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Ch t 1 aper 
Introduction to Cable Television 

1.1 Introduction 
Cable television is an industry and a technology tbal has outgrown its historical 
name. Modern "cable television" networks are used lo provide a wide range of 
services, including analog and digital video, digital audio, high-speed data, and 
telephony. 

The essential distinguishing characteristics of cable television networks are 
that they include broadband (typically 0.5-1 GHz of total bandwidth), highly 
linear distribution systems designed 10 carry many modulated radio frequency 
(RF) signals with a minimal amount of mutual interference between a central 
point and many customers, where signals are delivered via coaxial cables to and 
from terminal equipment. Because of these characteristics, the networks are 
service-agnostic to the e:xtenl that they will carry any information !hat can be 
modulated on a compatible RF carrier. Modern cable television networks are 
almost always two-way, ·use optical fiber extensively, and are segmentable so as 
to allow simultaneous frequency reuse in various network sections. 

Historically, the cabl-e television business was based exclusively on delivery 
of television programming, and ii has been very successful in Iha! regard. As of 
1999, nearly 97% of U.S. television households had cable television service 
available, and approximately 66 million households subscribed to at least the 
lowest tier of video service, representing almost 67% of U.S. television house­
holds.' Those levels have changed only slowly over the past few years. 

Because cable television bas been so successful and has enjoyed such 
vigorous growth and accceptance, it has spawned video competitors, including 
prerecorded media, direct broadcast satellite (DBS), video streaming over tlie 
lnternel, as well as the interest of the telephone industry. Increasing revenue 
streams from connected households, made possible by mulriple service offer• 
ings, has also changed !he economics of the industry sufficiently that customers 
in some markets now have a choice between two cable television operators who 
have constructed parallel distribution networks serving the same homes. In the 
common terminology of the cable industry, the company building !be second 
network is known as an overbuilder. Overbuilders may offer service as a second, 
franchised cable television operator or as an open video system (OVS) operator. 

3 
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Taking advantage of new technologies and, in panicular. the falting prices of 

eleclro-Optical components, lbese networks typically use optical fibers 10 carry 

signals closer to subscribers than legacy cable operators, in some cases all the 

way to subscriber homes. 

In the world of high-speed data communications, and Internet acces5 in 

particular, services offered by c.1ble operators have codeveloped with other 

wired and wireless options. For residential users, Internet access was historically 

provided almost exclusively through dial-up modems directly to huemet service 

prolliders (ISPs) . Many applic.11ions, however, run discouragingly slowly at the 

data rates that are possible through standard telephone connections, and this has 

led cable companies to develop connection services that are 10-100 times faster. 

In the competition among broadband service providers, cable bas outsold its 

competitors by about 2:1, with a telephone technology known as di&ltal sub­

saiber Une (DSL) providing Ille strongest competition to date. Competing satel­

lile and wi.reless terrestrial data uansport technologies are still developing 

market share. 
In offering voice telephone service, it is lhe cable operator who is lhe over­

builder. sinte residential telephone service was available to virtually every 

household in the United States before cable telev1s1on operators entered that 

market segment. When offered by c.1ble television operators, telephone service 

ls regulated by the same agencies who regulate the Incumbent telephone com­

panies, leading 10 completely different regulatory authorities for services that 

share the same physical network. 

Cable-offered telephony comes in at least two technic.11 versions and two 

product classific.1tions. Initially, telephone offerings utilized dedicated signal­

processing equipment that was carefully engineered to meet the high reliability 

expectations ol this service. As of early 2003, that type of equipment was still 

used to service the large majority of Installed telephone customers. The newest 

version, known as voice-over-IP (VoIP), shares terminal equipment with the 

high-speed data service, offering the potential for reduced equipment costs. 

Regardless of how the signals are handled technically, c.1ble operators may 

offer a primo.ry-lin~ service or only a serondary-Une service. Prlmary-linc service 

competes directly with the incumbent telephone operator for all residential 

telephone business, but it requires that the cable network and equipment meet 

the reUabUiry standards to be the "lifo-line" communications link for customers 

in the c.1se of an emergency (while not ma.ndated by regulatory agencies, this 

voluntary requirement is generally defined as a service that is available al least 

99.99% of the time). Secondary-line service cedes the first line in each home 10 

lhe Incumbent but competes !or additional lines. The assumption is that the 

availability needn't be as high, saving the cable operator capital upgrade cost 

and allowing it to offer a lower price. 

In the following chapters, you will gain a solid understanding or the tech­

nologies required to deliver broadband services to and from homes. You will see 

how the pieces fit together to make up a complete system tor the uansmlssion or 
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1.2 Technology-Related Regulatory Issues 5 

information and entertainment choices to consumers. II yours is a related busi• 
ness, you will better understand how it fits with the cable industry. If you are 
already knowledgeable in some aspects of the broadband networks used by 
cable, thls book wlll fill in the gaps. 

Technology-Related Regulatory Issues 

Cable's high visibility has attracted the attention of regulators and legislators. 
Important public policy issues are involved. Understanding what cable television 
is, bow lt works, and its economics will help decision makers in these areas. This 
understanding will also aid network designers in determining which techno• 
logies are appropriate for cable television applications and which are not. One 
aim of this book is to aid in that understanding. 

The issues are fundamentally different from those that govern incumbent 
telephone companies, broadcasters, or DBS operators because of lhe nature of 
the cable television business model. Unlike telephone companies, which are 
fundamentally providers of bandwidth but have no interest in content, and DBS 
operators, which are fundamentally purveyors of content and for which the 
network is just a private delivery mechanism, cable companies are involved in 
construction, network operations, bandwidth leasing, passive retransmission ol 
certain signals, resale of certain programs and signals, equipment leasing, and pro­
gram generation. These sub-businesses are the resuli of cable's need to define ilself 
over the years in a very entrepreneurial way and make it hard to pigeonhole ii 
into a defined niche. Following are a few of lhe regulatory issues that are affected 
by the technology of cable systems. 

1.2.1 Access to Networks by Unaffiliated Third Parties 
Current regulatory policy allows unaffiliated competitive local exchange carriers 
(CLECs) to offer telephone and data services over physical plant constructed by 
incumbent telephone companies and to access incumbent telephone company 
facilities for the purpose of installing the necessary equipment. In some cases, 
signals lrom the two companies may share the same physical wires between a 
telephone switching office and customers' homes. A recurring regulatory ques• 
tion is whether, and to what extent, access 10 cable systems should be granted to 
such third parties. Should access be granted at the physical level (shared wires). 
at the bandwidth level [allocated radio frequency (RF) channels in the network], 
or at the service level (where the third party's signals are processed by equip· 
ment owned and operated by the incumbent cable operator)l 

The question of third-party access potentially arises in connection with all 
types of cable television .services, often as a result of lhe vertical organization of 
cable companies, which not ouly build and operate networks but may also 
invest in companies providing video programming, operate their own ISPs, resell 
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long-distance telephone service, lease various types of terminal equipment, and 

have other relationships that may cause them to favor some suppliers over others. 

The technical issues are much more complex in the cable televlsion world 

than m the telephone world because cable systems are not passive, but, rather, 

include electro-optical and RF active equipment whose operation requires very 

tight control over signal parameters. Furthermore, cable system operators are 

responsible for inadvenent radiation of their signals, which can be caused by 

poor workmanship on the pan of a third-party installer. 

1.2.2 Cable Operators' Responsibilities In Transition to 

Digital Broadcast Televition 

The eventual transition of over-air broadcast television from analog 10 digital 

(including both standard and hlgh-delinltion formats) is a cenainty, thougb the 

timing is not. The practical issues are many. 

• Broadcasters are reluctant 10 produce high-definition television (HDTV) in 

quantity because of the higb costs involved for a currently-very-limited view­

ing audience. yet HDTV programming in sufficient quantity will be required 

10 encouragt' consumers to purchase digital receivers . 

• The rosts of digital receivers remain high due to limited demand as well as 

inherently higher production costs. 

• DBS and cable television operators offer both standard-definition television 

(SDTV) and a limited quantity of HDTV programming. but using formats that 

are incompatible with each other and with over-air broadcast digital. Even 

among cable network operators and between satellite operators, tteeivers are 

not currently interchangeable. Furthermore, HDTV programs use four to six 

times the bandwidth of SD'fV programs, so any further migration to HDTV on 

the part of OBS and cable operators will inevitably be at the expense of reduced 

program variety, given a finite amount of available bandwidth. 

• Civen that most households in the United States receive their television pro­

gramming from a cable television system, broadcasters maintain that a sue· 

cessful transition is dependent on cable opera to~· carrying their analog and all 

their digital signals during the transition pertod. Given their limited band• 

width, the relative scarcity or deployed HDTV receivers, and the duplication 

of much of that programming, cable operators believe that this is an unrea• 

sonable burden on their limited bandwidth and an impositlon on the editorial 

control of their systems; they point out that the immediate result will be 

to reduce programming choice for their custome~ and to deny access to 

some nonbroadcast programmers. 

• For the consumer, the result has been that those wishing access to digital 

programming typically purchase a display-only receiver, then mate it with 

separate satellite, cable, over-air, and/or physical media players, as required. 
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1.2.3 Market Power Issues 
Although not a legal monopoly, cable television systems, in total, serve about 
two-thirds of U.S. households with at least television service. This has led some 
regulators to regard them as de facto monopoly providers and to enact regulations 
to limit their power to control various aspects of the marketplace. 

Consumer Tenninal Equipment 
The Cable Act of 1996 led to Federal Communications Commission [FCC) 
regulations in 1998 that required that any required terminal equipment be 
accepted from unaffiliated third parties by July 2000. Note that this regulation 
applies only to cable television (video) services, not to telephone services, which 
are provided under separate regulatory framework. The status of data services is 
still unclear. 

The technical issues in successfully moving terminal equipment into the 
retall market are many and include the following. 

• Tbe requirement that such devices operate under the secure control of the 
network operator in allowing selective access 10 programming present at its 
input terminals. In practical terms this requires that the decryption/descram· 
bling system, or at least a portion of it, be supplied by and controlled 
by the network operator. 

• ln order to meet policy needs to suppon the transition of the over-air 
broadcast industry to digital, as well as to provide reception of both broad­
cast and narrowcast programming over the cable network, the terminals 
must be capable of receiving, demodulating, and decrypting multiple types 
of signals. 

• In order to protect tile cable network, any upstream signals (transmitted 
from the customer back to the operator for control of interactive services) 
generated by the receiver must be tightly controlled and conform to industry 
standards for interactive communications. As of mid-2003, no such com· 
plete set of standards existed. 

• In order to prote1:t the ~able network Crom destructive interference and 10 
protect over-air communicatio□s services from i□terference, such recei­
vers must be adequately shielded to prevent ingress or egress of signals. 

• In order to ensure operability in any cable system, the reception p~form• 
ance must be consistent with the signals delivered by advanced cable system 
architectures. 

• In order to ensure adequate functionality, the receivers must include an ade­
quate set of features to allow the required subscriber interactivity, such as 
purchasing on-demand programming or executing e-commerce transactions. 
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• Even if all these goals are met, the result will be that cable operators will be 

inhibited from offering new a.nd innovative services if those services requi.re 

an upgrade or enhancement to subscnbers' tenrunal devices. 

Although muluyear intensive negotiations belween the cable television and 

consumer electronics industries produced the outlines or specifications for "digital• 

ready" television sets that could be sold through retail outlets and that would function 

as both an over-air and cable receiver; the reluctance of the FCC 10 set and enforce 

adequate labeling. fe.uure, and performance standards left the ef/on in llmbo. 

A more recent private agreement between seven major cable operators and 

14 consumer electronics manufacturers covered only noninteractlve receivers 

and, as of the wrihng or this book, had not yet been adopted by the FCc.• 

The cable industry is rapidly moving all premium video services from older 

analog scrambling technology 10 all-digital transmission and encryption. 

Therefore, It is generally considered prudent to concentrate on the regulation 

of digital video and to let proprietary analog scrambling systems die a natural 

death. 
Greater success has been reached in high-speed data service, where a 

durable industry-wide standard has been adopted for terminal equipment. 

The Data Over c.able Systems Interface Specificatlon (DOCSIS) was originally 

a proprietary documem, but it has since been recognized by the lnternauonal 

Standards Organization (]SO). This evolving effort is In Its third major release, 

and devices meeting DOCSIS are usable in the vast majority of cable systems ln 

the Americas. A major contributor to the success of this effort has been the 

activities of the U.S. research and development consortium, C,able Television 

Laboratories (c.ableLabs), acting as the official cenlfying agency !or new 

equipment. Perhaps the strongest indicator of the success or DOCSIS is that 

the price of data modems has dropped by a factor or four in about two years, 

while the price of proprietary cable television video tennlnal equipment has 

declined by less than so%. 

Access to Programming by Competing N,tworlc Opemon 

At the other end of the network, regulators ¥e concerned that cable's market 

power may allow operators to effectively control access to video content that is, 

after all. the core product customers purchase. This control can take the form of 

exclusive deals covering cenam geographic areas or unreasonably unequal rates. 

In many cases, large multisystem operators (MSOs) are venically integrated 

10 the extent that they hold major investments in programming suppliers and 

thus influence how and to whom the programs are made available. 

In the interest of encouraging competition, current regulations forbid exclu­

sive access 10 any programming that is distributed via satellite, allowing both 

DBS operators and overbuilders access to the vast majority of programming. 
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Service Bundling and Buy-Through 
Cable operators oflen bundle certain services (that is, offer certain services only 
in combination with other services) or require customers to purchase certain 
services in order to have access 10 purchasing additional services. In some cases, 
this is required by regulations (such as the requirement that the lowest level 
of video service include all the local broadcast stations) and in some cases it 
reflects available technology (sucb as the inability to reasonably block the 
reception of some services while allowing access 10 others). In other cases, 
however, ii reflects marketing decisions, contracts with certain program sup· 
pliers or strategic alliances that may not result in choices customers would have 
preferred. Regulators, therefore, need to know what is technically reasonable, as 
well as to assess what is a reasonable degree ol constraint on cable operators' 
rights to control their product. 

One example that reflects the development of the business is the bundling of 
ISP service with high-speed data transport service. ln some cases, a high-speed 
ISP company actually operates the Internet access business !or the cable opera• 
tor, and the combined revenue for modem rental, ISP services, and transport are 
what supports the business. Allo,ving subscribers to choose a different ISP may 
be technically difficult, depending on the way the system is configured, but it 
may also cause a redefinition of a formerly integrated business segment. 

1.2.4 Other Technical Regulatory Issues 
Numerous other regulatory issues are related to technology, including the 
following. 

Delivered Signal Quality 
Current regulations cover only analog video signals and do not address any 
digital services or two-way communications. The analog regulations are 
i□tended to ensure a reasonable subjective quality of television viewing. 

System Shielding Integrity 
Cable systems utilize a wide range of RF frequencies, including those used by 
other radio systems for op,en-alr trai1srnission. To ensure a lack of interference to 
those licensed users of the spectrum, the FCC has enacted and enforces strict 
signal leakage standards. 

Must-Carry/Retransmission Con~nt Issues 
In addition to the digital transition issues discussed earlier are a host ol other 
issues related to cable carriage of over-air broadcast signals, including which 
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signals must be carried, where they are placed in the RF spectrum, what quality 
is required, whether formal conversions are allowed or required, and what is lair 
compensation for use of the programming. A related issue is cable's obligation 
for carriage of over-air broadcast signals relative 10 that of DBS operators. 

Public, Educational, and Governmental /PEG) Access Issues 
Franchised cable television operators currently negotiate with franchisors 
(which may be local cities, states, or a combination thereoO regarding access 
by various public entities to channels on the cable system. The usual use of such 
channels is for distribution of local programming (such as transmission of city 
council meetings 10 local residents), but sometimes facilities are demanded for 
internal communications needs, such as two-way data communications between 
civic buildings. 

Access by Cable Operators to the Utility Poles and the Public Righ~f-Way 
A cable franchise or OVS agreement provides cable operators with access to the 
public rights-of-way. Overhead facilities within those rights-of-way, however, 
are usually controlled by third parties, such as incumbent telephone operators, 
who may not wish 10 encourage construction of networks that could compete 
with their core businesses. One interest of regulators, therefore, is in ensuring 
that access 10 existing pole lines is granted on a compensatory, but reasonable, 
basis 10 cable operators. 

A related issue is access to ground-level and below-ground rights-of-way. 
Regulators are concerned about the appearance of neighborhoods and the 
integrity of their streets, while operators need prompt access under llnancially 
reasonable conditions to build networks. II is essential that regulators under­
stand what is technically feasible in addressing these issues. 

1.3 The Development of the Cable Television Industry 
and Its Services 
Cable television systems wexe not originaUy intended to be general-purpose com­
munications mechanisms. Only recently has cable's role expanded to include 
nonanalog video services. Even then, these services are designed as much as 
possible around the perfoonance required for analog video transpon '- for 
instance, they get the benefit of the high carrier-to-noise ratios required for analog 
video transport but are also generally constrained 10 operate within the 6-MHz 
channelization scheme that is a byproduct of the over-air frequency assignments. 

The earliest cable systems were designed solely to be able to transport a 
common spectrum of analog television signals from a central point, called the 
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headeruJ., to each subscriber's home, where they would connect direclly with 
the television receivers (io the parlance of cable operators, this is referred 10 as 
the downstream direction). The systems and receivers were designed for signals 
conforming to the U.S. television standard. called NTSC, after the organization 
that created it in 1941, the National Television Systems Committee. This black­
and-white television standard was modified in 19S3 to provide compatible color 
information to color receivers and again in 1984 to add compatible stereo 
sound. 

The original business case was based on the delivery of broadcast television 
10 areas where they were not receivable with reasonable off-air antennas. In 
rural areas this was usually due 10 the lack of available signals, whereas in cities 
multiple reflections from tall buildings created many reflections ("ghosts"). 
These early systems were called community antenna television (CATV) and 
consisted of sometimes-elaborate off-air antennas constructed where required 
for good reception, coupled to broadband distribution systems that carried the 
signals to customers' homes.• Although other transmission lines were used in 
some early systems, coaxial cable soon dominated. Because of the relatively high 
loss of then-available cable, the technical progress of the early industry was 
paced by improvements in the technical properties and reliability of repeater 
amplifiers, cable loss, and such accessories as subscriber taps and connectors. 

By the late 1960s. nearly all the areas of the United States that could benefit 
from a CATV system hadl been served. In the mid-l 970s, the launch of satellite 
delivery of signals to cable systems changed the business model from simply 
extending the reach of over-air terrestrial broadcasters to dramatically increasing 
program choices for customers and actively competing with the broadcasters for 
audience share. The seminal event was the cablecast by the pioneering movie 
channel Home Box Office (HBO) of the October 1975 Ali-Frazier heavyweight 
boxing match Crom Manila. 

Three new categories of cable-exclusive channels came into existence: 
(I) "superstalions," local over-air broadcasters using satellite transmission to 
gain a nationwide audience; (2) specialized channels for news, sports, weather, 
education, shopping, and so on; and (3) movie channels, such as HBO, which 
sparked new excitement in the business. With this new programming, cable was 
able to tap into many new revenue streams and to offer television programming 
tailored to customers' wishes. Within a few years, customer video offerings 
typically iileluded the following. 

• A basic level of service typically including local broadcast stations, franchise­
mandated local access channels, and perhaps a few additional channels 

• One or more enhanced tiers of satellite-deUvered specialized channels for 
additional monthly fees 

• A choice of commercial-free movie and special-event channels, for an addi­
tional monthly fee per charmel 
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• The ability to purchase access to individual showings or movies or special 
events, known as pay-per-view, or PPV 

New, nonsubscriber, revenue streams came from sales of commercials 
inserted in satellite-delivered specialized channels and from a share of the sales 
revenues earned from "home shopping" channels that were usually carried as 
part of the basic service. 

The availability of many possible television channels, and the possible 
revenue to be gained by carrying them, led to a continuous expansion in the 
bandwidth of cable systems. The earliest systems were limited to all or part of 
the 12 VHF broadcast channels (2-13). The first expansion utilized the spectrum 
between the top of the FM band at 108 MHz and the bottom of channel 7 at 
174 MHz. After that, channels were added above channel 13. Over the years the 
maximum frequency has increased in steps from 216, through 270, 300, 330, 
400, 4S0, and 550, to 750 and sometimes 870 MHz. At least two experimental 
systems were built with a m.aximum frequency of 1,000 MHz. Appendix A lists 
the now-standardized channel numbers and frequency ranges. The need to 
periodically upgrade distribution systems is one factor that makes cable tele­
vision a capital-intensive business. 

Delivering multiple levels of programming also required the development of 
various methodologies for selectively controlling access to individual channels, 
groups or channels, and individual programs. The need to provide and periodi· 
cally upgrade these terminal devices is a second factor that drives cable's capital 
requirements. 

Since the early 1990s. cable operators have actively tried to capitalize on their 
network investment to deliver additional services, both video and nonvideo. 
While there are exceptions, the general characteristics of these new services are 
that they: 

• Require two-way communication between customers and the headeod 
• Are characterized by communications between the headend and individual 

customers 
• Utilize digital transmission 

One or the firs! additional services was the deliv~ of larger quantities of 
video that would fit in the existing or anticipated bandwidth of cable networks if 
transmitted in standard NTSC analog format. Digitally compressed video with 
quality comparable to analog video was developed at approximately the same 
time (and by overlapping groups of people) as high-definition television in the 
United States.5 It has since become the enabling technology for DBS, as well as 
the emerging technology of the U.S. over-air broadcast stations. What it did for 
cable television is to allow six to twelve digital programs to fit in the same 
bandwidth as a single analog program, coupled with improved encryption 
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security. This, in tum, enabled a new level of service, known as near video on 
demand (NVOD), whereby the most popular movies were offered with frequent 
start times (typically JS•rninute to ball-hour intervals). 

Converting cable networks to handle two-way communications allowed the 
!>est use of this increased program capacity by offering an easy means to purchase 
individual events using upgraded set-top boxes that included upstream data trans· 
milters. Although coaxial amplifiers bad been designed to allow conversion to two­
way communications since the 1970s, the upstream modules were seldom installed, 
lacking an incremental revenue stream to support the hardware investment. 

Conversion to two-way In large systems was, however, problematic because 
of the accumulated noise buildup in the upstream direction in large all-coaxial 
networks with cascades of 20 or more series-connected amplifiers. Beginning in 
about 1990, however, the use of linear fiber-optic technology allowed much 
shorter cascades and broke large systems into many smaller systems, indepen• 
dently fed by fiber. This mot only made two-way communications practical, but 
bad the incidental advantage that the programming led lO each coaxial subnet• 
work could be customized to the customers led from that section of plant. 

This combination of developments, driven initially by revenue opportunities 
in delivering more video choice, led to the offering of additional services that 
depended on reliable rwo-way communications and network segmentation. 
Meeting the requirements for these services has lead to new ways of assessing 
systems. In particular, each of these services depends on per-user bandwidth 
rather than coral system bandwidth as a primary measure of system capabilities. 

• High-speed data and Internet access in particular have become a last-grow• 
iog business segment for the cable industry. Cable companies provide two­
way data paths between each user and the Internet, but they also may lease 
modems and sell retail services, such as Web hosting and e-mail. As noted 
earlier, the industry has been very successful in lhls market. outselling their 
competitors by a significant margin. 

• True video-on-demand (VOD) differs from NVOD in that users can select 
movies from a library, control start times, and, during playback, have VCR· 
like control - pause, rewind, last forward, and stop. (t also differs from any 
of the previously listed video services in that a user-selected video event is 
sent privately to a single customer and lhYS requires dedicated bandwidth 
for the duration of the playback. At the end of 2002, VOD had moved beyond 
trials and wide-scale deployments were just beginning. One attraction to 
VOD is that it can't be duplicated by DBS, which can neither segment its 
audience sufficiently, nor support the required two-way communications. 

• The move to offer voice telephone services presented the greatest technical 
challenge to cable operators. Although the bandwidth ~uirements are 
modest, meeting the BellCore reliability standard of 99.99% service 
availability was beyond the capabilities of most cable networks. Those 
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operators offering a primary-line service generally Invested additional capi­

tal in "hardening" !heir networks, primarily lhrougb installation of more 

redundant field power supplies. but also committed to higher staffing levels. 

Clearly, this ,s not an exhaustive bst. Any service that cm be moduldted onto an 

RF carrier or reasonable bandwidth can potentially share a cable television network. 

In the future, we cm expect to see e-commerce applications, lntemei access from 

television receivers, Interactive gaming, and a host of other applications. 

In lhe remainder of this chapter we will discuss, at a high level, the evolving 

networks that supported this business model. 

1.4 Cable Network Design 

Sina, cable television originally was not a general-purpose communications mechan­

ism but, rather, a specialiud system (or transmitting numerous analog television 

channels in a sealed system, the topology, or layout, or the network was customized 

!or maximum 00$1 efficiency In performing that funcoon. The architecture that 

evolved before the introduction of fiber optics was Cdlled tree-and-bmnch. 6 

There are live major pans to a classical cable system: (1) the headend, 

(2) the trunk cable, (3) lhe dlstribuhon (or feeder) cable in the neighborhood, 

(4) the drop cable to the home and in-house wiring, and (SJ lhe terminal equipment 

(originally as simple as the subscnber's television set but sometimes wilh an 

intervening convener in case the tuning range or the receiver was not sufficient). 

The headend Is the ortglnauon pomt for signals in the cable system. Signals att 

received !here lrom off-air antennas, parabolic satellite antennas, terrestrial micro• 

wave links, or coaxial links lrom local sources. Sometimes programming Is gen­

erated locally. Each channel is locally processed and convened, or modulated, to 

the proper television channel for distribution to cuslOmers. Then the channels are 

combined into a complete spectrum through a process known as {rtquency­

dwisimt-multiplexing, or FDM, before lnsenion into the coaxial distribution system. 

The distribution system has the task or delivering the complete FDM spec­

trum to each customer's home while meeting certain quality standards. At 

various points in cable's history these standards have been voluntary, have been 

set by various franchising agencies, or have been preempted and set by the 

Federal Communications Commission. They are also driven by the n~ to 

compete with various other television entertainmeot sources, including 

pre-recorded media. Currently, FCC rules govern the minimum acceptable 

performance, and are summarized in Chapter 15 (Table IS.I). 

It is worlh noting at this point thal, unlike some other communications 

systems, cable operators generally measure wideband lhermal noise levels 

separately from levels of discretely identtnable signals and distonlon products. 

They do so because such noise sources arise from different physical mechanisms 

and allect picture quallty in dillerent ways. Thermal noise appears in analog 
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television pictures as "snow," while discrete signal interference appears as parallel 
patterns of lines wiU\ various spacings and angles. Most commonly, thennal noise 
is a function of the number and input levels of repeating amplifiers, whereas 
discrete interference can arise from intermodulation products or over-air signals 
that "leak" into the cable system or subscriber's television receivers. 

Common design parameters for distribution systems (not including any 
degradation that may occur in terminal equipment) call for a carrier·to•thennal• 
noise ratio (C/N) of 48-49 decibels (dB) and carrier-to-discrete-signal-interference 
ratio of S3 dB. These target values are consistent with subjective data compiled in 
1991 in a project sponsored by CableLabs. That work, supervised by Dr. Bronwen 
Jones, indicates "perceptible, but not annoying" thennal noise at a C/N of about 
47-S0d.B. The "slightly annoying" level was within about I dB of 41 dB.' 

The most efficient coaxial design network for large systems evolved to 
consist of cascades of amplifiers of identical gain separated by lengths of cable 
whose loss just matched the amplifier's gain (although the loss through coaxial 
cable varies approximately as the square root of frequency, "equalizing net• 
works" were used to make the loss fiat across the entire FDM spectrum). Thus, 
the input and output levels of each amplifier were nominally identical. Under 
those circumstances, the carrier-to-noise and carrier-to-intermodulation-product 
ratios degraded as the logarithm of the number of cascaded amplifiers. 

In a typical network, a relatively long "trunk" cascade of amplifiers, opti· 
mized for noise performance, would branch as required to feed shorter "dis­
tribution" legs, which usually contained only two or three cascaded amplifiers 
operated at relatively higher levels, with the intervening cable spans feeding 
strings of customer "taps," where a portion of the signals would be diverted to 
feed individual dwellings. As Figure I.I shows, the whole network resembled 
a tree with branches and sub-branches. 

'!Nnk 
cables 

!~ 
:-------. -. . ... ---------..... ·: . ' : : : . 

tm,rc,j...,.: ................. P..i;101>11Jlq11_J 

Figure 1.1 Tree-and-branch cable topology. 
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Figure 1,2 Terminal equipment and cable drop. 
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Figure 1 .3 Distribution plant. 

Al each customer's house, a flexible cable was attached to the 1ap and routed 
to the terminal equipment, as shown in Figure 1.2. Figure 1.3 distinguishes 
between trunk, d.is1ribution, and drop. 

1.5 Coaxial System Limitations 
After some experimentation, the optimal design for coaxial trunk lines 
evolved to strings of amplifiers wilh gains of approximately 20 dB inter• 
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spersed with coaxial cables with the same loss at the maximum 
being carried. ln this configuration, each amplifier contributes an equa, 
amount of noise (inversely proportional to Input signal level) and an equal 
amount of Intermodulation distortion products {proportional to some power 
of the output signal level and approximately the square of the number of 
signals being carried). 

The development of cable television distribution technology has been 
driven primarily by the ever-rising downstream upper frequency limit, which 
in turn is driven by the need to carry increasing numbers of modulated 
signals. A secondary need bas been for physically larger systems as smaller, 
formerly independent cable operators have consolidated into large regional 
operations. In response to these needs, manufacturers have responded with 
the following. 

• Amplifiers with reduced noise figures, and thus reduced per-amplifier noise 
addition, for a fixed input level 

• Amplifiers with increased bandwidths to handle the required frequency range 
• ArupWiers with increased power-handling capability, and thus reduced 

intermodulation distonion, for a given output power level and number of 
channels 

• Cables with reduced loss, both through Improved dielectric materials and 
through the use of larger sizes of conductors with reduced ohmic losses 

Though increased gain might be thought of as an improvement, because fewer 
amplifiers would be required for a given distance, higher-gain amplifiers would 
have to operate with either reduced input levels (and thus contribute more noise) 
or higher output levels (and thus contribute higher intermodulation distor­
tion). Conversely, reduced gain per amplifier would require additional amplifiers, 
and thus drive costs and power consumption higher. A 20·dB net gain (plus 
or minus a few decibels) bas proven a good compromise l.brough many cycles 
of network evolution. 

The possible improvements in component 1ecbnology are limited. cables 
cannot be made arbitrarily large, due to manufacturing and ins1allation coStS; 
amplifiers cannot have higher power-handling capabilities without driving up 
power consumption and associated beat dissipation; and noise figures are Um· 
ited by physics and the practical manufacturing costs for devices that are 
mounted outside and thereby exposed 10 temperature extremes. The result is 
that, for a given technology and carried signal complement, there is a maximum 
possible length of trunk line that will allow any defined level of noise and 
distortion to be met. Furthermore. ii the bandwidth of that trunk line is enlarged 
and more signals are added. the possible maximum length and amplifier 
cascade will decrease, because each amplifier will add more noise, dis1ortion, 
or both. 
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One possible solution to this dilemma is the use of terrestrial microwave to 
cover at least a portion of the distance that would otherwise be covered by the 
trunk cable. The FCC established the cable antenna relay service (CARS) !or this 
purpose. When used !or trunking applications, the entire FDM spectrum is 
up-converted to a microwave frequency at the transmit end an<! then down· 
converted to the original frequency range at each receiving site, with the 
recovered signals inserted into a conventional coaxial distribution network, a 
technology known as amplitude modulated Unk, or AML. 

Such AML trunking typically has noise and distortion performance compar• 
able to about a 10-aroplifier coaxial cascade yet can easily cover a distance of 10 
or more miles, compared with a few miles for the equivalent coaxial trunk 
performance. Whether ii is lower in cost depends on construction conditions. 
There are many locations where it is impractical to build coaxial llnes but simple 
to build a microwave l!nk. In other circumstances, multipath AML systems were 
built, simply to shorten cascades or to serve larger areas than were possible 
using only coaxial technology. 

1.6 The Introduction of Fiber Optics 
The major breakthrough in distribution system technology came with the devel• 
opment of practical, linear optical transport. Digitally (on-oil) modulated optics 
bad been in use for some lime in the telecommunications industry, but in tbe early 
1990s sufficient linearity and optical power levels were developed that it became 
practical to modulate the ligbl level ol distributed feedback (DFB) lasers with the 
composite FDM spectrum of signals that cable operators wished to transport. As 
with AML microwave, the performance ol a single optical link was approximately 
equal to that of a I0•amplilier coaxial cascade. However, since optical fibers have a 
loss that is approximately l % of the loss of coaxial trunk cable, the opportunity 
was immediately opened to build larger systems, shorter coaxial cascades, wider 
bandwidths, or some combination ol those parameters. 

The earliest application of linear optical transport in trunking was to shorten 
cascades so that bandwidth could be increased, as shown in Figure J .4. For 
several years, the decreasing cost and improving performance ol optical tech• 
nology resulted in ever-smaller node-serving areas, shorter cascades, and 
increasing bandwidth. Today, off-the-shelf optical transmitters have down· 
stream upper frequency limits of up to 870 MHz and the capability ol handling 
100+ analog video channels plus other signals with demodulated C/N of about 
53 dB and carrier·to·intermodulalion-product ratios ol 65 dB. · 

More recent developments have included the development ol high-powered 
transmitters (up to +17dBm) and the use ol the tSS0-nm as well as 1310•nm 
optical wavelengths. Using 1550 nm enables operators to take advantage of 
fiber's lower loss at that wavelength, the use ol optical amplifiers, and access 
to wavelength division multiplexing (WDM). which allows multiple optical 
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c:::::::, Fiber node Mea 
- Coaxial table 
- Fiber optics 

Figura 1A Cable S)"tem with hybrid fiber-coax topology. 

signals to share use of a single fiber. Un amplified links in excess of 60 km and 
amplified links In excess of 200 km are now possible. 

A side effect of the creation of smaUer node-serving areas is the ability of 
operators to deliver an independent set or signals to each node, as discussed 
earlier. A second effect is that upstream signal transpon becomes more durable, 
because the noise "funneling" from downstream amplifiers is reduced and the 
probability or ingress from external signals is reduced. Tbese characteristics in 
turn allow praclical delivery of subscriber-specific signals, sucb as are required 
for telephone, Internet access, and on-demand video services - all services for 
which communications reliability combined with the bandwidth per subscriber, 
rather than gross bandwidth, is of paramount imponance. 

1. 7 High-Level Architecture Changes 

Through a contiauing process of industry consolidation, individual cable sys­
tems have grown steadily larger. This, combined witl1 decreasing node sizes, has 
made it simply impractical to serve every node directly from the headend in a 
simple ··star" network. Not only is the cost or running multiple, dedicated fibers 
to each node very high, the huge optical cables that would be required in a major 
metropolitan system would create major single points of failure. 

AS a result, operators have developed di$tribllled networks, in which at least 
some of the headend functionality is moved to multiple hubs. Typically, the 
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transport between beadend and each hub is enll!ely optical and reduodant, with 
route-diverse transport for all critical signals. High levels of multiplexing, whether 
at the baseband digital level, through wavelength division multiplexing, or a 
combination of both, reduces the required hoer counts between major facilities. 
ln the largest systems, the core headend signal-processing requirements are some­
times duplicated at two locations, so the entire headend Is redundant. 

1.8 Video Signal Security and Selective Service Delivery Issues 
The creation of multiple marketable levels of television programming required 
the development of means to selectively control access to individual channels or 
groups of channels. The two earliest of these were known as negative traps and 
positive traps. Negative filters (or traps) were simply band-stop filters that 
blocked individual channels or groups of channels by removing a sufficient 
amount of a signal or group of signals to render the recovered pictures unwatch· 
able; positive traps were narrow bandstop filters used to enable reception of 
individual channels by removing interfering signals inserted at the headend 
without removing a significant amount of the sideband lnformation. 

Traps, however, had many drawbacks: Negative traps damaged adjacent 
channels to a greater or lesser degree, and positive traps inevitably removed 
enough sideband information 10 noticeably degrade reception. These problems, 
as well as the inevitable insertion loss, increased as the upper bandwidth of 
systems increased. Additionally, traps offered only moderate security and could 
easily be removed by customers, modified, or simply duplicated, as required. 
Finally, they required physical access to install or remove, so modifying a 
subscriber's receivable channels required a trip 10 the home or nearest tap. 

The issue of degraded reception was addressed through the development of 
"descrambling" set-top boxes. Signals to be protected were modified at the 
headend so as to be unwatchable on standard television receivers. The descram• 
bier reversed the scrambling process for whichever channels were programmed 
lnto its local memory. In the United States, the most common technique was to 
eliminate or modify the synchronization pulses that are a crucial parl of a 
modulated NTSC signal, al1hough more sophisticated techniques (such as shul· 
fling the order in which lines of a picture were transmitted) were employed in 
European systems. 

Although many preprogrammed descrarnbllng converters were deployed, 
they had the limitation that changes to the list of channels belng descrambled 
still required physical changes to the converter. As a side effect, any box not 
recovered from an ex-customer represented a potential means by which some• 
one else could access premium programming without paying for it. 

A second generation of descrambling converters solved the problem of 
changes to enabled channels by adding addressabilily. An addressable descram­
bling converter lncorporates the ability to download descrambling information 
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sent from the headend in real time. This not only reduced the cost of providing 
services sold on a monthly basis, but enabled the provision of PPV, where access 
needed to be enabled for just the duration of a single event. 

Given market studies that showed that the purchase rates for pay-per-view 
events were strongly inOuenced by the ease with which a customer could access 
them, combined with the cost of staffing customer service centers to handle 
phoned-in orders, the industry began to deploy boxes that included upstream 
transmitters so that customers could order programming electronically using 
their remote controls. This was one or the factors driving the deployment or two· 
way upgrades to RF amplifiers. 

Unfortunately, due to the need to control costs, the scrambling methodolo­
gles utilized (or securing analog television programming were not particularly 
sophisticated, nor were the boxes "hardened" against modification, with the 
result that many were modified to enable reception of more channels than 
originally intended, and a black market industry in both modified and new 
"pirate" boxes developed. 

The advent of digitally compressed television, as discussed earlier, allowed 
operators to carry many more channels io the same bandwidth. Due to the quadra­
ture amplitude modulation (QAM) used, the signals were also more durable 
and could be transmitted through channels with somewhat lower fidelity than 
analog video channels (though still much greater than for baseband digital 
signals). 

While much more secure, the digital boxes also require significant internal 
computatiooal ability and digital memory capacity. Thus, they are more expen­
sive than comparable analog addressable converters. Nevertheless, the advan­
tages of digital are such that they are rapidly replacing analog techniques for 
security and control of video programming. They are almost universally two­
way and include both a primary receive channel and a second channel for 
simultaneous reception of control data from the headend. This has provided a 
durable and flexible platform for interactive services, such as VOO, interactive 
gaming, and e•commerce, which require low-latency, high-bandwidth, two-way 
communications between the headend and individual customers. 

1.9 Consumer Equipment Interface Issues 

Except 10 the extent blocked by filters, downstream cable television signals are 
transmitted throughout customers' homes so that television receivers, set-top 
boxes, data modems, and other terminal equipment can be connected to any 
cable outlet. For the same reason, signals generated from anywhere in the home 
that are within the upstream transmission band (extending roughly from 5 lo 
40 MHz) will be carried toward the headend. Though this arrangement provides 
a lot of installation flexibility, ii has also created several layers of interface issues 
for both system operators and consumers. 
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1.9.1 Shielding Integrity 

As discussed earlier, cable television systems transmit signals on frequencies 

that are used ror terrestrial transmission by other entities. This is possible 

because cable systems are well-shielded closed systems. The weakest link in 

this shielding is the wlrlng in customers' homes and the terminal devices con­

nected within the home. By regulation, the wiring within each home is the 

property or the homeowner and may be installed or modified by them at will. 

The requirement on the cable operator is to monitor the entire plant for egress 

and, ii owner-controlled wiring is leaking, to work with customers 10 remedy the 

problem or, in the ultimate, to disconnect service until it is remedied. 

While egress Is a legal problem, Ingress ls a greater threat to system opera• 

lion. Generally, lngresslng signals cause transmission problems before egressing 

signals exceed legal limits. 
Defects in shielding can occur due to the use or poor-quality cable, loose or 

poorly installed connectors, inadequately shielded components (such as spliners 

or switches), or poorly shielded television receivers connected to outlets. 

Unfortunately, the regulations covering the shielding mtegrily of consumer 

electronics devices, including television receivers, are not adequate to ensure 

adequate system egress and ingress performance. 

1.9.2 Directly Connected Television Receivers 

Almost universally, cable operators deliver their lowest level or video service in 

analog, unscrambled form. so subscribers need only connect a television recei­

ver with adequate tuning range directly to a broadband outlet in their borne. 

Such "whol~bouse" reception capability ls then marketed as a superior alter­

native to, for instance, OBS reception, in which a set-top box is required for each 

television set In addition to shielding issues, however, connecting television 

receivers directly to cable outle1s raises a number of other interface issues. 

Received Signal Quality 

Television receivers are designed for connection to antennas. In that environ­

ment, a primary requirement 1s adequate low-signal performance. Generally, 

fewer than 20 signals are present in the antenna downlead and adjacent cha.n­

oels are not present. By contrast, uble systems deliver roughly 100 channels on 

contlguous channels at relatively high signal levels. This requires receivers to 

have betltr signal-handling characteristics and adjacent-channel rejection filters. 

Additionally, devices within the customer's home or the homes of his 

neighbors may generate upstream signals at levels more than 100,000 times 

higher than received signals. Due to finite system isolations, these signals will 

also be present at the input terminals of the receiver, so it must be designed to 

adequately reject them. 
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Finally, television receivers generate various internal signals used in signal­
processing steps. To the extem that these are present at the input terminals and 
rau in the upstream band, they degrade two-way system performance. Thus, 
directly connected receivers need to be designed with higb internal isolation. 

1.9.3 Functionality Limitations Due to Set-Top Boxes 
The imposition of a set-top box between the cable outlet and a subscriber's 
receiver, while ii enables additional services 10 be delivered, affects functionality. 
For example, if a subscriber has a video cassene recorder (VCR) connected to the 
receiver, then the single-runer set-top box will block the ability to record one 
channel while viewing another channel. Moving the VCR to a position ahead of 
the set-top box restores the ability for independent recording but prevents the user 
from recording any program that is scrambled. Similar difficulties arise when used 
with receivers capable of picture-in-picture display or when doing timed, multi­
channel recording. Ultimately, all these difficulties arise from the fact that the set­
top box has its own tuner. which does not operate under the control of the receiver. 

1.9.4 Subscriber-Owned Tenninal Equipment 
Clearly, one answer is for the functionalicy of the set-top box to move within the 
receiver. By placing the descrambling process behind a tuner that is under the 
control o( the user, most of the limitations caused by the use of external tuner/ 
descramblers disappear. Despite the efforts described earlier, this is still just a 
future possibility io the television world. By contrast, a robust standardization 
e{(ort has made it possible in the world of hlgh-speed data services. with the 
result that cable modems are low in cost and are becoming readily available in 
retail electronics outlets. 

1.10 Summary 
In this chapter we have presented a brief overview of cable television's devel­
opment and current practice in the United States. Starting with a few comments 
on cable's history, we have reviewed the structure of the cable Industry and 
described the fundamentals of the technology on which it rides. 

The industry began as a relay service for distant over-air broadcast signals 
and, while in that phase, developed the basic coaxial technologies and com­
ponents required. The addition of independent sources of satellite-delivered 
programming changed the nature of the broadband business and drove the 
development of ever-wider-bandwidth systems and associated development of 
technology to selectively control access to programming. 

The use of linear fiber-optic technology was driven by a need to expand 
system size and band,vidth beyond what was possible using all-coaxial 
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technology. but this brought with it practical two-way transmission and the 
ability to achieve much higher per-customer bandwidths through the delivery 
of customized signals to each system node. This in turn enabled the launch of 
two-way services, such as high-speed Internet access and voice telephony. 

Finally, the development of digital video compression has multiplied 10-fold 
the number of channels that can be transmitted through a given amount of 
bandwidth. This increased information capacity, combined with the features of 
digital video set-top boxes, bas solved a security problem and also opened the 
door to the provision of sophisticated interactive services. The rest of this book 
will fill in the details. Now it's time to roll up our sleeves aod dive in! 
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Analo Television g 

2.1 Introduction 

One of the most successful technologies of our time is based upon the standard 
created by the National Television Systems Committee [NTSC). Like the U.S. 
Constitution, ii seems to have anticipated mucb of its future and adaptively 
followed the evolution ol its world. Starting with vacuum tubes and progressing 
to integrated circuits, analog televisioo has survived and prospered. Though 
much ol the current excitement centers on digital television, it is reasonable to 
assume that analog television will be with us for many more years. Eveo after 
digital receivers significantly penetrate households, they will serve the principal 
viewing room while older analog receivers will be found throughout the rest of 
the residence. 

2.2 Baseband Monochrome Video and Monaural Audio 

The technology of analog television is the foundation ol the cable industry. An 
understanding ol analog television is key to fully appreciating the rest of the 
subject matter of this book. Understanding the television signal is a basic 
requirement for designing systems to deliver it to subscribers. 

2.2.1 Television Briefly 
The Federal Communications Commission (FCC) adopted standards for com· 
mercial television broadcasting in the United States in 1941. 1 ll is an analog 
system, in which the picrure is transmitted via vestigial-sideband modulation of 
the visual carrier and the sound is lrequency modulated on a separate carrier. In 
1954, the NTSC "compatibly" extended the system to include color information 
by increasing the utilization of the 6·MH.z spectrum occupied by the television 
channel while allowing continued use of essentially all older receivers with little 
performance degradation. In 1976, the FCC reserved line 21 for the closed 
captioning system, and in 1983 a teletext service was authorized. In 1984, the 
NTSC system was again compatibly extended 10 include stereo sound. Most 

27 
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recently, in June I 996, !he FCC aulhorized additional ancillary data services in 
analog television. These technologies will be considered in this chapter. 

Tbe NTSC television system is termed analog because the signals representing 
the picture and sound information can take on any value between the minimum and 
maximum llmlts. In particular, lhe strength of the visual signal is inversely related to 
the picture brightness, with black portions of the picture having the most transmilled 
power. This negative modulation of the video information was found to reduce the 
impact of Gaussian white noise on the displayed image, Periodic pulses are included 
at powers greater than those used to represent black areas in !be picture. These 
pulses provide the timing information required to synchronize the transminer and 
the receiver, aUowing the picture to be painted correctly on the screen. 

Understanding television technology is aided by some appreciation of its 
history. 

2.2.2 Scanning 
A picture can be regarded as the composite of many points of light called piclUTl! 
elements, or pixels. The information for each of these points of light must be 
derived from the object or scene to be televised. organized in a logical manner, 
conveyed to !he receive site, and then displayed as an image. Since the number 
of points of light needed to make up a picture is huge, it is not practical to convey 
to each of them via its own transmission channel. Scanning is a simplifying 
process that allows a single transmission channel? 

The process of scanning was first used on a large scale to transmit stiU 
images for use in newspapers [see Figure 2.1). A photograph is placed on a 
rotating drum and a light-sensitive device is focused on it. As the drum rotates, 
the light•sensitive device follows a palh across the image. With each revolution 
of the drum, the light-sensitive device is advanced down the length of the 
rotating drum. This creates a helical scan I.hat follows !he path of an Imaginary 

Image on 
rotadng 
drum 

Photottll 
scanning 
left to 
right 

Film on 
rotating 
drum 

Li8)l1 
S()Uftt 

$Canning 
telt 10 
right 

F'tgure 2.1 Scanning of photograph on rotating drum tor transmission to receiver with light source and photosensitive film. 
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coil spring across the photograph on the scanning drum. The electrical output of 
the light-sensitive device is proportional to the reflectance of the image, bright 
areas yielding a larger electrical signal than dark areas. At the receive location, 
the process is reversed. A light-sensitive film is attached to a rotating drum, and 
a light source scans the same helical path across the film. High electrical input 
results in a bright light and a full exposure, or blackening of the film. Conversely, 
low electrical input yields a lower exposure, or a more transparent area on the 
film. In this way, a negative image is produced. Standard photographic tech­
niques yield a comprehensible image. II is important that the rotating drums at 
the transmit site and the receive site be synchronized. They must rotate at the 
same speed, and the start of scanning must occur simultaneously in both loca· 
lions. Likewise. the rate o( advance of the helical path down the drum must be 
the same in both locations. If this synchronization does not occur, then geo• 
metric distortions are introduced in the reproduced image. Modest distortions 
involve stretching or compressing of the reproduced image as if it were printed 
on a rubber sheet and then the rubber sheet distorted. More destructive distor­
tions are possible if the speeds are very different in the two locations. 

Although scanning works weU when the receive site includes a photosensitive 
film that can accept and retain the image, the problem becomes a bit more 
complex when the receiver is the human eye. The human eye exhibits a phenom­
enon termed persistence of vision that allows it to continue "seeing" a light for a 
brief time after the light is removed. The application of the scanning principle to 
direct human vision requires that the scanning process be executed repetitively 
and quickly enough for the eye to fuse all the scan lines into an image. 

ln 1883, the German engineer Paul Nipkow invented a scanning method 
consisting of a rotating mechanical disk with appropriately located holes 
arranged in a spiral (see Figure 2.2). As the disk rotates, only one hole at a time 
is over the image to be transmitted (see l'igure 2.3). As one of the holes 
completes a left-to-right scan, another bole commences scanning from the left 
slightly below the path of the previous hole. When the bottom hole completes its 
scan, the scanning disk will have made a full revolution, and the top of the image 
is again scanned. Nipkow was granted a German patent but did not actually 
build the system. lo 1923, John Logie Baird of the United Kingdom built a crude 
system based on the Nipkow scanning disk. It was clumsy and produced poor 
pictures, but it confirmed the principle of scanning. 

Television did not become practical until electronic display tubes and pickup 
tubes were introduced. In 1923, Vladimir Zworykin, a Russian immigrant who 
became a U.S. citizen, ~pptied for a patent for a completely electronic television 
system. The interest in television was intense at that time, and many inventors 
were active in the field. Space does not allow a discussion of the numerous 
contributions and the interesting patent fights among inventors. This fascinating 
story is described elsewhere in detail and is recommended reading.

3 

in 1929, Zworykin applied for a patent that made the monochrome (black-and­
white} picture tube prac.tical (see Figure 2.4). An eleclron gun launches electrons 



48

30 ChapteT 2 Analog Television 

• 

• • 
• 

• • 
• • 

• 
• • 

(a) (b) 

Figure 2.2 Nipkow disk operation. (al Nipkow dist with a spiral of apertures. !bl Nipkow disk's scenning trajeCIDf'( through 
the image plane. 
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Figure 2.3 Only one hole at a time is exposed to the image on the sending side and the light source on the recaiving sida. 
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Figura 2.4 Electronic television is based on tha kinescope, or cathode ray tube. 

past a control grid that regulates the strength of the electron beam. The beam then 
passes through focusing elements that concentrate the electron beam ioto a small 
spot on a glass faceplate that fs covered with a 0uorescent coating on its inside 
surface. When the electron beam strikes the 0uorescent coating, light is emitted In 
proportion 10 the strength of the electron beam. Magnetic coils on the neck of the 
tube de0ect the electron beam vertically and horizontally to implement scanning. 
The scanned rectangle of tight on the face of the picture tube is called a rasrer. The 
picture tube is also called a kinescope because it was meant to display movi.ng or 
kinetic images. Yet another name for the kinescope is the cathode ray tube (CRT), 
since lhe part of the electron gun that emlts the electrons is called a cathode. 

In October 1931, Zworykin applied for a patent on a practical electronic 
television camera rube that he called the iconoscope (see Figure 2.5). As with the 
klnescope, an electron gun forms an electron beam that is scanned across a 
surface by magnetic deflection coils. In the case of the iconoscope, the surface is 
coated with a light-sensitive material. Light focused on the sensitive material 
causes it to develop an electrical charge In proportion to lhe strength of the light. 
When the electron beam strikes the light-sensitive surface, it interacts with the 
surface in proportion to the accumulated charge. A signal plate ori the back side 
of the light-sensitive surface produces an electrical signal proportional to the 
light that fell on the surface. Again, many other inventors were working on 
similar devices, and more patent struggles occurred. 
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Figun 2,5 Electronic television is also based on Zworykin's iconoscope. 
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After a scan line is completed, it is necessary to move the electron beam 
back to the left side of the screen.• Ideally. this retrace would be done instant­
aoeously, since no picture information is transmitted during the backward 
motion. Both the scanning drum of Figure 2.1 and the scanning disk of Figure 2.2 
did not require retrace. However, electronic deflection is accomplished with 
magnetic fields, and the magnetic fields store energy. Deflection circuits require 
time to change the magnitude and direction of the energy stored in the magnetic 
deflection fields. As a result, it is not possible to instantaneously move the 
electron beam from the right side of the screen to the left or from the bottom 
to the top. During the time the electron beam is in retrace, it must be turned off (a 
process called bUVlking). The period during which the beam is turned off in 
horizontal retrace is called the horiwntal blanking interval (HBI), while the 
much-longer period required to move from bottom to top is the vertical blanking 
interoal (VBI]. The combination ofthe two blanking intervals constitutes around 
25 % of the total time and is the price paid for using cost-effective magnetic 
deflection. It is interesting to note that modern liquid crystal display ·(LCD) 
panels do not require retrace time. 

Thomas Edison Is credited with developing practical moving pictures. 
Moving pictures depend upon a rapid display of a succession of still pictures. In 
modem motion picture practice, 24 pictures are each displayed twice per second, 
but in early movie history the rate was reduced, leading to noticeable "flickers." 
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The human response to flicker is very complex and is related to the color, size, 
and brightness of the image. A small increase in the brightness, or a decrease in 
the repetition rate, results in a much higher degree of noticeable flicker. The 
minimum rate that is not objectionable is called the flicker {uswn frequency. 
A flickering light source at frequencies above that value appears as continuous 
illumination. For example, fluorescent tubes operated at 60 Hz· (and thus extin· 
guished 120 times per second) appear to be continuously "on" because they are 
operated above tlte flicker fusion frequency. Monochrome television developers 
settled on 30 complete images per second in the United States and 25 images per 
second in Europe. Be<:ause of the interlace te<:hnique, described later, 60 half­
images (or SO in Europe} are displayed per second. These choices were originally 
tied to the power line frequency causing any unfiltered power line "hum" that 
got into the picture to be stationary on the screen. Ot was determined that slowly 
moving patterns of interference were much more objectionable than stationary 
patterns.) In the European systems, the brighmess level at which television 
flicker is not objectionable is only about 30% of that in the United States. Many 
viewers accustomed 10 60-pictures-per-second television find that the European 
systems flicker excessively at the brighmess levels normally used. 

Many of the specifications for the NTSC television system were based on the 
desire 10 minimize the cost of receivers using then-current technology and are no 
longer required. For example, it is now practical to keep the power line hum 
completely out of video circuits. Consequently, the need to relate image display 
rate to power line frequency is no longer significant. In Japan, for instance, 
SO-Hz power is used in the Osaka region and 60-Hz power in the Tokyo area, yet 
the same television system serves both markets. 

The amount of information required to produce pictures of acceptable hori• 
zontal and vertical resolution at a 60-pictures-per-second repetition rate is huge. 
At current resolutions but with a repetition rate of 60 complete pictures per 
second (that is, without the interlace technique described later), twice the 
information would be required, and a baseband bandwidth of 8.4 MHz would 
be required for the video alone. As we shall see, the modulated bandwidth using 
simple amplitude modulation would be 16.SMHz-almost three times the 
current broadcast bandwidth of 6 MHz. Clearly, ways of reducing the bandwidth 
had to be found Lhat did not impair perceived picture quality. 

One of the earliest signal compression te<:hniques Involved modifying the 
scanning system. Sixty pictures per second are required in television because 
picture tube te.:hnology could produce pictures bright enough to watch in daylight 
with the window drapes open without apparent flicker. Since experience with 
motion pictures confirmed that 24 complete images per second is an adequate 
information rate for motion rendition, a te<:hnique called interlaced sainning was 
developed whereby hall of the scan lines are displayed in one "field" and the other 
hall of the scan lines in another "field." Complete two-field "frames" are trans· 
mitted at a rate of 30 per second, providing better motion rendition and flicker 
frequency than movies yet requiring just 4.2MHz of baseband bandwidth. 
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Figure 2.6 lnte~aced scanning to reduce flicker while conserving bandwidth. 
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Interlaced scanning is illustrated in Figure 2.6. A 52S•line raster includes two 
fields ol 262.5 lines each. The odd fields stan with a whole line and end with a 
half line, whereas the even fields start with a half line and end with a whole line. 

Even though interlace scanning works well with most .. natural" video (that 
is, camera images), interlace scanning can produce inferior results with "syn• 
thetic video," which is electronically generated and does not benefit from some 
of the averaging phenomena of practical cameras. For example, the electron 
beam in a television camera has a distribution of charge of roughly a Gaussian 
shape. As a result, it accepts and averages light from adjacent scan lines. This 
averaging causes a smoothing of the image. Synthetic video, especially when 
producing text, sharply defines the images ol each line. This results in a brightly 
illuminated edge that is presented at 30 images per second, well below the flicker 
fusion frequency. This is unacceptable in computer displays that are bright and 
utilized at very close viewing range. As a consequence, nearly all computer dis­
plays use a simple top-to•bottom '"progressive scan" technique. Since computer 
displays are driven by locally generated video, the higher bandwidth requirement 
of a progressive scan raster is not a problem. 

2.2.3 Synchronization 
As previously described, there are two fields in each frame ol video.5 Frames 
have 525 scan lines and repeat 30 times a second, resulting in 63.5 microseconds 
per horizontal scan line. The reciprocal of this yields the IS,750•Hz monochrome 
horizontal line frequency. Since fields occur at the rate of about 60 per second, 
a field lasts 16.67 milliseconds. (All of these values were slightly modified when 
color was added - see Section 2.4.1) 

A horizontal synchronization pulse is required for every line and a vertical 
synchronization pulse is required for every field in order to display a stable 
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image. Synchronization (sync) signals are distinguished from the composite 
signal on the basis of amplitude. The voltage range for visible brightness vari­
ations extends from 12.5 % to 75 % of the unmodulated carrier voltage, leaving 
25 % for the sync pulses. 

Figure 2.1(a) dlspiays an example of a signal that might come from a televi­
sion camera as it scans one line. At 75% of the maximum volt.\ge, a blanking 
pulse is inserted, timed to occur during the retrace time. This is shown in Figure 
2.7(b). The blanking pulse is nominally 10.9 microseconds, or 16.5% of the 
horizontal period, while active video occupies 52.6 microseconds. The blanking 
pulse is at the video signal"s black level, keeping the picture tube from emitting 
light during retrace. The sync pulse is installed on top of the blanking pulse and is 
at a level referred to as "blacker than black" (see Figure 2.7(c)). The sync pulse is 
nominally 4.7 microseconds long. Figure 2.8 shows the relative levels of black, 
blanking, and sync pulses in the modulated envelope of the signal. 

Figure 2.9 shows the horizontal sync pulses a.nd video of figure 2.8 plus 
additional sync pulses for the vertical blanking interval. Each field's VB! is 21 lines 
long, leaving 483 lines for active video. The first nine lines of the VB! are devoted 
to pulses associated with the vertical synchronization process. The fourth, fifth, 
and sixth lines in each field contain the vertical sync pulse. This pulse is serrated, 
creating pulse edges properly located for the horizon!al synchronization to be 
maintained during the vertical retrace. The vertical sync pulses are called broad 
pulses, in comparison 10 the narrow horizontal sync pulses. 

Simple resistor-capacitor sync separator circuits can be used to separate the 
vertical pulses from the horizontal pulses.6 In the lower portion of Figure 2.I0(a), 
capacitor Cl is charged through series resistor RI and discharges through the 
input impedance of the following circuits. The narrow horizontal pulses ,viU not 
build up a significant voltage because the charge bleeds off during the relatively 
long time between horizon!al sync pulses. However, the broad pulses will build 
up significant charge. This is shown in more detail in Figure 2.J0(b). Those who 
have studied such circuits will recognize this configuration as a simple low-pass 
filter, also called an integrator. A properly adjusted level-sensitive circuit 
following the resistor-capacitor network will provide a vertical timing pulse. This 
pulse Js used to synchronize a vertical detlection oscillator, which in turn drives 
the vertical deflection magnetic coils on the neck of the picture tube. Six "equal­
izing pulses·· are inserted before and after the broad pulses 10 equalize the charge 
buildup on the capacitor, preserving the precision of the vertical timing. This is 
necessary because one field ends with a half line and starts with a whole line, 
whereas the other field has the opposite configuration. Without this precaution, 
the timing between the two fields will be upset, and the rasters they produce will 
not be evenly interlaced. The resulting distortion is called pairing because adja­
cent lines from both fields pair up and blur each other's detail while leaving dark 
lines between them. Although modem digi!al sync separator circuits do not need 
the equalizing pulses, the original receivers using vacuum tubes bad to rely 
on tailoring the signal to allow simple circuits. 
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Agure2.7 Construction of a video signal. la) Video signal from television camera. lb) Blanking pulse added ID avoid diagonal 
retrace lines. (c) Horizontal synchronization pulse added lo facilitate left-to-right timing. 

1n the upper portion of Figure 2.l O(a), a series capacitor C2 witb a resistor R2 
10 ground will convert the edges of the pulses into positive- and negative-going 
spikes that can be detected by appropriate level-sensing circults. Note that the 
serrations in the broad pulses allow a continuous flow of uninterrupted pulses at 
the correct tinting for horizontal synchronization. When these pulses occur 
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halfway through a horizontal line, the horizontal circuits ignore them. They are 
effective only when they are near lhe correct time. Those who have studied such 
circuits will recognize this configuration as a simple high-pass fil ter, also called a 
differentiator. 

By allocating significant signal resources (about 25 % of the signal time and about 
25 % of lhe voltage range), rugged synchronization of Uie video signal was achieved. 

2.2.4 Spectrum of Scanned Images 
It is well understood that any repetitive signal can be decomposed into a sum of 
sine and cosine waves of appropriate amplitude, frequency, and phase.7 There 

2 3 4 S 6 7 8 9 tO U 

Une numbers or field one 

2 3 4 s 6 7 8 i 9 lO : 11 

Line numbers of field two 

Flgu,e2.9 Vertical and horizontal synchronizing pulses of field one and field two. Note locations of half lines (notto scale). 
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Figure 2.10 Receiver synchronization. (al S>inc separation end deflection remp generation. (bl Vertical synchronization pulse 
generation. 

are at least three ways we know this: (I) mathematical proof, (2) geomelric 
construction, and (3) measurement with spectrum analyzers. The most rigorous 
method is the mathematical. Equations (2.1). (2.2), and (2.3) display the familiar 
Fourier series equations. 

00 

f(1) =a,, + 1)a. cos(ncool) + bn sin(nroot)] (lo< I< lo+ T) (2.1 ) 
,,,,, 

Equation (2.1) is the trigonometric Fourier series representation of f(t) over 
an interval (to. to+ T) . · 
The various constants a0 and bn are given by 

f,."•T) f(t) cos(ru»ot) d1 

t.;••1
) cos2(nwa1) di 

(2.2) 
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b,, 
f,,r.+1'l f(t) sin(nroot)dc 

J::•+1') sin2(nroot)dc 
(2.3) 

We could derive these equations and apply them to scanned images, but that 
would duplicate what is already available in many other places. In particular, 
a paper published by Mertz and Gray in the Bell System TechniCl!l JoumaL in July 
1934, titled "Theory of Scanning and Its Relation to the Transmitted Signal in 
Telephotography and Television," showed !hat periodic scanning of an image 
yields a spectrum with energy clustered around the horizontal scanning fre. 
quency, with large gaps in between. This pioneering work was done long before 
the availability of modern computers. Donald Fink did follow-up work and the 
results are included in the 1957 Television Engineering Handbook.8 His work 
clearly showed that the picture's energy Is clustered around harmonics of the 
horizontal scanning frequency, as shown in Figure 2.11. 

2.2.S Television Audio 
Television sound is limited to 15 kHz because of the presence of strong spurious 
signals related to the monochrome horizontal scanning frequency of IS,750Hz. 
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Figu,- 2.11 Video spectral energy clusters around harmonics or horizontal scan frequency, '• all the way up to tile upper 
band edge .. 
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For many years. audio in television was underappreciated. Only in the last 
decade has It received the anention it deserves as a !undarnental part of !he 
viewing experience. Perception experiments with human subjects at the Media 
Laboratory of the Massachusetts Institute of Technology have demonstrated that 
subjects shown two identical video presentations with differing _accompanying 
sound qualities believed that !he video with the better sound also bad better 

video quality. 

2.3 Modulation 
Modulation is the process by which an information-bearing baseband signal is 
impressed upon a "carrier•· signal. Baseband frequencies are those from 0 Hz to 
!he maximum frequency content of the signals that come out of a television 
camera or a microphone. Only one baseband signal can be conveyed per trans· 
mission line, since a second signal, occupying the same frequency range, would 
interfere. Modulation allows multiple baseband signals to occupy different Ire• 
quency bands in the cable through use of different carrier frequencies. The 
separately modulated signals are then added togelher to provide one composite 
signal for transmission. This process, called frequency division multiplexing 
(FOM), gives rise to the familiar concept of "channels." Each channel is a band 
of frequencies associated with one video and audio signal. 

There are several ways of approaching the subject of amplitude modulation. 
A phenomenological approach describes the physical processes and follows the 
historical path by which amplitude modulation was invented and deployed. A 
mathematical approach starts from first principles and develops relatively sim­
ple equations describing amplitude modulation and detection and the special 
versions of each developed for NTSC television. This approach builds a firm 
foundation upon which to consider the addition ol compatible color to the 
monochrome television system. Additionally, Chapter 8 explains the modulation 
process in terms of vector diagrams called phasors, 

2.3.1 A Phenomenological Approach to Amplitude Modulation 
A television camera produces signals that are proportional to the strength of the 
light in the image and includes synchronization pulses, Figure 2.8 shows the 
waveform of such a signal. This is an information-bearing baseband signal 
because the frequencies of this signal extend from zero to the maximum pro­
duced by the television camera. The zero-frequency component represents the 
average brightness of the image. The highest frequency conveys !he finest detail 
ol the picture. 

A natural method of conveying the television camera signals would be 10 

modulate the strength of a carrier wave in proportion to the amplitude of the 
original baseband signal, as shown in Figure 2.12.9 The outline of the maximum 



59

2.3 Modulation 41 

Figure 2.12 Television modulation. Carrier wave (shown at much lower frequency for convenience of 
alustration) modulatod wnh video si~nal. 

excursions of the carrier, termed the envelope, is seen 10 be a replica of the 
original baseband information-bearing signal. 

At the receive site, the goal is 10 display the signal from one television camera. 
This can be done first with a tuned circuit that passes only the desired modulated 
carrier (actual receivers implement a more sophisticated version of this method 
based on the superheterodyne receiver principle), followed by a simple diode that 
will pass only the positive-going portion of the modulated sigual, followed by a 
low-pass filter to remove the carrier pulses, as shown in figure 2.13. 

~ -tvvvvvv • •·· ·· · • •••. •<>••- • .... .. .... • . ·•• · •·• . . •• 
. , , .. . .... ..... . . .... . 

• . . .... . .. ,.... ... .. , 

Figun 2.13 Envelope detection with a diode and low-pass filter. 
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I 
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2.3.2 A Mathematical Approach to Amplitude Modulation 

Amplitude modulation is the process by which a high-frequency carrier wave is 

multiplied by a low-frequency information-bearing signal to generate a new 

signal, centered on the carrier lrequency, which includes sidebands that carry 

the information. Through use of multiple carriers, each modulated by a different 

information-bearing signal. it ls possible for rnulliple Information streams 10 

share a common transmission medium. 

More formally, let us define the two signals as foUows: 

where: 

Carrier = A sin(a>cl) 

1nrormation = (1 + Bsin(0>,tl) 

Carrier c-carrier wave 

A = peak amplitude of the carrier wave 

<»c = angular frequency or the carrier wave = 2nfc 

f, = frequency of the carrier wave, ,n henz 

(2.4) 

Information = information-carrying signal (simplified to a simple sine wave to 

simplify the equations) 

B = peak amplilude of the information-carrying signals (must be 

less than l) 

w. = angular frequency or the video informalfon 

t = time. in seconds 

If we multiply these, we get 

Alsin(ro,t) + Bsin(ro,t)sin(ro,r)) (2.5) 

That is, we get the original carrier plus lhe effect of multiplying the original 

carrier times the information-carrying signal. When we multiply two sine waves, 

however, we get two signals whose frequencies are equal 10 Uie sum and 

difference of Uie two original frequencies and whose amplitudes (voltage, in 

this case) are in accordance with the standard trigonometric Identity: 

sioAsinB = O.Soos(A- 8)-0.Scos(A +B) (2.6) 

In other words, we get a sideband on each side of the carrier that is spaced from 

the carrier by the information-carrying frequency and whose amplitude will be 

6 + 20 log (BJ dB less than the amplitude or the unmodulated carrier. 
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In the C<1se where the information-carrying signal is a scanned television 
picture, it will have frequency components extending from zero hertz to an 
upper frequency limit that is related to the possible horizontal resolution of the 
displayed image. In !be NTSC system, the information-carrying signal is limited 
to about 4.2 MHz of bandwidth. Thus, with the simple double sideband modu· 
lation just described, Uie modulated signal bandwidth would be 8.4 MH.z wide 
just for video information, wilh the audio sUJJ 10 be fitted into the spectrum. 

h is apparent, however, !bat double sideband mod11lation is wasteful of 
spectrum, because each sideband C<1rries exactly the same information. An 
alternative is single sideband (SSB) modulation, whereby only one of the side­
bands and no carrier is transmitted (saving both bandwidth and transmitter 
power). However, the detection process is more complex for SSB signals beC<1use 
a local carrier must be generated 10 mix with the incoming sideband in order 10 

recover the original information-carrying signal. While this is simple today, it 
wasn't when the NTSC system was being developed and so was rejected. 

The compromise reached was vestigial sideband (VSB) modulation, in 
which a normally modulated double sideband signal is passed through a filter 
!bat passes one sideband {the upper sideband of the rransmitted signal), but only 
0.75 MJ-lz olthe other sideband, as shown in Figure 2.14(a). As can be seen, the 
sowid signal has been inserted 4.5 MHz above !be visual carrier, leading to a 
total visual + audio signal that is only 6 MHz wide yet includes picture infor• 
mation extending up to between 4.0 and 4.2 MHz. 

If this signal is demodulated using a standard ampiltude detector, the result 
will be that modulating frequency components below 0.75 MHz will be recovered 
from both sidebands, while those failing above 1.25 MHz will be recovered from 
only a single sideband, thereby distorting the relative amplitudes of the detected 
information signal, as shown in Figure 2.14(b). In order to correct for this, the 
modulated signal must be passed though a compensating filter before detection. 
The shape of !be required filter is shown in Figure 2.14(c). 

2.3.3 Video Bandwidth 
When the NTSC system was being designed, a tremendous number of human 
visual experiments were undertaken. Estimates were made on the likely course 
of technology. It is a tribute to the work done that the NTSC system has lasted 
for more than SO years and is likely to be in use for at least another decade 
or two. 

NTSC television is meant to be a ••five times picture height" system. That is, 
the compromises made between video quality and economics were such that 
they would not be noticed ii the picture we.re viewed from a distance of at least 
five times the picture height. Consideration of this and of the bandwidth avail­
able, as well as of the ways of occupying that bandwidth in a manner that would 
allow affordable receivers, led to the choice ol 525 total (483 active) scan tines. II 
a synthetic video pattern is generated by eiectronicaliy making alternate lines 



62

t
Vidto carrier {normalized) 

Single sideband region 
Double sideband region i :j• ______ .::... _ ___ ..:.._ _ _ ___ .: 

' . . 

4.0 

sound 
carrier 

0.0 1.0 
0.7S I.ZS 

2.0 3.0 
4 .2 4.S 4.7S 

-1.2s -0.75 ' ' ' . . 
' l , ,._ Tolnsition region 1 

nao.sition region 
6.0,MHz chaLmel ----- --- --- -

: Vddgial • : • s,a .. -... • . 
' : 

l)Qublr 
amplitude ~ ' . . 

' . 
' ' 

(•J 

: 
l Single $ldeband region 
~ ~ · .... ---.. -------· -- ------...... ---····· ·► . . 

Normal ampUtude +-
' -----------1 ...... ....... ,.~: --- --- ------- --- ---

Oouble 
sideband 
region 

• 
• • ..::!! 

'
:, ~... , __ _ - Transidon region . ' 

Sound 
wrter 

o.o 0.7S 1.0 1.25 2.0 3.0 4.0 4.2 4.5 4.7S 
-l.2S -0.75 

Double sideband region :--- - --- --=---: 

(b) 

: : 'fy¢cal response 

Normal ;1~plitude -,.. ------··-··•·"':••,----,,------- ----- --- -..,<.; ·-: ....... 
HJlf•ainplltu~e poln1 _., ' ' ' ·-. .. ..... : .......... : 

' ' ' 

- 1.2S -0.7S 0.0 0.75 1.0 l.2S 2.0 3.0 4.0 4,2 4S 4 ,7S 

(cl 

Figure 2.14 VSB reception. ta) Vestigial sideband spec1rum normalized to 0.0~! as seen at RF (at IF, spectrum is reversed). 
lb) Output of a "flat response· television receiver as seen at RF lat IF, spectrum is reve1sed). tel Idealized and 
typical TV receiver response curves as seen at RF tat IF, spectrum is reversed). 



63

2.3 Modulation 45 

black and white, and if the whole raster is placed io the viewing area of the 
screen, then 483 picture elements can theoretically be resolved in the vertical 
direction. In the "real world," a large number of factors limit vertical resolution, 
including that the scanning system is a sampling system and that raster lines do 
not fall exacUy on object boundaries. Rather than a clean edge, some of the light 
falls into two or more adjacent lines, blurring the image. Additionally, there is 
raster instability. Minor movements between scans add further blurring. The 
scanning spot in the pickup device and the scanning spot in the display device 
are not precise points but have a bell-shaped (Gaussian curve) distribution of 
effectiveness. All these complex factors yield less actual vertical resolution than 
the number of scan lines would indicate. The ratio between the number of scan 
lines and the actual vertical resolution varied from O.S to 0.85 in various experi• 
ments and is commonly accepted as 0.7. R. D. Kell is credited with much of the 
work on this phenomenon, so this ratio is called the Kell faetor. That is, 483 
active scan lines yield an effective vertical resolution of about 338 lines. 

There is no single derivation of the bandwidth needed to carry video. The 
best that can be done is to give a plausibility argumeot for why something like 
4.2 MHz is a reasonable number. Assuming a desire to have approximately the 
same horizontal resolution as vertical resolution and noting that the aspecr ratio 
(the ratio of vertical height 10 horizontal width) of an NTSC picture is 3 by 4, we 
must multiply 338 by 4/3. yielding 450 horizontal lines of resolution. Dividing 
the aspect-ratio-adjusted number of horizontal picture elements by 2 yields the 
maximum number of cycles of video in the active horizontal video time. This 
yields 225 cycles. The 225 cycles must take place in 52.6 microseconds, yielding 
a frequency of 4.28 MHz. 

The maximum number of picture elements possible in a video frame con­
structed electronically is 483 scan lines times 450 horizontal lines of resolution, 
or 217,350 pixels. European television systems that use the 50·pictures-per­
second rate have more time per picture, allowing for 625 scan lines. To retain 
a balance between vertical and horizontal resolution, these systems have allo· 
cated more bandwidth per channel. 

2.3.4 Frequency Modulation 
The previous discussion of modulation considered only modifying the strength 
of a carrier signal 10 impress an information-bearing baseband signal upon it. 10 

A cosine wave, however, has three parameters that can be varied to convey 
information. Equation (2. 7} shows them: 

s(t} =A• cos{2rrfl + 0) {2.7) 

Here A is the amplitude, {is the frequency, and 0 is the phase angle o( the cosine 
function. The symbol s[!) is the signal as a function of time. As previously 
discussed, visual information is added to the carrier by varying its amplitude. 



64

46 Cllapter 2 Analog Television 

Sound information is modulated on a separate carrier by varying its fre· 
quency, in which case the signal can be expressed by 

s(t) =A· cos(2nlf, + g(t)Jt + 9) (2.8) 

where the information-bearing signal is g(t). Without loss of generality, the 
constant phase angle 9 can be dropped, yielding 

s(t) =A• cos(2n[f, + g(c)fc) (2.9) 

If the baseband information-bearing signal is a simple cosine wave of frequency 
fz, the resulting expression is 

s(t) = A • cos(21tlf1 + cos(2nf1t))t) (2.10) 

The mathematics of cosines within cosines rapidly becomes very complex, 
involving advanced functions and concepts. There are excellent treatments of 
these details for anyone who is interested. The principle result for our pur­
poses, however, is that the bandwidth of a frequency modulated signal can 
exceed that of an amplitude modulated signal given the same information• 
carrying signal. The signal, however, is more robust and can survive noise 
and other distortions better than ampUtude modulation. Frequency modu• 
lation (FM) belongs to a class of signals called sprend speccrum because it 
spreads the information signal over more bandwidth than ii occupies in Its 
baseband version. This technique trades off spectrum inefficiency for signal 
robustness. 

The phenomenological concept motivating frequency modulation is the 
notion that noise, particularly static, was believed to be only an amplitude 
effect. ff the amplitude of the signal did not carry information, the impact 
of noise added to the signal would be negligible. This simplistic model is 
mostly correct, and the main benefits of FM include much less susceptibility 
to noise. 

The creators of NTSC considered ii to be a video enhancement to radio. The 
intent.ion was that, at the outer limits of reception, the audio signal would 
survive even if video (ailed, 11 and thus it was made extremely robust by using 
frequency modulation. In cable practice, we are able to take advantage of this by 
reducing the relative strength of the audJo signal and thus reducillg the overall 
signal loading on the cable system. In NTSC television, the sound signal is 
frequency modulated onto a carrier that is 4.5 MHz above the visual signal. 
Over-air broadcasters use separate transmitters for visual and aural signals and 
combine the signals before feeding a shared antenna. 
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2.4 Modem Analog Television 

Modern analog television differs from the original system in only three respects: 
the addition of color, stereo sound, and ancillary signals. All this has been 
accomplished without making earlier products obsolete. If th~ very first com­
mercial television receiver were operational and powered today, it would still 
receive and display television programming. "Compatibility," however. is an 
ambiguous term, and older receivers experience slightly reduced performance. 
These compromises stand the cost-benefit test and have provided the viewing 
public with a net positive benefit. 

2.4.1 ColorTelevision 
Color is the most significant addition to NTSC.12

•
13 A large number of trade-offs 

were necessary in the original NTSC system to make it practical and affordable, 
but even more were required to add color. The color system carefully matches its 
design to the human visual system to minimize the incremental information rate 
required. 

The most imponant discovery is that the human visual system responds to 
color In two distinct ways: (I) as a response to the frequency (or wavelength) of 
the light, and (2) as a response to combinations of primary colors. If we pass 
sunlight through a glass prism. we decompose the light into individual wave­
lengths that we see as many separate colors. If this were the only way in which 
the eye perceives color, a color television system, or even color printing and 
photography, would be all but impossible. Fortunately, the eye, in response to 
various ratios of red, green, and blue, 14 perceives nearly all the possible colors. 

The science of colorimetry is fascinating and complex and well beyond the 
scope of this brief chapter. Only a rew basics can be covered here. lo the color 
receiver, the picture tube is actually three picture tubes in one.15 There are three 
electron guns and three sets of colored phosphor elements on the screen. 
A shadow mask in the tube is carefully aligned to allow only the electrons from 
a particular gun to strike the phosphors of its assigned color. The shadow mask 
is also called an aperture mask because of its array of holes, or apertures (see 
Figure 2.15). The three electron guns are tilted at an angle with respect to the 
axis of the picture tube. The three electron beams pass through the same boles in 
the shadow mask, which is located very close to the screen. Because they aim 
from different angles in the neck of the tube, the beams land on adjacent but 
different spots. The spots have phosphors that emit red, green, and bhJe light. 
The spots are small and close together, and the eye fuses them into a continuous 
color from normal vie,ving distances. The reader is invited to take a magnifying 
glass and look closely at the screen of a color receiver. Clusters of dots or clusters 
of small bars of the three different colors will be visible when the screen is 
illuminated. 
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Figlwe 2.15 Color picUHe tube structure with cwed plloSjlllor docs, 1po1111re (or shadow) mask, 111d cluster of lhree 

electron guns. 

If a combination of three complete images in red, green, and blue were 

required to make a color picture, the required iransmission bandwidth would be 

tripled. Even rhe improvement color brings might not be worth that drastic a loss 

of channel capacity, Forrunately, the eye is quite pleased with a "colored" 

television system and does not require a true "color" system. If we consider 

the Sunday color comics, we realize 1ha1 we have a detailed black-and-white 

image with some color thrown on Ir. The eye and the imaglnation do the rest. In 

colored television, rhe same approach Is raken. The derail Is in the luminanre 

(brighrness) signal. The color signal contains much lower resolurlon and only 

appro,nmately fills In the monochrome outlines. That this is the case c:ao be seen 

when colored 1ex1 is in rhe picture. For example, a yellow lener T on a blue 

background will have a yellow top bar because the image is large enough 
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horizontally to be represented by the frequencies involved. However, the ver• 
tical component of the T wiU usually not be yellow. To represent ii in yellow 
would require frequency components beyond what is available. 

To make the color signal compatible with older monochrome receivers, it 
was necessary to combine lhe signals in a manner lhal yielded lhe luminance 
signal plus two narrower bandwidth "color difference" signals. Since lhe eye is 
more sensitive 10 detail in certain colors than in others, it is possible to reduce 
lhe bandwidth of some of the colors more aggressively. The color television 
system manipulates lhe color signals using a set of linear matrix equations. This 
separates the signal into a component !hat contains flesh tones and near 0esb 
tones and another component that has quite different colors. The principal color 
signal, termed the/ signal, has a transmined bandwidth of around 1.5 MHz. The 
secondary color signal, termed the Q signal, has a transmined bandwidth of 
around 0.5 MHz. In a color receiver, linear networks can !hen separate lhe 
signals into the three primary colors, red, green, and blue. Simultaneously, a 
monochrome receiver will respond only 10 the luminance signal and ignore lhe 
color siW>als. 

Although lhe NTSC system uses bandwidths of 1.5 MHz in the I channel and 
0.5 MHz in the Q channel, practical color receivers actually implement a band· 
width of only about 0.5 MHz (or less) in each channel. This compares with 
several megahenz for the luminance signal. The main reason for the reduced band· 
widlh is the problem of "chroma noise." When the higher-frequency chroma 
signals are synchronously demodulated (a frequency conversion process), lhe 
noise added at those frequencies is also brought down in frequency. This causes 
the interference resulting from the noise 10 increase in size ou the screen. 
Reducing lhe chroma bandwidth minimizes lhls unpleasant effect, but at a 
reduction in color resolution. 

Even with only 1.5 MHz of I signal and 0.5 of Q signal, we still need 10 find a 
place to put 2.0 MHz of additional information. The principle of compatibility 
precludes simply adding more bandwidth. This is where the work of Mertz on 
the spectrum of scanned images provides an answer. Figure 2.11 showed that 
the signal energy is clustered around multiples of the horizontal scan Crequency, 
with significant spectral gaps. Since this is a consequence ol scanning and the 
color information likewise is a product of scanning, it 100 has spectral gaps. The 
trick !hen is to arrange the two spectra such that lhe energy clusters interleave. 
Figure 2.16 shows 1ha1 if lhe color signal is modulated onto a carrier that is an 
odd harmonic of half of the line frequency, lhe color signal spectrum will 
interleave with lhe monochrome signal sp«trum. The color signal occupies 
frequencies that are nearly empty In a monochrome signal. 

This technique for hiding !he chroma signal in the luma can be visualized in 
lhe lime domain as well (See Figure 2.17). A cosine wave 1ha1 is an "odd 
harmonic of half ol the line frequency" will start with lhe opposite phase on 
adjacent lines. In the basic case, the first harmonic of half the line frequency will 
make only half of a cosine wave In lhe time ol one horizomal scan. II will begin 
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the next line with the opposite phase. So where the signal is brightest on one 
line, it will be dimmest on the adjacent line, and vice versa. These opposite 
brightnesses on adjacent lines will tend to average out and reduce visibillty of 
the color carrier. The same is true of higher odd harmonics (even harmonics 
would cause the signal 10 have the same phase on adjacent lines, and the bright 
and dark spots would reinforce each other rather than tend to cancel) . Al the 
color subcarrier frequency, the bright and dark spots on the screen are very 
small and are posilioned on adjacent lines relative to each other so as to average 
out the brightness they cause. 

The two color signals, / and Q, are modulated in quadrature 10 each other 
onro the color subcarrier.16 Quadrature modulation means that two carriers of 
the same frequency are used, one phase shifted by 90° from the other. The color 
signal can be expressed as 

c(t) = /(t) • cos(21'f,t) + Q(t) • sin(21'f,t) (2. I 1) 

The sine function Is 90' phase shifted from the cosine function. The required 
detection process is called quadrature detection. In the receiver, quadrature 
detection cleanly separates the two signals. This separation is based on !he 
following simple trigonometric identities: 

l I 
cos(2n/,1) · cos(21'f,t) = 2cos(2n[f, - fi]t) + 2cos{21'1f1 + filt) . (2.12) 

sin(21'f1t) • sin(2nf,t) = ½cos(2nlf1 - f,]1) - ½cos(2nlf1 + f,]t) (2.13) 

sin(2nfil) · cos(2nfzt) : ½sin(21'1ft - f,]t) + ½sin(21t[/1 + fi]t) (2.14) 
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Let f, = fz = f, , which is the carrier frequency for the color information. Then, 
from Equation (2. 12), 

I 
cos'(2nf,1) = 2 {I + cos{2n[2fc)t)} (2.15) 

And from Equation (2.13), 

sin2(2nf,t) = ½ {1- cos(2rt[2fcJt)) 

And from Equation (2.14) , 

sin(2nf, t) • cos(2nf, t) = ½sin{2n[2f,lt ) 

(2.16) 

(2.17) 

If we take the color information signal, c{t), of Equation (2.11) and multiply it by 
cos(21t/, t), a cosine at the color information carrier frequency, we get 

c(t) • cos(2n{ct) = l(t) • cos2(21tf, t ) + Q(t) • sin(2nf,t) · cos(2n/,t) (2.18} 

Applying Equation (2.15) to the l(t) term and Equation [2.17) to the Q[t) term, 
we get 

c(t) -cos(2n/cl) = ½/(t) • {I + cos{2n[2fc)1)} +½Q(t) · sin(2n[2/,lt) (2.19) 

c(I) • cos(21tfc1) = ½i(t) + ½ {/(t) • cos(2n[2fc)I) + Q(r) · sin(21t[2/c)t)} (2.20) 

The first term on the right-hand side of Equation (2.ZO) is the l{t) signal at 
baseband frequencies. The bracketed terms are modulated onto carriers at twice 
the chroma carrier frequency, f., and can easily be removed with a low-pass 
6lter. Thus, the l{r) signal has been completely separated from the Q(t) signal 
through quadrature detection. 

If we take the color information signal, c[I), of Equation (2.11) and multiply 
It by sin(2n/,1), a sine at the color information carrier frequency, we get 

c(t) • sin(2rt/,1) = 1(1) • sin(2nfct) • cos(2nf, t} + Q(t} • sin2(2nfct} (2.21) 

Applying Equation (2.17) to the l(t) term and Equation {2.16) to the Q(I) term, 
we get 

c(t) • sin(2nf, 1) = ½ /(1) • sin{2n[2fc)t) + IQ(t){I - cos(2n[2f,)t)} (2.22) 

c(t) • sin(2nf,1) = ½Q(I) + I {/(1) • sin(2n[2/,]t ) - Q(t) cos(21t(2/c)I)} (2.23) 
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figure 2.18 Location and bandwidths of the luminance and chroma signals. 

As with the 1(1) signal, the Q(t) signal bas been completely separated through 
quadrature detection. 

The I signal is the In-phase color signal and is amplitude modulated onto a 
color subcarrier that is located at 3.579545 MHz, the 455th odd multiple of half the 
line-scanning frequency. The Q signal is the quadrature color signal. It is ampli­
tude modulated on a carrier that is derived by a 90' phase shifting of the color 
subcarrier (see Figure 2.18). Note that the Q signal is a double sideband signal, 
whereas the I signal has a 0.5-MHz double sideband component and an additional 
I .0 MHz of single sideband modulation. However, as already mentioned, practical 
consumer receivers limit bandwidth in both channels to around 0.5 MHz. 

It will be recalled from the study of geometry that there are two common 
forms or coordinate systems, rectangular and polar. In the rectangular system, 
a location is defined by the distance in the horizontal direction and the distance 
in the vertical direction. In the polar system, a location is defined by a distance 
along an angle. This is like giving driving directions of 3 miles east and 4 miles 
north. 1£ the traveler has an airplane. he can simply be told to fly 5 miles on the 
heading of 30'. The diagram of Figure 2. I 9 applies these principles to the 
quadrature color equation (2.11). The color signal c(I) can be given either as 
the sum of the /(1) signal and the Q(t) signal or as the resulting magnitude c(I], 
which is the square root of the sum of the squares of /(1) and Q(t] at an angle 
given by the inverse tangent of the ratio of Q(r) to 1(1). In this "polar" way of 
interpreting tbe color signal, the color, or hue, is defined by the angle, and the 
intensity of the color (termed its saturation) is described by the length c(I). 
figure 2.20 shows the location of various colors on a polar graph. · 

The changes made to accommodate color required the horiwntal and ver· 
tical scan rates to be slightly modified. This is because the difference between the 
color subcarrier frequency and the aural subcarrier frequency is a frequency well 
within the video bandwidth. Any nonlinearity in that signal path will produce a 
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beat product that is in the video passband and can produce an annoying pattern 
on the screen. This difficulty has been termed the 920·beat problem because the 
difference between the frequencies selected for the chroma subcarrier and the 
sound subcarrier is 920 kHz. Two techniques are used to minimize this problem. 
The existing 4.5-MHz trap strongly attenuates the aural carrier frequency before 
the video path. However. it was thought that this measure may•not be sufficient 
in existing monochrome receivers that were designed and produced before the 
color standard was established. The remaining 920·kHZ beat was made less 
visible by causing it 10 be frequency interleaved (just like the chroma signals} 
with the luminance signal. This required that the 920·kHZ beat be made an odd 
multiple of hall the scan frequency. To accomplish this (since the chroma 
subcarrier is already an odd multiple of half scan line frequency), the sound 
carrier must be any multiple of the horizontal scan frequency (that ls, an even 
multiple of llalf scan line frequency). The 286th multiple of the monochrome 
horizontal scan frequency (15.75 kHz) is 4.5045 MHz. Using these numbers 
would require changing the aural subcarrier by 4.5 kHz. Some of the then• 
existing monochrome television receive,'s audio circuits might have !ailed to 
perform with this much of a shift in frequency, jeopardizing the compatibility 
mandate. Also, the effectiveness of the aural frequency trap would be reduced. 
The alternative was 10 change the horizontal frequency so that it was the 286th 
submultiple of the original 4.5·MHz aural subcarrier. This yields a horizontal 
frequency of 15,734.26Hz. Since there are 525 scan lines in a frame and two fields 
in a frame, the field rate will be the horizontal rate divided by 525 and multiplied 
by 2, yielding 59.94 Hz. The chroma subcarrier is the 455th multiple of hall of this 
line rate, or 3.579545 MHz. 

Synchronous detectors in receivers are used 10 completely separate the two 
chroma signals. Then, using circuits that perform the functions listed in Equa• 
tions (2.24) through (2.26), the luminance signal Ev, the in•phase color signal E1, 

and the quadrature signal Eo are matrixed to yield the blue signal £8, the red 
signal ER, and the green signal Ee that drive the tricolor picture tube. 

Es= Ey + 1.70fo- l.lOE, 

ER = Ev + 0.621:Q - 0.96E, 

Ee = Ev - 0.65EQ- 0.28E, 

(2.24) 

(2.25) 

(2.26) 

Synchronization of the color oscillator used in the synchronous detection process 
is facilitated by the addition of a burst of unmodulated color subcarrier on each 
horizontal blanking pulse after the horizontal sync pulse (see Figure 2.21). 

These techniques allow color television to be compatible with monochrome 
television. This compatibility is not complete because monochrome receivers 
built before the introduction of color had video bandwidths of up to 4.2 MHz, 
providing very sharp black-and-white pictures. When color signals were 
introduced. these receivers suffered from "dot crawl." The color signal was not 
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Figure 2.21 Color bum relationship to sync pulse. 

adequately rejected by lhe older receivers and appeared as a moving pallem of 
annoying dots. This was overcome in later monochrome receivers by introducing 
a no1cb in the frequency response that eliminated much of the color signal but 
reduced sharpness. Alternatively, the video bandwidth of monochrome receivers 
was rolled off, wilh much the same effect. 

Adequate compatibility was critical to lhe rational introduction of color television 
into a market already populated wilh monochrome television receivers. Consumers 
who purchased color receivers derived more benefits from the same signals lha1 
consumers wilh monochrome receivers continued 10 enjoy. Those who could not 
afford a color receiver could buy a new monochrome receiver and stiU have access 10 
television. No one wa.s disenfranchised by lhe technological advance to color. 
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2.4.2 Stereo Sound 
The next Improvement to NTSC came in the area of sound.17 Television sound is 
frequency modulated on a separate carrier that is a fixed 4.5 MHz above the visual 
carrier. When ste.reo sound was added to the television system, the requirement of 
compatibility was again enforced. This avoided the chaos that would have 
resulted from making obsolete the existing sound system. Just as with compatible 
color, there were compromises to monaural receivers when stereo sound was 
added. But the net benefit to consumers was considered positive. The marketplace 
gave its approval to both compatible color and compatible stereo sound. 

Stereo sound is implemented by first creating a spectrum that includes Lile 
sum of the left and right sound channels at baseband. As in FM radio broad­
casting and monophonic television practice, the sum signal is preemphasized 
using a 75-microsecond preemphasis curve. (See the discussion in Chapter 8 
under modulators.) The dillerence between the Je(t and right channels is double 
sideband suppressed carrier modulated onto a carrier at twice the horizontal 
scan frequency (2 x lS,734 = 31,468 Hz). In order to improve the signal-10-
noise ratio, this dlfference signal is companded; that is, Lile signal is compressed 
in amplitude at the transmission point and expanded at the receiver. The 
compression is frequency selective and is based on an algorithm originally 
proposed by the d.Bx Corporation, whose name it bears. This is in contrast to 
the FM radio stereo system, whlch is not companded but employs the same 
deviation ol the sound carrier, by both the sum and dlfference carriers. Both 
changes to the television system were brought about by the need for improved 
signal-to-noise ratio. A limited-bandwidth (IO-kHz) monaural second audio 
program (SAP) channel is frequency modulated onto a carrier at five times the 
horizontal scan frequency. The SAP channel is lntended for a second language or 
othor such purposes. A very narrow-bandwidth (3.4-kHz) "professional cban• 
nel" is freque.ncy modulated onto a carrier at six and one-balf times the bori• 
zontal scan frequency. It is used for television plant intercommunications. Thls 
entire complex spectrum is then frequency modulated onto the 4.S•MHz carrier 
(see Figure 2.22). The relationsllip between the video and aural carriers is tightly 
controlled, since nearly all television receivers depend on this relationship. The 
visual carrier Is used as the local oscillator to bring the aural spectrum down to 
baseband. This technique is called the incercarrier•sound method of TV receiver 
design. Since the final aural modulation process is that of frequency modulation, 
the TV receiver uses a "limiter" circuit to strip off any amplitude modulation that 
may have become impressed upon the aural signal. Typical sources of this 
amplitude modulation are noise, particularly impulse noise, and cross modu• 
lation in nonlinear elements in the signal patb. The TV receiver's aural· system 
then becomes relatively insensitive to amplitude modulation on the aural carrier. 

A variation of the previously described aural recovery technique is the 
direct-sound method. IL has also been called the sptit•sound method. In this 
approach, the aural component is extracted from the composite IF signal prior 
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Figu,. 2.22 Stereo audio baseband spectrum. 

to video detection. This signal is subjected to limiting to re.move incidental 
a.mptirude modulation components and presented to an FM detector. 

When direct-sound techniques are applied, the aural signal Is not dependent 
upon any properties or the visual carrier, as it is In the intercarrier-sound 
approach, but is now affected by the accumulated instability of processing 
oscillators (heterodyning) along the signal chain. These sources of instability 
include the transmitter, cable heterodyne processors, and local oscillators of 
intervening frequen.cy translation devices, such as cable subscriber terminal 
devices and the runer of the TV itself. 

There are trade-offs in making a choice between intercarrier-sound and direct­
sound designs. Some visual modulators suffer (tom nontrivial amounts of 
incidental phase modulation of the visual carrier. The intercarrier principle causes 
these visual carrier instabilities to be transferred to the aural carrier, and this can 
introduce sound dlstortions. A direct-sound design would not be subject to this 
problem. Essentlally all consumer TVs and VCRs use the intercarrier principle. 

2.4.3 Ancillary Signals 

It was determined that more uses can be made of the electron blanking time. One 
important application is to use the VBI to carry analog test signals. The analog 
test signals can be used to measure the transmission characteristics from the 
signal source to intermediate points along its path to the final point of use. 
Another use for the VBI is to carry analog signals that represent digital data. 
The data signals can be of lwo or more levels that are resolved into data bits by 
appropriate circuits. Since the "dlgital" signals are of just a few discrete levels, 
the data detection circuits can discriminate against significant amounts of noise, 
dlstortion, and interference. This makes these data signals more robust than the 
analog video signal itself for most forms of interference. 

The first U.S. auempt to use the VBI for ancillary data purposes was in 1970, 
when the National Bureau of Standards (NBS- now the National lnstirute of 
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Standards and Technology, NISTI proposed to use it for the distribution of precise 
time information nationwide. The American Broadcasting Company (ABC) tele­
vision network was a partner in that effort. Even thougb this initiative did not 
result in service, ABC recommended a captioning service for the hearing impaired. 

Eventually the FCC reserved line 21 of field one of the television signal for 
the transmission of closed captioning (CC) in the United States iri 1976. In 1990, 
Congress passed the Television Decoder Circuitry Act, mandating that after July 
1, 1993, new television receivers of 13-inch diagonal display measure or greater 
must include caption decoding circuits. Approximately 20 million television 
receivers per year are covered by this requirement. In 1992, NCI worked with 
the FCC and the Electronic Industries Association (EIA) to develop captioning 
technical standards. The 1996 Telecommunications Act required the FCC to 
institute rules requiring closed captioning on video programming but allowing 
exemptions for programming that would suffer an "undue burden." 

The CC system supplies data to appropriate digit~• and analog circuits that 
place carefully timed text on the television screen, making It possible for the 
hearing impaired to read a description of the conversation taking place and have 
indications of other relevant sounds. Similarly, those who cannot understand the 
spoken words may have text in their language, allowing them to follow the 
program. The CC system uses very low-speed data In order to minimize the impact 
of transmission path problems such as renections and interfering signals. The data 
rate for the CC system is 503.5 kb/s of binary (two-level) data. This allows only 
two 8•bi1 characters to be tranSmitted per VBI line. If only field one is used, there 
will be 30 o[ these Unes per second. This yields 480bps, or 3,600 characters per 
minute. If the average word is 5 characters long with a space, then 600 words can 
be conveyed per minute. The rest of the Uneis occupied with both a burst of seven 
sine wave cycles of 503.5-kHz clock run-in and a unique "start bits" pattern placed 
at the beginning of the line. These signals synchronize the detector circuitry. Since 
only line 21 is protected for captioning by FCC rule, the rate of transmission is 
slow, but ii is perfectly adequate for the purpose. The on-screen display consists of 
a maximum of 15 rows of 32 characters each. The captions usually appear only on 
rows 1 through 4 and rows 12 through 15. The middle rows are usually trans­
parent to show the action. A text mode provides scrolling text. Further details can 
be found as part of EIA standard number EIA-608. 

The closed captioning signal carries four components. There are two cap· 
tioning channels and two text channels. The first captioning channel Is synchron• 
ized 10 the video programming, causing the words to care[ully match the video. 
The second captioning channel is not synchronized. 

The FCC expanded the captioning standard E!A-608 to allow use of line 21 of 
field two. This adds 1wo more captioning channels and two more text channels. 
A fifth channel has been added to carry extended data services (EDS). EDS can 
carry a wide variety of additional information, including precise time information 
to set clocks in consumer products. Finally, the original intent o[ the NBS will be 
realized. 
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The channel's name and call leuers are included along with currem program 
Information, such as title, length, rating, elapsed time, types of audio services 
and captioning services, and intended aspect ratio. Also included is the dala for 
the "V-chip" (violent programming advisory), which is intended to control 
children's access to programming that parems deem objectionable. Public ser­
vice announcemems such as weather and emergency advisories will be trans­
mined. Cable sys1em channel layout information will be provided, causing lhe 
channel number indicator lo use the more familiar channel identification num­
ber rather than the number associa1ed with the frequency utilized, This facility 
can bring the same "channel mapping" benefits subscribers have enjoyed in 
their cable set-top terminals to consumer electronics products. 

A subsequent VB! data transmission system, called celetex1.'8 was invented 
to provide ancillary services lo television users. The teletext system can display 
up to 24 rows of 40 characters on the television screen (but a ,pecilication of 
20 rows was selected for use in the United States), Teletext quickly evolved into 
a 1ransmission system for more complex data, including the downloading of 
software to computers. At lhe time teletext was introduced, electronic com­
ponents were sliU relatively expensive, which severely limited the affordable 
capability of the teletext sys1ems. 

Teletex1 is a more aggressive form of data transmission than CC. 11 has been 
successful in Europe but has failed 10 enjoy commercialization in the United 
States. Teletext originated in Great Britain, with experimental transmission 
commencing in 1972. The British Broadcasting Corporation (BBC) branded their 
service Ceefax, and !he Independent Broadcast Authority (IBA) called their 
service Oracle. France developed a packet-based teletext sys1em called Antiope, 
based on a transmission system called Didon. Later, Canada developed another 
system, called Telidon, which featured higher-resolution graphics. The Japanese 
system, called Cap1ain, featured "photographic coding" to accommodate 
Chinese Kanji characters and the Japanese Kana set. 

There are a number of reasons for lhe difficulties in the United Slates. 
Principal among lhese was the failure to find a strategy that made money. 
Without this, !he system could not be supported. Additional difficulties included 
the high cost of memory at lhe time of implementation. Even !hough a teletext 
page requires only about a kilobyte of storage, that small amount of memory was 
expensive !hen. Further problems cemered on the quality of 1he graphics. The 
less expensive World Sys1em Teletexl (WST), based on the British approach, had 
crude "Lego-style" graphics in its basic form. The other contender, lhe North 
America Presentation Layer Protocol System (NAPLPS), used a higher-resolution 
graphics system lhat painted itself on the screen painfully slowly, trying the 
patience of the user. Still another complication was the FCC's I 983 decision to 
allow two standards and hope that the marketplace would resolve the confusion. 
One of !he sys1ems is WST, and the other is the NAPLPS evolution of Antiope, 
Telidon, and efforts by AT&T. A final problem was reliability of data reception. 
In a test in the San Francisco Bay Area, only about 25% of installations of the 
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NAPI..PS system were trouble free. The remainder suffered from various degrees 
of multipath impairment. The more robust WST system was not tested in that 
environment. 

Both U.S. 1ele1ex1 systems have a data rate of 5.727272 Mbps, which is 364 
times the horizontal rate and 8/S of the color subcarrier. The data signal has a 
nonreturn 10 zero (NRZ) binary format. The WST data line consislS of eight 
cycles of clock run-in (16 bits) followed by a unique 8-bit '"framing code"' 
followed by 16 bits of control codes and a payload of 32 8-bit display words. 
The displayed row has 40 characters, 8 more than can be conveyed in one VBI 
line of data. This is accommodated by transmitting 4 rows of 32 characters on 
4 VB! lines and a supplementary VB! line with the 4 groups of 8 characters 
needed to finish the previous 4 display rows. This process is called gearing, 
because of the ratios between the dlspiay and the transmitted VB! data. Since 
the page format is 4-0 characters by 20 rows, with an additional "'header row," 
21 field lines are required plus 5 field lines of supplementary 8-character groups, 
for a total of 26 field lines per fuJJ page of WST teletext. The payload of 296 bits 
per line allocated means that if one VBI line in each field is allocated, a data rate 
of 296 x 2 x 30 = 17,760bps is obtained. Ten lines of VB! are possible (line 21 is 
reserved for captions, and the first nine lines form the vertical synchronization 
pulses), yielding a maximum of 177.6kb/s for full VB! utilization. 

The WST system maps the data location in the VBI line to memory locations 
and to screen locations, and always puts data in the same memory place. Thls 
allows for a very simple error-protection scheme. Since the instructions in the 
header are Hamming-code protected, a measure or the quality of the received 
signal is obtained. If the signal is of low quality, it is not loaded into memory. 
Only good-quality data is stored. As a result, good data can be accumulated from 
repetitions of the page until a good page ol data is built up. 11 is also possible to 
use a '"voting" approach to obtain very robust transmission. 

The fundamental dillerence between the WST and the evolving set of Anti­
ope, Telidon, and NAPI..PS systems is that the latter systems all used a packet 
structure. They have been characterized as asynchronous because there is no 
mapping between the transmission stheme and memory and screen locations. 

The Public Broadcasting System (PBS) has developed a packetized data 
delivery system based on teletext called the PBS National Datacasl Network. 
The standard teletext data rate ol 5.72 Mbps is used, yielding 9,600 baud per VB! 
line allocated per field. There are a wide variety of commercial applications for 
this signal. Currently, the StarSigh1 Electronic Program Cuide (EPC) signal is 
distributed via PBS. 

A system by the WavePhore Corporation utilizes a teletext-like system in 
lines 10 through 20 in each field, for a data speed of up to 150 kb/s. WavePhore 
added substantial error-detection and -protection bits to its structure to protect 
against multipath and other transmission problems. 

Underutilized portions of the NTSC spectrum can be employed to "hide" 
data. In many cases, the process ol hiding the data is incomplete, and results in 
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artifacts under cenain conditions. In oilier cases. the preparation of lhe NTSC 
signal to better hide the data reduces video quality. So lhe challenge is to both 
hide the data and not impair video quality wttile retaining signal robustness and 
the potential for an economic implementation. 

The National Data Broadcasting Commitlee (NDBCJ was lorm~d in 1993 to 
establish a single standard for data transmission in video. On June 28, 1996, lhe 
FCC approved digital data transmission in the video portion of broadcast tele­
vision transmission in Its Report & Order [R&O) "Digital Data Transmission 
Within the Video Portion of Television Broadcast Station Transmissions," in 
MM docket No. 95-42. II allows four formats: two of the formats, by Yes! 
Entertainment Corporation and A. C. Nielsen Co., place low-data-rate signals 
in the overscan region of the picrure; lhe other two systems, Digideck and 
WavePhore, embed the digital signal into the video signal 

The WavePhore system begins by reducing video luminance and chromin­
ance bandwidths. The "luminance" is reduced from its theoretical value of 
4.2 MHz 10 a lower value of 3.9 MHz, and lhe upper sideband of the color signal 
is reduced by about 300 kHz. It is then possible 10 Insert a data signal in this 
region at a carrier frequency of approximately 4.197 MHz above the video carrier 
and a strenglh approximately 20 dB above the noise 0oor of the video system. 
The data is synchronous with the video carrier and thus with the horizontal line 
frequency. As an odd multiple of one-quarter of the horizontal scan frequency, it 
interleaves between the luminance and cbrominance bundles of spectral energy. 
Data is not sent during lhe vertical and horizontal blanking intervals. Thirty bits 
of data are sent per video line. There are 240 available lines per field (not 
counting lhe VB!, during which lhe signal is blanked). This yields a raw data 
rate of 431.6 kb/s. After error-correction coding, the raw data rate is reduced to 
approximately one-founb of a telephone Tl rate, or 384 kb/s, and referred to by 
WavePhore as their system TVTl/4. 

WavePhore shuffles lhe data before applyingbiphase modulation and filtering 
out the lower sideband. Shu!Oing the data reduces its visibility in the video. An 
adaptive equalizer is used in the receiver. A major advantage of the WavePhore 
approach is that once inserted into the video, the da1a can be conveyed through 
the video path without giving ii funber attention. The WavePhore V81 system 
and the WavePhore subvideo sys1em can be combined to provide more than 
500kb/s. 

There is some degradation of pictures using this system. However, lhe FCC 
is willing to let the broadcaster determine wha1 its individual marketplace values 
are and 10 respond to that decision. 

The Digideck system adds a differential quadrarure phase shift k~yed 
[DQPSK) signal carrying about 500 kb/s placed I MHz below the video carrier. 
In this regard, it is similar to the European NICAM system for adding digital 
audio to analog television broadcasts [see Chapter 7). This places the new carrier 
in the vestigial side band region of the signal. To accommodate this, the lower 
VSB slope is increased. Rather than starting ai the traditional 750 kHz below 
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picture carrier, in the Oigideck system it starts at SOOkHz and drops more 
rapidly. The carrier is about 36dB below peak power and has a raw capacity 
of 700 kb/s. Forward error correction and other overhead butdens reduce the 
data capacity to around S00 kb/s. Oigideck calls the new carrier the 0-Channel. 
The data signal is clocked synchronously to the television signal for ease of 
recovery and for better hiding in the video. The Oigideck receiver also depends 
on an adaptive equalizer. A consequence of the 0-Channel is that it must be 
inserted at lhe transmitter site and be brought there by an alternative path. Like 
the WavePhore system, Oigideck introduces some artifacts. A marketplace 
approach will allow the broadcaster to determine acceptability. 

The Yes! Entertainment Corporation's system introduces a pulse in lhe video 
between 9.1 and 10.36 microseconds after the start of the horizontal synchron· 
izatioo pulse. The data rate is very low, about 14kb/s. Its application is to 
deliver audio to a talking toy teddy bear! A. C. Nielsen uses line 22 of one field 
of lhe video for transmitting a program source identification. This ID is used to 
measute lhe viewing population for statistical purposes. 

EnCamera Sciences Corporation has presented papers on a system that 
compatibly embeds up 10 4.5 Mb/sin an analog 6•MHz NTSC television signal. 
Up to 3.0 Mb/s is modulated using multilevel signaling onto a carrier that is in 
quadrature with the visual carrier. This approach would normally result in 
visible artifacts in the analog video. However, techniques have been developed 
that avoid these problems. An additional 1.5 Mb/s ls amplitude modulated onto 
the autal carrier using multilevel signaling and specialized filters. 

2.5 Signal Quality and Customer Expectations 

The human response to television pictutes is a complex phenomenon. This 
makes establishing performance specifications difficult. Yet these specifications 
are important for setting design goals, purchasing objectives, contractual obliga­
tions. and regulations. 

Psychophysical testing assesses subjective responses of a large number of 
subjects to television pictures and assigns figures of merit versus objectively 
measured parameters such as random noise, phase noise, microreflections, 
composite triple beat, and chroma/Luma group delay. 

2.5.1 CableLabs Updates Early Testing 
Early testing was done by lhe Television Allocations Study Organization (TASO) 
in 19S8.19 Futther testing was done in 1983 by the network labs of the Columbia 
Broadcasting System (CBS). the National Aeronautics and Space Administration 
(NASA). and the Canadian Research Council (CRC).io Most recently, in 1991, 
work sponsored by CableLabs added 10 the base ol knowledge concerning signal 
quality and customer expectations." 
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The most significant conclusion is that customer expectations are rising. The 
TASO study proclaimed that in 1958 consumers lound a weighted signal-to-noise 
ratio of about 30dB to be "somewhat objectionable." In 1983, subjects' expect• 
ations were !or a much better picture. About 40·dB signal-to-noise ratio was con­
sidered 10 be ''somewhat objectionable." The CableLabs study round 45-46dB 
to be considered "slightly annoying." This is a very substantia·1 increase in 
demand !or picture quality. 

The CableLabs tests were conducted under carefully controlled circumstances 
and used both expert and nonexpert viewers. The expert viewers served primarily 
to set the endpoints o( the scales for the different. parameters. The selected visual 
material was presented on a custom-made analog video disc and on 02 tape. 

Wel!,established procedures defined by the International Consultative Com­
mittee for Radio (CCIR) were employed. 22•13 The subjective scale ranged from 
"imperceptible," to "perceptible, but not annoying," "slightly annoying," "annoy­
ing," and "very annoying." The double-stimulus pair-comparison method used 
allows subjects to compare pictures to reference images. This eliminates the need 
to remember what images looked like at other points in time. 

Subject material was selected for sensitivity to the subjective impairments 
under study. Sources !or the material included the Society of Motion Picture 
and Television Engineers (SMPTE) , the European Broadcast Union (EBU), and 
Kodak Corporation. All these entities have long histories in the analysis of images. 

Five impairments were studied in the CableLabs test: (1) random noise, 
(2) phase noise, (3) chroma/luma delay, (4) microrefiectlons, and (S) composite 
triple beat (CTB). These impairments are briefly described here (see Table 2.1) . 
Random noise Is the result of them1al motion of electrical charges and yields 
"snow" in the picture. Phase noise is the visual manifestation of instability of 
oscillators that are used in heterodyning devices to shift frequencies. Several of 
these systems are in the signal path from point of origination to the subscriber's 
screen. Phase noise usually appears as near-horizontal streaking of the picture. 
Chroma/luma delay results in the colored part of the image misregistering from 
the luminance part of the picture. The color is smeared and located in the wrong 
place, giving rise to a comparison with comic book drawings. Microreflections 

Table 2.1 Suppression of lmpainnents for Various Subjective Reactions 

Perceprible, but Slightly 
Impainn.en.r Imperceptible not annoying annoying Annoying 

Random noise 53dB 48-StdB 4SdB 40dB 

Phase noise 90dB SSdB 

era SOdB 40dB 30dB 

Chroma/luma delay 300os 400 D$ 
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cause delayed versions of the signal 10 add destructively or constructively. In 
many cases, the picture is blurred. In a few circumstances, the subjective 
sharpness of the picture may appear to improve even though the objective 
measurements may lead to a different conclusion. Composite triple beat (CTB) 
is the creation of new, undesirable frequency components due to the signal's 
passing through nonlinearities. The nonlinearities cause new frequencies to be 
created that interfere with tile quality of the picture. 

Table 2.1 summarizes the results. Quantitative data was not taken for 
microreflections and so is not included in the table. However, roicroreflectlons 
below 20d8 were not of consequence to most viewers. Below l0dB, some 
pictures looked sllarper, whereas others looked softer. The roost important 
conclusion is that subscribers have become more critical and are likely to 
become even more so as they see more images delivered with digital television 
(DTV). 

2.5.2 The W Curve and Direct Piekup {DPU) 
In 1986, CBS Laboratories and the NAB tested subjective reaction of viewers to 
co-<:bannel interference.14 The desired signal was at broadcast channel 23 
(visual carrier at S2S.5 MHz) and consisted of three images: a gray flat field, a 
still image (of a boat). and moving video. The undesired signal was a series of 
sine waves at intervals of 500 kHz, starting at the frequency of the lower band 
edge or the channel. The ratio of the strength of the interfering sine wave to the 
strength of the visual carrier was adjusted until expert viewers agreed that the 
interference was .. just perceptible." To be "just perceptible" at the lower band 
edge, the strength of the interfering sine wave needed to be attenuated so tbat it 
was only some 15 dB below the visual carrier strength. As the frequency of the 
interfering curler was increased, more attenuation was required to bring it down 
to levels that were "just perceptible." Maximum attenuation, some 68 dB, below 
visual carrier strength was required at a frequency 250 kHz above the visual 
carrier. Less attenuation, about 55 dB, was required at the middle of the channel. 
Again more attenuation, in the low 60s, at the chroma carrier was required. And 
then, as the upper band edge was approached, less attenuation was required. 
These measurements yielded a W•shaped curve, as shown in figure 2.23. The 
video content of the desired signal had some influence on the amount of 
attenuation required in the middle of the channel. Somewhat surprisingly, the 
flat field hid the interference better in the low to mid-frequencies, whereas the 
moving picture hid the interference better around the color subcarrler. Most 
surprising was the finding that the difference between the "just perceptible" 
level and unacceptable levels was just 2-3 dB. 

Although co-channel Interference is not generally a problem 'for cable tele• 
vision, direct pickup (DPU) interference is a major headache. In the case of a 
strong broadcast channel that is carried on the same (or close) frequency on 
cable, the DPU may result in a ghost or smearing of the image, since the 
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Figure 2.23 W curve: Level of 1ust perceptible" intertering carriers for three images. 

propagation time through the cable is longer than through lhe air. In the case of 
other users ol the spectrum, second-level-order dlstortion products, local UHF 
broadcasters, or cable systems using other than off-air frequencies, interfering 
patterns may appear on the screen. One mani!estation ol this is in the cable 
channel 19 area, where pager transmitters are authorized to operate. Direct 
pickup can occur in lhe cable plant or in equipment connected to lhe cable drop. 
Those DPU signals can propagate between products connected to the same drop 
and cause picture degradation. If lhe tuner ol a TV or VCR is not adequately 
shielded, lhe DPU will cause ghosts and other interference. An occasional 
problem arises when subscribers connect FM radios to the cable. These products 
generally have almost no shielding on their tuners and may conduct DPU signals 
back into the cable system to interfere with reception by olher devices. Tbe W 
curve gives an Indication ol sensitivity to DPU at various frequencies. 

In 1993, lhe 1986 CBS tests were repeated, with emphasis on their applicatio11 
10 DPU. Since the TASO observations were found to no longer be applicable, it was 
reasonable to wonder wbelher consumers had become more sensitive to co-channel 
and DPU problems. The tests were done on three cable channels (6, 12, and 78), at 
lour frequencies relative to visual carrier ( +0.25, +o. 75, +1.75, and +2.55 MHz), at 
two desired signal strengths (0 and +IOdBmV). and at two carrier-to-noise ratios 
(43 and SO dB). Only the gray Oat field was used for the desired signal. The 1993 
tests generally confirmed the results of the 1986 CBS experiments. The W shape ol 
the curve remained. Across lhe three channels, lour frequencies, two desired signal 
levels, and IIYO carrier-to-noise ratios, the average value ol the sine wave strength 
attenuation relative to the carrier strength to achieve "just perceptible" impairment 
levels was 56 dB. Since these tests involve human subjects and a wide range ol 
variables, they are difficult to repeat and obtain closely similar results. 
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2.6 Other Television Systems 
The NTSC color system was historically the first to be adopted in the world. 
Because of the close economic relationships between the North American coun-
1nes and Japan, all these countries adopted the same color television system, 
allowing products to be made and sold in these countries interchangeably, with 
only minor modifications due to differing channel frequencies. 

Other countries adopted color television later." As a result, they were able 
to take advantage of the experience of the NTSC countries and make modifica­
tions that better sulted their priorities. ln some cases, these priorities included 
the desire to protect domestic manufacturing by choosing standards that were 
different. Controlling the licensing of the intellectual property (patents) erected 
market-protecting barriers. 

In the NTSC system, there are two distinct types of crosstalk between the 
luma and the chroma signals. Llnear crosstalk is a consequence of luma signals 
(under some circumstances) having spectral components that lie in the chroma 
regions. The classic example of this is Ille spurious rainbow pattern that appears 
on a checkered or tweed jacket. The pattern produces frequencies that stimulate 
!he chroma circuits. Conversely, the 3.S8-MHz chroma signals are not completely 
eliminated from the luma circuits and appear as small moving dots, espedally on 
sharp edges in highly saturated color areas. Slight nonlinearities cause the 
luminance and chrominance signals to modulate each other. ln particular, the 
chroma phase and amplitude become a function of the signal's brightness. These 
phenomena, known as differential phase and dif{ereniial gain, cause infidelities 
in color reproduction. As circuit technology has improved, these problems have 
become less severe. But in the first years, using vacuum tube circuits, great care 
and expense was required to keep these problems manageable. 

The primary objective of European developments in color television was to 
minimize the impact of differential phase and differential gain and of other 
undisciplined phase shifts in the signal path. The principle behind the approach 
is to shift tbe phase on one of the chroma signals by 90" on adjacent lines. This 
approach gives rise to the technique's name: phase alternating at line (PAL) rate. 
In addition, the chroma reference burst also shifts 90° at the end of each line. The 
beneficial impact of this approach is that hue shifts on adjacent lines are in 
opposite directions. Two approaches can be used to take advantage of this. In 
the less expensive and simpler approach, it is left to the observer's eye to average 
!he hues. This is qulte effective for the small phase errors of modern equipment. 
However, larger phase errors give rise to horizontal lines sometimes calle<! Han­
over bars or Venetian blinds. The more expensive alternative is to use delay lines 
to electrically average the signals before display. While avoiding the arti!acts 
mentioned, vertical chroma resolution is halved and additional expense results. 

PAL also requires a relationship between the chroma subcarrier frequency and 
the line scan rate. However, because the phase of the chroma burst changes 90" 
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at the end ol every line, the relationship must be that the subcarrier frequency is 
an odd multiple of the sum of one-quarter ol the scan line frequency plus one-hall 
the frame frequency. This ls in contrast with NTSC's simpler relationship of an 
odd multiple of one-half of the horizontal scan frequency. 

The PAL strategy of alternating phase on adjacent lines and the need to 
create a relationship with an odd multiple of one-quarter the horizontal scan 
frequency means that the chroma spectral lines are not centered in the luma 
spectral gaps. In the time domain, the averaging of brightnesses caused by the 
chroma signal is even less effective. The saving grace is that the chroma sub­
carrier frequency is almost a megahertz higher than In NTSC, and therefore the 
chroma dots are much smaller and less visible. 

European television uses the UHF frequencies and thus has more bandwidth 
available for channelization. Whereas the North American and Japanese video 
baseband bandwidth is 4.2 MHz, the British have 5.5 MHz and most of Europe 
has 5.0MHz. The French and some of the former Soviet bloc countries use 
6.0 MHz. Additionally. most ol the European countties utilize a SO-Hz power 
line frequency and thus have chosen a vertical monochrome frame rate of 
SO frames per second. The consequence ol the wider bandwidth and lower frame 
rate is higher vertical and horizontal resolution. These systems have 625 scan 
lines per frame, compared to the NTSC's 525 scan lines. The horizontal scan line 
rate is half ol 50 times 625, or IS,625Hz. However, the lower frame rate gives 
rise to flickering in bright areas of the Image and to reduced temporal resolution. 
The PAL chroma subcarrier is at approximately 4.43 MHz (compared with 
NTSC's 3.58 MHz). A further benefit ol the wider bandwidth is that both color 
signals in PAL have the same bandwidth, 1.3 MHz. The NTSC sttategy ol two 
different bandwidths for matrixed colors match.Ing the human response to flesh 
tones is avoided. Simple color difference signals are used involving red minus 
luma and blue minus luma. 

The French SECAM system is more complex and uses frequency modulation 
lor the two color difference signals. These two signals are alternated on adjacent 
lines, yielding half vertical color resolution. 

2.7 Summary 
The fundamentals of analog television are covered in a manner intended to build 
an understanding around which to better appreciate cable television technology. 
We presented the basic concepts behind the structure or the signal and its 
modulation. This allows the requirements on the signal processing implemented 
in cable to be developed in later chapters. Bandwidth compression is important 
in analog television. The interlaced scanning system and vestigial sideband 
modulation are both important bandwidth compression techniques. When color 
is added to the signal, the careful matching ol the signal to the human color 
visual response saves bandwidth. 
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We surveyed the consequences of the technical compromises forced by the 
need to have affordable receivers in the early days of television. We explored the 
important concept of compatibility, demonstrating that complete compatibility is 
not necessary. 5-0me modest degree of degradation of the performance of earlier 
products is acceptable in order to advance the performance o( new products. 
A balance is struck. 

The story or NTSC is replete with technical compromise. The goals have 
always been to match image and sound quality to the human who is expected to 
pay for the hardware and the services. A good compromise and a good bargain 
have been attained. 
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Di itall Com ressed Television g y p 

3.1 Introduction 

This cbapter introduces digital compression, transpon, and transmission !or tele­
vision signals. particularly as they relate to cable systems. However, it is worth 
taking a moment to consider why the cable industry has transformed itself to 
embrace digital technology. After all, in the mid· I 990s the cable industry was 
starting a hybrid fiber-coax (HFCJ upgrade program to expand channel capacity to 
greater than 100 analog channels. Why then was digital technology adopted so 
rapidly in the late 1990s after many HFC upgrades had already been completed? 

Digital compression was first applied to moving images in video conferen­
cing applications. 1 From there. Interest in its application to television signals 
started with early satellite systems (such as SkyPix and PrlmeStar). However, 
the essential push may have been provided by high-definition television 
(HDTV] .• An HDTV signal contains about six limes as much information as 
a standard-definition television (SDTV) signal and consumes at least 12 MHz of 
spectrum in analog formal. This fact makes digital compression a necessity for 
HDTV. Once the investment had been made to digitally compress an HDTV 
signal, the same technology was naturally applied to scrrv. The first application 
was in direct broadcast satellite (DBS) systems-digital compression was a perfect 
fit for a new system that was constrained by expensive, and limited, satellite 
transponder capacity. Digital transmission also reduced the required signal-to­
noise ratio, allowing !or a smaller sateUite dish (on the side of the home) . 

With digital compression, DBS systems could offer enough channels to pose 
a competitive threat to cable systems, especially those that had not done an HFC 
upgrade. The range of programming continued to expand, and suddenly even 
JOO analog channels wasn't enough to carry them all. Moreover, the DBS 
industry began to actively market its "digital picture and sound quality." As 
a result, the cable industry turned its attention to digital. The new digital 
tier allowed cable to lift its per-subscriber revenue by adding .new premium 
subscription content, and the pay-multiplex was created by HBO. In addition, 
digital pay-per-view greatly expanded choice for the customer. Finally, digital 
compression allowed an upgraded system to offer video-on-demand, something 
DBS could not offer. 

71 



90

72 Chapter 3 Digitally Compressed Television 

Traps and analog scrambling are relatively easy to circumvent, and signal theft 
has become a significant issue in analog systems. Digital technology enables a more 
secure conditional access mechanism based on aypu,graphy (see Chapter 21) . 

This chapter will focus on the methods employed by the satellite, cable, and 
broadcast systems, all of which use MPEC-2 video compressio11. In addition, 
they are all based on a one-way, time division multiplexed approach known as 
MPEC-2 transport, although there is growing interest in alternative methods that 
are more suitable to Internet Protocol (IP) networks UJ1der the umbrella term 
streaming media. 

We will consider video compression and then audio compression before 
delving into multiplexing and data uansport of compressed digital content over 
existing satellite, cable, and broadcast systems. First, what is the history of 
broadcast digital television? 

3.2 Broadcast Digital Television 
The NTSC television system was created at a lime when electronics were 
expensive and signal processing difficult and limited. The programs were few, 
and they were relatively expensive 10 produce. An audience was lacking. A great 
many compromises were made to allow cost-effective receivers. Without afford­
able receivers, there would be no point in having efficient use of the spectrum. 
The priority was rapid penelfalion of the marketplace and the generation of 
demand for programming and receivers. 

The situation is now quite the opposite. The scarce resource is spectrum. 
Electronics and electronic processing are affordable and on a predictable path of 
lurther cost reduction (according to Moore's law; see Section 3.2.2). The goal aow 
is to create systems that efficiently utilize the speclfUm and that wil.l last for several 
decades without becoming painfully obsolete. The first step is to study the redWl• 
dancies in television images that can be eliminated to lighten the spectrum burden. 

Interest in digital television goes back several decades. Long before digital 
television was practical for consumer use, it held interest for military and 
professional applications. Digital signals nave some important advantages: 

• Tbe ability to lfansmit signals over arbitrarily long distances (using repeat-
ers if necessary; see section 3.2.2) 

• The ability to store the signals without degradation 
• The ability to process signals for security and other purposes 
• The ability 10 remove unnecessary redundancy to increase transmission and 

storage efficiency 
• The ability 10 add appropriate coding and redundancy so that signals can 

survive harsh transmission environments 
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3.2. I High-Definition Television (HDTV) 
The big push for consumer digital television came as a consequence of the 
search for a practical high-definition television (HDTV) system. HDTV was 
defined as having twice the horizontal resolution, twice the venical resolution, 
a wide picture with a ratio of 16 units of width for every 9 units ol height, no 
visible arliiacts at reasonable viewing distances, and compact disc-quality 
sound. Before any processing, the analog signal coming lrom an HDTV camera 
could consist of 30MHz ol red information, 30MHz of green information, and 
30 MHz of blue information. Almost 100 MHz of analog informatio11 is involved. 
To convert it 10 digital form, it is first sampled at twice the highest frequency 
{according to the Nyquist theorem; see Section 3.3.2). Then each sample is 
represented by a byte of data. More than a gigabit per second of data transmis· 
sioo is required. It can be appreciated why all the early HDTV proposals were 
analog! Methods of reducing this bandwidth appetite had to be found. The work 
on HDTV began in Japan in 1970 using analog transmission technology coupled 
with significant digital processing at both the point of origination and the 
receiver. The Japanese proposal was caJled multiple sub-Nyquist sampling 
encoding {MUSE). IL applied many of the techniques used to minimize NTSC 
bandwidth. The goal was 10 match the HDTV system to the human visual 
response, since there is no need to transmit what the eye does not see. 

When the FCC decided to pursue HDTV in the United States, it laid down a 
number of challenges.' The first challenge was for a •·compatible" HDTV system 
that would not make current NTSC receivers obsolete. Tbe second major chal· 
lenge was to limit the original NTSC and the new HDTV signals to no more than 
two 6•MHz slots in the television spectrum. A further restriction required the 
new signals to avoid undue harm to existing NTSC transmissions. After an 
extended search for a compatible method of creating HDTV, it became clear that 
all methods proposed used the original NTSC signal plus io-band and out-of. 
band "helper signals." All these resources were required to create the compatible 
signal, and two 6-MHz bands were consumed !or each HDTV signal. This 
approach meant that NTSC would always have to be supponed. II also meant that 
l2 MHz was commilted for each HDTV signal. II there were ever to be a transition 
away from broadcast NTSC, this approach would have 10 be abandoned. 

Zenlth Electronlcs Corporation first broke ranks with the analog proponents 
by proposing a hybrid system that continued the transmission of the high 
frequencies of the image in analog form but converted the lower frequencies to 
a digitized form. This hybrid approach seemed to use the best of both worlds. It 
recognized that most of the energy in an NTSC signal is in its low frequencies, 
which include the synchronization pulses. In NTSC, the sync pulses have the 
highest energy because they are separated from the video signal by amplitude 
discrimination. By digitizing the low frequencies, the majority of their power 
consumption was eliminated, yet the burden on the digital circuits was relaxed 
because only relatively low frequencies were processed. The high frequencies 
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remained analog and contributed little lo the power requirements. The lower­
data-rate digital signals would also be less susceptible to multipath transmission 
effects. The remaining problem was that this approach was no longer compatible 
with existing NTSC receivers. This problem was solved by allowing compatibil­
ity to include simulcasting. That is, both the hybrid signal and the m-sc signal 
would carry the same programming, but at two ditrerent resolutions and at two 
different frequencies. This would preserve the utility of older receivers. More­
over, since no successful system that put both NTSC and HDTV into the same 
6 MHz had been proposed, two 6-Mliz channels would still be required, as in all 
the other proposed systems. 

This approach had a number of major advantages. The low-power IiDTV 
signal was tallored to cause minimum co-channel interference in adjacent loca• 
lions using the same frequencies. Also, since the NTSC signal was not needed as 
a component of the IiDTV signal, it could eventually be abandoned. The NTSC 
channel could then be reallocated to other purposes. Even before that happened, 
the requirement for simulcasting could be relaxed based on policy rather than 
technological constraints. Via this step-by-step process, compatibility was aban­
doned for the first time in broadcast television. (The noncompatible CBS color 
system, though temporarily the official system, did not achieve commercial 
success before it was replaced with the RCA/NTSC compatible color system.) 

However, cable and satelUte didn't have the same requirement for terrestrial 
compatibility. In fact, the lack of any viable analog HDTV solution for satellite 
led General Instrument's DigiCipher division to develop their purely digital 
approach. (At the same time the "clean sheet of paper" approach was also being 
advocated in some cable circles.) Shortly thereafter, General Instrument pro• 
posed an all-digital solution for terrestrial HDTV broadcast. Quickly, all serious 
proponents, with the exception of the Japanese MUSE system, converted to all­
digital designs. The committee, charged with selecting a winner, found that it 
could not come to a conclusion. The technical issues were too complex, and the 
political issues were overwhelming. At the time a decision was to be made, all 
the proposed systems made unacceptable picrures. The result was an elaborate 
ruse to score all the systems as acceptable under the condition that a "grand 
alliance" be formed that allowed the proponents themselves to hammer out a 
single system. This allowed the political battles to go on behind closed doors 
under the guise of selecting the "best of the best" for a single proposal 10 the 
FCC. 

Since that time, the television and computer industries have jointly created 
standardized toolkits for audio and video compression. The MPEG-2 video 
compression standard4 provides a "toolbox" of techniques that can be selected 
according to the nature of an application. The MPEG·2 systems standard defines 
how multiple audio and video channels can be multiplexed together into a single 
digital bitstream. Finally, the broadcast and cable indust.ries have developed 
modulation and transmission standards to reliably deliver the digital bitstream 
over an analog channel. 



93

3.2 BroBlicast Digital Television 75 

Using these standards, a single HDTV program can now be transmiued 
within the analog broadcas1 TV channel assignmem of 6 MHz rather than the 
tens of megahertz once thought necessary. In the case of cable's well-behaved 
spectrum, double the data transmission rate is possible; two 10 three HDTV 
signals can be carried in 6 MHz. 

The same technology that makes HDTV possible in 12-18 Mtips also enables 
very efficient compression of standard-definition television. Excellent results are 
now being obtained at data rates of 2-3 Mb/s using MPEC-2 video compression. 
Since the cable transmission rate Is approximately 38Mb/s (in 6MHz), 12-18 
programs can be carried in the same spectrum that previously carried one. 

It is expected that the transmission of standard analog NTSC will occur for 
many years before a transition to digital television is completed. The British 
experience with vertically polarized, 40S•line monochrome television is instn1c• 
live. It took some SO years to abandon that system, even with a very small 
number of receivers. A minority of opinion holds that the U.S. transition may 
never be completed because of the vast installed base of analog receivers 
(currently more than 250 million color receivers and more than I SO million 
VCRs) and the political problems associated with making consumers' "invest­
ment" in products obsolete. Low·income viewers and the economically cha!• 
leoged would be especially hard hit. II is difficult simultaneously to be a 
supporter of "free television" and to require the poor to purchase new, expen• 
sive television sets (not to mention that advertiser-supported television requires 
a large number of subscribers to sustain itse!J). Of course, the new digital 
receivers will rapidly come down in price, but the analog receivers will also 
continue to decline in price. The shutdown of analog television will not be easy. 

3.2.2 Digital Signal Processing 
The human sensory systems for images and sounds are analog. Images and 
sounds start as analog phenomena. To be enjoyed by humans, the phenomena 
must be con,erted to signals, and the signals must eventually be displayed as 
analog stimuli for eyes and ears 10 enjoy. Unfortunately, as analog signals are 
transmitted over long distances, they encounter noise, distortion, and interfering 
signals that degrade the quality of the images and sounds, so they become 
unpleasant and, eventually, unusable. If the analog signals are convened to 
digital signals, an arbitrarily small degree of noise is introduced in the conver­
sion process, but all subsequent degradation of the signal can be avoided using 
practical and well-understood techniques. 

The advantages of baseband (urtrnodulated) digital signals include the abil­
ity to completely regenerate the signal, thereby preventing the ~ccumulation 
of noise and distortion, and the ability to apply computational techniques for 
the purposes of error detection and correction and redundancy reduction. 
Redundancy reduction is important because it saves data storage space and 
transmission time and bandwidth. 
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Advantages of binary numbers include that they have two states, which can 
be represented by simple and inexpensive circuits, and that the impact of 
electrical noise and distortion can be minimized or even eliminated by proper 
design. A circuit element, such as a transistor, that processes an analog signal 
must faithfully reproduce all values of the signal while adding a µtlnimum of 
distortion and noise. If many such circuit elements process an analog signal, 
their Individual contributions of noise and distortion accumulate, causing sub­
stantial signal degradation. On the other hand, a binary circuit can have two 
well-defined states. on and off. which are easily distinguishable. The on state 
may represent the binary number l. whereas the off state can represent the 
binary number 0. (The opposite choice is equally valid.) The important point is 
that if the circuit element is mostly off but not completely off, it wilt not be 
confused with the on state. Similarly, if the circuit element is mostly on but not 
completely on, it will not be confused with the off state. Thus imperfect perfor• 
mance of the circuit can still faithfully represent the binary values. Only when 
the on state approaches half of the assigned value or when the off state is almost 
halfway to the on condition can confusion result. If this degree of deficient 
performance is avoided, the two states can be discriminated and the signal 
perfectly resolved (see Figure 3.1). If, as the signal is transmitted, it suffers some 
noise and distortion degradation, it can still be perfectly recovered as long as the 
two states - the on state representing a binary l and the off state representing a 
binary 0- can be reliably discriminated. Eventually, sufficient noise and distor· 
tion will accumulate so that the two states become confused. lf the system is 
designed so that lhe signal is regenerated (and any errors are corrected) prior to 
this destructive level of degradation. a fresh binary signal can be substituted for 
the degraded signal, and all the damage caused by noise and distortlon can be 
completely undone. Repeaters can perform this operation an arbitrary number of 
times, allowing error-free communications over arbitrarily long distances. This 
is something that cannot be accomplished with analog signals. 

A further advantage of digital signals is that the art of circuit design has 
progressed to where tlie transistors that process digital signals are very smaU 
and very inexpensive. Gordon Moore, one of the founders of Intel Corporation, 
observed that approximately every 12-18 months, the number of digital transis· 
tors that can be afforded for a given price doubles. Alternatively, the cost of a 
given number of digital transistors approximately halves in that period. This 
process has been continuing for decades and appears likely to continue for some 
time to come. As an example of this phenomenon, the first personal computers 
introduced in the early 1980s used an lntel•brand integrated circuit (JC) that had 
30,000 digital transistors. The Pentium computer !Cs of the mid· l 990s have inore 
tlian 5 million digital transistors. Tens of millions of digital transistors are now 
being placed in consumer products at affordable prices. The same experience has 
not been enjoyed by analog circuits, because they must faithfully process 01e 
infinite range of values of analog signals. Thal severe constraint has prevented 
analog circuits from progressing as fast or as far in complexity and cost reduction. 
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Figure 3.1 Impact of exce-ssive noise. 

An additional advantage of digital signals is that they can be mathematically 
manipulated in very complex ways that lead to methods of determining whether 
transmission errors have occurred and even of correcting some of those errors. 
Note that there are only two possible types of errors: a binary I symbol may be 
damaged and converted into a binary O symbol, and a binary O symbol may be 
damaged and convened into a binary I symbol. There are no other alternatives 
in a binary system. As an example, one common method of identifying an error 
condition is called parity detection. Binary symbols are grouped into clusters of 
seven, and an eighth symbol is appended depending on whether the previous 
seven have an even or an odd number of I symbols. If the appended symbol is 
such that an even number of I symbols is always present in each valid group of 
eight symbols, the method is called even parity. A single transmission err-0r will 
convert a I to a O or a Oto a I, and the result will be an odd number of I symbols. 
The system can detect this error. If two errors occur, a much less probable event, 
the system will be fooled and think that no error has occurred, because there will 
still be an even number of ls. However, if three errors occur, the damage will 
again be detected. The ability to detect certain error conditions has come at the 
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price of an appended symbol that takes up transmission time and that requires 
additional circuits to process the signal at both the transmission and receiving 
ends. Forward error correction (FEC) algorithms can detect multiple errors and 
even compute the original correct signal. These more complex methods increase 
the amount of additional, nondata symbols and are said to have increased 
overhead. In addition. additional processing complexity is required at both the 
sending and receiving ends of the transmission path. 

3.3 Digital Vide-0 Compression 

As we have seen in Section 3.2, uncompressed digital video requires a very high 
data rate; in fact, these rates are so high that it would be uneconomical to transmit 
or store uncompressed digital video. Therefore data compression is required so 
that the video is still of acceptable quality while being described by many fewer 
bits. Tb.is type of compression is known as lossy compression, because some 
information is discarded during the encoding process. "Acceptable quality" is 
defined by customer expectations and business conditions and is, by nature. 
always something of a compromise. For both operators and programmers, more 
is better; the more aggressive the compression, the more channels for a given 
bandwidth. Many television viewers seem to be very forgiving of a softer picture 
(that is, a loss of resolution) as long as the picture remains noise free. Never­
theless, more sophisticated viewers have certainly shown their preference for 
better resolution, as is demonstrated by the phenomenal success of DVD. This 
rrend may continue as large-screen, high-resolution displays become more afford­
able, and it bodes well for HDTV adoption. 

The first large-scale application of digital video compression was, and still is, 
broadcast television services (in the order of satellite, cable, and terrestrial 
broadcast). These applications all require a standard coding mechanism that is 
understood by aJi decoders in the marketplace. Tbe familiar MPEG standard is 
the best example of this. It also allowed for volume production of MPEG-2 
decoder chips so that they became inexpensive enough to put in the set-top 
terminal (STI) and, eventually, the television set. 

A second application is the digital versatile (originally video) disk (DVD). 
Just as in broadcast television services, the decoder in every DVD player had to 
perform identically; once again, the MPEG-2 video format was adopted. 

Finally, video on demand (VOD), wb.ich is now being aggressively deployed 
by many cable operators, also uses MPEG-2 standards. In this case, MPEG-2 is a 
natural choice, because VOD leverages the existing investment in the S11'. · 

A very different application, called streaming media, has emerged with 
lhe Internet. In streaming media, the transfer of video is typically a 1-to-l 
transaction, making it analogous to VOD. However, the Internet environment 
allows the coding format to be specified for each transaction, even allowing a 
software decoder to be downloaded just before it is needed. Moreover, the 
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ubiquitous personal computer now provides enough raw central processing unit 
(CPU) performance and memory to allow lhe decoding to be done without 
special-purpose silicon . These properties make the Internet a perfect incubator 
for new compression algorithms. 

3.3.1 Principles of Video Compression 
There are many excellent texts that describe the principles of digital video 
compression. 5 •7 The reader is referred to these for a more detailed treatment. 

Digital video compression can achieve a dramatic reduction in bit rate; a 
factor of 50:J is quite achievable for entertainment-quality video. There are two 
main reasons for lhis. 

l. A typical video stream contains a tremendous amount of spatial and tern· 
poral redundancy. 

2. The human eye-brain system is relatively insensitive to certain impairments 
in the displayed result. 

In the first case, recall that NTSC video is refreshed 60 times per second (and 
PAL video SO times per second) to avoid the perception of Olcker. There are 
many segments when very little motion has to be conveyed, and one field is 
much like the one before it (temporal redundancy). Fundamentally, ii the 
changes could be sent, rather than completely refreshing the field, lhen a lot of 
data transmission could be saved. 

Second, the human eye-brain system is quite forgiving when it comes lo lhe 
fidelity or video rendition. For example, the eye's rod cells are very sensitive to 
the total intensity of light Oumlnance), whereas the eye's cone cells are less 
sensitive to color differences, particularly for certain shades. The eye ls also less 
sensitive to color (or chrominance) detail. NTSC takes advantage of Ibis to 
dramatically limit the bandwidth of the chrominance (I and Q) signals, as 
explained in Chapter 2. Finally, the eye-brain system is even Jess sensitive to 
detail if there Is significant motion in that part of the scene. 

These discoveries about the human eye-brain system have been researched 
thoroughly and codified into a perceptual model that can be used to reduce 
fidelity in those areas where it is least noticeable while maintaining Cidelity 
where the eye is most discriminating. Nevertheless, much advanced compres­
sion work transcends perceptual modeling, becoming quite empirical. This 
explains the lack of good, objective video-quality measurement techniques 
based on perceptual modeling. 

3.3.2 Coding of Still Images 
We will start by discussing the compression of a still image and then extend the 
model to deal with moving images. Video can be represented as a series of still 



98

80 Cbapter 3 Digitally Compressed Television 

images. In !act, we must periodically code an entire frame as a still image (an 
intracoded frame, or I frame) because this provides the property ol random 
access. An r frame contains all of the information needed to decode the frame 
within the frame itself; it is not dependent on adjacent frames, and it serves as a 
reference for these other frame types. Random access is very important for 
broadcast applications; when the viewer is switching from one·channel to the 
next, it must be possible to reinitialize the decoding process within a short period 
of time (less than a second). 

In both still· and moving-image compression, a number ol key steps are 
commonly applied: 

I. Sampling and preprocessing 

2. Block formation 

3. Transform coding 
4. Quantization 

S. Run-length encoding 

6. Entropy coding 

(Tbis section des<:ribes how the lundamental principles ol compression are imple­
mented by MPEG-2 video compression of a standard-definition TV picture, because 
it is so widely used. Subsequent sections wiU expand the scope to include discus· 
slon ol HDTV, MPEC-4 video, and aitemative approaches to video encoding.) 

Sampling and Preprocessing 

To convert an analog signal to a digital signal, ii is first sampled in time. Tbis can 
be accomplished by multiplying the analog waveform by a train of evenly spaced 
narrow pulses that alternate between zero volts and a constant, convenient 
voltage (for example, I volt) (see Pigure 3.2). The information science theorist 
Harry Nyquist ol Bell Telephone Laboratories proved that ii a signal is sampled 
at least twice as frequently as the maximum signal frequency it contains, it can 
be perfectly recovered with no loss of information.•·• This principle is called the 
Nyquist theorem. Sampled signals are still analog signals, because they can take 
on any value; they are just time quantized. 

Nyquist proved that ii the sampled signal is low-pass fillered, the original 
signal is recovered, with just a delay caused by the propagation time through the 
circuits (see Figure 3.3). 1.f each time sample's strength is then measured (for 
example, with a digital voluneter) and the resulting measurement represented 
by a number of limited precision, the sampled analog signal will be conve.rted 
into a sequence of data (see Figure 3.4). Limited-precision numbers have a fixed 
number ol decimal places. The uncenaimy in precision ol the number is deter­
mined by the value ol its last decimal place. Tbe information to be transmitted is 
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' 

Figure 3.2 Time sampling an analog waveform. 

no longer the original analog signal or its lime-sampled version (which can take 
on any value), but rather another signal that conveys the limited-precision 
numbers describing the strength of the original signal samples. The representa­
tion of the signal by a limited-precision number introduces an error that can 
be considered as a type of noise called quantization noise. The amount of 
quantization noise can be made arbitrarily small by using arbitrarily higher­
precision numbers, but it can never be reduced to zero. 

f '--I-!-1--l -1----+t l---1-t ~t t ~ t~~~±:=:::::-:: 
Figure 3.3 Recovery of a time-sampled waveform. 
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f t I ! t t t t 
Figure 3.4 Quantization of a time-sampled waveform. 
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Video can be sampled in many different ways - ironically, sampling to 
achieve studio-quality transfers also tends to generate the highest data rate and 
is therefore not the best approach for low-bit-rate encoding. However, the 
"cleaner" the video, the better, because any noise in the original signal is 
random, additional information that is not easy to compress. For this reason, it 
.is common practice to low-pass filter the video signals before sampling, in an 
attempt to reduce any high-frequency noise components. Achieving good noise 
reduction without unduly reducing resolution has been a subject of considerable 
research and development among encoder manufacturers. 

As described in the previous chapter, color television is based on tbe discov­
ery that tbe human eye responds to three colors and mixes them 10 produce 
essentially all other colors. Color television requires three signals. The three 
signals start at the camera and end at the picture tube as red, green, and blue. 
ln between.. they can be transformed into other formats that are more convenient 
for processing. In digital television, the color information ls sent as two color 
difference signals, or comp(menrs. The first component, C,,, is the difference 
between the luminance value and blue in that part of the picture. The second 
component, C,, is the difference between the luminance value and red in that pan 
of the picture. Since the human eye is less sensitive to detail in color information 
than in luminance (brightness), the color information can be sent with less detail. 

As mentioned already, to be properly reproduced, an analog signal must be 
sampled at a rate at least twice that of its highest frequency. That theoretically 
minimum rate requires perfect (nonrealizable) filters at the receiving end. To use 
practical filers, an even higher sampling rate is required. The most common 
sampling rates chosen for use in digital television with resolution comparable to 
NTSC are 13.S MHz for the luminance signal and half that rate (6. 75 MHz) for 
each of the two components, for a Lota.I o[ 27 megasamples per second. 

Interestingly, the use of compression allows the program bandwidth and the 
transmitted bandwidth to be very different. A modern television camera for 
NTSC actually produces video frequencies beyond what can be transmitted in 
the 6-MHz broadcast channel. Those frequencies are just thrown away in analog 
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practice. In compressed television, some of them may be used. The 13.5-MHz 
sampling rate supports a luminance bandwidth of 5.75 MHz and supports 
2. 75 MHz in each of the color difference channels. The NTSC technique of 
choosing color axes that favor the human visual system and limiting one to 
0.5 MHz while allowing the other to go to 1.5 MHz is not necessary. Compression 
allows both color difference signals to have the same 2.75-MHz,bandwidth. 

It was determined by experiment that a minimum of eight bits per sample are 
required to minimize visible artifacts due to the quantization of the data. In some 
applications, 10 bits per sample are used. In digital television systems using 27 
megasamples per second and eight bits per sample, uncompressed transmission 
requires 215 Mb/s for the video data. Of course. audio must be digitized as well. 
Using our bandwidth rule of thumb, something over 100 MHz of bandwidth would 
be required. This is not a problem internal to systems that process a single channel 
or for transmission of a few channels over fiber-optic links. However, this kind of 
bandwidth consumption is not feasible for broadcast or for multichannel environ­
ments, where the number of channels is important to subscriber appeal. There is a 
clear need for methods of reducing the bit rate to acceptable levels. 

Because NTSC bas fewer lines (525) and a higher frame rate (29.97), while 
PAL has more lines (625) and a lower frame rate (25), both forms of analog 
video can be conveniently sampled at the same rate to create the basis for a 
worldwide digital video rate hierarchy. 10 Sampling of an analog video source 
according to ITU-T Recommendation BT.601-511 reduces the chrominance data 
rate by sampling at 4:2:2. • The meaning of these numbers is: 

4. The luminance component (Y) is sampled at 13.5 MHz. 

2. The first chrominance component (C,) is sampled at 6.75 MHz. 

2. The second chrominance component (Cb) is sampled at 6. 75 MHz. 

Here. Y, ~.c, are the digital equivalents of the luminance, I, and Q components 
of an aru,iog picture. Just as in the analog case, the color difference signals 
are manipulated to provide the best fidelity where it is most critical for the 
human eye. 

In both NTSC and PAL, the active picture region is 720 pixels wide, but the 
first eight and the last eight are usually ignored, so only the middle 704 pixels are 
encoded. In the vertical direction, after VBl lines are discarded, there are 483 
active lines In an NTSC picture, though only 480 lines are encoded. For PAL, 
depending on the version, there are between 575 and 587 active lines; only 576 
are encoded. 

Orlglnally the numbtr 4 originated as being 4 dmet the color subcarrier frequency-for NTSC 
this i.s 4 x 3.58MHz (or 14.3MHz); however, a sUghtJy lower rate or 13.SMHz was chosen by 
ITO·R BT.601•5 (or compad.billty with PAL. 
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Block Formation 
The next step in the process is 10 represent the video as a two-dimensional array 
of pixels so that it can be processed in the spatial domain. To do this, the digital 
video stream ls deinterlaced and clocked into a frame buffer. {For images with 
bigh•motion content, this can cause a double Jmage because there is movement 
between the two frames. We'll discuss ways 10 deal with tbis problem later; see 
Section 3.3.3, Coding of Moving Images.) 

The frame buffer is divided into blocks typically 8 x 8 pixels because this is a 
convenient size for transform coding (see next subsection). Before this is done, 
however, the chrorninance component is subsampled again, this time in the 
vertical direction, by averaging the samples on adjacent rows in the frame 
buffer. Sampling at 6.75 MHz and then averaging between rows reduces the 
chrominance resolution by a factor of 4 (compared to luminance) . This resolu• 
tion is termed 4:2:0. Therefore, for every four Y (luminance) blocks, there is one 
Cb block and one C, block, as shown in Figure 3.5. (This grouping of blocks is 
called a macroblock in MPEG parlance.) 

The vital siatistics !or siandard-definitioo digital video are summarized in 
Table 3.1. 

Transform Coding 
As discussed in the previous chapter, waveforms that are cyclically repetitive 
can be decomposed into a series of sine and cosine waves of varying amplitudes. 
Equations (3.1), (3.2), and (3.3) display the familiar Fourier series equations 
discussed in the last chapter.12 

00 

f(t) = 0-0 + I;[a. cos(nroot) + b, sin(nroo1)] (to < 1 <to+ T) 
n=I 

Yl Y2 

Y3 Y4 

(a) 

Blue difforenc:e 
block 

Red difference 
block 

[:] [:] 
(b) 

Figu10 3.5 Order of transmission. {al Luminance blocks. {bl Color difference blocks. 

(3.1 ) 
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Table 3.1 Vnal Statistics for Standard-Definition Digital Video 

ITU·T BT.601-.$/MPEG-2 main level NTSC PAL 

Frame rate 29.97HZ 2SHZ 

Sampling rate: 

Luminance 13.SMHa 13.5MHz 

Chrominance 6.?SMH< 6.75MHz 

Samples per line 8S8 864 

Active picture samples 720 720 

Encoded pixels per line 704 720 

Vertical un .. 525 625 

Active lines 483 S7S-587 

Encoded lines 480 S76 

Frame resolution (pixels) 704 X 480 704 X 576 

Total macroblocks per frame 1.320 l,584 

Total blocks per frame 7,920 9,504 

Equation (3.1) is the trigonometric Fourier series representation of time wave­
form f(t) over time interval (r0, r0 + n. The various constants a,. and bn are 
given by 

an 
f.."+T) f(r} cos(nroor)dl 

(3.2) 
t,:•+n cos2(nroor)dr 

and 

bn 
J~r.•n f(t) sin(nroot}dt 

(3.3) 
r,:,+r) sin2(nroor)dl 

If a waveform is not periodic, such as shown in Figure 3.6(a), it is possible to 
define a periodic version, as shown in Figure 3.6(b). 

The Fourier series in Equations (3.1). (3.2), and (3.3) will be valld over the 
interval from time r0 to time t0 + T but incorrect elsewhere. This is not a problem 
if we simply reapply the technique of fonning periodic extensions for each piece 
of the waveform. We can then process the signal one piece at a time and load the 
results in memory. 
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(a) 

(b) 

<, + T r, + 2T 

(c) 

Figuro 3.6 Periodic consuuclion. (a) Nonperiodic waveform. (bl Periodic extension. (cl Symmetric 
periodic extension. 

If a waveform has symmetry about the zero time point, then only cosines are 
needed 10 represent it, and all the bn terms become zero. These cosines occur at 
multiples-or harmonics-of the fundamental repeat frequency of the waveform. 

Figure 3.6(c) shows that the periodic extension technique can be applied in a 
manner that makes the signal symmetric so that its bn terms will become zero. 
Again, the Fourier series is valid over only the Interval from time to to time to+ T 
but incorrect elsewhere. 

The amplitude values of these cosine waves constitute the cosine Fourier 
series representation of the waveform. The Fourier representation simplifies 10 

just Equations (3.4) and (3.5) . .. 
f(t) = 11o + 1)a. cos n6lot) (to<t<to+T) (3.4) 

n=I 
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(3.5) 

We are going to sample the video waveform according . to the Nyquist 
theorem (as discussed in Section 3.3.2). Samples will be taken at more than 
twice the video waveform's highest frequency. Consequently, the video wave• 
form will no longer be continuous. It will exist only at a finite number of discrete 
points in time. Therefore the integrals of Equation (3.S) become simple summa• 
tions because there is only a finite number of sample points to add up rather than 
a continuous set of values to integrate. Since we are dealing with a bandwidth­
limited signal, the summation of Equation (3.4) does not go to infinity, just to the 
highest frequency in the band-limited signal. In this way, the cosine Fourier 
series becomes a discrete cosine transform {DCT). 

A picture is a two-dimensional object. The same principles that applied in 
the borizontal direction of the graph of Figure 3.6(a) can be applied in the 
vertical direction of a picture as well. Instead of the time variable in Figure 
3.6, a distance variable is used. This is equally valid. (Of course, distance along a 
raster-scanned image has a relationship to time!) These principles also apply to 
both directions simultaneously. To apply the OCT, we need a periodic extension 
of the image. This is best done by breaking the image up into smaller blocks. The 
size of block chosen in most digital television applications is 8 picture elements 
(pixels) wide and 8 pixels high. This block can be imagined to repeat in a 
checkerboard pattern so that it is a symmetrical replication from checkerboard 
square to checkerboard square. This allows us to utilize only cosines and avoid 
the sines entirely. However, just as with the time waveform, this OCT will 
be valid only within the chosen block. Each block of !be image will have to be 
handled separately. Again, bandwidth limiting of !be video means that !be image 
details are limited in the number of variations they can make within the block. 
This means that the OCT summations have a fixed maximum number and don't 
have to go to infinity. 

The video samples in two directions are uansformed into a form of spectrum 
by !be two-dimensional OCT of Equations (3.6), (3.7), and (3.8) 13

: 

1 ~ ~ [(2x + l )un] [(2y + I )vn] F(u, v) = 4C(u)C(v) {;., ~f(x,y) cos 
16 

cos 16 (3.6) 

where 

x and y = pixel indices within an 8-by-8 video block 

That is, x and y are the row and column numbers of the block that contains the 
measurements of the picture's brightness at each location in the block. Similarly, 
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u and v are OCT coefficient indices within an 8-by-8 specrrum block. That is, 
u and v are the row and column numbers of the block that contains the 
measurements of the p1c1ure's spectrum at each location in the block. Here, 

I 
C(u) = -Ii for u = 0 and C(u) = 1 for all other values of u (3.7) 

I 
C(v) = -Ii for v = 0 and C(v) = I for aU other values o( v (3.8) 

To summarize, when we take a block 8 pixels wide and 8 pixels high from a 
bandwidth-limited video signal, there are 64 pixels. Each pixel is sampled in 
time. Its amplitude is measured, and the measurement is rounded 10 the nearest 
quantizing level. This quantizes the amplitude to a resolution ol 8 bits (256 
levels). We then have an array of 64 numbers in an 8-by-8 square [see Figure 
3.7(a)). 

llwe apply Equations (3.6) , (3.7] , and (3.8) to this array, we wiU get another 
array ol 64 numbers in 8 rows and 8 columns (see Figure 3.7(b)). This array 
represents the frequency components of the original amplitude array. The ceUs 
in this array contain numbers called the frequency coefficients. The number in 
tbe upper left-hand corner is related to the direct current (de) component, that is, 
the average amplitude across the video square. The cells across the top row are 
the values o( the horizontal frequencies in the block. The cells down the left side 
of the block are the vertical frequencies in the block. The other blocks represent 
frequencies in other directions (see Figure 3.7(c)). 

The Fourier series works in both directions. If we have an amplitude wave­
form, we can convert it into a frequency series. If we have a frequency series, we 
can convert it back to the waveform. Similarly, there is an inverse discrete cosine 
transform [IDCT). which will convert the frequency coefficients array back into 
the amplitude array. Here are the equations for the IDCT14

: 

f( ) - l~~C( )C( )F( ) [(2x + l)wt] [(2y+ l)vn] x,y-4L.,L., u V u,vcos IG cos IG 
u,,.,()1/=0 

(3.9) 

I 
C(x) = -Ii for x = O and C(x) = I for all other values ol x (3 .10) 

1 
C(y) = -/2 for y = 0 and C(y) = I for all other values of y (3.11) 

Applying these equations to the array ol Figure 3.7[b) yields the array of Figure 
3.8, which is recognized as the original amplitude array. This is a lossless 
conversion (to the limits ol computational accuracy) . 
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FiguNI 3.7 OCT 8-by-8 blocks. (al Luminance values. lb) Frequency coefficients after OCT. (c) OCT and 
IOCT transformations. 
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Figura 3.8 Luminance values after IDCT. 

The order of transmlssion of thls information is shown in Figure 3.5. First, 
four blocks or luminance information are sen1. Then one block of each of the two 
color difference signals is sent. The color difference signals come from sampling 
every other location in the luminance array or four blocks. All six of these blocks 
are separately converted by the DCT circuits and separately transmitted 10 the 
receiver. 

Quantization 

Let's review what has been accomplished so far: The video signal bas been lime 
sampled and quantlzed in a manner that gives the values of the luminance and 
color difference components at specific points in the picture. Those luminance 
poims have been organized in10 blocks 8 pixels wide by 8 pixels high. The same 
bas been done for the color difference signals, except every other pixel has been 
skipped to form macroblocks that span 16-by-16 luminance pixels. Then the 
values of these pixels have been converted to frequency values using the DCT in 
a manner that allows the original values 10 be computed again using the IDCT. 
This digitization and conversion by the OCT has not, by itself, done anything 10 

reduce the redundancy of the image. More processing is needed to eliminate 
redundancy." 

The first step in the process is to note that there is a much wider range of 
values in the frequency domain cells than in the original video domain cells. 
Many of the frequency numbers are very small. In order to efficientiy transmit 
the information in the frequency cells, we must reduce the amount of informa­
tion necessary to convey it. It is already sampled and digitized, so the next step is 
to quantize the values in the frequency cells. 
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The transform coefficients represent different frequencies in brightness and 
color. Studies bave shown that the human visual system has differing sensitiv­
ities to this information, depending on the amount of motion, the amount o[ 
detail, and the color of the image. There is a lot more information in this data 
than the human visual system requires for a satisfactory viewing experience. 
Consequently, the values in the cells can be approximated by a smaller set 
o[ values. The actual cell value is compared with the smaller set, and the 
nearest set value is chosen to represent the actual value. This process is another 
quantization mechanism. The cells are quantized differently according to the 
results of the research on human perception. A quantizer matrix is assigned to 
the transform coefficient matrix that prescribes the coarseness of quantization 
for each cell. Predetermined quantizer matrices are built into the system. 
Additionally, specific quantizer matrices can be downloaded as part of the signal 
for special cases. 

Coarser quantization requires fewer bits, and the video matrix consisting of 
64 cells with 8 bits in each row is transformed into 64 cells with fewer total bits. 
A most important result is that many of the high-frequency blocks contain 
coefficients that are so small that they become zero when quantized to a coarse 
scale. Thus the coefficient matrix is loaded with zeros. rn addition, a quantizer 
coefficient is applied to the entire quantizer matrix to adjust its coarseness 
relative to other blocks in the picture. In this way, some areas of the picture 
are assigned more bits than other areas in relation to their Importance 10 the 
image. 

Some of the image's blocks will have little detail and many zeros in their 
coefficient matrices and thus will use few bits. Other blocks will have a great 
deal of detail and relatively few zeros In their coefficient matrices and will 
require many more bits. In this manner, bits are allocated 10 the parts of the 
picture that need them. 

Run Length Encoding 
The order of transmission of the values in the coefficient matrix is very import· 
ant. A process called zigzas sC11nnins is employed. Figure 3.9(a) illustrates this. 
In Figure 3.9(b) , the frequency coefficients from Figure 3.7(b) are ploned as a 
graph in the order scanned in Figure 3.9(a). On Figure 3.9(c), the large direct 
current (de) term is 0 01 plotted so that the relative sizes of the remaining terms 
can be better seen.) The frequency coefficients quickly become small in value as 
the scanning progresses through the block. Most can be rounded to zeros, 
yielding a " run of zeros." Rather than transmit all the zeros, a pair of numbers 
is transmitted. The first number of the pair tells the number of zeros. The second 
number tells the value of tbe cell that terminates the run of zeros. 16 When a 
condition is reached where all the remaining cells have zeros, an end-o[­
block code is sent. Already, the number of bits to be transmitted has been 
significantly reduced. 
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Entropy Coding 
The run length information occurs at a predetermined set of probabilities. Because of 
this, it is possible 10 employ entropy coding. As in Morse code, the most frequently 
occurring patterns are represented with the shortest codes, and lhe less frequently 
occurring patterns are assigned longer codes. This further reduces the number of bilS 
needed to transmit the information. Huffman developed a method of creating such 
compression codes, called Huffman codes, when the probability of the message 
symbols is known. If another language is to be transmitted, another symbol table 
is used. If digitized video is to be transmitted, still another symbol table is applied." 

3.3.3 Coding of Moving Images 
Now that we have completed the discussion of the compression of a still image 
(intra{rame coding), we can extend the model to deal with moving images 
(interframe roding). Still-image compression ratios of 8:1 can typically be 
achieved with these techniques, but we still have a long way to go to reach a 
50:1 ratio. Fortunately, all of the same principles we applied to a still image 
(transform coding, quantization, run length encoding, Huflman coding) can also 
be applied to the differences between one frame and the next. Two techniques 
are often used in conjunction in intraframe coding: 

I. Calculate the difference between a macroblock in one frame and another 
(picrure differencing). 

2. Attempt to find the best match between a macroblock in one frame and that 
macroblock in another frame and transmit the motion vector (motion com• 
pensation) . 

Picture differencing breaks down if there is significanJ motion in the image. lf you 
imagine a typical scene where the camera is panned across a scene, there are unlikely 
to be many similarities berween a macroblock in one frame and that macroblock in 
the subsequent frame. The same is true for moving objects within the scene. 

Motion compensation attempts to lfnd where each macroblock has "moved" 
between frames, but it is unlikely that an exact match will be found, due to 
distortion caused by perspective and lighting changes. So when the best match is 
found, picture dlf/erencing is used to send the changes in the macroblock along 
with its new pasilion. 

Both of these techniques are used in conjunction in efficient video compres• 
sion algorithms (such as MPECJ . 

Picture Differencing 
In successive frames of video, each frame is typicaUy very similar to the previous 
frame. If we take the limiting case of video of a still image, say, a landscape with 
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no activity, there are no differences between frames. Sending one frame tells all. 
Succeeding frames simply can be repeated from the receiver's memory. 

Figure 3.10 shows how the encoder can avoid sending the same frame 
repeatedly. When the equipment is turned on, all picture memories are empty. 
The first frame is sampled, and the OCT processor creates the frequency coeffi­
cient matrices for the luminance and color blocks of the picture and sends them 
to the IDCT decoder at lhe receiver site and to a local IDCT decoder. The local 
decoder produces the same image that will exist at the receiver. This image is 
then compared to the contems of the previous picture memory. Since there was 
no previous picture, the previous picture memory is empty, and there is nothing 
to add or subtract. The entire decoded picture is loaded Into the picture memory. 
When the second frame is sampled, the previous picture is subtracted from it. 
Since they are identical, the subtracter produces zero values, the resulting 
coefficient matrix is all zeros. and the previous picture is unchanged. The 
process repeats itself, with no differences being transmitted to the receiver. 

Figure 3.11 displays the decoder. Initially, its picture memories are empty. 
When the first frame's coefficient matrix arrives, it is decoded in the IDCT unit. 
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Flgu1t 3.12 Differential uansmission. (a) Original image. {bl Modified image. tel Difference. 

This is presented !or display and for storage in the picture memory. At the time 
of the next frame, a zero coefficient mauix arrives. Nothing is added to the 
previous picture memory, and its contents are presented for display and are 
reloaded into the picture memory. 

Watching a st.ill picture on television, for example, the landscape image, 
shown in Figure 3.12(a), is not very interesting. Now let's assume that the 
picture changes because an airplane enters the picture (see Figure 3.1 Z(b)). After 
the encoder subtracts the previous picture from the new picture, only macro· 
blocks containing the image of the airplane have changed (see Figure 3.l2(c)). 
These macroblocks may be encoded as differences from the previous picture, 
and a new coefficient matrix is transmitted to the receive site and the local 
decoder. (Note that the encoder may choose to intracode the macroblocks.) At 
the decoder, the coefficient matrix of the airplane is received and added 10 the 
previous landscape stored in the previous picture memory. It is presented for 
display and stored io the picture memory. 

Two kinds of coefficient matrices have been transmitted in our example. The 
first coefficient matrix was a complete picture. called an intralrame (/ frame). 
and all macroblocks are intracoded, or rwnpredicted. The next frame contained 
information used to predict the contents of the picture memory !or display; it is 
called a P frame. (Note that a P frame actually contains a mix of predicted 
macroblocks and nonpredicted macroblocks.) 

in a perfect world, we'd need just one I frame and all the rest could be 
P frames. There are a couple of reasons why this is insufficient. First, if the 
viewer missed the I frame while "surfing" channels, be or she would not get a 
correct image. In our example, the viewer might get just the airplane and not the 
landscape! A second problem is that there are imperfections and distortions that 
accumulate. ft is imponant to reset the process every so often to limit the 
propagation of errors. So I frames are sent several times a second to allow 
channel surfers to have a starting point and to limit the propagation of errors. 
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c23 

Motion Compensation 

Motion compensation can be employed to significantly reduce the redundancy 
even further. For example, ln Figure 3.13(a) and (b). we note that the image of 
the airplane is tbe same in all appearances. It is redundant to have to 
retransmit the airplane; once should be sufficient! It should be adequate to simply 
convey an instruction to move the airplane to the new position. Of course, it is not 
that simple. 

Motion compensation is based on the observation that much of the motion 
ln images consists of a displacement of an element of the image. Motion com­
pensation takes each macroblock and compares it with all possible macroblocks 
formed by making horizontal and/or vertical displacements in small increments 
(typically half-pixel) . When the best fit is found, instructions are conveyed to the 
receiver to work with the contents of the macroblock and, when done, to 
relocate them to their new position with a motion vector. In our example, the 
encoder motion compensation would determine that the airplane has simply 
been moved horizontally. Instructions to the receiver would tell it to take the 
contents of a number of blocks in memory and move them to other locations that 
are some number of pixels displaced horizontally and vertically. 

The motion compensation algorithm will usually find that the macroblock 
match is not perfect, and so it encodes any changes and transmits them witb 
the motion vector. In our example, if the airplane made a slight rotation, simply 
moving it horizontally and vertically would not be enough. The dillerence 
between its previous pixels and its new pixels would be encoded. 1n most cases, 
this would be just a small fraction of the total pixels. Most would be unchanged. 
The resulting instructions to the receiver include taking blocks from memory, 
modifying them slightly, and then relocating them. When they are relocated, 

0 
(•J (b) 

Figure 3.13 More complex motion. l•I Further modffied image. I bl Differences. 
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pans will overlay other blocks, and pans will be covered by other blocks. That 
information must be conveyed as well. Holes in the image will be created. They 
must be filled. The various pans of the Image may move in different directions 
by different amounts. The motion compensation process can be very sophisti· 
cated to aggressively reduce the amount of information that needs to be trans· 
mitted (see Figure 3.14). Areas in the preceding frame of Figure ·3.14 are found 
that best match the areas in the cun-ent frame. These are transmitted along 
with instructions for their new position and the differences needed to update 
them. This minimizes the amount of information that must be conveyed to the 
receiver. 

Motion compensation makes the encoder much more complex than 
the decoder, which is acceptable because there are many more decoding 

A.reas in prectding frame that most closely 
match corresponding areas in cuaem rrame 

FiguN 3.14 Motion compensation. 

PrecedJJ\8 !tame 

Currem frJ.me 
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sites than encoding sites. Since motion compensation is done at the encoder, 
viewers wiU enjoy improved results with their exlsting decoders as encoder 
motion compensation technology advances. The goal ls to make receivers 
inexpensive. 

8 Frames and Groups of Pictures 
Consider the airplane and landscape example shown in Figure 3.15. Five loca• 
rions of the airplane occur. When the airplane moves from one position to 
another, it uncovers a piece of sky, which is present in subsequent images. lf 
we bad one of the subsequent images already in memory, for example, Figure 
3.JS(c), we could take the piece of sky needed from a "future" image. We could 
"predict backward" in time. The ability 10 predict both forward and backward in 
time is possible if we introduce a slight delay in the transmission and add 
memory 10 the receiver for more than one frame of video. The frames that allow 
bidirectional prediction are called B frames. Although they add cost lO the 
decoder, they increase transmission efficiency. The trade•o({ in cost and com• 
plexily ls governed by the cost of the memory. The cost of memory bas come 
down substantially, so B frames are a worthwhile investment because band• 
width is the ultimate scarce resource. 

We have defined three kinds of pictures: I frames, P frames (or predicted 
frames) , and B frames (or bidirectionally predicted frames)'. They are clus­
tered into a group of pictures (GOP} (see Figure 3.16). In Figure 3.J6(a). the 
frames are presented in the order in which they are displayed. In order 10 
minimize receiver complexity, they need to be transmitted in the order shown 
in Figure 3.16(b). In a sophisticated encoder, the GOP flow is interrupted at a 
scene change, and an I frame ls transmitted (recall that an I frame contains all 
of the information needed to decode the frame within the frame itself and thus 
is not dependent on adjacent frames) . However, I frames require much more 
data than other frames (a ratio of 5:3:1 for 1:P:B frame size is typical). There• 
fore, the flow of data is very uneven, and the decoder must have a buffer of 
sufficient size to even out the flow. 

Field-Based Prediction 
All of the discussion so far has dealt with video as a sequence of frames. If the 
source material is generated by interlace scanning (as is the case with most video 
material}, each frame is actually composed of two fields separated in time by 
the field period. For scenes with relatively little motion, the "double image" is 

More rorreclly. but less oom.moo1y, these are known as/ piaures, P picrures, and 8 plcrures. The 
frame terminology probably got staned because MPEG was originally designed to code pu.rtly 
frame,bas«l mate-rial and seems to have stuck. 
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Figure3.15 Motion compensation example. 

not a problem and pure [rame-based encoding may produce acceptable results. 
However, when there is rapid motion, the motion compensation algorit:hm needs 
to adaptively move into its field-based mode. The decision to code the field or 
the frame can be made at the macroblock level. 
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Figure 3.18 Order of transmission and display ol I, P, and S frames. (al Frame type and display order. 
lb) Frame type and transmission order. 

II the field is coded, the values for the block are taken from alternate lines in 
the frame buffer-essentially reconstructing the field, After OCT, the coefficients 
for field I are sent, followed by those for field 2 for that macroblock. Picture 
differences and motion compensation for the block can reference either of the 
two fields in the preceding or succeeding frames. 

Obviously, adaptive field/lrarne•based coding represents a considerable 
increase in complexity at the encoder and decoder, but it is essential to provide 
good results for interlaced material at moderate bit rates. 

3.3.4 Digital Artifacts 
Since each block of the image is treated separately, it is easy to appreciate that 
there may be differences in decoded video at the boundaries of the blocks. 
Techniques exist for smoothing over these boundaries. A digitally compressed 
image with inadequate data will occasionally display the boundaries of the 
blocks. This is called blocking Mlse. 18 
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Recall that lhe 8•by-8 OCT and IDCT perform lossless conversion between 
the video and frequency space representations to the limits of computational 
precision. However, once the coefficients are quantized, the lossless nature of 
the computations is abandoned. Some distortion is introduced. If the distortion 
is minor, it might no! be noticeable. Bui even if it is noticeable, it might not 
be objectionable; it may just blend in and get lost. However, under some 
circumstances, sharp edges will yield auenuated ripples. This is called the Gibbs 
phenomerwn, after the mathematician who studied II. 

U a sharp point exists in the image, the Gibbs phenomenon will exist in two 
dimensions. The resulting image distortion bas been called mosquito noise or the 
attack of 1he killer bees. This artifact appears as a cluster of mosquitoes or kiUer 
bees surrounding the sharp point in the image. If a sharp edge exists in the 
image, ripples may precede and foUow it. 

3.3.5 Information Carried In the Vertical Blanking Interval 
The astute reader will have noticed that only the active video lines in the NTSC 
signal are encoded. Clearly, there are several information fields normally carried 
in the vertical blanking interval (VB!), which would not make it to the television 
receiver: 

1. Closed captioning, carried in line 21 , field I 19 

2. Nielsen source identification (SID) automated measurement of lineups (AMOL) 

3. Teletext 

4. VBI time code (VITC) 

5. Vertical interval 1es1 signals (VITS) 

Two SCTE standards20.21 have been developed to encode these lines and insert 
them Into the digital bitstream for carriage to the STT. Since the VB! informa­
tion is considered Inseparable lrom the video itself, ii is carried in the video 
elementary stream by the picture user data field specifically designated for 
this purpose (see MPEC-2 Transport discussion later). After the video is de• 
coded, the picture user data is used to reconstruct the VBI data, and it is inserted 
into the NTSC output signal by the NTSC encoder. In this way, backward 
compatibility is maintained with the instaUed base of analog televisions, which 
expect to see closed caption information in the VBI of !he baseband analog 
signal. 

Digital television has its own standard for closed captioning, specified by 
EIA-708," which includes additional features above and beyond EIA·608, such 
as popup windows, extended characters sets, and the like. The FCC imposed a 
deadline of July 2002 to include EIA•708•compliant closed captions in digital 
television transmissions. 
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3.3.6 High-Definition Television 
The discussion of digilal video compression so far has focused on standard­
definition television signals. The principles apply equally well to high-definition 
television, except that picture resolution and bit rates are increased considerably. 

Sampling 

HDTV has two main variants-a 720-line progressively scanned system (720p) 
and a 1080-line interlace scanned system (1080i). Tbe latter is based on the 
SMPTE 240M standard for 1125/60-line HDTV production systems. 2~ Sampling 
parameters for the two systems is shown in Table 3.2 (standard-definition 
television is included for comparison). 

A 10801 picture has six limes as many active pixels as a standard-definition 
picture, and hence the raw Information rate is increased by a factor of 6. The 
development of high-definition encoders bas provided a significant challenge to 
chip manufacturers, a challenge that has been met by a combination of parallel 
processing and higher clock rates, made possible by the reduction in integrated 
circuit line widths. 

Block formation 
Although the picture resolution is higher, the block size remains the same: there are 
just more blocks per picture. In adclilion, macroblocks are formed lo the same way. 
Standard-definltion television uses the MPEG·2 main profile at main level (MP@ML), 
while high-definition television uses the MPEG-2 main profile at high level 
(MP@HL). (see Section 3.3.7). The SCTE has defined the allowed set of resolutions 
and frame rates that are supported by cable systems as shown in Table 3.3. 

3.3.7 MPEG Standards 
Tbe Motion Picture Experts Group (MPEG) of the Geneva-based International 
Standards Organization (ISO) has been active lo video compression standards since 
the early 1990s. All MPEG standards are based on a set of principles that have 
allowed tremendous innovation while maintaining an interoperable standard. 

Table3.2 Standardized Video Input Formats (from [26), used with permission) 

Vldoo standard 

IT\J·R BT.60 t-S 

SMPTE 2%M" 

SMPTE 274M25 

Aaive lines 

483 

720 

1,080 

Active samples/line· 

720 

1.280 

1,920 
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Table 3.3 Compression Format Constraints for Dig~al Video (from SCTE 43 200126 used with pennission) 

Verckal 
resolution HoriZDn.tal resolution Aspect ra(Wll. Frame rateb Progmsive sequence< 

1,080 1,920 1, 3 I, 2, 4, 5 

1,080 1,920 I. 3 4,5 0 

1,080 1,440 3 1.2.4,5 l 

1,080 1,440 3 4, 5 0 

720 1,280 I. 3 l, 2, 4, 5, 7, 8 

480 720 2,3 1. 2, 4, 5, 7, 8 

480 720 2,3 4, 5 0 

480 704 2,3 l. 2, 4, s, 7, 8 I 

480 704 2, 3 4, S 0 

480 640 1, 2 1, 2, 4. s. 7, 8 

480 640 I, 2 4, S 0 

480 544 2 I 

480 544 2 4 0 

480 528 2 1 I 

480 528 2 4 0 

480 352 2 

480 352 2 4 0 

MPF.C-Z coded values: 
• I = square pixels; 2 = 4:3; 3 • 16: 9. 
• I = 23.976Hz; 2 = 24Hz; 3 ~ 25Hz; 4 = 29.97 Hz; S = 30 Hz; 6 = SO Hz; 7 = 59.94Hz; 8 = 60Hz. 
e O = interlaced scan; I s; progressive scan. 

• MPEG standards do not specify the operation of the encoder, only Iha! of a 
reference decoder and the syntax of the bilstream tha1 it expects. This allows 
encoder implementalions to improve over time, for example, as better 
motion compensation search algorithms are developed. 

• MPEG slandards are a loolbox approach - various features are added from 
one "profile" to another, each Wgher profile adding complexity and efficiency. 

MPEG-1 
MPEG-1,27 which was standardized in November 1992, introduced efficienl 
coding for frame-based (progressively scanned) malerial based on OCT coding 
of 8 by 8 blocks. MPEG-1 is based on the intralrame coding principles from JPEG, 
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but it adds interframe coding techniques, including motion compensation and 
the associated dlfference pictures, the so-called P and B frames. MPEG-1 sup­
ports only low resolutions (352 x 240), which is insufficient for entertainment· 
quality video. (However, It was quickly extended to higher resolutions. for 
e.,xample, the Full Service Network28 used so-called "MPEG-1.S-' a,t a resolution 
of 352 x 480. DirecTV also launched with MPEG· 1 at higher resolution, sub· 
sequently migrating to MPEG-2 before the transport packet structure was final• 
ized.) Although MPEG-1 works well for progressively scanned material (for 
example, film), it requires high bit rates [6Mbps or greater) to compress NTSC 
video. This is primarily because MPEG·l does not support field-based coding. 

MPEG-2 
MPEG-2 was standardized in November 1994. MPEG·2 adds support for adaptive 
field/frame coding, which is particularly for encoding interlaced material with 
high motion content (for example, sports). (MPEG-3 was originally targeted at 
HDTV, but it was abandoned when lt became apparent that MPEG-2 was easily 
extendable to support HDTV.) 

MPEG-2 has been a tremendously successful standard. It has been adopted 
by the television and cable industries worldwide and also by DVD. MPEG-2 
provides a toolbox comprising a collection ol image-processing components; a 
specific application uses appropriate portions ol the standard. Table 3.4 sum• 
marlzes the profiles and levels defined by the MPEG-2 standard (some levels and 
profiles have been omitted for clarity). The "level" describes the amount of 
video resolution. The "profile" describes tbe principal featUies ol that collection 
of components. The general-purpose profile is called the main profile. The 
simple profile drops the B frames and simplifies the decoder by reducing the 

Table 3.4 MPEG-2 Levels and Profiles (Subset) 

Level 

High 

Main 

Low 

Piccures 
Sampling 

Resolution 
Frame rate 

Resolution 
Frame rate 
Resolution 
Frame rate 

Resolution 
frame rate 

Simple 
I, p 

4:2:0 

720 X 480 
29.97 lps 
720x 576 
ZS fps 

Main 
1, P, 8 
4:2:0 

t920 x 1152 
60fps 

720 x480 
29.97fps 
720 X 576 
ZS fps 

352 X 288 
30fps 

Profile 

High 
/, P, 8 

4:Z:0 or 4:2:Z 

1920 X 1152 
60fps 

720 x 4S0 
29.97 fps 
720x 576 
ZSfps 

4:Z:Z (studio) 
I. P, 8 
4:Z:Z 

720 X 512 
29.97 lps 
720x 608 
2S fps 
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memory and processing required. The trade-off is that the bit rate generally goes 
up. Standard-definition television uses the main profile at main level (MP@ML), 
while HDTV uses the main profile at high level (MP@HL). although there is a 
separate high profile designed with HDTV in mind. In addition, a 4:2:2 profile is 
defined for studio use. 

MPEG-4 
MPEG-4 was originally focused on "very-low-bit-rate coding" [as described in 
the 1993 Rfl), but was changed the following year to "coding of audiovisual 
objects." MPEC-4 is very different in focus from previous MPEC standards, in 
that it focuses on multimedia and interactivity. Visual scenes are broken down 
into objects and sent as separate layers, which are composed at the decoder. 

MPEG-4 also introduces some innovative techniques for very-low-bit-rate 
coding. These include mapping of images onto a computer-generated mesh -it 
is possible to map facial expressions and send them independently from a 
person's image and then reconstruct the animated lace at the receiver. 

Most of MPEC-4 is not intended for entertainment-quality video and is not 
very relevant to the cable industry. However. MPEG-4 Part 10, Advanced Video 
Coding, is a new standard for entertainment-quality video that offers signifi­
cantly lower bit rates than MPEC-2. 

MPEG-4 Part 10, Advanced Video Coding /AVCJ 
MPEG-4 Part 10 was completed in March 2003. It was developed by the Joint 
Video Teain (JVT), a joint effort of the ITU-T Video Coding Experts Croup 
[VCEG) and MPEC. It is also known as H.26L. 

MPEC-4 A VC adds improvements 10 DC and AC prediction, sprite coding, 
error resiliency coding, nonlinear de quantization. and has more accurate 
motion compensation (quarter-pel over MPEG-2's haU-pel). MPEC-4 /1.VC also 
uses spa1ial prediction [or intraframe coding to reduce the size of I frames. The 
basic spatial transform is an integer transform (an approximation of the OCT) 
that operates on a smaUer, 4 x 4 pixel block. To improve motion compensation 
efficiency, MPEG-4 AVC adaptively uses different block sizes (4 x 4, 8 x 4, 
4 x 8, 8 x 8, 16 x 8, 8 x 16, or 16 x 16) and multiple reference frames. Finally. 
postfiltering of the image is much more sophisticated, to help reduce blocking 
artifacts, and includes a deblocking filter in the prediction loop. 

Just how much b<?tter is MPEG-4 AVC than MPEG-2? It is still 100 early to say 
at the time of this writing, but substantial improvements in coding efficiency are 
already beiog demonstrated by MPEG-4 AVC implementations. As.with MPEG-2, 
we expect to see an improvement in coding efficiency over time. For example, 
from the MPEG-2 curve shown in Figure 3.17, it ls apparent that MPEC-2 has 
almost reached the limitations o[ the [uodamental principles upon which it is 
based. Bit rates much below 2 Mbps for entertainment-quality video do 001 seem 
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F",gure 3.17 MPEG-4 AVC versus MPEG-2 bit-rate. (Courtesy of Harmonic Inc.) 

likely. In contrast, MPEG-4 AVC shows the potential to be at least twice as 
elficient as MPEG-2 for the same perceptual quality. 

However, there are significant issues or backward compatibility that 
prevent cable operators from adopting of MPEG-4 AVC. attractive as it may 
be from the point or view of bandwidth efficiency. SCTE digital 
television s1andards are based on MPEG·2 video compression. Moreover, a 
migration 10 MPEG-4 A VC would necessitate the wholesale replacement 
or tens of millions or decoders. Since video on demand is not currently subject 
to SCTE standards. ii could employ MPEG-4 AVC to achieve more VOD streams 
per QAM channel, but at the cost of a new STT per VOD household. 

MPEG-4 A VC is being seriously considered for high-definition DVD9 by lbe DVD 
forum. DVD9 is a single-sided, dual-layer DVD format wilh a total capacity of 8.5 
GB. Toshiba demonstrated storage of approximately 135 minutes of high-definition 
video using MPEG-4 AVC encoding at 7 Mbps at the 2003 Consumer Electronics 
$bow. 

The issues or backward compatibility do not affect MPEG-4 AVC adoption in 
the Internet environment. Several software decoders were already available at 
the time of writing, and Apple has adopted MPEG·4 A VC as lbe core for Quick­
Time. Internet streaming media will probably enjoy a considerable advantage in 



125

3.3 Digital Video Compression 107 

coding efficiency over broadcast television services (cable, satellile, and terres­
trial broadcast). 

3.3.8 Other Approaches to Video Compression 
A variety of other approaches to compression exist besides the discrete cosine 
transform. The DCT has enjoyed the most attention because it is based on the 
Fourier transform, which has been studied more than any other transform. The 
Fourier transform has other broad applicability to the study of spectra and signal 
analysis. It has received extensive funding in research on radar, sonar, and deep­
space signal analysis. Efficient computational methods have been developed 10 
apply it. Custom-designed integrated circuits have been constructed to imple-­
mem very fast conversion of waveforms 10 spectra, and vice versa. The OCT is a 
natural starting point for video compression. 

Other approaches will continue to be studied and may at some point close the 
gap that currently exislS between OCT-based and other compression 1ecbniques. 
Efficienl software and hardware may develop for these olher approaches, and 
eventually the OCT may be displaced. We will summarize lhree alternatives -
wavelets, fractals, and vector quantization- that have aU been around for a 
considerable time but have not seriously challenged OCT-based approaches. 

There will continue to be further advances in video compression (like MPEG-4 
A VC). 11 is therefore impor1an1 to avoid building regulatory or other mechanisms 
Iha! will stand in the way of implementing advancing technology. The recent 
history of 1he personal computer industry has shown !hat lhe marketplace will 
tolerate some degree of difficulty with interoperability and compatibility if the 
technical advances are substantial. This comes at a heavy 1011 in consumer 
frustration and sometimes anger. However, the old model of rigid compatibility 
may fall lo the rapid advance of technology. In lhe ead, the marketplace decides. 

Wavelet 
Wavelet transforms appear to be more "scalable" than other techniques. That is, 
they have the ability to serve a low-resolution display and then, wilh little waste of 
what has been transmitted, add more and more detail. A low-resolution display is 
able to use simpler circuits to extract what is needed, whereas a higher-resolution 
display can support the cost of more complex circuits and extract more informa• 
tion £ram the signal. A special class of filters is used to implement wavelets. As 
more research is done, more cost-elfective implementations will become available. 

Fractal 
Briefly, fractals are equations that describe images. They may be the most 
efficient compression method, representing lhe most complex images with the 
least data. The challenge with fractals has been in finding the equations. 
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Vector Quantization 

Vector quantization involves approximating the image out of a prestored table of 
image elements (sometimes called stamps). This .. library" is used to build up the 
image. Choosing the elements to place in the library is critical to the success of 
vector quantization. Simpler images place lower demands on the·Library; images 
that are more complex are more challenging. 

3.4 Digital Audio Compression 

The human auditory system is considerably less tolerant of imperfections than 
the human visual system. Compression of quality audio is much more difficult 
than the compression of video. Compression ratios of only 4:1 or 8:1 are 
achieved in audio, whereas video enjoys compression ratios of 30;1 or 50:J. 
Fortunately, the audio bandwidths are small, and the resulting data rates are not 
too burdensome. 29 

Two major competitive methods of audio compression are in widespread 
use In digital television systems: MPEG-1 Layer 2 and Dolby AC-3. Much of 
Europe and the U.S. DSS satellite system have chosen MPEG· l Layer 2, whereas 
the U.S. cable industry and the U.S. broadcast standards use AC-3. DVD uses 
Dolby AC·3 for 60-Hz systems (mosOy U.S. and Japanese). Some DVDs (digital 
video discs) use MPEG-2 audio, but only the backward-compatible mode to 
MPEG-1 Layer 2, for SO·Hz scanning systems (mostly European). 

A third method, MPEG· l Layer 3, has become extremely popular for audio-only 
applications, and is generally known by its Windows file-extension name, '·MP3.·· 

3A.1 Principles of Audio Compression 
As with video, compression is achieved by the quantization of the frequency 
components of the signal. 

The ear is extraordinarily sensitive to certain impairments in the audio 
signal, and spectral Oatness is very important. Nevertheless, the ear is most 
sensitive to frequencies between 2 kHz and 5 kHz, and sensitivity drops quite 
rapidly above and below these frequencies. In fact, at SO Hz and 17 kHz the 
sensitivity of the ear is about 50 dB lower than at 3 kHz. 

Another effect of the psychoacoustic system Is audio masking. A louder 
sound will mask a quieter one, especially if they are close in frequency. (This 
effect causes the white noise of the air conditioning fan in a hotel room to·mask 
sounds from outside the room as long as they are not too loud.) The phenom­
enon is quite complex and very nonlinear. IL is more effective when the quieter 
sound to be suppressed is higher in frequency than the louder sound. The extent 
to which a louder sound masks a quieter sound Is called the psychoocoustic 
rruiskins threshbld. Perceptual coding takes advantage of this masking effect. 
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Figure 3.1830 shows a high-level block diagram of an audio encoder-decoder 
pair. In the encoder, an analysis filter bank divides the input signal into narrow 
frequency bands, each of which may then be quantized and coded indepen­
dently. The perceptual model adjusts the quantization level of each band such 
that quantization noise is ideally just below the masking threshold. The resultant 
bitstream is encoded and transmitted over a data link to the 'decoder. At the 
decoder, the inverse functions are applied to reconstruct the audio signal for 
playback to the listener. 

Here are the main steps in the audio compression process. 

I. Sampling and preprocessing 

2. Sub-band coding 
3. Transform coding (optional) 
4. Quantization according to psychoacoustic masking lhreshold 

5. Multichannel bit allocation (optional) 

6. Huffman coding 

Entertainment-quality audio is generally sampled at 48 kHz. wilh quantization to 
16, 18, 20, or 24 bits per sample. (Compact discs are the exception, with 
44.1 kHz-sampling at 16-bit quantization.) 

Sub-band coding divides the audio spectrum into narrow frequency bands and 
codes each sub-band separately. The advantage oi this approach is the quantiza• 
tion of each sub-band can be set independently according to (a) the sensitivity of 
the ear at that [requency and (bl tlte masking effect of signals in adjacent sub­
bands. More advanced audio coding systems may use transform coding in con­
junction wilh sub-band coding or to completely replace sub-band coding. 

AnaJysis Quantization Bitstream 
FOter 8.lnk and Coding Encoding 

Perceptual 
Model 

Bitstream Inverse Synthesis Audio 
Decoding Quaoti.z.a1ion Filcer Ban.k output 

Figure 3.18 Audio Encoding and Decoding. 
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As each channel is coded, bits are dynamically allocated between sub-bands 
to achieve the best fidelity for a given bit rate. Huffman coding is used to code 
frequently quantized values in the same way as for DCT coefficients in video 
coding. 

For multichannel audio, there is often redundancy between channels that 
can be exploited by multichannel bit allocation schemes. In particular, the ear 
locates sound sources better at some frequencies; outside of these frequency 
ranges two channels can be "bridged" together. 

There are many excellent texts that discuss audio compression in more 
detail."·" 

3.4.2 AC-3 (Dolby Digital) 
The AC-3 system has 5.1 channels of audio: front left, front right, center, 
surround left, surround right, and low-frequency enhancement (LFE). The band• 
width of the channels is around 20 kHz, with the exception of the LFE channel, 
which is limited to 120 Hz. This gives rise to the" .1 '' of the 5.1 channels. Since 
low-frequency sounds are not localized, only one speaker is needed for the low 
frequencies, and ii can carry the low frequencies of all the channels. Addition· 
ally, the LFE speaker (popularly known as a "subwoofer") can be placed almost 
anywhere in the room. 

Audio is compressed by first converting it to digital form with a sampling rate 
of 48 kHz. The audio is then segmented into frames of samples 1,536 samples 
long. The analog audio is quantized 10 at least JC,.bit resolution. The frame is 
divided into six 512-sample blocks. Since the human auditory system is so sensi· 
tive to imperfections, half of the samples in each block overlap half of the samples 
from the adjacent blocks. That is, there is a 25 % overlap with the preceding block 
and a 25% overlap with the following block. The sensitivity of the human 
auditory system to discontinuities requires doubling the number of transmilted 
samples! The samples are windowed; that ls, the set of samples is multiplied by 
a weighting function that tapers the amplitude of the samples at the beginning 
and al the end of the sample set. The receiver blends the ending tail from one 
set with the beginning tail from the next set to avoid sudden changes or clicks 
or pops. 

The audio samples are transformed into the frequency domain as a set of 
spectral data points using a modilied version of the discrete cosine transform 
called the rime divisibn aliasing cancellation (TDAC) transfonn. Its special 
properties allow recovery from the need to have block overlap that would 
otherwise generate twice as many frequency coefficients. The result is tMt the 
512 sarnples of an audio block yield only half as many, 256, lrequency coeffi­
cients. These frequency coefficients divide the audio spectrum into 256 sub• 
bands of less than 100 Hz each. Up to this point, the processing of the digital 
samples is fully reversible, and only digitization has been accomplished. Com• 
pressioo bas not yet been achieved. 
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Data compression is achieved by quantization and entropy coding. The psy· 
choacoustic model diClates the degree of coarseness that can be accepted in the 
quantization of the audio spectrum data. The frequency coefficients are transmitted 
in the mathematical format known as scientific notation. A basic number Is multi· 
plied by an exponent. The basic number is called the mantissa. The same exponent 
generally applies to several adjacent blocks of samples, and data transmission can 
be reduced by taking advantage of this. Only changes are conveyed. Extensive 
techniques exist for reducing the amount of data that must be transmitted. The 
optimum bit rate for 5.1 •channel Dolby AC-3 Is 384 kb/s, although other rates are 
possible, yielding varying qualities of the resulting decoded audio signals. 

AC·3 provides two imponant features to manage audio level and dynamic 
range at playback. 

Dialog normalization: A subjective loudness of the dialog is explicitly coded 
in the AC-3 bitstream to allow balance to be achieved from one program 
segment to another. This is necessary because the level of the dialog may 
vary greatly between, for example, a movie and a commercial. 

Dynamic range description: The dynamic range of the playback may also be 
adjusted at playback. This allows a listener with a home theater to enjoy the 
full dynamic range of a movie whlle also allowing the same movie to be 
enjoyed on a television with a small speaker. 

Finally, AC-3 also defines an audio frame structure, which includes a method 
for synchronization and CRC-16 error detection codes. If an error is detected in the 
bitstream, the decoder will mute the audio and attempt to resynchronize. AC-3 
was selected as the audio standard by the Advanced Television Systems Commit­
tee (ATSC) Digital Television Standard.33 It is also specified by the standards for 
digital cable systems of the Society of Telecommunications Engineers (SCTE). 

3.4.3 MPEG Audio 

MPEG-1 Audio 
MPEG-1 audio" coding defines three layers, which are the audio equivalent or 
video profiles. Each layer adds complexity but reduces bit rate. MPEG-1 audio 
was originally based on principles from the MUSJCAM {masking•panem adapted 
universal sub-band integrated coding and multiplexing) system. 

MPEG· l layer 2 is commonly used in satellite applications and in European 
broadcast applications. It uses 32 sub-bands (using quadrature mirror filtering) 
and codes entenainmeot•quality music at 128 Kbps per channel. 

MPEG-1 layer 3 further subdivides the 32 sub-bands of layer 2 into 576 
sub-bands by using a frequency transform (modified discrete cosine transform) . 
It can provide about the same quality as MPEC-1 layer 2 using only 64 Kbps per 
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channel. MPEG-1 layer 3 is better known as "MP3" (from the file extension .mp3) 
and has become the de facto audio encoding algorithm used for "ripping" CDs and 
sharing them on the Internet MP3 is also widely used in portable music players. 

MPEG-2 Audio 

MPEG-2 audio has two main variants: backward-compatible audio" and advanced 
audio coding (MC).36 Backward-compatible audio adds support for 5.1 multi­
channel audio while maintaining bitst:ream compatibility with MPEG-1. AAC is a 
second-generation algorithm that provides a considerable increase in coding e/1i­
ciency over MPEG-1 audio. Good results are obtained at 64 Kbps per channel. AAC 
is also very flexible, providing up 10 48 channels of audio, 16 low-frequency effects 
channels, 16 overdub/multilingual channels, and 16 data streams. 

3.5 Digital Audio-Video Transport 

So far, the discussion has covered bow we take iadividual video feeds and audio 
(eeds and convert them into "elementary streams,·· which are their compressed 
digital bitstream equivalents. The next step is to combine these elementary 
streams into a 1ranspor1 stream with some kind of structure so that an STT can 
select and decode the digital bitstreams according to our familiar program 
paradigm for broadcast television. 

Time division multiplexing (TDM) allows multiple lower-rate bitstreams to be 
combined to form a single higher-rate bitstream. However, familiar TOM methods 
used for telephony (for example, SONET) are designed to carry many channels 
that are all exactly Uie same rate. These would not be suitable (or video and audio 
elementary streams with arbitrary, and possibly variable, transmission rates. 

An approach more like asynchronous transfer mode (ATM) is required 10 

allow each elementary stream to be transmitted at the precise rate it requires. 
ATM approaches divide the bitstream into fixed-length packets (also known as 
cells) and allocate packets between channels based on their required bit rate. A 
wider channel is created by allocating more packets per second than a narrower 
cha11nel. 

The MPEG-2 Systems Standard" defines an ATM-like method to transport 
digital video, audio, and auxiliary data in a multiple program transport stream 
(MPTS). It is the basis for tl1e ATSC Digital Television Standard and is specified 
by the SCTE Standards for Digital Television. 

3.5.1 MPEG-2 Systems Layer 
The MPEG-2 systems layer defines the two different ways to multiplex elemen• 
tary streams from audio and video encoders, as illustrated in Figure 3.19: 
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Figure 3.19 Coding, pactetization, and multiplexing. 

Prosram stream - designed for storage-based applications, for example 
DVO.'8 The program stream format is not generally used in cable television 
and will not be discussed further. 
Transport stream-designed for transmission over a constant-delay net­
work, for example, terrestrial broadcast and cable systems. The remainder 
of this discussion will focus on the transport stream. 

Before the individual video or audio elementary bitstreams are combined to 
form a transport stream, they must have timing information inserted to describe 
the rate at which they should be displayed at the decoder, and they must be 
packetized so that they can be recovered at the receiver. 

Figure 3.20 shows the structure of the packetized elementary stream (PES) 
packet. The start code prefix identifies the start of the packet. The stream ID 
identifies the ly]le of stream (16 for video, 32 for audio). The packet is of va.rlable 
length, as described by the PES packet length. A great deal of information is 
provided in the PES header (signaled by PES header nags), most in1portantly the 
presentation time stamp (PTS) and decode time stamp (DTS), \Vhicb are used by 

I bytt 2. bytes 2 bits 14 bits I byte Variable length 

Packet start S1.rtam 10 PES packel 10 PF..S header PES header PF.$ header PES pad<e1 
code prefu: length Oags length fields dJta block 

Figure 3.20 Packeti2'<1 Elementary Scream (PES) structure. 
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!he receiver to syochronize !he playoul of audio and video. Since lhe PES packet 
is intended for error-free environments, there are no fields for error detection or 
protection. 

The MPEG-2 systems transpon stream supports an important set of features 
for broadcast digital television systems: 

1. Multiplexing 

2. Navigation 

3. Timing distribution 

4. Conditional access 

5. Splicing 

Multiplexing 
Multiplexing allows many packetized elementary streams to be combined into a 
multiple-program transport stream (MPTS). This has numerous advantages for 
!he operator. ll allows the digital channel to be packed with multiple programs 
(analogous to television channels) so that the capacity of the channel is used 
efficiently. Additional auxiliary data can also be combined into the multiplex 10 
carry program gulde information, conditional access control messages (see 
Chapter 21), emergency alert information, and so on. 

Figure 3.21 displays bow packelized elementary streams are time division 
multiplexed to form a transpon stream. Transport streams are Identified by a 
unique packet Identifier (PID) so that they can easily be filtered and routed lo the 
different circuits and subsystems in the receiver Iba! process and decode those 
data streams into the output signals that drive the presentation devices. 
Video and audio data must be intermixed in a manner that e11sures that suUicient 
audio and video data arrive for their respective processors so that the sound 
and picture can be reproduced in synchronism. Tnis figure is generic, and 
the concept applies to all transmission paths. The transport stream can be a 
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Figure 3.21 T,ansport packelization and multiplexing. 
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combination of a variety of packetized elementary streams. For example, the 
same video PES can be associated with several audio PESs in multiple languages. 
Likewise, the same audio PES can be associated with several video PESs, 
providing multiple views of the same athletic event. This packetization is neces• 
sary if there is to be local insertion of programming and commercials. This, of 
course, is a part of the current business structure in analog systems and is a 
critical part of the economics of the business. 

Figure 3.22 shows lhe MPEG· 2 transport packet format. Packets are fixed­
length (188 bytes) wilh a fixed-length header (4 bytes). A sync byte having a 
fixed value of 0x47 identifies the start of the packet. The header contains packet 
identification, scrambling, and control information. A continuity counter incre­
ments for each packet and allows a missing or om-of-sequence packet to be 
detected. 

The header is followed by 184 bytes of MPEG-2 or auxiliary data. Optionally, 
adaptation headers may be inserted to carry specific information that is not 
required in every MPEG-2 packet, for example, the program clock reference 
(see upcoming subsection on Timing Distribution). The Packet Identifier (PID) 
bas local significance within the system multiplex: It mal<es it possible to 
demultiplex the transport stream at the receiver and to select the program of 
interest. Alternatively, one program can be processed for display while another 
one is recorded for later use. The programs recorded do not need to be further 
processed. That can take place at playback. 

MPEC-2 Transport Packet ()88 byre:s) 
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F.tror Unll Priority 
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Transport Maputloo 
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(l bits) {Z blu) 

Figu,. 3.22 MPEG-2 Transport Packet Format !from 1391 used with permission! 
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The system multiplex can be extremely complex. Individual packetized ele­
meotary streams can be multiplexed together to form a program that includes 
multiple audio streams, multiple video streams, and ancillary sigoals such as 
conditional access conirol messages. This is called a single-program transport 
stream (SPTS). If the data capacity of the channel is sufficient to carry more than 
one SPTS, they can be multiplexed into a multiple-program transport siream 
(MPTS). In this way, many programs can be time division multiplexed into a 
transport stream of an arbitrary bit rate. The entire transport stream is then 
modulated onto a carrier signal to form a "digital" channel. Many channels can 
be combined to form a frequency division multiplex of several hundred megahertz. 

Figure 3.23 shows an alternative view of a system multiplex. The bottom 
layer is the forward application transport (FAT) channel, which cootains the 
MPTS. it is divided into PES packets, carrying compressed audio and video 
bitstreams, and program-specific information [PSI], carrying tables that describe 
the system multiplex. The next subsection, on Navigation, will describe how 
these are used by the receiver to find and select the desired program. 

Navigation 

Although the MPEC-2 transport stream syntax includes some basic structures to 
enable the receiver to select one out of many programs included in an MPTS, 
these structures are not sulficient to support the navigation features demanded 
by a sophisticated receiver. Moreover, they do not provide information to sup­
port an electronic program guide (EPG). We will describe the structures defined 
by the MPEG systems layer belore moving on to necessary extensions introduced 
by the SCTE and the ATSC. 

The MPEC·2 system multiplex always includes a program association table 
(PAT), which is transmitted continuously on PIO value O. The PAT contains an 
entry for each program within the multiplex and information identifying the PIO 

Video. audio Sy$tem tables and oilier syst~m 
elemem,uy suearos infonnadon 

MPF..G•2 PES MPEC•2 PSI and MPEG·2 priva1e 
$IN:tions carrying olhe-r system 

information 
MPEC-2 TS 

FAT cha.rultl physical layer 

Figure 3.23 FAT Channel Trans~rt layer Protocol. (From SCTE 40 20011 
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Figure 3.24 Program Association and Program Map Tables. (From {40) used wi1h permission) 

of the program map table (PMT) for it. In turn, the PMT contains the video 
PID(s), audio PID(s), and associated data PID(s) for the program. 

Figure 3.24 illustrates how a receiver "navigates" the PAT and PMT to 
discover the video and audio PESs that make up the program. However, this is a 
very basic form of navigation; there is no description of the program name (for 
example, "PBS") or the program description (for example, "World News Hour"), 

In cable systems, information about the frequency and description of each 
channel is typically sent in a separate out-of-band data channel. This inform•· 
tion is called the channel map. When digital transmission was introduced, it was 
a simple extension to add information to describe the new digital channels, such 
as specifying the program number as well as channel frequency. In addition, as 
electronic program guides were developed, additional information was sent to 
the STT 10 carry guide data. The format of the descriptions is unique to each 
vendor. 

When terrestrial digital broadcast was introduced, the ATSC bad to standar­
dize a single descriptive format and include it in each system multiplex, because 
there is no equivalent of an out-of-band data channel for terrestrial broadcast. 
ATSC standard A/65 is called Program and System Information Protocol (PSIP).

41 

The following tables are included in PSIP and shown in Figure 3.25. · 

Sysrem time table (SIT)-provides the system time of day. 
Master guide table (MCT)-defines other, optional tables, for example tbe 
Err and ETT tables. 
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Virtual channel table (VCT) -provides information about the virtual 
channels (programs) contained in the system multiplex. 

Rating Region Table (RRT) - provides a definition of the content advisory 
ratings for the system multiplex.• 

All of these tables are transmitted on a well•known PID known as the base PW, 
which is de(ined as Ox I FFB for PSIP. Additional tables can be deCined on 
separate PIDs, the event information table and extended text table are used to 
transmit further information about the programs in the system multiplex: 

Event information table (EIT) - lists upcoming events that will be broadcast 
for each virtual channel (program) for the next 3 hours. Up 10 128 EITs can 
be sent, each on its own PID, providing upcoming information for up to 16 
days. The first four EITs are mandatory. 

Extended text table (ET!') - lists descriptive information about each vinual 
channel (program). Just like the EITs, they have a 3·hour window, and up to 
128 Errs may be sent. However, they are optional. 

Now that we have described the system information for broadcast, we can 
discuss the methods for cable systems. The A TSC assumed that cable systems, as 
rebroadcasters of off-air content, would naturally follow the A/65 standard. 
However, much of the programming on cable is no longer rebroadcast, and 
cable had already developed proprietary mechanisms for the carrying and cod­
ing of navigation information. Nevertheless, a compromise had to be worked out 
if it was ever going to be possible for a manufacturer to build a cable-ready 
digital television (CR-Orv). (See Section 3.7.4) 

The approach was to take out-of•band information and make it available to 
the digital TV via the POD-host interface (see Chapter 21). The format is very 

STT I MCT I VCT I RRT EIT IITT 

SI base Pro EIT E1T 
PID PID 

MPEC·Z TS 

Figure 3.25 Protocol Stack for In-Band Sy$lem Information. (From SCTE 40 2001, used with permission} 

The RRT for lhe United St.alts is "'hardwired" for cwo rtasons: (1) It doesn'1 follow the Uncar 
.. S<:ale .. or the original design and lhus Is a si,«:i.a.l case. a.nd (2) since h Is hardwirtd, the actual 
uansmi.s!ion of th.e RRT is not ottded unless changed. Other region$ can have downloaded RRTs 
and dynamic contem advisory descril)lors to match. 
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similar to the A/65 standard and allows an operational migration path to ruJJ 
A/65 compliance over time. (See ANSI/SCTE 65 Annex C for more details.) 

Timing Distribution 
The MPEG·2 transpon stream carries timing information by means of a time 
stamp called the program clock reference (PCR). A PCR is placed in the adapta­
tion header frequently enough (typically 10 times/second) to allow a phase­
locked loop to recover the system time base at the receiver. 

Video and audio PESs contain their own timing information, in this case 
presentation and decode time stamps. These are used by the decoder to syn­
chronize the audio to the video. 

Conditional Access 
Although the MPEG-2 systems layer does not specify any conditional access 
(CA) mechanism, it does provide "hooks" for including conditional access 
control information in the system multiplex. Conditional access is not required 
and may be omitted if the multiplex is lo be sent in the clear. 

Uthe MPEG-2 system multiplex includes a conditional access table (CAT), it 
is transmitted continuously on PID value 1. The CAT contains an entry for each 
program within the multiplex, and the PID of the entitlement management 
message (EMM) stream for the CA system. (In cable systems, EMMs are typically 
sent out of band, and so this PID is usually null.) 

In addition, the PMT may contain the PID for an entitlement control message 
(ECM) stream for the program. ECMs contain encrypted control words for the 
decryption circuitry (see Chapter 21). 

Figure 3.26 illustrates bow a receiver uses the CAT and PMT 10 obtain the 
information it needs 10 descramble the program. 

Splicing 
In a compressed video, bitstream cutting, or splicing, from one feed to another is 
not trivial. There are two main reasons for this. 

1. The group of pictures (GOP) structure (see Figure 3.16) defines the frame 
order for a panicular compressed bitstream. It defines which frames (or 
pictures) form a reference for predicted frames. If the bitsueam is changed 
at an arbitrary point, these references will no longer make sense. 

2. The encoder maintains a model of the decoder buffer full!!ess and codes 
each frame within a bit limit to ensure that the decoder buffer stays within 
prescribed bounds. If the bitstrearn is changed, the buffer ,viii likely over· 
flow or underflow. 
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Figure 3.26 Cond~ional Access Table. IFrom 142) used with permission) 

The Society of Motion Picture Experts (SMPTE) have defined mechanisms to 
establish a splice point in an MPEC-2 transport stream such that a seamless splice 
can occur." At a splice point, the first frame of the new feed will be an I frame, 
and the COP structure will specify that the predicted frames of the old feed should 
not use it as a reference frame. In addition, the buffer fullness is defined at the 
splice point so that the new feed can be encoded to fit within those constraints. For 
a predetermined splice, a fade to black at the splice point makes the transition 
much easier because there is no information to encode; still, it is possible to do a 
seamless splice of full-motion video. (However, note that this ls not the method 
adopted by cable for digital program insertion-see Section 3.5.4), 

Similar mechanisms exist for audio bitstrearns, but splicing is much less 
complicated and audio muting is usually employed to cover any hiccups due to 
the transition. 

3.5.2 Statistical Multiplexing 
The goal of digital video compression ls to reduce wasteful redundancy in the 
programming signal. Since programs have different amounts of redundancy at 
any given time and since the amount of redundancy varies over time in a given 
program, the compressed bitstream will have an instantaneously variable bit 
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rate. To accommodate this, the receiver needs to have sufficient buffer memory 
10 smooth the 0ow ol data to the decoders. This introduces a latency to accom­
modate buffer filling and eroprying, and it requires standardization on 1be 
minimum buffer size. Although the buffer memory allows some flexibility, the 
problem ol managing the flow of data is not completely eliminated. To ensure 
that the receiver buffer never underflows or overflows, the encoder maintains a 
model of the receiver buffer fullness and regulates the encoding rate so that the 
receiver buffer fullness always remains within design limits. 

When the capacity ol the channel compared with the average data rate of the 
programming allows multiple programs to be carried, an opponunity results. 
When there are multiple programs, the likelihood is that there will be a distribu­
tion of complexities among the channels that is amenable to statistical analysis. 
This is a reapplication of a phenomenon applJed by long-distance phone com• 
panies decades ago. It was determined that much ol conversation Involves 
pauses when nothing is being said. If a large number of conversations are 
combined, the dead time of one conversation could be used to carry other 
conversations. If half a dozen conversations are combined, there is sufficient 
statistical dead time for the addition of one or two more conversations. Effi· 
ciency is dramatically increased. The scarce resource of transmission capacity is 
better utilized. The larger the number of combined conversations, the better the 
statistics and the better the results. This process is called scaristical multlplexing. 
It applies equally well to video signals that have varying amounts of relatively 
dead time. The dead time in video is the time when liltle changes from frame to 
frame and the need for transmission capacity is minimal. 

In practice, excellent results can be obtained with statistical multiplexing of 
video if there is a reasonably large number of channels within the system 
multiplex. For example, 10 constant-bit-rate 3.5-Mbps video bilstrearns may be 
replaced by 14 video bitstreams with the same total instantaneous bit rate of 
35 Mbps, producing a statistical gain of 40% with no perceived reduction in 
quality. However, it is imponan1 that the video bitstreams be uncorrelated; 1ha1 
is, they cannot all switch to challenging sports material at the same time. 

Buffer memories for each of the multiplexed bitstreams facilitate the process 
of statistical multiplexing but require sophisticated algorithros to manage their 
utilization. As a buffer memory reaches its capaciry, provisions must be made 
for it 10 be relieved. The beuer the algorithm, the more effective the result. The 
management of the buffer memories can be done a1 the origination point. As 
helter algorithms become available, better results can be obtained using the 
existing receiving hardware. 

Statistical multiplexing efficiency can be optimized if a bank of re~l-time 
video encoders is combined with a statistical multiplexer. In Ibis arrangement, 
each encoder dynamically requests a bit rate according to the complexity of 
material at that point and a specified qualiry level (as set by an operator). The 
statistical multiplexer will dynamically assign a target bit rate 10 each encoder, 
depending on (a) the bit rate requested by it and (b) the sum of the bit rates 
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requested by all encoders. fn this way, each video encoder will achieve the 
best quality it can, given rhe constraints established by the multiplexer. In 
addition, statistical multiplexing systems may incorporate "look-ahead" pre­
proc1!ssing to anticipate bit needs before they happen. Using these techniques, 
the multiplexer is able to use the entire capacity of the channel with no pos-
sibility ol overflow. · 

3.5.3 Reencodlng and Transcoding 

Reencoding provides a way to dynamically change the encoding parameters of a 
video stream after it has been encoded. Various techniques have been devel· 
oped, but fundamentally they all work by requantizing the OCT coefficients. In 
some cases a significant reduction in bit rate can be achieved with little or no 
loss ol quality. 

Transcoding can be used to convert a bitstream encoded in one format to 
another. This can be done by decoding to baseband video and then encoding 
according 10 the new format; however, this is expensive and causes delay. 
Worse still, the second encoder may struggle to encode artifacts created by the 
tust because they contain significant random information (for example, blocking 
or mosquito noise). A well-designed transcoder can minimize these effects, and 
reduce delay, by recoding the bitstrearn without the need to decode all rhe way 
back to a baseband signal. Belter results are possible because it knows about the 
source and destination formats. Transcoders are able to change resolution and 
even render a graphical overlay on the video. 

Clearly, reencoding or transcoding is an important tool at any point in 
which compressed bitstreams are combined to create a system multiplex. 
Statistical multiplexing can be much more efficient because peaks that occur 
simultaneously across all bitstreams can be smoothed by judicious buffer ma.n­
agement, requantization, or even transcoding. In addition, reencoders and 
transcoders maintain a model ol the decoder buffer fuUness and work within 
Its constraints so that the receiver butler will not underflow or overflow. 

3.5.4 Digital Program Insertion 

Local commercial insertion is an important source ol revenue for the cable 
operator. It is simple to cut from one audio/video feed to another, and the 
practice of local ad insertion has been commonplace for many years, originally 
using videotape machines 10 play the local commercials and more recently using 
digital ad insertion servers. The time periods allotted for the insertion of com­
mercials. known as avails, are signaled by cue tones, which are sent about 5-8 
seconds before the commercial is to be inserted (allowing for preroll of the tape 
machine or server). {See also Section 8.9) 

In a digital headend, equivalent functionality must be preserved; that is, it must 
be possible to insert a digitally compressed commercial into a MPEG-2 transport 
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stream. It is theoretically possible to decode all the programs in an MPTS to base­
band video and audio, insen the commercial using traditional techniques, and then 
reencode and reassemble the MPTS. However, this approach is not recommended 
because it would be extremely expensive and cause a significant time delay and, 
very likely, a loss of quality. Therefore, an SCTE Digital Video Standards subcom­
mittee has worked very hard for a oumber of years to develop standards for digiU!l 
progrom insertion (DPI) based on splicing of compressed digital content44

•
45

• 

The DPI standards do not specify exactly bow the splicing of the compressed 
bitstrearn should be achieved (see Section 3.5.1), because there are a number of 
acceptable techniques, and the intention is to allow innovation on the part of the 
vendors. Encoding and/or transcoding methods are extremely useful to allow a 
smooth transition between one bitstream and another; in practice, many DP! 
splicers use these techniques to allow near-seamless splicing at an arbitrary point 
in the bitstream. Instead of specifying the splicer implementation, the DPI stand­
ards specify a standard applications procramming interface (API) between the 
network and the DPI system. The reference model for DPI is shown in Figure 3.27. 

The input to the DPI system, called the network stream, is an MPEG·2· 
compliant transpon stream. Any programs that are 10 be spliced will include a 
registration descripcor in their PMT. In addition, a separate PID stream carries a 
splice inform11tion table, which contains the splice commands and the presenta­
tion time of the splice points for that program. 

The splice subsystem intercepts and, i! necessary, decrypts the splice com· 
mands before passing them to the local ad server. At an avail, the ad server plays 
out the MPEG-2 audio/video elementary streams and the splicer inserts them 
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Figure 3.27 OPI Headend System Overview. (From (46) figure 1, page~. used with permission] 
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Into the network stream from the specified splice in•poinc until the specified 
splice our-point. An NCT A conference paper provides a good background on 
some of the implementation details of DPl for funher reading.47 

3,5,5 Emergency Alert System 

Local emergency alerts are currently provided by a crawling text overlay along 
the bottom of the screen. Sometimes they are accompanied by audio tones. In 
other applications, text and graphics are overlaid on the video. During a national 
alert or certain significant local/regional events, a video and audio override of 
every channel is required. The common analog practice of source switching is 
relatively simple to implement, but it is much more expensive and complicated 
to do this with a digital multiplex. 

The SCTE have defined an emergency alert message for cable to allow the 
alert event to be signaled to the receiver.•• All digital receivers have the cap­
ability to render text messages over the video and to generate audio tones. In the 
unlikely event of a national emergency, the receiver can be instructed to force­
tune to a channel for the duration of the alert. The emergency alert message is 
formatted as an MPEG-2 table that contains the following fields: 

• Start time and expected duration of the emergency alert 

• Text message description of the alert 

• Availability and location of a details channel 

• Force-tune flag 

• A pointer to an audio channel to replace the audio for the duration of the 
emergency 

The emergency alert message may be sent in-band within the system multiplex 
for in the clear channels, allowing it to be inserted by a terrestrial digital broad­
caster for retransmission over a cable system. Alternatively, for scrambled 
channels, the emergency alert message can be transmined in the out-of-band 
channel. In this case, it is received by the point of deployment (POD) module and 
relayed to the host as an MPEG·2 table (using the same mechanism previously 
described for navigation messages). 

3.6 Digital Transmission 

Now that we have described how an MPEG-2 system multiplex is created, we 
need to explore how it is delivered over an analog cable system. Moreover, the 
MPEG·2 transpon stream assumes an error-free transmission path, and so for­
ward error correction information must be added to the multiplex before it is 
modulated onto a carrier signal. 
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3.6.1 Modulation 
Modulation serves the same purpose for d,igital signals as it does for analog 
signals. Although digital signals can conveniently utilize time division multiplex­
ing, frequency division multiplexing (FDM) remains an important part of the plan. 
Tbere are several reasons for this. Practically, digital circuits are limited in their 
speed. They cannot support a TOM structure for the entire gigahertz spectrum of 
cable. Brea.king the spectrum imo 6-MHz pieces relaxes the speed requirement on 
the digital circults. TOM can then be utilized within each of the 6-MHz channels. 

Additionally, FDM facilitates the transition from analog television to digital 
television. Gable systems have added digital for those customers who want more 
programming choices. They have added digital to !he current collection of analog 
channels. In some cases. the analog scrambling is left in place, but it is also common 
to simulcast premium channels in the digital tier to avoid the cost of incorporating 
analog descrambling circuitry into !he digital STT. By separating the spectrum into 
two areas, one for analog channels and one for digital channels (including TOM), a 
rational transition to digital technology has been accomplished. 

As the cost of a digital SIT continues to fall, it is becoming feasible to use 
digital compression as an alternative to a plant upgrade. For example, in a 450-
MHz system, only must-carry channels are sent in analog format (maybe 
channels 2--40), and all other programming is sent in digitally compressed 
format. Each subscriber would need a digital STT, but the cost may be less than 
that for upgrading the system 10 750 MHz. 

3.6.2 Forward Error Correction (FEC) 
One of the most important features of digital signals is the ability 10 judiciously 
add redundancies that allow error detection and correction. The understanding 
of error detection and correction begins witb the realization that an error is the 
conversion of a I to a O or the conversion of a O to a I. The fact that the error is 
limited to Just those two cases is very powerful. Earlier in this chapter, we 
discussed the simplest of error-detection schemes, parity checking. l.f parity is 
taken into two dimensions, substantially more powerful results can be obtained. 

Figure 3.28(a) shows seven binary words of seven bits each. lo Figure 
3.28(b), spaces are introduced 10 help identify the clusters of seven bits. lo 
Figure 3.28(c), the seven binary words of seven bits each are arranged in a 
two-dimensional array. An even parity bit is attached to each row. Recall that 
even parity means that the appended bit will be a I if an odd number of ls 
appear in the word and a O if an even number of ls appear. Parity allows us to 
determine if an odd number of errors has occurred in any of the words, but it 
does not allow us to determine where the error occurred. 

Now let us form parity bits in the vertical direction as well. This will give us 
an eight-bit byte at the bottom of the array. We now have 8 columns and 8 rows, for 
64 bits. This array can be strung out into a serial stream, as shown in Figure 3.28(e). 
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Figure 3.28 Block cooe example. 

If an error occurs, such as shown in Figure 3.28(1), it will conven a O 10 a I 
or it will conven a 1 to a 0. In this example, a O has been converted into a I. If at 
the receive site, we rearrange the received bits into a block as shown in Figure 
3.ZS(d) and apply the parity-checking principle to the rows and columns, we will 
find a violation in row 4 and column 4. This tells us we have an error and it also 
tells us where! Since an error can only be an inversion of the logic, we can 
correct the error perlectly. A little experimentation with this example will reveal 
that if we have two or more errors that do not occupy the same row or column, 
we can locate them and correct them. This would work for up to seven errors as 
long as they were not in the same row or column. If, however; two errors 
occurred in the same row (or the same column), we could determine that we 
have two errors, but we could not locate the row (column) in which they 
occurred. Knowing that two errors exist is valuable information. 
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In this example, a penalty is paid in complexity. Thlrty percent more infonnation 
is sent. In addition, the hardware at the sending and receiving end is more complex. 
This example is termed a block code, since the data is partitioned into blocks for 
processing. More complex codes exist that are beyond the scope of this text to 
explain. They involve advanced mathematical concepts and are very effective. 

Several error-combating strategies are often combined in digital transmis· 
sion systems. A most important error-combating strategy is called interleaving. 
Figure 3.29 shows how this works. The goal is to take adjacent bits and spread 
them out in time so that a noise burst does not destroy adjacent bits. When the 
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Figun 3.29 lnterteaving to PfOtect against burst errors. (al Oilier of interleaving. (bl lnterteaved 
messages suffering a burst of noise. (cl De-interteaved messagas suffering nonadjacent 
losses. 
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interleaving is undone in the receiver, the group of destroyed bits is distributed 
over a length of time, so damaged bits are not adjacent. Then techniques such as 
the block code example can detect and correct the errors. Interleaving converts 
bursty noise imo something more like random noise. 

3.6.3 Required Signal Quality 
Digital systems have a "cliff effect" that allows them 10 have perfect or near-perfect 
pictures as the received signal weakens, until a point is reached where the picture 
fails altogether. It happens very abruptly. All viewers have essentially the same 
quality picture and sound, no matter where they are in the service area. When the 
signal strength falls below a threshold, the picture essentiaUy disappears. 

Noise in an analog picture appears as snow and begins to mask the image 
and get in the way of the enjoyment of the picture. U the programming is 
compelllng, viewers will put up with this and continue watching even very poor 
pictures. If the programming is marginal, viewers will switch to something else. 
Viewers of digital images won't get the chance to make that decision. The picture 
will be just as noise free at the home as in the studio. When the noise becomes 
excessive, the picture will be useless. It will fall off the cliff. 

Multipath distortions (ghosts] that degrade an analog picture either destroy 
the digital picture by pushing it over the threshold or have no impact al all. The 
digital broadcast system's built-in multipath cancelle, system brings reception to 
areas not previously served. 

Field tests in North Carolina have indicated that the broadcast digital system 
is so robust that anywhere an analog picture was even marginally acceptable, 
the digital picture was perfect. In many cases where the analog picture was 
unwatchable, the digital picture came in just fine. 

cable spectrum is much better behaved than the over-the-air broadcast 
media. Either the ghost canceller is not needed or its design parameters are 
much more relaxed as compared with the broadcast case. U the analog signal is 
minimally acceptable, the digital signal will provide essentially perfect pictures 
(to the extent that the compression quality is acceptable). 

3.6.4 Picture Quality 

Picture quality is a function of the residual digital artifacts. These are determined 
primarily by the aggressiveness of the compression, the detail and motioa in the 
picture, and the quality of the encoder. 

Although expert viewers can easily spot digital artifacts in curre!)tlY available 
digital video, there is little to 110 complaint from consumers. Standard-definition 
movies encoded at 3 Mbps using MPEC-2 MP@ML provide excellem results (by 
comparison, the average bit rate of a DVD is 4 Mbps). Movies can be encoded in 
high definition at 12Mbps at MPEC-2 MP@HL with almost no loss of quality. 
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Video can be more challenging, especially high-motion material such as 
sports events. Variable•bit•rate compression combined with statistical multiplex• 
ing is commonly used to keep up with rapid motion while maintaining an 
efficient multiplex. To compress difficuh sports material up to 6 Mbps may be 
required during peaks, even with a good MPEG-2 encoder. However, an average 
rate of 3 Mbps will probably suffice for a system multiplex containing a range of 
video material (sports, news, current affairs, and so on). 

3.7 Digital Television Standards 
Standards are of vital importance to the deployment of digital television. A 
digital STT is extremely complex and can be manufactured cost~llectively only 
in very high volumes. Moreover, standards support the development ol high· 
volume chipsets that can be sold to a worldwide marketplace. 

In a terrestrial broadcast environment, a standard format for digital televi• 
sion is required that is understood by all receivers that can receive the signal. 
Hence, the ATSC standard had to be developed in advance of deployment. In 
cable (and satellite) environments, proprietary systems were developed initially, 
but even in this case common standards (MPEG-2 video compression and 
transport) have beea used to build cost-ellective systems. 

3.7.1 ATSC 
The Advanced Television Systems Committee (ATSC) has developed a Digital 
Television Standard" that is a complete system for terrestrial broadcast ol high• 
quality video, audio, and ancillary data. It defines the following. 

I. Source coding and compression: MPEG-2 video compression (standard and 
high definitfon) and AC-3 audio compression (A/52). 

2. Service multiplex and transport: The MPEG-2 systems layer is used for 
multiplexing and transport. 

3. RF/transmission is 8-VSB [terrestrial model or 16-VSB (high-data-rate mode). 

4. Navigation of program content Wittlin the service multiplex is defined by the 
Program and System Information Protocol (A/65). 

For further information, the reader is referred to the Guuf.e 10 the Use of the 
Digital Television Standard. 50 

3.7.2 SCTE 
The Society of Cable Telecommunications Engineers [SCTE) is an accredited 
American National Standards Institute (ANSI) organization that utilizes the due 
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process methods required by ANSI to set standards for the cable industry. This is 
the mechanism by which digital video for use on cable is standardized. These 
SCTE standards are an integral part of OpenCable. 

The Digital Video Systems Characteristics Standard covers the subset of 
MPEG-2 video compression adopted by cable.51 The Digf1al Video Transmission 
Standard for cable television describes the framing structure, channel coding. 
and channel modulation for a cable television realization of a digital mulliservice 
distribution system.52 The standard applies to signals that can be distributed via 
satellite directly to a cable system, as is the usual cable practice. The specifica­
tion covers both 64-QAM and 256-QAM. 

The modulation, interleaving, and coding are tallored to the characteristics 
of cable system practice in Nonh America. The modulation Is selected by the 
cable system to be either 64-QAM or 256-QAM. The forward error-correction 
approach utilizes a concatenated coding approach that produces low error rates 
at moderate complexity and overhead. The system goal is one error event per 15 
minutes. The input data format is MPEG-2 transport packets, which are trans· 
mitted serially ,vith the MSB first. 

Two modes are supported: Mode l lor use with 64-QAM with a symbol rate of 
5.057Msps, and Mode 2 for use wilh 256-QAM with a symbol rate of 5.361 Msps. 

The cable channel, including optical fil>er, is a bandwidth-limited linea.r 
channel, with a balanced combination of white noise, interference, and multi­
path distortion. The QAM technique used, together with adaptive equalization 
and concatenated coding, is well suited to this application and channel. 

3.7.3 OpenCable 
CableLabs, the cable industry's research and development consortium, bas 
created a number of purchasing specifications on behalf of the industry. These 
are not standards, since CableLabs is not an accredited standards-setting organ­
ization. Rather, these specifications define lhe functionality and external para­
meters of products used in cable but leave the internal details to the 
manufacturers. For example, CableLabs will not specify a single microprocessor 
or operating system for these applications. Nevertheless, to ensure imeroper­
ability, CableLabs establishes a cenification program to verify that the products 
comply with the specification and will perform satisfactorily. 

CableLabs announced a "Harmony Agreement" for digital standards in 
October 1997. Five open-layer standards are included in the agreement: MPEG·Z 
video compression. Dolby Digital (AC-3) audio system, MPEG-2 transport, ATSC 
system information, and the lnternational Telecommunications Union ITU-J.83 
Annex B modulation system. The modulation system calls for 64-QAM carrying 
27 Mb/s and 256-QAM carrying 38.8 Mb/ s with concatenated Trellis code plus 
enhancements such as variable interleaving deplh for low latency in delay• 
sensitive applications. All these agreements have been endorsed by CableLabs 
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and have since been adopted as digital standards by the Society of Cable Tele­
communications Engineers. 

The goal for OpenCable is to create a multivendor interoperable environ• 
ment of digital set-top terminals. An important objective is the competitive 
supply of all the elements of the system, including the advanced set-top terminal, 
its operating system, core applications and plug-ins, conditional access system, 
platform management system, and billing, provisioning, and subscriber manage• 
ment systems. 

The procedure began with a request for information (RF!) sent to leading 
computer and consumer electronics companies. Twenty-three companies 
responded. From these submissions, CableLabs solicited vendors 10 author 
specific elements of the suite of specifications. An inteUectual property (IP) pool 
was created with cross-licensing of all lP required for the specification. tmple­
mentation IP not inherently required by the specification was left to vendors to 
license in their normal fashion. 

Key OpenCable interfaces include the formats for digital cable television, 
consumer privacy systems, copyright protection system, interfaces for high­
speed connection to the Internet, and interfaces required to author interactive 
applications. Tbe last of these is the OpenCable Applications Platform (OCAP), 
which is designed to allow the cable operator to download applications to retail 
STTs in order to provide a seamless environment for the cable subscriber. OCAP 
is a middleware specification that enables application portability across a wide 
range of home devices and cable networks. OCAP 1.0 defmes a Java-based 
execution engine (EE), and OCAP 2.0 extends that platform with the addition 
of Web-based technologies such as XHTML, XML, and ECMAScript. 

Cablel.abs will implement a vendor's cenificatioo process, whereby specific 
products can be tested for compUance with the OpenCable specificatlons. The 
certification process will allow these devices to be made available to consumers 
through retail outlets. Cable!.abs recommends that its members utilize the specifica­
tions for their procurements. However, members ,viii make their own procurement 
decisions. This is not a joint purchasing agreement. The OpenCable specifications 
are available through the OpenCable Web site (www.opencable.com). 

3.7.4 Digital Cable Compatibility 
There has been a lot of interest in making "digital cable-compatible .. devices 
available at retail. Cable operators and consumer electronics manufacturers both 
stand 10 gain, and the FCC believes that competition among manufacturers will 
provide more and better choices to the consumer. 

A memorandum of understanding (MOU) between eight larger MSOs and 14 
consumer electronics manufacturers was sent to the FCC in a letter to the chair­
man on Dec. 19, 2002. Although the memorandum covers only "unidirectional 
digital cable products," compliance with a significant number of standards is 
required to successfully tune. demodulate, descramble, decode, and display a 
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digital program. As already discussed, digital services tend to be "all or nothing"; 
that is, they work perfectly or not at all! 

Although the MOU is just a first step toward cable-ready digital televisions. it 
is worth summarizing the list or SCTE standards that a.re required to support 
plug-and-play compatibility. 

• The cable Network Interface specification" establishes the interface be­
tween the cable plant and the cable-compatible receiver. Building on the 
Harmony Agreement, it inch1des RF transmission. modulation, video and 
audio compression, navigation, conditional access, Emergency Alert System 
(EAS) messages, and the carrying or closed captioning. Many of these 
specifications have already been discussed In this chapter and will be 
examined further in Chapter 21. 

• The Digital Video Service Multiplex and Transport System for Digital Cable 
specification" defines all of the various operating parameters related to the 
MPEG-2 transport stream, including various constraints designed to ensure 
interoperability. 

• The Service Information Delivered Out-of-Band for Digital Cable Television 
specificalion5• describes how navigation information is sent over the cable 
system so that a receiver can display a list or available programs to the user 
and allow program selection. 

• The Host-POD Interface specification'"' defines a standard interface between 
the cable-compatible receiver and a replaceable conditional access module 
(called a point-of-deployment, or POD, module). The cable operator will 
supply POD modules to subscribers to allow them to view premium digital 
channels. (See Chapter 22 for more details.) 

• The POD Copy Protection System specification" defines a method or copy 
protection so that premium digital content passed across the POD-Host 
interface is protected from piracy. (See Chapter 22 for more details.) 

The principle behind certification of cable-ready devices is primarily that 
they should do no harm to the network. A prototype receiver will be examined 
by CableLabs, but thereafter the consumer elec1rortics manufacturers will self• 
certi[y their products. The provisions of the MOU are scheduled to lake effect in 
2004 for 750-MHz (or greater) cable systems, and further work is still required 10 
enable advanced services such as enhanced program guides, video on demand, 
and interactive television applications. 

3.8 Summary 

We have discussed the fundamentals of digital compression technology for video 
and audio as they apply 10 cable television. We presented the discrete cosine 
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transform and its inverse transform. The OCT is applied to still images, and 
differential techniques are utilized to reduce redundancy between frames. For 
audio signals, sub-band and/or frequency transform coding may be used, com• 
bined with psychoacoustic masking, to substantially reduce bit rate while main­
taining good perceptual quality. 

Audio and video bitstreams are multiplexed into a single transport stream 
for distribution over the cable system. The transport stream includes iniormalion 
that describes the system multiplex, allowing the receiver to select and decode a 
single program. Error-detection and -correction techniques are used to maintain 
the integrity of the transport stream in the presence of a noisy transmission 
environment. 

The application of digital techniques to cable dramatically increases the number 
of programs and the quality of the delivered signals while facilitating new services. 
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4.1 Introduction 

This chapter does not clalm 10 be a treatise on data communications. Rather. it 
offers concepts that are particularly germane to the practice of data transmission 
on HFC networks. It is intended primarily to be an introduction to data com­
munications for cable practitioners who have not previously been exposed to the 
subject. The examples of modulation methods and communications protocols 
are restricted to those that are most relevant to cable data communications. 

Section 4.2 discusses elementary concepts in digital modulation. It is 
intended for engineers who may be familiar with analog modulation as practiced 
in the cable television industry but who have not previously worked with digital 
modulation. The section discusses the digital modulation formats most germane 
to cable television. 

Section 4.3 introduces Lhe concepts of multiplexing, a way of sharing the 
spectrum among many users. Section 4.4 introduces methods of measuring the 
quality of digitally modulated signals. 

4.2 Modulation Technology 
The object of data transmission is to get a stream of bits from here to there. Bil, 
which stands for binary digit, is a voltage that can take on only one of two levels. 
We arbitrarily call these levels I and 0. Often, but not always, they are repre­
sented in electronic circuits by the voltages +3.3 (or +SJ and O volts. The higher 
voltage usually, but not necessarily, represents a logical I, while O volts repre­
sents a logical 0. A combination of many of these bits make up digital data. 

It is possible to transmit bits of data over an RF carrier using the same 
variables as are used in analog transmission. One can vary, or "modulate;" the 
amplitude, frequency, or phase of the carrier with the iofo~ation to be 
transmitted. Frequency modulation is often used for very simple data commu­
nications links, due to the ability to construct low-cost FM receivers capable of 
very good performance. However, frequency modulation does not provide 
good "spectral efficiency." 

137 
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4.2.1 Spectral Efficiency 
One figure of merit used to compare different modulation formats ls spectral 
efficiency, expressed in bits per hertz: the number of bits per second of data, 
divided by the RF bandwidth required to transmit it. A modulation type with 
high spectral efficiency can transmit more bits of data per second in the same 
number of hertz of RF bandwidth. On the other hand, it can be expected to 
cost more and be less robusc [more susceptible to noise and transmission 
distortion). For example, we shall show that the theoretical spectral effi­
ciency of biphase shift keying (BPSKJ modulation is 1 bit per hertz. That Is, 
when one is using BPSK modulation, the theoretical bandwidth required to 
transmit the signal is equal to the bit rate: a 1-Mb/s (one megabit per second) 
data signal will require l MHz of RF bandwidth. On the other band, if the 
same signal were transmitted using 256-QAM, the theoretical bandwidth 
required is only 0.125 Mttz because the spectral efficiency Is 8 bits per hertz 
(1/8 = 0.125). However, all else being equal, 256-QAM requires a carrier-to-noise 
ratio (C/N) more than 13dB better, and the cost of the hardware is considerably 
higher. In all cases, the actual occupied bandwidth is wider than lhe theoretical 
because of practical considerations. 

4.2.2 Frequency Shift Keying (FSK) 
The simplest commonly used modulation method is frequency modulation, 
called frequency shift keying, or FSK. Information is transmitted by shifting an 
oscillator between two frequencies. The receiver consists of a conventional 
frequency demodulator. It is followed by a shaping circuit, which restores the 
pulses to !heir original shape. 

FSK systems rend to be popular for relatively low-speed data transmission 
where receiver cost is paramount. Applications include early-generation down• 
stream data transmission to addressable set•top converters, upstream transmis­
sion from some early RF impulse pay-per-view (IPPV) converters, and status 
monitoring. Spectral efficiency is very poor, but this is relatively unimportant in 
low-speed applications. The transmission is robust (not easily damaged by noise 
or distortion). and the required hardware is quite low in cost. Single-chip data 
receivers have been available for many years. 

Figure 4.1 illustrates a simple FSK communications system. Data, io the 
form of a series of Is and Os, is applied to a low-pass fil ter whose function is 
to minimize lhe number of sidebands produced by the modulation process. 
The filtered waveform is applied 10 a frequency modulated oscillator, whose 
frequency deviation is proportional 10 the voltage applied at the modulating 
input. Frequency deviation is the difference between an instantaneous 
frequency and the rest, or carrier, frequency. A parameter of an FSK system 
is the peak·to•peak deviation, or the difference between the two frequencies 
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of the oscillator when I and O are applied.• Tbe wider the deviation, the 
more immune the system is to noise but the more spectrum the signal 
occupies. 

After transmission to the receiving end, the signal is usually passed through 
a bandpass filter, BPF, and then applied to a discriminator, which is very similar 
to one used for analog signal recovery. A low-pass filter, LPF, is usually used 
alter the discriminator, to reduce out-of-band noise picked up during transmis• 
sion. Capacitive coupling is shown after the filter, to make sure the signal can be 
"sliced" at its average value. From the capacitor, the signal is supplied to a data 
slicer, a comparator whose output is 1 when the input voltage is above ground 
and O when It is below ground (or vice versa]. The slicing process restores the 
wave shape of the original signal. 

Most transmission systems require that the de value of the data waveform be 
removed lor transmission. This means that, in some manner, the waveform 
averaged over some reasonable interval must have a value of O volts. That 
condition is violated if the datasueam contains an excessively long string of Is 
or Os. If the signal doesn't have the same quantity of I and O states when 
averaged over some suitable time interval, Cl ,viii take on a charge and the 
slicing will not occur in the center of the waveform. Later we show several ways 
to ensure that a signal doesn't have a de component. 

Cn lhe analog world, deviation is norm.al.ly meuured on a peak basis-th~ difference becwttn 
~jtber extreme frequency and 1he cenier frequency. Ptalc-10,peak deviation is twice th(' p('ak 
deviation. lo digital transmJMlon, tM carrier never rests at lhe center Crequt-.ncy, so peak devia­
tion tends to have less meaning. One must bt prtdse, however, i.n distinguishing brtwetn peak 
and ~ak-to•peak deviation. 
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Filtering in FSK Transmission System, 

Al least three stages of filtering are used in the transmission system. A low-pass 
filter at the transmitter limirs the spectrum of the baseband signal {before 
modulation). In many or her modulation methods, the filter may be implemen­
ted either at baseband or at RF, after modulation. However, in FSK the non­
linear nature of frequency modulation precludes doing so. The receiver 
contains a bandpass filter at RF (or intermediate frequency, IF), used to limit 
the energy applied to the discriminator. After demodulation, a baseband low· 
pass filter is used 10 remove as much noise as possible. 

In low-cost FSK systems, !he filtering philosophy often recognizes that either 
the transmitter or the receiver is in the subscriber's home, and this end must be 
built at minimum cost. Placing most of the filtering at the headend helps keep the 
cost of the home equipmem down. This somewhat compromises the noise 
performance or bandwidth efficiency in favor of low cost. For example, a data 
communications system !hat communicates from the headend to addressable 
set-top converters will employ significant filtering at the transmitter. At the 
receiver, the IF filter frequently employs a low-cost ceramic filter made for FM 
receiver use (180- to 200-kHz bandwidth), and the deviation is set to make the 
occupied spectrum match the width of the filter. 

Manchnter Encoding 

We now describe one method for adding a clock to the data signal and for 
removing any de componem. The method is independent of the modulation but 
is introduced at this point because it is often used with FSK modulation. 
Manchester encoding is also used in 10/1 00BaseT Ethernet. In data transmis· 
sion, it is necessary not only to recover the transmitted data but also to recover 
a clocl< signal, used to define when a data state should be sampled. A clock is 
necessary in order to aJlow the receiver to "know" when a new bit arrives. The 
clocl< must be recovered from the transmitted data, which can be done in many 
ways. Manchester encoding is often used in low-cost systems due 10 its simplicity. 
The data is said to be "self-clocking.·· The penalty is that the spectral efficiency of 
the transmission is halved compared with what it would be otherwise. 

Figure 4.2 iUustrates one form of Manchester encoding, which is applied to 
the data before it enters the modulator. At the top of the figure is a string of data 
represented in NRZ (nonreturn to zero] format, in which the data bits appear one 
after another, with nothing in between. A separate clocl< signal is typically used 
to transfer NRZ data from one place to another. However, in a communications 
link, a separate clock path does not exist. Therefore, in some manner the clock 
must be embedded with the data. Manchester encoding provides a simple, albeit 
bandwidth inefficient, way to do this. 

The center portion of Figure 4.2 shows the bit cell boundaries: the time 
when tlte signal transitions from one bit to the next. At the bottom of the figure 
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is shown the Manchester encoded data. In the middle of each bit cell, Manche• 
ster encoding causes the signal to transition from one level to the other. This 
regularly spaced set of transitions forms a clock for the receiver. The first half 
of each ceU contains the value of the bit; the second half contains the comple­
ment (opposite state) of the bit (or vice versa}. A variation is differential 
Manchester encoding: At the beginning or each cell containing a 0, the encoded 
signal makes a transition: at the beginning of each cell containing a I , the 
transition is omitted . There is always a transition in the middle of the bit cell. 
On tbe other hand, if the transition occurs in the middle of a cell containing a I 
but not in a cell containing a 0, the encoding is called biphase mark. It is used 
in the S/P DIF interface described ia Chapter 22. 

Note that Manchester encoding is nor a modulation method. Rather, it is a 
baseband coding method that is useful in low-cost systems 10 provide clock 
recovery and removal of a de component of the data. 

4.2.3 Baseband Spectrum of a Data Signal 
The spectrum or a data signal may be understood with reference to the wave­
form of Figure 4.2 and the low-pass filtering of Figu re 4.1. Figure 4.1 shows 
that it is possible (and usually desirable) 10 low-pass filter the data waveform 
so that when a string of alternating Is and Os (or a string of like bits in 
Manchester encoded data) is encountered, the waveform looks substantially 
like a sine wave. No useful data is lostjn the filtering process, and the occupied 
bandwidth of the signal is thus minimized. Practical fillers are somewhat wider 
tban this, but the principle remains. 

When a string of ls and Os appears in an NRZ signal (defined in Section 
4.2.2.) and is optimally filtered, the resulting waveform is substantially a sine 
wave at a frequency of one-half the bit rate. To understand this, recall that a 
complete cycle of a sine wave occupies the time from one positive-going zero 
crossing lo the next positive-going zero crossing. In order 10 produce sucb a 
waveform, two bits, 1 followed by 0, are required. 

la general, a data signal can contain alternating ls and Os. Th.is pallern 
defines the highest baseband frequency, equal 10 on~half the bit rate. However, 
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that data can also contain long strings of Is or Os. which represent a frequency 
approaching O. B«ause of this, the fundamental spectrum of the baseband 
(unmodulated) data signal extends from one-hall the bit rate down to very close to 0. 

In summary, the spectrum of a digital signal extends from very low to at 
least one-llall the bit rate (really the symbol rate, a concept to be introduced later 
in the chapter) . Practical systems have frequencies that extend above this due to 
real-world filtering constraints. The excess bandwidth may range from a few 
percent to much higher, depending on the application. 

4.2A Introduction to Bit Error Rate 
An imponant figure of merit for any data communications system is the bit error 
rate (BER) of the system. This represents the proportion of the bits transmitted 
that are received lncorrectly. U, on the average, two bits are in error for every 
million (106) bits transmitted, then the bit error rate is 

BER = number of bits received in error 
total number of bits transmitted 

2..=2xl0-• 
106 (4.1 ) 

The BER is a function of the type of modulation, the characteristics of the 
modulator and demodulator, and the quality of the transmission channel. A 
common way to compare different modulation systems is to plot the BER against 
the signal-to-noise ratio (data communications practitioners tend not to differ­
entiate between "signal" and "carrier" 10 noise). Thls is a convenient way to 
compare the capabilities of different modulation techniques and to predict 
performance in the presence of noise. This topic is covered in Section 4.2.12. 
Sometimes BER is plotted against signal-to-noise ratio in the presence of cena.in 
other impairments, such as group delay distortion, interference, and phase 
noise. 

Obtaining an equation relating carrier-to-noise ratio to BER for an FSK 
system is difficult due to the nonlinear nature of the frequency modulation 
process. The literature contains only a few attempts, and contradictions exist. 
Within the parameters commonly used in cable television work (very wide 
deviation compared with the bit rate), the BER can be quite good at very low C/ 
N. The penalty is that a significant amount of bandwidth is consumed, com­
pared with that required for other modulation methods operating at the same 
bit rate. 

4.2.5 Biphase Shift Keying (BPSK) 
Biphase shift keying (BPSKJ is the simples! of a class or modulation that is used 
extensively in cable television work. It is somewhat more complex to detect than 
is FSK, although producing a BPSK signal is simple. In a BPSK system, the phase 
is shifted 180° between transmission of a o and a l. 
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Figure 4.3 illustrates a simple BPSK transmission system. An NRZ data­
stream is low-pass filtered (LPFI) to remove higher-order harmonics. The fil­
tered signal is passed to a balanced amplitude modulator, Ml, whose RF input is 
supplied from local oscillator LO!. 

The figure illustrates the output of the modulator, which consists of a 
carrier envelope that drops to zero amplitude in the transitions between 0 
and I. The modulated carrier has one phase relation for a 0 and the opposite 
phase when a 1 is being transmitted. Note the phase of the carrier with respect 
to the carrier timing tick marks (every 1so• of the carrier) shown below the RF 
envelope. The reduction in amplitude to zero between states is a direcr result of 
the filtering action of LPFI. Were it not for this filtering, the transition between 
I and 0 would not require the amplitude of the carrier to drop, but the occupied 
bandwidth would theoreticaJJy be infinite. 

At the receiver, the signal is bandpass filtered in BPFI. From the filter, the 
signal is supplied to mixer M2, the demodulator. The second input to M2 is from 
local oscillator L02. This oscillator must be phase locked to the incoming RF 
carrier. A number of different carrier recovery circuits can be used. The circuit 
shown utilizes the fact that the second harmonic of the carrier contains no phase 
shift (when the frequency is doubled, a 1so• phase shift becomes a 360• phase 
shift, that Is, n.o phase shift at all). The incoming frequency is doubled by the 
times-two multiplier, x2, and then used to lock L02. The output of L02 is 
divided by 2 and supplied as the second input to M2. 

Receiver 
. -----------·--------------------------l ~--.:- Moniloring . 
' 

,---~~~-~!~!~---- i 
• Ml : : 

Clock out 

Data Hc;.:,'()(}l;&----.1~--+,; ~hc--~Of,-, 
: COmmunkadons! BPFl x2 

~-;Unkl 
: LOI ,

1
• : 

~ U~,)., j . . ........................................ .......................... .. 

·cvv:'t· 
n......n...r7.. 

Cirrier 
Timemarks:II11II11II1 I I I 11 I 

Rgure 4.3 BPSK Transmission System. 
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Basic Mirth of BPSK 
One might be tempted to look at the waveform of Figure 4.3 and conclude that 
BPSK is a phase modulation technique because the carrier reverses phase 
between transmission of ls and Os. Indeed, the name of the modulation leads 
to that conclusion. The correct way to visualize BPSK Is as double sideband 
suppressed carrier amplitude modulation. 

To understand the modulation process. assume that the data signal is an 
altemaling series of ls and Os that has been filtered to a sine wave, following the 
logic of earlier sections of this chapter. Then the modulating signal can be 
expressed as 

em = M sin CDmt (4.2) 

where the subscript m indicates the modulating frequency and (j)m = 2nfm- As 
Implied by Figure 4.3, the modulation process involves multiplying this modu­
la!lng frequency by the carrier frequency, represented as 

e, = A sin ro.:,t (4.3) 

The resulting modulated signal is expressed as follows, expanded through 
use of common trigonometric relations: 

er=e, •em 
= AMsinro,tsinromr 

AM = 2 cos(O>c - mm)l - cos(ro, + Olm)l (4.4) 

The center row shows the phase shift with modulation: When the sinusoid 
representing the data modulation (sin(l)ml} is positive, then the carrier has one 
phase; when it is negative, U1e carrier phase is reversed, as illustrated in Figure 4.3. 

The bottom expression shows that the frequency components of the 
modulated signal exist at the caJ"tier frequency Ole minus !he modulating 
frequency Olm aod at !he sum frequency. Thus, the bandwidth occupied by 
the signal is twice !he modulating frequency, as is the case with conveotiona.l 
double sideband amplitude modulation. A componeot at !he carrier fre­
quency does oot exist. 

The mathematics of the synchronous detector shown in Figure 4.3 consists 
of multiplying Equation (4.3} by the carrier sinusoid and applying more common 
trigonometric relationships: 
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ed =e,•e, 
= sin 0>ct • AM sin <i>(t sin Wml 

= AM sin1 roctsinoomt 

= ~ ( I - cos 26>.,t) sin <Dml 

AM. AM 
2 

. 
=2Sln(&)mt-2cos <OclSlDrornl 

(4.5) 

The first term in the bottom line represents the recovered modulation; the 
second term represents components surrounding twice the carrier frequency. 
This latter term is liltered in LPF2 of Figure 4.3. 

4.2.6 Quadrature Phase Shift Keying (OPSK) 
BPSK modulation provides very good immunity 10 noise and is simple and low in 
cost. The problem is that it is inefficient in its use of the spectrum - better than 
FSK, but not good enough for high-speed data transmission. In order to make 
better use of the spectrum, it is necessary to take some small steps back toward 
(but not reaching) the analog domain, in that possible states are represented by 
different analog levels and/or phases. This allows the transmission of more than 
one bit at a time. The next modulation formats to be discussed are expansions of 
BPSK, which improve on the spectral efficiency by transmitting more than one 
bit at a time. The penalties are an increase in complexity and reduced immunity 
to noise and other transmission impairments. 

Figure 4.4 illustrates a basic QPSK (also called 4-QAM !or reasons that will 
become apparent) modulator and demodulator. Data entering the transmitter is 
split into two channels. For reasons that will soon be apparent, the two are called 
the I (in phase) and Q (quadrature) channels. Two bits are transmitted simultan• 
eously, one in each channel. Spectral efficiency is improved because the spec• 
trum required to transmit the two bits is no wider than is the spectrum required 
to transmit one bit using BPSK. 

Alter the data is split into the I and Q channels, each channel is modulated 
onto a carrier, just as in BPSK. The same carrier frequency is used for each 
channel, but the phases of the two are 90° apart, or in quadrature. It can be 
shown that the two phases can be transmitted through a common communica• 
lions channel, Ideally without interfering with each other. On the real world, 
there are several mechanisms that can cause the two channels to interfere, or 
crosstalk, but crosstalk can be controlled.) 

Alter the two channels are modulated, the modulated carriers are combined 
for transmission to the receiver. At the receiver. a phase locked loop (PLL) locks 
a local oscillator, L02, to the incoming carrier. The signal from L02 is split into 
quadrature components. The in-phase component is sent 10 demodulator M3, 
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Figure 4.4 Basic QPSK Mooulator and Demodulator. 

and the quadrature component to the quadrature demodulator, M4. The two 
quadrature components of the local oscillator demodulate the corresponding 
component of the combined signal, while the opposite component is cancelled 
out because it is in quadrature phase relationship. An encoder combines the two 
bits from the I and Q channels into the resulting datas1ream. A clock recovery 
circuit reconslfUcts the clock signal from the incoming data. 

The Constellation Diagram 
A particularly useful representation o! QPSK and higher-order signals is · the 
constellation diagram, shown at the bottom of FigUie 4.4. It is formed by routing 
the demodulated I signal, before slicing, to the x axis o{ an oscilloscope and the Q 
signal to the y axis. Each of the four possible positions o{ the symbol is formed 
from the I• and Q•chanoel data, with the position along the x axis being deter• 
mined by the I data and that along they axis by the Q data. The amplitude of the 
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signal is proportional to the length of the vector from the origin to any one of the 
four states, which are equidistant Crom the origin. Note that, in the absence of 
any transmission impairments, the four points in the constellation are small 
points. They are enlarged in the illustration to make them easier to see. As the 
signal transitions from one point in the constellation to another, the trajectory 
may pass through several other points. 

They axis forms the decision threshold for the I channel since it is hallway 
between the I channel states. Similarly, the decision threshold for the Q 
channel is defined by the x axis. The decision threshold defines the signal state 
at which the comparator(s) for that axis makes the decision that the bit 
represents one value or the other. II the point in the constellation crosses the 
decision threshold due to noise or other channel impairment, the comparator 
will yield the wrong output. resulling in an error in transmission. Computation 
of bit error rate (BER) is based on determining the probability that any one 
point in the constellation could be forced to cross a threshold into another 
state's place in the constellation. Whe.n this happens, at least one, and some­
times more, bits are received in error. Obviously, the closer together the states 
in the constellation (i.e., the "denser" the modulation), the less noise or other 
disturbance can be tolerated before a state can be misinterpreted as that of a 
neighbor. 

The peak amplitude of the signal is equal to the length of a vector from the 
origin to the farthest point in the constellation. In the case of QPSK, all lour 
points are equidistant from the origin, so any of them can be taken as lhe peak 
amplitude. Note !hat the constellation diagram represents voltage, not power. 

Though the QPSK signal has four states at the same amplitude, between 
states the ampl.itude of the carrier drops. due to filtering at the modulator. This 
filtering is represented by LPFI and LPF2 of Figure 4.4. Also see Figure 4.3 for 
an illustration of the resultant modulated waveform. Since QPSK is nothing 
more than two BPSK signals combined 90° out of phase, then the same wave­
form of Figure 4.3 would generally apply 10 a QPSK signal: Between symbols, 
the signal amplitude passes through O if the state of both bits in the symbol 
changes. This usually doesn't cause much conce.rn in cable television work. 
However, in the ca.se of systems having high AM/PM conversion, where a 
change in amplitude or the signal can cause a change in its phase, lhe ampli­
tude of the signal dropping to O can be a problem. AM/PM (spoken as "AM to 
PM") conversion is a phenomenon in which changes in the amplitude of a 
signal result in a change to the phase of the signal. In data communications, it 
can distort the phase reference for the PLL in a receiver, malting accurate 
recovery of the data less likely. AM/PM conversion can be caused by asymme­
trical nonflatness of the channel and by capacitance modulation in an amplifier 
that is operating out of its linear range. 

A satellite communications link is susceptible to AM/PM conversion. Often 
the power amplifier on the satellite is driven slightly into saturation and may 
exhibit AM/PM conversion. To reduce the effect, satellite communications often 
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uses of(se1 QPSK, in which the transition times of the data in the I and Q channels 
is offset by one-half of a bit cell. Since the two channels don't change amplitude 
at the same time, the amplitude tends to be more constant. 

4.2.7 Higher-Order QAM Modulation 

Binary Numbering 

Before we dlscuss blgher-order QAM, we need 10 review a couple of elementary 
concepts in binary numbering, We will show groups of two bits whose value is 
designated as 00, 01, 10, or 11. The correct way 10 speak this is " zero-zero," 
"zero-one," and so on ("zero" may be replaced with "oh") , These numbers are 
not to be confused with the base-JO numbers that look the same. rr confusion 
between base 2 (binary) and base 10 (our familiar numbering system) is pos­
sible, then the number will be followed by a subscript 2 or 10. The following 
are equivalent numbers in base 2 and base 10: 0102 = 2,o and 1101, = 1310, 

16-QAM Modulation 

The next denser modulation format commonly found in cable television work 
is 16-QAM (16 state quadrature amplitude modulation) . 11 is used for modem 
return services that require higher bandwidth e[ficlency than that offered by 
QPSK. II is similar to QPSK except that each axis is divided into four equidistant 
levels so that each channel (I and Q) can carry the information of two bits. Each 
of two phases carries two bits at a time, so there are four bits per symbol. 

Figure 4.5 illustrates a basic 16-QAM modulator and demodulator. Note the 
similarities between this and the QPSK modulator of Figure 4.4. Each channel or 
the 16-QAM modulator can take on not only the two phases of QPSK but, in 
addltion, intermediate amplitude values. Data is split into two channels, the 
I and Q channels. Instead of only one bit being routed to each channel at a time, 
two bits are routed 10 each. They are added as shown in the table beside the 
Q-channel modulator: for example, ii the two bits are 11 (pronounced "one-one," 
since we are working in binary numbers), then the output of the adder is +3, and 
the Q-channel modulator puts out an amplitude of +3, with a positive phase 
(calling this the "positive" phase is arbitrary). If the data set is 10 (one-zero), 
then the adder supplies an analog signal of amplitude + I to the modulator. 

Similarly, a OJ data set yields an analog level of -l, which causes the 
modulator 10 supply a I-level signal with the opposite phase. A 00 data set will 
cause the adder 10 supply - 3 to the modulator, producing a higher-amplitude 
negative phase signal (saying the phase is "negative· is an arbitrary way to refer to 
the fact that the phase is opposite that of a "positive· phase). By convention, the 
inner levels are+ I and -1. To retain equidistance, spacing between levels is 2. 

The same thing takes place in the I channel. Each channel can thus take on 
any of four states. With the I channel in any of four states and the IQ channel 



167

In 
0 0 
0 l 
I 0 
I I 

(e,ch 
channel) 

4.2 Modulation T ecllnology 149 

independently in any of four states, a total of 16 states are possible. This is the 
number of states required to represent 4 bits (2.4 = 16}. The modulation technique, 
J 6-QAM, derives its name from the 16 possible states of the modulated signal. 

The receiver contains in-phase and quadrature demodulators, as does the 
QPSK receiver. However, the output of each demodulator must be further 
processed to recover two bits. Tnis is done for the I channel, using the three 
data slicers shown. The data slicers have thresholds set by the four voltage 
divider resistors, at levels of Tl, T2, and T3. These levels are set halfway 
between the received states in the I channel. The thresholds are shown in the 
constellation diagram at the bonom of Figure 4.5. Sy reading the outputs of the 
three comparators, Al through A3, the decoder can deduce the transmiued 
state. Note that there are more decision thresholds than there were in QPSK, 
because theie are more points in the constellation, and we must have a way to 
distinguish between all states. We often refer 10 decision boxes rather than 
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Figure 4.5 16-0AM Modulator and Demodulator. 
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thresholds. because each point in the constellation has its own box it must be 
in, defined by the I and Q decision thresholds. 

64-and 256-0AM 
For downstream transmission, the industry employs modulation· formats that 
are similar to 16-QAM except tbat they have more states. They transmit more 
bits per symbol, so the constellation is denser. The distance between states is 
smaller, so the susceptibility to noise and transmission path distortion is greater. 
On the other hand, the spectral efficiency is greater, meaning that more bits can 
be transmitted in tbe same RF bandwidth. 

Figure 4.6 illustrates the constellation diagrams for 4-QAM (i.e., QPSK), 
16-QAM, 64-QAM, and 256-QAM. The diagrams are drawn to the same peak 
scale, so it is easy to see lhe higher density of the higher-order modulation 
formats. Also shown for comparison are several characteristics of tbe different 
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modulation formats. Most of the characteristics are shown measured in deci­
bels with respect to a QPSK signal. 

For each modulation type, the approximate power peak-to-average ratio is 
shown first. This is computed by averaging the power of each state, ignoring 
the effects of filtering. Later we show bow this is done. A more precise peak-to­
average ratio must include the effects of filtering. Next is shown· the theoretical 
spectral efficiency, in bits per hertz. The spectral efficiency is a figure of merit, 
defining how many bits per second can be transmitted per hertz of RF band· 
width. Tbe actual spectral efficiency will be less than this, due to the practical 
need for excess filter bandwidth. 

Below the peak-to-average ratio is shown the relative distance between a 
state and the closest state boundary, expressed in decibels. The relative distance 
between a state and the boundary is defined in the QPSK constellation, as is the 
peak amplitude. It is the decibel measurement of how much closer to each other 
the states are in the denser modulation formats. The reference is a QPSK con· 
stellation, and the distance is normalized to the peak, not the average, amplitude. 

The relative amplitude entry is derived lrom the BER vs. signal-to-noise ratio 
of the equation graphed in upcoming Figure 4.17. It is an indication of the 
increase in signal-to-noise ratio required to maintain a 10-6 bit error rate. Recall 
that the signal level to which we refer here is the average, not the peak level. 

32-0AM Modulation 
A similar modulation format to those shown earlier is 32-QAM, which has 32 
states and a theoretical spectral efficiency of 5 bits per hertz. Two different 
32-QAM constellations are shown in Figure 4.7. Figure 4.7(a) is distinguished 
Crom the 64-QAM formats shown earlier in that every second state is occupied. 
This puts more distance between states, resulting ln easier decoding. Figure 
4.7(b) illustrates an alternate encoding of 32-QAM, where the four corner states 
are omitted. Both encoding methodologies have been reported ln the literature. 

A total of 32 states represents S bits (25 = 32). With 16-, 64-, and 256-QAM, 
each axis, I or Q, can represent a certain number of bits, because the number or 
states along each axis is a power of 2. On the other hand. 32-QAM does not 
have this correspondence between bits and states possible. The five bits mak· 
ing up a symbol can, however, be encoded into one of the 32 possible states. 

4.2.8 8-PSK Modulation 
Because satellite transponders normally operate close to or in compression, the 
modulation transmitted over a satellite path must not depend on amplitude 
discrimination to recover data. For many years, QPSK, or 4-QAM; has been the 
dig.ital modulation of choice for satellite transmission. Recently 8•state phase 
shift keying (8-PSK) has begun to see use in order to improve bandwidth 
efficiency in satellite communications. Figure 4.8 illustrates the constellation 
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Fi91119 4. 7 32-0AM Constellations. (al Alternate star.s. (bl Corners removed. 

of an 8-PSK modulated signal. It has eight states (3 bits per symbol); but since 
they are all equidistant lrom the origin, all states have the same amplitude 
(there will be some amplitude reduction between states due to filtering). Thus, 
the satellite amplifier operates at the same output amplitude at all limes, a 
necessary condition for efficient amplifier operation. 

' ' ' ' ' ' 
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' 

Fi91119 4.8 8-PSK constellation. 
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4.2.9 S•VSB Modulation 
The FCC has designated 8-VSB modulation as the standard for off-air television in 
the United States. 11 is very similar in performance to 64-QAM. In VSB modula­
tion formats, only one phase of the carrier is used, and there is no quadrature 
component; aU bits making up the symbol modulate the same phase of cbe 
carrier. That carrier (which is almost completely suppressed) is placed very near 
the band edge rather than In the center, and one sideband is removed by filtering. 

Both 8-VSB and 64-QAM have essentially the same spectral effidency. 64-QAM 
carries data on 1wo quadrature phases of the carrier but must place the carrier in 
cbe center of the passband. Where carriers in quadrature are employed, it is 
necessary to transmit both sidebands to allow for separation of the two charmels. 
8-VSB only uses one phase of the carrier, so separation ol components is not an 
issue. Compensating for the lack of the quadrature phase, 8•VSB is able 
to transmit twice cbe symbol rate in the same bandwidth, since cbe second 
sideband is not transmitted. 

Figure 4.9 Ulustrates cbe prindple of VSB digital modulation. A set of bits is 
convened to a parallel word. The number of bits taken at a time is three when 
8-VSB (2' = 8) is being transmitted. These bits are added, and the result is 
convened to analog and supplied to a balanced modulator. The modulator 
output Is filtered in a vestigial sideband (VSB) filter. Ideally, the VSB filter 
doesn't pass any of the lower sideband but does pass cbe carrier. As a practical 
matter, some of the lower sideband must be transmitted, as in the case of analog 
transmission. Advances in filter technology since the NTSC television system 
was developed have made a much smaller vestigial sideband possible. In analog 
VSB transmission, the picture carrier is 1.25 MHz above the channel edge. In 
digital VSB transmission, the carrier is only 3JOkHz above the channel edge. 
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A small amount of carrier is inserted in the VSB signal to facilitate carrier 
recovery. With QAM modulation formats, the carrier may be recovered by taking 
advantage of the symmetrical sideband nature of the signal. It may be sbowo 
that a suppressed carrier can be recovered by doubling the ·frequency of the 
received signal, which yields a second harmonic of the carrier. This is true only 
when the carrier bas symmetrical sidebands. Such is not the case with VSB, so a 
small carrier component must be transmitted to allow recovery. 

The susceptibility to transmission impairments of an 8-VSB signal is similar to 
that of a 64-QAM signal. VSB has a claimed advantage in the presence of phase 
noise. As shown in upcoming Figure 4.12, phase noise causes the constellation to 
rotate around the origin. With VSB transmission, the distance to the state boundary 
on the phase trajectory is much greater than it is with QAM. The excess bandwidth 
of the broadcast 8-VSB signal is I 1.5%. The symbol rate is 10.76 Mbaud, so with 
three bits per symbol the gross data rate transmitted is 32.28 Mb/s. Due to trellis 
coding, there are only rwo information bits per symbol, so the gross payload is 
two-thirds of this, or 21 .52 Mb/s. Adjusting for overhead, the net transpofl stream 
payload seen by a transpofl decoder is 19.393 Mb/s.1 Sometimes you may see the 
dara rate shown as 19.29 Mb/s. This number is the data rate transmitted (less 
modulation overhead), where the MPEG sync bit is not transmitted but rather is 
added back at the demodulator. This data rate (whichever number you use) is less 
than the 64-QAM data rate transmitted in cable, primarily to allow for more error 
correction to compensate for the perils of the radio path. 

4.2.10 Fundamental Principles of Digital RF Transmission 
In this section we describe a number of issues associated with digital modula­
tion. You should be familiar with them in order to make sense of what you 
experience related to a digitally modulated signal. 

Bit Rate and Baud Rate 

Perhaps the most common mistake made in communications terminology today 
is to confuse the rate at which dlUa is transmitted with the rate at which symbols 
are transmitted. The rate at which bits are transmitted (the bie race) is measured 
in bits per second. In most modulation formats, however, more than one bit is 
transmitted at a time. The bits that are transmitted simultaneously are grouped 
into a symbol. The rate at which symbols are transmitted is the baud rate. 2 

In OOCSIS upstream transmission, the lowest specified symbol rate is 
160kbaud. U QPSK modulation is used, the bit rate is twice that, or 320kb/s, 
because there are two bits transmitted per symbol. However, if 16-QAM is 
used, the bit rate is four times the baud rate, or 640 kb/s. (Note that the plural 
of baud is baud, without an "s. ") As shown earlier, 256-QAM modulation 
groups 8 bits into a symbol, so the baud rate is one-eighth of the bit rate. The 
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occupied bandwidth of the signal is a function of the baud, or symbol, rate, 
because the baud rate tells us how many times the modulation state changes 
each second. 

Filtering Methodology 
This section introduces the filtering methodology that is followed in many data 
communications applications and for many types of digital modulation (except 
FSK, which was covered earlier). The filters at the transmitter and receiver are 
effectively in cascade in the signal path; together it is desirable that they form a 
filter just wide enough to convert the highest modulating frequency into a sine 
wave. (As a practical matter, the filter will be somewhat wider than this.) A 
particularly useful class of filters is called raised rosine filters by the data 
communications industry. They are called sine squared filters by the television 
engineering community. 

The equivalence is seen in the following trigonometric relationship: 

2sin2 c,= 1-cosz« (4.6) 

The left side of the equation shows the rationale behind the television usage of 
sine squared terminology, while the right side shows the basis of the data 
communications term raised rosine. The I on the right "raises" the cosine 
term, which by itsel( ranges from -1 to +I. In television work, a sine squared 
filter is used to produce the well-known sine squared pulse and bar, which are 
useful in analyzing analog video channel performance. In data communica­
tions, the cascaded performance of the low-pass filters at the transmitter and 
receiver, possibly in addition to the response of the IF fillers, form a raised 
cosine filter, which ensures a fast transition between the modulation states, 
consistent with minimal spectrum occupancy. 

It is desirable to heavily filter al the transmit end in order to reduce the 
spectrum usage, and heavy filtering is desirable al the receive end to minimize 
noise added during transmission. However, the total filtering applied must con· 
form to the raised cosine shape. In many communications systems, the designer 
places one-half of the filter function at each end of the communication channel. 
When this is done, the filter response at each end is the square rool of the 
complete filtering (unction, so tbe filter used on each end is often described as a 
root raised rosine filter. Note that the filters at the transmit and receive ends must 
be matched to each other and collectively are often referred to as matched filters. 

Note that any bandpass filter must be symmetrical with respect to the center 
(carrier) frequency for quadrature signals (that is, any QAM signal). This is a 
requirement of quadrature transmission systems. JI the overall filter response is 
not symmetrical, we can show that the carrier phase will be recovered incor­
rectly, resulting in a loss of signal integrity. In addition, the in-phase and 
quadrature channels will crosstalk. 
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Required Bandwidth of the Signal 
We shall develop the concept of occupied bandwidth using a BPSK signal, and 
then show how it is extended to any QAM modulation format. The bandwidth 
requirements or BPSK can be understood by considering the worst case, that of 
an alternating string of ls and Os. This will produce a square wave, one cycle of 
which is composed of an alternate 1 and 0, or two bits, as explained earlier. 
Thus, the frequency of the square wave, fm, is one-half the bit rate. Figure 4.10 
illustrates the spectrum of the data signal at baseband. The square wave of 
alternating ls and Os illustrates the highest frequency of the data signal. From 
Fourier analysis, we know that a square wave consists of all odd harmonics of 
the fundamental frequency, as shown by the vertical lines in the spectrum plot 
of the figure. 

In real data systems, the data Is not an alternating series of ls and Os. Rather, 
it is all possible combinations of strings of ls and Os. The resulting spectrum will 
fill in the spectrum from the maximum frequency, fm, down to close to 0 
frequency (and all harmonics thereoO. 

However, the harmonics are not needed to convey the information con· 
tained in the datastream. If all frequencies above Im are removed by filtering, 
then an alternating series of ls and Os will produce a sine wave of frequency Im-
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Figure 4. 10 Baseband Specuum of BPSK Signal. 



175

r 
4.2 Modulation Technology 157 

Transitions that occurred at a slower rate (i.e., from a series of like states) 
would follow a sinusoidal transition path but would be flattened on top. 

The theoretical (not practical) spectral efficiency of a BPSK signal is developed 
as follows. The alternating 1-0 sequence defines the highest frequency of tbe data 
baseband signal. If it is filtered by removing all harmonics, leaving a sine wave, 
then the frequency of the sinusoid is one-half the data rate (one cycle is composed 
of a set of a single l followed by a single OJ. The bandwidth of the modulated 
signal is twice the modulating frequency (the sum less the difference between the 
carrier and the modulating frequency), which in turn is equal lo one-half the bit 
rate. Thus, the spectral efficiency is two times one-half the data rate, or one times 
the bit rate, one bit per hertz. 

A filter that completely cuts oll just above fm may be Ideal but is hardly 
practical. A practical filter bas the raised cosine shape and is somewhat wider 
than fm, The sharper the filter cutoff (that is, the less bandwidth required 
between the filter passband and the stopband), the less bandwidth is required. 
However, the sharper filter is more difficult to build, and more group delay (see 
Glossary) is llkely, depending on the realization. The shape of a real filter is 
described by the alpha of the filter, where alpha is defined as the excess of 
occupied bandwidth compared with the minimum required bandwidth: 

(4.7) 

Recall that the common filtering practice is to put the square root of the 
raised cosine filter response at the transmitter, and the same at the receiver. For 
example, as shown in Chapter 5, the filter specification for the transmitter of a 
DOCS!S-rompliant downstream modulator operating in the 64-QAM mode is an 
18% root raised cosine filter, meaning that the filter is 18% wider than the 
minimum required bandwidth.' This may also be interpreted that the occupied 
bandwidth is 18% wider than the theoretical minimum. 

QPSK works the same way as does BPSK as far as the spectrum is concerned. 
QPSK is simply two BPSK carriers at the same frequency, but 90° out of phase 
with each other. The spectra overlap; and since a spectrum analyzer doesn't 
respond to the phase of a signal, the BPSK and QPSK spectra are very hard to tell 
apart. 

Higher orders of QAM modulation are simply the same thing as QPSK, with 
the E.'xception that rather than each of the two quadrature carriers taking on gnly 
two states (phases), they can take on multiple amplitude and phase states. The 
spectrum is again very difficult to distinguish from that of a BPSK signal. 
Tbe bandwidth is based on the number of symbols transmitted per second, not 
on the number of bits transmitted per second. See the earlier discussion of bit 
rate vs. baud rate. 
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Clock Recovery 
While self-clocking formats, such as Manchester encoding (see Section 4.2.2), 
could be used with BPSK and higher-order modulation, this is normally not 
done. The higher number of transitions associated with Manchester encoding 
would double the required bandwidth of the signal Rather, an NRZ: datastream 
is transmitted. Clock recovery consists of synchronizing a clock to the transitions 
in the received data. Where no transition occurs, the clock "freewheels" through 
the place where the transition should occur. If a long transmission of Os or ls 
occurs, it is possible to lose clock synchronization, so "scrambling" or some 
other technique is often used to force a state change every so often. 

Data Scrambling 
Scrambling is often used as a method of de removal, which is necessary to effect 
proper operation of a number of circuits in the receiver, including clock recov­
ery. Scrambling in its data transmission sense is not the same as when used in 
the cable television sense. in cable television, the word refers to the process of 
rendering a video and/or audio signal unintelligible to a normal receiver. A 
special circuit must be used to restore the signal to its intelligible form. 

In data transmission, scrambling is the process of combining a datastream 
with a pseudorandom bit sequence, with the intent to remove any possible de 
component of the datastream. An equivalent way of expressing the function of 
the scrambler is to say that it equalizes the power density over the occupied 
bandwidth. It can be shown that. if any data signal is exclusive ORed with a 
pseudorandom signal having a Oat spectrum and no de component, then the 
resultant signal will have a Oat spectrum and no de component. The signal can 
be recovered at the receiver by exclusive ORing the signal with the same 
pseudorandom signal. 

The exclusive OR operation is a logical operation on a single bit of data. If 
the two bits are the same, the output of the exclusive OR operation is a logical O; 
if the two bits are different, the output is a logical I. 

Differential Encoding 
The phase locked loop used for carrier recovery in Figure 4.3 exhibits a 
problem, in that a phase error ambiguity exists: if the output of LO2 divided 
by 2 is in phase with the carrier applied to Ml. then the recovered data will 
have one polarity; if it is out of phase. the recovered data will bave the opposite 
polarity. Since the loop is closed at twice the frequency of the carrier, no simple 
way to determine the correct phase exists. One way would be to detect a code 
word buried in the data and to correct for a phase error. 

A method frequently used to resolve the phase ambiguity is differential 
ena,ding. In differential BPSK, a O is represented by no change in phase from 
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the previous state; a I is represented as a 180° phase change. The detector is 
arranged to compare the phase of the previous bit with the phase of the present bit; 
if the phase doesn't change, a O is delivered as the received bit. If the phase is 
changed, a I is delivered (or vice versa). With more complex modulation schemes, 
sometimes a recognizable binary word is used 10 determine the correct pltase. 

The Eye Diagram 
The recovered waveform at the "monitoring" point shown in Figure 4.3 should 
be the same as the waveform applied to modulator Ml . However, distortion lo 
the transmission path will change the wave shape, as suggested in Figure 4.11 
(the dotted line is the original wave shape; the solid line is the received wave 
shape). Noise will put "ripple" on the waveform, as seen on an oscilloscope. I[ 
enough noise is added, then the state of the signal may be misinterpreted, 
producing a bit error. Besides noise, group delay can distort the wave shape, as 
can echoes and amplitude tilt in 1he channel. 

A particularly useful oscilloscope display is called an eye diagram, so 
named for its resemblance 10 an eye. It is produced by supplying the received 
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F",gura 4.11 8PSK Received Waveform and Eye Diagram. 
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waveform (before the slicer) 10 the vertical input of the oscilloscope. The 
horizontal time base is set to display more than one bit cell and is triggered 
by the recovered clock. [For simplicity, the diagram shows only one bit cell 
width, though typically some additional time would be displayed.) When a bit 
is undergoing a transition from O to I at the trigger time, the waveform will be 
positive-going on the left. When it is in transition from 1 to o; it is negative­
going. It may also be the same as the last bit, in which case it forms a Hat line at 
the top or bottom of the display. Similarly, the display toward the right is 
formed by transitions to the next bit alter one displayed. 

The slicer interprets the signal to be either a I or a 0. The sample time should 
be in the center of the bit cell, when the eye is as "open'" as possible. One of the 
practical error sources, which is often not considered in computing BER versus 
noise, is errors in the timing of the sample: If the timing is in error because of 
problems in the clock recovery circuit (perhaps due to noise, interference, or 
waveform distortion), then it is more probable that the bit will be misinterpreted. 
A figure of merit is the eye opening, or the percentage of the peak (fully opened) 
eye that is seen as open in the eye diagram. 

Eye closure can be caused by a number of transmission problems. The 
effect of noise is illustrated in Figure 4.11. Besides noise, errors in the ftlter 
shape can cause pulse distortion, which will tend to close the eye. If the 
transmission path exhibits excessive group delay or if an echo exists, then 
one bit may not completely "go away'" before the next bit starts. This condition 
is called intersymbol interference, or ISi. 

Illustrated in Figure 4.11 is a potential bit error, in which a noise spike 
carries the waveform so far lrom its correct position that it actually crosses the 
decision threshold of the slicer. If the clock causes the slicer output to be read 
at the time of the noise spike, then a bit error would occur. 

We have illustrated the eye diagram for a BPSK signal. When quadrature 
modulation is used, such as in 4·, 16·, 64-, or 256-QAM modulation, the eye 
diagram is displayed separately for each axis of modulation. When there are 
more than two states per symbol, then the eye diagram wlJI be more complex but 
will nonetheless resemble that or Figure 4.11. 

Effectt of Interference on the Constellation Diagram 

The constellation diagram is useful for understanding the effect of interference 
on the signal. In Figure 4.12, quadrant I illustrates the effect of a coniinuous 
wave (CW) interfering signal in the passband of the receiver. An interfering 
carrier creates a beat note, which forces each poin1 in the constellation to spread 
out in a circle around the desired point. The radius of the circle is proportional to 
the relative amplitude of the interfering carrier. Unlike analog video signals, the 
impact of the interfering carrier tends to be independent of its location within the 
passband, except for some effect caused by nonflatness of the receive fil ter. 
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Figure ol 12 The Effect of Interference on the Constellation Diagram. 

h is worth noting that composite second order (CSO) and composite triple 
beat (CTB) are not CW inter(erences. Their amplitudes change constantly, with 
peaks reaching 15 dB above the average. The variation is due to phase alignment 
of the multiplicity of carriers. The occurrence of a peak is rare, but the peak can 
last from a microsecond to a lew hundreds ol microseconds (longer than the 
burst protection period of the Interleave.• 

Quadrant II illustrates the effect ol phase noise on the signal. Phase noise is 
introduced when a local oscillator has significant phase noise. It can also be 
shown to occur when the transmission channel does not have a response that is 
symmetrical about the carrier. Phase noise causes the constellation to rotate 
about the origin. 

Random noise (quadrant lll} causes each point in the constellatlon 10 "blur," 
somewhat as with CW interference, except that the spreading of the point tends 
to be more nearly uniform within the circle, and the circle does not have a well­
defined radius. Again, recall that the spreading ol points in the constellation 
becomes a problem when the spread points cross a threshold 10 another sJale. 
With QPSK, that threshold is defined by the axes ol the constellallon diagram. 
With more dense modulation, the thresholds are closer together, so lower levels 
of interference will cause the threshold to be crossed. As a practical mailer, an 
error may occur when a point is forced close 10 a threshold boundary: Real 
demodulators don't work quite as well as the theory predicts. 
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Finally, rellections, which cause ghosting in analog transmission, cause a 
replication of the cons1eUation around each point in the constellation, as illu­
strated in quadrant IV. The constellation is rotated with respect to the "direct 
path" constellation, due to phase shift between the direct and re0ected RF carriers. 
Usually, systems that employ denser modulation formats include adaptive equal• 
izers, which can compensate for echoes if the echo doesn't change'too quickly. 

lf the peak amplitude of the signal is 1, as shown in quadrant IV, then the 
distance from the nominal location of any of the four states to the nearest state 
boundary is 0.707. This result is easily obtained via simple geometry, where 
the amplitude vector, of length 1. is the hypotenuse of a right triangle and the 
distance to the nearest decision threshold is one of the cwo other sides of 
the triangle. Bear in mind that it is more common to measure the amplitude 
of a digital signal by using the average amplitude, which concept is explored later. 

Effect of Gain Compretsion on the Constellation Diagram 

Cain compression can occur in any amplifier stage, but it is most likely to be 
recognized as such if the amplifier is handling only a single digitally modulated 
signal. Gain compression may be described as a voltage transfer function having 
second· and third-order components, just as when we are describing distortion in 
broadband amplifiers. As the input signal instantaneous amplitude increases, the 
output amplitude increases more slowly. If an amplifier is handling multiple 
signals, this phenomenon produces composite second· and third•order distortion. 

Figure 4.13 illustrates the effect of gain compression on the digitally modu­
lated signal. The uncompressed constellation points are represented as dots, and 
the compressed constellation points are represented as pluses. In both cases we 
have normalized the signal amplitude to the same average power. This represents 
what a receiver would do if its automatic gain control (AGC) responded to average 
power. The decision thresholds are at the same point for both the uncompressed 
and the compressed constellations, due to the normalization. Note that the uncom­
pressed cons1ellation points are in the center of the decision boxes, as far from the 
decision boundaries as possible, where they should be for best data recovery. 

The compressed constellation has very many points near the edge of 
the decision boundary; a slight amount of noise or other impairment would 
drive the constellation point outside of the boundary, forcing a bad decision on 
the transmitted information. For illustration, we have chosen a rather large 
amount of gain compression. But you can see that the problem gain compression 
causes is that the constellation is moved from the optimum location, with the 
result that more errors will be made for a given impairment level. 

Peak-to-Averege Ratio 
Higher-order modulation techniques exhibit a higher peak level than the average 
level read on a power meter. Figure 4.14 illustrates one reason for this, based on 
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a 16-QAM signal. It shows the same constellation diagram as depicted in Figure 
4.5. Tbe constellation is scaled such that the amplitude of any one of the four 
corner states is I. This represents the peak level of the signal. The chart in the 
figure computes the average signal level based on equal occupancy of any of the 
16 possible states. Since all four quadrants behave the same way, it is necessary 
to average over only one quadrant. · 

The voltage amplitude of each state is determined by simple geometry, 
assuming that the highest-amplitude state has an amplitude of I. From the 
geometry of a tight triangle, it then follows then that the coordinates of that 
state are (0.707, 0.707). The state closest to the center has a distance on each 
axis of one-third of this, so its total distance is one-third that of the farthest state. 
States 2 and 3 each have one coordinate of 0.707 and one coordinate that Is one• 
third of that. Application of the Pythagorean theorem shows that the magnitude is 

Jo.1012 + (0.101 /3)2 = 0.75 

When looked at on a voltage basis, the voltage average is the average length 
of the four vectors that define the states in the quadrant. The power average is 
obtained by squaring the voltage vector for each state, because power is equal to 
the square of the voltage divided by the resistance: 

The resistance would cancel out in the computation, so it is omitted. The right· 
hand column in the chart in Figure 4.14 computes the power peak-to-average 
ratio, based on squaring the voltage vectors. 

Effects of Fitering on Peak-to-Average Ratio 

The peak-to-average ratio is not completely charac1erized by the state distribu­
tion as implied, however. It is also a functi.on of the filtering at the transmitter. 
This was illustrated in Figure 4.3, which shows an amplitude dip in a BPSK 
signal when the transmitted bit changes states. The same thing happens with 
higher-order modulation techniques, and that somewhat changes the peak-to• 
average ratio. The peak•to•average ratio is of concern in cable systems, particu• 
larly in the operation of return plant, where a limited number of digital signals 
comprises the return spectrum handled by the return laser. 

It was shown that the peak-to-average ratio is partiaJly a fun~tion of the 
relative amplitude of each state and the percentage of time the signal spends io 
each of those states. Another factor, not yet taken into account, is the filtering 
applied to the signal. As the filtering becomes more aggressive (i.e., lower alpha, 
corresponding to smaJler excess RF bandwidth), the filter tends to ring more, 
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meaning that the signal will be of even greater amplitude than predicted, for a 
small J)<!rcentage of the time. 

Ito' studied this theoretically for a filter having an alpha of 11.52 % . He 
computed lhe percentage of time lhe power of a 64-QAM signal exceeded its 
average by various amounts. The curve follows the percentage computed based 
on state occupancy, untll the percentage of time is less than the' percentage of 
time the signal spends in the highest state. He round that the signal exceeded the 
average by 6 dB or more for about 0. l % of the time and was 9 dB above 
the average for about 0.00001 % of the time. (For reference, 6.25% of the time 
a 64-QAM signal is in its highest-amplitude state, which is 3.68 dB higher than 
the average power.) 

Multiple-carrier systems, such as OFDM (described in Section 4.3 .3), had a 
much higher peak-to-average ratio. It exceeded the average by 12 dB for 
0.00001 % of the time. This is because multiple-carrier modulation signals tend 
to have the amplitude distribution of random noise, which has a finite prob­
abillty of being very high for a very short time. The subject of peak-to-average 
ratio is revisited in Chapter 16. 

Effect of Unear Distortion on Pulse Shape 

Linear distortions that can enter the cable plant include echoes, also called 
reflections, in which a pulse is reflected from an impedance mismatch and adds 
constructively or destructively to the original waveform. Another linear distor­
tion is group delay, in which the delay of the channel is not flat with frequency. 
Yet another linear distortion is amplltude ripple, in which the frequency 
response of the channel is not Oat. All of these linear distortions are familiar to 
those who have dealt with them in analog modulation. In digital modulation, 
these distortions tend to close the eye of the data (illustrated in Figure 4.1 l) and 
can present a serious impediment lo data recovery. 

Figure 4.15 illustrates pulse distortion caused by a single reflection. In the 
modeling, the reflection was delayed about 75 % of the pulse duration. In many 
cases the pulse would be delayed much more. Also, to make ii easier to see the 
effect of the delayed pulse, we have assumed a much wider excess bandwidth 
than is normal. You can see that lhe pulse is significamly distorted, which would 
result in significant closure of the eye diagram. Since the delay in the reflected 
signal may be much more than one symbol time, we often refer to these distor• 
tions as producing intersymbol interference, or ISi. 

Adaptive Equalization 
Because ISi can be so serious a problem in dense modulation formats, it is 
desirable to compensate for it at the receiver. This is done with an adapti1J1? 
equalizer, a circuit that produces an echo that is the same as the echo added by 
the system, except the intentionally produced echo is subtracted from the signal. 
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(b) 

ftgure4.15 Pulse distortion caused by a reflection. tal Original pulse. lb) Distorted pulse. 

The higher the density of lhe modulation (e.g., 256·QAM), the more lmponant 
the adaptive equalizer is, because less eye closure can be tolerated before bit 
errors occur. 

Figure 4.16 illustrates an adaptive equalizer installed in each channel of a 
QAM demodulator. Figure 4.16(a) shows a QAM demodulator, with an adaptive 
equalizer installed in each channel, after the demodulator and before the data 
slicers. Thus, we have an analog signal at the point where the adaptive equalizers 
work. (Note lhat in modem circuitry, the signal is often digitized before detection, 
and the detection, filtering, and equalization are performed using digital signal­
processing techniques. The point is that lhe signal at the adaptive equalizer is a 
continuous signal, even if it is represented digitally. It bas nol been reduced to the 
final binary value, which is done in the data slicers and the encoder.) 

Figure4.16(b) shows a 24-stage adaptive equalizer. The signal from the demodu• 
later enten at the left and is successively delayed by small intervals (usually one 
symbol io time), designated z-1. After each delay, the signal amplitude is 
adjusted by complex gains A 1, A2, etc. The signal with gain adjusted is added 
to the main signal, which is shown coming through Al before any delay, plus the 
output of all other stages of the adaptive equalizer. Note that the gains A may be 
negative values, to subtract signal if necessary; depending on the RF phase of an 
echo, the reflected signal may add, subtract, or have any phase angle in between. 

Thus, the adaptive equalizer generates an echo similar to that introduced in 
the plant and then subtracts it from the main signal in order to cancel the echo. 
The small eye diagrams at the left and right illustrate the effect of lhe adaptive 
equalizer (for simplicity, we are showing a BPSK eye, but the adaptive equalizer 
is more likely to be needed for dense modulation) . Of course, it is necessary to 
adjust the value of each "tap" (each gain A) to compensate for whatever 
deficiency exists. The gains A may be positive or negative. It is the job of the 
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detector, shown by each adaptive equalizer, to determine the eye closure and 10 

adjust the taps until the eye diagram is optimized. 
Adaptive equalizers are useful for compensating for echo and also for 

compensating for group delay and amplitude response. In some instances the 
main tap will not be the first one, because preechoes are possible. Amplitude 
errors in Lhe channel may be modeled as a pair of echoes. one before and one 
after the main signal, so the detector may have to assign anoUier tap the job of 
passing the highest signal (highest value of A}, in order to have some preecho 
taps to use in canceling amplitude errors. A common combination is 7 preecho, 
the main tap at the eighth position, and 24 posttaps. 

In the past it has been most common to place the adaptive equalizer in the 
receiver, as is done in digital video receivers. However, DOCSIS modems have a 
unique need in the upscream direction that bas caused Lhe equalizer to be placed 
in the upstream transmitter (at the modem) and the detector in Lhe Cable modem 
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termination system (CMTSJ. Since signals from each modem travel a partially 
different path, they are subject to different distortions, depending on that path. 
Thus, each modem will require a different adaptive equalizer setting. A detector 
in !he CMTS monitors the eye opening for each modem and sends signals to that 
modem telling it to adjust its adaptive equalizer filter until the eye opening is 
maximized. After that has been done, the eye opening is checked on each 
transmission, and changes are commanded from the CMTS to the modem when 
necessary. 

4.2.11 Defining the Level of a Digitally Modulated Signal 
Analog television signals are measured at the peak amplitude ol the signal, 
which corresponds to !he sync lips. This level is constant with modulation. 
The formal definition ol the signal level is "the RMS value of the carrier arnpli• 
tude during sync tips." 

Digital signals are sometimes measured based on peak level, but it is 
standard in cable TV practice to measure the signal based on average level. A 
thermocouple power meter, which measures average power, is the basic instru• 
ment used. Measurement of the average level is more accurate, because it can be 
measured by supplying the signal to a thermocouple-type RF power meter. The 
power read on the power meter is usually expressed in decibels with respect to 
I milliwatt (dBm). Such meters are simple and guile accurate. As normally used, 
a spectrum analyzer comes close to measuring the average signal level (after 
corrections), not !he peak. 

Tile formal interpretation of "signal level" as applied to digital signals is as 
follows. 

The definition ol the level ol a digital signal shall be the power level as measured 
by a power meter which uses a thermocouple as a transducer. TIJal is, the 
measurement shall be the average p0wer in the signal, integrated over (he actual 
occupied bandwidth or 1ha1 signal. The signal level should be presemed In 
decibels wltll respect to 1 mllllvolt RMS in a 75-ohm system. Thus the measure• 
ment reported is the RMS value of the sinusoidal voltage that would produce the 
same heating in a 75-ohm resistor as does the actuaJ signal.6 

This definition simply means that the reported signal level is the level of 
a CW signal that would produce the same heating In a resislor as does the 
actual signal. The signal level is converted from dBm (commonly reported by 
power meters] to the equivalent value in decibels with respect lo 1 millivolt in 
a 75-olun system (d.BmV), the common unit of measure ol signal strength in 
cable TV practice. Tile relationship between signal level measured in dBm and 
that measured in d.BmV, assuming a 75-ohm system, is the same as in the 
analog domain: 

signal level (d.BmV) = signal level (dBm)+ 48.75 
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4.2.12 Bit Error Rate Versus Carrier-to-Noise Ratio 
It is appropriate to discuss the bit error rate versus the carrier-to-noise ratio of 
the signal. Usually in data communications, though, the independent variable is 
not taken to be carrier-to-noise ratio but is an equivalent measurement, 
expressed in terms or the energy per bit (Et,) divided by the noi~e per hertz of 
bandwidth (N0). We explain this concept and then discuss the requirements for 
various modulation formats. 

TIie Co11cept of E,JN0 

For a given modulation format, as one increases the data rate, the required trans­
mission bandwidth will increase proportionally. If a 1-Mb/s datasu-eam requires 
0.5 MHz of lransmission bandwidth, then a 2-Mb/s datastream will require I MHz. of 
bandwidth. The bandwidth required has doubled, doubling the noise that of necessity 
must be admitted by the filtering, but the data rate bas also doubled. 

In order to compare the performance of different modulation formats, which 
may be used to transmit different bit rates, we use the concept of energy per bit 
divided by noise power per hertz, £•/N0 • This parameter, pronounced "E B over 
N zero," removes data rate and noise bandwidth from the expression. It serves 
the same purpose as a carrier-to-noise ratio in analog video transmission, but it 
is not the same as carrier-to-noise ratio. One can think of this parameter as the 
average carrier-to-noise ratio per bit. In a given case, one can convert to carrier• 
to-noise ratio by multiplying Et,/N0 by the bit rate and then dividing by the noise 
bandwidth. In logarithms, this is done as follows: 

~ = ~ + I0log(bit rate in b/s) - 10 log(noise bandwidth in Hz) 

The use of Et,/No permits one to compare the performance of different modula­
tion systems without having to correct for different bit rates between the systems. 

BER Venus E,/N0 

The bit error rate of various levels of QAM modulation can be approximated by 
the equation' 

PM= 2 ( 1 - ~) erfc ( [ 
1 ( I ) ( 3ky• ] 1-2 I - vM erfc Z(M -1) ' 

where 

M = number of states per symbol (e.g., 64 for 64QAM} 

'Yb = average C/ N ratio per bit (E./No) 
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Figure 4.17 8~ Error Ratio vs. E,JN, for Several 1.avels of OAM. 

The error [unction, erk, is a mathematical expression of the probability that a 
normal random variable (such as random noise) will exceed a certain level. 

Graphing this expression for a number of levels of QAM yields the chart or 
Figure 4.17. This graph is normalized for a carrier-10-noise ratio, expressed as 
-.,/No, the energy per bit divided by the noise per hertz of bandwidth. This is a 
common expression for carrier-to-noise ratio, which Is independent of bit rate 
and bandwidth. This graph does not include the e(fects of other impairments 
from the signal source, the transmission channel, or the receiver. 

Note that digital communications engineers often reler 10 this as signal-10-
noise ratio rather than carrier-to-noise ratio. Cable television engineers often 
reserve the term signal-to-noise ratio, for the baseband measurement and use 
carrier-to-noise ratio lor the RF measuremeol. Digital communications engineers 
don't always make this distinction. 

4.3 Forms of Spectrum Sharing 

This section discusses several forms or spectrum sharing, in which multiple 
users share the same spectrum.3 The basic reason for spectrum sharing is better 
efficiency of a scarce resource (spectrum). Some of the forms shown also claim 
advantages in the erficacy ol data transmission. Note that these rorms do not 
represent new modulation techniques - they generally use some level of QAM 



189

4.3 Forms of Spectrum Sharing 171 

modulation-but they do divide the spectrum differently. Nonetheless, some 
writers have used the term modulation to describe them. The careful reader will 
note similarities among some of the techniques. Differences may sometimes be 
subtle. 

4.3.1 Time Division Multiple Access (TOMA) 

One mature method of sharing spectrum is time division multiple access 
(TOMA), which is used extensively in data systems, thanks to its relative 
simplicity and maturity. It is quite useful for return path transmission, in which 
a number of return transmitters need to communicate to the headend. 

Figure 4.18 illustrates time division multiple access. The reference system is 
a number of transmitters in one node, each of wbicb must communicate back 1.0 

the headend. In TOMA systems, each transmiuer transmits on the same fre­
quency but at diffe.rent times. After each transmitter has its tum, the sequence 
begins again. One set of transmissions from each transmitter is called a frame. 
Ideally the level of each transmitter is adjusted such that a consistent receive 
level is measured at the headend. TOMA systems are covered in more detail in 
Chapter 6. 

Some guard time must be allowed be1ween individual transmissions, to 
allow for errors in the transmission time of each Individual transmitter. The 
receiver must also be able to lock 10 each transmission when ii starts. Of course, 
since each transmitter is not transmitting full time, the transmission rate must be 
fast enough to allow for each transmitter to transmit its complete set of bits 
during its turn. The bandwidth required is increased accordingly. A synchroniz­
ing signal must be sent from the beadend, which defines the time slots. 

Amplitude '----F'rame----.J 

JIL..L-....i-Fl ~El I LL....J...__Fl ~~, T;me 

-----·+'---<C 9f-.+-----+..-19--+--1-----► 
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FiguNt 4.18 Time Oivi$ion Multiple Access. 
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It is not necessary that each time slot {A, B, and X in Figure 4.18) be of equal 
length. Several protocols, including OOCSIS, allow the length to be varied, depend· 
ing on the amount of data to be transmitted. This is explained in Chapter S. 

For downstream signal transmission, where only one transmitter is involved, 
a similar system can be used. The only difference is that it is not necessary to !Urn 
off one transmitter and turn on another. This transmission method ls called rime 
division multiplexiTf8, or IDM. It is covered in more detail in Chapter 6. 

4.3.2 Frequency Division Multiplexing (FDM) 
Another long-established method of sharing spectrum is frequency division 
multiplexing (FDM), as illustrated in Figure 4.19. FDM systems use a separate 
narrow subchannel for each transmission, dedicating the channel to that 
transmitter. Compared with TOMA systems, FDM requires multiple receivers 
at the headend, though arguably digital signal processing {DSP) techniques 
signi!icantly ease that burden. (DSP uses a specialized microprocessor to im• 
plement signal-handling £unctions digitally. Modulation and demodulation 
functions, for example, can be described mathematically. Traditlonal circuitry 
approximates the appropriate mathematical functions. DSP techniques directly 
implement the appropriate mathematics.) 

A guard band is required between channels, to allow for practical filtering 
limitations. This causes some loss of efficiency, though arguably TOMA systems 
also exhibit some loss of efficiency due to the need for guard times between 
transmissions. Any suitable modulation method may be used by each transmit· 
rer. It is possible 10 monitor the error rate on each and to vary the modulation 
format to suit (he quality of tlte channel. 

AmpU1ude 

111..L,_Fl_,___. •-• J_..ElJ......, f'ttqueocy 
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Figure 4.19 Frequency Division Multiplex. 
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4.3.3 Orthogonal Frequency Division Multiplexing (OFDM) 
f'lgure 4.20 illustrates the Idea of OFOM transmission. The incoming data is 
broken into a number of individual datastreams, each of which is then modu­
lated onto its own carrier. The carriers are spaced just far enough apart 10 
prevent undue adjacent channel interference. Each carrier has modulation 
sidebands, as illustrated by the dashed lines in the figure (separated for 
clarity) . The carriers may be moved closer together than one would normally 
expect based on the data rate if the timing of bits on adjacent carriers is 
carefully controlled. The adjacent signals are then said to be orthogonal. 

Any convenient modulation may be used on each of the carriers. QAM is 
implied in the figure. To generalize the type of modulation, communications 
engineers often use the term m-ary 10 refer to a modulation of any type. Note that 
OFOM is not itseU a modulation technique, though you will often see it described 
as if it were. 

By dividing the spectrum as shown, one replaces a single band of high-speed 
data with a large number of bands of lower-speed data. Since demodulation is 
done over a narrower band, the effects of impulse noise and group delay are 
reduced, and the effective carrier-to-noise ratio is improved in each channel by 
the narrowing of the passband. 

It is possible to monitor the error rate on each carrier individually. If one 
channel develops an unacceptable error rate, its density of modulation can be 
reduced (e.g., go from 16-QAM 10 QPSK modulation). This will necessitate 
reducing the bit rate on the carrier, meaning that either some bits will have to 
be reassigned to another channel or the overall bit rate will have to be reduced. 

For return path services, it is possible 10 allow bits on different subchannels 
to originate from different transmit1ers. In this case, the technique bas been 
called orthogonal frequency division multiple access (OFDMA). It is also pos• 
sible 10 utilize each subchannel in a time division multiple access form, where 

_/:= 
rLrl.J7._ 0--

Figure4.20 Principle of OFOM Transmission. 
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each subchannel is shared by many transmitters, one at a time. Thls has been 
called variable constellation multitone (VCMT). 

A closely allied sharing method is synchronous discrete multitone (S-DMT). 
Adjacent subchannels are synchronized such that spectrum overlap is mini­
mized, allowing closer spacing of carriers. This effectively negates the disadvan­
tage of baviog to allow guard bands between channels. It does require careful 
synchronization between transmiuers, however. Adjacent channels so synchron· 
ized are said to be ortlwgonal. Yet another similar method is known as discrete 
wavelet multi tone (DWMT). The method again assigns small subchannels to 
cany data in long symbols (i.e .. a low data rate in each subchannel). You might 
observe that some of these methods are different names for the same basic 
technique. 

4.3.4 Code Division Multiple Access (CDMA) 
Code division multiple access (CDMA) is a form of spread spectrum commu­
nications that is being used for, among other applications, some second-generation 
cellular phone systems (others use TOMA}. The method is also known as S-CDMA, 
where the S stands for synchro,wus. S·CDMA is one of the advanced upstream 
options specified for DOCSIS 2.0. 

Figure 4.21 illustrates the principle of CDMA transmission. The basic modu• 
lation is often QAM of some level. The data to be modulated on each axis is 
exclusive ORed with a higher-speed pseudorandom bit sequence (PRBS), whlch 
is also known as a spreading code or spreading sequence. The signal is then 
modulated, normally using m-ary QAM. The effect is to spread oul the carrier 
over a wider bandwidth than necessary for carriage of the information. 

PRBS tl1llJUll1llJII The same ca.ni<!I' 
frequency ls used 
by all moduJa1ors 

F,gure 4.21 Principle of CDMA Transmission. 
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At the receiver, the demodulated signal is again exclusive ORed with the 
same PRBS. The result is a collapse of the transmission bandwidth back to that 
required to convey the information signal without the PRBS. Recovery of the 
original signal can then proceed. In the process, any narrowband interference 
that is adde~ to the signal during transmission is spread, most of it out of the 
receive channel. In addition, if an impairment, such as a suck-out, affects part 
ol the channel, the signal quality is minimally degraded, because most of the 
energy lies outside of the affected portion ol the passband. (For the benefit of 
data communications engineers, the term suck-out is used in the cable televi­
sion industry to mean a narrow frequency-selective reduction in the response 
ol a transmission path.) 

Figure 4.21 illustrates that many intentional transmissions may occupy the 
same frequency band simultaneously without interfering with one another, so 
long as each uses a different spreading sequence. All signals may be received 
simultaneously, with each having its own unique despreading sequence applied 
to separate it from the other signals. As each signal is separated with its 
despreading sequence, power in the other signals is spread out as if it were 
background noise. AU spreading codes used must have the mutual (i.e., shared) 
property ol orthogonality. That is, they must be noninterfering with each other. 
The practical limitation on the number of signals that can be transmitted in the 
same bandwidth is the number of orthogonal spreading codes available. In tum, 
the number ol spreading codes depends on the number of bits in the spreading 
sequence: The longer the sequence, the more orthogonal codes exist. Spreading 
code design is a complex subject. 

The type of spread spectrUm system illustrated here is called direc1 se­
quence spread spectrum. There exists another practical spread spectrum tech­
nique, known as frequency hopping spread spectrum. In this technique, the 
frequency on which the digital signal is transmitted is moved multiple times 
during the transmission ol one bit. The receiver follows the transmitter's 
spectrum hopping. One can see intuitively that a narrow band of interference 
present at one or a rew or the frequencies in the hopping sequence will have 
little effect on the received signal. 

With any spread spectrum approach, the total spectrum occupied by the 
signal is much wider than what would be occupied by the signal without 
spreading. Spectrum elficiency must be improved by transmitting many signals 
in the same spectrum at the same time. 

4.4 Measuring Digitally Modulated Signals 

Of great interest to cable engineers is the need to measure digitally modulated 
signals. Some measurements may be made using the same Instruments as used 
in analog-modulated signals, such as a spectrum analyzer. Other measurements 
require new instrumentation. 
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4.4.1 Measuring Signal Level 

Unlike an analog signal, a digitally modulated signal has no distinct peak In 

signal level at carTier frequencies. Most of the time, the c.irrier Is not trans• 

mitted, at least not at full amplitude. Because digital signals are almost 

always randomized before being modulated, the spectrum is flat over Its 

passband. As stated earlier, the average signal level is measured, not the 

peak level as is the accepted practice In measuring analog video signals. A 

spectrum analyzer is often used lor this measurement, but stveral corr«tions 

in its reading must be made. The biggest Is 10 correct lor the occupied 

bandwidth or the signal, versus the bandwidth over which the measurement 

is made. The bandwidth over which the signal level Is measured (the noise 

bo.ndwldch) Is roughly equal 10 the resolution bandwidth of the spectrum 

analyzer. However, the two are not quite the same, and for accurate measure­

ments a correction factor must be used. 

Since signal energy is distributed evenly atross the band, the power of the 

signal is proportional 10 the bandwidth over which the measurement is made. 

This can be corrected 10 the actual bandwidth of the signal as rouows: 

where 

BW.,;,. ~ Noise bandwidth of analyzer IF filter 

BW,;gn,1 ~ 3·dB bandwidth ol signal 

This correc1s for the occupied bandwidth versus the measuring bandwidth, 

assuming that the spectrum is flat. Additional corrections that must be made 

include one for how the detector In the Instrument responds to noise and one 

lor bow averaging is done. The instrument's manufacturer must specily these 

corrections. ln most modern measurements the analy:ter has a noise marker 

measurement facility that makes these corrections lor you. 

The noise bandwidth we rerer 10 In the equations Is defined as the band• 

width that would be occupied by an ideally Oat filter with inlinitely sharp edges 

(skins). which admits the same amount of flat noise as does the real filter. 

Note that the same measurement technique may be used with QAM, 

OFDM, or 8-VSB signals. With the 8-VSB signal, a small carrier component is 

transmitted 310 kHz above the band edge, but it Is so small that It makes linle 

difference in the signal level. Instruments other than a spectrum analy:ter may 

be used to measure the amplitude of a digital signal, but the manulacturer must 

provide conversion !actors 10 correct the measured reading to the actual 

average signal level. 
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4.4.2 Measuring Bit Error Rate (BER) and Modulation Error Ratio (MER) 
The quality of a digital signal may be evaluated using bit error rate (BER) 
measurements if the signal quality is low enough to introduce bit errors. If the 
signal quality is such that errors are not being made, modulation error ralio 
(MER) may be used as an indicator of signal qualily. 

Bit Error Rate 
BER is simply the average number of bits received in error divided by the total 
number of bits received. Scientific notation ls used to express BER, since the 
number of errors had better be quite small. II one bit out of every million 
received is in error, !hen the BER is 

BER _ I errored bit = 
10

_6 
106 bits 

Note that BER is dimensionless. In order to measure BER in a laboratory 
setting, usually a known bit pattern is transmitted repeatedly. The receiver 
compares the received bit pattern against what it knows was transmitted and 
!hen displays !he BER. It can take a long time 10 measure BER when !he BER is 
low. Suppose ii is desired to measure the BER of a 64-QAM signal being 
transmitted at a rate of 30.342 Mb/s. II !he BER is 10- 10, !hen we will wait, on 
the average, through 1010 bits before we receive a bad one. This will require 

1010 bits 
30.342 x 106 bits/sec= 329

·
6 sec= 5·

49 min 

before one error is received. We must receive a number of errors before we can 
conclude that we have a statistically valid sample. You can see that it will take a 
long time 10 make this measurement. 

In-service BER cannot be performed on a known bit pattern because, by 
definition, the receiver cannot know what the transmiuer ls sending, unless the 
transmitter and receiver are located at the same place and the receiver is also 
getting !he bit stream being sent to !he cransmitter. There are ways of estimating 
BER from !he received signal without having to know the transmitted pattern. 
One way is 10 look at !he eye diagram (see Figure 4.11) . As more interfere.nee, 
noise, or other impairments enter the transmission path, !he open center of the 
eye closes. The BER may be estimated lrom the amount of eye closure. 

Another way to estimate BER is to look at the number of times errors are 
corrected. Most digital systems transmit extra bits for the purpose of correcting 
errors in the transmission (see Section 3.6.2) . When these corrections a.re made, 
an error is counted. The bits received are also counted, and the ratio becomes 
!he BER. 
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BER may be measured belore or alter error corredion. These measurements 

are somelimes called the mw, or preoorrected, BER (measured belore error 

correction) and theromcted, or poscrorreawn, BER (after error correction). Both 

measurements have their place. Precorrected BER Is the better indication of the 

channel performance, but pos1correction BER ls the better indication ol the 

quality of the signal the user will experience. 

Modulation Error Ratio 

Figure 4.22(a) plots bit error rate against transmission quality. Tbe transmission 

quality lncludes degradation due to noise, cbstonion. frequency response errors, 

group delay, echo, gain compression, and other things !hat can damage 1he quality 

of tbe dighal signal. In the lelt region, where transmission quality is low, the BER 

specifies the quality of the signal. However, above a cenaln noise density, the BER 

is so high we eitlwt don't see errors or at least don't have the patience to wait long 

enough to measure them. Even in this region, however, we are interested In 

knowing the quality ol the channel. Since the change In transmission quality 

between a perfect piaure and no piaure is very small, it is possible th.lt a 

technician will leave a home with perfect picture quality, only to have the sub­

scriber caU a few minutes later with no piaure at aU. Thus, It is not enough to know 

that a picture is good or that data is being transmitted efficiently. We need to know 

the quality ol the channel even when things are gotng well. 

A useful metric for communications quality is the modulaliDn error mliD 

(MER). MER is defined lo Figure 4.22(b), which sbows one quadrant of the 

consteJlatlon dlagram for a 16-QAM signal. Specialized tesl equipment is used 

to display the constellation diagram and to measure the MER. In Figure 4.22(b) 

the nominal location ol each poin1 in the constellation is shown as an open 

circle. Several pluses mark locations thal the constellation point may occupy 
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for some one particular transmitted symbol. In practice, the whole area around 
the nominal location ol the point will be occupied with points. because channel 
Impairments affect each symbol differently. Some common channel impair• 
ments are shown In Figures 4.12 and 4.13. MER is a single number used to 
evaluate the channel quality regardless of the source of impairment. 

MER is defined as 10 times the log of the ratio of the RMS error magnitude to 
the RMS vector magnitude to the nominal position of the point: 

MER= 
1010 

RMS error magnitude 
g RMS vector magnitude 

The error magnitude and the vector magnitude are defined in Figure 4.22(b). 
Note that, while the RMS vector magnitude is constant for each point in the 
constellation, the RMS error magnitude will change for each symbol, since 
random processes are at work. In order to derive the MER, the test Instrument 
sums the RMS error magnitude over many samples, at each point in the 
constellation, and averages them. 

MER measures the "fuzziness" of the constellation. MER is sometimes 
described as similar to C/N measurements in analog transmission. While there 
are similarities (both are measured in decibels and higher numbers are better), 
there are also differences. Many things other than just poor C/N contribute to 
degradation ol MER. Any transmission channel impairment affects MER, includ­
ing random noise, group delay, echoes, phase noise, and gain compression. 

In order to achieve good performance with 64-QAM, a MER of at least 23 dB is 
required. For 256-QAM, a MER ol at least 28 d8 is necessary. A minimum safety 
margin ol 3 dB above these numbers is recommended. Portable instruments avail­
able tend to have a maximum BER measurement capability of about 34-38dB.

9 

A related measurement you may see sometimes is the error vector magni­
tude, defined as the ratio of RMS error magnitude to the RMS vector magnitude, 
expressed as a percentage: 

EVM = 100 RMS error magnitude % 
RMS vector magnitude 

The impairments mentioned earlier have different effects on MER and BER. 
Noise (see Figure 4.17) is the most studied and is well documented. Phase noise 
and compression affect mostly the outer points of the constellation, so the MER 
is oot affected much, yet BER may be degraded seriously. CW interference affects 
both MER and BER because all constellation points are impaired. Impulse noise 
creates havoc with the BER, but because of its transient nature the average 
impairment is small and MER is still good. Composite second order (CSO) and 
composite triple beat (CTB), because ol their peaks, look more like impulse 
noise than CW interference. Each impairment has its own "power," and the MER 
reflects the sum of these powers. 10 
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Because digital transmission is not perfect, transmission errors do occur. To 
render the system operational, channel roding is used to mitigate such transmission 
errors. A good example is the downstream digital video or cable modem transmis­
sion standard, ITU-T J-83 Annex B, which shows three levels of channel coding. 

The best-known channel coding is fo=d error rorrectton (FEC). The data 
words are grouped in packets, to which are appended Reed-So1omon (R-S) 
error-correcting words, e.g., 122 data words for six R-S words (7-bit words). At 
the receiver the R-S codes are used to detect almost all errors and, in addition, 
can correct one error for each two R-S codes (in this case up to three errors per 
packet). This is the basis of the pre-FEC and post-FEC bit error rates. 

Tbe second channel-coding mechanism is imerleaving. Instead of transmitting 
all the words of each packet in sequence, they are interleaved. That is, adjacent 
transmitted words comes from different packets. For instance. all the first words of 
128 packets, then all the second words, and so on until all the !28th words of all 
128 packets are transmitted. Al the receiver, the transmitted words are deinter• 
leaved, to be regrouped in their original packet order. II impulse noise causes 
errors on many consecutive transmitted words, then without interleaving the R-S 
could not conect all errors. With interleaving, the grouped errors in transmission 
are now spread over a larger number of packets, each having only a few correct­
able errors. Interleaving provides a burst protection period proportional to the 
length and number of packets interleaved. On the other band, it inttoduces a 
delay, or liuency, in transmission and reception due to the storage requirement of 
the packets. This is why cable modem specifications limit interleave to 128 x I. 
Digital video is more tolerant of latency, and deep interleave of 128 x 4 is often 
used (that is, the interleave is done over 128 x 4 packets, each of 128 words) . Tbe 
protection period is longer, at the expense of larger latency. 

The third channel coding present in Annex B ls trellis code modulation 
(TCM). TCM does not allow all combinations of symbol sequences. Rather, it 
limits the choice of the following symbol to specific ones according to the 
preceding symbols and specific rules. At reception, the same rules are used 
to select the mcst probable word sequence. There is no guarantee that it's the 
right one, but it is likely 10 be. Many errors are corrected, but some are not, 
activating the second line of defense, the Reed-Solomon FEC. Because lt gives 
the most probable sequence but no decisive error indic.ation, we cannot mea­
sure a pre-TCM bit error rate. Finally, Annex A and Annex C do not bave TCM 
and consequently have a worst pre-FEC error rate than Annex B. 11 

4.5 Summary 

This chapter has presented the theory of digital modulation as used in cable TV 
and broadcast systems. The most commonly used family of modulation formats 
are quadrature amplitude modulation, QAM. The number preceding the QAM 
designation indicates tbe number of states the digitally modulated signal can 



199

4.5 Summary 181 

assume, and ranges from 4-QAM (also known as QPSK) to 256-QAM. There may 
be future applications for even higher levels of QAM. The next chapter will 
address a companion topic, protocols used in DOCSIS and other digital transmis­
sion standards of interest to cable operators. 
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Ch I 5 aper 
Cable Networkin Protocols g 

5.1 Introduction to Protocols 
This chapter introduces you 10 the concept of data protocols, with an emphasis 
on those used in DOCSJS modems. A number of other protocols are covered 
because they find frequent use in cable TV work, but they were not developed 
specifically for that. You will not become a protocol expert by reading lhls 
chapter, but you should be able to understand the basic concepts. 

The word protoccl is generally not used in analog communications, but it 
could be applied. When two pieces of equipment communicate with each other, 
there must be an established set of rules for that communication. In digital 
communications, the set of rules is called a protoccl. For example, if we were 
10 apply the word 10 the analog world, we might say that the protocol for FM 
radio broadcasting in monaural would be as follows: 

Deviation: 75 kHz peak 

Preemphasis: 75 µs 
Frequency: channels spaced 200 kHz apart, beginning at 88.1 MHz, through 
107.9 MHz (North America) 

This would define reasonably well a protocol to which monaural FM receivers 
could be designed, with assurance that a receiver built by one company would 
be compatible with a transmitter built by someone else. Data communications 
protocols are more complex but are intended for the same purpose: to make sure 
that a talker will be understood by the Listener. 

5. 1. t The Concept of Protocols 
Data protocols can be introduced using the analogy of a letter. A letter is written 
by one person and intended to be read by another. In the process of sending the 
letter from the writer to the reader, it is handled by a number of different people 
and packaged in different ways with other letters. Those carrying the letter have 
no interest in, and no need to know, the content of the letter, which is "hidden" 

183 
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in an envelope. Similarly, a digital message from one entity to another is 
"packaged" with other messages and transported by a transport system that 
has no knowledge of the contents of the message. 

As shown in Figure 5.1, the sender of a letter addresses it to the intended 
recipient. The letter is placed in a bag wiU1 0U1er letters for transport to a sorting 
center and then rebagged with other letters going to the same general destination. 
The bag is placed on a conveyance (truck, train, or airplane), which carries it 
close to its destination, where the process is reversed, before the letter is ulti· 
mately delivered to the intended recipient, who removes it from the envelope and 
reads it. In data transmission, the "envelope" is replaced, typically. with a header 
and sometimes a postheader. Subsequent handling steps pay no attention to what 
is enclosed, nor would they know what 10 do with the contents if they did look. 

Just as a letter can be placed in an envelope, the envelope placed in a bag, 
and the bag placed in a train, different layers of the protocol may place their own 
header and postheader on the message. Those headers are interpreted by the 
corresponding process at the receiving point and discarded. The message is then 
passed to the next process. 

■ Datal Data2 ■ 
- 1--=========------J .. 

hdr Data J 

Pack,:t 

bog bag 

! t 
sonlng soning 
ctnttr center 

! t 
bog bog 

l air, truck, or train J 
Figure 5.1 Concept of a data protocol. 
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A communications protocol defines the set of steps a message takes from the 
sender to the receiver. Analogous to the letter concept of Figure 5.1, the protocol 
defines bow a data signal is handled at each stage of transmission. One layer 
knows nothing about how the message is transmitted at a different layer. Just as 
a letter-sorting process has no interest In whether the letter is to be transported 
by airplane or truck, one layer of a protocol bas no interest in bow the message is 
to be handled at another level. 

One advantage of using the layering concept ls that large portions of the system 
can be designed such that data can be carried on a number of different media. For 
instance, a data message can be constructed the same whether it is 10 be sent over a 
short point•to·polnt wired link or over a satellite link shared with a lot of other 
users. This enables efficiencies in writing software and constructing hardware. 

5.1.2 The OSI Seven-Layer Reference Model 
A common way co explain the role of different protocol levels is the so-called 
seven layer model promulgated by the International Telecommunications Union 
(ITU). The model is known as the Open Systems Interconnection (OSI) model.,., 
'ISO' is sometimes used, for the International Standards Organization. Not all 
modem protocols fit neatly into the seven layers. Nonetheless, the model pro­
vides a useful frame of reference for understanding protocols. 

Figure 5.2 illustrates the OSI seven-layer model and includes examples of 
common protocols and approximately where they would fit into the model. The 
model involves transmitting information from, for example, the left column 
(sender) to the right colwnn (recipient). At the top of each column ["stack") is 
the application, such as a Web browser or an email system. The bottom t.hree or 
four layers are usually of the greatest interest to engineers working on data 
transmission. These bottom layers define the transmission network, whereas the 
higher layers define the end user system. 

You can think of Figure 5.2 as describing the flow of information in a 
computer or other device, from the application (Web browsing, electronic pro­
gram guide, etc.) through to the communications port on the device. The 
information is transported 10 whatever machine is talking to the first and flows 
up again. In the middle is the communications network, which involves up to 
layer 3 or maybe 4. Note that different protocols may exist in the end applica· 
tions and the communications system. The same protocol is not necessarily used 
in the end machines as in the communications network. This is fme as long as 
the devices can interface using a common protocol. Later we describe some of 
the more common transport protocols you will encounter. 

Physical Layer 
The lowest layer is the physical layer, which defines the !unctions required in 
order to get data from one place to another. Besides specifying such things as the 



203

186 Chapter 5 Cable Networking Protocols 

W<!b browser, 
email, etc. 

Web browser, 
email. etc. 

Network m~cmml, eommoo 
.1pptlc:11tlom 

Data COOllfflioD (for use JOCllly) 

Supttvlstt dldlog bctw¢e11 
computffl 

CoM«tlocu. HTOr manag,tment. 
mt$US'l' rt'usembly 

Mdressei, OOOl'IKdM wiealtd 
OIi" COMttdotllns 

Bitj 10 tramn, p,atkrt outnbtts, 
MOt clecection, link sl\litng 

con.uols tr~iSSkm of da.:a 
~ nl!CWOrlt, syndlton-tulion 

CommtmicatiOn$ seroices 

Application layer 

L«al syntax. secure connecrions 
PrMenta.tlon layer 

O,nnea!ons 
Session layer 

Delivery of messages 

Transport layer 

llt)uti"8 

Network layer 

Flew t;01ttrol 

Data lin.k layer 

Binary data. transfer 

Physic,.) layu 

'll'ansmission 
system 

Agure 5.2 The OSI seven•layer model. 

HTTP (tot b~). FrP (for 
ti~ tnn.slet, SMTP (Soc- c«Nil} 

£11COIC to ASCII. MPEG 
uan.-pon (loose dttlnltlOo: Me text) 

'TCP, UDP es,d ,ipttm 

+ JP, rot1m functions N,..,,'Orit 

KDLC PPP: ATM< U.C Split for 
' ' MAC LA.NS 

w,.232, QMl.<orc Spill ro. 
QPSK, ttc~ PMD DOCSIS 

CommunicilJcmt 
N-tiwork 

modulation format (to which Chapter 4 was dedicated), the physical layer takes 
care of sucb functions as synchronization. Syndtromzalion refers to the process 
of ensuring that data recovery at the receiver is timed properly with the data 
being transmitted. The actual transmission system, such as an HFC network, is 
not considered part of any layer of the protocol, but obviously the protocol must 
have knowledge of the function below (and above) itself. 

Data Link Layer 
The data link layer handles such tasks as gathering up sets or bits for iransmis­
sion as packets and making sure the packets get from one end to the other. In 
addition, recognizing that physical layer transmission sometimes introduces 
errors, the data link layer handles error detection (and sometimes correction). 
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When the OSI model was first Introduced, data communication was point to 
point. With time, data communication has become much more multipoint to 
multipoint, so the data link layer was divided to recognize multipoint needs 
With the spUt of the data link layer, the traditional functions of the layer went to 
the upper portion, called the logical link layer. A new sublayer, media access 
control (MAC), was defined. The MAC layer routes packets from a sender to a 
receiver along a common path. It makes sure the message arrives at the intended 
recipient. The MAC layer adds a physical address, defining the intended recipi• 
ent machine, and controls shared access to a resource. For example, control of 
TOMA operation (see Section 4.3.1) is a MAC layer function. 

Network Layer 
The network layer handles routing of packets over a network that may consist of 
many links. It figures out, for each packet. the best of the available routes over 
which to send a packet. This is explained in more detail in Section 5.1.4. 

Transport Layer 
The transport layer traditionally is an end user layer and not a part of the 
communications network. However, as we shall see, modern communications 
networks are often cognizant of the layer 4 protocol, at least in order to allow for 
quality-of-service handling of packets. 

End System Layers 
The upper layers of the protocol are important, but they are treated lightly here 
because the emphasis is on the lower layers of the protocol, with which com• 
munications engineers tend to interact more frequently. The transport layer 
combines multiple low•data-rate channels into a higher-data-rate channel and 
then breaks down the channels at the receive end. It defines the destination for 
each channel. In a connection-oriented service, the transport layer sets up the 
connection, delivers error-free messages in the correct order, and ends the 
connection when it is no longer needed. In a connectionless service, the trans­
port layer delivers messages one by one, possibly with errors and with no 
guarantee of the correct order. 

The session layer supervises the dialog between two computers. It is used, 
for example, in the transmission of audio and video channels in a video con· 
ferencing session. Synchronization points are inserted between large numbers of 
messages, such as the continuous messages of video and audio files. Synchron• 
ization points are packets that divide the sequence of messages into groups. 

The presentation layer converts between different representations of data. 
For example, some computers represent words by placing the most significant 
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bit first, whereas other computers do the opposite. The presentarion layer adapts 
the data 10 be used on lhe host machine if necessary. MPEC video encoding may 
be loosely thought of as a presentation layer function. The MPEG transport layer 
probably would be better thought ol as a combination of the transport layer and 
some functions from lower layers. (MPEG does not really conform 10 the seven• 
layer model.) 

The application layer interfaces with end application programs that require 
communications functions. The application programs, such as Web browsers, 
don't reside in the applications layer themselves; they are above all the commu­
nications services. The application layer provides file transfer, terminal emula· 
lion, remote log-in, directory service, and remote job execution. These services 
are used by the end application. 

5.1.3 MAC Layer Issues of Interest in Cable Modem Applications 
Of particular interest to users of cable modems is the MAC sublayer of the 
data link layer. It falls 10 the MAC layer to provide an efficient protocol to 
allow operation ol modems in the HFC environment. This physical environ• 
ment is diUerent from that of many traditional data networks. A significant 
issue is that each upstream "talker'' cannot "hear" other upstream talkers 
unless the upstream transmission is repeated in the downstream direction. 
Also, unlike local area networks, the propagation delay on the HFC plant is 
significant and, if not taken into account, can create inefficiencies in data 
communications. The following discussion of the use of time slots presup­
poses a time division multiple access (TOMA) protocol in the upstream 
direction. It serves as an introduction to the more detailed section 5.2 on 
cable modems, which follows. 

Reservation of Time Slots 
In TOMA systems, some method must exist to allow for determination ol which 
of many transmitters gets to transmit in a given time slot. One such method is 
generally known as reservation. In a reservation protocol, each talker who wants 
to talk requests, and is then assigned, one of the available time slots. When that 
time slot arrives, he or she talks and then is quiet while others talk. The manage­
ment and assignment ol the time slots comes from some central authority, which 
in the case of a cable modem system would be the headend cable modem 
rerminntion system, CMTS. A reserved lime slot allows a modem to transmit a 
known amount of information in a known time period. However, if a modem 
does not wish to use its time slot, the lime slot is not used by anyone else until 
the controller decides that the time slot is available and assigns it to someone 
else. This can result in inefficiencies when there are a lot ol modems, each with 
little to say. On the other hand, when a modem has a lot to say, reservation can 
be more efficient than the alternatives. 
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Contention for Time Slots 
An alternative is to have the modems contend for time slots: When a modem 
needs a time slot, it simply speaks up and requests the time slot. In the case of 
cable modems, where one modem cannot "hear" any other modems, the talking 
modem will have to wait until the beadend can acknowledge that jt received the 
transmission. If another modem tried to talk at the same time- even if only part 
of the transmissions overlapped - then neither would be heard. so neither 
would be acknowledged. The transmissions are said to have collided. When that 
happens, both modems wait for an arbitrary time and then try to transmit again. 
If they again collide or if one collides with any other modems. they must again 
back off for a random time and try yet again. With some protocols, such as 
Ethernet, the talkers can bear each other, so they know when a collision occurs. 

When talkers have relatively little to say but need to say it quickly when they 
do have something, contention works fairly well. In cable systems, though, 
contention is particularly difficult, because one talker cannot hear other talkers 
unless the upstream transmission is repeated in the downstream direction. This 
was done in some early (pre-OOCSlS) cable modem systems, which were adap­
tations of Ethernet. However, the propagation delay of a round-trip on cable 
plant can be long compared with the length of a message. Consequently, by the 
time two modems know that they have collided, a lot of time has been wasted. In 
addition, the need for upstream data to be repeated in the downstream direction 
is an inefficient use of the spectrum resource. 

Combination Protocols 
Contention protocols are sometimes called aloha protocols. Simple aloha proto· 
cols do not feature time slots, but they do allow any modems that need to talk to 
do so at any time. If the protocol follows the discipline of time slots into which 
any tall<er's transmission falls, it is called a slotted aloha protocol. If some time 
slots are available for reservation while others are available for contention, the 
protocol might be called a reserved aloha protocol. 

The difficulties with contention systems on cable might lead one to prefer 
some sort of reservation system. It is certainly possible to reserve for each 
modem on a particular channel a permanent lime slot for upstream transmis­
sion. However, such a permanent assignment is a problem when each modem is 
in use for at most a (ew hours each day and bas little to say when it is used. The 
rest of the time, the time slot cannot be occupied by other users. Some sort of 
method should be used to assign rime slots on an as-needed basis so that if a 
modem was not using its time slot, that slot could be used by another modem. 

If a modem is assigned a time slot only when it needs one, then there must 
be some way provided to allow a modem to request a time slot. Since the 
headeod can have no a priori knowledge of when a particular modem wUI need 
a time slot, it is necessary to allow a modem to request one. This request implies 
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that there should be some mechanism of contention in a cable modem protocol. 
The mechanism can be one where a time slot is allocated to all modems not 
presently talking, in which they can request a time slot. They must do this in a 
contention mode. A modem needing a time slot waits until the contention lime 
slot, and then makes a request to the headend. Ii it is the only modem doing so, 
its request will be acknowledged in the return datastream, and a time slot will be 
assigned if available. Ii a second modem has also transmitted a request at the 
same time, then neither will be acknowledged, and they must both back off, 
waiting for a random time before trying again in the contention time slot. 

5.1 A Connection-Oriented and Connectionless Service 
A communication link may be dillerentiated on the basis of whether it is a 
connection•oriented service or a connectionless service. Connection•oriented 
services are better known to the public, as represented by the public switched 
telephone network (PSTN). Connectionless service is a less familiar concept. 
Both are described here. 

Connection-Oriented Servica 
Figure 5.3 represents a connection•oriented service, such as telephone service. It 
shows a section of a switch, which couples one user (users A through H are 
shown) with any other user. A switch may be thought of as a matrix, with users 
connected 10 hori7.ontal lines and vertical lines used to interconnect users as 
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Figure 5.3 Representation of a connection•oriented service. 
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demanded. The circles represent connections between the horizontal and ver­
tical lines. As shown, A is connected to B, C to H, and E to G. D and Fare not in 
communication with any users. 

A connection must be set up whenever communication is desired between 
any two points and then "tom down" wben the communication is completed. 
Because time is required to set up (and tear down) a communications channel, 
the user must wait until a channel is set up before be can use it. Resources are 
dedicated to the communications channel whether or not communication is 
taking place at the moment. For example, during a voice telephone call, a 
channel is dedicated to that call even when one party has left the phone to get 
some information. Resources are tied up for both directions of the call even 
though each direction is used no more than half the time. 

Connectionless Service 
By contrast, a connectionless system passes Information when information is 
available; the rest of the lime, the resources are available for other users. Each 
packet, or "chunk", of information is treated on its own, without relation to 
anything else. There is no setup or teardown of a connection. Figure 5.4 illus­
trates the concept of routing, a key component of a connectionless circuit. The 
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F'1911re 6.4 Router, representing a connectionless system. 
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