuit switches available, it's
possible to upgrade the access to those
switches from an overlay circuit switch
network to an integrated IP telephony access
network, as an interim step to providing full
IP telephony.

This Hybrid Solution is characterized
by efficiently providing high quality
telephony and the full set of features (the
same ones that the subscribers currently

This solution is appealing because it
does not disrupt the video entertainment nor
the packet data services infrastructure. This
Hybrid solution takes advantage of the
deployed IP access and backbone networks to
carry the voice traffic (in packetized form) to
the packet-circuit gateway (NCSG) at the
edge of the network.

From an engineering point-of-view
this Hybrid Solution has the following
characteristics:

1) provides significant capital cost savings,

2) minimizes the development of new
operations systems while improving the
performance and cost effectiveness of
MSQO’s cable network  flow-through
provisioning, and

enjoy via the old copper twisted-pair 3) leverages the continued use of (potential
technology), via [P access to circuit existing switches) Class 5 (telephony
equipment. switches) operations support systems
infrastructure.
Figure 3 shows one possible
implementation of the Hybrid Solution. The Hybrid solution represents a
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major step towards the realization of most
MSOQO’s strategy for an any-distance, any-
service, converged consumer franchise and
the continuous reinvention of the MSO’s
broadband business. As the PacketCable
standards mature and new technologies
emerge, the cable network will become
ready to go from a hybrid (IP and circuit) to
the full end-to-end IP telephony solution. As
the cable network evolves to a full packet-
based network, the Class 5 switch evolves
functionally to a full packet-based switch.
This transition provides key technologies
and capabilities necessary to evolve today’s
circuit switched networks into the cost
efficient voice/packet network of tomorrow,
while protecting the cable operator’s
investment in their embedded base of
network elements and revenue generating
services.

The NCSG (gateway) is supported
by OAM&P systems that leverage current
OSS systems capabilities and interfaces. In
this solution, all network provisioning is
done at the Class 5 switch through existing
interfaces, and billing information flows are
done over the current paths.

As the gateway between the cable
network and the Class 5 switch, the NCSG
translates between MGCP/NCS signaling
and RTP bearer path on the cable network
side to a GR-303 compliant interface that
terminates on the Class 5 switch. Call
processing and any associated functions in
the cable network’'s core network, are
performed in the circuit switched
environment using the MSO’s embedded
base of Class 5 switches. The NCSG
interfaces with the BTI (MTA/CM) at the
subscriber premises via the CMTS over the
cable plant (i.e., the Hybrid-Fiber Coax
network).

The major the
solution are:

components in

¢ NCS Gateway (NCSG)

Cable Modem Termination

(CMTS)

¢ Broadband Telephony Interface (BTI)
consisting of Multimedia Terminal
Adapter (MTA) and Cable Modem (CM)

<*

System

¢ Data Server software platform
(DNS/DHCP/TODI/TFTP Servers)

¢ [P Configuration Manager software
platform

¢ [P Fault Manager software platform

¢ Element Management Systems

(NCSG/CMTS/BTI EMSS)

A brief description of each component
follows:

NCS Gateway (NCSGF deployed at
the edge of the circuit-switched network. On
its feeder side, it provides DS1 interfaces (or
STS1(E) or DS3 interfaces) upstream to an
Class 5 switch, a local digital switch. On the
distribution side, the NCSG provides access
to IP networks utilizing Voice over IP (VolP)
packet technology. From the perspective of
the serving digital switch, the NCSG is one or
more GR-303-compliant remote digital
terminals; from the perspective of the
Broadband Telephony Interface (BTI), the
NCSG appears as a PacketCable Media
Gateway and Call Management Server.

Cable Modem Termination System
(CMTYS) — terminates the HFC Network at the
cable system’s head-end. The CMTS
includes an IP router that essentially transfers
IP packets between the cable distribution
network (HFC, BTIs) and the NCSG while
performing the appropriate physical and data-
link layer conversions (i.e., RF cable to
100BaseT). The CMTS interfaces to the IP
network and to the HFC.

Additionally, the CMTS provides the
following capabilities:
¢ Data service support, auto discovery and
auto provisioning, IP multicast, IP



filtering (according to port number and
source/destination addresses).

¢ Bandwidth alocation controls, RF
channel operations, channel assignments,
registration and management
authentication, encryption key
management, and quality of service
(QOS) processing, and event message
generation.

¢ SNMP Agent for CMTS management.

Multiple CMTSs may be provided
depending on the capacity needs of the
service provider.

Broadband  Telephony Interface
(BTI) — consists of a Multimedia Terminal
Adapter (MTA) and a Cable Modem (CM)
combined as a single unit:

Multimedia  Terminal  Adapter
(MTA) - is a hardware device that interfaces
standard analog phones to an IP network
providing analog voice, analog fax, and
telephony modem communication over an IP
communications network. On the user side,
the MTA provides multiple telephone line
ports. Each telephone line port interfaces to
standard analog touch-tone devices. The
MTA originates or terminates voice/FAX
telephone calls at its telephone line interface
ports. The MTA communicates with the
NCSG to provide subscribers with the
telephony features set that reside in the Class
5 switch.

For telephony call management, the
MTAs communicate with the NSCG by
transmitting various control messages using
the Network-based Call Signaling (NCS)
protocol, which is carried over UDP/IP
through the CM and CMTS and terminating
on the NCSG. These messages also include
the control messages to setup calls, transmit
control information such as DTMF digits,
and release calls. The MTA is initialized
and registered with the NCSG, using NCS
Protocol. The voice/fax data for calls

to/from a MTA is transmitted over the HFC
plant to the destination MTA via Real Time
Protocol (RTP) over UDP/IP. The NCSG
converts the voice packet to a DSO stream for
the Class 5 switch.

Cable Modem (CM) — acts as a
transparent bridge to interface the MTA or
terminal equipment attached to a local
Ethernet LAN to the HFC Network. The CM
transmits IP packets generated by the MTA or
attached terminal equipment to the CMTS and
forwards IP packets received from the CMTS
to the MTA or attached terminals as
appropriate. In particular, a CM interfaces
the MTA and a PC to the HFC Network
according to the DOCSIS CMTS-RFI
Specificatioh.

The CM also provides the following

functions:

¢ |IP packet filtering : IP filters may be
applied to restrict the types of services
accessible to a CPE including e-malil
server and web server. The IP filters may
be defined either through a configuration
file or through SNMP.

¢ SNMP Agent: the CM provides full
management access supporting the MIB I
and the DOCSIS MiIBs (RF, Cable
Device, BPI).

¢ Provides monitoring information to the
CMTS.

Data Server software platform
(DNS/DHCP/TODI/TFTP Servers) is a suite
of software solutions for the integrated IP
services management that are required to
support IP Telephony over cable networks.
The DHCP and DNS Servers are fully
integrated systems to synchronize updates in
real time and run autonomously. This
provides maximum flexibility in configuring
and deploying services across the network. In
addition, the data server platform solution
facilitates building redundancy and fail safe
uninterruptability into the network
infrastructure. Data  Servers  support




10/100BaseT Ethernet interfaces. A brief
description of each Server follows.

The DHCP Server is used to make
dynamic IP address assignments to the BTIs.

to peform operations such as retrieving
configuration information out of a user profile
database and sending them to a CMTS or
other network device. TFTP could aso be
used to update firmware in BTIs.
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The DHCP Server supports the definition of
vendor classes, configuration of address
pools, and the gspecification of lease
parameters for IP Address pools.

The DNS Server provides the NCSG
the data necessary to maintain afull cache of
Fully Qualified Domain Names (FQDNS) to
BTl IP addresses. It supports policies to
check and handle if the client’s requested
hostname are a duplicate within a domain or
across the HFC enterprise. It also supports
secondary server updates.

The TOD Server is used to support
the synchronization of 1P devices supporting
the IP telephony service.

The TFTP Server is used to support
software downloads to IP devices supporting
the IP telephony service. TFTP may be used

Configuration Manager  software

platform (IPCM) - is the customer
provisioning system in an overal operations
architecture based on the

Telecommunications Management Network
(“TMN”) model. TMN is a layered model
that divides the functionality needed to
manage network elements and the services
provided by Business Management, Service
Management, Network Management, and
Element Management. Figure 4 is an
illustration of that model. The IPCM is part
of the network management layer and is the
heart of the solution’s flow-through customer
provisioning process. The IPCM accepts
customer service provisioning requests from
the Network Inventory.

Once network and Class 5 switch
provisioning is complete, the IPCM provides



customer service NCSG provisioning, and
full BTI provisoning when the BTI is
powered up at the customer site.  The
solution supports both data and voice
provisioning and utilizes the PacketCable
MTA Provisioning Flow. The IPCM
supports northbound standard CORBA/IDL
interfaces and interfaces to the BTl EMS
and NCSG. The northbound CORBA
interface supports create, modify and
disconnect changes to the NCSG.

The OSS architecture for the NCSG
solution, presented here, is focussed on two
areas. customer service provisioning and
fault management.

IP Fault Manager (IPFM) - receives
network element adarms from the NCSG,
CMTS, BTI and the Data Servers. The
IPFM performs standard fault maintenance

capabilities (filtering, thresholding,
throttling, correlation, €tc.).
Element Management  Systems

(NCSG/ICMTSBTI EMSs) - BTI-EMS,
CMTS EMS and the NCSG Element
Manager provide e ement management layer
support for the IP access network.

The proposed Hybrid solution
assumes that an appropriate infrastructure
made of data routers, optical systems, data
servers, etc.,, are dready in place in the
MSO'’s network.

DEPLOYING IPACCESSTO IP

TELEPHONY EQUIPMENT

Figure 5 shows the architecture for the
end-to-end IP telephony over cable. This
architecture has no circuit-based equipment
and the transition to full packet-based
telephony (IP telephony) has taken effect.
Notice that this transition includes an
evolution of the NCSG system to a call
management  server  and gateways’
implementation. The functionality of the
different boxes, included in the description of
the NCSG solution, applies here as well. Call
management servers and gateways shown in
the diagram above are PacketCable
compliant; basically, they translate the
functionality of the Class 5 switch into the
end-to-end IP network environment. The
overall effect of providing IP access to the
telephony system on the Internet access
network is to raise the level of the network
shared among the services to the IP level.
This allows the maximum re-use of deployed
equipment and applications.




Subscriber

PacketCable

DOCSIS 1.x

Figure5: |P Telephony

-

¢_PSIN
l
Cable Headend Cable Headend
Gateways
Call Management Call Management +| ?mketcable
Servers Servers

Fiber

-®

Node

Optical
TX/RX

TX/Rx

Optical

Optical| ~ |Optical

TX/RX TX/RX

DOCSIS 1.x

Subscriber

Fiber

B

HFC Access Infrastructure

CM: Cable Modem
CMTS: Cable Modem Termination System
Calling Feature Servers & Gateways - provide
call processing logic and features

As an

comparison, the telephony and high-speed
data integration even at HFC leve is more
in the NCSG/Full-IP solution.

effective

additiona

point

Node

—( Transport
e |

Backbone Network

of

e

HFC Access Infrastructure

Figure 6 shows the bandwidth shared by the
HSD and telephony services (in addition to
the video entertainment services).
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Figure 6: Spectrum Allocation in Full IP Solution

network architecture, the Hybrid solution
using NCSG gateway and the full end-to-end
converged IP telephony network solution,
COST COMPARISON using normalized price-per-subscriber.
Figure 7 shows a comparison
between the circuit-based telephony overlay
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Notice that even for Ilarge
deployments (optimal scenarios for the
overlay solution) the circuit-based telephony
overlay network is twice as expensive as the
full IP solution. The reason behind this is
the duplication, in the case of circuit-based
network overlay, of equipment throughout
the network. The Hybrid solution appears to
be significantly less expensive than the
circuit-based overlay solution.

Up to now the comparison has been
done on equipment alone. If we consider
that the circuit-based overlay network
solution has two full networks to operate,
maintain, provision, etc., the cost of the

network increases significantly. In this
architecture there are two independent and
complete networks, this means that it requires
two sets of specialized personnel, training,
procedures, etc. The operation cost is
significantly higher in the circuit-based
solution than the other two architectures
under discussion.

CONCLUSION

The IP technology for telephone
service provides enhanced use of Internet
access networks, so an MSO expecting to
provide both Internet access and telephone
service should consider the use of IP
telephony equipment for telephone service. If
the MSO has invested in headend telephone




equipment as well as Internet access
network, an Hybrid solution like the one
described here can provide an excellent
method for leveraging existing investments
as wel as evolving the network to a
converged multi-service network in the
future.
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Extension of Cable-based Services to Home Networks

Terry D. Shaw
Cable Television Laboratories, Inc.

Abstract
CableLabs  has  been  investigating
technologies that could be used for

provisioning and delivering cable-based
services throughout the home environment.
This paper provides a discussion of several
issues surrounding provisioning cable-based
services through home networks.

Introduction

CableLab’s Home Networking Project has
been investigating technologies that could be
used for provisioning and delivering cable-based
services throughout the home environment. At
the outset of this project, two key strategic
principles were established for this investigation:

* Different cable services have
significantly different requirements to
transparently pass through to home
networks and must be addressed, in
some degree, separately.

— Cable modems represent a first-
generation [P gateway to interconnect
to home networks for high-speed data
(HSD) services.

— Video-centric networks are evolving
to support home-based client-server
convergence entertainment services.

— Any home networking solution
should not degrade existing consumer
telephony experience as [P-based
telephony products are deployed.

— At this time, technologies are being
developed that embed a cable modem
directly in devices that provide each

of these service categories. While the
number of cable modems embedded
in household devices may grow to be
significant, the industry would like to
optimize the number of DOCSIS
cable modems per home that actively
communicate with the network in
order to more efficiently use
bandwidth and simplify network
operations.

e The audio/visual entertainment network
is seen as largely an island unto itself
with limited interactions with other
networks present in the home.

— While communication with other
networks is desirable, the set-top box
is not seen as a focal point for voice
and data delivery.

— A/V efforts on home networks should
concentrate on the issue of video
redistribution of SDTV, HDTV, and,
possibly, digitized analog video.

In the fall of 1999, CableLabs and its
member companies surveyed home networking
vendors on the questions of in-home network
transport and access system interfaces. The
primary lesson learned from this vendor survey
is that if no action is taken, current market trends
will likely create three separate home networks
over which cable services will be delivered:

e A video-centric entertainment network
based on 1394 technology.

e An [P data network for distribution of
products slated for consumption by PCs
and Internet appliances.



* A telephony network that uses a network
interface unit (NIU) with an embedded
cable modem on which “primary line”
voice calls are distributed on the home’s
twisted-pair infrastructure.

It is important to stress that the above home
networking scenarios are likely to evolve absent
any proactive development efforts by the cable
industry. That is, services connected to these
home networks are unlikely to be customized to
extend cable services over the home network
segment to the benefit of customers. Moreover,
this outcome limits the ability of cable operators
to deliver services across the different networks.
For example: In order to provide a call waiting
message on the television, a message must be
sent from the NIU serviced by one cable modem
to the CMTS in the headend to the cable modem
embedded in the set-top box, where it can be
inserted into the video data for delivery to the
television.

A number of factors, which set bounds on
home network architecture, will allow cable
operators to effectively extend and create new
services over home networks, or permit the
integration of a single home networking solution
for all services and home locations:

* Implementation costs. Use of legacy
wiring, installation costs, and component
costs should be low enough to ensure a
wide utilization of the architecture.

* Varying service requirements. The
overall  architecture  should have
components that address issues such as
the transfer of high volumes of MPEG-2
video data and the provision of power to
telephones as part of a primary line
service.

* Hardware divergence in an era of
service convergence. As [P and
Internet-based products mature, a huge
number of different hardware platforms

are being developed in order to consume
these services. In order to support
network-based services, control of the
service demarcation point is of strategic
importance. The architecture should be
constructed so that these natural market
forces can be leveraged to the best
advantage of the cable industry.

* Divergence of business and technology
strategies both inside and outside the
cable industry.

Given these strategic confines, the remainder
of this document describes several technical
issues concerning the extension of cable-based
services.

Home Network Technical Issues

As a point of philosophy, consumers will
only purchase and use services that provide
value. In general, a consumer is inclined to
purchase any service for which the perceived
value exceeds the cost (this applies also to “free”
services). If the performance of the home
network degrades the quality of service to a
perceived value that is less than the cost, then the
customer will not purchase (or use) the service.

The primary considerations for ensuring
quality service delivery over cable networks are:

*  Support of varying levels of QoS.

* Network performance: Data rate,
latency, jitter, and packet loss
characteristics.

*  Support of cable network management
functions: Registration, Administration,
Security (RAS), copy protection, billing.

e Support of cable network operations:
Installation, configuration management,
performance management, and fault
management.



Overall, this issue involves a number of
closely entwined matters including home
network  management systems, transport
technologies, and protocol issues.

Home Network Management Systems

The widespread use of home networks, as
part of the consumption system for cable-based
services, will require “bullet proof” home
network management systems. It is expected that
if a customer consuming cable-based services
experiences a problem, then the customer will
no longer desire the service even if the source of
the problems lies entirely within the
functionality of the home network. The ability of
a home network management system to
appropriately distinguish between an access
network-related problem and a home network-
related problem will greatly enhance the value of
the network to the consumer.

Transport Technologies

Four different types of transport media have
been proposed for home network applications:

* Phoneline

*  Wireless

* Powerline

*  Special wiring

The choice of the technology best capable of
supporting cable-based services is a complex
issue and depends largely on the specific
scenario of implementation. While there is no
one technology that can service all applications,
there is substantial evidence that phoneline and
wireless technologies can serve a majority of
scenarios. At this time, 1394 is a rapidly
maturing technology for media and IP transport
(Sony, NEC, etc.) and has been selected for
OpenCable™ interface. Powerline and special
wiring systems are in development that show
some promise for the delivery of cable-based

services. In order to effectively use the
capabilities of any of these technologies, the
requisite interfaces to the DOCSIS protocols
must be developed. Vendors of all of the
transport media home networking equipment
have high data rate equipment with QoS hooks
in development, which use protocols similar to
the Ethernet-based technologies of phoneline
and wireless technologies. These capabilities and
the associated technology are, in general, not
completely defined and must be adapted for use
with cable-based services. Characteristics of
wired transport media and wireless transport
systems are summarized in Tables 1 and 2,
respectively.

Table 1. Characteristics of wired transport

media for home networks.
Wired LAN
HomePNA [MediaWire(1394 AC Wiring
2.0
RF Band |7 MHz— |0 MHz— |100 MHz-|0 MHz—
14MHz [25MHz |800 MHz |10 MHz
Digital 10 Mbps {100 Mbps 400 Mbps |10 Mbps
Bandwidth
Wiring Co-exists  |Uses New 6 Power
w/POTS |POTS conductor |wiring
Shipping [Yes No Yes (lower [Yes (lower

Products rates) rates)

Table 2. Characteristics of wireless transport
media for home networks.

Wireless LAN

HomeRF 802.11b Bluetooth
RF Band 2.4 GHz 2.4 GHz 2.4 GHz
Digital 1.6 Mbps 11 Mbps 1 Mbps
Bandwidth
Distance Whole house [Whole house |Room
Shipping Soon Yes No
Products

Protocol Issues

Several key home networking protocol

issues must be resolved in order to ensure the
delivery of high quality cable-based products.
These issues touch on the three primary
CableLabs projects—DOCSIS, OpenCable, and



PacketCable™—and in some cases significantly
overlap planned, in process, or already
developed specifications of these projects. These
issues include:

* Discovery of other devices and
applications on the network

¢ Download Control

*  Security (authentication, copy protection,
firewalls)

e  System Interfaces
— Quality of service
— Transport
— Streaming protocol

* Network Management: Diagnostics and
statistics

In some cases, different protocol
approaches are used to solve similar issues
(e.g., the security approaches on PacketCable
and OpenCable). These differences are, in
large part, driven by the nature of the specific
products being delivered.

Conclusion

The extension of the fundamental
bandwidth advantage of cable throughout the
home promises to create tremendous value for
both consumers and cable operators. The
creation of seamless network interfaces will
be a complex task involving network
management systems, the performance of
transport technologies, and network protocol
issues. The solution for the delivery of
multiple services must be closely coordinated
with the CableLabs DOCSIS, OpenCable, and
PacketCable projects to ensure that the
consumer can enjoy a quality experience,
regardless of the device of consumption.



HPNA 2.0 10M bps Home Phoneline Networking

Edward H. Frank and Jack Holloway
Broadcom Corporation

Abstr act

Computers are now in more than 50% of
American homes, and about 20 million
of these homes have at least two
computers. The multiple PC home,
together with the anticipated growth of
Internet appliances, has created the need
for a low-cost high-performance home
networking technology. One approach
uses the same pair of wires as the
existing analog telephone service
(POTS). Standardized under the
auspices of the Home Phoneline
Networking Association (HPNA), this
technology is aready in its second
generation, operating at speeds up to 16
Mbps. Phoneline networking, unlike
traditional Ethernet, must work robustly
over a widely disparate range of
transmission channels that have
significant dynamic impairments.

1. Introduction

We live in an age of ever-accelerating
technological change. The signal event
at the end of the Second Millenium was

amost certainly the explosion of the
Internet. In 1995 there were 20 million
users on the Internet, by 1998 there were
160 million. It is estimated that by 2003
there will be 500 million users
worldwide, and over 14 countries will
have more than 40% of their population
on-line — countries that represent more
than half of the world’s GDP. Internet-
based commerce has grown from
essentially zero in 1995, to $50B in
1998 and is projected to grow to
$1300B by 2003. There is an
unprecedented level of investment in
Internet-related business ventures — a
direct consequence of the appreciation
that the “new world order”, built on a
wired information  network,  will
profoundly effect the way we work and
live.

What is less well appreciated is that the
electronic dendrites of this network will
extend beyond the PC to every electronic
device within the home — connecting
literally billions of devices (See Figure
1).
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Figure 1: Connectivity in a networked home.

Traditional consumer electronics —
television, stereo audio, telephones -- are
already in the process of being redefined
to use digital technology. In the new
era, these devices will be designed with
“the Network” built-in as a standard
component, mirroring the absorption of
the embedded microprocessor that
occurred in the previous era. Network-
connected devices will be smarter, easier
to use, easier to maintain. The very
nature of television, radio and the
telephone will be transformed.

If every consumer electronic product
will have an “Internet Inside” sticker,
what connector will be used? How
quickly will network-enabled products
be adopted if consumers have to install
network wiring and learn how to setup
and administer a network? Will the
home have to be *“network-enabled”
before these products can be used? The
hard reality is that consumers don’t want
to buy networks — but will be motivated
to buy smart network-connected devices
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that entertain, inform, educate, connect
and increase convenience and choice.
To initiate rapid market adoption, these
devices will need to plug-in as simply as
a telephone, with “no new wires”.

In the home, there are basically three
existing wiring infrastructures that can
be exploited: phone wiring, wireless and
AC power wiring. It appears that all
three will be wused, with phoneline
networks deployed first.

In 1998 the computer  and
semiconductor industries created an
Alliance to select, promote and
standardize technologies for Home
Phoneline Networking (see HPNA 2.0
system [1] and

http://www.homepna.org). This group
has introduced a first generation 1 Mbps
technology (based on a system
developed by Tut Systems), and a
second generation 10 Mbps technology
based on a proposal from Epigram, Inc.
(now part of Broadcom Corporation).
Home Phoneline Networking is well



suited for the interconnection of
broadband voice, video and data within
the home. Industry reports estimate
shipments of 1 million HPNA
compatible interfaces by the end of
1999, and somewhere between 5-10
million interfaces by the end of 2000.

Networking over the existing home
phoneline infrastructure suffers from
many impairments (as do all no-new-
wires physica media), namely high
attenuation, reflections, impulse noise,
crosstalk and RFI ingress/egress. These
challenges must be overcome by a
successful technology.

2. Requirements for Home
Networ king

It is our belief that for a home
networking technology to be successful,
it must properly address the following
major issues:

1. Leverage existing wiring
infrastructure and be easy to
install.

2. Leverage existing standards
and interwork with common
operating systems and
software platforms.

3. Implement a quality of
service (QOS) mechanism
that provides low latency for

telephony and other voice
applications; implement
guaranteed bandwidth for
streaming audio and video
applications.

4, Be very robust and provide
connectivity in essentially
every home.

5. Support data rates in excess
10BASE-T Ethernet, and
scaleto 100 Mbpsin away
that remains compatible with
installed earlier generations.

6. Provide reasonable privacy at
the physical layer. (Wireless
and powerline require some
level of encryption to achieve
wired equivalent privacy.)

7. Be future safe, employing
designs that are scalable and
extensible so that users do
not have to do “fork-lift”
replacements when
upgrading their networks in
the future.

8. Be implementable with
sufficiently low cost to allow
inclusion as standard in a
wide variety of products.

Table 1 summarizes how well the
principal choices for home networking

technology meet these criteria.



Parameter HPNA 20 | Wireless Powerwire Ethernet (Cat 5)
1. Leverageexisting Good Good Good Poor
infrastructure
2. Leverage Standards Good Medium Poor Excellent
(802.3 (too many (no standards)
compatible) | standards')
3. QOS Support Good Good to Poor | Unknown Medium
(some (Simple hubs don't
standards support QoS. More
have no QoS expensive switches
provision) may.)
4. Robustness Good Medium Unknown Good
(Highly
impaired
channel)
5. Performance >10 Mbps, | 1to 11 Mbps Unknown 10, 100, 1000 Mbps
ot Uposo (O
. Mbps at 5 ariable
generation GHz channel
capacity)
6. Privacy of Physical Good Poor Poor Good
M edium
7. Future-safe Good Poor Unknown Good
(too many
standards,
potential for
interference)
8. Cost Good Medium Unknown Medium
(RF circuitry | (but should be| (low hardware cost,
is harderto | comparable to| but higher cost if one
integrate) HPNA) considers installation

of new wiring)

Table 1. Comparison of networking technologies.

! Several competing systems are under development and proposed for the unlicensed 2.4
GHz band (Bluetooth, HomeRF, 802.11b). The 2.4 GHz band has multiple sources of
interference such as DECT phones and microwave ovens. The 5 GHz NII spectrum may
also be used for home networking, using 802.11a or some other standard. Other
standards and frequencies are proposed for systems to be used in Europe and Japan.

1
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Figure 2: A view of the HPNA stack and spectrum

3. The HPNA 2.0 System

Figure 2 is an illustration of the HPNA
2.0 system from the point of view of
network stack and frequency spectrum.
The HPNA 2.0 system is a multi-point
CSMA/CD packet network that supports
unicast, multicast, and broadcast. As
will be discussed in this section, and
illustrated in Figure 7, it has the look
and feel of Ethernet. However, it differs
from 10BASE-2 and 10BASE-T in a
number of respects. First and foremost,
HPNA 2.0 places no restrictions on
wiring type, wiring topology, or
termination. Moreover, like 10BASE-2,
but unlike 10BASE-T, HPNA 2.0 uses a
shared physical medium with no need
for a switch or hub. 10BASE-T on the
other hand requires dedicated point-to-
point CAT-3 or CAT-5 wires.

Physical L ayer

At the Physical layer, the system is
frequency division multiplexed on the
same wire as standard analog phone
service (POTS), as wel as other
splitterless ADSL[2]. Analog telephony
uses the low part of the spectrum below
35 kHz. ADSL (both G.Lite and
G.Heavy) use spectrum up to 1.1 MHz.

HPNA selected the 4 to 10 MHz band
for several reasons. The lower limit of 4
MHz was chosen to make it feasible to
implement the filters needed to reduce
out-of-band interference between HPNA
and splitterless ADSL. After modeling
several  thousand representative
networks with capacitive telephones and
common wire lengths, it was determined
that the spectrum above 10 MHz was
much more likely to have wider and
deeper nulls caused by reflections [3].
Crosstalk between phonelines increases



with frequency, and the analog front end
IS harder to implement a higher
frequencies. The particular choice of 4
to 10 MHz only overlaps a single
Amateur Radio band (40 meters), which
simplifiesingress and egress filtering.

The no-new-wires media that are

have the problem that the
communications channel can be severely
impaired. The nature of the impairments
is illustrated in Figure 3 and Figure 4,
which shows the kind of channd
response one might find on a typical
phone wire loop inside of a house.

available for networking within homes
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Figure 4: The channel response of a simple home phonewire network.



The wiring topology found in homes is
ad-hoc resulting in reflections and
frequency dependent channel transfer
functions; the transmission parameters
of the wire used is uncharacterized and
highly variable, especially at higher
frequencies; telephone instruments on
the same wiring present a wide range of
frequency-dependent impedances; While
HPNA 10 uses Pulse Position
Modulation as mentioned above, HPNA
20 uses quadrature  amplitude
modulation, both to get more throughput
in the same bandwidth, as well as to
achieve greater robustness. However,
due to fact that the channels may have
very deep nulls, and multiple nulls in
band, two techniques are used to
improve robustness. The first technique
IS to be rate adaptive. Instead of having
a fixed number of bits per symbol, a
transmitter may, on a packet by packet
basis, vary the packet encoding from 2
to 8 bits per symbol. The second
technique is to use spectral diversity as
discussed below

Frequency Diverse QAM

Unfortunately, the nature of channe
nulls can be such that even rate adapting
down to 2 bits per symbol is not
sufficient to guarantee that the packet
can be received.

In atraditional QAM system, if thereis

an extreme null (i.e. one with which the
equalizer can’t cope) in the band then
the system will fail to operate. At its 2
Mbaud rate, HPNA 2.0 implements a
modified version of QAM invented by
one of our colleagues Eric Ojard, called
Frequency Diverse QAM (FDQAM) [5].
While a full discussion of FDQAM is
beyond the scope of this paper, Figure 5
through Figure 8 illustrate the basic
concept.

In a traditional QAM system, a single
copy of the baseband signal is sent and
received. Because in FDQAM the baud
rate is less than half the width of the
filter, the output signal has two
redundant copies of the baseband signal,
as shown in Figure 5. Thus, the signal is
frequency-diverse, motivating the name
FDQAM.

power spectrurm of complex basehand data signal

Power
T

Figure5: Spectrum of complex base-band signal.
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Intuitively, it's easy to see that on
channels where half of the spectrum is
nulled out, one copy of the signal will
still make it through. Quantifying the
performance of FDQAM versus QAM
on arbitrary channels is more
complicated, and this analysis is not
included here. It can be shown, however,
that on channels with low SNR where a
large part of the spectrum is severely

attenuated, FDQAM works robustly in
many cases where uncoded QAM
modulation would fail. Such channels
are common on home phonelines.
Unlike most other methods of handling
severe channels, FDQAM requires no
knowledge of the channel characteristics
by the transmitter, simplifying the
protocol and enabling robust



performance over time-varying is an 8-bit field that specifies the
channels. modulation format (bits per symbol for
example). There are miscellaneous other
control fields in Frame Control
including an 8 bit header CRC. The
remainder of the packet is exactly an
802.3 Ethernet frame followed by
CRC16, padding and EOF sequence.
Frame For mat The CRC16 covers the header and
payload, and reduces the undetected
error rate for severdly impaired

In cases where the channel nulls are not
particularly deep, HPNA 2.0 allowsfor a
higher performance 4 Mbaud mode,
which achieves peak data rates up to 32
M bps, and throughput above 20M bps.

Figure 9 shows the frame format on the
wire. The frame begins with a known 64

: networks.
symbol preamble. The preamble is used o _ _
for several purposes: Key to operation is that the first 120 bits
_ _ of the frame are sent at the most robust 2
* Robust Carrier Sensing and Mbaud, 2 bits per symbol rate. The
Collision Detection reason for this is that if it is possible for
« Equalizer Training any station to be able to demodulate a

packet, it will be at this encoding. Thus,
even if the payload is encoded at a rate

« Gain Adjustment or bits per symbol that the receiver can’t
demodulate, it will be possible to
demodulate the header. In this situation,
the receiver sends a Rate Request
Control Frame to the sender asking it to
reduce the number of bits per symbol or
the symbol rate.

* Timing Recovery

Following the preamble is a Frame
Control field. The first part of the FC is
an 8-bit frametype. Frametype=0 is
shown, where other codes can be
assigned for frame formats used by
future systems. Following the frame-type

< Ethernet Packet >
PREAMBLE Framel DST || SRC jEther- Ethernet Data FCS CRC | PAD [EOF
Ctrl Type 16
64 Symbols 16 4
Sym Sym
— A /LY_)
Y Y
Header Payload Trailer
2 MBaud 2 or 4 MBaud 2 MBaud
QPSK QPSK to 256-QAM QPSK

Figure 9: HPNA 2.0 Frame Format.



Media Access Control

As mentioned above, HPNA 2.0 is a
Carrier Sense Multiple Access (CSMA)
with Collision Detection (CD) system,
just like standard IEEE 802.3 Ethernet.
HPNA 2.0 introduces eight levels of
priority and uses a new collision
resolution algorithm called Distributed
Fair Priority Queuing (DFPQ).

Voice telephony requires a low-latency
network service, and streaming audio or
video applications require a guaranteed
bandwidth service. With the MAC in
Ethernet, there are no rea service
guarantees, as shown in Figure 10.

In this example, three nodes (N1, N2,
and N3) are contending for access to the
network. Node N2 is transmitting a
voice-over-IP (VolP) packet. Initidly,
NO accesses the wire transmits a frame
(TX), and during this transmission N2
has packetized a voice sample and is
ready to transmit, but must defer to NO.
At the end of the first transmission, NO
has a second packet ready to send, and

IFG

N1: NO and N2 collide

when N2 and NO contend for access
(resulting in a collision) N2 by chance
chooses a longer backoff interval than
NO. NO gains access again and
transmits. During this time, another
station N1 becomes active, and starts
deferring waiting for NO to finish. Now,
when N2 attempts to transmit it collides
with N1. A possible outcomeisthat N1
succeeds in the collision resolution and
N2 further increases its backoff. In this
manner, the queuing disciple can
become very unfair for N2. If NO and
N1 are PC's engaged in file transfers,
they can generate enough traffic loading
on the network to cause errors in the
VoIP service operating on N2.

One solution to this problem is to
introduce different access priorities,
where the VolP station uses a higher
priority than best-effort file transfer
traffic. HPNA 2.0 accomplishes this by
organizing the time following the inter-
frame gap into an ordered series of
priority slots.

f N1 and N2 collide

backoff l

N2: deferring

deferring . TX |IFG|

deferring backoff | deferring

-

~

Long Latency, High Variance

Figure 10: An example of access latency unfairness

Rl slot 7, N2 goes
NO: _Eﬁ/jeferring lIFG|7|6|5|4|3|2
|

N2: deferring TX

e [T

—— PRI slot 1, NO goes

ﬂ_}

Min Latency

Figure 11: Priority
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Figure 12: HPNA 2.0 Collision resolution algorithm

Now in the example shown in Figure 11,
when NO finishes transmitting, all
stations on the network that have lower
priority than 7 wait, while N2 begins to
transmit (without collision). After N2's
transmission, no stations have traffic
with priority higher than 1, so NO again
gains access to the channel with its next
transmission.

Access priority lets software define
different service classes, such as low-
latency, controlled-bandwidth,
guaranteed-bandwidth, best-effort,
penalty, etc.,, each using a different
priority level.

Within a given priority level, HPNA 2.0
uses an algorithm for collision resolution
where each dtation keeps track of a
Backoff Level and after a collision
randomly chooses to increment the
backoff level by 0, 1 or 2. During a
collision resolution cycle, stations
incrementally establish a partial ordering
—eventually only one station remains at
the lowest backoff level and gains access
to the channel.

In the example shown in Figure 12, NO
and N1 enter into a collision resolution
cycle. NO randomly chooses to
increment its backoff level by 2, N1 by
0. To optimize the partial ordering,
eliminating null levels, stations send a

special signal immediately following a

collision which reflects the backoff

increment chosen (0 and 2 in the
example shown). All stations observe
these signals and perform a distributed
computation to calculate the new
(partial) ordering. In this case, NO

increments it's backoff level by 1 since it
saw the Backoff Signal from N1 in SO

but no station indicating in S1.

In practice, even on saturated networks,
HPNA 2.0 is very well behaved, and
unlike traditional Ethernet does not
exhibit the capture effect. The relative
performance of DFPQ and Ethernet are
shown below.

Figure 13 shows the distribution of

access delay for Ethernet for offered
loads ranging from 30% to 120% of

network capacity. The simple

simulation shown assumes a Poisson
traffic model, 10 stations and a uniform
frame size of 1500 bytes. Delay is
indicated in units of frame transmission
time, where a perfect queuing discipline
would have a maximum delay equal to
10 frame times (the number of stations).
As the offered load increases, Ethernet
experiences delays of 100's of frame
times for several percent of transmission
attempts.



In Figure 14 the HPNA 2.0 access
latency is shown. By comparison with
Ethernet there is a negligible distribution
tail beyond 20 frame times, even at high
offered loads. It should be noted that the

105%

results shown are for contention within a
single priority level.  High priority
traffic will see on the average less than
one frame time of deay when
contending with lower priority traffic.

100%

95%

/

90%

Increasing Offered Load

Unbounded
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Figure 13: Ethernet Access Delay Distribution
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Figure 14: HPNA 2.0 Access Delay Distribution

Link Layer Protocols

One impairment not mentioned
previously that is a problem for all home
networks using “No new wires” is
impulse noise. On phonewire impulse
noise exists due to phone ringing, switch
hook transitions, and noise coupled from
the AC power wiring. Fortunately, the
impulses tend to be short, and destroy
only a single packet. While there are
coding techniques that might reduce the
number of packets destroyed by
impulses, we have chosen to use a fast
retransmission mechanism we call
Limited Automatic repeat ReQuest
(LARQ). Because LARQ s
implemented (in software) at layer 2,

and because it is only on a single
segment of the network, it is very
effective in hiding packet erasure from
TCP/IP, as shown in Figure 15.

Finally, it is worth mentioning, the
HPNA 2.0 implements a link integrity
mechanism, which can be implemented
either in hardware or at low levels of a
software driver. The virtue of link
integrity is that it provides a quick and
easy way for the end user to determine if
the network has basic connectivity. Link
integrity frames are sent once per
second, unless there traffic on the wire,
in which case the number of frames sent
may be reduced.
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Figure 15: User level throughput vs. Impulse noise events/sec

B. The BCM4100 Analog Front

4. Example Implementation End chip (the smaller iLine chip)

Figure 16 shows the high integration at C.  Magnetics module for phoneline
the chip-level and the low complexity at isolation/ protection (large black
the system-level that can be achieved module)

with HPNA 2.0, in this case using . .
Broadcom’s iLine-10 chipset, which D. Serial Prom W'th MAC address
combines the MAC and PHY for both and other configuration

HPNA 1.0 and HPNA 2.0. Chipsets E. Crystal

from other vendors should have similar

characteristics. The major components

are:

A. The BCM4210 MAC/PHY chip
(the larger iLine chip)
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Figurel6: Broadcom’s iLinel0 HPNA2.0 NIC reference board.

Conclusion

Home networking is now a reality. In
1999 estimates are that over 1 million
home networking nodes were shipped.
Estimates range as high as 10 million
home networking nodes will ship in
2000. Using advanced signal processing
techniques and high density CMOS it is
possible to transmit data over existing
media, such as in-place phone wire, at
rates once considered impossible.
Equally important, the cost of these
solutions is such that the chips can be
built into a wide variety of computers
and internet appliances. Just as the
Microprocessor has become an essential
component of every digital device, we
anticipate that a communications
element, which we call the Internet-Chip
or I-Chip, for short, will be come an
equally essential element in every digital

system over the next several years.
Consumers will come to expect that the
devices they buy have an I-chip in them.
By the year 2005, if not sooner,
consumer devices that can't
communicate in the Home LAN will be
obsolete.
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Abstract

The high-speed data access provided by
HFC networks has been a great success story.
In many systems and municipalities, the
penetration within the first year exceeded all
expectations. Moreover, the early adopters
were Internet and computer networking savvy
and generated high traffic in both downstream
and upstream directions of the HFC access
network. The same high capacity utilization
was experienced in the interconnects between
CMTSs, proxy server locations and regional
data centers (RDCs).

This paper analyzes capacity utilization
of several major components of the high-speed
data access in HFC networks:

e access side of CMTSs (downstream and
upstream channels),

* network side of CMTSs,

* interconnects between CMTS|ocations and
proxy server locations,

* RDC LANSs, and

* interconnectsto global Internet.

This analysis accounts for the number
of customers served and for the user behavior.
The purpose of this exercise is to develop
simple tools for initial network design and
capacity engineering for different levels of
penetration and for different behavior of the
users. The data for this analysis has been
collected over a period of several months. This
data by itself is interesting and representative
of diurnal and weekly traffic patterns, and can
be used for capacity engineering in networks
shared by different user categories: residential
and business.

INTRODUCTION

The explosive growth of the demand for
high speed data (HSD) access services,
although welcomed and partially anticipated by
the HSD access network operators and HSD
access service providers, introduced an element
of surprise. Traffic generated by the early
adopters did not follow the expected patterns.
At low penetration rates on the access side of
the HSD plant and unpredictable traffic patterns
of the early adopters, the efficiency of caching
and proxy servers in traffic containment and
traffic load reduction was low. This could lead
to unexpectedly high capacity utilization if this
inefficiency were disregarded. This in turn
could result in unexpected capacity exhaustion
in an under-engineered HSD network segment.

As the penetration increases, the more
predictable user behavior and traffic patterns
prevail, and engineering of the interconnect
capacity based on the average user behavior
becomes well grounded. Moreover, it is aso
expected that the server and caching efficiency
in traffic containment will increase as the
number of customers served by the server
location increases.

Other factors such as BER, rate shaping
and service tiering, customer traffic patterns
based on the customer type, and aggressiveness
of the IP protocols must be considered and
monitored beside using historical datafor traffic
and utilization prediction and capacity
engineering. Therefore, traffic and capacity
utilization monitoring as well as development of
the demand-extrapolation tools must be
continuous in nature.



The authors present several metrics and
statistics that may be useful as ssmple predictive
tools. However, these proposals are very
preliminary. Although the tools must be simple
and intuitively interpretable, they may become
quite more accurate and adaptive with the use
of today’s data analysis and processing engines.

HSD NETWORK ARCHITECTURE
EXAMPLES

Three systems were selected for the
analysis presented in this paper. The
systems/markets were selected to represent three
different sizes.

Single-CM TS Architecture

The first system (see Figure 1) is based
on a single CMTS with collocated proxy
servers. The interconnect with the RDC was
initially engineered for a capacity of four T-1s

Figure 1:

and has been upgraded to 22 Mbps capacity
during the period of collecting data for this
paper.

An HSD NOC report$n Data Rate and
Out Data Rate for the CMTS on a weekly basis.
The In Data Rate statistics represent the traffic
collected from either the larger Internet or from
any local or proxy servers within the logical
data network segment, and forwarded to

customer cable modems (CMs). This is
equivalent to “downstream traffic’. Th@ut
Data Rate statistics represent the traffic

collected from customer cable modems within
the HFC service areas and destined to either the
global Internet or to any local or proxy servers
within the logical data network segment. This
Is equivalent to “upstream traffic’. The NOC
also provides statistics for each downstream
data transmitter and upstream data receiver on
the access side of the HSD HFC plant.

HSD Architecturefor Single-CM TS Network

100 Mbps
Ethernet

CMTS




location is in turn interconnected with an RDC

Medium Size CM TS Configuration viaa 100 Mbps EtherRing.
~ The second network (see Figure 2) As described above, the HSD NOC
consists of three CMTSs connected via a Fast reports In Data Rate and Out Data Rate for
Ethernet link with a proxy server location. This each CMTS 100BaseT input/output interface on
aweekly basis.

Figure 2: Medium-Size CMTS Configuration
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_ However, traffic data for this network was
L arge-Size HSD Network available only for 20 of the CMTS units.
] Traffic statistics were also available for the
An example of the large-size network Gigabit Ethernet internal RDC LAN at the

consists of 12 headends and 32 CMTS units.



master headend. The internal RDC LAN
aggregates traffic for the entire market data
network. This Gigabit RDC LAN also provides
access to the global Internet for al customersin
this market.

The distribution data network consists of
a single 100BaseT Fast Ethernet backbone
traversing from the northwest headend through
all west headends and hubs (CMTS locations)
to the master headend, and finally heading
through east headends and hubs (CMTS
locations) into the hub in the northeast service
area. Additional 100BaseT spurs along this
main route feed into the main backbone. There
is a single proxy server at one headend in the
West and two proxy servers at another headend
in the East.

Logically, the man Fast Ethernet
backbone is split into two main segments: West
and East. The West Fast Ethernet segment
services CMTSs in several headends and hubs
in the West. All Internet content requests
generated from customers within the West
Ethernet backbone service area are first directed
to the proxy server in one of these headends. At
this location, a determination is made on
whether to forward those requests to the RDC
and the larger Internet cloud.

The East Fast Ethernet segment services
CMTSs in several headends and hubs in the
East. All Internet content requests generated
from customers within the East Ethernet
backbone service area are first directed to the
two proxy servers in one of these headends. As
is the case with the West portion of the Fast
Ethernet backbone, the two proxy servers
determine whether to forward content requests
to the RDC and the larger Internet cloud.

As dready described, for each CMTS
100BaseT input/output interface, the HSD NOC
reports In Data Rate and Out Data Rate on a
weekly basis.

The NOC also reports In Data Rate and
Out Data Rate for the Gigabit Ethernet internal
RDC LAN in the master headend. In this case,
the Out Data Rate represents incoming traffic
from the global Internet that is forwarded to
both the West and East Fast Ethernet backbone
segments for distribution to all customersin the
market data network, i.e., “downstream traffic”.
The In Data Rate represents incoming traffic
originating from all customer data terminals
arriving at the RDC from both the West and
East Fast Ethernet backbone segments and
destined to the global Internet, i.e., “upstream
traffic”.

CMTSTRAFFIC ANALYSIS

Due to the concerns of the industry
outsiders, the access network capacity
engineering has been the focus of the HFC
engineering effort, despite repeated reports on
the results of simulation and traffic modeling
that showed significant capacity margins in the
access plant. These results can be found in
several publications (two are referenced in this

paper).

The traffic statistics presented in the
next several subheadings will support the earlier
results and will also allow to draw some
preliminary conclusions that may be useful
during capacity engineering effort and in
capacity exhaustion predictions.

Single-CMTS System

Channel Utilization — Downstream

The CMTS in this market served a
maximum of 1313 active modems during the
week for which the traffic dtatistics are
presented in Figure 3. The transmitter s6.p6
served a maximum of 820 active modems. As
can be seen from Figure 3, downstream traffic
did not reach at any point 50% of the capacity



utilization (downstream capacity equal to
approximately 27 Mbps).

After traffic aggregation on the network
side of the CMTS, the maximum traffic levels
were much below the capacity of the CMTS.

An interesting conclusion can be derived
from the analysis of the downstream data rate
per CM. It seems that the log-linear plot of this
statistic (see Figure 5) fits very well a power
trendline. However, the data represent too few
observations to draw binding conclusions.

Channel Utilization — Upstream

The transmitter s6.p6 served a maximum
of 820 active modems. As can be seen from
Figure 4, upstream traffic did not significantly
exceed 50% of the capacity utilization for any
receiver at any point in time (upstream capacity
equal to approximately 2.5 Mbps for each of the
SiX upstream receivers).

The upstream data rate per CM does not
follow the same pattern as data rate in the
downstream direction. However, the upstream
packet rate per CM (see Figure 4 for raw data
plots) for this particular example follows similar
pattern (see Figure 6) to the pattern for the data
rate per CM in the downstream direction.

Diurnal and Weekly Traffic Patterns

The downstream traffic reaches the
highest data rates at midnight, tapers down fast
to reach a minimum at 6 am. and then starts
increasing at a slower or faster rate to close the
daily cycle at midnight. This pattern is
discernable in both downstream traffic data on
the access side and downstream aggregated
traffic data on the network side of the CMTS as
long as the number of users is sufficient to
generate sizeable traffic and perform statistical
traffic aggregation. This pattern is not clearly
visible on the access side for the upstream
traffic. However, the aggregated data rates for
the upstream traffic on the network side as well
as the packet rates for the upstream traffic on
both sides of the CMTS show similar patterns.
The difference for the upstream data rate
diurnal behavior on the access side can be
explained by statistically smaller group of users
and by higher variability of the packet sizes in
the upstream direction. In most cases, the
downstream and upstream data and packet rate
traffic reaches its peak during weekends.
Moreover during weekends, the traffic reaches
high levels already at noon.

To engineer the access side of the HSD
plant, one must account for the peak values of
the data rates unless traffic shaping and
throttling schemes are implemented either for
downstream or upstream traffic or in both
directions.



Figure 3: Single-CMTS System Data Rate Statistics
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Figure 4. Single-CM TS System Packet Rate Statistics
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Figureb: Downstream Data Rate/CM Behavior
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Figure6: Upstream Packet/CM Behavior
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M edium-Size HSD Configur ation

The traffic patterns from each CMTS
have similar characteristics as the traffic
characteristics for the CMTS in the single-
CMTS system. There are some small
differences in the upstream traffic patterns that
will be analyzed later in this paper.

Of interest is the data presenting
statistics on the traffic in the link between the
RDC and the proxy server location for this
system. These traffic records show that the
diurnal and weekly patterns described above for
a single CMTS are even more pronounced at
higher levels of traffic aggregation. Moreover,
the aggregate traffic reached above 20 Mbps



(peak value of 5-minute averages) over the
period of six months since the service launch.
The number of active modems reached 4,000
over that period of time.

Downstream Data Rate/CM Behavior

The results of the regression anaysis
show that there is a reasonably good fit between
the collected data points and power trendline
described by the following equation:

y=cx’

where ¢ and b are constants.

Figure7:

In the case depicted in Figure 7, the data
rate per CM drops approximately by a factor of
two for each quadrupling of the number of the
active CMs (total data rates increase twice for
each quadrupling of the CM number). For
1,000 of CMs, total data rate reaches 10 Mbps
(10 kbps/CM); for 4,000 CMs, total data rate
reaches approximately 20 Mbps (5 kbps/CM).
These statistics should be continuously verified
as the customer behavior may change as well as
new, more bandwidth demanding applications
may start dominating the downstream traffic.
However, they can be used today for capacity
engineering of the access and network side of
the CMTSs.

Downstream Data Rate/CM Behavior for Large Sample of Observations
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Table1: Linear Regression Analysis Resultsfor Max. Downstream Data Rates (L og-L og Scales)

Regression Statistics

Multiple R 0.8915
R Square 0.7947
Adjusted R Square 0.7827
Standard Error 0.1064
Observations 19
df SS MS F Significance F

Regression 1 0.7457 0.7457 65.81875 3.01446E-07
Residual 17 0.1926 0.0113
Total 18 0.9383

Coefficients  Standard Error  t Stat P-value Lower 95%  Upper 95%
Intercept 2.3264 0.1537 15.1401 2.67E-11 2.0022 2.6506

X Variable 1 -0.4602 0.0567

-8.1129 3.01E-07 -0.5799 -0.3405




Upstream Packet/CM Behavior

The results of the regression analysis for
the upstream traffic are less conclusive. There
is no good fit for data rates as a function of the
active CM number. Thereis only acceptable fit
between the packet rate and the number of
active CMs (see Figure8). The only convincing
conclusion based on the data collected is that,
for CM numbers exceeding 500, the packet rate
is approximately 1 pkt/S'CM and the data rate
does not usually exceed 3 kbps/CM. These

numbers can be used for capacity engineering,
especially when supported by the previous
conclusion that for the number of CMs
approaching 1,000 units, upstream channe
capacity utilization rarely exceeds 50%. With
four to six channels per single downstream
channel of 27 Mbps (this channel can serve
approximately 6,000 active modems), there is
sufficient capacity of 10 to 15 Mbps in the
upstream direction. Based on the numbers
listed above, this capacity could serve 8,000 to
12,000 active modems.

Figure8: Upstream Packet Rate/CM Behavior for Large Sample of Observations
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Table2: Linear Regression Analysis Resultsfor Max. Upstream Packet Rates (L og/L og Scales)

Regression Statistics

0.7052
0.4973
0.4906
0.2375

Multiple R

R Square
Adjusted R Square
Standard Error

Observations 78
df SS MS F Significance F

Regression 1 4.2412 4.2412 75.1696 5.72298E-13
Residual 76 4.2881 0.0564
Total 77 8.5293

Coefficients  Standard Error  t Stat P-value Lower 95%  Upper 95%
Intercept 1.3189 0.1101 11.9792 3.51E-19 1.0996 1.5382
X Variable 1 -0.5096 0.0588 -8.6700 5.72E-13 -0.6266 -0.3925




Assumptions and Definitions

The downstream channel capacity is
estimated for 6 MHz 64 QAM DOCSIS
channel, the upstream capacity is estimated for
1.6 MHz QPSK DOCSIS channd.

All the conclusions for the downstream
and active traffic and customer behavior are
based on historical data and are may be
dependent on other factors not included in the
analysis.

TRAFFIC AGGREGATION BY PROXY
SERVERSIN LARGE-SIZE MARKET

Available Data

Data for the large-size market has been
collected from individual 100BaseT interfaces
at each of the CMTSs polled. As such, this data
reflects the raw traffic before the local headend
data routers direct it to either the proxy servers
(if available) or into the appropriate 100BaseT
Fast Ethernet backbone segment. The
100BaseT Fast Ethernet backbone segments
carry al traffic into the master headend and
RDC location. The RDC location is the main
gateway to access the global Internet. Access to
the Internet cloud is via two OC-3 packet-over-
Sonet (POS) interfaces.

The traffic satistics for the Gigabit
Ethernet internal RDC LAN that aggregates all
incoming data from the 100BaseT Fast Ethernet
backbone are also available. Unfortunately
there was no meaningful data available from the
proxy servers in this market at the time the data
was collected.

Data Analysis Results

From among 32 CMTSs in this market,
data was available for 20 units only. The
resulting estimated traffic statistics database

allows for aggregation of the specific traffic
sources within the data network.

Traffic aggregation has been done
separately for the sources feeding the West Fast
Ethernet and the East Fast Ethernet logical
backbone segments. This alowed for an
estimate of the current utilization for each of
these two segments. Traffic aggregation for all
combined sources has also been done. This
latter aggregation allowed for direct comparison
against the reported traffic statistics available
for the internal RDC Gigabit LAN. It aso
allowed for an assessment of how effectively the
proxy servers at both West and East proxy
server locations perform traffic containment and
traffic load reduction on each of the two Fast
Ethernet logical backbone segments. The
following sections summarize the findings to
date.

Utilization of West and East Fast
Ethernet Backbone Segments

Figures 9 and 12 for the West and East
Fast Ethernet backbone segments respectively
illustrate the Internet traffic transported from
the RDC Gigabit LAN to each CMTS. The
West Fast Ethernet backbone peaks at 90%
utilization (90 Mbps). This peak utilization
starts at around 6:00 p.m. everyday and reaches
its maximum level of 90 Mbps at just before
midnight. Utilization tapers off rapidly after
that to its minimum level at around 6:00 a.m.
everyday. The East Fast Ethernet backbone has
a worst-case peak of 100% utilization (100
Mbps). A similar pattern of traffic utilization is
present here.

The charts in Figures 9 and 12 indicate
that both Fast Ethernet backbone segments are
heavily utilized. Figures 10 and 13 for the two
Fast Ethernet backbone segments illustrate the
traffic transported from each CMTS location to
the RDC Gigabit LAN and destined to the
global Internet (upstream traffic). This



upstream traffic utilization is very uniform.
Maximum utilization for this case is less than
20 Mbps for the West Fast Ethernet backbone
and less than 30 Mbps for the East Fast
Ethernet backbone. Figures 11 and 14 illustrate
the ratio of downstream to upstream traffic for
the West and East Fast Ethernet backbone

Figure9:

segments respectively and have been included
here for information purposes only. The
observed ratios fall between 3:1 and 6:1. The
higher ratios appear to track the volume of
traffic and occur at approximately the same
time as the peak utilization for each Fast
Ethernet backbone segment.
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Figure 10:

Aggregate Upstream Traffic for West Backbone
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Figure 11:

Downstream-to-Upstream Data Rate Ratios — West Backbone

Traffic Ratio
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Figure 12:

Aggregate Downstream Traffic for Eat Backbone
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Figure13:

Aggregate Upstream Traffic for East Backbone
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Figure14: Downstream-to-Upstream Data Rate Ratios — East Backbone
Overall Downstream-to-Upstream Traffic Ratio Variation - East Backbone
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Utilization of Internal RDC Gigabit
LAN

Figure 15 shows the aggregation of all
the traffic entering each of the monitored
100BaseT interfaces for all 20 CMTS units
under study, i.e, downstream traffic into the
subscriber modems. This is the aggregation of
all the reported In Data Rate traffic in the charts
for the CMTS units.

Figure 16 shows the aggregation of all
the traffic leaving each of the monitored
100BaseT interfaces for al 20 CMTS units
under study, i.e., upstream traffic generated
from all the subscriber modems. This is the
aggregation of all the reported Out Data Rate
traffic in the charts for the CMTS units.

Figure 17 shows a representative weekly
traffic chart tracking utilization for the Gigabit
Ethernet internal RDC LAN. The Out traffic
trace should represent all incoming Internet data
traffic leaving the RDC LAN for distribution
into each of the CMTS units via the 100BaseT
Fast Ethernet backbone segments. The In
traffic

trace should represent aggregation of al data
traffic entering the RDC LAN from the
100BaseT Fast Ethernet backbone segments and
destined for the global Internet.

The proxy servers in the network are
intended to contain Internet-related traffic (web
page traffic) within specific sub-network
domains and away from the 100BaseT Fast
Ethernet backbone segments. The objective is
to minimize the amount of duplicate packets on
each of the backbone segments and eliminate
duplicate user requests to access the same
information over a period of time. The proxy
servers in this scenario would store the most
requested Web pages and Internet content
locally. Local storage closer to the end user
should also result in faster access to the
requested information, i.e., reduced delays.

Under the current scenario, we would
expect to find the utilization of the Gigabit
Ethernet internal RDC LAN for both the Out
and the In traces to be somewhat less than what
we would find if straight traffic aggregation
from all CMTS sources took place. The proxy



servers would be expected to limit traffic on
each of the Fast Ethernet backbone segments
feeding into the RDC LAN. The data collected
so far does not support this expectation. A
quick visual check of Figures 15 through 17
shows that ailmost all In and Out traffic for the

Gigabit RDC LAN is aggregated in a
straightforward way.  However, the above
analysis is by no means complete. We are

missing some of the traffic contributions for the
additional CMTS sources. The current analysis
represents only 20 out of the 32 CMTS unit
universe in the distribution network.

Figure 15:

Fast Ethernet Backbone Utilization

Another interesting finding is that,
athough a Gigabit Ethernet LAN is
implemented at the RDC, the two Fast Ethernet
backbone segments connecting all CM TS traffic
aggregation points are still point-to-point Fast
Ethernet links. From the RDC perspective,
there are two separate 100BaseT links feeding
traffic into the Gigabit Ethernet LAN.
However, these two Fast Ethernet links are
approaching the limit of their capacity.

Aggregate Downstream Traffic for 20 CMTSs
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Figure16:  Aggregate Upstream Traffic for 20 CMTSs
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Figurel7:  Traffic Activity in Gigabit Ethernet RDC LAN
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TRAFFIC STATISTICSANALYSIS

Table 3 below contains some data rate
and packet rate statistics that can be useful in
capacity engineering.

Table 3: Simple Traffic Statistics

Statistic Average Standard
Value Deviation

DownstreamyUpstream  Packet  Rate 1.20 0.0571

Ratio

Downstream/Upstream Data Rate Ratio 3.20 0.70

Downstream Packet Size (Network Side) 746 bytes 42 bytes

Downstream Packet Size (Access Side) 1295 bytes 277 bytes

Traffic Aggregation Gain for 121% 8%

Downstream Packet Rates

Traffic ~ Aggregation Gain  for 224% 55%

Downstream Data Rates

Upstream Packet Size (Network Side) 305 bytes 60 bytes

Traffic Aggregation Gain for Upstream 224% 91%

Packet Rates

Traffic Aggregation Gain for Upstream 360% 57%

Data Rates

The data shows that the upstream traffic
aggregation gains (also called the multiplexing

gains) are much higher than those for
downstream traffic are. This fact indicates that
upstream packet rate and data rate peaks from
different customer groups do not coincide in
time as well as the downstream rates do.
Moreover, these gains in both direction are
much lower than previously expected (usually
for traditional LAN applications, the access to
trunk capacity ratios are much higher). This
may be caused by the fact that traffic peaks
from different customers coincide in time.

Also, traffic rate asymmetry is much
lower than expected. For peak and average
traffic, the asymmetry for packet rates is 1.2:1
and for data rates is 3.2:1 downstream to
upstream.

OTHER FACTORSTO CONSIDER

BER Impact

Figure 18 shows an example of the
access network with very low BER and FEC
activity. Figure 9, on the other hand, shows an
example of the access network with very high
BER and FEC activity. The impact on the
upstream traffic pattern and behavior is visible.
Some impact can be also observed in the
downstream traffic (not shown in Figures 18
and 19).



Figure18: Low BER and FEC Activity Access Plant
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Figure19: High BER and FEC Activity Access Plant
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Capacity Exhaustion

Figure 20 shows data rate on the
network interface of the CM TS connected to the
RDC via a link with 100% utilization for most
of the time. Its impact on traffic is visible in
flattening the diurnal patterns. After the link
upgrade, the typical diurnal patterns were
restored.

Applications

Downstream traffic data rate peaks and
packet rate peaks coincide with each other
almost perfectly. The downstream packet sizes
are more uniform (see Table 3). Thisis not the
case in the upstream traffic where data rate
peaks do not coincide with packet rate peaks
(compare Figures 3 and 4). This may be caused
by different packet composition in the upstream

direction as well as by high BER and packet
retransmission rates.

Miscellaneous

Other factors such as traffic shaping and
servicetiering as well as datarate throttling may
soon start playing a dominant role in
influencing traffic rate patterns and behavior.
However, they were not included in the analysis
presented in this paper.

New applications and more aggressive
protocols (for media streaming) may also affect
the traffic patterns and behavior. For example,
if the media streaming will dominate in the
downstream (as opposed to upstream), the
asymmetry of data rates and especially packet
rates may increase significantly. Other traffic
statistics may also be affected (for example,
packet sizes and data/packet rates per CM).

Figure20: Capacity Exhaustion Influence on Diurnal Traffic Patterns
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CONCLUSION

The first step to understanding al the
dements of the HSD networks in the metro
areas is to monitor the traffic behavior in its:

1. CMTS access and network interfaces,

2. Interconnects between CMTS locations and
proxy server locations,

3. RDC LANSs, and

4. Interconnectsto global Internet.

1.18Mbps  Max 2. 32Mbps

Thu Feb 10 09:17:53 2000

Based on traffic behavior and pattern
databases, a simple set of data rate, packet rate
and traffic statistics and metrics can be
developed for capacity engineering of all the
HSD network elements listed above. Moreover,
trend monitoring will alow for early
adjustments of the statistics and discovery of
unusual traffic patterns and behaviors. As an
example, this monitoring can and should be
used in elimination of high BER.



This paper presented preliminary results
of the traffic database anaysis from several
HSD systems of different sizes. Although
further analysis is «ill required, the paper
presented some analysis tools as well as the
analysisresults. The most useful are:

1. Downstream data rate/CM of 5 kbps for the
number of CMs higher than 1,000;

2. Ratio of downstream-to-upstream data rates
of 3.2:1 for weakly peak traffic values (not
necessarily coincidental in time);

3. Significant multiplexing gains (albeit lower
than expected) for upstream traffic after the
traffic integration from the access side to the
network side of the CMTSs (in excess of
300%) and some gains for the downstream
traffic (in excess of 200%).

These results are based on historical data
and their application must aways be
accompanied by verification whether the traffic
patterns and behavior assumptions remain the
same. The data collected proved that the
capacity of the downstream and upstream
DOCSIS HFC channels can support up to 5,000
active modems. On the other hand, the results
of the analysis on effectiveness of the proxy
servers and information caching in traffic
containment and traffic load reduction are
inconclusive and further analysis on richer
traffic parameter databases is warranted.
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| mpr ove Plant Performance with Laser Clipping Suppression
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I ntr oduction

Forward path digital loading has become
common in HFC signal multiplexes over
the past several years. The added
bandwidth on HFC systems requires not
just improved frequency response from
the equipment in the distribution chain,
but it also requires hardware with better
dynamic range. As the forward path
signal load increases with heavy digital
loading, the total output power that must

be achieved without degrading distortion
isincreased. Depending on plant layout,
the total power could also be shared by
backing down the analog load as a trade-

off with the increasing digital load’s
effects. However, with slightly lower
analog levels, CNR would degrade
unless a lower noise floor exists. Thus,
ideally, devices with improved dynamic
range yield the most flexibility.

Towards this end, linear optics has
improved significantly as the plant

engineering focus has shifted to more
sophisticated architectures spanning
large geographical regions. Product
families have been continually growing

to support longer link lengths with

higher power lasers and Erbium-doped
fiber amplifiers (EDFA’s). Lower noise

lasers and ITU grid wavelengths also
count as important achievements.
Broader RF bandwidths and improved
RF noise and distortion characteristics
have also occurred in this time frame.
This paper discusses a technique which
crosses into the realm of both RF and
optical to achieve its goals. This

technique, laser clipping suppression,

uses RF sensing to provide dynamic
laser bias adjustments. This approach
mitigates the laser's  dominant

impairment relative to digital signal

carriage — laser clipping events — by
shifting the laser’s bias point at the onset
of large RF envelope variations, which
might otherwise introduce clipping.

Forward Path Operating Point and
the Effect of Clipping on Analog and
Digital Signals

Linear optics carries a composite signal
multiplex for advanced HFC systems.
The multiplex consists of traditional
analog video channels, typically below
550 MHz. Above 550 MHz, digital
signals are carried. Among these are
digital video broadcasts, targeted
services, cable modem traffic, and
possibly telephony or other
telecommunications services.

In all views of what HFC will be

carrying in the future, heavier loading is
a constant. Adding digital channels
increases the total load on the
transmitters, the significance of which
depends on relative digital levels. It
works out that the magic “10 dB”

number, the rule-of-thumb threshold by
which decibel addition of contributors
means a negligible contribution,
becomes violated for 300 MHz of digital
loading at —6 dB relative to analog. The
relative digital load at that point
becomes about —8 dB of the total.



The need for high analog CNR resultsin
the need for a particular per-channe
optical modulation index (OMI). The
above loading increase exacerbates this
need, as the total power must be shared.
The OMI level for high CNR is such as
to generate clipping events that tend to
drive the uncorrected BER performance
of the QAM in the optical portion of the
link. Thus, the RF drive to the laser isa
careful trade-off between generating a
high enough rms OMI per channd for
the CNR needs of the analog video, and
the clipping impairment associated with
higher OMI. It also involves assuring
that digital-on-analog composite
intermodulation noise (CIN) does not
degrade analog CNR, although this often
becomes a bigger issue deeper in the RF
plant where high output levels are
required.

From the outset then, digital signaling in
the forward path is confronted with
clipping limitations of the linear optics,
and relies on FEC to deliver the end-of-
line performance. Of course, reliance on
FEC for one impairment means less
available FEC *“budget” for other

The average clipping repetition rate,
can be estimated [2], and is in units of
1l/sec or Hertz. It is related
exponentially to the rms OMI. The
qguantityvT, for QAM symbols of period
T, is thus unitless, and represents the
average number of clipping pulses per
QAM symbol T. This term is valuable
for a few of reasons. First, it points out
the regularity with which a QAM
symbol will be imposed upon by a
clipping event which does not
automatically mean that an error will
result. Second, the stress on the forward
error correction (FEC) can be
recognized, assuming it will be
responsible for cleaning up some of
these impulsive errors.  Third, this
parameter is part of the Kkey to
developing BER analysis for clipping in
the forward path, and also plays a role in
performing this same analysis for the
case of clipping suppression.

Because of the short duration nature of
clipping events, their effect on signal
quality for analog and digital signals is
different. The spectral nature of short
duration impulses is, intuitively, wideband

impairments in the forward path in nature. As clipping is gradually
(microreflections, CTB, CSO, phase increased by increasing RF drive and
noise, frequency response variations).optical modulation index (OMI), a noise
While FEC can be proven to mitigate floor is created that on a spectrum analyzer
clipping-induced errors, the movement looks like additional white noise. The
to 256-QAM in the plant will place more spectrum analyzer is an averaging device,
constraints on the quality that the plant or, correspondingly, a lowpass filtering
must deliver relative to CNR (6 dB device. The human eye also has filtering
worse than 64-QAM) and distortions [1]. characteristics. Aside from the raw ability
The coding gain for 256-QAM is slightly to overlook rapid changes, perception is
weaker than the 64-QAM. Thus, it may influenced by what surrounds a picture
be desirable to build the additional element and the experienced brain’s
margin into the plant design to be expected observations. The impairment
prepared for the additional difficulty in impact of clipping on analog signals can be
transporting 256-QAM. correlated to the CNR degradation due to
the carrier-to-nonlinear-distortion (C/NLD)



associated with the laser

phenomenon.

clipping

For digital signals, this is no longer the
case. The digital receiver, not the human
eye, is the processing mechanism faced
directly with the impulsive clipping
effects. The recelver measures energy in
each symbol (this is actually a simplified
view of the processing in the
demodulation stages). In any case, the
digital receiver relies on symbol energy
measurements over the small intervals of
time corresponding to the symbol rate of
the transmission. Because of this,
impairments that the eye may not detect
are imposed upon a transmission format
(high rate digital symbols) that make them
detectable, in this case ultimatey
manifesting itself via the familiar “tiling”
associated with digital picture impairment.

Early Linear Optical Transmitter
Development History

With the advent of linear fiber optics in

the late 1980’s, system architectures
began to take on new and more reliable
forms. The signals that were carried
then were strictly analog channels, most
often 42 or 60 channels of broadcast
video. This lighter load relative to

today’s 110-channel analog or combined
analog and digital systems reduced the
design constraints on the laser
transmitters. The baseline performance
of the fiber optic portion of a network

requires about a 50 dB CNR, and
distortion levels better than about
-65 dBc. These levels were achievable
with state-of-the-art 42-channel laser
transmitters in 1988, and have remained
so with the increased channel count and

improvements in transmitter design and
linearization since that time.

The earliest fiber optic transmitters
employed only second (even) order
linearization circuits. Those linearization
schemes often employed predistortion of
the RF drive signal such that the laser’s
non-linearities were compensated by the
distorted RF drive. In predistortion
schemes in general, two features are
characteristic: the non-linear element of
the predistorter that generates the error
signal used for correction, and the
topology into which the non-linear
element is configured. In this instance,
the non-linear elements are pairs of
amplifiers in a push-pull configuration,
which are connected in a path parallel to
the main signal path. A small portion of
the main signal is split out of the main
path, sent through the non-linear
element, amplified, and phase adjusted
before being added back into the main
signal path. In a similar fashion, third
(odd) order predistortion was added in
an additional parallel path. This
combination of multiple parallel paths
and even and odd predistortion
constituted the logical progression of the
early optical transmitters.

Advances in predistortion technology
have led to combined RF and optical
subassemblies that previously were
separately handled. The non-linear
element is now diode pairs, and the
topology has been simplified to one in
which the elements are in the main
signal path. This has allowed tuning of
the predistorter in a more predictable and
controllable manner, as the RF and
optical subassemblies were combined
onto a single board, enabling
manufacturing cost and process savings.



The Anti-Clipping Concept

In the most recent advancement of the
transmitter ~ circuitry,  anti-clipping
technology has been added. Incoming
RF signals can have large envelope
variation, periodicaly becoming large
enough to create distortion due to laser
clipping. It is a somewhat similar
phenomenon to amplifier clipping, but in
that case the input-output transfer
function is a soft distortion mechanism

as the amplifier gradually loses dB-for-

dB behavior. In the laser clipping case,
the distortion mechanism is a hard clip,
much like a perfect limiter, but occurs
only in a snglesded manner for
directly modulated lasers, when the
instantaneous RF drive exceeds bias
level. If the large amplitude RF drive
can be avoided, or the laser biased to a
high enough point, clipping does not
occur. In the forward channe, the
periodicity of the RF signal's peaking
events are such that reasonable
predictions can be made about its
amplitude and repetition characteristics.
Because of this, an “anti-clipping”
circuit can be designed based on
statistical knowledge of the events. The
circuit samples the RF and predicts the
duration of a high amplitude RF
envelope occurrence. A drive circuit is
used to partially control the DC bias
point of the laser, and when a high
amplitude event is recognized, the drive
circuit temporarily biases the laser to a
higher level to prevent the onset of
clipping. The duration of the events and
the mechanism of changing the laser bias
point have not been detrimental to the
overall operation or performance of the
laser transmitter.

A simple way to understand the clipping
mitigation approach is to think of it as a

threshold detection mechanism followed
by a laser bias adjustment, the period of
which is determined by an RC time
constant, or equivalent lowpass function.
The input to a forward path laser is a
composite multiplex of traditional
analog video and digital services,
typically riding above the analog
spectrally. As mentioned above, the
resulting signal has random qualities,
creating a high peak-to-average ratio that
looks much like noise. However, for the
forward path, there is an inherent
component of peaks of that occur, not
coincidentally, with a 6 MHz repetition
rate and predictable duration with which
to set the time constant. The amplitude
characteristics of this burst period
depend upon the relative phases of the
analog carriers. Because of the large
number of (typically) independent
carriers  (not  phase-locked), the
randomness qualities vary slowly with
the nature of crystal oscillator drift.

There has been a significant amount of
study to determine the impact of laser
clipping in composite analog/digital
multiplexes on both the analog CNR and
on the QAM BER. Analytical
expressions have been derived and
measurements take in support of these
results to help system designers
optimally align laser loads for both
analog and digital performance. A
recent contribution [3] provides
simplified BER expressions under the
practical assumption that, during a
clipping event, the AWGN contribution
is negligible compared to the clipping.
The is particularly applicable to HFC
systems, where clipping can still be
considered a relatively rare event in
terms of number of events on a per
symbol basis, and where the CNR on
any 6 MHz channel is relatively high.



Even for digital channeds that are run
backed off from the analog video by up

to 10 dB, CNR’s in the low 30’s will
exist as a minimum. For the optical link

only, we assume that the only
impairments of significance to deal with
are AWGN (RIN, optical RX,

interferometric intensity noise) and the

clipping effect. The expression for BER

under the above assumption can be
represented as

BER() = Prob(no clipping events in a
symbol). Prob(error/no clipping events)
+ Prob(clipping event in a symbot)
Prob(error/clipping event in a symbol),

or

BERV) = [1-vT] « Prob(error/AWGN) +
[VT ] « Prob(error/clipping event in a
symbol) (1)

The first term in (1) is the traditional
demodulator case — symbol detection in
the face of the AWGN channel. The
second term recognizes that a different
error rate expression must be calculated
when clipping events occur. This is
because the impairment PDF has
changed from Gaussian to something
different.

This expression is a good starting point
for predicting the effect of clipping
mitigation, by relying on the prior work
regarding the characteristics of the
clipping impulses. It is described in [2]
how clipping can be modeled as a
Poisson process, with a parabolic pulse
shape, the duration of which is Rayleigh
distributed. The mean duration is related
to the frequency content of the modeled
spectrum and the rms OMI driving the
laser.

From this statistical information, the
effect of the matched filter on the
clipping event can be evaluated. In
particular, the impulses are so short, on
the order of nanoseconds, relative to the
symbol periods (on the order of
hundreds of nanoseconds) in real
systems, that the parabolas look nearly
like impulses to the input of a matched
filter, which allows simplification of the
filter output. Thus, the impulse response
of the filter plays a key role in evaluating
the effect of the short clipping pulse.
Effectively what occurs is that the
matched filter spreads the clipping
energy out into the order of a symbol
time, and the analysis simplifies to
evaluating the impulse response of a
matched filter, but with a noise term of a
statistically varying output amplitude
related to the clipping level. Since the
matched filter integrates over a symbol
period to determine an energy for
symbol slicing (detection), the varying
output amplitude is, in fact, a function of
the Rayleigh statistics of the clipping
impulse duration. The actual statistics of
the output amplitude is a complicated
expression [2] because the PDF of the
impulse duration is modified by the
matched filter operation. Refer to the
probability density function (PDF) of
this matched filter output amplitude due
to a clipping impulse as(t).

How does this all relate to the analysis
for the clipping mitigation case?
Consider (1):

BER(V) = [1-vT] Prob(error/AWGN) +
[VT ] « Prob(error/clipping event in a
symbol)

What changes now to the predict
performance of the equipment using this
approach is that clipping mitigation that



has been introduced. This effects the
coefficient terms in this expression. In

the analogy given above for the
mitigation circuitry — an RC filter —
when the onset of clipping is sensed, a
bias change is introduced for a time
period related to the duration of a burst
of events. The period is governed by an
RC time constant. That is, the nature of
the forward path multiplex is that when
there are clipping impulses, they
typically come several or many over a
period of time for which this time
constant represents the average. The
termvT would still represent the average
rate of clipping occurring, the
description here merely says that they
occurrence is not necessarily evenly
distributed over time.

Now, when clipping suppression kicks

in, the further assumption is made that
the error rate again reduces to the
AWGN-only case. The new expression
for BER can be written by noting that

this occurs when the amplitude of the
clipping event at the matched filter

output exceeds some threshold. The
threshold that must be exceeded is, of
course, at the transmitter on the other
end of the link. However, for a clipping

impairment that dominates the AWGN

contribution when both exist — an

assumption from the beginning for this

simplified analysis - it is equivalent to

fixing a threshold at the matched filter

output also. Call this threshold

boundary at the matched filter b, then the
BER expression becomes

BER(V) = [1vT+ J*p(C)dC] -
Prob(error/AWGN)HT - o/’ p(C) dC ]
« Prob(error/clipping event in a symbol,
modified).

(2)

The expression here shows how the
mitigation of clipping events is taken
into account to express the new
likelihood’s of the two BER’s that make
up the composite expression.

Physically, the interpretation of this

expression is that, for the percentage of
amplitudes that would exist above the
threshold at which the laser bias is
adjusted, it is assumed that clipping
mitigation is employed and successful.
Doing so reduces such a situation to the
AWGN detection problem. Thus, the

first term in the expression above
corresponds to the case where no
clipping events occur, naturally,

combined with the case where a clipping
event would have occurred, but was
ameliorated by the mitigation effect of

the technology. The second term
corresponds to the case where clipping
exists, but the amplitude of the

impulsive event is not enough to trigger
bias reduction. Thus, the detection
problem is still one of detecting the

signal in the face of a clipping event.

The expression in the second term for
probability of error of the remaining

clipping impaired symbol, however, is

not the same as that used in (1). The
expression for the error probability given
a clipping event is an integral

expression. The region over which the
integral is evaluated now is only over the
range up to the threshold boundary, b.
Thus, the probability of error given a

clipping event in a symbol is slightly

different in (1) and (2). An intuitive way

to look art this is that in (2), this

expression only applies for a subset of
the cases of equation (1), the clipping
events which do not exceed the
threshold. Thus, the error probability
given a clipping event in a symbol must
be smaller.



This analysis can be used to predict
performance as a function of the
threshold of declaring a clipping region,
channel CNR, and rms OMI.

M easur ed Results

A Dblock diagram of the test setup is
shown in Figure 1. Note that Figures 1
through 3 are all located at the end of the

paper.

A Matrix generator was used to place 77
channels of analog video in the
52-550 MHz passband. This CW comb
was RF combined with the simulated
digital load, which consisted of a
bandpass filtered wideband noise source,
with the filter delivering a flat spectrum
across 553-860 MHz. The combined
signal was passed through a channe
deletion filter at the location of the
desired 256-QAM test channd, 555.25
MHz. The QAM test signal, an
uncorrected 256-QAM RF carrier, is
upconverted and combined at the proper
relative power level to complete the
signal load. Thisload is split three ways
to drive three lasers. The three lasers
represent three classes of performance
from the Motorola product family.
There is a standard performance product,
the LM-9, a premium performance
product, ALM-9, and finally the clipping
suppression product, the ALM 11-9. The
-9 in each product represents the
maximum optical link length the
transmitter is designed for (essentially,
this defines laser output power).

The transmitters are alternately run
through an optical link of 20 km, where
the signal is detected by a forward path
optical receiver inside a node. The node
in this case is a Motorola SG2000.

Thus, it was assured that the
performance were relative to the same
link and optical receiver. The node’s RF
output feeds a bandpass filter for the
QAM channel, through a subsequent
downconversion to get to the test modem
IF  frequency. The demodulator
interfaces with a BERT and a PC. This
completes the test setup. All of the BER
measurements are with no error
correction.

The testing was broken down into a
focus in three areas of study — digital

bandwidth, relative digital levels, and

increased analog levels. The test results
are shown in Table 1, Table 2, and Table
3 corresponding to the three areas of
focus.

In these tables, the term SNR has been
switched to to represent the digital
channels, while standard term CNR has
been wused to represent analog
measurements. Note that the effective
SNR improvement (the column labeled
“BER SNR Delta”) of the 256-QAM
performance is based on converting from
BER to SNR (or Eb/No in this case, the
relationship is still one-for-one). Figure
2 shows a BER plot of 256-QAM in
AWGN, relative to the BER curve for
64-QAM, 16-QAM, and QPSK. Note
that the horizontal axis is based on
Eb/No, and not SNR. To put in terms of
SNR requires augmenting with the bits
per symbol relationship. For 256-QAM,
for example, the SNR is 10g(8) =

9 dB higher than Eb/No, since there are
eight bits per 256-QAM symbol. This
leads to the useful rule-of-thumb that a
BER of le-8 requires (25+9) = 34 dB
for uncorrected 256-QAM. This is
useful because, in terms of SNR, the
significant modulations are all about
6 dB apart. In other words, 64-QAM



reguires about 28 dB SNR for 1e-8 and
16-QAM requires about 22 dB SNR.

Varying Digital Bandwidth

In Table 1 below, the performance of the
lasers against increasing the digital
bandwidth is measured, for analog levels
at nominal per-channel settings and a
fixed relative to analog digital per-

channd level of —6 dBc.

Table 1 — Varying Digital Bandwidth

Test Conditions w/9dB Link

256 QAM BER

BER SNR Delta

TEST #1

ALM 1I-9 vs. ALM-9/LM-9

LM-9 | ALM-9 | ALMII-9

550MHz Analog (nom per/ch)
Single 256 QAM ch @-6dBc

6.30E-08| 3.70E-08| 1.00E-10

1.25dB/1.50dB

|sa7.2sMHz | CNR 51.8 53.9 53.9
550MHz Analog (nom per/ch)
200MHz digital @-6dBc w/555MHz 2.40E-07| 1.40E-07] 2.90E-09 1.00 dB/1.25 dB
547.25MHz CNR 50.9 53.0 53.6
550MHz Analog (nom per/ch)
300MHz digital @-6dBc w/555MHz 8.70E-07| 2.90E-O7| 4.90E-08 .50 dB/1.00 dB
547.25MHz CNR 514 53.4 54.0

Evaluating Table 1, the following points
are of note:

* The anti-clipping technique in the
ALM Il results in virtually error free
performance when a single digital
channel augments the analog
multiplex; this verifies the anti-
clipping mechanism as the standard
models show error accumulation
even for this favorable condition.

» There is about two orders of
magnitude BER improvement for the
ALM 1l for the first case and the
750 MHz system with 200 MHz of
digital load.

*» Thereisabout an order of magnitude
BER improvement for the heaviest
loaded case of 300 MHz of digital; in
this case the total digital power
represents —8 dB of the total power,

so it is no longer considered a
negligible power load.

* There is 1-1.25 dB of effective SNR
gain on the digital channels for
200 MHz of digital loading, and
.5 dB-1 dB of gain on the 300 MHz
of digital load.

The measurements verify the effect of
the anti-clipping circuitry. The point of
the CNR numbers taken on the last
analog channel was to recognize that the
analog performance was essentially
unchanged around a high quality level of
CNR performance. In addition to
proving anti-clipping effects, this test
shows the significant link gain available
for the 200 MHz of loading. While the
300 MHz loading case shows less gain,
this case also crosses the threshold at
which the digital loading can be ignored
as a percent of the total. In other words,
the laser in this case is being driven
above its nominal rms OMI because of



the 100 MHz of additional digital
loading. The following tests explore
other options that may more efficiently
use the performance gain.

The emphasisin Table 2 below is on the
level of the digital channels relative to
the analog, for a fixed 300 MHz of
digital bandwidth, and fixed analog
levels at nominal per-channe settings.

Varying Relative Digital Levels

Table 2 — Varying Relative Digital Levels

Test Conditions w/9dB Link

256 QAM BER

BER SNR Delta

TEST #2

ALM 11-9 vs. ALM-9/LM-9

LM-9 | ALM-9 | ALMII-9

550MHz Analog (nom per/ch)
300MHz digital @-6dBc w/555MHz

8.70E-07 | 2.90E-07 | 4.90E-08

.50 dB/1.00 dB

[547.25mHz | CNR

550MHz Analog (nom per/ch)
300MHz digital @-8dBc w/555MHz

51.4 53.4 54.0

1.50E-07 | 5.75E-08] 2.10E-09

1.00 dB/1.25 dB

[547.25mHz |  CNR

550MHz Analog (nom per/ch)
300MHz digital @-10dBc w/555MHz

51.4 53.6 54.3

5.80E-07 | 3.46E-07 1.00E-10

2.00 dB/2.25 dB

[547.25MHz |  CNR

550MHz Analog (nom per/ch)
300MHz digital @-12dBc w/555MHz

51.6 53.7 54.4

2.40E-06 | 2.00E-06 | 4.00E-08

1.25 dB/1.25 dB

[547.25MHz |  CNR

51.7 53.9 54.6

Evaluating Table 2, the following points

are of note:

The performance of the ALM I
actually improved as relative digital
levels dropped, to a point. This is
attributable to what was implied by
the Table 1 measurements of
300 MHz of digital bandwidth — the
significance of the power load. As
the power load becomes once again
negligible (-10 dBc relative levels),
the laser experiences a typical level
of clipping. The circuit is designed
to handle typically found clipping
statistics well, and the link becomes
“less” clipping limited, instead of
completely clipping limited, like the
LM and ALM. This can be
recognized by noting that BER does
begin to degrade at the -12 dB
relative level for the ALM I,
because of lower QAM levels

relative to the remaining

impairments.

The traditional transmitter families
show predictable BER degradation
as signal level is dropped. These
models are still impacted by clipping
as the dominant impairment, and
lowering the channel power makes
the  C/(clipping),the  dominant
impairment parameter, lower.

For digital channels run —10 dBc,
there is a 2-2.25 dB effective SNR
gain in BER due to the anti-clipping
design; the link runs virtually error
free, versus E-7’'s for the traditional
models.

A major advantage of the lower
digital levels - not recognizable in
this link test — is the effect of the
lower digital levels on the end-of-



line plant distortion performance. As

RF output levels increase to
eliminate actives in fiber deep
architectures, the imposition of

digital CIN onto the analog CNR can
become a major issue. This is
particularly an issue at —6 dBc levels
and above because of the additional
power load mentioned above. The
relative digital impact represents
about an additional .6-.7 dB of total
power, which is doubled for
determining third order distortion
impact — a noticeable result.

Increasing Analog Levels

In Table 3 below, the focus changes to
the increase in analog levels for a fixed

digital level, and fixed digital
bandwidth. Please note that the digital
levels relative to analog are absolutes.
In other words, in Table 2 above, the
first test was run with digital channel
levels at —6 dB relative to analog levels.
In the first test below, the analog levels
have been increased by 1 dB. The
digital level was not changed, therefore
the digital level relative to the analog
level now becomes —7 dB. In the last
test of Table 3, it is noted that the analog
levels are increased by 2 dB. The digital
levels are noted as —12 dBc. This means
that if the analog levels were at their
nominal per-channel settings, then the
digital levels would be —10 dBc. Thus,
the digital level is set the same as it was
in the third test in Table 2.

Table 3 — Increasing Analog Levels

Test Conditions w/9dB Link

256 OAM BER

BER SNR Delta

TEST #3

ALM 11-9 vs. ALM-9/LM-9

LM-9

| ALM-9 | ALM II-9

550MHz Analog (nom per/ch + 1 dB)

300MHz digital @-7dBc w/555MHz

7.10E-06 | 3.20E-06 | 5.70E-08

1.50 dB/1.75 dB

|s47.25MHz |  CNR 52.4

54.3 55.1

550MHz Analog (nom per/ch + 2 dB)

300MHz digital @-8dBc w/555MHz

1.60E-04 | 9.40E-05 | 3.80E-06

1.75 dB/2.00 dB

547.25MHz | CNR 52.8

54.4 55.8

550MHz Analog (nom per/ch + 2 dB)

300MHz digital @-10dBc w/555MHz

2.10E-04 | 1.90E-04 | 1.53E-06

2.75dB/2.75 dB

|sa7.2sMHz | CNR 53.3

55.4 56.2

550MHz Analog (nom per/ch + 2 dB)

300MHz digital @-12dBc w/555MHz

5.30E-04 | 4.40E-04 | 4.30E-06

3.00 dB/3.00 dB

[s47.25MHz | CNR 53.6

55.7 56.2

Evaluating Table 3, the following points
are of note:

= The additional 1 dB of analog level
degraded the BER on the two
traditional models, while for the case
of the ALM 11 it remained virtually
unchanged.

* For a2 dB increasein analog levels,

the traditional transmitters are
creeping towards crashing with
BER's in the E-4 range. The

ALM Il is still comfortably in the E-
6 range.

» The ALM Il continues to show CNR
increase with the additional 1 dB of
analog level, while the traditional
designs show the increase for a 1 dB
increase in level, but not for a 2 dB



increase due to higher distortion and
clipping contributions to CIN.

Dropping digital levels
accompanying the 2 dB analog
increase causes further BER
degradation from the additional
relative CIN with low QAM on the
traditional models, and the increase
in clipping events caused by the
analog levels. The ALM Il again
shows some dlight improvement to a
point, as it is not as clipping
dominated. It again shows dlight
degradation as the composite of
contributions to BER begins to
appear only for the lowest digital
levels.

Effective SNR improvement due to
the ALM Il achieves values as high
as 3 dB for the high analog/lowest
QAM case shown. Eveninthis case,
the ALM Il shows BERs in the E-6
range, two orders of magnitude
better than the traditional models.

The same discussion of digital levels
and CIN effects can be applied in
this case. In fact, the increased
analog levels have a greater impact
on the total load than the increasing
digital. It helpsthat the digital levels
are not increasing in this case,
although the dominant CIN effect for
analog/digital is two analogs mixed
with onedigital.

It is worthwhile to mention that FEC
performance is generally considered

capable of correcting BER’s in the
E-4 range, although it is not
desirable to have all of it allocated to

the optical link [1].

It is important to note that this paper
discusses only the optical portion of the
link. Thus, there is virtually no
discussion of distortion impacts such as
CTB, which is driven by performance of
the RF plant. As it turns out, CTB can
effect QAM BER under certain
conditions [1]. In the sense of effecting
the channel performance on the end-to-
end system, the optical portion of the
link has a major impact on CNR
delivered and on the BER of the digital
signals because of the clipping issue.
Other BER impairments specific to the
RF plant must also be well understood to
understand the complete performance.

The results above point out that there are
various ways to enhance plant
performance with the anti-clipping
approach. The various ways to spend
the performance advantage are

» Lower uncorrected BER with
typical analog and digital loading

»  Wider digital bandwidth with the
same analog loading

* Lower digital levels with the
same analog loading

= Higher analog levels with a
constant digital loading

Translated to SNR, BER improvements
can be as high as 3 dB. The benefits to
the total plant of lower digital levels
also helps CTB performance under the
heaviest digital loading at today’s
highest amplifier RF output levels.
Because of the dB-for-dB digital
contribution effect (two analog by one
digital) of third order composite analog
plus digital distortion, it can be roughly
estimated that CIN drops a dB for every
drop of digital level that can be
implemented. Another scenario is
systems squeezed for analog CNR



margin for long links or multiple hops
can afford an increasein level at no BER
cost. Finally, upgrading the plant to add
more digital can be done pain free
because of the margin provided by the
clipping mitigation to the loading
effects.

Return Path Application

Linear optics are also used in the return
path. It is thus natural to consider this
technology for return path applications.
While this is under investigation, there
are two reasons that this technique is of
less value in the return path. First,
unlike to forward path, the return path is
a bursty, generally time domain (and
frequency domain) accessed channel. It
IS thus very rare, under normal operating
and alignment conditions, for the reverse
path band to be loaded heavily enough
for clipping to have consistently
expected occurrences the way the
forward path does. For example,
consider Figure 3, which represents the
output Carrier-to-Noise-plus-distortion
[C/(N+NLD)] versus total input level.
The plot is an example of a Noise Power
Ratio (NPR) curve, and is valuable in
determining how best to align laser drive
as a compromise of performance and
robustness in the return path. Assume
that the setup point of the laser is backed
off from the optimum point of
C/(N+NLD) by 3 dB. The set point is
based on a fully loaded band of return
signals, typically alocated on a power-
per-Hz basis, although this condition is
very unlikely in practice. Backing off of
the peak performance is common to
guard against signal level variations,
equipment  variations, and other
unexpected events. The goal is to have
enough room from the peak such that the

dlippery slope of the NLD part of the
curveis avoided.

For the return path, the NPR back-off is
often set greater than the forward, to
account for outdoor plant and level
variations, as well as protect against
noise and interference transients (or
constants) that can overload the reverse
path. Assumethat it is set only 3 dB off
of the peak NPR. Further assume that
the maximum simultaneous usage of the
return path is 25%, such that the
maximum loading ever present to the
laser is yet 6 dB lighter. Thisis a total
of 9 dB back off from the NPR peak.
This region of the NPR curve is clearly
noise dominated, as opposed to noise
and NLD, and the probability of clipping
even for a Gaussian-like noise signa is
extremely small. The number can be
quantified easily by analyzing the
Gaussian probability  distribution
function (PDF) and integrating the curve
to provide the likelihood of exceeding
the 9 dB peak to average in one direction
only. However, suffice to say without
the math, that to attempt to mitigate the
events of very low probability will have
very little impact on typica
performance.

Secondly, even if the return were fully
loaded, the statistical nature of the
clipping events  would differ
significantly. It has been described how,
in the forward path, the approach taken
is a rather simple one - recognizing the
onset of a clipping event, and using the
apriori information we know about
these events. Their duration and
statistics of their duration, as well as
their shape, has been analyzed in detail
[2]. It has also been discovered, not
surprisingly, that there is astrong 6 MHz
periodicity of peaking to the composite



forward path load. Obvioudly, thisrelies
on analog carriers, and if the load were
to be switched over to al digita
channels, there would be some
complexities. By knowing the nature of
the periodicity of the forward path time
domain waveform, the timeframe with
which the laser bias must be adjusted
can be “predicted” on average, and
mitigated against. The known
characteristics of the forward path’s
waveform and its 6 MHz-related
characteristics do not apply in the return
path. There are no fixed channel
assignments (or few, none of
significance to loading), no fixed service

bandwidths, and no clear-cut
relationships to leverage for bias
changes enabling efficient clipping

suppression as there is in the forward
path.

Digital reverse paths make the return
clipping suppression idea seem of less
value. In principle, however, it is still
very applicable, as an A/D converter has
NPR characteristics similar to a laser
because of its tendency to clip. For the
A/D, however, clipping is two-sided in
nature, and this reveals itself as the
steeper slope on the distortion side of the
curve. In fact, digital technology offers
the opportunity to manipulate the bits to
deal with sensed clipping events from an
A/D’s overload flag, as opposed to in the
analog transmitter, providing more
flexibility in processing techniques to
consider. However, the reasons above
apply still in terms of use of the concept
in the context of return paths.

AM-VSB/M-QAM Hybrid Lightwave
Systems,” _IEEE Transactions on
CommunicationsOctober 1996.

Conclusion

Linear optics has made the development
of the HFC plant possible. Continuing
advances have allowed HFC to evolve
into a variety of architectural scenarios.
The deployment of digital signaling on
HFC created a need to have a deeper
understanding of the laser clipping issue,
as the clipping phenomenon manifests
itself as BER impairment on the digital
channels. This paper describes the first
significant product  attempt to
specifically address laser performance
from the standpoint of clipping
mitigation. It has been shown that by
addressing the clipping issue in the
design of the transmitter directly, using
some known stochastic properties of the
clipping events, significant performance
gain is achievable. How this
performance gain is used is up to the
designer. However, the advantage can
be translated into simple a lower digital
BER. Or, it can be spent as wider digital
bandwidth with the same analog CNR
and BER, higher analog levels and
analog CNR with the same BER, or
lower digital levels of the same BER and
thereby higher CNR due to lower CIN.
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Integration Of Home Networ king Technologies With The HFC Residential Gateway

Jed Johnson
M otorola Broadband Communications Sector

Abstract

This paper analyses the currently
available and developing home
networking technologies from a Hybrid
Fiber-Coax (HFC) based services
perspective. The following home

networ king technol ogies are assessed for
suitability to support these services,
Home Phoneline Networking Alliance
(HPNA) 2.0, powerline networking,
wireless networking and cluster
networking. Each technology’s basic
characteristics, advantages and
disadvantages are described. Finally,
technology gaps for implementing a
robust end-to-end service model are
identified.

INTRODUCTION

Home Networking has become a hot
topic over the past year and it is an issue
that must be addressed by cable modem
providers. One of the pressing issuesis
how to deploy Home Networks given the
cost to provide the wiring infrastructure
for traditional methods like running
Ethernet over 10 base T. In this paper |
will address some of the technologies
that can be deployed to provide Home

Networking capabilities without adding
new wires in the home. | will discuss the
popular technologies for wire line and

wire less networking in the home both in
terms of where they are and where they

are headed. | will conclude with some
brief comments about what capabilities
these “no new wires” technologies need
to provide to support the advanced
applications that service providers may
want to deploy. Applications like
telephony and streaming media.

HOME NETWORKING DRIVERS

Before I dive into the technologies | will
cover some background on what is
driving the need for Home Networking.
There are two near term and one general
long-term driver. In the near term the
need for Home Networking is being
driven by the growth in the number of
homes with multiple PCs and the
number of homes with broadband
access. Longer term the need for Home
Networking will be driven by advanced
services delivered over the broadband
network.

Multiple PC Homes




The growth in the number of homes with
multiple PCs is growing faster than the
number of homes with any PC at all. The
chart below from a Yankee group report
supports this finding. In addition the data
from the Yankee Group shows that 78%
of the homes with multiple PCs have a
printer. Once there are two PCs in a
home with a printer there is a strong
need for a home network unless all the
devices are located in the same room.

Broadband Access

Broadband access is growing very
rapidly and all the analysts’ predictions
are for continued rapid growth. Our data
indicates that over half of the households
with broadband access have multiple
PCs. Once broadband hits the home
there is a strong desire to share the
bandwidth among all the PCs in the
home.

Advanced Services

Over time, as broadband access becomes
pervasive, new services that use the
broadband access will appear. In
addition more and more devices in the
home will have Internet access
capability and will want to share the

broadband connection. The long-term
outlook is for broad networking
capability in the home with bandwidth
and quality of service demands
increasing.

No New Wires Technologies

The rest of the paper will look at
technologies that provide Home
Networking capabilities without having
to wire the home. This means either
using the existing wiring infrastructure
or use wireless techniques.

Existing wire

The two existing wiring infrastructures
in nearly every home that has a PC are
phone lines and power lines. Both are
viable alternatives for Home
Networking.

Phone Lines

An industry group to standardize the use
of phone lines for Home Networking
called HomePNA was formed almost
two years ago and the second generation
of products are now available.
HomePNA is currently the defined
standard for phone line Home
Networking.
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Power Line

An industry group to standardize the use
of power lines for Home Networking
called Home Plug was formed in early
March this year. The intent of Home
Plug is to create a single standard from
the range of power line technologies
evolving for Home Networking.

Wireless

In the wireless area there are two main
technologies gaining acceptance for
Home Networking. They are the IEEE
802.11 standard called 802.11b and the
standard developed by the HomeRF
group call SWAP. Both of these
standards use the 2.4 GHz band. I do not
include Bluetooth in this discussion
because Bluetooth is not a networking
technology

For each of these technologies I will
discuss the current status and future
trends.

HomePNA Today

As I mentioned above HomePNA is an
industry organizational that has released
a specification for Home Networking on
phone lines. This technology coexists
with POTS and ADSL by occupying a
different frequency spectrum.

Version 2.0 of the specification was
released by HomePNA late last year and
many products that support HomePNA2
are on the market. The significant
advance in HomePNA 2.0 is an increase
in the data rate from 1mbps to 10 mbps.

There are however two other interesting
changes in the 2.0 spec. The PHY layer
is capable of supporting 32 mbps. While
there are no publicly announced
products that take advantage of this to go
beyond 10 mbps, the technology will
support it.

The 2.0 spec also adds a feature called
Differential Fair Priority Queuing, also
called DFPQ. DFPQ allows for upper
layers and applications to signal the
MAC layer to provide priority access to
the media. This means that HPNA2.0
could be extended to support telephony
and streaming applications.

HPNA Future Trends

The demand for higher speed continues
to grow and will likely result in higher
data rate standards from HomePNA.
Even thought the current PHY spec
supports 32 mbps it is quite possible that
there are PHY extensions that could
allow phone line networking to be
extended even further.

To support telephony there will need to
be agreement on the signaling protocol
to allow telephony terminals from
multiple vendors to interoperate with
each other in the home and to gain
access to the voice network which might
be provided by another vendor. The
point is that for voice interoperability it
is required that higher layer protocols,
beyond the MAC and PHY layers, are
agreed to.

It should also be noted that while DFPQ
looks very promising there have not yet
been any telephony or streaming
products developed using DFPQ. We
need to see products using DFPQ
successfully to fully determine its
viability.

Power Line Today

An industry group called Home Plug has
been recently formed to develop and
endorse standards for using the power
line infrastructure in the home for Home
Networking applications. There have
been a number of companies developing
technologies for power line home
networking but to this point none have



proven to be effective either because
data rate is low or because error rates are
high or both.

This technology continues to evolve
however and shows promise for being
able to achieve the data rates and Quality
of Service required for Home
Networking applications.

Power Line Future Trends

The notion of using the power lines in
the home for Home Networking is
compelling because power outlets tend
to be ubiquitous in the home. In addition
society is used to the idea of a power
plug on a device and if networking could
be achieved without another cable it
would be easy to promulgate.

The current baseline for home
networking is the ability to support 10
mbps with error rates in the
neighborhood of 5% or below. Power
line technologies need to be at this level
of technology and competitively priced
today to become accepted.

Over time the expectations of the
capabilities of the Home Networking
will increase and all technologies will be
required to keep pace or fall by the way
side.

Because of the ubiquity of power outlets
in the home, power line networking will
always be welcomed in the door if the
technology can compete.

Wireless

Wireless LAN products are becoming
very popular since some proprietary
products hit consumer price levels last
year. Recently products based on
HomeRF and 802.11 standards have
reached the market. Both HomeRF and
802.11 operate at 2.4 GHz and each has
its own advantages and disadvantages.

Wireless is generally regarded as the
first choice by consumers because of the
mobility that is offered by the
technology.

HomeRF Today

HomeRF operates at 1.6 mbps and
products based on HomeRF have just
recently been released. The current spec
also provides for 4 voice channels and at
least one company has stated an
intention to develop voice products.

The obvious problem with HomeRF is
the data rate. An FCC ruling to allow
HomeRF is operate at 10mbps is
expected to be approved by mid year to
allow vendors to address this issue.

HomeRF Future Trends

HomeRF will need to get to higher data
rates. The immediate opportunity is to
take advantage of the FCC ruling and
extend the 2.4 GHz technology to 10
mbps.

It may also be possible that HomeRF
will pursue 5.5 GHz technology to
obtain even greater bandwidth
capability.

Because HomeRF has a TDM channel
and an a greed to signaling protocol it is
quite possible that voice products based
on HomeRF will have an impact on the
market.

802.11b Today

802.11b is also a 2.4 GHz standard that
provides 11 mbps data rate. There are
multiple vendors providing NICs and
access points based on this standard. The
current prices are slightly higher than
HomeRF but many consumers are
willing to pay extra for the increased
data rate.




One problem frequently mentioned with
802.11Db is that lack of QoS capability in
such products appear on the market.

On the cost front the conventional
wisdom is that volume will drive down
cost to nearly the same levels as
HomeRF. Only time will tell.

5 GHz

One observation is that there are two
overlapping wireless alternatives and it
is not clear that one is going to win out
over the other.

Another observation is that the demand
for greater bandwidth will continue to
rise and that HomeRF and 802.11b will
not be able to fulfill that demand.

A growing likelihood is that the 5 GHz
band will become attractive for
technology suppliers that want to
provide greater throughput for
applications like streaming video. This
creates an opportunity for the industry to
the MAC layer to add support for
telephony applications. Some also feel
that the security provided by 802.11b is
not very strong.

802.11 Future Trends

Extensions to the MAC layer to provide
QoS support and to improved security
have been proposed. A Task Group
called 802.11e has been assigned to
evaluate these proposals against a set of
requirements that were developed last
year. The goal is to have a draft proposal
for the 802.11 committee by November
this year.

The QoS extensions will provide support
for applications that require bounded
latency, however to support telephony
applications a signaling protocol will
also have to be standardized. Currently
there is no project within 802.11 to
create such a standard. It is however

possible that a defacto standard could be
created by one of more companies that
are able to develop and deploy telephony
products based on 802.11. Either way it
is very likely to be well into 2001 before
adopt a single standard.

There are currently three standards that [
know of in this range, HyperLanl,
HyperLan2 and 802.11a. HyperLan2 and
802.11a have very similar PHY layer
specifications and HyperLanl is
perceived to be a lower cost solution.
This unfortunately sounds familiar.
Currently there are no 5 GHz products
widely deployed for Home Networking
applications so there is still a chance for
a unified standard for Home Networking
in this band.

Summary

While the wireless technologies are
attractive and are frequently the
consumers’ first choice the additional
cost will very likely mean that a wire
line alternative will always exist. Also
working against wireless is that it
doesn’t work sometimes because of RF
dead spots in the home or because of
interference.

The current technology of choice for
wire line is HomePNA that as mentioned
earlier is a technology that operates
using the telephone wiring in the home.
At the same time consumers would
prefer a power line solution because of
the ubiquity of power connections in the
home. It is also perceived to be easier to
use because there would not be the need
for an additional network cable.

The power line technologies still have a
long way to go however and as long as
HomePNA has an advantage in data rate
and QoS it is likely to remain the
technology of choice for wire line Home
Networking.



At the same time wireless technologies
will evolve and will always be more
attractive to consumers because of the
mobility provided. This mobility
however brings with it a greater need for
security. The wireless standards groups
will need to develop standards that
provide effective encryption and
authentication.

The encryption available today is
considered weak and authentication for
802.11Db as a standard does not exist yet.
Authentication currently requires a
single vendor solution but the whole
point of standards is to proliferate
solutions from multiple vendors. As I
mentioned there are plans to deal with
these issues.

The two applications that require more
capability from the MAC and PHY
layers are telephony and streaming.

HomePNA has developed DFPQ and
HomeRF has developed voice support
using TDMA channels with DECT for
signaling. At this point only HomeRF is
prepared to support telephony and it
looks like some products will be
available late this year. For HomePNA
to support voice the vendor community
will need to agree to a common
signaling protocol. Power Line and
802.11a are further in developing QoS
standards.

To support streaming media the MAC
layer needs to be able to provide a
bounded latency and either maintain a
very low error rate << 5% or employ a
mechanism for retransmission or error
correction (without contributing
materially to latency).

HomePNA has an advantage here with
DFPQ and because the error rate over
phone lines in a vast majority of cases

will be low enough so that lost frames
will not be noticeable.

HomeRF and 802.11b need to develop
extensions to the MAC layer to support
streaming.

The other summary point is that demand
for greater bandwidth will continue.
HomePNA might have some capabilities
to substantially increase the data rate on
phone lines but for wireless it will mean
moving to the 5 GHz spectrum.

End to End Management: The Next
Frontier

Once Home Networking technologies
are develop to support advanced
applications like telephony and
streaming media that require QoS from
the MAC layer the need for the service
provider to manage this QoS will appear.
Service providers will have a need to
manage the network that is delivering
services to end users to maintain and
ensure customer satisfaction with the
service. Home Networking technologies
will need to provide the following to be
effectively managed:

1. An open and well-defined interface
for configuration and status
monitoring.

2. Protocols and open interfaces to
request QoS and to resolve conflicts
when over subscribed

3. Protocols and open interfaces to
support event reporting and fault
isolation.

These capabilities along with a
Management System solution will allow
delivery and management of advanced
services to the home over a packet based
network without deploying new wires in
the home.



Glossary

ADSL — Asymmetric Digital Subscriber
Loop

MAC Layer — Media Access Control
Layer.

PHY Layer — Physical Layer
POTS — Plain Old telephone Service
QoS — Quality of Service.



Intel’s Vision Of Sports Immersion

Guy Blair and Rajeeb Hazra
Intel Corporation - Intel Architecture Labs

Abstract

Intel is exploring the technologies required
to make sports immersion a reality within the
next few years. Our vision is to develop a new
application category that delivers highly
interactive and personalized sports content to
the client. This valuable content will drive a
range of novel uses, ranging from Webcasting
personalized sports highlights to integration
with reality-based games.

Our goal is to develop the “ultimate”
fantasy sports experience. To accomplish this,
we will combine compelling live sports event
content,  sophisticated  semantic  video
processing and 3-D rendering.

A VISION OF SPORTS IMMERSION

Intel’s vision of personal sports immersion
is full motion, 3-D, real time, trans-port
independent, interactive sports entertainment
based on live athletic events. This technology
ultimately will allow the client (end user) to
access virtually unlimited depth of
information and viewing options while a
sports event is being broadcast from anywhere
in the world.

We call this “pull entertainment” because
the clients will pull from the event the unique
data that they desire. These data include video
and query-based textual information about the
event.

For example, what if you could...

= Replay of a goal being scored, but see it
from any angle of view that you select —
and see it in 3-D.

= See a wide range of game statistics on the
performance of your team or favorite
player, in real-time using simple query
language.

= Keep track of players’ movements to
review how a goal score play was set up.

= Select a player on the live video and
continuously highlight him or her
throughout the game and obtain detailed
player profile information on-demand.

= Assemble personalized highlights of one
or more sports events, based on the
specific types of events that you want to
see.

= Eventually, play a 3-D, interactive
simulation or game based on actual
players using performances from real
games, called reality-based gaming.

Currently, video broadcasts and Webcasts
of sports events offer limited interactivity for
the client. The levels and options of
interactivity are predetermined by the vendor.

Sports immersion will transcend these
limitations. It will become a new type of
entertainment experience that features highly
personalized interactivity. A client will enjoy
the “what if” examples mentioned previously,
as well as options not yet conceived.

First generation applications

There are examples of early glimpses into
sports immersion technology. For example,
Orad Hi-Tec Systems Ltd., based in Israel, has
developed a first generation technology called



“virtual sports Webcasting,” based on their
VirtuaLive* video system. They demonstrated
this technology during the 1998 World Cup
soccer events and with Premier League soccer
matches that same year.

Sports.com deployed Orad’s video clips on
their Website. Soccer enthusiasts around the
world could view the clips using Orad’s
VirtuaLive Console™ player, which has
controls similar to that of a VCR remote.

Figure 1 depicts a generic type of
controller. Using this controller, the client can
search for a particular scoring event on a
menu. Then, the event can be replayed. As
this technology evolves, the search and
viewing options of the player will reflect the
increased amount of data available to access.

coordinates place each object with respect to
real-world coordinates in the field of play and
stadium, such as the field boundaries, goals
and stands. The data are streamed to an
analysis engine, where event detection and
event modeling occur.

Figure 2 shows a system diagram that
illustrates the sequence of processes that occur
as live data are generated. The data flows
from the live event through analysis and
production levels to the end user device, such
as a computer, television or game console.

View Controls Instant
Replay

Event List
md Coa Goal #1

Goal #2
— Game Play Controls

Live Data
Generating
Engine
|Event Detectlonl Event Description
> t 3 Composer
Event Model *
Streaming Transport/Payload
Data Analysis Engine Manager

Event Description
Parser

Y

End User System
Engine

Figure 1

INTEL’S MODELING ARCHITECTURE

Development of this modeling architecture
is in its early stages, so an in-depth
exploration of the elements and processes is
not available. However, the following covers
the basics from video to production to
server/broadcast to client participation.

Live video data from the sports event are
generated from cameras positioned around the
stadium. A tracking module processes the
input video to generate 3-D coordinates for
the players, ball and officials. The 3-D

Figure 2

The modeling architecture is key to this
technology. Some actions by the players can
be interpreted automatically by the event
detection engine. This includes player and ball
movement within the field boundaries, as well
as basic entity relationships.

However, certain actions cannot yet be
reliably interpreted automatically by the
engine. This requires human intervention. An
operator must view the video and annotate it
with assigned actions. At this point the model
becomes “instantiated” with that additional
data. For example, the operator would see a
kick on the video and add the detail of it being
a kick by the player’s right foot. Automatic
detection only would indicate ball contact




with this player and ball movement away from
the player, but not the details of the action.

Eventually, automatic event detection and
modeling architecture will improve so that an
operator no longer is needed to add semantic
events, such as types of kicks, fouls and other
details. This advanced level of detection is
necessary to bring the immersive sports
experience to live event broadcast.

Soccer has been considered a viable sport
to test the early generations of immersive
sports technology. But all other major sports
also are candidates for this technology. For
each sport, a hierarchical model must be
developed.

To gain an understanding of how this
technology is applied to a sport, consider the
example event model shown in Figure 3. It
represents a hierarchical event model for
American football. The general breakdown of
the sport, on the left, identifies key categories
of information. The example model on the
right is a specific application of this approach
to a particular football game.

Football (American)

Super Bowl XXXIV

| Teams | | Venue ” 49ers | | Seahawks | | Atlanta, GAl

I Players | | Team Events I

Player Events

00:41:12.23; Offense; Wide right |

00:41:12.23; Offense; Wide right |

00:41:17.15; Rice, J; reception I

00:41:19.21; Rice, J; touchdown |

Figure 3

Adding value to content

An instantiated model of a sports event is
an entirely new type of content and a valuable
property. Once a sports event is recorded this
way, it can be repurposed in any number of
ways on a wide range of platforms.

The content could be used by networks to
provide enriched live television broadcasts.
And because the content includes a database
of statistics and event information, game
developers could create new types of reality-
based entertainment.

Sports immersion content
also offers flexibility with respect to the
delivery plat-form. Content could be delivered
via television, cable, DVD, CD-ROM, the
Web or a game cartridge.

CONCLUSION

Our vision is a new way for sports
enthusiasts to experience a broad range of
sports and compliment broadcast television
coverage of sports events. It’s a way for
everyone to get become a participant, not just
a passive viewer.

With Intel’s vision of sports immersion,
everyone will be able to get into the game!

©2000 Intel Corporation. *Third party brands
and names are property of their respective
owners.
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Introducing Intermodulation - Its Role in Cable Modems
And Reverse Path Operation

Martin Lee & Keith Mothersdale
Channell Corporation

Abstract:

With the advent of two way communications over
Hybrid Fiber Coax (HFC) networks, new technical
demands are being made of conventional element
of the coax drop. Products originally engineered
and designed to accommodate forward path trans-
missions only are increasingly being used in two
way systems. In these networks high level reverse
path transmissions hold the key to future revenue
growth and proliferation of services offered by
cable operators.

This paper examines a specific problem,
Intermodulation, as it relates to transmission of
high level reverse path signals through RF passive
products. The factors contributing to
Intermodulation Distortion occurring are explained
in detail and a variety of solutions currently being
pursued by passive product manufacturers are pre-
sented. Isolation performance of RF passivesis
also discussed as it relates to optimizing reverse
path stability and managing intermodulation. In
conclusion, passive product design criteriais pre-
sented which should be considered carefully in the
selection of next generation passives.

A History of CATV Coaxial Network Design:

Cable Television systems are designed for optimum
forward path operation (in one direction only), allow-
ing 6BMHz analog video channels to move from the
Headend to the home over a Hybrid Fiber/Coax medi-
um. The products used in these networks, from
amplifiers to passives, were designed with forward
transmission as the key requirement. As RF travels
from the cable system Headend to the home, a num-
ber of things happen. For the purpose of understand-
ing Intermodulation and why it occurs, the key thing
to remember about RF signals passing through any
medium is that they attenuate or lose strength. Cable
systems are engineered to ensure that the RF signal

present at the entry to every home is optimized to
guarantee a minimum video level at the highest fre-
guency of operation. To accomplish this, passive
products are designed to attenuate RF signals that
pass through them by varying degrees. Depending on
how far away a particular home is from the last
amplifier (distribution and drop cable length), the dB
value of atap (coupling value) is chosen to ensure
that the dB level at all homes fed from that particular
amplifier is constant. Homes fed from different taps
at different distances from the amplifier should all
receive the same signal level in order for the set-top
box to work correctly (typically 7dB at the input to
the home splitter). Consider the following example
(See Figure 1).
In this next example, let’s look first at the forward
direction. The output level of the amplifier is
50dBmV. Thisis attenuated by the following losses
as it moves towards the home:
* 1.0dBmV Insertion Loss of the first Tap installed
on the Amplifier outpuit.
* 5.0dBmV loss of the distribution cable between
Amplifier and Tap #2.
» 5.0dBmV loss of the drop cable between Tap #2
and Home B.

If a7dBmV signal level is desired at the home entry
point, a 32dB Tap must be selected in order to proper-
ly budget the available RF. Amplifier output (50dB),
minus Insertion Loss of first Tap (-1dB) minus cable
loss (-5dB) minus Tap dB attenuation (-32dB), minus

| TAP #1 TAP #2 TAP #3 TAP #4

AMPLIFIER

Figure 1. The RF signal level at the entry point to each home must be approxi-
mately 7dBmV. The coupling values of Taps 1 through 4 are chosen to ensure this
consistent RF level at each home entry port.




drop cable attenuation (-5dB), equals signal available
at the home. [50dB minus 1dB, minus 5dB, minus
32dB, minus 5dB] equals 7dB. This RF budgeting
has been carried out with only the forward path con-
Sidered.

CATV Coaxia Network Demands Today:

Cable systems today are beginning to utilize their
reverse paths extensively. The best example of this
is the rapid deployment of cable modems, which
allow customers high speed Internet access through
their cable television networks. In order for cable
modems to operate properly, they rely on being
able to receive and transmit data from the home to
the Headend over the cable network. As cable sys-
tems deploy cable modems, they are learning more
about the limitations of passive products in this
area. The limitations have primarily to do with the
passive product’s ability to pass high level RF sig-
nals in the reverse direction. From a fundamental
design standpoint, RF passes freely through any
passive product in either direction. The technical
issues have more to do with what happens to the
signal asit passes. More specifically, the
Intermodulation issue relates to and results from
the high RF signal level at which a cable modem
must transmit a signal in order to ensure that it
reaches the headend accurately and within an
acceptable Bit Error Rate range. Just as a RF sig-
nal is attenuated through a passive devise in the
forward direction, it is also attenuated by the same
degree as it passes through that devise in the
reverse direction. Consider the following example
(See Figure 2):

Reverse Path Signal Level Budgeting:

Let’s now consider asignal originating at the cable
modem and the obstacles it must overcome in order to
reach the amplifier, at which point it can be amplified
and continue its journey back towards the Headend.
Consider the following example (See Figure 3):

In this case, we are looking at a signal originating at
the cable modem output. This signal must be trans-
mitted at alevel sufficient to overcome interference
due to ingress (noise funneling from home appliances
etc.), and the losses of passive devices and cable
between the modem and the first amplifier upstream.
These losses are the same as in Figure 2, with the

AMPLIFIER e

TAP #1 TAP #2 TAP #3

AMPLIFIER OUTPUT LOAD = 50dBmV -5dBmvV
50dBmV

- 1dBmvVv

- 5dBmvV

- 32dBmv*

- 5dBmV -7dBmV Desired

= 7dBmV

* Coupling Value of Tap #2

Figure 2. This example shows typical attenuation losses, in the forward direc-
tion, of taps and drop cable for a desired 7dBmV at the home.

addition of aloss through a 2-Way Splitter inside the
home which was added to allow the cable modem to
be connected, and the added cable between the entry
point to the home and the Indoor Splitter. Beginning
at the cable modem, the transmitted signal must over-
come the following losses:

e 3.5dBmV loss of the 2-Way Splitter

« 5,5dBmV loss of the drop cable

e 32.0dBmV loss of the distribution tap

* 5.0dBmV loss of the distribution cable between
tap and amplifier.

¢ 1.0dBmV insertion loss of the first tap on the
amplifier output

TOTAL LOSS = 47.0dBmV

Let’s assume that the reverse amplifier requires a min-
imum input signal level of 13dBmV in order to opti-
mize the carrier to noise and dynamic range. The
total output level of the cable modem must now be
60dBmV (47dBmV + 13dBmV) in order to over-
come all losses along the way and still reach the
amplifier with an acceptable signal strength.

This extremely high cable modem output level of
60dBmV is the root cause of the intermodulation
problem we will now discuss.

What |s Intermodulation?:

CATV Passive products are constructed using trans-
formers with ferrite cores and various resistive/capaci-
tive tuned circuits. These circuits function together to
ensure that the RF signal is minimally compromised
as it passes through the devise in order to redirect, split,
reduce it in power by a predetermined factor, or com-
bine it with other signals.

The following circuit diagram depicts a typical 3-Way
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Figure 3. This example shows added attenuation losses of 3.5dBmV due to 2-
Way Splitter addition for connection of cable modem.

splitter circuit:

The ferrite core material is particularly sensitive in
terms of its magnetic characteristics (linear magneti-
zation curve) and how it alows a broadband (5-1000
MHz) RF signal to pass through it with minimum
interference. It is used because of its ability to man
age such a broadband signal while continuing to oper-
ate linearly or within a predictable and flat range
across the entire 5 to 1000 MHz spectrum. The linear
operation of aferrite core is dependent on its magnet-
ic properties remaining within a stable range (linear
region). The stable magnetic range of aferrite can be
represented by what is known as a hysteresis curve.
This curve depicts the stable operating range of the
ferrites magnetic property which occurs between the
upper and lower hysteresis limits (linear region).

IN I

it s e
[ &1

OouT 2
Figure 4. A typical passive device circuit is designed to redirect, split, and/or
reduce signal power by a predetermined factor, or to combine it with other sig-
nals.

The Problem:

As we have demonstrated earlier, a cable modem
must output signal levels over a wide dynamic range
(25 to 60 dBmV typical) in order to overcome the

losses it encounters on its way back to the amplifier.
In fact, cable modems are designed to automatically
increase their output level until they can verify the
signal they are transmitting has been received at the
headend within an acceptable bit error rate range.
This adds an element of unpredictability to the actual
output level of any given modem at any given time.

Assuming the modem output level isareadlistic 55
dBmV, the first passive device encountered is the 2-
Way Splitter used to connect the cable modem to the
CATV network. Depending on where the ferrite
material is sitting about the hysteresis curve, the fer-
rite cores may no longer be capable of operating with-
in their linear range when hit by such a high signal
level. The high RF level changes the magnetic proper-
ties of the core, and results in operation of that core
outside of its stable hysteresisrange. Thisisreferred
to as “saturation of the core” (non-linear operation).

When saturation occurs, undesired beats or signal
sources are generated at harmonic's of the original
frequency (fundamental frequency). For example, if
the return path signal is being transmitted at 40 MHz
and the ferrite saturates due to the high level being
transmitted, a second harmonic beat will appear at 80
MHz (twice the fundamental frequency). This second
harmonic beat now falls in the forward video band; its
level is unpredictable and can distort the video chan-
nel being transmitted at 80OMHz (causing severe inter-
ference on the TV picture).

Other lower level beats may appear at higher harmon-
ic frequencies depending on the level of the original
beat. Detection of the problem will only occur when
the cable modem is operating and a television set
close to the modem is tuned to a channel which falls
on one of the harmonic frequencies. This makes the
interference itself intermittent and difficult to trou-
bleshoot if not understood by the service technician.
The following graph depicts this interaction (See
Figure 5).

Common Approaches to Controlling
Intermodulation in Passive Products:

Manufacturers have for some time known about this
problem and have made some attempts to develop and
implement a solution. Initial solutions for the most
part fell short in one fundamental manner. They did



not address the problem at the root cause, which is
the physical design, material composition and lineari-
ty of the ferrite component itself. Other contributory
solutions include making the ferrite less susceptible to
saturation by merely increasing its size, improving the
“as produced” magnetic properties of the ferrite by
ensuring it is completely demagnetized on leaving the

Return Path Forward Path

32MHz (60dBmV) Modem Signal

S

n

5MHz

64 MHz
Channel 4 TV

750MHz

Intermod
Distortion

Figure 5. This example shows a return path signal that is being transmitted at
32MHz. As the ferrite saturates, due to the high level signal being transmitted,
a second harmonic beat will appear at 64MHz (twice the fundamental frequen-

cy).

factory, or adding components which prevent or limit
other sources of interference such as impulse noise or
other forms of voltage spikes. A closer examination
of these different solutions reveals some of their
inherent drawbacks if relied upon entirely.

Ferrite Size: By simply increasing the size of the fer-
rite, it can become more capable of handling higher
signal levels before saturating. However, it is not
only physical size that matters, the material composi-
tion also plays an important role. Merely increasing
ferrite size has a direct negative impact on the broad-
band performance of the ferrite. In other words, as
the size increases it becomes increasingly difficult to
maintain desired return loss and frequency response
characteristics across the 1000MHz band and the
lower and upper portions of the band are most severe-
ly affected.

Demagnetizing Ferrites in Production: This process
is known as “Degaussing” and involves passing the
final product through a degaussing chamber just
before final packaging at the factory. The resulting
ferrite is demagnetized and operating at optimum lin-
earity on leaving the factory. The problem with this
solution is that various things can happen in a stan-
dard network to re-magnetize the ferrite rendering the
product susceptible once again to saturation. The
most common re-magnetizing force is a voltage spike

caused by impulse noise or lightening. It actually
requires rather low voltage levels to change the mag-
netic properties of the ferrite once again rendering its
intermodulation performance unpredictable. Changes
in temperature can also vary the magnetization charac-
teristic.

Adding Components to Prevent Re-Magnetization of
the Ferrite: Many manufacturers are now adding
blocking capacitors with various voltage ratings to all
ports of an indoor splitter. These blocking capacitors
essentially reduce the level of the voltage spike reach-
ing the ferrite, thereby preventing the ferrite from
being re-magnetized. This method does help reduce
the effects of low voltage spikes, but high voltage
spikes can still induce enough magnetic change to
cause the ferrite to operate non-

linearly. It is therefore at best only a partial solution
or defensive measure against the problem.

Isolation and It’s Role in Cable Modem Operation:

Isolation refers to the ability of a product to prevent a
RF signal from coupling onto adjacent ports and
interfering with other subscribers or other sets con-
nected off the same passive product. For example,
the signal transmitted by the cable modem, in an ideal
situation, travels directly back to the headend and the
isolation performance of the passives through which it
must pass is sufficient to ensure that it does not inter-
fere with adjacent ports.

Unfortunately, once again the high output level of a
cable modem places unusual isolation demands on
particularly the first passive it encounters, since its
signal level is highest at this point. This again will be
the indoor splitter used to connect the modem into the
CATYV network. Because of this, it is not only neces-
sary to prevent intermodulation in the design of the
splitter, but also to increase the port-to-port isolation
performance of the splitter to protect adjacent ports
from the high level cable modem output signal.



Passive Products - Design Solutions:

The critical consideration in controlling or eliminat-
ing intermodulation in passive devises lies in main-
taining the broadband linearity of the ferrite compo-
nent itself. A multi-stage solution involving careful
selection of ferrite materials and fine-tuning of ferrite
manufacturing processes has been shown to pre-
dictably provide a level of linear broadband perform-
ance greater than ever achieved in the past. Advances
in circuit designs have also been shown to achieve a
guaranteed higher level of broadband RF perform-
ance. In addition to these measures, some of the per-
formance insurance measures presented above, such
as optimizing the physical size of the ferrite and
adding blocking capacitors, should be incorporated to
provide redundant protection.; The selection of PCB
material, tolerances of individual components and
production tuning methods have also been attributed
with Isolation performance improvements in the order
of 10dB over conventional passives. This is particu-
larly necessary over the important reverse path fre-
quency band where high level signals are present.
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IP Data Over Satellite To Cable Headends And A New Operation Model With
Digital Store And Forward Multi-Media Systems

Paul Harr
Wegener Communications

ABSTRACT

The success of the Internet has proved it will
be an important service component for cable
operators. The advent of high-speed IP
access has opened the door for rich multi-
media content to be played out on consumer
PC'’s.

High-speed cable modems with data rates
up to SMbps allow the savvy PC user to not
only use his PC for surfing the Internet, but
also for downloading streaming video and
audio. Increasingly, the PC is being used to
receive multi-media content while its user is
also punching out a little work .

However, delivery of rich media content
requires high performance from high-speed
IP access systems. Today, performance has
not been a critical issue as high-speed
Internet users believe they are receiving
improved performance over analog dial-up.
But, this is changing and fast. As more
users come on-line, the infrastructure to
access the huge amounts of content will
become the bottleneck.

This paper will analyze the growing
problem I[P Data delivery to high-speed
access systems. And, will offer technical
solutions that include satellite IP Data
backbone to overcome the limitations of the
terrestrial infrastructure.

INTRODUCTION

The Internet explosion has created a new
and lucrative revenue source for the cable
operator. With modem technologies
standardized using the Data Over Cable
Service Interface Specification (DOCSIS)
1.0 standard, subscribers can realize access
rates up to approximately 5 Mbps.
Although, few if any, cable operators are
actually delivering that performance today.
Most are rate-limiting service rates to about
1 Mbps.

Subscribers are signing up for cable modems
with the belief they will have the fastest
access performance available. And, in a
market with relatively few subscribers,
performance limitations go unnoticed.
However, that is about to change.

Three factors will soon uncover the
limitations of cable’s Internet access
infrastructure and the need for an alternative
solution. First, the number of subscribers
signing up for cable modems is outpacing
the build-out of infrastructure. Currently,
there are approximately 1.8 Million cable
modems installed in North America.
However, by 2003, that number is forecast
to exceed 15 Million.

Second, the cumulative demand of high-
speed cable modem users will exceed the
economic feasibility of the terrestrial
infrastructure to deliver content at the same
high performance.



Third, Internet users are signing up for high-
speed access because they want fast access
to rich media content. This does not mean
simply surfing the web, but downloading
rich multi-media files such as streaming
audio and video multicast services. A
growing number of Internet Service
Providers are providing streaming multi-cast
services.

Background

Cable’s infrastructure has evolved over the
last 10 years from being a distributed
network of headends to a more centralized
architecture. The old distributed model
required many headends serving far fewer
customers than today. The reason for this
distributed architecture is that the
distribution or transport technology was all
coaxial cable. Coaxial cable transport is
very lossy and requires distances from
headends to be relatively short so that
picture quality is maintained.

Today’s new cable architecture model has
moved to a fiber-based model that is more
centralized serving much larger subscriber
bases. This model has great appeal because
it allows consolidation of headends within a
given market while increasing bandwidth
and maintaining constant quality of video
service (QoS). Fiber to the serving area
(FSA), as it is called, has in large part
created the massive cable system
consolidation and horse-trading of cable
systems among multiple system operators
(MSO?s).

By using FSA architectures and centralizing
cable headends, operators achieve excellent
economies of scale for video services. Since
traditional video services are broadcast only,
reducing the number of headends also

reduces the expense of operating multiple
headends and improves service quality.

The Problem

The problem with the centralized model of
FSA is that it was never intended to deliver
all the advanced interactive services being
placed upon it. In addition to traditional
broadcast cable services, the network is
delivering video on demand (VOD), Internet
access and IP telephony. The very nature of
interactivity requires unique session with
each subscriber and distributed access.

And, unless the network has been designed
to provide 100 per cent availability, there is
the high likelihood subscribers will not gain
access to some services. In particular, high-
speed Internet access will be seen as taking a
step backward with very slow performance.

As a result, a centralized architecture will
not economically scale in bandwidth
performance.

Subscriber Growth

One of the factors that will stress the current
IP infrastructure is cable modem subscriber
growth. Cable subscriber growth estimates
for high-speed Internet access varies widely
among forecasters. Figure 1 below offers a
range of projections. Low estimates are for
only six million cable modem subscribers by
2003. High estimates have the penetration
exceeding sixteen million over the same
period.
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Fig. 1 Cable Modem Shipment Estimates

If the conservative estimate of six million by
2003 is used, cable modem penetration of
almost 10 per cent would be achieved. In a
cable system of 250,000 subscribers, 25,000
would be using cable modems for high-
speed access. If the aggressive forecast is
used, over 57,000 users would subscribe to
cable modem access. While its unlikely that
all subscribers are on-line simultaneously,
cable Internet access is being billed as
always on service. The following table
illustrates the potential demand from the
system.

1.5 Mbps 5 Mbps
Low Estimate | 37.5 Gbps 125 Gbps
(25,000)
High Estimate | 85.5 Gbps 285 Gbps
(57,000)

Figure 2 Maximum Bandwidth Demand

Running out of Bandwidth

Cable Operators are deploying the latest
fiber technology available. Using SONET
and ATM, gigabit transport within the cable
fiber network is possible. See Figure 3,
Cable’s Fiber Architecture. Connected to
these internal pipes are incoming terrestrial
transports up to OC-48 rates. These huge
pipes virtually guarantee plenty of
bandwidth for IP Data.

However, Internet access over terrestrial
infrastructure creates a session or connection
with the backbone for every subscriber. As
subscriber penetration increases and the
demand for more rich multi-media content
increases, the terrestrial connection to the
Internet will become the weakest link in the
transmission chain. Even though software
caching systems can be used to distribute
Internet content, the cost of having high
bandwidth terrestrial pipes up to OC-48 in
every cable system becomes prohibitively
expensive for an MSO.
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Figure 3. Cable’s Fiber Architecture

Rich Multi-media Content

The final factor that will affect high-speed
Internet access performance is the demand
for rich multi-media content. Internet users
today are already downloading multi-media
content. In addition to large file download,
audio files are in high demand. Many web
sites have sprung up offering MP3 audio
files for download. And while the copyright
issue for downloading MP3 files is still hotly
contested, the technology has proved the
Internet can deliver CD quality audio. Its
only a matter of time before the business
enterprise infrastructure supports the
commerce of MP3 distribution.

Streaming video is also one of the fastest
growing content areas on the Internet. Users
want instant and immediate access to news
and information without waiting for
television to broadcast the story. In
addition, many Internet users want live

events and previously recorded content for
viewing. Users are willing to accept a lower
quality video on their PC in order to get
immediate access to information. However,
again the technology is making it possible
for video delivery over the Internet. MPEG2
and MPEG4 encoding and decoding provide
a good quality real-time video, if the
network can deliver the bandwidth needed
for bitrate performance. Acceptable
performance for streaming video at rates of
500 kbps provides good quality on small PC
viewer.

However, as more subscribers use high-
speed Internet access for streaming video
and audio, the incoming terrestrial
infrastructure becomes more of a bottleneck.



IP Data over Satellite Alternative

As high-speed Internet access over cable
continues to grow, cable operators will have
to look at alternatives for accessing rich
media content. Satellite provides an
excellent alternative to high-bandwidth
terrestrial pipes. Terrestrial Internet access
alone does not provide enough bandwidth to
satisfy real-time demand. Nor, does the cost
for high-bandwidth terrestrial access
compare with satellite transmission costs.

In order for the high-speed Internet access
experience to remain enjoyable as

penetration grows, a distributed approach to
Internet rich media content must be
considered. In figure 4 it can be seen that
using satellite backbone infrastructure along
with a content caching system, high demand
content is pushed to the edge of the network
where it is cached locally on IP Data servers
at the cable headend. The distributed model
can be further extended to the edge by
locating IP Data receivers at fiber nodes.

Cable Headend

Caching L IP DataRx . Caching

Servers

Servers

Internet

Figure 4. Satellite IP Data Backbone

Intelligent software manages the content and
transmits only the information that has
changed. This relieves the burden of repeat
transmissions of the same content in
terrestrial networks. It also eliminates

multiple sessions of the same content to
different users.

Satellite transmission augments the
terrestrial infrastructure with data rates up to
70 Mbps. In a 24 hour period 756



GigaBytes of information can be replicated
at thousands of downlink locations at a
fraction of the cost. By augmenting
terrestrial with satellite backbone the
Internet Service Provider can provide a high
QoS and rationalize the cost of Internet
access.

Conclusions

Today’s fiber rich cable networks are
designed as centralized access points to
traditional media content. As services such
as high-speed Internet access delivering rich
multi-media content emerge, the centralized
model will no longer work. ISP’s and cable
operators will need to look at alternatives to
provide high bandwidth desirable content to
the network’s edge.

The best technology to do this is a satellite
IP Data backbone infrastructure. Terrestrial
networks are expensive fat pipe access
points which are required for every cable
headend or ISP. Satellite overlay provides a
store and forward content distributed model
which eliminates congestion caused by
repeat transmission in the terrestrial
backbone. Internet access costs can be
significantly reduces using satellite for
cached content and terrestrial for occasional
real-time access.

However, both infrastructures are still
required for effective high-speed Internet
access. While satellite provides an excellent
method to distribute content economically to
the network’s edge, real-time performance is
superior with terrestrial networks.

High-speed Internet access infrastructures
will be challenged as rich multi-media
content develops and personal computing
power increases. The interactive experience
of the PC as a multi-media tool is limited

only by the infrastructure where it is
connected. High-speed Internet access
providers will ultimately differentiate
themselves by the quality of service
delivered by their networks and the
technology used to provide high-speed
access.
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Local Commercial Insertion in the Digital Headend
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Abstract

Existing ad insertion systems enable cable
headends and broadcast affiliates to insert
locally generated commercials and short
programs in a channel seamlessly before
delivery to the home. The revenue generated
by local ads and short programs is very
significant. Current ad insertion systems are
hybrid systems, where commercials are stored
in the ad server in digitally compressed form,
while splicing is accomplished using analog
techniques. The compressed commercial is
decompressed and converted to analog format
before insertion into an analog channel. The
complete digital technology for delivery of
compressed digital audio, video, and data is
superior to existing analog methods. However,
dealing with compressed video poses several
challenges. One such challenge is splicing into
a compressed digital bitstream compliant to
the MPEG-2 standard seamlessly, that is to
say, without adversely affecting the display
due to decoding discontinuities at the insertion
point. These applications involve insertion of
locally  generated  compressed  digital
commercials and short programs into a digital
channel containing previously multiplexed
and digitally compressed programs.

The Society of Motion Picture and
Television Engineers (SMPTE) has defined
standard SMPTE 312M “Splice Points and
Cue Messages for MPEG-2 Transport
Streams” to promote interoperability of
compressed digital video splicing equipment.
SMPTE 312M is aimed at studio broadcast
and requires a constrained (a synonym for pre-
conditioned) MPEG-2 transport stream. For
use in deployed digital cable systems, this will

require significant changes to encoding
methodologies to enforce predetermined
conditions at the splice points.

The Society of Cable Telecommunications
Engineers (SCTE) Digital Video
Subcommittee (DVS) has established a
splicing standard DVS 253 “Digital Program
Insertion Cueing Message for Cable” to
provide cue messaging and splicing in a more
digital headend friendly manner, which does
not require restrictions or constraints on
MPEG-2-compliant transport streams. This
paper will present a brief overview of existing
analog/hybrid program insertion systems. The
limitations of SMPTE 312M will be
discussed. The solutions employed in DVS
253 will be described including digital
headend friendly features. The implementation
of DVS 253 to insert compressed commercials
at the headend, including the issue of
invisibility from commercial killers, will be
addressed. As cost is related to complexity
and flexibility of implementation, complexity
issues and network operational constraints will
also be examined for various implementations
of digital program insertion systems and
constituent components.

Introduction

Traditionally, the cable industry has been a
popular conduit for the delivery of premium
analog television content to the home. The
access to the broadcast premium content was
controlled using an analog set top box at the
consumer's premises. The signal scrambled at
the headend could only be descrambled using
proprietary hardware embedded in the set top
box. The advanced audio/video compression



technology and subsequent standardization
along with advances in digital modulation has
made delivery of digital audio/video to the
consumer's home a reality. The digital
technology is very bandwidth efficient and
provides superior video quality compared to its
analog counterpart. In the last few years the
cable industry has been deploying delivery of
digital signals using a hybrid analog/digital set
top box mainly for premium and pay-per-view
(PPV) services.

Over the years, cable systems have grown
significantly to become a primary conduit for
the delivery of television contents to the
majority of the homes. The industry also started
inserting commercials both at national and local
levels in some channels to enhance their
revenues. Currently, the revenue generated
from local ads and short programs contribute
significantly to the total revenue of the cable
industry. The revenue generated from local ads
and short programs has been growing
significantly.

Typically when a content is created, a few
avails are included to insert commercials. A
certain percentage of the avails are used for
national ads and the rest for the insertion of local
commercials. However, the networks (such as
CNN, TBS, etc.) fill all the avails with the
national ads before broadcasting to the headends
using satellite. The headends can replace a
percentage of these national ads with locally
inserted commercials using the network cue
signals. Basically the cue signal has three
components, the Pre-roll (setup time), the Start
(beginning of an avail) and the Stop (end of the
avail). The Pre-roll is sent in advance to allow
downstream devices at the headend (such as the
ad-server and the splicer) time to prepare for the
insertion. When the Start signal is received, the
splicer switches from the network program to
the commercial. After receiving the Stop signal
the splicer leaves the commercial and returns to
the network program.

Until a few years ago most of the ad-
insertion systems were analog where the ad-
insertion equipment is analog and analog
storage devices were used to store the ads.
However, the majority of the ad-insertion
systems have been replaced by a hybrid one. In
a hybrid system, the ads are stored in digital
compressed format and the ad insertion
equipment is analog in nature. In the hybrid
system, the digitally compressed commercial is
being decoded and converted to analog before
insertion.

Analog Ad Insertion

In the analog domain, splicing between two
NTSC video sources or TV programs is relative-
ly easy. A switch between two synchronized
video sources at any frame boundary (i.e. the
vertical blanking interval) can be accomplished,
since the frames are equal in size and time
duration and are synchronized to one another.
The resultant video, with the switched video
source at the insertion or splice point, will
appear seamless when displayed.

Figure 1 shows the block diagram of a typi-
cal commercial insertion system in cable head-
ends and broadcast stations. In existing analog
systems, networks distribute their content to ca-
ble headends and broadcast affiliates via satellite
modulating a baseband bandwidth close to
10 MHz. As shown in Figure 2, the lower por-
tion of the transmitted signal spectrum is used
for NTSC video. The upper portion of the spec-
trum above 4.2 MHz contains a few FM
subcarriers, which are used to transmit mono,
stereo, multi-language audio, and data. One of
the subcarriers is used to transmit cue-tone
signals. The subcarrier is modulated with a cue-
tone signal using frequency modulation (FM) or
frequency shift keying (FSK). Some networks
send cue-tones using a pair of FSK tones (e.g.,
25 Hz and 35 Hz) within one of the audio
channels. The integrated receiver-decoder (IRD)
receives the RF-modulated signal, demodulates
the cue-tone subcarrier signal, and provides an



output signal. FEither a dual-tone multiple
frequency (DTMF) audio cue-tone sequence
and/or a relay contact closure signal are
provided to the insertion equipment. The
networks send their schedules and spot
availability (avail) in advance for local ad-
vertising insertion in a program. The precise lo-

cation of the spot is signaled by a cue-tone
during program broadcasts. The cue-tone con-
sists of a sequence of numbers indicating the
start and the end of an insertion opportunity. For
example, the Discovery Channel uses a DTMF
local avail cue-tone with 826* indicating the
start, and 826# indicating the end of the spot.
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Digital Program Insertion

At the time of standardization of the
MPEG-2 compression and system/transport
layers [1], it had been expected that switching
and splicing of compressed elementary
streams and transport streams will be needed
for editing commercial insertions, etc.
Subsequently some hooks were provided for
this purpose. After MPEG-2 standards were

completed, the Society of Motion Picture and
Television Engineers (SMPTE) decided to
create a standard for splicing compressed
digital streams. SMPTE completed the
splicing standard in 1998 and is designated as
SMPTE 312M [2]. SMPTE 312M is more
suited to post production studios. Some of the
major difficulties with SMPTE 312M are:



The splicer requires a constrained input
bitstream.

Cue Signaling is not flexible enough. Cue
signaling can only be sent to perform splicing
on all the component streams of a program but
not on a single component if needed.

No encryption mechanism for cue
signaling was provided.

The impact of the requirement of
constrained bitstreams for splicing alone is
significant. For example, existing MPEG-2
compliant TV contents have to be pre-
conditioned before any local commercials can
be inserted into them. Also the installed
encoders either have to be modified or
replaced by the new ones. In essence, the
standard is not very cable friendly for insertion
of local compressed commercial in a cable
centric statistical multiplexing environment
[3]. The Society of Cable Tele-
communications Engineers (SCTE) Digital
Video Subcommittee (DVS) reviewed the
SMPTE standard in detail and decided to
work out a separate, more cable-friendly
standard. ~ SCTE established the digital
program insertion ad-hoc group to work out
such a standard in 1998. After working for
more than a year, the ad-hoc completed their
work, which has become DVS 253 titled
“Digital Program Insertion Cueing Message
for Cable” [5].

In creating such a standard no
precondition or constraint for the MPEG-2
transport stream is assumed. The standard
does not control the behavior of the splicing
device in any way. The cue message carries
timing information, which the splicing device
may use to perform the splice. In other words,
it may be treated as an opportunity for splicing
but not a command. Cue messaging, if
required, may be passed on to the downstream
equipment such as a pass-through via a
remultiplexer to a set-top box. The timing

correction needed after remultiplexing may
also be transmitted to maintain timing
accuracy of the cue signal.

A cue message has basically two
components — the first schedules the insertion
points far in advance (such as the previous
week). The second defines frame accurate
insertion points. These messages are carried
in an MPEG-2 private section syntax and
called a splice information section. A splice
schedule defines the insertion time using
coordinated universal time (GPS UTC)
accurate to one second, while the splice insert
uses MPEG PTS time, which enables frame
accurate insertion.

Another important feature added to DVS
253 is the capability to encrypt cue messages.
This will enable selective authorization of
splicing devices in multiple headends. If a
headend is not authorized, its splicing device
will not be able to identify the insertion spot.
The headends, which are authorized, will get
the correct information about an avail.

In addition to these two message
components, each splice command enables
splicing of complete programs or individual
components of a program (such as Video or
Audio or Data). Today’s systems use only the
program level splicing where all the
components of a program are replaced at the
splice point. In the future, we will see
programs and advertisements that are
‘enhanced’ using data broadcast as well as
programs that offer interactivity. These
systems will use the component level splicing
where only selected components of a program
are replaced at the splice point. The
component level splicing enables pre-loading
of data streams that are part of the same
program by splicing the data component ahead
of video/audio content. This may be done to
load and run the data enhancements in the
receiver’s application engine. In the future, we
will also see part of the bandwidth being used



for ‘opportunistic data’ carriage and these
components of the program are not spliced
over during the insertion.

The components of a program are
identified using the component tag defined in
the program map table using a new descriptor
called the stream id descriptor. In this
command mode, each component of the
program can signal a different PTS time for
insertion and the components that are not
signaled are continued in the stream. When
the inserted streams (such as enhanced
commercials) have more components than the
network program, the program map table will
typically include the definition of these

Program 1
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Program N > Multiplexer » Modulator &
Encryptor
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additional components even though they are
not present in the original program. At the
splice point, these components are enabled or
disabled. Typical enhanced commercials
could include delivery of discount coupons,
prize drawings, or free software.

The use of the splice event id and
equipment interfaces such as between the
splicer and ad server are not defined. The
DPI group has started working on the
definition of APIs between the splicer and
compressed commercial servers. DVS 253
along with standardized APIs will allow
splicers and commercial servers to be
interoperable.
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Figure 3. Digital Cue Messaging System (per DVS 253)

Figure 3 shows a typical block diagram
depicting how cue messages will be
multiplexed with a program  before
transmission to the headend via satellite. A
Cue Message Generator generates a cue-signal
per DVS 253. The digital cue message gets

multiplexed with the other elementary streams
to form an MPEG-2 compliant transport
stream (TS). This baseband TS then can
digitally modulate a RF carrier and be
distributed to headends.
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Figure 4 shows the block diagram of a
digital headend where local commercials are
inserted into a program utilizing the cue
message multiplexed in the transmitted
program. The satellite integrated receiver
demodulates the RF signal to its baseband
MPEG-2 transport stream and decrypts it.
The cue message, multiplexed in the transport
stream is detected and decoded by the splicer.
If it is a "pre-roll" it communicates with the
ad_server to prepare. When cue message with
a "splice insert" is detected, the splicer
switches from the network program to the
local ad. At the end of the avail, the splicer
switches back to the network program. A
headend may have multiple splicers and
ad_servers interconnected among them so that
the same commercial need not be stored in
more than one server. If for any reason a
network cue signal is not detected or decoded
properly, a local cue signal generator may be
used instead. The local cue signal generator
may be used as a backup system.

The cue message standard DVS 253 does
not specify how to splice between two
bitstreams. The techniques and resultant
constraints for splicing compressed streams
have been left to the innovation of the splicing
equipment manufacturer. Splicing may be
designed to splice seamlessly, near-
seamlessly, or in a non-seamless way. Also,
the compressed bitrate of the inserted ad may
need to be reduced to the original program
compressed bitrate to provide a seamless
transition (i.e. the spliced stream cannot
violate the MPEG-2 TSTD buffer model).
Figure 5 shows the typical trajectory of a
decoder buffer fullness. The constant
transmission rate of the compressed video
bitstream fills the buffer and the decoder
removes variable size compressed frames
(such as I, P or B) every display period. For
the MPEG-2 main profile at main level
(MP@ML), the minimum size of the decoder
buffer must be 1.8 Mbits. Decoder buffer
overflow or underflow should be avoided so
that no audible or visual artifact is created.
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Splicing for Unconstrained, Seamless
Insertion

Statistical multiplexing of compressed
video streams helps to utilize digital channels
better than constant bitrate encoded streams,
assuming that the peak demand for bits from
all video encoders does not coincide. The
important constraint here is that all the videos
need to be encoded while multiplexing. A
previously compressed stream typically had to
be decompressed and re-encoded before it can
be inserted in a statistical multiplex. An
alternative to such an approach to splicing
compressed video streams is to use
remultiplexing or “grooming” so that new
services such as digital ad insertion may be
added more efficiently without compromising
visual quality due to cascaded decompression
and recompression.

A remultiplexer receives one or more
multiplexed streams as input and creates a
new output multiplexed stream from local

operator selected programs such as local ads.
A few of the important functions performed
by a remultiplexer are:

Demultiplexes the input multiplexed
streams (unbundles the individual programs);

Creates a new multiplex out of the
operator-selected programs and includes PSI
for the new multiplex;

Maintains the bitrate constraint such that
sum of all elementary stream bitrates,
including PSI does not exceed the
transmission channel rate;

Removes jitter in Program Clock
Reference (PCR) time stamp values and
maintains A/V synchronization within the
programs;

Provides perceptually seamless switching
capability from one program to the other
without any audible or visual artifacts.



Nominally, a remultiplexer does not alter
the bitrates while constructing a new multiplex
out of the input multiplexed streams. The
technology that deals with the multiplexing of
compressed video streams along with other
streams (audio and data), and trims the
resulting multiplex to match an assigned
constant total transmission channel bitrate, is
known as rate-remultiplexing [4]. Rate-
remultiplexing meets the latter constraint by
transcoding individual video stream within the
output multiplex. Transcoding is the technique
by which a compressed video stream is
translated to a lower bitrate strictly within the
compressed domain. Thus without cascaded
compression, degradation in picture quality is
not noticeable with occasional or moderate
reductions in the average bitrate of individual
video streams.

The above advantages of rate-
remultiplexing make it a very attractive choice
over  standard  remultiplexing.  Rate-
remultiplexing combines existing
remultiplexing technology with a new
capability known as transcoding. Transcoding
can reduce the bitrate of MPEG-2 compressed
video without fully decoding and re-encoding
a bitstream with the attendant loss of picture
quality  inherent in  such  cascaded
compression.

In creating compressed commercials,
content producers can produce one high-
quality version and store it in a server. But,
based on the availability of digital bandwidth
in the multiplex at various times and at various
systems, the commercial’s bitrate will have to
be reduced during insertion. It is also possible
to create different versions of commercials
with different bitrates. However, storing
different versions of the same commercial
could be redundant if rate-remultiplexing is
employed. Rate-remultiplexing technology
provides the capability to insert compressed
digital commercials into digital channels at the
headend and removes the need to match the

bitrate of the local compressed commercial
with that of the remotely transmitted program,
or creating and storing different bitrate
versions of the commercials in the ad server.

Related Standards Development

Currently two work items are in progress
in the Digital Program Insertion Ad-Hoc
Group of the SCTE DVS Subcommittee —
development of a standard splicing API and a
splicing Guide for the use of DVS 253.

The goal of the API is to create a common
interface for communication between the Ad
Servers and Splicers for inserting ads into any
multiplex. The API will be flexible enough to
support multiple Ad Servers attached to one
Splicer and one Ad Server attached to multiple
Splicers.

The Guide will explain briefly the features
of DVS 253. This will help not only to
minimize the chance of misunderstanding of
the features of the standard but will also
reduce the miscommunication between the
creators of DVS 253 messages (the networks)
and the ad insertion equipment manufacturers.

ATSC specialist group T3/S8 has just
completed the specifications for ‘Directed
Channel Change’ (DCC). This is an extension
to PSIP standard and specifies the signaling to
automatically switch a ‘virtual channel’ based
on the user preference at appropriate times.
The specification also signals the end of this
event so that normal programming can
resume. This feature is expected to be used for
applications such as targeted advertisements
as well as enhanced advertisements. The time
reference in this specification is based on
UTC/GPS time and is only accurate to 1
second and the specification is very similar to
the splice schedule command. Acquisition of
the new ‘virtual channel’ as well seamless
transition to the new channel requires splicer
architectures that are very similar to what is



presented in this paper. In this model, the
streams for advertisement are expected to be
within the same transport multiplex identified
by a different virtual channel number so that
the channel change can occur at the receiver.
In the cable headend model the server is
resident at the headend and the switching
occurs in the headend instead of at the end
user equipment.

Conclusion

In summary, the problems and solutions
for flexible, unconstrained insertion of local
digital compressed programming such as local
ads into remotely downlinked digital video
multiplexes has been described. The evolution
of technology from previous analog and
hybrid ad insertion systems to this new digital
insertion/remultiplexing technology has been
described. The features of the new digital
program insertion cueing message standard for
cable were summarized. Splicing technology
using rate-remultiplexing for unconstrained,
seamless local insertion and grooming of
remotely compressed digital video
programming  was  described.  Related
standards developments were noted.
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L ow Complexity Real-time Video Encoding for Soft Set-Top Box Platforms
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Abstract

This paper presents a very low-complexity
wavelet-based video codec, the Wavelet Z-
Codec (WZD), implemented in real-time on a
programmable media chip, the Media
Accelerated Processor (MAP-1000).

The WZD algorithm is carefully designed to
require only adds and shifts.  Temporal
wavelet transforms are used in place of motion
estimation and compensation. With block
processing and intermediate coding, WZD is
15 to 20 times less complex than MPEG2. An
entire encoder requires only 50K gates and
128KB of memory and can be implemented for
a couple of dollars as a chip macro.
Experimental results have shown that it
achieves similar performance to MPEG2 for
typical bitrates and content.

1. INTRODUCTION

The fast development of broadband
technology brings video capabilities to
everyday consumers. The next generation set-
top boxes (STBs) will allow usto receive, store

editing. Having been explicitly designed with
a broadcasting model in mind, MPEG is
asymmetric, with the encoding significantly
more complex and costly than decoding.

Having in mind low cost, easy to time-shift
and edit, soft set-top box applications, we have
designed a wavelet-based technology WZD
(Wavelet Z-coDec) for quality compression of
full size (D1) video. Our approach uses
wavelet transformations (as opposed to the
discrete cosine transform DCT in MPEG) in
both the spatial and temporal direction. Thus
we avoid the complex and expensive process
of motion estimation and  motion
compensation. The overall algorithm is 15 to
20 times less complex than the MPEG
approach and achieves similar or better
performance for all important bitrates.

WZD is a symmetric codec with very low
Mips overhead and low latency encoding (< 6
frames). We require very low power operation
and allow cheap color conversion and direct
compression of the composite NTSC (our
compression technology also decodes chroma
from the carrier — se@ww.interval.com/wzd ).

The main implementation benefits are:
simplified processing, reduced hardware &
software overhead and saved memory and
memory bandwidth. They result from our
wavelet compression, multiplierless
coefficients, block by block processing and
intermediate compression. Our solution is
ideally suited for real-time processing of
analog video sources for a variety of embedded
applications - set-top boxes, PVRs (personal

and manipulate large amounts of video and
audio information. Those boxes will have a
hard drive and editing capabilities. Because
digital video is very resource consuming (an
uncompressed 2 hour video can take as much
as 216 GB of memory), there is a strong need
for encoding capabilities in the box. MPEG,
the current standard approach, is very
expensive for consumer set-top box encoding
applications and does not allow for easy



video recorders), home networks, cameras and
camcorders, security applications.

We will present the WZD algorithm in the
next section, followed by a section on the
MAP-1000 processor. Experimental results
will be shown next, and finaly we will
conclude with a summary.

2. WAVELET Z-CODEC

An image transform codec (compression/
decompression algorithm) generally consists of
three basic steps in the forward (compression)
direction:

1) forward transform,
2) quantization,
3) entropy coding.

The decompression direction consists of an
entropy decoding stage followed by the reverse
transform. The forward and inverse transforms
are exact inverses of each other and are thus
lossess. They are often linear, and are
performed to decorrelate pixel values so that
the resulting coefficients can be better
compressed. The quantization stage is lossy,
where less important visua information is
discarded. The entropy coding stage is again
lossless, where the quantized coefficients are
encoded into compressed bitstreams. A
lossless compression is achieved by omitting
the quantization stage.

The Wavelet Z-codec follows these same
basic steps, using a three-dimensiona wavelet
transform in the transform stage. Optiona
intermediate quantization and coding stages
may be added to greatly reduce RAM. The
basic process flow in the forward direction is:

1) forward transform:

1-d) intermediate decode (optional),
1-e) temporal transform, with Haar-
Haar wavelet filters,

2) final quantization,
3) final entropy encode.

Steps 1-b, ¢ and d are optional, depending on
implementation platform. If used, the memory
required is significantly reduced and the entire
coder including memory can be implemented
on afraction of achip.

As istypical of DCT transform codecs, the
processing steps are not applied to entire video
frames. Instead, each video field is divided
into blocks, where each block is processed
separately. The definition of a block as well as
details of each of the non-optional processing
steps are described in the sections below.

2.1 Processing ‘Units’ — GOPs, Stripes,
Blocks, Sticks and Stones

A WZD video stream is broken into groups
of pictures (GOP) of afixed number of frames
(two), each consisting of two (2) fields. Each
GOP is processed independently of each other
GOP. We have found that for WZD this GOP
length makes a suitable tradeoff between
picture quality, bit rate, and complexity. In
addition, this short GOP length is well suited
for editing and searching. At any point in the
compressed stream you are within one of the
desired frame.

By contrast, the GOP for MPEG codecs is
typically fifteen (15) frames. However
different GOP lengths and structures can be
used depending on scene content. In any case,
motion estimation and compensation are
performed independently on each GOP. Even

such a simple editing operation as “cutting”
from one stream to another is a complex
operation for an MPEG stream.

1-a) spatial transform, with TS (2-6)
wavelet filters,
1-b) intermediate quantization

(optional), For WZD, each field in a GOP is further
1-c) intermediate entropy encode broken into 8-linestripes, with each stripe
(optional), processed independently of each other stripe.



Each stripe is then broken into 8-line by 32-
column blocks of pixels, each block processed
independently of each other block.

During the temporal transform four
corresponding stripes, one from each field of
the GOP, are processed together as a stick.
Within each stick, four corresponding blocks,
one from each field of the GOP, are processed
together as a stone. These processing units are
illustrated in Figure 1 and

]- Stripe

H Block

GOP(2 frames or 4fields
Figurel— A GOP, a Stripe and a Block

The main advantage of using a small
processing unit of an 8 x 32 block, or an 8 x 32
X 4 stone, is that it reduces the memory / data
cache size and bandwidth requirements. It also
reduces occurrences of costly data cache
misses in soft implementations and reduces
silicon area requirements in hardware
implementations. Block processing does
present the potential problem of blocking
artifacts due to transform discontinuities across
block boundaries. This problem is resolved in
WZD by the incorporation of edge filters, as
described in the next section.

2.2 Processing Step 1-a, Spatial Transform

For the gpatia transform, the WZzZD
algorithm uses the TS (Two-Six, or 2-6)
wavelet filters, which are quadraticaly lifted
Haar wavelet. The basic equations that
transform an input sequence x; , 0 <i < 2N,
into half-length low-pass and high-pass
sequences f; and h; respectively, 0 <i <N, are:

2-6 Forward Transform:

=h
|

= XgtXoi+1 1

O = Xo—Xi+1 2

hi = g —floor{(fi_1—fi.1)/8 (©)
2-6 Inverse Transform:

g = hi+floor{(fi-1—fi.1)/8} 4)

Xz = (fi+g)/2 ©)

Xas1 =(fi—g)/2 (6)

Equations 1, 2 (and 5, 6 in the inverse
direction) form the simple Haar transform, and
Equations 3 and 4 perform the “lifting” method
[3], which is in essence a quadratic
interpolation.

Equations 3 and 4 cannot be used at the two
edges of the sequence and different filters are
required. To minimize blocking artifacts, we
have designed special edge filters that ensure
polynomial continuity across block boundaries.
These filters effectively result in constant,
linear or quadratic interpolation for input
sequences of lengtiy(N=1),4(N=2) or>6
(N = 3) respectively. Quadratic interpolants
typically account for 98% of the variation at a
point.

The equations for the cade= 1 (replacing
Equations 3 and 4) are, fori =0
Forward: hg = ¢p . (3b)
ho . (4b)

Inverse: g

ForN = 2, the equations are, fori =0, 1
Forward: h; = g —floor{ (fo—fy)/4}.
Inverse: g = h; + floor{ (fo—fy)/4}.

For N >3, the equations are:
Left Edge (i = 0):
ho = go—floor{ (3fo—4f+1,)/8}
Oo = ho + floor{ (3fo—4f+1,)/8}.
Right Edge (i = N-1):
hna = gna—floor{ (fns—4f2+ 3fna1)/ 8}
gna = hya+floor{ (fys— 42+ 3fv1)/8}.

Note that al filters above map integers to
integers and are reversible. They are linear
except for the floor operations. They are also



short, and use dyadic rational coefficients (i.e., |

they are integers divided by powers of two) LTTR

with small numerators. Thus, the entire WZD RT
transform can be implemented with only adds LTBL | LTBR

and fixed shifts; no multiplies or variable shifts

are required. LB RB

Note aso that al filters above are one-

dimensional, but they can be applied to the Figure 3 - wavelet Pyramid for chroma;

O = LTTLLTL, 1 = LTTLLTR, 2 = LTTLRT,

horizontal or vertical direction.  In the 3=LTTLLB, 4=LTTLRB
horizontal direction each application partitions
its input sequence into left (L) and right (R) Note that at the end of the spatial transform,

‘subbands’, where the left subband holds the subband O contains the average value of all
low-pass (or average) result sequehead the pixels in the block. Thus, subband 0 from all
right subband holds the high-pass (or vertical blocks form a ‘thumbnail’ image of the
edge details) result sequerite In the vertical original. Other subbands contain more edge
direction each application partitions its input sharpness information, and we expect their
sequence intotop (T) and bottom (B) coefficients to be small or zero except at very
subbands, where the top subband holds the sharp edges. In fact, due to the smoothness
low-pass (again, average) resuftsand the nature of typical video data, we expect the R,
bottom subband holds the high-pass (or RT, LB and RB subbands to be mostly zero.
horizontal edge details) results For each 32-  Furthermore, many small values in the LRT,
column by 8-line block of input image pixel LLB and LRB subbands can be quantized to
luma component data, the wavelet filters are zero without much visual loss.

applied in both horizontal and vertical

directions several times successively to form 23 Processng Step 1-e, Temporal

the final wavelet pyramid in Figure 2. Transform
| A Haar-Haar wavelet transform is used in
LLTTR : .
LRT the temporal domain for increased
LLTBLILLTBR compression. The equations used, i.e., the
R Haar filters, are shown below. They are simply
Equations 1, 2 and 3b in the forward direction,
LLB LRB and Equations 4b, 5 and 6 in the inverse
direction.
Figure 2 — Wavelet pyramid for luma,; Forward Temporal Transform:
O=LLTTLLTL,1=LLTTLLTR,2=LLTTLRT, f= Xy Xgis1 1)
3=LLTTLLB,4=LLTTLRB
hi = G = Xa—Xi+1 2.3
Each block of the chroma components in Inverse Temporal Transform:
component video is half as wide as luma (16 Xs = (fi+h)/2 (4b), (5)
columns by 8 lines) because the data is sub- Xss1 = (f—h)/2. (4b), (6)
sampled in the horizontal direction. Thus, one
fewer horizontal transform is performed. The filters are applied to every pixel in each
Figure 3 shows the resulting wavel et pyramid. stone, taking as input the four values from the

four fields at the same pixel location, as
illustrated in Figure 4.



Frame l, Field 1
Frame 1, Field 2
Frame 2, Field 1
Frame 2, Field 2

Bl‘ock k

\Xo\Xl\Xz\Xsl

Figure 4 - Temporal transform input sequence
construction example

For each pixel, i.e., for each input sequence,
the filters are applied twice (hence Haar-Haar),
yielding the subbands Sow-Sow, Sow-Fast,
Fast-Sow and Fast-Fast. As with the spatia
transform filters, the temporal transform filters
can be implemented with adds and fixed shifts
only.

The temporal transform is much lower in
complexity than the motion estimation and
motion compensation done in  MPEG.
Furthermore, it operates on a GOP of two
frames, as compared to a typica GOP of
fifteen frames for MPEG, thus making it easier
to navigate compressed video streams,
facilitating video manipulations such as editing
and searching. The short GOP does imply that
when there is significant motion in a video
sequence such as a sports footage, we expect
our WZD agorithm to perform worse than
MPEG. However, for most sequences
including movies, WZD yields results
comparable to MPEG.

2.4 Processing Step 2, Quantization

The WZD quantization strategy is based on
the well-known idea of discarding information
that the human visual system (HVS) is unable
to perceive under expected viewing conditions.
This imperceptible (and unusable) information
primarily consists of contrast resolution at high
gpatial frequencies.  Such information is
imperceptible due to optical losses (diffraction
and chromatic aberration) in the HV'S.

Stone

Quantization is traditionally performed by
dividing a coefficient by a vaue Q, Q
dependent on the spatial frequency of the
coefficient. WZD simplifies this operation by
restricting Q to be a power of two (Q = 2% so
that quantization is implemented simply by
means of discarding the rightmost bits of those
coefficients, i.e., shifting the coefficients by q
bits.

Processing step 1-b, if performed, would be
done in a similar manner so that only shifting
would be used rather than division.

2.5 Processing Step 3, Entropy Coding

The wavelet pyramid, after being quantized,
will have substantial runs of zeros as well as
substantial runs of non-zeros, which makes it
natural to code the coefficients into two
streams, one being a stream of significance
bits, and the other being a stream of non-zero
coefficients. There is one significance-bit for
each coefficient, a one if the quantized
coefficient is non-zero and a zero if the
quantized coefficient is zero. In addition to
having substantial runs of zeros, the
significance bits are also highly correlated,
where each significance bit is most likely the
same as the preceding significance bit.

Arithmetic coders are known to compress
streams such as the significance stream very
well.  We use a modification of the low
complexity, binary arithmetic coder known as
the Z-coder. We have found that, for video,
the Z-coder calculations can be done with 8
bits of precision and that only 3 bits of context
(3 previous significance bits) give a good
prediction of the next bit. These three bits of
context imply a 2% entry table of 8-hit
increments. Details of the Z-coder can be
foundin[2].

The non-zero coefficients are encoded using
a Huffman coder. For each coefficient, the
codeword is obtained for its absolute value and
merged into the code stream, followed by the



sign bit. The Huffman coder has been and scheduling of instructions for execution is

thoroughly studied in academics and industry, done at execution time in hardware.
and will not be described here. For details, on
the Huffman and arithmetic coders refer to [6]. On the other hand, for VLIW processors the
difficult task of finding parallelism is moved to
As with the transform filters, we designed the compiler. The compiler searches for
the Z-coder and the Huffman coder to require eligible  operations, checks for data
only adds and shifts to maintain low- dependencies, controls resource conflicts, and
complexity in implementation. packages these operations into VLIW
instruction words. Thus, each instruction word
3. THE MAP 1000 PROCESSOR AND explicity describes the parallelism by
ARCHITECTURE specifying which operation is to be performed

_ ) by each execution unit during each cycle.

Equator ~ Technologies’ MAP  (Media Because VLIW processors do not require
Accelerated Processor) 1000 is a low-cost gpecial on-chip hardware, they can be much
programmable processor designed to h_arjdIe cheaper than superscalar processors, but they
the large computational demands of digital require sophisticated compilers to perform the

media processing, including image and video jnstruction-level parallelism properly.
codec, 2D and 3D graphics, as well as digital

audio codec, synthesis and spatialization. It 32 The MAP compiler

provides a flexible, high-performance

environment for developing real-time multi- The Equator MAP compiler is critical in

media applications, many of which have ensuring that the computational power and
rapidly evolving functional requirements due architectural features of the MAP 1000 are
to the recent growing need for multi-function fully utilized. It supports a wide range of

digital TV and STBs. optimizations, including software pipelining,
. preconditioning, as well as trace scheduling
3.1 The Map Architecture which can search a whole routine for eligible

) _ operations. It can also explore across natural

because it is based on an on-chip parallelism gpportunities of increased parallelism  far

technique known as Very Long Instruction peyond the limited search window seen in
Word (VLIW) architecture. VLIW is one of existing super-scalar architectures.

two well-established schools of thoughts on

how a high degree of instruction-level The MAP core processor is programmable
parallelism can be achieved, the other being the in C, and the MAP C compiler is generally
super-scalar architecture.  Today’s popular compliant with ANSI standard C. It supports a
microprocessors such as the Pentium Il are media intrinsic API with a large suite of 32-bit
based on the super-scalar approach, whichand 64-bit integer and floating-point scalar
require special on-chip hardware to look operations, partitioned operations with 64-bit
through the instruction stream and find registers, plus operations with 128-bit

independent operations which can be executed partitioned long constant/variable that facilitate
simultaneously by multiple execution units vector arithmetic.

available so that parallelism can be maximized.

This special hardware typically takes up a With extensive use of partitioned media
significant portion of the chip’s die area. Each intrinsic, the implementation of the WzZD
instruction in superscalar processors codes for wavelet transforms on the MAP core processor
only one single operation, and the grouping requires only three (3) cycles per coefficient.



3.3 M AP Coprocessors

The MAP-1000 has severa functional units
in addition to the VLIW media core processor.
The Data Streamer intelligently handles inter-
and intra-chip data transfers as well as hides
the penalty due to data cache misses. It can be
programmed to transfer data of various shapes
and forms. The Data Streamer executes
commands in a separate thread of control with
minimal CPU support. Thus, conventional
double-buffering schemes can be used to fully
overlap data movement and VLIW core or
Variable Length Encoder/Decoder (VLX)
processing.

Another functional unit is the Fixed
Function Block, which includes graphics
accelerators, a video scalar and the VLX. The
VLx is actualy programmable, currently in
assembly. It is a RISC coprocessor which can
be used to perform bit-sequential tasks that are
not well suited for the VLIW core. The VLXx
contains specia-purpose hardware, called the
GetBits engine, for bitstream processing and
hardware accelerated MPEG2 table lookup.
More details on the MAP platform can be
found in [1] as well as at ETI's web page
http://www.equator.com

4.WZD on MAP

For the implementation of the forward
direction of the WZzD algorithm on the MAP-
1000, the Data Streamer is programmed to
transfer pixel values from frame buffers to
contiguous memory locations on the on-chip
SDRAM one stone at a time. Double-buffering
is done so data from the next stone can be

transferred in while the current stone is
processed.
Data in the frame buffer is in field-

interlaced YuYv 4:2:2 format, thus the Y
(luma), U (chroma 1) and V (chroma 2)

stone, with resulting wavelet -coefficients
placed into contiguous memory locations in
SDRAM.  Again double-buffering of the
coefficients buffer is done so that the
coefficients from the current stone can be
transferred to the VLx while those from the
next stone are calculated.

The Data Streamer transfers the wavelet
coefficients from the SDRAM, stored in its
natural order of scan-order, into memory
accessible by the VLx called CM1 in subband-
order. Coefficients grouped in subband-order
are expected to have longer runs of zeros or
non-zeros than in scan-order and are thus
expected to vyield a smaller Z-coder
codestream.

The final quantization and final coding
stages are implemented in the VLx core. The
data streamer and the GetBits engine are used
to transfer the resulting codestream bits back to
SDRAM. The core then writes the codestreams
out to file.

The inverse direction of the WZD is
implemented in a similar manner.

5. EXPERIMENT RESULTS

—e— Bug - WZD
—&—Head - WZD
—4— Chase - WZD

- 0= Bug - MPEG2
- 1= Head - MPEG2
- A= Chase - MPEG2
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Figure5 - Rate-Distortion curve comparison
of WZD softwar e implementation vs. MPEG2

Figure 5 plots the quantitative results of a

components are first extracted out into separate software implementation of the WZD codec,

buffers in the core. The wavelet transforms for
each component are then performed for the

compared to those of a standard software
implementation of MPEG2, Test Module 5
(TM5). 3 footages were processed, each 300



frames long. “Bug” is a footage from an to rapid changes in market demand and
animated movie, “Head” is a talking-head industry standards.
footage from a motion movie and “Chase” is a

motorcycle chase footage from the same  WZDis far less complex than MPEG-2, and
movie. experiment results show that it yields

comparable quality to MPEG-2 in general.
The curves are known as rate-distortion
curves. Here the distortion is represented by In addition to the implementation of the
the Peak Signal to Noise Ratio (PSNR) in dB, WZD technology on the Equator MAP-1000,
actually the opposite of distortion, and the rate we have also built a software implementation
is represented by the bit rate of the compressedon the Pentium PC as well as another popular
bitsteam in bits per pixel (bpp). For full-size media processor — the Philips TriMedia. Some
frames, 1 bpp corresponds to roughly 10 Mbps of the advantages of our approach come to life
(million bits per second). Although PSNR in a hardware implementation, i.e. an ASIC or
may not always be an accurate indication of the part of an ASIC (system-on-a-chip). Because
visual quality of a moving sequence, typically the entire algorithm can be implemented with
the higher the PSNR, the better the quality. shifts and adds only, we anticipate to be able to
Figure 5 shows that WZD vyielded better quality design a full encoder with 50 — 60,000 gates,
than MPEG2 for two of the three sequences. significantly less than MPEG-2 encoders with
Furthermore, WZD quality degrades smoothly comparable quality. For more details on such
as the bitrate is reduced, where as MPEG?2 implementations, please refer to [4] and [5],

quality drops off sharply below 0.3 bpp. which together with several other papers and
descriptions can be found at

Figures 6 and 7 show sample results of the http://www.interval.com/wzd.
WZD algorithm implemented on the Equator
MAP-1000, intermixed with results of TM5, Acknowledgements
the standard software MPEG2 implementation. .
The image quality can be seen to degrade as Many thanks to Equator Technologies, Inc.,
the bitrate is reduced, and WZD results are Which has provided wonderful technical
comparable to TM5 results at most bitrates. At Support, and to Bill Arrighi, who has made
low bitrates WZD results are generally better. important contributions towards implementing
For example, in Figure 7, WZD at 1.8 Mb/s is the WZD on the MAP-1000 as well.
visibly better than TM5 at similar rate.
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Figure 6 — Processing results of MPEG2 and WZD codec algorithms applied to a motorcycle chase
sequence. (a) through (f) are ordered in decreasing bitrate.
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Figure 7 — Processing results of MPEG2 and WZD codec algorithms applied to a talking head
sequence. (a) through (f) are ordered in decreasing bitrate.



Low-Cost Mass-Storage
"The Last Piece of the Home Server Puzzle"
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Abstract

Future business models for interactive television
and media-based e-commerce in the broadband
environment are spawning the need for a new
type of media enterprise: the Media Service
Provider (MSP), a combination of an ISP and
traditional broadcasting company. Snce
subscriber delivery of interactive, instantly
accessible video and audio media is the key
revenue driver in this concept, there will be need
for low-cogt, reliable mass data storage in the
home.

This paper surveys the next generation of
multimedia home storage and suggests how the
home media server might merge with the
traditional television set-top box, the current
entertainment "gateway" to most living rooms.
The future model is neither a fat nor thin client,
but an entirely new model: a storage client.

Introduction

Recent trends indicate that interactive digital
television, driven by the economic engine of
media-based e-commerce, will offer compelling
new business opportunities in the broadband era.
This merging of the traditional Internet web site
with entertainment quality audio and video isa
strong candidate to become the "killer app” of
media distribution in the next decade.

With this new media distribution modd will
come the need to store vast amounts of quickly
accessible multimedia content in the home. The

ability to provide consumers with instant access
to large media files and video exceeds the
capabilities of the current generation of
conventional personal computers. Even asthe
capacity of the PC expands, its primary role as a
general purpose, highly flexible-computing
device makesiit inappropriate to function
simultaneously in the secondary role as a media
server. A new type of deviceisrequired to meet
the needs of home entertainment storage and
distribution.

Since the television set-top box is now the
primary control terminal for entertainment
services to most homes, the functions of a home
media server comfortably integrate -- perhaps
fully merge -- with the set-top box to create a
new, far more powerful home entertainment hub.
In addition to accessing and serving traditional
television and audio entertainment programming,
this device would handle a wide range of new of
interactive media services and could connect to a
broad universe of home appliances. In some
instances -- remote areas, for example -- the
home server could act as a cache for alarge
number of Internet web pages, removing the
"wait" from the WorldWide Wait.

Enabling Technologies: An Overview

Several technologies are "coming of age" that
will enable the home server and its associated
network of appliances to cometo market at an
affordable price. These technologiesinclude:

a) RF/Wired home communications (Home RF,
Blue Tooth, Home PNA (using existing home



phone wiring for networking) to seamlessly link
together components in a home network.

b) High-performance, low-cost microprocessors
(300 MIPS for <US$10) dramatically boosts
computing power at increasingly lower cost.

c) Low-cost mass storage (> 17 GBytes, <
US$80) is here. Rapidly falling prices will soon
allow 100 gigabytes of storage at a cost of less
$1 per GB.

d) Digital broadband transmission technology,
viacable, DSL and satellite, is being rapidly
deployed throughout the United States.

While not precluded from functioning as a home
server, the generic personal computer isaless
likely candidate due to the following reasons:

a) Reliability and Security. Multipurpose
devices are aso inherently less reliable and more
prone to crash than dedicated, application-
specific appliances.

b) Availability. PCsemployed with traditional
tasks may not be available for entertainment
functions at desired times.

b) Cost. General-purpose computers cost more
than dedicated computing appliances.

c) Control. The PC storage deviceis controlled
by the end user, not the media service provider.
Storage may not always be available for service
provider downloads, thus a guaranteed quality of
serviceis not assured.

d) Security. A generic PC isinherently less
secure than special purpose server device.

€) Complexity. A general purpose PC is more
complex than an appliance designed for a
specific application.

The key issues in development of the home
entertainment server involve:

a) Protection of high-value content.
b) Provision of media services to the home.
c) Distributed data management.

d) Content rights management.

Applications

The home entertainment server concept
allows cable, satellite and broadcast operators to
become full service media providers through a
multi-function entertainment gateway into the
subscribers’ home. In addition to real time
services, the technology offers a new business
model that allows all kinds of content to be
downloaded to subscribers during the hours of
off-peak bandwidth. Because theb can
connect to range of information devices, the
service possibilities extend far beyond traditional
audio/visual programming and web services.

Through USB, Ethernet and IEEE 1394
"Firewire" ports, the media server hub connects
not just to television sets, but with personal
computers, digital cameras, printers, cell phones,
Palm-sized computing devices, e-Book readers,
CD burners, MP3 music players, and telephone
equipment. A vast range of media types, from
music files to electronic books and newspapers,
can be delivered to audiences during the low
traffic night time hours.

Promising new business opportunities for
media service providers include true video-on-
demand with timed viewing, music-on-demand
(home jukebox), enhanced personal video
recording (based on viewer preferences), games,
online banking, subscription data and reference



services (online phone book, education material,
etc.), media-enriched home shopping, digital
photography, multimedia e-mail, video
conferencing and multi-featured telephony. In
the future, new applications for the network will
appear that we don't yet even imagine.

The Internet web surfing experience can also
be significantly enhanced when coupled with a
home media server. When tied to the server,
several home PCs or Internet appliances can
simultaneously access locally cached web pages
and associated multimediafiles that were
previously downloaded to the home storage
device. This arrangement allows significantly
faster access to web content and lessens the
delay that users encounter even on the fastest
broadband systems. The connection of home
information devicesto the server is enabled via
the home network, either a through RF or Home
PNA.

Specially formatted television-centric
supplementary web content (HTML, Shockwave,
etc.) could also be accessed instantly from the
home server while viewing programs. The depth
of interactivity between web content and
television programming is dramatically increased
when alocal server is used to store data. For
example, the night before the Super Bowl the
M SP can download hundreds of Super Bowl-
specific web pages that could be accessed from
the server during the game. When the game ends,
the pages can be automatically deleted from the
storage device and replaced with updated
material for future programs.

Typica Application Storage Requirements

Application # GBytes Total
VOD (@4 Mb/s, 1.5 hour) ' 5 titles/ day 3 15
MOD (@ 150kb/s, 3 minutes) 100 titles 0.003 3
WWW hosting (100 Kbytes/ 10k pages 0.00001 1
page)
PVR (8 hours, 4 Mb/s) 8 hours 2 15
Infomercials (3 minutes, 4 Mb/s) | 20 slots 0.09 18
Subscription Data Services (?) 5 0.2 1
TOTAL 36.8

The Customer as Programmer

The home media server is a powerful
successor to the Personal Video Recorder (PVR),
a hard disk-enabled device that enables
television viewers to take control of their
viewing experience. Unlike the current
generation of Personal Video Recorder, the home
media server is not a consumer appliance, but an

extension of the media service provider into the
customer'shome. The server -- just as today’s
set-top box -- is maintained and controlled by the
MSP, yet operated locally by subscribersin the
home. Empowered by the server, the customer
becomes the programmer, enjoying instant
access to awide range of highly personalized
media from avast array of sources.



Neither Fat nor Thin, but a Storage Client M oddl

A new computing model is created — neither
fat nor thin — but rather a storage client. The
personal computer, dependent on increasing
amounts of processing power, is considered a fat
client model. Information appliances, dependent
on a network for its power, are categorized as
thin client devices. On a storage client, tasks are
segregated between the media server and the
network operator. Local CPU intensive
processing is not needed, yet extensive local
manipulation capability is needed locally for
handling large video and audio files. The storage
client is a logical extension of the "Edge Server"
model that is currently used in Internet
applications.

New Technologies Required

In order that a home media server system — as
described here — can be brought to market,
several existing technologies need to be further
developed and applied to the specific application.
They include:

a) Profiling An area under intense development
for related applications, the profiling functions
needed in a home media server environment
need further refinement. Essential to the success
of the media server model is intelligent software
that can determine the preferences of the home
viewer and determine which household member
Is watching at any given time. Needed are
improvements in learning preferences,
demographic identification, and a more
sophisticated method of tagging and categorizing
incoming content. Since the profiling used in
this home-based system stays on the server
within the confines of the subscriber's home; the
privacy of personal viewer information is fully
protected.

Streaming media, now an essential shortcut
for delivering multimedia over bandwidth-

b) Content protection. The protection of content
stored on a server is different from the protection
of content delivered in real time. For example,
content may reside on the home server a full year
before it's used. Much content protection today
involves key cycling, but when media is stored
long-term on a server, keys can easily lose sync.
Server-specific content protection must be
implemented.

c) Intelligent storage management. Because the
home server does not have an infinite storage
capacity, there is a need to select and manage the
content it stores. As media changes and ages,
conflicts can emerge. For example, based on a
personal profile, the server's software may face a
choice between replacing older, unviewed

material with a more current program that might
be of interest of the recipient. The system must

be intelligent enough to make the correct choice.

d) Home Scheduling. Depending on the
household members watching at a given time --
male, female or both -- the system needs to
determine preferences for the viewers from its
stored database. It's here the local server makes
decisions previously reserved for the network
programmer. The software must engage in
dynamic decision-making based on what it
knows about the viewers.

The New Entertainment Hub

The media server will co-exist with the home
PC. The PC will remain the dominant "lean
forward" information device for tasks, while we
see the media server as the dominant "lean back"
device for entertainment uses. New devices,
such as Internet radios, telephone and other
networked appliances will emerge over time and
complement the server.
starved networks to the PC will find new
applications with the home media server. Media
may be streamed from the server to Internet



appliances with low bandwidth connections, and
could overcome the limitations of home
networks. For example, the M SP might
download 5,000 song titlesto the server
overnight. Using audio streaming, anyone in the
home could access any single title on awide
choice of listening devices. Therole of streaming
mediato relieve bandwidth on the Internet shifts
to relieving bandwidth on the home network.

Proprietary Networks Must Adopt Architectures
Complimentary to the Home Server

Today, proprietary networks dominate home
entertainment delivery. Cable and satellite
operators each use incompatible closed systems.
The home server model can work only if these
networks are adapted to accept and control it.
Such afull-scale integration of technologiesis,
of course, no small task. Only recently, and after
years of difficult negotiations, has the television
industry made progress on the seemingly simple
issue of interconnecting home electronics
components.

As we consider the benefits of the home
server model, a key paradigm shift must occur:
control of home media storage must shift from

the consumer to the media service provider.
Consumer ownership of media storage has along
history, dating back to the early days of audio
and video recording. With today’s consumer
electronics model for PVR products, the owner
of the product controls the hard disk storage on
the recording device. However, for the service
provider to insure the needed data storage space
and maintain a high quality of service,
consumers must forfeit primary control of the
storage device, much as with today’s television
set-top boxes. Thiswill require a creative
marketing effort designed to demonstrate the
clear benefits of shifting thistask to aserviceto
an outside vendor.

Conclusion

The engine of the home media server concept
is entertainment. Interactivity, personalization
and massive storage, combined with a high-
speed gateway to a vast array of on-demand
entertainment services, offers significant new
business opportunities to pay media broadcasters
and huge benefits to consumers. This new
model, the client server, deserves serious
consideration as a cost-effective method for
efficiently delivering interactive multimedia
content to consumers over broadband networks.

' Thiswill depend on the compression method used. The figures here assume aworst case of real-time,

MPEG2 encoding at 4 Mbitg/s.
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Abstract

The customer demand for quality Internet
access is prompting a change in the way
Internet information services (or high-speed
Internet Service — HSD) will be engineered,
maintained, and marketed in the future. As a
result, traditional meas