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BROADCASTERS

FOREWORD

For over 50 years, the NAB Broadcast Engineering Conference has served as the primary source
of new information on radio and television engineering. As demonstrated by the new products
available on the exhibition floor of NAB 98, digital technologies and techniques are being
developed at an unprecedented rate. This year’s Proceedings contains many of the technical
papers presented at the Conference that address these innovative concepts and applications.

It is obvious that the television industry is well on its way to an all-digital future. Conference
presentations contained in this Proceedings cover the real-world aspects of building a digital
television facility, from origination through to transmission. For radio broadcasters, digital
technologies have essentially reshaped the studio environment, while DAB carefully moves
forward. And, of course, consolidation in the U.S. radio industry is intensifying the demand for
new ideas on ways to efficiently operate multiple facilities.

Our partner in the 1998 Broadcast Engineering Conference, the Society of Broadcast Engineers
(SBE), once again assisted in developing the conference sessions and presentations. Through its
Ennes Foundation, the SBE presented the first NAB Radio Boot Camp. In addition, the National
Institute of Standards and Technology (NIST) teamed up with the Institute of Electrical and
Electronics Engineers Broadcast Technology Society (IEEE BTS) to present a full-day technical
seminar on the digital transition and the Society of Motion Picture and Television Engineers
(SMPTE) also organized a seminar addressing the future of digital television based upon their own
unique perspective.

We sincerely thank all of the industry professionals who gave their time and energies to make this
conference a success. As always, the NAB/SBE Conference Planning Committee welcomes your
comments on the program.

It is our sincere hope that this publication will assist you and your organization in making a
successful transition to the digital future.

%W %z%/

Jerry Whitaker Lynn D. Claudy
Chairman Senior Vice President
NAB/SBE Engineering Conference Committee Science & Technology
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HDTV BROADCAST OF MAJOR LEAGUE BASEBALL
--A CASE STUDY

Gerald W. Collins
Harris Corporation, Broadcast Division
Quingcy, Illinois 62305

ABSTRACT

On September 16, 1997 Harris
Corporation sponsored the first ever
HDTV broadcast of a major league
baseball game. This historic event
originated at Camden Yards in
Baltimore, MD and was broadcast over
stations WETA-HD and WHD-TV in
Washington, DC. The broadcast was
seen by 300 industry leaders who
viewed the game on a 16 by 9 foot
screen at the National Press Club.
Harris sponsored this broadcast in
order to prove the reality of DTV
technology by bringing together an
entire system from origination through
distribution to over-the-air broadcast.
To increase the probability of success,
alternative delivery systems were
demonstrated. In the process, Harris
gained key insights into the problems
that broadcasters will face when
bringing HDTV to their viewers, as
well as their possible solutions.

This paper describes the system that
was implemented including origination
and production at Camden Yards,
distribution by satellite and fiber optic
cable, broadcast from two stations in
Washington, DC and demodulation,
decoding and display at the National
Press Club. The comparative

advantages of the two distribution
methods, other lessons learned and
issues yet to be addressed will also be
discussed.

INTRODUCTION

The atmosphere was perfect - hotdogs,
pretzels, cold soft drinks, pennants -
and a super wide screen TV. Harris
Corporation was committed to helping
develop enthusiasm for HDTV among
industry leaders. The vehicle was the
first broadcast of a major league
sporting event in the HDTV format.
By sponsoring this baseball game, it
would be necessary to assemble a
complete system, thus proving that the
technology is available to do so. To
assure that the program would be
available to the viewers, two methods
of delivering the signal were used,
including dual transmitter sites. This
event not only served to develop
increased awareness of the potential of
HDTV, but in the process the
engineers involved gained new insight
into the problems broadcasters will face
as they proceed with implementation of
the system.

Oh yes, the Orioles beat the Indians 7
to 2.



SYSTEM DESCRIPTION

The telecast was originated at Camden
Yards in Baltimore, MD. As shown in
Figure 1, a production truck was
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Broadcast System

located there as well as a Ku band
SNG uplink truck. From the
production truck the signal was fed to
WHD-TV in Washington, DC via a
fiber optic link. The fiber signal was
compressed to fit the bandwidth of the
DS-3 link. The signal was also beamed
to a geostationary satellite and
downlinked to WETA-HD also in
Arlington, VA. The two stations
broadcast the signal on Channels 27
and 34, respectively. The signal could
be received on either of the channels at
the National Press Club where it was
projected on a 16 foot by 9 foot screen.
Even though the distance from the
point of origination to the viewing site
was only 45 miles, all the elements
required for program distribution and
broadcast were demonstrated.

Camden Yards

A total of six Sony high definition TV
cameras were installed inside the park
at Camden Yards. These signals were
fed back to the production truck
(Figure 2). For the fiber link to WHD-
TV, the RGB and audio was encoded
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Figure 2

Block Diagram for Camden
Yards Operation

to a 45Mb/s digital signal using an
Alcatel DS-3 1741 encoder. For the
satellite link, Y P, P, component video
plus audio was sent to the SNG truck
to be encoded to 19.3Mb/s serial data
plus clock using a Mitsubishi
MHI000E encoder. The transport
stream output was converted to
differential ECL to interface with an EF
Data SDM-9000 QPSK modem. The
70 MHz output of the modem was
upconverted, first to L band, then to
Ku band for up linking to the General
Electric K-2 communications satellite
and down to WETA-HD.

WHD-TV

At WHD-TV, the DS-3 input was
decoded to RGB video plus audio with
an Alcatel decoder as shown in Figure
3. The video was encoded to ATSC



format with a Grand Alliance encoder.
The video and Dolby audio was

Output 18 19.38 Paraiies
Bratream. 37 pin D"/
connecter

=y
] I 3 Miwes || Thomsen swsase A P
[FEmCmieh_| Acs D33 LEnsetar ) |t pen| / 7 | parnaite |
s & wary r Mux i Oifferential
Ll BT r - ! | ECL Converter
’ e e

Sorial ATSC
Transpert Svesm
1.20M0/8

Natlonal Press
Club

Figure 3
Block Diagram of
WHD-TV Equipment

multiplexed to the transport stream
with a Thomson transport multiplexer.
The parallel output of the mux was
converted to a differential ECL serial
transport stream which connected to
the input of the Harris CD-1 DTV
exciter and Sigma CD transmitter. The
signal was routed to the antenna
through a channel combiner. This
permitted another DTV transmitter to
operate on Channel 30 simultaneously
with the Harris transmitter on Channel
27.
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Block Diagram of
WETA-HD Equipment

WETA-HD

At WETA-HD, the received signal
from the KU band antenna was
downconverted to L band for
demodulation and decoding in the E.F.
Data SDM-9000 modem as shown in
Figure 4. The resulting differential
ECL transport stream was fed to the
Harris CD-1 DTV exciter and Sigma
CD transmitter for broadcast.

National Press Club

The receive site (Figure 5) was located
at the National Press Club. An outside
antenna was used. A bandpass filter
was available in the event there was
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Block diagram of
National Press Club

interference from nearby signals. A
Zenith demodulator provided the
transport stream on differential ECL
output. This was converted to
differential TTL to interface with the
Mitsubishi MH1000D decoder. The
component video plus audio output of
the decoder provided the signal for the
projection monitor.



LESSONS LEARNED

Aside from making a bit of history, this
project was a useful engineering
learning experience. For the WHD-TV
signal, it was necessary to follow the
encoding/decoding for the DS-3 link
with ATSC encoding/decoding. The
fact that these processes could
concatenate  successfully  without
noticeable loss of quality is important.
This  approach  requires  more
distribution bandwidth but has the
advantage of making audio/video break
away easier. The ability to insert
commercials, promotional material, and
screen crawls while in the analog
component format is advantageous. On
the other hand, distribution of ATSC
compressed component video requires
less bandwidth. However, with
currently available technology,
insertion of local content is more
difficult making this approach most
useful for pass-through operation. In
this case, the ATSC compression was
done just ahead of the satellite up link.
Other points of interest include the lack
of significant interference from a lower
adjacent NTSC on channel 26 into the
DTV on channel 27. In fact, the DTV
picture quality was excellent. In
addition, there was a lack of noticeable
interference to a second lower adjacent
NTSC on channel 32 from the DTV on
channel 34. Finally, this event
successfully combined a pair of DTV
signals into a common antenna and
transmission line.  These are site
specific details, but nevertheless will be
important considerations when
implementing many systems.

A spectral plot of the local signal levels
as measured at the base of the WHD

tower is shown in Figure 6. 1t is
evident from the distortion to many of
the signals that a great deal of
multipath was present at this location.

Figure 6
Received Off-Air Spectrum
Under WHD-TV Tower

However, this plot serves to give the
reader a sense of the variety of RF
signals present in the test.

OPEN ISSUES

A variety of issues surfaced during the
course of this project. Some were
anticipated, others were not. Some, if
not all, of these issues are being
worked as DTV  development
continues.

It is evident from the previous
discussion that many interfaces
between system components were not
yet standardized. A pseudo SMPTE
259 to differential ECL converter was
needed between the Mitsubishi encoder
and the EF Data modem. A parallel to
serial differential ECL converter was
needed between the Thomson transport
mux and the CD-1 exciter. A
differential ECL to differential TTL



converter was needed between the
Zenith demod and the Mitsubishi
decoder. Work is underway to resolve
some, if not all of these interface
issues. SMPTE recently approved a
standard for the transport to
transmission interface. It is important
that interfaces be implemented as soon
as possible as standards are developed.
To this end, Harris has implemented
the SMPTE transport to transmission
interface in the latest version of the
CD-1.

The need for additional monitoring was
also highlighted. This would seem to
be driven primarily by availability of
equipment. For this event, additional
monitoring at the input to the satellite
truck, at the output of the satellite
downlink, and at WETA-HD would
have permitted measurement of the
signal quality at those points in the link.
This might have driven changes in
system configuration during the
broadcast.

One of these problems was that of lip
sync. The source of this problem was
difficult to assess during the broadcast
due to lack of monitoring capability at
key points in the links. This was
thought to be a software bug (now
corrected) in one of the decoders.
However, much of the guess work
could have been taken from this
conclusion with more monitoring
capability.

Another issue that arose was that of
interference to cable head ends and
master antennas. The channel 27 DTV
signal is an upper adjacent to WETA’s
NTSC on channel 26. While the NTSC
did not interfere with the DTV signal,

the DTV signal interfered with the
NTSC, especially in some cable and
master antenna systems. For these
situations it was necessary to insert a
channel 27 notch filter just after the
receive antenna. As shown in Figure 7
this filter had a flat passband in channel
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Figure 7
Cable Headend EMI Filter

26 and provided adequate attenuation
to channel 27. In addition, adjustment
of the alignment of master antennas
was found to be effective to reduce the
channel 27 signal. The interference of
DTV with the NTSC was not a DTV
problem, per se, but was just the result
of adding a new RF signal where one
was not previously present.

Some wireless microphones at RFK
stadium had been setup to operate on
previously unused channel 34 for a
Washington Redskin’s game. It was
necessary to tune these to alternative
unused channels when interference was
noted.

Some, but not all, of the HDTV
cameras exhibited noticeable lag and
ghosting. This was believed to be a
matter of proper setup rather than an
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inherent design deficiency in the
cameras.

Some of the equipment was susceptible
to RFI. There were also problems with
ground loops. These problems were
solved by proper grounding.

CONCLUSIONS

Televising the first HDTV broadcast of
a major league game not only brought
exciting attention to this technology, it
was a valuable engineering exercise. It
was necessary to design, assemble, test,
and operate an end-to-end HDTV
system complete with origination,

distribution, transmission and reception
of the video and audio signals.
Although several problems arose, they
were solved in a timely manner and the
telecast was an unqualified success.
Several issues were identified, many of
which are now being addressed.
Future broadcasts of HDTV can build
on the experience of this event.
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ADJACENT CHANNEL COMBINING IN DIGITAL TV
Graham Broad and Robin Blair
Radio Frequency Systems Ltd.
Melboumne, Australia

ABSTRACT

This paper outlines the design principles being applied to a
new range of adjacent channel combiners now going into
production and intended particularly for the combining of
DTV and NTSC channels into a common antenna. The pass
and stop band characteristics become very critical when the
combining involves adjacent channels, and computer
simulations have been necessary to derive designs which
adequately preserve the transmitted signal quality. The
paper shows however that the ideal of having no distortion
cannot be realised in practice. Although the best designs
give good results, the overall system performance can be
further improved by applying active equalisation around
both the transmitter and combiner. The paper proposes a
method by which this can readily be implemented.

INTRODUCTION

As the change over from analog to digital TV gathers
momentum, the operators of existing TV transmitters will be
faced with the problem of running the new digital service in
parallel with their NTSC service until the latter is phased
out. For many, a viable solution will be to combine together
the analog and digital transmissions and radiate them from
the existing or an upgraded antenna system. This is
relatively easy where they have been allocated a new digital
channel in the same frequency band as the analog channel,
except where the two are adjacent contiguous channels. The
pass and stop band requirements of the chanmel combiner
then become critical, and it is difficult to devise a design
which adequately preserves the quality of the transmitted
signals.

This paper explores the requirements of adjacent channel
combiners and shows that the ideal cannot be realised in
practice. Nevertheless, computer simulations of the effects
of amplitude and delay distortions have been particularly
effective in revealing designs that give much improved
results. In some circumstances the better of the residual
distortions arising from these designs might be acceptable on
the transmitted signal, as they can be compensated by the
receiver equalisers. However, if one adopts the philosophy
that the transmitted signal should be substantially without
distortion, then a further refinement is available involving
active equalisation around the transmitter and combiner.
This effectively integrates the transmitter and combiner and
requires co-operation between the designers of each.

THE REALITIES OE COMBINING

The Ideal Combiner

The ideal combiner would take two signals into two input
ports and combine them into an output port without loss to
either. We can show, however, that for contiguous adjacent
channels this is not possible, and there must be at least a 3dB
loss for each at the common band edge. The formal proof is
fairly straightfoward’, and can be summarised into the
following argument.

Consider a combiner with two input ports A and B, and an
output port C. - Ideally we would like zero loss from A and B
through to C within their respective channels. Thus if a
transmitter injected power P, corresponding to voltage V,
into either port at an appropriate frequency, power P and
voltage V would appear at the output port.

For the particular case of contiguous adjacent channels there
is a frequency F which may be regarded as belonging to both
channels - it is the top band edge of the lower channel and
the bottom band edge of the upper channel.

Now suppose ports A and B are each fed by a transmitter at
power P with a CW signal on frequency F. In principle, we
could adjust the phase of one transmitter until the two
signals at the output port come into phase. This would mean
that the output voltage would become 2V and the output
power 4P. This is impossible, of course, and the conclusion
follows that we cannot have zero attenuation on both
channels at their common adjoining frequency, or for that
matter, at any frequency close by. One can derive a
relationship for the minimum attenuation at any frequency
through each input', but the simple obvious one arising from
this discussion is that there will be at least 3dB attenuation
at the common band edge.

It follows that all channel combiners must exhibit some type
of filtering characteristic through the input channels, and the
question becomes one of optimising that filter characteristic
for adjacent channels.

Combliner Configuration
The above argument indicates that there are practical limits
to combining and no "magic" circuit configuration is going
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to avoid those limits. Hence, a combiner configuration
which attains those limits will be as good as any other which
might be postulated. Hence, there i1s good reason to stay
with one that has other attractive features and has been
extensively developed in the analog world - that is the
constant impedance dual filter configuration sometimes
known as the "Lorentz Ring".

This well known configuration is illustrated in Fig. 1. We
wish to make the point that in the narrow-band channel,
which is the one of interest, the band-pass characteristic
accurately reflects the parameters of the filters chosen by the
designer and inserted in the ring. Hence, optimising the
combiner resolves into optimising the character of those
filters. This has recently been the subject of computer
simulation®, and the results applying to adjacent channel
operation are outlined briefly below.

[Narrow 2
Band
Input"’>
1
3

Fig.1 - Combiner Configuration

FILTERING DTV SIGNALS

Symbol Shape

The essence of any digital transmission system is the degree
of faithfulness with which it reproduces the intended shape
of the signalling symbol at the receiver output. The ideal
pulse shape for 8-VSB DTV is shown in Fig.2a, and the
manner in which preceding and succeeding pulses overlap is
shown in Fig.2b. Hence, the important elements are that
there be a high central peak at the time at which an
individual pulse is sampled, surrounded by points of zero
voltage level at the times when adjacent symbols are to be
sampled.  This latter, of course, is required to avoid
intersymbol interference. Any deviation from zero at these
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sampling instances manifests ttself as notse on the adjacent
symbols. It follows that the level of this "noise", compared
to the central peak voltage is a good measure of the symbol

distortion.
/ /N
A\
Fig.2a - Symbol Shape
N v A
Fig.2b - Pulse Train Overlaps

In the computer simulations the value described above is
derived from the calculated symbol shape by summing the
square of the error voltages at the sampling times (which
ideally should be times of zero voltage) and expressing this
sum as a ratio, in dB, to the central peak value. This value
defines an RMS error measure (and will be abbreviated to
RMS Error in this paper). It can be shown that the value is
directly related to the loss in signal to noise immunity in a
system, and to the tap energy which T may impose onto the
active equalisers in consumer receivers. The latter,
combined with observations of tap energies imposed by
propagation in typical service areas’, suggests that a value of
around 26dB would be a desirable target to achieve on a
transmitter installation.

Amplitude and Phase Distortion

With the computer simulation, a very convenient way of
determining what limiting parameters are likely to be
practical is to take the type of filter that would most likely be



used in practice, and assess the system performance as the
bandwidth is reduced. Signal distortion, as measured by the
RMS Error will arise from both the limiting of the channel
bandwidth and the introduction of phase distornons. The
latter can easily be removed by mathematical manipulation
of the filter model. Thus we can assess separately the
relative importance of the two effects.

To this end, the results for a six section Elliptic Function
filter with 0.1dB passband ripple are shown in Table 1. The
table shows the values of RMS Error which are realised for
various 3dB bandwidths, first with no phase correction, and
then with the phase made linear so that the resulting
distortion is due to bandwidth limting alone. The
conclusion seems to be unequivocally that the phase
distortion in practical filters is likely to be much more of a
controlling factor in DTV applications than is the limitation
of bandwidth.

RMS Sampling Efror
Filter Natural Phase
Bandwidth Phase Linearised
10MHz -27.9dB

SMHz -25.1dB

8MHz -21.1dB

7MHz -16.3dB

6MHz -9.1dB -35.3dB

5.7MHz 6.0dB -31.1dB

5.5MHz -26.4dB

5.0MHz -17.4dB

Table 1 - Sampling Error
for Elliptic Function Filters

In practice, it is not possible to apply the necessary degree of
phase correction to high power Elliptic Function filters, but
these results led to the exploration of a similar class of filters
with cross couplings between non-adjacent resonators.
Some of the cross couplings can be designed for partial
phase correction®, whilst others realise transmission zeros to
achieve pass-band rolloffs close to those of the Elliptic
Function filters. The filters are broadly referred to as Cross
Coupled Filters, and the principle is shown in Fig.3.

il
al
|

I ; -
| | Out

—»— Main Path

— -

— = — Cross Coupling

Fig. 3 Filter with Cross Coupling

The improvement is substantial. At 6MHz 3dB bandwidth a
six section cross-coupled filter produces an RMS Error of -
16.5dB, as against -9dB for the comparable Elliptic Function
filter. The RMS Error of -26dB or better is realised for
bandwidths down to 7.0MHz, which compares to 9.SMHz
for the Elliptic Function filters.

The performance of these filters is certainly adequate for the
combining of non-adjacent channels. Let us now look at
what can be achieved in adjacent channel applications.

Adjacent Channel Application

The first question a potential user is likely to ask is "What
will be the effect on my existing NTSC service? The
answer will largely determine what bandwidth he will accept
for his digital channel, inasmuch as wider bandwidths imply
more attenuation to components in the NTSC channel. To
this end, table 2 shows how the analog carriers are affected
by filters of differing bandwidth in the combiner. These are
6 section Cross Coupled filters, with the NTSC signal into
the broadband port of the combiner.
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Filter 3dB | Astenuation in Analog Channel
Bandwidth
Va Vsb Ve
6.0MHZz 1.0dB 0.4dB 0.2dB
5.75MHz 0.5dB 0.3dB 0.2dB
5.5MHz 0.2dB 0.2dB  0.15dB
Va is the sound carrier in the
lower adjacent channel
Vsb is the VSB edge in the
upper adjacent channel
Vc is the vision carrier in the
upper adjacent channel
Table 2-- Analog Channel Attenuation

In the digital channel the RMS Error values for each of the
bandwidths listed above is as follows in Table 3.

Filter 3dB .
Bandwidth RMS Error Magnitude
Uncorrected Corrected
6.0MHz -16.5dB <-35dB
5.75MHz -13.6d8 -33.5d8
5.5MHZz -10.7dB -28.4dB

RMSE Uncorrected is the value
with no phase correction

RMSE Corrected is with the residual
phase corrected in the transmitter

Table 3 - RMS Error in DTV Channel

It is seen from these two tables that a filter bandwidth of
6.0MHz might be considered acceptable, particularly if the
NTSC service occupies the upper channel. However, the
benefits of phase precorrection can also be seen to be
considerable. The group delay in these cross coupled filters
is of the order of 35 to 100nS, so that static precorrection in
the transmitter IF stages is certainly possible. However,
there is a better way, taking advantage of the active
equalisers that are an inherent part of the 8-VSB system.
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Active Equalisation

The block diagram of the proposed method of equalisation is
shown in Figd. The "mirror filter" in this diagram
reproduces the characteristics of the filter in the combiner, or
at least the phase characteristics, but in a low powered form.
Hence, by virtue of the feedback loop, the adaptive equaliser
adopts a characteristic that linearises the overall phase
response of the combiner and transmitter.

To Antenna

—

Mirror
Filter

1 N
1

l l Eq.
Control
LO
Powef _T Combiner

Receiver

X
. Am
Equaliser Mix P
DTV Transmitter

Fig.4 - Precorrection in Transmitter

The RMS Error Magnitudes listed previously indicate the
extent to which the equaliser's capacity may be absorbed,
and the advantages of the cross coupled filters are evident in
this context. Of course, if the range of correction required is
still too large for any particular design of equaliser, then a
fixed precorrection circuit could be iserted either at the
baseband input or in the IF amplifier of the transmitter.

PRACTICAL REALISATION

At UHF the focus is on waveguide techniques because of the
low losses and high power hangling that this makes
available. Waveguide lends itself to a form of construction
known as the dual-mode in-line structure’ illustrated in
Fig.5. In this scheme each resonator carries two orthogonal
modes of polarisation and effectively contributes two
electrical resonances. Coupling between successive
resonators is achieved by strategic apertures in the end wails
of the cavities, while coupling between the two modes
within each cavity is brought about by small screwed probes
in the cavity walls as illustrated in the figure. The former
coupling accounts for the cross-coupling between the non-
adjacent resonances as required by the filter design.
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Fig. S Dual-Mode In-Line Construction

Additionally, if rectangular waveguide is used to interface to
the filter, it is possible to place strategically located coupling
apertures in the end walls of the dual-mode in-line structure
such that only the forward travelling modes in the
waveguides couple to the appropriate orthogonal modes in
the end cavities. Hence the two directional couplers shown
in the Lorentz Ring schematic in Fig.1 are simply realised,
and the one physical filter emulates the two electrical filters
in that diagram. The very simple physical form that these
combiners take is then as illustrated in Fig.6.

Fig.6 - UHF Combiner Structure

This construction is so effective that co-axial to waveguide
adapters are often used in low power operatons to preserve
this convenient structure, rather than using the more
conventional co-axial or strip line hybrids.

The Cross Coupled filters are also being realised as
interdigital structures. These offer a more compact structure

for the very low power UHF applications found in Europe,
and in bands other than UHF, where the dual-mode in-line
structures become physically too large. The interdigtal
filters do give a comparable performance, of course, but lack
some of the convenience of their waveguide equivalents.

CONCLUSIONS

This paper has considered the requirements for adjacent
channel combining of DTV and NTSC services. It has
shown that, as an outcome of computer simulations,
conventional filter types fall far short of the requirements.
However, by introducing a new class of Cross Coupled filter,
designers have realised a very significant improvement and
can come close to achieving tolerable distortions on the
radiated signals. The residual distortions have magnitudes
that are readily within the scope of precorrection in the
transmitter. By taking advantage of the active equalisers
which are inherently part of the 8-VSB modulation systems,
designers have available a very simple means of achieving
near perfection in the radiated DTV signal. At the same
time, the new filters lend themselves to a very compact and
convenient method of construction, Hence, adjacent
channel combining is now both feasible and convenient. In
conjunction with modem broadband transmitting antennas,
it promises to avoid the need for major extenal plant
upgrades, and should be carefully considered wherever DTV
and NTSC are to share the same transmission band.
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A TECHNICAL REVIEW OF TRANSMISSION LINE DESIGNS AND
S8PECIFICATIONS FOR TRANSMITTING TELEVISION S8IGNALS

Kerry W. Cozad
Andrew Corporation
Orland Park, Illinois

ABSTRACT

With the introduction of
digital television, many of the
"rules of thumb" used for
analog transmission are being
reviewed for their applications
to digital transmission
formats. The dual impacts that
transmission lines have on the
RF plant: connection between
the transmitter and antenna,
and the major contributor to
added wind load on the tower,

make this component a
significant candidate for
review. It is the purpose of

this paper to review the major
design criteria for standard
broadcast transmission 1lines

and their correlation to
published specifications from
manufacturers. In this way,
technical performance and

applications for DTV can be

compared on an ‘"apples to
apples" basis.
INTRODUCTION

Transmission lines are one of
the main components in the RF
transmission plant. They play a
critical role in both the
quality and reliability of the
broadcast signal. Therefore,
the proper choice of a
transmission line type to be
used can have a significant
impact on the success of the

station.

The choice of transmission line
is typically decided based on
the following criteria:

Frequency of Operation

Power Handling

Attenuation (or efficiency)
Characteristic Impedance
Tower Loading (size and weight)

For broadcasting, the impedance
and size characteristics have
been standardized to a fixed
set of options: 50 or 75 ohm
input/output impedances; 3-
1/8", WR1500, 1750 circular
waveguide, etc. for sizes. Some
changes have been made recently
to improve tower loading such
as the introduction of seam
welded outer conductors for
rigid coaxial lines to reduce
weight and a 7" rigid coaxial
size to bridge the power gap
between 6-1/8" and 8-3/16"
lines. However, the primary
characteristics involved with
DTV transmission performance
are operating frequency, power
handling and attenuation.
Associated with these is a new
concern over group delay within
a waveguide transmission 1line
system.

These characteristics will be
reviewed for coaxial 1lines
first and then waveguide.



COAXIAL LINES

A coaxial transmission 1line
consists of two concentric
conductors, the inner conductor
being supported within the
outer conductor through the use
of a dielectric material. The
dielectric material may be
continuous throughout the line
or, as in the case of rigid
coaxial lines, located at
distinct points along the line
in the shapes of "pegs" or
"discs". ‘Because of the
geometry, all coaxial 1lines
follow common guidelines in
determining their electrical
and thermal characteristics.

Frequency of Operation

For coaxial lines, the
frequency of operation for a
specific outer conductor size
and characteristic impedance is
limited by the highest usable
frequency before undesirable
modes of propagation occur.
This is sometimes called the
cut-off frequency, f.. However,
each mode of propagation has a
unique cut-off frequency and
care should be taken not to
confuse the coaxial 1line f£f_
discussed here with cut-off
frequencies for waveguides
(which will be discussed
later).

The coaxial cut-off frequency
is important when power
handling versus frequency is
being reviewed. A larger size
of coaxial 1line will handle
greater power levels, however,
its frequencies of operation
will be at 1lower frequency

ranges. Since higher
frequencies have higher
attenuations (see next

section), it 1is desirable to
run more power to overcome the

losses. This results in a
situation where a choice
between (1) lower ERPs
(operating at 1lower power
levels), (2) wusing waveguide
(typically higher windloads) or
(3) risking degraded
performance due to higher order
modes being present must be
made.

The higher mode coaxial cut-off
frequency is calculated using
the following equation:

7520
(1) £, (MHz) = ————
Je'x (D+d)
where
e’ = dielectric constant or

relative permittivity of
dielectric to air
D = inside electrical diameter
of the outer conductor, in.
d = outside electrical
diameter of the inner
conductor, in

Differences in the maximum
operating frequency of specific
line sizes is sometimes evident
when reviewing various
manufacturers' specifications.
This is typically a result of a
different safety factor used
when deciding on the
specification. A 5-10%
reduction in the calculated
cut-off frequency is a normal
safety factor and will account
for manufacturing tolerances
and the effects of connections
and elbows. For complicated
installations (where extensive
use of elbows or transitions
occurs), additional margin may
be necessary to prevent the
generation of higher order
modes.
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Attenuation

The attenuation of a coaxial
line is normally expressed in
terms of loss per unit length
or db/100' (db/100 meters). The
attenuation is due to conductor
and dielectric losses. As a
simple equation this can be
expressed as:

(2) o = A*/F+Bx*f

where

R
I

attenuation constant,
db/100"

conductor losses
dielectric losses
frequency, MHZ

Hh o
W nn

For rigid coaxial lines,
dielectric 1losses have been
considered negligible and with
the use of copper conductors,
Equation 2 is usually shown as:

0.433
—_— X%
zZ

(=]

1 1
3 = —+ = ‘/f
S (D+-d)*

where

Z, = characteristic impedance

D = inside electrical diameter

of outer conductor, in

d = outside electrical
diameter of inner
conductor, in

It should be noted that designs
using additional dielectric
material for better structural
support between the inner and

outer conductors (i.e.
additional pegs or cylindrical
discs), should include

additional losses of between 1%
and 4% in the calculations.
Also, the above equation
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assumes a conductivity rating
of the copper conductors of 99%
or greater. In practice, the
surface conditions rarely
approach that of newly produced
copper tubes due to oxidation
and handling of the materials.
To account for this effect on
the conductor, a conductivity
rating of 95% should be used,
resulting in an additional 1-2%
increase in attenuation.

When comparing manufacturer's
data, these issues should be
reviewed for consistency
between specifications. Also
note that the conductivity
varies with temperature. A 20°C
ambient is standard for
conductivity ratings.

If the temperature of the
conductor is different from the
standard rating, the
conductivity must be adjusted.
One area that is not normally
taken into account for
television broadcast is the
actual temperature of the inner
conductor during operation. The
increased temperature due to
power loss in the line results
in higher attenuation values.
The adjustment factor typically
used for attenuation (M,) is
given by:

(4) M = Jl+oo(Tt—I;)

where:

T, = inner conductor
temperature °C

T, = inner conductor

temperature at standard

rating, °C

temperature coefficient

of resistance at standard

rating

Q
o
I



For a standard temperature
rating of 20°C, o, =
0.00393/°C. Then:

(3) M = Jl+0.00393(1¥—20)

Therefore, if the rated average
power of the 1line allows an
inner conductor temperature of
100°C, during operation at
maximum rated power the
attenuation will increase by a
factor of 1.146. By performing
this calculation the author is
not indicating a desire to
change decades of standard
procedure in determining the
system power requirements for
TV stations. The intention is
to review design parameters
that are not typically used in
system analysis but could be
used to better analyze what
some may consider marginal
configurations for DTV.

Once the attenuation constant
has been determined, the
efficiency of the system can be
calculated. The total
attenuation (a...;, db) is found
by multiplying the attenuation
constant by the total 1length.
This 1is then converted to
efficiency:

S0 Xeotal )

(6) Eff. $ =10 1° %100

Power Handling

The power handling capabilities
of coaxial 1lines are based
primarily on two factors: the
maximum peak power (or maximum
voltage gradient that can
safely be present) and the

maximum average power, which is
determined by the allowable
temperature rise of the inner
conductor.

Peak Power

The maximum electric field
strength between two coaxial
conductors can be calculated
from:

(1) B = 0:278, P

max d D
In(=
(d)

where

= maximum electrical field
strength, volts/in

P = power level of signal,

watts

Emax

Because voltage breakdown
levels are extremely sensitive

to effects such as internal
surface conditions and
environmental factors, the

theoretical value should not be
used in practice. It has become
standard procedure to use 35%
of the theoretical value in
determining the production test
voltage and wultimately the
rated peak power value. The DC
test voltage is derived from
the following equation which
includes the derating factor:

(8) E% = 3.17*10% (d*3) *
D 0.273
[log(=)]1=*(1+ )
d Jd*5
where

E, = production test voltage
d = air density factor =
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3.92B/T

B = absolute pressure, cm of
mercury

T = temperature, °K

(6=1 for B=76cm and

T=23°C=296°K)
The production test voltage

must now be converted to the RF
RMS voltage, E.:

1

V2*SF

(9) E_ = 0.7%E_x

where

E; = maximum RF RMS operating
voltage with no derating
for VSWR or modulation,
but includes a safety

factor, SF.
1/¥Y2 = RMS factor
0.7 = DC to RF factor
SF = safety factor for

voltage (typically 1.4
for coaxial cables and
2 for rigid coax)

The peak power rating, P,, can
now be calculated:

(E,/)
(10) P, = —XL_ watts
P Z
o
then

E x0.707%0.7
( p

)2
_ SF
E;k = Zo watts

Once the peak power ratlng has
been determined, it is
necessary to derate that value
for the effects of modulation
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and VSWR. These deratings are
calculated as follows:

AM:
Pk
(11) ﬁmx< B
(1+M)2*xVSWR
FM and DTV:
Pk
(12) P < i
LR VSWR
Analog TV:
Pk
(13) P < L

max

(1+AU+2¢AU)*VSWR

where

P,.x = derated maximum peak
power
M = amplitude modulation index
(100% = 1)
AU = aural to visual ratio
(20% aural: AU = 0.2)

Note: For DTV, P,,, should be
compared to the +6db peak power
levels for 8VSB and not the
average power of the signal.

For most installations, the
peak power ratings will not be
a significant factor as they
are typically much higher than
a single transmitter system can
generate. The primary concern
will be for multiple channel
installations where two or more
TV signals are combined into
the same transmission line. If
the peak voltages from two or
more signals of equal power add
together in phase, the




equivalent peak power rises as
the square of the number of
carriers. In this situation,
voltage levels can become the
primary concern in specifying
the transmission line type.

Average Power

The average power rating is
determined by the amount of
heat created due to 1line
losses. The amount of heat, or
temperature rise, is primarily
limited by the safe, long term
performance of the dielectric
material used to support the
inner conductor. Since the
temperature rise on the inner
conductor is greater than the
outer conductor, the maximum
allowable temperature is
normally specified based on
inner conductor temperature at
the rated power level.

Typical industry conditions
have been to allow the inner
conductor to reach a

temperature of 100°C with an
ambient temperature of 40°C.
This means the inner conductor
temperature is allowed to rise
60°C above the ambient. The
average power rating can then
be calculated using the
following equation:

(14) P, = O Do) watts
f M *x
[o}

where

P,,, = average power rating for
60°C rise of inner
conductor temperature

Do, = outer conductor outside

diameter, in.

o = heat transfer coefficient

of outer conductor,
watts/in’

M, = correction factor for
attenuation (relative to
20°C

a = attenuation constant,

db/100*' at 20°C

Standard heat transfer
coefficients are listed below
in Table 1 for rigid coaxial
line types.

Table 1
Line Heat
Size Z, Transfer
Coeff. o
7/8" 50 0.1280
1-5/8" 50 0.1200
3-1/8" 50 0.1070
4-1/16" 50 0.1035
6-1/8" 50 0.0970
6-1/8" 75 0.0770 4“
7-3/16" 75 0.0760
8-3/16" 75 0.0740
9-3/16" 50 0.0900
i 9-3/16" 75 0.0660

The average power rating is
based on the temperature rise
on the inner conductor and this
in turn affects the long term
performance of the dielectric
material. Therefore, operation
at higher temperatures will
result in a reduction in the
life expectancy and reliability
of the 1line relative to the
lower temperature performance.



Field experience has shown
that, barring improper
installation or damage, the
typical failure mode of coaxial
lines is damage to the
connection points as a result
of excessive heating over time.
Based on this observation, long
term operation of coaxial lines
at elevated temperatures is not
recommended.

Velocity of Propagation

A final performance
characteristic to review for
coaxial lines is the velocity
of propagation or phase
velocity (V,). It is expressed
as a fraction of the speed of
light in a vacuum and is
inversely proportional to the
effective dielectric constant
of the insulating medium:

(15) v = _S

fE

where
c = speed of 1light

As can be seen from this
equation, for coaxial 1lines
that are effectively
homogeneous throughout their
structure, the phase velocity
is constant for all
frequencies. Therefore, group
delay 1is not an issue when
reviewing performance for
digital signal transmission.

WAVEGUIDE

When using wavegquide as the
broadcast transmission 1line,
peak power and average power
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ratings will be much greater
than needed for even combined
channel operations. Since
broadcast waveguide types do
not require the use of a center
conductor, voltage breakdown
and average power levels are
controlled primarily by the
quality of the installation and
any waveguide to coaxial 1line
transitions that may be
present. Therefore, these
characteristics will not be
discussed in this paper.

Attenuation

Attenuation in a waveguide
structure is dependent on its
shape, the conductor material
and frequency, much like it is
in coaxial 1lines. However,
because there are various types
of waveguide offered to
broadcasters: rectangular,
circular, doubly truncated,
etc., the discussion is not
quite so straightforward. One
characteristic that should not
be overlooked, however, is that
the attenuation is inversely
proportional to frequency. This
means that for a specific size,
the attenuation constant
becomes smaller as the
frequency of operation is
increased.

Both waveguide and coaxial
lines exhibit very 1little
change in attenuation values
across a 6 or 8 MHZ channel.
The variation is typically less
than 0.05 db for well designed
systems and can be considered
negligible to the overall
performance for both analog and
digital signal transmission.



Frequency of Operation

Unlike coaxial lines,
waveguides have both lower and
upper cut-off frequencies.
these define a band of
frequencies in which the
performance of the waveguide is
acceptable for broadcast use.
The upper cut-off frequency is
based on the same desire as
coaxial line in preventing the
propagation of unwanted modes.
The lower frequency cut-off is
the frequency at which true
wave propagation begins.
Therefore, below this frequency
there is no usable propagation
of the signal. Again, a 5-10%
safety margin 1is desired to
account for manufacturing
tolerances and components in
specifying the actual
frequencies of operation.

Velocity of Propagation

From the previous discussions
on attenuation and operating
frequencies, it may be guessed
that the propagation of signals
in waveguide is somewhat
different than that for coaxial
lines. Due to the lower cut-off
frequency, F.,, the velocity of
propagation in waveguide is
dependent on the frequency of
operation. For waveguide:

(16) V_=cx|1- F°1)2
p_ € ( f

As an example of the effect of
the foregoing, assume a 1000°
long run of 15" diameter
circular waveguide with a lower
cut-off frequency of 461.13
MHZ. At Channel 44 (650-656
MHZ), the time difference of

arrival from the transmitter to
the antenna between the upper
and lower channel edge is:

(17)

V = 0.9835% 1-(ffl;l§)2=
pl 650

0.6931 ft/nsec

(18)

V = 0.9835% 1-(_353;33)2 =
e 656

0.6995 ft/nsec

(19)
1000/0.6931 ft/nsec = 1442.8
1000/0.6995 ft/nsec = 1429.6

Tl—T2 = 13.2 nsec

For the same waveguide used at
Channel 30 (566-572 MHZ), the
time difference will be:

Vo1 = 0.5703 ft/nsec
V, = 0.5819 ft/nsec
P
T, = 1753.5 nsec
T, = 1718.5 nsec

TI-TZ = 35 nsec

Based on the overall system
requirements, these time delays
may be negligible. If not, pre-
correction can be accomplished
since the delay can be readily
calculated.
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S8UMMARY
The basic formulae for
determining the primary

operating characteristics of
both coaxial transmission lines
and waveguides for broadcast
have been presented. For
coaxial 1lines, the broadcast
engineer can now perform basic
calculations to ©provide a
comparison to manufacturer's
data. This should provide for a
better understanding of safety
factors and risks when
analyzing new systems for
analog and digital
transmissions.

Waveguide was reviewed
primarily to provide more
insight into its performance
that will most effect its use
for DTV. Based on simple
calculations, no significant
impact on DTV transmission
should be present in a well
designed systenm.

Mechanical considerations were
not a part of this paper,
however, tower loading is a
significant issue and should be
an integral part of the
decision process.
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Abstract

Digital format and wideband modulation are the
two prominent charactenstics of ATSC- DTV.
Together they pose challenging questions on the
performance of antennas in DTV broadcast
environment. Since antenna is a significant
component of any broadcast system, an in depth
understanding of how an antenna “pattern” is
build up in time domain and how this process
affects antenna gain are essential in determining
their impact on the overall system performance.
Charactenization of antenna pattern solely by the
use of spectral techniques is incomplete and
often misleading. Group delay issues inherently
point to time dependence responses but do not
lend it to clear understanding of sequential data
input to antennas.

This paper presents a comparison of time
domain radiation properties of Variety of
modular (such as Panel or Dipole) type and
traveling wave type(such as slot) antennas,
when the input is time dependant data pulses.
We discuss radiation pattern build-up as an out
put port of a two-port device to determine its

true frequency response as well as its bandpass
limits.

Introduction

Digital Television (ATSC-DTV)
imposes challenging requirements
on a typical RF transmission system.
In an ideal situation every
component of the system should
provide “distortion-less transmission”
over a 6 MHz bandwidth.
Transmitters, combiners, filters,
transmission lines, waveguides as
well as antennas are all components
of a typical transmission system.

Each and every one of these
components, except the antenna,
has a two-port device
representation. An input port, an
output port and a Transfer or a
Response function representing the
frequency response of the two-port.
These devices are all Linear' Time
Invariant? devices. However, for
these devices to act as “distortion-
less transmission” channels, their
output (within their passband, of
course) should be replica of the input
with the exception of a time delay
and a possible change in magnitude.

In a typical analysis of a two-port
device, the “distortion-less
transmission” requirement is verified
by examining the flatness of the
device amplitude response and
linearity of the phase response over
the 6MHz required bandwidth. The
maximum variation in group delay

! A Linear Device is a device that satisfies
the principle of superposition. This means
that the device output due to the sum of
several signals is the same whether the
signals are summed first and then sent
through the device or each is sent through
the device and then summed.

ZA linear system is time invariant if a time
delay in its input results only in an equal
time delay in its output.
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response is typically used as a
measure of the degree of phase
linearity.

The ability to perform two- port
measurements directly on the
system is limited to two- port devices
such as filters, combiners and
transmission lines, etc.. Antenna, on
the other hand, is not a two-port
device (at least in a general sense).
In general one can not measure the
response of an antenna with same
ease as one does the same for a
two-port device.

It is possible; however, to develop a
theoretical model that predicts the
response of an antenna as a two-
port device. The value of such
model is two folds: 1) it provides
information on the true bandwidth®
of an antenna from a systems point
of view. 2) It provides insight into the
design vs. bandwidth inter-
dependencies in different antenna

types.

Antenna Bandwidth, Why all the
fuss?

In the world of NTSC, the signal
bandwidth has always been
considerably narrower than the

* It should be pointed out that the Bandwidth
of an antenna as defined by its input VSWR
has limited value. Broadband input VSWR
provides ideal load condition for the
transmission line terminated by the antenna.
It, however, says nothing about what
happen to the signal when it passes through
the antenna. Such information is dependent
on the knowledge of the actual antenna
bandwidth as defined by its response as a
two-port device.

antenna Bandwidth*(whether it was
recognized at all or not, is beyond
the scope of this paper). Under this
condition the signal frequency may
be considered continuous wave
(CW). Itis, usually, on the basis of a
CW signal that an antenna'’s
radiation patterns and gain are
defined. When the signal bandwidth
becomes substantial, as is the case
in DTV signals, an apparent radiation
pattern and gain result which are
dependent upon the transmitted
bandwidth. This should not be
dismissed as a system problem,
since the extent of this problem
depends heavily upon the antenna
design.

As it will be demonstrated, both
antenna type and design affect the
transmitted bandwidth tremendously.

From an antenna designer stand
point, it is important to understand
the nature of the input signal.

So it is appropriate here to review
some basic attributes of digital signal
transmission in general and DTV
signals in particular.

In a digital system, a string of pulses
(sometimes at different amplitude
levels) are input into the device. The
output of the device is sampled
periodically at the center of each
pulse. If the pulse-width is (T)
seconds the rate at witch output is
sampled is (1/T) per second. For an
Ideal pulse this sampling rate is
equal to 2B where B is the

“ All references made to antenna bandwidth
in this paper are meant to be the
transmission bandwidth as determined by
the response and not the VSWR bandwidth,
unless otherwise noted.



Bandwidth of the pulse. For a pulse
with a raised cosine amplitude
spectrum with B Hertz bandwidth,
the sampling rate reduces to B with a
pulse width of T=1/B seconds. In
general, variety of pulse shapes can
be used to provide sampling rates
between B and 2B Hertz depending
on the pulse shape.

DTV presents a signal to the
antenna in the form of 8-VSB. A
discussion on the time domain
characteristics of this signal is
beyond the scope of the present
paper. It, however, suffice to say that
it should have the characteristics of a
string of pulse modulated signal. The
8VSB is an eight signal level VSB
Amplitude Modulation scheme. Each
signal level is referred to as a
symbol. The DTV symbols are
generated at the rate of 10.7 Mega-
Symbols Per Second ( MSPS).
Symbols are approximately 1/10.7=
.0934 microsecond long. At near
Nyquist sampling rate the required
bandwidth for transmission channel
is 1/2T=1/(2*0.0934) = 5.35 MHz.

Antenna as a band limited
Transmission Channel

Antenna is the last component of a
transmission system before the
signal hits the space and the terrain.
In order to separate the degradation
due to the terrain and broadcast
environment from that introduced by
the antenna, It is crucial to know
exactly what happens to the signal
as it passes through the antenna.
Furthermore, to satisfy the
transmission requirements of DTV, it
is necessary to determine if the
antenna as a two-port device has

sufficient bandwidth to pass the
signal without distortion.

To avoid mathematical complexities
that will be beyond the scope of this
paper, we will attempt to present the
idea using graphical means. To this
end we consider an ideal rectangular
pulse with duration T as an input to
different antenna types. We, then,
study the output as a function of
time. In this treatment we assume a
wide-band receiver (and receiving
antenna) to simplify the analysis.
We further assume that there is no
mutual coupling, no feeder
dispersion, no multiple reflection in
the feed system, and that elements
of the array (whether dipole or slot)
have frequency independent
admittance.

We consider two major antenna
types: The Branch fed Type, and
Travelling Wave slot antennas.

Branch fed type antennas are
assumed to be equal —path-length.
By that we mean that all elements
receive the signal from the feed
system at the same instant. In
contrast, Slots in traveling wave
antennas receive the input signal not
simultaneously, but sequentially.

We begin analysis by considering a
branch fed antenna type consisting
of a simple N-element array. Fig (1)
shows an example of such an
antenna. All elements (in this case
10) are fed in phase with equal path
length. Fig (2) Shows CW pattern of
this 10 element full-wave spaced
antenna array. This pattern
represents the radiation pattern of
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the antenna under steady state
condition.

In time domain it means a single
frequency with constant amplitude
over a long enough time so the
pattern is invariant as the time
passes. This is not, However, a true
representation of antenna pattern
under pulsed input environment® or
Wide-band input conditions.
Suppose a pulse of duration (T) is
applied at the input of the array.
Since the feeder is dispersion-less,
front end of the pulse arrives at all
elements at the same time. In the
broadside direction all pulses will be
received simultaneously. However

°D. Polk, “ transient Behavior of aperture
antennas,” Proc. IRE, vol. 48, pp. 1281-
1288, July1960.

as the receive point moves to other
angles the situation changes.

Normalized Field
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The signal from the far elements will
reach later than the ones that are
near. In fact the arrival time of the
pulse front from the n™ element is
delayed by:

N * To * Sin(8)

Where ( To ) is the time it take for the
pulse to travel between two adjacent
elements (To=d/C whered is
element spacing & C is speed of
light).

At extreme angles this delay is
maximum for the farthest element.
What this indicates is that it takes at
least (N * Top) for this antenna to
develop the pattern of Fig( 2) . Any
sampling of the field during this
period will render erroneous results.
After this minimum time, one can
expect the field levels predicted by
the CW pattern, provided that (T >>
N * To ). Similarly, when the tail end
of the pulse leaves the array it takes



the same length of time for the field
to collapse everywhere.
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Fig. 3

Fig (3) shows the relationship
between the input arid out put
pulses. Notice that the output pulse
durationis: (T+N*Tp).

In cases where (T) is quite large this
widening of the pulse is insignificant
and has no bearing on the
transmission of signal through the
antenna. This is the case in narrow-
band input signals, where any
amplitude change takes a long time
comparedto (N ™* To ). If, however,
the input pulse-width (T) is of the
order of (N * Tp), the effect is more
serious. This becomes more obvious
when we consider the output pulse
sampling rate:

Sampling Rate =2B = 1 /(T + N*Ty)

This equation connects the
maximum sampling rate to the
aperture length of the antenna. It
also shows the relationship between
aperture length and the maximum
bandwidth of the signal that may
pass through the antenna without
distortion.

To demonstrate the value of this
formula, let's assume that:

T=2 * (N*To).

Further we assume that the antenna
is a typical UHF antenna with
(N=30). The sampling rate for this
antenna will be (assume
C=11.81*10% inches / second, and
d= 20 inches)
SR.=2B=1/(3*N*Tp) =656
Mega symbols per second

Or a Nyquist Bandwidth of 3.28 Mhz.
It is interesting to compare these
results with the DTV requirement

of 10.7 MSPS for a distortion-less
transmission.

It is important to emphasize that the
above formula simply provides
limitations imposed by an antenna
on the sampling rate and says
nothing about how to design proper
antenna.

Next, let us consider a travelling
wave type antenna. In a traveling-
wave type antenna signal is fed from
one end of the array. As it travels
down a “leaky” transmission line,
power is coupled from the wave to
radiating elements along the way.
Because of this sequential feeding of
array elements, there is a delay
between radiation from consecutive
elements of the array. This delay as
we will see has additional effect on
the pulse response of the array.

In order to determine the response of
this type of antenna, We consider an
N-element traveling wave slot
antenna.

Fig (4) shows a typical 10-element
end fed traveling-wave antenna.
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We assume that the input is an Ideal
rectangular pulse.
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Fig. 4

We further assume that the wave
traveling inside the transmission line
does not experience any multiple
reflection or any frequency
dispersion and that the wave travels
down the line distortion-free.

As the pulse travels down the
transmission line power is coupled to
slots in a sequential manner. If
(Tq= d*Vq)is the time it takes for
the pulse front to travel between the
adiacent slots and there are N slots
in the array it takes ( N* Ty ) for the
signal to fill the antenna aperture.
Once the aperture is filled, it takes
N*To for the pattern to develop. If the
transmission line is simply a coaxial
line: Vg=C. & Tq=To.

For such an antenna it takes

(Tg+ To=2"Tp) to fully develop the
pattern.
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Fig. (5) ® shows Pattern Build up as a
function of time in a 10-element half-
wave-spaced traveling wave slot
antenna. Note that it takes

20 * To for the full development of
the pattern and the gain to reach the
CW gain level.
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Fig. 6

Fig (6) compares the input and
output pulses for an N-element
array. The output pulse in this case
is: T+2*N*To wide. The
sampling rate for this case is :

SR=2*"B=1/(T+2*N*To)

Again this Formula provides a
relationship between antenna
aperture and the bandwidth limitation
imposed by the traveling wave
antenna.

As we stated before, in cases where
T >>N*Tp, pulse broadening due
to the antenna is not significant and
may be ignored. In other cases
where T is of the same order as N *
To, This broadening of the pulse is
significant and may not be
overlooked.

® Courtesy of L.L. Bailin, Hughes Aircraft Co.

In a typical case we may reasonably
assume that T =3 * N * To. This
provides (N * To ) of flat amplitude for
sampling. Then:

SSR=2*"B=1/(6"N"*T)p)

Again, in order to get a feel of
numbers in a typical situation, let us
assume that the antenna under
consideration is a 30-slot traveling
wave array with uniform slot spacing
of 20" (To = 20/11.811 = 1.694
Nanosec.) and uniform aperture
distribution. Then:

S.R.= 2*B=1/(254) Giga
Symbols/Sec.

S.R. =3.93 Mega Symbols / Sec.
Or equivalently:
B= 1.97 Mega Hertz.

None of these figures are
encouraging when compared with
the symbol rate or bandwidth
requirements of DTV. It should be
pointed out that the typical antennas
used as examples here are high gain
version of broadcast antennas. As
the aperture gain is reduced or
aperture distribution is modified from
uniform, higher sampling rate will
become possible. The details of
these design varieties as well their
effects on sampling rate is beyond
the scope of this paper and will be
discussed in future papers.

Concluding Remarks

An examination of pattern
development of antenna arrays as a
function of time reveals band limited
characteristic of antenna arrays. We
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used this phenomenon to define
pulse response of two types of
arrays. We developed formulas
relating aperture length and
sampling rate and/or bandwidth.
Typical antennas were examined for
typical sampling rates and

bandwidths based on these findings
were compared with those of DTV.
This analysis indicates the
importance of using proper aperture
size as well as distribution in
achieving proper performance of
antenna for DTV broadcast.
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ABSTRACT

Various approaches to slotted cylinder antenna electrical
design are available. Choices made at the design stage
impact antenna performance parameters important for
DTV use. The antenna output response performance,
radiated signal amplitude and phase frequency response
across the channel, is a major concem for digital TV.
Most critical to antenna output response are the aperture
illumination and the feed method: end or center feed. The
effect of these design choices on the frequency response
performance of the beam tilt and null fill are examined.

Specifically, the gain variation across the DTV channel
versus depression angle for both end-fed and center-fed
designs are evaluated. A comparison of calculated and
measured results for a center-fed design is presented.
Beam tilt variation across the DTV channel as a result of
end feeding the antenna is considered The impact of end-
fed antenna output response variations on the selection of
antenna gain is discussed. Also, the performance of
adjacent channel antenna designs using end and center
feeding is compared.

INTRODUCTION

U.S. broadcasters planning their digital transmission
facilities must choose a new antenna for DTV. A variety
of antenna designs are available to the broadcaster from
the many antenna manufacturers located around the
world. Complicating the selection issue for the
broadcaster is the necessity of locating and operating the
DTV antenna system simultaneously with their NTSC
antenna system. The broadcasters’ goal is to configure
the DTV and NTSC antenna systems to provide good
signal coverage while minimizing tower wind loading.

The vast majority of UHF antennas currently used in
NTSC service are slotted cylinder designs. Performance
characteristics that made slotted cylinder antennas the
antenna of choice for NTSC UHF service are also

desirable for DTV, i.e., excellent ommidirectional azimuth
pattems, low wind loads, and smooth null fill. However,
the digital TV transmission system will require more
stringent performance with regards to output amplitude
and phase frequency response. As a result, the antenna
output response performance, which was given little
consideration in NTSC service, is an important
consideration for DTV.

WHY SLOTTED CYLINDER ANTENNAS?

UHF slotted cylinder antennas gained prominence in
NTSC broadcasting due to their combination of low wind
loading and superior omnidirectional performance. Their
small diameter construction, most within the 8” to 14”
outside diameter range, provides the minimum wind load
reducing the cost of tower structures. Small physical
diameter also translates into small electrical radius (R/A)
for the slot radiators, which results in excellent circularity
of the azimuth pattem.

Figure 1 shows an overlay of two azimuth pattems. The
smooth, nearly circular azimuth pattemn, is typical for a
slotted cylinder antenna with a circularity of +0.5 dB.
Compare it to the typical azimuth pattem of a panel
antenna with a circularity of +2.0 dB. When both are
nommalized to unity, the amplitude difference between the
pattems at the minimum of the panel pattern reaches 3 dB.
Considering approximately 1 mile of coverage loss per
dB, this could mean 3 miles of service reduction in some
directions for the panel.

Of course, if the pattemns were normalized to the same
RMS value, the difference would reduce, but would still
amount to 2 dB. In the NTSC domain, normalization to
the same RMS value is the rule, however, it is not
currently clear the same applies to DTV. The FCC has
assigned a directional reference ERP pattern for every
digital station allotment that sets the maximum radiation
at each azimuth heading. The FCC DTV rules suggest that
the peaks of the pattemns must stay below the reference
ERP at those azimuth directions, which would effectively
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prohibit use of the RMS gain. Further FCC clarification
on this issue is expected.

The other principal advantage of the slotted cylinder
antenna relative to a panel, low wind load, is
demonstrated in Figure 2. This comparison illustrates two
approaches to providing an existing UHF broadcaster with
DTV & NTSC service from the same tower top. The
slotted cylinder stack is typically 2 to 3 times lower in
wind area than the wide band UHF panel [1].

— TOP HDTV — TOP PANEL |

Figure 1

APERTURE ILLUMINATION

All the parameters that describe the elevation pattern are
determined by the amplitude and phase illumination of the
antenna aperture. The important parameters are beam
width, gain, beam tilt, and null fill. Two antennas with
the similar number of layers can have greatly different
elevation pattem results depending on the aperture
illumination design as demonstrated in Figure 3.

While the type of elevation pattern shown in Figure 3a
was widely used with success in NTSC, the following
mvestigations into the antenna output response
performance will demonstrate why the elevation pattem of
Figure 3b, with its smooth null fill response and wider
beam width, is far superior for DTV.
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ANTENNA OUTPUT FREQUENCY RESPONSE

The antenna output frequency response received virtually
no attention for NTSC applications, but is of major
importance for digital TV. Consider that the visual
carrier, color sub-carrier, and the aural carrier dominate
the NTSC RF spectrum with signal energy falling away
rapidly from the carriers. NTSC antenna optimization
was often performed concentrating on the visual carrier +
2 MHz. The effective luminance bandwidth is less than 4
MHz. By comparison, the DTV RF spectrum is flat
across of the 6 MHz channel, except for the last 0.3 MHz.
The entire channel is of equal importance and of larger
effective bandwidth than NTSC. The antenna can no
longer be optimized around a 2 to 3 MHz of the channel;
DTV antennas should exhibit flat output response over a
larger bandwidth.

END-FED ANTENNAS

Many slotted cylinder antennas are designed to feed the
RF power from the bottom end of the antenna. This is
mechanically convenient, especially for antennas mounted
on the tower top. Broadcast slotted cylinder antennas
must produce the main beam perpendicular to the vertical
axis of the antenna. This requires that each slot level be
nominally in phase. With the signal fed from the bottom
and traveling towards the top, the end-fed antenna is made
with a nominal one wavelength spacing between slots at
the design frequency. As the signal progresses upward
from one slot level to the next, a phase rotation of 360°
occurs putting each successive slot level in phase.

However, the one wavelength spacing is only obtained
exactly at the design frequency. As the signal frequency
scans above or below the design frequency, the electrical
spacing changes causing the beam tilt to vary. The end-
fed configuration is depicted in Figure 4.
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Consider a 30 slot, end-fed design with a smooth pattem,
a calculation of the elevation pattemn at the center (design)
frequency, at the lower edge, and at the upper edge is
plotted in Figure 5. Note that the beam tilt varies +.25°
from the design tilt.
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The detrimental effect of this beam tilt sway with
frequency is the variations it produces in the antenna
signal amplitude (gain) and phase output responses.
Figure 6a demonstrates the maximum calculated gain
deviation over the DTV channel for depression angles 0°
to 10° below the horizontal. Likewise, the maximum
calculated group delay variation at depression angles from
0° to 10° is plotted in Figure 6b.
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GROUP DELAY VARIATION ACROSS CHANNEL
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CENTER-FED ANTENNAS

An altemative feed design employs electrical center
feeding. This is simply done with side-mount antennas by
using an input ‘T’ between the two antenna halves.

Center feeding of top mount antennas is mechanically
more complex, but is accomplished by using a triaxial
configuration in the bottom half of the antenna to deliver
the RF power to the center. These two configurations are

shown in Figure 7.

Side Mount

ri

Top Mount

<« S|otted pipe

1 Center feed

& Triax

- lnput

With the center-fed design, the signal travels up the top
half antenna and down the bottom half antenna. The
beam tilt varies in each half as frequency scans across the
channel, but the bottom and top half tlt in opposite
directions which produces a constant beam tilt for the
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complete antenna. Figure 8 demonstrates the electrical

considerations of center feeding.
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Returning to the center-fed illumination design of Figure

3b, a calculation of the elevation pattemn at the center

(design) frequency, at the lower edge, and at the upper

edge is plotted in Figure 9. Note that the beam tilt

variation is insignificant and variations in the nulls are
inimal
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Figure 10a demonstrates the maximum calculated gain
deviation over the DTV channel for depression angles 0°
to 10° below the horizontal. Likewise, the maximum
calculated group delay variation at depression angles from
0°to 10°is plotted in Figure 10b.

All of the previously shown elevation patterns and output
responses were calculated. Like most calculations, these
results are better (demonstrate less output response
variations) than will occur with actual antenna hardware.
The calculations do not include the frequency response
effects of individual slot radiators that have a specific “Q”
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factor. To demonstrate the effect of the radiator “Q” and
other hardware factors, actual measurements of the
center-fed illumination design of Figure 3b are
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presented in Figure 11a & 11b. As expected the measured
results show an increase in gain variation in the nulls. The
beam tilt still has insignificant variation.
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FREQUENCY RESPONSE COMPARISON
End vs. Center Feed

The above maximum gain variation plots allow us to
compare the worst case signal variations versus
depression angle; however, they do not reveal the
frequency response shape. It is instructive to compare the
end-fed and center-fed designs with regards to the
frequency response plots for a specific depression angle.

For this comparison, the depression angle of the gain
variation maxima nearest the design beam tilt angle for
each antenna is used. This represents the worst signal
variation that will occur at the greatest distance from the
transmitter site for each antenna. The end-fed gain
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frequency response at a depression angle of 2.1° is plotted
in Figure 12a. Figure 12b shows the end-fed group delay
frequency response at the same depression angle. Note
that the min-to-max differences correspond with the plots
in Figures 6a and 6b.

GAIN FREQUENCY RESPONSE
3.6° DEPRESSION - 30 SLOT, CENTER-FED ANTENNA

dB 1

0 4 4

05 ! | Il !
626 627 628 629 630

631 632
Frequency (MHz)
Figure 13a

GROUP DELAY FREQUENCY RESPONSE
103'60 DEPRESSION ~ 30 SLOT, CENTER-FED

626 629 632
Freauencyv (mhz)

Figure 13 b

38

The corresponding frequency response plots for the
center-fed antenna are shown in Figures 13a and 13b.
Note that the end-fed response is a straight line while the
center-fed response is bell shaped which will result in a
lower frequency response distortion penalty [2]. The
calculated min-to-max gain variation of the end-fed
design is 4.1 dB, while it is 1.4 dB for the center-fed.

The other significant point of difference between end and
center feeding is the location of this first gain variation
maximum. The center-fed antenna peaks at a higher
depression angle, 3.6° compared to 2.1° for the end-fed
antenna. The end-fed maximum at 2.1° occurs on the
slope of the main beam as a direct result of the beam tilt
sway with frequency.

ANTENNA GAIN & SYSTEM DESIGN

The above analyses clearly show that for a given number
of layers the center-fed design is superior to the end-fed
design due to lesser antenna output response variations
and beam tilt sway. One approach often used to minimize
these detrimental performance effects of the end-fed
antenna is to design systems with lower antenna gains.
Low end-fed antenna gain results in less beam tilt sway
and increases the null fill levels to mitigate the impact of
signal variations at depression angles below the main
beam.

However, the low gain system designs can have
significant economic impact on the transmission system
costs. Compare two system designs for the following
scenario:

DTV Ch. 40 @ | MW ERP
Line length = 1800

A:. Antenna: 27.5 Gain Center Feed

6”-50 ohms rigid (58.3% eff.; 70 kW rated)
TPO=62.4kW (3 tubes)

B: Antenna: 20 Gain End Feed

1) 8”-75 ohm rigid (68.6% eff.; 102 kW rated)
TPO=72.9 kW (4 tubes)
Transmitter and line cost difference to “A”: ~ $650 k
Wind Area> 1.3 x tower load

Or

2) DTW-1500A (77.3% eff.)
TPO=64.7 kW (3 tubes)
Line cost difference to “A”: ~ $200 k
Wind Area > 2.5 x tower load



The ability to use higher gain with the center-fed antenna
allows the use of smaller rigid line and transmitter.
Choosing circular waveguide to maintain the transmitter
size increases the tower load 150%. Waveguide adds
another source of signal distortion that requires
compensation by the transmitter manufacturer due to the
signal dispersion (group delay) across the channel.

ADJACENT CHANNEL DESIGNS

Although adjacent channel slotted cylinder antennas have
been made using both end-fed and center-fed designs, the
performance characteristics described above apply across
12 MHz as well giving the center-fed antenna the
advantage.

The calculated elevation pattern performance for a center-
fed antenna across the NTSC and DTV channels is shown
in Figure 14.
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An example of calculated elevation pattems for an end-
fed, adjacent channel design is presented in Figure 15.
Note the beam tilt variation and differences for each

channel. Using the end-fed design produces a different
beam tilt for the DTV channel compared to the NTSC
channel.

CONCLUSIONS

Comparing slotted cylinder antenna performance of end-
fed and center-fed designs, it is apparent that center-fed
antennas provide significant advantages for DTV
applications.

e Center-fed antennas have insignificant beam tilt sway
vs. frequency.

e Center-fed designs with smooth null fill have low
amplitude and phase response variations throughout
the main beam and null structure.

o Frequency response shape of the center-fed antenna
yields lower penalty due to frequency distortion.

e Systems designs can use higher gain, center-fed
antennas to reduce transmission line and transmitter
sizes resulting in lower cost transmission sites.

e  Adjacent channel, center-fed antenna designs produce
the same beam tilt angle specification for both the
NTSC and DTV channel.
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KLYSTRON TRANSMITTER CONVERSION FOR SIMULTANEOUS ANALOG
AND DTV TRANSMISSION
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ABSTRACT

This paper will describe an economical option of
broadcasting DTV signals available to a large class of
klystron transmitter owners. It is possible to modify
existing klystron transmitters to operate the visual
klystrons in combined aural/visual analog service, and
operate the aural amplifier in DTV service. DTV
service can be supported by biasing the aural klystron
to the original (20 % aural) beam power, tuning to
support 6 MHz bandwidth, adding a DTV exciter with
appropriate predistortion and adding an output
bandpass filter. This modification can be achieved at
a small fraction of the cost of a new full-power DTV
transmitter

INTRODUCTION

The coming transition from analog to DTV is
financially difficult for many stations. During the
early years of DTV most consumers will not yet have
DTV receivers. Hence, advertising revenue will
initially be minimal for DTV operation. Broadcasters
are struggling with choices to either:

(1) Buy a new transmitter rated at the full authorized
DTV power to achieve the desired coverage at a
relatively high initial cost.

-.or-
(2) Buy a new low power DTV transmitter to start
transmitting over a smaller coverage area followed by
a later power upgrade or new transmitter when DTV
advertising revenues warrant the investment.

This paper will describe a third option available to a
large class of klystron transmitter owners which may
seem more attractive than either of the above. Most
klystron transmitters were initially designed to support
aural operation at 10 to 20 percent of rated peak visual
power. More recently, to conserve energy, many
stations have biased their aural amplifiers lower and
generate aural power in the range of 2.5 to 5 percent
of peak visual power. Regardless of what aural ratio
is transmitted, CATV headend processors are adjusted
to notch the aural down to about -16 dB (2.5 %) to
achieve acceptable system intermodulation distortion
levels.
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It is possible to modify existing klystron transmitters
to operate the visual klystrons in combined
aural/visual analog service, and operate the aural
amplifier in DTV service. With appropriate
predistortion and additional output filters, one can
operate visual level at about -1 dB from the existing
visual power level with a -16 dB aural ratio. The 1dB
analog power reduction is essentially imperceptible to
existing viewers. DTV service can be supported by
biasing the aural klystron to the original (20 % aural)
beam power, tuning to support 6 MHz bandwidth,
adding a DTV exciter with appropriate predistortion
and adding an output bandpass filter. If the new DTV
channel is nearby in frequency to the existing analog
channel and the same antenna pattern is in use, one
can approach or actually achieve the DTV power
necessary for equivalent coverage area. (The DTV
exciter and output filter may be reusable as part of a
new DTV transmitter system following the DTV
transition.) This modification can be achieved at a
small fraction of the cost of a new full-power DTV
transmitter.

DTV POWER REQUIRED

Calculations by members of the Advisory Committee
for Advanced Television Service (ACATS) and
measurements in lab tests by the Advanced Television
Test Center (ATTC) indicated that for similar
coverage of DTV relative to NTSC, the DTV average
power should be approximately 12 dB lower than the
NTSC peak visual power. Subsequent field testing in
Charlotte indicated that the -12 dB ratio was
conservative, suggesting that even lower DTV powers
could provide equivalent coverage [1]. More recently,
FCC has been wrestling with channel allocations to
facilitate a smooth transition to DTV. The FCC goal
is to replicate the grade B analog NTSC contour for
DTV coverage while providing adequate interference
protection for each station in a given area.
Combinations of existing analog service EIRP and
channel and new assigned DTV channel frequency
define an enormous range in DTV transmitter power
output (TPO) requirements from low VHF to the
highest UHF channel to replicate the analog coverage.
Across the UHF TV band the variation in EIRP is only



about 4 dB for equivalent coverage [2]. Since this
paper deals with the case of a UHF broadcaster adding
a UHF DTV channel, the -12 dB power ratio goal will
be assumed for discussion.

EXISTING HARDWARE

Most full-service UHF broadcast stations presently
employ transmitters using klystron tubes as output
devices. Typically, the klystrons used in these
transmitters are rated to produce from about 30 to 70
kW peak power each in visual service. Transmitters
built in recent years have generally employed
Inductive Output Tube (IOT) devices (earlier versions
of this device were called Klystrodes) to achieve
better energy efficiency than is possible with
conventional klystrons [3]. A relatively smaller
number of recent transmitters have employed Multi-
Stage Depressed Collector (MSDC) klystrons to
achieve better energy efficiency than conventional

klystrons [4]. A significant percentage of existing
klystron transmitters employ an energy saving
technique called pulsing. Pulsing introduces a step
change in beam current to provide the input beam
power necessary to support the peak power level of
the sync pulse only during the time sync is actually
present (8% of the time) and a somewhat lower beam
power at all other times [5]. Most of the operational
klystron transmitters now in service in the U.S.A. are
believed to employ some version of the ITS-20 or ITS-
20A exciter/modulator. Hundreds of these units were
delivered to broadcasters for retrofit into transmitters
built by a variety of vendors including at least RCA,
Harris, Comark, GE, Townsend, TTC, Marconi, CCA
and Ampex. Some exciter/modulators were provided
as OEM equipment incorporated within transmitters
manufactured by Advanced Broadcast Systems and
Astre Systems. The conversion described in this paper
applies to transmitters that employ either conventional
klystrons or MSDC klystrons.

Figure 1
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Figure 1 shows a high level block diagram of a typical klystron transmitter.
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Video and audio signals are applied to an exciter/
modulator which generates the visual and aural RF
drive signals for the power amplifiers. ITS-20/20A
processing will be described for illustration. The
exciter/modulator includes oscillator/ multiplier
circuits to generate the carrier frequencies used in IF
modulation and to convert the IF signal to the final
output RF channel frequency.

The visual side of the exciter/modulator includes the
following video functions: clamping, level control,
peak limiting, group delay predistortion, differential
gain predistortion and differential phase predistortion.
A visual IF modulator generates a double sideband
AM visual signal that is passed through a surface
acoustic wave (SAW) filter to create the vestigial
sideband (VSB) AM NTSC visual signal. If pulsing is
employed, the VSB AM signal is AM detected to
drive a sync separator. The sync separator output is
used to drive the pulser which changes the klystron
bias point. Sync separator outputs are also used to
drive IF gain and phase predistortion circuits to
complement the distortions introduced by pulsing the
klystron.

Following the pulsing predistortion circuits (if used),
the VSB AM signal is passed through an automatic
level control (ALC) attenuator followed by IF
predistortion circuits for amplitude linearity
correction, incidental phase correction and frequency
response correction.

These circuits complement the AM-AM, AM-PM and
amplitude vs frequency response distortions
introduced by the klystron power amplifier. The
visual IF ends with a peak detector which is used to
close the ALC loop around the IF corrector stages and
which forms the start of an automatic gain control
(AGC) loop around the up-converter and RF drive
amplifier stages.

A double balanced mixer is used to convert from IF to
RF. UHF bandpass filters select the desired frequency
conversion product to pass through an AGC attenuator
and RF drive amplifiers. The visual drive output is
monitored by a peak detector, which completes the
AGC loop.

The aural side of the exciter/modulator starts with an
aural IF VCO that is held on the correct center
frequency by a phase locked loop (PLL). The aural
VCO is frequency modulated by the audio input
signal. The FM IF signal is passed through ALC,
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upconverter, RF filter, AGC and RF amplifier stages
which are similar to those on the visual side. There is
no need for linearity and frequency response
predistortion circuits since the aural operates at
constant level (FM vs AM) and occupies only a tiny
fraction of the klystron bandwidth.

The exciter/modulator includes jumpers to add the
aural IF signal to the visual IF path upstream of the IF
predistortion circuits. This aural/visual multiplex
feature provides a convenient way to temporarily
transmit the combined A/V signal through any one
klystron in the event of a klystron, beam supply, heat
exchanger or RF diplexer failure. The backup mode
requires appropriate RF patch connections to be
available in the transmitter RF output transmission
lines.

The exciter/modulator RF outputs are rated at several
watts peak power, which is typically sufficient to drive
the aural klystron directly. On the visual side an
intermediate power amplifier (IPA) is usually fitted to
provide tens of watts peak power to the visual klystron
power amplifier (PA). The IPA typically employs
class-A biased bipolar junction transistor (BJT)
devices. On some low UHF channels with particular
tube types as much as 100 watts peak visual drive is
required. Many systems include two or more visual
klystrons that are combined at the output to provide
higher power and a measure of redundancy to the
system. The klystrons in popular use are typically
water-cooled or vapor-phase (steam) cooled. Both
integral cavity and external cavity types are in service.
An appropriate heat exchanger is provided either one
per tube or shared by multiple tubes.

Klystron electronic operation may be described as
follows. The klystron includes an electron gun with a
heater and cathode operating at -15 to -26 kV relative
to chassis (ground) potential, dependent on the tube
type in use. The electrons emitted by the cathode are
accelerated by the electrostatic field toward the RF
cavities, drift tubes (body) and collector of the tube
which are all essentially at chassis potential. The beam
is initially focused by the shape of the electrostatic
field in the region of the concave-shaped cathode.
Further focusing is accomplished by an electromagnet
assembly which forms a linear magnetic field in the
same direction as the hollow center (axial direction) of
the tube. The resultant electron beam is tightly
focused and of uniform density prior to application of
RF drive. The electron gun also includes a doughnut




shaped electrode through which the beam passes
between cathode and body. This annular ring electrode
is called a modulating anode that is biased generally in
the range of 0 to -10 kV to select the quiescent beam
current. Mod-anode type pulsers use this electrode to
toggle the beam current between two levels as
described earlier. Many recent model klystrons also
include another electrode (either annular or grid-
shaped) in close proximity to the cathode which is
used by “low voltage” pulsers to accomplish the same
effect.

RF amplification is accomplished by velocity
modulation of the electron beam as follows. The RF
drive signal is coupled to the beam via the input cavity
which includes a pair of capacitive rings that form a
structure called a gap. Electrons passing the gap are
accelerated on one half cycle of the RF waveform and
those passing during the other half cycle are
decelerated by the electric field across the gap. The
electrons continue drifting toward the collector along
the drift tube to the next RF cavity and associated gap.
The faster electrons overtake the slower ones, forming
a slight “bunching” by the time they pass the next
cavity gap. The bunched electrons passing the gap
induce an RF signal in the second cavity which
“rings” as it is resonant near the frequency of interest.
The “ringing” induces a field across the gap which
accelerates electrons from the sparse intervals of the
beam to amplify the bunching phenomena during the
drift to the following gap. This process continues for
each cavity and drift space. When the electron
bunches arrive at the final gap and cavity, RF power is
coupled out by the cavity and a coupling loop to the
output transmission line. The electrons continue past
the final cavity gap to deposit their remaining energy
by collision with the collector structure. Non-
linearities arise largely due to the electrostatic
repulsion of the electrons from each other which tends
to oppose bunching at higher RF signal levels. The
bunching would be proportionally concentrated at
higher signal levels absent this repulsion/spreading
effect. Detailed description of klystron operation is
provided elsewhere [4~13]. Typically, the same
klystron tube type is employed in visual and aural
sockets. The conventional klystron can be thought of
as a class-A amplifier whose AM-AM and AM-PM
transfer characteristic exhibits no crossover distortion
at low drive levels and exhibits a substantial but
smooth monotonic compression characteristic at the
highest drive levels. This transfer characteristic is
also stable over time provided that sufficient beam

voltage regulation and coolant temperature regulation
is incorporated in the transmitter. This smooth, stable
non-linearity is easily compensated by predistortion in
the exciter/modulator [5,6,7,9,13]. The transmitter
visual and aural outputs are monitored by peak
detectors which drive power meters.

The visual and aural PA outputs are applied to a
constant-impedance diplexer assembly which
combines the two signals with low loss into one
transmission line to drive the antenna. The diplexer
works as follows. The visual signal is applied to a
quadrature (90 degree offset outputs) splitter called a
hybrid coupler. The signal is split equally in power at
the outputs. The two visual signals flow over notch
filters centered at the lower color subcarrier frequency
(visual-3.58 MHz). The —3.58 MHZz filters are needed
to achieve the FCC specified spectral mask. Signal
components in the —3.58 MHz region “see” an
impedance mismatch and reflect back from the filters
to the hybrid. The 90 degree phase shift of the hybrid
adds to the 90 degree shift of the first pass to cancel at
the visual input and sum to the termination port.
Signal components in the NTSC visual band from
—1.25 to +4.18 MHz pass through to combine in the
output hybrid. The aural signal is applied to the aural
port of the output hybrid, reflects back from the

+4.5 MHz notch filters and sums to the antenna port
similar to the operation of the —3.58 MHz filter
described earlier.

HOW TO IMPLEMENT THE CONVERSION

Analog NTSC side.

The exciter/modulator is jumpered to the internally
diplexed mode. The pulser (if used) is disabled or
removed. In the internally diplexed operation, the
klystron step changes in gain and phase would
modulate the aural signal and cause unacceptable
levels of video (sync) crosstalk into the stereo and
SAP channels of multichannel sound service. It may
be possible to add complementary gain and phase
modulators to the aural IF upstream from the
aural/visual summing point to allow continued pulser
operation in future. A new power metering circuit is
added to display the relative power of aural and visual
signals at the PA output. The common amplification
mode generates more consequential intermodulation
products in the klystron amplifier than the visual-only
service. In-channel intermod products are largely
cancelled by products generated in the IF linearity and
incidental phase correctors of the exciter/modulator.
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An improved incidental phase corrector, optimized for
the common amplification service is available to
achieve more complete in-channel intermod
correction. If the klystron were a broadband device, it
would be possible to cancel out-of-channel products as
well. Unfortunately, the relatively narrowband
klystron cavities significantly attenuate
complementary out-of-channel products prior to the
final drift space and cavity where most of the PA non-
linearity occurs. The major out-of-channel products
that exceed the spectral mask lie at -4.5 MHz, -3.58
MHz and +9.0 MHz relative to visual carrier. A series
of notch filters must be added to meet the spectral
mask. A possible alternative is to retune the existing
notch diplexer and add only the additional —3.58 MHz
notch as shown in figure 2.
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Figure 2 is a block diagram of the proposed transmitter conversion
DTV side. average power of the DTV signal. The DTV signal

A new DTV exciter/modulator is introduced to drive
the former aural klystron in DTV service. The
exciter/modulator includes an ATSC compliant 8-VSB
DTV IF modulator. The DTV IF signal is applied to
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passing through the non-linearity of the klystron
generates intermodulation products similar to those
described in the common amplification case. The
spectral shape of the DTV signal is very different




from the NTSC in that a data randomizing function
disperses the spectral energy about equally across the
channel. The DTV spectrum looks like bandlimited
noise on a spectrum analyzer. The flat noise-like
signal generates broadband intermod products that fall
off gradually from channel edge into the adjacent
channels; these intermod products are also called
spectral regrowth. In-channel intermod products are
generated as well which are not noticeable on a
spectrum analyzer display. As in the NTSC common
amplification case, the in-channel intermod products
can be nearly cancelled by products generated in the
IF pre-distortion circuits. Again, out-of-channel
products cannot be complemented well by the IF
correctors due to klystron bandwidth limitations. The
broadband nature of the intermod products dictates the
use of a bandpass filter which must be added to meet
the spectral mask requirements.

DTV MEASUREMENTS

Tests were conducted to investigate the DTV
performance of a klystron biased at various beam
power levels and tuning conditions. A Varian (CPI)
model VKP-7553S housed in an RCA TTU-110B
transmitter operating on channel 25 was made
available for one night of testing. To save time in
tuning for 6 MHz bandwidth, and to avoid having to
substantially retune for aural service before sign-on,
the test series employed one of the visual tubes.

This transmitter employs three integral cavity
klystrons, two in visual service and one in aural
service. An ITS-20A exciter with separate S0W
amplifiers for each tube comprises the visual drive
system. The exciter output directly drives the aural
tube. ABS low voltage pulsers are in use to improve
energy efficiency. A variable coupler [11] is fitted on
each visual tube output and a fixed impedance
transformer is fitted on the aural tube output.

Some initial parameters include:
23.5 kV beam voltage
3.2 A beam current (pulser operating), 4.5 A
(pulser disabled) for each visual tube.
1.4 A aural beam current.
98 kW visual TPO, 6.3 kW aural TPO.

An 8-VSB DTV signal was applied to the IF
processing circuits in place of the analog NTSC
signal. The improved incidental phase predistortion
circuit was fitted in place of the original ICPM

corrector. The visual 1 tube output was patched to a
water-cooled load which serves as a calorimeter for
average power measurement. Beam power was
disconnected from the visual 2 and aural klystrons
during visual 1 testing. The visual 1 beam current was
adjusted by changing taps on the mod-anode bias
string. A variety of tuning patterns [12,13], beam
current and predistortion settings were tested
according to the following process:

1. Adjust beam current to the new setting.

2. Tune the cavities to the desired response using a
network analyzer. Record gain change.

3. Increase drive power and adjust predistortion for
maximum power with less than —-35 dB spectral
regrowth (Intermod) at channel edge.

4. Measure output power with the calorimeter.

5. Measure digital signal to noise ratio (SNR) using a
vector signal analyzer (VSA).

MEASURED RESULTS

Test number 1 2 3 4 5
Beam current (A) 45 26 15 15 26
Tuning pattern S S S H* H*
Output power (W) 8400 5500 1600 1600 5500
Relative gain (dB) REF -8  -17 -10 +1
SNR (dB) 33.7 319 29.5 322 322

(*) Note- could not quite make —~35 dB spectral
regrowth in H-mode.

DISCUSSION

The S-mode tuning pattern produced less spectral
regrowth but the H-mode pattern seemed to have an
edge on overall digital SNR. SNR is a measure of
total digital “noise” including effects of both linear
and non-linear distortions, phase and amplitude noise.
As a comparison, the DTV modulator measures 38.5
dB SNR with about ~55 dB spectral regrowth. The
50W drive amplifier uncorrected spectral regrowth
worst case was —40 dB for test #3 where it was
running at 110% of peak rated power. It s likely that
adjustment of the variable output coupler would have
facilitated an increased output power capability at the
lower beam currents. Time constraints limited the
number of parameters that could be examined in this
test. The variable coupler performs an impedance
matching function between the output cavity and the
50 ohm output line. When the beam current is
reduced, the beam impedance is increased. Hence, a
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different output coupler setting is required for optimal
power transfer to the output line. This same function
is available by adjustment of the output coupling loop
in external cavity klystron systems.

CONCLUSION

The operation at 5500 W average power with 2.6 A
beam current in this example is —12.5 dB from the
present 98 kW peak visual power and is within
original transmitter ratings of the beam supply and
cooling system. The out of band spectral regrowth
can be attenuated sufficiently to meet the DTV
spectral mask with available bandpass filters (for the
S-mode tuning case). The digital SNR achieved is
similar to new high power DTV transmitter offerings.
The increased power consumption cost needs to be
weighed against the initial cost of a new transmitter
that would be more energy efficient. In this example
the transmitter was already rather efficient with
aggressive pulser operation. The conversion would
increase total energy consumption by 49%. If the
starting point is a transmitter that is not equipped with
operating pulsers, the overall increase in energy
consumption is only about 12%. This conversion
appears to be feasible as a method to achieve the
desired DTV coverage with minimal initial hardware
cost.
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The 8-VSB DTV Performance that can be expected from Klystron Amplifier Systems used in
existing Analog U.H.F. TV Transmitters
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EEV Limited, Chelmsford, England.

ABSTRACT

This paper describes an investigation into the perfor-
mance of a w.h.f. TV klystron when amplifying 8-VSB
modulated digital signals. Both theoretical and experi-
mental results are presented. It is shown that a klystron
can transmit digital signals successfully but only at very
low efficiency — approximately one quarter of the
efficiency of an EEV Inductive Output Tube.

INTRODUCTION

During the last six years the Inductive Output Tube
(10T) has become established worldwide as the final
amplifier for new high power u.h.f. TV transmitters.
However, many u.h.f. TV broadcasters in the USA
continue to transmit NTSC programmes with an analog
signal produced by an older transmitter fitted with high
power klystrons as the final amplifiers. U.H.F. TV
klystrons have high gain and are rugged, reliable devices.
They have been used routinely in this application for
over 30 years. During this period there have been a
number of improvements both in the design of the tube
itself and in its mode of operation. These have resulted in
enhanced performance and much improved operational
efficiency when amplifying analog TV signals.

The advent of digital terrestrial television in the USA is
approaching rapidly. Consequently, it is a topic of
immediate interest to the operators of these existing
klystron powered transmitters to know the perfor-
mance which might be expected from a klystron used to
amplify an 8-VSB digital signal. This is particularly
important since one of the recurring demands on the
transmitter operator is to have high transmitter
operational efficiency and hence low operational costs.

This paper presents the results of computational and
experimental work aimed at establishing the true
position with respect to operating costs. It then
discusses the impact of these results upon the options
available to the operator of a klystron powered
transmitter during the transition to the digital regime.

TRANSFER CHARACTERISTICS

The amplitude modulation to amplitude modulation
(a.m.-a.m.) and amplitude modulation to phase mod-
ulation (a.m.-p.m.) transfer characteristics of an
amplifier are, respectively, the change in output power
and the change in phase of the output signal as a
function of the change in input power. The linearity of
these characteristics has a major influence on the
performance of any device amplifying analog or digital
TV signals. The amount of pre-correction which the
transmitter manufacturer needs to supply is directly
affected by the non-linearity of the transfer character-
istics of the amplifier.

The 10T has excellent characteristics, both a.m.-a.m.
and a.m.-p.m. The central portion of its a.m.-a.m.
characteristic is very linear but some non-linearity
occurs in both the low power and high power regions.
Nevertheless, its performance is so good that the vast
majority of EEV IOTs installed in analog TV trans-
mitters are operated in common amplifier mode, in
which a single tube is used to amplify both visual and
aural signals.

In contrast to that of the IOT, the a.m.-a.m. transfer
characteristic of a klystron is very linear at the lower
power levels but exhibits a marked saturation at the
high output power levels. It is reasonable to represent
the a.m.—a.m. conversion by a graph of the square root
of the output power against the square root of the input
power. To a good approximation, this is a sine curve.
This is shown in Figure 1, where both the output and
input powers have been normalised to 100% at the
saturation point. Such a representation can be used
readily to predict the basic performance of a klystron
when amplifying digital signals. In particular, estimates
can be made of the peak-to-average ratio of the output
signal as a function of the peak-to-average ratio of the
input signal and the average digital output power.
Table 1 shows calculated values for the output signal
for a range of input signal power levels, for two values
of peak-to-average ratio on the input signal. Also listed
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Input Signal Qutput Signal
Peak Power | Average Power Ratio (dB) Peak Power | Average Power Ratio (dB) Clipping
(%) (%) (%) (%) )
100 20 7 41.7 3.8 3.2
90 18 7 99.4 38.2 4.2 2.8
80 16 7 97.3 34.5 4.5 2.5
70 14 7 93.6 30.7 438 2.2
60 12 7 88.0 26.8 5.2 1.8
50 10 7 80.3 227 5.5 1.5
40 8 7 70.2 18.5 5.8 1.2
30 6 7 57.5 14.1 6.1 0.9
20 4 7 41.7 9.5 6.4 0.6
10 2 7 22.7 49 6.7 0.3
100 12.6 9 28.0 5.5 3.5
90 11.3 9 99.4 254 5.9 3.1
80 10.1 9 97.3 229 6.3 2.7
70 8.8 9 93.6 20.2 6.7 23
60 7.6 9 88.0 17.6 7.0 2.0
50 6.3 9 80.3 14.8 7.3 1.7
40 5.0 9 70.2 11.8 7.7 1.3
30 3.8 9 57.5 9.1 8.0 1.0
20 25 9 41.7 6.0 8.4 0.6
10 1.3 9 22.7 3.2 8.5 0.5

Table 1. Calculated power characteristics for input signals having peak to average ratios of 7dB and 9dB.

is the degree of clipping which is occurring - that is the
difference between the peak-to-average ratio on the
output and input signals.

It is worth noting that the maximum peak digital
output power obtainable is the saturated output power
of the tube. Thus for any particular value of peak-to-
average ratio on the output signal there is a maximum
value for the average digital output power at which the
tube can be operated. For example, for a 6 dB ratio the
maximum value is 25% and for a 7 dB ratio it is 20%.
Alternatively, for any particular average digital output
power, there is a maximum peak-to-average ratio which
can be obtained. Corresponding values of these
parameters — which define a limiting curve — are given
in Table 2. This limiting curve is applicable to all
amplifying devices, not simply klystrons. Figure 2
shows a plot of the limiting curve and also plots of
predicted output power peak-to-average ratios as a
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function of the average digital output power for three
values of input signal peak-to-average ratios: 6 dB, 8
dB and 10 dB. For each of these three cases a
truncation point has been defined, being that point at
which the output peak power level has reached the
same value as the saturated output power.

COMPUTER SIMULATIONS

A number of simulation tools have been developed for
evaluating the performance of devices processing
digital signals. One of these - the Alta Group’s Signal
Processing Work System employing library routines
developed by the GEC-Marconi research department —
has been used for the simulation of the performance of
an IOT when amplifying 8-VSB digital signals!"). With
small modifications this model has been used together
with a representation of klystron non-linearities to
assess the symbol error rate (SER) performance of the
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tube when amplifying an 8-VSB DTV signal. Briefly,
the model provided 8-VSB signal generation, klystron
transfer characteristics and received data detection
functions (see Figure 3).

Average Output Maximum Peak to Average
Power (%) Ratio (dB)
50.1 3
39.8 4
31.6 5
25.1 6
20.0 7
15.8 8
12.6 9
10.0 10
7.9 11
6.3 12

Table 2. The Limiting Curve

The data source is generated as a random eight level
pulse amplitude modulation, followed by Nyquist pulse
shaping (root raised cosine). This is passed to a single
sideband modulator using a Hilbert transformer
(digitally implemented) having a transition band set
to simulate the VSB modulator.

The Klystron transfer characteristics used were mod-
elled as a look-up table providing both amplitude and
phase non-linearity information. The information was
derived from a.m.-a.m. and a.m.—p.m. measurements
taken on a high power wideband u.h.f. K3672BCD
klystron, shown in Figure 4. The model can be
extended to include variations in non-linearity across
the signal bandwidth if necessary but for this simula-
tion only a single pair of a.m.—a.m. and a.m.—p.m.
characteristics were analysed.

A Fast Fourier Transform (FFT) analysis of the output
data stream is sufficient to provide an evaluation of
intermodulation noise. However, to establish the
receive error rate performance due to transmitter
non-linearity, a receiver noise source is added, together
with an IF filter, root raised cosine filter and a SER
measuring facility. No simulation of error correction
coding was included in this computation. Results are
shown in Figures 5 and 6.

Figure 5 illustrates the variation of computed SER as a
function of the ratio of energy per symbol to noise
spectral density. The reference curve gives the results
obtained from the model without including the
simulation of the klystron characteristics. The addi-
tional three curves are for different signal levels,
corresponding to average digital output powers of
40%, 19% and 10% of the saturated output power.
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The effects of the non-linearities of the klystron are
clearly seen as an increase in the SER, especially at the
higher values of Eg/N,. The characteristic tails due to
the non-linearities are evident and the simulation
predicted irreducible SERs of 1.7 x 1072, 1.0 x 1073
and 4.6 x 10 > for each of the loading levels analysed.
The predicted peak-to-average ratios on the output
signal were 4.2 dB, 6.3 dB and 6.9 dB, whereas that on
the input signal was 7.9 dB. These values are in
excellent agreement with those predicted from the
sinusoidal square root transfer characteristics given in
the previous section.

The results shown in Figure 5 were obtained by
including both amplitude and phase non-linearities in
the simulation model. A further investigation was made
to establish the effect of phase non-linearities alone on
tube performance. A digital signal corresponding to the
low average output power level of 10% of saturated
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output was used so that the effect of amplitude non-
linearities was low. Three different levels of phase
distortion were assumed - zero, the characteristic
shown in Figure 4 and phase distortion twice that
shown in Figure 4. The results of the simulation are
shown in Figure 6. They predict that at this signal level,
amplitude non-linearity alone (the zero phase curve)
produces relatively little increase in the SER. However,
at the measured phase distortion level, an appreciable
increase in SER is observed and at twice that level the
increase in SER is large. These results emphasise the



impact of phase distortion on the digital performance of
a klystron and the importance of ensuring that appro-
priate pre-correction is available in the transmitter.

EXPERIMENTAL EVALUATION OF A
KLYSTRON

EEV high power wideband u.h.f. TV klystrons type
K3672BCD are installed in many terrestrial TV broad-
cast transmitters in the USA. The 8-VSB digital
performance of such a klystron has been investigated
using an experimental arrangement similar to that used
for the investigation of the performance of an IOT and
described elsewhere!>*). In measuring the klystron’s
performance, the 8-VSB signal was generated by a
Harris CDIl modulator and detected and analysed
using a Hewlett Packard HP89441A Vector Signal
Analyser. A Boonton 4500 Digital Sampling Power
Analyser was used to make peak-to-average power
ratio measurements. The klystron was operated at US
Channel 34 with a beam voltage of 25.8 kV and a beam
current of 5.6 A. The r.f. conversion efficiency at
saturation was 48%, giving a saturated output power
of 69 kW. The peak-to-average ratio of the 8-VSB
input signal was 7.45 dB.

Table 3 lists various parameters of the digital signal at
the output of the tube. Power levels are quoted as
percentages of the saturated output power and the
efficiency is the ratio of the average digital output
power to the klystron beam power. The measured
sidebands are also quoted.

DISCUSSION

The peak-to-average ratios predicted from the sinusoi-
dal square root transfer characteristic and those
measured are generally in good agreement, especially
at the lower digital average output power levels. This is
shown in Figure 7, where it is seen that the two curves
deviate as the output power is increased. Nevertheless,
a reasonable evaluation of the performance of a
klystron can be made from these results.

The operating efficiency of the klystron for digital
operation is obviously of crucial importance, as this is
the major parameter which determines transmitter
power consumption and hence transmitter operating
costs. If it is assumed that the peak-to-average ratio on
the output of the tube must be a minimum of 6 dB, then
the maximum average digital output power which can
be obtained is 25% of the klystron saturated output
power. Due to clipping arising from tube a.m.-a.m.
non-linearity this would require a peak-to-average ratio
on the input of the tube of about 9.5 dB. In the
experimental work described here, the peak-to-average
ratio on the input was 7.45 dB. This gave a 6 dB ratio
on the output at an average digital power level of
17.4%, corresponding to a tube operating efficiency of
8.3% and an average output power of 12 kW. Under
these conditions the sidebands were at —28 dB. The
beam power consumption was 144 kW which, at a fuel
price of 10c/kWh and a broadcast time of 8000 hours
per year, corresponds to an annual bill of $115k. Such a
large bill is because, although the peaks of a digital

Peak Power |Average Power | Peak/Average Efficiency Sidebands
(%) (%) Ratio (dB) (%) (dB)
92.5 31.3 4.7 15.1 23
84.9 26.5 5.1 12.8 25
76.4 21.2 5.6 10.2 27
68.7 17.4 6.0 8.4 28
66.1 16.2 6.1 7.8 29
64.9 15.1 6.3 7.3 30
61.7 14 6.4 6.7 32
46.7 9.8 6.8 4.7 34

43 8.9 6.8 43 34
34.5 6.7 7.1 3.2 35
16.8 3 7.4 1.4 34

Table 3. Klystron Digital Performance
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Figure 7. Klystron Digital Performance

signal are of short duration and present only infre-
quently, the beam power of the klystron must always be
present at a sufficiently high level to be able to amplify
those peaks - beam current pulsing as used in analog
TV transmitters is not an option. In contrast, the mode
of operation of an IOT is such that the beam power
present at any particular time is only that required to
amplify the instantaneous r.f. signal. Experiments on
IOTs have shown that in relation to the average digital
output signal, an efficiency without pre-correction of
somewhat over 40% can be obtained. In practice after
pre-correction the operating efficiency is lower. Even if
the operating efficiency is as low as 30%, the beam
power consumption is still only 40 kW. This corre-
sponds to an annual fuel bill saving of $83k compared
with using a klystron. Consequently, it is imperative
that the operator of a transmitter using klystrons as the
final amplifiers takes this factor into account when
considering the options available during the transition
period from analog to digital television. Two of the
options available are:

a) To purchase a new IOT equipped transmitter. This
will include an immediate capital outlay.

b) To transmit digital signals using the existing
transmitter. This will involve a significant but lower
capital outlay for digital equipment but has the
disadvantage of very much higher operating costs in
the future.
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The above analysis demonstrates that the ultimate
decision on the timing of the purchase of a new
transmitter by each broadcast operator should not be
driven by considerations of technical performance but
by the financial implications of a larger initial capital
outlay against a very substantial reduction in future
running costs. Individual financial circumstances must
guide this choice.

As there is no significant practical field experience of
the use of klystrons for transmitting 8-VSB signals, it is
recommended that broadcasters contemplating operat-
ing in this way should contact the transmitter and tube
manufacturers for advice before converting the trans-
mitter to digital operation.
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A Fresh New Look at 8VSB Peak to Average Ratios
and Practical N+1, N-1 Combining Systems

Robert J. Plonka, Principal Engineer
Harris Corporation, Broadcast Division
Quincy, lllinois

Abstract

This paper will revisit the 8VSB peak to average
ratio issue to get a better look at the signal
conditions that create the high signal peaks.
This is for reassessing the 6dB or 7dB planning
ratios as a means of estimating peak voltage
levels in transmitter PA’s, transmission lines,
tuned cavities and antenna feeder systems.
Actual waveform plots under typical transmitter
operating conditions causing various amounts
of compression will be examined. The effects of
bandpass filters, transmitter linearization and
broadband operation will be included, as well
as the influence of the peak to average ratios on
N+ 1 and N-1 combining systems.

Practical N+1 and N-1 adjacent channel
combing systems will also be discussed with
additional details on system equalization.
Included in this discussion, will be data showing
the results of single amplifier mode of
operation for active N+ 1 and N-1 combining.

Is the 8VSB Pk /Av Ratio 6dB or 7dB?

There has been a lot of industry discussion on
this issue with the result that both are being used
depending on how one looks at the problem.
And in doing so, there are several important
features to note.

1. The RMS value is constant.

2. Everything else about the signal is unknown.

Item 2 above says that due to the pseudo
random nature of the 8VSB signal, peak levels
can not be determined with any degree of
certainty. Demodulating 8VSB, of course, will
bring out the high quality aspects of the
baseband signal, but in terms of the transmitted
RF envelope, all that is known for sure is the
RMS value. The peaks can only be described on
a statistical basis. This presents a dilemma to
those who are planning a transmitter system
where a single valued Pk/Av number would be a
very convenient planning factor to allow
calculation of the correct voltage head room
necessary in major system components for safe
operation.

[Peak Power Cumulative Distribation Function (CDF) |
|FTc MEASURED DATA

Amount of Time Peak Envelope
l Power is Above Avera_ge Power
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"“uuuun”“u“”““”’,”““
[Peak / Average Power Ratio (dB) |

Ameuni of Time Pook Savalops Powes 6 Abeve Averge Power

Figure 1 8VSB Pv/Av dB vs % of Time
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Figure 1 shows the ATTC measured Pk/Av data
normalized to a cumulative distribution curve.
The dotted line indicates a typical operating
point where the Pk/Av ratio is about 6 dB or
less for 99.9% of the time, or for .1% of the
time, the peak envelope power is 6 dB or above
the average power.

This operating point, 6dB Pk/Av , has been used
at Harris as a simple guide line to estimate DTV
transmitter power. It is a guide line that has
been found to agree with modest levels of peak
compression resulting in a spectral spread level
that just meets the FCC -35 dB mask (41 dB
referenced to total RMS power). It also results
in operating the transmitter at a better efficiency
point. But, this is not the last word on this
subject , since others have used 7 dB Pk/Av.

The 7 dB Pk/Av guideline will call for about
26% more transmitter power if the average
power is intended to remain constant between
the two Pk/Av planning factors. This says the
Pk/Av ratio is a cost driven factor that requires
further analysis to understand all the parameters
necessary for proper systems design taking into
account, important costing.

From this point of view, it is time to take
another new look at the well used phrase, “peak
to average ratio “(Pk/Av ).

A Fresh New Look at 8VSB RF Envelope

HEER

L R B B

-

Figure 2. Ch33 exciter output voltage waveform
over 50 ohm load. H=.5us V=40mv
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The scope readings for Figure 2 were 30.7 mv
(rms) and 109 peak averaged for 5000 scope
sweeps to get a cumulative peak value. The
Pk/Av ratio is 20log(109/30.9) = 10.95 dB.
This is significantly above the 6 dB planning
ratio by about 5 dB.

Ch33 TX 8VSB OQOutput IMD =-37dB

Figure 3. |

RF sample from TX output.
H=.5us /div V=400 mv/div

In Figure 3, a sample from the transmitter
output, the rms voltage was 240 mv and the
peak voltage was 715 mv peak after cumulating
the peak value over 5000 scope sweeps. The
Pk/Av ratio is 20log(715/240) = 9.48 dB. Both
the exciter output and the transmitter output
have high Pk/Av ratios as seen above in the
voltage waveforms. This Pk/Av ratio, which
seems high, is the result of using a cumulated
peak voltage divided by an (rms) voltage. Is
this realistic, yes, because it is the peak voltage
that causes component breakdown in
transmitting equipment. But how does this
relate to the standard 6 dB Pk/Av ratio?

Power Meter Calibration is Important

There are several power meters available on the
market that measure peak power but what is not
explicitly stated is that these meters are
calibrated to read (rms) power. This is in line
with industry standards that call for power
measurements to be read as an (rms) value.



The peak power reading is also an (rms) value
measured during the peaks of the waveform, or
better stated, over the high points of the RF
envelope. This is shown in Figure 4.

Expanded view of 8VSB envelope
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Figure 4. RF envelope showing Peak voltage,
RMS Peak and RMS average.

A peak power meter will read the power in the
zone at the peak waveform as shown in Figure 4
(RMS PK). The average value will be read at
the (RMS AVE) level. The voltage peak at the
(PEAK) icon is the value used in this paper for
analysis, because it is the item that can cause a
voltage breakdown in high power transmitting
equipment and initiate a destructive arc. The
voltage peak analysis is also useful to determine
safe operating levels in transmission lines and
antenna feeders, particularly in the case when
two or more stations are combined together for
a common antenna feed. This will be discussed a
little later in this paper.

The voltage analysis was chosen because new
high speed sampling scopes are available that can
effectively capture the UHF RF envelope
accurately to display the true peak voltage.

From this, the peak or average power can be
easily calculated given the fact the waveform
presented on the scope display is taken over a 50
ohm load. The waveform voltage
measurements shown here are not intended to

start a new Pk/Av method but rather to show the
voltage extremities of the 8VSB are 3 dB higher
than the standard 6 dB Pk/Av power ratio for
planning purposes.

For example, the Pv/Av value calculated from
Figure 3 data was 9.48 dB voltage peak to
(rms). To convert this to a power ratio, simply
subtract 3 dB from the Pk/Av ratio. This is the
same as multiplying the peak voltage , 715 mv,
by .707 to get the peak (rms) value.

The formula is 20log(715)(.707)/240 = 6.47 dB
derived from voltage data from Figure 3 where
the 240 mv number is true (rms). For the
purist, working from power data, convert to
power by using the following. (Note: it
sometimes pays to go back to the basics.)

A) Let Px= ((715)(.707))*/50
B) Let P, = (240)*/50
C) Then Pk/Av = 10 log(P/P4) = 6.47 dB

This is the peak (rms) power over the true (rms)
power, the present way of looking at things.

The 6.47 dB number is not too far from the 6 dB
planning factor considering the IMD spectral
spread was -37 dB for this data instead of -35
(FCC) which will slightly increase the Pk/Av
ratio, so the 6.47 number compared to the 6 dB
planning factor is reasonable. Also from
previous measurements, the Pk/Av ratio can vary
from 6 to 7 dB depending on the transmitter
setup and the degree of linearization. Itisa
reasonably accurate statement to say, use 6 dB
for purchasing a transmitter and then linearize it
to 7 dB for operation.

Cumulative Distribution Function ?
The original ATTC cumulative distribution curve
was a way of trying to relate the occurrence of

peak power to average power as a function of
time. This has some virtues but I believe a
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transmitter does not know what a cumulative
distribution function is and it probably does not
care. The transmitter instead, will compress the
high signal levels and alter the cumulative
distribution curve as seen at the output. It is
the purpose of this analysis to use the best
available techniques to capture the occasional
peaks of the 8VSB signal before and after
compression to determine safe operation.

The RF envelope waveforms displayed in
Figures 2, 3 and 4 were taken from a 4 GHz
sampling scope . One of the important features
of the sampling scope method is the availability
of statistical data on the waveform at the time of
measurement. This includes the true (rms) and
maximum peak voltage that is a running sum of
peak values over a selected period of time. This
provides a running account of any peaks
exceeding the previous peak values and is very
effective to capture and store the pseudo random
peaks of 8VSB as a function of time.

What has been observed so far in testing is that
the 8 VSB voltage peaks are limited by the
transmitter as noted earlier where the exciter
output had a Pk/Av (voltage) of 10.95 dB while
transmitter output was 9.48 dB. This shows
some soft clipping occurred The point here is,
the alarmingly high exciter output peaks were
safely clipped in the transmitter PA and in most
cases, the PA will serve as a limiting device to
protect down stream components from high
voltage levels. Of course, this leads to the
concern about voltage breakdown in the PA
amplifying devices. Surprisingly, no real
damage, over many months of testing, can be
directly attributed to the high 8VSB peak as
noted here. This may seem to be in conflict with
earlier statements herein , particularly when 3 dB
may be added to the standard power Pk/Av ratio
to size up the potential voltage levels.

This should not be alarming since the NTSC
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waveform has a typical 4.5 to 5 dB Pk/Av
power ratio or 7.5 to 8 dB voltage ratio.. This
will vary according to picture content. The key
observation here is that current transmitters are
already dealing with wide ranging peak to
average ratios. An important point to note is the
upper extremity of the waveform, sync tip in the
case of NTSC, is also limited and the Pk/Av
ratio is actually ranging down ward from a fixed
upper bound. This also applies to 8VSB as
show in Figure 5.

[ PA LIMITING LEVEL |}

NTSC

Figure 5. Illustrates Pk/Av ranges downward
from a fixed upper level.

Noting the PA limiting level in Figure, the Pk/Av
ratio is fixed at one end, the high side, and the
average level varies below it. This limiting
action makes the system safe for operation by
holding occasional high peaks, as forecast by the
cumulative distribution curve, to safe normal
levels. The output, however, should add the 3
dB to the output Pk/Av power ratio to estimate
downstream voltage requirements.

What is the Pk/Av for two combined DTV’s

This is a very interesting case since two pseudo
random signals will be combined together
resulting in a signal whose likelihood of
summing up two maximum peak voltages will be
the product of the probability occurrence of the



maximum voltage on each signal. This should be
very small . The question is, how small? This
item is under study and in lieu of an in depth
statistical analysis, actual measurements were
made to get an idea as to the magnitude of the
problem. Shown below is the sum of two DTV
signals each compressed to -35 dB for analysis.
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“Figure 6. Ch29 8VSB Signal

i | |

Figure 8. Combined sum of Ch29 and Ch 33.
Simulating output of two transmitters
The sampling scope gain for Figures 6, 7 and 8
was held constant to get an idea how the peak
amplitudes added up. It is tempting to simply
add up the vertical scale values to get the peak
amplitude, however, this is not a meaningful
thing to do because the signals are not
synchronous. The time capture of one signal is
not at the same point for the other signal and
probably never will be because they are random.

Hence, the reason behind the opening comment
in this paper stating nothing is known for sure
about the RF 8VSB signal except its (rms) value.

Scope statistical readings are necessary to get
the peak summed amplitude.

Figure 6.  Vp=.78 volts cumulated peak.
Vrms = .296 volts

Pk/Av = 9.45 dB voltage
Figure 7. Vp=.869 volts cumulated peak
Vrms = .292 volts

Pk/Av = 9.48 dB voltage
Figure 8. Vp =1.462 volts cumulated peak
Vrms = .418 volts

Pk/Av =10.88 dB

Note: The above data is based on standard
transmitter output compression -35 dB.

The results are surprising because the summed
Pk/Av ratio increased only 1.42 dB rather than

6 dB for summing up the maximum peaks. The
scope readings were taken after 5000 samples.
The 8VSB signals were nearly equal in
amplitude by noting the Vrms values above. The
Pk/Av ratio were also very similar. The signals
were summed through a well isolated hybrid so
the conclusion here is that the peak sum of two
8VSB signals is noticeably less then anticipated.

This is good news for antenna systems, but as a
check, the test was repeated several times using
adjacent DTV channels and N-2 channel spacing
with about the same results, give or take a few
tenths of dBs. Only the beat pattern changed as
expected. In addition to the channel spacing
parameter, the test was run over night (12hrs)
with the same result. More time will be
necessary for further testing to determine if there
is a long time function here that still might add
up the peaks, on a statistical basis which will
more than likely be in units of tens of years.
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Passive and Active Combining Systems
for N+1 and N-1 Assignments.

A classical approach to combing is shown below
in Figure 9. This is a constant impedance
combining system intended for N-1 assignment.

| LOWER ADJACENT DTV AND NTSC CHANNEL COMBINER |

(constant impedance channel combiner)
T
DTV
+
NTSC
NTSC BPF FILTER| -t
NDPLX | DTV BPF |

EQUA EQUAUZE DTV
XMTR
RESPONS RESPONSE

Figure 9. N-1 Combining System

NTSC BPF FILTER|

The item to take note of is the requirement for
transmitter response equalization on both the
NTSC and DTV side of the combiner. This can
be substantial due to the sharp tuned filters for
the NTSC bandpass filter.

ez ~—f=

Figure 10. N-1 DTV Spectrum Below NTSC.
The arrow pointing to the dotted line in Figure
10 shows the amount of NTSC lower sideband
cutting. Also shown is the desirable suppression
of the NTSC reinserted lower sideband.
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About 150 to 250 kHz of the lower NTSC
sideband is cut away to allow more room to
combine in the DTV signal. The result of this
sharp tuning and sideband cutting on the NTSC
and DTV paths is shown below in Figures 11,12.
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Figure 11. Measured Amplitude and Group
Delay Response Through NTSC
Path of 60 Kw N-1 Combiner.
Plot scale, 50ns/div, 1 dB/div

The DTV response characteristics are shown
below in Figure 12.
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Figure 12. Measured Amplitude and Group
Delay Through DTV path, of
60 Kw N-1 combiner.
Plot scale, 50 ns/div, 1 dB/div



The NTSC equalization task for the N-1
combiner can be readily see by looking at the
composite VIT signal shown below in Figure 13.
The significant 2T pulse distortion is the result
of over 240 ns of group delay curvature through
the NTSC lower sideband and carrier regions.

Wits  JIRE:FLT ] EQ OFF
154.4 -
1.0

180.0 [_—‘

so.aﬁ

8.5

-4

o,

-56.8 - L84

 RRAAA RARRREALD Ra T -
8.0 5.8 10.8 15.0 20.0 3.8 0.
MicroSeconds

Figure 13. NTSC Composite signal showing 2T,
12.5 T pulse distortion N-1 combiner
Equalizer off.

Figure 14 below shows the result of using a 6
pole active group delay equalizer at IF to correct
the NTSC output to excellent performance. The
same equalizer can be used on the DTV side.

Wits  JREFLT EQ On
150.4

1.0 ]

1 100.0

0.5

——t-p 0.0
L 1

-58.8 - L84

MAAALALS RARARLS Y TTYrrYTY

i AAARAAL LI ARARARE S| rrr T T

8.0 5.0 10.0 15.9 28.0 25.0 8.
MicroSeconds

Figure 14. NTSC composite VIT signal at
output of N-1 combiner.
Equalizer on.

The N+1 combining requirement is a particularly
challenging situation because of the very close
frequency spacing between the NTSC aural
carrier and the DTV pilot. The aural carrier is
only .25 kHz below the upper channel edge and
the DTV pilot is .308 above the lower channel
edge. There is just not enough room to use
tuned cavities for a reactive combining system.

However, certain antenna configurations will
allow broadband combining of very close spaced
channels., i.e., the N+1 assignment. This
requirement can be done in a dual fed batwing
antenna as shown below in Figure 15.

BROADBAND N+1 COMBINING SYSTEM

NTSC TX COVBEINED
A+ V —» NTSC
+
orv
orv
™ >
90 DEG
HYBRID

Figure 15. Broadband Batwing antenna

The batwing turnstile characteristics requires a
dual line feed system with a 90 degree phase
shift but this can be easily achieved by using a
broadband quadrature hybrid.

The system consists of feeding diplexed NTSC
aural and visual signals into one port of the
hybrid as shown above in Figure 15 and feeding
the DTV signal into the other port. This works
basically on the combining and isolation of the
hybrid and the isolated, independent feeds to the
antenna. The antenna does the final combining
on a broadband basis.
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Figure 16 provides a functional view of the
batwing antenna system.

NS WINGS

SUM OF PATTERNS

il
OMN!
PATTERN 7 TURNSTILE
S PRINCIPAL

Figure 16. Batwing functional concepts.

The batwing antenna consists of two sets of
independent dipole arrays to provide the figure
eight patterns shown above. The dipole arrays
are mounted at right angles to each other to
position the pattern of the E/W array in the null
portion of the N/S array . This provides the
isolation for combining signals applied to the
overall antenna. A 90 degree phase shift,
provided by the hybrid causes the two figure
eight patterns to form an omni pattern.

N+1 COMBINING SYSTEM LOCAL FM
STATIONS
-\_ — L BT M"_..__,A‘
-
—_— -
Laghtey
-3 l NTSC DTV
- N L
e B
- L ]
Owder 08 M Opar: 39 MR

RECEIVED OFF AIR ADJACENT NTSC AND DTV SIGNALS

Figure 17. Measured Results of Combining
NTSC and N+1 DTV radiated
from a VHF batwing antenna.
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Active Combining Using a Single PA

|SINGLE PA ACTIVE COMBINING FOR N+1 AND N-1 |

{ LOW LEVEL COMBINING )
NTSC

NTSC

+
otV

oV POWER AMPLIFIER

10T FOR THE DATA
SHOWN HERE

Figure 18. Active combining System

A very simple approach to combining either
N+1 or N-1 assignments is to low level combine
NTSC and DTV signals together first before
applying the composite signal to the PA, as
shown above in Figure 18.

This method is simple enough, however, there
are a number of artifacts. To begin this analysis,
see Figure 19 for a spectrum view of an IOT
transmitter tuned for 12 MHz and amplifying
simultaneously NTSC and DTV .

Figure 19. IOT Transmitter Output Spectrum
Amplifying NTSC shown on left
and DTV shown on right.

The NTSC performance in this combined mode

is shown next in Figure 20.



Figure 20. IOT output, tuned for 12 Mhz
with DTV off to see NTSC
performance with 10% aural on.

The peak of sync of power was about one half of
the normal NTSC power, with 10% aural, of
that for a 6Mhz tuned IOT transmitter. The
performance was quite acceptable as shown
above in Figure 20.

One of the surprising artifacts that came out
under testing when the DTV signal was added to
the NTSC aural and visual signal, was the
significant increase in video noise. To observe
this, the following waveforms were used.

Figure 21. 10T output aural on, DTV off.

Figure 21 shows a good clean signal where the
detected video S/N was -56.2 dB.

When the DTV signal was added in at 6% NTSC
sync power the noise dramatically came up. See
Figure 22 below.

Figure 22. IOT output 10% aural on and 6%
DTV on, detected video
S/N= -31.5dB.

The video noise appears to be the result of the
DTV signal mixing with the aural signal and
wrapping around it to put the unwanted IMD
spectrum into the visual signal. This appears to
be a very sensitive mechanism since a variation
of different aural, visual and DTV power ratios
were tested in an attempt to find a “sweet spot”.
Only about 6 dB improvement could be obtained
on the above video S/N ratios by reducing the
aural or DTV power about 3 dB.

The N+1 active mode of combining produced a
new birdie at .56 Mhz in the visual path due to
the aural mixing with the DTV pilot. The low
side N-1 was a bit better but it produced an
increased level of out of band products below
the DTV channel

In either case, active combining will require a
significant amount of output filtering to
attenuate out of band products below the FCC
mask for components 6 Mhz above or below the
band.

Broadband Solid State Combining for N+2
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The following is shown here as an experiment to
see the effects on two DTV signals, N+2
spacing, amplified together in a single amplifier
whose characteristics closely follow the non-
linearity of a high power solid state PA

3 nov By

Figure 23. Channel 67 output set for
power level that produced
IMD levels at -40 dB.
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Figure 24. Channel 69 output set
to power that produced
IMD level at -40 dB.
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Figure 25 Output spectrum of two
active combined DTV
signals showing -35 IMD.
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The key item in this experiment was to get an
idea of power levels to determine the practicality
of this approach. To do this, a single carrier was
increased in power to reach the FCC spectral
spread limit of -35, without linearization, then
noting its power level, add in the second DTV
signal and adjust the aggregate level until the
FCC IMD level is again -35 dB on each carrier.
The individual power can then be measured in
the dual operation mode and compared to the
power level in the single mode.  This was about
-3.5 dB while the total power remained the
same. This says the individual carrier power
level, in the combined mode, will be about 45%
of that in the single amplified mode. This is an
interesting result for high power, broadband,
solid state PA’s to further investigate. This mode
of active combining has some practical aspects,
while noting that special output filtering will be
required to remove the unwanted spectrum
components.

Conclusions

1. The voltage waveform of an 8V SB signal
shows a higher peak/average ratio than a
cumulative distribution curve.

2. The higher voltage peaks are simply
compressed in the PA without serious effects
except for out of band spectral components
which must be limited to fit under the FCC
spectral mask (-35dB).

3. Active combining of N+1 and N-1 systems
causes a significant increase in video noise.

4. The sum of two equal level DTV signals will
double the average value and increase the
peaks about 1.5 dB while still holding the
possibility the maximum peak could reach 6
dB.



Understanding & Testing the 8VSB Signal
Linc Reed-Nickerson
Product Development Manager
Tektronix, Inc., Beaverton, Oregon

Abstract

This paper looks at the 8VSB signal in detail.
Starting with the interface to the exciter. We
look at data randomizing, Reed-Solomon
Coding, Convolutional encoding, Trellis
encoding and Viterbi Decoding. Each scheme is
described in a simplified matter so the audience
will have an understanding how each works.
We then explore why a pilot signal is used, and
how segment sync and the training sequences
add to the robustness of the signal. Spectrum
compatibility with System M NTSC is discussed
as well as why closed loop correction is required
in a transmitter. In conclusion the paper will
address the 8VSB measurements required to

Introduction

When you've attended the National Association
of Broadcasters Convention over the last decade
you’ve watched the interest in HDTV peak and
wane. You've seen technology changes and
name changes, the adoption of a standard and
now the mad rush by broadcasters and vendors
alike to meet the FCC deadlines for the debut of
service.

This year many attending the convention are
here to make decisions about equipment and to
learn as much as we can from our peers,
vendors, and technical sessions to determine
how best to proceed across the chasm into the

assure optimum transmitter performance, how emerging technologies of DTV.
the measurements should be made, and what is
acceptable performance.
Synchronizer e
Y | |Reed-Solomon| | Data Trellis ||
Data Encoder Interieaver Encoder MuX
Randomizer
Segment Sync
Fleld Sync
Pilot || Pre-Equalizer vseB RF
insertion Filter Moduistor Upconverter
Reference Demod/
Correction Processor

Figure 1. Block Diagram of an 8VSB transmitter.

This paper addresses a single facet of the many
details we must concern ourselves with during
the transition to digital, the 8VSB transmitter.
At the time of this writing the United States,

Canada, Korea and Taiwan have adopted the
ATSC standard, and it is likely all of North and
South America will choose 8VSB. Australia is
seriously considering 8VSB, and there is interest
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in Asia as well. DVB-T, a transmission scheme
based on Coded Orthogonal Frequency Division
Multiplexing (COFDM) will likely be adopted
by all of Europe. COFDM is very complex,
using either 1705 carriers (known as “2k”), or
6817 carriers (known as “8k”). These carriers
are orthogonally spaced, each carrying a portion
of the data at a very low symbol rate.

As this paper is concerned only with the 8VSB
transmitter we will start at the signal input. The
digital signal fed to the exciter of an 8VSB
transmitter is referred to as the “Grand
Alliance” (bit) stream or DTV Transport Layer.
The Transport Layer contains MPEG-2 encoded
video, Dolby ™ AC3 audio and data. A bit rate
Of 19.39Mbit/Sec is used and the data is sent in
a stream of 188 byte data packets. Each packet
starts with a sync byte, followed by a byte packet
header (information about the packet), an
adaptation packet of varying length, and the
data payload. The packet length was chosen for
optimum coding performance in the exciter.

The Transport Layer may contain a single
HDTV channel, multiple standard definition
channels, and data. TV receivers will
automatically identify and decode the signal into
the appropriate formats.

Synchronization to the incoming data stream is
the first thing that takes place in the exciter.
This enables the exciter circuits to identify the
beginning and end of the 188 byte data packets.
At this point the sync byte, which is the first
byte in the data packet is discarded, to be
replaced by the 8VSB segment sync in the MUX
before being transmitted.

Following synchronization the signal, now 187
byes in length, is conditioned by Data
Randomizing. The purpose of data randomizing
is to guarantee a flat, noise-like spectrum. The
data randomizer assures that if the input stream
is lost, resulting in long streams of 1’s or 0’s, or
if a number of high power symbols occur in a
row the transmitter will not output a signal that
would cause interference into NTSC channels.
Data Randomizing is an FCC requirement. The
data randomizer uses a known pattern of
pseudo-random number generation to change

the byte values, the process being reversed in the
receiver. Data randomizing also provides for
optimum performance in the receiver recovery
loops.

After randomizing the data is sent to a Reed-
Solomon coder. Reed-Solomon coding is a
Forward Error Correction (FEC) scheme
operating as a byte-wise encoder. Irving S. Reed
and Gustave Solomon developed their original
coding scheme in 1960. Today Reed-Solomon
Coding is used in Compact Discs, Hard Drives,
Telephone modems and Digital transmission
systems.

At the Reed-Solomon encoder 20 parity bytes
are added to the 187 byte packet that will allow
the decoder to identify and correct errors. Reed-
Solomon coding works best for short “bursty”
errors that may be caused by noise, brief signal
fades or transmitter non-linearities. For the
8VSB signal the number of errors Reed-
Solomon coding can correct is 10 byte errors per
packet.

In terrestrial broadcasting it is probable that
bursts of noise will occur that are longer than
the Reed-Solomon decoding can handle will
occur. To protect the R-S coding the data is
interleaved, meaning bytes are no longer in
order consecutively. A very simple example of
interleaving is show in figure 2.

B3 b2 b1

€362 c1[B3 b2 bi[a3 a2 a
c3'b3 a3€2.b2 a2/c1 bi:ai
' |:Notss Burst |

Figure 2. A simplified data interleaver, the top
line is an example before interleaving, the
bottom line is shown after.

If all bytes are transmitted consecutively a noise
burst (the shaded are in figure 2) could be long
enough to obliterate all the “b” bytes, but with
the interleaved data only one “a”, one “b”, and
one “c” byte would be lost leaving enough data
for the decoder to reconstruct. This a very
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Figure 3. The 8VSB signal showing the segment sync, data, and levels.

simple example; the data for 8VSB is
interleaved to a depth of 52, which allows for
corrections to data that has been covered by a
193 ps noise burst.

Another form of Forward Error Correction is
called convolutional coding. In 8VSB Trellis
encoding is used in the transmitter. The
complimentary decoder in the receiver is a
Viterbi decoder. These convolutional coding
and decoding schemes are most effective in
handling white noise.

Trellis Coding has gain, which is expressed in
dB, but there is a trade off, the complexity of the
system. Each bit going into the coder, goes into
a shift register that produces 2 bits at the output.
There are a finite number of shift registers that
produce a finite number of input/cutput
combinations. In 8VSB, out of the 8 possible
states in one interval, only 4 will be valid.
Which 4 points are valid is dependant on the
previous intervals. If the valid state changes
are diagramed, the results resemble a garden
trellis, hence the name Trellis Encoding or
“Trellis Coded Modulation.”

" 16VSB which was proposed for Cable
Television broadcast differs from 8VSB by not
using convolutional coding. This allows for a

higher data rate (38.57 Mbps) but less
transmission robustness (28.3 dB for 16VSB vs.
15.8 dB for 8VSB)

The Viterbi decoder not only brings the data
back to the original state but is a powerful error
correction scheme. The simplest analogy would
be to compare a Viterbi decoder to an
accomplished musician listening to a piece of
music. It is likely the musician can detect a
“sour” note, and replace it with the correct one.
By looking at the data over time Viterbi
decoding can recognize an invalid transition and
will replace it with the most likely correct path
(state transition). A Viterbi decoder is called a
maximum likelihood decoder.

The encoded signal is mow sent to a Data
Multiplexer where the supplementary sync
signals are added to form the 8VSB bascband
signal. The supplementary signals aid in signal
acquisition, timing and level identification. The
8 in 8VSB indicates the 8 discreet levels, each
level having a symbol value. Every 828 symbols
two level binary data called Segment sync is
added. Segment sync is 6 data levels in
amplitude and 4 Symbols long, making each
8VSB Data Segment 832 symbols in length.
Segment Sync has a dual role, it replaces the
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Transmission Data Frame
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sync byte that was removed prior in the
synchronizer, bringing the data packet length
back to 188 bytes (828 symbols). The high
amplitude of segment sync provides robust sync
decoding in the presence of noise.

The 8VSB Data Segments are now assembled
into a Transmission Data Frame which is 616
segments (48.4 ms) in duration. At the
beginning of the Transmission Data frame, and
repeated after 312 Segments a Frame
Synchronizing segment is sent. The Frame
Sync segment carries the training reference
signals for the receiver equalizer. It consists of
the 4 byte segment sync, followed by 511
reference symbols which the receiver uses for
adjusting long equalizer taps, three sets of 63
reference symbols for short equalization, 24
symbols for VSB level ID, 82 reserved symbols
and 12 symbols that are repeated from the
previous segment.

Some similarity to NTSC is apparent when
looking at the 8VSB signal. The 8VSB secgment
sync, like the analog sync pulse, provides a high
level data pulse to help the receiver achieve
initial lock in the presence of noise or multipath.
The training sequences (PN511 and PN63) set
the taps in the receiver equalizing circuits to
deal with multipath and other signal aberrations,
and the Level ID provides a DC reference to
enable the decoder to determine the level for
each symbol.

Following the Data Multiplexer a DC offset is
added to the baseband signal; this constant offset
voltage generates the pilot signal in the
modulator. 8VSB is transmitted as a modified
single sideband surppressed carrier signal with
the pilot added. Unlike System M, where the
visual carrier is a very large part of the signal,
the pilot consumes only about 7% of the
transmitted power.

The baseband signal is then split and passed
through a root-raised cosine filter and converted
to an analog signal by a high-speed D/A
converters. The signals are then input to two
mixers, which are phase shifted by 90 degrees.
The output is a 44 MHz IF signal, upper
sideband only, with root-raised cosine response.
The signal is now ready to be up-converted to
the channel frequency and amplified in the final
stages of the transmitter.

DTV transmitters require a closed feedback
correction loop not often found in the analog
world. Analog transmitters were very forgiving
during times of antenna icing or transmission
line problems; typically output power was
reduced until the event was over with little or no
effect on coverage. With the DTV transmitter
closed loop pre-distortion is a requirement and
is being provided as part of the transmitter.
Analog closed loop correction was a feature of
the Tektronix 1440 which was used by some
stations with older transmitter to improve
remote control operation. Pre-distortion for the
DTV transmitter will be required to maintain
the desired operating parameters. A separate
method of verifying performance in the form of
a precision test set is highly recommended.

Operating Considerations

Now that there is an understanding of how the
signal is generated, lets look at the reason for
the pilot, segment sync, and the training
sequence. The receiver looks for the pilot to
phase lock to the incoming signal. Once phase
lock is achieved the decoder looks for segment
sync to achieve an initial data lock. Even a
fairly impaired signal can be phase locked and
segment sync located. Now the decoder looks
for the training sequence.  The training
sequence provides the information to the
decoder that it will use to set the equalizer taps
in the receiver to achieve flatness in the
incoming signal. At this point the signal has
been condition to a state that allows it to be
decoded back into the 19.3 MHz DTV Transport
Layer. The pilot and sync signals not only help
the receiver lock initially, but will aid in
maintaining lock should a disturbance occur,
such as a log burst of impulse noise or airplane
flutter. In many cases the signal may only lose
data lock, but keep pilot and sync lock that aid
in quick recovery.

Unlike analog signals that degrade gracefully,
digital signals are subject to the “Cliff Effect.”
An analog signal will often remain viewable
even while severely degraded, a DTV signal has
two states, a near perfect picture or nothing.

Viewers who have been tolerating marginal
picture quality because of poor antennas, low
signal, or noisy reception may find they don’t
receive a digital picture at all. Those viewers
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living in the Grade B contour and fringe areas
may find they have picture one day and no
picture at all the next. It will be important to
educate the viewer on what must be done to
have satisfactory reception. Bob Plonka of
Harris has recently published a paper on
circularly polarized transmitting antennas for
DTV. Circular polarization may make a
significant difference in DTV reception for those
using Rabbit ears and unipoles. Further work is
being done to improve receiver performance;
Nikhil Deshpande of Tektronix has suggested
that equalization techniques can be improved in
the receiver that could significantly improve
performance in the presence of multipath.

With an analog transmitter a number of faults
could be tolerated with the very little effect
visible by the viewer, even when the fault was
fairly severe. With DTV, a transmitter that is
experiencing a linearity problem, for instance,
could mean the loss of a significant number
viewers in the Grade B coverage area, and those
closer in that have marginal receiving
conditions.

Transmitter Monitoring

It will be very import to continuously monitor a
DTV transmitter with a measurement set
capable of providing an alarm when there is
signal degradation. The only FCC requirement
for DTV that we don’t interfere with other
stations or other services. Out-of-Band emission
testing is required to be certain there is no
leakage into adjacent channels.

While we still measure the signal-to-noise ration
with DTV we look at it in a slightly different
way. We measure the “Desired to Undesired”
signal ratio. Desired is, of course, the signal of
interest, the pure output of your transmitter.
Undesired is any other signal or noise
component that does not belong there.

Flat frequency response across 6Mhz has
required that we “broadband” an analog
transmitter. Just like analog, the first step in
setting up a DTV transmitter is tune for flat
frequency response and group delay, and no
leakage into adjacent channels. With an analog
transmitter the effects of group delay usually
resulted in Chroma/Luma delay, which if
serious could degrade the picture, but the picture
would remain be viewable. Group Delay
inequity in a DTV transmitter will result in
intersymbol interference (ISI). ISI will cause

the Bit Error Rate to rise, and many TV sets
may drop in and out of lock. Even low levels of
ISI may cause TV sets that were operating near
the edge of the cliff to lose picture completely.
Amplitude and phase nonlinearity can cause
similar problems, and the worse they become
the more viewers are lost.

Eye Patterns and Bit Error Rate have become
buzz phrases with digital signals, but they may
not be the best way to monitor. These
measurements don’t provide the best
information about system health. What is
needed is data about signal degradation early
enough so that correction can be made before
viewers are lost.. Observing the Constellation
Diagram and making Modulation Error Ratio
measurecments will provide early detection of
system problems. A rise in BER means you are
already transmitting a flawed signal. A
Constellation of nice tight vertical dot patterns
with no slanting or bending indicates proper
operation. You can learn to interpolate the
constellation and a glance, and a change in
transmitter health will be quite obvious.

If you continuously monitor the Modulation
Error Ratio you will see indication of degraded
performance before BER is excessively affected.
In most cases you will have time to correct a
problem before it turns into lost viewers. A
good 8VSB measurement set will allow you to
continually monitor your transmitter and alarm
on both cautionary limits and outright failure,
DTV brings both opportunity and a new set of
problems. Opportunity in the ability transmit
HDTV pictures, multiple standard definition
images, and data services. Picture and sound
quality are better than the viewer has had with
analog NTSC. In order to sell the viewer on
DTV/HDTV the stimulus to the eye and ear are
of equal important.

If DTV is to succeed it is paramount that the
broadcaster educate the viewer help him or her
to get the most from their investment in DTV.
Part of that challenge is to be certain your
transmitter is providing the optimum signal
performance.




Recommended Reading

There are two books that provide interesting
reading about the development of standards for
television in the United States.
Joel Brinkley, “Defining Vision - The Battle for
The Future of Television” (1997, Harcourt
Brace)
Brown, George H., “Part of Which I Was -
Recollections of a Research Engineer” (1982,
Angus Cupar)
Brinkley’s book chronicles the science and
political science of developing the ATSC Digital
Standard. Brown’s book describes in detail the
struggle to adopt the NTSC color standard , and
the battle between RCA and GE over the color
wheel.
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DIGITAL ADAPTIVE PRECORRECTION (DAP):
A MUST IN DIGITAL BROADCAST TRANSMITTERS

Brett Jenkins
Comark Communications, Inc.
Southwick, MA

ABSTRACT

New digital television standards, both the ATSC and
DVB-T standards, use sophisticated modulation schemes
allowing the transmission of high data rate streams in a
relatively small, fixed channel bandwidth. These very
efficient modulation schemes subject systems to a high
random peak to average power ratio which requires a
Digital TV Transmitter to be designed very carefully with
respect to non-linearity effects. Indeed, the
intermodulation caused by non-linearities will produce in-
band products, which will degrade the END (Equivalent
Noise Degradation) or the EVM (Error Vector
Magnitude). Another effect is the generation of out of
band products (or "shoulders”) which must be limited in
order to prevent interference with signals in adjacent
channels. Not only do these digital modulation schemes
have a high sensitivity to non-linear distortions, but they
are also harmed by linear distortions. In the past with
analog systems, these distortions have been corrected with
manual adjustments performed while looking at suitable
test signals inserted into the analog signal in order to
precorrect the signal. It is clear that in the absence of
such test signals in the digital world, there is a great need
for a stable and adaptive process of correction that avoids
the need for tedious periodic alignment.

INTRODUCTION

It is now well recognized that digital television standards
impose some very difficult constraints on a transmitter
due to their intrinsic characteristics and the level of
performance required for fitting them into an already
crowded spectrum. The causes and the effects of the
distortions in a High Power Amplifier (HPA) have been
presented in numerous papers as well as several candidate
correction schemes. This paper will first review some of
the most important constraints of these new standards. [1]
Then it will explain why the DAP is the best solution for
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digital transmitters and what advantages it can bring to a
transmitter system. Finally, after an overview of the basic
DAP principle and the integration of the DAP in a
transmitter, some examples of the results will be
presented.

TRANSMITTER CONSTRAINTS IN DIGITAL
TELEVISION BROADCAST

The basic difficulty of broadcasting digital TV is making
sure that the signals are amplified linearly.  This
requirement is  complicated by the following
characteristics:

» These new digital standards, both the ATSC and
DVB-T standards, have a high random peak to
average ratio. This is the price to pay for a high
spectral efficiency. The consequences of this are a
high sensitivity to the non-linear and linear
distortions of the HPA and a large Output Back-Off
(OBO) implying poor efficiency and an expensive
amplifying structure.

» The digital standards require significantly better out
of band product performance than analog TV. The
requirement for digital television can vary from 35 to
50dB shoulders [2] [3], compared with 20dB for
analog TV (regenerated sideband) [4].

* The coverage of the digital TV standards are subject
to the so called "cliff effect”. This means that the
program at the edge of the coverage area can be
completely lost with only a small drop in the Carrier
to Noise ratio (C/N). Even a drop as little as 1dB can
make the difference.

*  These standards do not offer any integrated test signal
like the test lines in analog TV which facilitate the
correction adjustment and help to verify that the
correction is adjusted at its optimum point.

Classical analog correction is certainly able to perform
some correction of digital TV standards with a specific



and careful design (full band), a long period of tedious
and time consuming adjustments, a high level of operator
expertise, and all this without the assurance that you will
end up at the optimum correction point. Furthermore if
we want to improve the performance without degrading
the efficiency, this requires a more sophisticated (i.c.,
more expensive and complicated) correction capability.
Taking all this into account, the analog process appears
insufficient due to its inherent limitations, the limited
approximation of the complementary curve (that is,
limited by the typically few segments that can be
implemented into an analog corrector), the difficulty to
correct some HPA's transfer curves which have inflection
points or sharp slopes, and the sensitivity to varying
environmental conditions.

ADVANTAGES OF THE DIGITAL ADAPTIVE
PRECORRECTION

Improved performance and efficiency

The DAP yields better performance and efficiency since it
is able to automatically and (nearly) perfectly correct for
any type of non-linear and linear distortions. This allows
you to lower the biasing for solid state or tube (IOT)
amplifiers. The problem with doing this when analog
correctors are used is that it produces significant
distortions in the gain transfer curve as shown in Figure 1.
The curves shown in the figure depict the influence of the
quiescent on the gain/amplitude curve for a solid state
UHF amplifier (in this example, LD MOS technology is
shown). We will see the result of corrections on the worst
case curve later.
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Figure 1 - Examples of Gain compression curves of a
double class AB UHF Solid State HPA (LD MOS) with

biasing as parameter

The DAP is able to correct for the peaks of the signal
extremely far off on an oblique compression asymptote
such as for the class AB HPA. Therefore it allows a
significant reduction in the output back-off. Figure 2
shows the transfer curves of a real amplifier corrected by a
DAP.
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Figure 2 - An example of a transfer curve corrected by
DAP

In this example, we can see that the HPA has been
linecarized about one dB beyond the amplifier's 1dB
compression point. This allows the peaks of the signals to
be transmitted without distortion, which means without
in-band or out-of-band products. This represents a gain of
about 20% in the output power of this transmitter.

Guaranteed performance with no required skill

The DAP basically performs both linear and non-linear
equalization without human intervention, in a manner
which maintains stable output performances in the face of
varying environmental conditions (temperature, aging,
AC mains fluctuation, etc.). The correction is based on
the analysis of the transmitted signal itself without using
any type of ancillary (training) test signal or pattern. So
the "on air" signal is continuously monitored and
corrected.

The stability and precision of digital processing

The DAP takes advantage of the well known benefits of
the digital technology. Operations in the digital domain
can have better precision and increased stability compared
with equivalent analog techniques. Also, there is no need
for internal alignment of the various circuits.

Multi-standard and multi-technology solution

This digital precorrector can be used in solid state
transmitters or tube (IOT) type transmitters with 8VSB or
COFDM TV standards. So as shown in Figure 3, the
DAP is a multi-standard and multi-technology solution.
This allows users to have a measure of uniformity across
various transmitter networks which might have varied-
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requirements for power levels. It also allows the
transmitter delivery times to be accelerated as product
designs converge on a single solution.

Digital Exciter

-

Figure 3 - DAP application and environment

Ability to correct linear distortions

In addition to the non-linear distortions, the linear
distortions caused by the components following the HPA
(e.g., cavities, output filter, RF combiner) may have to be
corrected, depending on the standard and the quality
required. Certainly, for the best possible coverage, this is
the case for the ATSC transmission system which is
particularly sensitive to linear distortion. Any linear
distortion produced in the transmitter will tend to use up
the receiver's capability to compensate for the terrestrial
channel. The DAP includes an option, the Adaptive
Linear Equalizer (ALE) which can restore a flat frequency
amplitude response and a linear phase response at the
output of the channel filter, regardless of the amplitude
and group delay ripples of this filter within the useful
bandwidth. Depending on the need and the configuration
of the system, these linear defects may be compensated
with adaptive or fixed correction.

Maintenance

From the maintenance point of view, this process allows
the customer to change an amplifier module or setting
without any need to readjust the correction. The
correction will be automatically performed, no skill
required. This should dramatically reduce the cost for
stations to maintain their transmitters.

Reliable service

As a result of its adaptive feature, the DAP allows the
signal to be corrected even in the presence of minor
failures in the transmitter (for example, the failure of
some of the transistors). Even in these failure modes, the
quality of service is maintained. And remember that in
the digital world, quality means quantity as even a small
change in distortion can result in complete loss of
coverage at the fringe areas.
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Coverage and implementation issues

The DAP's capability to dramatically reduce both "in-
band" and "out of band" products allows not only to limit
the Error Vector Magnitude (EVM) (or Equivalent Noise
Degradation) in the transmitter, thereby increasing
coverage, but also to facilitate transmission using an
adjacent channel. As most broadcasters are aware by
now, the issue of adjacent channel broadcast has been a
critical one over the past several years in the US. It is
likely that this digital technology will enable us to
successfully reduce interference to levels which are more
acceptable to broadcasters.

IMPORTANT DESIGN CONSTRAINTS

As seen in Figure 3, the digital corrector is an interface
between the output of the modulator and the input of the
HPA. Its role is to transform the characteristics of this
properly formatted and filtered signal in order to counter
the effects of the HPA. The changes are made in such a
way that a perfect signal is recovered at the output of the
transmitter system (including the cavities for IOT
transmitters and some RF components depending on the
system). So the design of the DAP will mainly depend on
the characteristics of the digital standard, some minimum
requirements that the HPA must meet and the level of
performance required at the output of the HPA.

Main characteristics of digital standards

The main parameters influencing the design of the DAP
and the HPA are the output symbol rate and the
bandwidth, see Table 1. In order to achieve a product
which can handle any standard, the design must be based
on the most difficult of these parameters.

Parameter ATSC DVB-T
Symbol rate 10.76 MS/s | 9.14 MS/s
Useful Bandwidth | 5.38 MHz for 8 MHz
7.61 MHz
for 7 MHz
6.66 MHz

Table 1 - Main characteristics of the digital signals to be
transmitted

The output symbol rate fixes the minimum frequency
required in the DAP. This frequency must be high enough
to be able to produce the precorrected 1 and Q digital
output components without any aliasing, taking into
account the fact that the precorrection will extend the I
and Q signal's original bandwidth. To allow for the most
powerful processing, the corrector operates on the low
pass representation of the bandpass signal. Recall that a
band pass signal can be represented by a low pass signal




using a Hilbert Transform [5]. This low pass signal can
be broken down into its in-phase (I) and quadrature (Q)
components.

xi() = xe(t) + jxs(t) (1)

Each component is now band limited to 1/2 the bandwidth
of the original bandpass frequency, but is centered at 0
Hz. The original bandpass signal is related to the I and Q
components by this equation:

x(#) = x.(t) cos(2nfit) = x.(1)sin(27ft)  (2)

where f, is the center of the original bandpass signal.
These I and Q components are the signals which are used
in the DAP.

The bandwidth influences the so called "correction
bandwidth" required for an efficient correction of the
in-band and out of band products. This "correction
bandwidth" depends upon the following constraints :

- the useful bandwidth of the signal

- the order of distortion to be corrected (increasing the
useful bandwidth)

- the level of shoulder reduction required; this in turn
depends on the level of shoulders without
correction and the level of shoulders desired at the
output of the transmitter

- the capability and complexity of the digital circuitry

HPA requirements

Despite the great potential of correction using DAP, the
HPA must still meet certain criteria in order to fully
exploit the corrector's potential. For example the HPA
distortions must be nearly frequency independent. It must
not present short term thermal problems (although in
digital TV applications, this is not an issue since the
average power is constant). Also, the amplitude and
phase response must be flat within the correction
bandwidth. Finally the entire system must be able to
provide enough power to make the peaks of the expanded
corrected signal.

Performance requirement

Out of band performance (shoulders): The desired out of
band performance impacts the design by requiring a
certain number of bits and a minimum frequency at which
the circuits must work (i.e., the correction bandwidth). In
Figure 4 we sce the mask currently specified by the FCC
for the 8-VSB signal [2], while Figure 5 shows the
requirements for the DVB-T standards [3].

2 MHz per div

ECC Magk Requizgment

Figure 4 - 8-VSB spectral mask requirement
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Figure S - DVB-T spectrum mask for critical cases (power
measured in a 4 kHz bandwidth)

In-band performance (EVM or END) : The in-band
products appear as additional noise within the signal
bandwidth. This effect can be quantified by measuring
the deviation of the BER curve f(C/N) from the theoretical
curve. This method, used widely in Europe, gives a
number called Equivalent Noise Degradation (END). In
the US, a measurement which has become widely accepted
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is the Error Vector Magnitude (EVM). The EVM is
sometimes expressed in dB and called SNR. The final
result of degradation of these numbers is similar to a loss
of useful power and so a loss of coverage.

The DAP offers a great flexibility for finding the best
trade-off between both in-band and out of band
performance and the useful output power. Depending on
the application, it is possible to obtain the best
performance with a given output power or to meet just the
minimum performances but with some more output
power. The ultimate goal is to get the best coverage area
possible with a given transmitter system.

BASIC PRINCIPLE

Figure 6 shows the basic principle behind precorrection.
The basic but essential function of the precorrector is to
generate a perfect complementary amplitude/amplitude
and phase/amplitude curve in such a way that the response

of the precorrector and the response of the HPA cascaded
together results in a perfectly linearized amplifier.
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Figure 6 - Basic principle of precorrection
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Figure 7 - Functional block diagram of the DAP
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Figure 7 shows the general functional block diagram of
the DAP. The linear equalizer is responsible for pre-
distorting the forward signal in such a way as to cancel
out linear distortions that occur further on in the
transmitter system. It is essentially a complex digital
filter whose coefficients are determined by the signal
processing unit. The signal processing unit calculates
new coefficients by comparing the input signal from the
forward path with the reference signal fed back from the
transmitter system output.

In much the same way, the non-linear corrector is made
up of a large look up table. The values of the look-up
table are updated from the signal processing unit. This
allows both the phase and gain characteristic of the
forward signal to be manipulated. The signal processing
unit calculates the HPA's complementary curve. That is,
it first finds the transfer curve of the HPA by comparing
the input signal and the feedback signal. It then finds the
inverse curve and feeds the look up table with new values.
The result of pre-distorted signal passing through the
HPA is a "perfect" signal at the output, with all distortions
canceling.

This idea has been used in analog transmitting equipment
for many years now. The difference between those analog
correctors and the DAP is the methodology used to "tune"
the correction. Because of the digital processing involved,
the operator involvement is eliminated since- the
correction is now computed. Also, the computations are
very precise, allowing for the overall result to be much
more accurate.

The final piece of the DAP is the RF up/down-converter.
It is here where the forward signal is finally converted to
an on-channel RF signal. The other function of this
section is to receive the RF feedback sample from the
transmitter output and translate it to its complex low pass
representation.

If the principle of such a process seems quite
straightforward at a first glance, its success relies on a
deep knowledge of the precorrection principles, a sound
global transmitter system approach and a mastery of
leading edge digital technology and simulation tools.

INTEGRATION WITHIN A TRANSMITTER

The DAP resides in a digital exciter as depicted in figure
8. This digital exciter can be thought of as a black box
whose input is the digital transport stream (TS) and the
output is the precorrected RF low power signal.



Figure 8 - The digital exciter

The integration of the all critical functions (the channel
modulator, Digital Adaptive Precorrection, and RF
conversion) all within the same rack, facilitates the
transmission of the high data rate stream from one board
to the next. This compact arrangement is also easier for
monitoring, controlling and safety of the transmitter.

EXAMPLES OF RESULTS (8VSB STD)

UHF Solid State LD-MOS Amplifier

Looking back to Figure 1, we can sce that for this
particular amplifier there is an optimum biasing current of
about 1300 mA which minimizes the distortion, before
correction. An experiment of correction with the worst

case of these curves, I = 400 mA, is summarized in Table
2.

Conditions | Average | OBO | Shoulders
Power | (dB) (dB)
W)
Figure 9 | without 95| =6.8 30
correction
Figure 10 | with DAP 95| ~6.8 45|
Figure 11 | with DAP 120 =~5.8 40
trial to push
the power

Table 2 - DAP correction on a solid state transmitter
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5 kW Tetrode

Figure 12 shows the results of DAP on a 5 kW tetrode
tube transmitter.
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Figure 12 - Example on a 5 kW Tetrode with 7 dB back
off

CONCLUSIONS

The digital era brings, on the one hand, new standards
which are difficult to amplify, but on the other hand it
brings about digital solutions to face this problem. It has
been shown that Digital Adaptive Precorrection is a very
efficient, convenient and cost effective way for facilitating
the linear power amplification of these new standards. At
the same time it brings about many advantages, such as
automatic correction without human skills, and permanent
monitoring and correction of the "on air" signal. This is in
fact a natural and logical solution: digital processing for
digital standards.
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THE CONSTANT EFFICIENCY AMPLIFIER -- A PROGRESS REPORT

Robert Symons, Mike Boyle, John Cipolla,
Holger Schult, and Richard True
Litton Electron Devices Division

San Carlos, CA and Williamsport, PA

ABSTRACT

We will describe details of the design of a constant
efficiency amplifier (CEA), including features of the
vacuum envelope assembly, the r-f cavities and circuitry,
and the collector, including calculations of electron
trajectories in the collector at various r-f drive levels. In
this article we report successful operation of a 60 kW
Inductive Output Tube (I0T) we have developed as part
of the CEA development. We expect to have some
measurements of r-f performance with and without
collector depression when the oral presentation is made
at NAB98.

INTRODUCTION

Everyone seemed (o realize that a multistage depressed
collector would increase the efficiency of an Inductive
Output Tube (IOT). No one seemed to realize that the
combination of an inductive output amplifier and a
multistage depressed collector, when operated at
appropriate voltages, could be made to operate as a
constant efficiency amplifier over a wide range of power
outputs. The inventor' had to write a several-hundred
line computer program to convince himself that this was,
in fact, the case. The combination of an IOT and an
MSDC will use technology from each device to obtain
new high levels of performance. Nevertheless, the two
pieces of hardwarce that make up this invention, that is
the inductive output amplifier and the multistage
depressed collector, are not new. For this rcason, in
reducing the idea to hardware at Litton Electron Devices
Division, we decided it would be a good idca to examine
not only how the performance of the combination of idcas
could bc optimized, but also whether or not the
requircment placed on the individual parts should change
the design philosophy used. We also were well aware
that Hacff° invented the inductive output amplifier in
1939 and that Charles V. Litton®, who also provided the
name for Litton Industries, invented a multistage
depressed collector for a klystron at about the same time.

When one asks oneself the question, "how should one
change ideas that have been around for 50 years,”
sometimes the correct answer is, "very carefully.”

THE GOAL

Last year at this conference we presented calculations
which showed that the peak-to-average power ratio of an
8-VSB signal is about 4:1. When a conventional
inductive output tube processes this signal, the efficiency
averaged over the modulation is about half of the peak
efficiency of the tube at peak power output. Based upon
these calculations, we estimated that the efficiency of a
conventional IOT amplifying a digital TV signal would
be about 25% and that the constant efficiency amplifier,
simply because it is a constant efficiency amplifier, would
provide at least 50% average efficiency over the
modulation cycle. Thus, the CEA would halve the power
input and would save the broadcaster at least $25,000 per
year in power costs per 60 kW tube. The saving in power
costs over the most modern silicon-carbide solid-state
technology is even more impressive. Because the
efficiency of silicon-carbide amplifiers at their peak
power output is about 33%, the average efficiency for an
8-VSB signal will be only 16%. A transmitter using a
constant efficiency amplifier, based on our most
pessimistic estimate, would use only one-third of the
power of a silicon-carbide transmitter.

During the last year we have made additional
calculations of the efficiency of inductive output
amplifiers with multistage depressed collectors. As we
pointed out last year, inductive output amplifiers never
reach the maximum theoretical efficiency of a class B
device based upon the calculation of the fundamental
component of current in a half-sinusoid current
waveform. We pointed out that because of transit time
variation with grid voltage and because of space-charge
forces between the electrons in the bunch, by the time the
bunch of electrons reaches the output cavity, it has been
spread out over a much larger angle of flow. In our more
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recent calculations, we have varied the angle of flow and
have allowed it to become as much as 270 degrees of
phase. We have also reduced the effective r-f voltage that
the clectrons see in the output gap from a peak value
equal to the beam voltage to a value equal to nine-tenths
of the beam voltage. These two changes reduce the pecak
efficiency calculated for conventional 10Ts from 78.5%
to a more realistic 50%. It is interesting that when a
multistage depressed collector is used to recover the
energy from this electron beam with a less-than-perfect
energy distribution function, the multistage depressed
collector increases the efficiency by a factor larger than
that which can be achieved when the beam has an
idealized class B current variation with time. Figures 1
and 2 compare calculated efficiencies with and without
multistage depressed collectors for ideal and non-ideal
current waveforms respectively. It is easy to see that
there is a much greater difference in the efficiency of the
tubes without multistage depressed collectors than there
is in the efficiency of the tubes with this feature. We
have therefore raised our goals and we hope that we can
provide even greater power savings than those we
promised last year.

We hope to be able to offer an air-cooled version of the
60 kW CEA because it will only have to dissipate 15 kW
instead of the 45 kW a conventional IOT must dissipate.

While we have nearly completed the development of the
10T portion of our CEA, as this paper is being written,
we do not yet know the shapes of the depressed collector
electrodes, so we do not yet know if air-cooling will be
possible. We hope we will have an answer to this
question when the oral presentation is made.

FEATURES OF THE INDUCTIVE OUTPUT
AMPLIFIER

As was pointed out earlier in this article, the inductive
output amplifier has been around for almost 50 years and
incorporates the best thinking of Haeff, Preist and
Shrader®, Clayworth, Bohlen and Heppinstall®, and
others. As a result, it will be difficult to make
improvements, but nevertheless we may try to make a
few, very carefully.

At Litton heretofore, we have built a number of very-
high-current-density gridded electron guns. Most of these
have employed metallic grids in a so-called “"shadow-
grid" configuration. Here, a grid tied electrically to the
cathode with bars aligned with those of the control grid is
interposed between the control grid and the cathode, thus
preventing the control grid from intercepting any of the
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beam current. This has given us an excellent grasp of the
technology required to deal with high dissipation grids.
However, the shadow-grid technology cannot be used
dircctly in a cathode-driven UHF amplifier because,
without using excessive grid voltages and drive power,
the transit angle of electrons from cathode to control grid
would be excessive.

The pyrolytic graphite grids used in inductive output
tubes possess the advantage of having a very low
coefficient of expansion. Thus, when heated by
radiation from the cathode and by dissipation of r-f drive
power when the drive is applied between the cathode and
the grid, the spherical grid does not expand into the
cathode and short circuit. This permits very close
spacing of the grid to the cathode with attendant low r-f
drive voltage and high gain. However, the low expansion
of the grid also creates a problem. Heat must be carried
away from the grid with a high expansion metal support
frame and so most manufacturers provide some kind of a
spring contact between the mounting frame and the grid
flange. This maintains good thermal and electrical
contact between the grid and the frame. At Litton we
realized that the pyrolytic graphite itself is an excellent
spring up to very high temperatures, and so we devised a
supporting structure which maintains good electrical and
thermal contact by slightly deforming the outer edge of
the grid. This structure is shown in Figure 3, and we
have applied for a patent on it. We have also had some
success with rigid clamping of the grid, so some of the
sophisticated grid mounting schemes that have been used
in IOTs may not be all that necessary.

Because we had no prior experience with pyrolytic
graphite grids and did not want to develop this
technology from scratch, we decided to buy it. We were
fortunate in finding two suppliers with many years of
experience, one in growing pyrolytic materials and the
other in the laser cutting of such materials. After about a
half a dozen trials with each supplier we were able to
produce the grid shown in Figure 4 which meets all of
our requirements.

Litton has a sophisticated computer capability for
analyzing the performance of gridded electron guns and
electron beams. We use a computer program, which was
developed by Dr. Richard True’ who heads our electron
beam analysis activities. Dr. True wrote the first version
of this program when he was a graduate student, and he
has continued to improve it since. It was one of the first
programs to use a deformable triangular mesh for solving
Poisson's equation and the electrodynamical problem.




o
0

o
@
L
AN

CEA

o
9
1

10T

o o
w [=]]
1 1

Efficiency
(=)
IS
L

N\

0.24

b

Figure 1 - Calculated efficiency of an IOT with six collector stages at potentials of 0.1, 0.2, 0.3, 0.45, 0.7 and
1.0 times the beam potential and a peak r-f gap voltage equal to the heam potential

0.8

CEA

=
o
i

=
n
]

10T

Efﬁciency
o
>
1

=
w
{

©
)
]

0.1

{ [ L L l | 1 L L
0 1 T 1 t t 1 t } t

0.4 0.6 0.8

o
o
o

Power

Figure 2 —- Calculated efficiency of an IOT with five collector stages at potentials of 0.2, 0.3, 0.45, 0.65 and
1.0 times the beam potential and a peak r-f gap voltage equal to 0.9 times the beam potential



GRID SUPPDRT CATHODE
/
JZ £%
b |
o |
A
,"\
& ,
. FOCUSING ELECTRODE GRID J

Figure 3 - Possible grid support method.

Figure 4 — Litton pyrolytic graphite grid.

Because of the use of a triangular mesh it is possible to
match the curved surfaces of cathodes, anodes and grid
wires which so typically form the boundary conditions of
electron gun problems. We used this electron gun
simulation program not only to analyze the performance
of the electron gun at a number of different beam
currents, but as we will discuss later, we are using it to
analyze the trajectories of the electrons in the spent beam
as they approach the collector electrodes. Not only does
the code use a triangular mesh, but it is also possible to
vary the density of the mesh points. The mesh can be
very fine where the fields are changing direction rapidly
and the electrons are moving slowly, and it can be coarse
where the electrons are moving quite rapidly in
directions nearly parallel to the electric field lines over
long distances. In an IOT in which electrons move
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between fine grid wires with low velocity the grid wires
form strongly convergent lenses that make electron
trajectories cross at a distance slightly beyond the grid
and give the beam a great deal of transverse energy. The
magnetic focusing field that threads the cathode of an
IOT and more or less converges with the electrons,
guiding them through the anode must overcome this
transverse energy. Figures 5 and 6 show trajectories of
the electrons calculated for a low beam current and for a
higher beam current.

There is one feature in the cathode designs of some
inductive output tubes, which we would like to change in
order to improve the performance of our IOT. This
feature is a heat shield which is connected to the cathode
support cylinder at the base of the support cylinder and
extends upward to the edge of the cathode. There is a
gap between this heat shield and the edge of the cathode,
so that it forms a coaxial line. A calculation indicates
that this coaxial line has an inductive reactance of about
8 ohms at 800 MHz. A calculation based on the grid
cathode capacitance indicates that this may present a
capacitive reactance of about 8 ohms at the outside edge
of the grid-cathode space. Thus, when the input cavity is
tuned to the high end of the television band, there may be
a voltage minimum between the edge of the heat shield
and the grid and a current maximum between the hot
cathode support and the heat shield. A cleaner cathode
support design, when looked at as an element of a
resonant input circuit, might possibly reduce the required
drive power at the high end of the television band.

We have now built several 40 kW and 60 kW IOTs with
specified performance on our way to the CEA, and we
will soon offer tubes of these designs for sale. We are
still developing our r-f circuitry however, because we
want it to be compatible with both our IOTs and our
CEAs.

THE R-F CIRCUITRY

High power linear beam amplifiers such as IOTs and
klystrons have a certain number of insulators through
which a modulated electron beam passes. These
insulators fall into two classes: those through which one
wants r-f energy to flow (cavity insulators) and those
through which one wants no r-f energy to flow (high-
voltage and collector insulators). Sometimes those
insulators that are not in resonant cavities radiate r-f.

Not only can this r-f leakage exceed OSHA limits, but it
can also cause regeneration if it leaks into low level
resonant cavities or even leaks through the braid of
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Figure 6 — Electron gun simulation with grid at 0 volts, anode at 32 kV and 5.176 amperes of beam current.



flexible coaxial cable. It is not uncommon to use coaxial
cable with two layers of braid on the outside to achieve
stable opcration in transmitters with a great deal of gain.
The best way to climinate r-f leakage from insulators
that are not in cavities is to reduce the impedance the
modulated electron beam sees across the interaction gap
within the insulator to zero. Sometimes this can be done
by surrounding the insulator with what one might call an
“antiresonant” cavity which puts an electric field node, or
if not that a very small reactance, at the electron beam.
Under other conditions, building structures, which match
the electron beam to “free space” through the insulator,
will minimize the interaction impedance and the power
extracted from the beam. If none of these approaches
work, one sometimes must create one's own "free space”
by building an enclosure and damping its resonances
with lossy material.

One of the authors of this paper was involved with the
conceptual design of the first television klystrons with
multistage depressed collectors. The very first possibility
considered for dealing with r-f leakage from the collector
insulators was that of wrapping the water hoses, carrying
cooling water from one stage to the next, around the
insulators and surrounding the whole structure with a
shield can. The water absorbed any r-f that leaked
through the seals. This idea survived and is a feature of
every MSDC klystron that has been manufactured since
that time. In summary, however, it is much better to
minimize the amount of r-f extracted from a beam than
to soak it up after it has been generated.

When the insulator is in a cavity, the situation is quite
different. In this case we want to contain the r-f in the
cavity as completely as possible to maximize impedance
at the interaction gap and minimize feedback. R-f choke
Jjoints have frequently been used in the cavities attached
to both tetrodes and inductive output amplifiers. In this
way different potentials can be used on the two electrodes
which form the interaction gap (for example, a cathode
and a grid or a screen grid and an anode). Alternatively,
as in some 10T input cavities, part of the cavity can
opcrate at ground potential. Unless the circumference of
the choke is small compared to the wavelength in the
insulating dielectric, one can get into serious trouble with
azimuthal modes. Haeff, in fact, used a choke, which
employed the glass envelope of his inductive output
amplifier as the dielectric medium of the choke. Two
slecves inside the glass envelope were maintained at the
electron bcam potential, one on each side of the output
interaction gap. The circumference of this choke was
small cnough to have no azimuthal modes. As the
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voltage a choke structurec must hold off becomes higher,
the thickness of the diclectric must become greater and
the higher the impedance of the transmission line
forming the choke must become. This makes it very
difficult to design a good r-f choke, which will provide a
solid short circuit for r-f while holding off a large amount
of dc voltage. Such joints in input cavities can provide a
path for r-f to leak into input cavities and cause
instabilities. This is a good reason for not using choke
joints in input cavities of 10Ts.

To summarize, we believe in dealing with r-f leakage at
its source: primarily by avoiding unintended resonant
circuits around an electron beam, and secondarily, by the
use of loss if necessary. We also believe in designing low
level resonant circuits having as few extraneous openings
or bad contacts at joints as possible. We also believe in
double-shiclded cable or, better yet, cable with a flexible
tubular wall wherever possible.

In line with these beliefs we intend to use an input cavity
which is directly connected to the grid. We will use only
one low-voltage bypass capacitor or choke joint in the
cathode lead to minimize the diameter of the joint while
allowing the cutoff bias to be applied to the grid. Cavity
tuning will be accomplished by actuators operated with
insulated shafts, and a grounded shield will surround the
input cavity to protect personnel. We are leaning in the
direction of using a dc block in the drive line similar to
commercial units that are available. These can be made
small enough to be free of spurious azimuthal modes that
might cause feedback problems.

Early textbooks on microwave and ultra-high-frequency
techniques as, for example, those by Brainerd® and
Reich’ or certain volumes of the MIT Radiation
Laboratory Series show various ways of building and
coupling cavities for ultra-high-frequency power
amplifier tubes and filters. There are also a number of
articles and expired patents on double-tuned output
circuits which are easily adaptable to inductive output
amplifiers and will give ample bandwidth and power-
handling capability (See for example Yingst'®, Beaver et.
al.", and Symons'?).

THE MULTISTAGE DEPRESSED
COLLECTOR

As we mentioned earlier, Charles V. Litton conceived the
multistage depressed collcctor shortly afler the klystron
was invented. Sincc that time, multistage depressed
collectors have been used on both Kklystrons and



traveling-wave tubes to increase their efficiency, first at a
single power, and later in tubes which operated at
variable power levels, as first demonstrated by
Neugebauer and Mihran'® at General Electric, later as
proposed by one of the authors'* of this paper for
television use, and finally as developed by Earl McCune'®
at Varian Associates. There is an excellent review article
by Kosmahl'® which describes the state of multistage
depressed collector development for microwave tubes as
it existed in November 1982, when development of
MSDC klystrons for television began.

The problem of developing a multistage depressed
collector for an 10T is not quite the same as that of
developing a collector for any of the applications
discussed above. It is different because the dc component
of beam current rises and falls in proportion to the square
root of the output power of the tube. The d-c beam
current is not constant as it was in either traveling-wave
tubes or klystrons. As a result, the energy spread is low
because the output cavity r-f voltage is low at the same
time that the r-f and d-c beam currents are low. Thus,
there will be small space-charge forces, and the beam
will not spread as much as it travels deep into the
collector toward electrodes having the lowest potential.
For this reason, we expect that the collector may be
rather long and skinny when compared to the multistage
depressed collector of a TV klystron. We are starting our
multistage depressed collector design effort by putting
beams having the energy distribution functions of an IOT
operating at various r-f levels through a series of
"mathematical,” idealized, fully-transparent grids which
can produce a potential profile in the axial direction that
can have either various gradients between them, or by
using them in pairs, can produce a staircase of
descending potential. We will examine the trajectories of
the electrons of various energy in the various potential
profiles and then attempt to design electrodes, which will
collect the electrons at angles as nearly as possible
normal to the surfaces. In designing electrodes for
multistage collectors it is an axiom that one cannot
recover any energy from an electron that has momentum
directed tangential to the collector surface. Figure 7
shows some electron trajectories for an IOT becam
entering a collector which was originally designed for an
MSDC klystron. From the various angles that the
electron trajectories make with the collector surfaces one
can easily see that this collector is less than ideal for the
specified clectron bcam, but even this case shows a
considerable degree of constructive sorting of the
electrons by cnergy class.
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Figure 7 - Electron trajectories in multistage dcpressed
collector at low drive level.
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On Channel Repeaters for Digital Television

Charles Einolf and Walt Husak
Advanced Television Technology Center
Alexandria, VA

ABSTRACT

The On Channel Repeater (OCR) for Digital
Television (DTV) offers an obvious advantage in
frequency congested markets where broadcast
licenses for over-the-air channels are limited. The
ability to avoid frequency shifting by receiving and
retransmitting in the same channel will greatly
enhance flexibility for the broadcaster to ensure
adequate coverage throughout a service area. The
OCR for DTV can offer many other advantages to
broadcasters such as coverage extension, tailored
radiation patterns, and reduced main transmitter
power consumption. The Advanced Television
Technology Center (ATTC) has initiated a program
to develop and evaluate the feasibility of OCRs.
This paper analyzes repeater coverage as well as
discusses implementation issues.

INTRODUCTION

With the conversion to Digital Television
many broadcasters are faced with moving their
VHF channels to UHF. The characteristics of
UHF are significantly different from VHF. UHF is
strictly line-of-sight and has higher propagation
losses. Although the 8-VSB digital modulation
offers better performance at low signal-to-noise
and in the presence of multipath, broadcasters are
concerned whether existing coverage areas will be
maintained. A repeater, that can receive and
transmit on the same channel, offers the
advantage of providing adequate coverage without
adding further congestion to the already crowded
frequency spectrum. DTV coverage extension can
be realized under the classic terrain isolation case
in addition to extension beyond the radio horizon.
A tailored radiation pattern could be used to fill in

or augment main transmitter antenna nulls due to
situations such as tower blocking. The
broadcaster may also be able to increase signal
strength in locations where there are population
concentrations suffering from a weak signal.

NTSC repeaters have been used to overcome
terrain obstacles for many years. These repeaters
have taken the form of channel translators or
microwave relay stations. The NTSC repeater
relies upon the reception of one carrier frequency
and retransmission on another. The use of
separate frequencies is required due to the poor
performance of NTSC receivers for co-channel and
multi-path interference. These two interference
mechanisms arise from antenna mutual coupling
inherent in co-located receiver-transmitter
systems. The high electrical field strength of a
transmit antenna in close proximity to a receive
antenna will inevitably cause undesired reception
of the transmitter.

The ATTC has initiated a study of On
Channel Repeaters as a mechanism for DTV
coverage extension. The goal of the study is to
demonstrate an operational On Channel Repeater
and to evaluate its performance. Initial analyses
indicate that coverage areas can be extended using
low power repeaters!. However, implementation
issues need to addressed?. In particular, close
attention must be paid to antenna design and
configuration in order to minimize mutual
coupling.

This paper discusses a propagation analysis
for the repeater as well as critical elements and
implementation issues for the design. The ATTC
is in the process of a full implementation of the On
Channel Repeater.
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REPEATER MODEL

In order to illustrate the concept a simplified
model is proposed. The model has a main
transmitter located at the center of an
omnidirectional radiation pattern as illustrated in
Figure 1. A repeater is located at the periphery of
coverage (55 mi) such that the radio horizon of
both antennas are just in sight of each other. The
viewer receiver can be located on a line extending
from the main transmitter through and beyond the
repeater. The system parameters assumed are
listed in Table 1.

fe—————— s5miles —— |

Main Transmitter

1200 ft Repeater

5
300 ft
T v
316 kW ERP Viewer 100 W ERP

Omnidirectional Receiver

Figure 1. DTV repeater concept
placing the repeater near the radio
horizon of the main transmitter.

Critical elements in the analysis include
adequate signal strength and minimal mutual
interference. Signal strength must be adequate
under all conditions for the repeater and the
viewer receiver. Two predominate sources exist;
receiver front-end noise; and multipath
interference which falls outside of the capture
window of the receiver’s adaptive equalizer. In
order to maintain a Bit Error Rate (BER) of less
than 310, test ready DTV receivers must see a
signal field strength of at least 43 dB above
1 nV/m. Noise limited contours are based upon an
F(50,90) field strength with a receiver antenna
height of 30 feet' . Figure 2 illustrates the signal
strength as a function of distance from the main
transmitting antenna. The repeater effectively
extends the receivable field strength beyond the
radio horizon of the main transmitter.

In order to ensure adequate reception, test
ready receivers also require a Desired-to-

t The notation F(x,y) means: the field
strength exceeded at x% of the locations at least
y% of the time.
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Table 1
On Channel Repeater Model Assumptions
Main Transmitter Antenna 1200 feet
Height (HAAT) (365 m)
Main Transmitter ERP 316 kW
(25 dBk)
Main Transmitter Antenna Omni
Pattern
Main Transmitter Radio 48 miles
Horizon
Main Transmitter Channel 42
(638-642 MHz)
Repeater Antenna Height 300 feet
(HAAT) (91 m)
Repeater Transmitter ERP 100 W
(-10 dBk)
Repeater Radio Horizon 20 miles
Repeater Receive Antenna 10dB
Gain
Repeater Receive Antenna 14 dB
Front-to-Back Ratio
Repeater Receive Antenna 80 degrees
Beam Width
Receiver Sensitivity 43 dB above
1 uV/m
Receiver Noise Threshold 16 dB S/N

Undesired ratio (D/U) above 16 dB. Furthermore,
the correctable range of multipath interference in
the test ready receiver is -5 psec to +20 psec.
Figure 3 shows that for the OCR model, the
repeater signal will begin to encroach on the main
signal 35 miles out. From 35 miles to within
several miles of the repeater, the multipath delay
is on the order of hundreds of microseconds.
Consequently, the multipath delay is outside of
the capture range and will interfere with the main
transmitter signal as co-channel noise.

It is apparent that omnidirectional antennas
for the repeater transmitter and the viewer
receiver contribute to co-channel interference at
the viewer receiver. Two dimension contour plots
allow the impact of repeater design on coverage
area to be visualized. Figure 4 illustrates the
effect that directional antennas have on signal
strength. Directional antennas with a 10 dB gain,
14 dB front-to-back ratio, and a 80° beam
width are used for the repeater receiver,
repeater transmiter, and the viewer
receiver. Note that the apparent received
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Figure 2. An On Channel Repeater can greatly extend the receivable DTV signal strength
beyond the radio horizon of the main transmitter. The repeater is using an omnidirectional
antenna.
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Figure 3. Although the DTV signal strength is extended, the use of an omnidirectional
antenna limits reception in regions where the D/U ratio drops below 16 dB.
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Figure 4. The directional antenna for the repeater transmitter slightly extends the coverage
area over the area obtained with an omnidirectional antenna. The signal strength (in dBuV/m)
shown on the contours must be above 43.8 dBuV/m for adequate reception.

field strength is higher due to directivity of the
system. Furthermore, the repeater transmit
pattern is no longer circular. Although the signal
strength is not greatly affected, the D/U ratio is
significantly impacted. Figure 5 shows the effect
of the directional antenna on D/U ratio. The
directional antenna significantly reduces the area
between the main transmitter and the repeater
where the D/U ratio is inadequate. This reduction
is especially due to the directivity of the viewer’s
antenna. Since the antennas have relatively high
gain on-axis and less gain off-axis, the less
powerful signal is more easily rejected.

It is the combined effect of signal strength
and D/U ratio that will ultimately determine the
performance of the system. Figure 6 illustrates
the difference between omnidirectional and
directional antennas at the repeater and viewer
sites. The use of directional antennas nearly
doubles the coverage area.

OCR APPROACHES

Both analog and digital approaches are being
considered for the On Channel Repeater as
illustrated in Figure 7 and Figure 8, respectively.
The digital system is more complex to implement
and more expensive than the analog system. The
over-the-air signal is received and demodulated to
the transport stream level. The digital system can
correct transmission errors which occur between
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the main transmitter and the repeater receiver.
Reception errors can be corrected using the
Forward Error Correction (FEC) circuitry.
Multipath interference can be removed by the
adaptive equalizer in the receiver. The transport
stream has the error correction reapplied and the
signal remodulated and retransmitted.

The analog approach is less costly than the
digital system. The disadvantage of the approach
is that the system allows errors to propagate
through the repeater. The viewer’s receiver must
then correct these errors.

ANTENNA MODEL

The repeater receive and transmit antennas
form a critical part of the OCR system. A
simplified model for the OCR antenna system is
illustrated in Figure 9. In this model all loss
elements are shown as attenuators and all gain
elements are amplifiers. Transmission lines are
ignored. The over-the-air received signal is
combined with the signal fed back from the
retransmitted signal. The combined signal is
amplified and supplied as the input to the On
Channel Repeater. Similarly, the output of the
OCR is amplified and transmitted. However, a
portion is fed back through a series of attenuators.
These attenuators represent the characteristics of
the antennas in the system.
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Figure 5. The directional antenna for the repeater transmitter significantly reduces the area
where interference occurs between the main transmitter and the repeater transmitter. The
D/U ratio (in dB) shown on the contours must be above 16 dB for adequate reception.
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Figure 6. The combined reception criteria, signal strength and D/U ratio, shows that
directional antennas can nearly double the area of satisfactory performance for the On
Channel Repeater.
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Analog Approach
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Figure 7. The Analog On Channel
Repeater provides a simple and inexpensive
implementation.
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Figure 8. The Digital On Channel
Repeater provides full reception and error
correction to the transport stream level.
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Figure 9. An antenna model for the On
Channel Repeater which illustrates the
dependence of retransmit power on the
mutual coupling.
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The mutual coupling, p., is given by:
Pe=HVix + FBx+ 1 + HVix + FBix

where FB are the front-to-back ratios, HV are
the polarization factors, and p represents the
physical separation of the transmit and receive
antennas.

The effective radiated power, ERP, is given
by:

ERP in Watts (dBW) = FS - 180 + .

where FS is the field strength in dB above
1 pV/m. The 180 is the dipole factor scaled to
Watts (dipole factor = 130 dBm/dBu; 20 dB
reception margin; and 30 dB dBm to dBW
conversion).

This analysis of the antenna system shows
that the relative gain of the repeater receive
antenna is not significant. However, the mutual
coupling between the repeater receive and
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transmit antennas will determine the upper
boundary of performance for the OCR. The choice
of design will impact the reception margin. The
antenna design, selection, and placement will be
vital to the repeater performance. Figure 10
shows the results of antenna coupling
measurements made within an anechoic chamber
using back-to-back directional antennas. These
tests confirmed the need for high front-to-back
ratios in the antennas.
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Figure 5. Back-to-back directional
antenna coupling measurements confirm the
need for high front-to-back ratios and careful
placement of the OCR antennas.

CONCLUSIONS

The use of On Channel Repeaters for digital
television broadcast coverage extension is feasible.
An analysis of coverage extension shows that a
significant area can be added by the introduction
of a repeater. In addition, the use of directional
antennas can nearly double the useful coverage
area.

The robust nature of the digital 8-VSB
communications channel used in DTV allows
repeaters to be used even in the presence of co-
channel noise. Digital communications makes it
possible for repeaters to operate in both the
terrain shielded environment as well as in the
presence of mutual interference. An analysis of
the system design has identified antenna mutual
coupling as the most critical parameter which
needs to be addressed. Sufficient isolation must be
achieved between the co-located receive and
transmit antennas.

The ATTC is in the process of constructing an
On Channel Repeater test site and plans to
conduct a series of field experiments. These
experiments will include both the analog repeater



as well as the digital system. The digital repeater
system will provide improved performance
through error correction between the transmitter
and repeater.
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The Challenge Of Testing DTV Systems
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ABSTRACT

In December 1996, the FCC ruled on the implementation
of digital TV, giving less than two years for broadcasters
to make their move to Digital Television. The DTV system
is based on MPEG-2. The ATSC standards define how
MPEG-2 will be used in order to meet the terrestrial
broadcast and cable market requirements. Since the first
of 1996, manufacturers of encoders, decoders, transmit-
ters and other equipment providers have been busy
designing systems suitable for the implementation of DTV.
At the same time broadcasters and cable companies have
been experimenting to see how they can best implement
DTV without having to break the bank. On top of it all, not
all the standards have been defined yet. Many manufac-
turers are still scrambling to be sure their equipment will
meet the ATSC standards that are being updated on a reg-
ular basis. Satellite providers have not moved to ATSC yet,
as they have chosen to implement DVB standards, and as
a result, broadcasters are forced to deal with many differ-
ent signal formats. The DTV revolution is here and we
need to be sure it is going to be as smooth as possible.
With the number of different signals being offered, manu-
facturers and broadcasters will need to insure they are
compliant with the various standards and compatible with
the other equipment. In this paper, we would like to review
the fundamentals of MPEG as well as look at the DVB and
ATSC standards. We will primary focus on the new ATSC
standard, reviewing what the signal contains as well as
what standards are being developed by the standards com-
mittee to insure proper interoperability of the equipment.
We will also review what needs to be tested by the manu-
facturers as well as the broadcaster and what test methods
are available in order to insure a good, reliable, high
quality signal we expect from Digital Television.

INTRODUCTION

In December 1996, the FCC ruled on the implementation
of Digital TV, giving less than two years for broadcasters
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to make their move to the technology. This revolution is
based on MPEG technology. Just a few months ago, at
CES, TV manufacturers of sets introduced their first
HDTYV compatible sets. By the end of 1998, many stations
will be broadcasting Digital Television signals with more
following in 1999. The digital television revolution is well
underway.

Market Situation

The market is in full transition. Many decisions need to be
made and the choices are difficult. Only one thing is cer-
tain, broadcasters will convert to digital TV. The question
of implementation, when and how much is it going to cost
remain open issues. They are taking the necessary steps to
assure a smooth transition even though there are numerous
unanswered questions at this time.

What Challenges Are Broadcasters Facing?

Some of the challenges include the choice of a correct for-
mat. Digital television as it has been defined by the FCC,
may have multiple formats (18 to be exact). Each format is
different and therefore requires different equipment. Some
of these formats are close to the NTSC standard with 525
lines and 720 samples per lines at 29.94 Hz interlaced.
Others use 1080 lines at 60Hz progressive. The need for
equipment to support each format is very different and
each broadcaster needs to decide what best fill their needs.
The equipment selection process will also be a challenge
as most equipment is, for the moment, not available or in
beta testing. Testing product quality as well as the compat-
ibility with other equipment will be a major challenge.

What Potential Pitfalls Are There?

There are of course many pitfalls along the way especially
with the amount of equipment that will need to be imple-
mented. The first pitfall would be selecting proprietary
equipment that will not operate properly with the rest of
the industry. The system would perform inside the facility
satisfactorily, but prevent the broadcaster from adding
other manufacturer’s equipment and could prevent



interfacing with other facilities. Another obvious pitfall is
the amount of investment required to make the move can
quickly become overwhelming. The business aspect is
beyond the scope of this paper but should be carefully
examined.

What Will We Discuss In This Paper

In this paper, we would like to provide information about
some aspects of the implementation of DTV. We will
review the fundamentals of MPEG, as well as look at the
DVB and ATSC standards. We will primary concentrate on
the new ATSC standards and review signal contents as
well as what standards are being developed to assure prop-
er interoperability of equipment. We will also examine
what test methods will help manufacturers develop DTV
products as well as what the broadcaster will need to test
to insure a good, reliable, high quality signal.

WHAT IS MPEG TECHNOLOGY

MPEG technology has been around for several years. It is
a standard that specifies a method of compressing data
(mostly video and audio) in order to reduce the amount of
transmission bandwidth required to broadcast the informa-
tion. These techniques have been recognized worldwide
and are based on a DCT based algorithm. MPEG is often
describe as a tool box, but does not provide information to
the manufacturer on how the data should be compressed
but provides guidelines on what the final product should
be. This is one reason why there are so many differences
in terms of features and performance between encoder
manufacturers. MPEG technology is not only used in the
broadcast domain but is is also found in the computer
industry.

Why It Is So Attractive?

The reason MPEG is so attractive is that it reduces the
amount of bandwidth required to transmit the signal. For
example in an NTSC analog system, 1 TV channel
includes 1 video, 1 audio and close caption information
that can be transmitted over a 6 MHz channel. With
MPEG technology, it is possible to broadcast five video
channels each of them with four distinctive audio and
close captioning in the same 6 MHz. On top of it all, the
quality of those five compressed channels is better than a
single NTSC channel! Broadcasters now see a method of
increasing revenues by packing more information per
channel. The same principal applies to the computer
industry, they can easily provide video information over
network for example.

What Is It Used For?

MPEG is really used in many different ways. The applica-
tion of MPEG that most interests us here is broadcast
applications. The first large scale, commercial application
has been DBS or direct broadcast. Satellites have been
able to send to people’s homes hundreds of channels of
video and audio. There are over four or five organizations
that provide direct satellite broadcasting and they have
millions of subscribers. MPEG technology is also being
used over the Web or with the DVD (Digital Versatile
Disk).

The Video

As mention earlier MPEG is a scalable technology and as
a result, MPEG offers different levels of quality of com-
pression. They are known as the Levels and Profiles. Each
level and profile relates to picture resolution and encoding
method, and depends on the use of the compressed video
information. Broadcast is now typically using Main Level
at Main Profile (ML @MP). However, new HDTV formats
specify resolutions that will require the use of higher
levels and profiles.

PROFILE
LEVEL | simple _ main sne _ spatlal __ high
High X 80M bit's X X 100M bit's
1920 pixels 128Mb
1| 15200 RAM
High X B60M bit's X X B80M b/s
3 1440 pixols 84Mb 126Mb
| 152 lines RAM RAM
Main 15M biv's 15Mbit's | 15M bit's X 20M bis
720 pixels 8Mb 16Mb 32M a2Mb
576 lines RAM RAM RAM RAM
Low X 14MbWs | 4MDbivs X X
352 pixels aMb oMb
288 Wnes RAM RAM
No B frames B frames B frames B frames
B frames 420 42001
4:2:0 420 4:2:0 SNR & SNR &
Not Not SNR spatial SNR&

Table 1: MPEG Level and Profiles.

The Audio

MPEG specifies two types of audio: MPEG-1 audio and
MPEG-2 audio. Most current systems use MPEG-1. In
new DTV systems, none of the MPEG 2 standards have
been selected and Dolby AC-3 is to be used with DTV.

The Data

One interesting aspect of the MPEG system is that data
can be broadcasted along with video and audio. This is
known as Private Data. This data can be as simple as
machine control or as complex as upgraded software for
the set-top box. In fact any data that is not MPEG video or
audio is labeled Private Data. This is how DTV Dolby
AC-3 audio will be treated.
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Principals Of Operation For Broadcasting

MPEG is used in broadcast with the main intention to fit
as much video and audio information in a 6Mhz channel
while still maintaining the best possible picture quality.
The following processes will occur: The video information
will be compressed by an MPEG encoder. The audio
channels will then be encoded. The audio information is
compressed by the same encoder that compressed video,
or done independently. Then all the audio channel, data,
and videos are then combine into the transport stream. As
an example most DBS systems offer 5 video with 2 or 3
audio per video in a one 6Mhz bandwidth.

APPLICATION OF MPEG IN REAL LIFE

As mention earlier, MPEG is a toolbox, and more con-
straints need to be implemented in order to develop a
usable widespread broadcast system based on MPEG tech-
nology. If this is not achieved, it is possible and very likely
1o have equipment that will be MPEG compliant but will
not be compatible.

The first standard that proposed a broadcast solution to
the use of MPEG-2 is the European DVB (Digital Video
Broadcast) project. This proposed solution was then
followed by the North American ATSC Project. (Advance
Television System Committee). There are also other real
life applications for MPEG such as the DVD (Digital
Versatile Disk) but we will not go into detail for these
applications.

DVB: Digital Video Broadcast Project

The DVB project started in Europe over 3 years ago and
was the first world wide MPEG solution. Most of
European broadcasters are complying to the DVB standard
but this standard is not limited to Europe. It is used in the
U.S. by Satellite providers and in other part of the world
such as Asia. It uses mostly ML @MP. DVB is a standard
that specify, special control tables, conformance parame-
ters, physical interfaces of equipment in order to achieve
interoperability between manufacturers of broadcast
equipment.

ATSC: Advance Television System Committee

The ATSC standard was developed in North America in
response to the need of a standard that would allow
American broadcasters to provide DTV to the market. The
FCC has ruled that the ATSC standard will be used in the
U.S.A. Since that time, the ATSC and DVB committees
have been traveling the world trying to persuade each
country to adopt their respective standards. The ATSC
standard is newer than DVB and many of its aspects of
conformance are still under development. The goal
however, is the same as DVB, to provide a complete
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standard for the U.S. broadcast industry that will provide
interoperability of equipment while providing U.S. house-
holds with digital TV.

Other: DVD, Video Conferencing.

Another aspect of MPEG is its use in the computer world
specifically DVD. The DVD (Digital Versatile Disk) uses
MPEG-2 video and Dolby AC-3 audio. Note that DVD
uses MPEG-2 Program Stream while broadcasters are
using the MPEG-2 Transport Stream. The difference is the
multiplexing layer. The program stream is not designed for
transmission purposes.

Another MPEG application is video conferencing. Its
resolution and bitrate are not suitable for broadcast
applications. Those applications are beyond the scope
of this paper.

MPEG FOR BROADCAST

In this paper we will concentrate on MPEG broadcast
applications. Most of today’s applications are using

ML @MP or ML @4:2:2 profiles. The 4:2:2 profile is a
new profile that answers the need of contribution. ATSC
uses a ML@MP or better profile. As we will see, the PES
and Transport layers are more or less level and profile
independent.

Layering System

MPEG is a layered standard. This means that from raw
baseband uncompressed video or audio to the transport
stream, we can separate the data into three main area: The
ES (Elementary Stream), the PES (Program Elementary
Stream) and the TS (Transport Stream). Each of these
layers provide a significant step in the encoding and trans-
mitting process of the MPEG video. Note that we will not
address in this paper, the PS (Program Stream) that is an
alternative of the TS layer and used, for example, in DVD
applications.

ANALOG VIDEO or CCTR601
‘L COMPRESSION
LCOMPRESSION LAYER
Header | PES! Packet Data | PES
s«wmw PES packets LAYER
........................................ bietbsitssiamtoniot oo ereprrvorrrvors OO
h TS
Trmponmu Layer LAYER
lrm ‘ PES [ PESzl__TPESJ 'm m!num !
1 4 by\u < 184 bytes
e el e 3 wswﬁw —-
Variable length packs Variable length packs
MPEG-2 Program Stream ‘MPEG-2 Transport Stream

Figure 1: MPEG-2 System Layers



ES (Elementary Stream)

The Elementary Stream is the first step of the encoding
process. It takes baseband video or audio and creates raw
MPEG data. We will not go into the details of the encod-
ing process as it is beyond the scope of this paper. We will
say that a frame is broken into blocks with each being
processed. For each block the DCT process is applied and
the DCT coefficients are then quantified. The final result
of this process is an amount of data representing the frame
but is using less information than the original frame. This
step is typically performed by chip-sets, giving the broad-
caster little control of the process. Each frame can be
encoded as a I, P, or B frame depending on the application.
B frames contain less information than P frames, which
have less information than I frames. The GOP (Group Of
Picture) gives the sequence of 1, P, B frames used in the
encoding process. P and B frames require information
from other frames in order to be decoded. The broadcaster
can set the GOP depending on its application. The key is
to insert as many B and P frames (to reduce bandwidth)
without compromising the quality of the video.

PES (Program Elementary Stream)

The PES layer comes directly after the ES layer. The ES
raw MPEG data is formatted into PES packets. For video,
the PES packet generally represents 1 video frame. The
PES packets are of variable length and have a header that
provides information about the video frame, timing of that
frame, and how the video was encoded. They are also
audio PES packets. The syntax of the header is defined by
MPEG in the system Part 1 of the standards. One of the
critical parameters of the PES packet is timing. As seen in
the ES layers, some frames require other frames in order
to be decoded. As a result, decoders need to hold in buffer
some of those frames and when they need to be presented
to the screen. This timing is critical and decoders use DTS
(Decoding Time Stamp) and PTS (Presentation Time
Stamp). The time stamps are derived from the 27 MHz
clock of the encoder. Other important information that can
found in the PES packets include: Start of Picture,
Splicing Points, and GOP structure.

Splicing of two streams represents a huge challenge for
the broadcaster, as it is one of MPEG’s most difficult
tasks.

TS (Transport Stream)

The Transport Stream is the most critical stream for the
broadcaster. The Transport Stream is transferred between
equipment, such as between the encoder to the multiplexer
to the modulator. The concept of the Transport Stream is
to provide a syntax that allows the broadcast of multiple
compressed programs over one transmission channel. The
PES packets (multiple audio, multiple video) are slices

into 188 bytes packets. Each 188 byte packet has a 4 byte
header and a 184 byte payload.

The header provides information about the ID of the pro-
gram (called PID) as well as Sync bytes that are used in
the bit stream as packets indicators. The payload can carry
useful data (video, audio) or information about the system
(table) or about the timing (PCR in the adaptation field).
The adaptation field is an extension of the header and
allows information to be added about the program. The
adaptation field has a variable length. The most important
information found in the adaptation field is the PCR
(Program Clock Reference) The PCR is a 33 bit sampled
value of the multiplexer’s 27Mhz clock and is used to
transmit timing information to the downstream decoder.
Each independent program requires its own set of PCR.
Tables data are transmitted in the TS and are very
important. It allows the decoder to know which packets
belongs to which video and audio. It also provides system
information and a program guide. Along with MPEG
video and MPEG audio, other data can be broadcasted
such as machine control, stock quote, etc. This data is
consider private data and placed into data packets as
specify in the table. MPEG only specifies the format of the
data packet, but provides user freedom to implementation.
As a result, it is difficult to find a manufacturer of
common private data.

Figure 2: Transport Stream Header

Modulation

The final layer is the Modulation Layer. The main modu-
lation techniques for MPEG are 8, 34, 45 Mbits/s DS3
which are used for studio to the transmitter, QPSK or
8-PSK for satellite delivery (direct or contribution), QAM
64 for the cable industry. An 8-VSB technique is used for
terrestrial broadcast. Other delivery techniques include
ATM over DS3 or OC-3.
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The need for different modulation techniques comes from
the constraint of the transmission method. For example
noise level. Satellite is noisier than terrestrial broadcast-
ing, which is noisier than cable delivery, which is noisier
than a short direct link. Each modulation technique offers
different protection schemes such as RS (Reed Solomon)
coding, interleaving or framing.

OTHER MPEG PARAMETERS

Tables
MPEG requires the use of three main tables:
The PAT (Program Association Table) provides
information about where the table program is located.
It is always located on PID 0.
The PMT’s(Program Map Table) provides information
about the contents of the stream and associate PID to
a particular video or audio. The PID of a PMT is
defined in the PAT table.
The CAT (Conditional Access Table) defines the
scrambling parameters and is located on PID 1. Every
other MPEG table is optional.

Conditional Access

The Conditional Access is a key point of DTV. Most pro-
grams are or will be encrypted in order to select who will
be able to access the data. The MPEG system provides
much better security than conventional broadcasting meth-
ods. It is very powerful and as a result can be difficult to
manage properly.

THE DVB IMPLEMENTATION

The DVB implementation offers a complete broadcast
solution. It is based on MPEG-2 technology. DVB speci-
fies the use of multiple formats of levels. However, at this
date most applications use ML@MP. DVB specifies a set
of rules that make the MPEG-2 technology applicable to
network distribution.

Where is it used

DVB is the standard that has been adopted by Europe. It
was created by satellite providers such as Astra Satellite or
Canal Plus and was later adopted by many cable operators.
It will soon be used for terrestrial broadcasting of off-air
transmissions. DVB is also being used in the U.S. An
example is Echostar, they broadcast a bouquet of
programs over satellite. Most point to point MPEG
contribution feeds for SNG (Satellite News Gathering)

are based on the DVB format right now. Sorme Asian
countries have also adopted the format.
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Added Tables

The tables are the heart of the TS layer. They provide the
decoder with the information it needs in order to find a
certain program and properly decode it. There are three
main MPEG tables (PAT, PMT, CAT) and 7 extra DVB
tables. Not all of the tables are required in the DVB
stream.

Here are brief descriptions of the required tables:

The NIT (Network Information Table) provides
information about all the TS in the network.

The SDT (Service Description Table) provides
information about the services offered by the stream

The EIT (event Information Table) provides
information on programming.

The TDT (Time and Date table) provides time and
date information.

All other tables are optional: RST (Running Status
Table), ST (Stuffing Table), TOT (Time Offset Table).

Added Constraints: Conformance Issues

As stated earlier, two systems can be MPEG-2 compliant
without having interoperability between them. This is why
DVB adds more parameters than need to be tested in order
to ensure a DVB compliant stream. DVB organizes these
tests into three priority levels.
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Figure 3: DVB Transport Stream Compliance Parameters

Future in the U.S.

The future in the U.S. for DVB is unclear. There are large
systems in the U.S. that will probably keep DVB equip-
ment in operation. Companies made the equipment
investment and manufacturers will continue to support and
develop DVB equipment. On the other hand, as ATSC
makes its way into the broadcast industry it is doubtful
that many new DVB systems will be implemented in
North America. It will not be long until the amount of
ATSC systems outnumber DVB systems.



THE NEW ATSC IMPLEMENTATION

In December of 1996, the FFC ruled that U.S. broadcast-
ers will be broadcasting Digital Television before the end
of the century. ATSC will be the standard that will be
used. It is based on MPEG-2 technology. There is some
confusion existing between terms. DTV and HDTV. DTV
(Digital Television System) represents the overall system
that will be implemented. HDTYV is one of the potential
formats for the DTV system. However, most of the DTV
format is NTSC resolution similar. ATSC (Advance
Television Committee) is a committee that set standards
for the use of DTV systems. It is composed of both manu-
facturers and broadcasters, and is not limited to North
America. Broadcasters will send over the air a 19.4
Mbits/s bitstream modulated with 8-VSB technique.

ATSC FORMATS
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Table 2: ATSC Formats

What Is The New ATSC Standard?

The New ATSC standard is equivalent to the DVB
standard. It makes the MPEG-2 technology applicable to
large distribution network. It is geared for the U.S. market
and is applicable for satellite, cable, and terrestrial broad-
casting. It specifies a set of rules such as tables, program
guides, parameters and limits. There are 18 formats
defined by the ATSC standard. See Table 2. ATSC uses the
Dolby AC-3 standard for Audio. Note that AC-3 is seen as
private data from an MPEG-2 point of view.

Where It Will Be Used?

ATSC was developed for the U.S. market much like DVB
was for the European market. It is very unlikely that the
ATSC standard will be used in Europe, but other parts of
the world such as, South America or Asia may look at the
ATSC standard. The ATSC committee is traveling around
the world doing demonstrations, trying to add additional
countries to the ATSC user group. Note that DVB is doing
the same thing....

Typical Broadcast Center
It is difficult to say what a typical broadcast center may
look like in the future since local broadcasters operate

differently than networks or DBS from cable operators.
One thing is certain, everybody will get some ATSC data
in and out of their facility. Two of the most popular
scenarios include full decoding of every incoming source
or passing it through “as is.” We will probably see both
configurations implemented. It is not clear at this time
which format (s) the broadcaster will use. Most likely
1920 x 1080P and 740 x 480I.

Implementation Choices

Difficult choices are being made by the broadcaster and
their affiliates. The following scenarios are likely to
happen: The Network will provide to their affiliates, an
ATSC stream compressed to a lower compression ratio
than 19.4 Mbits/s (Contribution Quality). Typically we
will see bitrates between 45Mbits and 65 Mbits/s transmit-
ted over satellite. These bitstreams will be decompressed
locally, edited and recompressed to 19.4Mbits/s and sent
over the air. Another possible scenario includes the pass
through option. The network will broadcast over satellite
a 19.4Mbits/s stream that the affiliates can pass through.
This scenario is inexpensive but does not offer much
flexibility to the local broadcaster, unless splicing
becomes a reality.

Technical Specification

The first step in understanding the new ATSC standard and
how it will be used is to study the standard itself: The fol-
lowing documents should be downloaded from the ATSC
web site www.atsc.org. The main documents are listed at
the end of this paper.

ATSC Table ID Ranges & Values

" Yable ID 2 e & :
thu(MX) i : Tlhlu S PI0
ISOAEC 13818-1 Sections:
0x00 Program Association Table (PAT) 0
0x01 Conditional Access Table (CAT) 1
0x02 TS Program Map Table (PMT) per PAT
0x03-0x3F | (ISO Reserved)
User Private Sections:”
Ox40-0x7F | (User Private for other systoms)
OxB0-OxBF | (User.Private),
Other Documents:
OxCO-OxCS (Used in other systems)
........ PSIP Tabilsi: :
0xC7 | Master Guide Table {MGY) Ox1FF8
- 0xC8 Terrestrial Virtual Channel Table (TVCT) | Ox1FFB
.| Cable Virtual Channs! Table (CVCT) Ox1FFB
Rating Region Table (RRT) Ox1FFB
| Event Information Table (EIT) per MGT
| Extended Text Table (ETT) & per MGT
+|. System:Time Table (STI)... ... | Dx1FFB

| (Reserved for future ATSC use)

Table 3: ATSC ID Ranges and Values.
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Tables

As in DVB, the tables are a large portion of the new ATSC
standard. All the information relating to the ATSC table
can be found in A/65 often called PSIP (Program and
System Information Protocol)

The ATSC still requires the MPEG-2 table (PAT,PMT)
even though they are not used.

See Table 3 for a list of Tables and ID Values.

For the Terrestrial Broadcasting the following tables need
to be included:

The TVCT (Terrestrial Virtual Cable Table) defines the
MPEG-2 program embedded in the TS Layer.

The MGT (Master Guide Table) defines the type,
packet identifiers, and version for all the other PSIP
tables in the TS Layer except for the STT.

The SST (System Time Table), defines the current date
and time of day.

The RRT (Rating Region Table) defines the TV
parental guideline system.

For the Cable Broadcast the following tables need to be
included:

The CVCT replaces the TVCT but has the same
function

The MGT, SST, RRT are the same as that for
Terrestrial Broadcasting.

The EIT, ETT are other tables that are included into the
PSIP

Program Guides

Each channel can carry multiple EIT (Event Information
Table) that will provide upcoming programming informa-
tion to the user. Each program will have four EIT’s that
will cover 3 to 4 hours of programming. This information
will be used by the decoder to provide program informa-
tion. If the data in the EIT needs to be extended (long
description) an ETT (Extended Text Table) can be
attached to each EIT to provide more detailed information
on the program,

Note that four EIT tables per program are required for ter-
restrial broadcasting, but are optional for cable. All ETT
tables are optional.

Added Constraints

Like DVB, ATSC specifies additional constraints to help
with compatibility. The constraints for the TS layer are not
defined yet.

Program Paradigm
The Program Paradigm specifies a way to assign numbers
to all the programs in a TS layer.
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It is as follows:

The base PID is defined by base_PID= program
number<<4 where the program number is the
16 bit identifier in the PAT and PMT.

For that program the PMT_PID= base_PID+0x0000,
the Video_PID= base_PID+0x0001 (Video PID for
the program),

PCR_PID= base_PID+0x0001 (PCR timing PID is the
same as the video),

Audio_PID= base_PID+0x0004 (Primary Audio for the
program),

Data_PID= base_PID+0x000A. (For the data of the
program)

Conformance Issues

Right now, there are no conformance tests that the ATSC
requires for broadcast equipment. Most of the compliance
tests are offered for the receiver products. ATSC defined
the ATSC Certification Program for consumer DTV
receivers.

MONITORING AND TESTING
THE NEW FACILITY

Why A Need For Testing And Monitoring
Conformance to all of the relevant standards is vital in
assuring that all of the components in the broadcasting
chain will interoperate and deliver a the desired service to
the consumer. The complex protocols which form the
basis of DTV have forced changes in testing methodology
and test equipment. When applied to a digital TV system,
traditional analog test and measurement techniques
provide virtually no useful diagnostic information. Errors
introduced during encoding, transmission or decoding
may produce a blank screen, which provides no indication
to the cause of the problem.

The path to implementing, installing and finally broadcast-
ing the new digital TV standards raises a variety of testing
and measurement problems. These problems can be
roughly broken down into two sets of requirements.
Detailed in-depth analysis of the entire bitstream from the
transport stream down to the individual video, audio and
data elementary streams which forms the basis of the
service to be broadcasted. The other is monitoring the
broadcast in real-time to ensure that it is conformant and
can be decoded for viewing by the target audience. These
two sets of requirements are addressed below.

In-Depth Analysis
In depth analysis of the transport stream is vital for
the testing of the equipment which forms the digital



broadcasting chain from encoders and multiplexers
through to the Consumers Integrated Receiver Decoder
(IRD). Throughout the design, development and deploy-
ment phase there is a requirement to perform in depth
analysis of the Transport Stream. Designers and develop-
ers of the encoding and transmission equipment need to
analyze the output of their equipment to ensure confor-
mance. Installers have to be able to analyze the Transport
Stream throughout the entire system to solve any interop-
erability problems. In order to meet these demands, test
equipment must be able to record the entire Transport
Stream at bit rates up to 60 Mbit/s. The recorded stream
can them be checked against a comprehensive list of para-
meters, for example:

* Correct transport stream packet structure

* PCR repetition rate and accuracy

* Correct table syntax

* Adherence to the T-STD buffer model as defined in

ISO/IEC 13818-1

In addition to recording and analyzing the Transport
Stream, developers, manufacturers and installers require a
reliable and repeatable source. The test instruments should
provide the facility the ability to playout Transport
Streams at bit rates up to 60 Mbit/s.

Monitoring
Once the commissioning phase is completed, the broad-
caster needs some means of assuring that the system is
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still operating correctly. This raises the need to perma-
nently monitor (in real-time) the transmission in order to
assure an uninterrupted, high quality service.

Cable and terrestrial broadcasters take their material from
a variety of sources and there is a need to re-multiplex the
transport stream, including materials which may have
been previously encoded. The necessity to re-multiplex the
Transport Stream forces the regeneration of the tables, tak-
ing information from all of the sources and combining it.
The process may also necessitate the recalculation of the
timing information that is embedded in the Transport
Stream. This leads to the potential of introducing errors
due to the re-calculation of time stamps and re-composi-
tion of the tables. The diagram below shows a generic
system which applies to all of the medias over which
Digital Television may be broadcasted. It highlights poten-
tial monitoring points. The primary monitoring point is at
the output of the chain just prior to transmission, however,
the other monitoring points throughout the chain can pro-
vide vital diagnostic information in the event of a failure
allowing the rapid selection of a redundant component.
See Figure 4.

The problem of what to monitor is complicated by the
enormous volume and variety of information carried in a
digital TV broadcast . Simply monitoring the Transport
Stream against a subset of conformance tests will not
guarantee the viewers set top box will correctly decode all
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Figure 4: Possible Station Implementation
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of the information in the Transport Stream. The ATTC
conformance test laboratory will help to ensure that inter-
operability problems are minimized, however, for the
broadcaster there are two fundamental questions which
need to be addressed

Is the service present ?

In order to determine whether the service is present the
real-time monitor has to successfully interpret the PAT and
PMT, then locate the video and audio PIDs. However, this
alone is not sufficient to prove that the service is present.
While the service might be deemed present by occurrence
of all of the correct PIDs, it is equally important that each
of the video and audio components of the Transport
Stream multiplex are present at the correct bit rate. The
real-time monitor must provide the broadcaster with an
easy to read display of the relative Transport Stream
Multiplex occupancy and bit rate of each PID. Refer to
Figure 5.

In addition to providing a display of the relative multiplex
occupancy the real-time monitor has to warn the
broadcaster when the bit rate of each PID falls below

a value which would indicate the service was no longer
operational.

Can the viewer satisfactorily

decode and watch the service?

The complexities of encoding and broadcasting Digital
Television makes this a very difficult question to answer.
Unlike analog transmissions, where there are a small

number of programs being broadcasted, monitoring of the
programs can be done by a number of human observers
watching a wall of video monitors. The potential to broad-
cast a large number of Digital programs renders this
approach ineffective.

A pragmatic approach to resolving this question is to
assume that during the commissioning of the Digital
Television broadcast system it is fully tested and shown to
be conformant against the specifications. The monitoring
problem is therefore reduced to assuring that nothing has
changed after commissioning has been completed. There
are a variety of parameters which can be measured, these
are summarized in the table.

Problem Reported

No transport stream

Incorrect CRC

Incorrect SI syntax

Reserved bits incorrectly set

iV
v
v
v
v

Missing service components

No video or audio input to encoder

Tnconsistent information across S1_tables

=H
c-
&
=
Rt
g
(=%
£
o
=
=
=,
§.
E=2
k=3
=
A}

Multiple signals to monitor

The deployment of DTV will not eliminate the other sig-
nals in the station. Even if some old signals will have a
tendency to disappear, economic reality proves that the
broadcaster will have to deal with old technologies as well
as brand new ones. It is important to keep in mind that

analog NTSC, CCIR601 Digital video, new
HDTYV non-compressed signals and MPEG ATSC
TS will need to co-exist. As a result, the broad-
caster will need to monitor carefully all the signals
in its facility. The new modulation techniques such
as QAM and 8-VSB will also bring some chal-

Aud108.0k ’

lenges to the user.
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Figure 5: Multplex Occupancy SMPTE will also offer some help in this big task
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as it did in 1997 by developing the interface standard for
professional DTV equipment called the SMPTE SSI inter-
face.

CONCLUSION

The DTV revolution has started and it will not be easy. It
is clear from the FCC ruling and the commitment of the
broadcasters and manufacturers that DTV will happen.
Unfortunately the new technologies are very complex and
challenging. The broadcaster will need to get as educated
as possible on the subject in order to make the correct
decisions when buying equipment or selecting systems.
With the new implementation, the broadcaster will have to
ensure the complete system is performing as it should and
the final user will be able to decode high quality audio,
video, but will also enjoy all the new advantages of DTV
such as real time program guides, Internet data, etc. In
order to achieve the high quality level that everybody
expects from DTV, the signal must be monitored at every
stage from the creation to the final modulation over the air.
Therefore it is important for the video professional to real-
ize that the testing methodology needs to be thought of at
the design stage, before the system is implemented. By
doing that they will avoid or at least minimize the
headaches and frustrations that can be expect with any
major studio redesign.
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DIGITAL BROADCASTING IN AM BANDS: A REALITY

Patrick BUREAU and Pierre LAURENT
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ABSTRACT

Since the launch of ideas for the introduction of digital
modulation within the AM frequency bands, several
systems are under development with the common aim to
act positively for the digital future of AM
Radiobroadcasting. Skywave 2000, the Thomcast
contribution for NADIB (Narrow Band Digital
Broadcasting) and DRM (Digital Radio Mondiale), has
reached the experimental phase and has already proven
interesting capability and flexibility during field tests
performed under real environmental conditions in Long,
Medium and Short Waves.

The present paper, mainly based on the results obtained
during these testing campaigns, will provide an accurate
idea about the feasibility and limitation of today’s existing
solution, and the promising expectations based on the
availability in the near future of technologies and
techniques now under development.

INTRODUCTION

The advantages of digital transmission methods are being
increasingly exploited in broadcasting to provide new,
better or previously undeliverable programme services.
The use of digital techniques is spreading throughout the
broadcasting spectrum.

The advantages accruing from digital techniques are
mostly of a technical character (in the sense of
optimization of quality or a better use of the spectrum) and
only represent a real improvement for the customer if they
can be introduced with reasonable cost and effort.

This is especially true for AM radio broadcasting in
general, and particularly for international short-wave
broadcasting, because the customers of the broadcasting
services are distributed world-wide.

THOMCAST PROPOSED SOLUTION

Introduction

Skywave 2000, the digital system proposed by Thomcast,
is the result of an optimisation between possible data
rates, bandwidth, channel coding, complexity, quality and
flexibility.

Its incremental architecture allows easy and transparent
adaptation to bandwidth, bitrate and level of protection
which are required in all present and future
implementations, without any change on the receiver side.

General overview

Skywave 2000 provides a single solution for all AM
frequency bands (LW, MW, SW) which will bring
benefits to the listener and to the radiobroadcaster in terms
of simplicity of receivers, economies of scale, and a wider
introduction of the new digital transmission mode.

It is the result of a global system approach considering
both existing receiver and transmitter techniques and easily
implemented at low cost with the technology available
today.

In addition, Skywave 2000 approaches the problem of the
transition period between the introduction of digital AM
Radiobroadcasting today and the future fully digital multi-
services by offering a progressive, compatible (digital
and analog) signal which can be received by both today's
conventional consumer receivers and by future low cost
digital receivers.

Skywave 2000, is based upon a parallel modem which has
been proven to be an efficient, reliable and flexible
solution in presence of disturbed propagation channels
especially within the Short Wave frequency range or
Medium Wave during night-time.

Basically the system is adaptable to any multi-bit rates

source coder standard: it has been tested with generic
MPEG 2 Layer Il and MPEG 2 Layer III.
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The next step will be an advanced source coder providing
a scalable structure needed to permit graceful degradation
of reception.

Nevertheless, the final coder has to be one which provides
the best perceptual quality in real transmission conditions.
Taking into account the effect of transmission errors, some
specific adaptations such as CRCs and parities have to be
added to critical parameters at the transmitter site to be
associated with bad frame indicators at the receiver.

In order to offer a high spectral efficiency of 2 to 3 useful
bits/s per Hertz, without increasing considerably the output
bandwidth, the parallel modem uses a multi-carrier
transmission scheme with trellis coded modulation (TCM)
associated with a digital QAM modulation mode in an
OFDM structure.

A coherent demodulation is performed by permanent
channel estimation.The system is designed to provide fast
synchronization and to be insensitive to Doppler shifts (for
example + 300 Hz to 500 Hz).

The system is able to carry a multiplexed frame containing
multi-services with different levels of protection according
to the sensitivity of the carried information (see below
figure n°1: Functional Block diagram):

e digital audio program and associated pictures
e data services: text, messages, still pictures

e data for internal system information. This highly
protected low bit-rate data stream is devoted to the receiver
reconfiguration. It conveys the transmission parameters:

* modulation format (16 QAM, 64 QAM or 256 QAM)
* the interleaving depth

* the total bandwidth, ...

e an analog program in simulcast mode.

Audio Specific Pseudo-Random Audio
Digita Source Coder [Adaptations p ° Channel Coding Framin
AGETZ® WPEG 2 Layer 3 [CRC Parties] T | T Mopareauency B T e 9 s
Program  (FHG-IIS) QAM (16/64/256) +
Complex
JPEG Pictures + Data .
Channel Coding Signal '»I
TCM G ti
- eneration
Data QAM (8/16/64) > (IFET)
_________________________ . Q

0 Booal o P B S D e e
Time Synchronization _ . _ . _  _ _ _ . _ . _ . _._._._.C p| Analog
Gain Reference RC. Audio

Channel Codin — i
Receiver reconfiguration 8 QAM 9 Process'ng

+ Reed-Solomon (7,4)
+ Frequency diversity (3)
Analog Audio Program
Functional Block Diagram FIGURE N* 1

System Architecture

The incremental architecture (see below figure n° 2:
Incremental architecture) of the system allows easy and
transparent adaptation to bandwidth, bit-rate and level of
protection which are required in all present and future
implementations, without any change on the receiver side.
The transmitted signal consists of:

e one kemel group of carriers of 3200 Hz total
bandwidth containing all the signals which are necessary
for frequency reference, time synchronization, gain
references and receiver reconfiguration.

106

The kernel group of carriers also includes a minimum of
audio and picture symbol blocks comprising 576 audio and
picture symbols in 288 ms.

® anumber of additional groups of carriers, each of 366.6
Hz bandwidth, each conveying a nominal bitstream of 72
audio and pictures symbols and 5 data symbols.

The number of additional groups depends upon the total
available bandwidth.
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Such incremental architecture associated with different
QAM modulation modes (16, 64 or 256) offers a
maximum of flexibility as it can be easily adapted to the

e 16 QAM as fall back mode for Short Wave during
difficult transmission periods (sunrise, sunset)

e 256 QAM for Long and Medium Waves day-time

available. .bandwidth N transmission for maximum audio perceptual quality.
characteristics.
As an example: The capacity of the presented system in terms of useful bit-
e 64 QAM as the standard modulation mode rate versus bandwidth is given in the following chart:
KERNEL | Additional | Kernel Group Kernel Group
GROUP | GROUP + 4 Additional Groups | +16 Additional Groups
Bins 96 11 140 272
Bandwidth (Hz) 3200 366.6 4666.4 9065.6
Audio/Picture Symbols:
- 16 QAM (kbit/s) 6 0.75 9 18
- 64 QAM (kbit/s) 8 1 12 24
- 256 QAM (kbit/s) 12 1.5 18 36
DATA Symbols:
- 8 QAM (kbit/s) - 34.7 138.8 555.2
- 16 QAM (kbit/s) - 52.1 208.4 833.6
- 64 QAM (kbit/s) - 69.4 277.6 1110.4
Remote Control Symbols
for Receiver Reconfiguration 21 - 21 21
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THOMCAST’S SKYWAVE 2000 DEMONSTRATOR

Throughout 1996 and 1997 different demonstrations have
been performed showing Skywave 2000 capabilities and
experiments progress in order to demonstrate the short
term feasibility and to inform a large public about the
promising possibilities of digital AM.

From 3" Radio Symposium Montreux in June 96 to IBC
Amsterdam in September 97, Skywave 2000, the
Thomcast Digital AM system has demonstrated fast
progress and real life, over the air results.

General Overview

Various demonstrations have shown the system
capabilities and demonstrated the rapid progress of the
development of the system in order to prove the short term
feasibility and to inform a large public about the promising
possibilities of digital AM.

The demonstrator, as shown in the following block
diagram (see below figure n° 3: Demonstrator Block
diagram), consists mainly of:

e a real time digital processing systems for coder,
decoder and modem (already described), implemented on
standard Digital Signal Processor (DSP) PC boards

e an HF channel simulator

* a combined analog / digital low power exciter
operating in the SW frequency band

e a standard Short Wave consumer receiver dedicated to
receive the analog program

e a professional receiver with selectable filters is used in
order to provide the reference receiving capability of the
system.

In addition, in order to evaluate the capability of the
existing receiver technology, a standard Short Wave
consumer receiver has been modified to receive the digital
program.

The modification to the consumer receiver consists mainly
in an implementation of an IF2 output with a wider IF2
filter feeding to the digital decoder.
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- Digital modulator Simulator
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Demonstrator flexibility

The demonstrator developed for demonstrations and
experimentations allows working with real AM
broadcasting operating conditions and offers maximum
flexibility in the choice of transmission channel
characteristics (already described) and transmission modes.

Among the large choice of transmission modes:

e standard AM DSB
e SSB: USBor LSB

e simulcast (Analog compatible AM + Digital) with two
versions:

*  AM Simulcast
* VSB Simulcast
o full digital with different versions:

* with reduced carrier for implementation in some
existing transmitters

* without carrier for future implementation in transmitter
dedicated for digital.

The flexibility of this demonstrator allows adaptation of
the useful transmitted bit-rate according to the available
bandwidth whatever is the chosen modulation mode (see
below figure n® 4: Modulation Modes).

AM Simulcast

VSB Simulcast

v ] . e
R S

Modulation Modes

Full Digital
with Reduced Carrier

Full Digital

-

Y
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It el e, et e

s . CH
PO NI LM VR )

FIGUREN® 4

SYSTEM PERFORMANCE

Overall performance

The performance given in this chapter, except when
indicated, are not simulated results. They have been
obtained through real on-air operation of the already
described demonstrator.

Overall performance can be illustrated by means of the
following figures (see below figure n° 5: Overall
Performance of the Modem in the Frequency and Time
Domains).

This figure illustrates the general ability of the modem to
operate correctly with 10 to 20% of the Time domain and /
or Frequency domain unavailable. In real conditions, the
modem will encounter a mix of time and frequency
domain impairments as well as SNR impairments.

The modem’s capability to deal with these impairments is
mainly dependant on the global SNR values.
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Experimental results

The receiver of the demonstrator having the capibility to
perform real Symbol Signal to Noise Ratio (SNR)
measurement, the indicated values correspond to the real
measures and not to the SNR selected on the HF simulator
(see below figure n° 6: Symbol SNR within AWGN
Channel and figure n° 7: Eb / NO within AWGN
Channel).

Experimental results of the modem in presence of
multipath channel has been performed with the standard

modulation mode (64 QAM) and using the Medium Time
Interleaving (4 x 288 ms).

The measured Symbol SNR is the one measured at the
reception (real SNR) and not the SNR selected on the HF
Channel Simulator.

Symbol SNR is given for 4 different well known
characteristic muitipath channels.

(see below figure n° 8: Symbol SNR with Multipath
Propagation)
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Field tests

In addition to these experiments performed with the
demonstrator on the HF channel simulator, the
demonstrator has been tested On-Air during public
demonstrations in 1997 with real HF transmissions using
non-modified existing transmitters (with both modern
transmitter types: PDM and PSM high level modulation).

For these tests, the following test bench was used (see
below figure n® 9: Test Bench Functional Block

e transmitter modulated in phase and amplitude by a
complex signal from the demonstrator

e transmitted power:
* useful power with the digital program: 30 to 100 kW
* carrier power: 60 to 100 kW

¢ Symbol SNR at the reception site: 17 to 25 dB.

Diagram):
For these On-Air tests, the following technical
characteristics can be mentioned:
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Test Bench Functional Block Diagram FIGUREN"9

During these On-Air tests, the modem has proven its
capability to operate in presence of multipath propagation,
as an example these extreme conditions were met:

¢ up to 4 paths with fading between 25 to 30 dB:

* the first and second path at the same level with a delay
of less than 0.5 ms

* the third path 10 dB below the two first with a delay of
less than 2 ms

* the fourth path 10 dB below the third one with a delay
of less than 3 ms

e analog program transmissions on the adjacent

channels.

The results of these On-Air tests can be summarized as
follows:

e good permanent reception of the audio digital program
at nominal TCM 64 QAM modulation mode with « grade
4 or 5 » for any Symbol SNR > 22 dB

e no audible perturbation of the occupied adjacent
channels.
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TRANSMITTER HARDWARE

The signal at the output of the digital modulator is a
complex type signal represented by its Cartesian
coordinates I for the In phase and Q for the Quadrature.
To be transmitted by modern transmitter, it has to be
converted into polar representation with Amplitude (A)
and Phase (¢). Such a technique called « Kahn», is
already in operation in all modern Class C transmitters
equipped with SSB (Single Side Band) modulation.

Nevertheless, even if experimental tests can be performed
with any type of modern transmitter without hardware
modification, the caracteristics for a digital signal in terms
of, bandwidth, crest factor, linearity, group delay and

incidental phase modulation due to the envelope, have to
be improved.

The current results as concerns in-band (Signal to Noise
Ratio) and out-of-band (Shoulder) are not fully
compatible with a new audio digital service providing a
« commercial quality» under severe propagation
conditions. In addition, the protection for the adjacent
channels should be improved to comply with the existing
recommendations as shown in the following spectrum
photo taken during field tests (see below figure n® 10:
Spectrum at the Output of a Non-modified Existing
Transmitter).
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Spectrum at the output of a Non-modified Existing SW transmitter

FIGUREN" 10

Messurement Conditions:

- 500 kW SW PSM Transmitter
« Carrier Output Power: 100 kW
- Digital Output Power: 100 kW
- Digital Transmission:

. TCM 84 QAM

-9 kHz Bandwidth

At this stage of investigation, we can quantify the
remaining improvements which have to be applied to the
audio frequency bandwidth of the envelope modulator
(minimum 20 kHz, preferable 30 kHz) and the
neutralization system of the final RF power stage.

We are confident that these improvements can be easily
implemented and that a satisfactory solution will be
deliverable soon.

To start the improvement phase with minimal cost of
hardware modifications, digital signal processing, such as
dynamic pre-correction can be applied as described in the
following block diagram (see below figure n® 11:
Implementation on Existing Transmitter).
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CONCLUSION

The above described experiments have proven the
principal capabilities of Skywave 2000 as a system for
digital short-wave broadcasting.

Since the requirements of Short Wave in terms of system
robustness and propagation channel characteristics can be
regarded as more severe than for Long Wave and Medium
W<ns1:XMLFault xmlns:ns1="http://cxf.apache.org/bindings/xformat"><ns1:faultstring xmlns:ns1="http://cxf.apache.org/bindings/xformat">java.lang.OutOfMemoryError: Java heap space</ns1:faultstring></ns1:XMLFault>