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March 1992

Dear Industry Engineer:

On behalf of NAB’s department of Science & Technology, I am pleased to present the
1992 NAB Engineering Conference Proceedings. The immense diversity of this year’s papers
reflects the broad scope of concerns every engineer addresses every day.

In radio, the emphasis in Digital Audio Broadcasting (DAB) is shifting from theoretical
systems to hard data and hard choices. Even while we consider entirely new transmission
systems, we continue to explore ways to maximize the coverage of existing signals and
improve the quality of station audio with digital techniques. In television, we consider
exciting new technologies to improve the quality of broadcast video, the impact of digital
techniques on facility planning, innovative options for expanding video production, and the
opportunities in interactive video. Perhaps most interesting is NHK’s concept for an entirely
new kind of broadcasting service, called Integrated Services Digital Broadcasting, or ISDB.

I’m equally excited by our NAB *92 authors and presenters. I am especially pleased to
welcome the participation of the Society of Broadcast Engineers (SBE) and the continuing
increase of international presentations on broadcast engineering.

Bringing together a diverse group of professionals to share technical understanding across
international and association borders is the essence of communications, perhaps also the
essence of broadcasting. Continued exchange is essential as we grow to meet the challenges
of broadcasting in the 1990s.

Best regards,

Michael C. Rau Donald Wilkinson

Senior Vice President Chairman, NAB Engineering Conference
Science and Technology and Advisory Committee

Vice President and Director of Engineering
Fisher Broadcasting
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LOW COST DIGITAL AUDIO STORAGE UTILIZING
3.5 INCH FLOPPY DISKS
William Franklin
Fidelipac Corporation
Moorestown, New Jersey

ABSTRACT

This paper deals with a new digital audio system which
is designed specifically for the recording and
reproduction of audio in the broadcast format, and
operates identically to the endless loop cartridge
machine. By using digital compression and variable
sampling rates, it is possible to store up to 5 minutes
of stereo audio on the same inexpensive 3.5 inch
floppy disk which is used in your personal computer.

BACKGROUND

The NAB cartridge provides broadcasters a simple,
high quality recording media unique to their
requirements for production and on-air presentation.
It has continued to evolve with technology and
manufacturer’s ongoing research and development to
become a very dependable recording format. From its
origins as a mono, commercial-only sound source, to
its current position as a music length around-the-clock
mainstay of a majority of stations, the NAB cart offers
broadcasters an economical system for recording and
playback of audio.

The key features of the NAB cart are:
1. Instant access.
Simplicity of operation.
Durability
Interchangeability.
Low cost of both media and hardware.

AN ERCORtS

The NAB cartridge has its technical limitations. The
rigors of continuous insertion and play eventually
cause the tape and cartridge to wear out. Engincers
must clean and replace pinch rollers and heads, not to
mention making lengthy electronic and mechanical
alignments which the cartridge system rcquires. And
finally, while the original claims of interchangeability

between cartridges and machines have always been
stated, in actuality, the best one can hope for is an
in-house standard of one brand of cartridge and
splitting the difference in stereo phase consistency.
But despite its limitations, after 30 years the NAB
cartridge remains the standard due to convenience,
simplicity, reliability and cost effectiveness.

We now find ourselves in the digital audio age.
Numerous recording formats offer excellent sound
capability and enhanced control of our recordings. It
is a given that at some point, all audio will be
represented by digital bits rather than the analog
method that has supported us for the last 50 years.

Digital Audio Criteria

As we see it, the prerequisites for a digital cartridge
machine replacement are as follows:
1. It must be as simple to operate as a cart
machine.
2. It must have CD quality audio.
3. It must cost no more than a high quality cart
machine.
4. It must be durable and easy to maintain.
5. Media cost must be in line with existing
cartridges.

There are many new digital audio storage formats
available, all of which offer digital audio quality.
Operational complexity ranges from simple reel-to-
reel emulations to multi-tasking, GUI based audio
control centers. As one discovers the ravenous
amount of memory storage digital audio requires, the
media and storage space become expensive and quite
large. With it comes an uneasiness in having all
archives stored in one location with no provision for
interchangeability or recovery in the event of a mass
storage system failure.
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All new technologies have a cost. Unique digital
audio storage architectures are very costly due to the
low quantity of units produced, the development costs
and the sourcing of the appropriate components. The
development of a low cost digital cartridge machine
replacement must take advantage of existing low cost
components and media, and offer a sophisticated level
of control while retaining the ease of operation of the
cartridge machine.

DCR1000

Transport

The 3.5 inch floppy drive has made its way into almost
40 million PC’s in the United States. It has proven
itself as a rugged, reliable storage system. The low
cost of the drives is tied to the tremendous volume of
units being manufactured. The design is compact and
self-contained, so that the drive is really a disposable
item should it ever fail. Replacing a floppy drive
involves only four mounting screws and a ribbon cable
and takes just a few minutes.

The 3.5 inch floppy disk is a sturdy, jacketed media
which comes in storage densities of 1, 2, 4, and 10MB.
There is even talk of a standard for 20MB disks within
the next year. The advantages of using this consumer
based commodity is that the large demand drives
pricing down and broadens distribution. In addition,
trade organizations exist which establish standards for
manufacturing and technology improvements. This
offers many sources of disk drives that are
interchangeable and upgradable.

It becomes clear that the 3.5 inch floppy drive system
is an excellent choice on which to base a digital audio
storage system. The next problem is how to fit
enough digital audio onto a 3.5 inch floppy.

Digital Compression

Current professional digital audio systems use 16 bit
samples. The rate at which the audio is sampled has
an effect on the total amount of memory necessary to
store a length of music. For example, 60 seconds of
audio using 16 bit samples with a sampling rate of 44.1
kHz will require 5.1IMB of memory. By reducing the
sampling rate to 32 kHz, we can fit the same 60
seconds in 3.7MB. Reducing the sampling rate further
continues to reduce the necessary storage space of the
audio. However, by reducing the sampling rate, onc
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also begins to reduce the audio bandwidth of the
recording.

apt-X"100

By using an extensively researched and proven audio
data compression system, the apt-X"100, we can
compress the 16 bit PCM data to 4 bits. The system
works on a coding process based on ADPCM
(adaptive differential pulse code modulation). This
coding process works without audible sound
degradation and minimal time delay between the
encode and decode reconstruction. Typically, the
delay is 2.7ms at 44.1 kHz and 3.8ms at 32 kHz.

The three key parts of the apt-X"100 system, which
allow reduction of data by 4 to 1, are sub-band
coding, adaptive quantization and linear prediction.

The apt-X™100 system divides the audio spectrum
into four sub-bands. Bands with higher energy levels
receive more precise coding. The four band sub-
coding maximizes the perceived quality according to
the spectral response of the human ear.

In addition to band splitting, the system adapts the
quantizing step size according to the energy of the
input signal. The system continually analyzes the
previous sample and permits the decoder to function
without new gain information. The old sample data
is constantly compared against the accuracy of the
current sample and gain correction is applied in the
form of an adaption multiplier. This process offers
excellent tracking over a wide dynamic range and
also maintains a constant signal-to-noise ratio.

The third part of the apt-X" 100 process is the use of
linear prediction. The sinusoidal nature of the
majority of music and vocal sounds allows for a great
deal of predictability. Here again, by analyzing
recent data, an accurate prediction can be made of
the next value and reduced coding can be used for
signal representation.

The high speed and processing power of today’s DSP
chips make possible utilization the apt-X™100
compression algorithm in real time. By reducing the
16 bits of digital audio to 4 bits, we can now fit 60
seconds of audio into 1.27MB and .9MB at 44.1 kHz
and 32 kHz sampling rates respectively, and without
degradation to the sound quality.



Selectable Sampling Rates

By combining high density media and digital
compression, we find a means of storing useful
recording lengths on 3.5 inch floppies. As mentioned
earlier, by reducing the sampling rate, storage time
can be increased. Users can select from four sampling
rates to increase the recording time of disk depending
on their final application. The four sampling rates
available are: 44.1 kHz, 32 kHz, 24 kHz, and 22 kHz.
The user also selects recording in mono or stereo. By
selccting the mono recording mode, the available time
on a disk is again doubled. Figure 1 shows the
available recording times with various sampling rates
and media.

Master Player

The DCR1000 series consists of three models: a
Master Player, Record Module, and Sub-Player. All
units are 1/3 rack wide and 3 rack units high.

The Master Player contains the disk drive, a
microprocessor board, a D to A board and power
supply. The front panel of the player contains a 2 x 24
character LCD display which gives instructions, status,
title information and a countdown clock. The front
panel switches are the usual PLAY and STOP buttons
with the addition of a CUE switch for accessing
multiple cuts and re-cuing the disk. The cuing of a
floppy disk is virtually instantaneous. Cuts can be

previewed and then re-cued in one second. You no
longer need to wait for a cart to fast forward.

The rear panel includes the power entry assembly,
XLR analog outputs, an AES/EBU digital output,
power supply interface connector, the DCR bus
connector, RS232/422 port and the usual cart
machine remote control interfacing using open
collector outputs and contact closures to ground for
input control.

Record Module

The Record Module is a separate unit which is
connected to the Master Player via the DCR bus and
receives power from it. The recorder contains an A
to D board, LED audio metering, and sampling
select buttons and status lights. The front panel
function switches include RECORD, SEC, and TER.
A START ON AUDIQ switch allows recording to
commence on the detection of audio. A variable
audio threshold is provided to set the start on audio
level.

A standard AT computer keyboard plugs into the
Recorder Module for titling the disks and editing cue
points. The keyboard also allows additional features
and functions. The LCD display can show song title
and artist, or the outcuc of the cut being played.

The display also contains an accurate countdown

Stereo Audio Storage Time
SAMPLING RATE 22 KHz 24 kHz 32 kHz 44 1 kHz
Aupio BanowipTH 10 kHz 12 kHz 15 kHz 20 kHz
Media
2MB 1:14 1:08 0:51 0:37
10MB 7:30 6:53 5:10 3:45
20MB 16:34 15:13 11:25 8:17
Mono Audio Storage Time
SAMPLING RATE 22 kHz 24 kHz 32 kHz 44 1 kHz
Aupio BanowiptH 10 kHz 12 kHz 15 kHz 20 kHz
Media
2MB 2:28 2:16 1:42 1:14
10MB 15:00 13:44 10:20 7:30
20MB 31.08 28:36 21:26 15:34
Figure 1
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clock for each cut as it is played. The keyboard is not
required for operation of the DCR. All functions and
instructions are available through front panel switches
and the LCD display.

The rear panel of the DCR Record Module contains
XLR analog inputs and an AES/EBU digital input.
The recorder is connected to the master player
through the DCR bus and power supply cables. A
keyboard port and a printer output allow labeling and
titling the disks.

Formatting

Before it is first recorded, a blank disk must be
formatted and labeled with the DCR header and
format information. This format is different from the
automatically by pressing the format switches on the
machinc’s front panel. The format function can
format a new disk or erase a previously recorded disk.

Sub-Player

The third unit in the DCR1000 set is a Sub-Player
which contains a disk drive, an LCD display and front
panel switches but shares the D to A board and power
supply with the Master Player. This operation is
similar a triple deck cart machine. This creates a
lower cost unit but does not allow audio overlap
between two decks. Onc Master Player can control up
to three Sub-Players.

Production Capabilitics

The DCR1000 emulates the operation of the NAB cart
machine but gocs a few steps further. The principle of
inserting one-cart/one-song is maintained. Short
commercial spot announcements can be recorded on
the 2MB disks; music length material can be stored on
the 10MB disks. The DCR permits a total of 16 cuts
per disk. These cuts can be accessed manually by
repeatedly pressing the CUE button. Additionally, the
DCR can be configured to "remember” the last cut
played in a rotation just like thc NAB cart.

The header information placed on the disk during the
recording operation contains all the data necessary for
automatic playback. These instructions are¢ read every
time a disk is inserted. Kill dates may be stored on
commercials to prevent playing them after expiration.
A provision to manually override this feature is
included.
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Eight tertiary cues are allowed per cut and secondary
cues are used as a true EOM (end of message).

Cue placement and duration can be edited from the
keyboard. The end preview function plays the last 5
seconds of the cut.

The looping function of carts for continuous
background beds also can be accomplished by the
DCR. A disk may be permanently labeled as a
looping disk or manually set to loop when required.
The editing feature makes looping a very precise way
of splicing the beginning and ending of the loop on
the disk in real time. This eliminates razor blades or
assembly editing on a reel-to-reel before dubbing to
cart.

By use of the keyboard port or front panel switches,
a station can set up its own in-house DCR standards
of operation which lock out button pushers and
operator errors. For example, users may opt for the
consistency of recording all disks in stereo at 32 kHz
sampling by default. However, if a disk is
intentionally recorded differently, the DCR
automatically recognizes this from the header
information and selects the appropriate playback
mode.

Specifications

The advantages of digital audio are evident in the
electronic measurements of the system. Figure 2 is a
comparison of an analog cart machine versus the
DCR.

Cart Machine DCR1000

S/N Ratio -60dB -90dB

THD 0.5% 05%

Wow & Flutter 12% Unmeasurable

Crosstalk -50dB Unmeasurable
Figure 2

The digital unit offers significant improvement in the
sound quality. Moreover, reliability is enhanced
dramatically by the disk drive which provides a
MTBEF of greater than 30,000 hours and with disk
life at greater than 3 million passes per track. The
total system performance clearly takes the single play
cart machine to a new level of quality.



CONCLUSION

The advantages of a digital audio system are quite
clear. Current digital audio devices are designed as
application specific units. They address a particular
recording storage need and focus on the end user’s
requirements.

The DCR1000 addresses broadcasters’ need for a
single and multiple play on-the-air presentation. It
maintains the operational simplicity of the analog tape
cartridge machine. In addition to standard cart
machine characteristics, new and improved features
like editing, and instant end preview can be
incorporated into the new digital design without
complicating operation.

The size, shape and feel of a machine has an effect on
how the user interfaces with it. By designing hardware
in familiar packaging and following existing
operational characteristics, the integration of new
technology is an easier pill for operators to swallow.
From the engineering perspective, the DCR offers
lower maintenance, higher quality sound,
interchangeability, and last but not least, lower cost of
operation.
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RF DESIGN CONSIDERATIONS IN THE DEVELOPMENT OF A
HIGH-SPECTRAL EFFICIENT, MULTI-CHANNEL, ALL-DIGITAL STL

R. Richard Bell
Dolby Laboratories
San Francisco, California

ABSTRACT

An all digital approach to the design of an aural
studio-transmitter-link (STL) for the 944-952 MHz
band imposes several unique requirements on the radio
frequency (RF) design of the transmitter and receiver
portions of the system. The FM radio designs that
have served the broadcasters’ STL needs so well in the
past are no longer adequate. Where high performance
and spectrum efficiency are the primary needs only
new approaches in transmitter and receiver RF designs
will suffice for the digital-studio-transmitter- link
(DSTL™),

This paper describes the RF technologies behind the
design of the radio-frequency portion of the DSTL.
These include the use of gallium-arsenic microwave
monolithic integrated circuits (MMIC), power devices,
dielectric and surface-acoustic wave (SAW) filters,
multiple p-i-n diode arrays, and high dielectric-
constant stripline circuits.

INTRODUCTION

The heart of the aural 950 MHz STL link for many
years has been the tried and true analog FM radio.
This classical approach to the broadcasters’ needs,
until recently, has served the industry well. Now with
spectrum congestion in all the major markets there is
talk of Category A antennas!, compatible sharing of
spectrum and segment-allocation schemes2. At the
same time the radio listening audience has come to
realize the benefits of digital audio performance and
are now demanding the benefits of this technology in
their radio entertainment.

One  totally different  approach to  the
congestion/performance problem is a spectral efficient
radio. A spectral efficient radio could mean lower
power for the same or higher system fade margin,
lower occupied bandwidth or a combination of these

8 —NAB 1992 Broadcast Engineering Conference Proceedings

two specifications. A DSTL radio with a 250 kHz
occupied bandwidth could double the capacity of the
current STL band while also improving both the
signal-to-noise performance (figure 1) and the system
fade margin (tablel) by a considerable amount.

There are a variety of analog ways to build a
spectrum-efficient radio with analog technology;
single-side band (SSB), narrow-band frequency
modulation (NBFM), etc. However, none of these
approaches provides the necessary audio fidelity
required by the marketplace. Then there are the
digital modulation techniques such as pulse code
modulation (PCM) that provide the high-fidelity
performance, but are inefficient users of the available
spectrum.

Recently digital audio coding technology3:* has
provided a new tool for developing spectral-efficient
modulation techniques. A family of digital audio
encoders and decoders that allows high quality stereo

SNR vs. RFin for Dolby DSTL and Analog FM STLs
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Fig. 1 DSTL SNR Improvement area.



audio to be transmitted efficiently through existing
digital data channels over terrestrial, wired or
wireless, or satellite links are available today.

When one of these digital audio coding technologies is
combined with a judicious choice of digital modulation
a new performance standard for STL service is
created. Hence the DSTL. The benefits of the DSTL
are:

Wide audio bandwidth

High signal-to-noise ratio

No Crosstalk

Degradation-free multiple hops

Constant audio SNR during substantial fades
Higher system gain (greater fade margin)
Lack of background chatter

No phase distortion

Encryption against pirates

To successfully implement the DSTL concept into a
workable approach it is first necessary to develop the
desired carrier signal, perform the modulation and
amplify the result to a usable signal level. The first
two functions are performed in the DSTL's exciter
module and the latter in the power amplifier module.

The key to maintaining the spectral-efficiency of the
audio coding technology and modulation format is
processing those signals through highly linear stages.
If during any of the RF modulation, up-conversion or
amplification processes the signal experiences any
form of odd-order non-linearity it will corrupt the
occupied bandwidth.

Figure 2 illustrates the three technologies that are
integrated into the DSTL system.

DSTL

RiSauiation

Lipear RF
ower

Aucﬂgggglding

Fig. 2 DSTL Technology Base

RF DESIGN CONSIDERATIONS

Transmitter Design
The DSTL transmitter, as shown in Figure 3, is

comprised of an A/D, DSP, Digital Modulator,
Exciter, Power Amplifier and Power Supply modules.
The A/D module provides the multi-channel analog-to-
digital conversion. The DSP board contains the Dolby
AC-2 data compression technology. The Modulator
board performs the digital 9-QPRS encoding. The
Exciter board performs the RF frequency synthesis and
RF modulation functions. The Power Amplifier

performs the amplification and power control

functions. Special consideration is given to the linear

power amplification required in an all-digital radio

system.

Audjd | | Inputs

1 I F
A/D 1._; DSP Mod- Excner Pwrl_
Modul j Modul ulator Amplm Output

alidalE

Power
Supply
L _

al

Alarm
| Module

Fig.3 DSTL transmitter Block diagram.

In addition, the transmitter has an Alarm Module
which monitors the status of all of the other modules
and the power supply.

Spectrum Efficiency and Output Power Capability
Proposed spectrum mask requirements would need a
250 kHz occupied bandwidth. For this requirement
Dolby chose to utilizz AC-2 encode technology
combined with 9-QPRS modulation which provides a
spectral efficiency of 2 bits/s/Hz.

Estimated receiver performance and path length
calculations determined that, for most applications,
only a 1 Watt output would be necessary to provide
adequate fade margins.

In order to maintain the spectral efficiency of the
modulation it was further determined that the power
output stage would have to have a third-order
intermodulation intercept point of +60dBm3! Linear
microwave power takes on new meaning in the DSTL
radio.

Exciter Design
The various blocks in the exciter module are shown in
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figure 4.

| of

] RF
70 MHz Modulator[~ |  Mixer [ | RF
Oscillator Amplifier [ Output
Power Modulus T |PLL J"|Frequency
Supply | ] Divider [~ [Synthesizer]  |Programming

Fig.4 DSTL exciter module block diagram.

Master Oscillator

A temperature stabilized 70 MHz oscillator is used as
the source for the reference signal for the frequency
synthesizer and the carrier for the modulation. The
reference signal is processed by a fixed modulus-7
divider to provide a 10MHz signal for the phase-
locked-loop (PLL) integrated circuit (IC). The other
70 MHz signal is modulated by the I and Q channels
from the modem and then up converted to the 944-952
MHz band in a later part of the exciter.

Field-programmable Frequency Synthesizer

If this radio is to be used in an area that plans to take
advantage of its two-for-one spectral-efficient
capability it must have the flexibility of being
frequency agile. A field-programmable frequency
synthesizer approach gives the DSTL transmitter and
receiver frequency agility in order to manage
circumstantial frequency relocation.

The CMOS PLL IC has an internal reference divider
that is programmed to divide the 10 MHz input signal,
from the modulus-7 divider by another factor of 400.
This division, when used with a dual-modulus
prescaler, allows the DSTL to be frequency
programmed in 25 kHz steps anywhere in the 944-952
MHz U.S. STL band. User programming is via
switches located on the front panel of the frequency
synthesizer.

The emitter-coupled logic (ECL) dual-modulus,
128/129 prescaler, translates the 1014-1022 MHz
voltage controlled oscillator (VCO) signal into a lower
frequency signal that the CMOS PLL integrated circuit
can handle.
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Audio Source Coding Technology

Dolby AC-2 coder technology provides the two high-
quality 15 kHz channels, a 7 kHz auxiliary and a 3
kHz voice/modem channel to the DSP module. In this
module 16-bit, 44.1 ksamples/sec bit-rate reduction is
achieved. By using a low time delay implementation
of Dolby AC-2 data compression, less than 250 kHz of
STL bandwidth is required with approximately 8
msec. time delay in the main audio channels.

9-QPRS modulation
Spectrum efficiency is achieved by the use of QPRS
signaling, at 70 MHz, in conjunction with a system
cosine filter that results in partial response signaling as
disclosed by Todd®

Up-conversion

The 9-QPRS modulated 70 MHz signal is up-
converted by a high-side injection, passive, double
balanced mixer. This mixer and its drive level were
chosen to produce the lowest possible third-order
intermodulation  distortion. Broadband resistive
terminations are used on all ports of the mixer to
properly terminate the image and spurious frequencies.

Dielectric Filters

In order to filter out the undesired frequency products
from the up-converter, a ceramic-block dielectric filter
is used. The filters operate, in theory, similar to
microwave quarter-wavelength interdigital-line comb
filters constructed from round rods. These, however,
are constructed out of a material that has a very high
dielectric constant (Er range from 20-100) and low
loss tangent. It is not uncommon for these structures
to have unloaded Q's greater than 5,000.

Unlike the machined metal construction of older
microwave filters the dielectric is machined and then
plated. This results in a very cost-effective, physically
small (7 mm x 9 mm x 27 mm) filter with less than 2
dB insertion loss.

Two and four-pole versions of these filters are used in
both the DSTL exciter and the receiver designs.

RF Power Amplifier Design

The heart of the power amplifier is a stripline sub-
assembly. This sub-assembly exhibits over 50 dB of
linear power gain. Since amplifier load mis-matches
can impact the IM performance of the last stage an



isolator is an integral part of the sub-assembly.
Following the isolator is a six-port directional coupler.
Part of this structure is used as a 30 dB monitor port
for the transmitter.  Another part of the six-port
coupler is used to allow for customer setting of the
output power and to maintain the power level constant
over temperature and aging. An ALC loop has been
designed into the power amplifier. An output filter
keeps the harmonic content of the transmitter greater
than 70 dB below the nominal 1 Watt output signal.

Monitor
!
E PIN Stripline | isolator — &-Port ._EF
In [Attenuator | |Gain Block Coupler | Out
} ' |
| |
I _ . |
] | I ;
ALC & Alarm
I__'Circuitry
Power | 1
Thermal ) i
Supply Sensor |-—— 1 Aam N
Output

Fig. 5 DSTL power amplifier module block diagram.

Third-order Intercept Requirements

As mentioned earlier, the 9-QPRS modulation format
requires a hyper-linear power amplifier to preserve the
spectrum-efficiency. To ensure that the amplifier
intermodulation products are greater than -60 dBc the
third order intercept performance must be close to
+60 dBm.

There were three different amplifier design approaches
that were investigated: "Pre-distortion”, "Feed-
forward” and "Back-off". Pre-distortion did not lend
itself to the need for long term stability over time and
temperature.  Although significant improvements in
distortion cancellation have been reported and
achieved using feed-forward techniques, a design
using this approach also exhibited time and
temperature effects that were difficult to control. In
addition the feed-forward technique requires an
additional side-chain amplifier and had high
component and labor costs.

Upon first investigation the back-off approach would
appear to be too costly because of the amount of raw
input power and thermal dissipation required.
However, further investigation indicates that if hyper-

linear devices are used in the amplification stages the
input power and heat problems are manageable.

GaAs MESFET Design

Due to their many non-linear mechanisms’ bi-polar
silicon devices clearly do not have the linearity
required for DSTL applications. Prior to the
availability of microwave Gallium-Arsenic (GaAs)
metal-gate field-effect (MESFET) power transistors,
high intercept amplifiers had to be constructed using
feed-forward or pre-distortion techniques. As
mentioned, both of these techniques have gain and
phase stability problems that result in complex and
costly support circuitry.
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Fig. 6 Measured DSTL Third-order Intercept

Today, linear Class-A GaAs FETs are available with
20-Watt performance up and into the C-band
frequency region.

Because of their inherent higher gain compared to
available bi-polar transistors only three stages of
power amplification are required. Figure 7 illustrates
the gain distribution that is realized by each device.
The gain numbers reflect the intrinsic forward gain of
the device and the gain realized by providing the
optimum input, interstage and output impedance
match.
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Fig. 7 DSTL power amplifier gain distribution.

Impedance Matching Structures

To provide the device impedance transformation, DC
block function and some degree of filtering a unique
tri-plate, broadside-coupled quarter-wavelength
stripline resonator structure was developed. These

structures were optimized for bandwidth and
manufacturing yield by the use of Touchstone
software.8

Ceramic Loaded Teflon Substrate

Conventional microstripline design techniques were
avoided because of their large physical size and
spurious radiation problems.  The final power
amplifier design was realized by using totally enclosed
three-layer stripline. The stripline structures were
realized using high-dielectric constant, e.g. 10.5,
microwave, ceramic loaded Teflon, material.

The above mentioned material and stripline structure
combine to provide the advantages of being physically
small, wideband and capable of handling high power.
This amplifier is constructed without the need for
expensive discrete blocking capacitors or spring
wound coils. The structure is thermally stable and
provides its own EMI shielding.

Monitor, Filter and Control Circuitry

The power amplifier is activated by an OPERATE
signal from the transmitter front panel. This operate
signal is processed by a logic circuit which monitors
all of the module's operating voltages. This circuitry
prevents the power amplifier module from being
activated in the event of the loss of any power source
which might damage the devices in the power
amplifier sub-assembly.

Part of this control circuitry also monitors the power
amplifier sub-assembly temperature. The circuitry is
designed to disable the power amplifier in the event
that there is an over temperature condition.

Samples of the forward and reverse output signals are

coupled via part of the six-port directional coupler to
biased Schottky-barrier diode detectors. Signal
processing circuitry monitors the detected forward
power signal and adjusts the input p-i-n attenuator to
keep the output forward power level constant.

The detected reverse power signal is compared to the
forward power signal to determine if high VSWR
conditions exist. When the VSWR exceeds 3:1 the
circuitry initiates an alarm signal which in turn
activates the alarm LED on the module and a summary
alarm LED on the transmitter's front panel.

Performance

The spectrum mask of the completed amplifier at the 1
Watt output level is shown in the figure below.
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Fig. 8 Occupied spectrum mask of DSTL

All IM products are well below the unmodulated
carrier by 60dB. Since the power amplifier is so
linear, harmonics of the unit are greater than -70 dBc.
Very little output filtering is required for normal
amplification.

Receiver Design
Description - The receiver is comprised of a
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Receiver/Synthesizer, Modem, DSP, D/A, Alarm and
Power Supply Modules. A digitally synthesized FM
Stereo Baseband Generator module is also available.

Aud‘o! | i Outputs

Stereo A/D DsP Receiver
- - | Modem |_

Generatot Module Module Module

Power Alarm

Supply Module

Fig. 9 Receiver block diagram.

Front-end Design

Preselector considerations and design

In many metropolitan areas the most common STL
receiver locations are fraught with a variety of
undesired high level signals. In addition to multiple
STL signals, there are quite often pocket pager,
mobile and other services just below and above of the
944-952 MHz STL band. Often, these signals are too
close to the STL band or too high in amplitude for the
receiver front-end to handle.
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Fig. 10 Receiver Selectivity Curves

The above figure demonstrates the receiver front-end
selectivity of a typical analog FM STL receiver and
the DSTL receiver. As can be seen from the curves
even a high amount of selectivity will still allow some

out-of-band energy to get through to the RF pre-
amplifier stage. The only way to prevent this stage
from producing IM is to select amplifier and mixer
stages with moderate gain and high third-order
intercept capability. Even then it will be necessary to
balance the gain distribution with the right amount of
RAGC action.

Input

Fig. 11 DSTL receiver AGC block diagram

Third-Order Intercept Requirements

In the DSTL receiver the RF pre-amplifier device is a
GaAs MMIC which was chosen to have a good noise
figure and high third-order intercept to prevent the
creation of IM products. The majority of the front-
end selectivity follows this stage where the filter's
insertion loss has lower impact on the noise figure.
Since no active mixers could be located with high
third-order intercepts, i.e. greater than 18 dBm, a
passive mixer was chosen to perform the frequency
conversion function.

IF Design

Third-order intercept requirements

Like the transmitter chain, the receiver must be highly
linear. Critical to over all performance of the DSTL
system is low IM distortion. Each stage of the 90 dB
gain IF chain has been designed to maximize it's third-
order IM intercept-point and control the amount of
gain.

Surface-Acoustic-Wave Filtering

IF selectivity is provided by a surface-acoustic-wave
filter. This filter has a 3dB bandwidth of IMHz and
exhibits 60dB of alternate channel attenuation. Its
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small physical size and good temperature stability
make it an ideal choice for this application.

AGC Considerations and Implementation

Another key part of maintaining the IM distortion in
the receiver chain is to provide the correct amount of
interstage AGC action. Improper front-end AGC
action can result in either front-end IM or degradation
in the receivers noise figure. Improper AGC action in
the IF section can result in undesirable clipping
resulting in a high bit-error-rate.

The figure below demonstrates the DSTL receiver's
AGC characteristic over a -120 to -20 dBm range of
input signals. The figure indicates that the RF signal
level in each stage is controlled to keep the generation
of IM as low as possible.

EEsof - OmniSys - Fri Jan 17 11:12 31 1992 - DSTL2 syd

RFFLT
'
i\l 7
| A\ I\
Vol T At A\ Il 4|
- — 1]
“H ff
10. 0000 e / A §L u
l!;;-v.l }——
it 0. 000 COMPONENT NUMBER 18. 000

Fig. 12 AGC budget analysis for various input levels.

MECHANICAL DESIGN CONSIDERATIONS

Unique Requirements

Need for Modularity

Rapid technological changes can make a product
obsolete if it has no ability to be up-graded. With the
advances in audio, digital signal processing power,
direct digital frequency synthesis it was felt that a
modular approach would provide the user with
flexibility over his years of ownership. In addition,
the modular approach provides service and exchange
benefits should they ever be needed.

Thermal Design Aspects
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From the RF electronic packaging point of view the
most difficult problem is thermal management. The
power amplifier module dissipates close to 30-Watts of
heat in its normal mode of operation. Most RF
amplifier design engineers are used to junction
temperature values of 200°C in bi-polar devices. In
order to meet the DSTL's desired MTBF performance
the channel temperature of the GaAs power FETs must
be keep well below their 175°C maximum operating
point. Data provided by the device manufacturer
indicated that the typical thermal resistance is about
70% of the given maximum values. From these
device ratings and the amplifier's operating efficiency
the heat sink and thermal interface requirements were
determined.

The resulting heat sink design runs the full length of
the power amplifier module and results in a device
MTBF of over 750,000 hours at +70°C ambient.

ELECTROMAGNETIC-MAGNETIC

INTERFERENCE CONSIDERATIONS
A product design that takes into account EMI
considerations from conception will have fewer of
those problems in the product launch cycle and over its
operating life. Interference and susceptibility from
either the RF, digital circuitry or external
environmental fields have the potential of reducing a
product's performance. To preclude this possibility,
all of the modules developed for the DSTL contain
EMI suppression. All entry and exit lines of the RF
modules contain RF filtering and are shielded.

SUMMARY

It was once thought that all digital radios required
more bandwidth than analog radios. As shown, when
the optimum audio coding technology is combined
with the proper choice of digital modulation and RF
technology this is no longer true. The multi-channel
DSTL radios will now start to replace their less
spectrum efficient analog predecessors.

These new technologies will also have an impact on
other future high-spectral efficient digital radios.
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Table 1

Sample Path Length and

Fade Margin

Comparisons

LOSS
Path
Transmission
Line
Connectors
Others

TOTAL SYSTEM LOSSES

GAIN
Transmitter
Power
Transmit Antenna
Receive Antenna
Others

TOTAL SYSTEM GAINS

TOTAL SYSTEM LOSSES

TOTAL SYSTEM GAINS

Received Signal Strength
Desired signal Level

Fade Margin

DSTL

Analog
™M

-131.6

15
15

65

-131.6
65

-66.6
-66.9

0.3

dB

dB
dB
dB

dBm

dB
dB
dB
dBm

dB
dBm

dBm
dBm

dB

Notes:

20 mi. / 32.2 km.@ 950MHz
400 ft. / 122m. (7/8" foam)

Total

DSTL1W. / FM 7 W.

6 ft. grid parabolic
6 ft. grid parabolic

DSTL @10™-4 BER.
FM 100 uV for 70 dB SNR
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DIGITAL AUDIO INTERFACE STANDARDS

Robert R. Weirather
Harris Allied Broadcast Division
Quincy, lllinois

ABSTRACT:

In recent years there has been an accelerating
transition from analog broadcast audio products to
a new generation labeled as "digital." Already
many of these products-- including audio storage,
audio editors, audio processing, stereo generators,
RF modulators, CD playersfrecorders, DAT
equipment, STLs, and more-- have been developed.
Many already are proving themselves in the field.

Broadcasters most frequently cite cost savings,
improved as well as consistent quality, and greater
flexibility as reasons for relatively quick acceptance
and adoption of these digital products. In fact, the
broadcast marketplace itself is rapidly resolving
engineering arguments about whether analog or
digital technology is better.

Nevertheless, today’s digital products share a
common characteristic. Virtually all of them have
analog (not digital) input and/or output. This has
been necessary since the vast majority of broadcast
hardware has been analog. However, the rapid
proliferation of digital replacement products has
made the need for a digital interface audio standard
apparent.

To this end, a group of volunteers representing
equipment manufacturers met in San Francisco
during Radio 91, the fall show of the National
Association of Broadcasters to begin developing a
digital audio interface standard. This paper will
report on group’s activities and progress to date.

GROUP GUIDELINES

Before beginning work on a standard, the group
adopted the following guidelines:

First, its purpose is to develop a digital interface
standard (or more than one) which meets the needs
of the broadcast community.

Second, the standard(s) will be voluntary, not
mandatory.

Third, no company or organization will directly
benefit financially from the standard(s).

Fourth, the group agreed to:

--seek a compromise in finding standard(s),
with the understanding that no perfect
solution likely exists.

--recognize that speed of decision-making
will minimize problems in the future.

--do nothing if nothing is needed.

DIGITAL AUDIO INTERFACE STANDARDS -
2

MAJOR CONSIDERATIONS

Area of Interface To Be Addressed: When
developing a digital (or any) product for the
broadcast environment, equipment manufacturers
must consider two levels of interface: Those
interfaces internal to the equipment and those
external to the equipment.
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Traditionally, internal interfaces have fallen within
the domain of each equipment manufacturer. In
digital product development, internal interfaces
involve such decisions as whether to use linear or
compressed data; serial or paraliel processing, or
many other unique schemes which will define a
particular product. Ultimately these choices
contribute  beneficially to a selection of
differentiated products being offered to the market.
For this reason, the group decided to limit its focus
to external interfaces.

External interfaces are the inputs and outputs (I/Os)
which allow a product to interface with other
equipment. Because current digital "black boxes”
have had to interface with analog equipment which
has dominated the broadcast facility, they have used
analog input(s) and output(s). Thus, the incoming
analog signal is converted to the black box’s
internal digital format at the input, and then re-
converted to an analog signal at the output. Each
conversion from analog to digital (A to D) and
digital to analog (D to A) results in a degeneration
of signal caused by round-off errors; quantization
errors, or other factors. By keeping data in a digital
format which is passed digitally from equipment to
equipment, these errors can be virtually eliminated.

Quality: Clearly, any digital interface standard
must preserve signal quality-- but what is quality?
Information in a broadcast facility can have a 10:1
range of bandwidth depending on service type (see
Table 1). Quality requirements will vary and also
depend on service type. Existing broadcast facilities
have differing levels of quality which typically are
quantified by signal to noise; distortion; frequency
response, and channel separation.

Generally, two levels of thought prevail conceming
the ultimate level of sound reproduction or quality.
The first level recognizes that since the last part of
the audio chain is the human ear, limitations of
human hearing create a reasonable boundary for
technical specifications. The second level believes
that such a parameter is far too loose or too tight,
depending upon the application. For example, AM
radio performance in an automobile may measure a
50 dB signal to noise; FM tuner performance may
exceed 80 dB signal to noise, and the human ear
exhibits over a 100 dB dynamic range.
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An understanding of the ability to hear audio
defects is a separate, but nevertheless significant
aspect of performance limit setting. The group
recognizes that in-depth research into the audibility
of defects is on-going and may re-write previously
accepted limits.

Compression Algorithms: Because the goal of an
external digital interface standard must be to
preserve signal quality, the group has carefully
considered use of compression algorithms.

In the analog and digital domains, compression
algorithms have demonstrated their ability to discard
certain audio information while retaining data
essential to listening. Various algorithms have been
based on psychoacoustic models of human hearing.
Listening tests by experts have confirmed the
quality of these algorithms is quite high. Digital
data compression of 4:1, 6:1 and 8:1 is routinely
used.

DIGITAL AUDIO INTERFACE STANDARDS -
3

What these algorithms can do is demonstrated by
assuming an audio signal to 20 kHz linearly
sampled at 44.1 kHz to 16 bit accuracy. The data
rate is:

44.1 kHz x 16 bits = 705.6 kbits/s.

Using an 8:1 compression algorithm, information is
used at 88.2 kbits/s instead of at 705.6 kbits/s. This
decreases requirements for computer disc space for
audio files; reduces RF bandwidth requirements, and
permits simpler, slower hardware.  Digitally
compressed audio is them expanded to the full
range of the original signal, missing only the audio
to which the human ear is least sensitive.

However, these algorithms are not without
limitations.  Multiple digital compressions and
expansions reportedly result in audible defects. As
a result, caution must be exercised in repeated use
of digital data compression and expansion in the on-
air chain. Certain equipment manufacturers already
have opted to use intemnal linear digital techniques
with no digital compression in their handling of
audio to minimize risk of audible defects.



At this writing, it appears that repeated use of
compression algorithms in an external digital
interface standard will be avoided as well. Either
information will be passed linearally, or it will be
passed through the chain in a compressed state to
avoid audible defects from repeated compression
and expansion.

COMMON INFORMATION TYPES USED IN
BROADCASTING

Before deciding what external standard(s) would be
needed, the group identified information types
currently used for most common broadcast purposes
(see Table 1). Spectra has been defined by FCC
requirements as well as practical considerations of
today’s equipment:

Table 1: Broadcast Information Types

Description Information Frequency

Cue Tones Start/stop media-dependent

Data Headers, timing, relatively slow
etc.

AM Mono Single channel 30 Hz-10 kHz
audio

AM Stereo Two channels 2 x 30 Hz-10
audio

AM Composite Not used NA

FM Stereo Two channels 2 x 30 Hz-15
audio

FM SCA Single channel 50 Hz-5 kHz
audio (typical)

FM SCA Data 5000 baud

(typical)

FM Composite  Stereo and 30 Hz-100 kHz

SCAs

Based on frequency requirements, examination of
broadcast information types indicates that two
digital audio interface standards most likely will be
required. While FM composite baseband
information is popular and practical, it requires up
to 100 kHz which is generally not encompassed by
today’s digital audio standards.

DIGITAL AUDIO INTERFACE STANDARDS -
4

At this point, the group is focusing on standards for
each of the two types of information handling. One
will address studio (primarily audio, encompassing
information described as cue tones, data, AM mono,
AM stereo, FM stereo and FM SCA) and the
second will focus on STL/transmitter (audio/FM
composite baseband) requirements. Conceivably the
studio (audio) standard and the STL/transmitter
(audio/composite baseband) standard would be
transformed by a link.

Further discussion of studio and STL/transmitter
requirements follows:

STUDIO (AUDIO) INTERFACE

Studio information which is primarily audio. It
includes monoaural used by many AM stations;
stereo audio used by virtually all FM stations as
well as a growing number of AM stations, and FM
SCA. It also encompasses other data useful in
audio processing:

o Header information including a
description of the digital file. This may be
quite detailed.

o Timing information.

o Compression/expansion information.
o Sample rate.

o Error correction.

One of the top contenders for a studio interface
standard is the AES (Audio Engineering Society)
format for digital audio interface. This standard is
based on an audio sample rate of 48 kHz +12.5%
which includes 44.1 kHz. Data is transported
serially, and the transmission format is packet based
high level data link control communications
protocol. Provisions also are included for other
ancillary data which may or may not be time-related
to the audio signal.
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STL/TRANSMITTER (COMPOSITE audio interface standard for broadcast equipment

BASEBAND) INTERFACE manufacturers will permit them to design
compatible products that meet broadcasters’
The STL/Transmitter interface standard will focus expectations.

on studio audio which is sent to the transmitter site
as composite FM. Indeed, this has become most
popular given the physical location of today’s
common integrated audio processor/stereo generator
at the studio.

The stereo generator accepts the L/R inputs and
creates the stereo multiplex signal. This stereo
multiplex signal then is combined with subcarriers
(called SCAs) to form the FM composite baseband
signal. The composite baseband signal covers from
30 Hz to 100 kHz. This 100 kHz bandwidth is far
wider than the 15 kHz normally considered
adequate for FM audio. Since FM composite
baseband is not just an audio signal, techniques such
as compression no longer are applicable.

The stereo generator may be located at the studio,
connected to the STL transmitter, and the SCA(s)
summed at the transmitter site, or the SCA(s) may
be summed before the STL transmitter and sent as
composite. The FM composite baseband is also
processed in clipper/limiters to enhance loudness
and prevent overshoot.

DIGITAL AUDIO INTERFACE STANDARDS -
5

Many stations still operate with the stereo generator
at the transmitter site. In this case, L/R is
transported to the transmitter site, coupled into the
stereo generator, and summed with the SCA(s).

At last, the FM composite baseband is used to
frequency-modulate (FM) the FM exciter. Many
different variations of this scheme of products are
used to accomplish the same function. Because of
the importance of FM composite baseband
techniques, digital standards need to be addressed.

CONCLUSION

There has been a recent proliferation and acceptance
of digital audio equipment in broadcast facilities.
That equipment will best serve the broadcast
industry if it can be connected in a simple electrical
and mechanical manner. Setting a voluntary digital
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DIGITAL AUDIO PRODUCTION IN THE CBC:
PAST, PRESENT, AND FUTURE
Stephen B. Lyman
Canadian Broadcasting Corporation
Montreal, Canada

Abstract: Digital audio technology was
applied piecemeal to program sound production in
the CBC several years ago. This resulted in the
construction of several fully digital production
suites. A review of these facilities, and the “hands
on” experience gained by our producers during
daily operation indicates very satisfactory results,
but also raises many questions about their
integration with an increasingly digital world. These
questions will be examined in the light of recent
technology developments.

INTRODUCTION

The CBC decided two years ago to build several
digital audio suites. It was obvious that digital
techniques would be applied to sound production,
and that there was a lot to learn about how to
implement and apply the technology. The studio
installations have answered many of the original
questions, but have raised others.

Studio H in Toronto was the first digital Radio
studio. It was built essentially from separate
components, and provided some challenging system
intcgration and synchronization problems. The TV
sound post production suite (Montreal, Studio 76)
and the most recent radio drama studio (Montreal,
Studio 14) have both used more completely
integrated systems to avoid this.

All three studios are built around a hard disk
recorder and a digital console. The random access
and non destructive editing capabilities of the
recorder have changed production techniques
cnormously, and for the better. These new
techniques can be applied to both radio and TV
sound production. Any significant differences will
be mentioned in the applicable section.

Production is only the first step in radio
programming. Finished programs have to be
distributed across the network and transmitted to
the listener. The combination of digital audio rate
reduction encoder/decoders (codecs) and the
common carriers’ digital network facilities promise
to lower program distribution costs significantly, as
well as improving the signal quality. Digital
transmission (or to use the internationally
recognized term, emission) facilities that are being
developed and tested now will eliminate virtually
all of the existing signal degradations, and support
many new listener services.

THE PRODUCTION IMPLICATIONS

Seguential media

The tools: It is worth reviewing tape based
production techniques to appreciate the enormity of
the changes that random access storage has brought
to sound program production.

Tape (even if it is digital tape) is sequential. Because
the playback head has no choice other than to follow
the length of the tape, edits made on 1/4 inch tape
are destructive. The source material on the
“unwanted” side of the edit point is no longer
accessible once the desired portion has been spliced
into, or transferred to the final piece of tape. If for
some reason, an edit has to be redone, there is a
practical physical limit to the amount of material
that can be reclaimed or trimmed. Electronic
(assembly) splicing permits previewing the edit, and
provides lots of resolution in selecting the edit point,
but cannot overcome the destructive characteristics
of edits based on a sequential storage medium. This
really means that once the edit has been made, it is
impractical to change it. Even if the original material
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is still available, changing one edit point almost
always requires changing at least one other edit, and
often several others.

This is true of multitrack tape as well. Once the
matcrial has been transferred to the multitrack tape,
the timing relationship among the segments is fixed;
shifting the out point of one segment will shift the in
points of all the related segments. Figure 1 shows an
edit point that has been changed to “stretch” the
original segment. This clearly is only possible if
there is enough material available, and requires that
the “in” point of the corresponding track be moved.
If the “in” point of this track can’t change, the only
solution is to re-lay the original segment to the
multitrack tape. All this can be done, but it is slow
enough and requires enough effort to discourage
producers from “trying it this way” to sce if the
result is any better.

Production Techniques: Tape based production of
a documentary, for example, begins in a “production
office” with stacks of pre-recorded material and the
program plan. The desired material is located, and if
there are no transitions or level adjustments
necessary, segments are edited and spliced on the
spot. If some processing is required, marked
segments are assembled into different reels with the
appropriate processing for each cue noted. For more
elaborate productions that require music and effects
elements, the segments are selected, cut roughly to
length, and prepared for transfer to multitrack tape.

Production then moves to the studio where the
transitions are tried, the timings adjusted as
required, and all the elements balanced for the final
mix. The whole process is essentially linear, with
each segment completed and recorded on the final
master tape before the next is started. The tape

Edit Points

Original

| 4

New

t
|
|
I

/////////4///////

Re-layed segment

Multitrack Tape

Slipping Tracks on a Random Access Recorder

Figure 1: Changing the edit point, segment duration and segment location on
multitrack tape contrasted with the same operations on a disk recorder
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we

medium pretty much demands this method of
operation, because the relative timing of each
clement is determined by its physical position on the
tape.

Random Access media

The Tools: Digitized sound is a sequence of
numerical data, the same as any other data file, so
can be recorded on a hard disk or any other random
access device having sufficient capacity. The
structure created by the sampling process allows
precise and repeatable retrieval of the sound.
Editing thus becomes a matter of retrieving the
desired portion of the sound file at the desired time,
rather than discarding an unwanted section of tape.
Edit points do nothing more than define a set of data
locations within a sound file, so changing them does
not destroy any of the original sound information.

The combination of random access storage and non
destructive edits makes it possible to “slip” tracks
freely in time, and to change edits at will. This forms
a very flexible and fast production tool, particularly
when automated. Fortunately, digital recording and
signal processing tools lend themselves particularly
well to automation, so all three tools are evolving
rapidly.

The basic technical problem with “what if” editing
and digital signal processing is that the audio
samples have to be identified, and all the signals in
the system must be coincident in time. This requires
some method of labeling individual samples and of
synchronizing the signal sources to a common clock.

The requirement for sample and edit point

identification is obvious. Even though the 48 kHz

sampling rate provides very high edit point

resolution, and the AES/EBU data format carries a

somple identification code in the “channel status”
1 strcam, none of the equipment in early

llations provided the facilities to use this
nation.

of the equipment addressed the problem of
. the output signal to a common clock. The
«nits that did provided an input for some sort of
reference signal, to which they locked their internal
clock. One supplier solved the problem by
providing enough buffering at the signal inputs to
realign the signals before any internal signal
processing was done. It proved possible to modify

some of the remaining equipment in Studio H to
accept an external reference signal. Outputs from
equipment that couldn’t be synchronized to the
reference had to be run through a sample rate
converter or an analog to digital converter that was
locked to the reference clock. The word clock signal
(a 48 kHz square wave) turned out to be the most
convenient reference signal in the Studio H
installation.

The problem was still not solved because of various
processing dclays and the lack of a common
relationship between the reference word clock phase
and the phase of the output signals. In order to align
(orin TV jargon, to phase) all the output signals, a
word clock splitter with phase controls for the
individual feeds to each device had to be built. The
whole system had to be re-timed whenever the
signal path was changed. This is clearly not the way
to run a studio.

The situation is improving, but slowly, and
apparently in stages. Many of the new so-called
professional digital audio devices appearing use the
video “colour black” signal as the common reference
signal. This makes it possible to build digital audio
studios around a common “sync” signal, the same
way video studios have been built for years. It is,
however, an incomplete solution that could cause a
false sense of security. The relationship between the
reference signal phase and the the output signal
phase still changes from manufacturer to
manufacturer. The relationships between the various
video clock rates and the three common audio
sampling rates are complex. Unless some common
derivation scheme is adopted, small differences in
sampling rates that will cause occasional sample
slips between signal sources that are locked to the
same refcrence may be built into the system.

The use of a video reference makes it easy to use
video time code to label the audio edit points. This
provides adequate (sub-frame) resolution for “lip-
syncing” audio to video, but without some as-yet-
unagreed-upon extensions, SMPTE or EBU time
code cannot provide audio sample level resolution.
Considering that audio and video (post) production
are essentially separate processes, and the
difficulties of using a video reference with
conventional time code for digital audio, it scems
logical to adopt a more appropriate audio reference
signal and method of identifying audio samples.
There would, of course, be a well established
relationship to all the video standards.
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Quite a bit of progress toward this goal has been
made within the Audio Engineering Society. They
have written AES11-1991, a standard for the
“Synchronization of Digital Audio Equipment in
Studio Operations”, and have several proposals
under consideration that will solve many of the
problems that CBC has experienced in digital audio
production. The question now seems to be to make
the cquipment suppliers and system designers
aware of the problems, and of the progress toward
solving them.

Production Techniques: The advantages of
random access recorders can be illustrated by
looking at the example of the documentary
production again. The process starts in the
production office as usual, but this time no attempt
is made to locate cdit points precisely, or even to do
any of the simple edits. The only task is to locate
material for transfer to the disk recorder. The
material has to be trimmed, but only approximatcly,
so that not too much disk capacity will be wasted on
material that won’t be used. This simplifies the “pre-
production” work enormously, reducing the time
required by at least two thirds.

The bulk of the work is done in the production suite,
where the selected segments are labeled during
transfer to the disk recorder. The labels
automatically stay with the (segments of) material
during the whole process, so reference to them is
more intuitive and relevant to the production.

The recorder’s random access and non destructive
cdit capability make it possible to preview and
change edit points and transitions between segments
virtually in real time. An automation system
integrated with both the recorder and console can
store the details of all the trials, then invoke the
sclected versions during final program assembly. A
really cffective automation system makes it possible
to work on the individual elements of the program,
then sit back and listen to the overall effect of the
program as it is being assembled by the automation
system. Many producers have welcomed this
opportunity to “get out of the trees, and appreciate
the woods”.

We have found that many of the producers take a
while to get used to using the new facilities. At first,
productions more or less follow traditional methods
of building up programs sequentially, with all the
dctails put in place as production proceeds. Once
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they become accustomed to the ability to test and
change segments freely and rapidly, producers start
building the key segments pretty much
independently of the other portions of the program.
Sound production has thus developed a parallel
with word processing, in that individual elements or
complete modules of sound can be “cut and pasted”
easily and rapidly within the program. There seems
to be a great deal of comfort in knowing that it its
possible to build a complex montage of sounds that
can be shifted in time or changed to match other
segments better, without destroying the structure of
the entire program. Once the complex or crucial
segments are in place, the supporting segments and
more mundane details like program duration can be
dealt with.

The time spent building a program in a digital
production suite increases, compared to that spent
in a conventional studio, because the detailed
editing work is transferred there from the
production office. The total time required, however,
drops by about 30% to 50% for most programs. In
some cases, the production time has not decreased
very much, but the quality of the product has
improved because of the greater flexibility available.

Many of our operators have complained that some
of the earlier control systems were obviously
designed by computer programmers who had never
had any production experience. They found that
procedures that might not be intrusive when using a
computer, such as long key stroke command
sequences, got in the way of the creative flow of
program production. There is no doubt that
computer assisted production is here to stay, but
neither is there any doubt that the assistance should
be unintrusive. “Keep the emphasis on the sound,
not the computer”, in the words of one operator.

CBC’s early experiences with digital systems
produced the impression that the most sophisticated
productions would benefit most from the new tools.
This is true in a broad sense, but even very
straightforward forms of programming benefit.

Music: Music production, at first glance, scems not
terribly well suited to random access media. It is
sequential, and doesn’t have the complex montages
of many independent elements that are
characteristic of drama productions. It does,
however, require very precise edits whose in and
out points have to be determined. Our operators
have found that the waveform visualizations offered



by many digital editors very useful for locating and
climinating coughs, and other noises that detract
from a performance. They have also found the
precise editing and rapid preview facilities save a lot
of time whenever a small segment of music has to be
replaced. These features, along with the multiple
generation capability of digital techniques tend to
improve the overall quality of the musical product.

Drive:  Another style of program that would seem
not to benefit from digital techniques is the morning
and afternoon ”Drive” show. These are done live,
use very few effects, and depend more on content
than on quality. CBC has not used the digital
facilitics to produce this type of program yet, but
there are some promising applications for random
access storage devices. The shows are made up of a
lot of short segments, many of which do not occur at
predetermined times, or necessarily in any specific
order. CBC is investigating the use of disk recorders
cquipped with some sort of control panel that will
give an operator very rapid, intuitive access to a
large number of segments. These systems would
replace the cart machines in use now, and eliminate
the duplication, handling and “traffic” problems
associated with the carts themselves. Many other
functions can be envisioned, but they depend on the
implementation of future interfaces, rather than the
basic technology, so are outside the scope of this
discussion.

News and Current Affairs:  Experiments that
apply digital technology to news and current affairs
programming are underway. The first of these
promises to cure an annoying problem that CBC has
faced essentially since its own beginnings; that is the
difficulty of getting reasonably good quality remote
matcrial into the production system quickly. In
many cases, there is not enough time for a reporter
to bring a taped interview back to the studio, so
news has to rely on the telephone system (either
land line or cellular). Good as it is, the phone was
never designed to provide great on-air intelligibility,
no matter how good our equipment and operators
are.

The solution to this problem seems to have appeared
in the form of low data rate digital audio encoder
decoders (codecs) and the Integrated Services Digital
Network (ISDN) that the common carriers are
currently putting in place. Several different codecs
that can provide 7.5 kHz voice facilities at 56 or 64
kilobits per second data rates are available, with the
so-called G.722 codecs being the most common.

These have, in some cases, been packaged with all
the line interface, dialing and microphone and line
audio input and output facilities required to provide
dial up, two way circuits by merely connecting a
pair of units to an ISDN facility. The great advantage
of these developments is that, in addition to
providing surprisingly good voice quality, the
broadcaster can simply “dial up” a circuit whenever
and wherever required (this is not universally true
now, but soon will be), and is only charged for the
time that the circuit is “off hook”.

CBC is currently using ISDN circuits for many of its
overseas news feeds. Radio Canada International is
also using them for some program feeds because
even though some of the available codecs degrade
musical programs more than they affect spoken
material, the only alternative is to ship tapes, or to
use telephone circuits.

Digital audio rate compression is the basis of
another project. The Radio News Audio Text System
(RNATS), or Desk Top Radio project combines local
area network and file server (computer) technology
with compressed audio files and databases. This
permits low cost workstations have access to and
exchange a wide range of material while producing
sound and text material for news. The workstations
will combine the features of the INFO text
processing system now used by radio news with
(some of) the sound editing capabilities
demonstrated by the equipment in our
developmental studios. It should be possible to
create links between the sound and text files to
create searchable pointers into the recorded items. It
will also permit simultancous access to the original
“raw” sound files so that multiple edited versions
can be produced as required for different
broadcasts. The finished items will be assembled
into program lists, and made available at a
simplified “on-air” control panel in the control room
so that the operator will not have to rewind, reload
and re-cue several several tape machines during a
newscast. In the future, it may be possible to add
other features, such as full random access to the
Radio Program Archives, or cart machine emulation
that would let the RNATS system serve other
programming needs. As this is being written, the
system specification is out for bid.

Variety: CBC does a lot of variety
programming. The format is not as complex as
drama, but requires the same tools. The major
difference is that varicty relies heavily on “live”
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contributions from studios across the country. These
can be interviews with an artist in a different city, or
in some cases, multiway hookups between several
studios, all coordinated by the “host” studio. The
contributed material is recorded along with the
host's portion, then combined with the other
program material in a post production and
packaging stage.

DIGITAL NETWORKS

DAB is poised to change program emission, but
digital technology will probably be felt sooner in the
program contribution and distribution networks.
The common carriers would like to dispose of the
analog networks that they maintain for broadcasters,
and treat programs as just another data stream. The
current hope is that the perceptual codecs developed
for DAB will be able to lower the required bit rates
cnough to provide economical circuit costs, while
improving on the signal quality of existing circuits.

The perceptual codecs are based on the assumption
that a relatively loud signal in a “critical” band of

frequencies will conceal or mask a lower level sound
in that same band. (There are additional secondary
effects that can be ignored for the purposes of this
discussion). The codecs reduce the total data rate by
allowing the noise floor to rise to some point below
the “masking threshold” in each of the critical
bands. The recovered signal thus has a dynamic,
program dependent noise associated with it that is
(ideally) concealed from the listener by the program
signal itself.

Perceptual codecs obviously have to do a great deal
of signal processing to achieve the low data rates
being discussed. This cannot be done
instantaneously; the lower the data rate, the more
signal processing is required, and the longer the
insertion delay of the codec.

CBC and others have done basic audio quality tests
on several different codecs and found that some
program material (generally referred to as critical
material) produces artifacts in the recovered signal.
In general, more material becomes critical as the the
data rate is lowered, and the artifacts become more
severe, as intuitively expected.
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Figure 2: Potential opportunities for rate reduction codecs in the Contribution, Distribution
and Emission portions of a digitized Radio network
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Program Contribution:

The program contribution network is generally
confined to the left hand side of the network
origination (radio master control) block shown in
Figurc 2. It includes the high quality links between
the host and guest (contributing) studios, and the
link between the producing (host) studio and the
network origination centre. The diagram shows
where rate reduction codecs might be used in the
links. There can be up to five tandemed codecs in a
contribution circuit, if all the links are included.

It has always been assumed that circuits used for
program contribution should preserve as much of
the original sound quality as possible. Any
impairments occurring at this point, after all, will
become a permanent part of the program.

Sound quality turns out to be only one of several
important parameters. As mentioned earlier, the
CBC docs a lot of “two-way” hook ups between host
and guest studios. These are impossible if there is an
annoying amount of delay between studios. The
“annoying amount” varies with the program
material. An interviewer could tolerate more delay
than several musicians trying to play together,
particularly if the topic was very important. The cue
circuits shown in Figure 2 may or may not
contribute to the delay. High quality sound (via a
codec, therefore with some delay) is more important
for music programming than for an interview, for
instance.

There is a another untested factor that may affect the
opcration of program contribution networks. The
CBC is concerned that the signal processing
normally done during the production of programs
using material contributed via rate reduced
networks may “unmask” portions of the program
dependent noise or other artifacts. Early tests of
codecs opcerating at 128 kilobits/s per mono channel
have shown some problems. More extensive “post
processing” tests with codecs operating at 192
kilobits/s per mono channel are planned for early
spring of 1992, as part of the CCIR’s efforts to select
codecs for future radio systems.

In short, perceptual codecs are not, at this stage of
their development, an unmixed blessing. The trade-
off between quality, bit rate and delay may have to
be pushed towards lower delay and higher quality
at the cost of bit rate to make the “two-way”
hookups now in common use practical. The

topology of future contribution networks will almost
certainly have to be planned to minimize the
number of tandemed codecs, and the total delay.

Program Distribution:

The program distribution network carries program
material from the network origination centre to the
transmitter inputs. The right hand side of Figure 2
provides a fairly good idea of what might happen in
a section of this network. It is evident that the most
important problem in digitizing the distribution
network will be dealing with the number of
tandemed codecs. Current CCIR tests (Jan. / Feb.
’92) are evaluating the basic audio quality of three
tandemed codecs operating at 128 kilobits/s, and
will base their distribution application
recommendations on these tests.

Figure 2 shows two codecs in the “Telco or Satellite”
links and a third in the Delay recorder that is used to
compensate for the time zones across the country.
Three codecs is a conservative estimate of the total
number of codecs in some distribution links,
especially in the early stages of the conversion to a
rate reduced network.

CBC (and other broadcasters) now lease links with
analog terminals from the carriers, so have no
control over the number or type of codec that may
be part of the link, as long as the link meets contract
specifications. (Testing and specifying codec
performance is beyond the scope of this paper, but is
a major problem). Additional codecs may find their
way into the system within the “Remote Master
Control” areas. Nonc of these currently have the
facilities to switch encoded digital signals, so codecs
may be added just to provide program routing.

As the digitization of the distribution network
proceeds, the number of embedded codecs will
drop. Current assumptions are that the carriers will
provide data channels with digital terminals, lcaving
the broadcasters to provide (and control) the codecs.
Broadcast plants will gradually convert to digital
routing switchers, so will pass the network signal
without having to re-encode it. Idcally, there might
be only one encoder at the network presentation
center, and a decoder in the listener’s receiver.
Reality will probably eventually validate the choice
of three tandemed distribution codecs.

One major advantage of digital signal distribution is
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the opportunity to multiplex network cue and
control information into the program data stream. It
may, for example, be necessary to distribute
“network time”, which won’t match local time
because of codec delays, along with the control
information to manage the network cleanly. There
have also been some proposals to include non
program related data (RDS information) with the
program data. Because there is only 8 kilobits/s
reserved for all the auxiliary data, it seems
shortsighted to limit a potentially lucrative service to
something less than this.

Emission:

The emission link may be a bit more complex than
Figure 2 implies. Some form of encoding will have to
be done at the transmitter, even if the distribution
system uses the same source coding algorithm as the
emission link, because of the different channel
coding requirements. The network cue and control
information referred to above may be replaced by
other data more pertinent to the emission system.
Several feeds from the distribution network may be
combined to provide multichannel sound services,
as the advanced television systems now being
developed will do.

Implications:

The emission codec may not be the final link in the
system. If rate reduced domestic recorders
proliferate, it may be part of a tandem, rather than
the last link to the listener. The broadcaster clearly
cannot control the situation downstream from the
receiver decoder, but must control the upstream
system. Because the sheer quantity of receiver
decoders make it the only immutable component of
the system, it has a crucial role in defining the rest of
the system.

There is a great deal of codec development work
currently under way. This will not stop when, for
instance, the CCIR recommends which of the
existing codecs are most suitable for the
contribution, distribution and emission
“applications”. The reality is that there will be a
constantly evolving mixture of rate reduction
algorithms and codecs upstream of the receiver
decoder.

The broadcasters’ long term task is to ensure that
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these upstream devices are compatible with the
receiver decoders. Their short term task is to ensure
that the sclected emission algorithm does not
compromise future development of other codecs,
and hence of the complete system.

CONCLUSIONS

CBC has built several digital audio studios to
explore new techniques in radio and television
sound production. Producers have welcomed the
freedom to try out different sound montages
without wasting time, and the “cut and paste”
editing that random access recorders provide. The
relative ease of automating digital processes has
(when correctly implemented) removed many of the
procedural impediments to production process.
Program quality has improved, and the time
required to produce complex programs has
decreased by about a third, when compared to tape
based techniques. There are additional innovative
benefits to less complex forms of programming,
exemplified by the Desk Top Radio experiments
being conducted for news and current affairs.

Experiments in sound production naturally
extended to questions about program distribution
technology, and its influence on future systems. The
perceptual codecs originally conceived to reduce
data rates for DAB emission have migrated
upstream into network service areas in conjunction
with the common carriers” move to digitize their
networks. These codecs promise to improve sound
quality and reduce network costs. Broadcasters will,
however, have to insure that the receivers selected
for a DAB service are compatible with, and do not
compromise the future development of these codecs.
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TELEVISION DATA SYSTEM FOR PROGRAM IDENTIFICATION

David K. Broberg
Mitsubishi Electronics America, Inc.
Cypress, California

Abstract- Congress has passed the Television Decoder
Circuitry Act of 1990 and the FCC has issued rulcs
requiring 13-inch and larger television reccivers
manufactured after July 1, 1993 to include decoder cir-
cuitry to display closed captioning datal. Manufacturers
arc busy preparing products for introductions in compli-
ance with this new rcquirement. The EIA's Telcvision
Data Sysicms Subcommittec has been working at the
request of the FCC 1o develop standards for extended data
services on line 21 of ficld two, which will make usc of
the same decoding hardware.

Because of the certainty of the required decoding circuitry,
an opportunity was created that guarantces widesprcad
availability of a new data communication channcl from
the broadcaster to the TV receiver. The resulting new
features will make TV reccivers more user friendly and
crcate new opportunities for broadcasters.

WHO IS DEVELOPING THIS SPECIFCATION?

In September of 1990, a group of TV receiver
manufacturers and caption providers* formed a Task Force
under the Electronic Industrics Association (R-4 TV
Systems Committce) to formulate the TV receiver display
standards for Closed Captioning. This group worked
assiduously to dcliver a document to the FCC by
December of the same year. With minor modifications
that document was incorporated into the FCC Report and
Order of April 15, 1991 which defined the requirements
for closed caption decoders that must be part of every TV
set manufactured after July 1, 1993,

The same group became the EIA R4.3 Subcommittee:
"TV Data Systems" and has since been working at the re-
quest of the FCC2 1o define Extended Data Services for
line 21 of field 2.

WHAT ARE THE NEW DATA SERVICES?

Ex ‘aptioning Servi

In addition to adding the capability to provide a sccond,
independent caption service with all the same features as
the original, scveral new features will be added.

The sccond (ficld-2) service will be able to provide
complcte captions in a second language, with all the
nccessary special characters without being restricted by
the presence of the original captions. Additional character
symbols will be included to allow support for many
languages not now supportcd. Ncw options will be added
to allow caption providers to select a varicty of
background colors.

Extended Text Service

The new service will add the capacity to provide two
additional TEXT services in the same format as the
currcnt service,

Program Identification Service

A completely new service will be added to allow program
providers and local broadcasters 1o transmit data which can
be used to describe numerous aspects of the current and
future programs. This new service will also be capable of
scnding automatic station idcntification, clock setting
data, aspect ratio information, and National Weather
Scrvice text messages.

What are the Benefits for TV Viewers? There will finally
bc an end to the blinking 12:00 on VCRs and TV
screens. Automatic clock setting, with self calibration,
will pecrmancntly end this problem.

“Channcl Maps™ that list which station is on what
channcl will no longer get misplaced or clutter the coffec
table. No mattcr how often the local CATV company
shuffles the linc-up, viewers will always be able to find
their favorite stations by on-screen station identification
and channel sclection.

Channcl browscrs will be able to identify the name of
programs quickly by on-scrcen program titles that are
generated by the TV, These titles can even appear during a
commercial break. Figure 1. on the next page, illustrates
an example of how a browsing screen might appear
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WXYZ Independent

Main Audio: Sdereo
SAP: Spanish

Caplions: C

1

Fig.1 An example of a “Browsing Screen”

In addition to information about thc current program,
stations will also be able to send their schedule for
upcoming programs. The receivers can be made to seck
and store this information during non-usc and compilc it
into an on-screcn program schedule. This information can
be used in on-screen displays to make program selection
quite easy. Figure 2 shows how this might be displaycd.

WHAT'S ON TV:
For Sat. Jan. 11, 1992 5:37pm

PROGRAM NAME
|6:00p| Local News
04
The Price is Right
[7: 00pj0O4Movie: Gone With the
Wind (part 2)

Use ADJUST to select,

Pregss ENTER to see more info.
Press PROGRAM to set your VCR
MENU to exit

Fig.2 An cxample of an On-Screcn Guide display.

A second screen could be used to view more detailed
information about the current or scheduled programs.
Figure 3 shows how this might look.
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Program Name: Gone With the
Wind, part 2

{Movie, Drama,  Rated: "G" |
[Lotterboxea at 178:1 |

se ADJUST to -oe“more li.st:ings
siiniiipress MENU to exit f

Information about the program’s aspect ratio is also
included so new widc-screen TVs can automatically zoom
in to fill the scrcecn on lctterboxed programs or
commercials.

The system also provides VCR users with a number of
fcatures. Since cach program is uniquely identified, VCRs
can be designed to record desired programs completely,
cven if they run overtime or are dclaycd. Program
identificrs for futurc programs can be transmitted during
previews so VCRs can be instantly programmed by
impulse response.

The system will also have the means to retransmit the
National Weather Service’s Weather Radio Specific Arca
Message Encoder (WRSAME) messages. This capability
would allow TVs to use on-screen displays to show
wecather warnings for their specific arca as quickly as they
arc issued.

What arc the Benefits for Broadcasters? At last the
broadcaster will have the mcans to identify his station by
call letters (and network affiliation) directly on his
viewers TV screen whenever channels are changed. CATV
opcrators will no longer be able to confuse consumers by
re-mapping channcls.

Program providers will be ablc to fully utilize the wide-
scrcen modes of new wide-screen TVs by controlling
when the TV switches into the various modes.

Channcl browsers will be captured by advertisers when
they see the name of the program they are intercsted in
viewing. Ratings can be improved because it will be
casier for vicwers to find the programs thcy want 1o watch
or record.



HOW AND WHERE WILL IT BE USED?

These new data signals will be transmitted exclusively on
line 21, field 2 in the same format as closcd captioning
signals. The ncw signals may coexist with the new closed
captioning services & text services also planned for this
line.

Until now, this linc has been reserved but unuscd.
Currently there is a FCC authorization3 to place a 9 bit
pscudo random framing code signal here. This signal is
supposed to occupy about 1/2 of this line when Closed
Captioning signals are transmitted. It should be made
clear that this signal has never becn used by any
captioning cquipment.

The EIA Subcommittce will be making a
rccommendation to the FCC for authorization and
protection of these new scrvices on line 21, field 2.

WHY IS THIS SYSTEM THE ANSWER?

There have been many similar and competing proposals
for program identification schemes in recent months.
Many of the other proposals offer higher data transfer
rates and more capabilitics. However, there are several
advantages that are only available on the EIA system.

Wh Hardware Advantages?

The receiver hardware comes for free. All the hardwarc
requircments for this system will be included in every TV
manufacturcd after July 1, 1993 in order to comply with
thc closed captioning rcquirements. Recciver
manufacturers have championed this causc to provide a
low-risk solution. Only some additional control software
is requircd beyond the minimum caption decoding and
display hardwarc that will alrcady be included.

The encoding hardware is almost free. Since the encoding
cquipment needed is exactly the same as the cquipment
uscd for encoding the closcd captioning signals, many
stations may alrcady have this equipment. Because of the
increased exposurc and more widespread use of captioning,
new cncoder supplicrs will have more equipment available
at lower costs. Again the only diffcrence to this
cquipment is some additional software to automatc the
transmission of the codcs.

What is the Format Advantage?

Because this system is defined as part of the extended
services for the linc 21 closed captioning system, it is
expected that it will gain the same FCC protection as the
current captioning system. This protection ensures that
the data is not removed or destroyed by down-strecam
processes. There will only be one type of signal on line
21.

Why not Other Proposed Systems?

It would be unlikely for receiver manufacturers to ecmbrace
a different system that involves additional hardware costs.
Why should onc build a new data decoder for a systcm
that may never materialize or get widespread support?

Program providers or local stations have no incentive to
transmit data 1o an audicence they are uncertain will ever
exist. This creates a question of which comes first, the
data or the receivers? The EIA proposal faces no such
uncertainty, all the hardware will be in place.

WHEN WILL THIS HAPPEN?

As it now stands, caption decoding hardware will be in
every TV (137 or larger) after July 1, 1993. The goal of
the EIA subcommittee is to make the submission to the
FCC by thc cnd of the sccond quarter of 1992. Allowing
6 months for FCC action and finalization of the EIA
specification, manufacturers could then begin adding the
necessary software updates 1o TV,

It would then be possible for some Program ID capable
TVs and VCRs to appear by latc 1993 or carly 1994,

SUMMARY

TV manufacturers, caption providers and other industry
represcentatives  have joincd forces in an EIA
subcommittce to establish a single standard for
transmitting program and station identification data on an
unused portion of the vertical blanking interval. This
proposed system will allow many advanced, new features
to both TVs and VCRs at little cost to the consumer.
Broadcasters can benefit by providing the data which
allows vicwers to more easily find their favorite
programs, This system is very likcly to succeed because
it will require no ncw hardware at cither the transmitter or
recciver ends. Broadcasters are encouraged to recognize the
ncw, business opportunitics that will be offered and
pan‘cipatc in the proccss that can make the current
schedulc for implecmentation of thesc program
identification scrviccs a reality by the end of 1993.
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DBS FOR LOCAL BROADCASTERS
Norman P. Weinhouse
Local DBS, Inc.
Tulsa, Oklahoma
Bell Canyon, California

Abstract- A satellite system whereby every existing
television broadcast station in the U.S. can transmit
program(s) to a 200 or 300 mile diameter coverage
area is described. Four (or more) NTSC channels or
two HDTV channels are transmitted in each satellite
transponder, free of the impairments and limitations
imposed by traditional terrestrial broadcasting.

The satellite to provide this service is described in
detail showing how the narrow beams are formed and
how the signals are processed. Frequencies are re-
used through geographic isolation allowing a large
number of reliable low power transponders on board.
Therefore a large number of users can be
accommodated.

A companion EIRP budget is given which shows that
performance margins are equal to or better than
National DBS networks with 230 watt transmitters on
board.

Digital source coding and transmission are planned
for both NTSC and HDTV channels. Software
features will include conditional access, blackout of
restricted areas within the beam to avoid duplication
of programs, and a variety of data and personal
messages to selective receivers.

INTRODUCTION

Did you know that the FCC has set aside 1000
Megahertz for television broadcast? Yes, one whole
Gigahertz for broadcasting of television directly to
homes. If this speaker was a broadcaster, I would be
plenty angry if someone other than a broadcaster
were to use that spectrum. The spectrum has been
allocated to a satellite service. Internationally it is
called the Broadcast Satellite Service (BSS). In the
U.S. it is commonly called DBS for Direct Broadcast
Satellite, or more properly Direct Broadcast Satellite

Service as in Part 100 of the FCC rules. No matter
what you call it, it is a Broadcast Service, and it
would be tragic if broadcasters as we know them did
not use it.

DBS has been perceived as a national kind of service
without the localism of broadcasting. Up to now all
planning by applicants, licensees, and programmers
interested in using this resource has been directed
toward serving the entire U.S. with TV programs.
Now, the convergence of several technologies has
made it possible for localism in satellite broadcasting.

TECHNICAL PARAMETERS OF DBSS

Technical aspects of the Direct Broadcast Satellite
Service for the International Telecommunications
Union (ITU) Region II, which includes the U.S., are
given in the Final Acts of the 1983 World
Administrative Radio Council (WARC). The FCC
has, with very few caveats, adopted those standards
but they have not yet been codified into the rule and
regulations.

TABLE 1
SOME TECHNICAL FEATURES OF DBS
IN THE UNITED STATES

PARAMETER ALLOCATION/STANDARD

1. Orbital Slots 61.5°, 101°, 110°, 119°,
(West Longitude) 148°, 157°, & 175°

This spacing allows
extremely small receive
dishes from an
interference  standpoint.
Dishes of less than 12
inches in diameter can be
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used if the power from the
satellite is adequate.

2. Operating Frequency Feeder (UP) Link:
Band 17.3 to 17.8 GHz
Downlink:
12.2 to 12.7 GHz

Circular; Both left and
right hand polarization are
allowed from an orbital
slot.

3. Polarization

4. Channelization 16, frequencies on each
polarization, for a total of
32 from an orbital slot.
Center frequencies are

about 30 MHz apart.

5. Downlink EIRP Left to discretion of
operator, but limited at the
border of the country.

ANTENNA BEAMS

At geostationary orbit, the earth subtends a solid
angle of about 19°. If one chose to cover the entire
globe with a usable signal from a satellite in that
orbit, a flared horn with 19° half power beamwidth
could be used at any frequency allocated to satellites.
Indeed, the Intelsat satellites utilize such a homn
antenna for global coverage. To cover a land mass
such as the Continental United States (CONUS) a
beamwidth of about 3° (latitude coverage) and 8°
(longitude coverage) could be used. Figure 1 depicts
global and CONUS coverage graphically.

At 12.5 GHz, a four foot diameter parabolic antenna
will have a half power beamwidth of about 1.5°, a 8
foot dish about 0.7°, and a 12 foot dish 0.5°. From
Synchronous altitude these beams would produce half
power coverage of 600 miles, 300 miles, and 200
miles respectively.  Figure 2 shows this land
coverage centered on Puget Sound. The 12 foot dish
is a convenient size although it is a little bit larger
than most satellite dishes. It fits very nicely on a
modern satellite launch vehicle such as Arienne,
Titan, Atlas, Latest Delta, or cargo space on Shuttle.

Figure 3 shows two adjacent beams in Washington
State. There are many ways to produce a multiplicity
of beams without having separate antennas. The
simplest way is shown in Figure 4. If a feed horn of

a parabolic reflector antenna is displaced from the
parabolic axis of revolution, a beam is produced that
is squinted from the boresight (axis of revolution).
If a single reflector with a multiplicity of feeds is
used, a multiplicity of beams are formed. Figure 5
shows how a single reflector with multiple feeds can
produce a “"shaped beam" to fit coverage of a
particular land mass; in this case Mexico. In the
shaped beam case, the feed horns are connected by a
power splitting network to produce the desired result.
In the Local DBS case, a separate feed horn is used
for each beam.

FREQUENCY REUSE

Since each beam produced by the satellite antenna is
isolated from every other beam, a geographical
isolation is created. With this isolation, the
frequencies can be reused without fear of
interference. In the planned local DBS system,
alternate beams can use the same frequencies. A
frequency reuse factor of 16 is planned for a fully
loaded system of 60 beams. All that is required for
reuse on alternate beams is that the sidelobe energy
be low enough to preclude harmful interference.

It must be emphasized here that use of the term
"frequency” denotes the band of frequencies allocated
to a transponder. In other words, in this context, a
frequency is synonymous with a transponder. By
using video compression techniques a transponder can
handle more than one television signal. Local DBS
currently plans transmission of a minimum of 4
NTSC signals, or 2 HDTV signals in each
transponder.

An average of 4 frequencies or transponders will be
connected to each beam. The number assigned to a
beam will depend on market conditions. Urban areas
will have more and rural areas will have less.
Furthermore, it is likely that lightly populated areas
will have wider beams of about 300 miles in
diameter.

SIGNAL PROCESSING

The Local DBS is similar to every other U.S.
domestic satellite currently flying in the way it
processes signals. It is a type of repeater known as
a "Single Conversion Heterodyne Repeater.”
Sometimes it is called a bent pipe in the sky. What
makes this satellite unique is that it has many more
transponders on board. However, the transponders

36 —NAB 1992 Broadcast Engineering Conference Proceedings



utilize low power amplifiers in the 7 to 15 watt
output range as opposed to the National DBS which
utilize 120 to 230 watt output amplifiers. The weight
and power capacity of the national and local satellites
is about the same, and they can share a common bus.
Instead of a single common input from the receiving
antenna and a single common output to the
transmitting antenna, the Local DBS has input and
output from individual feed horns. Figure 6 is a
partial black diagram of the local DBS.

EIRP COMPARISON
NATIONAL AND LOCAL DBS

TABLE 2 - EIRP COMPARISON

NATIONAL LOCAL
PARAMETER DBS DBS
1. Power Amplifier +23.6 8.8
Output - dBW (230 Watts) (7.5 Watts)
2. Output 1.5 1.0
Multiplexer and
Feed Line Losses -
dB
3. Antenna 3°x 8° 0.5°

Beamwidth - Degrees

4. Peak Antenna
Gain - dB

31 (55% eff) 49 (40% eff)

5. Peak EIRP - 53.1 56.8
dBW

6. Geographic Loss 1.0 3.0
-dB

7. Edge of 52.1 53.8
Coverage EIRP -
dBW

The EIRP from the Local DBS is expected to be at
least 1.5 dB better than the national service
everywhere in the coverage area of both services. It
should be noticed that the difference in transmitter
power is more than made up by antenna gain. The
loss between power amplifier and antenna is less in
the Local DBS case since a power division network
to a multiplicity of feed horns is not required.

Reliability of the Local DBS should be better than the

National Service. Five to 10 watt power amplifiers
in satellites have a proven track record of
phenomenal reliability. Use of satellite amplifiers of
120 watt and higher has been limited, but the results
have been somewhat disappointing. Recent
experience has been good however. Use of the low
power amplifiers represents very low technical risk.

DIGITAL SOURCE CODING
AND TRANSMISSION

The Local DBS system plans to use digital
compression for both video and sound because of its
spectrum efficiency. Transmission will be digital
utilizing a power and spectral efficient technique.
Spectrum efficiency is not as important in satellite
transmission as is power efficiency. Digital
compression in the source coding will allow more
television channels in a transponder than might
otherwise be possible without compression. Use of
QPSK modulation with modest error correction will
allow use of extremely small ground receiving
antennas.

Even the purest of the purists in the broadcast
industry concede that today’s technology of
compression using 6 to 8 Mb/s on NTSC video
produces an acceptable result for broadcast.
Proponent HDTV systems are utilizing basic data
rates in the range 15 to 20 Mb/s. Almost everyone
in the industry believes that a digital system will be
selected by the FCC for terrestrial broadcast. Even
if the FCC doesn’t standardize on a digital system,
the satellite industry will adopt one.

Audio

TV associated audio will be sent via some digital
compression technology. The most likely candidate
is Musicam where monaural audio can be transmitted
with true CD quality at 128 kb/s, and left and right
audio can be transmitted in 192 kb/s. Musicam is
very close to becoming an international standard by
a joint ISO and MPEG committee.

NTSC

At least 4 channels of compressed NTSC video will
be transmitted in each transponder. The method used
will be determined by whatever technology that
proves to be best at the time the Local DBS is
launched, probably in 1996.
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HDTV

Each transponder will be capable of handling 2
HDTV channels. Whatever proponent system is
ultimately selected as the standard by the FCC will be
used in the Local DBS.

BLACKOUT FEATURES

Consider the case shown in Figure 7. At least 3 TV
markets are covered by a single 200 mile spot beam.
This will be the case in many urban areas in the U.S.
Market integrity will be maintained through software
by way of a blackout feature. At least 32 blackout
combinations can be accommodated in each channel.
Blackout regions can be defined by Postal Zip Codes
and/or geographic coordinates. If a satellite station
obtains program exclusivity for the entire beam, the
coverage area and potential viewers can extend over
twice the area of the average B Contour of a full
service station. In any case, the satellite signal is not
subject to the blockage and muitipath so common in
terrestrial broadcast. The so-called white areas of
fringe reception in some markets will obtain excellent
reception. The need for troublesome translators used
in many markets will be eliminated.

A farsighted broadcaster might establish a second or
third channel for a variety of reasons. Use your
imagination. If the program is non-duplicating, the
entire 200 or 300 mile area could be served.
Selective data services and personal messages can be
sent via the conditional access system used.

GROUND RECEIVERS

Ground Receivers will be capable of receiving either
local or national DBS since they both will use the
same technologies of compression and modulation.
The upscale models will probably have antennas that
can readily be pointed at any orbital slot in its field
of view, either mechanically or preferably
electronically. Figure 8 shows a block diagram of a
DBS receiver, with the desirable features. Current
planning calls for HDTV and NTSC digital signals to
have about the same symbol rate in a transponder.
The NTSC stream to contain a minimum of four TV
channels and the HDTV stream to have two TV
channels. This will allow commonality in the
Demodulator, Demultiplex, and Forward Error
Correction circuits as well as the
decryption/authorization protocols.  The NTSC
decompressor can be in either the TV set or in the

satellite receiver. For HDTV, the decompressor will
be in the TV set.
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FIGURE 1 - GLOBAL AND CONUS COVERAGE
FROM SYNCHRONOUS SATELLITES
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Figure 3 - Adjacent 200 Mile Beams
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FIGURE 6 - SATELLITE PARTIAL BLOCK DIAGRAM
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Figure 7
- ELECTRONIC BLANKING with the BEAM
- Washington Local Stations cannot be
received in Richmond or Baltimore.
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ISDB TRANSMISSION SYSTEM IN THE 12 GHZ BAND
DIGITAL SATELLITE BROADCASTING
Naoki Kawai, Eisuke Nakasu, Toshiro Yosimura, and Akira Ohya
NHK Science and Technical Research Laboratories
Tokyo, Japan

ABSTRACT

ISDB ¢Integrated Services Digital Broadcasting) is a
total digital broadcasting system that can not only
integrate and transmit a large variety of services but
also provide multi-media services using a number of
different media. This paper describes the concept of
ISDB and discusses the flexible signal transmission
system using one satellite broadcasting channel in the
12GHz band. And Digital TV, supposed a main service
in ISDB, is also investigated. Digital TV is expected to
provide high-quality services nearly all of the time
when compared with FM-TV. In one satellite channel, it
may become feasible to transmit more TV channels
than FM-TV system, and various data services by
means of lately developed efficient coding methods.

INTRODUCTION

Digital technology has been intensively introduced in
broadcasting studio equipment. But dedicated digital
channels has not been used for digital broadcasting
systems. The reasons why realization of full scale
digital broadcasting has been delayed in the past are the
lack of frequencies for transmission, high cost of high-
speed LSI’s and immature encoding technology.

Recently,  however,  high-efficiency  encoding
technology for pictures and sounds has made rapid
progress, and the digital signal transmission has been
expected effective in frequency utilization. The
evolution of the information society has increased the
needs for various data services and the development of
these encoding technology and systems has matured,
leading to standardization in various fields.

Aside from these developments, research of ISDB
using satellite broadcasting has been conducted as a
system to digitally integrate information and to flexibly
provide services.

Under these circumstances, the environment to
implement ISDB in which source signals including
motion pictures are encoded in digital, multiplexed and
transmitted has been established. As a new broadcasting
infrastructure, ISDB has various possibilities, such as
efficient utilization of frequencies, participation by a
wide variety of service broadcasters and supply of new
services suiting needs. Much is expected from ISDB as
broadcasting to meet the diverse wishes of the viewers.

This paper describes the concept of ISDB using 12
GHz-band satellite broadcasting and studies of the

encoding and transmission systems for its realization.
CONCEPT OF ISDB

ISDB can be implemented based on the overall
advantages of digitalization in broadcast production,
signal transmission and reception.

(1) In broadcast production, news gathering equipment
and studio facilities will be implemented with digital
technology and digital lines in and outside of stations
will be consolidated, so that the production systems will
be unified and a diverse, efficient production
environment will be built.

(2) More channels can be offered and diverse services
can be integrated more easily by digital signal
transmission. Information will be able to be sent to
homes without quality deterioration.

(3) Signals of this broadcasting can be received by one
integrated receiver for all services. By integrating
circuits in LSI’s, receivers can easily be produced in
small size, at a low cost. Furthermore, using a
computer technology, new receiving functions with a
good human interface can be offered.

NAB 1992 Broadcast Engineering Conference Proceedings—43



Digitalization toward the 21st Century, as mentioned
above, will enable broadcasting to be a new means of
providing information to homes. The following items
will be demanded in the future as broadcasting
functions.

(1) More Television channels will be offered by
effective frequency utilization, to provide diverse
programs and wide information which the viewers need.
(2) Presentation functions of the television will be
enhanced through the introduction of various digital
picture effect functions and through providing with
additional information by the use of media suiting the
programs, such as sound, printing and software.

(3) The program identification and supply of user guide
information will make automatic recording, reception
and selection of information easy, to improve the
reception environment of each viewer.

(4) Various data and new broadcasting services will be
handled uniformly for flexible organization of
broadcasting programs.

To accomplish them, a broadcasting system can be
considered to transmit integrated services by providing
broadband digital broadcasting channels on one
transmission channel and by multiplexing picture,
sound, data, etc. with user guide information in this
transmission channel. This is called Integrated Services
Digital Broadcasting.

Transmission Channel of 1

Satellite channels, terrestrial channels, optical fiber
cable and other means can be used as ISDB
transmission channels. Among them, 12 GHz-band
satellite broadcasting channels have more possibilities
as transmission channels that will actualize ISDB in the
near future. When a broadcasting signal is transmitted
by digital modulation using one satellite broadcasting
channel, the interference protection ratio used in
WARC-BS planning (no interference disturbance must
be detected in the same channel as FM-TV: 30dB,
adjacent: 14dB) must be satisfied.

There are possibilities of using a frequency band near
22GHz for broad-band ISDB, including high definition
TV, however, attenuation of this frequency band by rain
and water vapor is large, so radio wave propagation
characteristics of this band have many technical
problems.

The compression encoding technology of television
pictures is making rapid advances as shown in Figure 1.

Studio Standard
BTA S —001
HOTV

Secondary
Distribution |

Studio Standard
CCIR_REC.601

Quality

[}
Standard
TV == CCIR 3CCIR Rec.72!
(Secarcary| Foc723 DPCM
| Distribution| Y0id OC
Storage

Media

Videophone
H.261

Conference| e—=—==x MC + DCT

1 1 1 | | | | I
50kb 1M 5M 10M 50M 100M 500M 1G

[bit,/s]

Transmission Bit Rate

Fig.1 Transmission Bit Rate of Picture Coding Standards

Using this picture encoding technology, some television
channels of broadcasting quality can be transmitted in
the bandwidth for one satellite broadcasting channel.
Furthermore, using compression-encoding of television
signals, not only the television signals but also a large
volume of data can be transmitted in satellite broad-
casting channels. For example, using a transmission
channel of 1Mbps, approximately 8 sound programs can
be sent with the 128kbps compression-encoding of
sound signals. Six newspaper pages per second can be
sent if characters are sent by encoding. Or one to ten
A4 pages per second can be sent by facsimile.

Figure 2 shows the ISDB transmission system which
uses the bandwidth of one satellite broadcasting channel
entirely for digital signal transmission. This
transmission systern requires flexible transmission of
some television signals and various data signals. A
transmission system has been studied to send various
digital signals commonly and efficiently through the
same transmission channel, as follows.

Signal Multiplexing System

There are two multiplexing systems, the structure and
packet systems. The former allocates services in fixed
time multiplexing positions by control codes. The latter
identifies services by the header added to the data and
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does not fix multiplexing positions. Table 1 compares
the two systems. Services sent in ISDB are numerous
in types and many of them have variable transmission
rates and different transmission characteristics. Under
these conditions, the packet system, which excels in
transmission efficiency, flexibility and expansibility, is
suitable.

Packet Configuration

The items shown in Table 2 are contained in the header
to be added to packets in broadcasting, and
approximately forty bits are necessary. The packet
length suiting television picture transmission, if this
header is used, has been evaluated.

Table I Comparison of Signal Multiplexing Method

Comparison Structure System E Packet System
[tem h
System Allocation configuration of : Configuration by packet
Requirement all services must be decided | format can be decided
by mode control. | independent of individual
.............................................................................. |- SEIVICES. .
Expansibility | Transmission parameter i Transmission speed and
changes and new service | other items can be changed
additions are limited. ! freely and new services can
.............................................................................. | be added relatively freely.
Operability Program organization is free} Transmission capacity has to
inside allocation t be adjusted.
e CONfigURAtion. et
Reliability | Stable by acquisition , Header reliability depends
through synchronization. ' on error correction.
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Table 2 Example of Items in Header

Header Item Bits
Operator 1D 12 to
Program ID 12 to
Service ID 8 to
Continuity Index 2 to
Scramble Control 2
Data Transmission Flag 2

Once an encoding error occurs in television picture
signals compressed by variable-length encoding,
subsequent code strings cannot be decided correctly and
are aborted. For this reason, picture field unit and stripe
unit (e.g., horizontal picture block) are resynchronized
as a data group to prevent propagation of error.
Therefore, the mean data amount of data groups will be
117kbits in the field and 7.8kbits in the stripe if the
television picture data transmission capacity is 7Mbps.

When an optimal packet length [P] is examined for such
a data length [D], the header loss [a=H/P] by the
header length [H] and mismatching loss [b=(P/2)/D:
proportion of invalid data part of packets not filled by
data to data length] are evaluated and the transmission
efficiency (c=a+b) combining both is used as the
decision criterion. Figure 3 shows the transmission
efficiencies of packets of different lengths, regarding
the data length. The diagram shows that approximately
2,000 bits are adequate as the packet length, with a high
transmission efficiency for both the field and the stripe.

NTSC NTSC
Stripe Field
l l data size [kbit]

20 40 60 80 100 120 140

—

0.8
efficiency

Fig.3 Efficiency of Various Packet Size
as a Function of Data Size
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The ISDB transmission signals should preferably meet
the following transmission conditions:

1. Suitability to the hierarchies with international
communication networks (e.g., 2.048Mbps)

2. Packets with a good transmission efficiency can be
configured easily. Packet lengths of approximately
2000 digital bits are suitable lengths as mentioned
above.

3. Expansibility to narrow and broad band channels
other than 12GHz-band satellite broadcasting channels.
4. Packets, structures and various other multiplex signal
configurations can be contained.

5. Ease of receiving small-capacity data services as well
as large-capacity services such as digital TV.

Figure 4 shows the basic configuration of the ISDB
transmission signal that incorporates these conditions
into its system. One frame of ISDB is configured by
structuring a 2048bits stream as the basis, in accordance
with conditions 1. and 2. as the sector shown in Figure
(a) and by interleave-multiplexing N number of sectors

2048bit
te-1G-ote 2032bit

| Data

LSector identification
L__Framing code

(a) Sector Format

Stot 2048bit Trnamitd
No.1

2

31

af

=
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’ (Interleave Matny/,«-"‘

o

e

e
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(c) Bit Stream

Fig.4 Basic Configuration of
Signal Transmission Format



as shown in Figure (b). As shown in Figure (c), periods
of 1ms are repeated in one frame and the transmission
bit rate will become N - 2.048Mbps in accordance with
the number N. By suitably setting N as explained
above, ISDB transmission signals of a different
capacity, shown in 3., can be configured. The first 16
bits of sectors become common parts as frame sync and
sector ID codes. The remaining 2032 bits can be set
freely. Therefore, structure and packet multiplex
signals unique to ISDB can be set to meet the condition
4.

The concept of slots is used when sending a service by
these transmission signals. One slot is a multiplexing
position in a basic transmission unit of 2.048Mbps in
the ISDB transmission signal. Each service is
transmitted by designating a specified slot position in
slots of number N. Various data services are small in
capacity and are transmitted by designating one slot.
Digital TV services with a large transmission capacity
use some slots. Many services are mixed in one slot, so
various data services are transmitted in vacant
capacities of slots designated by digital TV services . If
services are multiplexed in ISDB in the above
mentioned large-capacity transmissions only in the
concept of packets, all the packet headers to be
transmitted must be identified at a high speed.
However, by using the concept of slots, the speed is
changed to a low speed sufficient for signal processing
of each service after extracting slots needed for
deinterleaving. Thus, services of a small capacity as
mentioned in condition 5. can be received easily.

D I P E
Satellite Link P

Table 3 shows down link parameters when broadcasting
signals are received by an antenna of 45cm in diameter
and assuming the satellite output to be 120W, as in the
BS-3 now in orbit in Japan. The table shows that
receiving C/N during normal operation (referred to as
“noise bandwidth 27MHz" in the following) would be
15.7dB. An appropriate transmission margin must be

Table 3 Satellite Broadcasting Link Parameters

Parameters Value
e.i.r.p. 59. 0 dB(120W)
Free Space Loss -205. 6 dB
Rain Margin -2.0 dB
Receiver G/ T 10. 0 dB/K
|.Boltzman Constant |  -228. 6 dBW/Hz:K
C/N (27MHz) 15. 7 dB

secured from this to design the ISDB system. For this
reason, the receiving C/N values as boundaries of
various services must be set by taking the time factor
during effects of rain attenuation into account.

T ission Bit R

Multi-channel PCM audio broadcasting is one example
of broadcasting service development to digitally
modulate carriers directly in 12GHz-band satellite
broadcasting in Japan. In this case, transmission bit
rates of 24 and 32Mbps were studied to equalize the
service boundaries during low C/N as those of satellite

TV sound.! 40Mbps is also possible if the range is
satisfies the interference protection ratio conditions

specified by WARC-BS.2 Three transmission bit rates,
namely, 24, 32 and 40Mbps, would be studied as ISDB
systems. The use of easily produces QPSK and MSK
for home-use receivers with a good efficiency will be
studied as the digital modulation system.

ion li r i

In the digital modulation of satellite transmission de-
scribed above, transmission quality deteriorates greatly
during low C/N as it is, and a sufficient transmission
margin cannot be secured. For this reason, error
correction codes must be used to improve transmission
quality. The following is required as error correction
codes used in ISDB:

*Coding rate that sufficiently assures the service trans-
mission capacity.

*Decoding circuit scale that can be obtained at low cost,
suitable for a home receiver.

*Sufficient encoding gain that allows quality
improvements.

The following codes were studied as error correction
codes:

1. BCH (63, 45): BCH code with an encoding rate of
0.7.

2. 3/4 Viterbi: Convolutional code with an encoding
rate of 0.75 is Viterbi soft-decision decoded.3

3. SDSC (272, 190): Shortened difference set cyclic
code with an encoding rate of 0.7.4

4. SDSC (1016, 772): Difference set cyclic code with
an encoding rate of 0.76 making shorter the (1057,

813) code by 41bits.4

Figure 5 relates the bit-error rate and receiving C/N
when these four types of correction codes are applied to
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12GHz-band satellite broadcasting transmission. The
use of MSK was assumed in the diagram if the
transmission bit rate was 24 or 32Mbps. One
characteristic of MSK is that characteristic deterioration
is small to the non-linearity of transmission paths.

Based on past experimental results,! 2dB was included
as deterioration from the theoretical value for home
receivers which were mass produced. In the case of
40Mbps, the specification of interference protection
ratio is forecasted as difficult to satisfy by MSK so the
use of QPSK was assumed. Deterioration of 3dB from
the theoretical value was included, in that deterioration
increases by the non-linearity of the transmission path

and the high demodulation clock rate.2

Digital TV Service Quality

At present, the picture encoding method for
broadcasting has not been defined yet and the
relationship between the bit-error rate and picture
quality is not decided. Assuming the use of adaptive
DCT as the encoding system, the relationship was

estimated tentatively as shown in Table 4.5 Based on
the figure 5 and Table 4, the quality of digital TV is
derived to be as shown in Figure 6 if receiving C/N
lowers. The diagram also shows the quality of the
existing FM-TV. These criteria are quality deterio-
ration evaluation values in five stages. Compared with
FM-TV, digital TV can maintain picture quality
perfectly, even if the receiving C/N lowers, however
the quality rapidly deteriorates as a cut-off char-
acteristic once C/N lowers below a certain level.

Table 4 Assumed Video Quality Deterioration of
Digital Television as to Bit-error Rate

Table 5 Presumed Annual Time-Rate and Number
of Interruption under Patience Limit

System C/N i Time- 1 Number of
BitRate | __rate | Interruption
24Mbps | 5.7dB | 0.01% | I3times
32Mbps 6.9dB 1 0.015% 18times
40Mbps | 89dB | 0.025% ' 30times

Quality Deteriora-|{ Error Frequency:Bit—error
tion Evaluation per sec . Rate

Detection Limit 1./30 times ' 3 x10-9
Allowable Limit 1 time v 1 xX10-7
Patience Limit 30 times , 3x10-6
Reception Limit 900 times ! 9 Xx10-5

Table 5 shows the annual time-rate when picture quality
lowers to below the patience limits (evaluation 2.5) and
annual interruptions that continue longer than one

minute in the satellite transmission.® Using SDSC
(1016, 772) for error correction, Table 5 assumes
reception in high-rain areas in Japan. All three
transmission bit rates have very low annual time-rates.
The annual interruptions would become h/24 if actual
viewing is h hours in a day, so that interruptions would

be confined to a few times a year. Thus, cases of
actually being unable to view television would be rare,
and digital TV is expected to provide high-quality
service nearly all of the time when compared with FM-
TV.

As mentioned earlier, an important item in service
design of digital TV is whether or not service can be
provided sufficiently, beginning with the time-rate
which shows low C/N. A consideration not to deviate
the digital TV service boundaries greatly from FM-TV
must be made, referring to Figure 6. However, if an
effort is made to maintain service to very low C/N, the
transmission bit rate is lowered unnecessarily, making it
difficult to meet the requirement of securing a large
number of TV channels.

The number of TV channels that can send signals in one
satellite channel varies in accordance with the
transmission bit rate. Figure 7 shows the relationship
between the picture encoding rate and the number of
digital TV channels using the transmission bit rate as a
parameter. Four sounds (each sound 128kbps) added to
one TV channel and sync and control codes needed for
transmission signals are included in the transmission
bit rate, as shown in the following equation;
Transmission bit rate =
{(picture+soundx4)xTVch}/coding rate+sync+control
The picture encoding rate is calculated using SDSC
(1016, 772) with an encoding rate of 0.76 as the error
correction code.

The diagram shows that the picture encoding rate will
be approximately 7Mbps on an average when three TV
channels are broadcast at the transmission bit rate of
32Mbps. Similarly, the picture encoding rate must be
approximately 6.5Mbps on an average if four TV
channels are to be broadcast at the transmission bit rate
of 40Mbps. A picture encoding rate that satisfies
broadcasting picture quality has not been determined
yet. The number of TV transmission channels will vary
in accordance with the development of picture
encoding.

NAB 1992 Broadcast Engineering Conference Proceedings—49



Quality
5

[ SDsC P C‘g
- (1016, 772 R [~
(272,190 e Transmittion Bit-rate
ar B s OMbY
3/4 Viterbi s/ S 40Mbrs
3| BCH(63. 45 - “32Mbls
- . 5 —
R ol
2 -
3+
DY) VIR T Tt VYU U N S Y 2+
0 2 4 6 8 10 12 14 16 ,
C/N 27MH2) [dB] |
o . | | | | | ] |
- : 24Mb
(a) Transmission Bit — rate ps 5 4 6 8 10 12 14 16
guality Video Coding Bit-rate [Mbps]
i 383?6 12 7 Fig.7 Number of TV Channels as a Function
4 (272: 180 ,// of Video Coding Rate
— v
| 34 Vitei /
, I i Be =
3| BCH(63, 45) Ve \FM—TV
| In addition to digital TV, ISDB also transmits various
digital services. These services are not only provided
20 independently, but are also provided as additions to TV
5 or as multi-media. Care must be exercised so that
IS A A quality of individual services does not differ greatly
10 2 4 6 8 10 12 14 16 when C/N is low. Table 6 shows the bit-error rate
C./N (27MHz) [dB] estimated to be the deterioration detection limits of
z

_ . various services and the receiving C/Ns for them. The
(b) Transmission Bit-rate : 32Mbps table is an example of when the transmission bit rate is
Quality 32Mbps and SDSC (1016, 772) code is used as the error
correction code. The table shows that the receiving C/N
corresponding to the detection limits of the various
services is within a narrow range of 6.8 to 7.4dB and

4r that there are no large differences in the service
R boundaries.
3 -
s Table 6 Required Bit-error Rate as to Detection
ol Limit for Various Digital Services
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Fig.6 Presumed Video Quality as a Function
of Receiving C/N
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SUMMARY

ISDB is expected to be the infrastructure of new
broadcasting that can supply high and diverse programs
to homes at low cost. It has a flexible transmission
structure with expansibility and is promising as a future
medium that can integrate various digital broadcasting
services.

In ISDB of 12GHz-band digital satellite broadcasting,
various digital services can be transmitted efficiently,
achieving effective utilization of radio wave resources.
In particular, broadcasting digital TV can offer more
channels than FM-TV. The number of digital TV
channels is decided by the picture encoding rate, which
concerns picture quality, and by the transmission bit
rate . The transmission bit rate must be decided taking
account of the service boundaries when the C/N is low
and the time-rates during this time.

The basic configuration of the ISDB transmission signal
for expansion into various transmission channels has
been shown. The configuration of multiplexing signals
inside sectors suiting digital TV and various data
services will be studied in the future.
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RESULTS OF FIELD TESTS OF GHOST CANCELING SYSTEMS
FOR NTSC TELEVISION BROADCASTING

Lynn D. Claudy
National Association of Broadcasters
Washington, District of Columbia

ABSTRACT

In the past decade, significant progress has been achieved
toward developing technologies to reduce the visual effects
of multipath propagation and eliminating ghosts. This
effort has culminated in the design and development of
five different ghost canceling systems for consideration for
a single voluntary standard for the U.S. television
industry. This document reports on a recently completed
field test measurement program in the Washington D.C.
urban area designed to evaluate these five competing
ghost canceling systems.

All five systems were effective in reducing and/or
eliminating ghosts. The performance, however, varied
significantly from system to system and depended to some
extent on the transmitting frequency (VHF or UHF), the
type and complexity of the ghosting condition, and the
received signal level. One system, the Philips system,
consistently exhibited superior performance relative to the
other four systems.

INTRODUCTION

Multipath distortion, or ghosting, has been a pemnicious
problem with television transmission since the beginning
of television broadcast service. While many
improvements to the television broadcasting system have
been implemented over the years, the degraded images
associated with multipath ghosting have not diminished
and ghosting continues to reign as the most annoying
impairment of over-the-air television transmission.

A standardization program is underway within the
television industry to evaluate competing ghost canceling
systems and develop a single voluntary standard for the
broadcast, cable and consumer electronics industries. The
field tests of proponent systems reported here are the most
critical element in that evaluation. Only in the field can
the effectiveness of ghost canceling systems be evaluated
under the actual conditions that will exist in the
marketplace. As shown by the results of these tests, the

Victor Tawil
Association for Maximum Service Television
Washington, District of Columbia

technology to successfully implement ghost canceling in
the current television broadcasting service clearly exists.
It is hoped that this data will aid in reaching the important
goal of achieving consensus within the broadcast,
consumer electronics and cable industries on a preferred
ghost canceling system.

BACKGROUND

Theoretical descriptions of ghost canceling systems have
existed for many years. However, until the present
program was undertaken, the Broadcast Technology
Association (BTA) of Japan ghost canceling system,
which was adopted as a standard in Japan in 1987,
represented the only functioning system that had been
publicly demonstrated. The systems that participated in
the field test program were submitted in response to a
Request for Proposal that was released by NAB in July,
1990. Field testing is the most appropriate decisional
criteria for selecting a preferred system, since the plethora
of ghosting conditions experienced in the field cannot be
easily duplicated in the laboratory. By assessing the
performance of the ghost canceling systems at a large
number of diverse locations in the field, the ghost
canceling systems were subjected to a wide range of
ghosting impairment situations.

Five proponent organizations submitted functional systems
in September, 1991 for participation in the NAB ghost
canceling field tests as follows:

1. AT&T/Zenith Electronics Corporation

2. Broadcast Technology Association (BTA) of Japan

3. David Sarnoff Research Center/Thomson Consumer
Electronics

4. Philips Laboratories

5. Samsung Electronics

Implementing each of these systems requires the insertion
of a Ghost Canceling Reference (GCR) signal in the
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vertical blanking interval of the broadcast television
transmission. Only the GCR signal is under consideration
for standardization. Receiver manufacturers then could
choose to process the signal in any desired way,
encouraging products that balance manufacturing costs

LY IRE

with customer requirements. The GCR signals of the
proponents are shown in Figures 1 through 5. The
waveforms shown for each proponent GCR are presented
in a four or eight field sequence. Complete descriptions
of the proponent systems can be found in References 2-7.
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THE FIELD TEST PLAN

The test plan was developed by technical representatives
from Capital Cities/ ABC, ATTC, CableLabs, CBS, EIA,
MSTV, NAB and NBC.

The field tests took place in the Washington D.C. area
between September 27 and November 8, 1991. Three
local stations participated in the field tests; one VHF
station (WRC-TV, channel 4) one low UHF station
(WDCA-TV, channel 20) and one high UHF station
(WFTY, channel 50). Due to the mild Washington
climate, almost all of the summer tree foliage remained in
place for the duration of the test period.

NAB served as project manager for the field test effort.
The Electronic Industries Association (EIA), the
Association for Maximum Service Television (MSTV) and
Cable Television Laboratories (CableLabs) contributed to
the direct funding of the project and the Public
Broadcasting Service (PBS) contributed equipment and
technical support. The Carl T. Jones Corporation was
contracted to conduct the field tests using their field van.
This contractor had previously conducted ghost canceling
field tests on the BTA ghost canceling system for NAB in
Atlanta in 1990 (see Ref. 1) and was familiar with the
complexities of such an effort. The analysis of the data
was undertaken jointly by NAB and MSTV.

Site Selection

One hundred and six locations were selected for
measurement sites. Sites were specifically chosen in
areas where a variety of ghosting conditions might be
found. The locations were chosen to represent two
general conditions: strong signal areas (less than 15 miles
from the transmitters) and weak signal areas.
Approximately 70% of the selected sites were in strong
signal areas and 30% fell in the weak signal category.
For the strong signal areas, fourteen areas were identified
where a variety of ghosting conditions might be found
including highly urbanized and built-up wreas, areas with
varying terrain and locations likely to be affected by
clusters of tall buildings. For each area, or "cluster,” a
central site and four other sites on equally spaced 1/2 mile
radials from the central point were identified, subject to
accessibility of those sites in the field van. The close-in
cluster sites are shown in Figure 6. In the weak signal
category, six radials from the transmitter sites were
identified with terrain profiles that suggested multipath
conditions might be present. Five measurement sites were
identified along each radial, starting at about the 35 mile
point from the transmitters, with the other measurements
being taken every mile or so closer to the transmitters.
If a viewable picture did not exist at the 35 mile point, the
van moved closer to the transmitters along the radial until
passable viewing conditions were found. The radial site

s '..,.7\;'/-.\ A
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Figure 6

Close-In "Cluster" Measurement Sites
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locations are shown in Figure 7. Figure 8 shows a multitude of ghosting conditions. The data from the

photograph of the field van at a typical site location. present study is not indicative of the level of ghosting that
would be encountered on a statistical basis throughout the
It is important to note that the measurement sites were urban area.

chosen based on the likelihood of encountering a
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Figure 7 Figure 8
Far-out Radial Measurement Sites Field Van at Typical Site
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Hardware

Field Van Equipment. The equipment

complement included an AC power generator, 30-foot
mast, field strength meter, a Radio Shack VU-75 antenna,
two Tektronix model 1450 television demodulators (one
configured with a VHF module and one with a UHF
module), the five proponent ghost canceling systems, a
video switcher, a Tektronix model 1480-R video
waveform monitor, a Tektronix VM700 video
measurement system, Hewlett Packard Laserjet printer, a
Toshiba

S-VHS video cassette recorder, two Samsung TC 9845S
20" video monitors, a microphone and other
miscellaneous equipment.  Figure 9 shows a block
diagram of the measurement system. The ghost canceling
decoders were all prototype equipment, with the exception
of the BTA unit which was a laboratory unit developed by

Antenna on

NHK and NEC. The Tektronix 1450 was used as a
common demodulator for all the ghosting decoders. Each
decoder accepted a baseband video input. In addition, the
Samnoff unit required both the 1 (in-phase) and Q
(quadrature phase) outputs of the demodulator.

GCR Insertion Equipment. Three Tektronix

1910 generators were used at each of the three stations.
The Tektronix 1910 is a digital signal generator that has
the capability to add new test signals via the insertion of
appropriately configured PROMs. (The BTA GCR is
currently available as an option on the Tektronix 1910).
Tektronix, in coordination with proponents, fabricated
PROM sets containing all five GCR signals for installation
in the three Tektronix 1910 generators which were then
installed at the stations.
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Field Van Measurement System
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Proponent GCR signals were placed in the VBI on the
following line numbers (as requested by proponents):

System VBI line
AT&T/Zenith 16
BTA 18
Philips 16
Samsung 16
Samnoff/Thomson 11

Activation of the proponent GCRs was facilitated through
the use of a small laptop computer installed in the field
van and interfaced to a cellular telephone. At the
transmitter sites, a phone line and an autoanswer modem
were installed and interfaced to the remote control serial
port of the 1910 generator. Using standard off-the-shelf
communications software, script files were written that
allowed the field team to activate the desired GCR via a
menu.

Methodology and Procedure

The five proponent ghost canceling decoders were
installed in the field van. The majority of measurements
were made using a mast-mounted antenna attached to the
vehicle. Data from a number of indoor locations was also
gathered. In this case, home antennas were connected to
the field van equipment via a front end preamp and
coaxial cable.

The field van visited a given measurement site only once.
While at a particular site, the performance of all five
systems on all three television stations was assessed. This
was desirable so that, for each channel, propagation
conditions were similar for all systems. Also, since each
system was tested sequentially in time, the program
material on a given channel was often very similar.
While the objectionability of a given condition of ghosting
may be somewhat dependent on the source material being
viewed, every effort was made to insure that the
evaluation for all five systems was made during the same
program or with similar scene content.

At each outdoor measurement site the following data was
collected: REF signal level at the input to the television
receiver (calibrated to obtain field strength readings at the
antenna); photographs of the general vicinity of the
observation location showing reception conditions;
waveform monitor plots of a standard multiburst test
signal before and after correction; subjective evaluation of
quality level and degree of ghosting impairment before
and after correction; and video tapes of the observed
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signals for off-line analysis. The video tapes were
subsequently used to validate the judgments of the two
expert observers.

Evaluation consisted principally of visual evaluation of the
received television picture by two expert observers rating
the overall picture quality and level of ghost impairment
before and after insertion of the ghost cancelers. Both
observers had extensive experience in critical technical
assessment of video picture quality. The same expert
observers were used throughout the tests. The visual
evaluation of each received picture was based on the
subjective quality and impairment scales specified by the
International Radio Consultative Committee (CCIR) (Ref.
8). The five-grade CCIR scales are as follows:

CCIR CCIR
Quality Impairment
Scale Scale

5 Excellent 5 Imperceptible

4 Good 4 Perceptible, but Not Annoying
3 Fair 3 Slightly Annoying

2 Poor 2 Annoying

1 Bad 1 Very Annoying

To rate the signal quality and impairment level, the two
expert observers each evaluated the image and arrived at
a rating by consensus. Differences of opinion were
discussed, and if no agreement was reached, the average
of the two opinions was recorded. Both quality and
impairment assessments were made to the nearest half
step on the five point scale, an acceptable practice in
CCIR studies. This was done to reveal instances where
improvements were evident but did not result in a full
grade of improvement on the CCIR scales.

At each site, specific characteristics of the ghosting
impairments were identified. The delay ranges in which
ghosts were discernible were noted for the following
categories  (microseconds of delay of ghosted signal
relative to main signal): -9 to -2, -2t0 0, 0 to 2, 2 to 10,
10 to 19, 19 to 28, 28 to 37, greater than 37. The
number of simultaneous ghosts was also noted as follows:
1, 2, 3, 4, 5-8, greater than 8. Ghosts were also
catalogued as to whether they were distinct images,
exhibited a diffuse appearance or both. In addition,
ghosts were categorized as to whether they exhibited a
time variable nature. This was determined by careful
examination of the impaired image in conjunction with
observing the demodulated GCR signal on a waveform
monitor for a period of one to two minutes. If the GCR
waveform exhibited visible multipath-induced changes

within two seconds, the ghosting condition was identified



as being time variable.

At each site the antenna was raised to a height of 30 feet
above ground and was then rotated toward each station in
turn and the signal was observed on the three channels.
If no ghosts were observed, the antenna was rotated to
ascertain if ghosts could be produced. If no ghosts were
evident, the van was moved to a new location.

With the desired channel being received, subjective
judgments of quality and impairment conditions were
rendered and recorded. The first proponent ghost
canceler was then reset and an appropriate time period
was allowed for the equipment to perform the ghost
reduction process. The VCR was then used to record a
segment of the received signal. An S-VHS VCR was
used to accurately record the full bandwidth of the video
signal and preserved the nature of even very subtle
ghosting effects. During the recording the canceler was
turned off and on, or periodically bypassed, to more
readily show the effect of the ghost canceler. The
subjective quality and impairment assessments were then
made. This process was then repeated for the other
systems. After all systems were tested, the sequence was
repeated for the second and third channels.

Test Management Policy

Interface with proponents before and during the course of
testing was handled in a structured manner. Prior to the
start of testing, the GCR signals, as generated by the
Tektronix 1910 unit, were demonstrated for proponents
who then verified that the GCR signal generation was
accurate. Proponents were also invited (but not required)
to participate in installing the ghost canceling decoders in
the field van. All proponents (with the exception of BTA,
whose unit required no special alignment) were active in
installing their own equipment. After the GCR generators
were installed at the television stations, several days were
made available for proponents to adjust and align their
systems using the field van equipment configuration and
the broadcast transmissions with the embedded GCR
signals.

During testing, proponents were allowed to visit the field
van and observe the performance of the ghost cancelers
and the testing process. Permission for such visits was
based on adequate advanced notice and was subject to
revocation if the schedule became compromised or if the
presence of proponents proved to be disruptive to the
measurement team. In practice, there were no serious
problems.

When any of the ghost cancelers failed, either partially or

completely, or when a unit’s performance suddenly
degraded, evaluation of that unit was suspended and the
proponent was immediately notified. Access to the field
van for maintenance or repair of proponent equipment
was made available at night and on weekends. Testing
was not halted for proponent equipment failures. Several
incidents of this nature occurred and proponents generally
responded rapidly to remedy any hardware problems.

Modifications or improvements to proponent ghost
decoding equipment was permitted, subject to the
constraint of requiring the work to be done at night or on
weekends in order to avoid schedule delays. Samoff,
AT&T and Samsung instituted hardware and/or software
changes to their decoders during the testing period.
Changes to GCR signals were not permitted.

DATA ANALYSIS

Overall Measurements

As previously mentioned, a total of 106 measurement
locations were selected for this measurement program.
Data was collected from all five systems on three
television stations (one VHF and two UHF) for a total of
approximately 1500 field strength measurements and
around the same number of subjective observation
sequences. An observation sequence encompassed both a
quality and impairment evaluation of the received picture
before and after the activation of the ghost canceler, as
well as a judgment of specific characteristics of ghosting
impairments.

Approximately 70% of the measured locations were close-
in measurements (less than 15 miles from the transmitters)
where strong or moderate signal conditions are normally
encountered. The close-in measurements, referred to
herein as "cluster” measurements, were collected to
analyze and evaluate specific characteristics of ghosting
impairments such as the performance of the canceler
under a range of simultaneous ghosts, different time delay
ranges, and whether the ghosting condition was static or
time varying and determine the general performance of all
five systems under similar testing conditions. The
remaining 30% of the measurement sites were selected
along six different far-out radials, referred to herein as
"radial” measurements, for the purpose of assessing the
performance of these systems under weak signal
conditions. In addition, a number of measurements were
gathered at several homes using indoor antennas. While
this data is useful and interesting, not enough indoor sites
were examined to be able to generalize about the overall
performance of the systems in indoor situations.
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To assess the overall quality of the received pictures
under investigation, subjective evaluation of picture
quality (the experts were told to ignore any ghosting
impairments in the quality assessment) before and after
the activation of the ghost canceler was performed. This
exercise, while not directly used in the analysis, was
useful during the measurement phase of the project in
preparing the observers for the impairment evaluation.
Prior to the activation of the ghost canceler,
approximately two-thirds of the observations were rated
as "good" or "excellent” in quality; the remaining one-
third were rated as either "fair", "poor” or "bad" for all
three channels. The percentage did not significantly
improve after the activation of the canceler.

All 106 measurement locations experienced some level of
ghosting impairment. The type and complexity of the
ghosting impairment, however, varied significantly from
location to location. Ghosts were visible on all three
channels and at all measured locations. Table 1 presents
the impairment statistics for all three channels prior to the
activation of the ghost canceler. The combined cluster and
radial measurements were included in the tabulation of the
impairment statistics.

Note that none of the systems tested exhibited a
processing improvement on all of the ghosting conditions
encountered in the field. In fact, all five systems
encountered at least some ghosting conditions where
degradation of the impaired image was observed when the
ghost canceler was activated. Also, it should be noted that
the above statistics do not include data relating to the
number of times the ghost canceler failed to operate or
produced a totally incoherent image at the ghost canceler’s
output. Both the AT&T and Samsung systems exhibited
failure conditions of this type on all three channels for
approximately 5% of the observations.

To assess the general performance of the five systems
under test, the difference in the CCIR impairment scale
before and after the activation of the ghost canceler was
tabulated for all the cluster and radial measurement
locations. For each channel, an Average Improvement
Index (AIl) for each system was determined by adding the
difference in the CCIR impairment scale of all the
observations made on that channel and dividing it by the
total number of locations. In addition, the average CCIR
impairment value before the activation of the ghost

CCIR Impairment Scale Ch. 4 Ch. 20 Ch. 50
(%) (%) (%)

5 Imperceptible 0 0 0

4 Perceptible, but Not Annoying 14 11 5

3 Slightly Annoying 45 36 44

2 Annoying 28 34 43

1 Very Annoying 13 19 8
TABLE 1

Overall Impairment Assessment of Measurement Sites

(All sites)

All five systems were effective in reducing and/or
eliminating ghosts. The degree of effectiveness, however,
varied from system to system and depended to some
extent on the transmitting frequency (VHF or UHF), the
type and complexity of the ghosting condition, and the
received signal level. Table 2 presents the percentage of
observations where the ghost canceler degraded, did not
change or improved the impaired image for all five
systems. Here again, both cluster and radial
measurements are included in the tabulation.

60—NAB 1992 Broadcast Engineering Conference Proceedings

canceler for each channel was also determined. This
value, along with the information in Table 1, is useful in
determining the relative degree of impairment prior to
activation of the ghost canceler between the three
channels. Table 3 presents the Average Improvement
Index for each system for all three television channels
along with the average impairment value for each channel.

A review of the statistics in Table 3 reveals that the

Average Improvement Index is highest for the Philips
system, followed by BTA, Sarnoff, Samsung and AT&T.



System Ch. 4 Ch. 20 Ch. 50
% % %
BTA
Degrade 5 0 1
No change 14 14 14
Improve 81 86 85
Samsung
Degrade 7 4 9
No change 59 60 60
Improve 34 36 31
AT&T/Zenith
Degrade 35 27 41
No change 37 28 36
Improve 28 46 23
Philips
Degrade 0 1 1
No change 5 10 3
Improve 95 89 96
Sarnoff/Thomson
Degrade 1 3 4
No change 12 19 17
Improve 87 78 79
TABLE 2
Overall Effect of Ghost Canceling Systems on Observed Impairments
(All sites)
Ch. 4 Ch. 20 Ch. 50
Average impairment before
activation of ghost canceler 2.7 2.6 2.5
System Average Improvement Index
BTA 1.20 1.21 1.00
Samsung .23 .34 .13
AT&T/Zenith -.06 .32 -.20
Philips 1.54 1.49 1.52
Sarnoff/Thomson 91 .85 .88
TABLE 3
Average Impairment and Average Improvement Index
(All sites)
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The data also reveals that the Average Improvement Index
was nearly the same on all three channels for the Philips
and Sarnoff systems. However, BTA, Samsung and
AT&T showed a slight decrease in the All value for
Channel 50.

Cluster Measurements

As noted earlier, the cluster measurements were primarily
collected to evaluate the performance of the five systems
for different ghosting conditions. Specifically, the
performance of the ghost canceler for each system was
evaluated with respect to the following categories of
ghosting conditions: 1) static (non-varying) or time-
varying ghosting conditions; 2) ghosts that are distinct
replicas of the original signal, a smeared or diffused
version of the original or both distinct and diffuse
appearances; 3) the number of simultaneous ghosts in the
impaired image; and 4) different delay ranges of the
ghosted signal relative to the main signal.

Table 4 presents statistics relating to the effectiveness of
the ghost canceler in reducing and/or eliminating ghosts
for the cluster measurements; i.e., strong and moderate
signal conditions. The table shows the percentage of
observations that were not changed, degraded or improved
after activation of the ghost canceler for all the systems
tested.

Here again, none of the systems tested exhibited a
processing improvement on all the ghosting conditions
encountered in the field. Philips exhibited the lowest
image degradation percentage -- less than 1% on all three
channels -- followed by BTA, Sarnoff, Samsung, and
AT&T.

Table 5 presents the Average Improvement Index for each
system for the cluster measurements, along with average
impairment value for each channel before activation of the
ghost canceler. The data again reveals that the Philips
system has the highest Average Improvement Index

System Ch. 4 Ch. 20 Ch. 50
% % %

BTA

Degrade 5 0 2

No change 8 10 8

Improve 87 90 90
Samsung

Degrade 5 2 10

No change 50 54 56

Improve 45 44 34
AT&T/Zenith

Degrade 25 20 38

No change 40 27 34

Improve 35 53 28
Philips

Degrade 0 1 1

No change 3 10

Improve 97 89 96
Sarnoff/Thomson

Degrade 2 4 6

No change 10 16 14

Improve 88 80 80

TABLE 4
Overall Effect of Ghost Canceling Systems on Observed Impairments
(Cluster sites only)
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followed by BTA, Sarnoff, Samsung and AT&T.

Table 6 presents the percentage of observations which
exhibited static (non-varying) ghosting conditions along
with changing or time-varying ghosting conditions,
categorized by channel. As expected, the data shows that
the percentage of non-varying ghosts is much greater for
VHF than UHF frequencies. Furthermore, the data
supports the supposition that the higher the frequency, the
greater the likelihood of encountering time-varying or
changing ghosts.

Table 7 shows the Average Improvement Index for each
system on all three channels for both static and time-
varying ghosts.

A review of the data in Table 7 reveals that the Philips
system has the highest Average Improvement Index for
both the time-varying and static ghosting conditions,

followed by BTA, Samoff, Samsung and AT&T. The
data also reveals that the Philips and Sarnoff systems have
a higher Average Improvement Index for time-varying
ghosts than for static ghosts. The data supports comments
recorded by the expert observers during the measurement
phase which indicated that both systems adequately
tracked and corrected time-varying ghosts.

Table 8 shows the percentage of observations for each
channel that exhibited ghosts that were distinct replicas of
the original image, smeared or diffused versions of the
original image or a combination of both distinct and
diffuse appearances. The data shows that approximately
one-third of the observations exhibited distinct
appearances, while more than half of the observations
contained both distinct and smeared ghosts. The data
further reveals that the type and appearance of this
ghosting condition was about the same for VHF and UHF
and is therefore a frequency independent effect.

Ch. 4 Ch. 20 Ch. 50
Average impairment before
activation of ghost canceler 2.5 2.5 2.5
System Average Improvement Index
BTA 1.44 1.33 1.15
Samsung .33 .39 17
AT&T/Zenith 13 .43 -.15
Philips 1.80 1.52 1.62
Sarnoff/Thomson .99 91 .85
TABLE 5
Average Impairment and Average Improvement Index
(Cluster sites only)

Ch.4 Ch. 20 Ch. 50

(%) (%) (%)
Static or non-varying 81 37 14
ghosts
Changing or time- 19 63 86
varying ghosts

TABLE 6
Relative Presence of Static Vs. Time-Varying Ghosts
(Cluster sites only)
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Average Improvement Index
System/State
Ch. 4 Ch. 20 Ch. 50

BTA

Non-varying l1.61 1.48 1.40

Time varying 1.08 1.23 1.06
Samsung

Non-varying .33 .39 .06

Time varying 17 .39 17
AT&T/Zenith

Non-varying .10 .27 -.11

Time varying .18 52 -.15
Philips

Non-varying 1.76 1.40 1.44

Time varying 2.00 1.65 1.65
Sarnoff/Thomson

Non-varying .86 .80 .83

Time varying 1.08 .98 .92

TABLE 7
System Performance for Static and Time-Varying Ghosting Conditions
(Cluster sites only)
Ghost Type Ch.4 Ch. 20 Ch. 50
(%) (%) (%)

Distinct 34 36 36
Diffuse 15 5 11
Both 51 59 53

Relative Presence of Distinct and Diffuse Ghosts

TABLE 8

(Cluster sites only)

Table 9 presents statistics relating to the Average
Improvement Index for each system on all three television
channels for distinct, diffuse and the combined diffused
and distinct ghosting conditions.

A review of the data on Table 9 shows that the Philips
system has the highest Average Improvement Index for all
three conditions (distinct, diffuse and both), followed by
BTA, Sarnoff, Samsung and AT&T. The data also
reveals that all five systems were more effective in

reducing and/or eliminating the ghosting impairment at
locations where the ghosts were distinct rather than
smeared.

Table 10 presents the percentage of observations that
contained 1, 2, 3, 4, 5 to 8 and greater than 8
simultaneous ghosts in a picture, categorized by channel.
Here again, the data shows that the distribution of
multiple ghosts was roughly the same for VHF and UHF.
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Average Improvement Index

System/T'

4 i Ch. 4 Ch. 20 Ch. 50
BTA

Distinct 1.76 1.30 1.17

Diffuse 1.06 0.80 0.55

Both 1.31 1.49 1.33
Samsung

Distinct .44 0.32 0.56

Diffuse 0.0 0.63 0.0

Both 0.31 0.43 0.23
AT&T/Zenith

Distinct 0.38 0.33 -0.12

Diffuse -0.22 0.10 -0.25

Both 0.07 0.56 -0.05
Philips

Distinct 2.11 1.78 1.61

Diffuse 1.28 0.70 1.22

Both 1.58 1.65 1.75
Sarnoff/Thomson

Distinct 0.98 1.07 1.07

Diffuse 0.72 0.80 0.50

Both 1.00 0.86 0.77

TABLE 9

System Performance for Distinct, Diffuse and Combination Ghosting Conditions
(Cluster sites only)

Number of Simultaneous Ch. 4 Ch. 20 Ch. 50
Ghosts (%) (%) (%)
1 8 14 9
2 18 24 20
3 35 22 41
4 20 18 14
5-8 16 22 16
>8 3 0 0
TABLE 10

Relative Presence of Multiple Ghosts
(Cluster sites only)
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Tables 11 (a), (b) and (c) presents statistics of the
Average Improvement Index for all five systems on all
three television channels respectively for 1, 2, 3, 4 and
5 to 8 simultaneous ghosts in an picture. The data shows

that the Philips systems has the highest Average
Improvement Index on all three channels for single and
multiple ghosts, followed by BTA and Sarnoff, Samsung
and AT&T. Philips did extremely well for pictures with

Number of Average Improvement Index
Ghosts
o8 BTA Samsung AT&T Philips Sarnoff
1 0.80 0.0 -0.13 1.00 0.60
2 1.67 0.21 0.0 1.96 1.33
3 1.30 0.26 0.34 1.57 0.86
4 1.58 0.29 0.39 2.15 1.08
5-8 1.55 0.50 0.14 2.23 1.27
TABLE 11 (a)
Ch. 4 System Performance for Multiple Ghost Conditions
(Cluster sites only)
Number of Average Improvement Index
Ghosts -
BTA Samsung AT&T Philips Sarnoff
1 1.50 0.55 0.50 1.65 0.90
2 0.83 0.22 0.03 1.28 0.84
3 1.86 0.45 0.46 1.29 0.75
4 1.75 0.50 0.15 2.40 1.35
5-8 1.29 0.25 0.71 1.69 1.04
TABLE 11 (b)
Ch. 20 System Performance for Multiple Ghost Conditions
(Cluster sites only)
Number of Average Improvement Index
Ghosts .
BTA Samsung AT&T Philips Sarnoff
1 1.25 0.25 0.75 1.58 1.42
2 0.77 0.08 -0.58 1.32 0.73
3 1.77 0.13 -0.04 1.69 0.89
4 1.22 0.19 -0.35 1.56 1.39
5-8 1.39 0.17 -0.17 1.94 0.17

TABLE 11 (¢)
Ch. 50 System Performance for Multiple Ghost Conditions
(Cluster sites only)
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4 or more simultaneous ghosts, and all five systems
exhibited a relatively lower All score for a single ghost at
VHF and for two simultaneous ghosts at UHF.

Finally, the performance of the ghost cancelers were also
evaluated with respect to the delay ranges of the ghosts.
Specifically, the picture was evaluated based on whether
the ghosting condition was advanced (leading ghosts)

and/or delayed (lagging ghosts) in time relative to the
original signal. Tables 12 (a), (b) and (c) presents
statistics on the Average Improvement Index for all five
systems and all three channels respectively for delay
ranges of -2 to 0, 0 to 2, 2 to 10, 10 to 19, 19 to 28 and
28 to 37 microseconds relative to the main signal. It was
noted that approximately one-third of all observations
made on all three channels contained leading ghosts.

Average Improvement Index

Delay

Range BTA Samsung AT&T Philips Sarnoff
2t 0 1.35 0.13 -0.01 1.70 1.08
Oto2 1.20 0.0 0.0 1.20 0.50
2to 10 1.54 0.23 0.11 1.82 1.20
10 to 19 1.70 0.27 0.06 2.00 0.73
19 to 28 0.94 0.22 0.50 2.00 1.00
28 to 37 1.63 0.50 0.25 1.88 1.13

TABLE 12 (a)
t"h. 4 System Performance Relative to Ghost Delay Range
(Cluster sites only)
Average Improvement Index

Delay .

Range BTA Samsung AT&T Philips Sarnoff
-2t00 1.13 0.22 0.27 1.55 1.03
Oto?2 1.00 0.31 0.40 1.38 1.10
2to 10 1.28 0.45 0.20 1.55 0.85
10 to 19 1.63 0.37 0.52 1.67 0.91
19 to 28 1.29 0.21 0.38 1.50 1.40
28 to 37 1.10 0.50 0.80 1.50 1.40

TABLE 12 (b)
Ch. 20 System Performance Relative to Ghost Delay Range
(Cluster sites only)
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Average Improvement Index

Delay -

Range BTA Samsung AT&T Philips Sarnoff
2t00 1.09 -0.07 -0.27 1.43 0.80
Oto2 0.80 0.20 -0.30 1.10 0.80
2 to 10 1.02 0.12 -0.02 1.20 0.76
10 to 19 1.19 0.21 -0.26 1.76 0.69
19 to 28 1.55 0.50 0.05 2.05 0.45
28 to 37 -- -- -- -- --

TABLE 12 (c)
Ch. 50 System Performance Relative to Ghost Delay Range
(Cluster sites only)

A review of the data on Tables 12 (a), (b) and (c) reveals
that the Philips systems has the highest Average Index for
all delay ranges on three channels, followed by BTA,
Sarnoff, Samsung and AT&T. All five systems have a
relatively low Average Improvement Index for delay
ranges between 0 and 2 microseconds, i.e., close-in
ghosts.

Radial Measurements

As noted earlier, the radial measurements were primarily
collected to assess the general performance of the five
systems under moderate and weak signal conditions. This
information is useful in determining the processing gain
of all systems in the field.

Table 13 presents statistics relating to the effectiveness of
the ghost canceler in reducing and/or eliminating ghosts
for the radial measurements. The table shows the
percentage of observations that were not changed,
degraded or improved after the activation of the ghost
canceler for all the five systems tested.

None of the systems tested exhibited an improvement on
all the ghosting conditions encountered in the field. The
Philips and Samnoff systems did not exhibit image
degradation in any of the observation sequences. Also, a
comparison between the data in Table 4 (cluster

measurements) and the data presented above showed a
marked decrease in the percentage of observations that
indicate improvement in the picture for the BTA,
Samsung and AT&T systems when compared against the

Philips and Sarnoff systems. This information suggests a
processing gain advantage for Philips and Sarnoff relative
to the other three systems.

Table 14 shows the Average Improvement Index for all
five systems for the radial measurements, along with the
average impairment value for each channel before
activation of the ghost canceler. Here again, the data
reveals that the Philips system has the highest Average
Improvement Index, followed by Sarnoff and BTA.
Samsung and AT&T showed little or no average
improvement.

A comparison of the data in Tables 5 (cluster
measurements) and 14 (radial measurements) generally
shows a slight to moderate decrease in the Average
Improvement Index on all five systems and nearly all
three channels. This data suggests that the performance
of all five ghost cancelers is affected by moderate and low
signal conditions, some more than others. This
assessment is certainly applicable to the BTA, Samsung
and AT&T systems.
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System Ch. 4 Ch. 20 Ch. 50
% % %

BTA

Degrade 4 0 0

No change 29 25 29

Improve 67 75 71
Samsung

Degrade 12 0 7

No change 80 78 68

Improve 8 22 25
AT&T/Zenith

Degrade 58 40 52

No change 29 26 39

Improve 13 34 9
Philips

Degrade 0 0 0

No change 10 10 4

Improve 90 90 96
Sarnoff/Thomson

Degrade 0 0 0

No change 17 28 25

Improve 83 72 75

TABLE 13

Overall Effect of Ghost Canceling Systems on Observed Impairments
(Radial sites only)

Ch. 4 Ch. 20 Ch. 50
Average impairment before
activation of ghost canceler 3.2 2.7 2.6

System Average Improvement Index
BTA 0.64 0.93 0.65
Samsung 0.0 0.22 0.04
AT&T/Zenith -0.48 0.04 -0.32
Philips 0.93 1.41 1.28
Sarnoff/Thomson 0.71 0.69 0.93
TABLE 14

Average Impairment and Average Improvement Index
(Radial sites only)
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CONCLUSIONS

A field measurement program was conducted to evaluate
and document the performance of five competing ghost
canceling systems under consideration for a single
voluntary standard for the broadcast, cable and consumer
electronic industries. The information described above
encompasses details of the measurement program and
presents findings and observations along with general
statistics on the overall performance of all five systems.
It is hoped that this information will aid in the selection of
a single voluntary standard for the United States.

Based on the information collected, one can conclude that
all five systems were effective in reducing and/or
eliminating ghosts. The overall performance, however,
varied significantly from system to system and depended
to some extent on the transmitting frequency (VHF or
UHF), the type and complexity of the ghosting condition,
and the received signal level. The Philips system
consistently outperformed the other four systems.
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COMPUTER AND LABORATORY EVALUATION OF
VIDEO GHOST CANCELING REFERENCE SIGNALS
Bernard Caron
Communications Research Centre
Ottawa, Ontario, Canada

Abstract - Five different video Ghost Cancelling Reference
signals have been proposed to improve television reception in
North America. One of them must be selected as a standard.

This paper presents the computer simulations and laboratory tests
completed to evaluate and compare the effectiveness of each
video Ghost Cancelling Reference (GCR) Signal proposed.

INTRODUCTION

Broadcasters have been looking for a long time for a device or a
system which could reduce or eliminate video ghosts. These
ghosts are created when television signals are reflected one or
more times from obstacles such as hills or buildings. A television
picture received under these conditions will be degraded and
annoying to watch. Viewers are particularly sensitive to this kind
of degradation since they have access to ghost free sources of
video such as video cassette recordings.

Video ghosts were accepted as a fact of life until 1989 when the
Broadcasting Technology Association (BTA) in Japan developed
a video ghost cancelling system. This system was evaluated in
the Atlanta area in the United States [1] and generally found
effective in nearly ail the test locations. However, some
weaknesses were identified and several organizations made
proposals for an improved system. A formal request for proposals
was issued by the NAB in July 1990. Five different proposals
were received as shown in Table 1. A more complete description
can be found in the bibliography [2-6]. Each of them requires a
different Ghost Cancelling Reference (GCR) signal to be included
in the Vertical Blanking Interval (VBI) for television trancmission.
For obvious practical reasons a single system has to be selected
as a standard.

To do so, it was planned to evaluate the proposals in three
different ways, namely through computer simulations, laboratory
tests and some field tests. This paper will present the results of
some of the computer simulations and laboratory tests which were
performed at the Communications Rasearch Centre (CRC) in
Ottawa, Canada. These tests were done in collaboration with the
proponents and were part of the evaluation process of the

Advanced Television Systems Committee's (ATSC) Specialist
Group on Ghost Cancelling (T3-S5».

COMPUTER SIMULATION

Computer simulations were carried out to evaluate the channel
characterization performance of each proposed GCR signal. With
computer simulations, it is possible to isolate the channel
characterization potential of each GCR signal from the
performance of the complete Ghost Cancellation System. In
particular they give an opportunity to evaluate the performance of
GCR signals without the limitations of any hardware
implementation.

To complete the computer simulation, each proponent with the
exception of BTA provided CRC with a computer file of their
respective GCR signals. Each file was 8 TV lines long in order to
cover the entire length of some of the GCR which operate in a
cycle of 8 fields. A channel simulation software was created by
the David Sarnoff Research Centre and was found appropriate by
the other proponents. [t was used by CRC to impair each of the
signals with ten different combinations of noise and ghosts known
only by CRC.

The ghost combinations were representative of an average over
the air reception (A in Table 3), of a reception under more severe
conditions (B in Table 3), of microreflections (C in Table 3) and of
a very long delay ghost (D in Table 3).

The above simulated charnels contained only static ghosts. In
the last simulations, one of three ghosts was varying over time.
This combination would be representative of dynamic or moving
ghosts sometimes observed in the field. It could give indications
ahout the potential of a GCR signal to track a dynamic ghost.

Each proponent received the ten impaired combinations of his
GCR signal and processed them to extractthe 10 channel impulse
responses. The responses from 3 proponents, Philips, Samsung
and Sarnoff, were received by CRC and compared with the
reference channel responses of each combination. These
comparisons showed that all the GCR evaluated performed very
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well. For example, Fig. 1 illustrates how the responses from the
3 proponents and the reference kept at CRC were similar for
impairment combination 8, one of the more severe ones. More
detailed analysis is presently underway. However, it is already
clear that simulations of more severe conditions would be required
to really evaluate the performance limits of each GCR signal.

REFERENCE.SARNOFF,PHILIPS SAMSUNG MULTIPATH #8 (4 ghosts)
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Fig. 1:  Comparison of the reference impulse response #8 with
the responses calculated by Philips, Samsung ard
Sarnoff/Thompson.

LABORATORY EVALUATION

The field tests and the computer simulations were complemented
with laboratory experiments performed on a prototype from each
proponent. These laboratory tests were completed at CRC early
in 1992.

Equipment Set-Up

The equipment set-up for these tests is illustrated in Figure 2.
Video sources included video test signals as well as real television
pictures. Seven video sequences particularly sensitive to
multipath were selected from a CCIR tape originally prepared to
evaluate digital video codecs. The 5 GCR signals were added to
the video program, each one occupying one line in the vertical
blanking interval.

The video signal was then impaired by a ghost signal generator
which can provide 7 ghosts with relative delay times of up to plus
and minus 64 microseconds, amplitude range between 0 and -55
dB and phase between 0 and 359 degrees.

The intermediate frequency produced by the ghost generator was
then up-converted to channe! 11 which was free of interference
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from the Ottawa area transmitters. White noise was added to the
modulated signal.

The impaired signal was demodulated by a Tektronix 1450
synchronous demodulator. The in-phase (l) output was distributed
to the ghost canceller prototypes of 4 of the 5 proponents. The
Sarnoff Laboratory prototype, was also fed with the quadrature (Q)
output of the demodulator as it was operating on a complex
signal. The ghost canceller from the Broadcast Technology
Association (BTA) had its own demodulator and was fed directly
with the RF signal.

The corrected output of each ghost canceller prototype was then
monitored and compared with the reference signal on waveform
and video monitors. Finally some pictures were also recorded for
future reference.

The evaluation of each signal was done subjectively and
objectively. The subjective evaluation was done by at least 5
expert observers using the CCIR impairment scales shown in
Table 2. The observers were proponents’ representatives or
members of T3-S5. The observers were asked to make efforts to
restrict their rating to ghost elimination and ignore artifacts created
by hardware problems or the presence of noise.
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Fig.2:  Equipment set-up for the laboratory tests.



The objective measurements included the unweighted signal-to-
noise ratio, pulse-to-bar ratio, the 2T K factor, the luminance non-
linearity as well as the group delay and the gain of the Sin x/x. Bit
error rate of a teletext sequence was also measured using
equipment provided by PBS.

Description of the Prototypes

The resuits presented were obtained using the ghost cancellers
provided by each proponent. These ghost cancellers were at
different levels of development.

The synchronization circuits of the AT&T/Zenith prototype was
built using low cost analog components. This was intended to
demonstrate the ability of their GCR signal and algorithm to cancel
ghosts with a low cost implementation. In the tests, their
synchronization and phase-lock loop circuits were not able to
always perform correctly. A proprietary algorithm was then used
to correct for those defects as much as possible. However, even
for the no ghost condition, their prototype degraded the picture
quality more than the others. Its cancellation range was also
limited by filter hardware to -1.8 to 28 microseconds. AT&T/Zenith
system could not be tested in all the laboratory tests due to the
delay in the shipping of their equipmant to CRC.

The NEC ghost canceller, GCT-900, was used to evaluate the
BTA GCR signal. Itis a fully developed product already marketed
in Japan. Its cancellation range was specified to be between -1.5
and 40 microseconds.

The prototype from Philips had been damaged during shipping.
Some of the tests were done before it was repaired and while its
synchronization circuit was still making frequent errors. After
being repaired the defects were not visible anymore.

The SarnoffThomson's prototype did not have any serious
problems but it sometimes displayed white flashing lines near the
top of the picture. This may be due to improper timing of the
loading of the digital filter coefficients.

Finally Samsung's prototype was at an earlier stage of
development than the other ones. It was still controlled by a
personal computer. The time required to complete ghosts
cancellation was relatively long and a software problem limited
cancellation range to 35 microseconds. An improper d¢ shift and
gain adjustment also occurred sometimes making the picture
unviewable.

Before using the laboratory results to evaluate a GCR signal it has
to be realized that some deficiencies of the tested prototypes are
not related to the proposed GCR signal. It is therefore very
important to remember that the results presented here show the
capabilities of the presently available prototype. In most of the
cases theae results will not ahow the ultimate capabilities of
a particular GCR signal.

Laboratory Test Results

The results of 4 of the most interesting tests are now presented:
comparative tests, delay range tests, ghost amplitudes and
convergence time tests. Other subjective test results as well as
objective test results will be published as soon as possible.

The comparative tests were completed to see how each prototype
was performing for the 6 typical combinations of ghosts listed in
Table 3. Table 4 presents the impairment subjective rating given
to the pictures before and after ghost cancellation.

The first tests were done with no ghost to observe how each
prototype performed when no cancellation was needed. The
results have shown that no significant degradation was observed
except for the AT&T prototype which, as explained before, used
low cost analog parts.

The results of the tests done with the different combinations of
ghosts showed that the picture quality was significantly improved
by ghost cancellation. The improvement was particularly
significant when the original pictures had a low impairment rating
such as in condition B, D, E and F. It is also interesting to
mention that the rating obtained after correction of noisy pictures
was also excellent. The reason for this, is that noise tended to
hide the residual ghosts which may have been noticeable if there
had been no noise.

The performances of some of the prototypes were affected
however by hardware problems.

Due to shipping damage, the synchronization circuit of the Philips’
prototype was more sensitive to noise for tests A, B, C and D
which were completed before it could have been repaired.

The prototypes from AT&T/Zenith, BTA and Samsung did not
perform as well as the two others for combinations D, E and F.

The ATA&T prototype did improve the picture quality for these tests
by cancelling the short ghosts. Due to hardware limitations, it was
however unable to cancel the long ghost in tests D and E. This
prototype was unable to operate for any of the 3 combinations
when noise was added.

The BTA prototype cancelled some of the ghosts of combination
D and E but could not eliminate the pre-ghosts which were outside
its 1 microsecond range.

Samsung's prototype did not operate correctly with these ghost
combinations because of the limitations described before. It was
operating correctly however when the longest delay was reduced
to 35 microseconds.

Table 5 presents the results of the tests performed to estimate the
performance of each prototype for long delay ghosts. The tests
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were completed by setting the longest ghost of combination B to
values of delay between 35 and 50 microseconds. The prototype
from AT&T/Zenith was not available for these tests. Prototypes
from both Samoff and Philips could correct ghosts delayed up to
40 microseconds. The ones from Samsung and BTA could
eliminate ghosts with delays up to 35 microsecands.

Table 6 presents the results on the subjective performance of the
prototypes for high amplitude ghosts. The tests were done with
all the ghosts of combination B set to the attenuation indicated in
Table 6.

The prototype from AT&T/Zenith was not available for these tests.
The one from Samsung could not synchronize when the amplitude
of the ghosts was too high.

Finally Table 7 presents the time required by each prototype to
complete cancellation of ghosts. The time required by each
prototype to cancel 2 different combinations of ghosts was
measured with a signal-to-noise ratio of -48 and -25 dB.

Some ghost cancellers were correcting in 2 steps: first cancelling
close ghosts, then longer ghosts in a second step. The values in
the table are the ones measured for this second step. These
values also include the time required for the prototypes to
synchronize after the ghost combination has been switched in.

In conclusion the laboratory tests showed that all the systems
proposed can eliminate ghosts in a very efficient manner. More
advanced hardware will however be needed to demonstrate the
real potential of each proposed GCR signal. It may also be
necessary to develop different versions of each system prototype
to evaluate the limits of each GCR signal for such parameters as
ghost delay range, ghost cancellation time and ghost amplitude.

CONCLUSION

The results from the computer simulations and the laboratory tests
of video ghost cancelling systems have been presented. They
show that very good results can be obtained with each of the
proposed GCR signals. It appears, however, that more tests are
required before the best GCR signal can be selected as a
standard.

Summary

The evolution of digital signal processing technology offers the
broadcasters an opportunity to improve the quality of reception of
their signals by eliminating annoying ghosts. Five different ghost
cancelling reference (GCR) signals have bean proposed for
introduction as a ghost cancellation system in North America. The
results from computer simu'ations and laboratory tests have
demonstrated that a ghost cancellation system can significantly
improve television service offered to the viewers.
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TABLE 1: Proposed Ghost Cancelling Reference Signal

PROPONENTS GCR TYPE
AT&T/Zenith Pseudo-Random Binary Sequence {PRBS)
BTA (Japan) Integrated Pulse
Philips Laboratories Deterministic Sequence
Samsung Complementary PRBS
Sarnoff/Thomson Pseudo-Random Binary Sequence (PRBS)

TABLE 2: CCIR impairment Scale

IMPAIRMENT SCALE

5 Imperceptible

4 Perceptible but not annoying
3 Slightly annoying

2 Annoying

1 Very annoying

TABLE 3: Ghost Combinations Used for the Laboratory Tests

DESIGNATION NUMBER OF GHOSTS DELAY (usec) ATTENUATION (dB)
A: Typical 2 .45 & 2.3 -19 & -24
B: Severe 4 .21t0 8.2 -14 to -24
C: Microreflections 5 -7t 4 -26 to -31
D: Long Delay 3 -1.8t0 39 -14 to -23
E: Very Severe 7 -4 to 40 -15 to -30
F: Strong Microrefiections 5 .1to 1.1 9to-17
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TABLE 4: Subjective Impairment Rating of the 5 Prototypes for the 6 Ghost Combinations

CORRECTED BY:
TEST NO
CONDITIONS CORRECTION
(Unweighted SNR) AT&T/ZENITH(+) | BTA-NEC PHILIPS () | SAMSUNG SARNOFF
No Ghost
49 dB 5 41 49 49 48 4.9
25dB 5 4.3 5 5 4.9 5
Ghosts A
51 dB 4 N.A. 48 45 42 46
25dB 45 N.A. 5 45 5 5
Ghosts B
48 dB 2.5 4.0 45 43 4 4.2
25dB 35 3.9 49 4 4 5
Ghosts C
46 dB 4 N.A. 4.3 45 4 46
25dB 4.5 N.A. 48 45 48 49
Ghosts D
49 dB 2 2.6(++) 3(++) 41 1(++) 44
25dB 2.0 No operation 4(+4) 4.5 3(++) 5
Ghosts E
43dB 1 2.6(++) 1.7(++) 3.7 1(++) 33
25dB 2 Mo operation 2(++) 4.6 1(++) 4.8
Ghosts F
43 dB 24 4 4.4 42 2.6 4
25dB 2 No operation 34 4.4 38 4.4
(+ These tests werc completed with the prototype unable to lock its internal clock to the received signal.)
(* These tests were completed before the Philips ghost canceller cou'd be repaired after being damaged in the shipping.)
(++A ghost in this combination was out of the delay canceliation range of the prototype.)
TABLE 5: Subjective impairment Rating for a Long Delay Ghost in Combination B
GHOST CORRECTED BY:
DELAY NO
{usec) CORRECTION AT&T/ZERITH BTA-NEC PHILIPS SAMSUNG SARNOFF
50 2.8 N.A. 3 3 3 3
45 28 N.A. 3 3 3 3
40 2.8 N.A. 3 4.7 1 4.7
KIS L2.7 N.A. 4.8 4.8 4.3 4.7
T - ——
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TABLE 6: Subjective impairment Rating for Ghosts with High Amplitude (Combination B)

CORRECTED BY:
GHOST NO
AMPLITUDE CORRECTION AT&T/ZENITH BTA-NEC PHILIPS SAMSUNG SARNOFF
-6 dB 1 N.A. 2 2.7 No Synch. 1.6
-8 dB 1.2 N.A. 2.6 3.2 No Synch. 1.8
-10dB 1.5 N.A. 33 3.7 No Synch. 2.2
-12dB 1.6 N.A. 35 3.9 3.1 3.0
-14 dB 2 N.A. 4.1 4.2 45 4.0
TABLE 7: Time (seconds) Required for Cancellation of Ghosts
TEST CORRECTED BY:

CONDITIONS
(Unweighted SNR) AT&T/ZENITH BTA-NEC PHILIPS SAMSUNG SARNOFF
Ghost B

48 dB 4 46 6.5 31 12

25dB 9 46 6 28 11
Ghost D

49 dB 2 45 5 Out of range 19

25dB No operation 45 5 Out of range 15

NAB 1992 Broadcast Engineering Conference Proceedings—77




AN OVERVIEW OF GHOST CANCELLATION
REFERENCE SIGNALS

Stephen Herman
Philips Laboratories
Briarcliff Manor, New York

Abstract: Removal of ghost images improves greatly
the quality of received NTSC images. Implementation
of cancellation at the rcceiver requires that the
broadcaster transmit a standard Ghost Cancellation
Reference (GCR) signal. The Advanced Television
System Committee (ATSC) is currently in the process
of selecting the best of five proposed GCR signals. This
paper outlines the properties of a good GCR signal. It
then describes how the five signals meet these criteria.

If a television signal undergoes scveral reflections
before rcaching the receiver, then scveral copies of the
same signal may be received at the same time. The
recciver will lock onto the strongest signal. All the
others are called multipath echoes or "ghosts”. It has
long been recognized that ghost canccllation is onc of
the few remaining possibilities for achieving significant
new improvements in received image quality. By
transmitting the required GCR signal, the broadcasting
station needs to make but a very small financial
investment and still make a large impact in improving
his scrvice to the community. Once a standard GCR
signal is sclected, receiver manufacturers will begin to
scll home reccivers that can cancel ghosts. The key for
the initiation of these improvements is the sclection of
the standard GCR signal.

In the United States, the task of choosing the GCR
signal has been assigned to the Advanced Television
Systems Committce (ATSC). The ATSC Specialist
Group T3/SS has been accumulating data which the
parcent body can use to make their final sclection. Five
organizations have submitted proposals for a GCR
signal. These are:
« The Japancse Broadcasting Technology Association

(BTA).

Philips

Sarnoff/Thomson

AT&T/Zenith

Samsung

It has been decided that the choice of the GCR standard

will be based on experience gained from:

+ Field tests held by the National Association of
Broadcasters (NAB)

+ Field and laboratory tests conducted by CableLabs

+ Laboratory tests and computer simulations run by
the Canadian Research Centre (CRC)

+ Evaluation of the claimed theoretical and practical
advantages of each GCR, as presented by the
proponents.

This paper will outline the ghost cancellation process
and the requisite properties of good GCR signals. It
will then present the salient features of cach proposed
GCR candidate and will discuss their rclative merits.

) ~ ~ N Tal
£

Ghost images in television arc due to the superposition
of several copies of the main transmitted image,
delayed with respect to each other. This multipath
distortion can be represented mathematically by a
lincar, impulse response, or its Fouricr Transform, the
channel frequency response. Cancelling the echoes is a
two step process: (l)characterize the frequency
response of the cchoing channel and (2)use adaptive
filters to equalize the channel frequency response. The
characterization of the channel frequency response is
done via the GCR signal. The second step, cancellation
of the echoes can be done with a varicty of mcthods
using adaptive digital filters. This paper dcals with the
sclection of a GCR with is mainly pertinent to the first
step.

The GCR signal is used to characterize the multipath
channel. Since this is a linear channcl, the
characterization process is cquivalent to finding the
frequency response or impulse response of a lincar
"black box". Such responscs are usually found by
applying to the black box some suitable test signal and
observing the response. The GCR plays the role of such
a test signal. From linear system theory, onc can
tabulate the requirements such test signals should have.
Namely:
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High cnergy to overcome noise that contaminates
the measurement process. In the case of ghost
cancellation, high energy is more crucial since
moving ghost patterns represent a time-varying
linear system that can only be characterized fast
cnough if the test signal cnergy is sufficiently high.
The GCR should have a fat frequency spectrum (or
cquivalently an impulsive autocorrelation function)
over the entire video band, so that it probes the
unknown channcl with cqual weight at all
frequencics.

The group delay of the signal must be as lincar as
possible.

The GCR signal should not limit the range of delays
over which the ghosts can be cancelled.

The GCR, which is transmitted over a VBI line,
should allow complete channel characterization
after the reception of a single such VBI line. This
assurcs that there is no fundamental limit on echo
canccllation speed.

A bricf description of each of the five GCR candidatcs
follows. The relative merits of cach will be discussed in
the following sections.

BTA: The BTA's GCR generation begins with a
sin x/x type of impulse with a flat spectrum over
the videco band. This is intcgrated to gencrate a
step, which is broadcast. Upon reception, the signal
is differentiated to climinate any DC drifts. The
result is the impulse response of the channel.
Philips: The Philips GCR rescmbles a lincar-FM,
chirp-like, frequency sweep signal. Unlike the
classical chirp, this signal was synthesized from
inception to meet all the criteria of the ghost
cancellation task, including impulsive
autocorrelation function, flat frequency amplitude
responsc and linear group delay. The spectral
flatness is independent of sampling rate and
independent of the signal length..

AT&T/Zenith: These proponents usc a noise-like
pscudo-random sequence. Itis the maximal-length
shift register sequence or "M" sequence that was
borrowed from other, carlicr applications. If
repeated periodically and processed carefully and in
a restrictive way, this signal also appears to have an
impulsive autocorrelation function.
Sarnoff/Thomson: Herc two separate M-sequences
arc transmitted. A short one is transmitted with
three periodic repetitions and a single short one is
transmitted over a diffcrent field. The idea is that
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the single short onc is processed in a manner that
yields a possibly noisy solution. On the other hand,
the threc repetitions provide a clean solution with
some time-delay ambiguities. By combining the
results of processing both waveforms, the complete
channel characterization can usually be found.
Samsung: The AT&T and Sarnoff/Thomson
versions of the pscudo-noise scquence have the
potential problem in that the spectra arc only flat if
the sampling rate is not changed from the specified
four times color subcarrier (or some integral
multiple of this rate) and if the GCR is repeated
periodically. Samsung uses a complementary sct of
two distinct pseudo-random sequences. When added
together, the two sequences produce a flat spectrum
at all sampling ratcs and without the need for
periodic repetitions.

To translatc a reccived, ghosted GCR signal to a
channel model, it has to be processed by a suitable
algorithm. With the BTA signal the algorithm may be
an averaging of many successive received GCR
samples to compensate for the low energy of the BTA
signal. This is then followed by differentiation.

The AT&T/Zenith pseudo-random M-sequence has the
mathematical property that low-noise, good quality
channel characterization is only possible if the received
GCR is repeated periodically  scveral times in the
rcceiver. However, the use of this algorithm carrics the
penalty that the sum of the total maximum (positive
and ncgative) ghost dclays must not exceed the length
of the GCR itself. Echocs that have longer time dclays
will produce ambiguous results. The alternative is to
avoid the time delay ambiguity by the usc of an
algorithm that produces noisy channel characterization
cocfficients.

Samoff/Thomson uses two GCRs of the same type as
proposed by AT&T/Zenith. They process one with the
noisy algorithm that docs not have a time-dclay
limitation. They process the second with the low-noise
mcthod that does have a time-delay limitation. By
comparing the two answers, they usually achieve a
acceptable channel characterization. Equipment being
used by Sarnoff/Thomson uses dual processing,
calculating both in-phase and quadrature signals. This
is not necessary for the other proponents.

Samsung's GCR can be processed without the penaltics
mentioned above. However, two or more successive



waveforms must be averaged together to achieve
acceptable channel characterization..

The Philips waveform can be processed by a variety of
algorithms without any restrictions. Even one single
received GCR has been shown to be sufficient to
provide complete channel characterization.

The first GCR signal to be implemented was
selected by the BTA to be used in Japan. As
the ATSC Specialist Group T3/S5 began its
process of secking a GCR w0 be
recommended for the United States, it became apparent
that the BTA signal suffers from having too low
energy. This makes the BTA signal difficult or
sometimes impossible to use under the conditions of:
- high noise
rapidly moving echoes
moving antenna structures (even antennas moving
in the wind, in the case of short-wavelength UHF
channels)
In addition the BTA signal has an other disadvantage.
It requires that the GCR be differentiated after
reception. The differentiation process accentuates the
noisc at the high-frequency end of the band, near the
color subcarrier. This results in inferior color
performance. Furthermore, the BTA specifies that the
maximum ghost delay for which their GCR is used,
should not exceed 1/2 horizontal line time. ["Ghost
Canceller Requirements”, letter to the ATSC T3/85
Specialist Group, Dec. 23, 1991 from S. Matsuura for
the BTA] That violates the restriction that the GCR
should not impose a restriction on the ghost
cancellation delay range.

In response to the low-cnergy limitation of the BTA
signal, AT&T/Zenith decided to
recommend the pscudo-random M
sequence which has been used in
earlier applications. It had the

advantage of having about 20 dB more cnergy than the
BTA GCR.

All the other GCRs all have much higher cnergy than
the BTA. This makes any of them more robust under
difficult conditions. AT&T/Zenith uses a pseudo-noise
M-scquence for a GCR. The received, ghosted GCR
waveform is correlated against a stored reference to
achieve channel characterization. The problem with
this approach is that the M-sequence only works in this
context if it is repeated cyclically. (It is sufficient to

repcat it in the receiver, only one copy nced be
transmitted per field.) The length of this signal is 53.4
jis. Due to the required processing the sum of
maximum positive and negative echo delays can not
exceed 53.4 Ws. To achieve greater cancellation delay
ranges, one must change to other processing algorithms
which would produce a test signal spectrum that docs
not appear to be flat. It would therefore be subject to
noise perturbations leading to inaccurate channel
characterizations. ’

Sarnoff/Thomson also chose to use M-sequences.

However, they tricd to
‘ Sarnoff/Thomson I overcome the tradeoff handicap
faced by the AT&T/Zenith

signal. Therefore, they usc a
sequence of two waveforms. One is a short
M-sequence, the second is three repetitions of the short
M-sequence. The idea is that the short sequence will
find short-delay ghosts very quickly and with higher
signal-to-noisc gain, but has an even more limited
delay range than the AT&T/Zenith GCR. On the other
hand the long sequence can be used to find
longer-delay ghosts with in longer processing time,
with no limitation on dclay times and with less
processing gain. This gives a noisy channcl model.
Combining the two answers is supposed to reduce the
shortcomings of each. The approach is useful. However
the suggestion that two separatc characterization
calculations be carricd out simultaneously is an
unnccessary complication. Furthermore,
Sarnoff/Thomson not only requires the use of two
scparatc GCR signals, it also uses for cach of the
GCRs, two separate calculations, one for the in-phase
signal, the other for the quadrature signal. This so
greatly increases the required hardware complexity that
the method has questionable economic feasibility.

Samsung realized that M-sequence type of pscudo

random signal that is used by both
AT&T/Zenith and Sarnoff/Thomson has

the problems outlined above, due

primarily to the fact that the Fourier
spectrum of the M-scquence is not flat. However,
Samsung wanted still to use a pseudo-noise type of
signal. Therefore, Samsung rccommended a GCR
consisting of two full-length  pscudo-noisc
"complementary sequences”. When added together at
the receiver, they provide a flat spectrum independent
of sampling rate. They also do not have any echo-delay
restrictions. However, since they can only be used in
sets of two, the lower limit on cancellation time is two
field times.
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Philips realized that the pseudo-random, noise-like
signal is straddled with compromises.
Therefore, they decided to first compile a
complete list of desirable GCR attributes.
Then they synthesized the GCR that
mects all these rcquirements simultaneously, without
any of the limitations of the other suggestions. The
Philips GCR looks like a linear-frequency swept FM
signal. In fact this signal is not a standard chirp. It has

been carefully optimized on the computer to have the
following properties:

The highest energy in the shortest time interval.
This gives fast channel characterization with
minimum use of the VBI line. The ability 10
characterize a noisy channel in one ficld time has
been demonstrated.

Flat frequency spectrum and lincar group delay for
accuracy in channel characterization. Spectral
flatness is due to a truly flat Fourier spectrum, and
is not subject 1o restrictive sampling rates, as arc the
AT&T/Zcnith and Sarnoff/Thomson signals.

A varicty of algorithms have been proven in ficld
tests. There is no necd for dual GCRs or wasteful
in-phase-quadrature processing as is done by
Sarnoff/Thomson,

Has been found by workers in the field to be useful
as a test signal to give a visual indication of ccho
presence and channcel frequency response.

N Y ~
| Y D

The ATSC in the United States is scheduled to choose a
national  standard GCR  signal during the
Spring-Summer 1992 period. Five GCR candidates
have been extensively compared in the ficld, in the
laboratory, on the computer and in theoretical analyscs.
All but onc of these signals have been found to have
onc or more shortcomings. The Philips signal is the
only onc that has cxhibited simultancously all of the
desirable propertics of a good GCR signal with nonc of
the problems associated with the others.

Furthcrmore, in the ficld tests, only Philips and the
BTA uscd  commercial-grade, manufacturable
cancellers. The other there proponents used prototype
hardware and software that is far from economic
implementations. For example, some use A/D
converters with resolutions of 10 bits or greater (vs 8
bits for Philips). Some use dual RF demodulators for I
and Q signals. Some cven included a personal
computer in their sctup. When comparing the Philips
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GCR with the BTA version, only Philips was shown to
have the high energy required to compcnsatc for
moving antennas and moving ghosts.
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DIGITAL AUDIO PROCESSING: KNEE DEEP IN THE HOOPLA!

Frank Foti
Cutting Edge Technologies, Inc.
Cleveland, Ohio

ABSTRACT

With the introduction of the latest broadcast
transmission system audio processors, digital processing
technology is being touted as the “latest and greatest”.
With digital technology embracing the broadcast industry
by storm, the area of signal processing has been slow in
keeping up. Discussion will reveal that digital signal
processing will make a difference, in the future. At a
lime when the advantages of digital technology will be
used to advance the technique and implementation of all
audio processing functions. Instead of the analog “clone”
artists using “digital” as a marketing gimmick.

INTRODUCTION

If ever there was a loaded question to open a technical
paper, this may be it. For this writer, the phrases
“pushing too far” and “threshold of pain” seem to come
to mind. Due to the competitive requirements in the
radio industry, audio processing has transformed from the
augmentation of a broadcast signal to a strange artform.,

It has been the quest of many to find that magic formula
to the “louder than you’ll ever be” sound. Many
operations today employ enough processing equipment
to provide maximum use of the modulated signal, but at
the expense of sonic integrity. Can the digital processors
now available make the difference?

Where can it go from here? The answer actually lies
within the objective goals of the broadcaster. This may
sound like pounding on a dead horse, but only two
directions actually exist, towards quality and
transparency, or in the competitive aggressive direction
where “loudness is king”. Is there a way to achieve both?

If you were to accept as truth the marketing campaigns
of the manufactures, the answer would be a definite YES!
From the objective, yet technical viewpoint put forth
here, the answer is a compromise at best. The laws of
physics, as we know them at this time, will not allow it
to happen.

To date, there has not been a device created that will
provide a qualitative/transparent, yet perceptibly more
dominant signal to be transmitted within the limits of
the law. Realizing of course that all opinions, including
those of this writer, must stand on subjective reasoning,
but are based upon actual real world, and in the field
experiences.

igital: Back to the future, or the new
[[Qnﬁﬁ["

Even with the dour view put forth, there are advances to
be made with signal processing for broadcasting. While
the industry looks at digital technology for the answers,
it will be the designer whose research will provide the
data that will unlock the eventual benefits digital
technology brings to the world of signal processing.

As might be the case with most products that claim to
be “leading edge”, the market is attracted to those that
provide the latest gimmick, promote benefits gained, or
value added from improved technology. The Compact
Disc player and the Personal Computer are a few well
known examples. Through effective marketing
campaigns these products became successful, once the
users were able to achieve the stated benefits.

In broadcast engineering, the same holds true. The key
top-of-mind-awareness technology today is digital. Every
news story, topic, and/or product claims it. A quick look
at any publication will reveal the detailed coverage
Digital Audio Broadcasting (DAB) is receiving. Digital
storage mediums continue to proliferate the industry at a
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fast pace. Just about every product advertisement
promotes some advantage due to digital.

Is digital really any better? Or is the industry looking to
this technology in hope that it will be better? These are
the questions you should ask yourself. In many technical
instances digital technology has proved overwhelmingly
that it does provide increased benefits. But discussion and
arguments still persist that the future of digital in the
audio domain, and in this case audio processing, may
still be that, in the future.

With audio processors there is no exception, digital is
the key buzzword that must front any new product in
order for it to gain stature and acceptance. What must
now transpire is whether the performance of digital audio
processors will be able to provide the earlier stated
objectives needed from a transmission processing
system.

Analog processors: a quick review

Before discussing digital processing, a quick review of
analog processing technology is in order. For those of
you new to the broadcast industry, the analog audio
processor, or processors for those of you who must have
a rack full of these devices, are sophisticated Automatic
Gain Control (AGC) units that manipulate and prepare a
broadcast signal for transmission. Without presenting
too much detail, these functions include dynamic
compression, limiting, and clipping, just to name a few.

Some of the drawbacks associated with this technology
thus far, can be directly related to the sonic performance
and ease of adjustment or modification. Since all analog
processors rely upon some analog gain controlling
device, additional sonic artifacts from the operation of the
this device will detract from the sonic integrity of the
processed signal.

For example, look at a typical analog processor made
today. Most utilize a Voltage Controlled
Amplifier/Attenuator (VCA) as the controllable gain
cell. As processing action is implemented by the gain
cell, additional sonic “impurities” are added to the signal
by the gain cell during processing. This can usually be
attributed to added Intermodulation Distortion (I.M.)
within the signal. Most users will usually write off
perceived I.M. as a result of the processing action, and
much of it is, but there is also a quotient of distortion
that is related to the gain cell as well.

Some benefits provided by manufactures, in recent past,
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have been the improvement of the gain cell structures so
that it is more “transparent” to the signal passed through.
Although still not totally transparent, just better in
performance.

Another drawback is the ability to create changes in the
processing system, repeatability of changes or settings,
and the upgrade ability of the equipment in the field.
How many times has the situation occurred when
changes needed to be made, and then once performed, the
decision was to go back to the previous operation?
Returning to the previous settings can be a difficult task,
especially when conventional analog methods do not
provide for a manner in which repeatability can be easily
accomplished.

Also there is difficulty when trying to add, upgrade, or
modify equipment in the ficld. The most common
manner is when multiple processing devices are
“chained” together to create one complete system The
task at hand is the ability to achieve performance where
all the individual units will work together and produce
the sonic objective. This usually requires effort on the
part of station personnel to get a full understanding of
each device in order for the individual parts to be
assembled into a complete system. Then the arduous task
of making all the adjustments necessary to achieve
desired results.

Because analog products are “hardware” based, any
changes to be made requires the altering of the
component structure. This would involve the physical
replacement or altering of the circuitry used. This can be
a hardship in itself.

While the drawbacks of analog based processors have
been focused upon, the benefits must be considered too.
Analog products are time tested, and proven through their
performance. Generally, they are less expensive in cost t0
their digital counterparts. Field maintenance of these
units is easier to accomplish. And, another point to
acknowledge, is that during the early stages of the digital
invasion, the analog product does provide a *“comfort”
factor to the user, because of familiarity.

Here is an important point that must be considered. All
audio processing algorithms today, which are the basis of

the digital processors, were born out of the analog
environment!

Digital: Is it the saving grace?

For audio processing, the advantages digital technology




brings to the table are vast and many. Alrcady at this
carly stage, advances have transpired that were only ideas
of hope in the analog world. But, there are still advances
yet to be made in the digital realm, that have long becn
accomplished in the analog domain. While digital
provides a multitude of benefits to broadcast processors,
the drawbacks of the current generation must be
considered as well.

To accent the positive, digital processors provide benefits
not before achievable with their analog counterparts.
Through the use of software, these units can provide
flexibility, programmability, along with being easily

updated.

Current promoted features include operational settings set
in software that can be casily changed, modified, stored,
and recalled. Flexibility that will allow the device to
transform from one type of processing system to
another, all at the touch of a button. (In the analog
domain this would require the physical addition or
subtraction of equipment) Since softwarc is portable,
digital processors become easily updated with ncw
software releases.

Another important advance is in the gain control
function. Since the audio signal has been “digitized”,
both the control function, and audio path no longer must
overcome the weakness of analog hardware design. This
permits transparency of the signal with respect to the
function of gain change. Further eliminating the earlier
stated I.M. distortion from gain cell artifacts that may be
added to the signal.

An analogy can be drawn where the digital audio
processor, is a form of audio computer. Both are software
based, programmable, flexible, and somewhat portable.
Like the computer in the early going, the digital audio
processor has some obstacles yet to overcome.

While the introduction of the Personal Computer
brought a higher awareness to the computer industry,
there were still many operational shortcomings that had
to be overcome. Early generation units were very
expensive. The digital power of the processors employed
were slow and short on memory. Software, while
sophisticated at the time, was actually very primitive and
even cumbersome to use. The hardware utilized, became
obsolete in short order time, and has since been replaced
with much faster and more powerful products, two and
three times over.

Ask yourself, how many early generation Personal

Computers do you know of still in use performing a
viable function? Most have probably been replaced by
newer faster models that rendered them out to pasture.

The same will hold true for digital audio processors.
Digital Signal Processing (DSP) is still somewhat in its
infancy. It has been commercially available to the
electronics industry for about five years. Suffice it to say
that DSP is where the IBM-XT computer was at the
beginning.

It has taken until now to obtain DSP hardware that can
approach the data processing needed to perform the needed
functions utilized within a transmission processing
system. Because of this, present DSP hardware must take
advantage of most or all the data processing power in
order to perform it’s function. This may lead to obsolete
hardware once newer and improved hardware becomes
available, and it will! This will happen because newer
families of DSP hardware is in development that will
provide higher processing power, and at lower cost.

Because of the above mentioned hardware considerations,
software borders on that of being somewhat primitive.
All DSP audio processors basically emulate or “clone”
an analog counterpart. Evaluate the operational diagrams
of any DSP unit available, and it will be secn that the
DSP device is “clone” of an analog predecessor. Sort of
re-packaging old goods and selling it under a new name.

Designers and developers are still very much in the
“learning curve” of this very powerful and eventual
useful tool. Where DSP will definitely come into play,
is once this technology can be used to explore, create,
and further the advances of signal processing. Using DSP
to create and implement algorithms unachievable before
in analog, or as of yet to be discovered.

A simple example of this would be the implementation
of a “feed-forward” AGC circuit. In analog this circuit is
achievable, but at the risk of unstable circuitry, and at a
higher cost to produce. For this type of AGC to operate
properly, it must rely on the stability of the analog
hardware to produce the exact mathematical functions
needed. This can utilize a fair amount of low tolerance
components to perform this operation, in order for it to
operate properly and remain stable.

In digital, this type of signal processor, is simple to
create, stable in operation, and necessitates only the cost
of development. Once operating it will remain consistent
in performance throughout its existence.
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Some gquestions!

With digital processing now a reality in the broadcast
medium, herc are some some questions to ponder when
considering the cvaluation or purchase of one of these
devices.

1) Time Delay? How audible is the actual delay of the
audio through the system. Some people have the ability
to scnse as little as a Sms delay in an audio signal. If
this is a problem, then off-air monitoring can be difficult
for announcers. Another point to consider, with an influx
of digital audio products utilizing data compression,
where time delay is involved, additional delay from an
audio processor will cause the overall delay to be
cumulative. If this should exceed 10ms, off-air
monitoring may prove to be almost impossible.

2) Final limiting technique? The true test of any
broadcast transmission processor is the manner in which
final limiting, or clipping is performed. The desired
objective is to create a final limiter/clipper that provides
exact peak control, while maintaining good sonic audio
performance, and protects spectrum space. In the analog
domain, creative methods have been developed to
suppress, cancel, or control audio distortion due to the
clipping process. This permits increased use of hard
limiting, which will produce high average modulation
that results in perceived loudness of a transmitted signal.

To date, this has been a design difficulty in the digital
domain. Primarily because the harmonic energy created
by a clipper scheme, when performed digitally, can alias
the digital system and cause it to malfunction. What
transpires is an additional distortion component added by
the digital system that further degrades audio quality.

Some early digital final limiting methods include, delay
line limiters that actually delay the audio, decide where
the peak level should be, reset the gain, then pass the
digitized signal. While this practice works well in theory,
it does provide added I.M. to program material of music
origin. Subjectively this can be more imitating, to listen
to, than the harmonic distortion generated from an
analog non-linear clipper.

Another method makes use of the Hilbert Transform,
which is a mathematical model of the old RF clipper
scheme. This process which transposes into digital fairly
easily, still generates high order .M. product through the
nature of its operation, again degrading sonic integrity of
musical program material.
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Once progress is made in the digital hard limiting
process, improved average modulation will result, and a
digitally based transmission system will be Sonically
more viable.

3) Does DSP provide “transparent” operation
to established analog algorithms? In the present
state of broadcasting, there are analog products that
perform very well. If an exact model of an analog
processor is developed, theoretically it should sound at
least as good as the analog model. The whole process of
digitizing the audio signal, perform all operations, and
then undoing the digital signal should have no adverse
affect to the sonic quality of the signal.

Any abnormalities due to the digital process, will
depreciate the integrity of the processed signal. Although
it was earlier stated that the digital gain control function
was transparent to the signal, which is a benefit. It was
also questioned that the final limit process may detract
from the established analog technique, and that would be
a drawback.

providing at this time? As presented earlier, DSP is
definitely the future. The power to develop and program
with this technology is limitless. But presently all DSP
units “clone” analog functions. Where are the major
sonic improvements over the analog units?

5) Cloning? There seems to be a “barnstorming” by
manufactures professing their digital gear as the “latest
and greatest”. Marketing campaigns focusing on words
such as “Quantum Leap” and “Re-optimize” stand out in
reference to their products. Upon examination, the
present generation of DSP products are digital models of
analog designs. Now unless the operation of these
products can out-perform their analog predecessors, where
is the quantum leap?

6) Will Standards for digital signals be
established? With the broadcast operation of tomorrow
happening in the total digital domain, a common thread
must exist if all these different digital devices are to
“talk” to one another. At this time there has been some
initial discussion within the industry to consider
something of this nature. But nothing firm has come of
it yet.

For example,while the AES/EBU standard is already in
place, there currently is not a standard for a FM
composite signal if one was to be digitally connected



from a processor 10 an exciter. This has 10 be addressed.
What about digital STL systems?

These questions need to be answered if DSP technology
is 10 provide increased benefits to transmission system
processing. With future broadcast methods in
consideration, DAB, DSB 1o name a few, some of the
above questions may appear moot. But to the present
operation of the FM medium these questions are very
relevant as they affect current operation,

As with any new technology, each of these will be
addressed, along with new questions yet to be answered,
as this technology devclops.

Einal thoughts

There is no question that digital processing will make a
difference. As DSP technology proceeds along the
leaming curve, many creative, new, and improved signal
processing techniques will enter this industry. But it is
the viewpoint stressed here that the difference is still yet
to come. But in the meantime, ask yourself, does it
really make a difference in the end? If no, then re-evaluate
the situation at hand, and wait for the future to become
reality.
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DIGITAL AUDIO PROCESSING FOR FM:
SYSTEM CONSIDERATIONS

Robert Orban
Orban, a division of AKG Acoustics, Inc.
San Leandro, California

Abstract

While digital signal processing for FM broad-
cast transmission provides numerous advantages, in-
cluding programmability, stability, repeatability, and
high audio quality, it must still interface gracefully
with the rest of the broadcast plant. This paper dis-
cusses means of analog and digital input and output
interfacing, remote control standards, and the ad-
vantages and disadvantages of digital versus analog
stereo encoders. It presents measured performance,
including baseband spectrum, of a system using dig-
ital signal processing and an analog stereo encoder.
It also discusses how the broadcaster might upgrade
the plant with minimum disruption and cost to in-
clude progressively more digital elements.

Introduction

Clearly, radio broadcasting will eventually
originate from an all-digital plant. However, there
will be a long transition period in which digital and
analog equipment coexists. If the transition cannot
be smoothly managed, the cost of the transition will
rise and this, in turn, will delay upgrading the plant.
It is therefore important to carefully design the input
and output interfaces of digital broadcast equipment
so that such equipment can be used in the widest va-
riety of systems, and so that other equipment in the
plant can be upgraded with minimum disruption.

This paper focuses on the FM transmission au-
dio processor, which is responsible for controlling
modulation and for processing and coloring (or not
coloring) the sound to meet the goals of station man-
agement. Such processing must interface with studio

equipment, studio-to-transmitter links (STLs), and
transmitters.

Transmission System Design

Traditionally, transmission systems have had
one of three basic configurations. In the first, the
modulation controller is co-located with the FM
transmitter, and the left and right stereo audio is
passed to the modulation controller through two au-
dio-bandwidth links, which may be land lines, analog
microwave links, digital microwave links, or digital
land lines. In the second, the modulation controller
is located at the studio (for ease of adjustment), and
the composite baseband signal is passed to the
transmitter through a wideband microwave link or
digital land lines. A third system modulates the car-
rier once at the composite STL transmitter (at the
studio), and then frequency-shifts the received mi-
crowave signal directly to the final FM carrier fre-
quency at the transmitter without decoding the RF
signal to baseband.

One can only achieve most competitive on-air
loudness if the composite link between the output of
the stereo encoder and the input to the FM exciter is
free from overshoot and bounce, which add peak
level to the composite signal without increasing the
average level. While the best composite links are
acceptably free from these distortions (which can oc-
cur in the microwave transmitter or receiver), many
are not. Co-locating the modulation controller and
stereo generator with the transmitter and intercon-
necting these elements with short pieces of wire has
always achieved the best results; correctly installed
wire has no bounce or overshoot. The third system
has a similar error budget, as there is only one mod-
ulator (although it is located at the studio, not the
transmitter).
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In the past, the convenience of having the pro-
cessing readily accessible at the studio, plus the
economy of being able to pass the whole composite
signal on a single microwave link, has often dictated
use of the second system despite its potential draw-
backs. With the advent of remote-controllable digi-
tal transmission processors, there is no longer any
need to have the audio processor directly at hand for
adjustment. A processor equipped with an RS-232
computer serial interface can be connected to a con-
ventional switched voice-grade public telephone line
through a modem. It can then be remote-controlled
at the studio (or from anywhere else with hard-wired
or cellular telephone service) by a personal computer
equipped with appropriate software, supplied by the
manufacturer of the audio processor. Since this is a
two-way link, the processor can supply information
(such as gain reduction meter readings or current
setup control settings) to the remote computer for
display, and the operator can adjust the processor as
if it were local.

If a digital STL is available, it is desirable to
keep the signal in the digital domain as much as pos-
sible to avoid redundant, potentially quality-degrad-
ing analog-to-digital (A/D) and digital to analog
(D/A) conversions. There exists in the professional
audio community a strong preference for the
AES/EBU digital interface!, which uses XLR-type
connectors and 110 ohm cable, and which passes
both left and right audio channels (plus various aux-
iliary data) at 32kHz, 44.1kHz, or 48kHz sample
rates. A recent draft? proposes a revision of the
original specification to wrap up some loose ends
and to improve the inter-operability of various pieces
of equipment having the interface.

One issue that is presently unresolved is the
sample rate. Two pieces of equipment having
AES/EBU interfaces will interconnect correctly only
if the driven equipment can receive and decode the
sample rate sent by the driving equipment. Particu-
larly in Europe, 32kHz is the standard for long-haul
digital transmission of broadcast audio. However, all
proposed Digital Audio Broadcast (DAB) systems
have 20kHz audio bandwidth and a 44.1kHz (CD)
sample rate, and forward-thinking broadcasters may
wish to be able to pass 20kHz audio to the transmit-

1 AES3-1985; ANSI S4.40-1985; IEC 958
2 AES3-199X

ter for application to a future DAB transmitter. Of
the two digital audio microwave links manufactured
at this writing by U.S. manufacturers, one uses a
32kHz rate and one uses a 44.1kHz rate. It is clear
that future digital audio systems will contain an ex-
tensive number of sample rate converters to permit
transparent inter-operability. Such converters are
still expensive and costly, although at least one semi-
conductor manufacturer is promising a low-cost in-
tegrated arbitrary sample-rate converter by early
1993. Until the sample rate issue is solved, digital
interconnection of digital audio devices in the broad-
cast studio will be non-trivial.

Another issue is the digitization of the compos-
ite stereo baseband (including SCA and RDS subcar-
riers, if used). The AES/EBU standard has insuffi-
cient bandwidth to pass the full baseband, which is
ordinarily 99kHz, but which can be considerably
higher if composite clipping is applied to the signal.
At this writing, there is an ad-hoc open industry
committee studying the issue, and several proposals
are on the table. It is probable that, for ease of in-
stallation, the signal will be serial and will be trans-
mitted on one coaxial or fiber optic cable. Such a
connection is only useful if the FM exciter, stereo
encoder, and/or digital composite STL have digital
inputs and outputs.

This raises the question of whether the stereo
encoder should be digital or analog. For the inte-
grated digital audio processor and stereo encoder re-
cently developed by the author's company, we de-
cided that an analog stereo encoder was more appro-
priate. Such an encoder requires analog left and
right inputs, which in tumn require two audio-fre-
quency-range D/A converters at the output of the au-
dio processing prior to the stereo encoder. This au-
tomatically makes analog left and right outputs
available to other equipment (such as a standby
stereo encoder or transmitter) without adding cost.

At the current state of the art it is possible to
make an analog or digital stereo encoder so good that
the performance of either is literally several orders-
of-magnitude better than required for audible perfec-
tion. However, the digital encoder requires a very
fast (and somewhat expensive) 16-bit A/D if it is to
provide a high-quality analog output. It also requires
a very competent reconstruction (anti-imaging) filter
to prevent modulation of the exciter by the compos-
ite sampling frequency and its sidebands. From 30-
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53,000Hz such a filter must simultaneously have a
deviation from linear phase of less than £0.03 de-
grees and amplitude flatness within £0.003dB to
achieve 70dB separation.

If one instead requires a digital composite out-
put, the problem becomes accommodating subcarri-
ers, which must be digitized and added to the data
stream prior to its application to the exciter's digital
input. Digitization of the outputs of existing analog
subcarrier generators may add considerable cost to
the system.

If the broadcaster chooses to use composite
clipping (which we discuss further below), then an
analog clipper will provide better results than any
digital composite clipper we have evaluated to date
because the analog unit controls peaks precisely and
does not add aliasing distortion to the expected clip-
per-induced harmonic and intermodulation distor-
tion. An analog clipper requires an analog baseband
input, which implies that the stereo encoder
(regardless of technology) must provide an analog
output.

The Link From Studio to Audio Proces-
sor

If the studio is digital, the appropriate link to a
digital audio processor is clearly AES/EBU. (The
sample rate is still an open question.) Because the
audio processor ordinarily reduces the dynamic
range, its input should be at least a 20-bit word,
whose 120dB dynamic range will accommodate rea-
sonable operator gain-riding errors without clipping
or excessive noise, even from CD or other wide dy-
namic range digital sources.

The weakest link in any digital transmission au-
dio processor is the input A/D, because this element
must have a very wide dynamic range to accommo-
date the unprocessed audio. Current state-of-the art
in audio-range converters is slightly less than 18 bits
(about 103dB), which is usable, though not ideal.
Operators may have to set levels a bit more carefully
than they are used to doing with analog processing
systems. Alternatively, one can install an analog
AGC prior to the A/D to replace the digital AGC
function in the transmission processor. This expedi-
ent can greatly ease the A/D's dynamic range re-
quirements because the A/D is now being fed by

level-controlled audio. An analog AGC is also ap-
propriate for protecting a dual STL with limited dy-
namic range (such as a dual microwave analog STL)
in systems where the transmission processor is lo-
cated at the transmitter.

Modulation Control
Cleanliness

versus Spectral

Avoiding program-related “splatter” in the
57-99kHz range of the FM baseband is crucial to
achieving clean SCA operation. To provide satis-
factory SCA service, broadcasters must prevent im-
perfect operation of the program channel's audio pro-
cessing and stereo encoder from causing such inter-
ference.

There have always been conflicts between pre-
venting splatter and achieving the highest average
modulation without exceeding legal peak deviation
limits. If the broadcaster uses a high-quality stereo
encoder with competently-designed linear (non-dis-
torting) low-pass filters to band-limit the left and
right audio channels to less than 19kHz, there is no
problem: aliasing-related main-channel to subchan-
nel crosstalk is negligible and the baseband above
57kHz is clean. However, few broadcasters use such
stereo encoders because sharp-cutoff linear filters
overshoot and ring, and they will do so even if they
are perfectly phase-linear (that is, if they have con-
stant delay at all frequencies in their passband).
Therefore, all major stereo encoder manufacturers in
the United States have developed proprietary non-
overshooting analog filters that use various non-lin-
ear means to suppress overshoot and ringing. The
performance of these filters is exceedingly level-de-
pendent, and they must be accurately matched to the
100% modulation level of the FM channel to per-
form correctly. If their output level is set too high
they will not suppress overshoot, and if their output
level is too low they will not produce full modulation
without also generating substantial distortion
(because the broadcaster will over-drive their non-
linear elements in an attempt to achieve full legal
modulation). Additionally, because all such filters
are approximations, they never suppress overshoot
absolutely, but only reduce it by comparison to
equally selective linear filters.
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As we will see below, digital signal processing
(DSP) technology allows us to build non-linear fil-
ters with substantially fewer compromises than are
required for analog filters, enabling the broadcaster
to maximize loudness while simultaneously trans-
mitting completely clean SCA subcarriers.

Controlling Composite Modulation by
Peak-Limiting the Audio Channels

Controlling the modulation of the composite
baseband by peak limiting the individual left and
right audio inputs to the stereo encoder works be-
cause of the “interleaving” property of the stereo
baseband: To a first approximation, the peak level of
the composite is equal to the peak level produced by
the larger of the left or right audio inputs.

There are several caveats. If the peak level of
the 38kHz stereophonic subcarrier waveform does
not coincide in time with the peak of the audio, the
peak modulation is lower than it would be if the two
peaks were precisely coincident. Although an inac-
curacy in the approximation, this causes no over-
modulation and is thus not a problem.

A more subtle inaccuracy is caused by the
19kHz pilot tone. Because it is correlated to the
38kHz suppressed subcarrier, its peak level does not
add arithmetically to the peak level of the rest of the
composite signal. Of course, if the modulation is
pure monophonic (L+R), the pilot will add arithmeti-
cally because there is no stereo subcarrier — 91%
L+R modulation will add to 9% pilot to produce
100% composite modulation. However, if the mod-
ulation is pure left or right (corresponding to equal
levels of L+R and L-R), the same conditions will
only result in approximately 97.2% composite mod-
ulation because the pilot has partially interleaved
with the remaining composite signal. This means
that as the stereophonic content of the program in-
creases, peak modulation decreases slightly, and the
transmission is not as loud as it could be if the full
peak modulation capability of the channel were used.

Further (and usually more significant) inaccura-
cies can be caused by composite microwave STLs
and exciters with poor low-frequency transient accu-
racy. Low frequency program energy can caused
such devices to ring and “bounce,” causing unneces-
sarily high peak modulation.

Controlling Composite Modulation by
Composite Clipping

Except for exciter bounce, all of these problems
can be “solved” by clipping the composite signal,
which ensures that the peak level of the composite is
always precisely constrained to the desired level.
Early composite clippers acted on the entire com-
posite signal (including the pilot tone), and were able
to achieve significantly higher loudness at the ex-
pense of producing harmonic and intermodulation
distortion throughout the baseband. The FCC halted
this practice by stating that such processing could not
cause any FCC Rule to be violated. Since clipping
the entire baseband often brought the instantaneous
pilot injection below the 8% modulation limit stipu-
lated by the FCC Rules, it became clear that the pilot
could not be clipped. A new generation of compos-
ite clippers that removed the pilot prior to clipping
and re-injected it afterwards then appeared on the
market. These new clippers still produced distortion
throughout the baseband (including the 57-99kHz
region occupied by SCAs), and had the additional
disadvantage of being “unaware” of the interleaving
between the pilot and remaining components in the
composite baseband. However, since such inter-
leaving only reduces modulation by about 0.25dB
(an inaudible amount), it is of little practical concern.

Composite clipping has an advantage over con-
ventional audio-domain processing only when the
program has very large amounts of L-R energy. As-
suming that the clipping is symmetrical, it will pro-
duce mainly odd-order harmonic and intermodula-
tion distortion. All of the harmonic distortion (and
some of the sum-frequency IM distortion) caused by
clipping the 23-53kHz stereo subchannel will fall
above 53kHz. If the receiver has a “Walsh-function”
stereo decoder (which is insensitive to energy at
harmonics of 38kHz), it will demodulate such above-
53kHz energy so that it appears above 15kHz, where
it is audibly suppressed by a combination of receiver
de-emphasis, pilot tone filtering, and the natural in-
sensitivity of the human ear to frequencies above
15-20kHz. Thus some of the distortion caused by
clipping the stereo subchannel is completely inaudi-
ble.

Unfortunately, the amount of distortion that will
be heard by the listener is unpredictable. It is highly
dependent on the ratio of L+R to L-R energy in the
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stereo audio, and it depends on the technology used
in the receiver's stereo decoder. Modern Walsh-
function decoders are only sensitive to frequencies in
the 0-57kHz range of the baseband. However, older-
technology “square-wave switching” decoders de-
modulate any energy within 15kHz of 38kHz and all
odd harmonics of 38kHz (114, 190, 266...kHz), and
thus may sound noticeably more distorted than
Walsh-function decoders when reproducing com-
positely-clipped audio, whose energy falls off quite
slowly at very high frequencies.

If the program material is monophonic (such as
center-channel voice), then the audible effect of
composite clipping is similar to audio clipping, ex-
cept that the composite clipper will produce distor-
tion products that extend up into the stereo subchan-
nel region (higher than 19kHz). The receiver as-
sumes that the distortion above 19kHz is L-R and
decodes it by frequency-shifting it down by 38kHz
and making it appear out-of-phase in the left and
right channels. The decoded distortion is thus not
harmonically or spatially related to the undistorted
program material being processed. It is well-known
that such non-harmonic distortion (which is similar
to aliasing in a digital system) is very offensive to
the ear, and the fact that it decodes in a different
spatial location than the original energy that was
clipped to generate it may make it even more obvi-
ous.

Of course, if the station wants to broadcast ac-
ceptably-clean subcarriers in the 57-99kHz region,
composite clipping is impractical except in the
smallest amounts (meaning less than 0.5dB clipping
of low-duty cycle overshoots in the transmission
system), because it otherwise introduces too much
spurious spectrum in the 57-99kHz region. From
our previous discussion, it is also clear that the audi-
ble distortion produced at the receiver is highly de-
pendent on the nature of the program material and
the design of the receiver. We must therefore con-
sider alternatives.

Digital Non-Linear Filtering for Modula-
tion and Spectrum Control

Previous analog audio processors designed by
the author have used the frequency-contoured

sidechain (FCS) overshoot corrector? to provide a
“band-limited safety clipper” function in the audio
(left/right) domain. The FCS circuit operates by de-
tecting any overshoots at its inputs with a center-
clipper circuit (whose output consists only of the
parts of the input waveform exceeding 100% modu-
lation), low-pass filtering these overshoots with an
analog filter having unity gain at low frequencies and
a rising response just before its 15kHz cutoff fre-
quency, and subtracting the output of this filter from
a delayed version of the un-clipped input signal.
(The delay approximately matches the group delay of
the low-pass filter.) The resulting peak-controlled
signal is then passed through a group delay corrector
so that the delay through the entire system is ap-
proximately constant with frequency.
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Figure 1;: FCS Overshoot Corrector

Because of approximations within the system, a
safety clipper is required after the system to catch
residual overshoots caused by the approximations.
When the system is operated “aggressively,” the
safety clipper generates spurious spectrum about
50dB below 100% modulation in the 57-99kHz re-
gion. While this is about 15dB better than the spuri-
ous spectrum caused by a comparably-operated
composite clipper, experience has shown that it can
still generate audible interference in SCA subcarri-
ers. For this reason, the author's company developed
an accessory filter card, consisting of two additional
cascaded overshoot correctors per audio channel, to
replace the safety clipper. This processing typically
reduces the spurious spectrum above 62kHz to
-80dB while simultaneously reducing residual over-
shoot to about 0.3dB. Field experience shows that
the card does its job; improving this performance
would provide no further audible benefit. However,
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