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Dear Industry Engineer:

On behalf of NAB’s Engineering Conference and Advisory Committee, we are pleased to present
the 1993 NAB Broadcast Engineering Conference Proceedings.

NAB’s 47th Broadcast Engineering Conference features useful and informative presentations to
help you cope with the challenges facing our industry. The conference focuses on the practical
applications of existing technologies, the new opportunities offered by emerging technologies,
such as data broadcasting and interactive television, and professional development for
engineering managers.

Data broadcasting technologies offer new opportunities for both television and radio. In
addition to the Radio Broadcast Data System (RBDS), technologies such as CouponRadio,
NHK’s high capacity FM subcarrier, Interactive Video Data Service (IVDS), and TV Data
Systems (TVDS) present real potential for increased station revenue.

The management training element of this conference is particularly important as engineers
continue to face the challenges of developing long range strategic plans while running a
station on an ever-shrinking budget. To be successful they must maintain a sharp technical
edge without losing a clear vision of business realities.

We again welcome the participation of the Society of Broadcast Engineers in programming
five sessions for the conference. This year also marks the first participation of the Institute
of Electrical and Electronics Engineers’ (IEEE) Broadcast Technology Society which has
created two sessions discussing the development of broadcast standards. We also welcome
the continuing strong participation of the international broadcast engineering community
providing a global perspective on the broadcast industry.

Please share your comments and suggestions for our conference. Feel free to call or write at
any time.

Best regards,
. y (’“ ~
(W M 5 OEA
Michael C. Rau Charles Dages
Senior Vice President Chairman, NAB Engineering Conference
Science and Technology and Advisory Committee and
National Association of Broadcasters Vice President, Engineering

CBS Television Network
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DIGITAL AUDIO WORKSTATION NETWORK—A REPLACEMENT FOR
AUDIO CARTS AT CBS TELEVISION NETWORK
Gregory M. Coppa
CBS Engineering
New York, New York

Abstract - CBS has implemented an
automated Digital Audio Workstation
Network (DAWN) cart system for record and
playback of audio announcements within
their Broadcast Origination Center (BOC).
DAWN, which replaced antiquated NAB
carts, provides CBS with a high quality
reliable audio cart system that has
streamlined audio cart management.

1. INTRODUCTION

In June of 1991 CBS began distributing its
Network television signals from a fully automated
Broadcast Origination Center (BOC). BOC
provided CBS with a program and commercial
integration facility that allowed for origination of
up to ten networks, all under computer control.

The BOC design included state of the art
equipment: multicassette D2 library management
systems, networked video still stores and Local
Area Network (LAN) based machine control. Yet,
at the heart of the BOC audio system was an old
workhorse -- the NAB cart, complete with its
twenty-four volt control interface, Cinch Jones
type connector and characteristic wow and
flutter.

The time was right for replacing this workhorse
but was the technology? Not during the initial
design phases of the BOC. At NAB 1991 CBS saw
a demonstration of a Gentner Communications
product -- DAWN: Digital Audio Workstation
Network, that seemed to meet some basic BOC
design requirements -- it was PC based, easily
automated, would accept a playlist downloaded
from automation, play carts from the list when
commanded and finally it potentially could
streamline cart management thereby reducing
costs. Thus, CBS decided to use the DAWN
product to replace the NAB carts.

A description of the CBS DAWN system follows.
Section 2 discusses the DAWN hardware, section
3 details the audio workstation software and
examines the operation of DAWN at CBS.

2. DAWN HARDWARE

DAWN is a local area network of audio
workstations. The network consists of a file server,
audio workstations, a remote access server,
automation  interface computers and a
programmable PC keyboard. A block diagram of
the LAN showing a typical workstation interface
appears in Figure 1.

FILE ACCESS
SERVER SERVER

%LTJ <

e REMOTE

DIAL IN

AUDIO
KYBD WORKSTATION AUTO
N_ PLAYLIST
& STATUS
CONTROL ANALOG
& TALLY AUDIO

Figure 1. DAWN system block diagram.

The CBS DAWN system has eight audio
workstations. Six of these supply the ten BOC
channels and are under automation control. A
workstation dedicated to the BOC announce
booth is a cart record location. The last
workstation, located at CBS Hollywood, is a
remote record location.
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A. File Server.

The file server is a 386 based AT compatible
computer running Novell's Netware 386 network
operating system. Netware supports
simultaneous file sharing, shared printing
facilities, system performance monitoring and is
responsible for network security.

The server provides central storage for all
digitized audio cart files and related text data.
This has several advantages -- it gives each
workstation access to the most recent version of a
cart, streamlines cart management and has made
data backups easier to manage.

B. Audio Workstation.

The audio workstation is also a 386 based AT
compatible. It contains the standard peripherals:
VGA, serial and parallel ports, and a hard disk.
Installed in the PC are two additional pieces of
hardware. One is a network interface adapter
that supports LAN communications and the other
is a Digigram PCX3 Digital Audio System board.

The PCX3 18 a real time  audio
compression/decompression system that uses
either the MUSICAM or WB48 SBC algorithm. It
is capable of stereo audio processing at a
sampling rate up to 48 khz with 16 bit resolution.
Several compressed data rates are available. 128
kbits/sec per mono channel is typical and
corresponds to a compression ratio of 6 to 1. The
CBS DAWN system uses the WB48 algorithm
with 48/16 sampling and 6 to 1 compression. For
a 30 second stereo audio spot this leads to MS
DOS file sizes on the order of one megabyte.

BOC automation interfaces to the workstation via
the parallel port of the PC. A relay contact closure
from automation commands the workstation to
play a cued cart. Cued and play tally are
returned, again via contact closure, to automation
which displays this information to a BOC
operator.

C. Programmable Keyboard.

Each automated workstation shares two
keyboards, Figure 2. The local keyboard is a
standard PC keypad. The remote keyboard,
located in a BOC control room, is software
configurable.

8 — NAB 1993 Broadcast Engineering Conference Proceedings

AUDIO KYBD LOCAL
WORKSTATION SHARER KYBD
[t [ o=
REMOTE
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|

|

ConROLROOM |
=]

Figure 2. Workstation keyboard architecture.

The control room keyboard does not require all
DAWN functions, therefore only those necessary
for on air use are programmed. DAWN functions
requiring several keystrokes are programmed as
macros and executed using a single keystroke.
This greatly simplifies the operational interface
and reduces the potential for errors.

D. Automation Computer.

Attached to the RS-232 communications port of
the workstation is the automation computer. This
computer, also a PC compatible, communicates
with the BOC automation system reporting
workstation status and downloading playlists.

E. Remote Access Server.

Remote access to the DAWN system is provided
through an access server which supports eight
dial up phone lines. Remote users have modems
and software on their local PC's which support
the remote session.

3. DAWN SOFTWARE AND OPERATION

The DAWN software, Point & Shoot, is a custom
application written by Mediacomp of Ontario
Canada. The software includes cart management
functions, interfaces to the PCX3 board, providing
cart record, playback and editing facilities and
interacts with BOC automation.

A. Cart Management

Point and Shoot streamlines cart management
procedures by consolidating cart information and
by providing managers easy access to this
information. Cart management functions include
searches, printouts of billing and announcer



royalty reports, and automatic purges of stale
carts.

All cart data is centralized on a workstation into a
cartwall. The cartwall is a collection of 4000 bins.
Each bin houses the information of an individual
cart. A bin is made up of the following fields: title,
shelf life, announcer, and cart type. The title is a
description of the cart, the shelf life specifies the
starting and ending dates a cart is to be active,
the announcer field identifies who made the
recording and finally the type field is used for
internal billing information. A bin also contains
storage and editing facilities for scripts.

A search function permits rapid location of an
individual cart. Searches are conducted on the
bin number, title, date or announcer fields. The
search function will find all occurrences of a given
string regardless of which field it is in.

Each cart has a shelf life which denotes the dates
a cart is active and can be used for air. Every day
a purge of the DAWN database is conducted
automatically using the shelf life date to
determine if the cart should be removed. The auto
purge process keeps the database from becoming
filled with stale data and does not require a
manager to continually maintain the database.

The cart creation process at CBS consists of
several steps. First an order must be placed by
the CBS Hollywood production department for a
cart. The order generates the bin number, title,
shelf life and type of cart. Upon receipt of the
order, a media manager dials into the BOC
DAWN system using a desktop PC and software
that allows him to control a DAWN workstation
in New York. The cart information is entered into
the cartwall and then transferred to the file
server. The manager disconnects from the system
and sends the order to the creative department.

The creative department writes the script for the
cart using their favorite PC word processor.
When the script is complete the wniter dials into
the BOC DAWN system and downloads the text
to the appropriate bin.

The cart is now ready to either be recorded or
read directly to air. If it is to be recorded, an
announcer gets a work order which lists the bin,
enters his initials and records the cart. The script
may also be read directly to air depending on

schedule and time requirements. Downloading
the script has eliminated the need to deliver a
hard copy to the announcer, streamlining the cart
process.

Other mangers at CBS use information stored on
the DAWN system for payment of announcer
royalty and to track billing. They also have access
to the system via modem and can browse the
cartwall. Reports can be generated which detail
such information as what royalties an announcer
is due, or what department should be billed for a
cart. This has led to more accurate tracking of the
costs and revenues associated with cart
production and broadcasting.

B. Cart record, playback and editing.

Recording a cart on the workstation is similar to
recording on an analog tape recorder. The record
process begins either manually, with the press of
a button or automatically when the audio level
has risen above a user selectable value. As the
recording proceeds, the cart duration and a bar
graph of the right and left channels are displayed
on the workstation screen.

Once recording is complete, random access allows
the user to cue to any location within the spot.
Cueing is faclitated using typical tape machine
operations such as rewind and fast forward. Also,
a digital scrub function, with vanable speeds,
allows the user to jog through the recorded cart
for easy cueing.

A cart's duration can be trimmed using virtual in
and out points. A virtual point is created by
scrolling to the desired location and simply
marking the spot. No further recording is
required. The software recognizes the virtual
points as the place where playback should begin
and end. Virtual marking speeds the process of
cart creation by reducing the number of retakes
necessary to meet schedule duration
requirements. Durations can also be modified
using a process known as squashing. Squashing
removes segments of audio from the recording
which are below a user selectable level.

All cart recordings are initially stored on the
workstation’s local hard drive. Edits to a cart are
made using the local copy. When the editing
process is complete the data is automatically
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transferred to the file server making the edited
version available to all workstations.

At CBS, cart recordings originate from several
locations, the BOC announce booth, announce
booths located within the New York plant, and
CBS Hollywood. The BOC announce booth has a
dedicated workstation which an announcer uses
to record and edit a cart. The other New York
locations are connected to the BOC system using
analog audio ties. A BOC operator, in
communication with the remote announcer,
records and edits announcements made from
these sites.

The CBS Hollywood location has a stand alone
DAWN workstation that records carts and then
downloads them via high speed modem to the
BOC file server. The modem communicates at
19.2 baud over a dial up phone line with a typical
data transfer rate of approximately 100 kbytes
per minute. For a 30 second stereo cart this
translates into a transfer time of about ten
minutes. Loading carts in this manner has
reduced shipping and handling costs, and
eliminated shipping delays, improving quality
and accuracy of on air announcements.

C. BOC Automation.

On air cart playback from a DAWN workstation
can occur either manually or from automation.
Manual or automated control is selected by a
BOC operator using the remote keyboard.

Automation generates a playlist of carts to be
aired from the BOC channel schedule by looking
into the schedule to determine which events are
cart events. It builds a list of the carts, which
have been specified in the schedule by bin
number, based on the time the cart is to air. The
list is then transmitted to the appropriate DAWN
automation computer which sends the playlist on
to the workstation.

When Point and Shoot receives a playlist from
automation it builds the list using carts stored on
the file server. It looks for a cart by its bin
number and if the cart exists the cart data is
copied from the server to the local hard drive. If a
cart is missing a place is created for it in the
playlist and a missing cart status is sent back to
the BOC operator. Once the playlist has been
built Point and Shoot now waits for a command
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from automation to play the cart at the top of the
list. Meanwhile, the automation computer is
continually monitoring the workstation, reporting
its status to a BOC channel operator.

Carts are played when a play command is
detected from automation. This command
interrupts the workstation and plays the cued
cart. During playback, tally status is reported to
automation and is displayed on the channel
schedule. Once a cart has been played it will be
erased from the local drive provided it does not
appear in the playlist at a later time. The next
cart to air will then cue and wait for the next play
pulse from automation.

Interruption of automation control may
sometimes be required. This is particularly true
when special news events occur. When this
happens, the channel schedule is frozen at the
last event and an announcement is played
indicating that a special report is about to air. In
order to facilitate this process a special "jingle
playlist” has been created. A jingle playlist
contains several "canned” announcements that
introduce the sand end the special report. These
are played manually under operator control.
When the special situation has ended the jingle
playlist is completed and control is returned to
automation.

D. DAWN Flexibility.

As mentioned above a design requirement of the
BOC was that devices should be PC based. This is
due to the fact that a PC system is inherently
flexible. A great deal of support and off the shelf
software exists which improves the productivity,
maintainability and reliability of the system. The
DAWN system has proven to be quite flexible in
ways CBS had not initially intended. For one, the
demand for remote access by managers, which
has led to the development of more efficient cost
accounting and reduced cart handling costs, was
never anticipated. Off the shelf software and
simple modem interfaces made this possible with
little or no added cost.

New procedures continue to be developed. A
proposal for checking the channel schedule well
in advance of its air time is now under
consideration. This process would check the
DAWN cart inventory to determine what carts
are not available. A list of these carts will be



generated alerting management as to which carts
need to be recorded. The development of this type
of process is expected to cost very little because
the cart database is readily available and easy to
access. Yet, its impact in reducing lost revenue
will improve the bottom line.

5. CONCLUSION

NAB carts have been replaced at the CBS
Television Network using an automated digital
audio workstation network. The performance of
these audio workstations has improved the
quality and reliability of announcements.

Remote access to the DAWN system has
streamlined cart management procedures and
reduced the costs associated with cart production.
Easy access to cart information has improved
billing accuracy and royalty accounting.
Workstation automation has improved the
reliability and accuracy of on air cart playback.

The flexibility of a PC based system is providing
CBS with new opportunities for using the data
stored in DAWN. An inventory reconciliation
program 1is being developed which will provide
CBS management with timely schedule
information reducing lost revenue costs due to
missing carts.

The DAWN system is now the cart workhorse for

CBS. It is expected that it will serve as well as
the NAB cart and for as long.
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THE LEAST TREATMENT PRINCIPLE AND ITS APPLICATION TO
SINGLE-ENDED SIGNAL PROCESSING

Stan Cossette
Dolby Laboratories, Inc.
San Francisco, California

ABSTRACT

A design principle used in the development of
professional-quality, complementary noise
reduction systems is described. The benefits of
applying this principle to single-ended signal
processing tasks such as compression and
expansion is presented. Comparison to simpler
design methods is also presented along with
several figures showing advantages of applying
this principle.

INTRODUC N

In his paper describing the Spectral Recording
process, Ray Dolby coined a term for an
underlying principle he used to guide his
design®. He was faced with the task of designing
a professional quality, complementary noise
reduction (NR) system that would surpass all
existing systems including his own. Considering
the encoder, he reasoned that the best design
would be one which could boost the input signal
by a fixed amount under the greatest number of
signal conditions. If required to reduce the boost
to prevent channel overload, the system should
not do so at other frequencies away from the
dominant signal. Furthermore, the system should
reduce the signal boost only by the amount
necessary. The principle was dubbed the
Principle of Least Treatment. It is no accident
that the well-received Spectral Recording
process adheres more closely to this principle

than any previous NR system. This principle was
later applied in the design of the S-type NR
system for consumer recording formats2.

While this principle was used to develop a
complementary NR system, it has proven to be a
useful philosophy for developing other signal
processors as well. In this paper, I will discuss a
couple of common signal processing
examples—showing the pitfalls of common
designs and the benefits of applying the Least
Treatment Principle.

| 2 TS OF LE TRE y
APPLIED TO COMPRESSION

A common task required in audio signal
processing is the task of dynamic range
compression. Here the requirement is to reduce
the dynamic range of the input signal by some
amount for further transmission, recording, or as
an artistic effect. Typically, the user is given
some control over where the compression begins
(threshold) and the compression ratio
encountered above the threshold. Often control
is also provided over the attack and decay time
of the processor. The latter two controls are
usually provided as a way of minimizing the
negative audible effects that are produced by the
process. The steady-state response of the
compressor can be characterized by plotting its
output versus input. This is typically called a
transfer curve and is shown in Figure 1.
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Fig. 1 Simple Compressor Transfer Curve

The pitfalls associated with this process are
“pumping” and distortion. Pumping is the
common term for the case of a dominant signal
causing amplitude-modulation of a smaller
signal. The modulation follows the envelope of
the larger signal and causes the level of the
smaller signal to “pump” up and down.
Distortion typically appears as modulation
distortion which can occur on certain steady-
state signals or during transients.

Pumping is caused by using a compression
process that is not able to compress by different
amounts at different frequencies. If a simple,
wide-band compressor is used, all signal
components are attenuated by the amount
required by the dominant signal. In Figure 2 this
is illustrated for a complex signal made up of
components X, Y, and Z. The figure shows that
the 10dB attenuation required by component Y
is imposed on the two smaller components. If
components X and Z existed alone, they would
not experience any compression.
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Fig. 2 Simple Compressor
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Distortion of steady-state signals is usually
caused by allowing the compressor control
signal to change too rapidly. Inasmuch as the
compressor stage is an amplitude modulator, if
the modulation frequency is too high, the
sidebands of the modulation will become
audible. A good compressor must be able to
respond to the signal envelope while not reacting
to the signal itself. This is difficult since audio
signals span a thousand to one frequency range.

Excessive attenuation due to compression can
cause problems in two ways. First, the basic
laws of compression require that when the input
signal changes in level the compression effect
(attenuation) must change to that required by the
new signal. If the attenuation change takes place
too slowly, there will be large overshoots. If this
change takes place too quickly, there is a risk of
modulation distortion. If there is no limit on the
amount of gain-change that can take place, it
will be nearly impossible to make the change
inaudibly. Secondly, the more attenuation
imposed by the compressor, the greater the
chance of audible side effects such as pumping.
Limiting the maximum amount of attenuation,



hence level change, reduces the severity of these
problems.

By applying the Least Treatment Principle
(LTP) to the simple compressor, a few
improvements can be made. First, the transfer
characteristic can be changed to allow an upper
limit on the amount of compression. Second, by
using band-splitting or other techniques, the
compression effect can be more frequency-
selective, allowing attenuation in one band while
none in another. Bandsplitting also allows
changing the control-path reaction time in each
band to correspond to the signals within that
band. (Note: In some cases, an upper limit
cannot be set due to other requirements.)
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Fig. 3 LTP Compressor Transfer Curve

Figure 3 illustrates how the compression effect
could be limited. Note that once point B is
exceeded, no additional compression will take
place. This can have a beneficial effect by
reducing the need for fast attack and recovery
times as well as minimizing other side effects
caused by excessive attenuation. In Figure 4, the
complex signal is compressed again but this time
only the dominant signal component Y is
attenuated by the required 10dB while the others
are left “untreated”. Application of the Least

Treatment Principle during compression leads to
fewer audible artifacts resulting in a compressed
signal that does not “sound” compressed. This in
turn allows creative use of compression effects
in studio production or post-production for
enhancing harmonics, dynamic equalization,
intelligibility improvement and many other
effects. Essentially, new applications are made
possible with this type of processing.

A product has been designed using the Least
Treatment Principle to enhance the low-level
details in a recording such as the harmonics in
an acoustic guitar or to enhance the intelligibility
of a voice. Called the Dolby Spectral Processor,
it is capable of boosting low-level signals while
leaving high-level signals relatively
unprocessed. A conventional compressor would
behave as shown in Figure 2. It would not be
capable of boosting low-level signals while a
high-level signal was present. Using the Least
Treatment Principle, the Spectral Processor is
able to reduce the boost applied to the high-level
signal (Y) while leaving the low-level details (X
and Z) fully boosted as shown in Figure 4.
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Fig. 4 LTP Compressor Response
to Complex Tone
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Complementary noise reduction systems
designed for transmission or recording have the
advantage of processing the signal before it is
corrupted by noise or distortion. Unfortunately,
there are many cases where noise or background
sounds are already present in a recording so
there is a need for single-ended NR systems.
These products have the difficult task of
removing some unwanted signal such as noise or
hum while retaining the desired signal. To make
things even more difficult, the desired signal
ideally is not audibly changed by the NR process
itself.

Products that address this problem often use an
expander whose threshold and expansion ratio
are adjustable. In order to avoid unwanted side-
effects the user is given control over attack time,
decay time or sometimes frequency-weighting of
the control path.
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Fig. 5 Simple Expander Transfer Curve

A simple expander transfer curve is shown in
Figure 5. Note that the expansion characteristic
begins once the signal falls below threshold.
Note also that there is no limit on the amount of
expansion possible for very low-level signals.
The process is commonly called ‘downward
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expansion’ because the expansion characteristic
operates only to reduce rather than increase the
signal level.

If a single expansion band is used, the dominant
signal must control the attenuation amount as in
the case of the simple compressor. This again
leads to modulation of low-level signals by
dominant signals. This effect is illustrated in
Figure 6. This figure shows the gain change
experienced by a noise signal while the wanted
signal changes in level over a 15dB range. Note
that the desired signal now changes by 30dB
while the noise signal-level changes by about
15dB. While the noise may be made inaudible in
the absence of the desired signal, it will certainly
reveal itself when the desired signal is present.
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Fig. 6 Simple Expander Response
to Tone with Noise

By limiting the amount of expansion and making
the process more frequency-independent, better
adherence to the goal of least treatment is
achieved. Figure 7 shows the effect on a noise
signal in the presence of a changing, dominant
signal like that of Figure 6. First, the low-level
signal is not allowed to drop indefinitely but is
held at a fixed attenuation as determined by the
expansion transfer curve. Ideally, the noise is
reduced to an inaudible level. Reduction beyond
this amount is unnecessary and can lead to
problems. Then, in the presence of a high-level



dominant signal, the noise is held at this low
level. In this way, a constant, low-level noise
floor is achieved even in the presence of large
dominant signals.
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Fig. 7 LTP Expander Response
to Tone with Noise

The Dolby Model 430 Background Noise
Suppressor, designed primarily to reduce the
unwanted acoustic noise often present in
location recordings (traffic rumble in a period
drama for example) was also designed using the
previously mentioned goals. Here, the Least
Treatment Principle allows the Model 430 to
reduce background noise by a subjectively
constant amount, even in the presence of speech.
Conventional expanders, while reducing the
noise well below inaudibility during pauses,
would allow it to become audible in the presence
of speech. Such a modulated background noise
is often more intrusive than the original constant
background noise.

IELP FROM YKING

Building a processor that perfectly embodies the
Least Treatment Principle would be very
difficult if it were not for some help from a
psychoacoustic phenomenon known as masking.
This phenomenon works in such a way that low-

level signals become inaudible if they are near a
much louder signal in frequency. The low-level
signals are said to be ‘masked’ by the high level
signal.

Design of a perfect compressor or expander
would require that signals that are arbitrarily
close in frequency are able to receive completely
different amounts of compression or expansion.
In order to build such a frequency-selective
circuit, very high-order filters would be required.
These filters would be complex and expensive
and would require a separate compressor stage
for each band. Building such a circuit would be
very costly and may lead to problems with phase
shift.

Masking relaxes the need for extreme frequency-
selectivity in both compression and expansion.
During compression, masking will hide level
changes in the low-level signals that occur
because the process may not be quite as
frequency-independent as needed. During
expansion, low-level signals are typically the
target unwanted signal and masking will hide
them in the presence of dominant signals.
Masking essentially allows the design of a useful
processor without the use of high-order filters
and their accompanying phase-shift, complexity,
and cost.
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Showing Masking Effects

Figure 8 illustrates a more realistic expander
response to the signal conditions of Figure 7. It
can be seen that the noise floor does indeed rise
in the presence of the high-level signal. Because
the processor is frequency-selective however,
this rise only occurs near the frequency of the
high-level signal. Figure 8 shows a typical
masking curve for a mid-frequency, high-level
signal. The signals that fall underneath this curve
would be masked. In this ideal example, the
noise change is completely masked by the high-
level tone. In practice, this ideal can be
approached quite well over a wide variety of
signal conditions without using overly complex
circuitry.
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V. CONCLUSION

The origins and definition of the Least
Treatment Principle have been described along
with its benefits. Two specific signal processing
tasks, compression and expansion, were used to
illustrate the benefits of this principle.

The Least Treatment Principle has been shown
to be applicable to high-quality signal
processing. Processors that follow this principle
will yield results which are audibly superior to
simpler processors. Because of the lack of side-
effects, processing such as signal compression or
expansion can be applied in new areas allowing
new, creative effects.
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GRACEFUL FAILURE: TOLERATING HIGH BIT RATE ERRORS WITH
MILD DEGRADATION, NOT SIGNAL MUTING
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ABSTRACT

The current rising demand for high
quality digital audio in todays
competitive marketplace will
require a robust encoding and
decoding system for use in noisy
transmission mediums. In response
to this need, the WavePhore Audio
2000 system employs a unique pro-
prietary digital audio compression
algorithm which has proven superi-
or to any other currently avail-

able similar system in the
industry in transmission 1links
that are not the highest of
quality.

1. INTRODUCTION

The WavePhore Audio 2000 employs a
unique digital audio compression
algorithm which does not mute in
the presence of noise but has
noise characteristics similar to
weak signal FM performance. This
algorithm does not require a
reacquisition time that is typical
of other compression algorithms.

2. HISTORY

In the past, digital audio com-
pression algorithms were all codec
with various word 1lengths. The
uniqueness of this algorithm is
that it is a bit stream rather
than a fixed 1length codec. The
algorithm is based on a unique
adaptive delta modulator technique
rather than sub-band coding used
in other algorithms.

3. NOISE IMMUNITY MECHANISM

In standard algorithms the length
of the codec and nature of the
codec determines their immunity to
noise in the digital data path. A
definition of noise is when a data
bit is changed from its correct
state to the opposite digital
state (1 to 0 or 0 to 1). If we
imagine a very simple codec which
is 8 bits in length and the volume
level was determined by the
position of the bit in the codec,
then if in an algorithm 00000001
represents a small change in sound
level and one could see that an
error which inserted only one bit
in the first position, 10000001,
would totally change the volume
level of the sound. Since codec
are not so simple the resultant
effect of the bit error will vary
with the codec.
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With the complexity of a modern
codec, the errors produced by
noise could cause the codec to
lose its framing information and
cause its microprocessor to
recognize this loss of framing and
cease operation of the decoding
process. These codec would require
the reestablishment of the framing
cycle before they again transmit
an audio output. The established
codec seem to all fall into the
muting mode with error rates of
between 1 error per 10,000 to 1
error per 100,000 bits.

The WavePhore Audio 2000 has an
algorithm which examines the
change in bit stream to develop
its audio output. The use of state
of the art DSP and DAC technology,
in conjunction with some psyco-
acoustic principles, enables 16bit
accuracy and wide dynamic range at
low data rates. The change from
one bit to the next determines the
output of the algorithm. Because
of this nature, the algorithm pro-
duces a high tolerance to noise.

4 . NEW ALGORITHM

The WavePhore algorithm is based
on an adaptive delta modulator.
History has shown that the delta
modulator is the most noise immune
method of converting analog to
digital data. It suffers because
of its digitizing error. In the
adaptive equalizer, this is over-
come by in essence changing the
slope or the digitizing steps as
the signal varies. Figure 1 shows
a mechanism for producing this
delta modulation. An algorithm
which changes the comparator input
produced by the d/a convertor in
response to the lack of crossover
of the modulator is an adaptive
delta modulator. In the encoder
shown in figure 1, the DSP con-
tains the algorithm which produces
the required effect. The encoder
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signals shown in figure 2 are

representative of a operation of
the WavePhore adaptive equalizer.
They have been exaggerated to
illustrate the concepts required
here. The decoder signals shown in
figure 2 are the analog output
signal of the d/a convertor and
the digital input signal to the
DSP. As shown in the analogue
output signal the effect of the
noise pulse is a minor glitch and
a resulting dc offset of the
signal. Provisions are made in the
algorithm to prevent an accumu-
lation of d/c offset due to noise

from affecting the overall
headroom of the decoder. This is
accomplished by a secondary

algorithm which averages the audio
output and adjusts for a long time
dc average of zero.
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This algorithm, because of its
very nature of not being word
dependent provides the noise

degradation improvement. As shown
above, the extra noise pulse
causes momentary effects on the
output. These effects are not
audible when the rate is above one
error in ten thousand and become
audible when the rate is one in a
thousand or Dbelow. The sound
produced is very similar to what
is produced by a FM radio signal
received in a car when passing
under a bridge and at very high
bit error rates similar to a very
weak fm station. Voice infor-
mation is intelligent to 1levels
below 1E-2 bit error rate.

5. CONCLUSION

The use of an adaptive delta
modulator as a digital audio com-
pression technique is valuable in

those areas where the digital
channel is not of the highest
quality. This technique requires

no forward error correction to
deal successfully with this noisy
environment. Digital links subject
to rain fade and other weather
effects and other noise inducing
problems can successfully be
managed by using this technique.

NOTE: Codec is the encoder/decoder
algorithms.
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DESIGNING THE ULTIMATE HIGH QUALITY DIGITAL EQUALIZER

Andrew Hills
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Abstract,

The advent of the digital audio in the shape of
the compact disc took the imagination of the
general public, it offered an ease and reliability
of use not matched by the compact cassette and
an audio quality that unfortunately showed up
many of the problems of current studio equip-
ment.

The natural expectation of professional audio engineers
was that the performance leap from analoguc to digital
consoles would show the same stunning qualitative
improvement as demonstrated in the change from black
vinyl to compact disc. This has clearly not happened; the
question is why? This short article is intended to
highlight one particular digital console design difficulty
and its solution,

Digital Audio Needs.

As products cvolve, the technology cmployed and the
increased functionality that was once thought o be
spectacular becomes old hat and more is demanded by
the customer for the same selling price. Digital Audio is
no exception. One such example is the drive 1o provide
total dynamic automation. Indeed the totally automated
mixing console is becoming a reality. This requires that
all signal processing functions, not just gain, bc capablc
of rcal time automation. This imposes a number of design
and performance criteria on any such system. The most
important of which arc thc need to provide adequate
control bandwidth and the ability to calculate cocfficients,
updale processing and gair  paramelers in real time,
without audible artifacts.

It is clear that the primary censideration of any equaliscr
design must be that of sonic quality. With digital
electronics potentially we can copy any existing cqualiscer
design with a level of precision and repeatability not
achicvable in the analogue domain; the question is, can
we prevent unpleasant digital artifacts occurring?
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The Digital Eq.

Before we start on digital equalisers let us just remind
ourselves of the principle bchind an analogue circuit.
Figurc 1 shows an operational amplificr with a frequency
dependent circuit in the feedback loop. If this is a scries
capacitor with a resistor to ground the amplifier will have
a falling response with rising frequency. Changing the
RC combination will cause the response 10 move in
frequency but not in slope. Adding additonal RC

INPUT

OUTPUT

g 1 ¢ —

nctworks will cause the slope to change. This is the basis
for all frequency dependent circuits.

How can a digital circuit be made frequency dependent;
there arc no capacitors in the digital domain? All digital
systems differ fundamentally from analogue oncs in that
the sound is broken up into discretc samples. The
capacitor has to some degree a memory, it will not
change its charge instantly, it is this effect that causes the
capacitor to be a frequency dependent component. The
simple analogy in the digital domain is a delay. Take the
sccond figurc. (over page) We have a simplc onc sample
delay and a two input adder. When we add together the
previous and current samples the cffect on the audio
signal at frequencics many times below thc sample rate
will be small. This is because the audio level change
from one samplc (0 the next is negligible so we add
together two similar signals. However as the audio input
approaches half the sampic rate things begin to happen
until at exactly half the sample rate the audio output is
exactly cancelled; we therefore have a noich filter with
infinite cut off at half the sample rate. If the sample rate
is 48kHz (the normal professional rate) then the cut off
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will be at 24kHz.

If we now vary the addition ratio of currcnt and previous
samplcs we can vary the depth, but not the frequency, of
the notch. In order to change the frcquency we can
provide a two sample delay we would have a notch at
one quarter the sample rate (12kHz), three samples dclay
onc cighth the rate and so on. This is all very well if we
want a switched filter at sub-multiples of the sample raic,
but is not much usc in modem audio consolc. We can
provide a more flexible filter structure by using the
output of many sample period delays and adding them
together with a variable gain. This is known as a Finite
Impulsc Response filter. However it suffers from one
fatal flaw that makes it unusablc in a console; the time
taken for the audio to travel through the delays which
could be scveral 10’s of milliscconds.

A more practical form shown in the next drawing (fig 3)
is known as the dircct form of an Infinitc Impulsc
Response filter and the most obvious fcature is the
relative simplicity of the hardwarc. The signal from the
celay taps is fed back into the input; carcless multiplier
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cocfficients can result in positive gain- it will ‘hoot’ or
latch up, furthermore recyclirg the audio data may causc
truncation crrors 1o accumula.c causing loss of resolution.
However this structure can be made to provide the types
of responscs we are uscd to in the analoguc console
world.

CELAY 1t
g 3

This is therefore the basis on which digital equalisers are
constructed. The resistors and capacitors of the analogue
circuits are replaced by multipliers and delays.

The DSP.

As long ago as 1978 Neve started work on digital signal

processing. In those days much of the work was of a
fundamental rescarch nature, 16 bit multiplicrs were only
just available, 16 bit quality A-D convertors a pipe
drcam. However work that was undcrtaken, in collabo-
ration with the BBC, which indicated that these 16 bit
multipliers would not provide adcquate audio perfor-
mancc. We thercfore developed a system using floating
point arithmetic bascd on a 16 bit mantissa and 4 bit
cxponent. We all assumed that the theoretical dynamic
rangec of 144db would be such that the sonic quality
would transform the audio industry. Sadly this was not
the case, mainly due to the ear’s ability to hear non linear
effects 60 or 70 dB below the audio, in short, operators
were not happy to lose sonic quality at the expense of
opcrational convenience. Evolution to 24 bit hardwarc
offered improved resolution and indeed the need for 24
bits was proposed prior to the availability of suitable DSP
devices, which are now found in many applications.

It soon became apparent that even the fixed point format
of 24 or 32 bits was not sufficient, especially in large
scale music recording and mixing.

Thus many designers turned to IEEE floating point
processors, which offer 24 bit resolution but  with
hundreds of dBs of dynamic range, through an 8 bit
cxponent. These processors are aimed at the world market
for scientific computing applications, but are usable for
some digital audio applications. The dream was that limit
cycles, d.c. offscts, frequency domain crrors etc, were
now a phenomena of the past. It was therefore natural to
port previously known algorithms into the floating point
domain with the assumption that these previous unplea-
sant artifacts were now below the source input noisc
levels due to the increased dynamic range of the floating
point hardware.

This paper looks at the performance issucs of 4 types of
filter structure from a console system point of view, when
implemented using the IEEE floating point format, with
somc interesting results.

Filter Structures

The analoguc world has evolved over the ycars many
different types of filter structure, well known examples
arc Tow Thomas, Baxandcll and Sallen and Key. The
digital world is just thc same, thcre are many filter
structures and new ones appeis regularly in the scicentific
journals.

In order to establish the suiinbility of a filier structure all
theoretical aspects must be explored and the performance
simulated or measurcd against a refcrence. These filter
designs have been cvaluated using theoretical research,
followed by simulation and physical implementation. The
physical implementation is nccessary to finally establish

NAB 1993 Broadcast Engineering Conference Proceedings — 25



the dynamic issues such as ramp rates and the filter time
domain dynamics, along with audio quality.

Four filter structures were investigated;
Transposed Direct Form (TPDF)

This structure is similar to the direct form that was shown
before and has been adopted by many manufactures
because it has been well documented. The noise
performance and coefficient sensitivity still degrade with
falling frequency, however the interesting factor was
whether this would now be improved as a result of
floating point processing to allow the filter structure to be
used across the audio band in systems which will demand
20 bit systcm performance.

Z hat Form

A wvariant of the TPDF structurc, which has been
described in a number of papers. The structurc ariscs
from modifying the TPDF. However the noisc perfor-
mance at high frequencies degrades and the question was
whether by using floating point processing this structure
would offer the required performance.

Neve N1 Form

Rescarch was performed to obtain a filter which had the
improved cocfficient control but which would avoid the
problems of both the Z hat and TPDF forms at cxtremes
of frequency in terms of noise and frequency domain
errors resulting from coefficicnt quantisation.

Neve N2 Form

A structurc which is a further developed version of the
N1 Form and provides improved low {requency noise and
D.C. performance whilst retaining all other attributes.

Test Environment

All filter structures were ani-lysed theoretically and then
devcloped further using a computer simulation and
measurement platform. This allowed various test signals,
with and without dither, to be gencrated for the structures
under test. Finally the structures were implemented on
hardware to test the audio sonic performance.

The simulation ecnvironment uscd 64 bit arithmetic
(configured as S53ell) as the format for the reference
filter and test signal gencration and analysis. The filter
structure under test was implemented in 32 bit (24c8)
arithmetic.

Two basic tests were carried out.
Test One

A 2nd order filter was set 10 +12dB with a Q of 2 and the
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frequency scting swept from 0 to 20kHz. The test tone
was a OdB sine wave at a frequency in the filter’s
transition band. The RMS crrors, against frequency for
cach filter structurc arc shown in Fig 4.
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TPDF - The results clearly show poor low frequency
characteristics. Also a major D.C. offsct was found to
exist. The performance is adequate at high frequencics
but the structure does not clearly meet the performance
criteria,

Z-HAT - Here the results are very good at low
frequencies and indeed at tigher frequencies the filter is
usablc. However the noisc incrcases sharply at the cdge
of band and may give risc to unwanted imaging affects.

Neve N1 Form - Results arc better than the TPDF but
still not as good as thc Z- HAT at low frcquencies.
However the D.C offsct was much reduced.

Neve N2 Form - Performance much more consistent
across the frequency spectrum. The D.C. error was
minimal.
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Filters For Test 2
Test Two

This time a complex set of filters was cascaded in order
to represent a practical console path. (fig 5 above). The
lest input source was a wideband signal made up from
sinusoidal odd harmonics at 1kHz, 3kHz, SkHz, 7kHz,
9kHz and 19kHz, which was then dithered at the 24 bit
lzvel. It is important that mecasurements are made with

kHz
Reference filter (S3e! 1) filtering a dithered signal at 4.1k Hz

fig 6.

low level modulation. Truncation and co-efticient control
crrors are not c¢vident without signal. It is the low level
modulation crrors we are interested in. The system was
simulated using the 64 bit (53¢l!) as a reference, at a
sample ratc of 44.1KHz. The output being mcasurced
using an FFT analysis. (fig 6.)

If we now compare the 64 bit reference system (fig 6.)
with the 32 bit structurcs we gain further insight into
what is happening.

Firstly the 32 bit TPDF structure (fig 7.) shows a large
rise in noisc at LF and a failure to fall at HF. We should
have shaped our input noise with the low pass filters at
18K and 20K. RMS noisc is some 35 dB worse than the
relerence, notice a peak at 2kHz.

|

1L

fig 8

Sccondly the Z-Hat form (fig 8.), here the problems are
scvere at HF, notice again the pecak at 2kHz. Overall
noise is now only 9.1 dB {rom thc 64 bit sysicm.
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fig 9.

Next the Neve | form. (fig 9) We have a better fall at HF
and a less pronounced risc a: LF than the TPDF.

Neve type | filier (24¢8) filicring a dithered signal at -+ 1khz

fig 7
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Neve type 2 filicr (24¢8) filtering a dithered signal at 44,1khz

The Neve 2 IEEE form (fig 10.) ncarly maiches the 61
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bit reference to within 1.1 dB and the 2kHz peak has
gone. All these structures were implemented using 32 bit
IEEE floating point arithmetic with a theoretical dynamic
range of 1500dB. However by the use of our own ASICs
we arc able to use our own word length formats
cptimised specifically for digital audio. We have develo-
ped a chip sct allowing us to go even better than the
IEEE N2 form and are able to get within 0.1dB of the 64
bit reference system.

Conclusion

Clearly the expected solution to the performance pro-
blems with the original 16+4 designs is not solved just by
throwing more bits at it. The TPDF structure not cven
managing a 16bit theorctical level even though 32 bit
IEEE floating point arithmetic is used.

This short paper has shown the need to analyse carcfully
the choice of filter structure required for high perfor-
mance digital audio systems. The truth is that there is no
easy way to create professional digital audio equipment:
both hardware and softwarc solutions require great
ingenuity and painstaking analysis (both analytical and
human) if they are to truly succeed.
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PRACTICAL STATION EXPERIENCE WITH DIGITAL AUDIO STORAGE

Rick Fritsch
KBZQ-FM Radio
Lawton, Oklahoma

Audio storage and playback are undergoing
dramatic and rapid changes at today’s broadcast
station. This is one opinion that says the changes
are for the better and improvements are devel-
oping almost daily.

BACKGROUND

When planning a new broadcast facility, I
made it a point to plan to NOT having any cart
machines of any type in the facility. I had decided
to affiliate with a satellite service to provide
programming for the new station and in that de-
cision [ knew an “automation’ system was needed.
I had been familiar with the typical automation
system with lots of carts, carousels, go-carts and
reel to reels to store commercials and/or music.
This technology based in the sixties and seventies
was not the answer for a new station going into
the nineties. What was needed and discovered
was a system that provided instant access to
hundred’s of commercial cuts, and liners that
need to play on a satellite network.

Shopping

I searched the fall NAB convention in San
Franciscoin 1991 and the spring 1992 Oklahoma
Broadcasters Convention, read every advertise-
ment available to narrow the growing field to a
handful of competitive priced systems. Shopping
proved to be quite an undertaking as specifica-

tions and design philosophies varied greatly from
one vendor to another.

Performance Specs

The system had to be able to perform reliably
with up to three days walk away time, switch mul-
tiple sources, be easy to learn; since a number
of employees would need to be trained quickly
over the years; and have a low maintenance
schedule. The audio had to be excellent and some
features to be included in the system were items
such as silence sense, automatic replacement of
out-of-date spots with programmed fill material,
provide audiooverlap, be flexible enoughtoaccept
the format and requirements of today and
tomorrow’s needs without complete replacement.
The thought here was to provide a system, that
could switch from satellite provided music to
music provided from CD jukeboxes. The system
had to have enough storage space to store com-
mercials for even the busiest time of the year and
store over two thousand liners for the satellite,
without the need to delete information because
we were running out of room to store commer-
cials.

Configuration

The system I decided to purchase was from
Systemation, Decatur, Illinois. This system is
housed in a personal computer cabinet with a
small footprint, a CRT and keyboard; the only
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difference from a regular PC being the ports on
the rear of the cabinet to connect to the terminal
board for the audio input/outputs and the satellite
commands. The system came equipped with inputs
for the satellite network, an external news source,
and the hard drive audio source. The system was
quickly updated with another audio card to accept
another outside audio source to do unattended
remotes with our RPU system. This is the system
in use today. It stores over 400 minutes of audio
material, in mono, and has instant access to any
of the cuts in milliseconds. The system passes ste-
reo audio from the satellite and other external
sources, the only mono source is the audio from
the hard drive.

INSTALLATION
Connections

Connections to the system are made extremely
easy by use of pressure screw contacts on a board
that connects to the CPU with ribbon cables. This
made the connections easy and very fast using
tinned wires only. The Systemation approach is
to use high level unbalanced connections to the
system, but the instruction book accompanying
the system leads you through the connections and
lets you use balanced lines in conjunction to the
unbalanced lines of the Systemation system. The
commands from the satellite receiver are made
with a multi-conductor cable from the satellite
receiver to the circuit board near the connection
for the audio.

Testing/Set-up

I found the system easy to connect and the
testing that followed quickly led into actual use.
The basic testing consisted of recording and
playing back audio from the hard drive of the
computer and then confirming that the commands
from the satellite triggered the proper events to
play in the system. The system came pre-loaded
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with most of the configuration of the Jones Satellite
network we carry. Further programming made
some additional changes to the system to custom-
ize the system to our station application.

ACTUAL ON-AIR USE
Recording

Recording is an easy process with the Qwik-
Disk system. The programming makes use of pull
down menus to choose a function and execute,
much like a Macintosh operation system. We first
recorded the liners sent from the network, then
generic promos and what few commercials we
had in the beginning. The system easily handles
the recording of the material; the operator is
familiar with the recording systemin only minutes.
In repetitive recording functions, the computer
remembers the number of the last track you
recorded and lets you choose that track or another,
then lets you fill in the information for the track
and finally remembers the length of the last cut
so that in repetitive recording situations you do
not have to reset the time again and again. Re-
cordings made can be checked by playing back
information in an off air situation from the
“production” playback channel. You may even
edit your production as to end date, name or title
of the track and the length of the track. This is
extremely helpful when youdon’tknow the exact
length of the track torecord; you can set the length
for longer than you need and then later edit the
time for the exact length of the track.

Other features are too numerous to mention,
but let you customize a rather generic system
to you particular application. The system must
be DESIGNED as to the number of inputs you
wish to have for your system from the factory,
or you may specify a full complement of the input
sources for present and future use. The rest of
the customization comes from software changes,
not from additional hardware.



Loading of Program Log

Our program logs are generated on the CBSI
Traffic and Business system and manually loaded
into the Program Automation. Most hours of the
day are the same as far as the program log of com-
mercials and do not change with regularity.
Commercials and other short elements are loaded
into the program automation in less than twenty
minutes.

Sports represented a unique problem to play
music bumpers after each commercial break going
back to the play-by-play action. This too was
addressed by the system and handed fairly well.
Due to the limitations of the design, the source
dedicated to the music bumper could not be
accessed if the system were to be putinto a paused
situation; as it often occurred when airing play-
by-play sports. We were able to work around the
problem most of the time.

The program log is manually loaded into the
program automation, but the software could be
purchased from CBSI to have the system down-
load the commercial log to the Systemation via
floppy disc. We have chosen to retain manual
entry, as we have to write on a few commercials
from the Unistar Ultimate network to fulfill our
obligation to the news network, when not airing
the news on a real time basis. We “customize”
the log in a few instances to move commercials
to better fill the breaks provided by the music
network. We also have to fill breaks that are short
from the pre-printed program log that do not
completely fill the satellite audio’s window for
a spot break.

Maintenance of Hard Drive

While the complete automation system is a far
cry from the large wall of racks that I worked
with even just a short five years ago, the system
DOES need some maintenance. The maintenance
is more software related than hardware related.

The provision must be made for when the hard
disk crashes and destroys itself. Note I said when,
not if, because it is only a matter of time when
the disk will wear out and need replacement.
When replacement becomes necessary, the fast-
est way to replace the data on the disk is from
a reliable floppy or tape backup. To backup the
435 megabyte disk to floppies would require 232
floppies and over four hours to backup the hard
drive. This is more quickly accomplished by
doing a backup with tape drive, each tape holding
60 megabytes of information. The process still
takes over two hours, but protects you for the time
when you will need that backup to replace the
hard drive when it crashes. This full backup is
accomplished once per week on Sunday night
after 10 pm, when there are no commercials
scheduled. The system will not at present do a
full tape backup and perform the routine duties
of playing audio from the hard drive. The
simultaneous job of backing up and functioning
toplayback and record is stillin the future, although
the near future. The other job that needs to be
accomplished is to unfragment files written to the
disk over a period of one or two weeks to speed
the operationg efficiency of the hard drive. This
process utilizes one of the speciality programs
suchas PC Tools or Norton Utilities. Both perform
the task of grouping the files together for more
rapid access of the hard disk head to read infor-
mation for audio playback. This unfragmenting
of the hard drive takes only about twenty (20)
minutes and is also performed on Sunday nights.

SERVICE

The service provided from the vendor has been
great, with a phone call, they would call back on
their outgoing WATTS line and stay on the line
until any problem was corrected. Any seller of
equipment without a full time service department
available 24 hours a day can’t hope to compete
in the marketplace. When a problem occurs, it
is often necessary to call at odd hours or on
weekends to discuss problems and get solutions.
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COMMENT

The system has performed well over the past
year with a few notable exceptions. The system
had a habit of hanging up and not moving to the
next event in the middle of playing back hard
drive audio. This problem was quickly fixed with
a software update provided by the company. The
other problem s that very occasionally the system
the system will “hang” on the hard drive like a
compact disc that hangs on one particular spot
on the disk. This problem has only occurred two
or three times, and at present is not regular in its
occurrence. This system does not rotate commer-
cials for clients that have multiple cuts to air
within one schedule. That process must be a
function of traffic. While the conceptis somewhat
unfamiliar to previous operations I’ve been as-
sociated with, it does allow a better control of
which particular cut aired at what time, as the
traffic computer keeps a better record than can
be had by simply saying all the cuts rotated
equally on the schedule. Other manufacturers
offer this feature, I believe Systemation’s ap-
proach is one that is well thought out and will
in the end provide the best information if ques-
tions are raised about a multiple cut scheduled
are raised. This system also has a limitation in
that only two “‘channels” are available to play or
play/record information to the hard drive. If you
are doing production, recording a commercial or
listening back to a commercial or listening back
to a commercial just produced, that leaves only
one channel with which audio can be sent over
the air from the hard drive. At that point, you lose
the ability to do overlaps of commercials during
playback. We get around this by dubbing com-
mercials into the system before and after the spot
breaks play. After getting used to this limitation,
we find some restrictions in doing the production,
but one that can be managed. Other systems I
shopped did not have this limitation, but the
difference was in price. Others offered file servers
or mirror systems in production and on-air, but
prices were half again as much to double the price
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paid for this system. The overall operation of the
system would rate 97 percent in operation since
we signed on with the system. Audio is always
very good and when the operator dubs the material
into the system properly, the on-air sound is great.
There is another Systemation system in the market
operating, and the air sound from the system also
is very good and is very reliable. I would rec-
ommend that when choosing a system, have firmly
in mind the tasks you wish to accomplish and
design a system specifically to do those tasks and
have the ability to change with your changing
situation in the future.

This will make the investment last many years
beyond the norm to provide excellent return on
investment.

I believe that in the near future mostall stations
will be replacing the familiar cart machines with
a system similar to the system now in use at
KBZQ. This will allow the better control of com-
mercials and music aired, and even allow stations
in major markets to “automate” certain parts of
the day or week to increase efficiency



KEY CONSIDERATIONS WHEN CHOOSING A HARD DISK BASED

DIGITAL AUDIO STORAGE SYSTEM

Gregory J. Uzelac and Dave Buck
Broadcast Electronics, Inc.
Quincy, WHinois

ABSTRACT

Today's Digital Audio Storage Systems are, at
a minimum, replacements of yesterday's
analog cartridge machines. But they can be a
lot more than that as traditional cart
machines have never before effected overall
station operations as these systems can. The
Digital Audio Storage System provides
stations great latitude in making the best
choice for their operations, ranging from a
simple cart machine function to a multiple
station, totally integrated system. The
process of selecting the best system is
complicated because it may be prudent to
change existing station operations. Before
deciding which type of product to purchase, it
is necessary to plan with an eye to the future
for overall operational changes and to plan for
the Digital Audio Storage System's arrival.
This paper is intended to assist station
personnel  in identifying  the  key
considerations for the successful integration
of a digital audio storage system in their
station.

WHY CONSIDER A DIGITAL AUDIO
STORAGE SYSTEM?

Productivity / Operational
Enhancement:

The Digital Audio Storage System should
provide the means to improve the flow of
work processes within the station without
adversely affecting the station's on-air
product. Operation of multiple station
facilities could be done with fewer staff, yet
provide an "On Air" sound that is tight and
reduces human error. The recording of audio
material can be done in a central studio with
distribution of the digital audio to the
appropriate "On Air" studios. The Digital
Audio Storage System should also provide for
the simultaneous operation of multiple,

independent "On Air" and production studios
without creating conflicts during the audio
retrieval process.

The Digital Audio Storage System will
improve the sound and management of a
station’s audio inventory by reducing the
requirement for lossy analog audio
reproduction. The audio quality of digitally
reproduced material sounds as good from the
100th generation of playback as it did during
the first since there is no analog tape to
deteriorate the sound. The recording of audio
material is simple and will no longer require a
cart inventory nor traditional ‘cart"
operations such as bulk erasing and splice
finding.

Operational Expense Reduction:

The Digital Audio Storage System will
improve the efficiency and increase the
output of the operation's staff mainly by
reducing the number redundant tasks they
have to perform. This improvement in staff
output will present new opportunities to
assign the personnel to take on "revenue
generating” tasks and increase the operation's
financial success. The Digital Audio Storage
System will also reduce material and
maintenance operational expenses such as
carts and associated cart machine parts.
Depending upon the operation, the Return on
Investment for a Digital Audio Storage
System could be less than two years.

PHASED PLANNING

System Requirements:

Careful consideration of the intangible
aspects of an operation must be taken into
account. These aspects include defining the
operation's current needs as well as future
growth. Other aspects include the purchase,
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installation, training, and system support
requirements. This multiple step system
planning will encompass the entire process
and lay the groundwork for the successful
implementation of the Digital Audio Storage
System.

Design Planning:

Analyze the operation's current and future
growth plans. How many positions require
simultaneous operation? Is the station looking
for simple commercial storage, satellite
automation, or live assist automation? What
kind of upgrade path will the station's
operational environment require? What is
the requirement for each individual station
when looking at multiple station operations?
What other special requirements will your
operation need to have fulfilled? Write this
information down on paper and use it as a
map to form the cornerstone of your system
design.

Product Information Collection:

Begin collecting information about applicable
products. This can be accomplished through
attendance at trade shows (such as NAB),
gathering product literature, visiting current
user stations, and visiting the Digital Audio
Storage System manufacturers. This process
will enable the planner to virtually see and
touch every applicable Digital Audio Storage
System possible in advance of making a
purchasing decision.

Staff Implementation Planning:

A Digital Audio Storage System will
drastically change the way an operation
creates their On Air product. Careful
planning must be done on how the Digital
Audio Storage System will impact the
operations as a whole and how to prepare the
station personnel for these changes. The staff
will have to learn a new system and computer
operations. In addition, the staff will no
longer have the traditional security of a cart
in hand, arrange carts sequentially for On Air
playback, or have to put them away. All of
these processes, which were once part of the
"creative routine”, now become a "matter of
trust”. The staff must be confident that the
Digital Audio Storage System will have the
audio correctly arranged for playback and
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play it when requested. In a high pressure
environment, where emotional creativity is
the norm, wuncorrected playback errors,
whether human or product induced, could
escalate into much larger problems like staff
frustration or rejection of this new
technology.

The station staff can also resent a product
which could possibly reduce or eliminate their
importance at the station. Be sure to be open
with the staff on the features and benefits of
the Digital Audio Storage System, and why
you are adding this capability to your
operation.  Explain their role with your
operation and how they can positively impact
the successful implementation of the product.
If the fear or suspicion of the system is too
strong, excessive complaining or even
sabotage of the system's operation could
occur. Motivate your staff positively - it is
human nature to fear what we do not
understand.

Plan to Manage Change:

Don't change too many aspects of the station's
operations at once. Trying to switch to a
Digital Audio Storage System and/or program
automation at the same time you're changing
a format or traffic & billing system could be
"information overload” for the staff. This type
of overload will cause stress and further
reduce the ability to carefully think out
problems and implement corrective action.
Use a step by step process with personnel
assigned to do particular tasks. Plans which
establish  responsibility and anticipate
mistakes will smoothly integrate change into
your station's operations.

Plan for a Station "GURU™:

It is absolutely necessary to identify and train
a station GURU who will be the champion of
the installation, training, and phase over to
the new Digital Audio Storage System. You
can usually find one person in the station who
really wants the product, has the desire to
learn computers, and will be a responsible
"lead person” for making the purchase a
financial success. Be sure to allow training
time for this GURU, whether it is making
time for the employee to attend product
training or have the time to learn off-line how



the system operates. In an emergency, one
cool thinker who has a comfortable knowledge
of the system will be able to do whatever is
required promptly and efficiently.

Plan for "Parallel Operation'

Completely  dismantling the existing
operational system before the initial problems
and modifications of the Digital Audio Storage
System have been worked through carries
high risk. Plus, the possible errors resulting
from this "forced through” approach can cause
high amounts of staff frustration from the
pressure of learning a new system while
trying to correct its operational errors. The
best approach would be to have the system
operate off line in parallel with the On Air
product. Run the system for a week or two,
train the staff, uncover the problem areas,
and then issue corrective action. You will
find that Parallel Operation will minimize the
risk the station undertakes when installing a
Digital Audio Storage System.

Once the system is on line, maintain the
capability to switch back to the old system (or
portions thereof) for a couple of weeks. This
switch back capability will provide some level
of comfort to personnel, and is an effective
back-up if the Digital Audio Storage System
experiences “infant mortality". After the
initial startup period, it is wise to have a
back-up plan prepared on what to do during
the various types of "emergencies” which can
occur. These emergencies could occur as a
result of Digital Audio Storage System
hardware, software, or hard drive failures...
plan with the knowledge that the worst
disasters are those which are unprepared for.

DETERMINING STATION
REQUIREMENTS

There are several key parameters to be aware
of when selecting the proper system. These
parameters are separate from the system
requirements and actually address how the
audio is stored and distributed. You should
determine what effect, if any, these have on
your "concept” system.

e Is it multi-user? How many users can I
have on the system at the same time?

e Is it multi-tasking? Will 1 be able to
distribute other pertinent information on
the system while using it for playback or
recording (i.e. Electronic Mail, ASCII text
information, Call Logging, etc.). If I can
use multi-tasking, can I import standard
text files or must I re-type all this
information into the system by hand?

e How much storage time will be added to
the system? What is the maximum?

e What types of sampling rates are
available?

e Is the audio uncompressed? If not, what
types of compression are used? Will I be
using other types of compression in the
audio path?

e What types of outputs are available? What
is the data transfer bandwidth over a
network (ie. Novell or Lantastic)? Identify
examples of transfer times for :15, :30,
1:00, 3:00 and 10:00 minute programs on a
busy network. If a network is used, does it
use a data compression scheme?

e What types of remote control functions are
available for frequently used commands
such as PLAY, STOP, PAUSE, or
RECORD? Can other commands be
accessed by external switches?

e Can I use the system without a keyboard?
How is this accomplished?

¢ Will I need satellite, CD, R-DAT (or any
combination thereof) types of automation?
Is it available and how is it done? What
models of playback devices are compatible
with the system?

e What types of external machine control
are available? (ie. random access, simple
start / stop)

e Is hard drive mirroring available? How is
it done? What happens if a drive fails?

e What types of personal computers are
used? Can I supply my own? What
happens if a computer fails?

e What else can go wrong? What
mechanism is built in to identify and
correct mistakes?

e How will I be able to integrate traffic and
billing files into the system? What about
music logs? News Wires? Local Area
Networks?
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These parameters are a few of the basic
questions which should be answered with the
consideration of a system. This type of
preliminary analysis could mean the
difference between getting out all that is
required of a system or being "stuck” with a
system which only meets selected current
requirements.

It is beneficial to describe, on paper, your
system requirements in a point by point
fashion. This document will serve as the
description for your entire system and can be
sent to your selected Digital Audio Storage
System manufacturer for a response. In this
manner, your requirements for the system
are clear among your staff and the
manufacturer. The manufacturer should also
be able to provide some type of point by point
response clearly identifying their
understanding of your requirements and how
their system will comply / not comply with
your requirements.

SELECTING A SYSTEM

Once you have identified your station
requirements, evaluated the various products
in the market, and weighed all the
parameters together, you are now ready to
finalize your decision. A few remaining
questions need to be answered as a result of
the following statement:

SOFTWARE IS NEVER FINISHED

With traditional mechanical audio gear,
usually what you purchased is what you were
using for that product's lifetime. But now
that most of the Digital Audio Storage
Systems are software based, what you use
and how you perform certain functions can
change considerably -- even over one year's
time. Software is a constantly evolving
product, and your investment in a Digital
Audio Storage System will be enhanced by a
manufacturer's superior software support.
Also keep in mind that the specific hardware
used by the software of a Digital Audio
Storage System is not compatible with other
systems. For example, you can not use Brand
A's software with Brand B's hardware.
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Changing over to a different system at a later
date can cost the station both time and
money. This initial choice of which system to
use is an important decision regarding your
future operations. Keep in mind that when
you are choosing a system from a certain
manufacturer, you are in effect signing a
business partnership which places
responsibility for your system's growth in the
manufacturer's hands. You can evaluate the
following criteria to help select which system
you purchase:

¢ How long has this manufacturer been in
business? What is its main line of
business? Has it been successful?

e Does the company have a strong base for
product and software support?

e What type of longevity is estimated for
the product, its technology, and the
company?

e What is the company's track record with
previous products?

e How do current users of the system like
the product? How do they rate the service
and support?

Although the above criteria will not
guarantee the success or failure of the system
purchase, it will provide useful background
information which could indicate future
problem areas.

SUMMARY

Your objective answers and follow through to
this paper's questions and informational
guidelines will put you a couple of steps
ahead towards successfully integrating a
Digital Audio Storage System in your
station’s operations.



SPECIFYING DIGITAL AUDIO WORKSTATIONS FOR BROADCAST

Bruce Bartlett
Crown International
Elkhart, Indiana

When you specify a DAW for broadcast
applications, you'll have a lot of systems to
choose from. This paper will help you choose the
right system for your application.

Station-automation system or DAW?

A station-automation system automates the
playback of program material, while a DAW is
used mainly for editing and playback of a series of
spots. A DAW can replace cart machines.

A station-automation system controls playback
from several devices (including CDs). A DAW
controls playback only from a hard disk.

A station-automation system has a radio-station
user interface, while a DAW has an audio user
interface.

There is some overlap in functions between the
two systems. For example, some automation
software offers editing. Most digital editors
include a playlist for automatic or cued playback.

Computer-based workstation or dedicated
workstation?

A computer-based workstation is a DSP card and
software that install in your computer. A
dedicated workstation is a control panel with a
built-in computer, such as AKG DSE7000, Lexicon
Opus, and Korg Soundlink.

The computer-based workstation costs much less
than the dedicated workstation. However, a
dedicated workstation is easier to operate. That's
because it has real controls, and because you
don't need to understand computers to use it.

Computer platform: IBM, Macintosh, or Amiga?

DAW systems are available for all three types, but
IBM clones cost less and are the most popular.
IBM software is available in Windows and DOS
versions. Windows software is easier to use for
some people, but requires extra memory (on hard

disk and in RAM) and a faster computer than DOS
software does.

A/D, D/A converters included or not included?

A DAW with its own internal A/D converter is
ready to record analog sources. In most current
models, the converter quality is very good. If a
DAW has no converter, you use the one in your
DAT recorder, or use a high-quality external
converter.

Most DAWSs without converters cost less. Some
DAWSs with a built-in A/D converter require you
spend extra for a card that adds digital inputs.

Definitions

Before recommending systems for specific
applications, here are a few definitions.

Tracks vs. channels -- A track is recording of a
single type of program, such as a narration track,
a sound-effects track, or a music bed. A channel
is an output.

Avirtual track is a storage area on disk that
simulates a tape track. Some DAWSs can record
several virtual tracks, which can be assigned to
two or more output channels. You might assign
one track per channel, or several tracks per
channel.

A real track is a track that has its own dedicated
output channel -- one track per channel. A real-
track system and an external mixer let you do
mixes instantly and change the mix in real time.
So does a DAW with multiple output channels.

Many DAW companies call channels “tracks,”
which adds to the confusion.

2-track DAW vs. multitrack DAW -- A 2-track DAW
is used mainly to edit an already-mixed master
tape. A multitrack DAW is used to create mixes for
spots, etc. The 2-track DAW costs less.
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In order to do a mix with a 2-track DAW, you must
build up the mix one sound at a time, recording
new sounds on top of previous mixes. This is
slow and cumbersome compared to mixing with a
multitrack DAW.

2-channel DAW vs. multi-channel DAW --

A 2-channel DAW has two outputs (left and right).
A multi-channel DAW has four or more outputs.
With a 2-channel DAW, mixes are done inside the
computer. The computer takes time to calculate
the mix. With a multi-channel DAW, you can mix
the output channels instantly through an external
mixer. Two-channel costs less.

Suppose you specify a 2-channel workstation that
has 38 virtual tracks. That means you can assign
any combination of the 38 virtual tracks to the 2
output channels. The computer will take some
time to calculate the 38-t0-2 mix. You won't hear
the mix until this is done. If the mix needs
changes, you can change the level of any
element of the mix, and do another mix
calculation.

Suppose you specify an 8-channel workstation. In
this case, you might assign a different virtual track
to each channel. Once this is done, you can mix
the 8 tracks instantly with an external mixer. Or
you can mix them internally in the computer, after
waiting for the mix calculation.

Tape recorder vs. disk recorder -- A recorder is
not really a workstation, but a recorder may be a
viable alternative. A multitrack digital tape
recorder records on tape; a multitrack hard-disk
recorder records on disk. Tape costs less. With
tape, you cannot easily edit or time-shift indvidual
tracks. With disk, you can. Disk has random
access.

The Alesis ADAT records on S-VHS cassettes: the
Tascam DA-88 records on 8mm cassettes. The
Anatek RADAR records on internal hard disks.
The RADAR is a standalone, multitrack hard-disk
recorder. Computer-based DAWSs also record on
hard disk.

Choosing the right system for your application

*If you just want to edit an already-mixed master
tape, get a 2-track DAW. Examples: Turtle Beach
56K, Digital Audio Labs Card-D, Software Audio
Workshop by Innovative Quality Software for the
Card-D DSP card.

*1f you want to create mixes, but your budget is
under $2000, get a 2-track DAW. Mixes will be
slow and cumbersome to do (like sound-on-
sound), but you'll save hardware costs. Examples
are listed above.

*If you want to create mixes more easily and can
spend more than $2000, get a multitrack DAW.
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This can have 2 channels or more. Any DAW that
is not a 2-track DAW is a multitrack DAW.

*If you want to do instant mixes with an external
mixer, get a system with 4 or more output
channels. Four channels might be adequate for
mono mixes. Eight channels is adequate for
stereo mixes, which might include a stereo music
bed, stereo effects, and two announcers.

*If you want to do instant mixes, and your budget
is under $4500, and you don't need to edit or
time-shift individual tracks, get a multitrack digital
tape recorder -- Alesis ADAT, Tascam DA-88.

*If you want to do instant mixes, and you need to
edit or time-shift tracks, get a multi-channel disk-
based system. This system can be one you
install in your computer, or it can be standalone,
such as the Anatek RADAR.

*If you want to do mixes, and you need to edit or
time-shift tracks, and your budget is under $4500,
get a multitrack, 2-channel DAW. In this system,

the computer calculates the mix internally, rather
than you doing a mix with an external mixer.

With most multitrack DAWSs, you can assign only
one virtual track to each output. To add more
tracks, you must bounce tracks first. In contrast,
some multitrack DAWSs let you mix several virtual
tracks to each output, which is faster. Examples
are MicroSound and Studer Dyaxis.

Some desirable features to look for in a DAW

*Fast soundtrack redraw. Look for software that
writes a soundtrack graphics file to disk when you
make a recording. In this case, when you change
the view of the soundtrack, it redraws quickly. In
slower systems, whenever you change the view
of the soundtrack, the computer must recalculate
the soundtrack from audio data on disk.

*Time compression/expansion. This adjusts the
length of a program to fill a certain time slot.

*Time shifting of tracks. This allows precise
timing of audio events in a mix.

*Level and EQ adjustments. These allow you to
match the volume and tone quality of various
audio segments, duck music under voice, and so
on.

*Fast, non-destructive deletes. Destructive
deletes re-write data on the disk, so they take a
long time to calculate. Non-destructive deletes
change pointers to data on the disk, so they are
almost instant.

*Automated mixing. The computer remembers
your mix moves, such as level adjustments for



each track. Probably this is necessary only for 8
tracks and up.

*XLR audio connectors. They cost more than
RCA connectors, but interface directly with pro
broadcast equipment.

*Sync to SMPTE and MIDI. This is necessary only
if you incorporate video or MIDI equipment in your
productions.

*AES/EBU and IEC-958 digital I/O ports. AES is
the pro format; IEC is consumer. Not all
manufacturers follow the standards, so ask
whether the DAW is compatible with your DAT.

*High quality A/D, D/A converters. The current
standard for A/D is dual 1-bit delta-sigma
converters, 16 bits out, with 64X oversampling.
The standard for D/A is dual 18-bit converters with
8X oversampling.
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SORTING OUT DIGITAL AUDIO SYSTEMS
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SUGGESTIONS FOR CHOOSING AND USING DIGITAL AUDIO
WORKSTATIONS

Ty Ford
T/S/IF

Baltimore, Maryland

A couple of years ago the DAWsbecamelarge
enoughinnumber, and interesting enough to
belooked at. Due tothe soft economy, the way
most facilities’ capital budgets work, and the
knowledge that new technology always gets
cheaper and better, many facilities wisely
waited to buy.

Many are now positioned to buy. The money
is in the budget and there’s a lot of money at
stake here. Unfortunately, the number of
systems on the market calling themselves
digital audio workstations has doubled from
24 to nearly 50 in the last 18 months. Sifting
the facts from the fiction has become in-
creasingly difficult. Hopefully, the informa-
tionin this paper will help you make the best
buy for your facility.

Idon’t know how it isin your town, butin the
Baltimore/Washington area some post-pro-
duction facilities are now being driven into
digital audio to save their client base. Often
their clients don’t know exactly what digital
is all about, but the word digital has become
important to them. I've seen work being done
that took more time and money to be done in
the digital domain than it would haveifit had
been donein analog, but the client came away
positive that the end-product was better be-
cause it was digital.

I've also worked on projects that were made
incredibly easy as well as better sounding
with the use of a DAW. What I'm beginning
to see now is analog-based houses losing
accounts. The moneyis going tofacilities with
anything from a few DAT machines and a
Macintosh running Didgidesign’s Pro-Tools

to any one of the larger more expensive sys-
tems. The phones in the analog houses just
don't ring as often any more..

DAWs In Radio, Television, Post-Pro-
duction and Commercial Audio Facili-
ties

From what I've seen so far, radio, TV and
commercial facilities all have slightly differ-
ent agendas.

A radio station’s biggest problem is getting
its’ money’s worth out of a workstation. Like
it or not, a radio station can only take ad-
vantage of the technology if it has the people
who know how to use it. At radio stations
most of the production work is done by the
airstaff and the production director. Things
may be different at your station, but at most
stations you can’t get the airstaff anywhere
near a multi-track tape machine, muchless a
digital audio workstation. That leaves the
production director, the morning show pro-
ducer (if you have one) and the chiefengineer.

No manager I know wants to explain a $30K
workstation that’sjustbecome acombinaticn
paper weight and room heater because the
production director just got hired away and
the contract engineer won't be in til next
month. In case 'mbeing too vague here, what
I'm saying is operating with a contract engi-
neer and minimum-wage staff people is
courting disaster.

Fromamanagementperspective, here’s what
you need to know. You need at least two
people who know the system very well, usu-
ally the CE and the production director. It’s
important to recognize the ramifications of
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placing this responsibility. I've seen situa-
tions where the CE has purposely held back
information from other engineers and pro-
duction and programming people as a power
move. If you are a general manager you need
to make the call as to whether or not the
people you put in charge of this sort of device
can handle distribution of its knowledge
without political encumbrances. That means
considering what you already know about
them, talking to them about how they envi-
sion this kind of system being used at your
facility, and talking to the people below them
in the chain to see if there’s a problem with
the CE or production director that’s not mak-
ing its way back up the chain.

For commercial audio, TV and video post-
production facilities the problems are a little
different. You can expect all of the engineers
in a commercial audio facility to be up to
speed on most of these systemsin afew weeks
because that’s what these people do all day.
Likewise, dedicated audio peopleina TV or
post-productionfacility, should be up tospeed
as quickly. But being up to speed with the
system and knowing where the pot holes are
are two different things. A post production
facility in DC found out by accident that their
system only stored 200 edit cues when they
entered number 201. The version of the story
I heard was that entering 201 blew out all of
the first 200, and that they had to be re-
entered.

If your video post-production facility really
doesn’t do much audio, you may run into the
same problems that radio stations have of not
having enough people who are really familiar
with the system. Don’t expect someone whois
a whiz on a video edit controller to be able to
transfer their skills to the audio workstation.
Some of them will. But being intimate and
seamless with a system requires that you
work on an ongoing basis with the system.

CONSIDERATIONS FOR ACQUIRING
A DAW
Practical Problems:

Learning curve ofany computersystemadded
to the learning curve of the software and
hardware itself. (e.g. Dyaxis and Pacific Re-
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corders requires Macintosh knowledge).
Roland’s DM-80, AMS Audio File, and the
AKG DSE-7000 don’t require fancy file
maintenance. If you're expectations are that
the system should be used by as much of the
staffas possible,and SMPTE capabilityisnot
anissue, I suggest you look at the DSE-7000.
It is arguably the simplest eight-track
workstation on the market at the moment.
The minute you have more than one person
working on the system, the possibility of
problems increases. Unlike a production
console which has switches and lights to
show you its configuration, most worksta-
tions have theirs out of sight on an electronic
page somewhere. Changing a sample rate for
your project may not be noticed on the next
job until it causes problems.

Multiple users also need to be aware of each
other’s files and productions. A simple
housekeeping system must be set up so that
you don’t accidentally trash someone else’s
files. In addition, someone must be empow-
ered tomaintain that system. This takes time
and knowledge.

I'd like to see more manufacturers develop a
two-tier user interface which allows ease of
use for theentry-level user, plus expert levels
formore complicated work. Both the hardware
interface and the software have to be designed
for easy operation by entry level staff people.
This system should give you everything you
need to do the job now being done by a mic,
cart machines, CD players and tape record-
ers, as simply as possible. Entry level users
would need a password to open files that
would allow them more powerful (and dan-
gerous) functions.

A well thought out HELP FILE programmed
to respond whenever the wrong buttons are
pushed is a must. The file should be capable
oftelling you what youdid wrongand advising
you as to what your choices are. Some sort of
protection should be created to keep entry
level people from getting in too deep or acci-
dentally damaging the system.

I/0 flexibility: Check the number of analog
and digital I/Os. Do you need to record more
than two channels at a time? If so, how many?



Are all of the analog and digital outputs hot
all the time or are they switchable?

Storage: Watch out for problems with ther-
mal recalibration on large third-party HDs.
Removable M/O hard drives would seem to be
the answer for the moment although, for the
moment, they're slower than regular hard
drives. How many extra hard drives can you
add? Can one or more of them be designated
as a library in which to keep regularly used
elements? How big can it be? If a system is
advertised to contain 720 track minutes, can
you record all of that on one track, or will you
have to switch tracks because of system limi-
tations? First ask yourself how long you re-
ally need to be in continuous record.

-Archiving and Backing Up: How much
do you really need? Find the point at which
caution and flexibility become anally reten-
tive and back up one square. Remember to
ask how long it takes to backup and restore
the system. Be prepared to eat that time as
down time.

-Placement in studio: The main operating
controls should be facing the sweet spot of the
monitors. This will require reconfigurationin
some studios. If center placement of the
controls is impractical, I strongly suggest
installing a second set of audio monitors
aimed at the workstation control area. Ex-
periments with “making do” by not centering
the workstation controls resulted in com-
promised hearing and neck aches. Also be
aware that the RF emitted from CRTs used
by workstations for display can get into mic
circuits. Dynamic mics are more susceptible
than most condensers mic I've tried. Posi-
tioning the workstation in the same room
with open mics is not a good idea, since noise
from the system’s hard drive and fan create
too much noise. Like people, computers like
to be keptin a cool, dry dust free place. Make
sure you know what extension cables, if any,
may be used to distance the CPU from the
controls.

-Protection: Consider an uninterruptable
power source, a high-grade R.F. hum and
spike protection and anti-static grounding.

-Commitment to service: Can the com-
pany swap boards over night? 24 Hour ser-
vice? What do you do about your 3PM, 4PM
and 5PM sessions when your system crashes
at 2PM?

WHEN ATTENDING A DEMO:

-Don’t Assume Anything: For example,
the Korg SoundLink appeared at the AES
showin NY a few years ago. It appeared to be
avery robust, well-priced workstation until it
was found that it wouldn’t handle sections of
audio any smaller than a second. The prob-
lem has since been corrected.

Know that many workstations aren’t instant
start because they don’t have the RAM buffer
to push the audio out of the machine before
the read head gets to the disk.

-Take comments you hear about a
competitor’s system with a grain of salt:
Most people don’t really have time to stay up
with the other forty-seven systems out there.
Evenifsomeone claims to knowbecause he or
she used to work there or because they saw
theotherdemothemselves, BE WARY. There
is no substitute for finding out yourself.

-Become familiar with the term “work
around”: In an effort to remain competitive,
manufacturers often list identical features.
Closer inspection may reveal that in order to
do the same job, one system might take a lot
morebutton pushing oralotlongertoprocess.

-Edits: How many edits can be played si-
multaneously during multi-track playback?
This is usually a function of the number of
read heads and the size of the RAM buffer. If
you've got eight tracks of audio, and happen
to have an edit on every track at the same
time, you're dealing with sixteen tracks be-
cause of the cross-fades. This kind of problem
never shows up in demo sessions.
-Simultaneous Record: How many chan-
nels can the system record simultaneously.
Can simultaneous recording take place
through both analog and digital ports?

-SMPTE Lock: Most of these systems will
chase and lock to SMPTE precisely enough

NAB 1993 Broadcast Engineering Conference Proceedings — 45



for mix to pix work, but if you're planning to
lock the work station to another system to
increase the number of tracks for an audio
project be careful. We found with the the
Roland DM-80 that we couldn’t get a good
SMPTE lock between a Studer 24 track and
the DM-80. Roland was supposed to have a
new box to correct the problem by now.

-Speed of System: Measure load in, edit,
processing and archiving time. Usually the
less expensive systems take longer time.

-Solutions for problems that don’t exist:
This happens a lot with computer-assisted
workstations. The design engineers apply
some function of the computer and try to sell
it as a benefit or feature. Much of it is ear or
eye candy. (e.g. wave form editing). It’sniceto
see waveforms, but ifit takes time away from
getting the job done, it’s not a benefit. Rather
than giving great graphics, because the com-
puter screen can show them in really neat
colors, the designers should be working on
editing software that is so glitchless that you
don’t have to go down to the sample level to
make the edit work.

-Automation: While it’s essential for long
form productions where you'd havetogoback
and remix 10 minutes if you blew one move,
but it’s eye candy for spot work. If you've got
somuch goingonina 30 or 60 second spot that
you can’t control eight tracks in real time,
your creative department is out of control.

-EQ and reverb/delay effects: I see two
schools of thought. The record “dry” and then
sweeten on mix crowd (who normally come
from the musicrecording partofthe spectrum),
and the “build-it-as-you do-it” crowd who
come from radio stations and project studios.
The music recording peopledoit the way they
do because when you've got 16, 24, 32 or 48
tracks of audio, it’s literally impossible to tell
how much sweetening is needed to make the
mix work. However when you’re doing four or
eight track work for spots, promos and long-
form productions, you canmake most of those
decisions by listening as youlay in the tracks.

Listen carefully to the onboard digital EQ,
reverb and delay of any system. The prevail-
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ing wisdom is that 16 bit digital audio, while
acceptable for /O interfaces, does not offer
the definition needed for effects processing.
Using lower than 20, 24 or higher bit streams
amyresultinunacceptably grainey or metallic
sounding artifacts.

-Best Advice: Get them to do the demo at
your place. Nothing takes the place of seeing
how a system works in your own studio. Let
them do their demo, then do yours, with them
at the controls. Have as many users on hand
as possible to take notes and ask questions.
Once the company does their demo, have
them do yours. In fact do several. One of a
simpler nature for those operators who will
be doing basic work, then one that’s as com-
plex as it gets to make sure the system cando
the job more elegantly and in less time that
your current setup.

Having covered these dim areas of caution, I
can tell you that working with a digital audio
workstation will change the way you work.
After you consume the specifics of whatever
system you choose, you'll begin to create an
evolutionary path that is the result of your
own experience with the system. The longer
and more intimately your efforts, the more
you'll be able to do. When that happens, you
will begin to loathe working with tape
transports and linear formats.

Although thelack ofnoise digital audio affords
us is great to listen to, it is the power of non-
destructive editing that makes it worth the
effort to learn a system. The power of know-
ing that you can try any edit and undo it is
aphrodisical.

A task like performing a 1/60 of a second edit
to remove a tongue-click from the middle of a
word is very satisfying. Sois knowing that, by
pulling the 1/30 to 3/30 of a second centers out
of breaths in a read, your voice-track is per-
fectly timed for the donut.

If you've been frustrated by a lack of timing
precision with linear formats, you'll really
enjoy being able to place audio exactly where
you want it. The impact of your production is
increased because of the preciseness with
which you can place each element.



Whileit’s true that a good portion of the “time
saving” that workstation makers speak about
is eaten up in experimental editing, there are
many features that do save time.

Locating to to the head, tail or other marked
points is done in less than a second on most
systems. The sameis true for cutting, copying
and pasting sections of audio. Once you get
the audio loaded in, doing multiple versions
of a production can be done very quickly.

Once you get into it, you'll never want to go
back to tape. For the radio station people, If
you liked the move from vinyl to CDs, you'll
love a well-designed random access digital
editor. After working with the AKG DSE-
7000 for over two years, I can tell you , the
pain is definitely worth the gain.
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IMPLEMENTATION OF GHOST CANCELERS IN HOME
TELEVISION RECEIVERS
D. Koo, A. Miron, C. Greenberg, S. Herman, and C. Tung,
Philips Laboratories North American Philips Corporation
Briarcliff Manor, New York

Abstract: The year 1992 witnessed a major milestone
towards the realization of ghost cancelation for NTSC
television. This was the adoption by the Advanced
Television Systems Committee (ATSC) of the voluntary
ghost cancelation reference (GCR) signal and the
corresponding allocation by the FCC of the required
vertical blanking interval (VBI) resources. That is
expected to induce broadcasters to transmit the GCR
giving receiver manufacturers the incentive to build
ghost cancelation abilities into their receivers. This paper
gives an overview of the current status of this task, with
an emphasis on the design of the in-receiver ghost
canceler.

WHAT A
CANCELED?

TV ghosts are myltiple images caused by multipath
echoes. Television Signals travel along straight lines. The
receiving antenna may have a short direct path between
it and the transmitter antenna. The same signal can reach
the receiver antenna over a different, longer echo path,
due to reflections off nearby buildings and other objects.
Under such conditions, the receiver will show two
images, a strong main image and a weaker shifted echo
or "ghost". Such ghosts may seriously degrade the
received image quality.

Ghosts are canceled in the receiver with a two-step
process:

1. Characterize the ghosting channel

2. Cancel the ghosts using adaptive filters.

To facilitate the channel characterization step, the
broadcasting station transmits a "Ghost Cancelation
Reference” (GCR) signal. The receiver compares the
received, ghosted version of the GCR signal with a clear,
stored replica of the same signal. Such comparisons are
computed by a digital signal processor chip. Then this
chip uses special ghost cancellation algorithms to
calculate the coefficients to be fed to the digital adaptive
filters that cancel the ghosts. This rwo-step process

GHOSTS AND HOW ARE THEY

occurs continuously. The coefficients of the digital filter
are being constantly updated, to follow transient
conditions, as measured from the received GCR. A
simplified block diagram of the Philips ghost canceler
system is shown in Figure 1. The received analog
composite baseband video signal is converted to digital
form by an A/D converter. The ghosted received GCR is
captured. From it settings are computed for the ghost
canceling filter. The corrected signal, with the ghosts
removed, is converted back to analog for normal video
processing and display.

THE GHOST CANCELATION REFERENCE
(GCR) SIGNAL

The GCR signal is the key link between the broadcaster
and the receiver. The Advanced Television Systems
Committee (ATSC) undertook an exhaustive set of tests
of the performance of five competing GCR candidates, at
the request of the NAB. As a result of these tests, the
ATSC voted unanimously in August of 1992 to
recommend the Philips GCR as the USA standard signal
The new American GCR standard was invented by David
Koo of Philips Laboratories, Briarcliff Manor, NY.
While the GCR signal looks like a swept-frequency
chirp pulse, as shown in Fig. 2, it is in reality a signal
which has been carefully synthesized to have a flat
trequency spectrum over the entire 4.2 MHz band of
interest to NTSC applications. (The spectrum of a linear
FM chirp pulse is not flat.) The GCR signal is broadcast
after insertion in one of the vertical blanking interval
(VBI) lines. The FCC gave its approval on October 27,
1992, for the substitution of the GCR into line 19 of the
VBI, making the Philips GCR and its VBI location the
official USA voluntary standard. The voluntary nature of
the standard relies on the cooperation of the broadcasters.
Most broadcasters who have been contacted were
enthusiastic about the possibility of substantially
improving the quality of the received images for a very
low-cost investment in additional equipment at the
transmitter site. In fact, field tests conducted by the
ATSC have shown that phosted images were improved
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Figure 1. Simplified block diagram of a ghost cancelation system

about 95% of the time as a result of ghost cancelation.
The average improvement was about 1.5 points on the
5-point CCIR scale. The magnitude of the improvements
were such that most ghosted images had no perceptible

ghosts after cancelation.

GHOST CANCELERS IN HOME

RECEIVERS: A STATUS REPORT

The ATSC experiments outlined above proved that ghost

cancelation can make a major
improvement in the quality of the
received TV images. The broadcaster can
do his share to contribute to this
improvement for the very low cost of a
few hundred dollars per transmitter site.
However, the broadcast GCR can only be
used by receivers that contain ghost
cancelers. At the time of this writing, the
only ghost cancelers being sold in the
USA that can use the new GCR are the
VECTOR professional cancelers being
manufactured by Philips Broadband
Networks Inc. of Manlius, NY. Many
receiver manufacturers are now working
t0 reduce the cost and size of the ghost
canceler modules so that they can be
economically included in home TV
receivers. A working prototype receiver
with onboard ghost cancelation is being
demonstrated by Philips at the NAB93
Convention. Meanwhile research and
development is continuing on finding the
optimum tradeoffs, the best way to reduce
the cost and size of the hardware, while
minimizing compromises in performance.

RO

I
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This section will outline some of the tradeoff issues that
are being considered.

+ Reduced system performance requirement:
Professtonal cancelers have to satisfy the very rigid
quantitative performance requirements that are
imposed by broadcasters and cable operators. In
home receivers, however, it is sufficient if the vast
majority of the ghosts are reduced to visually
imperceptible level. As a consequence, for example,
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* Figure 2. The Philips GCR signal
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it may be possible to reduce the number of bits to
which the video data is being digitized. At this time
the professional unit uses 9-bit video data and 8-bit
filter multiplier coefficients. It is believed that in
consumer units 8-bit or, perhaps even 7-bit data may
produce canceled images of very good quality, at a
substantial savings in silicon costs.

Delay-range compromises: The specifications for
the generic professional canceler call for canceling
ghosts in the range of -3us to +45us. In fact some
cable applications call for canceling at pre-ghost
ranges greater than -3us. In special applications,
there is the potential to alter the VECTOR to have a
pre-echo range of up to -45us. In consumer units,
advantage may be taken of the fact that the vast
majority of ghosts are contained in a substantiailv
shorter delay range. This would help save digital
memory costs.

The number of ghosts that are to be canceled: The
professional unit is designed to cancel up to 13
groups or clusrers of ghosts, where each group can
contain several closely spaced echoes. This is
obviously an overkill in most practical situations. To
achieve this, the professional unit needs two PGC180
digital filter chips for a total of 360 multiplier taps.
These taps are dynamically allocated. In a typical
situation, about 100 are used in the FIR filter portion
to cancel pre-ghosts and perform frequency
equalization. Whereas 260 multipliers are used in the
IIR filter to cancel post ghosts. It is believed that in
the consumer unit it will be sufficient to use only one
PGC 180 filter chip and allow the software to allocate
the taps to the delays where they will do the
maximum benefit. For example, a typical application
may still have 100 taps for the pre-ghosts and
equalization. However, 80 taps may often be
satisfactory since they can cancel up to 4 clusters of
ghosts. In any case the filter chips and the associated
systems have been designed to continuously
reallocate the utilization of available multiplier taps
to be used in the most efficient manner.

Choice of the computer chip: A computer or digital
signal processor (DSP) chip is needed to perform the
necessary calculations and control the ghost
cancelation process. In the professional unit a Texas
Instruments TMS320C25 chip is being used. In
consumer units it may be possible to substitute a
cheaper microcontroller, with a slight compromise in
caiicelation speed.

Need for coefficient storage: Professional units are
normally used while being tuned to a single channel
for long periods of time. On the other hand,
consuniers often do rapid "channel hopping". To

accommodate to the nature of the consumer usage,
additional digital memory is allocated in the
consumer verston to store initial approximations to
the filter coefficients for each channel.

Lower digital chip voltage: It may be decided that
the supply voltages of the digital chips will be
reduced from the levels now being used in the
commercial units. This would greatly reduce the
cooling requirements and still operate the chips
within design specs.

* Lower-cost silicon: Initial prototype ghost cancelers
were built with off-the-shelf components. However
such systems are much too expensive for the
consumer market. Economic solutions demand
custom-designed components. Using such custom
components, there is every reason to believe that the
chips being used for ghost cancelation will undergo
the same cost reduction cycles as have been
experienced in other fields of electronics. Indeed. the
PGC-180 chip is Philips' second generation ghost
canceler filter chip. It is anticipated that future
generations of chips will cost substantially less and
incorporate more functionality, such as other TV
control/processing functions.

»  Choice of algorithms: Various algorithms are used
to compute the characterization of the ghosting
channel and the digital filter coefficients. The choice
of algorithm affects tradeoffs between the costs of the
computer chip, the speed of cancelation, the number
of ghosts that are canceled and the amount of residual
ghosts (if any).

*  Ghost canceler options: The goal is to eventually
provide for the consumer a range of ghost cancelation
options. These will be matched to the application. For
example, high-end sets with high quality displays will
require more complete ghost cancelation than
low-end sets with small screens of low resolution. In
addition, it will be desirable to provide for set-top
cancelers to allow consumers to benefit from ghost
cancelation without the peed to purchase new
receivers.

SUMMARY

The era of practical ghost cancelation in the USA is now
here, with the adoption of a voluntary American GCR
standard signal. Ghost cancelation has been shown to be
able to substantially improve the performance of home
TV receivers. While the process of implementing the
GCR standard requires that the broadcasters transmit the
GCR signal, it i1s also essential that the manufacturers
produce receivers that use this GCR to complete the
cancelation process. The broadcasters can perform their
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share of this procedure at a very low cost and very
rapidly. Indeed, many are already doing so. However,
there is a much longer latency period before substantial
numbers of home receivers are sold with built in
cancelers. How fast this occurs is, to a large measure, a
function of how much the cost of the devices can be
reduced without sertously compromising its performance.
This paper gave the perspective of one TV receiver
manufacturer on the options that exist. This perspective
has been aided by the experience gained in the research,
design and development that led to the manufacture of
the first and only professional canceler that is available
at the time of this writing with the ability to use the new
GCR standard. With that canceler as a starting point, a
set of possible compromises, and the consequences of
each compromise, were outlined. The design process is
still proceeding and it is not possible at this point to
predict the exact configuration that actual consumer units
will emerge with. However the current goal is that those
first units be substantially cheaper than the professional
unit, and that they satisfy the ghost-cancelation needs of
the home viewer with high-quality performance.
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AUTOMATED TELEVISION REMOTE CHECK-IN SYSTEM

Tom Jordan
Tektronix
Philadelphia, Pennsylvania
Paul Berger

CBS

New York, New York

ABSTRACT

A number of factors complicate the check-in process
commonly performed prior to a remote broadcast. In
the past it was performed manually, making it a
time-consuming and personnel-intensive task. This
paper describes how the benefits of automation can
be applied to the remote check-in process using off-
the-shelf equipment.

The Technical Challenge

Remote origination for news, sports and
entertainment programming has always presented
technical challenges. For example, in the past four
years CBS has recorded a total of 91 transmission-
related problems on sporting events alone. Efforts
to minimize transmission problems commonly
include a remote check-in, which is an evaluation of
common carrier link fitness prior to air time.

Several issues complicate the remote check-in
process. Common carrier transmission lines
typically come up only two hours before a broadcast
begins, so if problems are uncovered in the check-in
process there is very little time to correct them.

Also, the remote production crew often needs access
to the lines before air time to do pre-feeds, thereby
reducing the time available for check-in even further.
Audio and video transmission paths are becoming
more complex, possibly involving multiple carriers
with varying services including microwave, fiber,
telco, and satellite links (C and Ku band).

These technical factors, coupled with management's
mandate for reductions in operating costs, increase
the demands placed on technical resources
supporting such broadcasts. Manual check-in

procedures no longer satisfy the time constraints or
technical needs of CBS.

Developing a Solution

Recognizing these challenges, CBS began
development of a system to improve the overall
quality and efficiency of remote broadcast
productions. We determined that automating the
remote truck check-in process was the key to
unlocking the solution.

CBS began its efforts three years ago with a series
of experiments to test, and hopefully demonstrate,
the feasibility of an automated remote check-in
system. The first experiments verified only common
carrier audio circuits using a remotely controlled
audio generator and modem interface.

These early tests made it clear that an automated
remote check-in system of this type would pay for
itself if it could provide the following advantages
over the manual check-in process:

reduce check-in time

reduce manpower requirements in TX

eliminate field personnel from process

free up field truck audio console and video
switcher

improve signal quality through more
comprehensive verification of transmission path
performance

automate transmission path measurements
reduce common carrier line costs

The initial attempt at developing a complete audio
and video check-in system was predicated on the
use of audio and video signal generators with remote
control capability. The plan was to control these
units via a custom controller, which would be
programmed to call up the desired test signal at the
remote site. A time lock would be incorporated so
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that during program time the signal generators would
be locked out to eliminate the possibility of program
interruption.

This system could not provide automated
measurement of the received signal, and was
therefore unable to deliver all the desired benefits
listed above. However, it did represent a significant
improvement over the existing manual check-in
procedure. As a result of changing priorities and
workloads, this proposed system was never
implemented.

From the time the original system was conceived,
almost two years passed with little progress on the
system. During that time, however, products that
could satisfy all the major system objectives came to
market. Finally, a collaborative effort between CBS
and Tektronix culminated in the development of a
new system that employs only off-the-shelf
components and satisfies all major performance
objectives.

System Overview

The latest system is based on a Tektronix VM700A
Video Measurement Set with Option 40 Audio

Measurements (referred to as "measurement set” for
the rest of this paper). It is located in the CBS
transmission area (TX) and communicates with
Tektronix ASG100 Audio Signal Generators (audio
generators) and Tektronix VITS200 NTSC VITS
Inserters (VITS inserters) in a CBS remote truck.
Communication is through a pair of secure modems
and a code-operated switch, all of which are stock
items from the Black Box Company. Figure 1 shows
a simplified block diagram of the system.

Through automation, the measurement set conducts
a thorough set of tests in a fraction of the 20 to 25
minutes previously required for this process. The
manual video test procedure typically employed
color bars and a character generator to check video
circuits for levels and intercarrier interference.
Manual audio testing utilized 50, 400, and 10,000 Hz
test tones to test for frequency response, headroom,
and signal to noise ratio. The new, automated
procedure is far more comprehensive, performing a
broad range of video tests from the measurement
set's repertoire and thorough series of audio tests
based largely on the multitone signal and tone
sequences.

CBS Transmission Center (TX)
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Figure 1. Block Diagram of CBS' automated remote check-in system.
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CBS Transmission Center

The following system components are located at TX
in New York:

e incoming signal switcher test bus (existing bus
of CBS INX switcher)

. secure modem

° measurement set

° ancillary audio and picture monitors

Figure 2 outlines the equipment configuration in TX.
Initially, the system was configured for four audio
(stereo or mono) and two video circuits, but it could
be sized to suit almost any requirement.

The TX operator controls the check-in system with
two devices; the measurement set and an input
switcher (INX). The measurement set uses
preprogrammed functions to control all the remote
equipment and automatically measure the incoming
audio and video signals. (Functions are user-
created macros that reside on the measurement set.
Functions can control external equipment, execute
lists of measurement set applications, display screen
prompts and pause the instrument. Functions can
be nested several layers deep, i.e., one function can

CBS Transmission Center (TX)
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call other functions that can, in turn, call yet other
functions. A touch-screen interface makes starting
functions a simple matter of touching the exact
function name displayed.) To route the appropriate
signals to the measurement set, the operator
controls the INX switcher through a keyboard
interface. With this setup, one operator in TX can
perform a complete remote site check-in single-
handedly.

Remote Truck

The remote truck contains these system
components:

secure modem

RS-232 code-operated switch

four audio generators

two VITS inserters

test/normal selector and technical director
control/indicator panel

Figure 3 outlines the remote equipment
configuration. Once a phone link is established, the
secure modem at the remote site receives control
commands issued by the measurement set and
passes them to the code-operated switch. Access
codes select the appropriate switch output for
subsequent commands.

Figure 2. Diagram of monitoring and control
equipment in TX.
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Figure 3. Diagram of equipment in remote truck.
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The audio generators are in-line with the four audio
circuits: Telco 1 Composite Mix (event and
commentary), Telco 2 Composite Mix (backup),
Telco 1 Intemational (event sound only), and Telco 2
International (backup). The two video circuits, Telco
1 and Telco 2 (backup) pass through the VITS
inserters.

During the automated check-in all these devices are
controlled exclusively by commands received from
TX. The truck maintenance supervisor, audio
operator and field technical director are free from
any involvement in the check-in process, as are the
truck's video switcher and audio console.

Communication System
Security

Security is very important any time a phone line
controls equipment that could take a program off the
air. The secure modems chosen provide a very high
level of confidence that programming will not be
interrupted by someone accidentally or intentionally
connecting to the remote modem. A hardware
bypass for the audio generators and VITS inserters
adds an additional layer of security.

Dial-up Process

Because one of the goals of this system is to
eliminate the involvement of personnel at the remote
site during check-in, an operator at TX initiates the
phone link with the mobile unit.

The first step in the process is to run a function on
the measurement set. This function puts the
measurement set into a loop that continually checks
its RS-232 control port for carrier detect.

Then, using a handset, the operator manually dials
the number of the mobile unit. Since the mobile unit
could be anywhere on the continent, having the
measurement set dial the mobile unit would require
modifying functions in the measurement set every
time the mobile unit changes locations.

When the operator hears a tone from the remote
modem, the next step is to flip a switch on the
modem in TX to the data position and then hang up
the phone. Once the two modems lock and the
carrier detect line is raised, the function running on
the measurement set notes the carrier detect status,
stops looping, and issues a password to the secure
modem at the remote site.
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Upon receiving a valid password, the remote modem
immediately disconnects. It then searches a look-up
table for the call-back number associated with that
password, and redials that number (the secure
modem at TX). This procedure prevents anyone
from intentionally or accidentally connecting with the
remote modem and taking a program off the air. If
the modem receives an invalid password, it simply
disconnects and awaits the next call.

After the remote modem receives a valid password
and disconnects, the measurement set drops into a
second loop, once again waiting for carrier detect to
go high. When the remote modem calls back and
connects with the modem at TX, the measurement
set displays the message "CONNECTED.” Touching
the screen clears the message and displays four
directories containing the functions that perform the
actual check-in tests.

Code-operated Switch

At the remote site, the secure modem is connected
to an RS-232 code-operated switch. The switch
receives commands from the measurement set
through the phone link/modems, and passes them
on as directed to the four audio generators and two
VITS inserters.

To select any of the six instruments, measurement
set functions send the appropriate control characters
to the switch. For example, "*D 1" selects the first of
the four audio generators, and "*D 2" selects audio
generator 2. The selected device receives all
commands that follow until a new string of control
characters directs the switch's output to another
device.

Measurement Set Control
Functions

A total of 63 functions were written specifically for
this remote check-in system. Pressing the
measurement set's front panel "Function" key
displays four directories that contain all the custom
functions. Figure 4 maps the basic directory
structure.

® ALL_TESTS contains functions that initiate all
the audio and video tests routinely run during a
remote check-in.

° AUDIO_CONTROL stores functions that
actually perform the audio tests initiated by
functions residing in the ALL_TESTS directory.
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Figure 4. Structure of main function directories and files for the remote check-in system.

Functions to select and control each audio additional directories. The operator at TX simply
generator for troubleshooting purposes are also works his or her way down through the list, verifying
located in this directory, in addition to all the that each audio and video circuit passes all tests.

SCIEEN PIGMDLS andipees faillmeasayesiior Notice the A1, A2, A3, Ad and V1, V2 prefixes on

AUl pets} each of these functions (Figure 4). These prefixes
o COMM_CONTROL holds functions that cause the functions to appear on the measurement
establish the phone connection between the set's display in the order of normal execution.

measurement set and the remote site, and
functions to restore the program path in the
mobile unit and break the phone connection
after the check-in is completed.

° VIDEO_CONTROL contains functions to

The following sections describe how the custom
functions operate and the interactions required by
the operator at TX.

ID and Level Check

perform the video tests found in the Identification of incoming audio and video feeds is of
ALL_TESTS directory. Additional functions to primary importance, so the first test function run
select and control each VITS inserter for from TX automates this process. The function "A1
troubleshooting purposes are also located in ID+Level.Check" starts by calling functions that

this directory. instruct both VITS inserters to output color bars with

ID text (e.g., CBS MU11 Telco 1).

Next, the function instructs each of the audio
From the main function screen, touching the generators to output a 400 Hz, 0 dB tone that
ALL_TESTS directory reveals five functions and two alternates with a voice ID (e.g., "This is CBS MU11

Standard Tests
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Telco 1 Composite Mix") in a continuous loop. At
the same time, the prompt VERIFY AUDIO
ASSIGNMENTS & LEVELS appears on the
measurement set's display.

The TX operator routes the two video sources, one
at a time, to a picture monitor to verify that both
feeds are on the correct inputs of the INX switcher.

The TX operator then selects the audio feeds, one at
a time, and checks the measurement set (which has
dropped into the audio monitor mode) for proper
levels. Loudspeakers in TX permit identification of
each audio feed via the voice ID. In the case of
stereo feeds, the audio monitor display also
indicates polarity reversal.

When the circuit ID process is complete the
measurement set drops back into the function mode
and the system is ready for the next phase of the
remote check-in.

Audio Quick-Proof

Audio quick-proof functions provide at-a-glance
verification that left and right channels are not
swapped, XLR polarity is correct, and that there are
no serious frequency response or distortion
problems. Separate quick-proofs functions for each
audio circuit simplify the procedure (Figure 4).

Touching the quick-proof function "Telco_1
Composite.Mix" starts the audio auto-test on the
measurement set and prompts the TX operator to
route that circuit from the INX switcher to the
measurement set. The function then selects the
TEK:91 tone sequence on the appropriate audio
generator and puts the generator on line.

Results appear a few seconds later on the

measurement set. Figure 5 shows a typical display
from this function. If all is well, touching the screen
brings back the list of quick-proof functions so the
next circuit can be exercised. If errors are detected,
the TX operator can troubleshoot the problem with
other functions available on the measurement set.

Audio Frequency Response

Once audio feeds are identified and given a quick
check, audio frequency response is evaluated in
greater detail. The function "A2 Frequency.Resp"
instructs all four audio signal generators to output a
multitone signal. It then starts the measurement
set's multitone application and displays the prompt
ROUTE EACH AUDIO SIGNAL TO MEASURE-
MENT SET TO VERIFY FREQUENCY RESPONSE.

The TX operator cycles through the four audio feeds
and verifies frequency response of each at a glance.

Audio Headroom

Before the automated system was developed,
verifying audio headroom through the common
carrier link was by far the most troublesome task in
the check-in process for the crews at both ends of
the broadcast. It was also the check most likely to
fail. The operator at TX had to be on the phone with
the mobile unit throughout the process and, if any
problems were encountered, phone a contact at the
common carrier.

Now, with the automated system, the operator at TX
simply touches a function key and waits a few
seconds for a pass/fail message, and repeats the
process for each audio feed. If any common carrier
channel fails to provide adequate headroom, the

Audio Measurements

At Fri Jan 15 14:58:51 1993
Test Type Tektronix Program 91
Source Telco 1 Composite Mix

Sweep Min. Gain (dB)

THD+N (at 400Hz) (%)

Polarity

Stereo Channel Assignment
Crosstalk (into channel) (dB)
ANSI SNR (weighted) (dB)

Phase Difference (degq.)

Left

Insertion Gain Error (dB) 0.00
Sweep Max. Gain (dB) 0.10
-0.09
0.034
Normal
Normal
-68.02
87.53

Gain Difference (dB) -0.05
~-0.01

Video Source: A
Expected TEST level:

0 dBu

Violated Limits
Right Lower Upper
0.05
0.06
-0.04
0.022
Normal
Normal
-67.07
86.81

Figure 5. Typical display from the measurement set's audio auto-mode.
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operator at TX can control the remote audio signal
generators via functions on the measurement set for
troubleshooting purposes. The common carrier must
still be contacted by phone if a problem exists, but at
no time does the headroom check involve anyone
from the remote crew or tie up any of the operational
equipment.

Simplifying the task to this extent required very
clever use of nearly every feature available in the
measurement set's functions. The interactions
between the functions involved are quite complex,
as this brief overview of one of the four channels
suggests.

The displayed function "Telco_1 Composite.Mix"
(Figure 4) starts the process by selecting the
appropriate audio generator and starting the
measurement set's audio analyzer application to
measure THD+N. Two subfunctions do most of the
work.

"Step_Level" establishes a 10 kHz, 0.0 dBu output,
and calls the function "Check.” Check determines
whether or not a predetermined distortion level has
been exceeded. Ifit has, an error message is
displayed on the measurement set. If not, Check
returns control to Step_Level. Step_Level increases
the tone level by 1 dBu, and calls Check again. This
loop of increasing tone level and checking THD+N
continues until an audio level high enough to ensure
adequate headroom through the common carrier link
is met or until a distortion level above the threshold
stops the process. In either case, the TX operator
gets an on-screen message reporting the pass/fail
status of that channel.

Checking the three remaining channels is done in
the same manner, i.e., by selecting the function
bearing the name of the audio circuit and routing
that audio circuit to the measurement set.

Video Frequency Response

The function "V1 Frequency.Resp” signals both VITS
inserters to output FCC multiburst and then starts
the graphical multiburst measurement mode. The
TX operator then switches between the two video
sources and checks the display for adequate
response.

Differential Gain and Phase

Like video frequency response, the function "V2
Diff. Gain-Phase” sets the VITS inserters' outputs for
the appropriate signal (NTC7 Composite in this
case) and initiates the proper mode on the
measurement set (Diff Gain/Diff Phase mode). The
TX operator switches between the two sources and
checks that both fall within preset limits.

Chrominance-to-Luminance Delay

The function "V3 Lum-Chrom.Delay” sets the VITS
inserters' outputs for NTC7 Composite and initiates
the Y/C delay mode on the measurement set.
Again, the TX operator switches between the two
sources and checks that both fall within the preset
limits clearly marked on the display.

Troubleshooting

If any of the standard tests in the ALL_TESTS
directory fail, the measurement set at TX is equipped
with functions to select and control the remote audio
and video generators. The interface is such that
routine problems can be easily handled by an
unskilled operator without the help of a remote crew.

By using functions in the AUDIO_CONTROL
directory, the operator at TX can select the audio
generator on any of the four circuits. Practically
speaking, the bulk of the audio generator's
functionality has been packed into a handful of
functions stored in this directory. These give the
operator the power needed to sort out weaknesses in
the link. The functions included can select the
different tone sequences, a line-up tone, several
discrete tone frequencies, different multitone signals,
voice ID and silence.

The VIDEO_CONTROL directory gives the TX
operator the same capabilities for troubleshooting
the video link as supplied for the audio link. On
either VITS inserter, Color bars, FCC multiburst,
NTC7 composite and combination, and (sinx)/x
signals can be selected easily.
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Conclusion

The automated check-in system CBS and Tektronix
have developed delivers significant manpower and
cost savings. Automating the check-in process frees
the remote facility from the burden of check-in
support and improves control over (and confidence
in) remote broadcast originations. In-service testing
of video lines is also possible.

Certification of transmission line performance may
now be done quickly and easily by one operator in
the CBS Broadcast Center completely independent
of the remote truck. The rapid handling of problems
in most cases gives production earlier access to
transmission facilities.

All this has been accomplished with standard, off-
the-shelf hardware customized through the
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programmable functions within the measurement
set. The system is fast and adapts easily to
changing requirements.

Although it has not yet been explored, common
carrier access to this test system could be permitted
prior to the scheduled availability of service. This
would allow the carrier to completely check out
transmission lines and guarantee performance well
in advance of the scheduled availability.
Broadcasters would then be assured that service
would commence on time and with minimum risk of
technical problems.

This technology lends itself to many settings where
operators control remote equipment. Future
applications will very likely be found within large
broadcast plants, common carrier facilities, and even
within stand-alone studios when facility performance
is being tested.



ON-LINE SPOT BUFFERING SYSTEM VIABILITY STUDY
John Beyler
CBS, Inc.
New York, New York
Terry Bondy
Kerr Vayne Systems, Lid.
Markham, Ontario

This paper describes a commercial
spot buffering concept to improve
the efficiency of multicassette
spot playback systems, and gives
results of a detailed study of
spot traffic and on air usage
which provide some solid numbers

about peak 1library size, and
daily new spot filings into the
system. Results of a computer

simulation of the buffer system
prove the concept could provide a
four-fold increase in commercial
output from one multicassette
machine. By using relatively
inexpensive spot Dbuffers, one
cart system can be upgraded to
generate multiple commercial
streams.

INTRODUCTION

Television networks typically
originate a television program
with a different mix of commer-
cials for different parts of the

country, for example sending a
commercial for snow tires to New
England, and at the same time
sending a commercial for all-
season tires to California.

Since all the regionalized com-
mercials occur at the same time,
a commercial videotape player is
required for each separate com-
mercial stream. This results in
low utilization of the expensive
commercial playback equipment,
and errors in moving the inven-
tory of commercials between
playback equipment.

INEFFICIENCY OF CURRENT SYSTEM

CBS uses eight Sony Library
Management Systems {(LMS) for spot
playback to the New York area,
national networks, and syndicated
program services. Since the
regional commercials for a common
program all play at the same
time, this ties up a large number
of cart machines.

The same problem occurs for any

facility involved in program
origination for multiple chan-
nels. Either you must dedicate

cart machines to each program
channel, or make up commercial
spot reels in advance.

The problem is there are
enough commercials on TV.
cassette commercial cart machines
cost a factor of five or ten what
program playback eguipment costs,
yet these expensive machines sit
idle more than eighty percent of
the broadcast day.

just not
Multi-

Government regulations 1limit the
maximum commercial time per hour
for various types of programming.
All four commercial networks
program below these maximuns,
approximately ten minutes per
hour. This means your cart
machine sits idle 83 percent of
the time. 1Imagine if you visited
a General Motors factory and saw
their assembly line shut down for
fifty minutes each hour ?
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Another drawback of the current
approach is the need to dub
multiple copies of spots and
transport them around between the
cart machines. Originating
several channels of programming
means that a number of channels
may require the same spot at
different (or the same) times
during the day. This leads to
many manual tape handling tasks,
such as searching for a missing
tape, purging of stale-dated
spots, and 1last minute dubs for
multiple copies.

The first step away from these
problems is upgrading the cart
machine to support multiple spots
per cassette. This will increase
by ten to twenty times the on-
line spot capacity of the cart
machine. Going to a multiple
spot per tape format will elim-
inate the manual tape handling
requirements, and tape management
functions will be maintained
internally by the cart machine.

The second step toward solving
these problems is to decouple the
cart machine from direct to air
play.

SPOT BUFFER SYSTEM

The spot buffer system would use
a temporary mass storage device
to buffer the commercial play,
time shifting the output of a
cart machine to simultaneously
support many program channels.

The spot buffer system is made
economically viable by develop-
ment of low cost mass storage
video devices. The characteris-
tics of a good spot buffer are
instant random access, or rapid
cueing. The Dbuffer storage
device could be any of a number
of devices such as DRAM,
Winchester disk, optical disk,
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and even, with a slight perfor-
mance penalty, a videotape for-
mat.

The first three have the addi-

tional advantage of reducing
failures associated with head
clogs and electromechanical

failures of videotape machines.
We are currently pursuing a D2
format disk recording systen,
which has the advantages of no
generational loss in dubbing, and
the ability to use digital error
monitoring for automatic quality
control.

The architecture of the spot
buffer system is shown in Figure
1 on the next page. This pro-
posed system has two LMS (main
and protect), and uses two out-
puts from each cart machine. The
cart machines would hold 1,000
tapes with a multiple spot for-
mat, for an available library of
10,000 spots. Ten D2 disk buff-
ers would play the buffered spots
direct to air.

Within the 1IMS, two VTRs are
assigned to play back to each of
two output channels. Since spots
are not being played to air in
real time, there would be no VTR
cycle time, or spot conflict
resolution problems. VTR cycle
time problems occur in direct to
air systems when spots are sched-
uled faster than the cart machine
can cue them up. Conflict reso-
lution is required in multiple
spot systems where two spots
scheduled to run back to back are
recorded on the same tape. Both
of these timing limitations are
overcome by the buffer approach.
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Figure 1. Spot buffer A/V system.

Computer control for the spot
buffer system is shown below in
Figure 2. This control system
would use Local Area Network, RS-
422 serial, and parallel control
signals to coordinate operation
of the spot buffers.

Three Spot Buffer Controller PCs
would manage all the dubbing and
playback requirements, and a
filing PC would manage transfer
of new spots into the system.

SALES & SPOT BUFFER AUTOMAT ION
TRAFFIC LAN LAN LAN
AN A A
SPOT BUFFER SERIAL &
CONTROL PC 1 PARALLEL SPOT
B CONEROL s BUFFER 1
BUS INESS
SYSTEM SCHEUDLE LMS 1
INTERFACE DATA
+ 00N1R0L Shof
| SPOT BUFFER BUFFER 2
MEwW CONTROL PC 2
SPOT g% CONTROL p—-
| REQUESTS 3P B ©
LMS 2
FIL ING s
COORD INAT ION |
PC S CONTROL SPOT
E— || SPOT BUFFER | BUFFER 19
CONTROL PC 3
AL ON e 2 . - o NL/"
Figure 2. Spot Buffer Control Systenm.
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VIABILITY STUDY

The second part of this report
presents the results of a study
of the spot buffer system. Since
the capability, and decision
parameters of such a system are
not intuitively obvious, CBS
commissioned a study by Kerr
Vayne Systems Ltd. to find out if
such a system would work.

Library Size

The first question examined was
how big the spot inventory really
was. This was important because
historically, the 1library size
was determined by 1library shelf
space available or by tape stock
available, and these were
larger numbers than would fit
into our biggest cart machines.

If the entire active 1library
could be fit into existing cart
machines, many operating effi-

ciencies would be obtained.

Methodology

The computer model used to cal-
culate library size tracked spot
material from its first use in a
broadcast, until it was removed
from the systen. The parameter
hold time gave the time in days
that a spot would be held in the
library after its last use. The
computer model analyzed the
schedule for each day and calcu-
lated the number of new spots for

that day, the number of removed
spots, and the total \1library
size. A final category, new

blank spots, showed the number of
spots which were not assigned an
identifying number until just
right before use. These spots
would typically be daily promo-
tional announcements, and each
was counted as a unique spot.
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The model was run on the same
data for a number of hold periods
between ten and 120 days. The
model output was formatted and
imported into a spread sheet for
analysis. A typical spread sheet
result for a ten day hold period
is shown in Figure 3.

On day one there were 259 unique
spots broadcast, out of approx-
imately 700 total. On subsequent
days, new spots were added, and
the library size grew. There was
a strong cyclical pattern of new

spots being added on Mondays

(days six and thirteen).
Day New Removed Killed New Blank Total
1 259 0 0 0 259
2 113 0 0 9 372
3 93 0 0 6 465
4 16 0 0 0 481
5 43 0 <ns1:XMLFault xmlns:ns1="http://cxf.apache.org/bindings/xformat"><ns1:faultstring xmlns:ns1="http://cxf.apache.org/bindings/xformat">java.lang.OutOfMemoryError: Java heap space</ns1:faultstring></ns1:XMLFault>