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Figure 7.4 Yagi antenna,

higher, especially as the frequency increases. All else being equal,. the more
elements, the larger the structure, and the more directional and higher gain the
antenna.

The driven elementis essentially a dipole though the length is somewhat
reduced owing to proximity effects of the other elements. A balun may be used
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7.2 Off-Air Reception 295

to feed a Yagi, but other feed methods are more common. Shownis a gamma
match, which is used frequently, especially at lower frequencies. The coax shield
is connected to the boom, which is electrically attached to the center of the
driven element. The center conductor is extended along one side of the driven
element to the point at which the impedance is correctly matched to that of the
coax.

A two-element Yagi typically has a driven element and onereflector, located
behind the driven element, where front is the direction of signal radiation or
Teception. The reflector is slightly longer than the driven element. As more
elements are added, they are added in front of the driven element and are
progressively shorter. A Yagi allows a number of degrees of design freedom in
the spacing between elements and the length of each. Because of this, Yagi
characteristics may be modified, resulting in trade-offs between gain, band-
width, and pattern.*

Log Periodic Antennas

Figure 7.5° illustrates the other type of off-air receiving antenna commonly used
in cable television, particularly at lower frequencies. This is the log periodic
antenna. [t can be a very broadband antenna with good pattern characteristics.
The penalty is that it can get rather large. Each element of the log periodic
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296 Chapter 7 Signal Reception

antenna is driven.It is driven from the front with a balanced feed. The length of
each element, and the spacing between them, havearatio relationship, t, called
the scaling constant:

L=th Re=th) dat LC =th= hy

and so on. A second constant, the spacing constant o, further describes the
antenna:

=a

The log periodic antenna exhibits an active region for every frequency at
which it operates. At lower frequencies, the active region is toward the rear of
the antenna. It moves progressively forward as the frequency imcreases.

The log periodic antenna used for television work is usually constructed
using two conducting booms, one above the other. The booms are fed at the
front with a balanced signal, which propagates along the two boomsto the active
region. In order to feed that antenna with an unbalanced coax line, the coax is
routed through one of the two booms, which then forms an infinite balun to
convert from unbalanced to balanced.

Figure 7.6 illustrates a typical pattern for either a Yagi or log periodic antenna.
As with all directional arrays, these antennas exhibit maximum radiation (sensi-
tivity) in one direction. The antenna may be characterized by its beamwidth, the
angle 6 between the directions in which the power drops to one-half (—3 dB) of
that in the direction of maximum radiation, or the main beam (sometimes called
the main lobe). Ideally, the antenna would have no response in other directions,
but as a practical matter, any antenna will have some response in other directions.
Those responses are called side lobes, and an antenna will usually have several
side lobes. The number of decibels that any side lobe is below the main beam is a
figure of merit for the antenna. The ratio of sensitivity in the main beam to that
from behind the antennais called the front-to-back ratio. This is usually specified
separately from the side lobe level. Between the side lobes, there is often an angle
of minimum radiation, called a null.

Interference and Ghost Reduction

Directional antennas are selected for two characteristics in cable television

receive applications: gain and directivity, The antennas exhibit gain, which
increases the signal level at which a distant station is received, possibly improv-
ing the carrier-to-noise ratio. The directional characteristics of the antenna can
be useful for reducing co-channel and ghosting interference. Co-channel inter-
ference results when a desired station is being interfered with by a more distant
station operating on the same frequency. In cases of potential interference, the
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Figure 7.6 Typical antenna pattern for Yagi orlog periodic antenna.

FCC assigns offsets to the stations involved, such that their picture carriers will
be nominally offset from each other by either 10 or 20 kHz. It is known that such
an offset will reduce the visibility of a beat. The visibility of the beat is also
related to the level of the interfering signal relative to the level of the desired
signal.It is often possible to reduce a co-channel beat by using an antenna with
better directional characteristics so as to reject the interfering signal. Alterna-
tively, it may be possible to rotate the receive antennaslightly so as to place the
interfering signal in a null in the antenna pattern, as illustrated in Figure 7.6.

The interference may not be due to anotherstation, but it may be due to the
station being received. This can occur when a signal is reflected from some
object such as a building, water tower, or mountain, and arrives at the antenna
after the main signal. By the time the reflected signal arrives at the antenna, the
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Figure 7.7 Use of multiple antennas to reject interference. (a) Antenna spacing. |b} Geometry showing
why phase cancellation takes place,

electron beam in the picture tube has moved, so the reflected signal is seen as a
ghost. Again, it may be possible to move the antennaslightly to put the reflected
signal in a null, or it may be possible to use a more directive antenna to reject the
interference.

Figure 7.7 illustrates another technique that is used to reject interference
when that interference is coming from a significant angle with respect to the
desired signal. Two antennas are mounted horizontally, spaced by a distance D,
which varies with the angle of arrival of the interfering signal. As shown in
Figure 7.7(a), the two antennas are fed with equal lengths of identical coax,

which supply the signals to a combiner. The lengths of the two pieces of coax are
not critical, so long as they are exactly the same.

Figure 7.7(b) shows how the cancellation takes place. The phase of the signal
coming from the desired source is the same al the two antennas, 30 at the
combiner, the signals from each antenna add. However, distance D is selected
such that the signal from the undesired source will phase cancel when the signals
from the two antennas are combined. This condition is satisfied when D is chosen
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such that the undesired signal must travel one-half wavelength farther to the left
antenna than to the right. The angle between the desired and undesired is 9,
shownin right triangle ABC. The problem then reduces to defining D such that,
given 4, side AC is an odd multiple of a wavelength at the frequency of reception
(use the picture carrier frequency). This will cause the interfering signal to cancel.
Substituting known relations, we can derive the formula for D:"

5,901n

= Find (7-3)
where

D = distance between antennas (inches)

f = frequency (MHz)

6 = angle between desired and undesired signals
n= an odd integer

Another technique that has been used in the past to cancel an undesired
signal is a bucking array: a second antenna is pointed in the direction of the
undesired signal. Its received amplitude and phase are adjusted such that it
cancels the undesired signal being received from the main antenna. This tech-
nique was once popular, but seems to be less so now owing to the critical need
for matching the level and phase between two (usually) unlike antennas.

Yet another method that has been used for ghost cancellation requires the
cooperation of the television station. The station radiates a circularly polarized
signal, and the cable system receives it on a circularly polarized receiving antenna.
It may be shown that upon reflection, the polarization of a circularly polarized
wave changes the senseof polarization, from left hand to right handor vice versa.
A circularly polarized receiving antenna can then reject the undesired polarity.

In the 1980s, the FCC permitted television stations to transmit circularly
polarized signals so asto aid in rejecting ghosting. A few stations haveelected to
do so, but more have not. One problem is that a new and expensive antennais
required. The antenna mustbe installed and fed carefully to ensure truly circular
polarization. Another problem is that,if all else stays the same whenastation
goes to circular polarization, the radiated signal in the horizontal plane tradi-
tionally used for television transmission is halved. This means that people
receiving the signal with a horizontally polarized antenna will suffer a 3-dB loss
of signallevel. To recover this would require another 3-dB gain in the antenna or
a doubling of transmitter power. Neither is a simple or inexpensive proposition.

Offsetting these objections somewhat is the observation thata circularly
polarized signal is somewhat easier to receive on rabbit ear antennas, which
respond to both horizontal and vertical components. This benefit may be
obtained even with elliptical polarization, which is circular polarization in which
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the phase or amplitude of the vertical and horizontal components is not con-
trolled carefully,

Yet another method that has been used to reducereflection is the use of a

ghost-canceling system. A training signal is transmitted in the vertical blanking
interval of the television signal (line 19 has been designated by the FCC). This
training signal is subjected to the same ghosting as is the video. A filter in the
receiver is adjusted until its characteristics return the trainingsignal to its known
transmitted form. The samefilter is applied to the video, removing the ghost.
The system has been shown to be effective in reducing ghosts. Cooperation of
the station is required to insert the ghost-canceling reference signal. This tech-
nique is simpler than goingto circular polarization. Although it is being used in
some places, the public has never boughta lot of television sets that have ghost-
canceling circuits built in. Ghost-canceling hardware is available to the cable
industry for headend use.

7.2.2 Propagation of Off-Air Signals

Thebest receiving antenna is of no useif signals are not presentforit to receive.
Signals propagate from the transmitting antenna to the receiving antenna in
ways that are not totally predictable though some characteristics are sufficiently
constant that we can make some statements about the propagation. Signals are
reflected from natural and man-madestructures so that the resulting signal at the
receiving antenna comprises direct and reflected rays. (A ray is a path taken by a
signal from one point to another.) Direct and reflected rays may add construc-
tively (in phase) or destructively (out of phase) or in between (some arbitrary
phase angle). If sufficient delay is present between the signals, a ghost is
produced. If the differential delay between pathsis short, a distinct ghost may
not result though the video waveform will be distorted.

Free Space Propagation

In the far field, the power varies inversely with the square of the distance from
the source. This may be intuitively comprehended by remembering that the
powerfrom the source is spreading over two dimensions perpendicular to the
direction of propagation. If so, then the area over which the power is spread
quadruples every time the distance doubles. The same power is spread over four
times the area, so the power density is quartered.

Signal strength is normally measured in microvolts per meter, and the units
are often expressed in decibel terms, where the unit of signal level is decibels
with respect to 1 microvolt per meter (dByV/m). A particularly useful expression
describing propagation ofa signal in free spaceis®

E=105+P,+G-—20logd (7.4)
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where

E=field strength (dBuV)/m)
P,; = power transmitted (dB above 1 kW, dBk)

G = gain of transmitting antenna (over isotropic) in the direction of concern
d = distance from transmitter (km)

Though useful in satellite work, free space propagation is more of a refer-
ence point in discussing terrestrial propagation. Reflections from the ground and
other natural obstacles, and from man-made objects, will significantly modify
the equation. At lower frequencies, reflections from the ionosphere will change
the observed propagation. These ionospheric effects can sometimes extend well
into the VHF TV band though they tend to show the greatest effect at lower
frequencies.

Effects ofAntenna Height

With the assumption that ground approximates a large flat surface, an approxi-
mation to field strength as a function of antenna heightis given by Hall as”

amhy "2)a (7.5)E=2Ey sin(
where

hy = height of transmitting antenna

hy = height of receiving antenna

4. = wavelength
d = distance between transmitter and receiver

To get a feel for how receiving antenna height affects received signal level,
consider Figure 7.8, which plots the relative strength of a signal from Hall’s
equation, for channels 2 and 40 (off-air), for a 1,500-foot transmitting antenna.
At channel 2, the receive antennais not high enough, even at 100 feet, to permit
destructive interference between the direct ray and one reflected from the
ground. At channel 40 (off-air, not cable), you can see clearly the effects of
ground reflection.

We caution you against taking this illustration literally. It assumes a flat,
perfectly conducting earth with no extraneous signal reflections. None of these
conditions applies, except possibly to paths across open water. It doesillustrate,
however, that though increasing receive antenna height can be useful, there are
times when you might expect a lower signal level as the antenna heightis raised.
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Figure 7.8 Estimatedrelative field strength versus receiving antenna height,

FCC Methodology for Prediction of Signal Strength
At television frequencies, radio waves are subject to shielding by the curvature
of the earth though the effective radius of the earth for propagation purposes is
larger than the physical radius. (See Chapter 14 for more information relating to
the effective radius of the earth.) Also, one must accountfor reflection from the
earth, which adds constructively or destructively with a direct signal. Thus,
height of the transmitting and receiving antennas must be taken into account
when predicting the strength of a received signal. For purposes of computing
television signal strengths, the FCC uses a standard receiving antenna heightof
30 feet (9 meters). The technical regulations for the broadcast industry, 47CFR
section 73.699, feature graphs (Figures 9 through 11 of those rules) to be used in
predicting the strength of a signal at various distances from a television station.
All curves are based on a receive antenna heightof 9 meters. For each frequency
band, channels 2 through 6, and FM channels 7 through 13 and channels 14
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through 69, two sets of curves are supplied. The first, F(50,50), is used to predict
the field strength that is exceeded at 50% of potential receiver locations for at
least 50% of the time. The second, F(50,10), is used to predict field strength
exceeded at 50% of the potential receiver locations for at least 10% of the time.
The curves are based on theory coupled with practical measurements. At higher
frequencies, there may be modifications to the curves in the future.

Once a television station is on the air, it must make field strength measure-
ments using procedures prescribed by the FCC to determine actual coverage and
interference potential. These measurements are made using calibrated antennas
and field strength meters not unlike the better selective voltmeters used in the
cable industry. Note that a selective voltmeter byitself is not capable of measur-
ing field strength. The old name used by the cable industry,field strength meter,
is a misnomer. The selective voltmeter is not a field strength meter until it is
combined with an antenna having known gain-versus-frequency characteristics,
and certain computations are made (Equation (7.2)).

The FCC sets standards for the minimum field strength for two grades of
service. Grade A service is generally expected to be provided to the principal
community served by a television station. Grade B service is a lower field
strength, but one that should result in satisfactory pictures if good outside
antennas are used. Of course, further improved service may be obtained by
use of better antennas and lower noise receiving systems.

Toaid in planningof cable reception, computer programs are available that
use the FCC's database of station coverage to predict the received signal level at
any geographic coordinates. The programs are useful, but in the final analysis,
the only way to know with certainty what signals exist where is to go look for
them. Theold cable industry axiom is still true: signals are where you find them.

Satellite Reception

Communications satellites used in the cable television service are in geosyn-
chronous orbit, about 23,500 miles above the equator. At this altitude and above
the equator, the orbital period of a satellite is 24 hours, equal to the time the
earth requires to rotate one complete revolution.If a satellite is launched to this
orbit, moving in the same easterly direction as the earth, it appears to stay
stationary over one point on the equator. Because of slight irregularities in the
earth’s shape, and because insertion into an exact orbit is impossible, it is
necessary to track the position of the satellite, and command small corrections
as it drifts out of its assigned slot. Tracking stations operated by or for. the
satellite owner perform this task. Fuel stored on the satellite is consumed making
these small corrections. The life of the satellite is often based on the amountof
fuel it can carry at liftoff. When the fuel is used up, orbital correction becomes
impossible, and the satellite gradually drifts off station, becoming useless for
reception using fixed antennas.

262



263

304 Chapter 7 Signal Reception

In this section, we discuss the issues that go into installation and operation
of a receive-only earth station for video. Design equations are presented that will
estimate the requirements for, and performance of, an earth station. This is not
intended as in-depth coverage of the material.

The two popular bands for satellite service today are C band (downlink
frequencies 3,700 to 4,300 MHz) and Ku band (downlink 11.7 to 12.2 GHz). The
satellites themselves consist of a number of channels called transponders. Each
transponder is a complete subsystem so that if one fails the others are not
affected. A transponder consists of an input amplifier, bandpassfilter, frequency
translator, and output amplifier. It is usually a single conversion device. Most
satellites today have 24 transponders on board though the number may vary.

Normally, one transponder will handle one analog television signal, which
is frequency modulated onto a carrier. On oceasion, two signals have shared a
single transponder, in what is known as a half transponder mode. In the more
common full transponder mode, the transponder is normally operated some-
what into saturation, meaning that it is slightly clipping the signal. This doesn't
bother a frequency modulated signal and ensures maximum efficiency from the
transponder, Each transponder is normally 40 MHz wide, including guard band
between channels, with the actual signal occupying about 36 MHz.

In order to make the best use of the frequency spectrum, frequency reuseis
practiced, in which signals of two polarities are transmitted. For example, some
signals can be transmitted using vertical polarization, and others can be trans-
mitted using horizontal polarization. The polarities are said to be orthogonal.
The dictionary definition of orthogonal is thatit has to do with a right angle, or
something rectangular. An antenna that is horizontally polarized is theoretically
insensitive to vertically polarized signals, and vice versa.

In U.S. satellite practice, the polarizations are linear, nominally vertical and
horizontal, though the axes may be rotated by the time the signal travels from
satellite to earth. In many international satellite applications, the orthogonal
polarizations are right- and left-hand circular polarization. Either set may be
used successfully,

Satellites are assigned orbital slots by the FCC for U.S. use and by the
appropriate authority in other countries. Slots are assigned to each country by
common consent under the auspices of the International Telecommunications
Union. The orbital slots assigned to the United States are rather crowded, and the
FCC has assigned orbital slots in two-degree increments. This places burdens on
antennas to discriminate against another orbital slot two degrees away from the
one to whichit is aimed.

7.3.1 Antennas for Reception of Satellite Signals

Many different antenna types are used for reception of satellite signals. This
discussion is restricted to those commonly used in cable television work today.
Variations are common between different manufacturers. Almost all antennas
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are of the parabolic (“dish”) type, in which a relatively large parabolic surfaceis
used to collect signal power. That signal is focused on the actual receive antenna,
known as the feed. At the feed, the signal is amplified by a low-noise amplifier
(LNA) and usually block converted to a lower-frequency band. The device used
to amplify and convert to a lower band has come to be known as a low-noise
block converter (LNB). The most common band to which signals are converted
is 950-1,450 MHz though other frequency plans have been used. Theelectronic
hardware is described in more detail in Chapter 6.

The Parabola

Almost all satellite antennas are based on the parabola, whose geometry is
shown in Figure 7.9. (Of course, practical antennas are realized in three dimen-
sions rather than the two shown here for clarity. You can envision the third
dimension by rotating the figure around the x axis.) The interesting character-
istic of the parabola is that parallel rays approaching the parabola from the right,
as illustrated, are all reflected to one point, called the focus or focal point, of the
parabola. If the feed is placed at the focus,it will capture rays striking any point
on the parabola, so long as those rays are coming from the direction shown. That
direction is known as the boresight of the antenna.

The parabola as defined by the equation shown in Figure 7.9 extends to
infinity along the x axis, with the slope of the parabola asymptotically approach-
ing the horizontal. Real antennas are limited to some useful dimensions. The
larger the area of the dish, the more power the antenna can collect. Antennas are
characterized by their size, which is defined by the length of a line from one side
of the dish to the other.

An important quality of a real dish is the degree to which it conformsto the
parabolic shape. Real dishes are constructed out of somesort of metallic surface,
often of pieces bolted together in the field. A figure of merit for the dish is the
RMS error in the conformity to the parabolic shape. The locations of many
positions on the parabola are measured and stated as an offset, in the x axis
for reflector orientation as shown in Figure 7.9, from the ideal location as defined
by the parabola formula. The RMS error is then computed as follows:

(x, — xi)? + (4 — x2)? +... +— any
error(RMS) = zn (7.6)

where

x, = actual position
x; = theoretical position

n = numberof points measured
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Figure 7.9 Parabolic surface.

The error may also be measured as offset positions normal to the dish
surface.'°

As the operating frequency of the dish increases, the surface errors become
more important. Thus,a dish that has low enough surface tolerances to be useful
at C band (3.7-4.2 GHz) may not provide satisfactory performance at Ku band
(11.7-12.2 GHz). Surface errors reduce the gain of the antenna and spread out
the pattern: power radiated from the feed and striking an elementof the reflector
not positioned correctly will be reflected in the wrong direction. Theeffect is
distortion of the pattern. Since someof the poweris going in the wrong direction,
less is available in the correct direction, so the gain is lower.
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Prime Focus Feed

The mostbasic satellite antenna type is the prime focus feed, which places the
feed at the focus of the parabola,as in Figure 7.10, Support spars hold the feed in
position. The feed itself and the support spars offer blockage to some of the
power coming from the satellite and also reflect power coming from other
directions, somewhat compromising the side lobe performance of the antenna.
Nonetheless, the prime focus feed is popular until the dish size becomes quite
small, where the blockage andreflections are more serious.

Note thatthe pattern of the feed is critical for maximizing the gain and the
directivity of the antenna. The feed pattern should ideally illuminate the entire
surface area of the dish evenly, as shown in the dotted pattern. If the feed pattern
is too narrow, the outer portions of the dish are not illuminated, so they cannot
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Figure 7.10 Prime focus feed.
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aid in focusing a transmitted signal. Similarly, a received signal will not be
captured if it strikes the dish outside the feed pattern because the power will
be rejected by the feed when it reaches the focal point. If the feed pattern is too
wide, some of the power radiated from a transmitting antenna will miss the dish
surface and go off in the wrong direction, spoiling the pattern of the antenna.
Received power will not be collected efficiently because the feed antenna gain is
lower than optimum in the direction of the dish surface.

Matching the feed pattern to the dish is an artin itself. Of course, no feed is
perfect, but the closer you can cometo the ideal, the better the antenna gain and
pattern. Feed antennas include dipoles above ground planes,Yagi or log periodic
structures, and microwave feed horns.

Prime focus feeds are relatively simple to build and align. A disadvantage is
that the feed, which contains the active electronics of the LNB,is relatively in-
accessible, being held several feet in front of a parabolic surface that is facing up at
some angle. Some would argue that the feed in this location is subject to relatively
more damage from electromagnetic pulses that occur whenlightning strikes.

Cassegrain Reflector

Another very commontype of antennais the Cassegrain reflector derived from
the telescope design by William Cassegrain.It is the same basic antennaas the
prime focus feed. The difference is that a secondreflector is placed between the
vertex and the focus of the parabolic reflector. The most common type of
Cassegrain system is illustrated in Figure 7,11. A hyperbolic subreflectoris used
to reflect signals from the main reflector to the feed. The feed is located either at
or in front of the vertex, depending on the design of the system. The hyperbolic
subreflector is located such thatits first focus coincides with F1, the focus of the
parabolic main reflector. The second focus of the hyperbola is the location of the
feed. (The second focusis from the solution of the hyperbolic equation defining
the subreflector.)

The Cassegrain reflector places the feed electronics (usually a low-noise
block converter) in a position where it is considered to be more protected and
easier to access. With a Cassegrain configuration,it is not necessary to route the
signals along a spar, leading to somewhat lower cable loss. On the other hand,
this is not especially critical with the block conversion systems commonly used
in cable television, The subreflector must be supported by spars, and the sub-
reflector and spars create blockage and pattern degradation,as in the case of the
prime focus feed. The Cassegrain system is somewhat more difficult to align
since the installer must align not only the feed but the subreflector as well. -

In general, you would choose a prime focus feed where low side lobes are
important and a Cassegrain where gain for a given size antennais most import-
ant. This latter statementis true for antennas whose diameters are large com-
pared with the wavelength of the signal being received (on the order of 40
wavelengths); smaller antennas usually suffer too much diffraction on the edges
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Figure 7.11 Cassegrain reflector.

of the subreflector to make the Cassegrain antenna useful. Gain is enhanced in
Cassegrain antennas because the phase of a plane wave impinging on the
antenna is preserved: each ray of the signal travels the same distance to the
feed. This is not true of prime focus systems, but their generally smaller blockage
ofthe primary reflector results in a better pattern."

Offset Feeds

As the size of the dish gets smaller, the blockage andreflection of the spars and
feed or subreflector become more of a problem. The solution can be an offset
feed. The offset feed is simply the top portion of the prime focus antenna, with
the bottom portion cutoff. Figure 7.12 illustrates an offset feed. The illustrated
system uses exactly the top half of the parabola though someoffset feeds make
use of less of the parabola.
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Figure 7.12 Offset feed,

The offset feed tends to be somewhatdifficult to construct and align butin
smaller dish sizes is a good choice because of the lack of blockage. There is some
reflective pattern distortion from the spar and feed structure, but not as much as
with symmetrical antennas. Because of the lack of blockage, this feed typeis
popular in very small aperture antennas, or very small aperture terminals
(VSATs), and direct broadcast satellite (DBS) antennas.

Other Antenna Types

Several other variations of satellite antennas are used. Multiple feeds may be
mounted on one reflector, which can be either a prime focus parabola or one of
several shape variations. Each feed is able to look at a different satellite, so long
as the satellites are close to each other in orbit. Compared with a single feed
system of similar size, gain and side lobe performance are sacrificed, but the
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technique can be used to reduce costs and the amount of land needed for
multiple dishes. A particularly interesting multiple feed antenna is a torus
antenna. Thereflector has a circular contour in the scan plane and a parabolic
contour in the orthogonal plane. The scan plane mustbe carefully aligned with
the orbital arc plane. However, once aligned, that antenna is capable of quite
good performance over a widesection of the geosynchronous arc.

Shaped reflectors may be used rather than parabolas or hyperbolas to
optimize performance of the antenna in some respect. Of course, the feed must
be designed to properly illuminate whatever shape is used.

Shrouds are sometimes placed around the circumference of an antenna to
reduce the magnitude of side lobes. These antennas are sometimes called ultra
directive antennas (UDAs).

Horn antennas are sometimes used. They tend to be big and difficult to align,
and require awkward supporting structures. However, their performance in terms
of gain and side lobe suppression can be impressive. Horn antennas are used in
certain high-density terrestrial microwave applications. They look something like
gigantic cones with a dome on the wide end. A feed in the apex of the cone
launches a signal, whichis reflected from a shaped reflector at the wide end.

7,3.2 Earth Station Geometry

In this section, we deal with the computation of pointing angles from an earth
station to a satellite, and the signalloss in the downlink. Following this, we present
computations to illustrate the performance you can expect from an earth station.

Manydifferent antenna mounts are in use, Each has advantages and dis-
advantages, proponents and opponents. The description here concentrates on
the elevation over azimuth coordinate set, a traditional coordinate set that is
relatively easy to understand and work with, Antennas designed for other than
communications with synchronous satellites often employ this set of axes.
Antennas designed for communications with synchronous satellites may use
different axes to permit the antenna to be moved between satellites by changing
only one adjustment. Such systems tend to have proprietary elements, so you
should consult the manufacturer for instructions on aiming the antenna.

The elevation-azimuth (or “el over az”) coordinate system described here
has its lower planeof rotation (azimuth) parallel to the local horizontal plane. A
weather radar antenna, for example, rotates on the azimuth plane. The second
axis, the elevation axis, is at right angles to the azimuth axis so that the antenna
tilts up and down on the elevation axis.

Three pieces of information are of interest in defining how to point to the
satellite: the azimuth (A) of the antenna, the elevation (E) of the antenna, and
the path distance (D) to the satellite (also known as the slant rangé). These may
be computed from knowledge of the satellite longitude (remember that the
satellite latitude is zero, that being the onlylatitude for geosynchronous orbits).
You must also know the earth station longitude and latitude.
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Let the following definitions apply:

*« = site latitude (degrees)
Y = site longitude (degrees)

4 = satellite longitude (degrees)

A= earth station azimuth angle (degrees)

E = earth station elevation angle (degrees)

D=slant range from site to satellite

C = difference between satellite and site longitudes

First compute the difference in longitude between the satellite and the earth
station (the “site"):

C=Z-Y (7.7)

Then the earth station azimuth angle is given by

tan C
= 180? -1(—— rA=180° + tan (Ss) (7.8)

The elevation, E, of the antenna is given by

cos Ccos.X — 0.15126
E=ta7}|——_——_——_—_———— (7.9)

vsin* C + cos? Csin* X

By convention, longitude is positive west of the prime meridian and negative
east. Latitude is positive north of the equator and negative south. The earth
station azimuth angle is measured from true north, rotating clockwise as viewed
from above the earth station. Use true north, not magnetic north, as the refer-
ence. The elevation angle is zero if the antennais pointing horizontally and 90° if
it is pointing vertically.'* The constant 0.15126is the ratio of the earth’s radius to
the satellite's orbital radius.

The slant range, or distance from thesite to the satellite, is given by'*

cos C cos 4 — 0.15126
D= 26,199 statute miles

sink

or

D = 42,164905608X—O.1S1A6kilometers (7.10)
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7.3.3 Earth Station Performance Computations

From the slant range and certain other information, we can compute the
expected performanceof an earth station. The signal level to be expected at the
antenna may be computed from the published effective isotropic radiated power
(EIRP) of the satellite and the path loss, for which the slant range is needed.

Concept of EIRP

EIRP is the power that would have to be supplied to the antennaon the satelliteif
that antenna radiated equally in all directions. If the antenna on the satellite
radiated equally in all directions, a typical transmitter output power on ihe
satellite would be somewhat above 3,000 watts. This is hardly practical, but
then it is not necessary for the satellite to radiate signal in all directions. It is
necessary only to radiate signal in the direction of that portion of the earth that ts
to receive the signal. By concentrating power in that direction, the power
required on the satellite is reduced drastically.

For each satellite, the owner publishes a contour map showing the EIRP at
locations within the satellite's footprint, or intended area of coverage. This map
is consulted to determine the EIRP at the location of the receive station.

Path Loss

The next quantity required is the path loss, sometimes called spreading loss
because it is caused by the signal from the satellite spreading as it travels
through space. Path loss may be computed from

L= 2010¢(“=")an (7.11)
where

D = slant range (from Equation (7.10))
f = frequency (Hz)

ec = speed oflight

Slant range and speed of light must be in the samedistance units. From the
equation, path loss increases with increasing frequency. However, gain of the
receiving antenna increases as frequency increases, keeping the required antenna
size the same. If the slant range is expressed in miles and the frequency in GHz,
Equation (7.11) reduces to the form shown in Equation (14.12):

path loss(dB) = 96.6 + 20 log(f) + 20 log(D)
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where

f = frequency (GHz)

O= distance (statute miles)

Station G/T

The final quantity that must be known is the G/T of the earth station, G/T
(pronounced “G over T™) expresses the gain of the station, divided by its noise
temperature. Noise temperature is a particularly useful expression of the noise
contributed by the earth station from all sources, It is not a physical temperature,
but rather is the temperature that will produce the same equivalent noise in a
resistor. If a resistor is connected to.a power meter, the power meter will read a
certain power, given by

P, = kTB (7.12)

where

P, = noise (watts)
Joules

°"K

 
k = Boltzmann's constant = 1.38 x 10-*

T = temperature ("K)

B = bandwidth (Hz)

This noise power, P,, is known as thermal noise, and is a basic law of
physics: a resistor at a certain temperature will produce a certain amount of
noise according to this equation. This doesn't have to be a physical resistor:it is
often the terminals of an antenna, which lookselectrically like a resistor. Real
circuits, such as LNBs, add additional noise above and beyond the noise that
would be predicted solely from the thermal noise. Noise temperature is a
measure of the amount of excess noise, over and above thermal noise,

Other sources contribute to the noise temperature of a receive station. Space
noise, which is produced by a numberof objects in space, is a factor, but with
small earth stations,it is usually a small factor. An exception is the sun, which is
a very significant noise-producing object in space: when the receiving station,
satellite, and sun are lined up, communication from the satellite is lost, over-
powered by noise from the sun. Also, the earth has a rather high noise tempera-
ture. When the elevation of the antenna is less than perhaps 20° or 30°, the
earth's noise temperature can be significant. Of course, the contribution from the
earth depends on the antenna pattern in the direction of the earth.
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In addition, the LNB produces excess noise over and above what you would
expect from thermal noise. The excess noise can be translated to an equivalent
noise temperature by solving Equation (7.12) for T and substituting the equiva-
lent excess noise at the input of the LNB for P,. An equivalent concept some
what more familiar to cable television engineers is that of noise figure, Noise
figure expresses the same thing that noise temperature expresses, but in satellite
work, we often work with noise temperature because certain computations are
simplified.

The G/T of a station is a function of the gain of the dish, the pattern of the
dish if the elevation angle is low, the noise figure of the LNB, and any losses in
the structure. Technically, losses after the LNB must also be taken into account.
However, they tend to have only secondary effects on the G/T of the station
unless the loss between the LNB andthe receiver begins to approachthe gain of
the LNB. The manufacturerof the station can supply appropriate G/T values.

Higher G/T will provide better carrier-to-noise ratio, and hence better base-
band signal-to-noise ratio on the video. G/T can be increased by going to a larger
dish size, improving the efficiency of the dish, or using an LNB with a lower
noise temperature. Some slight improvement may be obtained by reducing
losses following the LNB.

Carrier-to-Noise Ratio of Received Signal

Combining the preceding concepts, the carrier-to-noise ratio of the receive sta-
tion can be expressed as

c G
— — — a i:iy=BIRP~L + 7+ 228.6 (7.13)

where

x = carrier-to-noise ratio (dB) per hertz0

EIRP = satellite effective isotropic radiated power (dBW)

L= path loss (dB) from Equation (7.11)

== figure of merit for earth station (dB/"K)
All quantities are expressed in decibels. The carrier-to-noise ratio expressed is
per hertz, As shown in Equation (7.12) for noise power, the total noise is
proportional to the bandwidth over which the measurement is made, The
measurement bandwidth is the effective noise bandwidth of the receiver. Noise
bandwidth is that bandwidthafilter would haveif it were perfectly rectangular
and admitted the same noise as does the real filter.
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Figure 7.13 Filter response and noise bandwidth.

Figure 7.13illustrates the conceptof noise bandwidth and howitrelates to the
actual bandwidth ofa filter. The majority of the filtering comes from the IFfilter in
the earth station receiver. A filter response is shown expressed in decibels in
dashed curve 3. The samefilter response expressed as a magnituderatio, [(power
out)/(power in)], is shown as a thin solid line in curve 1. In determining the noise
bandwidth ofthe filter, we work with the ratio quantity, not the decibel quantity.
Filter bandwidth is usually expressed at the —3-dB points, corresponding to the
half-power (10 log 0.5) response, The —3-dB bandwidth ofthis filter is 33.6 MHz.
On the other hand, the noise bandwidth isalittle narrower, 30.5 MHz. The noise
bandwidth is computed by calculating the area under the magnitude response
curve, then determining the bandwidth of an ideal “brick wall” filter that has the
same area. Curve 2 is thatof the ideal filter enclosing the same area as curve 1.

In order for curves 1 and 2 to enclose the same area, area A must equal area
B. Area A defines the region where the actual response, curve 1, is below the
brick wall response, curve 2. Area B defines the opposite condition, where the
actual response exceeds that of the brick wall response.

Note that the noise bandwidth is an artificial quantity not representative of
the actual filter response. It is merely a mathematical construct used to permit
computation of the noise in the bandwidth of the receiver. This quantity is
needed to compute carrier-to-noise ratio from the result of Equation (7.13).
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Equation (7.13) is expressed in terms of carrier-to-noise ratio in a 1-Hz
bandwidth. From Equation (7.12), the total noise is proportional to the band-
width of the system, which is expressed by the effective noise bandwidth of the
filter as shown. In order to correct Equation (7.13) for the noise bandwidth,
a term must be added for the noise bandwidth. The manufacturer of the
receiver will supply the noise bandwidth of the receiver. Equation (7.13) then
becomes

c G
Ay = BIRP-L+5+ 228.6 — 10log BW, (7.14)

where

C ; : j é

N= carrier-to-noise ratio seen by receiver
EIRP = satellite effective isotropic radiated power (dBW)

L = path loss (dB) from Equation (7.11)

- figure of merit for earth station (dB/*K)
BW, = noise bandwidth (Hz)

FM Receiver Characteristics

Now consider the satellite receiver. The characteristic of interest is the baseband
signal-to-noise ratio versus the RF carrier-to-noise ratio. By convention, base-
band signals are characterized by a signal-to-noise ratio (S/N), whereas RF (and
IF) signals are characterized by a carrier-to-noise ratio (C/N). At this point, we
need to determine the receiver output S/N given the C/N computed in Equation
(7.14).

Figure 7.14 illustrates a typical curve that relates baseband signal-to-noise
ratio to IF carrier-to-noise ratio.'* The measuring conditions must be stated and
usually follow closely the transmission characteristics nominally used in satellite
transmission (recommended by the CCIR):

Reference deviation: AF peak = 10.75 MHz

5/N per CCIR 421-3
525-line preemphasis
IF noise bandwidth: according to receiver (32.5 MHz in this example)

The solid line in Figure 7.14 represents the actual signal-to-noise ratio
measured on the test receiver. At higher C/'N, it is a straight line. As the C/N
decreases, the S/N departs from the straightline, falling off more rapidly. If we
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were to extrapolate the curve back to a C/N of OdB (dotted line), we would find
that the 5/N was strangely high for a C/N of 0. The point at which the actual
curve diverges from the straight line is called the threshold of the receiver. In
order to provide a repeatable measuring point, the threshold is defined as the
point at which the two curves depart by 1 dB.

In determining the needed characteristics of an earth station,it is necessary
to establish a nominal operating point sufficiently above threshold so that we
can tolerate real-world reductions in performance. Pointing errors can cause
signal loss. Polarization discrimination can suffer because of Faraday rotation
and rain, causing loss of discrimination against the cross-polarized signals.
Signal can be attenuated because of rainfall: the more rain the signal travels
through and the harder the rainfall, the greater the attenuation.
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Figure 7.14 Typical receiver S/N versus C/N.
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Terrestrial interference is a way of life at C band though arguably it may not
be as severe as it was before many applications began migrating to fiber-optic
cable, The C band is shared with terrestrial communications. Terrestrial interfer-
ence has been known to make somereceiving sites unusable on some transpon-
ders. However, in most cases, it can be controlled by erection of shielding fences
or by putting the dish in a depression in the earth. If the interference is not too
close to the center of the channel (the carrier), then sometimes a trap inserted in
the IF of the receiver may prove effective at mitigating the interference. Many
receivers include an IF loop-out feature to allow insertion of such traps.

Threshold Extension

In order to make use of smaller and smaller earth stations, which have lower and
lower G/T, it is useful to find techniques that will enable the threshold to be
reduced, enabling operation at lower C/N. Several proprietary techniques exist
to provide a receiver with threshold extension. Regenerative techniques have
been used, but a commonthreshold extension technique involves narrowing the
noise bandwidth oftheIFfilter in the receiver. Some manufacturers have used a
circuit that steers the filter, based on the luminance content of the scene. You can
narrow only so far before the picture is adversely affected.

A common symptom of too low an IF bandwidth is streaking of colors in
brightly colored areas of a scene. Red areas of the picture are particularly suscep-
tible. This is a symptom ofpicture power that falls outside the passband of the IF
filter of the receiver. If the filter was effectively widened, this effect would be
reduced, but a higher carrier-to-noise ratio (higher station G/T) would be required.

Similarly, black dots (“sparklies”) in the picture can indicate too narrow a
filter bandwidth: as the carrier deviates with picture content, some power falls
outside the filter passband, or the filter response is severely reduced at the
frequency of the power. The effect is very similar to that observed when a
station is operated too close to the threshold.

Pre- andDeemphasis

Frequency modulated signals have the characteristic that, when demodulated,
the noise spectrum is triangular, increasing at frequencies farther removed from
the carrier, In order to overcome this, many FM systems include preemphasis of
the signal before modulation and deemphasis after demodulation. In audio work
in North America, the traditional preemphasis network is a single break having a
time constantof 75 ys. In satellite video work, the International Telecommunica-
tions Union prescribes a preemphasis curve that breaks upward at about
150 kHz, and breaks toward a flat response at about 860 kHz.

Figure 7.15 illustrates the recommended preemphasis curve. This shows
that the color subcarrier is amplified nearly 15 dB with respect to low-frequency
luminance information. Recall that this emphasis applies only between the
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Figure 7.15 CCIR recommendation 405-1 preemphasis curve for 525-line systems.

uplink exciter and the receiver at the headend. It does not apply to the signal out
of the receiver. A deemphasis circuit in the receiver restores the signal to its flat
frequency response.

However,this does illustrate that the majority of the frequency deviation is taken
up by the color subcarrier in the satellite portion of the transmission path. In
computing the relationship between RF carrier-to-noise ratio and baseband signal-
to-noise ratio, the deemphasis must be taken into account. This is done in Figure 7.14.

Audio Transmission

In the early days of satellite transmission, signals were sent in the clear. To
prevent theft of signals, it became necessary to scramble the signal. The scram-
bling system currently employed replaces the horizontal sync with digitized,
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encrypted audio, Enough bandwidth is available to provide for stereophonic
transmission. If additional audio channels are required, as for cue tone
and second language transmission, subcarriers are used. The subcarriers were
used for transmission of the primary audio prior to the advent of scrambling.

A number of frequencies have been used for sound subcarriers, but the most
common in North America are 6.8 and 6.2 MHz. The audio source is modulated

onto the subcarrier (normally using the standard 75-us preemphasis), then the
subcarrier is combined with the video to form the complete signal transmitted
through the satellite.

As shown in Chapter 5, digital satellite transmission is primarily QPSK, with
some movement toward 8-PSK transmission, The satellite transponder is simply
a frequency translator and power amplifier. As such, it can handle analog or
digital signals. However, in order to achieve maximum efficiency when digital
signals are transmitted, the transponder is operated in or close to compression,
the inputsignal level above which an increase in input signal does notresult in a
similar increase in output level. This means that we have to use modulation
formats that don’t depend on amplitude changes to communicate information.
8-PSK and OPSK meet this requirement.

Because thesatellite transmission is digital, there is no color carrier and no
audio carrier, this information being carried in the digital datastream with the
video and supplemental information. Threshold extension is not practiced, and
there is no preemphasis and deemphasis.

You can plot graphs similar to that in Figure 7.14 for digital transmission,
where the operational parameter on the vertical axis is E,/No, explained
in Chapter 4. E,/No plays the samerole as does carrier-to-noise ratio, normali-
zed for the data rate transmitted, The E,/No required depends on the degree of
error correction being used. Table 7.1'° shows the expected performance of a

Table 7.1 Expected &,,/Np for Various Error-correction Rates

Required F,/No (dB),
BER = 2 = 10~* after Viterbi,
 Inner code rate OEF, after Reed-Solomon

1/2 4.5

2/3 5.0

3/4 5.5

5/6 6.0

7/8 6.4a____—|20505000OOO
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demodulator for different error-correction levels. A safety margin of about 2dB
on top of these E,,'Np values is recommended.

7.3.4 Satellite Frequency Plans and Interference Issues

The more established band for satellite reception is the C band, 3.7 to‘4.2 GHz. This
band is shared with terrestrial microwave links, and so interference becomes a

significant issue. The issues are probably not as severe as they were a few years
ago, however,since moreterrestrial services have been migrating to fiber-optic cable.

Polarization Diversity andFrequency Plans

Figure 7.16(a) illustrates the frequency plan used at C band, effectively man-
dated by FCC rules.’*'? In order to use the spectrum more efficiently, two
polarizations are used, as explained in the introductionto satellite communica-
tions. In North America, linear polarizations are used. In many other places,
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Figure 7.16 Satellite downlink frequency plans. (a) C band. (b) Plan for Ku band of AMC-1 dual-band satellite. {c) Ku-band
plan for AMC-5 Ku band only.
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right- and left-hand circular polarization is employed. Polarization diversity
allows transmission of two signals in the same frequency band without inter-
ference. However, as a practical matter, the discrimination that we can achieve
is not perfect. In order to improve the performance of the system, signals using
the two polarizations are also offset in frequency from each other.

A channel is 40 MHz wide, with the occupied bandwidth of the signal

approximately 36 MHz, leaving a 4-MHz guard band between channels on the
same polarization, The opposite polarization is offset in frequency such thatits
picture carriers are in the guard band, as shown in Figure 7.16(a).

Ku-band plans are not as standardized as is the C-band plan. Figure 7.16(b)
illustrates the Ku band downlink plan of the AMC-1 satellite. This is a combined
C/Ku-band satellite with Ku-band channels 36 MHz wide having a 4-MHz guard
band, just as in the C-band plan. Figure 7.16(c) shows another Ku-band plan,
using 56-MHz-wide channels having a 7-MHz guard band. This plan, used in the
AMC-5 satellite, allows one transponder to be used for two analog TV programs
or a higher-data-rate digital signal.’® Note in all plans that on top of the channel
we show the center frequency, in megahertz, for that transponder, and we show
the channel number underit. The satellite bands are 500 MHz wide in North
America, whereas in Europe they are 800 MHz wide.

Each channel corresponds to one transponder onthesatellite. A transponder
works much like a cable TV signal processor, explained in Chapter8.It is simply
a frequency translator and power amplifier. Signals are uplinked to the satellite
at a frequency roughly 2GHz higher than the downlink band. On thesatellite,
the transponder receives and amplifies the signal, converts it to the output
frequency, amplifies it, and feeds it to the transmit antenna. The beacons are
narrow-bandwidth signals that transmit telemetry information related to the
condition of the satellite. These beacons, sometimes called telemetry (TM)
beacons, are used by satellite controllers.

It is common for the downlink frequency band to be converted to a lower-
frequency band at the antenna, before the signal enters the headend. This is donein
the preamplifier located at the feed point of the antenna. The device that provides
preamplification and down-conversionis called a low-noise block converter, or LNB
(see Figure 8.16). In North America the common band to which signals are down-
converted is 950-1450 MHz.In Europe, several bands are used at frequencies up to
2300 MHz. Since the signal is down-converted at the LNB,the receiver is the same
for either C or Ku band.

Polarization Rotation

Even if the signals leave the satellite polarized exactly vertically and hor-
izontally, they don’t necessarily arrive at the earth so polarized. Faraday
rotation will cause both signals to rotate. Faraday rotation in the northern
hemisphere is clockwise looking from the satellite toward the earth station
for a downlink signal. Rain will also cause rotation of the polarization. The
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net effect is that the earth station antenna's ability to reject the undesired
polarity is limited.

Faraday rotation is generated in the ionosphere. The ionosphereis a neutral
gas containing charged particles called a plasma, In the presence of a magnetic
field (from the earth), a plasma becomes an anisotropic medium, which will
cause rotation of an electromagnetic signal propagating throughit. Michael
Faraday observed the same thing in light traveling through gyrotropic crystal
with an applied magnetic field, so the phenomenon came to be named for him.

The amount of Faraday rotation depends on the electron density in the iono-
sphere, the magnetic field intensity, and the component of the wave traveling
along the magnetic field vector. It will thus vary, as the concentration of electrons
in the ionosphere varies with the season and with the time of day. The amountof
Faraday rotation is inversely proportional to the square ofthe frequency, so it is
more severe at C band than at Ku band. A typical peak value at 4(GHz is 4°. The
loss of polarization discrimination at the earth station is given by the sine of the
angle of rotation, $0 4° results in polarization discrimination of about 23 dB. Of
course, the feed may be adjusted for an average Faraday rotation, and if this is
done correctly, the loss of polarization discrimination may be much less. Depolar-
ization due to rain may be more severe in a number oflocations.

Rain can cause depolarization because the raindrops are elliptical and cause
amplitude and phase distortions in the two orthogonal linear polarization com-
ponents of any incident polarization. Rain depolarization tends to be more
severe at higher frequencies. Depending on the rain rate and the elevation angle,
rain depolarization can cause the polarization discrimination to drop to between
30 and 10dB (very high rain rates).!”

Thus, though polarization can normally yield some 20dB8 of discrimination
against the undesired polarity, there are times that we wouldn't be able to expect
much more than 10dB of discrimination, thus the need for frequency offset as
well as polarization discrimination.

Numerical Observations Regarding Satellite Receiving Stations

The FCC uses a 2° separation standard for satellites serving the United States.
Manysatellites are so spaced, mostly near odd numbers of degrees. The physical
separation is referenced to the center of the earth. Since real earth stations are
located at the surface of the earth, about 15% of the distance from the earth's
center to the synchronousorbit, the apparent spacing is going to be larger than is
the specified orbital spacing.

Cook has presented an equation showing the apparent separation between
two satellites from any place on the surface of the earth:””

aC, — Cy cos X(cos AL, + cos ALg) — 2C,(1 — cos B)
2,/C; — C3 cos. X cos ALC; — C; cos.X cos ALp

cosa = (7.15)
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where

C, = 43.70532

Cy = 44.70532

Gy= 1.222

X = stationlatitude

AL, = difference in longitude betweenfirst satellite and station (degrees)
AL, = difference in longitude between second satellite and station (degrees)

f = satellite separation (degrees)

From this and other equations shown earlier, we canillustrate the geometrical issues
for two satellites separated by 2° for several locations in the United States. Choose
the eastmost positions in the orbital are (84° and 86°) for which thesatellites would
be visible at all locations illustrated. (For illustration, we're using even-numbered
degrees though mostsatellites over the Americas are at odd-numbered degrees.) The
orbital slots shown are not occupied by actual satellites, but are intended to give a
feel for the range of values we might encounter at moderate latitudes. Table 7.2
shows the azimuth and elevation for earth stations located in several places, for the
satellite at 84°. The table also shows the apparent separation between that satellite
and one at 86° and the slant range and space loss for the satellite at 64°.

The satellite locations are toward the east end of the orbit. They are roughly

south of the Florida panhandle, one south of the eastern part and one south of
the western part of the panhandle. The slant range from the farthest earth station
(Alaska) is about 14% greater than the closest (Florida), However, the space
loss, caused by spreading of the beam from thesatellite, varies only by about

Table 7.2 Earth Station Geometry and Space Loss for Representative Locations in the
United States for Desired Satellite at 84° and Interfering Satellite at 86°

SS—E_————————————————_—————E———————————————

App.
Lat. Long. Az EL Sep. Slant range Space Loss

(deg) (deg) (deg) (deg) (deg) (statute miles) (dB) 

Equation: (6.8) (6.9) (6.15) (6.10) (6.11)

Location

Alaska 6? 150 liz 0.4 2.02 25,807 197

Hawaii 20 155 96.7 9 2.06 45,270 187

Washington State 47 120 135 26 2.16 24,239 196

Ilinois 45 90 172 38 222 23,581 196

Florida ar 82 184 58 2.40 22,742 196 
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1 dB. A more dominantfactor in determining station performance is the pattern
of the antenna on the spacecraft. Typically, the EIRP in a particular direction will
vary by a few decibels compared with that in another direction.

The apparent separation between thesatellites is always at least as great as
is the actual separation (as seen from the center of the earth). This may not be
intuitive: you might expect that an earth station far from the subsatellite
point (the point on the surface of the earth directly under the satellite), and
near the equatorial plane, might see less separation than 2°. In this example,
Hawaii is the station you might expect to experience the small difference
in apparent separation. However, because the earth is round, Hawaii is
“below” the normal plane at the subsatellite point, leading to more apparent
separation.

7.3.5 Earth Station Design Example
A brief example of the parameters of an earth station design can be obtained
from the preceding numerical examples. Assume a satellite at a longitude of 84°,
as in Table 7.2 (no real satellite is assigned to this location). Compute the
azimuth and elevation, which tell how to point the antenna. The space loss is
computed once the slant range is determined. In order to compute the perform-
ance of the earth station, it remains to determine the carrier-to-noise ratio at the
receiver. Thefirst step is to obtain the EIRP of the satellite at the chosen location.
This is obtained from thesatellite operator. A typical C band number might be
34 dBW. Assume the WashingtonState location, with a path loss of 196dB, and
an earth station with an effective G/T of 20dB/°K. Finally, assume that the
receiver manufacturer specifies an IF noise bandwidth of 32.5 MHz. Equation
(7.14) now becomes

f = EIRP — L, + a + 228.6 — 10log(BWn)
— 34 — 196 + 20 + 228.6 — 10log(32 x 10°)

= 11.55dB

The receiver will receive a signal having a carrier-to-noise ratio of 11,55 dB.
If the S/N versus C/N curve is as shown in Figure 7.14, the expected video-
signal-to-noise ratio will be on the order of 46dB, The receiver is operating
some 4dB above threshold, before allowance for fade. Rain fade, antenna
misalignment, polarization errors,foliage blockage, and other factors will reduce
the actual carrier-to-noise ratio. Also, nothing has been allowed for terrestrial
interference, interference from adjacent satellites, or the uplink (usually
much better than the downlink). A prudent operator will allow several decibels
for such.
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Other Methods of Receiving Programming at Headends

By far the most common methods of receiving signals at headends is either by
off-air antennas or by satellite, However, other methods are in use, and may
even increase in importance in the future. These are covered briefly.

7.4.1 FM Terrestrial Microwave

In earlier days of the industry, it was very common to use terrestrial FM micro-
wave to bring signals to the headend from distanttelevision stations. Many of
these links have now been replaced with fiber-optic cable or with closer televi-
sion stations, but some links remain in operation. The equipment was the same
as that used at the time by the telephone industry for microwave transmission,
with the exciter changed to handle video. The standards used for modulation
were very similar to those used for satellite work, so the concepts discussed
earlier are valid for terrestrial microwave also, Propagation issues relating to
microwave transmission are similar to those discussed in Chapter 14.

7.4.2 Direct Feed from Television Stations

Because of the perils of the radio path, it is sometimes not possible to deliver
high-quality signals to a headend using pickupoff the air. A moderate number of
television stations now are using direct feeds from their studios to the cable
headend. Typically, the baseband output of the master switcher, which supplies
the broadcast transmitter, is taken as the input to the cable system.

A related activity today is cooperation betweenalocal television station and
one or more cable systems to produce local programs. Typically, the news
departmentof a television station prepares a special cable edition of their news-
cast, or the off-air newscast is repeated on the cable, Other programming may
also be involved, produced by either the television station or the cable operator.

Several methods are used to transport signals to the headend. Today, the
most popular methods are analog using either coaxial cable or fiber optics. The
trend is toward digital transmission using fiber optics. Some of the more com-
mon options are listed next.

Baseband Transmission

It is possible to transmit basebandsignals several miles on coax, but the signal must
be carefully conditioned to compensate for the considerable rolloff in response
of a coax cable in the baseband spectrum. Also, hum pickup is a possibility that
has to be dealt with. For stereophonic sound, the audio will have to be picked up off
the air, brought down to the 4.5-MHz intercarrier frequency (or perhaps the 41.25-
MHz sound IF), and combined with the video after modulation. Altematively, the
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sound signal could be modulated onto a 4.5-MHz subcarrier at the TV station, and
the sound subcarrier combined with the video for transmission. Most higher-end
modulators can handle signals delivered in this fashion.

AM Supertrunk
It is possible to locate a cable television modulator at the TV studio and transport
signals on a dedicated coax or fiber-optic path to the headend. At the headend, |
the signal is supplied to a processor of the same type usedfor off-air signals,which converts its frequencyto the final cable channel and connects the signal to |
the outgoing cable plant. This is probably the oldest technique in use. If stereo
transmission is to be employed, then a stereo encoder must be located at the
studio so that BTSC stereo is transmitted from the studio. At the headend, most
cable processors will handle BTSC stereo signals without modification. How-
ever, some operators have picked up the off-air signal using a second processor,
and combined the sound IF from that processor with the picture IF from the
processor handling the video coming from the studio. Engineers must be careful
in doing this so that they don't exceed the frequency tolerance of the intercarrier
frequency (see Chapter 8). The FCC requires that the intercarrier frequency error
not exceed +5 kHz onthe cable [the broadcast tolerance, respected by high-end
modulators, is +1 kHz). If one processor is used to take an incoming picture
carrier, convert it to a second channel, and combine with a sound carrier coming
from an independentsource,it is not too likely that the frequency tolerance will
be met. Engineers must do custom-tuning of the oscillators involved in order to
make this happen.

AM Sublow Band

Oftenif a cable operator wants to get programming originating in the community
back to the headend,he or she will backhaul it on the sublow portion of a trunk
cable, Many cable systems carry local sports events, government meetings, and
government-sponsored information. The backhaulis frequently done by instal-
ling two-way amplifiers in the required portion of the plant. A sublow modulator
is used at the pointof origination, and at the headendthesignal is converted to
the downstream channel, again using a processor. This is essentially the same as
the techniquejust discussed, except for the use of the sublow spectrum on the
necessary portion of the plant.

By commonconvention, the industry has divided the return band into 6-MHz
“channels,” which are designated T channels. Table 7.3 shows the traditional
designations used. Generally, the higher-frequency channels provide the higher-
quality signal, due to noise on the return path, As shown in Chapter 16, frequen-
cies generally below 15 or 20 MHz tend to experiencealot of interference on the
return path. Thus, higher frequencies are preferred, especially for analog video,
which tends to be more susceptible to interference than is digital transmission.
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Table 7.3 Sublow Channel Designations 

Channel Picture carrter (MHz)

T-? 7

T-8 13

T-9 19

T-10 25

T-L1 31

T-12 3?

T-13 43

One factor, though, forces us to not put the return video too high in the
spectrum. As shown elsewhere, the diplex filters used in two-way distribution
amplifiers produce group delay near the crossover frequency. If the signal must
be transported through too many amplifiers, the group delay may add to an
unacceptable number. The usual countermeasure for this is to reduce the fre-
quency of the analog transmission.

FIM Supertrunk

A similar technique is to use FM transmission on a dedicated cable. This was
popular a few years ago since the quality signal delivered to the headend could
be quite good. The same conditions apply to audio as described before.

Digital Transmission with No Data Compression

Equipment is available today to allow noncompressed digital transmission to
take place over a fiber-optic cable. The systems are low in cost but require a
relatively high data rate for each channel. Data rates of 120-240 Mb/s per video
channel are not uncommonin these applications. Several video signals can be
multiplexed, with the total data rate being 2.4Gb/s or higher. The techniqueis
also used to interconnect headends, where it is desired to transport several high-
quality signals between headends. A dedicated fiber is usually used, though
wave division multiplexing (WDM) is beginning to be practiced today.

Digital Transmission with Moderate Data Compression

Equipment is available to allow moderate compression in a transmission path.
Generally, this technique will be more costly than use of noncompressed
transmission, but it may be preferred if there is a scarcity of bandwidth.
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Compression is based on vendor proprietary compression schemes, most of
which use linear predictive coding (LPC). In an LPC system, an algorithm is used
to predict the content of the next picture (usually either a field or frame) based
on past data. The encoder includes a decoder, which works identically to the
one at the receiving end. The predicted output of the decoder is compared with
the picture before encoding. The difference is an error signal, which is trans-
mitted to the receiver. Because TV pictures tend to have a lot of commonality
between frames, the amount of information transmitted is much less than if no
compression were used, Data rates of around 45 Mb/s can yield excellent-
quality pictures and are routinely used for backhaul of programs to broad-
casters. Data rates in the neighborhood of one-half of this have met with
limited acceptance.

Digital Transmission with Extreme Data Compression

This usually means some form of MPEG or MPEG-derived compression algo-
rithm based on the discrete cosine transform (DCT) and possibly other aspects of
MPEG compression. Because of the cost, no known applications exist today that
utilize full MPEG compression for point-to-point transmission of video though
this may happen in the future, However, it is not that expensive to implement
just the DCT and maybe some other modest data reduction techniques. Data
rates of under 20Mb/'s for broadcast quality have been reported. Chapter 3
includes more information on compression.

7.4.3 Local Origination

Finally, local origination (LO) is practiced in many systems. LO is done from
studios operated by the cable company or sometimes by other parties. Typically,
the studios will be similar to those at broadcast stations, except that the amount
and quality of equipmentis less.

Much programming originates on tape. Common tape formats in use include
consumer VH& (very low end), super VHS, and 3/4 inch, in increasing order of
quality and cost. Better operations employ time base correctors to compensate
for the unavoidable timing errors that develop because of inconsistent tape
transport speed. Computers may be used to control the tape machines, or they
may be controlled manually.

The leading edge in local origination storage is the use of video file servers.
Programs are digitized and compressed. The compressed program is stored on a
large file server, not unlike those used in business applications to store massive
amounts of data. At the programmedtime, thefile server “plays” the file to an
MPEG-to-NTSC converter (for analog channels), which converts the signal back
to analog. This type of system saw its earliest successes in the commercial
insertion (ad insertion) market, is now used for playing out long-form programs.
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Summary

This chapter has discussed the underlying technology used to bring signals into
the headend. The vast majority of signals are received today from satellites, with
the next largest number being picked upoff the air. Other techniques are used
and are outlined briefly here. In the next two chapters, we will discuss headend-
related concepts beyond getting signals into the headend. Chapter § will cover
handling signals in individual pieces of equipmentin the headend, and Chapter 9
will cover handling the signals outside those pieces of equipment.
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8.1

8.2

Chapter &
Headend Signal Processing

Introduction

This chapter deals with the electronic devices most commonly used in headends
to formatsignals for transmission on a cable plant. These devices include signal
processors, RF devices used to take television signals off the air or from an
incoming cable and put them on the cable. Also included are modulators,
miniature transmitters that accept baseband audio andvideo signals and convert
them to a channel, Demodulators do the opposite, converting an RF signal back
to baseband video and audio. Stereophonic encoders convert left- and right-
channel audio into the composite stereo format used in television transmission.
Earth station receivers convert signals coming from communicationssatellites to
baseband audio and video. Often these are used with descramblers that deal
with the proprietary scrambling format currently used with most analog satellite
transmissions.

Block diagrams and descriptions of the operation of the equipment are
presented, along with information regarding the proper application ofthe hard-
ware. The block diagrams are representative of commonly available equipment.
They are intendedto illustrate how the functions are accomplished; they are not
intended to representparticular pieces of equipment. Variations will be encoun-
tered in the field. Some equipment may havecontrols that don’t work as do the
controls shown here, as a consequenceofdifferences in block diagrams.

Chapter 7 covered inputs to the headend from various RF sources. Chapter 9
will cover methods used to couple signals from the equipment covered in this
chapter to the cable. You may wish to review the fundamental composition of
baseband andRF signals in Chapters 2, 3 and 4.

Signal Processors

RF signal processors are normally used to transfer incoming VSB-AM signals
from off-air antennas or incoming cables to the cable plant. The processor can
change the channel (frequency) of the signal andthe relative sound carrier level.
Thesignal is bandpassfiltered to remove any undesired adjacent channel power.

333

292



293

 

334 Chapter 8 Headend Signal Processing

Automatic gain control is employed to stabilize the output level. Optionally, a
standby carrier can be substituted when the incoming signal goes away. Switch-
ing of IF sources can be done to maximize use of a channel.

8.2.1 Input Section

Figure 8.1 illustrates a typical block diagram of a processor, A number of
variations are possible. Many modern processors are frequency agile. Differ-
ences between agile and nonagile processors are pointed out as appropriate. The
incoming RF signal is supplied to a bandpass filter, BPF1, which is tuned to the
incoming channel. This bandpassfilter is typically of fairly low order and has
only a little adjacent channel rejection. Its primary purpose is to reduce off-
channel power to minimize distortion in the input circuitry. It, along with BPF2,
provides imagerejection, as described in Chapter 9.

The signal passes through a variable attenuator, AT1, which is part of the
delayed AGC circuit. “Delayed AGC” is a somewhat unfortunate term because it
has nothing to do with a time delay. Rather, the term delayed refers to the fact
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Figure 8.1 Signal processor block diagram.
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that AT1 is at minimum attenuation (the front end is at maximum gain) at low
signal levels. As the signal level increases (above a predetermined threshold), it
becomes necessary to reduce its amplitude beforeit reaches RF amplifier Al and
mixer M1. Failure to reduce the amplitude would result in unacceptable distor-
tion. At lower signal levels, the gain of Al is needed in order to overcome the
noise introduced in the mixer and following circuitry. ;

8.2.2 IF Section

The signal is converted to the intermediate frequency (IF) in mixer M1. The
commonly used North American IF is 45.75 MHz for the picture carrier and
41.25 MHz for the sound carrier.* Note that the spectrum is inverted at IF
compared with the spectrum at RF, where the sound carrier is at a higher
frequency than is the picture carrier. This is a consequence of using a high-side
local oscillator (LO); thatis, the frequency of the local oscillator is higher thanis
the RF frequency ofthe signal being converted. Use of high-side oscillators helps
control spurious responses from the mixing process.

Following mixer M1 is another bandpassfilter, BPF3, tuned to the IF band,
normally 41 to 47 MHz for NTSC signals. Amplifier A2 provides gain to help
avercome the insertion loss of later circuits. The IF AGC attenuator is AT2,
which is adjusted such that the inputto the AGC detector is constant regardless
of the incoming signal level. Additional amplification may be provided, and at
somepoint in the signal chain, a sample of the signal will be routed to the AGC
detector, The output voltage of the AGC circuitry changes as the signal into the
ACC detector increases. This change causes the attenuation of AT2 to increase,
compensating for the increasing level of the incoming signal.

If the signallevel increases sufficiently, the IF AGC voltage reachesthe delay
threshold, above whichthe gain of the inputattenuator, AT1, is reduced to effect
stabilization of the IF signal level. Depending on the design of the AGC system,
the IF attenuator, AT2, may continue to dropin gain, or it may not. Usually, the
best carrier-to-noise performance of the processor is achieved at input signal
levels just below the delayed AGC threshold.If sufficient level is available,this is
the preferred operating point for the processor.

Returning to the main IF signal path, as illustrated, the signal next is
supplied to switch $2, which selects the standby carrier uponloss of input signal.
The standby carrier was originally employed to prevent TVs from showing snow
when a signal goesofftheair. It is also employedif the output channel is used as
a pilot for the distribution system. A pilot signal is used to set the gain of
distribution systems, and if it disappears when a TV station goes offthe air,
the operating point of the distribution system will be upset.

* PAl countries use 38.9 MHzfor the picture carrier IF and 33.4 (PAL-B/G) or 32.9 (PAL-I) MHzfor
the audio IF, In China, 38 MHzis used for the picture carrier IF.
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Some processors include the ability to modulate the standby carrier with
pseudosync pulses, a low-duty cycle 15.734-kHz square wave that simulates
normal TV modulation. This is necessary to support distribution AGC systems
that need synctips to operate, rather than a CW signal.

Switch $2 is.normally activated by a drop in the IF AGC voltage sufficientto
indicate that the input signal level is lower than a minimum needed for useful
performance. Following switch $2 is switch $3. This switch is optional and is
used when it is desired to switch to an alternative IF signal. This is done, for
example, when the primary signal leaves the air and it is desired to substitute
another signal on the same channel. For example, the cable operator may carry a
local television station that goes off the air at night. It is desired to substitute
another signal on the channel when the local station goes off the air. The
alternative signal, processed in another modulator or processor, is supplied at
the “Composite IF in” connector, Optionally, a separate AGC circuit may be used
to normalize the level of the alternative IF signal. In this example, switch $3
would be connected to the IF AGC signal such that when the input signal drops,
53 is activated, selecting the alternative IF signal.

The picture and sound carriers are separated in the example processor.
Aural IF, at a frequency of 41.25 MHz, is routed to a bandpass filter, BPF7,
which eliminates any powerassociated with the picture signal or other channels.
Following BPF? is a limiter, Ad, which functions identically to the limiter in an
FM radio, Its output is constant regardless of the input signal level, within a
reasonable level range. Following Ad is a manually adjusted attenuator used to
adjust the sound carrier level. The sound carrier is normally adjusted to be
—15 dB from the picture carrier level. A bandpassfilter following AT3 removes
harmonics of the sound carrier, which are introduced in the limiting process.
The sound IF is then combined with the picture IF.

An alternative sound IF circuit uses a notch of variable depth to adjust the
sound carrier level. This circuit works but cannot remove any residual AM on
the sound carrier. Further, if not adjusted properly, it can add FM/AM noise,
which hurts operation of many scrambling systems.

The visual signal at IF is supplied to BPF4, which provides the bulk of the
selectivity of the processor, We describe the response of this filter later. After
amplification, the visual IF is combined with the sound carrier.

8.2.3 Output Section

After combining, the composite IF signal is applied to output level control AT4.
The location of this control in the signal chain allows it to simultaneously adjust
the picture and sound carrier levels. After level control, the composite IF signal is
split. One side of the splitter is supplied as the “Composite IF out” of the
processor, to be used if needed as the alternative IF input to another processor
or modulator. The other output of the splitter is amplified in AS before being
supplied to mixer M3, the output mixer. It is mixed with the output of local
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oscillator LO3. The signal is now on the assigned output channel. Bandpass
filters BPF6 and BPF7 eliminate the image of the second conversion process and
any spurious signals coming from mixer M3.

Amplifier AG increases the signal level to the desired output level. Its
performance is critical: any third-order distortion it introduces will generate
frequencies too close to the output channelto be rejected by BPF7. The most
common distortion produced is a third-order beat between the picture and sound
carriers. This beat, appearing 4.5 MHz below thepicture carrier, is derived from
twice the picture carrier less the sound carrier. Another beat appears 4.5 MHz
above the sound carrier but is lower in amplitude.

lf the outputis frequency agile, meaning it can be set to any of a number of
channels, the output section shown is replaced with a dual conversion output
section, with a first IF above the maximum frequency the processor can output.
TheIF is filtered to remove the image, and then it is down-converted to the
output channel. Sometimes up-conversion is done externally ta the modulator;
this technique, along with more information regarding up-conversion,is covered
in Section 8.4.1. The mechanism that creates images is covered in Chapter9.

8.2.4 Local Oscillators

Normally, LO1 and LO3arefixed, crystal-controlled oscillators in a fixed channel
processor. If the processor is agile on the output channel, LO3 and M3 will be
replaced with a dual conversion output converter, which converts the IF signal
to a high frequency (typically in the high hundreds of MHz), where it is filtered
and down-converted to the output channel using yet another mixer and a phase
locked local oscillator.

A processor with an agile input will have the input section replaced with an
agile oscillator and trackingfilter. In higher-quality processors, the front end will
be double conversion, with the second IF at the normal TV band of 41-47 MHz.

If the processoris used as an on-channel processor, with the input and output
on the same channel, then it is desirable that the output signal be phase coherent
with the input signal to avoid beat products. To effect this phase coherency,local
oscillator LO] is not used for on-channel conversion. Rather, a sample of the output
local oscillator, LO3, is supplied to mixer M1. Thus, the same local oscillator is used
for both down- and upconversion. This may be shown to ensure phase coherency.
Switch $1 is thrown to the alternative position for on-channel conversion.

If it is desired that the output be phase locked to an externalreference signal
at the frequency of the output channel, then LO3 will be replaced with a phase
locked circuit.

8.2.5 Processor Frequency Response

Figure 8.2 illustrates the visual channel IF response of the processor, overlaid
with the spectrum of signals that may be present. An important function of a

296



297

 

338 Chapter 8 Headend Signal Processing

 

Practical passband

Ideal passband With L-C filters

  
 
 

  

 
Loweradjacentsound

="Loweradjacentcolor  
 

~~Upiieradjacentpicturecarrier LoweradjacentpictureUpperadjacemtsound On-channelcolor ee
=

a5

Channel Video Channel Frequency (MHz)
boundary spectrum boundary

boundary

Figure 8.2 Processor visual channel IF response.

processor is to provide off-channel rejection. This is important in cases where
the processor is used to process signals coming in from another cable. For
example, it is sometimes practiced to route signals by AM microwave or cable
to a hub, where they are reprocessed and supplied to subscribers. In this case,
adjacent channel power coming into the processor must be rejected,

Also, if a station is being received off the air along with an adjacent channel
from another city, the adjacent channel must be rejected before the signal is
supplied to the cable. It is accepted that, in order to be invisible, an undesired
signal should be 60 dB below the level of a desired signal. For specification
purposes,this is the desired adjacent channel rejection of a processor. In the case
of incoming cable signals, adjacent signals will be at about the samelevel, so 60-dB
adjacent channelrejection is adequate. If an adjacent channel has a greater signal
level than the tuned channel, as could be the case in off-air processing, then more
rejection may be required. This is considered to be handled best with external
selectivity rather than to burden all processors with morerejection capability.

Figure 8.2 illustrates the ideal processor passband as a heavy line and a
typical passband as a dashed line. The location of the relevant carriers is shown
at IF, where the picture carrier is at a higher frequency than the sound carrier.
Chapter 8 shows why the spectrum is inverted from that broadcast. Ideally, the
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visual IF passband would pass signals from the edge of the visual spectrum,
4.2 MHz from the picture carrier, to the edge of the flat portion of the vestigial
sideband region, 0.75 MHz above the picture carrier at IF.

This ideal spectral response may be approximated if a surface acoustic wave
(SAW)filter is used as the IF filter (BPF4 in Figure 8.1). This filter sets the overall
visual IF response of the processor for all practical purposes. Some processors
employ L-C (inductor-capacitor) filters for this application. Practical L-C filters are
unable to achieve the ideal passband shape. Bandpass sections are combined with
traps, which provide high rejection over a very narrow band of frequencies. These
traps are placed on the adjacentcarrier frequencies as shown. Most of the power in
an NTSC signal is concentrated at the picture carrier, the sound carrier, and the
color carrier. The power density at other frequencies in a channelis relatively low.
Because of this characteristic, it is possible to specify 60-dB rejection even if that
much rejection is not available at all frequencies. The specification of 60-dB
rejection is interpreted as meaning that power in an equal-level TV signal appear-
ing in an adjacent channel is more than 60 dB below the on-channelpicture carrier.

Even when a SAW filter is employed, it may be necessary to supplementits
response with some traps. Practical SAW filters exhibit ultimate rejection of 40 to
50 dB, against a requirement of up to G0 dB depending on the frequency. Traps
may be needed to achievethislastlittle attenuation.

L-C filters exhibit group delay. This means that signal components passing
through thefilter near either edge are delayed with respect to signal components
passing through near the middle of the passband. The delay is a natural con-
sequence of the attenuation of the stopband and is predicted from the mathe-
matics describing the response of thefilter. If the transition from passband to
stopband occurs in a smaller frequency band, the group delay is greater.

Group delay causes componentsof the visual signal that occupy frequencies
near the edge of the passband to propagate through thefilter more slowly than
do components near the center of the passband. This causes undesirable distor-
tion of the video signal. To remedythis, another filter, called a delay equalizer,is
incorporated with the bandpassfilter. The delay equalizer must be designed for
the bandpassfilter with whichit is to be used,It adds moredelay to signals at the
center of the passband, complementing the delay response of the bandpassfilter.

A delay equalizer is necessary when an L-Cfilter is used as the bandpass
filter, but not when a SAW elementis used. Because of the way a bandpassfilter
is realized using a SAW device, group delay is inherently low.

To meet some early needs to carry off-air digital signals on cable plant, a simple
system was used. An analog signal processor was retuned to widen the IF
passband shownin Figure 8.2 such that it would pass the 8-VS5B signal picked
up off the air. The AGC was bypassed by placing the processor in the manual
mode. Signals were up-converted to an off-air UHF frequency (which differs
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from the cable UHFfrequency plan by 2 MHz, as explained in Chapter 9). This is
not particularly efficient method of carryingoff-air signals, but it sufficed in the
early days, when adequate spectrum was available on the cable plant.

As shown in Chapter4,off-air digital signals use 8-VSB modulation with a
transport stream payload data rate of 19.393 Mb/s. The data rate of a 64-OAM
video signal on cable (after removing transmission overhead) is 26.97 Mb/s: for
256-QAM it is 38.811 Mb/s. You can see that a 256-QAM channel can accept two
complete 8-VSB modulated channels. Furthermore,in many cases a cable op-
erator may want to carry some but notall of the data in the off-air channel,
freeing up more spectrum. When cable operators carry off-air digital channelsit
is important to minimize the spectrum required, so there is a strong need to
combine two off-air digital channels into one cable channel. This can be done
with a digital television processor.

Figure 8.3 illustrates digital television processing, the digital equivalent to
analog signal processing. A digital signal is recovered off-air in tuner #1 and supplied
to the PSIP processor and remultiplexer (remux). As explained in Chapter 3, digital
video signals include the program and system Information Protocal (PSIP), a series of
tables that, among other functions, tell the receiver what programs are included in
the multiplex (i.e., the 6-MHz channelcarrying several programs) and how to find
them. These tables must be modified if some programs are removed from the
multiplex and others are added from anotheroff-air channel or other source.

In the configuration shown, a second program stream may be added from
either another off-air channel via tuner #2 or from another signal source. This
program transport stream is supplied to the PSIP processor and remux, Its PSIP
tables are merged with those from the first program stream and multiplexed into a
higher-bandwidth stream that is supplied to a 256-QAM modulator. The modulator
may include up-conversion to the frequency the combined transport stream occu-
pies on the cable plant, or the up-conversion may be separate. Since each program
stream included in each of the two input streams shown may be transmitted in
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Figure 8.3 Digital television processing,
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variable-bit-rate format (VBR— explained later), there are some issues that must
be addressed relating to the amount of data that is carried in the combined
transport stream, In the case of combining two off-air channels, there is enough
bandwidth to carry two complete channels. In many cases, however, only the HD
elements are desired, and the remultiplexing process is capable of dropping not
only the other television services but other data services as well. This would leave
two off-air HD signals, with perhaps enough remaining bandwidth for another SD
service of the operator's choosing. The remultiplexing process mustalso derive
and recombine all of the PSIP information from the desired incoming sources.’

 

8.3. Modulation

Figure 8.4illustrates the video baseband,IF processing, and RF processing found
in a typical modulator. (Upcoming Figure 8.5 shows the audio circuitry.)
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Figure 8.4 Modulator block diagram, baseband and RP.
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Modulators are used with many more channels than are processors since the
majority of channels are programmedfrom satellite-distributed programming or
local sources. The output circuitry of the modulator is identical to that of a
processor, but the front end is significantly different.

8.3.1 Video Switch and AGC

Video is introduced into the modulator in the top left-hand corner of Figure 8.4,
An optional loop-through facility is shown on the input. Where a video source
must be supplied to several places,it is possible to loop the video through from
one piece of equipment to another by using a high input impedance in each. A
termination is used only at the last piece of equipment in the signal chain.
Section 8.9.1 covers this topic in moredetail,

As shown, a video switch is optionally available to allow selection of an
alternative video source. The switch may be activated manually, from an auto-
mation system, or automatically upon loss of the primary video,

Another option available with some modulators is a video AGC circuit.
Typically, the amplitude of the syne tip is measured.If it is in error, attenuator
AT]is adjusted until the sync amplitude is normalized.It is assumed that the
ratio of active video signal to the sync tip is correct. The proper level of video
depends on the video content, which cannot be known at the modulator. How-
ever, the sync tip amplitude is well known. An errorin sync tip amplitude is
indicative of a gain error in video-processing circuitry. By correcting the sync tip
amplitude, the active video amplitudeis corrected.

Although the ideal correction strategy for the video AGCis to correct sync tip
amplitude, a few modern modulators feature additional correction strategies. It is
a fact oflife that certain video signals handled in headends do not conform to
the expected characteristics of amplitude and sync-to-video ratio. In order to deal
with these signals, some video AGC circuits include a mode in which the ampli-
tude of the sync tip to peak video signal is normalized rather than the
sync amplitude. This mode should not be used except under certain conditions.
If the video level drops because the picture intentionally goes dark, this
mode would cause the sync level to increase and the video to be stretched to
white unnaturally, However, the mode might be useful for video sources that are
always expected to include peak white, but that are not always expected to be at
the correct amplitude,

8.3.2 Sound Subcarrier Trap

Following the video AGC is a trap tuned to 4.5 MHz. In some cases, video is
supplied combined with sound on a 4.5-MHz subcarrier. This is done, for
example, when video is supplied via a terrestrial FM microwavelink. The base-
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band video and subcarrier sound must be separated before modulation. The
aural signal is coupled out through flag C (to Figure 8.5). The aural subcarrier is
removed in FL1, a 4.5-MHztrap. Frequently, the trap is switchable because it
does introduce somegroupdelay. It may not be needed, and should not be used,
if the incoming video doesn’t contain significant power at 4.5 MHz.

Under some conditions other than the existence of a 4.5-MHz subcarrier, use
of the trap may be desirable.If the video contains significant powerat 4.5 MHz
owingto distortion or other processing, that power would appear as noise to the
sound subcarrier, This can adversely affect the sound-signal-to-noise ratio, and
in certain circumstances, could affect descrambling (see Chapter 21).

8.3.3 DC Restoration and Peak White Clip

From the trap, video is supplied to a de restoration circuit. Video signals may be
interfaced between pieces of equipment with dc restored or ac coupled. As video
content changes, the average signal level, and hence the dc value of the signal,
changes. However,sinceit is required to transmit modulated signals with a fixed
syne tip amplitude, the dc level must be reestablished before the signal is
modulated onto the RF carrier.

A numberofcircuits have been used for de restoration. One of the simplest
is shown in Figure 8.4. If any portion of the video signal tries to drop below
ground, diode D1 conducts, charging C1 positiveat the right end. Since the video
signal voltage is all positive with respect to the sync tip, when the charging of Cl
is complete, the synctip will be at ground level (ignoring the diode drop in D1),
with all other elements of the video signal being positive with respect to it. This
dc level is maintained to the actual point of modulation. Resistor R2 is used to
discharge C1 so that if the sync tip rises too high the capacitor will discharge
until D1 again conducts on sync tips.

After the video signalis clamped, it is applied to a peak whiteclipper. Visual
carrier modulation is strictly limited to 87.5% in the NTSC system.If the carrier
modulation is too deep, the carrier will at some point be cut off, or very nearly
so. Because of the way sound is demodulated (see Sections 8.5.5 and 9,5), carrier
cutoff will cause intolerable sound buzz. In order to prevent this, many mod-
ulators include peak white clip circuits. If the video voltage exceeds voltage +V
in Figure 8.4, then diode D2 conducts, holding the voltage on the video line
constant.

8.3.4 Modulation Process

The clamped and clipped video signal is coupled to modulator Ml, It is no
mistake that the modulator is shown modeled as a mixer with the multiplication
sign. Amplitude modulation is a multiplicative process, as is frequency mixing.
The circuits used for both amplitude modulation and mixing are essentially
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identical and perform a multiplication process. Chapter 2 provides background
on amplitude modulation theory.

Conventional amplitude modulation of a carrier by a sine wave is expressed
by the equation

Vo = cos w.t(1 + M cos®t)
M M (8.1)

=cosa,t +5€08(t0. — ti jt +5cos(a, + tm)t

where

i, = carrier frequency

Mm = modulating frequency

M= percent modulation of the signal (though TV signals use a different
expression for modulation)

From thefirst form, we can see that the envelope (represented by the term inside
parenthesis) never goes negative. (We can show thatif the 1+ term is omitted, the
carrier is suppressed, which is done when we modulate the color subcarrier.)
The second form is obtained by trigonometric expansion of thefirst. It shows that
the frequency domain includes the carrier and two other frequencies, spaced above
and below the carrier by the modulation frequency. These upper and lower
modulation products are called sidebands. The information contained within the
modulated carrier is carried redundantly by the upper and lower sidebands.

A video signal is much more complex than a sine wave. The single sinusoida
modulation term mt is replaced by a sum of sine wavesofdifferent frequencies,
which taken together, define the video waveform (see Chapter2). The resulting
modulated signal has a series of sidebands above and below the carrier. One set
may be removed without losing the information contained in the signal.

8.3.5 IF Processing

From modulator M1, the signal is often looped out for possible external signal
processing. (The term foop out is applied to the routing of a signal from one piece
of equipment to another and then back into thefirst piece for further processing.)
Many common scrambling systems (described in Chapter 21) need access to the
modulated signal at this point. They attenuate the picture carrier during the
horizontal and, usually, the vertical blanking intervals by attenuating the IF
signal. Though some older systems attenuated the sync by applying a sine wave
attenuation, more modern systems use so-called gated sync suppression, achieved
by switching an attenuator into the signal path. The switching operation intro-
duces high-frequency modulation components, which will interfere with adjacent
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channelsignalsif not eliminated, By arranging FL2 so thatit follows the addition
of the scrambling signal, the undesired modulation components are removed.

After scrambling (when used), the signal returns to the modulator and is
supplied to vestigial sidebandfilter FL2. Vestigial sideband modulation and filter-
ing were described in Chapter 2, and the precise shape of a VSBfilter for NTSC is
described later. It is used to eliminate one set of modulation sidebands. Modula-
tion sidebands more than 0.75 MHzfrom the picture carrier are removed from one
side of the picture carrier. If the signal has been scrambled using gated sync
suppression scrambling, then FL2 will alsofilter those modulation sidebands.

After filtering, the IF signal is combined with the sound carrier signal, The
combined signal may be looped out, at the composite IF loop, to provide for
processing by an older sine wave sync suppression scrambling system. It is likely
thatthe signal will be split, with a portion supplied to the composite IF out on the
rear panel of the modulator. This signal is used with other processors or mod-
ulators in IF switching applications, as describedearlier.

The composite (visual and aural) IF signal is up-converted to the RF channel!
in mixer M3, driven by local oscillator LO3. Attenuator ATS controls the output
level of the composite visual and aural signals. Remaining processing is identical
to that described in the signal processor section of this chapter. The signal is
filtered, amplified, and filtered again. A phase locking system can be used to
phase lock the carrier to another source, and is described later.

8.3.6 Aural Modulation

Figure 8.5 illustrates the modulation process. Baseband audio is supplied to an
optional switch $2. If video switching ($1 of Figure 8.4) is used, then audio
switchingis likely required, too. Normally, the audio switch will be driven by
the video switch: when the video switch activates,it activates the audio switch.
Sometimes a third audio input, intended for emergency override, is provided
though it is not shown in the Figure. Frequency response of the override input
may belimited to voice band only. The reason it would be limited is to reduce
any noise that may appear on an audio source that is outside the roughly
300-3,000-Hz band needed for understanding voice communication.

Preemphasis

Preemphasis is employed, as in FM radio broadcasting, to reduce the noise
introduced by transmission. An FM demodulated signal can be shown.to have
rising noise density with frequency. In order to compensate, preemphasis is
used. Above a certain frequency, the gain in the modulator increases 6dB per
octave (doubling of frequency). The demodulator employs deemphasis, which
attenuates the signal by the same amount. In the process, the noise spectrum is
flattened, and the total noise heard by the listener is reduced.
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Figure 8.5 Modulator block diagram, aural.

In North America, the standard emphasis curve followed is called the 75-
microsecond emphasis curve because the break frequency, at which emphasisis
3.dB, is given by a 75-us RC break:

&p = (1 + juRC)e;
= [1 + jo(75ps)le; 5.2)

where

} = imaginary operator

« = angular frequency (@ = 2nf)

The corresponding 3-dB frequency, at which the imaginary componentis equal
to 1, is 2.122 kHz. In Europe and elsewhere, it is common practice to use an
emphasis time constant of 50us, corresponding to a 3-dB break frequency of
3.183 KHz. This affords slightly less reduction in noise,all else being equal, while
providing slightly more protection against overmodulation.

Theissue of overmodulation with constant amplitude signals arises in the
following manner. Consider that you are normalizing the audio level of a
program using any of several accepted criteria. You should not set program level
based on a preemphasized signal because thatis not the way a listener hears the
program. On the other hand, the program is transmitted with preemphasis. If the
dominant program material occurs at a frequency significantly above the
preemphasis break frequency, then overmodulation is possible with normal
program level audio. Fortunately, most program material tends to be dominated
by frequencies below either the 75-s or the 50-ys break frequencies, However,
sometimes this is not the case, and problems can develop. The 50-us break
frequency provides somewhat more immunity. In order to compensate for the
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reduction in signal-to-noise ratio caused by the higher emphasis break
frequency, countries using 50-us preemphasis normally employ wider deviation
of the sound carrier (50 KHz compared to 25 kHz for 75-ps countries).

Whenstereo audio is used, the preemphasis is more complex. The preem-
phasis circuit in the audio baseband circuits shown is disabled so that the input
is flat. Stereo audio is covered in Chapters 2 and Section 8.6.

Aural Modulation Limit, or AGC

An optional modulation limiter may be provided. This circuit monitors the audio
signal level, andif the level increases such that the deviation would be excessive,
then the modulation limiter temporarily turns down the gain ofthe signal path
by adjusting AT2 of Figure 8.5. After the overmodulation ceasesto exist, the gain
is returned to its previous value over some length of time, which reduces the
audible impact of the change.

Some modern modulators include a second modeof operation, in which the
audio level is measured and AT2 is adjusted to provide for a consistent sound
level regardless of the incoming modulation. This mode would not be appro-
priate for a numberof audio sources since it will make low-volume sounds the
samelevel as high-volume sounds. (A whisper and a shout would be the same
loudness.) It might be appropriate, though, if the program audio consists of
normal speech only.

Some modern modulators also include audio clipping, in which audio that
would result in significant overdeviation has its peaks clipped, eliminating the
overdeviation. In the United States, the FCC requires that a television aural
transmitter be able to deviate to at least +40 kHz, so the appropriate clip point
would be above this. The clipping process produces considerable distortion, so
operation into the clipping region should never be done intentionally. However,
it is a useful way to avoid gross overdeviation, which could causeinterference
into video or, worse, problems with scrambling recovery (see Chapter 21). It
may be applied atall times, so long as the audio level is carefully set to avoid
hitting the clipping level during normal programming.

Modulation Process

Audio is frequency modulated onto an aural carrier. Frequency modulation is
usually accomplished by applying the audio directly to an oscillator, such that
the frequency of oscillation depends in part on the instantaneous modulating
voltage. As shown in Figure 8.5, the modulation is applied to LO2, a 4.5-MHz
oscillator (other frequencies may be used with conversion).

Some method must be employed to stabilize the center frequency of the
oscillator. Though not the only means to accomplish this, a commonly used
stabilization method is a phase locked loop (PLL). It generates a frequency
correction to the oscillator if the center frequency wanders. The bandwidth of
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the PLL is very low to avoid having the loop “Fight” the modulation, which is
intentionally forcing the frequency of LO2 to deviate instantaneously.

Audio from Other Sources

If audio is supplied already modulated on a 4.5-MHz subcarrier, then it is
introduced into the audio section via flag C (see also Figure 8.4). At this point,
the aural subcarrier may be combined with the baseband video, so bandpass
filter FL3 is used to separate out only the sound subcarrier. It is passed to one
input of switch $3, which selects either the audio from the modulated oscillator,
LO2, or the external signal. Switch $3 may be actuated permanently by manual
selection of the audio source, or it may be activated by some other event.

A common situation is to activate the switch upon loss of main video.
Suppose a modulator ordinarily handles a signal delivered at baseband from a
television station. The baseband link may be backed up by an RFlink that picks up
the off-air signal and demodulates it. The primary audio is delivered in baseband
format, and so is applied to the main input to switch $2. The backup demodulator
supplies sound on a 4.5-MHz subcarrier, combined with the video. If the video
switch ($1 of Figure 8.4) detects loss of video, it activates to couple in alternative
video from the backup demodulator. At the same time, it drives the 4.5-MHz
switch (53 of Figure 8.5) to select the external aural subcarrier of flag C.

Following the switch is a limiter whose purposeis to ensure that the sound
carrier level is constant regardless of the source. After the limiter is a manual
sound carrier level adjustment, AT4, which sets the level of the sound carrier
relative to the visual carrier level. Finally, the aural carrier is up-converted from
4.5 MHz to the sound IF at 41.25 MHz using the samelocal oscillator as was used
to generate the picture IF (LO1 of Figure 8.4). The aural IF is coupled at flag D
back to Figure 8.4, where it is combined with the visualIF signal.

8.3.7 Vestigial SidebandFiltering

As described earlier, the majority of one sideband is removed by a device known
as a vestigial sideband (VSB) filter (FL2 of Figure 8.4). Figure 8.6 illustrates the
operation of the vestigial sideband filter in an NTSC modulator. Recall that the
spectrum is shown atIF, intermediate frequency, where the picture carrier is
higher in frequency than the sound carrier. This is reversed at RF, by the use ofa
high-side local oscillator.

The VSBfilter has a response thatis flat from 0.75 MHz abovethe picture
carrier to at least 4.2 MHz below. The reason for the cutoff at 4.2 (really 4.18)
MHzis that this is the maximum basebandvideo frequency that is handled in the
NTSC transmitted signal. The color carrier and all its sidebands are contained
within the passband of the VSBfilter.

The high (vestigial) side cutoff is rather carefully defined. The response
should be flat to 0.75 MHz abovethe picture carrier, then drop to zero at the
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Figure 8.6 Modulator vestigial sideband filter response.

band edge, 0.5 MHz higher. This frequency, 1.25 MHz above the picture carrier,
is at the channel edge, 47 MHz atIF.

Nofilter has truly zero stopband response, so it must be decided how much
attenuation is “enough” at the band edge and frequencies farther out. In the
section on processors, we argued that the powerspilling into an adjacent
channel should beat least 60 dB down from the picture carrier. This numberis
applied to the VSBfilter also. The requirement does not mean that the filter must
exhibit a stopband response of —60dB because the powerof the modulated TV
waveform is not constant throughout the channel. Most of the power is concen-
trated at the picture carrier. Typically, other carriers are —15 dB or lower with
respect to the picture carrier. The only frequency removed by the VSB filter that
is likely to be that high is the color subcarrier image at about 49.3 MHz. Thus,if
the VSBfilter has 45-dB rejection, that is good enough. Evenif thefilter has only
40-dB rejection, that may be adequate given a small attenuation by otherfilters.

In some modulators, the sound signal may be supplied through the VSB
filter, in which case a slightly wider response than shown is needed. However,
with the modulator architecture of Figures 8.4 and 8.5, this would not be
necessary.

Thecritical requirements for the VSBfilter madeit an early candidate for use
of a surface acoustic wave (SAW) device, and in fact, this is the first known
application of SAW devices in the cable television industry. SAW devices exhibit
sharp cutoff regions, good temperaturestability, and low group delay. However,
they do exhibit higher propagation delay than do conventional L-C filters.
Propagation delay is the absolute delay of a signal as it propagates through the
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8.4

device. The propagation delayis related to the construction of the SAW device
and has decreased somewhat with improvementsin the state of the art. All else
being equal, the sharper the skirts (the narrower the rolloff region), the greater
will be the propagation delay. Delay times of 3 to 5 microseconds tend to be
typical of SAW filters built for this application. The propagation delay can be an
issue when events must be synchronized between those transmitted on the
picture and sound carriers. Such a situation develops in the commonly used
scrambling systems where synchronization data is transmitted on the sound
carrier (see Chapter 21).

A SAW filter utilizes the propagation of an RF signal on the surface of a
suitable material, such as a quartz or lithium niobate crystal. A pair of transdu-
cers is built onto the surfaceofthe crystal, using the same techniques as are used
to deposit metalization on the surface of integrated circuits. One transducer
launches the signal into the crystal, where it propagates as a mechanical wave
on the surface. The other transducer converts the wave back to an electrical
signal, The shape of the transducers determines the passband of the filter. The
loss of a SAW filter tends to be rather high, but the skirts can be made very steep
without incurring the group delay that accompanies a sharp L-C filter.

Digital Modulators

Digital modulation is covered in Chapter 4.In general, digital modulators are simpler
than their analog cousins. Interfaces with digital modulators are shown later. One
issue of concern is when scrambling is added in a digital transmission stream. We
use scrambling in the cable TV sense of the word, “to render the signal unintelligible
to those who are not authorized to receive the signal.” In some headend systems,
there is an external scrambler that adds scrambling prior to the modulator. In other
headend systems, the scrambling is an integral part of the modulator. In some cases,
the modulator includes the up-converter to the final channel assignment; in other
cases, the up-converter will be external to the modulator.

Phase Locking of Carriers

The output carriers of both processors and modulators may be phase locked to
external sources. Two primary reasons exist for phase locking the output.If the
frequency is used for local off-air broadcasting, then there is a high probability
that off-air signals will leak into sometelevision receivers or, muchless likely,
into the cable plantitself. This leakage, or ingress, will producea visible moving
pattern on the screen if the on-cable picture carrier is not exactly equal to the
ingress frequency. The industry commonly calls this pattern a beat. The proces-
sor or modulator output can be phase locked to the off-air signal to reduce the
visibility of the ingress. This works because the phase locking process forces the
frequency of the signal on the cable to be exactly equal to thatof the ingress.
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The other application for phase locking is to lock all picture carriers on the
cable to a master reference frequency. Such techniques can be shown to reduce
the interference caused by distortion in the distribution plant. Two techniques
have seen fairly widespread use in North America. They are the harmonically
related carrier (HRC) technique, in which all picture carriers are locked to
harmonics of a master reference oscillator, and the incrementally related carrier
(IRC), where all frequencies supplied from the master generator are offset
1.25 MHz. Neither HRC nor IRC techniques tend to be used as much today as
in the past, but they will still be found in somelocations. Chapter 9 describes the
standard HRC and IRC frequency allocation plans.

Yet a third possible requirement for phase locking outputs is described in
Chapter 9, in the discussion of node-specific programming. More than one
program may exist in a headend on the same channel, andif leakage develops
from one to the other, phase locking the two picture carriers will lessen the
visibility of the beat, Thisis true if the subject program is analog.If digital, phase
locking is probably not necessary.

The term phase lock refers to a technique of forcing one RF carrier to
maintain a constant phaserelationship with a second carrier. The second carrier
is called the reference carrier becauseit is a reference to whichthefirst is locked.
If the two carriers have a constant phase relationship to each other, it follows
that they are identically at the same frequency. Indeed, a common technique for
verifying a phase locked condition is to display one carrier on an oscilloscope
thatis triggered from the other. The displayed waveform should appear stable on
the screen. Note thatit is not necessary that the two carriers have a particular
phaserelationship to each other (though some applications require this), and in
general, the phase relation might drift over time.

8.4.1 Phase Locked Circuits and Agile Outputs for Processors and
Modulators

Figure 8.7 illustrates one possible block diagram of a phase locked circuit. This
can be used with either Figure 8.1 (processor) or Figure 8.4 (modulator). In
either case, the output local oscillator, LO3, is replaced by the circuit of Figure
8.7. Mixer M3 is the mixer M3 of Figures 8.1 and 8.4.

The reference frequency, a sample either of the off-air signal or from the
comb generator (for HRC and IRC applications) is selected in bandpass filter
FLO, It is mixed to the common intermediate frequency of 45.75 MHz in mixer
M5. Thelocal oscillator used in this mixing process must be LO3, the samelocal
oscillator used to mix the output channel.

After conversion to IF, the signal is filtered in FL12 before being supplied to
limiter All. This limiter must be used because,if the reference source is an off-
air signal, it will have modulation onit, and the modulation must not interfere
with the mixing process. From thelimiter, the signal becomes one input to phase
detector M4. The other input to M4 is a sampleof the IF signal developed in the
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Figure 8.7 Phase lock option for processor or modulator.

modulator or processor. This signal has been filtered (if needed) and limited in
FL11 and Alo,

Again, a multiplier is shown as the phase detector. A multiplier makes a
good phase detector, just as it makes an ideal modulator or mixer. If the
reference signal (at frequency w,) and the variable signal (at w,) are multiplied,
the result is expressed as follows:

£o = sinw,tsin(a,t + 6)
(3.3)1 1

x 00s 2tot — 3 cos 8

where

o> O, = wy

This expansion uses the relation of Equation (2.5). The first term in the second
line represents the second harmonicofthe carrier frequency and is removed by
the loopfilter. The second term represents the phase difference between the two
carriers, 0,

The output of the phase detector is supplied to the loop filter, which rejects
the second harmonic and performs required filtering on the error voltage repre-
senting @. These functions often include providing extremely high gain at de,
which forces cos@ to be near zero. The phase locked loop will do whateveris
necessary to the frequency of LO3 to keep @ constant. Note that, in order for the
cosine of the phase angle to go to zero, the two signals at the mixer will be held
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in quadrature, that is, with a 90° phase difference. This phase relationship is
typical of multiplicative phase detectors.

if it is not intuitive that the output frequency is phase locked to (thatis, the
same frequency as) the reference, you are encouraged to write equationsfor the
output frequency in terms of the frequencyofthe IF, of LO3, and of the reference
frequency. Assume that the frequencies of the two inputs to M4 are equal (a
condition forced by the phase locked loop), and solve for the output frequency in
terms of the reference frequency.

Some modern agile modulators offer an alternative way to achieve phase
lock between channels.If all relevant frequencies in all modulators are synthe-
sized from the same reference frequency, then phase lock is accomplished.

Comb Generation Technique

Though not used extensively today, it is instructive to consider briefly how a
comb of frequencies might be generated. The combis used for phase locking
processors and modulators in HRC and IRC frequency plans. Figure 8.8 illus-
trates an HRC combgenerator in part a and the modification to makeit into an
IRC generatorin part b.

HRC Comb Generation

The HRC combis simply all the useful harmonics of a 6-MHz (for NTSC) generator.
A simple way to produce the comb is illustrated in Figure 8.8(a). A precision
6.0003-MHzoscillator is used to generate the basic frequency. (The nominal
frequency is 6.000 MHz. See Chapter 9 for an explanation of why an oscillator at
6.0003 MHz is used.) After amplification, the signal is supplied to a fast recovery
diode and to an inductor. When the signal from A10 goes positive, D10 conducts,
setting up current in L10. When the signal from A10 begins to go negative, D10
becomes back biased and cannot conduct. The input impedance to All should be
high so that no significant current exists in its input. When D10is back biased,a
current path to complete the circuit through L10 does notexist. If a closed circuit
does not exist, then the current through L10 must stop. However, if you try to
instantaneously interrupt the currentin an inductor, the voltage across the induc-
tor must go to infinity (less in a practical case, due to losses in the circuit). This
produces a voltage spike that approximates an impulse. An impulse may be shown
to contain all harmonics of the fundamental frequency at equal amplitudes. After
amplification in A11, the resultant may be applied to filters that remove unneeded
harmonics. The small spectrum diagram near the outputillustrates the comb.

IRC Comb

Figure 8.8(b) illustrates how the IRC combis developed from the HRC comb of
6.000 MHz. The IRC comb is the HRC comb exceptoffset up in frequency by
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Figure 8.8 Comb generatorblock diagrams. (a) HRC comb generator. (b) IRC comb generator.

1.25 MHz. This is done by bandlimiting the HRC comband usingit as modula-
tion on a carrier positioned at a picture carrier frequency of about one-half the
maximum frequency. Theeffect is to generate a carrier at the center of the comb
spectrum at one of the comb frequencies. The modulation sidebands are at the
other frequencies required of the HRC comb. A double balanced mixer is used for
the translation, Since it will try to suppress the frequency of LO11, a mixer
balance adjustment is used, and the mixer is intentionally unbalanced to the
translation oscillator, enough to cause the translation carrier signal to bleed
through at the same level as the sidebands. The HRC comb elements should be
completely suppressed, but if they are suppressed by only a few decibels, the
phase locked loop in the processor or modulator should not have any trouble
recovering the correct element.
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Dual Conversion

Figure 8.9 illustrates two features of modern headend processing. One is the use of an
agile up-converter to allow the output of a modulator (analog or digital) or CMTS to
be placed on any frequency. This generally requires a dual-conversion up-converter
to provide low spurious outputs. The genesis of the spurious-output problem is with
the outputfilter after the final conversion. A simple example will show whythisis so.
Refer to Figure 8.4 for a moment; then we shall return to Figure 8.9.

In Figure 8.4, supposeit was desired to make the modulator frequency agile
so that the output could be set to any channel, maybe within a range of several
hundred megahertz. Wecan certainly operate the outputlocaloscillator, LO3, on
any frequency (using a phase locked loop to controlits frequency), and this will
allow us to set the output frequency to any frequency we want. The problem is
that we havefilters FL5 and FL6, which are tuned to a single output frequency.
Wewill have to either eliminate these filters or make them electrically tunable if
we are to allow the output to be on any frequency over a wide range.

But there were somevery good reasonsas to why we havethese filters and why
they are only one channel wide. Consider that we want to put the output on channel
13, with the picture carrier at 211.25 MHz (see Appendix A). With a picture IF of
45.75 MHz,this means that the frequency of LO3 will be 45.75 + 211.25 = 257 MHz.
Mixer M3 produces the difference frequency between LO3 and the IF, 211.25 MHz.
But the mixer is quite happy also to produce the sum frequency, 257 + 45.75 =
302.75 MHz,the image of the conversion. We can't let this frequency out of the
modulator because it will interfere with channel 37 (and the sound carrier with
channel 36). That is one function offilters FL5 and FL6 in Figure 8.4.
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Figure 8.9 Qual-conversion output with optional phase lock to a 6-MHz reference.
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So if we want an agile output, we have to modify the block diagram of Figure
8.4. We can use a dual-conversion system such as in Figure 8.9. Like components
in Figures 8.4 and 8.9 have the samereference designations, so you can see how
they perform similar functions. Video is supplied to all the circuitry shown at the
top of Figure 8.9, which we have referred to here simply as Conditioning. The
actual modulation is done in M1, just as in Figure 8.4. M1is driven by the IF signal
from local oscillator LO1. For phase lock purposes in Figure 8.9, LO] will need to
be phase locked; butit can be simply crystal controlled if phase lockingis not to be
done(orifit is to be done using the method shown earlier).

The IF signal passes through vestigial sideband filter FL2, just as in Figure
8.4. (Note that this diagram might apply to a digital modulator or to a CMTS, in
which case the filter functionis still there but is not a vestigial sideband shape
and would not be called that.) For simplicity, we'll omit the sound carrier and
the IF loop, though they are present. Now what we are going to do that is
different from Figure 8.4 is to pass the signal to a dual-conversion agile
up-converter. This one is phase locked to an external 6-MHz source, although
that is not necessary. The two local oscillators involved in the dual-conversion
process will probably be phase locked to a reference, but the reference may be
internal to the up-converter rather than external as shown.

The first local oscillator will wp-convert the IF to some high frequency. For
illustration, assumeit converts to.a second IF of 927.25 MHz, a somewhat arbit-
rary frequency. The first local oscillator, LO3a, thus operates at fio: = 45.75
4927.25 =973 MHz, The second IF filter, FL5, is set to this frequency and
has a width ofat least one channel. Its main job is to remove the image of the
first IF, 973 +45.75 = 1018.75 MHz. We don't show amplification, but there
may be some amplification at this second IF frequency before the signal is
converted to the final output frequency in mixer M3b,driven by local oscillator
LO3b. If we want the output frequency to be 211.25 MHz for channel 13, the
frequency of LO3b will be 927.25 + 211.25 = 1138.5 MHz. Notice that there is
still an image of the second IF, but the image frequency is 1138.5 + 927.25
— 3065.75 MHz, well above any frequency we are interested in on the cable
plant, and so far from the output frequency that it is easy to filter.

There is a need for a final filter, however. We showatrackingfilter at FL6,
which is located after any amplification we provide at the output (amplification
not shown). The reasonis that there is some noise generated in the mixing process
and in amplifiers. If we don’t filter this noise,it will be combined with all the other
signals and could harm the output C/N of the headend. Thus, a tracking filter can be
provided to eliminate this noise. As a practical matter, no tracking filter can
simultaneously provide excellent adjacent channel attenuation and flat response
in-band while being tuned over a wide range. Thus, some compromises must be
madein its ability to attenuate noise in close-in channels versus the flatness and
tunability of the filter.

We have shown an alternative way to provide phase lock in Figure 8.9. This
uses a reference, in this case 6 MHz, to phase lock all oscillators. The 6-MHz
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reference is divided, in frequency dividers, to frequencies that allow it to serve as
a referencefor all three oscillators. If phase locking is not needed, thenthereis
no need to phase lock the first IF oscillator, LO1. Local oscillator LO3a can either
be phase locked or crystal controlled, at the manufacturer's discretion. Local
oscillator LO3b will typically be phase locked in any case, since it must be
changed in frequency as you set the up-converter to different channels.

Yet another consideration with phase locked oscillators is phase noise
produced by the oscillator. For several reasons, the phase noise is typically
much greater from a phase locked oscillator than it is from a crystal-controlled
oscillator. Phase noise can hurt the bit error rate of a digital signal, as explained
in Chapter 4. For analog signals, phase noise can be converted to amplitude
noise in the receiver's Nyquist slopefilter and can damage the signal-to-noise
ratio of the demodulated signal. Considerable effort and expense go into mini-
mizing the phase noise of oscillators in agile up-converters.

Demodulation

A third type of RF product used in the headend is a demodulator. It is useful to
understand the demodulation process in order to make sense ofa lot of phenom-
ena observed in cable systems. Also, demodulation is used for quality checks, for
recovery of off-air signals for backup purposes, to put signals on a digital trans-
portation route, and as interfaces for FM microwave systems. A few headends
employ demodulation and remodulation instead of processing for off-air signals.
This is advantageousif considerable signal switching is done. The use of a quality
demodulator as a test tool is, alone, justification for studying the technique.

8.5.1 RF Input Section

Figure 8.10 shows the RF, IF, and video demodulation portions of a demodula-
tor. The sound section is shown in upcoming Figure 8.11. The demodulator
input is identical to that of the processor of Figure 8.1. Both processor and
demodulator are used to recover signals from off the air or from an incoming
cable. Thus, the input circuitry through attenuator AT2is identical.

8.5.2 IF Processing Section

IF processing in a demodulatoris significantly different from that of a processor.
Power for demodulation of the sound carrier is taken at flag A. Sound demo-
dulation will be covered later in conjunction with Figure 8.11. The AGC operates
to hold the visual signal level after AT2 at a constant level regardless of the
input level.

Zero chop switch $1 is optional but is often provided on professional
demodulators as a way to measure visual signal depth of modulation. When
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Figure 8.10 Demodulator block diagram, input and video.

enabled, the chopper momentarily interrupts the signal at IF, usually during the
vertical blanking interval. The interruption allows a waveform monitor or oscil-
loscope to be calibrated to measure visual depth of modulation very accurately.
Chapter 9 describes measuring depth of modulation using a zero chopper. The
chopper is coupled to the AGC detectorin the illustrated case so that the switch
may be restored to the IF path during sync pulses. By doing this, the zero chop
pulse may extend over several lines without interrupting sync.

From the zero chopcircuit, the signal is supplied to the Nyquist slope filter,
FL1, which provides the main filtering function for the visual signal. Thefilter is
named after Harry Nyquist, a Bell Laboratories engineer who developed this tech-
nique for recovering vestigial sideband signals. The filter linearly reduces the
amplitude response in the double sideband region (picture carrier +750 kHz) such
that the picture carrier is reduced 6dB. The reason for doing this is to equalize the
frequency response in the double sideband and single sideband regions.
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8.5.3 Visual Carrier Demodulation

After the Nyquist slope filter, the signal is supplied to one of two demodulation
circuits, an envelope detector or a synchronous detector. Home television re-
ceivers use one detector or the other, but it is advantageous to have both in a
professional demodulator because the two will yield different information about
a signal. Some of the differences are discussed in Section 8.5.7.

Envelope Detector

In the illustrated system, the envelope detector consists of a chromarolloff filter,
FL2, and following circuits. The chromarollofffilter reduces the amplitude of the
IF signal at the color subcarrier frequency. The purpose of the chromarolloff
filter is explained later. Diode D1 performs the actual detection process, and
capacitor C1 filters the signal. The detector, except for component values, looks
just like the detector for an AM broadcast receiver.

The direction of the diode is not arbitrary. Recall from Chapter 2 that the
synctip is the most negative portion of the video signal as the signal is normally
interfaced. The synctip also correspondsto the highest amplitude of the signal.
With the diode in the direction shown,the voltage across C1 will be such that the
highest amplitude of the RF signal (the sync tip) will be the most negative
voltage across C1. Other voltages will be positive with respect to that. Of course,
in a real demodulator,it is possible to detect the signal with the opposite polarity
and then invert the video, but this is often not done for practical reasons.

Following the detector is the chroma peaking filter FL3, which restores flat
chroma response, complementary to the operation of the chromarolloff filter
FL2. The signal is then applied to switch $2, which selects either the envelope
detector or the synchronous detector.

Synchronous Detector

The synchronous detector is shown below the envelope detector in Figure 8.10.
It consists of a phase locked loop used to generate a carrier phase coherent with
the incoming picture carrier (at IF). In contrast to other applications described
earlier, the phase of the locked carrier with respect to the input IF signal is of
paramount importance: the two carrier phases must be the same. Because the
phaseof the carrier varies with modulation and,in addition, can vary owing to
defects in transmission, the phase locked loop is normally keyed (closed) on
either sync tips or the back porch portion of the modulated signal.

When a modulated carrier is multiplied with an unmodulated carrier at the
same frequency, the result is recovery of the baseband signal. The advantage of
the synchronous detector over the envelope detector is primarily associated with
demodulation of signals having asymmetrical sidebands, whichis the case forall

318



319

Sound IF (41.28 LA?

360 Chapter 8 Headend Signal Processing

analog television signals. An envelope detector introduces distortion that is
avoided with a synchronous detector.

From the synchronous demodulator M2, the signal is low-pass filtered to
remove the carrier and harmonics, and supplied to $2, the switch that selects
either the envelope or synchronous detectors.

8.5.4 Video Output

Switch S2 is normally actuated manually to select either the envelope or syn-
chronous detectors if both are provided. By comparing the results of demodula-
tion using the synchronous and envelope detectors, we can deduce a lot about
the performance of the RF components handling the signal. Under normal
conditions, the synchronous detector will yield a more accurately demodulated
signal than will the envelope detector.

A coupling capacitor C2 removes dc components of the demodulation pro-
cess, as well as any bias voltages introduced in the demodulation process. It has
been customary to ac couple the video output since this minimizes the power
supplied or dissipated in the load and often simplifies circuitry. Today, both dc
and ac coupling of the output are employed. If de coupling is employed,
capacitor C2 would likely be used anyway, with a de restoration circuit in the
output amplifier.

It is essential with video that the coaxial cable impedance be matched both
on the source end and the load end. Failure to do so can cause unacceptable
frequency response errors, due to reflections,if the interconnecting cableis long
enough. A typical way to achieve multiple well-matched outputsis to provide a
very low output impedance in amplifier A3 and multiple matching resistors R1
and R2 at the outputs.

8.5.5 Aural Carrier Demodulation

The aural demodulation process is shown in Figure 8.11. The sound IF is
supplied from Figure 8.10 on flag A. The other input to the sound demodulation
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Figure 8.11 Demodulator block diagram, audio.
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process is a sample of the signal from the 45.75-MHz phase lockedoscillator,
used in the synchronous demodulator(flag C, which is omitted if a synchronous
detector is not supplied).

The intercarrier detection mode is the one used almost exclusively in con-
sumer applications. The soundfinal IF frequency, normally 4.5 MHz, is derived
from mixing the soundfirst IF, 41.25 MHz, with the picture carrier, 45.75 MHz.
This final sound IF frequency is often called the intercarrier frequency. Use of
intercarrier detection solves several problemsrelated to television transmission.
If any processin the transmissionof the television signal introduces phase noise,
then the phase noise will seriously damage the signal-to-noise ratio of the audio:
phase modulation is a form of frequency modulation, so once phase noise is
introduced, it cannot be removed. However, since phase noise will affect the
picture and sound carriers identically, when the intercarrier signalis developed
by taking the difference in the picture and sound carriers, phase noiseis elimi-
nated from the aural signal. The IF signal on flag A contains both the aural and
picture IF carriers, so by applying this signal to both inputs of a mixer, inter-
carrier mixing results. (Additionalfiltering may be used.)

On the other hand,if phase noise is not a problem, then there are advantages
to a direct detection process. The picture carrier may have someincidental phase
modulation on it, and it certainly has visual modulation sidebands. These will
cause interference with the aural signal if used in the intercarrier detection
process. In direct detection, the CW signal locked to the picture carrier is mixed
with the sound carrier to derive the intercarrier frequency. (In this mode, the
sound carrier path may includefiltering to remove the picture carrier though this
filtering is not shownin Figure 8.11.)

After the intercarrier detector, M4, the signal is filtered in a 4.5-MHz band-
pass filter FL4. Following the bandpassfilter is a limiter, A4, which removes any
residual amplitude modulation from the aural carrier. At this point, a sample of
the aural carrier is usually taken. It is passed through a manually controlled
attenuator AT3, amplifier A5, and a current source resistor R3. The purpose is to
provide a sound subcarrier for external use. Often this signal is combined with
the picture carrier to providea signal to be transmitted by FM microwave link.
The resistance of R3 is high compared with 75 ohms.If one of the video outputs
on Figure 8.10 is paralleled with the subcarrier out connector, then R3 will act as
a current source, adding the 4.5-MHz subcarrier to the video without signifi-
cantly upsetting the impedance of the video circuit.

The other path from the limiter is through a discriminator, which recovers
baseband audio, Note that the signal recovered at this point is either monaural
(mono)or a stereo composite signal, as defined in upcoming Section 8.6. If the
signal is mono, then a deemphasisfilter FLS is included. If it is desired to recover
a composite stereo signal for subsequent demodulation or processing, the deem-
phasis is omitted in favor of more complex processing in the stereo decoder.

Finally, the signal level is adjusted at attenuator AT4, normally a manual
control. It is amplified in output amplifier A6 and provided on balanced outputs.
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Balanced outputs are used in professional equipmentto provide for reduction of
pickup of 60-Hz ac components (“hum”). “Balance” refers to a transmission
technique in which the twosides of the output have equal impedance to ground,
as opposed to unbalanced transmission, where one side of the circuit is at
ground potential. Section 8.9.2 describes use of balanced interconnection for
audio.

From a long-standing telephone specification, the impedance of the audio
output is normally 600 ohms between the two balanced lines. In much equip-
ment today,the source impedanceis less than 600 ohms,butthe performanceof
the amplifier is specified when the amplifieris working into a 600-ohm load. The
lack of a defined 600-ohm output impedanceis not a problem in most cases sincethe length of audio cable is very small compared with the wavelength of any |
audio frequency. If the output is to drive a line several miles long, then the
impedance should be controlled more carefully.

8.5.6 Nyquist Slope Filter

The Nyquist slope filter shown as FL1 in Figure 8.10 has a shape shown by the
solid line in Figure 8.12. At the low-frequency side (aural carrier at IF), the shape
is fairly straightforward. The bandpass characteristic should pass the color
carrier and its sidebands while rejecting the sound carrier.

The high-frequency side (near the picture carrier) is rather unusual. The
purposeof this shape is to complement the shape of the vestigial sideband (VSB)
filter used in the modulator, and shown in Figure 8.12 as a dotted line. The
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Figure 8.12 Nyquist slope filter response, with haystack.
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Nyquist shapeis flat to 0.75 MHz below the picture carrier; then it begins falling
off at a prescribed rate above that frequency. The rolloff must be linear with
frequency on a voltage plot, not a logarithmic plot. The responseof the filter
must be 0.5 at the picture carrier, continuing to drop until the responseis zero at
0.75 MHz abovethe picture carrier.

Other features of the Nyquistslope filter are emphasized in the next section,
in which we describe the differences between synchronous and envelope detec-
tion. One of those features is not really a part of the Nyquist slope filter response.
It is shown in Figure 8.12 as a dashed line and was mentioned in conjunction
with the chroma rolloff filter (FL2 of Figure 8.10). This is the reduction of
response near the color carrier applied in the case of an envelope detector.It is
called a haystack response after traditional television usage: taken with the
Nyquist slope around thepicture carrier, the filter shape looks like a haystack.
The haystack response is used to reduce the effects of luminance-to-chromi-
nance crosstalk.

In consumer television receivers using envelope detectors, the haystack
responseis built into the Nyquist slopefilter (FL1 of Figure 8.10). In professional
receivers, the chromarolloff may be realized independently of the Nyquist slope
filter so that it is not in the signal path in the synchronous detector mode. Not
that the haystack response would not hurt the response of the synchronous
detector if it were perfectly compensated at baseband. Rather,it is difficult to
compensate perfectly, and for measurement purposes, it is better not to intro-
duce a response error that must later be compensated.

In modern practice, the Nyquist slope filter is normally realized as a
SAW filter in consumer receivers though the shape is compromised to allow
the SAW filter to be built with good cost effectivity. In professional demodula-
tors, the filter may be realized either with a SAW device or as a conventional L-C
filter with delay equalization.

8.5.7 Synchronous Versus Envelope Detection

Both synchronous and envelope detectors may be used for operational demodu-
lation. Synchronous detection yields the higher-quality results absent a few
distortions that preventits proper operation. The most common problem that
interferes with operation is phase noise, or phase modulation, on the picture
carrier. A synchronous detector will not work as well as does an envelope
detector under this circumstance.

Envelope detectors are susceptible to the practical limitations of diodes
though there are ways to mitigate this problem. More seriously, envelope detec-
tion is susceptible to quadrature distortion errors that arise as a result of asym-
metrical sidebands in the television signal, Quadrature distortion occurs when
the upper and lower sidebands are not symmetrical. As shown earlier and in
Chapter 2, the television signal presented to the detector does not have symme-
trical sidebands at any frequency: at modulation frequencies above 1.25 MHz,
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only one sideband is transmitted. Below 0.75 MHz, symmetrical sidebands are
transmitted but are turned into asymmetrical sidebands by the Nyquist slope
filter, The lowest modulating frequencies approach sideband symmetry, but as
the frequency increases, the symmetry is quickly lost.

Phasor Representation of the Modulated Signal

The mathematics of modulation were shown in Chapter 2. A useful graphical
representation that shows the function of the two demodulators is to invoke the
mechanism of phasors.* A phasor represents any steady-state sinusoid as a
vector whose length is a function of the magnitude of the signal and whose
angle is a function of the angle between a reference and the phasor. From
Equation (8.1), an amplitude modulated signal can be represented as

Vp = cos w,f(1 +.M cos o,f)
M M (8.4)

= cos wet + 5 cos(m — Op }t + J 008(@e + Om bt

Figure 8.13(a) represents this equation in phasor form. The first term,
representing the carrier, is defined as having a phase such that its phasor is
straight up (this is arbitrary). The upper sideband has a phasor that rotates
clockwise (with respect to the stationary carrier) at an angular frequency of
Mm. The lower sideband term, cos (wo, — ,,), is represented by a counterrotating
phasor. The resultant phasor is shown to the right in Figure 8.13(a). The vector
sum of the three phasors is always in phase with the carrier. An envelope
detector responds to this resultant vector. Analysis of the vector at all different
phase angles 6 would show that the resultant traces out a sinusoid, which is the
waveform used to modulate the carrier (the M cos,,¢ term of Equation (8.1)).
All is well.

Now consider the situation shown in Figure §.13(b), a single sideband
signal. The modulating waveform is the same sine wave as in Figure 8.13(a),
but one sideband has been removed by the VSB filter (FL2 of Figure 8.4). Most
notably, one sideband of the color subcarrier is removed, so the color subcarrier
is transmitted as a single sideband signal. The vector sum of the carrier and
single sideband phasor is shownto the right of Figure §.13(b). Here the resultant
is not in phase with the carrier. The resultant can be resolved into an in-phase
component and a “quadrature” componentat right angles to the carrier phase.

Response ofan Envelope Detector

The envelope detector responds to the magnitude of the resultant carrier. By
applying trigonometric relations to the resultant vector of Figure 8.13(b), we can
compute the magnitude of the vector for various conditions. Figure §.14 illustrates
the result obtained using an envelope detector for two different relative levels of
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Figure 8.13 Phasor diagram, double and single sideband carriers. (a) Symmetrical sidebands.
(b) Single sideband.

carrier and sideband.* The dashed line is the sinusoid with which the carrier was
modulated. One of the two cases represented (the middle trace) results when the
sideband is —6dB (one-half the voltage) of the carrier. The third waveform
represents the waveform produced by equal amplitude carrier and sideband. This
is a realistic condition for a television signal: a scene with medium to high
brightness has a relatively low carrier level during the lighter portions of the

* ‘The Figure is displayed as would be a television signal, with the lowest resultant amplitude at the
top. The gain has been normalized in the three cases to produce the same peak-to-peak signal.
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Figure 8.14 Demodulsted results, envelope detector.

scene. If the object is brightly colored, the chroma carrier amplitude will be high,
so when the camera is scanning the object, the chroma can be as high or higher in
amplitude than the picture carrier. The resultant tends to be “scalloped,” with the
negative peak too wide and the positive peak too narrow,

From this illustration, it is evident why the chroma response of the Nyquist
slope filter is reduced (haystacked) when an envelope detector is used (see
Figure 8.12). The chroma carrier is the highest amplitude sideband of the
luminance carrier when brightly colored objects are being scanned. The higher
the chromasignal is with respect to the picture carrier, the greater the distortion,
By reducing the chroma amplitude before detection, the effect is reduced. Of
course, the chroma amplitude must be corrected before the signal is presented
for measurement purposes; hence the chroma peaking circuit FL3 of Figure 8.10.
(In a consumer TVset,it is not necessary to usethis peaking circuit because the
chroma is separated from the luminance, and the correction ean be approxi-
mated by adding more gain to the chroma channel.)

If the Fourier transform of the chroma waveform is taken,it will be seen that
the amplitudeof the 3.58-MHz fundamental component is less than whatit
would have been without quadrature distortion. This causes the chromasatura-
tion (proportional to chroma amplitude) to be lower than it should be — the
color appears washed out compared with the way it should look. An envelope
detector that doesn’t reduce the amplitudeof the color carrier prior to demodu-
lation will exhibit excessive differential gain and luminance-to-chrominance and
chrominance-to-luminance crosstalk.

The average level of the chroma signal is no longer in the center of the
waveform of Figure 8.14. Rather,it is lower than it should be. This means that
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the luminance level is lower than it should be, making the object appear darker
than it should. Thus, a brightly colored objectofrelatively high luminancelevel
(bright yellow is an example) will appear too dark and somewhat washed out
owing to the quadrature distortion introduced by the envelope detector. Whether
or notthe distortion is objectionable depends on a numberoffactors.

One useful way to show the difference between envelope and synchronous
detectors is to study the various sinusoids involved in the multiburst waveform.
Switching back and forth between the two detectors will readily show the difference
in waveform. Some bursts will show more distortion with an envelope detector
than will others, depending on the sideband amplitude seen by the detector.

Another convenienttest is to study the difference between a sine squared (2T)
pulse when demodulated with synchronous and envelope detectors. The demodu-
lated shape will be correct with the synchronous detector. With the envelope
detector, the pulse will appear too narrow, and possibly tootall. This would have
the effect on a picture of narrowing a vertical white line on the screen.

Response ofa Synchronous Detector

The synchronous detector can be shown to respond only to the in-phase com-
ponentofthe phasorof Figure 8.13(b). In turn,it can be shownthatthe in-phase
component, the projection of the sideband on the phase of the carrier, is an
accurate representation of the modulation.

Application of Test Demodulators Having Both Detectors
Some demodulators have a second synchronous detector, in which the phase of
the reconstructed carrier is 90° with respect to the incoming picture carrier (at
IF). This quadrature detectoris sensitive to the quadrature component of Figure
§.13(b). By displaying the quadrature component on the y axis of an oscilloscope
and the in-phase component on the x axis, we can easily spot incidental carrier
phase modulation (ICPM) in the modulator. Normally, a luminance ramp is
supplied as video for this test. ICPM can be caused by improperly operated
power amplifiers, and is a common problem with older broadcast transmitters,
particularly UHF transmitters, It tends to be less of a problem with cable
modulators because of lack of high power stages, but it can be introduced in
an amplifier stage thatis distorting. ICPM can cause excessive intercarrier buzzif
it affects only the luminancecarrier.

A problem with someolder and lower-cost cable modulators is poor balance
in the video modulator stage. This will distort the luminance level of bright
portions of a picture. The presence of this may be deduced by measuring
differential gain with the envelope and synchronous detectors. A food differen-
tial gain reading with the synchronous detector and a bad reading with the
envelope detector indicate possible problems with the modulator's modulation
stage.

326



327

368 Chapter 8 Headend Signal Processing

Subtle amplitude and group delay problemsin a piece of equipmentcan be
masked when measured with an envelope detector. Amplitude and group delay
problems can be evaluated by looking at the sine squared (2T) and modulated
12.5T pulses. These pulses are particularly convenient for use in evaluating
problems because the results are presented in terms that directly relate to the
visible distortion of a video signal. However, some problems produce waveform
distortions that are similar to the distortions produced by an envelope detector.
Thus, a synchronous detector is more useful when studying response problems.

TV Stereo

At least three TV stereo systemsare in use worldwide, with several variations to
each. North America uses the BTSC system, named after the committee that
adopted it. The Broadcast Television System Committee was formed under the
auspices of the Electronic Industries Association (EIA). It was active from the
late 1970s to the mid-1980s. The Japanese use a variation of BTSC stereo, In
Great Britain, the BBC and IBC developed a digital system known as near
instantaneous amplitude companding and modulation (NICAM). With varia-
tions,it is in use in a number of European countries and elsewhere. The German
IRT earlier developed a two-carrier analog system, which is used there, in Korea,
and elsewhere.

8.6.1 BTSC Stereo Generation and Application
The BTSC stereo system is described in Chapter 2. Figure 8.15 shows one
possible block diagram of a BTSC stereo encoder. Left- and right-channel audio
are supplied to identical low-passfilters, whose cutoff frequency should be as
close to 15 kHz as possible, while providinga lot of attenuation at the horizontal
sweep frequency of 15.734kHz. Because of the sharpness demanded of these
filters, their complexity is high. Thefilters are often implemented using digital
signal processing (DSP) technology today. Failure to provide adequate reduction
of power at 15.734 kHz will result in compromised stereo performance due to
interference with the pilot carrier, Further, the difference channel approaches
this frequency, and poorrejection could result in artifacts arising from spectral
crossover between the sum and difference channels.

Note that the left- and right-channel program audio levels must be metered
as shown to ensure the correct deviation. The monaural meter on the modulator
is not usually suitable for this purpose.* In fact, it can be very misleading.
Similarly, SAP level is monitored atits input.
 

* ithe monaural meter drive signal is limited to a 15-kEHz frequency response it may be marginally
useful asa deviation indicator, but this is not recommended,
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Figure 8.15 Block diagram, BTSC stereo encoder.

From thefilters, the signals are supplied to the matrix, which is simply a pair
of networks that produce the sum (L+R) and difference (L — R) signals. The
sum channel is supplied to a preemphasis circuit and a delay compensator,
which compensates for the delay in the difference channel. See the discussion
of emphasis in Section 8.3.6. It is necessary to use preemphasis in the sum
channel in order to maintain backward compatibility with the mono system.
From the preemphasis circuit, the sum signal is supplied to an adder that
combines the different parts of the stereo signal.

The difference signalis supplied to the dBx encoder, which compressesit in
order to reduce the effects of poor carrier-to-noise ratio in the transmission path.
The compression is frequency selective and follows an algorithm proposed
originally by the dBx Corporation. (For test purposes only, the dBx compression
may be replaced with a 75-ps preemphasis network.)

From the compression circuit, the difference signal is applied to the modu-
lator. It is double sideband suppressed carrier amplitude modulated onto a
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carrier at 2fh (twice the horizontal scan frequency), 31.47 kHz. The carrier
oscillator is phase locked to the horizontal sync rate, fh, derived from the video
signal. This need for phase lock is the reason that video must be looped through
the stereo encoder. Failure to lock to video could result in beats and separation
“pumping” from oscillators that are free running on almost but not quite the
same frequency. A portion of the fh signal, obtained by dividing the output ofthe
2th oscillator by 2, is filtered and supplied to the summing circuit as the pilot
carrier. This fh signal is also supplied to a phase locked loop, whose output
adjusts the 2fh oscillator as needed to maintain the correct phase relationship
between its two inputs, one from the divider and the other from the sync
separator. These three components —the sum, difference, and pilot signals —
make up the basic stereo signal.

If the SAP is not used on a particular channel, that circuitry is notlikely to be
included in the stereo encoder.If itis, the circuitry at the bottom of Figure 8.15 is
supplied. The SAP audio is compressed then frequency modulated onto an
oscillator whose center frequencyis locked to the fifth harmonic of the horizon-
tal frequency, 5fh. This SAP signalis then summed with the stereo components.
If the professional channel is used, then the blocks at the top of the page are
supplied. It is rarely used in cable television,

InterfacingandSetting Levels in BTSC Service

A number of methods may be used to connect the BTSC encoder to the modu-
lator. Selection of the interface method to use is based on inputs available on the
modulator and outputs available on the stereo encoder. Of particular concern is
the ability to set the deviation of the sound carrier correctly. Failure to do so will
result in decreased stereo separation. For example, separation between theleft
and right channels will be degraded to less than 20 dB if there is a 1.9-dB error in
setting the deviation.*

Several methods may be used to interface the encoder with the modulator.
The most basic, but not necessarily the best, is to defeat the preemphasis in the
baseband input of the modulator (because preemphasis is handled in the en-
coder) and supply the broadband signal to the baseband audio input of the
modulator (Figure §.5), This works, but you must be careful to set the deviation
of the modulator correctly. Failure to do so will result in poor stereo separation,
as shown earlier.

In order to use this interface, some modulator designers have arranged
metering circuitry such that a modulation meter measures only the sum signal.
The object would be to set the level using the left and right meters on the
encoder, then set the deviation on the modulator using its meter. Setting devia-
tion only with reference to the sum deviation is not at all accurate and will
almost surely result in poor stereo separation. However, metering the sum
channel at least makes a meter on the modulator make sense when handling a
stereo signal.
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In addition to metering the program audio, the encoder manufacturer may
provide a test tone. When turned on, the test tone replaces the composite stereo
signal supplied to the modulator. The modulator deviation adjustment (AT3 of
Figure 8.5) is adjusted for the correct deviation of the test tone, usually 25 kHz. If
this is done and the program audio levels are set correctly on the encoder, then
the deviation will be correct. This method is far superior to metering only the
sum channel program audio on the modulator.

A preferred interface method,if available, is to have a 4.5-MHz FMed oscil-
lator built into the stereo encoder. An optional sound carrier modulator (oscilla-
tor) is shown in Figure 8.15. This way, the encoder manufacturer can ensure that
the deviation is set correctly. The encoder output at 4.5 MHz is supplied to flag C
of the modulator block diagram, Figure 8.5. It is best to not combine the sound
subcarrier with the video since doing so will reduce the carrier-to-noiseratio in the
aural channel and will create more group delay problems in the video channel.
The modulator must be capable of accepting a separate input to FL3.

Another possible but somewhatless desirable interface method is to locate a
41.25-MHz FM oscillator in the encoder and supply sound atthis frequency to flag
D of the sound IF loop at the modulator, Figure 8.4. This provides the same level
calibration advantage as does the 4.5-MHzinterface, but exacerbates the problem
of maintaining accuracy in the frequency spacing between the picture and sound
carriers. In any of the other methods described, sound carrier spacing depends
only on a single 4.5-MHz oscillator. The FCC-required accuracy in spacing for
cable television is £5kHz. Applied to the 4.5-MHz spacing, this represents an
accuracy requirement of 1,100 parts per million, a trivial numberfor a crystal-
controlled oscillator, and barely possible with an L-C oscillator (used in set top
terminals but definitely not appropriate for professional use). If the interface is at
41.25 MHz,then two independentoscillators are involved, one at 41.25 MHz in
the encoder and another at 45.75 MHz in the modulator. This means that each
must be accurate to about 57 parts per million. This is not excessive for a crystal
oscillator but is getting to the point that care mustbe exercised.

In addition, there is some possibility with a 41.25-MHz interface that ICPM
could exist on the picture carrier and not on the sound carrier. This would cause
a degraded signal-to-noise ratio in the intercarrier demodulator in the TV recel-
ver. (See the discussions of ICPM and intercarrier detection in Section 8.5.)

Regardless of the interfacing method used, it is necessary to ensure that the
deviation of the main sound carrier by the composite stereo signal is correct,
then to set the level of the left and right channels using only attenuators AT1 and
AT2 of Figure 8.15. The stereo encoder should provide metering to allow
accurate setting of the program audiolevels.

8.6.2 The NICAM Stereo System*
NICAM’s formal designation is NICAM 728 becausethebit rate is 728 kb/s. The
system is a digital transmission system developed in the mid-1980s in the United
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Kingdom.It has been adopted for use in other countries as well. It is capable of
carrying one stereo pair, or two independent monaural programs, or 352-kb/'s
data and one monaural program, or 704-kb/s data only.

Datais initially sampled at 14 bits per sample and down-converted to 10 bits
(plus parity). The data is divided into blocks of 32 samples, and the scaling of the
block is based on the highest amplitude samplein that block. A scaling factor is
transmitted with the data. Transmissionis divided into 1,000 frames per second.
Each frame consists of 704 bits of data and parity, with the remaining 24 bits
being overhead and synchronization.

Modulationis differential QPSK (see Chapter4). As practiced with the CCIR-I
television system (Great Britain), the modulator and demodulator both use a
root raised cosine filter with an alpha of 100%. When NICAM is used in
countries employing the CCIR-B/G television format, the filter alpha is reduced
to 40% to accommodate the narrower available bandwidth.

In the CCIR-I system (used in Great Britain), the NICAM carrier is located
6.552 MHz (nine times the 728-kHz bit rate) above the picture carrier. The
normal analog sound carrier, 6 MHz above the picture carrier, is transmitted
—?dB with respect to the picture cartier, and the NICAM signal is set to
—20 dBpc. The power in the NICAM signal does spill out of the channel, slightly
invading the upper adjacent channel. This has not been a problem.

In the -B/G system (used in much of continental Europe except France and
Russia), the NICAM center frequency is slightly outside the channel, with energy
spillage even farther out. At UHF (system -G), the occupied bandwidth falls in the
1-MHz guard band between the channels. At VHF(system -B), the power spills
into the upper adjacent channel. By narrowing slightly the vestigial sidebandfilter
for the upper adjacent channel, it is claimed that a cable system can successfully
add the NICAM signal while employing adjacent channel transmission.®

8.6.3 The IRD Two-Carrier Stereo System

An earlier stereo system developed in Germany employed twoanalogcarriers. It
is used there with the CCIR-B/G television system. It has also been used, with
modification, in Korea, where NTSC is the television system in use. The normal
5.5-MHz (352fh) sound carrier is modulated with a left plus right signal. A
second carrier is added at 5.7421875 MHz (367.5ih). It is modulated with the
right channel only. This second signal is demodulated and supplied directly to
the right loudspeaker. Theleft signal is obtained by subtracting the right signal
from the L+R signal on the main aural carrier. The reason for doingthis rather -
than placing a difference (L—R) signal on the second carrier is that noise from
the second, low-amplitude, carrier theoretically gets canceled by virtue ofits
phase being opposite on the two channels,

The main sound carrier at 5.5 MHz abovethe picture carrier is carried 13 dB
below the picture carrier. The second sound carrier is carried —20dB from the
picture carrier and is also frequency modulated with a deviation of +50 kHz.
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A pilot carrier of 64.6875 kHz (3.5fh) contains modulation that identifies the
broadcast as mono, stereo, or dual sound (two mono channels, as for two
languages). In addition, modeidentification is carried in the vertical blanking
interval of the video.

8.7 Satellite Earth Station Receiving Equipment

The modern cable television industry was enabled by the availability of com-
munications satellites that could distribute many television programs simulta-
neously to all cable headends in North America. The watershed event was the
September 30, 1975 (U.S. time), Ali-Frazier prizeFight, the “Thriller from
Manila,” seen at the two or three headendsin the United States that had received
10-meter earth station antennas by then,

Figure 8.16 illustrates the major electronic components of the earth station
used at cable headends. Signal is coupled from the “dish” antenna (see Chapter 7)
to a feed located at the focal point of the antenna. The signal is amplified and,
typically, down-converted to a lower frequency, by a low-noise block converter
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Figure 8.16 Analog earth station electronics, block diagram.
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(LNB) located at the feedpoint. The LNBis located at the feedpoint to minimize
signal loss. Communication satellite downlinks today operate on two bands, C
band (3.7 to 4.2GHz) and Ku band (11.7 to 12.2.GHz). Coaxial cable loss is
significant at these frequencies though older earth stations used large, high-quality
cable to route C bandsignals into the headend. :

The most common band to which signals are converted is 950-1450 MHz
(roughly L band). Some older equipment used 270-770 MHz. At these frequen-
cies, the signal can be routed into the headend using fairly small coaxial cable.
The cable may also carry power to the LNB as shown.Fiber Optics may also be
used to bring signals to the headend.

Once in the headend,the signal is split to serve a numberofreceivers: today,
up to 12 receivers may be connected to a single LNB. A second LNBlocated at
the same feedpoint can handle yp to 12 additional channels coming from the
same satellite in the same band, with different polarization.

At each receiver, the signal is again amplified by amplifier A2, filtered, and
down-converted to another IF (dual conversion downconversion will be used if
the receiveris frequency agile). The downconversionis done in mixer M2, using
local oscillator LO2. After amplification and filtering, the signal is demodulated
in FM demodulator DM1. As shown in the insert of Figure 8.16, the spectrum
coming out of DM1 consists of baseband video (probably scrambled) and pos-
sibly one or more sound subcarriers. A number of subcarrier frequencies have
been used for sound, but the two most common are 6.2 and 6.8 MHz. Today,
these subcarriers are generally not used for primary program audio, that being
carried digitally in the video. The subcarriers may be used for cue tones and
supplementary audio. Cue tones are used to initiate local advertising inserts,

If an aural subcarrier is used,it is filtered in bandpassfilter FL4, amplified,
and detected in FM demodulator DM2. The audio is preemphasized using the
standard 75-s preemphasis, and so must be deemphasized in FL6. Attenuator
AT4 allows the output level to be set, and differential output amplifier Ad
supplies the output gain.

In the video path, a roofing filter FL5 may be used to remove power above
the video spectrum. If not scrambled (rare today), the video passes from the
roofing filter to deemphasis filter FL?. The video is emphasized to reduce the
effects of noise on the signal, as is audio. A particular emphasis and deemphasis
curve is used, as prescribed by the CCIR. After deemphasis, a dispersal removal
clamp removes anydispersalsignal that may be imposed on the video, Dispersal
is used in C band satellite circuits because the same 3.7-4.2 GHz band used for
satellite downlinks is also used for terrestrial microwave communications, pri-
marily by the telephoneindustry. Thefear is that if modulation is removed from
the satellite signal, enough power could be concentrated at one frequency to
interfere with terrestrial transmissions. A dispersal signal was required in the
early days to prevent that from happening. The dispersal signal is a 30-Hz
triangular waveform synchronized to the vertical blanking interval (VBI) and
changing direction during the VBI. It is removed using a clamp or de restorer,
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somewhatasillustrated by C1 and D1of Figure 8.4. From the deemphasisfilter,
the video levelis set using attenuator ATS. After buffering in AS, nonscrambled
video ig output from the receiver.

Dispersal waveforms are not always used in modern practice, If a transpon-
der is used full-time for video, then the downlink power will not be concentrated
at one frequency. For transponders having occasional video service, dispersal
waveforms are still used, but they are frequently used only to replace video
whenit is removed butthe uplink remains on the air (possibly for test purposes).

Almostall signals delivered to cable headends today are scrambled. Pro-
grammers went to scrambling during the 1980s to prevent theft of service by
privately owned earth stations that had not paid for service. The analog scram-
bling system used almost universally in the cable industry today is a sync
replacement system (similar to sync suppression—see Chapter 21), with the
horizontal blanking interval (HBI) replaced by encrypted audio. The idea is to
make the video scrambling hard to break. Then the audio is “hard” encrypted,
such that it could not be decoded without authorization. Descrambled audio and
video outputs from the receiver are amplified in A6 through A8, and supplied to
the outside, normally to modulators and stereo encoders as described earlier.

Signals to be descrambled are passed to the decoder, which accepts authoriza-
tion and then descrambles the signals. The system in use has the capability to
deliver two audio signals so that a stereo pair can be transmitted. If a second
language program is transmitted,it uses one of the FM subcarriers described earlier.

8.7.1 Digital Satellite Receivers
Digital satellite receivers look similar to analog receivers at the block diagram
level, with the exception that the demodulator is OPSK, OQPSK, or sometimes
8-PSK.All of these modulation formats are defined in Chapter 4. Typical receivers
include an MPEG decoder, and they supply both analog video (irom one channel
in the received multiplex) with stereo sound and the entire digital transport
stream in digital form. Audio outputs may include analog and sometimes a
professional digital audio interface.

Figure 8.17 illustrates a digital earth station electronics block diagram;
compare it with Figure 8.16 for the analog equivalent. Note that the antenna
and LNB are identical, as is the front end of the receiver. In fact, the same
antenna and LNB can be used to receive analog on some transponders and
digital on others. The only difference is in the receiver.

As shown, the front end of the receiver is the sameas in the analog receiver,
but rather than an FM demodulator, a QPSK demodulator (most commontoday)is
used.Its output supplies a descrambler that removes the signal scrambling done at
the uplink to protect the programs for being pirated. Commonly, an analog
decoderis supplied through a program selector, to recover an analog signal from
one ofthesignals being transmitted. Its output is normal analog audio and video.
An ASI driver formats the digital video signal for output, as described shortly.
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Figure 8.17 Digital earth station electronics, block diagram,

8.8 Digital Video Interfaces

Digital video interfaces connect one or (usually) more MPEG-2 transport streams
(TS) from source equipment, such as a satellite receiver, an encoder, or a video-
on-demand (VOD) server, to information sink equipment, most commonly QAM
modulators. The MPEG-2 transport stream is described in Chapter 3. It includes
video and audio as well as ancillary data for one or more programs. Note that
multiple audio streams may be associated with one video stream. These audio
streams can include surround sound and one or more languages. Since the
audio, video, and ancillary data are transmitted in the same transport stream,
there is only one connection for a program; there are no separate audio and
video connections as you have in analog transmission. Also, it is most common
to have more than one program in the same transport stream.

8.8.1 Asynchronous Serial Interface (ASI)

A common interface for digital video is the asynchronous serial interface (ASI),
specified by the DVB Project Office. This is a serial interface, as the name
implies, transmitted over a single 75-ohm coaxial cable. Besides coaxial cable,
there exists a standard for an ASI using fiber-optic cable,
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ASI is a one-way data transmission standard, with no acknowledgmentof
receipt of information and no built-in error correction. Being derived from the
fiber channel standard, the signal is 8B/10B encoded, as explained in Chapter19.
For the coaxial cable version of the ASI, the transmitter supplies a baseband
digital signal at an amplitude of 0.8 volts p-p into 75 ohms. The receiver must
successfully detect a signal amplitude of 0.2 volts p-p. The return loss ofthe 75-
ohm system is ideally 17 dB minimum.

The wire speed (actual data speed) of the data is 270 Mb/s with 8B/10B
coding. Removing the 8B/10B coding results in a data speed of 80% of this, or
216 Mb/s. Included is a layer of ASI sync. One ASIlink is able to contain enough
data to fill several channels with 64- or 256-QAM data.

Figure 8.18 illustrates the logical ASI. The input at the transmitter (internal
to a piece of equipment, so you normally won't see it) is a packet-synchronous
MPEG-2 transport stream. Asit enters the ASI transmitter, the signal is 8B/10B
encoded. Chapter 19 explains §B/10B encoding. Since the MPEG signal does not
operate at the ASI data rate, there will be times when the ASI transmitter is ready
to send more data and yet no data is ready to be sent. At such times,filler code
wordsare inserted. This must be done to keep a constantbit rate on the ASIlink.
The signal is converted from parallel to serial for transmission, amplified and
impedance matched, and then coupled to the connector. Transformer coupling is
anticipated in the specification.

 

Filler
Layer2 | code words Layer 1 | Layer 2 |

 
Figure 8.18 Digital video ASI.

336



337

378 Chapter 8 Headend Signal Processing

After transmission,the signalis coupled into an amplifier through the input-
coupling and impedance-matching mechanism. The bit clock can be recovered
from the transmitted signal, and controls conversion of the signal from serial
back to parallel for further processing. The ASI sync is detected, and the filler
code words addedin the transmitter are removed. 8B/10B coding is removed.
The receiving circuit has a choice of how to recover the transmission stream data
sync. Either the signal can be reclocked from the receiving application’s clock or
the transmission stream clock from the incoming signal may be recovered and
used in the receiving application, In the former case, the signal is supplied to a
first-in-first-out (FIFO) register, which is used for retiming a signal, It is clocked
in from the transmission stream's clock and clocked out from the application's
clock. In the latter case, the transmission stream clock is recovered and supplied
to the application, along with the transmission stream itself.*”

§.8.2 Ethernet for Video Transmission

Gigabit Ethernet is also popular as a method for transferring digital video in
headends. The primary advantage is speed. ASI has a practical transfer capacity
of about 160 Mb/s after all inefficiencies and overhead are removed. On the
other hand, the practical transfer capacity of a dedicated gigabit Ethernet link
can be as high as 900 Mb/s." This means that when coupling signals between
high-density video sources and modulators, such as in a video-on-demand
system, fewer interfaces are required with gigabit Ethernet interfaces than with
ASI. Recall that there does not have to be a 1:1 correspondence between headend
interface cables and channels; one headend interface can serve several 6-MHz
channels" worth of video, so long as the video is coming from oneplace (e.g.,
a VODserver) and going to one place (e.g., a cluster of QAM modulators).

When gigabit Ethernet is used for video transmission, it is common to
embed the MPEG-2 transmission stream into RTP packets (explained in Chapter
6—this same packetization is done for VoIP). The RTP packets allow for
removal of jitter introduced in the transmission process; they also keep track
of packet numbersto allow reordering of packets received out of order. (Out-of-
order packets should not be a problem for local point-to-point transmission of
video.) The RTP packets are embedded in UDP packets, which enable one-way
or broadcast transmission of packets. In turn, the UDP packets are embedded in
IP packets, as explained in Chapter 5, and the IP packets are embedded in
Ethernet packets.

Signal Handling in Headends

This section includes information that should be useful to practitioners setting
up and maintaining headends. Included are notes about video and audio signal
handling. RF signal handling is covered in more detail in Chapter9,
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8.9.1 Video Loop-Through

Figure 8.4 included theillustration of video loop-through. This is a technique
whereby you can supply video to several using devices such as modulators,
video monitors, or switchers, without using amplifiers. It is normally recom-
mended that no more than three devices be cascaded with a loop-through
because there is adverse effect on the signal from each device. This section
explains what loop-through is and the most commonalternativetoit.

Figure 8.19 illustrates video loop-through. Figure 8.19(a) illustrates video
being looped through three modulators. The devices could also be a video
switcher, a picture monitor, and a modulator. A common application in head-
ends is to loop the video through a BTSC stereo encoder, a scrambler, and then
terminate it at a modulator, Each modulator in the example has theability to
either terminate the video in a 75-ohm resistor or not.It is necessary to terminate
video in the characteristic impedance of the coaxial cable carrying video so as to
preventreflections that would damage the frequency response of the picture.

If a signal is not terminated, it will be reflected toward the source. This
reflected signal will combine with the direct signal, resulting in a frequency
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Figure 8.19 Video loop-through.(a) Looping through three devices. (b) Equivalent circuit for (a). (c) Incorrect application of
loop-through. (d) Video distribution amplifier alternative.
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response that peaks at frequencies where the two signals are in phase and nulls
where the two cancel.

So long as the coax is terminated at the last device in a chain of devices,
there is not a problem. This is illustrated in Figure §.19(a), where three modu-
lators or other devices are in a cascade, with the video being terminated by the
resistor in the last device. The modulators shownall have the ability to terminate
or not. This is usually selected by a switch on either the back or front of the
modulator.

Figure 8.19(b) illustrates the equivalent circuit of the arrangement of Figure
8.19(a). High input impedance amplifiers are used to sample the signal from the
coax transmission line without affecting significantly the impedanceof thatline.
At the last modulator, a 75-ohm resistor terminates the line. As illustrated in

Figure 8.19(c), if the termination is placed other than at the last device, reflec-
tions will result. Signal power will be reflected from the last device in line,
modulator 3. When it arrives back at modulator 2, several bad things happen.
First, depending on the frequency and the length of cable between the two
modulators, signal components at some frequencies will add, increasing the
amplitude, whereas others will cancel. The frequency response at modulator 2
is thus corrupted.

Furthermore, reflected energy arriving at modulator 2 will see a double
termination: the 75-ohm terminating resistor in modulator 2 and the 75-ohm
impedance of the transmission line leading back toward the source. This
impedance mismatch creates a 6-dB return loss, so one-half the signal propa-
gates toward the source (to the left), and one-half propagates again toward
modulator 3, upsetting the response there. Thus, it is essential that a looped-
through signal be terminated at the last, and only at the last, device in the signal
chain.

Similarly, it is unacceptable to parallel more than one signal path because
reflections will cause frequency response problems. This would happen if you
branched off from device 1 and routed signals to devices 2 and 3 on different cables.

Each device the signal is looped through must use a very high impedance
amplifier to bridge the video signal. As a practical matter, it is not possible to
prevent some signal degradation as you loop video from one device to another.
Because of this, the number of devices a signal is looped through should be
limited. A tule of thumb is that three devices can be looped through without
excessive deterioration in signal quality, Anotherlimitation is that if a device the
signal is looped through must be removed, then service will be interrupted to
other devices in the loop-through chain. Finally, looping through may result in
awkward headend wiring. An alternative, when video is to be distributed to
many locations, is to use a video distribution amplifier (VDA).

Figure 8.19(d) illustrates a common form of VDA though most have more
than three outputs. An amplifier provides a voltage gain of 2 to the video signal
so that a 1-V p-p signal at the input becomes a 2-V p-p signal at the output. A
number of outputs are provided, each with a series 75-chm resistor to establish
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the source impedance of the path. This resistor and the 75-ohm terminating
resistor in the following device form a voltage divider, reducing the voltage back
to the video standard interface of 1-V p-p.

8.9.2 Audio Wiring

Manyofthe samefactors that apply to video also apply to audio, except that audio
is usually less critical in terms of signal wiring than is video because of the lower
bandwidth.It is possible, and many times recommended, that audio distribution
amplifiers (ADAs) be used for much the same reasons that VDAsare used.
However, it is sometimes acceptable to wire a number of audio-using devices in
parallel without regard for reflections since typical headend wiring distances are
insignificant compared with the wavelength of audio, It is important, though, to
provide one and only one 600-ohm termination in an audio chain.

Professional audio sources are usually specified to drive 600-ohm loads.
Some sources may actually exhibit an outputresistance of 600 ohms thoughit is
not at all uncommonfor the source resistance to be less, Since audio lines are
usually of insignificant length compared with a wavelength, this lower driving
resistance is not a problem unlessit is desired to drive a signal several miles. In
this case, more care should be taken to matchresistance on both ends.

A major headache in audio wiring is hum elimination. Most hum is due to
ground loops and other sources of potential difference. Ground loop mitigation is
the most magicofall magic arts: no matter how many wordsare written aboutit,
the problems encountered in the field will not be covered. However, some pieces
of advice are sufficiently general to be worth mentioning.

Figure 8.20 illustrates options in audio interconnection between an audio
source and load. Figure 8.20(a) represents the interconnection method strongly
recommended and practiced almost exclusively in professional audio applica-
tions. Balanced transmissionis used, in which the source consists of two signals
having equal resistance to ground (not shown) and exactly opposite phase. One
way to produce such signals is to use two amplifiers, one for the + phase and
anotherinverting that signal to generate the — phase, as shown. Another way is
to use an audio transformer.

Thesignal is connected to the load on the right of Figure 8.20(a), using a
balanced, shielded cable. Several cables made for this purpose are available. The
two wires of the cable are terminated in a differential amplifier, whose outputIs
an amplified version of the difference between the two input signals on the +
and — inputs. By using balanced transmission, any hum pickupwill be the same
on the two wires of the balanced pair, so the hum will be subtracted out at the
receiving differential amplifier (or transformer).

Notice that the shield is connected to groundat only one end. It is not correct
to ground the shield at both ends since this can create a ground loop.” Ground
loops exist any time there is more than one path for current between pieces of
equipment. As a practical matter, this is hard to prevent: racks must be bonded
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Figure 820 Options in audio interconnection.(a) Balanced audio. (b) Unbalanced audio with hum source. (c} Unbalanced
source and load with transformer. (d) Unbalanced source and balanced load.

together and to ground, providing a path. Individual pieces of equipment must
have third-wire safety grounds, providing a second path. After that, consider
all the interconnecting wiring, much of which involves grounds. A loop can
form the secondary of a giant transformer, the primary of which is all the ac
wiring in the headend. Theresult is current induced in the ground paths, which
sets up potential differences between equipment. Besides the transformer model,
it is likely that many headends will experience potential differences between
racks because of the various routes supply current can take to get back to the
neutral of the primary power supply.

Figure 8.20(b)illustrates the unbalanced signal connection method used in
most consumer equipment but not recommended for professional use. A single-
ended output amplifier sends the signal to the receiving equipment, which
receives it using a single-ended input. The shield of the cable serves as the
return path. Also shown is a prime reason to not use this method in headends.
li an ac voltage exists between the two ends,it will result in current on the
shield. Because the shield has some resistance, a valtage drop will exist between
the two ends. This voltage will be seen by the receiving amplifier, resulting in
hum in the audio.

If the equipmentat hand can accommodate only unbalanced audio, and if
hum is a problem, then the solution of Figure 8.20(c) will have to be used,
A high-quality audio transformer having a 1:1 turns ratio can be used at the
receive side to isolate the ground on the two sides. The inputside is connected ta
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the center conductor and shield, but not to ground. The outputside is connected
to the amplifier input and ground, Transformers must be operated at their
specified impedance. Small, low-cost transformers will distort the audio, parti-
cularly at lower frequencies, though high-quality professional transformers are
available that do a good job.

Figure 8.20(d) illustrates an option where the sending equipmentis single
ended, but the receiving equipment can accommodate a balanced input. Bal-
anced audio cable is used, with the sending ground connected to one of the wires
of the pair. Again, note that the shield is connected at one end only.

In the end, though, we can say only that ground loops are so different from
each other, and so difficult to resolve, that whatever works is the right thing to do.

8.9.3 Controlling Hum in Video
Hum in video systems using NTSC and in 60-Hz powergrids will show up as
horizontal bars moving slowly up through the picture. The upward movementis
dueto the slightly slower than 60-Hzfield rate of NTSC. Just as ground loops can
cause great anguish with technologists attempting to interconnect audio circuits,
it can be a problem with video. Because of the frequencies involved, balanced
(differential) coupling of video is not as predominantas it is in audio applica-
tions though it is possible to interconnect video signals using balanced transmis-
sion. It is far more common to use single-ended equipment to interconnect
video, This makes resolution of ground loop problems even more difficult for
video than for audio,

Figure 8.21 illustrates two methods that can be used to mitigate hum in
video circuits. Shown are video source and terminating equipment. Both the
signal and chassis grounds are shown, emphasizing that they are usually one
and the same in video equipment. They may be kept separate internally to the
equipment, but for the mostpart, they are the same outside the equipment.

Figure 8.21 (a) illustrates use of a hum bucking coil. These may be purchased
commercially and consist of a numberof turns of 75-ohm coax through a high-
permeability ferrite core. Typically, BNC connectors are provided on the caseof
the hum bucking coil. The connectors must be insulated from each other. To a
current on either the center conductoror shield, the arrangementpresents a high
inductive reactance, which opposes the current. However, to a current traveling
in one direction on the center conductor and the opposite direction on the shield
(correct differential mode signal transmission), the inductive reactance is not
present: the inductance operates only on the net current in the coax, and in this
case, the net current is zero.

So long as the inductive reactance at 60 Hz is high enough, it is not possible
for significant ground loop current to develop through the coax. Thus, the hum
bucking coil can offer significant reduction in hum,butonlyif it is not shorted
between the input and output shields. The short would afford ground current a
way to avoid the inductive reactanceof the coil.
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Figure 8.21 Methods used to mitigate hum in video circuits. (a) Hum bucking coil. {b) Floating input connector.

Some video equipment does offer a balanced input driven from an unba-
lanced source,as illustrated in Figure 8,21(b). This is analogous to the situation
of Figure §,20(d). Usually, a special BNC connectoris used, which hasits shield
insulated from the chassis. A differential amplifier recovers the voltage differ-
ence between the center conductor and the shield. The resistor to ground is high
and is used to preventa static charge buildup on the shield if the other end is not
terminated. A floating BNC connector as shown is used on some professional
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equipment, but the cost prevents its use in lower-cost lines of videoprocessing
equipment.

8.9.4 Handling Digital Video Signals in the Headend
Asynchronousserial interfaces should be routed point-to-point and not looped
through from one piece of equipment to another, even if the same signals are
bound for more than oneplace. Use a digital distribution amplifier to route the
signals to more than one place.

ASI signals are handled on the same type of 75-ohm coaxial cable used for
RF and analog video, so the same handling precautions apply. The digital signal
will in general be more immuneto interference pickup thanis the analog signal.
However,signal radiation from a digital interface to an analog interface is a
possibility, The same measures taken to minimize interference in analog signal
transmission will work here. Use the best-quality coaxial cable possible. Quad
shielded cable is recommended for headend use, Pay particular attention to the
shield connections, because poor shield connections can encouragesignal radia-
tion. If digital pickup in analog cabling is a problem, also try physically separat-
ing the cables. If this fails, try ferrite beads on both the digital and the analog
cables. Make sure the ferrite beads are specified for the frequency range over
which the interference is a problem. A ferrite optimized for use at power
frequencies will perform very poorly at several hundred megahertz.

A lotof signal transmission is on Ethernet cables today. These cables consist
of a numberof twisted pairs handling balanced signal transmission. As shown in
the telephony chapter, balanced transmission is a good way to minimize pickup
or radiation of signals, but it is not perfect. If you are having problems with
radiation from Ethernet cables, you can also try appropriate ferrite beads on the
Ethernet cables. You can also try shielded Ethernet cables (STP). Many times,
though, the best strategy is to separate the Ethernet cables from victim cables.

Ad Insertion

Insertion of advertising in the programs transmitted by various programmers is a
significant source of income for many cable systems. Many basic cable networks
charge cable systems for the privilege of carrying the network. In turn, the
networks make available “avails,” or time each hour that is available for sale
of advertising by the local cable systems. Though practices vary, it is not
uncommon that two blocks of time, each 2 minutes long, are made available
at predetermined times each hour for insertion of advertising sold by the local
cable system. Control of insertion is done by the network, which transmits cue
tonesto initiate the play of local commercials and cue tones to transfer back to
the network.
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In the past, ad insertion was done using analog tape players controlled by a
computer. Today, file servers have replaced the tape players in new systems.
Figure 8.22 illustrates a file server used for this purpose. Differences will exist
from one system to another. The file serveritself is usually a computer work-
station optimized for transfer of large digital files from its internal hard disk
drives to the outside world. It interfaces with a traffic system, which provides the
schedule for playing commercials, Through a second interface, commercials are
loaded onto the hard drives. Typically, the commercials are compressed using
MPEG-2 encoding.

Onefile server is typically capable of supplying data fast enough to service a
number of channels simultaneously. As shown in Figure 8.22, the file server
“plays” the file out through a system interface, to an individual analog channel
interface, which is shown in more detail in Figure 8.23. The channel interface
receives analog video and audio from the IRD or other source, along with cue
tones. Usually, the cue tones are transmitted on analog sound subcarriers since
the audio is transmitted digitally with the video. FM demodulators, such as DM2

 

 
 

(Cue tomes

Program audio Video and audio
{1-3 channels) with commercials

NTSC video added (to modulator)
{irom IRD, etc.)

Channel 2 Channel §
interface interface

Cue tones, flow control, status, confirmation

=— MPEG transport stream with control in
private data channel (video, audio,
PIDs, control)

  
 Interface to traffic system Interface to

ATM, tape, satellite, or
other interface (for
obtaining commercials)

(status
monitoring.
etc.)

Figure 8.22 Videofile server system used for ad insertion.
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Figure 8.23 Individual channel interface in ad insertion system.

of Figure 8.16, recover the cue tones. The cue tones are passed to the file server,
where they initiate playing of commercials.

Figure 8.23 illustrates an individual channel interface. NTSC video is sup-
plied to a switch, which allows replacement of the incoming video with the
commercial. Syne is extracted from the video to allow the inserted video to be
synchronized with the incoming video, a requirement for smooth switching
between sources. An MPEG decoder receives video from the file server and

converts it to NTSC video. The cue tones are supplied to a detector, which
passes them on,ultimately to the file server. One to three (if SAP is included)
channels of audio are switched with the video.

The video and audio from the ad insertion system are supplied to a mod-
ulator and, usually, stereo encoder, for transmission to subscribers. If the
inserted video is synchronized properly with the incoming video, and the actual
switchover between incoming and advertising video is done in the vertical
blanking interval, the subscriber does not see a change that indicates the video
is being originated locally. Cue tones cannot be heard because they are trans-
mitted on a channel other than the one used for program audio.

Ad insertion in digital programs is covered next.
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8.11 Video On Demandand Digital Ad Insertion

Video on demand (VOD)is a popular service. VOD allows a subscriber to order
his or her own custom video program from the headend.It is the cable equiva-
lent of the video rental store, without late fees and rewind fees! Programs are
stored on a server and listed in the electronic program guide (EPG) on the
subscriber's STT. When a subseriber orders a VOD program, the request is
relayed to the headend on the return data channel from the STT. The VOD
server must determine a free time slot in a free channel on that subscriber's
node, The STT is told what RF channel to tune to and what PID to select on that

channel. The server then “plays out" the program, multiplexing it with several
other signals bound for other subscribers on that node.

VOD is a personal service sent individually to one subscriber. However, in
order to reach that one subscriber, the program mustbe sentto all subscribers on
that fiber node. Only the one subscriber for whom the program is bound has the
correct descrambling key to allow recovery of the program. Usually the subscri-
ber has the ability to perform “VCR-like” functions, such as pause, rewind, and
fast-forward. The subscriberis allotted so many hours to watch the program, an
amount of time somewhat longer than the run time of the program. This will
allow for meaningful pausing and rewinding.

Sometimes two or more levelsof file server hierarchy are employed, with a
file server in a hub close to a group of subscribers that has the more popular
titles on it. A file server in the master headend or some other location keeps less
popular programming and supplies it when requested. A significant issue in VOD
is the need to accurately keep track of what programming is available and where
it is located. The program owners may have strong feelings about controlling
where the programming resides and how it is distributed from there.

A VOD file server can be constructed architecturally the same as an ad
insertion file server, except more storage capacity is required. To improve relia-
bility, VOD servers may employ redundant array of independent (or inexpensive)
disks (RAID) technology, a category of disk drives that employ two or more drives
in combination for fault tolerance and performance. In RAID systems, multiple
disk drives are used to store different portions of the program data such that the
failure of one disk drive does not cause the loss of any program material. There are
several levels of RAID drives, of which levels 0, 3, and 5 are the most papular.

Level 0 provides data striping (spreading out blocks of each file across multiple
disks) but no redundancy. This improves performance but does not deliver fault
tolerance. Level 3 is the same as Level 0 but also reserves one dedicated disk for

error-correction data. It provides good performance and some level of fault
tolerance. Level 5 provides data striping at the byte level and also stripe error-
correction information. This results in excellent performance and good fault
tolerance.'” In other words, RAID spreads out the bits of each byte in the file over
several disk drives and puts the data back in the right sequence upon play out.
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Errorcorrection is added to allow the file to be recovered if any one disk drivefails.

Typically, the disk drives are hot-swappable, meaning you can change a failed
drive out without stopping operation ofthe file server. The server can operate with
one disk down by doing on-the-fly error correction. As soon as the faulty disk drive
is replaced, it can rebuild the file by error-correcting the surviving data.

A related service is a network personal video recorder (PVR). Theidea is to
use a video file server to capture programs as they are broadcast and then to
allow subscribers to view them later as a VOD program.

8.11.1 Digital Video Rate Management

Cable systems have long inserted advertising on analog channels. But with the
advent of digital television, ad insertion had to be extended to this medium. In
principle, the block diagram of Figure 8.23 applies to insertion in digital video
streams, but there are some new issues to consider. Thefirst issue in digital ad
insertion is that you have to exit the programming stream in favor of the advertising
stream. You do this once you have transmitted enough information to recover all
frames of the program picture that are to be displayed prior to starting the adver-
tisement. Then you muststart the advertisement with an MPEG I-frame, since it is
the only frame that will contain enough information to allow the first frame of the
advertisement to be displayed. It is not enough to do this just for video; you must
make the audio match whatthe video is doing, and audio is compressed indepen-
dent of the video. Typically, the audio will be muted for a short time during the
switch-over. Finally, since the advertisementis being inserted into a multiplex of
channels that have usually been statistically multiplexed, you have to ensure that
introduction of the advertisement does not overrun the capacity of the RF channel.

The first job, digital program insertion, is covered in Section 3.5.4. Figure
3.26 shows the steps that must take place to leave the normal program stream
and go to the ad insertion stream. The second issue, managing the data rate to
stay within the available bandwidth, is covered here. This discussion applies any
time you modify the contentof a digital video stream in a VBR environment(see
next subsection). This happens when you insert a local commercial and when
you groom an incoming video feed to select some programs and combine with
other programs on a different incoming stream.

Constant and Variable Bit Rate

Video programs may be transmitted using either a constant bit rate (CBR) or a
variable bit rate (VBR). The terms are self-explanatory. If a program is sent using
CBR, the data rate is set to whatever is necessary to provide a goodpicture atall
times. If fewer bits are required, thenfiller bits are added (“stuffed”) to round
out the set bit rate. If by chance, however, a picture would benefit from a higher
bit rate for a time, the picture can't have a higher bit rate; the encoder must make
do with the bit rate allocated.
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VBR transmission is more efficient because it transmits only whatever data
rate is necessary to recover a good picture. VBR transmission frequently originates
where video is encoded, using a statistical multiplexer, or stat mux. A stat mux
monitors all the data coming from a number of encoders, which data is being
multiplexed into one transmission stream. The transmission stream, of course,is at
a constantbit rate, required to enable the receiver to lock to the transmission. But
the transmission stream can be composed of a number of VBR streams managed
by the stat mux. The stat mux buffers each encoder’s output, multiplexing all
outputs into the output transmission stream. If the buffer starts to empty, meaning
that not enough bits are going to be available to make up the output transmission
stream, then one of three things can happen: (1) The stat mux can call for more
data from one or moreof the encoders, even if the additional data is not needed for
quality video; (2) the data stream is stuffed with filler bits; (3) opportunistic data is
transmitted, that is, data held in queue until there is room forit.

On the other hand, there will be times when the stat mux buffer starts to get
too full, indicating that there is not going to be room in the transmission stream for
all of the bits, In that case, the stat mux musttell one or more encoders to back off
and encode to a lower bit rate, even if the target video quality is compromised.
Hopefully, the data peak is over in a fraction of a second, and viewers remain
unaware that an encoder had to compromise its target quality momentarily.

Most VOD systems store material in CBR format, though there could be
savings of maybe 30% on storage space by using VBR."' Thedifficulty with VBR
is that when you multiplex several VOD streams together, you have a problem
managing the data rate. This job is simplified if you work with CBR.

Many program multiplexes are encoded using VBR, however, in order to gain
efficiency in transmission. The problem comes in when you pull some program
streams out of a VBR transmission stream and combine them with other VBR
streams, from an ad insertion system, from a broadcaster, or from somewhere else
where you have no control over the data rate to which the material was encoded.

Figure 8.24 illustrates a VBR transmission stream with four programs, In
orderto provide better quality for programs that we wantto look better, we have
set a peak rate for program 2 that is three times that of programs 1 and 4, and we
have assigned a peak rate for program 3 that is twice that of programs 1 and 4.
You can see that in two instances in the time monitored,the totalrate for the four

programs exceeds the capacity of the channel. If the programs were being put
together by a stat mux,it would have one or more encoders back off during the
peaks. You can also see several valleys in the total rate, in which opportunistic
data may be inserted if available.

The problem comes in where you have assembled this transmission stream
from several independently encoded programs and you have no control over the
incoming data rate of each. Suppose, for example, that program 4 is a commer-
cial you have inserted into a transmission stream. You have no control of the
three program streams you are passing through, and the commercial substituted
for program 4 is preencoded, so you have no capability to influence its data rate
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Figure 8.24 VBR transmission stream with four programs.

either. Specialized equipment called a rate changer, or a groomer, has been
developed for this situation.

It is possible to decode each program back to the non-MPEG-2 encoded video,
and to reencode using a stat mux system. There are a couple of difficulties with
doing so. Thefirst is that it is rather expensive, and it must be done with each
program in the multiplex. The other problem is that, as pointed out in Chapter 3,
MPEG-2 encoding is a lossy process. If you cascade multiple encoding, you are
going to damagethe picture.It is possible to find that the second encoding process
needs a higher bit rate to handle artifacts introduced in the first encoding process.

In order to avoid these problems, a rate changer analyzes the picture and
makes a judgment on what information can be dropped from the program
stream without doing noticeable damage to the picture. It may be that the rate
changer will decide that it doesn't need to encode the higher-order DCT coeffi-
cients with as many bits as was done originally, or it may decide that it can drop
someof the higher-order coefficients altogether, for example. Figure 3.9 and the
associated text shows whatis going on here,

Summary

This chapter has provided information about the common types of equipment
found today in headends. This equipment includes processors, modulators,
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demodulators, stereo encoders, earth station receivers, and advertising insertion
equipment. We have demonstrated typical circuit sets and features, recognizing
that a number of ways to do each job exist, and that not every piece of hardware
will have every feature shown. The next chapter will cover what happens to
signals after they exit the individual pieces of equipment and will also discuss
other techniques related to headend use. ;
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Chapter 10
Coaxial RF Technology

Introduction

Cable television’s technical roots are the distribution of analog television
signals to the antenna terminals of customers’ receivers. The least expensive
way to accomplish that was to avoid the need for in-home equipment by
carrying each video stream on a different, standard television channel so
that subscribers could use their existing TV sets to select and view pro-
grams. Although cable systems have evolved since then into sophisticated
multiservice networks using combinations of linear fiber optics and coaxial
cable for transmission, the essential characteristics have remained
unchanged. In particular, the last portion of the network is still a linear,
broadband coaxial network that simultaneously carries many modulated RF
signals, each occupying a different band within the spectrum — frequency
division multiplexing (FDM)— as discussed in several previous chapters. In
modern systems, many of the modulating signals may be digital rather than
analog; however, the network must still be linear to avoid generation of
unwanted additional signals due to mixing among the desired carriers. This
is discussed in detail in Section 10.3.3.

This chapter will treat coaxial network technology in detail, including cable,
amplifiers, passive components, and powering systems. Basic linear network
concepts will be introduced that will also apply to the linear fiber-optic links
whose unique characteristics are discussed in Chapter 12 and to the microwave
links covered in Chapter 14, Chapter 11 will discuss coaxial design practices and
cascaded performance.

Coaxial Cable

Coaxial cable is not the only option for transmitting broadband RF signals.
Indeed, many early systems were built using open, parallel-wire balanced
transmission lines, and a few even used an ingenious single-wire cable

427
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known as G-line, which had only a center conductor and dielectric. Coaxial
cable, however, offers the advantages of a high degree of shielding, coupled
with relatively low cost and moderate signal loss. For that reason, most
modern RF systems use coaxial cable as at least one of the physical media
through which signals are transported.

10.2.1 Definition

Coaxial cable is constructed with a center conductor surrounded bya dielectric of
circular cross section and by an outer conductor (shield), also of circular cross
section. Signals within the normal operating bandwidth of coaxial cable have a
field configuration known as transverse electric and magnetic (TEM). Inthe TEM
mode, the electric field lines go radially between the center and outer conductor
and are of uniform strength around a cross section of the cable, whereas the
magnetic field lines are circular and perpendicular to the length of the cable
(see Figure 10.1). In a cable with a continuous, perfectly conducting shield, no
electric or magnetic fields extend beyond the outer conductor so that no signals
can leak out of or into the cable.

 

Shield

 
 
 

Dielectric

Radial electric field

Center conductor

 

Figure 10.1 Coaxial cable basics.
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10.2.2 Characteristic Impedance

Coaxial cables have a property known as surge impedance or, more
commonly, characteristic impedance, which is related to the capacitance
and inductance, per unit length, of the cable. The characteristic impedance
is most easily thought of in terms of the effect on signals being transported:
if a cable is connected to an ideal pure resistor whose value is equal to its
characteristic impedance, a signal transmitted toward the resistor will be
entirely absorbed by the resistor and converted to heat. In other words, no
energy will be reflected up the cable.

The characteristic impedance, Z {in ohms), is a function of the relative
diameters of the center conductor and the inner surface of the outer conductor
and of the dielectric constant of the dielectric:

2 = ive(§) (10.1)

where

D =the inner diameter of the shield

d =the outer diameter of the center conductor

& = the dielectric constant

10.2.3 Attenuation as a Function of Frequency

Signal loss (attenuation) through coaxial cable can occur through any of four
principal means:

» Radiation out of the cable due to imperfect shielding

® Resistive losses in the cable conductors

« Signal absorption in the dielectric of the cable
« Signal reflection due to mismatches between the cable and terminations or

along the cable due to nonuniform impedance

Even when cables have perfect shields, exact impedance matches, and uniform
construction, imperfect dielectrics and resistive conductors will cause loss. The
general equation for this residual cable loss is

ao = 4.344 (5) +2.774Fpve f (10.2)
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where

o« = the attenuation of the cable in dB/100 feet"
R = the effective ohmic resistance of the sum of the center and outer

conductors per 100 feet of cable length at f
F, = the powerfactor of the dielectric used
f = the frequency in MHz

The currents in the conductors are proportional to the strength of the
magnetic fields at the conductor surface. If the conductors had no resistance,
the RF currents would travel only on the surface, In real conductors, however,
the current extends into the conductor, decreasing exponentially with depth.
This property is known as skin effect, and the distance from the surface to
where the current has decreased to 1/e (36.8%) of the surface amount is
known as the skin depth at that frequency. It is related to frequency by the
formula

oe [Pp 03a 726) (10.3)
where

6 = the skin depth in mils (thousandths of an inch)
p/pc = theresistivity of the conductor relative to copper

f =the frequency in MHz!

The formula is valid only for nonferrous materials such as aluminum or copper.
Overa typical downstream frequency range of 54-750 MHz,the skin depth

in copperwill vary from 0.00035 to 0.00009 inch and will increase to 0.0012 inch
at 5 MHz (the lower end of the upstream frequency range).

The effective resistance of the conductoris the same asif it were a tube of
material whose thickness is equal to the skin depth with the current distributed
equally throughout its volume. The resistance of this tube will be

2 vf [PeR= 0.0996. /= (10.4)
 

* In accordance with common North American practice, all attenuation values will be given in
decibels per 100 feet of length. This has the acivantage that signal loss becomes a linear function of
length and of simple conversion to metric units of length,
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where

R = theresistance per 100 feet of the conductor

p/P = theresistivity of the conductorrelative to copper
f =the frequency in MHz
d= the conductor diameter in inches

Taking into account the resistance of both center and outer conductors,
Equation (10.2) can be rewritten as

 a=~ (veal +veoes) ff +2.774(Epve)f (10.5)
where

pq/'P, = the resistivity of the center conductor material relative to copper
Pp/p, = the resistivity of the shield material relative to copper

This has one term that increases as the square root of frequency and onethat
increases linearly with frequency. For most cable constructions (discussed
later), the conductor loss will dominate the dielectric loss so that the overall
cable attenuation will increase approximately as the square root of frequency.
Figure 10.2 showsthe specified variation in loss for several cables in comparison
to an ideal square-root relationship (with the curves matched at 100 MHz). Note
that the agreementis excellent for cables ranging from drop sizes to the largest
trunk cables, indicating the relatively small contribution from dielectric losses.

A common cable construction, known as P3, utilizes a solid aluminum outer
conductor, a foamed dielectric (,/e= 1.15), and a copper-coated aluminum
center conductor. It is available in a number of nominal sizes (referenced to
the outer diameter of the aluminum shield in inches). For this family of cables,
the attenuation can be approximated using

a=i ,/f + 0.0002f (10.6)
where

o = the attenuation in dB/100 feet

Doom = the nominal shield outer diameter in inches
f =the frequency in MHz
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Figure 10.2 Cable loss: specified versus ideal.

Other cable types using thinner shields and/or air dielectrics will have
slightly lower losses for the same outer diameter, whereas solid dielectric cables
will have higher losses.

10.2.4 Attenuation as a Function of Temperature
As Equation (10,2) shows, the attenuation of a coaxial cable, in decibels, is a linear
function of its conductor resistance, provided that conductor losses are much
larger than dielectric losses. As we will discuss in Section 10.2.10, the most
common cable construction uses an aluminum shield and copper-coated alumi-
num center conductor. Copper has a resistivity at 68°F of about 0.68 x 10-® ohm-
inches, whereas aluminum hasa resistivity of about 1.03 x 10-® ohm-inches, and
each has a temperature coefficient of resistivity of 0.22% /°F. Since conductor
resistance varies as the square root of resistivity, the resistance of both conductors,
and therefore the attenuation, would be expected to change about 0.11%/°F. In
fact, the attenuation of commercial coaxial cables with hybrid aluminum-copper
constructionis typically specified to increase by 0.1%/°F.

10.2.5 Attenuation as a Function of Characteristic Impedance
For a given outer diameter (the primary determinantof the amount of materials
used and, therefore, cost and weight), different impedance cables will be optimized
for different characteristics. If the dielectric loss is assumed to be of only secondary
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importance and the usual construction is assumed (copper-plated center conductor
with aluminum shield), then Equations (10.1) and (10.5) can be combined tofind
cable attenuation as a function of characteristic impedance:

wit

lal psI . nz)
As Figure 10.3 shows, the loss minimum is at about 80 ohms, for air dielectric
(dielectric constant = 1.0) and decreases as the dielectric constant increases.
Cables with air dielectric also have lower overall loss since the center conductors

are larger, and therefore have less resistance, for the same impedance. Although
the choice of impedances near the minimum of the curve was not important,
75 ohms may have been chosen becauseit is also close to the feedpoint imped-
ance of a half-wave dipole antenna. In order to minimize the need for repeaters,
wide area distribution systems universally use 75-ohm cables. They are also
used for local interconnection of baseband video signals within headends and
broadcastfacilities in order to minimize the differential loss across the video

baseband spectrum,
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Figure 10.3 Coaxial cable loss versus characteristic impedance for various values of dielectric
constant,
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Although the losses are higher, 50-ohm cables are generally used by the
broadcast and radio communications industries because the power-handling
capability is higher, the cables are less fragile, and they are a close match to
the feedpoint impedance of a vertical quarter-wave antenna.

10.2.6 Wavelength

Along the length of the cable, at any one instant in time, the electric fields vary
sinusoidally in strength. At some point, the center conductor will be at its most
positive with respect to the shield. Moving along the cable, the voltage will
decrease to zero, then become negative, then back to zero, and finally beatits
positive maximum again. The distance between the maximum points of one
polarity is known as the wavelength at the frequency being transmitted andis
equal to the distance the signal transverses during one period ofits frequency.

In free space, signals travel at the rate of 3 x 10* meters per second or, in
more convenient terms, about 984 feet per microsecond. Signals in cable, how-
ever, travel more slowly due to the higher dielectric constant of the dielectric
material. The ratio between velocity in cable and the free-space velocity is the
relative propagation velocity Vp and varies from about 0.85 to 0.95 for common
cable types. Vp is related to the dielectric constant by

]

Vp = % (10.8)

The wavelength of a signal in a coaxial cable is thus

984V, 984
A(feet) =——_£ = —_ 10.9ee)=FoMitia)~Fe ue

10.2.7 Theoretical Size Limitation

If the size of a coaxial cable is sufficiently large, it will support modesother than
TEM.In particular,if the mean diameter exceeds one wavelength in the cable,it
will support a mode in which the electric and magnetic fields are not uniform
around the cable: This cutoff wavelength can be expressed as?

Ac = n(D+d) (10.10)

where

OD = the inner diameter of the shield

d= the outer diameter of the center conductor
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Non-TEM mode generation is a problem since higher-order modes may not
propagate at the same velocity and because coaxial components may not react
the same to the higher-order mode. Standard practiceis to limit cable sizes to
those that do not support modes higher than TEM at the maximum operating
frequency: The maximum size cable that will support a given frequency in TEM
mode only can be found by substituting Equation (10.9) for 4 in Equation
(10.10), then solving Equation (10.1) for d, substituting in Equation (10,10),
and solving the resultant expression for D:

984

=nf + 10-8)
D (10.11)

Alternatively, we can solve for the maximum frequency that can be transmitted
in only TEM mode through a given cable:

984

2:ali]:o (10.12)fax

For example, 75-ohm cables with foamed dielectrics (e about 1.3) will support
1-GHzsignals at up to 0.222-foot shield inner diameter, or about 2.6 inches. Since
this is more than twice the largest cable used by network operators today, higher-
order mode suppression is not an issue with current operating bandwidths.

10.2.8 Precision of Match: Structural Return Loss

One measureof cable quality is how close it adheres to its nominal impedance.
This has two aspects: the precision with which its average characteristic
impedance matchesthe ideal value, and the variations of impedance along the
length of a cable. As an alternative to attempting to measure the physical
structure of the cable alongits length, the most frequent measure of quality used
is the percentageof incident power from a sourcethatis reflected at the input ofa
cable being tested, when the cable's output is connected to a precision termin-
ation, If the source is calibrated using a precision, resistive terminator, then the
result of the measurementis return loss. For cables, however, the variation of
the reflection is often of moreinterest than the absolute match. In orderto judge
the variation, a variable bridge is used to match, as precisely as possible, the
average surge impedance of the cable being tested. Then the reflection is meas-
ured over the full frequency rangeof desired operation, and the result is known
as structural return loss (SRL). Its numeric value is the smallest measured ratio
of incident to reflected power as the frequency is varied, expressed in decibels.
Recommended worst-case SRL is 26-30 dB for trunk and feeder cable, whereas
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20 dB is considered adequate for drop cable. The absolute impedance should be
within 2-3 ohms for trunk and distribution cables and +5 ohms for drop
cables.

SRL is a compromise measurement, as the reflected power is a measure, at
each frequency, of the composite effect of discontinuities at all distances.
Because of the attenuation of the cable, signals traveling toward more
distant discontinuities will be reduced in amplitude, and the reflections
from those discontinuities will be further attenuated so that imperfections
farther from the end of the cable being measured will haveless effect than those
closer. At higher frequencies, this effect will be increased. On the other hand,
most cable imperfections cause a greater reflection at higher frequencies.

Where multiple reflections are spaced along a transmissionline, the effects
can add, cancel, or anything in between, depending on the length of line
between them and the frequency. (Chapter 15 includes a more complete discus-
sion of multiple reflections in coaxial transmission systems.) Absent line losses,
small, identical discontinuities will approximately cancel when spaced
odd multiples of a quarter wavelength, whereas they will reinforce when spaced
multiples of one-half wavelength. This is especially important when
considering multiple, equally spaced discontinuities arising, for instance, from
an imperfection in a roller over which a cable passes during the manufacturing
process, Each revolution of the roller produces an identical fault, spaced along
the cable by a distance equal to the circumference oftheroller. Testing such a
cable over the full frequency range will show maximums and minimums of
return loss as the effects of the discontinuities interact. This is whyit is impor-
tant to test cable overits full expected frequency range with sufficient frequency
resolution to detect sharply resonant discontinuities.

Though structural return loss measurements accurately assess the compos-
ite reflection from a cable, it is a poor method of determining the location of
major defects. If a cable includes only a single major defect, its location can be
estimated from the change in test frequency between successive maxima or
minima of return loss; however, in most cases, cable loss plus a multiplicity of
reflections will prevent accurate determination,

10.2.9 Precision of Match: Time Domain Reflectometry (TDR)
An alternative measurement method, also a compromise, is used to more
accurately determine discontinuity location but averages the magnitude of
the discontinuity as a function of frequency. In this test, a pulse is trans-
mitted down the cable, and the distance is determined from the time
required for the energy reflected from a discontinuity to return to the trans-
mitter. The magnitude of the discontinuity is related to the amplitude of the
returned signal. Secondary information about the frequency “signature” of
the fault can be determined by comparing the shape of the returning pulse
with the original.
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Although TDRtesting of short, low-loss cables is an accurate process, there
are many compromises in testing of the relatively long cables used in typical
cable system construction. With very short cables, the classic pulse waveform is
a very fastrise time step function. A Fourier transform ofthis voltage waveform
reveals that its frequency content is inversely proportional to frequency, and
therefore, the power spectrum falls inversely as the square of frequency (see
Figure 10.4(a)). When such a pulse is used to test long cables, it suffers from two
problems: (1) most of the energy is concentrated at low frequencies, whereas
most discontinuities primarily affect higher frequencies, and (2) the relatively
highercable loss at high frequencies further masks the reflections.

For that reason, long cables are most frequently tested using a narrow
“impulse” (see Figure 10.4(b)). This waveform has a spectrum that extends
more uniformly to a frequency equal to approximately 1/Py, where Py is the
pulse width (the exact shapeof the curve in the frequency domain depends on
the shape of the voltage pulse). The trade-off is that the distance resolution 1s
limited to approximately cPwVp, or about 1 foot per nanosecondof pulse width
for typical foam dielectric cables. By increasing Py, it is possible to increase the
total energy (and therefore sensitivity) at the expense of frequency and distance
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Figure 10.4 Frequency spectra of step and pulse TDR waveforms. (a) Step function. (b) Pulse.

362



363

438 Chapter 10 Coaxial RF Technology

resolution. As with step function pulses, impulse function testing suffers in
accuracy because of the variation of cable loss with frequency, Because of the
compromises, TDR testing of CATV-type cables is primarily limited to field
Operations such as measuring the cable remaining on a reel or locating an
underground cut so that the cable can be repaired,

An instrumentthat is able to simultaneously resolve both frequency and
time (distance) domain information is a network analyzer with gated TDR and
Fourier transform capability. This instrument measures reflection coefficient,
but “gates” the measurement so as to measure only reflections from a narrow
range of distances at a time. A Fourier transform is then used to convert the
waveform ofthe reflected signal into its frequency domain, resulting in a
reasonably accurate measurement ofthe reflection coefficient of an individual
discontinuity, even in the presence of other discontinuities at other distances.
It is still, of course, affected by the cable loss andloss variation with frequency.
As of the writing of this book,this technology has not been extensively used in
field work in cable systems.

10.2.10 Practical Factors in Cable Selection

From an electrical standpoint, the ideal cable would have conductors with the
highest possible conductivity, the largest diameter consistent with higher-order
mode suppression, and a vacuum separating the conductors. Practical cables,
however, are a compromise among several characteristics:

« Manufacturing cost (which will vary somewhere between being a linear
function of diameter and as the square of the diameter)
Weight (which affects the cost of the supporting structure for overhead
lines)

Diameter (which affects required conduit size for underground lines, visibil-
ity of overhead lines, and cost of connectors)
Loss (which limits the distance between repeater amplifiers)

e Mechanical expansion coefficient (which affects the amountof sag that must
be used with overhead lines)
Connector cost (related to cable size)
Shielding (although solid outer conductors provide nearly perfect isolation,
braided shields may provide adequate shielding for some applications)

« Environmental protection (mechanical protection layers, compounds used
to retard water ingress, integral support members, and so on)

e Handling characteristics (bending radius, reforming ability, crush resist-
ance, pulling force resistance, and so on)

» Electrical resistance and current-carrying capacity at low frequencies
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In oversimplified terms, the selection of optimum cable size for a distribu-
tion network design consists of comparing the cost of cable (and associated
components) per decibel of loss with the cost per decibel of amplification to
overcome that loss and choosing the least expensive combination. Of course,
practical system design includes many additional factors that may affect the
ultimate decision. ,

Trunk and Feeder Cable

Design optimization has resulted in several typical cable designs that are
widely used. The most common distribution cable design in most of the
world utilizes a solid aluminum shield, foamed polyethylene dielectric, and a
copper-clad aluminum center-conductor. The use of aluminum offers the
best combination of cost, handling characteristics, weight, and strength,
whereas the foamed dielectric offers a good compromise among loss, mois-
ture ingress protection, and mechanical strength for the center conductor.
Because of its rigidity, compared with cables that utilize braided wire
shields, trunk and feeder cables using this basic structure are sometimes known
as hard-line cable. The use of an aluminum core for the center conductor
provides a match for the expansion coefficient of the shield, whereas the
copper cladding provides a lower resistance to RF. Since the conducting area
of the center conductor is much smaller than the shield, the total resistive
losses are dominated by it so that copper cladding the center conductor is
cost efficient though coating the inner side of the shield would not be.

The need to provide low resistance to the multiplexed power, as well as low
RF loss, has led to the use of cables with outer shield diameters ranging from
0.412 to 1,125 inches, with larger cables being used where distance of coverage
is paramount (trunk or express feeders), and smaller cables being used for
shorter distances and cases where a substantial amount of the loss is due to
tap losses rather than cable losses (tapped feeder cables). This family af cables is
generically labeled by the outer shield diameter in thousands of an inch; for
example, “500 cable”refers to a hard-line cable with an outer shield diameter of
0.500 inch. Common diameters include 0.412, 0.500, 0.625, 0.750, 0.825, and
1.000 inch though others are also used.

Versions of these same cables are available with solid copper center con-
ductors, for use where 60-Hz power losses must be reduced. Protection options
include combinations of none (bare aluminum), polyethylene jackets of various
designs and degrees of sun andfire resistance, flooding compounds (a sub-
stance inserted between the shield and jacket to retard the ingress of water),
and additional steel shields for crush resistance. Since the added environmental
protection layers can considerably increase the cost and weight, builders gen-
erally utilize several designs in a single system, optimized by application.

A variation ofthis design utilizesair dielectric with periodic center conductor
supports. This design has slightly smaller diameter for the same loss per foot
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because of the lowerdielectric loss and lower ratio of shield to center conductor
diameter. Special design features are required to prevent water, which may enter
the cable owing to a fault, from traveling down the center conductor/shield
space. Other features are required to maintain the required concentricity and
crush or bending resistance, '

Though hybrid aluminum-copper cables are the most common, some net-
work operators prefer solid copper for center conductors and, sometimes, shields.

Drop Cable

In a typical cable system, well over half the total cable footage is taken up by
drop cables. For that reason, cost is an important parameter for that application,
as well as weight and appearance. In North America, four common sizes of drop
cable have evolved, as shown in Table 10.1. The approximatelossfor each size,
as a function of frequency, is shown in Figure 10.5.*

Table 10.1 Common drop cable designations and sizes
 

Size Designation 59 6 ? I] 

Approximate diameter over jacket in inches 0.24 0.27 0.34 0.40 

Loss(dB/100feet) 
0 200 400 600 #00 1,000

Frequency (MHz)

 

Figure 10.5 Drop cable loss versus frequency.
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Drop cables are constructed using a copper-plated steel center conductor,
foamed dielectric, a shield made upofat least one layer of an aluminum foil and
one layer of an aluminum braid, anda plastic jacket. Additionallayersoffoil and
braid are available as options for greater shielding effectiveness. Although size
59 cable was the historical choice of the cable television industry, size 6 cable is
most frequently used in modern systems, due to the use of increasingly higher
frequencies. The larger sizes are generally reserved for occasional longer drop
cables.

The jacket material for general use is usually PVC or polyethylene. Cables
used for overhead dropsoften also include a separate steel strength member(the
messenger) enclosed in the sameplastic sheath structure. See Figure 10.6 for a
composite drop cable structure that includes a messenger.

An array of drop cable variations are available for special purposes, includ-
ing those with flooding compounds to retard water ingress in case the plastic

eeel

Center conductor Dielectric
zee 

 
 

 

 

First shield wa
hield

a Second s layer

Third shield layer
(optional)

Fourth shield layer
=" (optional)

! __. Corrosion protectant/
Messenger wire — flooding compound

(optional) (optional)

Figure 10,6 Typical drop cable construction.
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10.3

coating is damaged, multiple cables within a common jacket, those with varying
degrees offire resistance for use inside buildings, silver-plated center conduct-
ors, copper braids, solid dielectric cables, and so on.

As with distribution cables, North American practice has been adopted by
some countries, whereas others (for instance, Germany) have chosen to use
semirigid drop cables with solid copper shields and center conductors for their
underground drops.

10.2.11 Shielding Effectiveness in Drop Cables

Although distribution cables constructed with solid aluminum tube shields
offer nearly perfect signal isolation from external fields, drop cables depend
on the overlap in the aluminum wrap and the interaction between the
aluminum braid and wrap for shielding integrity. It is a compromise that is
justified on the basis of cost and cable-handling characteristics. The cable
industry has long struggled to find nonambiguous testing methodology for
evaluating shielding integrity. Although these are beyond the scope of this
book, you may wish to refer to industry standard test procedures developed
by the Society of Cable Telecommunications Engineers (SCTE) for this
purpose.”

Amplifiers

In order to overcomethe loss of the distribution cables and to provide power
to drive end terminals, signal boosting amplifiers are utilized throughout the
coaxial distribution system. These must be designed to add aslittle signal
degradation as possible, particularly noise and distortion, consistent with
providing the required gain and total power output.

10.3.1 Broadband Random Noise

Because of the random motion of electrons in conductors, all electronic systems
generate an irreducible amount of noise power. This noise is a function of the
absolute temperature and the bandwidth in which the noise is measured.
As discussed in Chapter 7, the minimum thermal noise power (the nofse floor)
can be calculated using

Ny = kTB (10.13)

where
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Ny = the noise power in watts”

k = Boltzmann's constant (1.374 x 10-** joules/"K)

T =the absolute temperature in "K

B= the bandwidth of the measurement in Hz

Signal power in cable television systems is commonly expressed in decibels
relative to 1mV' across 75ohms (dBmvV), so the thermal noise power at 62°F
is approximately

N,(dBmV) = —125.2 + 10logB (10.14)

Finally, although the allocated channel bandwidth for analog NTSC signals is
6MHz, the effective noise bandwidth of receivers is less. For a variety of
reasons, a 4-MHz bandwidth is used as the standard for noise measurements
of analog NTSC signals and has been codified in the FCC's rules.® At that
bandwidth, Equation (10.14) becomes

Ny = -59.2dBmV (10.15)

This value will vary by a few tenths of a decibel across the temperature range
normally of interest to cable operators.

10.3.2 Amplifier Noise

Amplifiers generate added noise at various points in their circuitry. For conveni-
ence, however, the added noiseis treated as if it were coming from an independ-
ent generator and summed into the input port (though it cannot be measured
there, of course). The ratio of total effective input noise power to the thermal
noise floor, expressed in decibels, is known as the noise figure of the amplifier.
Thus, an amplifier with a noise figure of F, dB will have a total equivalent input
noise power of N,, where

Na (dBmV) = N, (dBmV) + Fa (dB) (10.16)

© To avoid confusion, lowercase symbols will be used in this discussion to refer to scaler quantities

boal watts), and uppercase symbols will refer to logarithmic quantities (for example,mv}. ‘

In some countries, the reference is 1uV tather than 1 mV. Levels in dByV are therefore numeric-
ally greater by 60 than levels in dBm. In either case, however, the reference is power, not
voltage. Finally, for the convenience of those accustomed to working in systems referenced to
ImW (dBm), OdBmV = —48.75 dBm. For consistency, this book uses dBmV as the units for RF
power unless otherwise specified.
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And the output noise power will be the input, increased by the gain, G, of the
amplifier in decibels:

Now (4BmV) = Np +F, + (10.17)

Similarly, a desired (noise-free) input signal, C;, will be amplified by the same
amount so that the desired signal output level C4, = C; (dBmV) + G (dB), and
the carrier-to-noise ratio will be*

C/N (dB) = (C; + G) — (N, —F, + G)

= Cj—Np— Fa (10.18)

Whenevaluated relative to the 4-MHz bandwidth commonly used for NTSC C/N
measurements, this becomes

C/N (dB) = C; (dBmV) + 59.2 — F(dB) (10.19)

Note that, in an FDM system, C/N is evaluated on each signal independently,
with the level of individual carriers compared with the noise in the bandwidth
that affects that signal. As will be seen, the C/N may be considerably different for
different carriers in the spectrum. (The design of systems with cascaded ampli-
fiers will be treated in Chapter 11.)

10.3.3 Distortion

Amplifiers are not perfectly linear, Thatis, if the instantaneous output voltage is
plotted against the instantaneous input voltage, the graph will not bea perfectly
straight line. There are two causes of this nonlinearity: the inevitable minor
small-signal nonlinearities of the semiconductor devices used and the compres-
sion that takes place as the amplifier nears its saturation voltage. Though the
small variations define a distortion “floor,” most of the distortion is due to
Saturation effects. They can take any of three related forms: even-order distor-
tion, odd-orderdistortion, and cross modulation.

“As a reminder, the term C/N (carrier-to-noise ratio) is used in this book for RF modulated signals,
whereas S/N (signal-to-noise ratio) is used for measurements of the noise level on baseband
(unmedulated) signals, This is consistent with both regulatory terminology and common industrypractice,
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Even-Order Distortion (Composite Second Order—CSO)

A perfectly linear amplifier has a transfer function that is a constant; that is, the
output voltage is a linear function of the input voltage. If the transfer function
is not linear, then, in general, it can be expressed as a power series; thatis,

>) = Ae; + Be? + Ce? + Def +--- (10.20)

where

€) = the output voltage

e; = the input voltage

A,B,C,D,... =the gains at the various powersof the input voltage”

Those terms with even-numbered powersare called even-order distortion, and
those with odd-numbered powersare called odd-order distortion. They act in very
different ways in cable systems utilizing the most common channelization plans.

If a single sine wave signal [e; = E;sin(wf)] is transported through an
amplifier with second- and fourth-order distortion, the output voltage will be

e) = AlE; sin(at)| + BIE; sin(at)]° + D[E; sin(wt)]* (10.21)

where

wo = the angular frequency

A = the linear component of gain

B =the amplitude of the squared nonlinear component

D = the amplitude of the fourth power component

E; = the peak input voltage

Using standard trigonometric identities, this is equivalent to

2 oe 2a= “eh ~ ane + AE; sin{wt) —(BE+OEcos(2ai) - PEcos(4ot) (10,22)
Analyzing this expression, we find that

e The first two terms of this expression represent a change in the average de
voltage that may correspondto a changein the powerdissipation of the active
device, but is not transmitted into the ac-coupled transmission system.
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« The third term represents the desired output signal. Note that this amplitude
does not change as the result of the even-order distortion.

« The fourth term represents an additional signal at twice the frequency of the
input signal and in phase with it m = /2 radians. In real amplifiers, B is.
substantially greater than D. Thus, for small values of E;, the amplitude of
this factor will increase as the square of the input voltage. At some input
level, the fourth powerterm will begin to dominate, and the second harmonic
level will increase more quickly. Since the level of the fundamental
increases linearly with input signal level, the ratio of the fundamental to
the second harmonic, at low levels, is a linear function of input level.
Expressed in logarithmic terms, the “second-order ratio" degrades by 1 dB
for every decibel increase in operating level so long as the amplifier is “well
behaved” (meaning the fourth power terms are insignificant relative to the
second power terms).

« The final term is the fourth harmonic of the fundamental. Like the fourth

power term of the second harmonic, this product is generally small at
normal operating levels and at all levels is at least 12dB (one-fourth the
voltage) below the second harmonic term. Note that this term is also in
phase with the fundamental at «= 2/2.

If we plot the fundamental and first two even harmonics on a time scale
(Figure 10.7), we see an interesting relationship: the distortion-caused products
are antisymmetrical with respect to the fundamental; that is, whatever voltage
they haveat the positive peak of the fundamental, they have exactly the opposite
during the negative peak. The usual case of the combined composite signal is
shown in the bold line in the figure, which shows one peak of the composite
waveform flattened relative to the fundamental, whereas the other peak is
sharpened.

 
Figure 10.7 Even-order distortion.
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As discussed in Chapter 9, the North American Standard channel plan
(ANSI/EIA-542) places most analog television visual carriers approximately
6 MHz apart and offset approximately 1.25 MHz upwards from harmonics of
6 MHz.* Each such carrier can be expressed as

sin(2n(6n + 1.25)¢] (10.23)

where the angle is expressed in radians and

n = the closest harmonic of 6 MHz

t = the time in microseconds

When two such signals (on different channels) are transported through an
amplifier with second-order distortion (for simplicity, and because the effects are
often small, the fourth-order term has been dropped), the outputis

ey = AE;(sin{2n(6n + 1.25)t] + sin[2n(6m + 1.25)t))

+ BE; (sin|2x(6n + 1.25)t] + sin[2n(6m + 1.25)¢])* (10.24)
where the first term is the linear amplification of the input signals and

n and m =the multiples of 6 MHz closest to the two visual carriers
E; = the peak voltage of either of the input signals (they are

assumed to have equal amplitudes)

The last term has a de component plusthe following intermodulation products:

— BE? cos{2n(6[m + n] + 2.5)t]

+ BE? cos[2n(6[m — n})t]

— (BE?/2) cos[2n(12n + 2.5)¢]

— (BE?/2) cos[2n(12m + 2.5)t]

The first product falls 1.25 MHz above the visual carrier nearest the (m+ n)}th
harmonic of 6 MHz, whereas the second product falls 1.25 MHz below the visual
carrier nearest the (m — n)th harmonic of 6 MHz.

* Variations from exact spacing are due to equipment frequency tolerances, broadcast station
ofisets of 10 or 20 kHz, and aeronautical band offsets of 12.5 or 25 KHz.
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The third and fourth products will be half the voltage (—6 dB in power) and
will each lie 1.25 MHz above another visual carrier (provided, in all cases, that
the products fall within the occupied bandwidth of the distribution system).
Note that these last products are identical in amplitude to those analyzed with a
single carried signal and are, in fact, just the second harmonicsof the two
original signals.

The amplitude of each of these four distortion products, as with the single
channel analysis, depends on the square of the input voltage so that the ratia of
fundamental to second-order products varies linearly with input level. A similar
analysis for fourth-order distortion, the next even power, will show low ampli-
tude components at four times the original frequencies and additional compon-
ents at twice the original frequencies.

When many similarly spaced carriers in the Standard channel plan are
subjected to second-order distortion, each of the individual carriers and each
of the carrier pairs will mix as analyzed above. This will result in clusters of
products 1.25 MHz above and below each of the original carriers.* As a general
rule, the numberof beats falling closest to a specific carrier can be calculated
using the expression

tne | = x-2m+1]_ fo ifx<nNi =n-m—-—x+1 Nyp=INT 3 | ee ifx>n
(10.25)

where INT indicates that the expression is to be rounded down to the nearest
integer and

N; = the number of lower (A — B) beats

Ny = the number of upper (A + B) beats
m= harmonic number of highest carrier
m = harmonic number of lowest carrier

x = harmonic number of carrier being evaluated

Since, in the ANSI/ELA-542 Standard channel plan, the carriers are not exactly
spaced, the second-order products are not frequency coherent, but rather are
clustered around the nominal product frequencies.

The usual measurement technique when evaluating this type of distortion is
to use a filter bandwidth of 30kHz, which is wide enough to contain all the

* Actually, there are also some products spaced +750 kHz from the visual carriers because two of
the channels (5 and 6) are offset from the comb in the Standard channel plan.
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significant products in a group and to measurethe total apparent power within
the filter bandwidth. The power level of the upper composite beat cluster,
relative to the sync peak power of the visual carrier, is known as composite
second order (CSO) and is sometimes expressed in units of dBc (meaning
decibels relative to the carrier powerlevel, which is always a negative number).
Some engineers prefer the notation C/CSO, the ratio of the carrier to beats in
decibels (a positive number). This book will use this notation. The absolute
values are the same in either case. Although the lower CSO cluster will generally
have greater magnitude than the upper cluster on lower-frequency channels, it
falls at the edge of the video channel and is often ignored since it has a minor
effect on video quality compared with the in-band upper cluster.

Since analog video carrier modulation results in average signal levels that
vary with program content, equipmentis specified and evaluated when loaded
with unmodulated carriers of a defined level in order to achieve repeatable
measurements. When loaded with video carriers whose peak level is the same
as the unmodulated levels used for the test, the average carrier power will be
about 6 dB lower, resulting in an improvement of about 6dB in C/CSO.

When the IRC channel plan is used, the visual carrier frequencies are
derived from a common source so that all channels are phase coherent and
offset from harmonics of 6 MHz by exactly the same amount. Theresult is that
the second-order beats are also coherent.

When the HRC channel plan is used, the visual carrier frequencies are
derived from a common source and not offset. Under those circumstances, the

upper and lower second-order beats fall exactly on the visual carrier frequencies,
and the difference frequency beats cannot be ignored.

The amplitudes of the individual products and the number in each cluster
are a function of the nonlinearity of the amplifier, the levels of the carriers
generating the beat, and the numberoftest signals used. Although the preceding
analysis assumed a uniform carrier level, standard operating practice is to vary
the carrier powerin a controlled way as a function of frequency. This will result
in varying individual beatlevels.

When a comb of signals is subject to second-order distortion, the greatest
numberof products will fall on the highest and lowest channels. Figure 10.8, as
an example, gives the total number of upper and lower 1.25-MHz second-order
products in the Standard channel plan (in which channels 5 and 6 are offset by
2 MHz, and the 15th to 17th harmonics are not used).

The visual effect of the upper-side second-order products on analog NTSC
television pictures is similar to that of a discrete interfering carrier — thatis,
closely spaced diagonal lines as discussed in Chapter 2. As discussed earlier, the
lower CSO beats haverelatively little effect on visual quality.

Many simple broadband RF amplifiers are single-ended class A devices,
meaning that their output stages consist of a single active device that is biased
to the approximate middle ofits dynamic range. Such a device typically exhibits
an asymmetrical compression behavior so that second-orderdistortion products
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Figure 10.8 Numberof 1.25-MHz CSO beats: 550-MHz Standard channel plan.

dominate. In recognition of this problem, the North American VHF off-air fre-
quency plan designated channel boundaries such that neither second harmonic
nor second-order beats from any combination of channels affect any other chan-
nels even if the drive levels to television receivers are high enough to result in
compression. This was discussed in detail in previous chapters.

Early cable television amplifiers used single-ended designs for the same
reasons. As the industry began using non-off-air channels, however, CSO
quickly becamethe primary performance-limiting parameter.

Odd-Order Distortion (Composite Triple Beat —CTB)

In an attempt to reduce this problem, all modern cable amplifiers are “push-
pull,” meaning that their output stages contain two devices in a balanced circuit
that assures symmetrical, or nearly symmetrical, compression. As will be seen,
this will result in primarily odd-order distortion products.

Ifa single sine waveis transmitted through a circuit that has only third-order
distortion, the output can be described by the following equation (derived from
Equation 10.20):

Cy = Ae; + Ce} (10.26)

where A and C are the coefficients of the linear and cubed products, respectively,
and

& = E; sin(at)

Using a standard trigonometric identity, this reduces to
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AE; + 3CE; [sin(cot)] = ca [sin(3ar)] (10.27)2 = a 

C maybe either positive or negative. In the case where the nonlinearity is dueto
compression, it is negative so that the third-order distortion results in a reduc-
tion in the amplitude of the fundamental (unlike second-order distortion that
does not affect the amplitude of the fundamental) plus the addition of a product
at three times the original frequency whose peaks are in opposition to those of
the fundamental. The level of the third-order products rises as the cube of the
input voltage (e.g., the rise is 3dB for every 1-dB rise in inputlevel) so that the
ratio of fundamental to third harmonic at the output decreases by 2 dB for every
1-dB rise in the input level so long as the ratio between them ts high. When the
reduction in the amplitude of the fundamental becomes material, the ratio will
decrease more quickly.

Figure 10.9 showsvisually the fundamental, third harmonic, and the sum
of the two. As can be seen, third-order distortion is equivalent to a reduced
amplitude, symmetrically flattened waveform. If higher odd multiples of the
original frequency are also plotted on the graph, it will be seen thatall such
harmonics will have exactly the same effect on both peaks of the original
waveform.

If multiple signals are transmitted through a system exhibiting this type of
distortion, the input can be described by the following general formula:

&, = Ey sin{a,t] + Es sin[{w2t]) fer FE sin|a,t] (10.28)

 

Voltage 
Time

Figure 10.9 Effect of third-orderdistortion,
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where

),2,..,. = the angular frequencies of the input signals

E;,2,...2 = the levels of each subcarrier (peak voltage)

If we insert this definition of e; into Equation (10.26), it can be shown that the
output spectrum will have signals at the fundamental frequencies of the input
signals and all combinations of 3@,, 20, + @,, and @, + @, + m,, where @,, a,
and m, are any of the input frequencies. In particular, single frequency terms,
two frequency terms, and three frequency terms will be present:

« Single frequency terms:

3CE>
4

 

[at + |{sin(oee - eI [sin(3,£)] (10.29)
Just as with a single sine wave, this indicates that the output contains,in

addition to the linearly amplified input signals, two terms proportional to the
cube of the input voltage level of each of the carriers, one at the fundamental
carrier frequency and one at three times the carrier frequency. When the
input consists of carriers corresponding to the EIA Standard or IRC channel
schemes (offset 1.25 MHz from harmonics of 6 MHz), the third harmonic
term will fall 3.75 MHz above a harmonic of the root frequency (2.5 MHz
abovea carrier if one is present). With carriers thatfall exactly on harmonics
of a common root (HRC), the distortion products will also fall on harmonics
of the root. The numberof single frequency terms will be the same as the
number of FDM carriers.

«s Two frequency terms:

  Pe] sin(ayt) — PS) sin( [20x + @y|¢) + fer sin([2@, — ©,]t)
(10.30)

Each unique ordered pair of input signals mixes to produce a product at
the fundamental of one of the input signals plus products at 2m, + w,. The
amplitude of the fundamental is twice that produced by the cubed term
{assuming equal amplitude input signals). The voltage amplitudes of the
other two terms are three timesthat of the cubed terms (+9.5 dB). When the
input consists of carriers corresponding to the EIA Standard or IRC channel
schemes, the 2m, + my term will fall 2.5 MHz above a carrier assignment,
while the 2@,—, term will fall on a carrier assignment. With an HRC
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channel assignment scheme, all products will fall directly on channel
frequencies.

Whenthe inputsignals consist of an FDM spectrum of q input carriers, the
number of ordered pairs is q(q — 1). Since each ordered pair results in the
generation of products at two new frequencies, the number of new products
will be 2g(g — 1). Thus, when the numberofcarriers is large, the total number
of products will increase approximately as the square of the channel count.

» Three frequency terms:

== [sin((@, + @y — @,|t) + sin([ox — y + @,|t) (10.31)
—sin([w- + @y + @,|t) — sin([@, — @) — @,|t)]

Each unique combinationof three input signals mixes to produce terms
at @, +, +@,;. When the input signal amplitudes are equal, the voltage
amplitudes of these terms are six times that of the cubed terms (+15.6dB).
When the input consists of carriers corresponding to the ELA Standard or IRC
channel schemes, the o, +, —@, and o, —@, +, terms will fall on a
carrier frequency, the ,+, +, term will fall 2.5 MHz above a carrier
frequency, and the m,—@,—«, term will fall 2.5 MHz below a carrier
frequency. Note that, though m, +, +, is sometimes negative, the only
effect is the polarity of the magnitude since sin (—x) = — sin (x).

Whenthe inputsignals consist of an FDM spectrum of g inputcarriers,
the number of unique three-signal combinations is g(q — 1)(q — 2)/6. Since
each of these combinations results in the generation of four new products,
the total number of new third-order products caused by three-signal mixing
will be 4g(q — 1)(g — 2)/6. Thus, when the number ofcarriers is large, the
total number of products will increase approximately as the cube of the
channel count.

In summary, when an FDM spectrum of gq signals is transmitted through an
amplifier exhibiting third-order distortion, the original signals will be amplified,
and a number of new products will be generated:

« Some that affect the output amplitude of each original carrier.

e g new signals, oneat the third harmonic of eachof the original signals. With
the ANSI/EIA-542 Standard or IRC frequency plan,these fall 2.5 MHz above
visual carrier frequencies.

« 2g(q — 1) new signals at frequencies 2m, + m,, where w, and m, are any two
input carrier frequencies. Each of these signals is about 9.5 dB higherin level
than the third harmonic frequencies. With the Standard or IRC frequency
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plan, half of these fall 2.5 MHz above, and half nominally on, visual carrier
frequencies.

4q(q— 1)(q —2)/6 new signals at frequencies w, + @, + w;, where ,, Oy,
and @, are any three different carrier frequencies. Each of these products
will be about 15.6 dB higherin level than the third harmonic frequencies.
With the Standard or IRC frequency plan, half of these will fall nominally
on visual carrier frequencies, whereas one-quarter will be 2.5 MHz below
and one-quarter will be 2.5 MHz above visual carrier frequencies.

Thelevel of each of these products increases by 3 dB for every 1-dB increase in
the levels of the inputsignals so thatthe ratio between the desired output signals
and third-order products decreases by 2 dB.

Since the three-signal products (“triple beats”) are the greatest in both
number and magnitude, they quickly dominate other third-ordereffects, Since
half of them fall nominally on visual carrier frequencies, those product groups
are always the largest. Thus, composite triple beat (CTB) distortion is defined as
the total powerin a 30-kHz bandwidth centered on the visual carrier frequency
without the visual signal present,relative to the peak levelof the visualcarrier in
dBc (decibels relative to a reference carrier level). As with CSO, it can also be
expressed as the ratio of visual carrier level to apparent beat power, or C/CTB,in
decibels.

For a contiguous set of equally spaced carriers, the numberof third-order
beats falling in any given channelis approximately"

2

aget (10:32)
where

Ners = the numberof third-order beat products whose frequencies are
nominally the sameas the carrier being evaluated

a = the total number of contiguous, equally spaced carriers

6 = the index numberofthe carrier being evaluated,i.e., the bth carrier
from the bottom or top

For the center channel, which receives the greatest numberofbeats, this reduces
to

bec 2

Nery = “SEE? for n > 1 (10.33)
At the end channels, which receive the fewest number of beats, it becomes
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oe Z

New == “84eo forn>> 1 (10.34)
Actual cable systems using the ELA Standard channel plan, however, do not

conform exactly to this model, with channels 4 and 5 being offset.and someorall of
the channels falling in the FM broadcast plan seldom used for video. Thus, “beat
quantity tables” published for the industry show several percent fewer beats.

Figure 10.10 is a plot of the numberof beats for some common,fully loaded,
system bandwidths.” As can be seen, channels slightly above the middle of the
spectrum are affected by the greatest number of beats. It does not follow,
however, that the channel with the greatest number of beats is the channel most
affected by third-order interference. Amplifiers are not typically operated with
equal power carriers, but rather with a uniform upward “slope” of levels with
frequency (for reasons explained later in this chapter), causing some beats to be
stronger than others. More important, since signal quality is affected by the ratio
between visual carrier level and interference level, the lower carrier levels at the

low end of the spectrum will sometimes cause the worst interference to occur on
a lower-frequency channel than the one with the largest number of beats.

2,000 eefesesessnseescscesatecteanesesigneay ae tibet etbrdaedcibeteierie cere pmiddsr aeddamenimpanligad TOOMHz--==0 550 MHz
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Figure 10.10 Number of triple beats per channel versus system bandwidth.
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Since the third-order products are phase incoherent in most systems, their
powers will add on a power,rather than a voltage, basis, and the measured CTB
level would theoretically be proportional to 10 log(n), where n is the numberof
beats in a channelif the levels of all carriers are equal. In actuality, owing to the
unequalcarrier levels and beat amplitudes, and possibly differences in distortion
across the spectrum, CTB may increase as slowly as 5 log(n) to 7 log(n).'°

The visual effect of CTB on an analog television picture depends on whether
the signals are harmonically related or not. With unlocked carriers, the differ-
ences in frequency between the desired carrier and the various beats produces
low-frequency interference that has been described as “streakiness” in the
picture. With locked carriers, the various products will be frequency coherent
with the carrier and, like the fundamental frequency products, will alter the
amplitude and phase ofthe original signals. The visual effects depend on many
factors, including the amount of phase noise on each of the signals.

Since analog video carrier modulation results in an average signal level that
varies with program content, equipmentis specified and evaluated when loaded
with unmodulated carriers of a defined level on each of the nominal visual
carrier frequencies. This results in more repeatable measurements. When loaded
with video carriers whose peak level is the same as the unmodulatedlevels used
for the test, the average carrier power will be about 6dB lower, resulting in an
improvement of about 12dB in CTB (though the improvement will vary over
time depending on video modulation levels and timing and carrier phase rela-
tionships). Typical amplifiers provide a CTB of —70 to —90dBc when loaded
with unmodulated carriers at recommended operating levels, depending on
design.

Cross Modulation (XMOD)

Another form of distortion occurs when amplifiers exhibiting third-order distor-
tion are loaded with multiple amplitude modulated signals.

Although second-orderdistortion has no products that affect the gain of the
primary FDM carriers, as Equations (10.27), (10.29), and (10.30) demonstrate,
two classes of third-order products affecting every channel cause effective gain
variations of the fundamental signal. In particular, the first term of Equation
(10.30) demonstrates that the effective amplifier gain affecting each FDM sub-
carrier is modified by a series of terms that include the amplitude of every other
signal in the spectrum carried. Thus, when the average levels of any other
signals are varied because of modulation, the outputlevel of the desired channel
will also vary slightly. This effect is known as cross modulation.

If the modulation of the other signals were truly independentof each other
and random, the effects of cross modulation from various channels could be
expected to be noiselike. Unfortunately, video modulation is not random. As
covered in Chapter 2, the change in amplitude from synchronizing peak to
black level is identical for every channel and, furthermore, occurs at nearly

381



382

10.3 Amplifiers 457

identical and quite precise frequencies, Thus, if the signals modulating multi-
ple channels happen to be synchronized (which happens when they are locked
to a commontiming reference in a multichannel generation facility), or if they
drift into alignment occasionally, the level of cross modulation can become
significant.

The standard test for cross modulation is to load the amplifier with a comb
of simultaneously modulated carriers plus one unmodulated carrier on the
frequency to be tested. The level of modulation is measured on the nominally
unmodulated carrier. Cross modulation is defined as the difference between the

cross modulation sideband level and the sideband level that would correspond
to 100% modulation expressed in decibels.

Since it is caused by third-order distortion, the level of cross modulation
varies in the same way as CTB; thatis, the relative level varies 2dB for every
1-dB change in operating levels. Because of the difficulty in making the test and
demonstrated inconsistency in the results, cross modulation has becomeless
important than CTB as a means of characterizing third-order distortion. The
inconsistency may be due to the many terms, whose effects may reinforce or
cancel, affecting the cross modulation on any channel.

Whenthe desired signal is an analog television program and the major
cross-modulating signals are also analog television programs, the first visible
indication of cross modulation takes the form of a single, faint broad horizontal
line and another broad vertical line that may slowly move through the desired
picture. These are caused by the horizontal and vertical synchronizing pulses
{the highest carrier levels) of another television signal. In an improperly
operated system, cross modulation can also be caused by a single very high
amplitude channel that causes cross modulation onto other channels. In
extreme cases, not only synchronizing bars but video modulation may be
visible. The visual appearance of cross modulation is similar to that which
results from direct pickup interference where an undesired signal “leaks” into
the system and interferes with a cable signal on some channel.

Composite Intermodulation Noise (CIN)

The preceding analysis was based on the carriage of a spectrum of signals, each
of which has a carrier that represents most of the energy in the channel.
Though that is a valid model for analog television signals and many conven-
tional AM and narrow band FM modulated signals, digital signals differ sig-
nificantly. A QAM signal, for instance, has a suppressed carrier and, when
viewed on a spectrum analyzer, looks like a flat block of noise occupying the
entire communications channel (see Chapters 4, 5, and 6 for detailed discus-
sions of QAM modulation).

When such signals are subject to second- and third-order distortion, they
do not produce single frequency products, but rather noiselike bands of
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energy whose amplitude frequency signature depends on the distortion
mechanism. The products of this type of distortion are alternatively known
as composite intermodulation noise (CIN), composite intermodulation dis-
tortion (CID), or intermodulation noise (IMN). This is an exception to our
use of the term noise to refer to only thermal noise since CINis actually a
distortion product.

On the assumption that third order is the dominate distortion-producing
mechanism and that, further, three frequency products (m, + @, + ,) domin-
ate, IM products involving digital carriers will be of three types:

« Products formed from the mixture of two analog carriers and onedigital
signal will appear as blocks of flat noise with a bandwidth equal to thatof
the digital signal.

Products formed from the mixture of one analog signal and two digital
signals will appear to have a symmetrical triangular-shaped amplitude-ver-
sus-frequency spectrum, wherethe triangle will have a spectral width equal
to the sum of the widths of the two individual digital signals.

e Products formed from the mixture ofthree digital signals will appear to have
a band-limited Gaussian shape with a spectral width equal to the sum of the
widths of the three mixing signals.

If digital signals are carried lowerin level than analog signals, then the preceding
types of products are listed in decreasing order of amplitude.

Although standard operating practices have not yet been set for the cable
industry, it has been reported that a 750-MHz plant, operating with a signal load
of 77 modulated analog television signals (54-550 MHz) and 33 64-QAM digital
signals (550-750 MHz) and typical operating conditions and levels, will suffer
less than 1 dB of effective C/N degradation due to CIM with digital signal levels
suppressed aslittle as 5 dB relative to analog signals.''

10.3.4 Group Delay Variation and Amplifier Stability

Group delay is a measure of the rate of change of phase shift through a device as
a function of frequency. In equation form

group delay (sec) = na (10.35)
where

y = the phase shift through the device in radians

f =the frequency in Hz
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In an ideal RF system, the transmission delay at all frequencies is a constant
equal to the transit time through the length of line involved, and the group
delay is zero.

If the group delay is not zero, signal components at one frequency will
arrive shifted in time relative to other components. The degree of tolerance to
group delay variation will vary according to the signal format. A particular case
of interest to the analog NTSC format is chroma delay, a measure of the arrival
time of the chroma signal relative to the luminance signal, As discussed in
earlier chapters, the difference should not exceed 170 ns. Though modulators
and demodulators are generally the primary contributors to chroma delay,
channels close to forward or reverse transmission system band edges are also
affected by amplifier design.

High-speed digital signals are also affected by group delay. For example,fast
rise time waveforms will broaden if the higher-frequency components are
delayed relative to the lower-frequency components. Occasionally, digital signals
are carried below channel 2 in the downstream band and, thus, very close to
passband edge.

The principal contributors to group delay variation in amplifiers are the
diplex filters used at each of the signal ports to separate upstream and down-
stream spectra. Figure 10.11 illustrates the key components of a two-way
amplifier. The input and output diplexfilters each consist of a high-pass section
connecting the forward gain block to the external ports and a low-pass section
feeding the reverse gain block. Each ofthe filter sections, as well as the amplifier
modules, will have a gain (negative in the caseof thefilters) that is a function of
frequency.

 

Diplex Diplex
filter Downstream filter

(typical) preamplifier (typical)

Downstream Downstream
station station

input output 
Figure 10.11 Bidirectional amplifier,
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In order to assure absolute stability, the sum of the gains around the loop
shown in the heavy arrow must be less than zero atall frequencies. This
condition must be met not only for matched loads on the external ports but for
any mismatch encountered in an actual field installation. With simple filter
designs, this is most easily achieved by having the cutoff frequencies of the
filters as far apart as possible and, thus, close to the edge of well-separated
forward and reverse passband edges. Since group delay variation gets worse as
the cutoff frequency is approached, there is an inherent conflict among (1) the
separation between the top of the upstream spectrum and the bottom of the
downstream spectrum, (2) the cost of the diplex filter, (3) the group delay
variation at the extremes of the spectra, and (4) the stability margin of the
amplifier.

Ensuring a nonoscillatory condition may not be adequate. Even if the loop
gain is less than zero, frequency response variations may result unless there is
adequateisolation. As a practical test, adequate performance may be deduced by
observing the swept frequency response of an amplifier at all frequencies,
including the diplexer crossover region. Peaking of the response indicates a
possibility of a loop gain problem.

Figure 10.12 illustrates the downstream performance of a typical commer-
cially available amplifier having a “42/52 MHz split” {upper edge of the
upstream spectrum is at 42 MHz, whereas the lower edge of the downstream

Groupdelayperamplifier(ns) 
Figure 10.12 Downstream group delay dueto diplex filters,
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spectrum is at 52 MHz). The curveillustrates the group delay, with the shaded
regions indicating the frequencies and chroma/luma delay difference for the four
lowest NTSC television channels in the Standard ANSI/ELA-542 frequency plan.
Thedirection of the chroma delay is to advance the chroma with respect to the
luminance. Serendipitously, this is the opposite delay sense (luminance is
delayed with respect to chrominance) to that which is commonly encountered
in the modulation-demodulation process, but any delay is not good.

The required end-to-end group delay requirements and typical network
performanceare discussed in Chapter 15, and upstream group delay is discussed
in Chapter 16.

10.3.5 Hum Modulation

Although amplifiers that plug into conventional wall outlets are available (and
used in headend and apartment house applications where convenient), most
distribution amplifiers are powered via ac voltage that is multiplexed with the
signals on the commoncoaxial distribution cable. Along with their signal-pro-
cessing circuits, amplifier stations include circuitry for separating the power and
signal voltages and for connecting the powerto local powercircuits that convert
it to direct current to powerthe various electronic modules used.

Amplitude modulation of the transmitted signals at the powerline frequency
(hum) can occur in two ways: excessive ac voltage at the output of an amplifier’s
local power pack and parametric modulation of magnetic component properties.
Power pack “ripple” can modulate amplifier gain or be coupled into other
circuits such as the automatic gain control (AGC). This ripple can result from
faults in the power pack or loss of voltage regulation due to excessive voltage
drop between the power supply and the amplifier’s power pack.*

Parametric magnetic modulation is less obvious. Consider the circuit seg-
ment in Figure 10.13. The current is tapped off the common coaxial input and
sent through L to the amplifier power pack (and possibly inserted into the output
coaxial cable(s) as well). Series capacitor C serves to pass the signals into the
amplifier while blocking the supply voltage. Finally, T is the input winding of
a typical signal-processing element, such as a directional tap,splitter, or part of a
band-splitting filter.

One possible source of hum modulation is L. This componentis required to
exhibit a very high impedance to frequencies covering the entire forward and
return spectra, If the magnetic core becomes partially saturated at the peaks of
the supply current, then the impedance match of the amplifier will vary

* In accordance with standard industry terminology, the term power supply is used to designate the
device that generates the system power for multiplexing on the coaxial cable, whereas the term
power pack is used to designate the device within each amplifier that converts the multiplexed
power to the appropriate regulated dc levels for the circuitry.
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Figure 10.13 Power/RF separation in amplifiers,

accordingly, resulting in a level variation of the transmitted signal at the line
frequencyrate.

T is a much more sensitive component. Typically, these transformers are
constructed of tiny cores that must have constant Magnetic characteristics over
an extremely wide frequency range. Though C nominally protects T from the
supply current, there is still a displacement current to contend with. In particu-
lar, an ac current will flow through C and the primary winding of T whose
magnitude is

dV
= C—_— 10.ic=CF (10.36)

Whenthe powersupply is a sine wave with a frequency of /, and a peak voltage
of E,, the current will be

ic = CSE sin(2nfpt)] = CEp2nf, cos(2nfpt) (10.37)
which has a peak value of CE,2nf,, If the voltage is a square wave with fastrise
and fall times, then the displacement current can be much greater for the same
peak supply voltage. To illustrate the trade-offs in design of these circuits,
assumethatit is desired that C have no more than 1 ohm ofreactance at the low
end of the upstream spectrum (generally 5 MHz) so as to affect the input match
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as little as possible. This requires that C be at least 0.03 uF [X¢ = 1/(2nfC)). If
the supply voltage is 90-volts rms (127 volts peak) at 60 Hz, then the displace-
ment current will be 1.4 mA.If, under square wave powering conditions, the rise
timeis five times that under sine wave conditions, then the current could be as

high as 7 mA. The designer's challenge is to ensure thatthis level of additional
eurrent in the winding of T does not change the transformer’s characteristics.

In the North American NTSC analogtelevision system, the frame repetition
rate is 59.94 Hz. Since the commercial powerfrequency is 60 Hz, hum modula-
tion generally appears as a horizontal bar or brightness variation whose pat-
tern slowly moves upwards with time (about 16 seconds to move the entire
height of the picture), Typical coaxial components (both amplifiers and passive
elements) are specified to create hum modulation at no greater than —70dB,
relative to 100% modulation, at their full rated supply voltage and pass-
through current.

10.3.6 Frequency Response Variation and Impedance Match

Practical amplifiers do not amplify signals at all frequencies equally. Part of
this variation is intentional and is intended to compensate for variations in
cable losses and to optimize distortion performance, as we discuss in the
next section. Any deviation from the intentional variation, however, is
known as frequency response variation (quantified as +xdB) or, more
commonly, peak-to-valley (quantified as ydB peak-to-peak). Response vari-
ation is defined by the SCTE as the maximum gain deviation in either
direction from a line drawn from the gain at the low end of the defined
bandwidth to the gain at the high end of the defined bandwidth.’*
Figure 10.14 illustrates this definition; the peak-to-valley (P/V) is the sum
of the absolute values of +Amax and —Amax. This definition, however, is

 
Start Maximum Minimum Stop

Figure 10.14 Definition of response variation.
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somewhat controversial since it is highly affected by the endpoints. An
alternative definition for frequency response is the variation above and
below a line that is drawn so as to minimize P/V. For instance, if the lower
end of the “ideal gain line” in the figure were raised slightly, the effect
would be to lower +Amax by more than the increase in —A max and thus
reduce the total P/V.

The frequency response through a network may be affected by the
imperfect impedance matching between the amplifier and attached transmis-
sion line. The effects of imperfect matches in coaxial components can best
be understoodin the context of their interaction. This is covered in detail in
Chapter 15.

10.3.7 Practical Amplifier Design Choices
Complete amplifier stations may be simple or quite elaborate, depending on
system needs. All share a common basic downstream structure consisting of
several (generally two or three) cascaded gain stages, plus circuits that compen-
sate for the loss variation of the cable before the amplifier (equalizers). Provi-
sions are also madefor adjusting the gain of the amplifier as needed to meet
system needs, Amplifiers differ in how many stages are employed, internal
splitting, redundancy provisions, where operating adjustments are in the chain,
automatic gain control, and the performance of each gain block. Many have
provisions for automatically adjusting amplifier gain to compensate for changing
input signal levels (automatic gain control).

As will be seen, optimum operation of repeatered coaxial distribution
systems results when the levels of the FDM subcarriers at the output of
amplifiers are not equal but increase with frequency. The variation in level
across the operating range is known astilt. The relationship between operating
levels, amplifier response, and interconnecting transmission losses is explored
more fully in Section 10.3.8,

In the upstream direction, all the amplifier designs are similar. Since
cable losses are much lower in that portion of the spectrum, a single
amplifier module is sufficient. Diplexers are used at each port to separate
the upstream and downstream signals. All the upstream signals are passively
combined and fed to the amplifier module. Unlike downstream, where all
level setting takes place at the input or midstage with the aim of setting a
consistent output level, the common upstream practice is to align the system
so that the input level to the module is constant and to set the output gain
and slope after the gain stage so that the input to the next amplifier station
upstream is correct. Chapter 16 covers the alignment and operation of met-
works in the upstream direction.

To allow the mostflexibility in application and system design, jumpers or
switches allow powerto enter the amplifier via any desired port and to be routed
to any combination of output ports.
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Early power packs used conventional transformer/linear regulator designs.
Transformer taps were available to optimize the windingratio of the transformer
to limit required regulator dissipation. Modern designs almost universally use
switching regulators (whose design is beyond the scope of this book) that have
the property of operating at a constanthigh efficiency regardless of input voltage.
To do so, they draw a constant wattage from the coaxial cable, and thus the
currentis inversely proportional to the supply voltage. Though this results in the
greatest overall poweringefficiency, it has some unexpected consequences when
a number of amplifiers are powered from a common source, as will be seen in
Chapter 11.

Beyond their basic functional elements, amplifier stations may be equipped
with a variety of enhancements, including redundant gain modules and power
supplies, status monitors and transducers, and remotely controllable upstream
path disconnect. Often fiber-optic receivers and transmitters are combined with
amplifier station components, creating a fiber-optic node.

Although the labels attached to different configurations are somewhat
arbitrary and subject to change, the following classifications are typical:

« Trunk amplifiers are the workhorses oftraditional all-coaxial cable televi-
sion systems, They are optimized for long-distance, repeatered signal dis-
tribution. As such, they are operated at output levels that cause only
moderate distortion to allow long cascades. The gain is set as high as
possible, consistent with low per-stage noise addition. Typically, the output
levels of the highest channels are +35 to +40dBmV, and the gain is about
22 dB. Trunk amplifiers are not used to supply signals to taps.
Where a local distribution circuit is also desired, a portion of the trunk
signal is fed to a separate output stage knownas a bridger. This amplifier
generally runs at a higher output level (and distortion) to allow feeding as
many customer taps as possible. Though generally configured as an
optional module within the trunk station, bridgers may be contained in
separate housings along with directional couplers (midspan bridgers).
Figure 10.15 is a block diagram of the RF portionof a typical trunk station,
including bridger.

« Distribution amplifiers are basically stripped-down trunk/bridger stations
that are available in a wide variety of configurations. Typically, they are
available with multiple output amplifier modules whose level can be inde-
pendently adjusted. Figure 10.16 shows a typical configuration with three
output gain blocks.

e Line extenders are used to allow feeding more taps than possible with just a
bridger or high-level distribution amplifier port. Since they are generally
operated at similar output levels, the cascade of such devices must be
limited to keep distortions at an acceptable level. Line extenders are the
simplest of the classifications, as shown in Figure 10.17.
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Figure 10.15 Typical trunk amplifier RF configuration,
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Figure 10.16 Typicaldistribution amplifier RF configuration.
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Figure 10.17 Typicalline extender RF configuration,

10.3.8 Amplifier Operating Dynamics

The C/N degradation as a signal passes through an amplifier is related to the input
signal level and the noise figure at any frequency (see Equation (10.18)), On the
other hand, the loss of coaxial cable increases with frequency. Thus, the amplifier
need not supply the samelevel for channels at the bottom of the spectrum asat the
top to overcome cable loss. Reducing the levels of the lower-frequency channels,
in turn, reduces the amplitudes of the intermodulation products to which those
channels contribute, and thus C50, CTB, CIN, and XMOD.

The relation between cable and amplifier characteristics and operating levels
can best be illustrated by considering an amplifier and its driven cable as a
system (see Figure 10.18). Only the downstream path will be discussed here;
Chapter 16 will deal with the equivalent upstream issues.

The preamplifier will typically have a relatively uniform noise figure and
gain across the spectrum. Between the preamplifier and output stage, a slope
circuit is used to adjust the frequency response so that it uniformly increases
across the downstream frequency range. Typical gain slopes are 6-10dB for a
750-MHz amplifier. Additionally, pads are used to adjust the overall amplifier
gain. Thestation noise figure and slope are illustrated in Figure 10.19(a).

Some combination of coaxial cable and passive RF devices is connected
between this amplifier station and the input of the next station. Since both the
cable and passive devices havea loss that varies across the spectrum (and,in
the case of cable, increases as the square root of frequency), the variation in
level reaching the next station will be reduced. Amplifier input circuits are
designed to accommodate a variety of equalizers that are optimized to
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Figure 10.18 Downstream response and gain relationships and adjustments.

compensate for the residual response variation and pads that are used to set the
correct drive level to the preamp input. Occasionally, external in-line equal-
izers may be used also, for example, as a too! to reducethetotal variation of
levels fed to customers.

In station alignment, the equalizers and pads are used to align the output of
each amplifier station as closely as possible to the optimum levels and “gain
slope." Thus, the system gain and frequency response, as measured from the
output of one amplifier to the outputof any other similarly aligned amplifier in a
series-connected string, are ideally unity. Because of the variability in intersta-
tion losses, the levels and responseat station inputs will vary; however, the
responseat the internal preamp inputwill be approximately flat. Amplifiers that
do not feed customer taps(for example, trunk amplifiers) are typically operated
at levels several decibels lower than those that do.

By contrast to the frequency responseofthe system (slope), the variation in
levels of the signals carried is known as tilt. The terms are often confused,
particularly since modern amplifier performance is often specified withatilt at
amplifier outputs that matches the gain slope. Historically (with narrower band-
width amplifiers), it was more common to use “block tilt” with groups of
channels operated at different levels. This was easier for technicians to under-
stand since only a few levels needed to be memorized.

Modern 750-MHz amplifiers are generally specified under two signal-loading
conditions. Figure 10.19(b) shows the nominal preamplifier input (after equal-
ization) and output levels of an amplifier station loaded with a full spectrum of
110 video signals that are tilted to match the gain slope of the amplifier. This is
the optimum condition for carrying signals of similar format and results in
approximately equal C/N degradation for each channel (because of the uniform
preampinput levels) and the lowestdistortion (because the outputs at the lower
channels are reduced in level to approximately match the interconnecting cable
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Figure 10.19 Amplifier gain and signalloading. (a) Amplifier characteristics. (b) Amplifier loaded with analagvideo signals.
(c) Amplifier with hybrid analog—digital signal loading.
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and componentlosses). Figure 10.19(c) showsan alternative loading condition
with a superimposed —10-dB blocktilt for signals above S50 MHz. The assump-
tion is made that these signals are digitally modulated and do not require the
same C/N and C/distortion as analog video channels andso are reduced in level
to reduce overall amplifier loading.

Optimum amplifier gain is a function of noise figure and output capability
(for a given distortion level). By way ofillustration, assume thata given ampli-
fier has an effective noise figure of 9 dB and a CTB of —78 dB at an output level of
+45/35 dBmV (the dual numbers are the individual channellevelsat the top and
bottom of the downstream spectrum, respectively). If the gain of the unitis set at
35 dB (at the top channel frequency) and the input level is +10dBmVonall
channels, then, from Equation (10,19), the C/N ofthis stage alone will be 60dB
(10+59—9), The output level will be the input level plus the gain or
+10dBmvV +35 dB = +45 dBmV,so the CTB will be the specified —78 dBmvV.

If the inputlevel is varied, the C/N will improve by 1dB for every decibel
increase in input level, whereas the CTB will degrade by 2 dB. In setting up a
coaxial system, input padding is used to set the optimum operating point.

Now considerthe situation if the amplifier had been designed with a gain of
40dB. At first glance, this would seem like an improvement since such
amplifiers could be spaced farther apart along the transmission line. When
driven by a +10dBmV input signal, however, the output level will be
+10dBmV+40dB = +50dBmV, At that level, the CTB will be only —68 dB,
having degraded by 10 dB owing to the 5-dB increase in outputlevel. If the input
level is decreased by 5dB to restore the distortions to the specified level, the
station’s C/N will decrease from 60 to 55 dB. In short, the excess gain forces the
user to accept either higher distortion or higher noise.

Though line extender amplifiers often offer only an input padding option,
some distribution and trunk amplifier designsalso allow between-stage padding.
This partially offsets potential excess gain problems by allowing the user to
independently choose the operating level of each gain block though each fain
block is still limited in performance by its individual noise figure, gain, and
output capability,

The selection of optimum amplifier internal gains is very complex. It would
seem from the preceding examplethat reducing gain would improve perform-
ance. Although that is true, more lower-gain amplifiers would have to be
cascaded to reach the same distance, and that would lower reliability and
increase power consumption. The industry’s choice of operational gains ranging
from 20 to 38 dB (depending on technology and application) is based on the best
compromise among cost, reliability, and performance.

10.3.9 Amplifier Technology Choices

As previously discussed, modern broadbandsolid-state cable television ampli-
fiers are all push-pull in nature, meaning that their output stages contain two
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matched transistors connected in a symmetrical configuration. To the extent that
any nonlinearities are also symmetrical, they will produce only odd-orderdis-
tortion products. Amplifiers whose outpul stages each contain only a single
push-pull circuit are known generally as push-pull amplifiers.

An improvementin distortion performance can be realized by splitting the
input signal, feeding two push-pull output gain stages in parallel, and then
combining the outputs into a single port. This type of amplifier, generically
known as parallel hybrid, offers about twice the output level at the same distor-
tion levels compared with push-pull units. Since two output stages are involved,
the power consumption and dissipation are also higher than with push-pull
units. Parallel hybrid amplifiers are generally used where high output powers are
beneficial, such as bridgers and line extenders.

The third dominant amplifier technology is known as feed forward. In a feed-
forward amplifier, the input signals are amplified via a conventional inverting
amplifier. Samples of the input and output signals, adjusted for gain, are com-
bined and amplified in a separate inverting error amplifier. The output of the
error amplifier is summed with the output of the original amplifier so that the
errors approximately cancel.'* Figure 10.20 shows this configuration. The delay
lines are required to match the phases of the signals. Modern feed-forward
amplifiers offer about 12 dB of CTB improvement and 6dB of CSO improvement
over power doubling units at comparable operating levels. Furthermore, as
discussed later, the remaining distortions are not necessarily phase coherent
among cascaded amplifiers, which improves the performance of a repeatered
system. Feed-forward amplifiers are generally used in long trunk lines where the
lower cascaded distortion is beneficial.

 

Main

amplifier

 
Figure 10.20 Feed-forward gain block.
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10.4 Passive Coaxial Components

The nature oftypical coaxial distribution systems is that the downstream path is
split and resplit to create many endpoints from a common signal insertion point.
In the upstream direction, the opposite is true, with signals from many potential
insertion points combined at a common node. In the headend, signals from
individual modulators and signal processors are combined to create the full
downstream spectrum, whereas upstream signals are split to feed receivers for
each service.

The signal splitting can occur either within amplifier housings or by use of
stand-alone components. Those that split the signal equally are known as
splitters, whereas those that divert a defined portion of the input signal to a side
port are known asdirectional couplers. Finally, those that divert a portion of the
input signal, then resplit the diverted signal to create individual customer drops
are knownas taps. All share certain characteristics and so will be treated in this
section.

In general, all these are passive devices constructed using ferrite-loaded
transmission lines and transmission-line transformers. They are bidirectional;
that is, the same device can be used to split signals to feed multiple paths or to
combine signals from multiple input ports. Important characteristics are signal
loss, impedance match,and isolation between nominally isolated ports.

10.4.1 Directional Couplers

Figure 10.21 shows schematics of two directional coupler configurations. In both
examples shown, the voltage transformer and current transformers have the
sameratio so that, after combining, the ratio of voltage to current stays the same,
meaning that the impedanceof the side port is the same as the main line. In the
main line, the relative polarity of voltage and current is reversed for signals
traveling in one direction versus the other direction. The transformers sample
voltage and current regardless of signal flow in the main line. Thedifference is
that the sampled signal, after combining, will propagate either toward the
termination resistor or toward the side port, depending on the relative polarity
of voltage and current. This is what gives the coupler its directivity.

By varying the turns ratio of both transformers, various values of coupling
are possible. Ellis’ has published a tabulation of coupling values as a function of
turns ratios, along with a good description of coupler Operation. Table 10.2 lists
some commonly used values and their theoretical signal loss values (practical
units will exhibit 1-2dB of excess loss due to imperfect components). The
coupled loss is simply due to the voltage (or current) ratio defined by the
transformers, whereas the input/output loss just reflects the loss diverted to
the coupled port (orisolation resistor, depending on signal flow).
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Figure 10.21 Directional coupler schematic. (a) Coupler plus power components, (b) Alternate RF configuration.

Table 10.2 Theoretical directional coupler losses
SD

Turns Ratio Input to Output=Input to Coupled
(Tl and TZ) Insertion Loss (dB) Port Loss (dB) 

zZ.5:1 0.78 7.96

a1 0.51 9.54

4:1 0.28 12.04

Sci 0.18 15.97
 

As is the case with amplifiers, added components in units intended for
installation in trunk and distribution cables separate power from signal volt-
ages and send them through different paths, as shown in Figure 10.21 {a}.
Generally, means are provided to control transmission of power independently
from RFsignalssoasto allow greatestflexibility in system design. Note that,if
ac poweris transmitted through all RF ports, the displacement current through
the three blocking capacitors will add in phase through the primary of the
voltage transformer. Thus, couplers generate parametric type hum modulation
at levels as high as or higher than amplifiers.

The difference in sensitivity to downstream and upstream signals, as
measured at the side port, is the directivity of the coupler. Sometimes, instead
of directivity, the absolute upstream coupling factor, known as isolation, is
specified. Numerically, directivity is simply the difference between coupling
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factor and isolation. As we will discuss in Chapter 15, directivity and return
loss interact to cause additional system group delay and responsevariation.

The coupling value may not be uniform across the entire frequency range
of the device, Even though the overall variation in coupling factor may not be
desirable or intentional, the slope and response variation are measured sepa-
rately and are defined for passive devices the same as for amplifiers.

10.4.2 Splitters

Two-way splitters differ functionally from directional couplers only in that the
signal splitting is equal. Other common configurations include four-way and
eight-way equal splits. Three-way unequal splits are internally constructed by
splitting two ways, then resplitting one of the legs from thefirst splitter to create
a 50% :25%:25% output ratio. Equal ratio three-way splitters are less common.

Figure 10.22 illustrates a two-way symmetrical splitter, with expansion to
four way. Figure 10.22(a) is the schematic diagram of a two-wayunit, and Figure
10.22(b) is the standard symbol, with terminology. Transformer Tl is a 2:1
impedance step-down transformer that creates a 37.5-ohm source to feed the
center tap of transformer T2. T2 is a transmission-line transformer derived from
a Wilkinson coupler (which is used for symmetrical splitting of high-power,
narrow band signals for directional antenna arrays, among other applications).'*
The two outputs at ports 2 and 3 are nominally in phase andat the samelevel.
Resistor Rl is required to provideisolation between them.

Because poweris equally divided between ports 2 and3, the theoretical loss
from port 1 to either output is 10log (0.5) = —3.01dB, As with directional
couplers, the practical loss will be higher, due to core losses in the ferrite core
material in the transformers and resistive losses in the transformer wire.

The dimensions of transformers used in high-frequency applications are
constrained by the necessity for the winding lengths to be a small portion of a
wavelength at the highest frequency of operation, This, in turn, mandates very
small cores and fine-wire gauges whoseresistance is a factor in excess signal
loss. The excess loss over and above that dueto coupling is typically 0.5 to 1 dB
to each of the output ports, making the total loss typically 3.5 to 4. dB.

Loss in a splitter is called flat loss because it tends not to be a strong
function of frequency, as is the loss in coaxial cable. However,there is some
increased loss as the frequency increases, partially due to skin effects, which
increase the effective resistance of the wire as frequency increases. At the }
higher frequencies, the ferrite core on which the transformer is wound ceases |
to have significant magnetic properties, but rather acts as a coil form. Some
loss may be associated with it, but the ferrite material is primarily included to
improve low-frequency performance. At the lowest frequencies, loss also
increases because the open-circuit reactance inductance of the transformer
windings is no longer large relative to the circuit impedance.

SS
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Figure 10.22 Splitters. (a) Schematic. (b) External power flow. (c) Multiple stages of splitting to create
m-way splitter with enhanced isolation among some ports.

When the splitter is used as a combiner, incoming signals on ports 2 and 3
are combined and appear at port 1. The theoretical loss from port 2 (or port 3) to
port 1 is also 3B, the other half of the power being dissipated in resistor R1.
Theoretically, no power from port 2 appears at port 3 (if all ports are properly
terminated) and vice versa. The signal loss between the outputports, with all
ports terminated in 75 ohms, is defined as the isolation. Typical values of
isolation for commercially available splitters range from 20 to 30 dB.

Other important specifications of splitters include insertion loss, normally
specified as the total loss from port 1 to port 2, with port 3 terminated (or vice
versa), and the return loss at each port, with the other ports terminated.

Lack of termination drastically reduces the effective isolation. For instance,
power injected into port 3 is attenuated —3dB atport 1. Should that port be
unterminated, the power would be reflected into the splitter dividing equally
between ports 2 and 3. Thus, the isolation from port 3 to port 2 would be only
6dB, Similarly, the effective return loss at port 3 would be 6dBasa result of
power being reflected to that port.

Splitters having more outputports can be fabricated by combining two-way
splitters in tree fashion, as shown in Figure 10.22(c). Each leg of the leftmost
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splitter is connected to the input of another two-way splitter. At that level, four
outputs exist. Each of those four can be connected to another two-way splitter,
resulting in eight outputs, and so on. The practical loss at each stage will be
3.5-4dB so that the four-way split loss is 7-8 dB. In an eight-way splitter, it
is 10.5-12 dB and so on.In general, the loss in a multilevel splitter is given by

LyLy = [ashi] log(m) (10.38)
where

Lm» = the loss of the m-outputsplitter chain in decibels
L; = the loss in one two-way splitter (3.5—4 dB usually)

it is also possible to constructa splitter chain with a number of outputs not equal
to 2" by simply terminating the splits early on some of the chains. Equation
(10.38) must be modified in this case.

Where output port isolation is important in multiport applications (such as
headend combining) one alternative is to use ports in multilevel splitters that are
not derived from commonstages for critical applications. As shown in Figure
10.22(c), if two splitter outputs are connected to the same second-stage splitter,
the isolation between them is merely the isolation of that stage. On the other
hand,if two ports are not connected to the same second-stage splitter, then the
isolation realized will include the effects of thefirst-stage splitter, as shown in
the figure. Unfortunately, manufacturers may notindicate internal splitter con-
figurations or specify nonadjacentport isolation.

Another higher-isolation alternative is to construct multiport splitters from
cascaded directional couplers. Generally, side ports of adjacent, series-connected
couplers will be better isolated than outputs from single-stage splitters.

10.4.3 Taps

The most common tap configuration consists of a directional coupler with the
side arm signal split two, four, or eight ways to create customer drops. Although
the input and through ports are typically provided with connectors appropriate
for distribution cable, the side arms are equipped with connectors appropriate
for drop cable. In North American systems, this means “5/8-24” ports for input
and through ports and type F connectors for the drops.

A tap need not have a through port. At the end of theline, it is common to
use a terminating tap, whichis just a splitter whose output legs are equipped
with drop connectors.

Until about 1995, taps supplied RF signals, but not power, to customer drop
lines and were limited in main-line current-handling capacity to 7 amperes or
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less since this was adequate for entertainment-based cable television systems.
With the active consideration of HFC architectures for telephony service came
increased demands on tap capabilities:

« Bandwidth expansion to 5-1,000 MHz

® The ability to supply power to side-of-house active network interface devices
(NIDs) that could provide an interface between baseband twisted pair
in-home telephonecircuits and the RF carriers in the distribution system

Provisions for changing tap values and configurations without interrupting
service to customers farther along the distribution cable

Increased voltage and current capability, typically 90 Vrms and 10 amperes,
in order to allow transmission of sufficient power for both network ampli-
fiers and NIDs over the same coaxial cables formerly used only for video
service

The new generation of taps that have evolved are known as power-passing taps
or, sometimes, telephony taps. In addition to normal tap capabilities, they tap
into the distribution cable power andselectively provide current-limited power
along with RF signals to a NID on each home. Depending on the design,this
power may be multiplexed with the signals in the coaxial drop cable or carried
along a separate twisted pair of copper wires in a hybrid cable configuration. In
general, these taps also provide a make-before-break connection between the
input and through ports whenthe tap “plate” (which containsall the circuitry) is
removed from the housing so that both RF and powercontinuity are maintained
to customers downstream.

A major concern for those using the drop center conductorto carry power to
NIDsis that,if arcing occurs because of a faulty center conductor contact, the arc
will transfer a very significant amount of RF powerto the upstream plant,likely
causing interference with all users of the reverse spectrum. On the other hand,
an are often causes healing of a bad contact and,thus, can be self-healing.

Figure 10.23 is a circuit diagram for a typical power-passing tap that uses the
drop center conductor to pass power to the NID. The RF portion of the tap consists
of a directional coupler and two-way splitter (the diagram is for a two-port tap).
The directional coupler diverts a controlled portion of the downstream signal and
passes it to the splitter, which divides the power to feed the subscriber ports.

Multiplexed ac power consideration in taps is similar to that on amplifiers
and other network passives. Capacitors C1 and C2 isolate the multiplexed power
supply voltage and current from the directional coupler RF components. Trans-
formers T1 and T2 are built with very fine wire to permit operation at frequen-
cies up to 1 GHz and would be unableto withstand the currents that would result
if the primary of Tl were required to handle several amperesof ac currentorif
the primary of T2 hadtens of volts of 60 Hz across it. The multiplexed ac power
is shunted across the tap through the large RF choke L1.
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Figure 10.23 Power-passing tap using drop center conductor for powerdelivery to home.

A choke with somewhatless current capacity, L2, provides a path for the
multiplexed powerthat will feed the customer ports. Since this choke is shunt-
connected across the main RF path,it must have a higher RF impedance than L1.
The unavoidable RF loss due to this choke is one reason power-passing taps
have a slightly higher RF loss than normal taps.

In order to permit the tap plate (which contains most, if not all, the circuitry)
to be removed without interrupting either power or RF continuity in the hard
cable distribution plant, many modern taps incorporate a mechanical bypass
switch that engages before the tap-to-baseplate connections are broken to pro-
vide continuity from input to through ports. During the removal orinsertion of a
tap plate, therefore, there will be a brief interval when both the bypass and main
connections are made. This will cause a transient condition during which the
primary of T1 will be shorted, but the primary of T2 will function normally. This
momentary mismatch will cause some attenuation of the transmitted signals.
Whetheror not it causes a functional problem to the services offered will depend
on the characteristics of the signals used.
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Continuing with the description of the circuit, capacitor C3 is used to
ensure a good RF ground on the “cold” end of L2. Positive temperature
coefficient (PTC) resistors PTC] and PTC2 limit the ac current that can be
drawn through the customer ports. At normal currents, the PTC resistor (com-
monly called just a PTC) exhibits low resistance. As more current is drawn, its
temperature increases, causing a resistance increase and effectively limiting
the total current, Electronic current limiters have been proposed as an alter-
native to PTCs, but to date have not been widely deployed because of cost.
New National Electric Code (NEC) regulations, effective in 1999, require a
more sophisticated current-limiting system if the drop cable does not meet
certain construction and installation criteria.

Finally, inductors L3 and L4 couple power to the two tap ports shown,again
isolating the RF signals from the ac supply. As with L2, the reactance of these
components must be sufficient to minimize RF losses, and their presence leads to
slightly higher overall RF losses in commercially available power-passing taps.

The relationship between passive specifications and system performance
will be explored in Chapter 15.

Power Supplies

Power supplies convert commercial power to lower voltages that are multiplexed
with RF signals in the coaxial cables. Although notpart of the RF circuit, certain
characteristics of power supplies have an effect on the transmission ofsignals.

Direct current, very low frequency(as low as 1 Hz) ac, and 60-Hz ac haveall
been considered for system power, as have voltages between 30 and 90volts.
Direct current (dc) has been rejected primarily because of possible galvanic
corrosion. Early cable television systems used 30 volts, but the increased power
demands of wider-bandwidth, higher-output amplifiers forced the industry to
convert to 60 volts for systems constructed after about 1970. Two factors are
forcing consideration of even higher voltages: the desire to power larger plant
sections from a single power supply to improvereliability (see Chapter 20 on
HFCreliability for a detailed explanation) and the possibility of powering some
terminal equipment through the distribution plant.

Along with the increase in voltage has come a requirementto increase
currents as far as practical, with requirements to pass 10-15 amperes being
common. Since current from supplies can be transmitted both ways along the
cable and/or inserted into more than one cable, power supplies with 40 or more
ampere capacity are available.

Field power supplies are roughly divided among nonstandby, standby, and
UPS/standby types. The basic componentof a nonstandby,line frequency power
supply is the ferroresonant transformer. Though its magnetic design is beyond
the scope of this book, ferroresonant transformers have a numberof properties
of interest to operators: (1) output voltage regulation (a typical specification is
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+5% output voltage change whenthe input voltage changes +15%), (2) inher-
ent current-limiting and short-circuit protection, (3) transient protection, and (4)
90% or better efficiency at rated outpul current.

Standby power supplies add a battery charger, a set of rechargeable bat-
teries, an inverter, and a changeover switch, The charger assures that the
batteries are always heldat full charge, whereasthe inverter starts and supplies
square wave power to replace the sine wave commercial power when it is
interrupted (see Figure 10.24). Depending on the application, sufficient battery
capacity may be provided for 2-8 hours or more of standby operation,

An important parameter for operation in the standby mode is the rise and fall
time of the square wave voltage. As Equation (10.35) shows, the amount of ac
power supply current that “leaks” into the low-level signal path in amplifiers and
passivesis directly proportional to therise time ofthis waveform. The trade-off, for
powersupply designers,is that the efficiency of an inverter is an inverse function
of the time the transistors spend in their active region (thatis, not in a saturated or
cutoff condition). Also, the power lost due to slow switching is dissipated in the
transistors and must be conducted awaybyheatsinks. Unfortunately, the industry
does not have a consensus on the best compromise on rise time,

When commercial powerfails, there is an unavoidable butbrief interruption
while the relay switches between the ferroresonant transformer output and the
inverter transformer output. Typically, the time to switch is 8-16ms. Most sup-
plies synchronize their inverters with commercial power before switching so that
phase shift transients in the power supplies of the amplifiers can be avoided.

As will be discussed in Chapter 11, even with inverter phase synchronization,
the short switching transient can be a problem when analyzed with respect to its
effect on cascaded amplifiers. To avoid that, a third alternative is the uninterrup-
tible power supply (UPS). Some UPS versions of field supplies avoid switching
transients by utilizing the sameferroresonant transformer for both inverter and
commercial power. During ac power outages, Commercial power is disconnected,
and the inverter continues to supply power via an additional primary winding.

 

To power inserter

 
Figure 10.24 Basic standby power supply functional diagram.
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Summary

This chapter has covered the technology behind coaxial distribution systems.
The characteristics of the coaxial cable, amplifiers, passive components, and
powering systems have been covered in detail, including both the theory behind
operation and the performance of commercially available products.

Although other constructions are sometimes used, solid aluminum sheathed
eable of 75-ohm impedance has been seen to offer a good combinationofloss,
cost-effectiveness, and handling characteristics and are in common use world-
wide. Amplifier stations designed for cable systems are designed with unique
characteristics that complement the characteristics of the interconnecting cable
and passive devices. Integrated powering of active devices through the cable
avoids the necessity of separately connecting each distribution system amplifier
to the local utility, but requires special circuitry in every device to separate the
power and signal paths,

Before the mid-1980s, cable television systems used primarily coaxial tech-
nology (sometimes supplemented by broadband microwavelinks) to serve their
customers. Chapter 11 will cover the design of coaxial distribution systems,
including both the shared portions and individual in-home “drop” wiring. As
will be seen, the performance of such networks is subject to certain unavoidable
limitations that become more severe as bandwidth is increased. As a result,
modern systems generally use fiber-optic “supertrunks” in place of the long,
repeatered coaxial trunks to interconnect small, physically separate coaxial
distribution networks with shared headends. Chapter 12 and 13 will cover the
technology and performance of such links. Chapter 14 will then cover alterna-
tives to fiber optics (primarily microwave). Chapter 15 will cover the end-to-end
downstream performance of the broadband network, from headend to subscriber,
and Chapter 16 will deal with upstream issues.
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Chapter 22
Digital Set-Top Terminals and Consumer
Interfaces

Digital Set-Top Terminals andInterfaces

With the widespread availability of digital video transmission on cable systems,
digital set-top terminals (STTs) have taken over the marketplace. Extensive activ-
ities under the auspices of CableLabs and the SCTE, coupled with initiatives from
the FCC and inputs from the consumerelectronics industry, have resulted in a
comprehensive set of standards for digital video transmission and reception. Many
of the standards are recognized by ANSI, the American National Standards Institute.
Where ANSI standard numbers were available at the time of writing, we refer to the
ANSI number and also to the former standard numbers assigned by the SCTE.

A decision by the FCC to separate the STT from program denial created the need
for a replaceable module to contain descrambling functions. The replaceable module
is called a POD (point-of-deployment) security module also known as “cablecard”.
The idea was to allow consumers to purchase their own STTs and obtain a POD
module from their cable company for reception of premium programs. In addition,
TV manufacturers could choose to incorporate provision for POD modules in TV sets,
eliminating the need for an STT altogether, even for premium programming. The
POD module handles all vendor-specific in-band and out-of-band communications
with the headend, supported by modulators and demodulators in the host device.
Host is a generic term used to mean any device that accepts a POD module. This can
include STTs, TVs, and any other device in which you might wantto insert a POD
module. The program input to the POD module is the demodulated 64- or 256-QAM
datastream as it comes from the cable TV plant on the so-called fonward application
transport channel. (The program demodulator is located in the host.) The POD
module descrambles the selected video stream from the incoming MPEG transport
stream.It also handles out-of-band communications with the headend via the out-of-
band (OOB) channel or the DOCSIS channel (advanced host). In addition, the POD
module can handle additional services, such as emergency alert.

Concerns of the entertainment industry have resulted in the need for secure
signal interfaces between STTs and display equipment. The ability to record
signals is controlled by the copyright owner of the program. In this chapter we
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outline the main issues involved in delivering digital TV to the subscriber, Of
necessity, there is a tight coupling betweenthis information and the information
on digital transmission in Chapter 4 and on headend signal processing as shown
in Chapters 8 and 9,

22.2 Relevant Standards

Several sets of standards contribute to the technologies described in this chapter,
Most were generated under the auspices of CableLabs, in cooperation with the
SCTE, and formalized into standards by the SCTE. The SCTE then submitted
them to ANSI, which adopted them as US. standards. Additional standards have
come from the Consumer Electronics Alliance (CEA), part of the Electronics
Industries Alliance, and from European standards bodies.

Digital Video Subcommittee (DVS): A set of standards describing how TV
signals are compressed and transmitted in cable television systems. This
initiative by CableLabs has substantially completed thetransition to ANSI
standardization,

OpenCable: The OpenCable™ initiative was begun in 1997 with a goal of
helping the cable industry deploy interactive services over cable. OpenCable
provides a set of industry standards that help accomplish this goal via key
objectives to define the next-generation digital consumer device, encourage
supplier competition, and create a retail hardware platform.
OpenCable has two key components: a hardware specification and a soft-
ware specification. The hardware specification allows a retail receiver to
provide interoperability, The software specification of the OpenCable project,
called the OpenCable Applications Platform (OCAP), is designed to solve the
problem of proprietary operating system software by creating a common
software platform upon which interactive services may be deployed.
VOD metadata: This is a newerinitiative. It is a project to investigate the
distribution of content assets (for example, movies) from multiple content
providers and sent over diverse networks to cable operators, Metadata is
descriptive data associated with a content asset package. It may vary in
depth from merely identifying the content package title, to information for
populating an EPG, to Providing a complete index of different scenes in a
movie or providing business rules detailing how the content package may be
displayed, copied, or sold.

PacketCable: PacketCable is a CableLabs-led initiative aimed at developing
interoperable interface specifications for delivering advanced, real-time mul-
timedia services over two-way cable plant. Built on top of the cable modem
infrastructure, PacketCable networks use Internet Protocol (IP) technology
to enable a wide range of multimedia services, such as IP telephony, multi-
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media conferencing, interactive gaming, and general multimedia applica-
tions. Much of PacketCable is covered in Chapter 6. Another early and
continuing initiative, DOCSIS, is also covered in Chapter 5.

22.3 Cable TV Digital In-Home Processing

We could have described Figure 22.1 as a representative high-end digital STT,
butit doesn’t necessarily representa real device.' Rather,it could be looked at as
a superset of most real digital STTs or any device that accommodates POD
modules. We'll refer to this as a host, an all-encompassing term used to describe
any device that accommodates a POD module. You may not find all of the
features shown on every host.

Video tuner

(FAT channel)

a|(FDC) [demodulator] | Oh - Resident applications

= = = | ) - OC applications|| Return Xmtr oon | _|- OC middleware
(RDC) modulator | i | |- Set-top 05

|en | | |- Device drivers
- IP stacks 

Figure 22.1 Reprasentative digital host.
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ManySTTsare built with the POD module functions internal to the STT, saa
separate POD module is not necessary. However,the intent of the FCC rules is to

the cable operator. Also, it is possible to build TV sets, VCRs, and other con-
sumer devices with POD module sockets, to allow them to operate as stand-alone devices, but to use the POD module to descramble digital signals. Note that
the POD moduleis required only for scrambled Programming; programs sentinthe clear don't need a POD module to beinstalled.

22.3.1 Block Diagram Description
Video signals are tuned in the video tuner, which can be the same double
conversion tuner used in analog STTs. Figure 21.9 illustrates a tuner in the blocks
from the RF in through the second mixer M2. Dual conversion is used to achieve

by digital or analog signals, respectively. An oval with an H indicates a high-definition signal path, which may also carry standard-definition signals,
Analog signals are routed to an NTSC demodulator of conventional design,A VBI decoder recovers VBI data to be inserted into the video signal in the

multimedia processor, VBI data includes closed captioning text sent in the VBI ofan analog signal, usually on line 21.

The multimedia processor accepts video in several forms as well as accept-ing VBI data from the VBI data decoder, Conceptually, the signals coming fromthe MPEG-2 deeoder May or may not be in NTSC format (depending on thedecoder used). Normally the multimedia processor will convert any format to
RGBfor insertion of staphies. The multimedia processor converts the signal toNTSC for conventional display and to whatever other formats are required, as
which adds VBI text data whencalled for and also displays text and Braphics
Benerated in the host. An example of host-generated Braphics would be the gridof an electronic Program guide,

The output from the multimedia processor may take a number of forms,depending on the capabilities intended for the host. We’ll discuss the interfacesin more detail later, but can name them briefly here.
DVIis a digital interface used to transmit non-compressed HDTV Pictures toa display. HDCP describes the copy protection specified for use with DVI. The

YPrPb display is an analog component interface thatis popular in early HDTVdisplays.It couples luminance (Y) and two color difference signals (Pr and Pb) tothe display device,

Baseband, or BB, videois conventional analog NTSC (or PAL or SECAM)baseband video, as described in Appendix B and in Chapter 2. Ch. 3/4 RF output
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is again the conventional RF interface used to couple signals to TVs that don’t
have any other interfaces available. Generally, the quality of the RF interface will
be the lowest quality of any interfaces, though in many cases you will be hard
pressed tosee the difference between the RF interface and the baseband video
interface. $-VHSis an analoginterface that is the same as baseband video except
that the luminance and chroma aretransferred on separate wires. This has some
distinct advantages in allowing for wider luminance bandwidth and in elimina-
tion of interference between the luminance and chroma information.

Baseband audio is conventional one- or two-channel analog audio for use by
stereo systems. SPDIFis a digital audio interface originated by Sony and Philips
(the Sony-Philips digital interface). {t is a commondigital interface for digital
audio using the AC-3 format specified fordigital transmission in North America.

Note thatthere is one digital interface that does not originate in the multimedia
processor: the 1394 interface specified for standard-definition digital interfaces.
DTCPis the copy protection system specified to be used with 1394 display interfaces.
Thereasonit isn’t shown originating from the multimedia processoris thatit is able
to transfer the MPEG-compressed video from the incoming video stream, plus
information telling the display how to overlay any characters or graphics intended
for display (the overlay information is provided from the multimedia processor).
Thus, when using 1394, the display device, rather than the source device,is required
to form the composite signal by overlaying graphics and/or characters on the
picture. The multimedia processor does not have to assume this responsibility.

Returning nowto a brief tour of Figure 22.1, an optional real-time MPEG
encoder is shown.It is usedif the host wants to be able to convert NTSCsignals
into digital signals for transmission to the display. This could be useful to allow
consistent 1394 interfaces to the display. Another reason for including a MPEG
encoder would be to accommodatea harddisk drive for storing video. The host
would need such an encoder to accommodate analog signals. The storage fune-
tion has come to be known as personal video recorder (PVR). Note the content
encryption at the input to the hard disk interface. This is to ensure that content
captured on the hard disk can be accessed only by the user who was authorized
to capture the video andtolimitits period ofuseif desired.

The POD module controls decrypting of digital video-encrypted signals. All
of the program denial functions that allow the operator to sell premium services
are embedded in the POD module, so the host without a POD moduleis useless
for receiving anything except basic service.

Two options for out-of-band (OOB) communications are shown. The out-of-
band channel is a QPSK tuner and demodulator plus a QPSK modulator
and transmitter conforming to one of two OOB communications ‘protocols
recognized by the SCTE. The two are described later. The second OOB com-
munications channel, anticipated for so-called advanced hosts, is a DOCSIS
modem, as described in Chapter 5. The idea is to build in a DOCSIS modem,
which handles host communications needs. The host could havea data interface to
allow the subscriber to use this DOCSIS modem forall data communication needs.
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Finally, the host CPU is the computer that controls all the functions of the
host. These functions include user interfaces, such as the remote control and on-

‘host controls, as well as any onscreen or on-host displays. The CPU will also
house some resident applications that ship with the host. OCAP middleware
running on the host CPU allows external applications to be written and loaded to
the host. Other functions include external communications, the host role in

network management, managementoffiles, diagnostics, and whatever other
functions the host manufacturer wants to include.

22.3.2 Cable Input

The cable input is standard cable TV signals, including return signals exiting the
host. Input signals range from 54 to about 864 MHz, possibly increasing in the
future. (The low frequency of 54MHz is a North American standard. Other
localities often use higher minimum downstream frequencies, allowing a wider
upstream bandwidth.) The controlling document is SCTE 40 2001 (formerly DVS
313).* This document further references EIA-23 and ELA/CEA-542-B, specifica-
tions developed by the former NCTA/EIA Joint Engineering Committee. ELA-23
defined certain analog interfaces between cable systems and consumerelec-
tronics equipment. EIA/CEA-542-B defines channelization. The channel bound-
aries stated in this specification are reproduced as Appendix A. SCTE 40 2001
defines several types of signals that can be present on the cable plant:

NTSC: These are conventional analog TV channels on the cable.

FAT: This unfortunate acronym stands for forward application transport
channels, which carry digital information via MPEG-2 transport streams.
These are the digital video channels. Modulation is either 64- or 256-QAM.

NTSC and FAT channels may occupy the spectrum from 54 to 864 MHz and
are channelized according to the table in Appendix A.(If history is any indica-
tion, the maximum frequency will increase in the future.) Signal level is
measured at the end of the drop, except as noted. The maximum signal level
is +15dBmV for analog and FAT channels. For analog signals, the minimum
signal level is 0dBmV (governed by FCC rules) at the first consumer-owned
device. Digital signal levels are carried at lower levels because they don’t need
as high a carrier-to-noise ratio (C/N) as do analog signals. 64-QAM modulated
signals are carried nominally —10dB with respect to the level of a hypothetical
analog carrier on the same frequency. 256-QAM signals are carried nominally
—5dB from the hypothetical analog level. The specification allows a wider
range ofsignal levels at the consumer device for digital signals, -15dBmV to
+15 dBmfor 64-QAM and —12 dBmV to +15 dBmV for 256-QAM.

C/N is an important quantity used to judge the quality of a signal delivered
to subscribers. Today, C,'N is sometimes replaced by the carer-to-composite-
noise ratio (CCN) or carrier-to-noise-plus-interference ratio (C/(N + I)). These
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terms recognize that nonlinear distortions and leakage, which introduced essen-
tially CW interference in analog systems, introduce interference that has the
characteristics of noise in digital systems. C/N for an analog NTSC signal should
be better than 43 dB (controlled by FCC rules), though good engineering practice
dictates higher numbers. For 64-QAM the C/(N +1) should be no less than
27 dB, and for 256-QAMit should be noless than 33 dB. Chapter 4 explains why.

FDC: Out-of-band forward data channels carry control information to STTs
and other devices that needit. This is also known as the downstream out-of-
band (OOB) channel for addressable STTs. The information transported
includes STT channel and program information (collectively known as
system information, SI) and STT queries. The main information transmitted
ate entitlement management messages (EMMs), used totell the STT or POD
module what servicesit is entitled to receive. FDCs are usually modulated
with QPSK (4-QAM) and set to -8dB with respect to a hypothetical analog
picture carrier at that frequency. FDCsare carried between 70 and 130 MHz.
RDC: Out-of-band reverse data channels carry return information from the
STT and other devices to the headend. These channels may be carried any-
where between 5 and 42 MHz,depending on the cable system. Thoughreverse
channel output levels may be up to +60dBmV coming out of a device, the
level allowed to appear at the input to another device is limited to +42 dBmvV.

Out-of-Band Channels

The out-of-band FDC and RDC channels may take any of several forms. For
advanced hosts, a DOCSIS modem maybe included in the host to handle OOB
communications. If a DOCSIS modem is included, the host may have an external
interface for the DOCSIS modem toallow it to serve data needs for the entire
home,notjust for the host. The legacy OOB data channel shown in Figure 22.1 is
based on one of two specifications: DVS-178 (SCTE 55-1 2002) or DVS-167
(SCTE 55-2 2002). Table 22.1 illustrates key features of the two standards: both
the OOB FDC and the OOB RDC, SCTE 55-1 was originally developed by General
Instrument: SCTE 55-2 was adapted by Scientific Atlanta from the DAVIC stand-
ard, In addition to two-way communications,it is important to provide for a one-
way communications modeso that if the return channelfails for any reason,
basic broadcast functionality, such as EPG, may be maintained.

22.4.1 Downstream OOB Channels

In the downstream direction, SCTE 55-1 operates at a wire rate (the actual data
rate on the coax) of 2.048 Mb/s, with an information data rate of 2.005 Mb/s.
SCTE 55-2 has two downstream grades, or modes, of which grade A is the only
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Table 22.1 Comparison of out-of-band standards
=

Formerly

Based on

Downstream
Data rate

Nominal information
rate

Frequency

Channel spacing

Modulation

Error correction

Received carrier

power

Segmentation and
reassembly

Addressing

Upstream
Data rate

Modulation and

filtering

Access scheme

Packetization

SCTE §5-] SCTE 55-2

DVS-178—mode A DV5-167—mode B

MPEG, ATM DAVIC

2.048 Mb,/'s 1.544 Mb/s (grade A, required)
3.088 Mb/s (grade B, optional)

2.005 Mb,'s 1.28 Mb/s

70-130 MHz 70-130 MHz

1.8 MHz 1 MHz(grade A)
2MHz (grade B)

D-OPSK,raised cosine

a= 0.5 (filter at receiver)

Randomization, R-5,
interleaving

=10 te +5dBmV

Based on MPEG-2

Broadcast

Singlecast_unit
Singlecast_network
Multicast 40, —16, 24

256 kb/s

D-QPSK, «= 0.5

Polling, Aloha

ATM cell preceded by
28-bit unique word and
l-byte packet sequence,
followed by § bytes
R-5 parity

415

D-OPSK, root raised

cosine a = 0.3 (filter split)

R-5, interleaving, randomization

—18 to +15dBmV

ATM AALS

Broadcast

Singlecast

Grade A (optional): 256 kb,'s

Grade B (required): 1.544 Mb/s

Grade C (optional): 3.088 Mb/s

D-OPSK, «= 0.3

Slotted TDMA synchronized
to a common clock, reserved
and contention slots

ATM cell preceded by 32-bit
unique word, followed by 6
bytes R-5 parity and 1 byte
guard band
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Frequency §.096-40.160 MHz 6~26.5 MHz

Channel spacing 192 kHz Grade A: 200 kHz
Grade B: 1 MHz

Grade C: 2 MHz

RF output power +24 to +60 dBmV +25 to +53 dBmV
Received level at +3+ 1l0dBmvV Four target settings, —5, +3, +11,
headend +19 dBmV,all +3 dB

Required C/'N at receiver 20dB @ PER< 10~’ 20dB @ 10-* packet loss rate
after FEC after error correction

Acknowledgment STT waits for acknowl- Positive acknowledgmentsent
protocol edgment from headend or for every successfully received

enters backoff algorithm ATM cell

Maximum upstream & 8
channels per downstream
channel 

one implemented as of this writing. It features a downstream wire rate of
1.544Mb/s with a data throughput rate of 1.28Mb/s. Both standards include
the same downstream frequency range of SCTE 40, though in addition SCTE 55-1
shows a default frequency of 75.25 MHz.

Notea difference in the downstream filtering in the two standards. In Chapter
4 we showed that most digital transmission systems employ raised cosine band-
passfiltering and that mostsplit the filter evenly between the transmitter and the
receiver, This leads to the description of a root raised cosine filter (the “root”
terminology arises from the fact that thefilter response at each end is the square
root of the overall filter, so when the transmit and receivefilters are cascaded, a
raised cosinefilter results). This is the technique used in SCTE 55-2, but SCTE
55-1 places all the filtering at the receiver. This results in a wider occupied
spectrum on the cable but improves the C/N characteristics of the receiver.

The numbers in Table 22.1 were taken from the SCTE 55-1 and -2 specifications.
There is a difference between them and the downstream received signal level
specification of SCTE 40, butthe difference is not of practical concern if you follow
the recommended practice of placing the data carrier -8dB from a hypothetical
analog picture carrier at the same frequency. Note also that the downstream addres-
sing for both standards allows addressing either individual hosts orall hosts at once.

22.4.2 Upstream SCTE 55-1 Channel

In the upstream direction, SCTE 55-1 uses a single data rate of 256 kb/s. The
difference in upstream access schemesis of interest. SCTE 55-1 has a polling
channel. A polling protocol may be thoughtof as a “speak only when spoken ta”
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protocol. Each host is polled and responds when polled and only when polled.
This polling channel (which can be a separate return frequency) is used to allow
the host to report its health and to report any pay-per-view programs that have
been watched since the previous poll. Other non-time-critical data may be
transmitted on the polling channel. Polling takes place on an. infrequent
basis — each Host may be polled perhaps once per day.

SCTE 55-1 also specifies one or more Aloha channels. These may be used by
different applications running on the host. For example, a video-on-demand
(VOD) system would like to use the host to request programs at any time and
would also like to allow the viewer to command the program to pause and
Tesume, rewind and fast-forward (so-called VCR functions), Aloha plays a central
role in the vast majority of Ethernet networks in use today. The Aloha Protocol
was developedat the University of Hawaii by Norman Abramson and colleagues
in the late 1960s as a way to communicate by radio between the various islands
and interisland shipping interests, The radio channels used in Hawaii had a lot in
common with the return channel of cable systems today. The Aloha Protocol
allowed any station to transmit when it needed to transmit, rather than having to
wait until it was “invited” to transmit, using polling techniques. There was no
guarantee that one station would be able to hear any other station that was
transmitting at the sametime. In the original application, this was because of
the vagaries of radio paths. In cable plant, there is no way to route a signal from
one host to another, so when onehostis transmitting, no other hosts will know it.

In a pure Aloha system such as in SCTE 55-1, when a host has something to
say, it transmits and then waits for an acknowledgment from the headend. If no
one else is using the channel, the transmission gets through, the headend
acknowledges it, and the host goes on aboutits business. If an acknowledgment
is not received within a designated time, the host assumesits message didn't get
through because another transmissionat least partially overlapped with its trans-
mission. This means there is at least one other host trying to communicate. So the
host waits (“backs off”) a random time andtries again. Chances are that the other
host who was transmitting at the sametime has backed off for a different random
time and that on the nexttry both will get through and will be acknowledged.

Pure Aloha systems work well when there are a lot of potential “talkers,” each
needing the channel a small percentageof the time but needing it quickly when it
is needed. A VOD application is a good example. Normally, VOD systems allow
the subseriber to have VCR-like control, in that they can pause and resume the
program, rewind, or fast-forward. A lot of subscribers can be watching VOD and
sharing a return channel to send those commands to the headend. Rarely does any
one subscriber want to use any of those VCR-like controls; but when he does, he
needs a response fast from the headend.* Polling wouldn’t work, because even

* There are some instances involving networked PVRs in which a number of people will want to
simultaneously access the VCR-like controls, stressing Aloha.
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fast polling of many hosts could take minutes if not hours. A VOD viewer would
not wait that long to get a response to, say, a pause command. Butsince there are
few commands issued by each subscriber, many can use the channel and not
experience significant interference. A pure Aloha system can beutilized to about
18% before delays due to collisions become unacceptable.”

Figure 22.2 illustrates a typical STT communications channel based on SCTE
55-1 (formerly DVS-178). Some cable TV systems are intended to be locally con-
trolled in terms of STT authorization, and these systems use a control computer.
Other systems using SCTE 55-1 are designed to be controlled from a central point
via satellite. These systems don’t use a control computerbut, rather, have a master
integrated receiver-transcoder (IRT—a digital satellite receiver) that supplies con-
trol information. Either the master IRT or the control computer supply signals to an
OOB modulator, which sends the downstream QPSKsignal as described in Table
22.1. This signal is combined with all other downstream signals and supplied to the
distribution network, commonly via a downstream optical transmitter.
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Figure 22.2 SCTE 55-1 communications system.

418



419

|

858 Chapter 22 Digital Set-Top Terminals and ConsumerInterfaces

In the upstream direction it is common (though not universal) to make
provision for several upstream return path demodulators for each downstream
modulator. Upstream signals, either polling or Aloha Protocol, come to the
headend, usually on an upstream optical receiver. Since there may be multiple
combinations of upstream signals for different services, as described in Chapter
9, there will be some combining and splitting loss in the signal path before the
upstream signals reach the assigned return path demodulator. The demodulators
used may be assigned to different groups of STTs (by the way the upstream
signal managementis done), or one receiver may be assigned as the polling
receiver and the others assigned as Aloha Protocol receivers, each supporting a
different service (such as VOD or game playing). The receivers may be assigned
by virtue of being tuned to different upstream frequencies. For example, the
polling receiver might be assigned to 8.096 MHz (the lowest channel) and the
VOD receiver (Aloha Protocol) to 8.288 MHz, the next channelup.

Eachreceiver demodulates the QPSK upstream signals and suppliesit to the
headend managementsystem andthe network controller. The headend manage-
ment system receives the information on the polling channel and handles inter-
faces with the billing system and other systems needing access to the
information. The network controller provides interface to third-party applica-
tions, such as a VOD system.

22.4.3 Upstream SCTE 55-2 Channel

The system used in SCTE 55-2 (formerly DVS-167) for return transmission is
significantly different from the SCTE 55-1 system.It is called a timedivision multiple
access (TDMA) system. SCTE 55-2 allows for three different upstream data rates,
though only oneis implemented asofthis writing. Figure 22.3 shows the overall
system. Systems using SCTE 55-2 were generally designed to operate with local host
control. A digital network contro! system (DNCS) provides physical interface to
applications needing access to the STTs, The control transmitter is the OPSK trans-
mitter that generates the downstream signals shown in Table 22.1. As with SCTE
55-1 systems, several receivers may be used to improve the upstream throughput.

The upstream receivers demodulate the incoming signals and pass them to
the control transmitter, which in turn Passes signals to the DNCS. The DNCS
Manages some of the communications with hosts itself and relays other com-
munications to and from other computers running various host tasks.

Upstream transmission is synchronized from a common clock at the head-
end, Downstream transmissions are divided into repeating signaling link
extended superframes (SL-ESFs). Each SL-ESF consists of 24 frames, each carry-
ing 193 bits (1 synchronizing bit and 192 data bits). Timing for the upstream
begins with receipt of SL-ESF STARTfrom the headend. Upstream time slots are
defined from this start of the downstream SL-ES F. Normally each Host that needs
to talk reserves one or more of the upstream time slots in which to talk. Time
slots may be assigned for one-time use or may be reserved for a longer duration
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Figure 22.3 SCTE 55-2 communications system.

if an application needs it. An application may also reserve adjacent slots. For
upstream transmission at 1.544 Mb/s, the most common speed, there are nine
upstream time slots for each SL-ESF. These time slots consist of a unique word
(UW) that serves as a run-in to synchronize the receiver clock. Followingthis is
a 53-byte ATM cell. This is followed by a Reed-Soloman error correction word
and finally by a guard time, which ensures that small timing errors don’t cause
transmission overlap from different hosts.

Propagation time between the headend and the host is important, since it is
necessary to time all transmissions to arrive at the headend at the proper time.
The propagation delay difference between a hostthat is close to the headend and
one that is distant is significant, so a ranging function must be applied to each
host whenit is first added to the system. The headend measures the time delay
between the “expected” response time from the host and the actual response
time, and it tells the host how much to advance its timing so that the signal
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arrives at the headend at the correct time. Other systems that depend on tight
timing also have this ranging function.

In order to allow a host to gain accessto a timeslot, there must be provision
for a host to inform the headendthatit needsa timeslot. Also, when a new host
is added to the system, it is necessary to allow it to inform the headendofits
presence. In order to meet these needs,a return timeslotis occasionally set aside
for contention. This time slot will work very similarly to the Aloha system
described earlier, except that rather than the host’s having theability to begin
“talking” at any arbitrary time, it must wait for a contention time slot, whichis
defined by the headend. This modification of the pure Aloha Protocolis called
slotted Aloha. There is a time slot set aside periodically in which any host
needing access to a reserved time slot so informs the headendin the contention
time slot. The headend acknowledges the request and assigns an available time
slot for that host. Whereas a pure Aloha system becomes unusable at about 18%
utilization, slotted Aloha can operate with a utilization of up to about 37%,
because there are no partial time overlaps.

The inset drawingat the lowerrightof Figure 22.3 illustrates the sequenceof
events that a host must go through in order to deliver an upstream message.
Step 1 is to wait until a contention slot comes along. The host transmits its
request for an upstream timeslot to the control transmitter, which manages the
assignment of timeslots. In step 2, the control transmitter assigns a time slot to
the host. In step 3, the host transmits its data. The upstream timeslotis normally
assigned in the second SL-ESF following the request. Some short messages may
be sent in the contention slot rather than going through the process of petting an
assigned timeslot.

22.4.4 Advanced Hosts

As shown in Figure 22.1, a DOCSIS communications channel may be substituted
for the SCTE 55 communications channel. This so-called DOCSIS set-top gate-
way, DSG, uses Ethernet tunneling to transmit data to the host, and so it doesn't
need the QPSK channel described earlier. See Chapter 5 for a discussion of
DOCSIS modems. If this is done, it is also possible that the host will include an
interface to computers, so the modem may be used both for host communica-
tions needs and for computer communications. Possible interfaces include
Ethernet, USB, and IEEE 802.11, among others.

22.5 Output Interfaces and Copy Protection

4A number of output interfaces are shown for the model host of Figure 22.1.
We shall first cover the various analog interfaces that are popular on
early-generation digital STTs; then weshall cover the digital interfaces.

421



422

 

22,5 Output Interfaces and Copy Protection 861

22.5.1 Analog Interfaces

BB Video

This is thecommon baseband analogvideo interface described in Chapter 2 and
Appendix B. Sound is not included. The significant frequencies extend from
nearly 0 to 4.2 MHz for NTSC video and from nearly 0 to 5 MHz for PAL video.
Composite video (including sync, as described in Appendix B) is transmitted at a
level of 1 volt p-p, with a source and load impedance of 75 ohms. Normally, the
common “RCA” connectors are used, though occasionally other connectors,
such as BNC, are employed. Impedance matching is important if the connecting
cable is long, to prevent ringing or ghosting. The quality of the interface is better
than that of the Ch. 3/4 interface described next but not as good as the other
analog interfaces described, because the chrominance information is combined
with the luminance, and the two must be separated before they can be pro-
cessed. The filters used to separate the two are imperfect; even if perfectfilters
were available, there would be some inevitable interference.

Ch. 3/4 RF

This is baseband video modulated onto an RF carrier, identical to signals trans-
mitted on cable systems and overthe air, The one exceptionis the lower sideband,
which is normally removed by the vestigial sidebandfilter (described in Section
8.3.7). Vestigial sideband filtering is done to allow adjacent 6-MHz channels to be
used, Often the vestigial sidebandfilter is omitted in consumer products. This has
no effect on the quality of the signal received, but it does preclude placing another
signal in the lower adjacent channel. Also due to cost, the sound carrier frequency
may not be as accurate, and the picture/sound carrier amplitude ratio may vary.
Again, these differences should not pose a problem in consumer applications.

Although the quality of the Ch, 3/4 video interface can be quite good, ofall
the interfaces available, this one would be considered the lowestin quality, since
it starts with composite video and modulates it onto a carrier, requiring demodu-
lation in the receiver. The extra modulation and demodulation steps cannot
improve the quality of the signal.

In North America it is common to use channel 3, except in areas having an
off-air channel 3, in which case channel 4 is used. Channel 2 is not commonly
used becauseit is the second harmonicof the old citizen’s band radio service
(CB), and harmonics of CB services have been known to impair reception.

The signal level coming out of the STT should be above OdBmV and less
than approximately 15 dBmV. Sound is modulated onto a subcarrier at 4.5 MHz
(NTSC), 5.5 MHz (PAL-B/G), or 6 MHz (PAL-I). F connectors are used almost
universally in consumer equipment.It is important to ensure that the source and
load impedances are 75 ohms and that 75-ohm cable is used, regardless of the
length of the cable.
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S-VHS

This standard originated in the mid 1980s as S(uper)-VHS, an improved version
of VHS consumer videotape. The recording standard did not become popular for
consumer use, though it has been used for semiprofessional purposes. Com-
pared with normal VHS recording, there were some differences in the way the
recording was made onthe tape. Theinterface is now sometimes called S-video.

Luminance and chrominance (color) signals are transmitted to the display
on different wires. The luminance information is transmitted as a baseband
1-V p-p signal including syne, just as in baseband video. The color subcarrier
(3.58 MHz in NTSC and 4.43 MHz in PAL) is not superimposed on the luminance
as it is in normal baseband video. Rather,it is transmitted on a different wire,
The advantage is that no filtering is needed to’ separate the luminance and
chrominance information. This permits wider bandwidth of the color signal,
improving color resolution. Many TVs today have S-VHSinputs, and excellent
quality can be achieved usingthis interface.

Besides allowing wider chrominance and luminance bandwidths, 5-VHS
eliminates cross-color effects that arise when the chrominance and luminance
signals interfere with each other, Cross-color effects may be seen, for example,
whenfine diagonalstripes, such as in a striped jacket, are on the screen. You
have seen spuriouscolors surrounding such images. Spurious color occurs when
luminance signals with a lot of high-frequency content (as are generated by
diagonal stripes) mix with the color spectrum, confusing the color demodulator.
Since properly produced digital video is derived from a signal that has never
existed in composite analog video format, use of $-VHS connection eliminates
cross-color effects.

5-VHS uses a four-pin miniature connector. As shown in Figure 22.4, the
luminance (Y) and chrominance (C) each have their own ground. The lumi-
nancesignalis identical in every respect with the baseband luminance signal,
including sync. The chrominance signal is a modulated 3.58-MHz (NTSC) or

a

¥ signal C signal

¥ ground C ground

Figure 22.4 S-VHSpin function.
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4,43-MHz (PAL) signal identical with the color subcarrier of the composite
baseband signal. If you combine the Y and C signals, you will have a proper
composite baseband signal. Again, the reason for the S-VHS connectoris to keep
the two signals separate so that they will not interact. A second improvement is
that separating the chrominance from the luminance allows a wider chromin-
ance bandwidth,resulting in sharper color edges.

Audiois not carried on the connector andis normally carried asleft and right
audio on a pair of cables terminated in RCA jacks.

¥PrPb

This is an analog componentinterface using three cables to transfer the lumin-
ance (Y) and red andblue difference signals (Pr and Pb). It is used for standard
definition video and may optionally be provided for HDTV display interface.
Sync is carried on the luminance channel. Analog copy protection may be
included, as described later. Three separate coaxial cables are used, often bound
into a single cable. For consumer applications, RCA connectors are used,
whereas BNC connectors are frequently used in professional applications. As
with other video signals, 75-ohm cable should be used, though non-impedance-
controlled cable is sometimes used in consumer applications.

As shownin Chapter2, a color television signal is composedof red, green,
and blue components. For transmission, these components are converted to a
wideband luminance (Y) signal and two narrowerband colordifference signals.
Whenthesignals are transmitted in analog form, the color signals are called the
Pr and Pb signals, for the luminance minus red and luminance minus blue
components. The same components, whenin digital form, are called YCrCb.

The components are defined by CCIR Recommendation 601 for modern
systems as follows:

¥ = 0.299R + 0.587G + 0.1148

0.5

Pa= 19.299 8-¥)
= —0.169R — 0.331G6+ 0.58

0.5

Pe=T—gaa 8 -Y)
= 0.5R — 0.4196 — 0.0818

The physical interpretation is as follows. Assume the red, green, and blue
(RGB) outputs from the camera rangefrom 0 for black to 1 (the units can be volts
or somearbitrary unit) for maximum of each primary color (the camera must be
adjusted such that these maximums correspond to the “brightest” color to be
reproduced). Then at each pixel (picture element, or the smallest resolvable
element in the scene), R, G, and B will each have a value. The luminance (Y)
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signal is computed from thefirst line of the equation, which approximates the
response of the human visual system to each color, In order to make up the two
color difference signals, the difference between Y and the R and B channels is
taken, with the scaling factors shown. Notice that the color difference signals can
take on negative values, even though there are no real negative colors. The two
color difference signals usually have one-half the bandwidth of the luminance
signal (less in analog transmission systems).*

The foregoing equations are usually written in matrix form,

Y 0.299 0587 0.114][R
Pe} =|-0.169 -0.331 0.500|/G
Pp 0.500 —0.419 —0.081/ |B  

Analog CopyProtection

An analog copy protection system was developed a few years ago to prevent
consumers from recording premium programs on VCRs. It is used to prevent
recording on analog video outputs from the host as well as on DVD players. The
system takes advantage of the fact that VCRs use AGC on the video signal to set
the peak-to-peak amplitude of the video signal before recording. Special signals
are inserted in the vertical blanking interval that cause the AGC to set up to the
incorrect level part of the time.

BB Audio

This interface is conventional analog transmission of baseband audio, In stereo |
systems,left and right channelinformation is transferred, For home theater use,
5.1 channel audio can be transmitted on six cables. The channels areleft, center,
and right front channels, left and right rear channels, and a low-frequency
enhancement (LFE) channel. The LFE channel is limited to approximately
20-100 Hz and hence is considered “0.1 channel.” Used to provide “feel” to
movies in home theaters, it is an optional feature of digital TV. (There is a
newer practice that uses a one or two rear channel for 6.1- or ?.1-channel
audio, but this is not officially supported in mostinterfaces as of this writing.)

Common interface levels are about 1 V rmsat full modulation. The terminat-
ing impedanceis usually 2 kilohms or higher, and the source impedance is much
lower. Because the frequencies of audio are so low, there is no need to maintain
impedance match in consumer systems, and maintaining a much higher load
impedance than the source impedance enables more than one load to be placed
in parallel is desired. Compare this practice with professional equipment, where
a load impedance of 600 ohmsis used. The source impedanceis often, but not
always, either 150 or 600 ohms. Though the impedance of the cable is not
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critical, it is important to use a high-quality shielded cable to minimize hum
pickup and crosstalk.

Consumer equipment almost always uses unbalanced transmission,
whereas professional equipment almost always uses balanced transmission,
drastically improving the immunity to hum and spurious signal pickup. The
issues related to balanced and unbalanced transmission are covered in Section
8.9.2. If long cables are used, there is some possibility of high frequencyroll-off
due to cable capacitance. This is normally not a serious problem in small home
entertainment clusters, but if you find yourself running audio cables between
rooms or connecting them with Y adapters, you should pay attention to thetotal
cable capacitance. With a source impedance of 2 kilohms and a high load
impedance, a total cable capacitance of some 800 pf could marginally impair
frequency response (we are being conservative). Typical audio cables seem to
exhibit capacitance of about 30pf per foot, so as the total cable distance
approaches 25 feet per channel, it could introduce some very minor response
problems if the source has a 2 kilohm output impedance.

22.5.2 Digital Interfaces

DVI

This is the interface specified for high-definition digital displays. Uncompressed
RGB(red-green-blue components, as opposed to luminance andcolor difference)
digital video is transmitted, so the MPEG decoderis in the host. DVI has its roots
in computer monitors. Manufacturers recognized that with high-resolution
monitors the analog interfaces that had been used for many generations of
product were now limiting performance. Furthermore, with LCD displays, the
signal to be displayed was converted to analog in the computer and then sent to
the display, where it was converted back to digital. DVI was created by the
Digital Display Working Group (DDWG)to convert analog signals into digital
signals to accommodate both analog and digital monitors. The standard specifies
a single plug and connector that encompass both the new digital and legacy
analog interfaces as well as a digital-only plug connector. However,for televi-
sion applications, the analog channel is not used. DVI handles bandwidths in
excess of 160 Mb/s per channel and thus supports UXGA and HDTVwitha single
set of links. Higher resolutions can be supported with a dual set of links (not
used for HDTV applications).®”

The interface uses a physical transmission protocol known as transition
minimized differential signaling (TMDS). In concept it is similar to 8B/10B
encoding used with gigabit Ethernet and described in Chapter 19. Two additional
bits are added to each word for the purpose of minimizing the number of
transitions (in this case) while removing any DC component ofthe signal.

Figure 22.5 summarizes information concerning the physical interface used
in DVI. Figure 22.5(a) shows the transmission of signals between a host such as
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Figure 22.5 The DVI. (a) Communications channels, {b) DVI plug.(c) Equivalent electrical circuit. (d) Waveform,

an STT on the left and a display on the right. Pixel and control data are
transferred to a TMDStransceiver and across a data channel (a DVI cable) to a
TMDStransceiver on the display, which converts the signals back to pixel and
control data for the display. Two complete digital links are included in the DVI
specification, called link 0 and link 1. Each link consists of three data channels,
for blue, green, and red data. A commonclock line is used for all channels, The
reason for twolinks is to double the effective data transfer speed. Only link 0 is
needed for HDTV applications. Data channel 0 carries blue information, data
channel | carries green, and data channel 2 carries red information. Horizontal
and vertical syne information is carried in the blue channel. (Note that this is a
different practice from that normally used in analog component video, where the
green channel carries sync. Green is the logical choice in analog practice because
the picture is made up Predominantly of green. In digital, there is no particular
reason for the sync to appear on one channel over any other.)
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DVI can operate at data rates from 25 Mb/s to 165 Mb/s, depending on how
much data is required to be transferred, At the same framerate, there is up to 5.3
times as much information that must be transferred for HDTV as for SDTV,
depending on the display format being used.

Figure 22.5(b) illustrates the connector used for DVI. Though not specified
for HDTV use, there is an option for conventional analog signals in accordance
with the VESA specification. If it is supplied, an additional four connections are
used at the bottom of the connector. The digital signals are transferred on the 24
pins shown.

Table 22.2 shows the connections in the DVI connector. The twoitalicized
rows in the center are used for link 1 and are not used for HDTV applications.
Display and clock data are transmitted as balanced signals. Each data channelis
individually shielded, with the shield ground being shared between link 0 and
link 1. The DDC clock and data are used to identify the type ofdisplay, controlled
by the VESA data display channel specification. Negotiations carried over this
link allow the host and the display to agree on operating parameters. The hot
plug detect on pin 16 places a ground on the host pin 16 when a display is
plugged in. It allows a user to plug in a display after the host is powered up. The
ground generates an action by the host to determine the type and capabilities of
the monitor that has just been connected.

Figure 22.5(c) illustrates the method used for clock and data signal transmis-
sion between the host and the display. This is a balanced transmission technique
using terminating resistors at the receiver and switched current sources at the
transmitter. Note the similarities between this method of data transmission and
balanced audio transmission as shown in Section 8.9.2. Balanced transmission is

knownfor reliable transmission while generating low radiated emissions. Data
actuates the switch in the transmitter, which alternately connects the data + and
data— lines to the current sink, a circuit that pulls 10 mA to groundat all times.

Table 22.2 DVI connector pin functions
a

Pin Signal Assignment Pin Signal Assignment Pin Signal Assignment

1 TMDS data 2— 9 TMODS5 data 1— 17. TMODS data 0—

Z TMDS data 2+ 10 TMDS data 1+ 18 TMODS data 0+

3 TMDS data 2/4 shield 11 TMDS data 1/3 shield 19 TMDS5 data 0/5 shield

4 TMDS$ data 4— 12 TMODS data 3— 20 TMODS data 5—

5  TMDS data 4+ 13 TMDS data 3+ 21 TMDS data $+
6 DDC clock 14 +5V power 22 TDMSclock shield

? DDC data 15 +5¥ ground 23 =TDMS clock +

8B NAC. 16=Hot plug detect 24 TDMS clock —
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When the switch is open for the data+ line, it is closed for the data— line, so
current is pulled through R1, creating a nominal half-volt drop in R1. Since no
current is being pulled through R2, the data+ line is at the supply voltage,
nominally 3.3 volts. When the switch changes states with data, the opposite
occurs. Figure 22.5(d) illustrates the waveform on data+ and data—, The voltage
varies between +-3.3 V and +2.8 V, with the twodata lines at Opposite polarity at
all times. Thus, the total nominal swing between the twodata lines is 1V peak-
to-peak, A differential amplifier in the receiver converts the differential signal to
a single-ended signal for use within the receiver.

Since all signals are balanced with respect to ground, and assuming the two
wires carrying each signal in the cable are twisted, then very little signal can
radiate. There are rather wide tolerances on the voltages and currents shown, so
you May measure a significantly different voltage swing in a real system. There
is no absolute maximum specified length of the cable; indeed, it would depend
on the clocking speed. For test purposes, the cableis to be 5 feet long. Nominal
length to connect the cable between a STT and a monitor might be 6-12 feet:
there is some thoughtthatat least at lower speeds the cable could work to about
35 feet. In contrast to the IEEE 1394 interconnect, DVIis not intended for bus
applications. It is not possible under the existing standard to transfer individual
picture components and have thedisplay put them together, so it is necessary for
the multimedia processor to assemble the complete picture before sendingit to
the monitor,

Copy protection for DVI is described in Section 22.6.4.

1394a

This interface is specified for standard-definition digital displays and for record-
ing. It is a serial bus designed, among otherthings,for interconnecting a cluster
of entertainment devices, such as an STT, a display, a camera, a multichannel
audio system, and whatever else the user wishes to connect, It is designed to
transmit control information as well as program audio and video, andit can
transmit various elements of the final picture separately, relying on the display
to put them together. Whereas DVIis a point-to-pointlink intended to connect a
video source to a video display, the IEEE 1394 link includes additional control
features and is intended to be connected in bus form, interconnecting multiple
devices. MPEG compressed video is transmitted on IEEE 1394alinks, as opposed
to the uncompressed video transmitted on DVI links.

IEEE 1394 is also known commercially as FireWire™ or iLINK™. The
Consumer Electronics Association (CEA) has specified compatibility standards
for using IEEE 1394 in video interfaces, EIA-775-A, DTV 1394 Interface Specifica-
tion." Equipment conformingto this standard bears the logo for DTV Link™,
Products bearing this logo also conform to the profiles of ELA/CEA-849-A,
Application Profiles for EIA-775-A Compliant DTVs. The receiver or display has
the capability of decoding an MPEG2 datastream,so the information passed over

429



430

22.5 Output Interfaces and Copy Protection 869

 

 
 

Maximum 63 nodes per bus, with
multiple buses connected through a
bus bridge; maximum length per
segment is 4.5m.
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Figure 22.6 IEEE 1394 connection system. (a) Connecting multiple devices. (b) Incorrect connection. (ic) Use of A and B
twisted pair.

an IEEE 1394 link is not decompressed in the host. Furthermore, the host can
pass a bit-mapped graphic overlay to the display, and the display will overlay it
on the picture once it decompresses it. Thus, it is not necessary for the 1394-
delivered picture to pass through the multimedia processor of Figure 22.1.” On
the other hand, the multimedia processor does need to provide the graphics
information to the 1394 interface so that it can be passed to the host.

Figure 22.6 illustrates several aspects of the IEEE 1394 bus as used in enter-
tainmentapplications. A number of devices, called nodes, are connected together.
The data rate is up to 400 Mb/s today, with higher data rates being developed.
(Actual wire data rates are 98.304 Mb/s, 196.608 Mb/s, and 393.216 Mb/s. Con-
ventionally the data rates are rounded to the nearest hundred Mb/s.) Termination
of each connection is essential at these rates, so each device must regenerate the
signal to pass it on to the next device, even if it is not otherwise involved in a
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particular transaction. A maximum of 63 nodes may be connected together, as
shown in Figure 22.6(a). If more nodes are desired, a bus bridge may be used to
connect them. The maximum length of each cable segmentis loosely specified to
be 4.5m (nearly 15f), though this is not necessarily considered to be .a limit.
Advanced versions of the IEEE 1394 specification allow longer-distance operation
on twisted-pair and fiber-optic cable.

Figure 22.6(b) illustrates an illegal connection of nodes. Here the three
devices are interconnected by a loop, so there is more than one path for a data
signal to take. This connection will cause the IEEE 1394 interconnectionto fail.
As long as a loop connection is not made, the system can automatically deter-
mine what devices are connected and can determine the capabilities of all other
devices in the network. Connections may be daisy-chained and they may be
branched, but they may not be looped.

As illustrated in Figure 22.6(c), the IEEE 1394 interface consists of two
circuits that are crossed in the cable. Each circuit consists of a twisted-pair
controlled-impedance cable, giving rise to the nomenclature of TPA and TPB.
In the cable, TEA on one end is connected to TPE on the other, and vice versa.

Both pair are used for data communication in both directions in a half-duplex
communications protocol. (Half-duplex means that communicationis carried in
both directions but at different times.) Among other information, data is trans-
mitted on TPB and received on TPA, and a strobe is transmitted on TPA and
received on TPB. The transmission system is nonreturn-to-zero (NRZ) data
in which each bit is represented by only one logic level. To aid in clocking,
the strobe line makes a transition every time two consecutive bits are the
same, This ensures one transition for every bit, which aids in clock recovery at
the receiver.

Figure 22.7 illustrates the IEEE 1394 cable in more detail. The original 1394
specification, adopted in 1995, called out a six-conductor connector, which
accommodated the two twisted pair (TPA and TPB), as well as a power source
(8-40 Vde at 1.5 A maximum). When 1394a was adopted in 2000, a four-pin
connector was used, with the power requirement being dropped. This allowed
a More compact connector, with each device responsible for its own power. Only
the four-pin connector is specified in OpenCable.

Figure 22.7(a) illustrates a six-pin to four-pin cable. The shell is used for a
shield connection, also called VG on the four-pin connector. This is the only
ground connection between the two ends of the cable. Although balanced
transmission is used, it is still necessary to maintain an approximate common
ground between the two ends to prevent amplifier saturation and possibly static
buildup problems. As shown in the pin function chart, TPA and TPA* (the
opposite side of the balanced pair) on pins 5 and 6 of the six-pin connector are
crossed to pins 1 and 2, the TPB and TPB* pins on the four-pin connector. Figure
22.7(b) illustrates the more common four-pin to four-pin connector. Note that
each twisted pair is shielded, with the shields connected to the shell, VG, at each
end of the cable. TPA/A* and TPB/B* are always crossed in the cable.
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Figure 22.7 (EEE 1394 interconnections. (a) Six-wire to four-wire cable. (b) Four-wire to four-wire cable.

Figure 22.8 illustrates the electrical connections on the two ends of each
twisted pair. TPAis illustrated on the left, and the mated TPB pair is on theright.
Follow first the transmission from the strobe transmitter (on the left) to the
strobe receiver (on the right). The differential impedance of the twisted pair is
110 ohms, or 55 ohms from either side to ground. The source impedance is set by
resistors Rl and R2, the series combination of which is placed differentially
across TPA and TPA*. The junction of the two is pulled to a bias voltage,
TpBias’. The strobe transmitter is a pair of switched current sources similar to
those illustrated in the transmitter of Figure 22.5(c) for DVI (the current source
in IEEE 1394is closer to 2 mA than to 10 mA). By using switched current sources,
the source impedanceis set by Rl and R2 and is constant regardless ofthe state
of the strobe transmitter.

The signalis transmitted from TPA/TPA* on the left to TPB/TPB* on the
right over the IEEE 1394 cable. Resistors R8 and R9 form the differential
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Figure 22.8 IEEE 1394 electrical circuits,

termination at the receive end. The junction of the twois pulled toward ground by
R10 and C2. The strobe receiver recovers the logic-level strobe signal. It is a
differential receiver, which puts out a logic 1 or a logic 0 depending on which ofits
two inputs is higher in voltage. The differential voltage amplitude on the signal and
strobe lines is between 118 and 265 mV, depending on the speed of transmission.

Since the IEEE 1394 bus can operate at different speeds, it is necessary for
two nodes to agree on the speed at which they will transmit and receive. This is
done by adjusting the amountofcurrentin the two current sinks I; on the TPB
side. If a node can operate only at 100 Mb/s, thenit does not have the current
sinks, and the value of J, is 0. If the node wants to propose (or: confirm)
operation at 200Mb/s, then it sets Is =3.5mA. For 400 Mb/s operation,
I; = 10mA. The currentfor these two current sinks comes from TpBias’ on the
TPA side through R1 and R2. This current changes the common modevoltage on
the twisted pair, with the common modevoltage being detected on the two speed
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receivers in the lowerleft corner of the diagram. The common mode voltage is
nominally 1.665 V for 100-Mb,'s transmission and 1.438 and 1.03 V, respectively,
for 200- and 400-Mb/s transmission.

The arbitration receivers detect the value of differential voltage on the pair
during arbitration, the process by which nodes compete for the bus. Arbitration
ensures that only one node at a time is transmitting. Upon completion of
arbitration, the winning node is able to transmit a packet or initiate a short
bus reset. Arbitration signaling is a protocol for the exchange of bidirectional,
unclocked signals between nodes during arbitration. The differential voltage
may be forced using a combination of the states of the strobe and data trans-
mitters. Two arbitration receivers are needed to distinguishall the possible states
of the connection.

The nodes must have some way to know when a new nodeis added;this is
provided by the Jey current source in the upperleft. It provides a certain amount
of common mode current on the bus when the TpBias’ is disabled. The current
creates a voltage drop across R10, which is detected by the bias detect compara-
tor in the lowerright. This notifies the existing node that a new node has been
connected to it, initiating the discovery process.'""!

Two classes of data communication between nodes are supported: asyn-
chronous and isochronouws. Asynchronous transmissions occur whenever they
occur, not synchronized to any event and notat any particular interval. They are
always acknowledged. Isochronous communications occur at regular intervals.
An example of asynchronous traffic might be a control messagetelling a node to
adjust its volume or to change a channel. An example of isochronous traffic
would be a packet of video or audio information being delivered from an STT to
a monitor. These packets must be delivered promptly and at a regular interval if
good performance is to be maintained. IEEE 1394 provides for isochronous
cycles 8,000 times a second. There is often little point in acknowledging an
isochronous packet, because by the time a missed packet could be retransmitted,
it is too late to use it. Isochronous cycles take priority over asynchronous traffic,
but the protocol guarantees that a minimum portion of the bus time is reserved
for asynchronous data transfers. An ongoing isochronous communication be-
tween nodes is referred to as a channel. Once a channel has been established, the

requesting node is guaranteed to have the requested amountof bus timeforthat
channel every isochronous cycle. Only one node may send data on a particular
channel, but several nodes may receive the data. A single node may have
multiple channels allocated, and additional channels may be added as long as
isochronous capacity is available.’

Digital Audio—S/P DIF

Somepeople actually do try to make a word (spe-dif) out of this acronym.It stands
for the Sony/Philips digital interface, a serial digital audio interface that can be
used to carry either uncompressed stereo or compressed (that is, non-PCM data)
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Dolby Digital (AC-3) with up to 5.1 discrete channels of surround sound. (AC-3
audio compression is described in Chapter 3.) The basic specification covering the
$/P DIF connection is IEC 60958. It is a 75-ohm coaxial interface using RCA
connections. Only one-way communication is supported.

The transmitter supplies 0.5 + 20% V p-p into 75 ohms, The recéiver must
operate with signal levels as low as 0.2 V p-p. Thesignal is self-clocking at a data
rate that is 64 times the sampling rate (the rate at which audiodata is sampled),
As explained in Chapter 6, in order to avoid aliasing, the audio data must be
sampled at more than two times the maximum frequency of the signal. If you
wantto carry audio frequencies up to 20 kHz, you haveto sample at greater than
40ks/s (thousand samples per second). A common sampling rate used in CD
audio is 44.1 ks/s, whereas for certain other high-quality applications, such as
DVD and digital broadcast, the audio is commonly sampled at 48 ks/s, resulting
in a data rate of 3.072 Mb/s on the $/P DIFinterface. A sampling rate of 32 ks/s is
also used for some applications. The sampling rate may be varied by up to
12.5% for varispeed applications. A self-clocking coding schemecalled biphase
mark is used in whichthereis a transition in level at the beginning of each bit
cell. If the bit transmitted is a 1, there is an additionaltransition in the middle of
the cell. If the bit is a 0, there is no midcell transition,*

Whentransmitting uncompressed two-channel audio, each frameconsists of
two subframes, oneforleft channel data and one for right channel data. Up to 24
audio bits are supported per subframe, with each subframe a total of 32 bits long.
(Conventional CD audio data is limited to 16-bit word length and is sampled at
44.1ks/s.) The additional bits are used for synchronization, auxiliary data,
audio sample validity, a user bit, audio channel status, and subframe parity.
Two subframes make up one frame, which thus includes one data sample of
eachof the left and right channels.

A two-channel Dolby Digital (AC-3) decoder will usually be available in
the host in order to permit the recovery of digitally tiered audio program-
ming. In some cases, programmers may offer discrete multichannel program-
ming (that is, 5.1), and the host audio decoder must be capable of presenting
this program either in stereo via the line level outputs or as a mono-
phonic down-mix via the RF remodulator while the host is tuned to digital
programming. This task is accomplished by down-mixing the multi-
channel audio program using a set of rules carried within the Dolby
Digital bitstream using metadata. However, in many if not all cases, the
host may default to placing Dolby Digital (AC-3) data on the digital audio
interface (the data format is specified in IEC 61937) for use in home theater

" Biphase mark encodingis similar to, but nat to be confused with, Manchester encoding, another
sell-clocking mechanism in which a transition always occurs in the center of the bit. Thefirst half
of the bit time contains the bit being transmitted: the second half of the bit time contains the
complement of the bit being transmitted. Manchester encoding is described in Chapter 4,
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systems. The receiving device will then convert the Dolby Digital (AC-3)
encoded signal to discrete 5.1 channel audio. IEC 61937 defines the format
for carrying nonlinear PCM-encoded audio bitstreams over the IEC 60956
interface. To summarize this format, the Dolby Digital (AC-3) data is formed
into a sequence of data bursts, where each data burst is made up of a 64-bit
burst preamble (Pa, Pb, Pc, and Pd) followed by the burst payload itself (that
is, the encoded audio data). The burst preamble consists of a sync word (Pa
and Pb), information about the burst payload (Pc), a bitstream number (Pc),
and a burst length code (Pd). The complete data burst is then broken up into
16-bit chunks and placed into the audio payload area of the IEC 60958 sub-
frame, in time slots 12 to 27. Both subframes are used to simultaneously carry
32 bits of data. This allows IEC 60958 to convey nonlinear PCM-encoded
bitstreams such as Dolby Digital (AC-3) to home theater systems. For more
complete information, refer to IEC 61937."7

22.5.3 Basic Concepts of Copy Protection

Before we discuss specific copy protection measures, we need to establish the
several basic concepts that different copy protection methods have in common.
These include the concept of encryption, public-private key pair, and a certifi-
cate. Hang in through this discussion, because after we cover this material, we'll
show how these concepts are used in real host applications.

Encryption

Encryption (called scrambling in the context of cable TV program denial) is the
process of rendering a packet of data unintelligible but capable of being returned
to its intelligible, or unencrypted, original form by some process. Encryption uses
a key or key pair known by the sender and the receiver. The keys may be
identical (a symmetrical key system) or different (asymmetrical keys). A key in
this context is a binary sequence used to encrypt another binary sequence. That
is, | take so-called plaintext, which could, for example, be a packet of data
representing a portion of a picture 1 am sending from a host to a display and/
or a recording device, I need to encrypt the packet so that it cannot be read by
another device, which might usurp the information for a purpose not intended
by the ownerof the content. In essence, | combine the plaintext with a key: some
piece of data that renders the plaintext unable to be read (that is, encrypted). The
intended receiver, maybe a video display, knows how to decrypt the packet,
returning it to the original plaintext that can be displayed. Thatis, the intended
receiver needs a decryption key, a piece of information used to recover the
original information.

Figure 22.9 illustrates a basic encryption system. Suppose Bob wants to send
a message to Alice. (Let “Bob” be the host and “Alice” be the display. For
some unknown reason, the people who study encryption, cryptographers,

436



437

 

876 Chapter 22 Digital Set-Top Terminals and ConsumerInterfaces

 

Bob Alice

{host] raeaale (display)insecure data ne!

Encryption Decryption
key key

Figure 22.9 Basic data ancryption.
 

traditionally refer to communication between Bob and Alice. We don’t know
what happened to Carol and Ted.) Bob has a piece of plaintext, maybe a packet
of video display data, that he is ready to send to Alice, the display. But he must
send it over an insecure channel, the cable between the two. This cable is
insecure because it is possible for the subscriber to connect it to some pirate
device, maybe to copy the program to a DVDthat can be duplicated and given to
people who havenot paid for the program, Or the subscriber might do something
else with the program that is not authorized by the content owner.

In order to allow communication over this insecure channel, the packet is
encrypted before being sentto the receiver. A simple form of symmetric encryp-
tion is the use of an exclusive OR logic gate. The exclusive OR, XOR, operation is
used to add two binary numbers; here it is used to encrypt data. Bit by bit, the
data in the packetis presented to the XOR gate. An XOR gate puts out the input
bit if the encryption key is a logic 0, and it Puts out the opposite bit if the
encryption key is 1, Table 22.3 shows the logical operation. When the signal
reaches the receiver (Alice), the same encryption bit sequence is used to
recover the original information. In order for this to happen, the sender and
the receiver have to share a secret, the encryption key. Exchanging, or agreeing
on, the key is a major issue in cryptography. (Note that in someof the protocols
discussed later, the sender and the receiver don't have the same key, but
rather they have related keys.) Somehow Bob and Alice must agree on a secret
key or a pair of keys, but the only channel they have for communicating is an
insecure one.

Table 22.3 XORlogic

 Plaintext Key Our

0 0 0

0 1 1

1 0 1

] ] 0
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Public-Private Keys

Exclusive OR encryption as shown in Table 22.3 is representative of simple
symmetric key systems. There are also asymmetric key systems, some of which
rely on an exponentiation operation rather than an exclusive OR operation. They
tend to be much more computationally complex, but they yield some nice
advantages, such as simplifying the key exchange problem.’* Asymmetric keys
are used in public-private key pairs.

Figure 22.10 illustrates a basic public-private key system. Suppose Bob
needs to send that video packet to Alice. First Alice selects (or in some cases
has stored at manufacture) a random numberthat only she knows. This random
numberis her private key. From that she can compute a public key (step 2) by
applying certain prescribed mathematical operations to that private key. One
method of computing a public key from a private key is given later in the
description of Diffie-Hellman key exchange. The operations are such that the
calculation she doesis straightforward, but the inverse calculation is extremely
difficult. We show a real example later in the chapter. Alice gives Bob her public
key, which Bob uses to encrypt the message. Alice can decrypt it using her
private key, which was not sent over the channel. It is not proved here that you
ean derive a public-private key pair that works this way, but since the mathe-
matics is extremely complex, we must ask you to acceptthis as fact and refer you
to texts that expand on the subject.'*:'*

An eavesdropper who learns Alice's public key still cannot decrypt the
message because the keys being used are asymmetrical: Alice’s public key
encrypted the message, but it cannot decryptit. Only Alice knows her private
key, the only one that can decrypt the message. So the messageis relatively
safe being passed on the same insecure data channel used to send the
encrypted data.

Either the private key can be used for encryption and the public key for
decryption or the other way around: the public key can be used for encryption

 

Bob Alice
a z4 . 1,

r : Alice gives her : :
Bobwill use Alice's|public key to Bob|“lice computes her Alice chooses a

public key to encrypt public key, e, from number, d, for her
his message the private key private key
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Plaintext Alice's sent to Alice Alice's Plaintext
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Figure 22.10 Public—private key exchange.
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and the private for decryption. The same key cannotbe used for both encryption
and decryption.

Digital Signatures and Certificates

A problem remains. How does Bob knowforsure thatit is Alice whois sending
her public key and not an interloper? For example, how does Bob, the host,
know heis not sending video to a pirate box that invented a public-private key
pair? After all, the method of calculating the public key from the private key is
public knowledge. Maybe “Alice” is a pirate box that will decrypt the picture and
record a DVD. This possibility is avoided by the use ofdigital certificates, There
are many, but a common one is the X.509 certificate, promulgated by the
International Telecommunications Union (ITU).

The first important concept in certification is not technical: There must be a
trusted party to issue certificates. That party, called a certificate authority (CA) is
a third party that both parties to the data exchange have decidedto trust. There
are companies set up to be this CA, and there are organizations that act as their
own CA for specific purposes. If Bob and Alice wish to communicate, their
manufacturers must get them certificates from a CA. Bob cannot send pictures
to Alice unless he knowsfor sure that “she”is a legitimate display who will not
usurp the video for a nefarious purpose. Alice cannot get a certificate until the
CA has determined, using whatever steps it deems appropriate, that Alice is
legitimate and will not violate the usage conditions established by the content
provider.

So Alice’s manufacturer must go to the appropriate CA and receive a digital
certificate before he can build Alice. The digital certificate is then stored in Alice
upon manufacture. Each and every copy ofAlice, that is, each and every display
that is built, will have its own certificate individually prepared by the CA,Alice's
manufacturer sends data for the certificate to the CA, which encrypts portions
with its private key and returns the finished certificate to Alice's manufacturer.
Fortunately, once the credibility of Alice’s manufacturer has been manually
established, the certificates may be constructed automatically.

Figure 22.11 shows the current version, 3, of the X.509 certificate, the
information stored in Alice, provided by the CA. Even Alice's manufacturer
cannot construct the certificate, because it involves the CA's private key. The
certificate must be individually prepared by the CA based on information
supplied by Alice’s manufacturer. The certificate is a public document. It does
not include enough information for anyone to decrypt data. Rather, it is used
only for the purpose of identifying the intended receiver of information and also
to convey Alice’s public key.

The version section of the certificate identifies the format of the certificate
(version 3 is current as this is written). The serial number is a number unique
within the CA by whichit can identify the certificate. The algorithm identifier
conveys the encryption algorithm used by the CA (often the RSA algorithm,
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named for its inventors, Rivest, Shamir, and Adleman, is used). There are some
public parameters used in specifying the public key from the private key, and
these are included with the algorithm identifier. (In early versions of the stand-
ard, this field is called the signature, but this is a misnomer.)

The next section of the certificate is the name of the CA. The period of
validity specifies the beginning and ending dates that the certificate is good.
Outside of these dates, the certificate is invalid and may not be used. Subject is
the name of the user. The next section bears the subject's public key. It names
the algorithm being used (often RSA) and any parameters associated with the
public key. Finally, this section provides the public key that will be used by the
sender to encrypt data.

The issuer unique ID, the subject unique ID, and the extension were recently
added and may or may not be used. Theseare fields that may be used by the
issuer or user as desired. The last section, the signature, is very important. The
signature is the subject's (Alice in our example) public key plus other certificate
data, encrypted with the CA's private key. This is the reason that the CA must
provide individual certificates for each and every device made by a manufac-
turer, No one, and we mean no one, except the CA must know the CA's private
key. If this private key is ever compromised, then all certificates issued by the CA
are rendered invalid.'”
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During an initial discovery process, Alice sends her certificate to Bob. Bob
must know the CA’s public key. He can knowit by virtue of its having been
programmed into him during his manufacture or by obtaining it later. Bob
decrypts Alice's public key and other information from the signature, using the
CA’s public key. He compares the public key and other information with the
samedata sentas plaintext in the signature.If the two sets of information match,
then he mustbe talking to a legitimate Alice, because a pirate would notbe able
to get a certificate from the CA, Bob now hasAlice’s public key, so he can send
data to her, encrypted with her public key.

The certificate is public knowledge. Can an interloper steal Alice's certifi-
cate! Yes. It wouldn't do any good, because it does not contain her private key,
but the interloper could steal it. As an additional verification that there is a
legitimate “Alice” out there, Bob can issue a challenge. He sends Alice a random
numbercalled a nonce, which she encrypts with her private key and sends back
to Bob. Bob decrypts it with Alice's public key, which he received as part of her
certificate. If the decrypted number matches the number Boboriginally sent, he
knows that the real Alice is out there and not someone who happens to have her
certificate.

Can Bob be absolutely sure he is talking only to Alice and not also to an
eavesdropper? No, but it doesn't matter. There could be a so-called man in the
middle. For example, a man-in-the-middle attack could happen if the subscriber
has connected a legitimate host (Bob) to anillegitimate device designed to
capture the video on its way to Alice. The illegitimate device might then be
connected to the real Alice, the legitimate display. The man in the middle passes
data between Bob and Alice, but he eavesdrops, or hears all that is going on.
WhenAlice sends hercertificate to Bob, the man in the middle passesit through
to Bob, who recognizes it as Alice's legitimate certificate. But it will do the man
in the middle no good to have thecertificate. He still doesn’t have Alice’s private
key, which he would need in order to decrypt what Bob sends to Alice. Because
Bob got Alice's public key in the certificate, he knowsthat he will be encrypting
data for a legitimate display, regardless of whoelse is out there.

$0 Bob knowsthatthe real Alice is out there because no one exceptthe real
Alice would have her certificate and be able to pass the challenge he sent. He
knowsthe certificate is real because he was able to match information contained
therein using the CA’s public key to decryptpart ofthe certificate and to matchit
to the same information sent unencrypted. Only the real CA could have signed
the certificate. And both sides have placed their trust in the CA. Bob can safely
send data to Alice, knowingthatthe real Alice is receiving it. If anyone elseis out
there, the data will be useless to him.

In some instances the CA is designated by the originator of the standard
utilizing the certificate. For example, for DVI, HDCPis the encryption used.It
specifies that Digital Content Protection, LLC, an activity set up by the Digital
Display Working Group that defined the specification, is the CA.’* Anyone
desiring to make a device that either sends video to or receives video from a
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device conforming to the DVI specification must apply to them for licensing. For
the IEEE 1394 interface, licensing of the DTCP copy protection algorithm and

certification is provided by the Digital Transmission Licensing Administrator,
DTLA.

In the present application, a certain CA is usually specified. However, in the
more general case it is possible to have two devices that were certified by
different CAs. Certification may still take place through the use of a chain of
certificates.

Certificate Revocation

From time to time it is possible that some device possessing a valid certificate
may need to haveits certificate revoked. This might happen if the CA’s private
key becomes known or, perhaps more likely, if it is discovered that the device
has been modified into a pirate device. Many systems have a mechanism for
disseminating to devices that they should not honor a certain certificate. One
method of disseminating the information is that as soon as the breach of security
is recognized, future content will have embedded in it the identity of the
certificate that must be revoked. As that content is disseminated to different

devices (hosts, legitimate digital VCRs, etc.), each remembers the revoked
certificate and passes that information to devices to which it is, or becomes,
attached. In this way, sooner or later most devices that may connect to the
device with the revoked certificate will learn of the revocation.*” In somecases,
discussed later, the host must check with a database to confirm the validity of a
certificate.

Key Length, Security, and Computational Complexity
One attack on an encryption key is called an exhaustive search. Encryption keys
are simply long strings of 1s and Os. In an exhaustive search, a would-be pirate
simply tries all possible key combinations (sets of 1s and Os) until the output
makes sense. Often this can be automated, because incorrect keys yield results
that can be distinguished, by computer, from logical results. The longer the key,
the more difficult is an exhaustive search. If a key has a length (number of binary
characters) of n, then there are 2" combinations that must be tried. A short key
might have only 24 bits, so there are a maximum of 2*4 = 16.78 million combin-
ations that might work. If a computer can try 1 million keys per second, then the
maximum time required to crack the encryption is 16.78 million divided by
1 million, or about 17 seconds. On the other hand, a 56-bit key could take
2300 years to crack at the same rate, Keys are used that haveup to 256bits,
which could take 3.7 x 10° years to break at the stated rate of trying keys.
Average times, though, would only behalf of these numbers.

Sometimes churning keys are used to improve security. This technique
simply means that the key is changed fairly often. Each time a key is changed,
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the pirate would have to begin again to break it. Sa a pirate may capture a
scrambled program, but to unscramble it he would haveto break a series of keys

- that might be changed every few seconds to every few minutes.

Symmetric Algorithms

Many asymmetric algorithms, such as the RSA algorithm used in a number of
systems, involve taking a block of plaintext (treated as a binary number) to the
power of the key, using some modulus. The computational power required as
the key length increases becomes prohibitive for encrypting and decrypting
video streams. Computational power may be traded off for time; but when you
are transferring digital video, whether compressed or not, you don't have a lot of
time to process the signal. Thus, many times a good asymmetric algorithm, such
as RSA, will be used for certificate verification and/or key exchange, which are
only done periodically, Then a symmetric algorithm will be used for actual data
encryption. In the DTLA nomenclature, this symmetric key is called the content
channel key, The key may be long, but the way it is used reduces the computa-
tional complexity to samething manageable at the requisite speed.

Often the RSA algorithm is used for certificate validation. Then a symmetric
key is agreed upon for the actual information scrambling and descrambling. The
symmetric key is used in some manner to generate the actual encryption string,
which in some encryption techniques is exclusive ORed with the plaintext to
create the encrypted data, or ciphertext.

Figure 22.12 illustrates a simple four-bit shift register used to generate
ciphertext.?! Real shift registers are a lot longer, and multiple shift registers
may be used. The shift register is clocked at the same rate as the plaintext data
is clocked. Each time the shift register is clocked, the bits in each position shift
one place to the right. (The clock is a signal that synchronizes operations dealing

 

The shift register is
loaded with the key
in order to initialize

its state

 
Figure 22.12 Linear feedback shift register used to generate ciphertext.
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with delivery of the video.) The shift register is a series of flip-flops. On a clock
cycle, the bit (1 or 0) in b4 is shifted to b3, the bit in b3 is shifted to b2, and so on.
The bit in b1 is supplied to XOR2, which exclusive ORs it with the plaintext bit
presented on the same clock cycle.

This type of shift register is called a linear feedback shift register (LFSR).
Thelinear feedback is supplied by XOR1. It XORs the output of twobits, in this
case, b4 and bl, feeding the result back as the inputto the shift register, which
is loaded into b4 on the following clock cycle. The bit sequence (a pseudo-
random stream) obtained from a properly designed n-bit LFSR is 2" — 1 states
(clock cycles) long before it repeats. It can be initialized with the secret sym-
metric key, which loads the starting state into the LFSR.A listener will not be
able to duplicate the LFSR initialization without knowing the key used to
initialize it.

Many other methods of generating the encrypting code are known.A differ-
ent LFSR may be used for each bit of a parallel encryption system. The LFSRs
may be initialized with the same key or different portions of the same key.
Nonlinear generators may be used, in which AND functions combine the outputs
of various stages to form the output. The outputs of several LFSRs may be
combined to form the encryption signal.

Diffie-Hellman Key Exchange Protocol

Though by no meansthe only useful key exchange protocol, the Diffie-Hellman
(D-H) protocol is used in quite a few systems. D-H permits both parties to an
exchange (Bob and Alice) to supply part of the secret key. It is done in such a
way that the entire key is not sent across the unsecured channel. Thus, a snooper
is not going to gain the information neededto steal the secret key. The protocol
proceeds as follows.

1. Alice chooses a randomlarge integer x and sends Bob X = g* mod n, where
g and n are D-H parameters that must be passed between the twoparties.
For example, suppose D-H is used to agree on a key in an X.509 certificate.
In the “subject's public key” portion of Figure 22.11, g and n would be
passed as parameters, and D-H would be identified as the algorithm. X is
the public key. The parameter n must be large and must meet certain
criteria, but g may be a single-digit number.

These parameters are not secret, and an eavesdropper will not know
anything useful if he learns them. In some closed systems, g and n-may be
preprogrammed during manufacturing. The parameter that must be kept
secret is x, and, as we shall see, Alice never divulges it in any form. The
modulus, n, represents the maximum value the result can take (plus 1). It is
the remainderafter a division by the modulus. To calculate X = g* mod n,
take the remainder from the operation g"/n.
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2. Bob chooses a random large integer y and sends Alice Y = g¥ mod n.
3. Alice computes k = Y* mod n. Recall that ¥ was sent to her by Bob and that

x 18 4 secret parameter that only Alice knows.
4, Bob computes k’ = X’ mod n. He got X from Alice and knows y. Now, from

the foregoing (and not writing the modulus), k’=X”=g, Also,
k= Y* =", so k and k’ are equal, Thus, Alice and Bob have the same
secret key, and at no timedid all the information required to know the secret
key pass over the insecurelink.

k(= &’) is the symmetrical key applied to the LFSR in foregoing.It
derive a D-H key among three or more parties by expanding on the precedingprocess.**

In order for an eavesdropperto learn the secret key, he would haveto derive
x and y from X and Y, the two public keys that are passed over the link.
Computing x and y is not feasible. And without them, knowing k is not possible,
One might attemptto do an exhaustive search, butit will take manylifetimes to
do an exhaustive search if x and y are large enough.

DES Encryption Algorithm

There is yet one more encryption algorithm we need to discuss, becauseit is
used in handling digital video, This is the data encryption standard, or DES
{usually pronounced “dez"). DES js based on work done at IBM in the early
1970s. The National Institute of Standards and Technology (NIST, formerly NBS,
the National Bureau of Standards) established it as a national standard in 1976.
The American National Standards Institute approved DES as a private-sector
standard in 1981 (ANSI X3.92), It has been reaffirmed as a U.S. standard several
times since then, though it is now no longer approved for federal information
applications, having been replaced by AES in 2001. Just because DES is no
longer the approved algorithm does not mean thatit is broken, just that it has
been replaced for federal information applications. Special-purpose DES chips
are available,

DES is a 56-bit-key symmetrical algorithm, meaning the samekey is used for
encryption and decryption. Though complex, it uses only simple operations,
such as exclusive OR, permutation (changing the order ofbits),
bits. There are four modes of operation: electronic code book and shifting of

block chaining (CBC), output feedback (OFB), and cipher feedback (CFB). We
shall describe the complete algorithm, though only a portion of it is used in some
scrambling systems.

Figure 22.13 illustrates the operations performed on the data. DESis a block
cipher; it operates on a block of 64 bits of data, sends that data on, and starts
working on a new block of64 bits. If a block has fewer than 64 bits, additional
bits are added (bit stuffing) to bring the total to 64 bits. An object of DES is to
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Start with a 64-bit block of data

 

 
 
 

Initial permutation: transpose the
input block in a prescribed manner

Divide data into left half and right half blocks

Derive the key for this round by selecting 48 out of 56 bits from the
shifted key of the previous round. Perform a prescribed set of operations (f)
on the right half block of data, and XOR the results with the leit half block.
Store the result as the mew right half block (Ri), and
make the previous right half block the new left half block (Li).

One of 16 rounds

Continwe doing the same thing for a total of 16 rounds

Perform the inverse of the initial permutation [that
is, put the bits back in the original order)

The result is a 64-bit block of ciphertext
  

Figure 22.13 Operation of DES.

make sure that every bit in the block of ciphertext depends on every bit of the
input and every bit of the key. The algorithm is divided into 16 nearly identical
rounds, each involvingall the bits of the data. Only one key is used, but, as we
shall see, the bits in the key are changed for each round.

As shewnat the top of Figure 22.13, DES starts by performing an initial
permutation on the block of plaintext. This simply means that the order of the
bits is changed in a prescribed manner. The 58th bit becomesthefirst bit, the 50th
bit becomes the secondbit, the 42nd bit becomes the third bit, and so on (the
referenced text for this section showsall of the permutations involved). The initial
permutation has nothing to do with the security of the algorithm. As best anyone
can tell today, its primary purpose was to make it easier to load plaintext into a
DES chip in byte-sized pieces. Next, the data is divided into a 32-bitleft half and a
32-bit right half. Each half will be operated on separately in each round;at the
conclusion of each round,the left and right halves are swapped. Theleft half is
referred to as L,, and the right half as R,, where n is the round number.
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For each round, the right half is operated on by a function f, which we shall
define shorihy. Function f involves expanding the data from 32 to 48 bits by

‘duplicating certain bits, XORing the expanded data with 48 bits derived from
the key, and performing certain other operations. The result is then XORed with
the left half of the bits and the result is stored as the right half for the next round.
The right half is stored as the left half for the next round.

After 16 rounds, an inverse of the initial permutation is performed; the
resulting 64-bit block is the ciphertext that is transmitted. There is defined a
triple DES, in which this algorithm is performed three times using two or three
different keys.

Figure 22.14 shows what goes on during each round of DES. On the right we
show what happens to the key during each round, and on theleft we show what
happens to the data during that round. The input key is the key from the previous
round or, for the first round, is the agreed-upon key. The actual key is 56 bits long,
but it is often expressed as a 64-bit number. The difference is the inclusion of

 

One Round af Encryptian ‘One Round of Key Modification

‘Start with the key Remerated
in the previows round  
 
 

 
 

Divide the key bite two 28-bit halves. Ci
shift by one or two bits, depending on the eeu
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without duplicating any bits
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 Key bor ihe next round

Figure 22.14 Operations performed in one round of DES,

447



448

22.5 Output Interfaces and Copy Protection 887

8 parity bits, each derived from 7 bits of the key. The key is divided into halves,
and each halfis shifted by one or two bits depending on the round. The shifting is
donecircularly, meaning that bits are shifted in a shift register, with the bit shifted
out of one end being shifted into the other end of the shift register.

Next a compression permutation is performed. Permutation means that the
order of bits is changed according to a prescribed ordering. Compression means
that certain bits are removed from the key to bring the numberof bits remaining
down to 48. Again, the bits removed are carefully prescribed. The 48 bits taken
from this operation make up the key used in the round. The shifted halves of the
key before the compression permutation become the 56-bit key for the next round.

The data encryption performedin this round is shown on the left. The right
half block of data (R;)) becomestheleft half for the following round (Lj). Also,
the right half is subjected to a set of operations that define the function f, What
goes on in function fis shown inside the dashed lines. The first operation in fis
an expansion permutation, in which certain bits are repeated to bring the 32 bits
up to 48 bits (the same length as the key for the round), and the order ofbits is
changed. The output of the expansion permutation is XORed with the key.

The next operation is the so-called S-box substitution, A substitution is an
early form of a cipher. A simple substitution might be to build a table of
substitute letters, as shown in Table 22.4. In this simple example, A becomes
Z, B becomesP, and so on through the alphabet. A person intercepting such an
encrypted message would not be able to make sense out of it unless he had the
decoding table. This is the principle behind the S-box substitution in DES. Recall
that the input to the $-box substitution is 48 bits, but only 32 of those bits carry
the data. The other bits are discarded simultaneously with the substitution. For
each six inputbits, four outputbits are produced according to a prescribed set of
eight substitution tables following the same principle as Table 22.4 (the inputs
and outputs are sets of bits rather than letters).

The output of the S-box substitution is the input to the P-box permutation.
This is a simple permutation of the order of the bits, according to yet another
prescribed ordering. The output of the P-box permutation is the output of the
function f shown in Figure 22.13. It is XORed with theleft half bits and placed in
the right half block for the next round of the permutation.

Table 22.4 Substitution cipher 

In Our

A z

B P

CG J

D A

448



449

888 Chapter 22 Digital Set-Top Terminals and Consumer Interfaces

The set of actions depicted in Figure 22.14 is repeated through the 16th
round, after which the inverse of the initial permutation is performed, as shown
in Figure 22.13. The output of the inverse initial permutation is the 64 bits of
ciphertext, which are ready to be transmitted, and a new block of 64 bits enters
the encryption as the process starts over.

In order to decrypt the data, the same steps are repeated, with the only
difference being that the same key is used but the orderof processing the keyis
reversed. Note that we have not proved DES works, nor have we proved the
security of DES. For those wishing to study the subject and having several years
of free time on their hands, many books have been written on the subject."

22.5.4 Digital Video Copy Protection

Having established the basics of encryption, we can now describe the several
copy protection methods used in host devices. Both DVI and the IEEE 1394
interface have associated copy protection mechanisms, and a third protects
content coming out of a POD module. (Yet another encryption is applied to the
scrambled data transmitted over the cable plant, to be decrypted on the POD
module.)

DVI and HDCP

This interface is intended to operate between a host and a display only. Record-
ing the signal is not an appropriate use of the interface. The interface, as
described earlier, transfers decoded red, green, and blue pixel information, each
serially on three balanced lines. HDCP, the copy protection mechanism, is
governed by the specification high-bandwidth digital copy protection system,
currently revision 1.0, 17 February 2000.** Implementation of the specification
requires a license from Digital Content Protection, LLC. The system allows for
use of repeaters, that is, devices that take in the signal and also put it out. A
repeater mightbe a digital video distribution amplifier, or it might be a monitor
that supplies an output to another monitor. It is possible to have seven levels of
repeaters and as many as 128 devices in total. When repeaters are used, the
source (host in our terminology) is made aware of all downstream devices
before transmissions commence.

There are three elements of the content protection system. The first is
authentication, in which the host verifies that all devices connected are legit-
imate,licensed devices. Shared secrets are established during authentication and
form the encryption key for program transmission, the second element. Finally,
renewability allows the host to identify a compromised device and to desist from
sending data to it.

Authentication, the first element of the content protection system, also
precedes in three steps. It is done slightly differently than what we showed
earlier. Each licensed device is given an array of 40 secret keys, each 56 bits
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40secretdevicekeys(private) party(KSV—public)Keyselectionvectorofopposite
Figure 22.15 HDCP keys.

long. These come from Digital Content Protection, LLC. The device also receives
a key selection vector, KSV. All are programmed when the device is manufac-
tured. Figure 22.15 shows the secret keys and the KSV of the opposite party. The
KSVis functionally equivalent to a public key, and the 40 secret keys are just
that: secret keys. Authentication is initiated by the host sending an initiation
message to the display. This message includes the host’s KSV and a 64-bit
pseudo-random number, An. The receiver responds with a message including
its KSV and a repeaterbit if the device is a repeater. The host checks the KSV to
make sure it has not been revoked and thatit includes 20 1s and 20 Os.

A shared secret is derived as follows,in the first step of authentication. From its
secret keys, the host selects the ones corresponding to 1s in the receiver's KSV.All
selected secret keys are added together, modulo (mod) 56, producing a 56-bit key.
Call this result km in the host and kom’in the receiver. The secret keys and the KSVs
are chosen such that the host and the receiver will compute km = km', so each
end will have the samesecret key.If either device has an invalid set of secret keys
or a bad KSV, then the two keys will not be the same.

At this point, both devices have several pieces of information in common.
They know km, they know the random number generated at the Host, An, and
they know the repeater bit. These values are used to generate three values, Ks, Mo,
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and Ro. These are generated by a block cipher algorithm defined in the specifica-
tion. Ks is a 56-bit session key, Mp is a 64-bit secret value used in the second part
of the authorization protocol. Rp is a 16-bit response value that the video receiver
returns to the host as in indication as to the success of the authentication
exchange. It must be returned within 100 ms. If Rg returned from the receiver
matches that generated by the host, then authentication was successful.

In the second step in the authentication process, the host (transmitter) and
any repeaters gather information regarding all the devices that are attached. The
host confirms that none of the devices attached are on the revocationlist, This
step is omitted if there are no repeaters (for instance, thereis only one host
sending pictures to one display). The step can take up to aboutfive secondsto
complete. Finally, the third step occurs in the vertical blanking interval (VBI)
about every two seconds while pictures are being transferred. New cipher
initialization values are calculated to establish a new 56-bit key for encrypting
video content. The integrity of the link is also confirmed.

The second element of the HDCPprotocolis encryption of the red, green,
and blue data using a pseudo-random sequence generated from secrets
exchanged in the authentication process. The pseudo-random sequenceis reset
frequently. The pseudo-random sequence is exclusive ORed with the data, as
shown earlier.

The third andfinal element of the HDCPprotocolis renewability, the process
of revocation of devices that have been compromised. The devices are identified
by their 40-bit KSV, as described in Figure 22.15, System renewability messages
(SRMs) containing one or more KSVrevocationlists, called vector revocation lists
(VRLs), are distributed with programs as described above. They are checked by
the transmitter (host) when they are available. The SRM carries a digital signa-
ture, as described earlier, so that the host can determinethat the data did indeed
come from Digital Content Protection, LLC.

IEEE 1394 and DTCP

Thedigital transmission content protection (DTCP) standard for secure transmis-
sion over IEEE 1394 physical links was developed by five companies — Intel,
Matsushita (Panasonic), Toshiba, Sony, and Hitachi—and is thus sometimes
called the “SC” content protection scheme. 1394 is intended as a broader-use
standard than is DVI, being intended not only for transmission to a display or
displays, but also for transfer to recording devices, computers, and whatever
other devices you wish. DVI transfers uncompressed (hence very wideband) red,
green, and blue data for immediate display; IEEE 1394 transmits compressed
(therefore lower bandwidth) data.

DTCP, the associated verification and encryption standard, includes the
same elements as does HDCP, with one more.It includes authentication and
key exchange (AKE), transmission, referred to as content encryption, and renew-
ability. It also includes a new element, copy control infarmation.
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DTCP includes instructions to the receiving device as to how it should treat the
data. This is called copy control information, CCI, which is embedded in the
content. The actual data in the CCI is known as the encryption mode indicator
(EMI). It may take on any of four states. The material may be used for unlimited
copying, copy free, and the opposite state, copy never. Anotherstate is capy once,
such as to allow for time shifting a TV program. When the material is played, the
EMI is changed to copy no more. These last two values of the EMIare intended for
devices with limited computational ability. The associated limited, or restricted,
authentication required involves fewer computations than does full authentication.

Obviously, the same concerns apply here as to other systems. Every device
licensed to receive material protected by DTCP must obey these rules. Thus, the
same need exists for a trusted authority to certify each device. DTCP is adminis-
tered by the Digital Transmission Licensing Administrator (DTLA), established
by the five companies. The DTLA acts as the certificate authority (CA) for
conformant devices. Besides the CCI, DTCP includes authentication and key
exchange, content encryption, and renewability.

Twolevels of authentication and key exchange are specified: Full authenti-
cation using public key cryptography as described earlier is used forall types of
content. For copy once and copy no more content, a more limited, restricted
authentication using common key cryptography is permitted.

For full authentication, the methodis similar to, but uses different formats than,
that described in Section 22.5.3.7° A certificate is embedded in each device and is
verified as described earlier. Both the source device (supplying the content) and the
sink device (receiving the content) check the other device's certificate. A form of
Diffie-Hellman key exchange is used for derivation of a secret key used to encrypt
program material. Restricted authentication may use a short form of authentication,
where the sink device proves that it shares a secret with the source device.*°

After authentication, the source device (the host) sends an exchange key,
encrypted with the authentication key, to the sink device, This exchange key is
sent as a seed, a random number generated by the source, from which both
devices can compute the decryption key. The key is changed periodically, every
30-120 seconds.

In order to provide for system renewability, systern renewability messages
(SRMs) are sent to each IEEE 1394-compliant device. These may be sent as part
of a program stream from a headend, or they may be incorporated into other
distribution media, such as DVDs. The 5RMs carry identification of any device
that has had its certificate revoked. As material containing the identification
propagates throughout the nation, devices eventually learn of any certificate
revocations.

POD Module Output

The POD module shown in Figure 22.1 is responsible for descrambling the
output of the transmission from the headend. POD, an acronym for point of
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deployment, is the term used for renewable security modules. The POD module
is built into a standard PCMCIA (Personal Computer Memory Card International
Association) card, the familiar card used for modems, Ethernet connections, and
many other added functions in portable computers. It uses a 68-pin connector.
The POD module outputis also copy protected. We can easily explain thefirst
stage of the copy protection algorithm used at this interface, It is the X.509
certificate and encryption algorithm described in Section 22.5.3. The certificate
exchange is, however,just the first phase of having the POD module andthe host
authenticate each other,

In phase 2 of the authentication process, the host and the POD module
identify themselves to the headend. The headendholds the DTLA (see preceding
subsection) certification revocation list (CRL), showing the identification ofall
hosts and POD modules that have had their certification revoked. Note the
contrast with the general case we showed earlier for revocation ofcertificates.
Previously we showed the CRL being contained with the content, But POD
modules and hosts identify themselves back to the headend, which then checks
its CRL and will refuse to authorize descrambling if either device is on the CRL.

Identification to the headendis done differently depending on whether a
two-way communications path is available and or unavailable. If a communica-
tions path is unavailable, then the host displays a message on the monitor,
telling the subscriber to call a numberand to give the identification numbers
of the POD moduleandthe host. Theidentification numbers are numerical,soit
is possible to automate the process of relaying the information to the headend.
Also, when the subscriber purchases his or her equipment, it is possible for the
seller to perform identification. If two-way communications are available, the
POD module can relay the information back to the headend conditional author-
ization system without subscriber action.

The third phase of authentication consists of computation of a long-term
authentication key by both the POD module and the host. This authentication
key is stored in nonvolatile memory (that is, the content remains even when
the device is not powered). It is used to confirm authentication after power
has been removed and is reapplied. Upon a subsequent power-up, the POD
module and the host confirm that they have the same authentication key; if so,
no further action is required before they can begin exchanging programming
information.

The complete process of authenticationis referred to as a binding between
the POD module and the host. A POD module may bind to only one hostat a
time, but the POD module may be moved from one host to another, with the
authentication process starting all over when that happens; that is, the POD
module will restart the binding procedure. In two-way systems, the process is
unseen by the subscriber. But in a one-way system, the subscriber will haveto
telephone the POD module and host identification numbers to the service
provider. Regardless of successful authentication, programs sent in the clear
(no scrambling) may be processed.2”
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Using Two Conditional Access Systems

Operators considerit desirable to be able to use more than one STT system in
order to gain possible price and feature advantages. However, each manufac-
turer would like to use his own conditional access system, to which he ascribes
unique benefits. A simplistic approach is to duplicate programming using two
scrambling systems. However, this approach doubles bandwidth requirements,
an obvious impracticality. In 1997 the so-called harmony agreement was nego-
tiated in the industry, whereby one encrypted datastream could be used along
with more than one conditional access system.

Besides addressing scrambling, the harmony agreementincludes an agree-
ment on the use of open standardsfor transmitting digital video. These include
MPEG-2 video, Dolby Digital audio, MPEG-2 transport, ATSC system inform-
ation, and ITU-J83B modulation (64- and 256-QAM).”*

Figure 22.16 illustrates the principle of this harmony agreement. The agree-
mentstarts in the headend with clear video (called plaintext). This plaintext is
encryptedin the commonservice encryptor, which scrambles the signal using an
agreed-upon algorithm, the DES encryption standard described earlier in this
chapter. A common(shared) control word, or encryption key, is generated in the
control word generator and supplied to the commonservice encryptor and also
to the conditional access system for each vendor whose STTs are being used.
The service encryptor is the device that scrambles the program data. It is called
“eommon” because the same scrambling is applied for use in both systems.

The control word is also supplied to each vendor's conditional access system,
which then distributes that control word as it sees fit. The control word may be
encrypted for distribution according to the individual manufacturer's proprietary
facility. Control words are embedded in so-called entitlement control messages
(ECMs), which are transmitted as part of the MPEG transport stream.””
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Figure 22.16 Principle of the harmony agreement.
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As this book goes to press, another means of sharing conditional access has
been demonstrated but not yet commercialized. This method extracts critical
data from the MPEG-2 datastream. This data is required for reconstructed
video. Thecritical data is encrypted using any number of encryption methods
desired by different vendors. The remaining portion of the MPEG signal is not
encrypted. The decoder extracts the critical data encrypted with its encryption
system and combines it with the majority of the video data that was not
encrypted.

Other means of encrypting the signal are available and are practiced in
Europe and otherlocalities.

22.7 Optional Personal Video Recorder

An optional personal video recorder (PVR) function is shownin Figure 22.1. PVR
capability allows a subscriber to record and play back material from a hard
drive. He or she can useit for time shifting programs and also to generate an
“instant replay” of a scene, If the manufacturer wants to allow the PVR to be
used with analog signals, the manufacturer must include the optional real-time
MPEG encoder shownin Figure 22.1.

Of concern if the subscriber records a program in a PVR,is the possibility of
exchanging the program with someoneelse,either by transmitting the program
on to the other person or by physically removing the hard drive from the host
and putting it in another host or in a computer. For this reason, the content
recorded on the hard drive must also be encrypted, unless it is marked for
unlimited recording. As of this writing, an encryption standard has not been
specified for this interface. The host manufacturer chooses one.

22.8 Middleware

A modern STT or host is as much software as hardware. In the beginning, STTs
were limited to the manufacturer's software. Several Proprietary sets of so-called
middleware were developed; then standards began to emerge for certain levels
of software. In particular,it is importantto allow downloaded programsthatwill
run on any STT to which they are downloaded so that an operator or subscriber
may select from any of several STTs on the market. This can be achieved by a
standardized middleware solution. The CableLabs/SCTE-standardized middle-
ware is known as OpenCable applications platform (OCAP). Asofthis writing,
two OCAP specifications exist, the OCAP 1 and2 profiles.*° OCAP is based on an
earlier Europeaninitiative called Multimedia Home Platform, MHP.*! There are a
lot of similarities between OCAP, MHP, and DASE, the ATSC’s DTV Applications
Software Environment.” As of this writing, there are efforts to harmonize DASE,
used in North American digital off-air broadcast, and OCAP, used in cable TV.
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OCAP 1 closely follows MHP1.0.2, but there are differences, some of which we
will mention in this description.

22.8.1 Layers of Software

You maythink ofat least three layers of software running on the microproces-
sor(s) in a host. The lowest layer is the operating system, just as a desktop
computer has an operating system. It is specific to the hardware being used
andis typically purchased from a third-party vendor by the host manufacturer
for the processor(s) chosen to be used. (This is consistent with the way OCAPis
explained in the standards, but note that in some cases there is a layer of
software below the operating system, call the hardware abstraction layer
(HAL). The HAL allows the operating system to be platform independent.) The
highest layer of software is the application software, which may, for example,
provide an EPG in the form that the operator wishes to display it. Many other
applications software packages are possible, from communications to games to
messaging to VOD and others. Usually, application software is downloadedto a
particular host based on what the user purchases and what the operator wantsto
provide. Application software is usually downloaded from a central server and
may change from timeto time.

The problem is that the operator needs to be able to download one software
package for one application and expect it to run the same way on all hosts and
STTsin the system, This must obtain even if there are different STTs and hosts
made by many different manufacturers at different times, using different
processors and operating systems, and having different capabilities. If a cap-
ability is supported by the hardware in a box, then the same software should
enable it in all boxes. Making this happen is the role of middleware. The host
manufacturer is responsible for providing middleware for his products that
conforms to the appropriate OCAP specification, 1.0 or 2.0, as specified by the
cable operator.It is possible to use a host that supports 1.0 but not 2.0, Each
specification details the services to be supported and how relevant data is
communicated to the host.

22.8.2 OCAP

OCAP1is an application interface that includes the application program inter-
faces (APIs) necessary to implement certain specified applications. It is intended
to define a minimum software capability for OCAP-certified hosts sold at retail.
Software providers may assumethe existence of this level of capability when
developing host applications. APIis the set of routines, protocols, and tools for
building software applications. A good API makes it easier to develop a program
by providingall the building blocks. An application programmerputs the blocks
together.*? Thus, OCAP provides the programmer with all the tools needed to
put together a certain application, which may then be downloaded to all STTs
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and hosts, without regard to who made the device. The performance will meet
some minimum standard of consistency on all devices.

OCAP 1 is based on a Java virtual machine model, a popular standard for
the so-called execution engine. Thatis, you write Java programs to run on
the host, Related terms you will encounter include Hypertext Markup
Language (HTML), the authoring language used in creating Web pages. Hyper-
text Transfer Protocol (HTTP) defines how messages are formatted and trans-
mitted to Web browsers and what actions Web servers and browsers should take
in response to various commands. HTMLis not a part of OCAP1 (it is part of
OCAP 2), but it is possible to use Java to write a Web display application if
desired. Java can leverage the graphics capabilities supported by the hardware.

All applications in MHP are bound. Thatis, they are tied to the channelto
which the host is tuned. If the viewer tunes off the channel, then the application
stops unless it is also associated with the newly tuned channel. On the other
hand, OCAP recognizes both bound and unbound applications. An unbound
application continues to run even when the channelis changed.

Besides bound and unbound applications, and unlike MHP, OCAP allowsnative
applications. Any function that can be programmed in Java (meaning just about any
function) may be programmed and downloaded to an OCAP host. However, unlike
bound and unbound applications, native applications are not guaranteed to run on
any host. Native applications are written for a particular host.

Becauseit will not always be the case that the cable operator can control
what applications are downloaded to a host, OCAP includes a monitor applica-
tion, which decides what other applicationsare allowed to run onthe host. This
way, the operator has some control of what the subscriber does with his host and
what the host might do to the network. An application can be downloaded on the
FAT, the high-bandwidth channels on which video is downloaded. But the FAT
channel is often passed through the headend withoutthe operator's making any
changes, opening up the system for other applications forwarded by the program
supplier,

Figure 22.17 illustrates the relationship between OCAP 1 andother software
and hardwarein the host.** At the lowest layer is the OCAP host device hard-
ware, what we traditionally think of as the host or STT. This is the collection of
hardware on which the software runs. The lowest layer of software is the
operating system/middleware layer. This includesa lot oftraditional operating
system functions, such as scheduling different activities, handling interrupts
(such as when the subscriber presses a key), software to handle different inter-
faces, and memory management.

The secondlayer of the software is the execution engine, whose function-
ality and upward-bound interfaces are specified in OCAP 1. It provides pre-
scribed interfaces with the application software above, through OCAP APIs.
The upward-bound interfaces must be device independent. That is, any host,
implemented with any software operating system, must respond in the same
way when an application issues some commandor supplies some piece of data.

457



458

272.8 Middleware 897

 

(Unbound application that
monitors OCAP applications,

resource Management,
signaling, launching, priority, Common applications Whatever else you want to offer

certificates, security) 2,

Monitor Electronic Video on Another Yet another
application program guide demand application application

OCAP applications programming interfaces (APIs)
 

Execution engine Native application
(software that provides a prescribed interface with the {applications proprietaryag i to a specific hardware

applications above the OCAP API; includes JVM and Java APIs) implementation)

Operating system/middleware
(iask and process scheduling, interrupt handling, device
drivers, memory management, timers, synchronization)

a

5
E
a

=P
EEGoee
ao &

28
og

E
E

3

‘OCAP host device hardware

(tuners, demodulators, upstream transmission, conditional access, video and graphics
processing, audio processing, CPU and RAM, keypad and remote control, outputs)

e

eB
ioS

E

3
z
aa 

Note: [—__] = OCAP1 implementation
  

Figure 22.17 OCAP 1 software architecture.

Above the execution engine are the various applications, which might come
from the host vendor but which might also come from other vendors. Common
applications include EPG and VOD, but many other applications are possible.
Some examplesarelisted later. The monitor application is included in OCAP1. It
controls what other applications may reside on the host, and it controls resource
management between the applications and other functions that involve one or
more applications. This is typically operator specific, because each operator will
want to make his or her own decision about what runs on the hosts in the system.

The cable network is generally defined in SCTE 40, formerly DVS/313. It
defines the levels and characteristics of the input and return signals interfacing
on the left of Figure 22.1,

Native applications are any applications that run on a specific host and are not
conformant to OCAP. Such applications may be written when the execution speed
of an OCAPapplication is not fast enough (some gamesfall into this category). If
an operator wants to enable such applications on several different hosts, he or she
may have to write the application several times, once for each different host
(assuming they are not compatible). In contrast, an OCAP application need be
written only once, and it will run on all OCAP 1-compliantplatforms.
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OCAP 1 Representative Applications

A numberofrepresentative applications are presented, which OCAP 1-compliant
systems are required to support. Typically these applications are written on top
of OCAP 1 (using its services). This is not an exhaustive list — other applications
can also be supported. There is no requirementthatall of these applications be
present on a particular host, but it is required that the box support softwarethat
implements these applications as appropriate. An OCAP 1-compliant box will be
capable of having application software downloaded to support these services,
but it is not a given that, just because a box is OCAP compliant, these applica-
tions exist on it. They exist when client software is downloaded. Also, every
client might not have the hardware required to support every application listed,

Electronic program guide: Electronic program guide (EPG) software must
be capable of being written using OCAP APIs, but OCAP does not specify a
particular EPG. This is up to the software chosen by the operator, EPGs
typically offer a grid showing programs available on the system at the
present time and for somelength of timeinto the future. The user can move
through the grid, with current location being highlighted.If he or she presses
a “SELECT” or “OK” key when on a particular program listing, the host
tunes to that program.If the program is not on yet, the EPG may set the host
to tune to that channel when the program does comeon,orit May present a
reminderto the viewerthat the program is starting. The EPG may also be
used for purchasing pay services such as pay-per-view (PPV) programs,
which are presented at preset times andbilled as an extra service. It can
also be used for purchasing video on demand (VOD), a similar service
except that the subscriber can orderit to start when he or she wants it and
can exercise VCR-like control (stop, play, fast-forward, rewind).
Watching TV: Though this might not be thought of as a software function,
there are certain aspects of watching TV that might be controlled by applica-
tions written on middleware, and OCAP must support them. These applica-
tions support such functions as selecting standard- or high-definition
viewing and, if in high definition, the format {aspect ratio, scan format,
and resolution). The subscriber would want to control whether audio is
delivered as mono, stereo, or 5.1-channel surround (based of course on
what formats are transmitted). He or she might also want to select an
alternate language or to select closed captioning information to be overlaid
on the picture. Picture-in-picture, time shifting, emergency alert, and content
advisory (“V-chip”) are other services related to watching TV. Software to
implementthese services must be supported by OCAP.
Pay-per-view: Pay-per-view (PPV) is a traditional way of ordering pay
programming. The subscriber contacts the system operator in advance to
arrange for purchase of a particular event, The operator then downloads
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authorization to the host. At the time of the event, the EPG may provide a
reminderto the subscriber. Related services for delivery of pay programming
include Impulse Pay-Per-View (IPPV), video on demand (VOD), and near
video on demand (NVOD). These are described in Section 21.4. Additional
services may be provided using the EPG capability of the host.

Email: Email clients are supported by OCAP. This would be an example of
an unbound application, because it is not tied to any one broadcast channel.
The operator is free to download an email client of his or her choice to an
OCAP-compliant host,

Chat/conferencing: A chat or conferencing application would mostlikely be
another unbound application, available no matter to what channel the sub-
scriber was tuned. It might appear as a floating box over the video, in which the
viewer and others could send instant messages to one or more other partici-
pants to discuss a show or anything else people can think of to chat about.

IP telephony: OCAP 1 specifically lists IPF telephony support, though the
host may not havethe interfaces required for telephoneservice. IP telephony
is covered in Chapter 6.

Games: OCAP 1 provides certain APIs required for game playing. These
include windowed video and playing sound effects and animation. OCAP
does not provide support for multiplayer networked games, but this cap-
ability can be provided in native application software. Some games may
require faster response than provided under OCAP1, in which case the game
client may include native-code interfaces to support certain hardware.

Music/radio: OCAP provides for decoding audio without decoding associated
video to permit you to transmit digital audio broadcasts. If you want to down-
load audio in any other format, this could be done by downloading a software
decoder. An audio decoding application would most likely be bound, because
when the subscriber tunes away from the channel, the audio would stop.

E-commerce: These applications are usually broken into shopping and
banking applications. Shopping benefits from high-quality full-screen graph-
ics and flashy transitions and other effects to allow a merchant to present
wares in the most pleasing way. Shopping also involves exchange of credit
card information, so security is of importance. OCAP does not support a
secure connection, leaving this to the application software. The operator
must address privacy concerns, Banking services don’t require the same
high-quality video, but they do require extremely good security and user
identification. Again, the application software must provide these services.

OCAP also specifies certain minimal functionality that any host must support.
Any OCAP host must support background, video, and graphics resolution of at
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least 480 x 640 pixels, which is roughly equivalent to the monochromeresolution
of an NTSC signal with a 4:3 aspect ratio (4/3 x 480 = 640). This resolution
must be supported for both 4:3 and 16:9 aspect ratios.

The minimum host must support certain decoder format conversions
{DFCs). That is, when the signal arrives in one display format, the host must
support conversion to another format supported by the display device. For
example, if a picture arrives in a wide-screen (16 x 9) format and the display
cannot handle wide screen, the host must be able to convert to a conventional

4:3 format. There are several ways this is to be done. A central portion of the
picture may be sent to the display, or a letterbox format (black bands above
and below the picture) may be sent. A number of specific processing options
are required, as specified in the MHP documentation.** In addition, and
different from MHP, an OCAP 1l-compliant host must support a JMF (Java
Media Framework) player for presenting subtitling or closed captioning
information.

There is a rather lengthy list of remote control commands that are to be
accepted. Support for both keyboards and remote control transmitters is recom-
mended. A certain minimum amount of memory and the recommended archi-
tecture of that memory are included in the OCAP 1 specification. STTs and other
hosts usually are running even when the user perceives powerto be off. This is a
standby mode, and OCAP recommends that the middleware recognize the
difference between “standby” and “on” modes, because this is important to
some applications.

22.8.3 OCAP 2

OCAP 2 is a second, related specification that builds on OCAP 1. Besides the
functionality built into OCAP 1, OCAP 2 adds content formats based on Web
technologies, such as XML, DOM, and ECMAScript. It is possible to provide
complete functionality in an OCAP 1 device, but OCAP 2 opens additional
options for providing that functionality.

Extensible Markup Language (KML) was developed by the World Wide Web
Consortium,”® an organization that develops technologies to expand the poten-
tial of the Web. XML allows designers to create their own customizedtags,
enabling the definition, transmission, validation, and interpretation of data
between applications and between organizations.

The document object model (DOM)is the specification for how objects in a
Webpage are represented, The DOM defines what attributes are associated with
each object and how the objects and attributes can be manipulated.

The European Computer Manufacturers Association (ECMA) has created
a standard (ECMA-335) that allows applications to be written in a variety of
high-level programming languages and executed in different system environ-ments.
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Summary

In this chapter we have presented a view of modern techniques used for digital
video reception in the home. Asthis is written, many of the concepts and stand-
ards are new and have not been completely implemented in commercial equip-
ment. The standard now is so-called thin client STTs, having limited functionality
within themselves and depending on the headend for many functions. Thick client
STTs, which include more processing power, have been used. The standards we
have summarized can cover both. These standards are intended to support a wide
range of functionality, to provide the cable operator with a rich choice of models
through which to sell advanced services to subscribers. Of great importance is
satisfying video content owners that their content will not be pirated. The stand-
ards anticipate the availability of devices besides STTs. For example,it is possible
to subsume security needs into TV sets by using POD modules provided by the
operator. Time will tell how the market for advanced services progresses.

In the next chapter, we discuss interfaces between consumer and cable TV
equipment.
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 Chapter 23
ConsumerElectronics Interface

Introduction

Cable services are enjoyed via the subscriber's consumer electronics products,
the most important of which are television receivers and videocassette recor-
ders. Stereo and surround-sound systems are also important to home theater
installations. Coordinating the use ofall the features of these products with cable
services causes complications. Add-on devices such as video games, Web appli-
ances, digital video disc (DVD) players, personal computers, home security and
control systems, and other consumerelectronics products add still more chal-
lenges. The cable-consumer electronics interface issues are complex, and satis-
factory solutions have been elusive even with extensive committee work and
cooperation between the industries. This chapter will survey the issues and
some of the attempts to alleviate the problem.

There are two principal aspects to the issues concerning the interface
between consumer electronics products and cable systems. One aspect is the
way in which this interface affects the usage of cable services and of consumer
electronics products and their features. The other aspect involves matters of law
and politics. Both aspects will be considered, but separately.

Five major constituents have interests in these issues: (1) the subscriber/
consumer, (2) the service provider, (3) the service provider's equipment manu-
facturer, (4) the consumer electronics and related industries, and (5) govern-
ment agencies creating laws and rules related to these issues.

The Nature of the Interface

23.2.1 Cable Services

For purposes of this discussion, cable services can be categorized as (1) basic,
(2) expanded basic, (3) pay, (4) pay per view, and (5) other.

Basic services are not scrambled as a matter of law. This is a requirementof
the 1992 Cable Act, which we discuss later. Signal delivery is accomplished
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merely by connection — usually by a technician physically connecting the drop
cable to the cable plant. In a few cases, a switched tap is used to connect the
subscriber underelectronic control without the need for a technician to visit the

tap location. Signal denial for those who no longer subscribe is done by dlis-
connecting the subscriber from the cable plant. The subscriber who takes only
the basic service and has a consumer electronics product that can tune all the
channels of interest experiences the same amount of complexity as found when
connected to an antenna.'

A converter with appropriate tuning capability is used in situations where
(1) the subscriber's consumer electronics product does not tune all the channels
of interest, (2) the product suffers from inadequate tuner performance, or (3) the
product does not include remote control and the subscriber desires that feature.
A converter is an extended capability tuner with a channel 3 or 4 output. It
usually also includes a remote control. Converters were once commonly leased
by cable operators. That is much less common today because converters are
rarely needed since few very old receivers are still in service. Converters are
available at retail.

Expanded basic services involve additional channels and an additional
price. Signal denial for nonsubscribers is usually accomplished by traps or by
scrambling. Alternative signal denial possibilities include interdiction, Interdic-
tion has not found wide acceptance. All these technologies are described in the
previous two chapters. When traps or interdiction is used, the subscriber experi-
ences the same amountof complexity as found when the TV and VCR are merely
connected to an antenna in the usual way recommended by the TV and VCR
manufacturers, This assumes that the consumer electronics products tune all the
channels of interest; otherwise, a converter is required.

Pay services, also called premium services, are sold by the month on a
channel-by-channel basis. Pay services feature movies and special events and
require a substantial additional fee. Analog signal denial for nonsubscribers is
usually accomplished with traps for services with stable acceptance, that is, that
have subscribers who keep their subscriptions for extended periods. There are
two major types of traps: negative and positive. Negative traps allow subscribers
to the premium service to receive it “in the clear" without any signal processing.
With this technique, basic subscribers who do not take popular pay services
have the negative trap installed in their connection to the cable system. The
negative trap filters out the channel thatis not taken. Popular services are those
where more than half of basic subscribers take the service. Positive traps are
installed at premium service subscriber locations when less than half of the basic
subscribers take the service. A factor in making the choice between positive
traps and negative traps is the need to minimize the number ofunits required.
Alternative signal denial methods include interdiction and broadband descram-
bling. Conventional descrambling is used for services with higher rates of turn-
over or where additional security is desired. When traps, interdiction, or
broadband descrambling is used, the subscriber experiences the same amount
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of complexity as when the TV and VCR are connected to an antenna (assuming
the consumerelectronics products tune all the channels of interest).

Pay-per-view services are sold one at a time and almost always utilize an
addressable descrambler. In the past, disposable traps that timed-out after the
pay-per-view event were used, but with only moderate success. ,

Other services are generally taken by more sophisticated subscribers who
havelittle or no difficulty with the interface between their equipment and the
cable system.

23.2.2 Relevant Cable Set-Top Terminal Features

Cable set top terminals have a couple of important features that have been desig-
ned specifically to help with the interface between cable systems and consumer
electronics products.”

The auto bypass switch is a feature that bypasses the entire cable spectrum to
the TV (or VCR) when the set top terminal is turned off. This is an option that
either is built into set top terminals or is available as an add-on.It is intended to
allow the TV's (or VCR’s) remote control to operate the TV's (or VCR's) tuner
when the set top terminalis not used for scrambled channels. Though the auto
bypass switch was available before the 1992 Cable Act's Consumer Electronics
Interface amendment, the act motivated wider availability of the feature. Cable
operators are required to make these switches available to subscribers but are
allowed to charge for their costs. This feature has had little consumer demand.

The dual descrambler feature puts two tuners and descramblers in one
package so that subscribers are not limited to unscrambled channels for some
of the modes of operation of consumerelectronics products. Cable operators are
required to make these units available to subscribers and are allowed to charge
for their costs. This feature also has had very little consumer demand.

The cable industry and independent entrepreneurs have developed a number
of switching appliances to facilitate configuration of the interconnections for
Various purposes. Other devices intended to ameliorate these difficulties have been
offered for sale. None of them has found long-lasting marketplace acceptance.

23.2.3 Relevant Consumer Electronics Characteristics and Features

TVs and VCRs are the primary consumerelectronics equipmentaffected by cable
service. These products come with a wide variety of features, The most impor-
tant features for these issues relate to the remote control and the tuner. The
remote control is used to turn the device on and off, change channels, and oper-
ate other features. Another feature of the VCR is its timer, which is used
to commence and terminate recording and to change channels at appropri-
ate times to capture programsof interest. Other TV and VCR features of interest

includeparental control, last channel tuning, sleep timers, and favorite channelaccess.
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23.3

Premium TV receivers include a feature called picture-in-picture, (PIP),
which allows a small picture to be inserted inte the large picture. Most often,
the signal for the second picture comesfrom another source such as the tuner in
4 VCRora television camera that mightbe placed in a baby's room orat the door
to monitor visitors. Often the two signals may be interchanged with the press of a
button. Another variation of the PIP feature includes the scanning of the chan-
nels with the capture of a set of miniature still frames providing a glimpse of
whatis on the various channels.

Most modern television receivers and VCRs have a feature, called auto
channel setup, that automatically searches for available channels when the unit
is first plugged in (and after every extensive power outage). The TV or VCR takes
several minutes to search all the channels it can tune and loads into memory
those that contain programming. Many (but notall) of these receivers will skip
over most scrambled channels. When the viewer uses the channel up or down
button, these channels will be skipped.

The antenna and cable/converter switch feature (usually operated by remote
control) switches between two or more inputs to the TV. One inputis intended to
be from the converter and the other directly from the cable (or an antenna). The
intention here is to allow the TV's tuner to do the work when nonscrambled
channels are watched and just use the converter/descrambler's tuner when
scrambled channels are watched. This feature is similar in function and purpose
to the auto bypass switch option in converter/descramblers.

The TV/VCR switch feature on a VCR determines whether the entire cable
spectrum is presented to the TV orjust the channel tuned by the VCR or the tape
playback.

23.2.4 ConsumerFrustration

The two principal aspects of consumer frustration are the installation and the
utilization of consumer electronics products with cable services. Both of these
frustrations come from the variety of services and features found in these
products.

Connecting Cable, TVs, VCRs, and Set-Top Terminals
In 1987, the NCTA Engineering Committee formed a Subcommittee on Con-
sumer Interconnection and developed a set of 27 diagrams indicating the most
likely methods of connecting a TV, VCR, and one or more set-top terminals along
with an assortment of switches and signal splitters. Many of these diagrams are
also found in consumer's manuals that come with new TVs and VCRs. All the
interconnection schemes have advantages and disadvantages. None solves all of
the problems. Reviewing some of these diagrams results in a better understand-
ing of the complexity of the problem."
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23.3 Connecting Cable, TVs, VCRs, and Set-Top Terminals 907

When the original diagrams were developed, most TVs had 300-ohm
balanced RF inputs, whereas today they have 75-ohm coaxial inputs. In the
300-ohm balanced input, you had to use a balanced-to-unbalanced transformer
(balun) with a 4:1 impedance step-down ratio. This is not necessary with
?73-ohm coaxial inputs, but we have retained the balun in Figure 23,1 since it
is in the original document.

Where a VCR is shown, a personal video recorder, PVR, may be substituted.
4 PVR has an internal hard drive and saves programs on that rather than on a
tape. Operation of a PVR is somewhat more problematical than that of a VCR
because a PVR has added intelligence to allow it to select programsfor later
viewing, based on the subscriber's past actions. Having to impose an STT for
tuning disrupts operation of this feature. Some STTs include PVR functions, so
this becomes a nonissue in those cases.

Where digital services are to be received, an STT is required unless the TV
has a cable interface to receive 64- and 256-QAM broadcasts directly without an
STT. If so, then the STT may be omitted for nonscrambled digital programs. If
the TV has a POD moduleinterface as described later and in Chapter 22, it may
be used without an STT in all cases. As of this writing, such TVs are not
available. If the PVR has a POD module,it can be used on all channels without
the STT. Again, such devices are not available as of this writing.
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Figure 23.1 In-home equipment and simplest connection without set-top terminal.
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Network-based PVRs may be implemented by the cable operatorif desired,

in which case broadcasts are saved on a hard drive at the headend and played
out to subscribers as a VOD program. These would need an STT with appro-
priate soitware to control the network-based PVR.

93.3.1 Basic Cable and Trapped Premium Service Connection
Figure 23.1 is illustration 12 of the NCTA connection diagram set. The cable isconnected to the VCR, which is connected to the TV. This diagram is for the
basic-service-only subscriber and the subscriber who has premium. services
controlled by traps. No set-top terminal is used. Since less than half of cable
subscribers have set-top terminals and since most subscribers conmect morethan one TV or VCR to cable, the majority of cable connections use this simple
configuration.

Advantages

. Least expensive.
_-TV and VCR operate as with antenna connections.
_ Can consecutively record different unserambled channels automatically.
_ Can watch one unscrambled channel while recording a different unscrambled

channel.

5. PIP works with unscrambled channels when VCR's baseband output is
connected to TV’s baseband input.

a»Wwhk

Disadvantages

1. No scrambled services available for either watching or recording.
2. No interactive services available.
3. Have to rememberto put TV to channel 3 when watching recorded tapes.
4. Need to use two remote controls or a “universal” remote control.
5. TV's parental controlis inoperative when using VCR's tuner.
6 . Consumer's tuner subject to overload and damage from lightning strikes

on cable.

7. Signal leakage possible from inadequately shielded tuners.

93.3.2 A Simple Start
Figure 23.2 is illustration 1 of the NCTA connection diagram set. The cable isconnected to the set-top terminal, which is connected to the VCR, which‘« connected to the TV. This is by far the most popular connection method
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Figure 23.2 Most common cable connection with set-top terminal.

involving a set-top terminal because it is the least expensive and simplest to
implement and use.

Advantages

1. Inexpensive and easy to install.

2. Easy to understand.

3. Can record scrambled channels.

Disadvantages

1. Can't watch one channel and record a different channel.

2. Can't consecutively tape different channels automatically because VCR
tuner does not do channel selection.

3. Neither the TV tuner nor the VCR tuner has any control.
(a) TV's parental control, favorite channels, and last channel recall features

are inoperative. The TV is just tuned to channel 3 {or 4).
(b) VCR's timer, parental control, favorite channels, and last channel recall

features are inoperative. The VCRis just tuned to channel 3 (or 4).
4. Need to use three remote controls or a universal remote control to turn on

the three devices and put the TV and VCR to channel 3 (or 4).

5. Makes the TV's picture-in-picture feature useless.
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Special Case

1. If the converter/descrambler has an auto bypass switch, then when the
converter is turned off, the entire cable spectrum passes through to the
VCR, and the situation is exactly the same as in Figure 23.1, which is the

case where no set-top terminal is used, When again using a scrambled
channel, the subscriber must remember to put the VCR to channel 3 (or
4). If the set-top terminal has the channel-mapping feature and the TV or
VCR does not, the same programming may appear on two different channel
numbers, One channel number will be found on the set-top terminal and the
other on the TV or VCR. This may be confusing.

23.3.3 Two Set-Top Terminal Case

Figure 23.3 is illustration 2 of the NCTA connection diagram set. The cable signal
is split and connected to two set-top terminals. The left set-top terminal is
connected to a VCR, which is connected to one input of an A/B switch, which
is connected to the TV. The right set-top terminal is connected to the other input
of the A/B switch.

 

 
oY

Figure 23.3 Connection with two set-top terminals.
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This is one of the least popular installations because of its expense and
complexity. It would be used by “techies” who want the most flexible system
and can both visualize how it works and handle multiple remotes with ease.It
will be very frustrating to others. The dual descrambler feature could be used to
simplify both the installation and operation of this connection. Onscreen dis-
plays could further assist the subscriber. Despite the flexibility of this connection
and the potential to make it relatively easy to use with onscreen displays,its
usage is very limited.

Advantages

1. Most flexible.

2. Can watch any authorized scrambled or unscrambled program.
3. Can record any (other or same) authorized scrambled or unscrambled

program.

4, PIP can be used with both channels if the TV has baseband inputs that are
connected to the VCR's baseband outputs.

5. Useful in systems that have both analog scrambling and digital television.

Disadvantages

1. Can’t consecutively tape different channels automatically because VCR
tuner does not do channel selection.

. Expensive hardware and monthly fees.

. Complex to install, many cables, many opportunities for signal leakage.

. Complex to operate; need to use at least three remote controls.

. Neither the TV tuner nor the VCR tuner has any control.
(a) TV's parental control, favorite channels, and last channel recall features

are inoperative, The TV is just tuned to channel 3 (or 4).
(b) VCR's timer, parental control, favorite channels, and last channel

recall features are inoperative. The VCR is just tuned to channel 3 (or 4).

6. Need to use three of four remote controls or a universal remote control.

7. Most brands of set-top terminals will operate simultaneously from one
remote control. Consequently, the subseriber may have to operate one
terminal as manual. If the set-top terminal supports two control codes, four
remote controls may be used with this configuration.

8. If both analog scrambled and digital channels are being used, may need to
interchange set-top terminals depending on which is to be recorded and
Which is to be watched.

unodetwho
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9. Switch at TV is usually manual, requiring getting out of the chair unless the
switch is built into the TV and remote controllable.

10. Splitter cuts signal in half and may introduce noticeable noise.

Special Cases
1. If the left converter/descrambler has an auto bypass switch, then when the

converteris turned off, the entire cable spectrum passes through to the VCR,
and the situation is exactly the same as in Figure 23.1.

2. If the right converter/descrambler has an auto bypass switch, then when the
converter is turned off, the entire cable spectrum passes through to the TV,
and the situation is similar to that shown in Figure 23.1 but without the VCR.

3. If the set-top terminal has the channel-mapping feature and the TV or VCR
does not, the same programming may appear on two different channel
numbers. One channel number will be found on the set-top terminal and
the other on the TV or VCR. This may be confusing.

23.3.4 Minimal Scrambled Channel Usage

Figure 23.4 is illustration 5 of the NCTA connection diagram set. The cable
signal is split into two paths. The left path is connected to a sel-top terminal,
which is connected to an A/B switch, which is connected to a TV. Theright path is
connected to a VCR, which is connected to the other input of the A/'B switch.

This connection could be used by someone who wishes to continue the use
of the features of their TV and VCR as enjoyed before cable, and only occasion-
ally watches, but never records, scrambled channels. This is especially conveni-
ent for someone with only one scrambled channel or who uses the converter/
descrambler only for pay per view but doesn’t record that programming.
The right-hand path is identical to Figure 23.1. Alternatively, since the path with
the converter can be used to watch either scrambled or unscrambled channels,
the only purpose for the switch is to watch recorded tapes. That could also be
accomplished with the VCR's baseband output and the TV's basebandinput.

Advantages

1. Easy to use if most of the usageis for unscrambled channels.
2, Can watch any channel while recording any unscrambled channel.
3, Can consecutively record unscrambled channels automatically.
4. Especially easy if only one scrambled channelis taken.
5. PIP can be made to work as long as the second picture is unscrambled.
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Cable input

 
oe

Figure 23.4 Connection for few scrambled channels.

Disadvantages

1. Can‘t record scrambled channels.

4. On the left side, TV's parental control, favorite channels, and last channel
recall features are inoperative. The TV is just tuned to channel 3 (or 4).

3. Switch must be manually operated unless it is built into the TV.
4. Need to use three remote controls or a universal remote control.

5. Splitter cuts signal in half and may introduce noticeable noise.

Special Cases

1. If the converter/descrambler has an auto bypass switch, then when the
converter is turned off, the entire cable spectrum passes through to the
TV, and the situation is similar to that shown in Figure 23.1 but without
the VCR.
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2. If the set-top terminal has the channel-mapping feature and the TV or VCR
does not, the same programming may appear on two different channel
numbers. One channel number will be found on the set-top terminal and
the other on the TV or VCR. This may be confusing.

23.3.5 Improved Simple Connection
Figure 23.5isillustration 4 of the NCTA connection diagram set. This contig-
uration inexpensively overcomes some of the difficulties of Figure 23.2 and
especially makes sense if the TV has a built-in A/B switch.

Advantages

1. Inexpensive and easyto install.

2. Easy to understand.
3. Can record scrambled channels.

4. PIP feature can be used when one of the channels is always unsctam-
bled and the VCR's baseband outputis connected to TV's basebandinput.

 
x
 

Figure 23.5 Modified most common connection.
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Disadvantages
1. Can’t consecutively tape different channels automatically because VCR

tuner does not do channel selection.

2. Need to use three remote controls or a universal remote control.
. On the left side, neither the TV tuner nor the VCR tuner has any control,

(a) TV's parental control, favorite channels, and last channelrecall features
are inoperative. The TV is just tuned to channel 3 (or 4).

(b) VCR's timer, parental control, favorite channels, and last channel recall
features are inoperative. The VCR is just tuned to channel 3 [or 4).

. Switch at TV is usually manual, requiring getting out of the chair unless the
switch is built into the TV and remote controllable.

. Splitter cuts signal in half and may introduce noticeable noise.

Special Cases

. If the converter/descrambler has an auto bypass switch, then when the
converter is turned off, the entire cable spectrum passes through to
the VCR, and the situation on the left side is exactly the same as in
Figure 23.1.

. Ifthe set top terminal has the channel-mapping feature and the TV or VCR
does not, the same programming may appear on two different channel
numbers. One channel number will be found on the set top terminal and
the other on the TV or VCR, This may be confusing.

23.3.6 Problematic Connection Example

Figure 23.6 is illustration 7 of the NCTA connection diagram set. This figure is
almost never used with modern set-top terminals because they usually require a
separate frequency for receiving control signals. The VCR would block those
signals, and the set-top terminal would turn itself off after a preset time.
Also, this configuration would block upstream signals, making impulse pay-
per-view (IPPV) and other two-way services impossible,

Advantages

1. Attempts similar functionality to Figure 23.4 but without the need for the
A/B switch.

2. PIP can be used with the second picture unscrambledif the TV has baseband
inputs connected to baseband outputs from the VCR.
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e

 
Figure 23.6 Connection with set-top terminal difficulties.

Disadvantages

opehe
. Many set-top terminals can't be used in this configuration.

. Impulse pay-per-view and other two-way services are impossible.

. Can't record scrambled programs.

. TV's parental control, favorite channels, and last channel recall features
are inoperative. The TV is just tuned to channel 3 (or 4).

. Need to use three remote channels or a universal remote control.

. Converter/descrambler’s parental control is inoperative when using VCR's
channel 3 (or 4) output.

Special Cases

1. If the converter/descrambler has an auto bypass switch, then when the set
top terminal is off, the entire output of the VCR passes through to the TV,
and the situation is exactly the same as in Figure 23.1.

. li the set-top terminal has the channel-mapping feature and the TV or VCR
does not, the same programming may appear on two different channel
numbers, One channel number will be found on the set-top terminal and
the other on the TV or VCR. This may be confusing.
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23.3.7 Improvements

One of the main disadvantages of the configurations shownin Figures 23.2, 23.3,
and 23.5 is that the VCR is not able to consecutively record different programs
except if the set-top terminal has an auto bypass switch and no scrambled
programming is to be recorded.

This disadvantage can be overcome,at least in theory, with set-top terminals
that include a programming function similar to that found in VCRs. This prog-
ramming function can be set up to turn on and change channels at appropriate
times. Usually, an onscreen menu is used for this purpose. The subscriber then
uses the same principles to program the set-top terminal as are used to program
the VCR, with the VCR programmed only to turn on and record the output
channel of the set-top terminal at the appropriate time. In practice, this proced-
ure meets with limited success by the occasional user since there are additional
opportunities to make mistakes and thereby fail to record the desired programs.
Nonetheless, the careful subscriber can master these techniques and successfully
record different channels consecutively.

An alternative approach to overcoming the deficiency that inhibits the recording
of consecutive programs on different channels is found in certain premium VCRs.
These products have an infrared (IR) light emitter on a short wire, This device is
sometimes called an IR blaster. The IR control is set up to use the IR control codes of
the brand set-top terminal employed by the cable operator. The VCR can then
change the channels of the set-top terminal and thereby record different channels,
scrambled or unscrambled, consecutively. Since the set-top terminal is now con-
trolled by the VCR,the set-top terminal's remote control is not necessary. Only two
remote controls are needed by the subscriber, one for the TV and one for the VCR.

In the case of Figure 23.3, this type of VCR overcomes yet another difficulty.
Thatis, if the two set-top terminals respond to the same IR codes, the VCR's IR
controller can be placed in such a way that the set-top terminal used with the
VCR is isolated from the IR signals used with the set-top terminal connected to
the TV. Then only three remote controls are necessary, and both set-top term-
inals can be controlled remotely.

It is possible to use the same IR blaster technique with the TV controlling the
sel-top terminal (if the TV is so equipped). Also, the set-top terminal may use an
IR. blaster to control the VCR or TV. In that case, the subscriber programs the set-
top terminal and uses its remote control.

An unfortunate complication with the IR blaster stems from the fact that the
usual on-off control on consumer electronics products and set-top terminals is a
toggle function. That is, there is not a separate on and a separate off control.
Rather, if the unit is on, the control turns it off, and vice versa. This uncertainty
over the current state is a source of error in setup and usage of these techniques.

There are numerous complications in these configurations. Most subscribers
have difficulty visualizing what is happening with the multiple remote controls
or the multiple modes of use of the universal remote control.*
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23.4 ConsumerElectronics Interface Issues

23.4.1 The Importance of Compatibility
The cable-consumer electronics interface establishes the manner in which a
cable system, a consumer, and consumerelectronics products function together
to provide a useful result. Compatibility means the convenient use of the fea-
tures of in-home equipmentthat are of interest to the subscriber. It also means a
minimum of hurdles to subscribing to advanced cable services. From the per-
spective of the cable operator, compatibility is an issue of customer service and
satisfaction. Effective compatibility can be a strong competitive advantage over
other service providers. It can mean the difference between subscriber retention
and the loss of subscribers to other media.

23.4.2 The Participants and Their Priorities

To better understand the consumer electronics interface issues, it is helpful to
consider the problems from the perspectives of the various participants. These
participants have differing goals and desires that are not always in harmony.

There are five majorparticipants: (1) the subscriber/consumer,(2) the service
provider, (3) the service provider's equipment manufacturer, (4) the consumer
electronics industry, and (5) governmententities making laws and rules,

The subscriber/consumeris the ultimate objective of all the efforts. If the
subscriber/consumer is not happy and if there are alternative entertainment and
information choices, the result will be a loss of business. Of course, there always
are alternatives. The simplest alternative is to simply not subscribe to premium
services and just use an off-air antenna with videotape and video disc rentals as
supplementary video.

The nextparticipant to be considered is the service provider who has a love-
hate relationship with the in-home hardware. Following is the service provider's
equipment manufacturer who has legitimate business concerns. The participant
that is most anxious to become an active player in this arena is the consumer
electronics industry. Lastly, the Congress has established laws that require the
FCC to regulate these matters.

23.4.3 The Subscriber/Consumer

The subscriber/consumer participates in two ways. The subscriber/consumer
buys equipment from the consumer electronics industry and subscribes to
services that play on that equipment. The ultimate goal is the services. Add-
itional programming choices make the TV and VCR even more useful.

The best reason for a large screen and a surround-sound system with multiple
speakers and high-wattage amplifiers is the premium programming that comes
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with pay services and pay-per-view events. Likewise, having a quality receiver
and sound system makes movies and premium services more enjoyable, Givenall
this, it is clear that the cable and consumer electronics industries are highly
motivated to work closely together to reinforce this symbiotic relationship.

The consumer wants good programming, good pictures and sound, cost-
effectiveness, and simplicity. The subscriber does not care which medium makes
the programming available. The consumeris frustrated with product features
that are difficult to use and understand. The blinking “12:00" on the VCR has
become emblematic of consumer technophobia — many consumers do not even
know howto set the correct time. The maze of wires behind the TV and VCR are
bad enough with just off-air reception, but they become beyond comprehension
for many consumers when a premium service provider adds a set-top terminal of
some sort.

23.4.4 The Service Provider

There are two elements to the service provider participant: the cable operator
and the program supplier, Although this is an interdependentrelationship, there
are differences in their priorities.

The service provider's love-hate relationship with the in-home terminal
concentrates on its major disadvantage, the cost, and its major advantage, the
facilitation of new services. The capital cost of the in-home terminal is a sig-
nificant portion of the total capital investment required for service provision.
This is especially burdensome with digital set-top terminals.

A rule of thumb used in the cable industry for a decade andahalfis that for
every $50 of in-home hardware, $1 a month is required just to cover the cost of
the equipment. This nile of thumb is based on the assumption that the money to
buy the set top terminal is borrowed from some capital source that requires
repayment. The capital source may be internal or external, but capital is always
a scarce commodity with multiple demands, each of which must justify its use.
The capital must be repaid over the period during which the set-top terminal
remains functional, and the interest must meet corporate hurdle rates. Over the
years that set-top terminals have been used, the interest rate has varied over a
wide range. Using the usual financial equations that are available in spreadsheet
programs, Figure 23.7(a) shows a table of the amounts that must be paid back
monthly to cover a $50 loan for various interest rates over a number of years.
Figure 23.7(b) graphs this data with the number of years across the top,
the dollars of outflow on the vertical axis, and a separate curve for each
percentage value. :

In the graph, the curves for the various percentages cluster closely. Clearly,
the number of years over which the loan must be paid back is the more
important parameter. Going from 3 years at 5% interest to 3 years at 10%
interest increases the monthly cost by only 7%. Going from 3 years at 5% to 4
years at 5% reduces the monthly outlay by 23%. Long life of the equipmentis
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Figure 23.7 Set-top costs. (a) Monthly cost of $50 loan at various rates paid back in multiple years.
(b) Graph of data.

important to low monthly costs. Conversely, high-tech equipment that is soon
obsolete is very expensive on a monthlybasis. In addition to repaying the capital
for the set-top terminal, there is a monthly maintenance cost.

The benefit of the in-home terminal to the service provider is that it
facilitates services. The in-hometerminal does this in two ways.First, it provides
the electronics necessary for the service. For example, a Web appliance provides
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the signaling, memory, and display electronics needed to browse the Web and
display the results on the TV. Second, the in-home terminal is the instrument of
conditional access. Unless access can be restricted, a price cannot be demanded.

A wide variety of ways of protecting signals were discussed in the previous two
chapters. Nearly all of them require some in-home device. ‘

Experience shows that consumers respond to the ability to make impulse
purchases of programming. The easier the mechanism of purchase, the more is
bought. This capability also requires some sort of in-home equipment.

The in-home terminal is one of the fundamental determinants of the

quality of the video and audio experienced by the subscriber. Technical specific-
ations such as noise figure, linearity, and the tightness of the shielding
are critical to good pictures and sound. The need for a quality terminal is
paramount.

Lastly, there is a need to be able to experiment with new services. In the
past, this has been done by the system operator providing the in-home hardware
necessary for the marketing experiment. If the service proves compelling, addi-
tional equipment is procured, and the service is rolled out across the population.
The cable industry is very good at copying success and applying it widely.If the
experimental service is disappointing, the equipment is abandoned and forgot-
ten. In neither case is the consumer required to purchase new hardwarethat
might be later orphaned. This is just an extension of one of cable's major
marketing advantages. The salesperson can offer a low-cost or even a free trial
hookup to the consumer without asking for the purchase of any equipment.
Consumers know that if they are dissatisfied with the service, they may discon-
tinue at any time without getting stuck with hardware that has no other use. This
ability to offer a risk-free trial is an important advantage.

The program supplier's principal concern is protection against theft. Though
this is important to the cable operator,it is even more critical to the program
suppliers. The framers of the U.S. Constitution realized the importance of pro-
tecting the rights of authors, artists, and other creative workers when they
provided for the copyright. Protection encourages the creative contributor. With-
out the fruits of these contributors, there would be no cable industry and no
consumer electronics industry. The consumer would have minimal interest in
whatlittle would be left. Although the public may view theft of programming as
a “victimless crime” or one of litle significance, this is a misperception. All
suffer from the loss of incentive to produce quality programming. Legitimate
consumers pay higher prices because those who steal do not contribute their fair
share to covering the costs of operation. Fortunately, the 1992 Cable Act, the
1996 Telecommunications Act, and the actions of the FCC have recognized the
importance of preventing signal theft.

The program supplier is also interested in minimizing the impact of the
copying of programs on other means of distribution. Businesses in the rental
and sale of videotapes and video discs are undermined by easy copying of
programming delivered on cable.
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23.4.5 The Service Provider's Equipment Manufacturer

The priorities of the service provider's equipment manufacturer are perhaps
easiest to understand. Its goal is to profitably sell systems involving large
quantities of in-home hardware and the headend equipment needed to supply
signals. Since cable systems are individual closed systems of limited geographic
area and since the in-home hardware has traditionally been leased, adjacent
cable systems can utilize totally incompatible equipment and still well serve the
TVs and VCRs owned bysubscribers. The subscriber who moves from system to
system is not inconvenienced by these incompatibilities since the system that
serves the new residence will supply the necessary in-home equipment while the
system serving the previous residence takes back its equipment.

A major advantage of this approach is that new technology Is easily accom-
modated. When a cable system is ready to upgrade its hardware,it can purchase
the best of the newest equipment available without concern about making the
consumer's equipment obsolete. From the manufacturer's perspective, this
keeps the market from becoming saturated. New services and new technologies
can recapitalize the consumer's set top while bringing excitement to the service.
Imprudently implemented consumer ownership of this equipment would inter-
fere with this process of innovation.

23.4.6 The Consumer Electronics Industry

The consumer electronics industry has two main elements: the manufacture and
the retail sale of products.

The nature of the consumerelectronics business is one of high competitive-
ness. The manufacturer is interested in making more products and in selling
upseale models. Almost 100 million residences receive television signals in one
form or another in the United States. There are more than 250 million television
receivers and 150 million VCRs in those homes. About 25 million new TVs and
15 million new VCRs are sold annually. The consumerelectronics industry has
the capacity to produce even more. Each year, new efficiencies make possible
the production of more units from existing production lines. There simply is
massive production overcapacity. The consequence of this is that it is impossible
to maintain prices, much less raise them. Margins are tight. Only the full-
featured products make money. The simple products now sell for something
under $10 per inch of screen size. The cable set-top terminal has the potential to
interfere with attractive features in the TV and VCR. This drives the consumer
toward the profitless low end of the product line. Clearly, this is a survival
problem for the consumer electronics industry.

The retailer does not always have the option of selling set-top terminals to
cable operators. STT sales are traditionally large-scale industrial sales that are
seen by the retailers as a bypass of their business. Theretailer's desire is either to
totally prevent the use of set-top terminals or to get into ihe business of selling
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them. After a few years of attempting to outlaw set-top terminals, the retailers
have come to realize that the age of interactive television, convergence, and
advanced services requires set-top terminals. The emphasis is now on requiring
these devices to be available at retail.

23.4.7 The Two Extremes

After the 1992 Cable Act, discussions between the cable and consumer electro-
nics representatives began in earnest. Some on each side adopted extreme and
simple-minded positions. The extremists in the consumer electronics industry
said, “Why don't they just not scramble?” Whereas the extremists in the cable
industry said, "Why don't they just make monitors?"

Both of these outlooks are life threatening to the industries concerned. With-
out scrambling, cable cannot protect signals and offer premium services. This
would spell the end of the cable business. Without premium features, the monitor
business would degenerate into a profitless commodity business that would cause
chaos to the consumer electronics sector. Neither alternative is workable. Neither

alternative considers the consumer. Something else is required.

23.4.8 The Origins of the Problem

The history of the situation provides some help in understanding its complexity.
The first “cable-ready"” TV was almost an accident. A couple of decades ago,
television tuners were analog devices with mechanical rotary turrets. A mullti-
tude of contacts switched coils, changing the frequency tuned and the local
oscillator frequency. Remote control was implemented with a motor driving
the shaft of the tuner. The tuner contacts wore out or oxidized, and the tuner

became the major source of service problems. Thedigitally controlled varactor
tuner was an innovation that tuned the receiver with electrically variable cap-
acitors (the varactors) instead of screwing a ferrite core into a coil of wire. The
tuning voltage for the varactors was derived from a digital-to-analog converter
driven by digital electronics. The voltage data was stored in semiconductor
memory. The same digital electronics served to implement the remote control.
The advantage to the consumer was a significant increase in reliability because
of the elimination of moving parts and the vulnerable electrical contacts.
However, the cost of TVs with electronic tuners was around $100 more than
comparable units with mechanical tuners, making these advanced receivers
difficult to sell.

An engineer recognized that memory comes in fixed sizes and that most
applications do not use all the memory available on the chip. He proposedfilling
the memory chip with additional data that allowed the varactor tuner to tune
some nonbroadcast frequencies used on cable. With the addition of a cable
television F connector to accommodate connection to a cable, the product could
be sold as “cable ready.” The additional cost was near zero—just better
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utilization of the memory that was already there. This was a feature consumers
could understand. They were willing to pay more for “cable ready" because it
promised to free them of the set-top terminal.

As time went on, subscribers noticed that though the TV gave them access to
some cable channels, it did not give them access to all. A “horsepower race"
developed where the number of channels tuned was part of the advertising. As
more channels were added, a larger size memory was needed; this added a small
increment of cost. Further increases in channel capacity required slightly more
complex tuners. But this still was a minor cost increment.

23.4.9 Other “Cable-Ready” Issues
There are a numberof importantdesign features included in most cable set-top
terminals that very few “cable-ready” TVs and VCRs incorporate. Most cable
sel-top terminals have a feature called channel mapping. Channel mapping
decouples the channel display number from the frequency tuned. Thus,if there
is a direct pickup problem in the cable system becauseof the presence of a strong
broadcastsignal, the broadcast channel can be placed at a different frequency to
avoid this interference while allowing the subscriber to requestit by its familiar
channel number. The remote control command and the channel indicatorall
provide the familiar number while the tuner is “mapped” to another frequency.
The set-top terminal has downloadable control commands to change the map-
ping as channel lineups change and to suit the needs of the cable system using
the unit. A consequenceof the absence of this important feature in “cable-ready”
TVs and VCRs is the annoying need for multiple channel numbers in manylocal
program listings. The familiar channel number is used for those subscribers
using a cable operator-provided set-top terminal, An alternative channel number
is used for “cable-ready” TVs and VCRs. This problem exists in the same home
when some TVs have set-top terminals and others do not or when the auto
bypass feature is used with a set-top terminal. Receivers built in compliance with
the ELA-608A standard may include automatic channel mapping as an option.

A more important application of channel mapping is the manner in which
scrambled channels are handled in a set-top terminal. When a subscriber using a
set-top terminal attempts to tune a channel for which he or she is not authorized,
the set-top terminal avoids that channel. Either it goes to another channel that
has an appropriate message or it simply presents a blue (or blank) screen and
muted audio. The alternative channel may include advertising for premium
cable services. In that case, it is referred to as a barker channel. The term comes
from the circus “barker” who hawked sideshows and attempted to attract an
audience. If a blue screen is used, it may include a text or graphics message
indicating how the subscriber could upgrade the subscription. In either case, the
video and audio are kept from the receiver. This feature allows for practical
video scrambling that has relaxed constraints. The video scrambling does not
need to completely hide the video. There is no concern that “objectionable”
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video might “bleed” through to offend sensitive viewers. Additionally, audio
does not need to be scrambled since, in most cases, scrambling the video is
sufficient to require a subscription. Children are protected from unintentional
exposure to the audio of objectionable programming and do not accidentally see
the “random lockup” of a scrambled video because of the set-top tuners map-
ping to another channel.

The analog television audio signal is complex. It includes a stereo compon-
ent, a second audio program (SAP), usually for monaural second language, and
auxiliary signals. Since the human ear is very sensitive to audio distortion,
scrambling the complex analog television audio signal in a manner that resulis
in quality sound when descrambled is expensive and technically challenging.
This expense would be unnecessary if channel mapping were universally used.

Set-top terminals have other important features as well. Parental control
features are required by some franchises. These franchises often specify the
manner in which the parental control feature must function and the level of
security it must provide. “Cable-ready” TVs and VCRs manufactured since 2000
must have parental control (the “V-chip"). Additionally, set-top terminals
often have an emergency alert feature that allows local governmentofficials to
alert citizens of hazardous conditions. “Cable-ready” TVs and VCRs do not
include this capability, though it can be made available through use of a
POD module,

Frustrated Product Features

Adding a set-top terminal either makes certain features and functions of TVs and
VCRs redundant or interferes with their operation. In most situations, the feature
or function is not blocked, but its use requires additional effort that the con-
sumer finds inconvenient. It is this frustration that motivated the compaiibility
section of the 1992 Cable Act.

23.5.1 Remote Control

Remote contrals were included in even early set-top terminals. The first remote
controls were “wired.” A long wire led to a separate unit positioned near the
viewing chair and allowed channel changing without having to go to the TV.
Cordless remotes based on ultrasonic tones, infrared light waves, or radio links
were introduced later on. Consumers were able to add the remote control feature

to existing non-remote-controlled TVs by utilizing the cable set-top terminal.
This was seen as an important ancillary advantage to a cable subscription. The
consumer electronics industry was not pleased with the slowing impact this had
on replacement sales. However, a benefit accrued in that consumers were
presold on the advantages of remote control. It became almost impossible to
sell anew TV or VCR without remote control,
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A problem arises when both the TV and the set-top terminal are remote
controlled. The customer may feel he or she paid for a remote control feature on
the TV that is not needed because the set-top terminal has the remote control.
Worse yet, the consumer may need to juggle two remote controls. He or she may
have to use the TV’s remoteto turn it on,putit to the output channelof the set-top
terminal, and adjust volume. The consumer then uses the set-top terminal's
remote to change channels. Theset-top terminal often includes a switched con-
venience power outlet. This works well with older, non-remote-controlled TVs.
But there are problems with remote-controlled TVs. These products usually have a
toggle on-off push button, which means that simply powering the line cord does
not result in the TV going on. Worse yet, if the TV has an automatic channel setup
feature, it will go through the setup procedure every timeit is repowered. Since
this takes several minutes, the result is unacceptable. The net resultis the juggling
of two remote controls. Note that the samesituation exists in a noncable applica-
tion where the VCR is connected between the antenna and the TV.

23.5.2 Timers

When a set-top terminal is used with a VCR, further complications are encoun-
tered, Since the VCR timer controls only the VCR, it cannot turn the set-top
terminal on and off, and it cannot changethe terminal's channel. Early on, this
was recognized, and set-top terminals with built-in timers have been available
for well over a decade. The very same techniques used for programming the VCR
are used for programming the set-top terminal. The consumer who can do one
can do the other as well. Unfortunately, most consumers do this function so
infrequently that they must relearn it every time they wish to record a program.
The chances for error are great, and the success rate is low. This leads to
frustration. The majority of consumers—cable and noncable—use VCRs for
playback of prerecorded tapes and just avoid these headaches.

Some set-top terminals have the ability to set their clocks using signals
coming from the cable headend. Thus, their time is always correct, even in
spring and fall, when daylight savings time changes occur. Some newer VCRs
implement this feature with signals from the broadcaster. Another common
timer found in TVsis the sleep timer. Although a cable set-top terminal does
not interfere with the TV's sleep timer operation, some set-top terminals have a
sleep timer that makes one of the two timers redundant.

23.5.3 Picture-in-Picture

Picture-in-picture (PIP) is the insertion of a small picture within the larger
picture. The purpose is to be able to monitor a second program while watching
and listening to another program.If the action in the second program becomes
compelling, the two images can switch places with the push of a button, Most
TVs above the basic models include PIP.

487



488

23.6

 

23.6 Early Attempts 927

There are a number of implementations of PIP. The most common embod-
iment has only one tuner, which is used for the main picture; the imageforthe
second picture comes from an external device — usually a VCR's tuner. Other
video source alternatives include a baby-monitor camera or a front-door camera.
More expensive TV receivers have two tuners. An advanced form of PIP can be
operated to scan through channels and put up a mosaic of small still pictures
from a number of channels. As such, it is a kind of program guide that allows
owners to scan the channels prior to making a selection.

In a TV with two built-in tuners, a problem arises if an internal splitter is
used and the set-top terminal is placed ahead of the single antenna input. In that
case, the output of the set-top terminal appears on both the large and small
pictures. If on the other hand, two antenna inputs are provided, the use of the
set-top terminal is noninterfering except when the customer wishes both pic-
tures to come from scrambled channels. In ihat case, two descramblers are
required.

The least common PIP implementation is the one that presents a mosaic of
pictures from various channels, This system is interfered with since the program
selector is in the set-top terminal and is not under the control of the TV receiver.

Early Attempts

There were a number of early attempts to solve or mitigate the compatibility
problems between consumer electronics and cable systems. All proposed solu-
tions were partial. The 60/20 rule applies. Eighty percent of the problem can be
solved with 20% of the effort (and expense). However, solving the remaining
20% of the problem takes 80% of the effort.

23.6.1 Universal Remotes

Universal remote controls sought to alleviate the need for using two or more
remote controls with the set-top terminal and TV or VCR. The universal remote
control is configured for the brand TV, the brand VCR, and the brand set-top
terminal. Simple universal remote controls have a hidden row of switches that
are configured according to printed instructions that come with the device. An
alternative approach is to enter appropriate setup codes from the printed
instructions. Most models direct the channel change commands to the set top
terminal, the volume commands to the TV, and the on-off commands to both
units. VCR control can also be accommodated, Either a slide switch or a mode

button governs which device is primarily controlled.
A problem arises with simple universal remote controls when a new model

of TV, VCR, or set-top terminal becomes available or if a favorite feature of the
TV or VCRis not included in the universal remote control, “Learning” universal
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remote controls solve this problem by allowing the universal remote contrel to
learn the signals emitted by the remote control that comes with the product. A
disadvantage is the complexity; some consumers seem unable to master the
instructions. Another type of learning universal remote control uses acoustic
signals from the telephone to enter the data requested by the customer.

Advanced universal remote controls include macros. A macrois a collection
of commands emitted in response to the pressing of just one button. For exam-
ple, a common macrois the advanced on command. First, the set-top terminal is
turned on, then the TV receiver is turned on, then the TV receives 4 command to
tune to the output channel of the set-top terminal. It is important that all the
devices “see” the complete IR emission sequence and respond appropriately, or
the result may be disappointing.

Another model of advanced universal remote control includes a clock and a
timer. The remote control can be positioned so that it simultaneously commu-
nicates with both the VCR andthe set-top terminal. The universal remote control
is programmed with the VCR control instructions. The remote turns on the VCR
at the appropriate time, ensures that the VCR is tuned to the output channel of
the set-top terminal, then tunes the set-top terminal to the desired channel, and
finally starts the VCR recording. Consecutive recording of different channels is
made possible.

A few models of two-way remote controls have a amall screen on the
remote control that displays signals received from the set-top terminal. Titles
of songs, purchase order forms, interactive games, and other instructions can
be viewed.

23.6.2 Electronic Program Guides
Electronic program guides (EPGs) have been introduced with features that
alleviate some ofthe interface problems. The EPGs are available as stand-alone
devices, built into cable set-top terminals, or built into TVs or VCRs. Several of
these devices include one or more infrared light-emitting diodes (LEDs) on
short wires that are meant to be attached near the remote control window of
the VCR, the cable set-top terminal, or the TV. The device with the EPG
controls the other devices to accomplish the desired result. If the EPG is built
into the cable set-top terminal, the LED controls the VCR so thatit turns on and
off at the correct times and is tuned to the correct channel. If the EPG is built
into the VCR, the LED controls the channel on the cable set-top terminal, Of
course, noneof these approaches can ensurethatsufficient blank tape has been
put into the VCR!

A related device, called VCR Plus, uses numeric codes published in printed
guides (or conveyed electronically in a later version) to the VCR or to a form of
universal remote control. The codes are decoded using a proprietary algorithm
to derive the start and stop times and the channel number.Infrared emissions
control the VCR and cable set-top terminal.
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23.6.3 The TV Integrating Device

In the mid-1980s, the research department of a cable operator, American Televi-
sion and Communications in Englewood, Colorado, began development of an
approach the engineers called the TV integrating device (TVID). It was intended
to be included in a cable set-top terminal and to use IR LEDs to control the TV and
one or more VCRs.It had a built-in EPG and an on-screen display. The goal was to
provide a simple menu that would allow subscribers to indicate their desires. The
subscriber would indicate what he or she wanted recorded and what he or she

wanted to watch. The TVID would take care of switching the descrambler into the
correct part of the system and turn things on and off at the right time to implement
the subscriber's desires. If a conflict arose, such as wanting to watch a scrambled
channel while recording another scrambled channel, the subscriber would be
advised of his or her choices and allowed to act upon them.

The TVID inclided a “mood guide,” which gave the subscriber a way of
indicating his or her mood. Those programs that were appropriate to his or her
mood would then be displayed for selection to watch or record. The micropro-
cessor could keep track of the programs watched and deduce the subscriber's
interests. The subscriber would then be alerted to future programs thatfit his or
her previous viewing habits. The project reached the early prototype stage but
was not completed because of other priorities. Some of the concepts, however,
have become part of some PVRs.

Management of Expectations

Most of the subscriber's problems have solutions. Some solutions are more
complex than others. The crux of the compatibility problem seems to be the
expectation that the term “cable ready" brings. To consumers, this means that
the TV or VCR can be connected to cable and all features and all services are

readily available. When operation of features is complicated or unexpected
results are obtained, frustration and anger set in. If instead, expectations were
properly managed and the subscriber/consumer had a correct understanding of
what was possible, the likelihood of disappointment would be reduced. The
fundamental problem is the management of expectations.

23.7.1 Complexity Overload

A major contributor to the difficulties of the consumerelectronics interface is the
wide variety of choices available in features and functions, the way in which the
features and functions are operated and controlled, and the diversity of services
offered by cable operators. The number of combinations and permutations is
almostinfinite. Just the simple matter of entering channel numbers has several
methods. Some products use an enter button. Others prescribe the way in which
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the digits must be entered. For example, on some products, requesting channel 7
requires pressing 07. Others can require waiting for a fixed time after entering
the command. The names for common functions are brand specific. The number
of complex features boggles the mind. It may simply not be possible to preserve
all the product functions and features while offering access to all the available
cable services. ‘

Legal Aspects of Cable-Consumer Electronics Compatibility
23.8.1 Compatibility Definitions
The word compatibility should mean that two things work well with each other.
In the case of compatibility between cable service and consumer electronics,
compatible should mean that the subscriber should be able to enjoy the cable
services of interest and the features of the consumer electronics that he or she
finds appealing. The subscriber should be able to conveniently do both.

Note that compatible is a situational definition. If a subscriber takes only
basic (unscrambled) service from a cable system with a modest number of
analog channels and is located far from strong interfering broadcast signals, he
or she may enjoy all the functionsof his or her “cable-ready" TV and VCR.If the
subscriber then decides to add a scrambled service or moves near a broadcast
transmitter, the situation changessignificantly. He or she may lose compatibility
between the TV or VCR and the cable system.

23.8.2 The 1992 Cable Act's Definition of Compatibility

Senator Patrick J. Leahy (Democrat from Vermont) drafted and introduced a bill
in 1991 pertaining to the operation of cable systems and the design of consumer
electronics products so as to improve compatibility. The bill did not pass. In the
following year,it was introduced as Section 17 to the 1992 Cable Act.® Section 17
requires the Federal Communications Commission (FCC) to create rules to
improve the compatibility between cable systems and consumer electronics
products. The effect of this section of the law was to define compatibility as
having three principal aspects:

(i) to watch a program on one channel while simultaneously using a video
cassette recorder to tape a program on another channel;

(ii) to use a Video cassette recorder to tape two consecutive programs that
appear on different channels; and

(iii) to use advanced television picture generation and display features

Although this definition of compatibility may not be complete, it does define a
requirementfor the FCC’s rules.
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The bulk of the 1992 Cable Act pertains to economic issues such as rate
regulation, the rules for buying and selling systems, and the permissible busi-
ness relationships between programmers and operators. A small, but very
important part of the Cable Act concerned the interoperability of cable systems
and consumer electronics products. Though the 1992 Cable Act gave the FCC a
difficult assignment, it also laid down some guidelines. The FCC was told to
consider the costs and benefits to consumers of its rules and the provision of
effective protection against theft. But the ultimate goal was clear: the minimiza-
tion of interference with certain special functions in consumer electronics
devices when connected to cable systems.

The FCC was given some new authority to help it achieve these goals. The
FCC's primary influence over the cable industry was granted in the following
clause: “the Commission shall determine whether and, if so, under what
circumstances to permit cable systems to scramble or encrypt signals or to
restrict cable systems in the manner in which they encrypt or scramble
signals.”

The authority given the FCC over the consumerelectronics industry is much
more limited: “to specify the technical requirements with which a television
receiver or video cassette recorder must comply in order to be sold as ‘cable
compatible’ or ‘cable ready.’”

To ensure that the goals of compatibility continued to be pursued in the
future, the FCC was given continuing responsibility:

The Commission shall periodically review and, if necessary, modify the regula-
tions issued pursuantto this section in light of any actions taken in response to
such regulations and to reflect improvements and changes in cable systems,
television receivers, video cassette recorders, and similar technology.

Further requirements imposed on the operation of cable systems included
obligations for the FCC to:

promote the commercial availability... of converter boxes and of remote control
devices to the extent technically and economically feasible, to offer subscribers
the option of having all other channels delivered directly to the subscribers’
television receivers or video cassette recorders without passing through the
converter box.

The FCC was required to provide a report to Congress within a year of the passage
of the act. This voluminous report was based on the extensive responses to the
FCC'sinitial notice of inquiry on the subject. The FCC issued a notice of proposed
rule making on November 10, 1993, and released its first Report & Order on May4,
1994. In those documents, the FCC indicated its directions:

[We clarify that the compatibility regulations being adopted herein apply only
to cable systems and do not apply to... video dialtone services,
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Signal thieves [have been] notoriously successful .... We will not require cable
systems to allow their subscribers to own descrambling equipment.
[W]e expect that the Decoder Interface connector will be flexible enough to
accommodate most,if not all, of the attributes of cable digital service.

The FCC realized that there is an extensive installed base of more than
11,000 cable systems, more than 250 million television receivers, and more
than 150 million VCRs. In addition, approximately 100 million TV households
purchase around 25 million color TVs and about 15 million VCRs each year. No
law could bring compatibility to this situation in a short time, The FCC divided its
approach into three periods: short-term measures, intermediate-term measures,
and long-term measures.In the short term, cable operators were required to avoid scrambling
the basic services, which consisted of mostly the broadcast channels carried
on cable. In addition, the cable operators were required to provide
certain equipment such as switches to bypass the entire spectrum around the
set-top terminal when the terminal is not required for descrambling, and timers
in set-top terminals to change channels at specific times. Cable operators were
given a year to make available multiple tuners and descramblers in set-top
terminals. They were allowed to charge for the costs of this equipment and its
installation. Additionally, the consumer electronics industry was given 4 year
to discontinue the use of the terms “cable ready” and “cable compatible” or
any similar terminology in the sale of TVs or VCRsthat did not fully comply
with the FCC's promised technical definition of “cable ready.” A rule was
‘ncluded that would have required a label on devices that tuned cable channels
but did not fully comply with the FCC's definition of “cable ready,” notifying
consumers that this device may under some circumstances fail to provide
satisfactory performance when connected to cable, The consumer electronics
industry managed to get this rule reversed and gained a relaxation of other
rules in a subsequentpetition for reconsideration submitted to the FCC. The
FCC imposed a bizarre rule prohibiting the cable industry from changing
infrared codes in each set top terminal installed in each home in order to
protect the home owner's “investment” in purchased remote controls. This
rule was all but impossible to follow because of the large numberof different
codes. It was removed in response to a subsequentpetition for reconsideration.
Also, the FCC recognized the aggressive work of those who would steal signals:

[We are clarifying that the availability of set-top devices from retailers applies
only to basic converters without descrambling or other access control function.
[Wle do not believe it is desirable to require cable operators to make their
security technology available for ownership by the public.

The FCC then separately considered longer-term measures centered around
the decoder interface (described in the previous chapter) being developed by the
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Joint Engineering Committee of the National Cable Television Association and
the Electronic Industries Association: “We...emphasize...the Decoder Inter-
face connector and associated component descrambler/decoders to be
an importantpart of. .. equipment compatibility.”

The FCC envisioned a digital world that would ultimately be based on
standards and methods that avoided the problems of compatibility, The FCC
intends to consider that environment separately in future actions.

23.8.3 The 1996 Telecommunications Act

The Communications Act of 1934 created the Federal Communications Commis-
sion and set the original public policy on communications. There have been
multiple amendments to that act over the years, making it a quilt of patches.
Additionally, technology had changed so dramatically that a complete rewrite
became necessary. The result is the 1996 Telecommunications Act.* Although
the act has a wide range of impacton cable television practice, only the portions
pertaining to compatibility will be discussed here.

Probably the most important provision of the 1996 Telecommunications Act
pertaining to compatibility is Section 304, “Competitive Availability of Naviga-
tion Devices,” by Representative ThomasJ. Bliley Jr., of Virginia:’

(a) The Commission...in consultation with... industry Sstandard-setting
Organizations... [shall] assure the commercial availability, to consumers of...
services offered over multichannel video programming systems, of converter
boxes, Interactive communications equipment, and other equipment... from
manufacturers, retailers, and other vendors not affiliated with any multichannel
video programming distributor. Such regulations shall not prohibit any multi-
channel video programming distributor from also offering. ..equipment...
if the system operator's charges... are separately stated and not subsidized.

The national headquarters of Circuit City stores is in Congressman Thomas
Bliley's district, and his efforts to further the interests of an important constituent
are clearly evident in this legislation.

The term navigation devices is a strange one. It has not been used in the
cable or other related business except in reference to electronic program guides
and related means of helping consumers find their way — navigate — through
the wide variety of services available on systems with hundreds of channels. The
law uses this term to mean any converter or set-top terminal intended to go
between the service provider's terminal and the TV or VCR.

several important points should be noted, Although the 1992 Cable Act was
restricted to cable operators, the 1996 Telecommunications Act applies to any
multichannel video programming distributor. Additionally, the services covered
are not limited to video.

Limits were placed on what must be sold in order to protect the interests of
programmers and system operators.
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(b) The Commission shall not prescribe regulations...which would jeapardize
security of multichannel video programming and other services...or impede
the legal rights of a provider of such services to preventtheft.

In order to accommodate experimentation with new services and technologies,
the law provides for waivers allowing a period in which hardware can be under
trial.

(c) The Commission shall waive a regulation adopted under subsection (a) for a
limited time upon an appropriate showing... that such waiver is necessary to
assist the development ...of a new or improved .. . service.

A number of significant hazards are brought about by this legislation. The
most important hazard is that the other users of cable systems and of the over-
the-air spectrum could suffer interference and degradation of service when
consumers purchase their own navigation devices. Second, consumers are
subject to confusion with these complex devices. Money may be wasted on
features that are unusable or not needed. When technology changes, consumers
will be stuck with orphaned hardware. In some cases, the ownership of equip-
ment will create a reluctance to try new services that require additional hardware
that partially duplicates what has already been purchased.

It is likely that many, if not most, subscribers will continue to lease equip-
ment because of the many benefits that come from such an arrangement. The
equipment is matched to the services provided. New equipment replaces old
when technology evolves, service of equipment is included in the lease, and
assistance on its use is readily available.

The other major portion of the 1996 Telecommunications Act pertaining to
compatibility is Section 301(f), the “Eschoo Amendment” by California
Congresswoman Anna Eschoo. This amendment modifies the compatibility rules
of the 1992 Cable Aci by putting restrictions om the FCC's actions. Specifically, it
calls for mandating “a minimum degree of common design and operation, leaving
all features, functions, protocols, and other product and service options for selec-
tion through open competition in the market.” The goal of this amendmentis to
prevent the FCC’s rules from picking winners and losers in a competitive environ-
tment where a variety of different approaches-——-some proprietary and others
public — are vying for the same customer, Though that is a laudatory objective,
it does makea difficult and complex task more challenging.

Standards

23.9.1 The Need for Standards

The cable industry has traditionally had little need for additional standards be-
cause it provides signals usable on the consumer's ordinary television or radio.
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The goal has always been to allow the consumer to take cable service with-
out having to purchase additional equipment. A major attraction to cable is
the ability to try a subscription with little investment and the assurance that
it is easy to drop the subscription if it is disappointing. So the most import-
ant standard is NTSC. When the cable system provides services beyond the ability
of the consumer's TV, an adapter is provided to allow access to the additional
services. The earliest adapters were just tuners that gave access to channels
beyond the range of the TV receiver. Since a cable system is a closed universe
unto itself, there is no need for interoperability with adjacent cable systems.

Conditional access and scrambling are deliberately not standardized. Stan-
dardization of these functions would give the signal thief a larger market to sell
“pirate boxes.” By having multiple types of conditional access and scrambling,
the garage manufacturer ofpirate boxesis frustrated. Since the service provider
has ownership of the conditional access equipment, he or she can decide when
the economic losses due to a breach of the security system are of sufficient
magnitude to require replacing the equipment. When the service provider
replaces the equipment, the consumers are not adversely affected.

The 1996 Telecommunications Act includes a section that requires the FCC
to make rules that will regulate how multichannel video service providers will
make in-home equipment available at retail. Now, for the first time, there is a
need for standards. Consumers who purchase equipment for connection to cable
need to be assured that it will work when they move to another cable system.
Fortunately, the law and the FCC have recognized the problem of signal theft
and have includedaclarification that security systems do not have to be made
available for subscriber ownership. There are three types of standards: manda-
tory, official voluntary, and de facto.

23.9.2 Mandatory Standards

Mandatory standards are those imposed by law or as a result of law. In the
formercase, the law itself contains the standards; in the latter, more common
case, the law directs a government agency to do the difficult work and create
rules. The FCC is the source of rules that govern the cable industry. There are
two major sets of rules: (1) Part 78, the Community Antenna Relay Service
(CARS) rules, which regulate the use of microwavelinks to convey signals
across natural or man-made barriers or simply to transport the signals from
one location to another where the geography in between does not have the
cable service, and (2) Part 76, which governs the operation of the cable system
itself. The items regulated include safety, signal leakage, and minimum per-
formance requirements. These were first put into place in 1972 and then
immediately stayed while further deliberations took place regarding the
details. The performance rules cover frequency stability, carrier-to-noise ratio,
allowable interference, in-band frequency response, hum content, adjacent
channel response, cross modulation, must-carry and retransmission consent,
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and signal leakage. The rules (with the exception ofsignal leakage) apply only
to Class 1 signals, which are defined as signals originally broadcast. However,
the rules cover only additional performance deficiencies. The cable operator is
not responsible for problems in the signal as delivered to the cable headend.
Class 2 signals are satellite-delivered programming, and Class 3 signals are
locally originated. The rules were suspended by the 1984 Cable Act, which
deregulated cable. At that time, they were converted into a recommended
practice. Local governments were permitted to create their own rules, but those
rules could not be more severe than the recommended practice. This was
challenged by the League of Cities. A consequence of this was that a panel of
representatives from the cable industry, the FCC, and the League of Cities
negotiated a set of rules that has become the current FCC Part 76 in 1991.

23.9.3 Official Voluntary Standards

Voluntary standards do not have the force of law. The main motivation for
compliance with the standard is the ability to use the fact of compliance in
marketing efforts. Official voluntary standards have the sanction of a stan-
dards-setting organization. The primary standards-setting organization in the
United States is the American National Standards Institute (ANSI). ANSI has
very rigorous rules for the procedures involved in setting these standards. The
rules are intended to ensure that participation is available to all interested parties
and that due processis followed. ANSI certifies organizations as complying with
these rules. Currently, the primary ANSl-certified cable organization is the
Society Cable of Telecommunication Engineers (SCTE). Another organization
that has worked to develop standards that govern both the cable industry and
ithe consumer electronics industry is the Consumer Electronics Manufacturers
Association (CEMA) sector of the Electronic Industries Association (ELA).
Although CEMA is the official ANSI standards-setting organization, its efforts
are under the auspices of the Joint Engineering Committee (JEC) of the ELA and
the National Cable Television Association (NCTA) Engineering Committee.

The SCTE has about 100 standards under developmentat the time ofthis
writing. Five of those standards are in a condition where they are suitable for
submission to ANSI. One of those standards has been approved as ANSI/SCTE
PS SP 400 1996 F-Port (Female Outdoor) Physical Dimensions. Next will be the
5/8-24 RF Outdoor Fitting Physical Dimensions standard, The Digital Video
Transmission Standards for Cable Television is expected to be submitted before
the end of 1998.

The JEC efforts began in the very early 1980s and have not been nearly”
as successful in completing standards. This lack of results is an indication of
the difficulty involved in the interface between cable and consumer electronics.
ts first standard, the ANSI/EIA-563 Decoder Interface Standard,'"' was
in place for several years and then officially withdrawn. Another standard,
EIA-542 Cable Television Channel Identification Plan,'* lists channel numbers
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and frequencies for three different channel plans: the standard plan related to
the broadcast frequency plan, the harmonically related carrier plan, and the
incrementally related carrier plan. Though this standard has been slow to make
its way through the official process, it has been used by both the cable and
the consumer electronics industry as a de facto standard for more than a
decade. Both industries have found it a useful means of cooperation.

One of the most important JEC standards is the ELA-IS-105'? Decoder
Interface Standard described in the previous chapter. Other standards in the
works include the National Renewable Security Standard (NRSS)'* and the RF
Interface Standard 1S-23.'° An effort to create a digital television standard has
been transferred to the SCTE, The 1S-23 standard governs such parameters as
the physical connection to cable, the frequency response, the signal levels, and
direct pickup by inadequately shielded components.

23.9.4 De Facto Standards

De facto standards are the result of marketplace forces where the cable industry
has settled on a particular approach because it works well. The types of con-
nectors, cables, amplifiers, and other equipment used in cable have been sorted
out by the marketplace, and a limited set of models have evolved on a de facto
basis. Some of these de facto standards are being converted into official volun-
tary standards by the SCTE. This approach has served the industry well and will
continue to be in use.

OpenCable

Cable Television Laboratories, or CableLabs, has undertaken a program
intended to provide options for alleviating many of the interface problems. The
goals of the program,called OpenCable, are to provide sufficient standardization
of features and functions so that a multivendor interoperable environment can
be created. CableLabs will certify compliance with OpenCable, OpenCable func-
tions are described in Chapter 22.

National Renewable Security System

The Joint Engineering Committee formed a subcommittee called the NRSS subcom-
mittee to consider methods that could overcome a security breach. The motivation is
to facilitate the sale of set top terminals or consumer electronics products while
protecting the conditional access system by having it renewable in the event the
system is defeated, The initial approach involved the Smart Card system, which was
used for conditional access and for credit and debit cards. The Smart Card was
intended to include a digital key that would decrypt the digital signal.
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After some discussion, it was decided that the only safe approach is to have
every transistor involved in the security function replaceable in a module that
plugged into the set-top terminal. A wide variety of proposals were considered.
One of the proposals used the Smart Card physical format but put a lot more
electronics on it. This NRSS Type A card complied with the International Stand-
ards Organization (ISO) 7816 standard. Several limitations flow from this. There
are only eight contact pads, forcing the MPEG signal to be transported serially.
There is no mechanism for handling cable's out-of-band signaling. Eventually, the
committee settled on an optional Type B approach based on the Personal Com-
puter Manufacturers Communications Interface Adapter (PCMCIA) Type II stand-
ard card. This card has 68 pins, which is adequate to allow the set-top terminal to
convey out-of-band signals received by a built-in modem.

The NRSS standard was designated the EIA-679. NRSS provided the basic
idea for the POD module concept described in Chapter 22.

Summary

The interface between cable service and consumerelectronics products affects
the quality of service and the ease of use of a service. In severe cases, the
interface prevents access to a service. This same problem interferes with the
ease of use of some of the functions and features of consumer electronics

products. These problems are complex because of the wide variety of services,
functions, and features possible with modern methods.
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Chapter 24
Equipment Compatibility
 

Introduction

The previous chapter described the nature of the challenges regarding the inter-
face between cable and consumer electronics equipment. That chapter concen-
trated on the way the equipmentis connected and used, as well as on the impact
on usability of features and services. The legal requirements and FCC rules
pertaining to usage of the equipment were also covered.

This chapter will cover the minimum technical requirements for consumer-
owned equipmentthat is to be connected to cable. There are two broad aspects
to this issue: (1) the quality of the pictures and sound delivered to the subscriber,
and (2) the potential for interference with other devices connected to cable and
with other users of the radio spectrum. The first aspect is considered a market-
place issue to be determined by the purchaser of the equipment. But this aspect
of compatibility unfortunately also affects the enjoyment of cable-delivered
services and, to some extent, the likelihood that the consumer will subscribe

to premium services. Often, the consumer purchases his or her equipment in an
environment where its performance on cable is impossible to judge and factor
into the purchase decision.

24.1.1 Broadcast Versus Broadband Receivers

The technical requirements of tuners for broadcast channels versus broadband
cable channels are significantly different. It is possible to design an excellent
broadcast tuner that performs poorly on cable channels, and vice versa. Design-
ing a cost-effective tuner that performs well in both environmentsis a significant
challenge.

The broadcast environment consists of channels with gaps. Local channels
are almost never in adjacent frequencies. However, the viewer may wish to
receive a weak signal with frequency between two strong local signals. The
weak signal may be from a distant location. This is called fringe reception and
was an important selling feature before cable became popular. The tuner must
function well in that environment. Note that the lower channel numbers, the
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VHF channels, are designated by the FCC so that the frequency of no one
channel is a second harmonic of any other. This reduces the requirements on
linearity in the tuner circuits.

Broadcast channels are not located on an “image” channel of another broad-
cast channel. The image channel problem will be described later in this chapter.
Image interference problems are avoided in the broadcast environment. An
inspection of the frequencies assigned to the VHF channels reveals that no
channels are assigned so that they are images of valid channel frequencies. The
higher channel numbers, the UHF channels, have an elaborate set of “taboos” in
the FCC's rules that are intended to relax the design requirements of practical
consumer electronics tuners. Finally, in the broadcast environment, there is no
particular need to prevent direct pickup of the broadcast channel. Direct pickup
simply adds to the signal brought in from the antenna and causes no harm.Also,
since only broadcast channel frequencies are found in the tuner, there is no need
to preventtheir radiation from the tuner terminals or from the tuner itself.

The cable tuner is very different. The cable spectrum is fully loaded with no
significant gaps up to the highest frequency. The signal levels are strong and
relatively uniform across the frequency band. The challengeis in handling a lot
of energy and in avoiding distortion and cross modulation of the signals.

A consequence of these differences is that a properly designed cable tuner will
probably not perform well in the broadcast environment, and a properly designed
broadcast tuner will probably not perform well in the cable environment.

Essentially, all cable converter tuners are double conversion tuners. Thatis,

they apply the superheterodyne principle twice. They have two local oscillators
and two intermediate frequency amplifiers and filters. This gives improved
selectivity and blocks the image channel. Also, thefirst local oscillator frequency
is usually above the highest channel tuned, and the secondlocal oscillator signal
is isolated from the cable by the first conversion stage. So backfeed of internally
generated spurious signals is not a problem with cable converters. The use of a
double conversion tuner in a “cable-ready” TV or VCR is extremely rare. Nearly
all consumerelectronics tuners are single conversion devices.

The deficiencies of “cable-ready” tuners will become more apparent as cable
systems expand bandwidths beyond 450 MHz on to 750 MHz and even 1.0GHz
and beyond.

Levels of Interference

Four kinds of interference have been considered, In order of severity, they are
(1) interference with the product's own performance,(2) interference with other
products in the same home,(3) interference with another subscriber's reception,
and (4) interference with other users of the electromagnetic spectrum.!

Interference with the product's own performance results in a dissatisfied
customerfor the product and probably for the services delivered. Unfortunately,
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in many cases, the poor performance of the equipment can be confused with a
problem with the service. This results in unnecessary and unproductive service
calls, missed work while waiting for the service call, and the potential for finger-
pointing between the cable service provider and the retailer of the consumer
product. Too often the consumer gives up. The problem is not resolved, and
the consumeris suspicious of both the consumer electronics product and the
cable operator.

The next level of severity occurs when the product backfeeds interfering
signals into the cable, causing problems with another TV or VCR in the same
home. This is often a transitory problem occurring only when certain combin-
ations of channels are tuned by the two devices. This is likely to be blamed on
the cable operator. Yet one step worse is when another subscriber suffers interfer-
ence from a product not even in the same home. This will almost always be blamed
on the cable operator,

The most severe situation is when interferenceis caused to other users of the
radio frequency spectrum, particularly safety-related users such as aircraft com-
munications and navigation, fire, police, and emergency communications. This
level of interference goes beyond merely reducing the entertainment value of
cable and can become dangerous to others’ well-being.

Direct Pickup Interference

Oneof the most troublesome problemsis direct pickup (DPU) interference.? DPU
in equipment connected to cable is caused by inadequate shielding of tuner and
related circuits and loose connections that allow signal ingress on channel fre-
quencies. A common DPU occurrence is the location of a receiver in the strong
field of a transmitter whose signalis also carried on cable at or near its broadcast
frequency. Since the propagation time in cable is more than the propagation time
in free space, the over-the-air signal gets to the receive site first. A short while
later, the cable signal arrives. The two mix in the receiver, and a deteriorated
picture results, The consequences can range from a usable but degraded pictureto
a loss of the channel. The degradation can take the form of a ghost of the channel
and/or beats between offset visual carriers. If the interference is relatively weak,
only the syne pulse will be visible as a vertical bar in the picture. If the broadcast
signal is not carried on the same frequency in the cable, the cable video will be
different from the ingress signal. The result can be a moving background pattern.
When the pattern is weak, the syne bar of the interferer wipes through the picture
like a windshield wiper. When the interfering signal is strong, both pictures may
be visible moving past each other. Depending on the phase of the ghost’s visual
carrier, the image may appear as a distorted color negative.

DPU is not limited to the simultaneous reception of a broadcast television
signal over the air and through cable. In other parts of the spectrum, signal such
as from amateur radio or pagers can make its way into the receiver and cause
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problems. In these cases, the interference manifests itself as alternating dark and
light bands that usually move through the picture.

It is important to appreciate that a receiver properly designed for broadcast
reception may have no need for extensive shielding. It may perform well in the
broadcast environment. When connected to cable, the result might be unaccept-
able. The consumer may then draw the wrong conclusion. He or she may deduce
that since antenna operation yields good performance and the connection to
cable has difficulties, there must be something wrong with the cable system. A
technically sophisticated observer is not likely to fall prey to such a failure in
logic. An intelligent, but nonexpert, consumeris likely to make such a mistake
and complain to the cable operator.

24.3.1 Estimate of Exposure

CableLabs and the ELA funded research by consultants to study the problem.
Stern Telecommunications Corporation of New York City did a study of the
potential impact of DPU. The study included a literature search, measurement
of representative recent “cable-ready” receivers, and a computer model of
transmitter power levels at various distances from the transmitter.

The receiver testing was doneat the Carl T. Jones Corporationin Springfield,
Virginia, in July 1992, Five receivers were tested. The testing revealed that there
is a range of susceptibility to DPU. This susceptibility is a complex phenomenon
that depends on the orientation of the receiver relative to the signal's field, the
way in which the coaxial cable and the power cord are oriented with respect to
the signal's field, and the channel involved.

The computer modeling considered the 10 top broadcast-relevant geo-
graphic areas, called areas of dominant influence (ADIs). The ADI terminology
is important in considering advertising reach and effectiveness. For the purposes
of this study, the ADIs have well-documented data on the distribution and
density of households. This geographic data is important to the estimates of
exposure to DPU. The 10 ADIs include about 30% of U.S. households. The field
strength contours were computed with a commercially available program by
Communications Data Service, Inc., which is based on the FCC's propagation
curves. The study considered only UHF channels up to channel 27 (visual carrier
at 549.25 MHz) on the assumption that most cable systems are limited to
550 MHz. As such, the studyis a little out of date, but the general trend is clear.
Field strengths of 80dBu (l0mV/m), 90dBu (31.4mV/m), 100dBu (100mV/mi,
and 120dBu (1 V/m) were considered.

Data was presented for each of the 10 top ADIs and extrapolated to all U.S.
households. Table 24.1 lists the percentage of all U.S. households that may be
subject to at least the field strengths listed from stations operating up to
550 MHz.

This data showsthat the previously used Canadian specification of 100 mV,'m
will leave a significant number of receivers vulnerable to DPU. Even at an
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Table 24.1 Exposure to various levels offields
——————_—_—_—$_$_$_§_;———————————

 
60dBu adBu 10d dBu 120d Bu

Frequency Band lOmVim 31.6 mV 100mVim iV/m

VHF 61.5% 41.0% 19.9% 0.9%

VHF and UHF 65.4% 54.8% 40.8% 6.0%

immunity level set at 1 V/m, a modest number of subscribers will still either
have to accept DPU or take a set top terminal with better shielding.

24.3.2 Estimate of Susceptibility

In December 1992, CableLabs solicited proposals to develop test methods for
measuring DPU susceptibility and to measure a representative grouping of
current products used in the home, The Carl T. Jones Corporation was hired
for both of these tasks. Thirty-five television receivers, 8 VCRs, and 13 cableset-
top terminals were tested for DFU susceptibility. The products were subjected to
fields of increasing strength until a DPU 55 dB below the desired channel's sync
tip was achieved. The 55-dB figure was confirmed to be reasonable by percep-
tion of interference studies. The discussion in Chapter 2 on the W curve and DPU
indicated the 1993 tests generally confirmed the results of the 1986 CBS experi-
ments. Across the three channels, four frequencies, two carrier-to-noise ratios,
and two desired signal levels, the average value of the sine wave strength
attenuation relative to the carrier strength to achieve “just perceptible” impair-
ment levels was 56 dB.

Table 24.2 summarizes the results for the sample set of products. The mV/m
figures required to breach the —55-dB threshold for slightly worse than “just per-
ceptible” interference are listed for the best, worst, and median products. As can be
seen, for the 1993 model products tested, a wide range of results were obtained.

An important difference between set top terminals supplied by cable oper-
ators and consumerelectronics products is that the cable technician has several

Table 24.2 Performanceof units tested
 

 Susceptibility TV VCR Set-Top Terminal

Best 193.4 mV/m 162.74 mVm 732.33 mV/m

Median 51.57 mV/m 57.27 mV¥/m 292.73 mV/im

Worst 1.17 mV/m 29.9 mV/m 7723 mV/m

Best/Worst 165 5.4 9.5

Sample Size 45 & 14
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units with him or her and will keep trying them until the DPU problem is solved.
Since the consumer purchases a TV or VCR and takes it home, the ability to pick
the best from a collection is not available. Also, when the consumer makes a
purchase decision, that selection will usually be in a different neighborhood
from his or her residence. The retailer may not be using a cable feed for display
purposes. Often, a laser disc is used as the source in order to provide the best
possible pictures to encourage a purchase.

Receiver Performance

The Joint Engineering Committee (JEC) of the National Cable Television Asso-
ciation (NCTA) Engineering Committee and Consumer Electronics Manufac-
turers Association (CEMA) of the Electronic Industries Association (EIA)
developed an RF Interface Specification for Television Receiving Devices and
Cable Television Systems. This specification has the designation EIA-IS-23,*
Eight parameters of customer premises equipment are important to this specifi-
cation: (1) reradiation of cable signals, (2) local oscillator leakage and backfeed,
(3) A/B switch isolation, (4) DPU backfeed, (5) VCR through-loss, (6) adjacent
channelrejection, (7) image rejection, and (8) tuner overload distortions.

Carl T. Jones Corporation developed tests for these eight parameters. The test
procedures were reviewed by the JEC in October 1993. Although no formal
acceptance of the test procedures was solicited, comments were noted, and the
tests adjusted where appropriate. There were two goals for this work: to develop
test procedures for these parameters, and to determine the currentstate of the art.*

24.4.1 Reradiation of Cable Signals
Cable systems operate in an enclosed spectral environment. If this environment
is sealed, the same frequencies that are used in the over-the-air spectrum for
other purposes can be reused for cable channels.In fact, multiple enclosed cable
systems can be simultaneously operated to further increase the number of
signals delivered to subscribers. As long as the cable system remains sealed,
no harm is done to other users of the over-the-air spectrum.

A potential source of signal leakage exists in any equipment connected to the
cable system. This is because the entire cable spectrum is conveyed to the input
terminals of the connected device. If leakage of these signals occurs because of
inadequate shielding of the circuits, the potential for interference with other
users of the spectrum exists. This is especially serious in the case of frequencies
used for aircraft navigation and communications and for emergency messages.
Cable systems occupy these frequencies in their closed systems and cause no
harm as long as the integrity of the system remainsintact.

Equipment connected to the cable system must also be designed to prevent
signal leakage. If this equipment leaks signals, interference may result. Set top
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terminals purchased by cable operators are specifically designed to prevent such
leakage. The outputof these set top terminals is just one television channelthatis
on a frequency not used locally for over-the-air service, usually channel 3 or 4. If
leakage of this channel occurs from the TV or VCR connected to it, no harm is done
since this is an unused local frequency. Consumerelectronics products designed
for broadcast applications do not have this requirement. When used for broadcast
reception, they do not tune frequencies that are used for other purposes; they just
tune the broadcast channels. Because of these differences,it is important to impose
additional requirements on products connected to cable and prevent the connec-
tion of equipmentthat is not specifically designed to avoid leakage.

The FCC rules, Part 76.605 (a)12, limit the leakage or egress of RF energy.
Cable systems must not emit energy that causes more than 15uV per meter at a
distance of 30 meters for frequencies less than 54 MHzor greater than 216 MHz.
Between these frequencies, the limit is 20 .V per meter at 3 meters distance.

Of the units tested, only two television receiversfailed.

24.4.2 Local Oscillator Leakage and Backfeed

Television receivers generate internal signals that are used to process the received
spectrum. [n addition, other internal signals are generated to display information on
the screen and to operate functions and features of the product. Switch mode power
supplies are also a source of interference. If these signals backfeed into the cable
system, they can cause interference and degradation of performance in other TVs
and VCRs connected to the cable system. They can add to the background noise,
which makes two-way cable operation difficult. The other TVs and VCRs on the
same signal splitter in the same residence are most at risk since there is a minimum
of attenuation of the interfering signals. However, neighbors’ receivers on the same
cable system tap are also subject to this interference. Consequently, signal backfeed
is carefully specified in equipment used by the service provider. Consumer equip-
ment requires the same degree of care if problems are to be avoided.

The local oscillator in the single conversion tuners commonly used in TVs
and VCRs operates at 45.75MHz above the desired channel's visual carrier
frequency. This frequency is in the frequency range of the cable system for most
of the channels tuned. If this signal leaks back into the cable system, interference
will result to other receivers according to the W curve discussed in Chapter 2.
Fortunately, the splitters used by cable operators are required to have a mini-
mum of 18-dB isolation between ports and usually have 20 dB or more. Thus if
the local oscillator or other signal backfeed is no worse than 35dB below the
visual carrier, the 20dB of the splitter will increase the signal attenuation to
55 dB below the visual carrier when it reaches the other receiver connected to

the samesplitter. At this level, it will be “just perceptible,” but not annoying.
Any further losses in the connecting cable will also help. Cable set-top terminals
avoid this problem by using double conversion tuners, with the first local
oscillator frequency higher than the cable spectrum tuned.
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24.4.3 A/B Switch Isolation

A/B switches are part of the input of many receivers and VCRs, and allow remote-
controlled selection of input sources. These sources include external antennas; cable
signals; and the outputs of set top terminals, video games, and other playback
devices. If insufficient isolation exists between ports of the switch, cross feed of
signals will occur. The FOC regulations dated 1987 in Part 15.606 require 2 minimum
of 80-dB isolation for frequencies between 54 and 216 MHz; 60dBis required above
that to 550 MHz. Since 1987, cable systems have gone beyond 550 MHz. Switches that
have inadequateisolation at these higher frequencies will be a source ofdifficulty.

When an antenna is used, two kinds of problems may result. Antenna input
signals can exceed +25 dBmV, whereas cable signals can be as low as OdBmV —
lower if the subscriber does his or her own wiring and has split the signal
excessively without appropriate amplification. In those situations, the isolation
must be adequate to prevent interference. This explains why the cable industry
uses switches that generally exceed 90.dB and often 100dBat all used frequen-
cies. The other problem arises when strong cable signals are not sufficiently
isolated from a rooftop antenna. If cross feed of the cable signal occurred in
many homes, the cumulative effect of efficient radiators all pointing in the same
direction, that is, toward the broadcaster's transmitting tower, could yield
unacceptable interference to aircraft traversing that path.

Although most of the devices tested had no problems with this specification,
there were three instances that failed.

24.4.4 DPU Backfeed

The DPU backfeed issueis related to the DPU phenomenon butis not the same
problem.A receiver that has a DPU problem may also backfeed such signals into
the cable to cause difficulties with other devices. Again, there is a benefit from
the 20-dB isolation between signal splitter ports. DPU backfeed of less than
—35 dB will be at the perceptible but not annoying point.

Unfortunately, 37% of TVs had DPU backfeed abovethe perceptibility point
on channel 6, 34% on channel 12, 26% on channel 78, and 17% on channel 59.
Understandably, units with DPU problems had DPU backfeed problems as well.

24.4.5 VCR Through-Loss

Designing VCRs with adequate playback signal quality is a difficult technical
challenge, A technique used in early VCRs to mitigate the problem was to-
unsymmetrically split the signal at the input terminals of the device, giving the
larger share to the recording circuits and shortchanging the “through”side of the
splitter. The through side of the splitter provides an attenuated version of the
entire input spectrum to the RF output terminal of the VCR whenneitherplay-
back nor the VCR tuneris used. The attenuation is due to the use of a splitter
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without first amplifying the signal. This trick helped the noise performance of
the recording circuits while providing a less disadvantageous comparison for the
viewer when watching unrecorded materials.

As the last chapter discussed, the most common configuration of set-top
terminal, VCR, and TV connects the cable system to the set-top terminal, which
is connected to the VCR, which is connected to the TV. The TV suffers the
additional through-loss of the VCR. This through-loss should be no greater than
5 dB. All eight tested VCRs passed this hurdle.

24.4.6 Adjacent Channel Rejection

The broadcast environment avoids adjacent channels. Cableutilizes as much of
the spectrum as possible with nearly all channels having adjacent neighbors. An
important issue for cable tuners is the ability to separate the desired channel
from the upper adjacent visual carrier and the lower adjacent aural and chroma
carriers. Cable practice is to operate the aural carriers some 17dB below the
visual carriers. This additional attenuation relaxes the difficulty somewhat. The
criteria again is the 55. dB used to bring the signal to the not-annoyinglevel.

The passband of the receiver is a combination of the IF response and the
tuner response, which differs slightly from channel to channel and is under the
influence of the automatic gain control (AGC) strategy. Consequently, devices
may have isolated points of failure on some channels but not on others.

Of the devices tested, three television receivers and one VCRfailed to suffi-
ciently reject the lower adjacent color subcarrier, Two television receivers failed
the aural rejection test on all channels, and two others had problems on just two
channels. Of the eight VCRs, three had no adjacent aural problems, three others
failed on the four channels tested, one failed on three channels, and one unit had
difficulties with just one channel. All TVs and VCRs behaved adequately with the
upper channel's visual carrier, Not surprisingly, cable set-top terminals passedall
tests since they are specifically designed for such service.

24.4.7 Image Rejection
Image channels are a result of the superheterodyne receiver design, which uses a
balanced mixer with two inputs followed by a filter for the purpose of separating
out the desired signal from the spectrum atits input terminals. The inputs to the
balanced mixer are the received spectrum and a local oscillator. The output of
the mixer consists of the sum and differences of the input frequencies.

TV local oscillators for VHF are 45.75 MHz above the desired visual carrier.
The difference between the local oscillator frequency and the desired frequency
is the intermediate frequency (IF), which passes through the filter characteristic
of the IF amplifier. The signal is then detected and becomes the source for the
picture and sound selected by the viewer. The sum of the local oscillator and the
desired channel is blocked by thefiltering of the IF amplifier.
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There is another difference frequency equal to 45.75 MHz. Signals that are
45.75 MHz abovethelocal oscillator frequency will also have a difference of
45.75 MHzrelative to the local oscillator frequency. This signal, if present at the
input of the mixer, will be heterodyned to a frequency that will pass through the
filter characteristic of the IF amplifier and provide interference to the picture
and/or sound of the desired program. The visual carrier of the desired channelis
45.75 MHz below the local oscillator frequency. The image signal will be
45.75 MHz above the local oscillator frequency or 91.5 MHz above the visual
carrier of the desired channel, about 15 6-MHz channels away. The visual carrier
is the strongest part of the interfering channel. Visual carriers are spaced 6 MHz
apart in cable practice. The visual carrier 15 channels above the desired carrier
will be 90 MHz higher in frequency. When local oscillator frequency is sub-
tracted from it, the visual carrier in the image region will be 1.5 MHz above
the desired visual carrier and produce an interfering beat in the picture. The
aural carrier of the channel that is 14 channels above the desired channelwill
also fall into the video bandwidth of the desired channel.

Since the tuner determines the rejection at the image frequency, the level of
rejection varies with the channel. All receivers did well on channel 3, and only
four had problems with channel 12. Half the receivers had interference on
channel 53, and 67% failed on channel 74.

24.4.8 Tuner Overload Performance

Tuner problems and otherdeficiencies may result in impaired performance on the
TV or VCRitself. In addition to the DPU problem previously described, nonlinear-
ity in the receiver's circuits can give rise to the production of new frequencies not
present in the original signal. The signals thus generated produce either diagonal
bars in the picture or even a discernable image from another channel.

Tuner overload is a serious problem that will become more serious as cable
bandwidth expands. Of the TVs, 66% had problems on at least one channel,
50% of VCRs suffered as well. Surprisingly, even 36% of the set-top terminals
had troubles.

24.4.9 Rejection of Signals in the Upstream Band

Two-way services, once rare, are now commonly offered by cable operators.
High-speed data service, two-way video set-top boxes, sometimes telephone
interface units, and various types of status monitoring combined fill up a
bandwidth whose upper limit has increased from 30 to about 42 MHz in recent
years to meet the demandfor additional upstream capacity. The result is that
signals are generated at fairly high levels within customers’ homes and trans-
mitted toward the headend. Due to the finite isolation offered by taps and
in-house splitters, some of that energy is directed toward the input terminals
of television receiving devices.
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The problems are twofold, First, the amplitudes may be sufficient to cause
input stages to distort, producing intermodulation products that may fall within
the normally tuned channels. Second, the upper frequencies fall within the
common television intermediate frequency band of 41-47 MHz and may leak
directly into sensitive amplifier stages if not sufficiently rejected by the input
circuits.

The magnitude of the reflected signals can be estimated as follows. The
power level of transmitted signals from standard cable modems are controlled by
the headend and must be adjustable to as high as +58 dBmV to meet the DOCSIS
specification (though some models can go higher), For reasons discussed in
Chapter 16, higher levels are consistent with reduced average levels of ingress,
and cable operators design their plants so that as many modemsas possible are
transmitting near their maximum capabilities. Using the assumption in Section
24.4.2 that the sum of cable loss andtap orsplitter isolation will be at least 20dB,
the maximumreflected powerat the antenna terminalsofa television receiver in
the same or a neighboring house can be as high as +38 dBm.

The presence ofsignals of that magnitudefalling below 30 MHz should not
be a problem because television receivers are designed to reject signals below
that frequency with magnitudes as high as —7 dBm (+ 42dBmV). At the other
extreme, some receivers offer little protection for signals falling at or above
41 MHz, with levels as low as +10dBmV causing visible interference in some
models. [S-23is silent on the issue of receiver protection above 30 MHz and also
silent regarding maximum levels in that range that may be delivered by cable
operators. Clearly, however, without some form of additional protection or
avoidance of at least the frequencies above 41 MHz, many receivers will gen-
erate unacceptable levels of picture degradation when nearby two-way devices
are transmitting near the upper end of the upstream band. The testing described
earlier did not include this critical parameter.

Regulatory Status

Theissue of consumer equipment compatibility was addressed in Section 17 of
the 1992 Cable Act, which directed the Federal Communications Commission to
create rules*® “to specify the technical requirements with whichatelevision
receiver or video cassette recorder must comply in order to be sold as ‘cable
compatible’ or ‘cable ready."

In response, the FCC issued a Notice of Inquiry in January 1993 requesting
input ona variety of consumer equipmentinterface issues, including the issue of
“cable-ready” receivers.” Almost a full year later (December 1993), it issued a
Notice of Proposed Rulemaking (NPRM) covering the same issues. This time, the
key elements of draft EIA-23 were jointly submitted by the Electronic Industries
Association and the NCTA,* supported by the CableLabs compatibility testing
results (submitted by InterMedia Partners).
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24.6

Finally, in May 1994 the FCC issued rules’ defining the minimum perform-
ance characteristics of equipment marketed as “cable ready” or “cable com-
patible.” These were amended in April 1996. While largely adopting some of the
provisions in the interindustry agreement, the commission made several critical
changes. First, they declined to adopt a shielding standard that would ensure
that reradiation of cable system signals from connected receivers would be
below the limits allowed cable systems. Second, they declined to control any
aspects of the quality of devices with extended-range tuners specifically designed
to tune cable channels, unless they were labeled specifically as “cable ready” or
“cable compatible,” even though some of the requested quality provisions
existed purely to ensure the integrity of the system to which they wereattached.
As a practical matter, there has been no enforcement of even these weakened
provisions.

Summary

There is a substantial difference in the technical requirements for good perform-
ance in the broadcast environment and in the cable environment. Receivers
that perform well in one environmentwill likely have difficulties in the other.
Designing a cost-effective product to do well with both types of signals is very
difficult. We have described the difficulties and the consequence offailure.
Testing reveals that much of the equipment available at the time ofthetests
did not make the grade in several aspects.

In summary, the relevant parameters for equipment connected to cable are
at a minimum:

Immunity to external fields of at least 1 V/m.

* No morereradiation of cable signals than is allowed by FCC leakage rules.
* At least 80-dB isolation between switch ports.
« DPU backieed into the cable system at least 35dB below the desired visual

carrier,

« Through-switch attenuation of no more than 5 dB.

« Rejection of adjacent channel carriers to levels at least 55dB below the
desired visual carrier.

« Image signal rejection of at least 55 dB below the desired visualcarrier,

« Tuner overload performance so that spurious signals are at least 55dB
below the desired visual carrier.

The challenge of making products that function well in both environments is
a heavy one. There is no enforced set of standards for awarding thetitle “cable
ready.” There is no compliance testing service. Much of the consumer's
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difficulty stems from not appreciating that extended tuning range television
receivers are not necessarily fully compatible with properly designed and main-
tained cable television systems.
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 Channel Allocation

The channel allocation shown here conforms to the requirements of CEA
542-B, which specifies the correspondence between channel number andfre-
quency for North America. This standard was developed by the joint EIA (now
CEA)/NCTA engineering committee, and the original version has been adopted
by the FCC as the standard for channel allocations in the United States. (As of
this writing the FCC Rules refer to the standard by its old working designation,
15-6.) Picture carrier frequencies are shown, even for QAM signals, which have
but do not transmit, a carrier. The channel extends from 1.25 MHz below
the analog picture carrier, to 4.75 MHz above. For QAM signals, the carrier is
in the center of the channel. For 8-VSB signals, the carrier is 310 kHz above the
low band edge. Forall digital modulation, there is a single carrier, not separate
carriers for picture and sound. Three channelization plans are shown. They are
explained in section 9.2.

The complete standard is available from the Consumer Electronics Associa-
tion's duplication contractor, Global Engineering, at 800-854-7179, http://global.
ihs.com/. This is reprinted with permission of the Consumer Electronics Association.
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990 Appendix A Channel Allocation
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