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R S Roberts C Eng, FIEE, Sen MIEEE
Consultant Electronics Engineer

Television
Standards and
Broadcasting
Spectrum

Every colour television channel consists of three modulated
carriers:

® The vision information, derived from a camera or other
signal source, is used to amplitude modulate a carrier with the
electrical equivalents of the basic ‘black and white’ variations
that are encountered during transmission of the scene.

® A subcarrier, situated within the bandwidth of the vision
modulated carrier, is itself modulated with information related
to the colour information in the scenc.

® A separate adjacent carrier is modulated with the sound
nformation contained in the scene.

The eye, as a visual communication system, ‘sces’ a large
2mount of detail simulitaneously. by virtue of the fact that it has
.Seveljal million communication channels operating in paraliel at
any instant. The electrical signals that are gencrated by the
millions of sensors in the eye are partly processed in the retina
at the back of the eye, and farther processed in the brain to
Provide the familiar human experience of normal vision. The
mass of detail forming the visual scene consists of variations in
light and shade, colour and. because we have two eyes,
perspective.
) Pictyre transmission, using clectronic means to convey
mformation of a scene, cannot be carried out as a simultaneous
Process embracing the total field of view. Any telecommunica-
l§0" System can process only a single item of information at a
tme, and hence the data relating to any visual scene must be
analysed in such a way that the complete scene can be
lran;mitted as separate items of electrical information. At the
Teceiver, the individual bits of information are recovered and
Processed for display.

1.1 Scanning and aspect ratio

The visual scene is explored by examining the small areas of
detail that are contained in it, a process known as scanring.

en we read the page of a book, our eyes scan it line by line to
€xtract the total visual information. Electronic scanning carries
Out a similar line by line scan process, the detail encountered
being translated into voltage variations that can be used to
modulate a radio transmitter. At the receiver, the received

signals are demodulated and used to vary the heam current(s)
of a display tube, the beam of which is sweeping in synchronism
with the transmitter scanning beam.

A constraint of the electronic scanning system is the need to
put a frame round the field of view to be transmitted. In the
human seeing process the eye is quite unrestricted in its
movements, and it roams freely over a very wide angular range
which, with head and body movements, provides an unlimited
field of view. In the electronic process, a finite limitatien must
be imposed by means of a frame, within which the picture can
be analysed line by line.

The cinema industry has been in the business of presenting
pictures as visual information for very many years, and has
established a large number of basic principles. The newcomers
to the art arc the television engineers who did not ‘re-invent the
wheel” but, very wisely, adopted many of the principles and
standards that have evolved in film presentation. One of these
concerns the shape of the frame. In the film industry, a standard
rectangular shape with an aspect ratio (ar) of 4 {horizontal):3
(vertical) is the norm. This standard is still in general use for the
main products of the film industry, despite the use of various
‘wide screen’ and other ratios. If a system has a standard aspect
ratio at both the transmitter and the receiver, picture size is
irrelevant. The relative dimensions of objects in the field will be
correct.

The first television engineers concerned with the need to
establish standards had no reason to depart from the 4:3 ar,
particularly as it was realized that film would constitute a large
proportion of programme material. These engincers were the
team that created the standards for the world's first regular
broadcast service of television programmes in 1936. This ratio
has been adopted by all the systems that followed, and only
recently has a change been coasidered in the 4:3 ratio.

Earlier experimental systems by Baird scanned the frame
vertically with an aspect ratio of 1:2.

1.2 Still and moving pictures

A variety of picture transmission methods have been in use for
many years. Still pictures have been communicated over
telecommunication links by means of a facsimile (fax) system.
The picture to be transmitted is wrapped round a drum, and
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1/2 Television Standards and Broadcasting Spectrum

scanned line by line as the drum is rotated and advanced with
each turn. At the receiver, a photo-sensitive paper, wrapped
round a similar drum, is synchronously rotated past a light
beam which is modulated by the received signals. A high-
quality 250 x 200 mm picture can be transmitted over a voice
communication circuit in about 12 minutss. {Some modern fax
scanners use linear flat scanning, similar to an office
duplicator.)

The difference between scanning and transmission of a still or
moving picture is one of time. Transmission of a still picture can
take as long as we wish, but a moving field of view must be
totally scanned in a time that is very short compared with the
time being taken by any movements in the field of view. In other
words, complete scanning of the moving picture must be so fast
that we are concerned with what is, virtually, a still picture.

One of the properties exhibited by the human eye is
persistence of vision. When the image of a still picture is
impressed on the eye, removal of the visual stimulus does not
result in an immediate cessation of the signals passed to the
brain. An exponential lag takes place with a refatively long time
for a total decay of the image. The cinema exploits this effect by
presenting to the eye a succession of still pictures (or frames)
one after the other, each frame differing from the previous one
only by the chunge in position of any moving objects in the field
of view. The presentation of one frame after another must not
allow time for the image decay to become obvious and,
pravided that the presentation is sufficiently rapid and not too
bright, an illusion of continuous movement is maintained.

The still pictures are projected in succession onto a screen. A
frame is drawn into position with light cut off by means of a
rotating shutter. As the shutter opens, the frame is stationary
and the projected image illuminates the screen. The shutter
cuts off the light, the next frame is drawn into position, the light
is re-exposed through the frame, and so on in a continuous
sequence. A great deal of early work with film showed that, for
most people, a projection rate as low as 10~12 frames/second is
adequate to present a complete iltusion of movement.

However, at this projection rate another property of the eye
becomes significant. The eye is extremely sensitive to the
interruption of light at this rate, and the viewer would be very
aware of flicker. As a consequence, the standard rate adopted
for projection was 16 frames/second, well above that necessary
for the presentation of continuous movement and, with the low-
level illuminants of those days. adequate to minimize any
awareness of flicker.

The eye sensitivity to Hicker is a function of picture brightness
and interruption rate, the rate needing to be higher if brightness
is increased. With improvements in projector lamps over the
years, flicker became a problem. Raising the projection rate
would reduce flicker, but would result in a larger quantity of
expensive film being required. An ingenious solution of this
problem became a standard feature of all film projection
systems. The film is drawn into position with the light cut off by
the shutter, as previously explained. The shutter exposes the
light through the film. cuts it off, re-exposes the light through
the same frame, cuts it off and only then is the next frame drawn
into position for the next double exposure. The light is
projected and cut off twice during each frame. For a picture
projection rate of 16 frames/second, the intecruption frequency
is raised to 32 per second, and the visibility of flicker is very
much reduced without doubling the length of film.

As time passed. better illuminants came into use, and flicker
reappeared. This problem was solved along with another
concerned with the sound track that films now required. Film
was not passing through the projector system fast enough for
good sound quality. The standard was changed to that in use
today. The frame rate was raised from 16 to 24 frames/second.

[ "

This raised the interruption frequency to 48, and increased the
sound track length by 50 per cent.

1.3 Television picture frequency

The engineers who had the task of establishing standards for the
first broadeast system (system A, see Tuble 1.1) adopted the
aspect ratio of 4:3, but were concerned by the film projectiot
rate of 24 frames/second. [t was feared that, with a 50 Hz powst
supply frequency. any residual SO Hz or 100 Hz power supply
ripple in the receiver might modulate the beam current of the
display tube with a sub-harmonic at 25 Hz which would
produce a visible ‘bar’ across the picture. If film was belng
transmitted at the film standard rate of 24 frames/second. Ehe
difference frequency of 1 Hz would resuit in the bar sweeping
down the picture once per second.

It was decided that the picture rate would be 25 pictures/
second instead of the film rate of 24. [t was considered that the
effect on sound would not be serious. It was further considered
that, in the event of interference from the power supply. 2
stationary bar across the picture would be less offensive than 2
bar sweeping down the picture at the *beat’ frequency of L pet
second.
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Figure 1.1 A six-line scan of a 4:3 field, showing aperture distortion

Figure 1.1 shows a simple six-line picture consisting of a black
bar on a white background and the voltage output from the
scanning system during a one-line scan. The scanning spot has a
diameter equal to the width of one line, and sweeps across the
picture from right to teft along line 1, returns to its starting point
displaced vertically by one line, sweeps line 2, and so on down
the field of view to line 6. It is then returned to the top of the
picture for the second picture scan, and so on. The voltage
output may be as shown with maximum voltage indicating peak
white, and minimum voltage corresponding to black, termed
positive modulation. [n a system, the polarity may be lpvened,
so that minimum voltage equals white and maximum is plack-
This would be negative modulation, as exemplified in the
current UK system I (see Table [.1). This method of scanning1s
termed sequential scanning, and resufts in a very obvious flicker
because the field rate and picture frequency are the same, 1.€.
25 per second. ) .

A scanning system was standardized which provideda sxmxla;
effect to the double-shuttering used in film projection. Instea
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of scanning the lines in sequence, the picture field is scanned by
one field using lines 1,3 and 3, and a second scan fills the gaps by
re-scanning the field using lines 2, 4 and 6. This is interlaced
seanrnting, and constitutes two sweeps of each field for a
complete picture field. This has the same effect as double-
shuttering of film, and raises the flicker frequency to 50 per
second.

The interruption rate imposes a limitation on the brightness
level at which the display tube can be operated before flicker
becomes visible. The relationship between flicker and bright-
ness is expressed by the Ferry-Porter law:

fo=F+12.6log, B

where f. is the critical frequency below which flicker is
observed, Fis a constant related to viewing conditions, and B is
the luminance of picture highlights,

Tests on the viewing conditions of television pictures have
suggested a value of about 37 for F and, with f, = 50 (as in all
European and some othersystems), a picture highlight value of
about 10 foot-lamberts is obtained.

Television standards in the USA adopted the same general
principles. The picture rate was related to a power supply
frequency of 60 Hz, resulting in a picture rate of 30 per second
and a light-interruption rate of 60 per second. This increase of
interruption frequency, compared with the UK rate, resultsin a
permissible increase in highlight value by 6.8 times.

The six-line system illustrated in Figure /. would have very
poor picture quality. The picture has a sharp transition at the
edges of the black bar, but the voltage output does not change
instantly from the white value to the bfack value. At position A
(Figure 1.1) the scanning spot ‘sees’ peak white, As the spot
reaches the bar at B it ‘sees” half white and half black, the
output being a half of the peak value, as shown. The output only
reaches the value due to black at position C. At D, the half
value is derived as shown, and the remainder of the scan gives a
white output. The resulting effect is termed aperture distortion;
it prevents any small detail io the picture being reproduced
accurately.

In any practical television system, the picture quality will
depend on the ability of the system to reproduce at the display
tube all the sharp edges and fine detail. This requires the
Scanning spot size to be reduced, with a consequent increase in
the number of lines necessary for a complete scan of the field of
view. It is shown in section 1.5 that the channel bandwidth is
detem}ined by the scanning spot size. The smaller the spot, the
more lines that are required for a complete scan, and channel
Space is at a premium. This means that a *standard’ spot size has
to be a compromise between the ability of the system to provide
a prcture quality that is acceptable, and the minimum demand
for channel Space. Such standards are quoted in terms of the
number of lines that are required in the vertical dimension for
complete scanning of the entire field of view.

1.4 The video signal

The video si

gnal derived i i
for a pract; by the camera or other scanning device

cal black and white system will consist of random

White
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. Time
gure 1.2 A pogsjl .
possible ¥ideo qutgut from a camera during a one-line scan
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The video signal 1/3

voltages generated by the scanning of black, white and grey
images during the line scan. A possible scan output is shown in
Figure 1.2.

Two important conclusions arise from consideration of this
type of voltage waveform:

® Voltage variations will generally consist of ‘step’ changes
from one value to another. Smooth transitions from white to
black, or from black to white, will be rare.

o AC voltage variations are extremely unlikely, and their rare
appearance might arise from a scan across regular bars, such as
the black and white bars on a test card.

Figure 1.3 illustrates another important feature that arises
from this type of waveform. The two line scans each show the
same signal voltage variation. In (a) a white bar is shown on a
grey background, and in (b) the same output voltage variation
shows a grey bar on a black background. The difference
between the two identical signal variations is due to there being,
in each, an average dc voltage component. The dc level
determines picture brightness.
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Figure 1.3 Similar video outputsignals are shown in (a) and (b), but with
different de levels

The video signals resulting from the scanning operation are
processed and used to amplitude modulate the transmitter
output. Afl standard broadeast transmitters use am, but fm is
employed for certain links, and for satellite systems.

The principles of amplitude modulation are well known, but
there are some important differences between sound and video
as modulating signals. Figure [.4(a) shows an alternating
current variation that might be measured in the antenna system
of a sound transmitter. [nitially, the carder is not medulated,
then one cycle of an audio modulating tone is applied. The
familiar features of this process are:

e The unmodulated carrier is radiated, and its mean level is
constant with or without modulation being present.

® The cartier peak level is varied at the modulating frequency.
The audio variation in carrier peak values during modulation is
termed the envelope.

© An obvious limit exists in the modulating process whereby
the carrier peak must not exceed twice the unmodulated level if
distortion due to clipping is.to be avoided.

Page 5 Silicon Labs. Exhibit No. 1059
Silicon Laboratories v. Cresta Technology

IPR2015-00626



1/4 Television Standards and Broadcasting Spectrum
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Figure 1.4 A carrier is shown amplitude modulated (a) by an audio tone and (b) by a video signal

Figure [.4(b) shows a similar situation; it is amplitude
modulation by a video signal similar to Figure [.2. The
envelope is now of a random character, and there is no mean
carrier of constant level during modulation. When no modutat-
ing signal is present, no transmitter output is cadiated.

1.5 Channel bandwidth

{f a carrier is amplitude modulated with, for example, a 1 kHz
tone, three frequencies are produced: the carrier, a frequency
lower than the carrier by U kHz (a lower side frequency), and a
frequency higher than the carrier by 1 kHz. If the modulating
signal is a band of frequencies such as voice, music or video, a
band of frequencies is generated each side of the carrier,
termed sidebands, extending on each side of the carrer
frequency to a limit determined by the highest frequency in the
range of modulating frequencies.

There are several ways in which the highest frequency
component in a modulating video signal may be determined,
and thereby the channel bandwidth. One is indicated in Figure
I1.5in which (a) is the top left-hand corner of a picture consisting
of a regular pattern of alternate black and white squares. The
sides of the squares are equal in length to the scanning spot
diameter, and consequently the output signal gencrated will be
a sine-wave, the frequency being the highest that will be
generated at full amplitude. Any detail of smaller dimensions
will not generate maximum output.

Consider now the six-line picture discussed in section 1.3,
where this picture is of the pattern shown in Figure .5, i.e.
alternate squares of black and white, each with 2 width and

Page 6

height equal to the scanning spot diameter. The total number of
squares in a4:3 ar frame will be (6 X 6)4/3=48. [f we transmit 25
complete pictures per second, the squares will be scanned in
1425 s so that 48 x 25 = 1200 squares will be scanned in one
second.

‘ ===
Scanning s ,
spot e (@)
D t § 1 3 i
(=] White i t 1 i i
aACK -
> Time

Figure 1.5 The smallest detail than can be resolved at full amplitude

The resulting ac cycle corresponds to the scan of one black
and one white square. Thus the highest modulating frequency is
120012 = 600 Hz, and the two sidebands would require an
overall of channel bandwidth of 2 x 600 = 1200 Hz.

We have seen that the picture quality would be poor, and
severely lacking in the resolution of edges and fine detail. We
know that, to improve resolution, we must reduce the scanning
spot diameter and increase the number of scanning lines
appropriately. For example, if we halved the spot diameter of
our Figure 1.1 model, we would have to double the number of
lines for a complete picture scan, and then the total aumber of
squares would be 12 % [2 x %5 = 192 and the number of squares

ceark R
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Silicon Labs. Exhibit No. 1059
Silicon Laboratories v. Cresta Technology
IPR2015-00626



scanned in 1 s would be 192 x 25 = 4800. This would result in a
channel bandwidth of 4.8 kHz, four times that of the original
six-line system. The bandwidth increases as the square of the
aumber of lines.

A standard adopted for a good quality television system has
to be a compromise between the need for acceptable definition
of edges and fine detail in a picture and the overall bandwidth of
the channel.

There are two historical examples of ‘line standards’ that are
worth consideration. The first UK television broadcast system
developed by Baird used an aspect ratio of 1:2 and 12Y2 pictures
per second. Scanning was sequential and vertical. Thus, the
number of squares would be {30 x 30) x 2 = 1800, and the
number scanned in 1 s was 1800 X 12.5 = 22 500. The highest
modulating frequency was thus 11 250 Hz.

The second example was the first ever ‘high definition’
broadcasts that commenced in 1936 in the UK with a picture
frequency of 25 per second, interlaced scanning and an aspect
ratio of 4:3. The compromise on definition and bandwidth was
decided on the basis of the scanning spot being of such a size
that 405 lines would be required to cover the picture area, and
give acceptable picture quality. The highest video frequency is
405 x 405 x 43 X ¥ = 2.7 MHz. The output of detail smaller
than 1/405 of picture height would be less than maximum.
Detail generating 3.0 MHz, for example, would be about
~3 dB. The total video chapnel rf bandwidth becomes
3.4 MHz and the lowest modulating frequency is zero or dc.
The total radio spectrum space occupied by this first system A
{as it became known) is shown in Figure 1.6.

+

t ( : 1
41 ? 42 43 44

Sound carrier i
Vision carrier

Frequency
{MHz)

Figure 1.6 The full bandwidth of a dsb system A channel

1.6 Synchronism between scanning systems

The waveform in Figure 1.4(b) could represent the transmitter
modulation during a one-line scan. At the receiver, the
modulating signal is recovered and, after suitable processing, is
used to modulate the beam current of the display tube, thus re-
creating the detail seen by the scanner during the one-line scan.
Two further important items of information are necessary to
ensure that the scanning spot at the transmitter, and the beam
position on the face of the display tube, occupy identical
positions in their 4:3 frame. One determines the position of the
Scanaing spot in the vertical plane, and the other ensures the

correct position in the horizontal plane.
s flte would appear from Fi igure 1.4(b) that the video waveform
infmz :tti)mplete, and thf‘.re is no way in which any additional
showeq hgn can be prov:dcd._ but a development of system A
telovin :tz it Zould be done,'m a manner that forms part of any
Sigral o :im dard today. Fzgurf: 1.7(a) shows how the video
e maximu ation can be established between the two limits:
ponding toml; trinsmlFter output, and the carrier level corres-
output and t:; b;rhllcs ieaves_a region between zero carrier
information ack level into which we can put extra
wig"(‘)‘;ﬁ‘;eé;‘e!h;teglfl!;‘ef ntransx_nitter/rcce{vcr system can deal
remove the video fops ;‘ma'tmn at any instant, and we must
ation while we provide any extra

Synchronism between scanning systems 1/5

information. A blanking pulse blanks out alt video information
down to the black level, at the start of the line scan. A natrow
line synchronizing pulse is then inserted from the foot of the
blanking pulse down to zero. The leading edge of this pulse is
used to start the line scan on its traverse across the field from left
to right. At the receiver, the leading edge of the demodulated
narrow pulse is used to start the sweep of the display tube beam
across the face of the tube. At the end of the line scan, the next
blanking/synchronizing pulse triggers the return of the spot to
the left-hand side, and the scanning cycle starts again, this time
slightly displaced vertically, to trace a new line path.

White

]
Q
g
S
Black -+
0 P~
P
Blanking  (qa) me
A i pulse
White | |«
@
=
g8
g l—JJ
Black] {
i e e
0 P

— tLine synchronizing (&)

pulse

Figure 1.7 A typical camera output (a) before and (b) after the insertion
of blanking and line sync pulses

The waveform of a line of the UK system Lis shown in Figure
1.8. The heavy black line is the waveform of a black and white
system, and the shaded areas are concerned with the colour
information. The timing of all the pulses and other features is
with reference to the leading edge of the narrow sync pulse. All
television standards use the same type of waveform, but their
timing and pulse widths may differ.

To effect vertical displacement of the scanning spot in
synchronism, it is necessary to use a different type of pulse. The
line sync puises are narrow and relatively infrequent, so we can
suppress video information for several lines, and transmit
either a single, long pulse or a train of relatively broad pulses to
effect vertical synchronism. Figure 1.9 shows the four-field
sequence of field sync pulses used in the UK system I. The
‘burst’ sequence is necessary for the PAL colour system.

At'the receiver, the two types of pulse can be separated from
the composite waveform by relatively simple forms of ampli-
tude discrimination, and they can then be separated from each
other by the passive circuitry shown in Figures .10 and 1.1i.

Figure 1.10 shows one form of a differentiation circuit in
which the time constant CR is short compared with ¢, It will be
recalled that synchronizing information is required from the
leading edge of the line sync pulse if all the timing is to be
correct, and this type of circuit provides this discrimination
between leading and lagging edges.

Figure 1.11 shows an integrating circuit. The time constant
CR is long compared with the duration of the train of pulses
provided at the input. Successive pulses build up the voltage on
C to the value V, and, at the end of the pulse train, C

Page 7 Silicon Labs. Exhibit No. 1059
Silicon Laboratories v. Cresta Technology

IPR2015-00626



1/6 Television Standards and Broadcasting Spectrum
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Figure 1.8 The thick line show 2 passible signal output resulting from a single line scan of a black and white system, the image being a grey ‘staircase’
from white to black. The shaded areas are concerned with the addition of colour (BBC)
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Figure 1.9 The broad pulses used for synichronism of the vertical scan during blanking of 25 lines
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Figure 1.10 A differentiation circuit that provides an output when the
input voltage changes in value

R
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Figure 1.11 Anintegration system that enables a train of broad pulses to
baild up to a peak value

discharges. The output waveform thus constitutes a single
broad pulse, which operates at a relatively slow speed to trigger
the vertical sweep system.

The differentiation circuit does not distinguish between line
or field pulses; it will generate “spike’ pulse output from the
edges of any pulse fed into it. The integration circuit is the one
that does discriminate between the two types of pulse. The
narrow, infrequent line sync pulses will provide no output from
the integrator.

1.7 Porches

Figure 1.8 shows two other features that are concerned with the
line sync pulse region. Note that the pulse is notin the centre of
the blanking interval.

In any system that contains inductance, capacitance and
resistance, voltage or current changes cannot take place
instaataneously. A video signal change from black to peak
white, or white to black, takes time for completion, requiring
possibly a capacitor to charge or discharge. A black/white edge
results in a voltage change as shown in Figure 1.12 (not to be
confused with the aperture distortion shown in Figure [.1).
Ahead of the pulse in Figure {.8 is a narrow plateau, the front
porch. lts purpose is to allow the video signal of the previous
line (which might have been at peak white, for example) to
reach black level before the sync pulse starts.

]
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Behind the sync pulse is anothier plateau, the back porch. The
original purpose of the back porch, when first used in system A,
was to make sure that there was plenty of time for the receiver
line scan circuitry to effect complete retrace of the line scan,
and for the beam to be in its correct position for commencement
of the next line scan. By comparison with current technology,
receiver scan circuits in 1936 were crude, ponderous and
extravagant of power, and they required a lot of time for
cetrace. Today, the back porch provides plenty of time for
retrace and it also provides the space necessary for colour
information to be transmitted and extracted at the receiver.

1.8 DSB, ssb, asb and vsb

The UK system A operated from 1936 to 1939, and then had to,
close down due to the outbreak of World War II. The USA
standardized its television system and immediately found a
serious problem. The double sideband (dsb) system was very
extravagant of channel space and, as many channels were
required, a new system of modulation was devised. It was
kriown as a vestigial sideband (vsb) system, sometimes termed
an asymmetric sideband (asb) system, and is now used through-
out the world because it saves a considerable amount of channel
space.

To appreciate the operation of vsb, it is necessary to digress
into some important differences between sound and video
amplitude modulation. Single sideband (ssb) am systems have
been used for radio transmission of speech and music for at least
60 years. Why cannot ssb be used for video modulation and thus
save half the dsb bandwidth?

L U L \(i l_/ L U
e - ) SRR, —lb‘-u-sA ------ »----(-b.)
‘\
~~~~~ d»’n-—-[»-‘{‘-—o-—---— --~~-~»}-—(S)

Figure 1.13 The vector relationships of dsb (a) and (b) ssb (c) and (d},
and a single side frequency (¢)

determined by the va]
peak values ¥ ues at 10 per cent and 90 per cent of There are two sources of distortion in a dsb speech or music

system. An amplitude constraint exists whereby any attempt at
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over-modulation results in severe waveform distortion, with
unacceptable audible quality. The second effect occurs in
single-channel sound reproduction where the quality of the
reproduced sound is unaffected by changes of phase response.
Many do not accept that our normal binaural experience
distorts. Nevertheless, simply turning one’s head, for example,
results in a severe phase change of, say, a 5 kHz tone, where
about 4 em movement represents about 180°, We live with this
effect and do not notice it, even when we use it for dicectional
information.

Figure I.13(a) shows the vectors relating to the carrier side
frequencies during one cycle of a medulating tone of dsb am at
maximum modulation; (b) shows the resultant vector addition
of the vectors in (a), causing the rise and fall of carrier
amplitude, and the phase of the resultant vector, which remains
that of the carrier at all times during the modulating cycle.

Figure 1.13(c) is as (a), but with the lower side frequency
suppressed, and (d) is the new resultant. Two features can be
seen:

& The modulation, considered in terms of carrier amplitude, is
halved.

@ The angle of the resultant vector is now swinging with respect
to the carrier vector.

We have produced phase modulation.

To determine the requirements of a video signal used for
amplitude modulation, consider the simple video modulating
signal shown in Figure [.14(a). Such a pulse can be analysed
into a number of discrete harmonic compouents, which extend
out to infinity with a descending order of amplitude. The square
waveform of (a) could be syathesized by addition of the
frequency components of (b) at the correct amplitudes and
phases, In a television system, we require the pulse signal to
progress through the system in such a manner that the shape of
the waveform that finally modulates the display tube beam
current is a faithful copy of the signal derived by the scanning
process at the transmitter.

P
ol

Q
-
2
a
E {a)
T Time
A I
2
a
E (b}
I
f 3f bf 7f
Frequency

Figure 1.14 A theoretical rectangular pulse contains a fundamental
frequency £, and all the odd harmonic frequencies. The practical pulse
loses some of the higher harmonics due to the finite bandwith of the
system, and has sloping sides with rounded corners

A pulse can experience degradation of its waveform in a
number of ways as it goes through the system:

1 The baadwidth of the system is finite, and therefore some of

the higher frequency harmonics will not be present.

2 An inadequate hf response at some point in the signal path
can change the pulse shape by, for example, rounding the
corners and sloping the sides of the pulse,

3 Inadequate If response can produce 2 “tilt” at the top of 4
pulse. The dc voltage may not hold up for the duration of the
pulse.

4 The various discrete frequency components that constitute
the signal waveform may experience differing transit times 38
they travel through the system. Some may go through faster or
slower than others, distorting the wave shapes in varying
degrees at the point where they are intended to arrive together,
i.e. at the point where the display tube beam current is
modulated.

Of the above, 1 is determined by a definition compromise as
discussed in section 1.5, and 2 and 3 are concerned with circuit
behaviour, and any deficiencies can be resolved. The timing
effect of 4 is much more important. The phase response of the
system, clearly, determines the preservation of pulse shape.
Each of the signal frequency components must travel through
the system in the same time, although the actual time of transit
is, within reason, of no importance.

If a fundamental frequency f passes through the system in
time ¢, this time can be interpreted as a phase change ¢. The
frequency 2f will go through twice this phase angle in the same
time. 3f will shift three times the fundamental phase angle, and
5o on for cach harmonic component. If one of the harmonic
components goes through (oo great a phase shift in the time £, it
means that it is travelling too fast and will arrive early at the
tube beam current control. It is seen that the phase response of
the system should be such that the angle ¢ must be proportional
to frequency. Any one of the lines shown in Figure 1. 15 would
indicate a satisfactory phase response. The linear relationship is
essential, and the only significance of the differing slopes is that
they relate to different transit times. (The horizoatal line would
indicate zero time which is, of course, not possible.)

A

Phase angle ¢

- Frequency -

Figure 1.15 A video system phase response must be proportional to
frequency

The main differences between an audio channel and video
signal processing are now more clearly seen. Audio signal
channels can tolerate a high degree of phase distortion, but
amplitude distortion must be kept to very low limits. Video
signal processing must ensure that phase distortion is mint-
mized, but overload effects are far less serious. The peak value
of Figure [.14 may represent peak white, for example, and any
increase above this value would not be visually o}’ much
significance, although it may drive a transmitter into an

Silicon Labs. Exhibit No. 1059
Silicon Laboratories v. Cresta Technology
IPR2015-00626



overload condition. Alternatively, the peak value may corres-
pond to a black signal, in which case ‘blacker than black’ is of no
visual consequence.

The phase distortion produced by ssb (Figure [.13(c) and (d)}
may be acceptable for audio, but is quite unacceptable for
video. However, it is possible to use partial suppression of one
sideband (vsb) for a television system and save considerable
channel space. Whereas phase distortion can be quite unaccept-
able where large picture areas are involved, phase errors
become difficult to sece on small detail in the picture. Thus, a
practical system must have a very low phase distortion at low
video frequencies, while the high frequencies generated by the
fine detail in the picture can be severely distorted, but still
acceptable.

(a) Vision Colour Sound
carrier subcarrier carrier
i
./ '
6§ 54 3 2 10 12 3 4 5 &
e 12 MHz i
Frequency, MHz
{b) ; 4
i
F
$—i e B ey
6 5 4 3 2 1 0 1 2 3 4 5 8
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Frequency, MHz
(c)
0dB—ot~-~---
-6 dB—wpm - - - o
$ i ' L _!

+ 4 ¢ } +
2 101 2 3 4 58 6
i~
Frequency, MHz

ﬁgum 1.16 A full channel bandwith is shown with, at (b)., the radiated
signal of vsb modulation, and at (c), the required recetver if response

Figure 1.16 shows, at (a), the full dsb channel bandwidth that
would resuit from video amplitude modulation, together with
the sound channel, for the UK system [. The transmitted signals
:re shown in (b) where the lower sideband has had about

MHz filtered off, leaving a ‘vestigial’ 1.25 MHz. The 12 MHz
channel has been reduced to 8 MHz.

4 } A
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| i |
| |
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Figure 1.17
=217 Dy
deseription iy ;r::: dulated output from the vsb input to a receiver. See
For ysp

: to functj - .
Signals to 4 nction correctly, it is necessary for the received
Processed before being presented to the
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demodulator. The pass-band of the receiver if channel must be
shaped as shown in Figure 1.16(c). Consider, for example, a
50 Hz modulating frequency, and its position in Figure 1.16.
Such a frequency would result from the scan of a large area,
indeed a complete field, and the resulting side frequencies
would be very close to the carrier. The signals presented to the
demodulator by the receiver if amplifier are shown as vectors in
Figure 1.I7(a). The carrier and side frequencies are cut by
6 dB, but no phase distortion would result because the signal is
a full double sideband am signal at 100 per cent modulation.

Consider next a modulating frequency resulting from the
scan of a smaller detail, producing a frequency around, say,
500 kHz. Figure 1.17(b) shows the vector relationship between
side frequencies and carricr. The overall length of the upper
plus lower side vectors add to the same value as in (a), showing
that the modulation factor has not changed. However, one
vector is longer than the other, and some phase distortion is
beginning to appear in the resultant addition of the three
vectors. At frequencies of about 1.5 MHz and above, the
vector situation is as shown in (c). The single side frequency
resuiting from the scan of a small detail has an amplitude equal
to the attenuated carrier and, again, the level of modulation is
unchanged. Phase distortion is present, but the detail is small
and the errors become more difficult to see as the modulating
frequency increases.

The US problem of minimizing channel space was eased
considerably by the use of vsb, and all standard systems now use
vsb. All UK system A stations that followed Channel [ used vsb
and, when the first station moved from its original site to Crystal
Palace, the opportunity was taken to bring it into line and
change it from dsb to vsb. The vestigial band was about | MHz,
and the overall channel width was 5 MHz.

1.9 National standards

Many of the world’s standards use 625 lines, the exceptions
being the 525-line system M. used by North and South
America, Japan and a few other countries, and the French
system E on 619 lines. System E was developed before World
War I in an attempt to provide a better picture quality than the
405-line standard then prevailing. This virtual doubling of the
line structure does, indeed, provide an excellent picture
quality, although at the expense of chaanel space. Considera-
tion is currently being given to the adoption of new line
standards that will approximately double the number of lines.

The almost universal adoption of a 625-line standard resulted
from the first international canference on television standards
after World War I1. All countries plaaned to start a television
service, and it was hoped that the 625-line standard would
permit international links between European and other coun-
tries that used 625 lines. Unfortunately, widespread adoption
of 625 lines did not result in a universal standard. There are
many 625-line systems, but few are compatible. Some have
positive modulation, others negative. Some have am sound,
and others fm sound. There are further differences in the
colour.

The US system M was the first practical broadcast colour
system. A later European conference attempted to standardize
a European colour system. It was considered that the NTSC
system M could be improved, and several proposals were made
for systems based on the NTSC principle that used a subcarrier
for colour information. Germany proposed a modified NTSC
system known as PAL (Phase Alternation Line). The French
proposal was for the subcarrier to be frequency-meodulated, the
system being termed SECAM (Sequentiel & Mémoire). Other
variants of the NTSC system were considered for a European
standard, but the final outcome was that PAL was preferced

TR
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Table 1.1 Standard television systems

e

A B c D(K) E G H I L M N
Lines per picture 405 6235 625 625 819 625 625 625 625 525 625
Field frequency, Hz 50 50 50 50 50 30 50 50 50 60 50
Line frequency, kHz 10.125 15.625 15.625 15.625 20.475 15.625 15.625 15.625 15.625 15.73¢ 15.625
Video bandwidth, MHz 3 5 5 6 10 5 5 5.5 6 42 4.2
Channel bandwidth, MHz 5 7 7 8 14 8 8 8 8 6 6
Sound/vision carrier

spacing, MHz 3.5 5.5 5.5 6.5 145 55 5.5 6 6.5 4.5 4.5
Vestigial sideband width,

MHz 0.75 0.75 0.75 0.75 2 0.75 1.25 1.25 1.25 0.75 0.75
Vision modulation polarity + ve¢ — ve + ve — ve + ve -~ ve — ve — ve + ve -— ve — V&
Sound modulation am fm am fm am fm fm fm am fm fm
Deviation, k Hz 50 50 50 50 50 25 3
Pre-emphasis, s 50 50 50 50 50 15 75

and adopted by most countries, while France and Russia
decided to use SECAM. (They actually have different versions
of SECAM.)

A common feature of all colour systems is that they use a
subcarrier for colour information, and transmit it in the form of
a ‘burst’ of a few cycles for use by the receiver as a reference.
The position for the burst is on the back porch, as shown in
Figure 1.8.

Table I.1 gives details of most of the standards in use
throughout the world. (System A has been included, although it
is no longer in wse in the UK.) These are not the only
differences between systems, but the radio frequencies on
which they operate also differ between countries. The fre-
quency allocations on which radio services operate are decided
by the International Telecommunications Union (ITU). The
world is divided by pole-to-pole boundaries into three regions:

Region 1 includes Europe, Africa and Russia. The eastern
boundary includes the whole of Russia and
Mongolia.

Region 2 includes North and South America, Greenland and
Alaska.

Region 3 includes Australia, New Zealand,
Pakistan, China and Japan.

India and

This partition is intended to ensure that the various radio
services should operate with minimum interference to each
other and other services. However, this does not ensure that all
television services will operate on the same frequency bands.
Considerable differences exist, not only between regions, but
within regions.

For example, Table 1.2 shows the UK and European
allocations for television services, but Africa and Scandinavia,
also in Region 1, differ. South Africa has two bands, one on vhf
175-255 MHz and the other a uhf band on 471-632 MHz. The
Danish bands are 55-68 MHz, 175-216 MHz and 615~
856 MHz. Both countries use PAL. South Africa uses system I,
as in the UK, and Denmark uses PAL on systems B and G
which differ only in channel bandwidth.

Many similar examples can be quoted. A notable one is that
Japan uses NTSCsystem M, but a receiver manufactured by the
Tapanese for home use could not be used in the USA because
the two countries are in different regions and their radio
frequencies are different.

Further examination of Table 1.1 shows several very similar
standards. Many have derived from basic systems, and dif-
ferences are small. Systems D and K, for example, are the same
for the listed parameters, but the D version uses PAL and the K
version uses SECAM. The K system, in turn, has spawned the
K’ system, which is similar to the K system but with a wider
vestigial sideband.

1.10 Bands and channels

The radio frequency spectrum is divided up into bands as
follows:

vif <30 kHz

If 30-300 kHz
mf 300-3000 kHz
hf 3-30 MHz

vhi 30-300 MHz
uhf 300-3000 MHz
shf 3-30 GHz

ehf 30-300 GHz

The band classifications are international, and broadcasting
tukes place in some of them. Medium-wave broadcasting, for
example, occurs in the mf band. The *3-30° range of each band
is not so arbitrary as it may appear (see section 12.2.1). Each
band is characterized by its own propagation and antenna
features.

Table 1.2 European bands and designations

Band European band Frequency range

vhf I 41-68 MHz

vh It 88-108 MHz (fm sound)
vhf HI 174-216 MHz

uhf v 470-582 MHz

uhf v 614-854 MHz

shf 11.7-12.5 GHz

Notes:

1. The UK used bands I and III for a television service, on
standard A. This has now been discontinued, but other parts
of Europe still use these bands for television.

2. Band II is not used for television, but for fm sound oaly.

3. The shf band has been allocated for satellite television
services.

The sections of the spectrum that are allocated to television
are in the vhf and uhf bands. There are three world zones with
different frequency allocations for broadcasting, and Table [.2
shows the European bands and their designations.

The UK television service functions in Bands [V and V only.
Channels 21-34 are in Band [V, and channels 39-68 are in Band
V. The various standards in use have different channel
bandwidths so, for example, a UK channel 40 does notl
necessarily occupy the same frequency space as a European
channel 40.
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Table 1.3 UK shf frequencies

Frequency
SHEF channel Ot
4 11.78502
12 Hggézg all left-hand circular
16 12.01518 polarization
20 12.09190

The actual frequencies in the shf band allocated to television
broadcasting in the UK arec shown in Table 1.3. There are 40
channels, each 20 MHz wide. The precise form of the transmis-
sion has yet to be decided.

1.11 Adding colour to a manachrome system

Colour television was demonstrated in 1928 by Baird, using
red, green and blue filters before each field in a sequential
manner, with appropriate syachronized filters before a modu-
lated white light source at the receiver. Various unsatisfactory
features appeared, such as colour break-up (a fast-moving
object in the field was trailed by a colour), and flicker, requiring
an increase in field rate,

A more sophisticated version of a mechanical sequential
colour field system was proposed by CBS when the US sought a
standard for a colour system, and this proposal was adopted in
1951, only to be subsequently rejected when the US National
Television Standards Cbmmittee (NTSC) was formed to derive
a wholly electronic sta}zdard‘ The NTSC system was adopted by
the US in 1953, and had its first broadcast in 1955,

Modern colour television has resulted from the addition of
suitable techniques to existing monochrome systems. The
transmission, reception and processing of black and white
signals require three separate items of information: the video
information and the synchrouizing information for two-dimen-
sional scanning. .

[tis shown in Part 3 that colour requires three further types of
information. It is necessary to determine luminance, hue and
saturation of any colour at any instant. Fortunately, existing
monachrome systems are luminance-only systems, and they
can supply the luminance information. This leaves two extra
ttems of information to be transmitted and received which,
when suitably processed, can determine the hue and saturation
encouatered during scanning.

:&part from the obvious difficulties, some severe constraints
exist on the addition of colour information:

: It must not require extra channel space.

M‘Eei":f;nnl:a!l?c no‘:nterference_ between the existing lumi-

® [t must o to‘z:l [an the :'«ul'de.d lpformanon. .

must disp ally Lampaut_:lg. ie. a monochromg: receiver
Piay a colour transmission in black and white, and a

colour receiver must be ¢ i i
receive s apable of displ a
transmissioq in black and wli\ite.L splaying & monachrome

L1L1 Colour bandwidth

There .
‘2“2;‘;';: ::iipects of human colour perception that can be
andwidtp, requingf adYanmge: One of these concerns the
€ detail in ol - {or colour duzp_lay. Our ability to perceive
ur is considerably inferior to our awareness of

fine dety;

N tail a5 .

mformaticm‘difs"gm"“s or luminance variation, thus colour

fteeded b ; 10t require the same wide bandwidth that is
Y @ lumninance system

8¥e can regqy i

lve s
oY small ang mall v

the ve
le of 0.5

ar}ations of luminance detail over
L' (the precise figure varies with
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individuals). Visual acuity for colour is far less sensitive than for
luminance, and depends to some degree on the range and
saturation of the colours involved. Over an orange/cyan range
of colours the resolotion angle becomes 1.5-3.07, and over a
green/magenta range, detail resolution requires about 4-8'.
The bandwidth required for colour information can thus be
reduced to between '5 and e of the width required for
luminance. Whatever methods we are going to use to process
colour, it is only necessary to use about 1 MHz for the relatively
low-detail colour information.

1.11.2 Spectrum utilization

Let us examine more closely the distribution of energy over the
band of frequencies occupied by a carrier which is modulated by
avideo waveform. Without any video modulation, the carrier is
already modulated by a number of frequencies. The line
scanning rate is at a constant frequency (15 625 linesisecond in
system I}, and it establishes side frequencies on eachside of the
carrier, spaced at line frequency and from each other, as shown
in Figure 1.18. Interlaced scanning modulates the carrier at
50 Hz, and the side frequency of 50 Hz and the harmonics are
spaced on both sides of the carier and the line scanning
harmonics. The picture frequency is another modulating signal
at 25 Hz, and its energy joins the clusters around each line
frequency harmonic.

Video carrier

Frequency

P SR 1

’ fsfs n l

! 3f 3fy

Figure 1.18 The signal components resulting from amplitude modula-
tion. f; is the line scanning frequency

The line frequency harmonics with their side frequencies
extend out to the bandwidth limits of the video channel, and
they are of a descending order of energy level as they become
more remote from the carrier. Over the channel bandwidth, the
energy generated across the band, without video modulation, is
contained in clusters, spaced at line-scanning frequency from
the carrier and from each other. Large regions of the channel
space contain little or no energy.

In 1934, long before any broadcast television system existed,
two mathematicians, Merz and Gray, studied the situation
when video signals were included in the modulation process and
concluded that the video energy simply joined the existing
clusters round each line-scan harmonic, leaving the overall
pattern substantially unchanged. The only differences between
one picture and another, or whether one is moving or station-
ary, are relatively small variations in the magnitude of the
energy in the clusters. The low or zero energy gaps between the
line frequency harmonics remain with all types of video
modulation.

The original work of Merz and Gray was directed at reducing
interference between two adjacent transmitters, operating on
nominally the same frequency. If their carrier frequencies were
‘offset’ by half the line frequency, the line harmonics of each
would drop into the low-energy gaps of the other, thus
minimizing mutual interference. However, in the years 1951
1953, the gaps were seen by the NTSC as the place for colour
information.

A subcarrier can be inserted in the video frequency band, ata
frequency about 1 MHz lower than the top of the video band,
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where the line-scan harmonics are low in amplitude. This
subcarrier can then be modulated with colour information in
such a manner that, when extracted and processed in the
receiver, the colour display tube is driven with appropriate
display information.

All existing standard colour systems are derived from the
concept of the use of a subcarrier in the video band to supply
colour information.
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DBS Receivers

A dbs receiver is capable of receiving direct-to-home signals
from the broadcasting satellite in the service area. As a piece of
domestic equipment, its cost must not be excessive and its
performance must be adequate.

As well as the features inherent in satellite broadcasting, dbs
systems are expected to improve the quality of sound and vision
and to realize diversified new broadcasting services.

The receiver is an important component of the complete dbs
system. Efforts have been made to realize high performance
receivers at reasonable cost.

Operational dbs systems using the 12 GHz band are cur-
rently in service or in preparation, and dbs receivers are on the
market in some countries. This section describes the perfor-
mance of the 12 GHz band dbs receiver as a consumer product.

31.1 DBS transmission systems

In conformity with the WARC-BS plan, satellite broadcasting
systems have generally adopted frequency modulation for the of
signals. [n spite of the weak signals inherent in satellite
brr)az{casting. broad-band fm makes possible the reproduction
of naise suppressing picture and sound quality. The baseband
signal format has been evolved to fit satellite broadcasting
transmission and to improve the quality of the signals and the
service Rexibility.
CCI!{?'& major dbs transmission systems are reported by the
it the MACrpacket family, the B-MAC system and the
- digital subcarrier/NTSC system.
 pring; ?’;‘éf(‘/paﬂkt?t_fz}mily and the B-MAC system adopt the
lmpmg et Of time-division mult{plaxing (tdm), which permits an
muhipie:licdnt in picture quality. The sound/data signals are
- " the;: ;\x r; or basebar}d‘m the line ?lankmg interval.
f"qﬂencv-dg‘u‘: T hand, d?e dl_v_,ntal subn;arner/{*{’[“SC system uscs
most ghe sion multiplexing (fdm). The vision signais have
d TSC 5 ‘:f"ﬂc parameters as those of a conventional
T}'te . ystem, for compatability with terrestrial television.

ound/daty <
sion sigr:gjg‘“‘* signals are frequency-multiplexed with the

‘Bure 31,1 ohe —

2S¢ systa r€1 Sshf)ws the multiplexing structures of cach system.
Miission mdpgly digital techniques for sound and data
Xibility pro order to make full use of the capacity and the

tavic , !
Ovided by the channel, Thesqund sigpal comprises
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the accompanying high quality sound signals and some possible
additional independent sound signals. The data signal has the
capability of transmitting digital data services such as teletext,
facsimile and telesoftware, service identification and condi-
tional access systems, etc.

Vision signal
Sound/ | [Colour difference Luminance
-1 data signal signal
signal (3:1 compressed) {3:2 compressed)

l‘—‘—‘— Horizontal scanning period -“‘—‘"’J

(a)

Digital sound/data
subcarrier {(4-psk)

5 N
= Vision signal §
> |
@ i
e t \
1
1 { i [
45 5.73
Freq. {MHz)
{b)

Figure31.1 Multiplexing structures of the dbs systems: (a) MAC/packet
family and B-MAC, (b) digital subcarrier/NTSC

The signal specifications for each system are shown in Table
30.1. The principal variations between the receivers of each
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A typical dbs receiver system consists of four elements: an
antcona, an outdoor unit, an interconnecting cable and an
indoor unit (see Figure 31.2).

The receiving antenna is installed on or adjacent to the
viewer's house or building and can be pointed in the direction of
the incoming signals. The outdoor unit is directly attached to
the receiving antenna. The indoor unit, which contains controls
such as channel selection, is located close to the conventional
TV receiver.

Generally, the 12 GHz dbs receiver system uses double
frequency conversion to ease the problem of selectivity, image
rejection and local oscillator radiation.

IS

31/2 DBS Receivers
\ Digital
System C-MAC D2-MAC B-MAC subcarrier/
ltem NTSC
W. Germany . USA ;
Country EBU France Australia Canada Japan
Nominal channel bandwidth 24 27
(MHz) 2
Line/Field 625/50 525/60
Vision coding/Modulation MAC/fm NTSC/fm
Nominal sampling frequency 4.32 —
(MHz) 13.5 14.22 14.3
Luminance [chrominance] 4 1 4.5[2.5/
compressed bandwidth (MHz) 56(24 3031 221 [2.5/1.5)
Nominal transmitted baseband
bandwidth (MHz) 8.4 7.5 6.3 6.3
Reference clock frequency (MHz) 20.25 21.328 21.477 —
fdm*
Sound/data multiplexing principle tdm™* at rf tdm* at baseband ‘;ﬂg)‘n
Data coding/modulation 2-4 psk Duo?;mry ) Quarternary/binary-fm 4-psk
Symbol rate (M baud) 20.25 10.125 7.11 ! 7.16 2.043
Number of bit per symbol 1 2/1 1
Instantaneous bit rate (Mbit/s) 20.25 10.125 14.22/7.11 14.32/7.16 2.048
Mean data rate (Mbit/s) 3.08 1.54 1.59 1.60 2.048
Multiplex description Flexible Rigid Flexible
Type of multiplex Packet Continuous
16 bit/sample
14bit/sample lin* lin*
Sound coding or Adaptive delta modulation or
14/10 bit/sample nic* 14/10 bit/
sample nic*
1 parity bit/sample BCH (63,
Protection (Error Correction) or 2.33 bits/13 bit block 36),
5 bit Hamming code/sample SEC, DED*
KH
Maximum number of audio 8 4 63 * (lsor ?
hannel ;
¢ 2 (20 KHz)
! *Note: tdm: Time-division multiplexing  fdm: Frequency-division multiplexing
i lin: Linear coding nic: Near instantaneous companding
SEC, DED: Single error correction, Double error detection
Table 31.1 Summary of signal specifications in dbs system
system relate to the way in which the baseband signals are .
processed. 31.2.1 Receiving antenna
The incoming signals from the sateilite are received by the
31.2 Configuration antenna. The receiving antenna consists of a reflector, ang"{
feed, polarizer and mount with aiming mechanism. A fa

antenna will consist of an antenna board, built-in outdoor untt
and mount with pointing mechanism.

31.2.2 Qutdoor unit

The outdoor unit amplifics and converts the incpmmi Slgf;::
(shf; 12 GHz band) received by the antenna into tl j) iy
intermediate frequency (if) signal (uhf: l_GHz’ :‘a,ﬂw the
transmission through a coaxial interconnecting ca! f.x' ot local
indoor unit. It consists of a low noise amplifier (Ina), 3 A5
oscillator, a mixer, and a first if amplifier

LS DQSoun gy,
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31.2.3 Indoor unit

The indoor unit selects the desired channel from the first if
signals, converts the signal into second if, and then demodu-
lates the fm signal to the baseband signal. It consists of a second
converter, a second if amplifier, an fm demodulator, a de-
emphasis network, an energy dispersal signal rejection circuit,
a baseband signal processor, a vhf/uhf remodulator, and a dc

Technical features 31/3

existing TV receiver or the information processor. It may be
incorporated in the TV set.
31.3 Technical features

The satellite broadcasting systems have the following inherent
technical features:

power supply. A baseband signal processor, a video signal . wide-area coverage: a wide area can be covered
processor and a sound/data signal processor are also provided. simultaneously
12 GHz
' 1 GHz . .
shf signa! uhf signal Video signal
(1stif) output |
- 0———={ Conventional
. TV receiver
Outdoor gz Indoor Audio signal (Video &
unit unit outpui | audio
e terminal)
Receiving Interconnecting
antenna cable
Conventional
- TV receiver
.._..__..._____O._-....
. Antenna
RF TV signal ierminal)
(vhi/uhf) i
output b e e —d
~~~~~~~~ b
i
I [nformation
...—-—_—_—_.————-O.———-—
Digital signal } processor
output §
| . J
DBS receiver =
Figure 31.2 Basic configuration of dbs receiver
1GHz
uhf
) signal
Waveguide ta indoar
filter . N i
Low noise Mi First if unit
! [ amplifier ixer amplifier
s
12 GHz
shf l Waveguide-microstripline
signal transition
First local DC
oscillator regulator

Figure 31.3 Outdoor unit

_In the MAC/packet family and the B-MAC system, a MAC
vision decoder is needed. For sound/data signal processing, the
receiver needs a demadulator ot decoder, a de-multiplexer and
a digital sound decoder.

The indoor unit has various types of output interfaces. such
a3 ’?aseband video/audio signal outputs, rf TV signal output and
f"g“a' signal output (bit-stream), cte. The indoor unit functions
5 an adaptor connected to the main receivers, such as the

Page 17

® high quality: ghost free high quality picture and digitally
modulated high quality sound

o disaster immunity: relaying is possible from anywhere via
satellite

® development potential: introduction of new broadcasting
systems is possible

In addition, the dbs receiver itself uses the following
technologies:
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31/4 DBS Receivers

Receivers are, of course, expected to comply with the technical
requirements used in the planning of the WARC-BS 77 or
RARC-SAT 83. For example, the recommended characteris-
tics of home receiving equipmeat for satellite broadcasting in

® microwave technology for consumer use
e digital communication techniques
@ digital audio and video signal processing
© data transmission and applications

video
From outdoor BPF ouq:}ut
unit (1 GHz) Second Second fm De- Disp. MAC vision o
"‘ conv. if amp demod. [Tlemphasis|] rejection | ] decoder ,____,OG
) | AGC L B
[ I AFC = —— - R .
{ Houobinary of] (D/D2-MAC S.ound/data i Audio
| [ e e e e Imulti-level | B_.MAC) signal processor | output
! ! Bfi e ey |dECO IR — . |
- 3 igital soun
DC power | Channel L‘~jr4/?.§\‘j\r—~ 2-4 psk ;..., ] D;e~multa- de%ioger ’ 0;
supply selector R demod.J; plexer {pem or adm) _T“OD‘ ol
- Lo e e T | igita
e _ICMAT) R sy I Y
output
{a)
From outdoor BPF i
unit {1 GHz) Second - Video
Second t fm ,.|De- | | Disp. output
’ '— conv. $aMB- M demod. {]lemphasis|] rejection 9 (NTSC
AGC composite)
f AFC h— Sound/data } Audio
Il 4-psk signal processor b out ¢
Il demod. — | puy
{ . Digital o |
DC power Channel { [ " D(e—mulu— ts;mnd ]
exer coder
supply selector E p : (:cm} -——L—Ol R
t 12 Digital
T - . signal
{b) output

Figure 31.4 Indoor units:(a) MAC/packer family and B-MAC system, {b) digital subcarrier/NTSC systerm

The fact that the dbs receiver has been developed using these
high technologies will enable it to play an important role as the
centre of new broadeast receiving systems.

31.4 Requirements

Satellite broadcasting is capable of sending the same high
quality TV signals to the home viewer as o the studio. These
signals need to be available to the majority of the viewers in the
service area, and the system should be harmonized with the
existing and future systems. For any satellite broadcasting
system, the receiver is a crucial element affecting as it does the
system performance and cost. {mportant critevia for any
receiver system include;

low cost

high performance

unit interchangeability

compatibility between dbs receivers and existing TV sets
less spurious radiation

protection agaiost interference

expandability to future satellite broadcasting systems
case of handling as a domestic appliance

Thus it is necessary to specify target performances for the
receiving equipment and promote its standardization.

{bit-stream)

the 12 GHz band are shown in Table 3/.2.

31.5 Operation and performance

31.5.1 Receiving antenna

Compared with the vhf signal, the shf (12 GHz) signal bis
extremely short in wavelength (about 2.5 cm) and may b¢
captured by a parabolic dish,

The receiving antenna needs to have a gain that is su
relative to the required G/T (which it
the receiver — see section 34.5.1.1.2) et
it should be available at a moderate cost, be easily ins
tetain a stable performance through its life.

Three types of receiving antennas are sh
The receiving anténna with a parabolic reflector
excellent gain and directivity.

Figure 31.6 shows the const
antenna. The outdoor unit is directly connec

feed to minimize loss.

The signals reflected by the
top of a primary feed. The signals ¢
are introduced into the outdoor umt
converts the polarization of the signals

parabolic re
soltected by
t theough a pol
frum circular &

fficient

1dicates the sensitivity 0
in the receiving area, an

ralled, and

own in Figure 31.3.
(dish) provxdes

ruction of a parabolic peceiving

ted to the primary

flector focus ut'[tjc.
the primary f&<
arizer whic
5 tineur:
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Operation and performance 31/5

Antenna

Type and Gain

Type 60 75 90 100 120
{dB) 34.5 36.5 38.0 39.040.0

Noise figure
Input signal level

Output VSWR <13
Output port WRIJ-120 waveguide/BRJ-120
Outdoor unit
Input port WRIJ-120 waveguide/BRJ-120 flange with waterproof

< 4dB
-~ 80 dBm + 10 dB/channel

Input vswr <2.5

Overall gain 48 + dB

Ist local oscillator frequency 10.678 GHz + 1.5 MHz (~30° - 50°C)
leakage power < -30dBm

st if

1.036 -1.332 GHz

Indoor unit

Input signal level 43 dBm tig gg

Input vswr <2.5

2nd if either 134.26 or 402.78 MHz
Leakage power of 2nd local < —55 dBm

oscillator
AFC gain

within * 500 KHz against + 2 MHz deviation

Received signal quality

frequency response

video: +1 dB for 50 Hz 4.2 MHz, within -3 dB at 4.6 MHz
sound: within +1- -3 dB at 15 KHz for A mode
within +1- —3 dB at 20 KHz for B mode

linearity

bit error rate

video: Differential Gain
Differential Phase <5°
< 3 x 10~4 at¢/n = 9 dB, before error correction

< 5%

(CCIR, Study Group, DOC, 10-115/J-12, Japan)
Table 31.2 Characteristics of home receiving equipment

In the case of a flat antenna, the signals are received by
several hundred small antenna elements on a board. Their
currents are then collected and fed directly to the outdoor unit.

- 31.5.1.1 Antenna performance

i

Gr:q Lt;‘t"?'A)

Performance criteria for a dbs antenna are gain, efficiency,
GIT, directivity and vswr.

31.5.1.1.1 Gain and efficiency
Antenna gain, G, is given by:

(31.0)

Where is efficiency, A is aperture area and ) is wavelength.
e efficiency n is the product of six specific efficiencies:

n= nm'“g‘“rnb-ni'“s

- wh - .
e Ny = efficiency due to reflector material

Mg = polarization efficiency

N = efficiency due to accuracy of reflector
surface

Tw = efficiency due to blockage of radiated beam

M = illumination distortion

Ms = efficiency due to spillover at the

™ surrounding area of reflector

e lar . . .

Peryp, freer the aperture area is, the higher the gain. If the

Valye ordea 1S constant, each efficiency must take a higher
Tlo increase the gain of the antenna.

However, m;.m, has an optimum point, and its maximum
value is about 0.8.5 An effective surface accuracy better than
0.5 mm rms is desirable under all weather conditions. When the
accuracy of the reflector surface is 0.5 mm rms, 7, is 0.94, so
that n,.n;.n, is 0.75. Therefore, the upper limit of the antenna
efficiency is considered to be approximately 75 per cent.

Using an offset parabolic reflector, antenna efficiency of
more than 70 per cent has already been achieved in commercial
antennas.

31.5.1.1.2 Overall performance of receiver and G/T

The input carrier signal power, C, of the outdoor unit is
expressed by:

_ WG h oy G L
C= (_:LtLﬂ) ( 4nd) f: T watts

where w

(3L.1)

= the transmitting power of the broadcasting
satellite

G, = the transmitting antenna gain

L, = the feederlosses between the transmitter
and transmitting antenna

L, = the pointing losses of the transmitting

antenna

= the wavelength of the carrier signal

= the distance between the satellite and the
receiver

= the receiving antenna gain

= the feeder losses between the receiving
antenna and the outdoor unit

L = the rain and atmospheric losses

[oSred

ro
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31/6 DBS Receivers

The first term of the equation is the equivalent isotropically
radiated power (eirp) expressed as follows:

Reflector

Reflector
N
Qutdoor unit
3
f" Primary
feed

|
|
|

(b}

|
!
|
|

-
O
(-
O

() Microstrip array

Figure 31.5 Types of receiving antenna: (a) centre feed parabolic
antenna, (b) offset parabolic antenna, (c) flat antenna

. WG
eirp = TI;L watts (31.2)
The second term is the free space path loss (L¢):
}_ B
Le= ( = )2 (313)

Therefore, when a receiving antenna with gain G s used, the
input carrier signal power of the outdoor unit is expressed by:

C, = eirp.
3

LT Watts (3L.4)
£

T

On the other hand, the input noise power of the outdoor ugi(
includes the signal source noise (noise of antenna) and the noise
generated in the receiver (converted value at the input port).

The input noise power of the receiver (outdoor uni() N, is:

N, = KT,B + KT,B(n—1) = KB[T,+Ty(a-1)] watts  (31.5)

= Boltzmann's constant, 1.38 x 10-23 W/
Hz K

T, = the noise temperature of the receiving

antenna (K)

= the bandwidth (Hz)

= the reference temperature (K)

= the overall noise figure of the receiver,
expressed as a power ratio

where K

Bl =)

The expression T, + T,(n-1) is the system noise temperature,

T,
P Damper gap
e
-~ _ Retainer
' P Pointing
mechanism
Mount
Primary feed
/

=— Pole
QOutdoor unit

Arm

Figure 31.6 Construction of parabolic receiving antenna

The resultant carfier/noise ratio, C/N;, at the input port of
the receiver (outdoor unit) is calculated as follows:

- eirp
C/N,=100og  ZBIT, + T, (= DILLL

To attain excellent picture quality, a carrierfuoise ratio of
more then 14 dB is needed. in(G)

The figure of merit (GIT) is the receiving antenna giin (d of
divided by the system noise temperature (T,) 3 COMPAYTE *
the antenna and outdoor unit noise temperatures; it *"d‘;’? %)
the sensitivity of the receiver. From equations (31.4) and (3.
the figure of merit is:

(31.6)

G, _GC . LLLKB @1
T, N eirp p
. or an
The figure of merit is defined in terms of the pointng err
the coupling loss by WARC-BS? as follows:
(31.8)

afG, i
ALt (—oT, + -UT,

G/T=
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£
!

where  « = the total coupling losses, expressed as a
power ratio,

B = the total losses due to the pointing error,
polarization effect and ageing, expressed as a
power ratio,

G, = the effective gain of the receiving antenna,
expressed as a power ratio and taking account
of the method of feeding and the efficiency,

T, = the effective temperature of the antenna,

a=1

b=1(A8=0) rd .
_|n=178(NF=25dB) A8 =0°
Brn=07

A9 =03°

A8 = 0.5°

A8 =0.7°

A8 =1.3°

0 I i ! | i
0.6 0.8 1.0 1.2 1.4

Diameter {m)

A8 =1°
1.8

Figurel?/l.? Relationship between antenna diameter and effective figure
ofmerit. a = 0.9 b (considering losses due to overall pointing ecror AQ).
T,= 10K, T, =290 K, n = 2.51 (nf = 4 dB), { = 12 GHz, n = 0.6)

Operation and performance 31/7

= the reference temperature (=290 K),
= the overall noise figure of the receiver,
expressed as a power ratio.

T,
n

ln WARC-BS planning, the value of the G/T is 6 dB/K for
individual reception, and {4 dB/K for community reception.

However, an antenna for home use needs to be small and
lightweight. An antenna with a relatively small diameter is now
capable of providing the required figure of merit by virtue of its
low noise figure and high efficiency. Even an antenna of
60-70 cm diameter provides a G/T bewween 10 and 12 dB/K.

At 12 GHz, the most popular shape of antenna for dbs
reception is one with a conventional or offset parabolic
reflector. The choice of diameter depends on the required
figure of merit.

The refationship between the antenna diameter and the
effective figure of merit is indicated in Figure 31.7 (including the
loss in gain introduced by the antenna pointing error).

31.5.1.1.3 Directivity

The directivity of the receiving anteana is expressed by the co-
polar {same compenent as antenna polarization) and cross-
polar (reverse component to antenna polarization) reference
pattern. In order to avoid mutual interference between coun-
tries, WARC-BS has decided on the antenna reference pattern
shown in Figure 31.6.

31.5.1.2 Reflector

The receiving antenna must provide not only high pecformance
but also high reliability (including high resistance to wind), and
ease of mass production and installation for domestic use.

Compared with a centre feed parabolic antenna, an offset
parabolic antenna has the following advantages:

® There is no need to allow for a decrease in gain and
degradation of the antenna pattern due to the scattering effect
of the feed support and the blockage by the primary feed.

@ [t is possible to reduce the insection loss by conuecting the
outdoor unit directly to the primary feed.

* Wind pressure is lower as it strikes a less curved surface.
Adhesion of snow on the offset antenna is much less.

@ [t is easy to attach a cover to the outdoor umit to prevent
temperature increases.

0

~10

Relative antenna gain {dB)

Yol2

-40
-50 Lo b Ly L b 1 L1t [ R
0.1 0.20.3 05 1 2 3 5 10 2030 50 100
. A4
Relative angle | —
F"Elll'e:! 8 Yo
Without ;ide(,:lo'polaf and cross-polar reference patterns for receiving antennas (Regions [, 3). Curve A: co-polar component for individual reception
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obe suppression; Curve A’ co-polar component for community reception without side-lobe suppression; Curve B: cross-polar
r both types of reception; Curve C: minus the on-axis gain (WARC-BS)
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31/8 DBS Recsivers

(a) Dielectric board

7
24
k4

-~

{b) Metallic board

e It is easy to mass produce by pressing or plastics moulding
techniques.

The reflector of the antenna is made of metal or reinforced
plastics with conductive material such as embedded wire mesh,
carbon fibee or evaporated aluminium.

The offset parabolic antenna has been proved to be able to
offer high efficiency and reliability and be suitable for mass
production.

31.5.1.3 Primary feed and polarizer

The primary feed is located at the focus of the reflector. The
right-hand circular polarized signal from the sateilite is
reflected and changed to left-hand circular polarization by the
reflector, thea introduced into the primary feed. The primary
feed with a circular polarizer coaverts the signal to linear

polarization and feeds it to the input stages of the outdoor unit.
A circular polarized signal is considered to have two linear
polarized components with a phase difference of 90°. The
circular polarizer changes both linear polarized components to
the same phase. The feed is usually horn type.
The various types of polarizers available are shown in Figure
31.9.

{(d) Helical

{c) Screw

Figure 31.9 Circular polarizers

31.5.1.4 Flat antenna

A flat antenna receives signals from the satellite, using a flat
board containing small built-in antenna elements instead of the
reflector. Flat antennas are roughly divided into two types:
microstrip and  slotted waveguide. Recently, microstrip
antennas using a printed circuit board have been developed and
put on sale in Japan. [a these, several hundred small antenna
elements shaped on a board (antenna array) are combined and
their currents are collected at the feed point. The microstrip
element comes in various patterns as shown in Figure 31.10.
The printed circuit board is made of a material such as teflon
glass fibre.

The flat anteana using a simple microstrip has bigger feeder
losses and narrower bandwidth, and so it is necessary to employ
only the best material with a contrived antenna element pattern

{(a) Patch

(b} Line

Feeder

(c) Slot (d} Co-planar and a contrived construction of the board such as a multilayer
Figure 31.10 Patterns of microstrip antenna element construction in order to attain wideband and low-loss
performances.
Low noise amp. (Ina) Mixer 1st if amp. (ifa)
1 . [
o t BPF Mixer | ! 1 GHz
{ - TN ™ = ®_ ! uhf
r ? - ~ signal
W
— { l// l/ | | to indoar
12 GHz (B or ! i unit
shi N S [} ']
signal Waveguide- V
microstripline
transition Image-trap l
filter !
-3
st f e Dielectric
local | ) | resonator
osc. §
(lo} 1t
IS
T

-

DC regulator

Figure 31.11 Outdoor unit (low noise converter)
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The flat antenna is expected to be cheaper, easier to install
and less obtrusive than the parabolic antenna. [n addition, the
flat antenna can incorporate an outdoor unit and has the
capability of being pointed with electronic steering. However,
the present flat antenna has the disadvantages of lower
efficiency due to feeder losses and higher effective temperature
of the antenna, particularly in a large unit. Further develop-
ments are necessary.

31.5.2 Low noise converter (outdoor unit)

The low noise converter (Inc) is one of the important compo-
nents that determines the receiving signal quality of the dbs
receiver. A block diagram is shown in Figure 31,1/, The
12 GHz fm TV signals received are converted to the first if
signals and then amplified in the uhf band. The Inc performs
block-down conversion of the satellite TV signals to the first
intermediate frequency range.

The signal collected by the antenna is introduced through the
waveguide to the microstrip/line transition cireuit. This circuit
feeds the signals to the next low noise amplifier in microstrip/
line mode. The Ina is made of two to three stage gallium
arsenide fets (mesfes). The output signal of the Ina is mixed
with the output of first local oscillator and converted to the first
if signal.

Operation and performance 31/9

A technology known as MIC (microwave integrated circuit)
with low noise gallium arsenide fets and Schottky barrier diodes
is mainly used to integrate the Inc circuits.

The outputsignal of the mixer is amplified by the first if stage.
The de power is supplied to the Inc by the indoor unit through
the coaxial interconnecting cable.

To ensure reliability under severe environmental conditions,
a hermetically sealed and waterproof construction is applied to
the outdoor unit.

31.5.2.1 Waveguide microstriplline transition

The signal callected by the feed device of the antenna is passed
through the waveguide to the microstripfline transition circuit,
which is formed on the substrate.

Using the phenomenon of frequency cut-off in the wave-
guide, a high-pass filter is formed, which suppresses the image
band. The first local oscillator frequency is usually allocated
below the signal band. The image band is approximately
9-10 GHz, which may be used in a strong radar band. The
outdoor unit with waveguide filter is effective for image
suppression. Using this filter, image suppression of more than
50 dB is attained.

The waveguide microstrip/line transition circuit operates so

Mic
L
}/
LI "
SHE f— =W, n_},:;’___;_,_,,A,MProvta antenna
signal i
input ii
— a 3
Output
1 = s terminal
£
)
/ : Waveguide filter
Flange
Figure 31.12 Principle of an outdoor unit
50Q
| S | ettt
input : —LI— { | Qutput
@__1_l O
=3 i
i |
gl

DC regulator

]

Figure 313 -4V +9V .
Maimig, | 4 low noise amplifier circuit. The broken line boxes are impedance matching circuits, designed to minimize the noise in the input and to
¢ the gain in the output
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31/10 DBS Receivers

as to transmiit the signals in the waveguide to the microstrip/line
of the low noise amplifier. This circuit may be formed by
inserting a prove-antenna connected to the microstrip/line into
the waveguide.

31.5.2.2 Low noise amplifier

The fow noise amplifier is composed of a two to three stage
amplifier using low noise devices such as gallium arsenide fets
(see section 31.5.2.2.2) ot high electron mobility transistors
{hemts — see section 31.5.2.2.3) and is fabricated by MIC
technologies. Sufficient gain must be provided by the Ina to
overcome losses in the transmission from it to the following
receiver circuit and to override noise which originates after the
Ina.

31.5.2.2.1 Noise and gain of low noise converter

The key parameter for a low noise converter is the noise
performance. In order to receive and amplify the weak signal
from a satellite minimizing the aoise generated in the receiver,
a low noise figure (af) and high gain are required.

) F3 Fr

Fq - I

1 & G, G Gy

A

FG
Figure 31.14 Low noise amplifier. F = noise figure, G = gain of
amplifier

In the low noise amplifier shown in Figure 31.14, the overall
af is expressed by:

F,—1 . Fy1l F 1
F= o T SIS e e L
SR AL X e Y86 6. (3l9)

Therefote, the overall nfis affected mainly by the noise figure
of the first stage, and less by the noise figures of the succeeding
stages depending on the gain of the preceding stage. Conse-
quently, a high gain amplifier with low af is required in the
preceding stage.

In a practical Inc, two lossy companents (a filter and a mixer)
succeed the Ina. Assuming the first stage nf to be low, and the
fiter and mixer nfs to be less than 0.1 dB, the Ina gain should be
more than 15 dB.

The gain associated with a gallium arsenide fet in practice is
approximately 9 dB, and a two to three stage Ina is necessary.
The fet has 1.6 dB af, and a typical noise factor for the Inc of
2.0 dB has been obtained. Table 3.3 shows an example of gain
and of allotment of a low noise converter.

NF (dB) Power gain
WG WM 0.1 -
LNA 1.7 18.0
MIX 5.0 -~ 5.0
I[FA 2.5 35.0
QOverall 2.0t* 48.0
* Overall NF

106G+2.5010 — |

NF=0.1+ 10log ( 1017110 + 101810

=2.01(db)

Table 31.3 Typical gain and nf allotment of a low noise converter

The gain diagram is indispensable in designing 2 high
performance Inc. The Inc gain is determined after the consid-
eration of the noise factor of the indoor unit (which will not
affect the receiver’s nf) and the linearity of the Inc. Maximum
interconnecting cable loss is about 15 dB for a 30 m cable.
Assuming the noise factor of the indoor unit to be 12 dB, that of
the Inc to be 3 dB and the gain of the Inc to be 43 dB, then the
total increase will be 0.02 dB. This is a negligible figure.

LNC gain linearity is usually measured by third order
intermodulation. The co-channel protection ratio is required 1o
be 31 dB by WARC-BS. Assuming the intermodulation prad-
uct of the input signals to be 24 dB, the third order inter-
modulation measured at the output port should be less than
.55 dB. An overall gain of 48 dB is adequate for the Inc.

31.5.2.2.2 Gallium arsenide fet

The GaAs mesfet (gallium arsenide metal semiconductor field
effect transistor) is an important device for the 12 Ghz band
Inc. The electron mobility of gallium arsenide is about six times
that of silicon. The construction of a GaAs mesfet is simple but
it has high-frequency performance superior to a silicon transis-
tor in:

® decrease of the parasitic capitances by isolation effect usinga
layer of semi-insulating GaAs

@ decrease of the parasitic serial resistances and increase of the
transconductance, g, by a high electron mobility using an
active layer of n-GaAs

Gate Rg Cqu Rd  Drain
VC
Rs
G & )
Source Source
Figure 31.15 Equivalent circuit of GaAs fet
(31.10)

R R,

Fp= 1+ 2n Ky, ‘\/ S

where F, is the optimal value of noise figure, Keis the fittin
the operating frequency

g factor and f5

To achieve low noise performance, the epitaxial layer Unde:
the gate must be etched into a recess, and the gate length ,“\uz
be short. This requires the use of an jon-implantatio
technique.

Characteristics of low noise GaAs fets in the sh
been greatly improved in recent years through the pro
semiconductor technologies.

A GaAs fet with a very low noise figure has
at reasonable cost. Using low noise GaAs
factor of 1.6 dB, a typical overall of of about 19d
been achieved in the reccivers on sale.

f band have
gress 0

become availal?le
fets with @ 0OISE
B hasalready
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31.5.2.2.3 HEMT

In addition to the improvements of GaAs mesfets, an epoch-
making new device. hemt (high electron mobility transistor),
has recently been introduced into the Inc of the dbs receiver.

In 1978, it was discovered by Dingle and others of Bell Labs
that the hetero-structure (junction of different semicoaductors)
of AlGaAs-GaAs has a high electron mobility. A hetero-
structure has about double the clectron mobitity of a Schottky-
bacrier junction as is formed in the GaAs mesfet. The GaAs fet
with a hetero-structure is a hernt,

The hemt is fabricated by a similar process to the GaAs fet.
Because of its superior transconductance, the hemt has an
extremely low noise performance.

With a hemt having a noise factor of 1.2 dB, a typical overall
nf of about 1.5 dB has been achieved in receivers.

Meta!ﬁc case

/

Output port

Input port e ramic substrate
Figure 31.16 Construction of a band-pass filter
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Adjustment
screw

Y 4-Shield case
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ﬂ | Substrate

a
L { o
b .
Vs
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Figure31.17 First local oscillator: (a) circuit, (b) adjustment mechanism

31.5.2.2.4 MIC

T i .
oshce_urecewer front end consisting of a low noise amplifier, local
tlator and mixer, is fabricated by the hybrid integrated

Operation and performance 31/11

circuit technology (called microwave integrated circuit)
whereby the fets and the associated passive elements formed by
microstrip/lines and stubs are mounted or formed on the same
teflon or ceramic substrate. Figures 31.13 and 31.17 show
examples of the MIC. A moreintegrated version will eventually
be possible, and microwave monolithic integrated circuits (e.g.
active and passive components integrated with the same GaAs
chip) may be foreseen.

31.5.2.2.5 Band-pass filter

A band-pass filter has two objectives: image suppression, and
spurious radiation control. A typical filter is shown in Figure
31.16. The image suppression could be kept below 40 dB only
by this filter. tnstead of using the band-pass filter, an image-trap
filter is used in the image recovery mixer (see section 31.5.24)
for image suppression.

31.5.2.3 Firstlocal oscillator

The first local oscillator is a simple GaAs fet oscillator stabilized
by a dielectric resonator. The oscillator principle is usually
either reflection or feedback oscillation. A GaAs fet used in the
oscillator is sometimes a medium power unit. Figure 31.17
shows an example of a first local oscillator circuit using a
common source fet and adjustment mechanism.

Frequency drift of the local oscillator should be within the
frequency space. A practical figure will be within 1 MHz, with
the provision of afc (automatic frequency control) in the indoor
unit. Using a dielectric resonator, stable oscillator frequency
can be obtained in whatever severe thermal condition the
outdoor unit may be placed.

31.5.2.4 Mixer

The 12 GHz TV signal is mixed with the first local oscillator
signal, and converted to the fiest if signal (1 GHz). The mixer
usually utilizes a balanced diode mixer, which effectively
reduces local oscillator leakage. An alternative mixer is single
ended with image recovery, which reduces insection loss. The
image-trap filter suppresses image signals and reflects image
components generated by diode mixing. Image components are
put into the diode mixer again and improve the conversion
efficiency. Figure 31.18 shows the image recovery mixer. Mixer
diodes are GaAs Schottky barrier diodes. Silicon Schottky
barrier diodes are also useful for the mixer.

31.5.2.5 Firstif amplifier

The first if amplitier amplifies | GHz uhf band signals, and
drives the signals into the connecting cable. A significantly high
autput power stage is necessary in order to reduce the output
stage distortions and/or intermodulations. The first if amplifier
with or without gain adjustment and tilt-compensator consists
of a four to five stage amplifier using a low noise high frequency
transistor, and its gain is commonly 3040 dB.

31.5.3 Indoor unit

The indoor unit has channel selection and fm demodulation
functions (see section 31.3.4). The video signals and the sound/
data signals are derived by demodulation fm signals. [n the
C-MAC system, however, the sound/data signals are directly
demodulated by a 2-4psk demodulator from «f signals. The
derived sound/data signals are processed by demodulator and/
or decoders to the baseband audio signals. The MAC vision
signals are also decoded by a MAC vision decoder to baseband
signals.

As the dbs signal format is different in each country, so the
indoor unit has to be designed specifically for each.
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31.5.3.1 Second intermediate frequency and bandwidth

The 12 GHz dbs receiver employs a double frequency conver-
sion system.

The second if is freely selectable, but one must take into
account high power terrestrial broadcasting transmitters, and
interference from the second local oscillator radiation of other
receivers. For community reception, a common outdoor unit is
connected to multiple indoor units. When the selected value of
the second if is smaller than the value of the total frequency
bandwidth allocated to satellite broadcasting, local oscillator
frequencies fall in part of the first if band. To keep this
interference as low as possible by arranging the second focal
oscillator frequencies between any two adjacent channels
allocated to that area, the following relationship is desirable for
the second if:

f, = F(n+Y2) MHz

where F is 38.36 MHz for Regions 1 and 3 or 29.16 MHz for
Region 2.

The relationship is valid when the selected frequency f is
smaller than the value of the total frequency bandwidth in that
area. However, if 2f; is less than the total bandwidth, there is
the possibility of image frequency interference, and insertion of
a tunable band-pass filter may be advisable before the mixer.

The second intermediate frequency bandwidth is defined by
WARC-BS to be 27 MHz (Regions 1 and 3) or 24 MHz
(Region 2). Filter characteristics outside the band should be
specified as co-channel protection ratio defined by WARC-BS.

31.5.3.2 Second converter

The second converter is one of the most important parts in an
indoor unit, and is similar to the TV tuner, especially the uhf
tuner.

It converts the uhf intermediate signal to a second if signal
with a 27 MHz or 24 MHz bandwidth, set by its channel
selection switch. The second converter consists of a first if
amplifier with agc, a tunable preselector, a mixer, a local
oscillator with buffer amplifier and a second if amplifier which
includes a surface acoustic wave (saw) filter.

In order to control the gain of the second converter and
minimize the intermodulation, an agc using PIN diodes is
provided in the first if amplifier.

In its rf stage, a tunable preselector (band-pass filter) is
preferable because of the reduction in image rejection and the
reduction in the second local oscillator radiation and IM3. The
tunable preselector, which is composed of a double tuned band-
pass filter varicap diodes and controlled by the voltage tracking
the second local voltage controlled oscillator, reduces image
interferences effectively.

31.5.3.3 Second if amplifier
In the second if amplifier, filtering, gain control and limiter
functions are provided.

The band-pass filter is used to suppress the out-of-band
noise. The overall selectivity of the receiver is set by this filter
with a bandwidth of 27 MHz or 24 MHz. The filter consists of a
saw filter or a helical filter. The saw filter assures a high quality
picture, with no need for adjustments, suppressing the out-of-

and noise and giving superior phase delay characteristics. The
hehca_l filter is used in high second intermediate frequencies.

Gain control is provided for stabilizing the if signal level of
the demodulator to obtain stable demodulation characteristics,
and keep intermodulation distortion at low level.

_'he limiter suppresses undesirable am noise over a wide
c.‘"mer frequency and improves the ¢n threshold characteris-
;::.s‘ In a phase locked loop (pl%)' demodulator, the limiter

B A0

netion is included::s ¢ Ciy

Operation and performance 31/13

31.5.3.4 FM demodulator

The fm demodulator converts the incoming frequency modu-
lated signal to a baseband signal containing a video signal and
digitally modulated sound/data signals. It can generate an afc
signal.

gThe fm demodulator of the dbs receiver requires wide-band
demodulation. There are two types of demodulators, the
double-tuned discriminator and the phase locked toop
demodulator shown in Figure 31.21. A pll type demodulator is
most suitable for a dbs receiver because of its high perfor-
mance. It has the advantage of &/n improvement in the picture

Filter
o
i
input fm fa
signal ~ | Qutput
O—iDivider
fy
Bt
f2
Filter
(a}
Low pass
Input fm filter
signal Phase Output
o det.
3
vCco -
(b}

Figure 31.21 FM demodulator: (a) double-tuned discriminator, (b)
phase locked loop demadulator

under low o/n condition, known as threshold extension, simple
adjustment and excellent linearity. Basically, it consists of 2
phase detector (or mixer), low-pass filter (or loop filter) and
voltage controlled oscillator (veo). When the pll is focked to the
incoming fm signal, the demodulated signal can be derived
from the output of the loop filter. The performance of the pllis
determined by the time-constant of the loop filter.

A pll fm demodulator improves the threshold ¢/n by about
2-3 dB.

31.5.3.5 Energy dispersal signal rejection

The energy dispersal signal has a triangular waveform (a half,
or a quarter, of the field frequency); it is added to the video
signal in order to avoid concentration of the energy spectrum in
fm transmission. The rejection circuit removes this triangular
waveform; unless it is removed, there will be flicker inter-
ference on the picture. A high-speed peak clamping circuit ora
pulse clamping circuit (Figure 31.22) is used.
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{a)

Figure 31,22 Examples of analogue encrgy dispersal rejection circuits: (a) peak clamp, (b) pulse clamp
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Figure 31.23 Notional diagram of a typical MAC vision decoder

31.5.3.6 De-emphasis of the MAC vision decoder is the same. Figure 31.23 is a

notional diagram of a MAC vision decoder. The output signals

As the signal/noise ratio of the high-band video signal is
degraded in fm transmission, the video signal is pre-emphasized
in high-band, before transmission. So, the received video signal
is de-emphasized by means of a network having a reverse
characteristic {o the pre-emphasis. The characteristic of the
emphasis is defined by each transmission system.

31.5.3.7 Video signal processor

The digital subcarrier/NTSC system employs the conventional
NTSC composite video format, so this system does not
particularly require video signal processing in the dbs receiver.
As the MAC/packet family employs time division multiplexing,
it is necessary to decode the MAC vision signals into conven-
tional video signals in the receiver. The MAC vision signal
processor is described in the following section.

31.5.3.7.1 MAC vision decoder

The present vision standard specifications of the MAC/packet
family is compatible in cach system, so the circuit configuration

of the fm demodulator arc applied to the MAC decoder
through the clamp, de-emphasis, and low-pass filtet.

On the other hand, clock signals and timing pulses are ~
generated from the data burst signals, which are multiplexed
during the line blanking interval.

The MAC vision signals are digitized by an ADC using
sampling clock frequencies (20.25 MHz for C/D and D2-MAC
and 21.477 MHz for B-MAC, 525-line systems). They are
divided into two signals: one for the luminance and one for the
colour-difference signal processing circuit (comprising line
memories). The time expansion of the luminance signal, Y, is
achieved by writing the digitized vision signals into a line
memory at the above sampling frequency and reading them out
at a frequency of 13.5 MHz (for C/D and D2-MAC) or
14.318 MHz (for B-MAC 525-lin¢). This can be done by two
line memories used alternately for read and write.

The colour-difference signals are sequentially transmitted
within alternate lines as U and V. U is transmitted on odd active
lines and V on even active lines. A chrominance signal is
transmitted one line before the associated luminance signal.
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31/16 DBS Receivers

Symbol
Phase- Rest
va Xq change state
0 0 0° 0
0 1 +90° 1
1 1 +180° 2
1 0 -~80° 3

Figure 31.25 Transition rule of quadrature phase shift keying (4psk)
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90°
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recovery recovery

Figure 31.26 4psk demodulator (synchronous detection)

Due to sequential transmission. the colour-difference signal
processing necessitates digital interpolating processing of two
adjacent chroma lines. For interpolating processing, a 1:2:1
interpolation filter using a mean value of two adjacent chroma
lines is employed.

The colour-difference signal processing is achieved in a
similar manner to the fuminance signal processing.

Y signals derived from the luminance signal processing
circuit and U and V signals derived from the chrominance
processing circuit are converted to analogue signals by a DAC,
and are filtered to suppress the out-of-band spurious signals.
Analogue signals of Y, U and V are converted by a matrix
circuit to R, G and B signals.

31.5.3.8 Sound/data signal processor

The functions of a sound/data signal processor in the receiver
comprise:

© demodulation or decoding of multiplexed sound/data signals
® transmission de-multiplexing of sound data and additional
data

® digital sound decoding

For the dbs systems, sound signals are transmitted in coded
forms together with the data signals and in the format of either
continuous and rigid structure or flexible and packet structure.

In de-multiplexing, the data for particular services are pro-
cessed and selected from the demodulated or decoded sound/
data signals.

The modulation, multiplexing and coding forms of the sound/
data signal are different in each transmission systems. The
sound/data signal processor (comprising demodulator/decoder,
de-multiplexer and digital souad decoder) wtilized in the
receivers of each system are described in sections 31.5.3.8.1-
31.538.3.

31.5.3.8.1 Digital subcarrier/NTSC sysiem .
The sound/data signals are carried with a 5.73 MHz subcarrier
(4psk modulated), which is frequency-multiplexed with the
conventional NTSC vision signal. In the receiver, the subcarrier
signal is separated by a | MHz band-pass and fed to a 4psk
demodulator. The sound/data capacity (mean data ratc) of rhcf
system is 2.048 Mbit/s. A continuous and rigid structure O
sound/data multiplexing is employed. In the case of data
transmission, however, the multipiexing employs the packet
format in an additional data area.

In this system, the digital sound coding uses pulse C‘:jd,e
modulation. The system can provide four high quality au l(;
channels (mode A) of 15 kHz bandwidth \yllh “;5‘2
instantaneous 14/10 bit companding, or two very high qug ")l{
audio channels {mode B) of 20 kHz bandwidth with lincar lf be
coding. Figure 31.24 shows a sound/data signal processor of
digital subcartier/NTSC system.
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Figure 31.27 Sound/data frame structure (digital subcarriet/NTSC system): (4) mode A, (b) mode B; §,, = audio signal 1, AD = additional data, ECC

= efor correction code

The dpsk (quadrature phase shift keying) is a four-state
modulation method converting logic changes in signal pairs of
bits (called symbols) of the bit-stream to the phase-change (rest
states 90° apart) of the carrier signal by the rule shown in Figure
3L.25. Because the phase/changes between one symbol and the
text (differential logic) are transmitted, the receiver can
;:-‘:1)’ cecover them without detecting the absolute carrier

se.
.F'or the 4psk demodutation, syachronous detection is mainly
:2:?“ as shown in Figure 31.26. In this method, the coherent
det::?f : compqsed qf two mqltipliers, gerforms a phase
carts ton of an incoming 4psk signal by using two reference
incgm‘:s' whose phases differ by 90°. Since the carrier of the
or mi signal iy suppressed, carrier recovery is first required.
a hs}’nc ronous detection, the carrier recovery is conducted by
Phase locked loop.cireuit. To conduat theicarrier!recovery

using pll, it is necessary for the output of the coherent detector
to eliminate the rest-state phase shift components of the
incoming carrier. For this purpose, methods such as Costas
toop, remodulation and others are employed.

After the phase lock detection, the demodulated signals are
discriminated and converted into two bit-streams by the
comparator. A clock recovery circuit using a pll is also provided
and regenerates a bit-synchronizing clock signal from the
bitstream. The output of the 4psk demodulator is applied to a
differential decoder having reverse logic to transmitted dif-
ferential logic symbols. The output of the differential decoder,
which has parallel two bit-streams, is applied to the parallel/
serial converter and converted into a serial bit-stream.

The de-mudriplexer in the receiver converts a bit-stream into a
sequence of sound samples and data. [t comprises such circuits
as a frame sync circuit, a descrambler, a de-interleaver, a

Page 31

Silicon Labs. Exhibit No. 1059
Silicon Laboratories v. Cresta Technology

IPR2015-00626



31/18 DBS Receivers

control code decoder and error correction circuit. {See Figure
31.24.) Figure 31.27 shows a frame structure.

When the bit-stream is applied to the de-multiplexer, first a
frame synchronization word of 16 bits is detected by a frame
sync circuit from the bit-stream and is synchronized. The frame
sync circuit has a flywheel effect so as not to mis-synchronize in
the case of mis-detection or error occurrence.

In the descrambler, a pseudo-random binary sequence
(prbs), which is previously added to randomize the transmis-
sion spectrum and to recover easily the bit-clock signals, is
eliminated from the bit-stream by adding (modulo 2) the same
prbs.

Descrambled sound/data signals are divided into control
code decoder and de-interleaver. Error protection of control
codes are performed by 815 majority decision of each 15
frames.

[nterleaving is previously applied to the bit-strcam in order to
error-correct effectively, converting burst errors which occur in
transmission to random errors. In this system, the 2048 bits of
each frame are interleaved with a distance of 32 bits. At the
RAM of the de-intericaver, bit read-in (transmission sequernce)
and read-out are performed with the sequence shown in Figure
31.28.

After the de-interleaving, error correction of BCH(63,36) is
performed. The BCH(63,56) code makes one bit error correc-
tion and two bits error detection for one subframe of 63 bits.

BCH is from the inventors Bose, Chaudhuri and Hoc-
quengham. (63,56) means that the total bit numbers of the
block is 63 bits, and its information bit number is 56 bits. (The
check code bit number is 7 bits.)

After the error correction, the sound-sample words are
decoded by using sound coding law. Digital companding

Read-out sequence

1 2 3 &7 58 52 63 64
/ i rr
/ P2 I I O
/ 3
A :
/ H
/ :
[ _______ 1
i/ <21
2 v
! /S
Read-in T d : v
sequence Information bits Additional bits for

Frame synchronization error correction

word and control code
Figure 31.28 Bit interleaving sequence (digital subcarriet/NTSC

system)
Range of largest .
. P Sound-sample bit number
magnitude “a Range
number
Positive | Negative |MSB l LSB
12345678910x11121314
7 7
13 *
a<2? | ple2 0 ¢ /%////
77 A/ 7
a<2'? lafsz12 1 - 2 ? %/%////
11 11 *0f 0 0 7
a<?2 lal<2 2 1 RER
*
a<2'® [a]szm 3 2 2 ? 2
*0 0 0 0
a<2® | pls2° 4 I o

* Positive =0
Negative = 1

Parts of the same

bits as MSB bit ] sits used for companded code

7/} Extracted bits

Figure 31,29 Near instantaneous companding
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techniques are used to produce efficient coding formats for
broadcast audio transmission.

In mode A of the digital subcarriet/NTSC system, near
instantaneous companding is adopted in order to reduce the
sound-sample word from 14 bits to 10 bits (as shown in Figure
31.29). Near instantancous coding is done by using five coding
ranges of compression to which each 32 successive samples in a
period of I ms has been subjected. In the receiver, in order to
reproduce original sound-sample words, range-codes are error
corrected and sample words are expanded using range-codes
and companding law.

After the error correction, an error concealment of a sound-
sample word using error flags added in the error correction
procedure is performed by the interpolation of two adjacent
sound-samples. The error-concealed sound data are expanded
along the time axis by DAC interfaces and are converted by a
DAC to analogue audio signals.

31.5.3.8.2 MAC/packet family

The digital sound/data signals are multiplexed during the line
blanking interval. In the receiver. the sound/data signals are
derived and demodulated by a 2-dpsk demodufator (in
C-MAC), or decoded by a duobinary decoder (in D and D2-
MAC). The data capacities (mean data rate) of each system are
3.08 Mbit/s in the Cand D-MAC systems and 1,54 Mbit/sin the
D2-MAC system, respectively. For the MAC/packet family, a
data burst of each line is defined to contain 206 bits in the Cand
D-MAC systems and 105 bits in the D2-MAC system,
respectively.

Using these bits, various forms of sound/data signal, synchro-
nization word and control code are transmitted.

De-multiplexer

Operation and performance 31/19

In the MAC/packet family, the digital sound coding adopts
pem. The systems are capable of providing eight high quality
audio channels of 15 kHz bandwidth with near instantaneous
14/10 bit companding.

figure 31.30 shows a sound/data signal processor of the
MAC/packet family.

For the C-MAC/packet system, multiplexing is carried out at
tf on the modulated signals. The sound/data signal is modulated
using 2-4psk.

The 2-4psk is a modulation method converting logic 1 to a
phase change of +90° and logic 0 to -90°. The phase-change of
the carrier between adjacent bits is only 90° (Figure 31.31).

A Phase when next bitis "1°

+90°

- = Present phase
of carrier

-90°

IR
' el "
Phase when next bitis “0

Figure 31.31 The rule of 2-4psk
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The demodulation of the 2-4psk signal is accomplished by
using methods such as differential demodulation and coherent
demodulation.

The principle of differential demodulation is shown in Figure
31.32. The incoming sigaal through a band-pass is split into two
paths. One is phase-shifted and delayed by one bit, then the two
signals are multiplied together. The sound/data bit-stream can
be derived from the result.

For the D and D2-MAC/packet systems, sound/data multi-
plexing is carried out at the baseband during the line blanking
interval. The sound/data signal is coded in duobinary form.
With this coding method, the signal has three characteristic
levels where the extreme levels (+{,-1) represent logic 1 and
the intermediate level represents logic . An example of
ducbinary transcoding is illustrated in Figure 31.33. By using
duobinary cading, the sound/data signals can be transmitted
with reduced bandwidth compared with nrz.

Selection of a particular service in the receiver is carried out
by recognizing the address of the desired service carried in fhc
packet header. A continuity index is used to assure the link
between successive packets of the same service. The pt (packer
type) code informs the sound decoder of the rature of the scund
signal such as the coding law and audio bandwidth.

The de-multiplexer comprises a sync circuit, a de-scrambler,
a de-interleaver, a Golay decoder, a pt decoder, an address
recognition/packet linker and an ervor-protection decoder (sce
Figure 31.36).

The demodulated or decoded soundidata signals are applied
to the de-multiplexer. Synchronization can be achieved either
by line sync word (lsw) or by frame sync word (fsw). For sound/
data synchronization, the start of the first packet is defined in
line 1.

De-scrambling and de-interleaving are performed in the
same way as in the digital subcarriet/NTSC system. In this

B.PF.
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Figure 31.32 2-4psk differentiai demodulator

Data
signal 001111011100
Coded
signal

(transmission)

Decoded
signal

o ofv 1lofife o

Figure 31.33 Example of duobinary transcoding

The decoder can be a combination of a comparator and a
transcoding logic.

The de-multiplexer in the receiver converts a bit-stream and
all types of sound packet into a sequence of sound-sample
words and data.

The sound/data of the MAC/packet family are transmitted by
packet multiplexing. All the packets have the same length and
each of them is composed of two parts: header and useful data.

Header Useful data
A\ Ay
4 N S N
Address Conti- Suffix PT Data
nuity
10 bits | 2bits| 11bits |Bbits| /30 D"
751 bits

Figure 31.34 Packet structure

system, the 751 bits of each packet are interleaved with a
distance of 94 bits.

The de-interleaved signal is divided into two paths, via a
Golay decoder and a pt decoder. At the Golay decoder, the
header is protected by using Golay cyclic cade. At the pt
decoder, the pt code is also detected and decoded. The output
of the Golay decoder is applied to the address recognition/
packet linker. The header and the pt code recognize and decide
the required service of the received sound/data signal and
control the functional configuration of the following process.
After address recognition/packet linking, error-protection is
performed. The error-protection method of the MAC/packet
family operates at two fevels: | parity bitsample and Hamming
3 bit/sample.

For transmission, near instantaneous companding is done
with compression from L4 bits to 10 bits per sample in 32 sample
(1 ms) blocks. All the samples in each block are coded with
coding ranges of compression determined by the magnitude of
the fargest sample in the block, and a scale-factor code is
formed to convey the degree of compression to the receiver.®

In the receiver, sound-sample words are expanded from 10
bits to 14 bits using the scale factor and the near instantaneous
companding law.

After the error correction, sound-samples with uncorrect-
able etrors are concealed by interpolating two adjacent sound-
samples.

31.5.3.8.3 B-MAC system )
The sound/data signals are multiplexed during the line ?fankmg
interval. In the receiver, the sound/data signals are dqnved afl
decoded by a multi-level decoder. The data capacity (me2n
data raie) is about 1.6 Mbit/s. A data burst of each line 8
defined to contain 100 bits (50 symbols), and a packet structure
is not employed.

The B-MAC system adopts an adaptive delta
(adm)? as the sound coding method, and is capable of pro¥
six high quality 15 kHz audio channels.
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Figure 31.35 42 value transcoding: (a) transcoding rule, (b) operation

The sound/data signal is coded in multi-level code. Four level
symbols are employed, each carrying 2 bits of information.
Certain control data are transmitted using a two-level symbol
which is a subset of the four-level symbols.

The decoder can use methods consisting of a peak-hold,
comparators (or slicers) and a transcoding logic. Figure 31.35
demonstrates the principle.

ADM is a digital sound coding technique based on delta
modulation and has a quality at feast as high as an equivalent
pem system. This system offers high quality audio perfonnance
at the relatively modest bit rate per channel of 220-350 kb/s.

31.6 IC development

In order to achieve high performance, mass production and
teasonable cost, it is important to introduce integrated circuits
wto the dbs receiver.

Monolithic IC development steps for the dbs receiver have
been undertaken in the following areas:

® microwave: The monolithic microwave IC approach is
conmqered to be one of the better methods of producing cost-
effes:txvg and reliable microwave devices with accurate config-
uration in large quantity

® second if: the monolithic analogue ICs make possible high
F:ergorrgances! minimize components and avoid adjustments
realia;; and signal: analogue and digital Isi technologies can
proc ésssurppf{tx. large-scale and high performance signal
¥s in simple configuration

alr‘:‘;dpresent, various types of IC for the dbs receiver have

. rey been developed and some of them have been used in
Ce1vers on the market.?9-12

31.7 Re- -
broadﬁ:g::?nngsmlsswn of satellite

For s
Maximum diffys; .
Sstablish comnillff‘us‘oﬂ of satellite broadcasts, it is necessary to
Rty reception systems or cable re-transmission

14.32 Mbiys)
{b)

systems to allow numbers of households to receive satellite
broadcasting services.

For the dbs re-transmission, the D and D2-MAC/packet
systems were developed to have media transpareacy. Duobin-
ary data transmission makes it possible to convert the fm
satellite channels to the vestigial-sideband amplitude-modu-
lated cable channels with reduced channel spacing (of at least
10.5 MHz for D-MAC, or 7 MHz for D2-MAC).

Generally, the cable re-transmission systems take one of two
approaches:

e transmit fm signals with wide bandwidth, without changing
the rf modulation parameters of satellite broadcasting (suitable
for a small-scale system)

e transmit signals by remodulating to am compatible with the
terrestrial broadcasting system (suitable for a large-scale
system)

31.8 Future expansion

The broadcasting satellite will not only supply television
satellite broadcasting but will also serve as the channel for
important new broadcasting media.

The expected developments include high quality multi-
channel digital sound broadcasting, conditional access broad-
casting using scrambled signals. high definition TV, data
broadeasting such as facsimile, teletext and still-picture broad-
casting. To realize these broadeasting systems, additional
reception equipment will be needed. It may be said that the
satellite broadcasting systems have just moved from the phase
of development of basic transmitting and receiving systems to
the phase of development of new broadcasting systems using
the satellite broadcasting media.
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