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March 1994
Dear Industry Engineer:

On behalf of NAB's Department of Science & Technology, I am pleased to present the
1994 NAB Engineering Conference Proceedings.

The 48th Broadcast Engineering Conference features 31 sessions with more than 163 useful
and informative presentations, many of which are contained in this publication. The starting
point for this conference is a crucial keynote address by Jules Cohen, P.E., contemplating the
future of broadcasting and the challenges facing our industry.

The Conference continues with a broad spectrum of technology and policy issues. These
include the first reports on industry testing of in-band AM and FM DAB, radio and television
data broadcasting technologies, and full coverage of HDTV transmission issues. We are
particularly pleased that these Proceedings include a special section featuring the draft, Grand
Alliance HDTYV System Specification, submitted to the Advisory Committee on Advanced
Television Systems (ACATS) last month.

For the third year, the Society of Broadcast Engineers has programmed a full day of sessions
for the Broadcast Engineering Conference. In addition, two other organizations, the Society of
Motion Picture and Television Engineers and the IEEE Broadcast Technology Society, have
joined us to present two special programs, the SMPTE Post Experience and the Digital
Transmission Tutorial. We hope that you had an opportunity to attend these programs.

The best engineers in the world have worked to create the most dynamic and informative
broadcast engineering conference in the world. NAB sincerely hopes that you have found the
48th Broadcast Engineering Conference to be educational and enjoyable. I encourage your
comments.

Best regards,

Ml foune

Michael C. Rau
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BROADCASTING: PAST, PRESENT AND ?
Jules Cohen
Jules Cohen and Associates, P.C.
Washington, District of Columbia

I should like to extend my thanks to the
NAB, and especially Michael Rau, for granting
me this opportunity to express a few thoughts
relating to the past, present and future of
broadcasting. The title I have assigned to these
remarks was engendered by the fuzziness of the
image in my crystal ball. We hear from many
prognosticators who appear quite positive about
their vision of the future; however, my ego is
not so great that I can state, categorically, how
our world of broadcasting will entwine with the
multimedia world of the future.

My earliest memory of broadcasting
occurred in about 1924, near the infancy of
broadcasting, when my father brought to our
home an Atwater Kent radio receiver. Without
any knowledge of how radio worked, it seemed
quite magical.

I know now that the receiver had three,
separately tuned, stages of RF. In these days
of simple tuning, particularly digital tuning, the
primitive process used then is now hard to
envision.  Finding a station was a real
adventure.  The calibrations on the three
capacitor dials tracked approximately, but not
exactly. A great many back and forth
adjustments were necessary to achieve
satisfactory reception. Once the settings for a
station were puzzled out, they had to be logged
to make possible a relatively easy return to the

station desired.

Unfortunately, on that first night, we
could not enjoy the wonders of radio. Dad had
brought along a lead acid storage battery for the
filament supply, but Mother would not allow a
lead acid storage battery to sit in her living
room. So we had to wait until the next evening
when Dad brought home a "battery eliminator"
--- a mercury arc rectifier that gave off a
fearsome glow and buzz. In any event, that
radio receiver with its horn loudspeaker and
multi-turn loop antenna brought to us a wide
world of music and dramatic performances.
Since I am using no visuals, you can pretend
that you are sharing our living room and
providing images limited only by your
imaginations. Perhaps we lost something when
radio dramas disappeared as a major contributor
to our leisure activity. With the possible
exception of science fiction offerings, most of
us can create mental images from an
ingeniously wrought aural program, with sound
effects, that can rival the best of the settings
devised by the experts.

Although ganged capacitors with
trimming devices soon eliminated the need for
multiple dials, Major Edwin Armstrong's
invention of the superheterodyne receiver,
permitting the principal amplification of the
signal to be achieved in a fixed-tuned
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intermediate-frequency (IF) stage, greatly
improved our access to radio programming.

Single knob tuning, calibrated by
frequency, became more reliable. Elimination
of the arbitrary logging scale was a great boon.
That, and other innovations, such as built in
rectifiers, where DC was a must, as for the
vacuum tube plate supply, and speakers
incorporated in the same cabinet as the receiver,
encouraged the growth of radio receiver
distribution to virtually every household.

Some of you may be surprised to hear
that I saw my first television presentation (it
could hardly be described as a program) in
1928 or '29. An appliance store in our Chicago
neighborhood put on the demonstration. I
assume that what was used to scan the image
was a Nipkow disk. I don't think that anything
more sophisticated was available at that time.
As I recall, we looked through a peephole into
this darkened box and actually saw moving
images. The images were not well defined, but
they were recognizable and they moved.

Except for a few experimental
operations, television remained relatively
dormant until the end of World War II. AM
broadcasting dominated the scene and was
profitable despite the ongoing Great Depression.
It was an era when broadcast operations could
not only build magnificent facilities by our
present standards for aural broadcasting, but
could afford to have some of its engineers, such
as Jim Rockwell at WLW and Jack DeWitt at
WSM, conduct experiments on radio
propagation. They also developed new designs
for transmitters and other equipment. George
Brown and other industry engineers, particularly
at RCA, wrote seminal articles that appeared in
the RCA Review and in the Proceedings of the
Institute of Radio Engineers, now incorporated
in the American Institute of Electrical and

4_—_NAB 1994 Broadcast Engineering Conference Proceedings

Electronic Engineers after merging with the
American Institute of Electrical Engineers.

World War II brought a burst of
invention in the field of electronics that served
us well, particularly in the field of television
that began in earnest after the War. The slot
antenna was developed by Henry Riblett and
his group at the MIT Radiation Laboratory.
The cathode ray oscilloscope was improved
from a rather primitive device to something far
more sophisticated, leading to better display
devices and test equipment. High power UHF
and microwave generators were improved or
invented. The list goes on.

Television broadcasting started slowly in
the late 1940s and expansion stopped during the
1948 to 1952 FCC "freeze" on requests for
permission to build new television facilities. A
stop to processing applications for television
facilities was deemed necessary to permit the
Commission to take a fresh look at its rules for
the service. New rules were adopted, and
applications were again accepted starting July 1,
1952,

Television expanded rapidly once the
FCC resumed processing applications for
construction permits. New stations were built,
and the few stations that had begun before 1948
improved facilities. However, AM broadcasting
continued to rule the roost. Many a television
station was built and maintained during its
break-in period with profits from associated AM
stations. During that same period, FM, too,
was a weak sister of AM. The major
manufacturers of broadcast systems preferred to
concentrate on the more profitable television
equipment than on FM.

I need not remind this audience of
where we stand today, with FM dominating the
world of aural broadcasting and television




broadcasting competing with myriad alternate
ways of delivering moving images to the home.

Now we stand on, or perhaps we can
say that we have just crossed, the threshold of
a new world of digital electronics. The use of
digital techniques has been with us for some
time in the production of both sound and
images, but our systems have been basically
analog with entry and exit from digital devices.
Digital audio broadcasting (DAB), or as some
would have it "digital audio radio” (DAR), will
provide digital paths from microphone to
loudspeaker. The advent of digital television is
no more than two or three years away.
(However, our ears and eyes will remain analog
devices.)

What about the multimedia world that
we hear so much of, and which will be strongly
in evidence at this 1994 NAB Convention? My
personal belief is that considerable interchange
of broadcast aural and visual material with what
we now identify as computer-oriented material
will occur, but my imagination will not accept
a world where a major segment of the public
spends its lives before a single display device
used for entertainment, news, shopping,
banking, investing, game playing, and all that
has been suggested. @A world without the
personal contacts of the marketplace would be
a cold world indeed.

I do believe that digital broadcasting
will provide the opportunity for new services
involving an economical means of delivering
data wherever point-to-multipoint service is
desired. Such services are likely to be the
additional revenue streams much sought by
broadcasters beset by competition from cable,
both wired and wireless, satellite, telephone and
recordings.

So what is the likely future of

broadcasting, and what about the role of the
engineers? As to both, I am upbeat. So long
as broadcasters maintain their programming
skills and remember their obligations to be
outlets for local needs, the public will continue
to demand the universal availability of
programming without a price tag. From the
poorest to richest homes, all have access to at
least the offerings of the broadcast networks,
public broadcasting and the independents.
These sources, in sum, open a window to news,
drama and most sporting events for everyone.
The social and political implications of the
disappearance of free, over-the-air local
television are serious. Our republic cannot
tolerate the creation of a society of "haves" and
"have nots" with respect to what is available
now to all.

I do not believe that even those
predicting a wired nation and the death of
broadcast television suggest that aural
broadcasting will disappear. No wired system
can match the ubiquity of radio. Interestingly,
the evolutionary processes in the delivery of
both voice and data are moving us from wire to
wireless.

Engineers are used to change. In fact,
they are the principal drivers of change. We
went from simple, single tower AM broadcast
facilities to elaborate antennas with as many as
twelve towers to provide new services in an
increasingly crowded spectrum. The solid state
revolution required the learning of an entirely
new technology for those who had learned their
profession in the days of the vacuum tube. We
learned to use the computer, not only for a
more efficient way to perform engineering
calculations, but also as a control device.
Engineers were the inventors of advanced
technology. Additionally, they were charged
with the means for implementing that
technology. So long as we are willing to adjust
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to the demands of change, we shall continue
our useful role. If we resist change, we shall
be crushed by the juggernaut of new
technology.

While recognizing the inevitability of
change and our need to adapt, we should not
forget that our primary role is the improvement
of broadcasting and the expansion of its
availability. We must maintain a sensitivity to
the desirability of enlarging the role that
broadcasters can play through the provision of
ancillary services, but broadcasting remains the
core of our existence. No enlargement of our
capability to expand the service offerings of the
broadcast community should be allowed to
conflict with our providing a continually
improved broadcast service. I hope that this
association continues to be the National
Association of Broadcasters, and does not
become the National Association of Multimedia.
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HIGH SPEED SUBCARRIER DATA SYSTEM (HSDS)
Gary Gaskill and Ken Gray
SEIKO Telecommunication Systems, Inc.
Beaverton, Oregon

Abstract

This paper summarizes some of the key features of a
High Speed FM Subcarrier Data System (HSDS); with
emphasis on the subcarrier data channel. The
modulation and demodulation techniques used by HSDS
are described. HSDS receiver sensitivity and its
relationship to coverage are discussed, along with
compatibility of the subcarrier with the main channel
audio and RDS. The packet and frame structures and
multi-station methods are defined and the reliability
techniques are explained. In addition, general
specifications the modulator and available receiver and
demodulator integrated circuits are described. Results
from lab and field tests are provided including error
correcting effectiveness. Results of the Portland, Oregon
coverage tests are shown. Finally, the services currently
provided in the Northwest USA are described.

INTRODUCTION

Wireless personal communication is becoming an
increasingly important aspect of the communications
industry. One facet of this rapidly evolving technology is
the development of one-way systems providing
messaging and information services including: personal
messaging, traffic information, time of day, news, sports,
weather, business and emergency information,

SEIKO Telecommunication Systems Inc. (STS) has
developed such a system. It is a flexible High Speed FM
Broadcasting Subcarrier Data System (known as HSDS)
with capability for world wide operation. HSDS is fully
developed and has been deployed by STS under the
RECEPTOR trademark in a number of cities around the
world. Its commercial introduction was in Portland,
Oregon in July of 1990. Seattle - Tacoma, Washington
began commercial operation in October of 1992.
Currently marketed applications include paging and
information services to numeric display wrist-watch

receivers (SEIKO® Receptor™ MessageWatches™) and
pocket pagers.

Two highly integrated circuits -- a receiver and
demodaulator, operating with 3 volt lithium cells, are
available for small, inexpensive low power designs.
These ICs are the basis for the wrist-watch receiver.
Queuer/encoders and modulators are also available for
the system. Utilization of existing FM radio broadcast
infrastructure, currently available integrated circuits and
transmission equipment make this system very
inexpensive to deploy.

SUMMARY OF HSDS SYSTEM

The HSDS protocol is a very flexible, one-way,
communications protocol. The system design permits
very small receivers. Receivers, with duty cycles varying
from continuously on to duty cycles of less than 0.01%,
provide flexibility to select message delay, data
throughput and battery life. HSDS can operate as a
stand alone single station (channel) system, or as
multiple systems operating independently in a
geographical area with each system including multiple
stations. Multiple stations are accommodated by
frequency agile receivers, time offset message
transmission on each station, and transmitted lists of
stations surrounding each station. Reliability can be
enhanced via multiple transmissions of messages.
Duplicate messages are rejected via comparison with the
transmitted message number.

The system is time division multiplexed. Time is
subdivided into a system of master frames, subframes and
time slots. Each slot contains a packet of information.

In multiple station systems, each station's transmissions
are synchronized to UTC ensuring synchronization
between stations. Each receiver is assigned a subset of
slots as times for monitoring transmissions. Multiple
receivers may share time slots, due to the random nature
of expected communications. Each slot is numbered and
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each packet contains the slot number that permits rapid
location of assigned time slots.

The error correction scheme is very flexible. The
methods used vary with the applications. The method
used in the watches is designed to correct a short burst of
errors associated with random noise or automotive
ignition noise. The standard CCITT 16 bit CRC is
typically added as a component of each packet and
minimizes the chance of false messages.

HSDS modulation and encoding provide a high data rate,
a narrow bandwidth with high spectral efficiency and
negligible impact on the main channel. HSDS
modulation is AM-PSK with duobinary encoding. The
HSDS data rate is 19,000 bits per second in a bandwidth
of 19khz, centered at 66.5khz. The HSDS signal is
modulated as a subcarrier ranging from 5% to 20%
injection but typically at 10% on a commercial FM radio
station's carriers in the frequency range of 87.5 to
108Mhz. Sharp transmission filter skirts cause
extremely little impact on the main channel in no
multipath situations; and generation of a pseudo-
randomized data stream reduces impact on the audio
even in multipath situations. The narrow bandwidth of
HSDS allows for compatibility with RDS operation world
wide. HSDS allows for use of subcarriers above 76khz in
the USA and compatibility with European spectrum
allocation.

PHYSICAL LAYER

This section describes the characteristics of the subcarrier
data channel for the HSDS messaging system. Included
in this discussion are the modulation and demodulation
techniques used to achieve communications through the
subcarrier channel at an acceptable bit-error-rate (BER),
and the performance of the subcarrier channel in the FM
broadcast channel. The ultimate performance or
reliability of the HSDS messaging system is determined
not only by the physical layer but also by the
characteristics of the messaging protocol described in
later sections. Additional considerations of the physical
layer included in this section are the issues of subcarrier
interference with the main channel audio, and the
compatibility of the HSDS subcarrier signal with an RDS
signal.

Modulation and Demodulation
The HSDS modulation / demodulation scheme was
chosen to satisfy the following criteria:
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e Non interference with commercial FM radio receivers.

¢ Compatibility with world wide broadcast FM
regulations.

e Simplicity in IC implementation of the demodulator.

e Low-cost mobile receiver with a small form factor.

e Adequate BER performance in the presence of noise.

¢ Commercially satisfactory coverage area.

o High data rate.

Modulation

The HSDS subcarrier channel is centered at 66.5kHz.
The choice of 66.5kHz as a subcarrier frequency is
compatible with intemational (CCIR) standards of 53 to
75kHz and the US standard of 53 to 99kHz. The 66.5kHz
center frequency was also chosen because it is 3.5 times
the 19 kHz pilot which allows phase locking to the pilot.
Additional advantages include: reduced receiver
parabolic noise in relation to higher frequency
subcarriers and better audio performance than other
subcarrier frequencies because 67kHz subcarriers have
been common for many years and receivers typically have
67kHz reject filters.

For ease of receiver implementation the subcarrier
frequency and transmitted data are phase-locked to the
main channel 19kHz stereo pilot. The subcarrier data to
pilot phase relationship is approximately 63 degrees. The
raw data rate of the system is 19kbps. The 66.5kHz
subcarrier is a double-sideband suppressed-carrier
amplitude modulated signal using the duobinary
technique described by Lender (1963). The duobinary
technique uses controlled intersymbol interference to
achieve 1bits/sec/Hz efficiency with realizable filters
while 2-level DSB PAM system cannot achieve this
efficiency. The duobinary encoding technique achieves
this result by using a filter to create intersymbol
interference that combines the current and previous data
bit, creating a three level output signal in the
demodulator. Normally intersymbol interference
degrades the performance of a demodulator; but for
duobinary, the use of a cosine filter allows the receiver to
decode the current bit in the presence of the intersymbol
interference using a simple symbol by symbol decoding
scheme. In addition to the improved spectral efficiency
obtained by the duobinary modulation technique, the
cosine filter required for optimum performance is simple
to implement.

The transfer function H (®) of the duobinary filter is
given by




H(w)=cos(wT /2), |w|<®/T
=0, elsewhere, where T is the symbol period =
1/19kHz.

In the usual situation where the channel symbol power is
limited, the optimum filtering required to maximize the
signal-noise ratio at the receiver would involve equally
splitting the filtering between the transmitter and the
receiver as 4/ H(®). However, the FM subcarrier

situation is different in that the limiting factor for the
channel is not symbol power but the frequency deviation
of the carrier caused by the modulation. This frequency
deviation constraint implies a voltage-limiting constraint
for this modulation rather than a power-limiting
constraint. As a result the usual matched-filter theorem
for maximizing signal-noise ratio does not apply. An
improved filtering split between transmitter and receiver
when a voltage constraint is applied has been found
through simulation to be:

34 H(w) at the ransmitter, and

Y H(®) atthe receiver

Demodulation

Synchronous demodulation with sub-Nyquist sampling is
achieved by phase locking the sampling clock to the
19kHz pilot. The receiver filter is implemented as an
FIR with symmetrical coefficients. The time domain
waveform of the modulated subcarrier is shown in Figure
1.

HSDS Subcarrier Receiver Performance

It is of particular interest to determine the signal-to-noise
ratio in the subcarrier channel SNRg , since this
determines BER performance for a given modulation
technique. For an FM receiver system in the absence of
multipath effects, SNRg. depends primarily on the
following parameters:

e  Carrier power C in dBm in the main FM channel
receiver IF.,

e  Percentage of power available to the subcarrier,
typically specified as an injection percentage.
Effective subcarrier channel bandwidth B in Hz.
Receiver noise figure NFp.,r.

The relationship that contains all the above factors then
becomes a key system design equation for coverage

tradeoff studies. Assuming narrowband FM and an ideal
FM demodulator, the general relationship for the SNR in
any subcarrier channel is given by:

SNR=C*B2/(FpcyrkTBg),

where

P = ratio of peak frequency deviation of the subcarrier to
the subcarrier modulating frequency

k = 1.38*10"23Joules/K Boltzmann's constant,
T=290"K Thermal noise temperature.

Expressed in logarithmic units the result becomes:

SNR g =C+20*Log(B)-10*Log(kT)-10*Log(B.)-
10*Log(Frcyr)

As an example of the use of the above formula we will
consider the HSDS case:

kT=-174dBm/Hz
NFc=5dB (worst case for current receiver IC)
By=25kHz (10Log(B.)=44dB)
SNR4.=12dB,
20Log(B)=-19dB (10% injection),

where an SNR. of 12dB is assumed to be the minimum
required for an acceptable BER performance, and Bgc,
the noise bandwidth at RF is twice the effective receive
filter bandwidth at baseband.

Under the above conditions with a subcarrier injection of
10%, the weakest signal at the receiver input that can be
demodulated to give an adequate BER performance can
be calculated as receiver sensitivity:

Cmin = SNRg-20*Log(B}+10*Log(kT)
+10*Log(Bg)+NF ey r
=12419-174 +44 +5
=-94 dBm

The above result can now be used to consider coverage.
To this end a relationship is needed connecting receiver
sensitivity with an electromagnetic field strength value.
This is obtained using the standard free-space half-wave
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dipole equation relating field strength E (volts/m) to
power Pdipole (watts) developed at the dipole terminals.

Pdipole=(E2/120m)*(A2/4m)*1.64

A=wavelength of the radiation and is assumed = 3 meters
(f = 100Mhz) for illustration purposes.

For a given antenna gain, relative 1o a dipole, the
receiver sensitivity computed above can be related to the
required field strength E. Two cases are considered:

1. An automobile whip antenna with a gain of 0 dBd
with an appropriate receiver results in a field strength
requirement of 23.5 dBuV/m.

2. A wrist sized loop antenna with a gain of -29dBd and
the current HSDS MessageWatch™ module results in a
sensitivity of 52.5 dBuV/m.

The nominal sensitivity of the HSDS MessageWatch™
receiver and a HSDS automobile receiver sensitivity as
computed above can then be related back to the standard
coverage charts for any given FM station.

FM Broadcast Environment
The FM radio base band signal is discussed in this
section. HSDS is described and shown with a typical
stereo station's base band signal. Compatibility of HSDS
with the audio and RDS is discussed.

HSDS in the FM Broadcast Channel

The HSDS subcarrier is summed onto the FM station's
baseband signal before being FM modulated onto the RF
carrier. The spectrum of an audio stereo baseband signal
with HSDS signal is pictured in Figure 2.

Compatibility with main channel audio

In subcarrier applications it is critical that the subcarrier
not interfere with the audio channel in a way that would
affect a listener's perception of audio quality. There are
two principal considerations in this regard: the first
relates to the transmission filter and the out of band filter
attenuation. HSDS filtering at the transmitter is
implemented digitally with a finite impulse response
filter. The subcarrier is more than 60dB below the pilot
at the band edges.

The second interference source is potential nonlinear
mixing of the subcarrier with the audio due to multipath.
As a countermeasure to interference from multipath, the

HSDS protocol (described in later sections) uses data
randomization to 'whiten' the signal and in particular
avoid the generation of tones in the audio portion of the
band. Extensive field and laboratory testing, along with
significant operational experience in Seattle and Portland
have demonstrated HSDS has no noticeable interference
with the main channel audio.

Compatibility with the RDS subcarrier

RDS is a subcarrier standard first available in Europe
and now gaining acceptance in the USA. The standard
occupies the band of 54.6kHz to 59.4kHz and provides a
data rate of 1187.5 bps. Lab tests were performed to
evaluate the effects of the HSDS signal on RDS
reception. A highly compressed audio was used for these
tests. Seven commercial RDS automobile radios were
tested. RDS receiver sensitivity was defined as .01 BER
using 2.66% injection. Results from a representative
receiver are summarized in Table 1.

RDS receiver No Audio With L-R

sensitivity Audio

No HSDS -93.5 dBm -92.5 dBm

With HSDS -93.0 dBm -91.75 dBm
Table 1

As can be seen from the table, impact of HSDS signal is
less than .75 dB with or without audio. The impact of L-
R audio on RDS sensitivity is 1 dB or more. Considering
L-R audio has a greater impact on RDS than HSDS, the
impact of HSDS on RDS is entirely acceptable.

Link Layer

This section describes the link layer. The layer includes
features required to make a reliable single station data
link. The link layer includes the frame structure and
packet structure (size, word synchronization, error
detection and correction).
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Packet Structure
HSDS Data is transmitted in fixed length packets. The
bottom part of Figure 3 illustrates the packet structure

used in the HSDS Protocol. Each packet is 260 bits long.

Packet format bits in each packet control the packet's
structure. A typical packet format consists of a word
synchronization flag, error correction code (ECC),
information bits and error detection code (CRC). The
following description assumes the packet format used in
currently operating HSDS systems.

The information bits from higher layers consist of 18
octets (8 bits per octet) per packet. A two octet CCITT
standard 16 bit CRC is generated from the 18 octets and
appended thus creating a 20 octet link data unit. The
first octet (the incrementing slot number) of the 20 octet
data unit is XOR'd with each of the following 19 octets
that results in pseudo-randomized data. (In the event of
multipath or other distortions to the signal during
reception data randomization tend to ‘whiten' the sounds
in the audio channel.) Appended to each octet of
randomized data are 4 bits of Hamming ECC, the
resulting 20 - twelve bit words are referred to as ECC'd
data. This error correction method provides single bit
error detection and correction in 12 bits, or 8.3%
correction capability. This method is quite easy to
decode and reasonably efficient.

To increase burst error correction capability, the ECC'd
data is interleaved on transmission providing immunity
to 20 bit error bursts. Word synchronization is
established by a 20 bit flag sequence that is added at the
beginning of the CRC'd, randomized, ECC'd, interleaved
data. Table 2 shows the steps in the link layer
transmitter encoder and the reverse steps performed by
the receiver decoder.

A double error correction on a stream of packets is being
planned for applications with less severe power
constraints, and requirements for higher data reliability.

Step | Transmit Encoder Receive Decoder

1 Compute and add Find flag
CRC

2 Randomize data Deinterleave data
3 Add error correction | Apply error correction
4 Interleave data Derandomize data
5 Add flag Compute and compare
CRC
Packet Structure Encode and Decode steps

Table 2

Frame Structure

The HSDS Protocol is based on a packet oriented time
division multiplexed (TDM) scheme. The top section of
Figure 2 illustrates the frame structure used in the HSDS
Protocol. The largest structure used by the protocol is a
master frame. Each master frame contains 64 subframes.
Each subframe is divided into 1027 units called time
slots. Each slot contains a packet. The first three times
slots in each subframe are control slots, and the
remaining 1024 are regular message time slots. Control
slot packets include time of day & date and lists of
surrounding stations using the HSDS Protocol. Regular
message time slot packets typically include a slot
number, receiver address, data format, packet format and
the message data.

The 19khz stereo pilot signal is used as the clock for the
data. Since the stereo pilot may not be exactly 19khz, at
the time of transmission, a single bit may be added (pad
bit) between packets as required to maintain exactly
19,000 bits per second data rate. This occasional
addition of a pad bit maintains proper synchronization
with UTC.

Network Layer

This section describes the network layer. The network
layer includes features required to make a number of
individual stations act as a single system. The network
layer includes receiver addresses, multiple application
multiplexing, multiple station concepts such as local
station lists, station time offsets and synchronization
between stations via UTC, and network reliability
conceplts.

Muitiple Station Systems

When multiple station systems are required, master
frames are synchronized to UTC and begin at the start of
each quarter hour (plus an individual transmitter's time
offset). The synchronized and time offset stations
provide an opportunity to change the tuned frequency
and make subsequent attempts on other frequencies to
receive packets.

System Reliability

Robust wireless systems require methods to address
multipath and shadowing issues. The effects of
multipath, which are not included in the analysis of
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receiver performance earlier, play a significant role in
determining system performance. Multipath can be
viewed as a time-varying nonlinearity that can distort or
reduce the received signal to a point that reliable
reception is no longer possible. Shadows behind hills
and mountains or due to man made obstacles to radio
frequencies can reduce signal strengths below sensitivity
levels.

Some systems attempt to address these issues with
extensive error correction schemes. While these
techniques are useful for the moving receiver, they
become ineffective when the receiver is stopped in an
extremely low signal strength area or moving very slowly
through multipath nulls. A car stopped at a traffic light
or a person at a desk wearing a receiver are two examples
of the breakdown of even the most robust error correction
methods. Diversity techniques are frequently used to
combat multipath effects. HSDS addresses multipath and
barrier issues with a combination of frequency, space and
time diversity and message numbering.

Diversity Techniques possible with HSDS
Frequency diversity can be achieved through the
capability to tune any frequency in the range from 87.5 to
108Mhz. By transmitting on multiple frequencies a
receiver in a multipath null at one frequency is not likely
to be in a multipath null on another frequency. In the
event a receiver is behind a hill or other such obstacle to
reception, space diversity can be used as required by the
application.

Space diversity (transmitters at different locations)
provides paths from two or more directions reducing the
size of shadowed areas, and reduce the possibility of
missed messages.

Time diversity can be provided in two ways -- multiple
transmission on the same station and delayed
transmission between stations. Multiple transmissions of
information several minutes apart is utilized for wrist
mobile applications where a receiver may be passing
through a radio frequency shielded area, such as a tunnel
or deep basement. The second method for time diversity
includes a time offset for data transmission. This time
offset between stations provides an opportunity to change
the tuned frequency and make subsequent attempts to
receive a packet for low data rate receivers. When much
greater throughput is required, receivers operate on the
best station selected from the stations available.
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Message Numbers

In addition to diversity techniques, each transmission
includes a transmitted message number that eliminates
duplicate messages and permits detection of missed
messages. When there are multiple transmissions of a
message, it is possible to receive the same message
several times. By rejecting duplicated message numbers,
multiple transmissions do no appear as duplicate
messages. A receiver can keep track of the received
message numbers, and if there is a skip in the message
number sequence, it can be concluded that a message was
missed. The input system can log each message by
message number and permit retrieval of missed messages
by the owner of the receiver.

Implementation

Receiver Integrated Circuit

The receiver integrated circuit's primary function is an
FM receiver that takes the RF signal from the antenna
and generates the base band signal from 0 to 100khz.
General Specifications for the IC are as follows:

e sensitivity < -91.5 dBm at 10% subcarrier injection
e 12 dB subcarrier to noise ratio output at sensitivity
e frequency range from 87.4 to 108Mhz

¢ power required 2.1 to 3.3 Volts, 18 mA maximum
operating temperature 0 - 50° C

number of external components - about 29

number of adjustments required - none

Demodulator Integrated Circuit

The demodulator integrated circuit's primary function is
to demodulate the base band signal into a 19 kbs
synchronous binary data stream. Other functions include
a synthesizer for the receiver IC (providing 100khz steps
over the FM band) and loop antenna tuner control, and a
256 bit EE-PROM. General specifications for the IC are
as follows:

¢ Demodulator
e data filter - 32 point FIR square root cosine filter,
66.5khz center

e variable level data detection from 5% to 20%
injection levels
e clock - 19khz digita! phase locked loop
power required - 2.1 to 3.3 Volts
3.5 mA maximum - data demodulator
1.5 mA maximum - synthesizer
operating temperature 0 - 50° C
number of external components -10
number of adjustments required - none



Complete Receiver / Demodulator Module

The above integrated circuits have been combined into a
complete receiver / demodulator module. This module,
when attached to an external antenna, provides a 19,000
bit per second synchronous data to external decoder chips
and processors. Its approximate size is 30 x 27 x 6 mm.

Subcarrier Generator

An HSDS subcarrier generator using DSP technology is

available. Features include:

¢ Datais phase locked to 19khz pilot with adjustable
phase angle.

¢ Full redundant operation including automatic switch
over to secondary subcarrier generator with separate
power supply.

e Out of band energy detection and auto shut down for
fail-safe operation of audio.

¢ Internal watch dog timer for automatic reset
e Remote control operation

Protocol Queuer / Encoder
An HSDS Protocol queuer and encoder is also available,

Lab Tests
HSDS with a 10% injection and the described integrated
circuits provide a receiver with a -91.5 dBm sensitivity,
12 dB subcarrier to noise ratio, 2x10-2 BER, a0.55
packet completion rate (PCR) and, with 3 transmissions
on a single station, a 0.91 message completion rate
(MCR). This is illustrated graphically with Figure 4,
which shows the various components and their sensitivity
specifications

Subcarrier to Noise Ratio (>12 dB)

Antenna

Bit Error Rate (<2%)

Message
Completion
Rate (>90%)

Power to Receiver (< -91.5dBm)

HSDS Performance Charateristics at Sensitivity

Packet Completion Rate (>55%)

Figure 4

A plot of a current MessageWatch™ module's
performance PCR versus input power in the lab is shown
in Figure 5.
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Field Tests
Results from two field tests in Portland, Oregon are
shown. The first tests, in 1987, were used for initial
range and performance evaluation including error
correction techniques. The second tests, in 1989, were
used to determine coverage of the then planned
commercial system.

1987 Field Test -- Error Correction

Results shown are from field tests in Portland, Oregon in
1987 on a single station. The transmitter is 100 kW ERP
on a tower 830 feet above average terrain on frequency
101.1Mhz located 45-30-55 N and 122-43-50 W.

A sample from a single run from the intersection of
Oregon Highway 217 and Interstate 5 (7 miles from the
tower) going South toward Salem on IS (41.5 miles from
the tower) is used for all the following analysis. This data
is referred to as the I5 to Salem run.

Figure 6 shows basic results from the IS to Salem run --
the packet completion rate (PCR), mean received power
in dBm, standard deviation of the power in dBm, and
travel speeds in miles per hour are plotted versus the
distance traveled. The signal to the receiver was reduced
to reflect a -30 dBd wrist band antenna. Each plotted
point represents a distance of about 500 feet and the
average of 250 samples of PCR and received power. The
standard deviation is plotted as a negative value to help
distinguish it from PCR data. Standard deviation of the
received power reflects the degree of multipath -- the
larger the deviation, the greater the multipath. Travel
speed was maintained at about 55 miles per hour.
Received power level is clearly declining as one moves
away from the tower. The highest PCR appears to be in
areas with adequate signal and minimal multipath as
would be expected.

Fraction of Errors 15 South 1/31/87

A study of bit errors and the effectiveness of the Error
Correction method was performed. An analysis of the IS
to Salem run shows the packets sorted into four
categories -- error free packets requiring no error
correction, packets that could be corrected, packets that
could not be corrected, and packets missed entirely due to
failure to obtain word synchronization. Fully 64.1%
were error free prior to error correction, 11.9 % were
correctable, 7.2% were in error after error correction and
16.7% were missed due to lack of synchronization flag.
(A later modification of the system decreased the

x ]
£
> 0.1
2
2 " Fraction before

g 0.01
§ s correction
L UL ====:::i : = O Fraction after comrection
g 0.0001
s O.OOOOIFHHHH T

1 10 100 1000
Number of bils in error
Figure 7

perceniage of packets with missed word synchronization
by looking for either the leading flag of the packet of
interest or the flag of the following packet.)

Figure 7 shows the correctable and not correctable
packets sorted for the number of bits initially in error.
This shows a nearly log log linear decline in the
percentage and the number of the errors in the packets.
All packets with 1 bit in error were corrected while the
majority of packets with less than 10 bits in error were
corrected. Again from figure 7, the correction scheme

NAB 1994 Broadcast Engineering Conference Proceedings—21



performed poorly with greater than 10 bits in error but
there are few packets with such errors.

No error correction method can be 100% successful. Of
the packets needing error correction, more than 62% of
the packets were correctable, while 38% were not
correctable. These results lead to the conclusion that
repeating packets is necessary to provide satisfactory
completion rates for receivers with very small mobile
antennas and the error correction scheme should not be
oo extensive.

commercial operation: 95.5Mhz, 98.5Mhz, and
101.1Mhz. The recorded signal strength was taken from
a quarter wave vertical monopole mounted on a vehicle's
roof with its center height 2 meters above ground through
a splitter to a spectrum analyzer measuring the power.
The recorded Packet Completion Rate results were
obtained using the same antenna used for signal strength
and a -90 dBm receiver padded down to simulate a -30
dBdyertical antenna at a center height of 1 meter.
Current MessageWatch™ receiver sensitivity of -91.5
dBm and antenna gain of - 29 dBdyerqical SPecifications
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The same data was then sorted based on received signal
power and is plotted in Figure 8.

The distribution of samples from that run are also
included. The effectiveness of error correction is clearly
significant and is even very helpful at relatively high RF
power levels. More extensive error correction schemes
cannot improve these results significantly and the
capacity of the system used by extensive correction
schemes is better used for repeating transmissions.

1989 Field Tests -- Portland Range / Coverage

The following set up was used for 1989 Portland range /
coverage testing. Three stations were selected for
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are 2.5 dB better than simulated in this testing.

A map of the Portland Area is provided as Figure 9
showing major towns. Thin lines or dots on the chart
show the data points taken in the testing. Figure 10
shows signal strength contours of 60dBuV/m and
80dBuV/m for station 101.1Mhz. Portland is in a valley
surrounded by mountains to the East and West that limit
coverage in those directions. The Packet Completion
Rate Maps - Figures 11, 12, 13 & 14 show areas of
>90%, >69%, >55%, >44% PCR respectively for station
101.1 Mhz . These maps represent 90% or better
Message Completion Rate areas for 1,2, 3 and 4
transmissions respectively. The dramatic increase in
coverage associated with multiple transmissions is clear.



Commercial Operations

Currently commercial service under the Receptor
trademark is offered in two metropolitan areas: Portland,
Oregon, and Seattle/Tacoma, Washington. Portland
utilizes three FM radio stations to provide a coverage
footprint with approximately 1.2 million people living
within its boundaries. In Seattle and Tacoma, seven FM
radio stations are used to provide a coverage area with
2.6 million people.

Beside numeric and standardized messages ( such as Call
Home, Call Office, etc.), more than 10,000 customers
receive various combinations of the following
informational services:

¢ Professional and collegiate football, basketball,

and baseball scores

e Daily weather forecasts

® Local ski reports during winter months

¢ Daily Dow Jones Industrial Average closing

information

¢ Winning daily and weekly lottery numbers

Summary

A high speed data system (HSDS) delivered over
commercial FM radio subcarriers has been shown. Itis a
flexible system, providing inexpensive one-way wireless
data communications that will be used in many
applications.

References
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THE DEVELOPMENT AND STRATEGY OF AN FM MULTIPLEX
BROADCASTING SYSTEM FOR MOBILE RECEPTION

Tetsuro Miyazaki and Tadaaki Tanaka
NHK Planning Division of the Engineering Administration Department and
Osamu Yamada and Tadashi Isobe
NHK Science and Technical Research Laboratories
Tokyo, Japan

ABSTRACT

NHK has developed an FM multiplex

broadcasting system for mobile reception
using a new modulation method called LMSK
(Level controlled Minimum Shift Keying).
The system is called DARC(DAta Radio
Channel).
DARC has a transmission capacity of 16
kbps, more than 10 times that of the RDS
(Radio Data System) of Europe. The system's
specifications have been established.

For application of DARC, traffic informa-
tion services are expected to be a key in
Japan. In Tokyo in November of 1993, a
large scale public demonstration was carried
out to build a public opinion desiring early
implementation of traffic information
services.

1 INTRODUCTION

An FM multiplex broadcasting can provide
new services such as traffic information,
text and graphic information (news, weather
forecasting, etc.) and data to control
receivers (tuning and switching on and off,
program identification, etc.).

In FM multiplex broadcasting, digital
signals are combined with stereo sound
signals using a frequency division technique.
Therefore, new spectra are not needed and
the cost of installation is very low.

In Japan, we have been studying FM
multiplex broadcasting systems since 1985,
at the Telecommunications Technology
Council authorized by the Ministry of Posts
and Telecommunications. The council set the
standards of character and graphic
broadcasting for mobile reception in May in
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1993. The standards are based on the
technique that was developed by NHK.

On November 9 and 10 of 1993, Vehicle
Information & Communication System
(VICS) Promotion Council held the public
demonst-ration in Tokyo. The demonstration
gave us the great opportunity to appeal the
performance of DARC.

2. NHK'S FM MULTIPLEX BROADCASTING

NHK has developed DARC using a new
digital modulation method called LMSK(Level
controlled Minimum Shift Keying) which is a
kind of MSK. DARC is multipath-proof, and
has a transmission capacity of 16kbps.
Moreover, it has a compatibility with the
RDS system because they use different
frequency bands.

DARC has many merits for traffic infor-
mation services. The important merits are as
follows:

(1) Proper reception in a moving car

(2) A wide coverage area

(Almost all of the stereo sound service
area)

(3) A large transmission capacity of
16kbps

Figure 1 shows the baseband spectrum of
the DARC signal. The multiplexing level of
the digital signals is controlled by the L-R
signal level. MSK with an amplitude level
which is controlled as mentioned above is
referred to as LMSK. By using LMSK, which
increases the multiplexing level only during
an increase of the modulation level of the
stereo sound signals, the digital transmission
with the best energy efficiency under
multipath interferences is possible.



The product code of the (272,190) code
and an interleaving technique have been
adopted for correcting errors caused by
fading. The error correction capability of the
(272,190) code is so powerful that it is
adopted for other digital systems such as
teletext in Japan.

The LSI for demodulating LMSK signals
and accomplishing error collection of
(272,190) code has been developed.

3. TRANSMISSION TEST

Transmission tests were carried out to
measure the performance of the 16kbps
LMSK system in the service area of the NHK
Tokyo FM station. Table 1 shows the
transmission parameters of the test, All
expressways and main national roads in the
area were selected for the tests, and the
measured distance totaled more than
1500km. Transmission data could be
received without error during the 90% of all
measured time by carrying out error
correction with the product code of
(272,190) code.

Generally in cars, we can't get 100%
correct reception at all places due to intense
multipath interference among high-rise
buildings or cut-off in tunnels. It is
necessary to transmit same data several
times.

Figure 2 shows the roads where more
than 95% correct reception rates can be
obtained in the FM service area of the NHK
Tokyo FM station. Here a correct reception
rate is derived from the number of received
correct pages out of the number of all
transmitted pages, and one page is assumed to
consist of 15 packets. ( 1 packet = 22 bytes)

A correct reception rate of more than
95% can be secured with one reception
within approximately 20km of Tokyo Tower
where the transmission antenna is installed.
In case of three times iterative
transmission, more than 95% correct
reception rates can be obtained in almost all
service areas.

il HI
INFORMATION & COMMUNICATION SYSTEM

1 Vehicle Inf . | —

System (VICS) Promotion Council
VICS Promotion Council was established

in October of 1991. The Council consists of

over 200 companies and organizations.

Establishment of the Council had been

planned by the group of promoters, which

was based on mainly private companies such
as car manufacturers and
electric/communication manufacturers. The
establishment had been supported by the
three government offices - the National

Police Agency, the Ministry of Posts and

Telecommunications and the Ministry of

Construction -.

The purpose of the Council is to promote
the adoption of the VICS in to practical use
within a reasonably short period of time.

The activities are as follows:

(1) Conducting investigations, research and
development aimed at putting the VICS
into practical use.

(2) Activities to spread the use of the VICS.

(3) Other activities necessary to achieve the
purpose of the organization.

A number of interested organizations have
been conducting researches on an
information distribution system in response
to various high-level needs of drivers.

Through the efforts of the National Police
Agency, the Ministry of Posts and
Telecommunications, and the Ministry of
Construction, those researches were
integrated into VICS. Consequently various
activities were brought up to the national
level.

VICS is similar to the Advanced Traveler
Information System(ATIS) in the Intelligent
Vehicle Highway System(lVHS), which is
being developed for the United States by the
Federal Highway Administration.

4.2 Publi m r

Public Demonstration of VICS was held in
Tokyo, on November 9 and 10 in 1993. The
demonstration aimed for the promotion of
public understanding and recognition of VICS,
in consequence, building a public opinion
desiring early implementation and commer-
cialization of VICS. In the demonstration
about 600 volunteers experienced VICS by
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using 45 cars provided by 27 member
manufacturers .

Figure 3 shows the total configuration of
the demonstration experiment system. The
information distribution media for
communicating with drivers were radio
beacons, optical beacons, and FM Multiplex
Broadcasting. Road traffic information was
sent from Tokyo Metropolitan Police
Department and road administrators.

Symposium and exhibition were held on
the same dates.

5. THE STRATEGY OF AN FM MULTIPLEX
BROADCASTING

FM broadcasting networks have already
covered almost areas all over the country.
Therefore drivers will be able to get traffic
information everywhere and at all times if it
is broadcasted on the FM broadcasting
networks.

For VICS information services, three
types of display are under consideration.
DARC can transmit traffic data to all types of
display as realtime traffic information. The
three types of display are as follows:

Type 1: Map display
To display traffic jams, accidents,
etc. on the in-vehicle road map of
navigation systems.

Type 2: Simplified graphic display
Text and simplified graphics
presented via an in-vehicle TV-
type display that shows VICS
information.

Type 3: Text display
VICS information displayed in text
on the liquid crystal display(LCD)
of an in-vehicle radio set and audio
set.

DARC has high transmission capacity. So
even when traffic congestion is severe in
Tokyo, it is estimated that traffic
information can be sent twice every five
minutes using a half transmission capacity.
Traffic information is designed to be renewed
every five minutes at present.
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In practical application, it is effective to
display road congestion information or
traffic accident spots on a detail map made by
navigation systems. In Japan, approximately
400,000 vehicles already have navigation
systems installed, and a national-wide digital
road map database of CD-ROM is on the
market. DARC can send a large amount of
real-time traffic information to those
navigation systems as previously mentioned.
Using real-time traffic information on the
navigation systems, drivers can easily
choose optimal routes to avoid traffic
congestion. This will result in the reduction
of driving time and traffic jams as a whole.
5.2 Other new services

Because of the mountainous terrain of
Japan, many relay stations are constructed
to eliminate blind areas from key stations.
Drivers may have to tune their radio
frequently while driving according to their
location. Therefore, an automatic tuning
function could be attractive for drivers when
the DARC is introduced. It is also convenient
for drivers to display the accurate time or
the name of broadcasters.

In Japan, musical programs such as
classical music, opera, and popular songs are
mainly broadcasted in FM broadcasting. So it
is considered to broadcast information
relating to music programs, for example
names of its composer and player, and
song'texts.

A portable receiver using a special LS! is
scheduled to appear on the market in the near
future in Japan. The receiver is designed to
have a two lines LCD display.

ration with Digital in ni
States

At the NAB Radio show in Dallas on
September of 1993, Digital DJ presented a
new service using an FM Multiplex
Broadcasting. Digital DJ adopted DARC for an
FM Multiplex Broadcasting.

The Digital DJ receiver has an LCD
screen. When a listener hears a song he likes
and wants more information, he can look at
the screen to learn the artist's name, CD
name and other relevant information.
Similarly, if a listener hears an interesting
advertisement, he can not only receive




additional information relating to the
advertisement such as addresses and phone
numbers, but also he can store the
information on the Digital DJ memory and
recall it later.

6. CONCLUSION

For application of DARC, traffic infor-
mation services are expected to be a key in
Japan. One of the reasons is that DARC is
specially suitable medium for mobile
reception. Another reason is that many
drivers tend to demand more detail and more
accurate traffic information especially in big
cities like Tokyo.

DARC has many merits. It needs no new
radio waves, and offers wide service areas,
and low installation costs. Portable receivers
with an LCD screen and in-vehicle receivers
are to be on the market in the near future.
Those receivers will soon prevail among
people of all ages as highly intelligent
receivers.

DARC is now under consideration in
Sweden and Norway.
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Table 1 Transmission parameters

Frequency 82.5MHz
Tx Location Tokyo Tower
Rx Location Same area as FM

stereo broadcasting

ERP(Watts) in the 44,000
Direction of Rx
Antenna Height 212
Above Sea Level(m)
Modulation method LMSK

Subcarrier 76kHz
frequency
Bit rate 16kbps

Multiplex level™ 4-10%

*
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NEW BROADCAST DECISIONS: DIGITAL NETWORK
COSTS VERSUS REQUIRED BIT RATE FOR DESIRED
AUDIO BANDWIDTH AND AUDIO QUALITY
James M. Switzer
RE AMERICA, Inc.

Westlake, Ohio

ABSTRACT

Availability of digital telephone network circuits such as
ISDN, T-1, Fraction T-1 and Switched 56 is rapidly
growing in the United States. These digital network
services are fast becoming the broadcast standard for
digital audio transportation. As broadcasters embrace
digital audio codec technology they need to address a new
set of issues related to bandwidth and quality of the
desired audio. These issues are directly related to the
available network bit rate speeds and network costs. This
paper can serve as a "layman's" guide to broadcasters in
achieving the proper mix.

INTRODUCTION

Transportation of audio program material for broadcast or
studio use is in the final stages of completing an
"evolutionary circle”. In the early days of radio and
television, programs were transported to studios or
transmitter sites by the local telephone company or
through AT&T long distance phone lines and coaxial
cable. Analog lines and mechanical equalization were
the method of choice, and in fact are still in use today.
Since the 1960's, alternative transportation methods
evolved, such as microwave, RF radios and satellite
transmission. These alternatives brought down the cost
of point to point and point to multi-point transmission of
program material over long distances. These tech-
nologies replaced most of the program audio lines
supplied by telephone company services.

Today, the digital "super highway" is growing, and with
it brings the opportunity for broadcasters to return to the
telephone company for program distribution.  The
“circular migration" back to the phone company is made
possible with the advent of high speed microprocessors
which, among numerous other uses, can be utilized for
real time digitization of analog audio or video material.

Digital audio is being implemented in upgrade and new
studio construction at an incredible pace. Several
manufacturers have embraced popular international
standards, or have implemented proprietary algorithms
(the mathematical equations used for bit rate reduction of
digital audio or video).

The broadcaster has many choices in traveling down the
road towards full digital program implementation.
Budgetary constraints often drive the decision making
process for implementation of new technology. Of
greatest concern is that a capital investment must be
proven to support a need that returns a value consistent
with the goals of the business.

In the case of broadcasting, the consumer is the focus,
and the product is the program format. In order for new
technology to fit in to the focus of broadcasting, it has to
provide a value that affects the goals. In the case of
digital audio transportation, the desired audio quality,
and the cost of delivery is of primary concern. Hidden
within these concerns is the assumption that the audio
quality is maximized while the cost of delivery is
minimized. In order to implement digital audio
technology, the investment must provide short and long
term benefits.

Identifying The Present And Future Needs

When planning the implementation of digital audio
codecs for audio transportation on the public telco
networks (or microwave and satellite), the short and long
term benefits are not always obvious. Before a cost
analysis of the proper digital network can be performed,
the decision for the right equipment relative to the needs
has to be made.
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Identifying The Present And Future Needs,
Continued...

The following considerations are recommended when
evaluating a transmission system based on short term and
long term needs:

A) :Present Needs: Define the current need that is
driving the evaluation and selection of a digital audio
transportation system:

1) What is the task?

2) What is the desired bandwidth?

3) Is it mono or stereo?

4) What level of subjective quality is needed ?

5) Is it a one way transmission or two way (duplex)?

6) Identify the digital bit rate transmission speed and
type of network needed.

7) Select the proper digital audio codec.

8) Draft a relative capital and operating cost outline
for present needs.

B): Future Needs: Dcfine known future uses, anti-
cipated potential uses, or create new potential uses for the
equipment identified for the present needs:

1) What other opportunities exist that might extend
the needs identified for the present?

2) What are the potential future bandwidths desired?

3) Is it mono or stereo?

4) What is the potential level of subjective quality
needed to satisfy future potential?

5) Is it a one way transmission or two way (duplex)?

6) Identify the digital bit rate transmission speed and
type of network needed.

7) Select the proper digital audio codec.

8) Draft a relative capital and operating cost outline
for future potential needs.

C): Analyze the results:

1) Establish the incremental costs for the present and
future needs of the audio equipment.

2) Determine if the incremental costs add
incremental value (revenue).

A) Present Needs Discussion: Usually there is a planned
need or event that drives the search process. It may be
that a station needs a new STL or RPU system. Perhaps
there is a need for a back-up system for redundancy or
emergency operation. Whatever the case may be, it is
best to define the need in writing to make sure that it is
clearly identified.
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A fictitious example for a Cleveland, Ohio station might
respond to the recommended outline as follows:

Present Need Example:

Question 1: What is the task?: The station can obtain a
contract for the broadcast of the local pro football
franchise as long as it can supply audio quality greater
than provided by standard telephone dial up lines (300 Hz
to 3.4 kHz single line). In fact, the franchise
recommends G.722 type 7.5 kHz quality or better. The
RPU system can be mono since it is voice only.

2) What is the desired bandwidth?: The task above
states a minimum of 7.5 kHz.

3) Is it mono or stereo?: The task above states a
minimum for mono transmission.

4) What level of subjective quality is the needed ? The
task above is for sports commentary, indicating a voice
only need. Since it is a live feed situation, there will be
little or no editing of the bit rate reduced audio. This
implies that G.722 quality will suffice.

5) Is it a one way transmission or two way (duplex)?
In this example, one way transmission is satisfactory if
cues are performed from the off air signal. Additional
cues can be accommodated on a standard phone line if
necessary.

6) Identify the digital bit rate transmission speed and
type of network needed. Since the identified G.722
technology is only capable of 56 or 64 kbit/s mono
transmission, a switched 56 service would work. An
ISDN (Integrated Service Digital Network), while
providing up to 128 kbit/s on a standard BRI (Basic Rate
Interface) will also suffice, even though it has twice the
bit rate required.

7) Select the proper digital audio codec: Several
manufacturers provide G.722 equipment. This type of
equipment requires a network interface device as well. A
DSU/CSU is needed for switched 56 service, or
alternatively, a terminal adapter and an NT-1 is needed
for ISDN. Equipment decisions for product selection will
be discussed later in this paper.




Identifying The Present And Future Needs,

Continued...

8) Draft a relative capital and operating cost outline
for present needs: For the present needs, it would
appear that the broadcaster should buy a G.722 capable
audio codec and an appropriate DSU for switched 56
service, or a terminal adapter for ISDN service. For this
Cleveland, Ohio example, switched 56 service is
available, but so is ISDN. ISDN is half the cost of
switched 56, making this the network of choice in
Cleveland. (It is common across the U.S. for ISDN to be
at least half the cost of switched 56, however, many
broadcasters may only have access to switched 56 service,
as ISDN is in the early stages of deployment).

The key present needs have now been identified for this
example. The following cost outline in Fig.1 for both
capital and operating expenses for the identified digital

audio equipment can be drafied:
TY| Capital Equipment | Cost: Notes:
2 | G.722 codecs, cables |$4,500( (based on average
market pricing)
2 | ISDN TA's w/NT-1's | $3,000| (based on average
market pricing)
TOTAL:|$7,500
QTY| Operating Cost Cost: Notes:
Function
2 ISDN Install $ 260(($130 per line, one
(Ameritech) line at each end)
2 Season Phone Bill |$ 400| ($40 per line for 5
(Ameritech) month season)
TOTAL:|$ 660

Fig. 1

The total capital outlay is $7,500 and the total operating
cost for the season is $660. This is assumed reasonable
considering the expected market share and advertising
revenues for eight home football games.

B: Future Needs:

The scenario for the football broadcast venue in the
present needs example above identifies enough equipment
to do the job. When identifying the needs of today, it is
best to search into the magic "crystal ball” to identify the
possibilities of its use in the future. The questions posed
for future needs as outlined previously are now answered
(relative to the fictitious example currently being
evaluated):

1) What other opportunities exist that might extend
the needs identified for the present? The way the
broadcast of the football games is being presented for
present use could be done another way. The present
needs example identifies a mono 7.5 kHz transmission.
Even though the 7.5 kHz bandwidth of the broadcast is
adequate for the football franchise minimum
requirements, neither the AM or FM station is
broadcasting the game at its own full transmitter
bandwidth potential. Stereo broadcasting is a possibility
as well.  The broadcaster might place the main
commentary on one channel and color commentary on
the other, while crowd noise is common to both channels.
Local station inserts during the game broadcast would
have an obvious greater bandwidth and a noticeable
switch between mono and stereo sound if the mono 7.5
kHz equipment identified in the present needs scenario is
followed.

For these reasons, a stereo 15 kHz remote transmission
could be the preferred choice.

Additionally, the equipment investment identified in the
present needs scenario is underutilized during the time
available between game broadcasts and after the football
season has ended. Present needs show the equipment is
in use for a single "season”, and if not used for other
events, will sit idle during the non-seasonal use.

The same equipment identified for use during the football
season may also be used for other events. It is important
to identify the type of events that the equipment can be
used for.

In the Cleveland example, there are many other remote
broadcast event opportunities. As the home of the "Rock
and Roll” hall of fame, there will be musical event
opportunities.  Other venues include the Cleveland
Convention Center and the International Exposition
Center which offer a variety of events such as The Flower
Show, The Car Show, Sports Shows and many more.
Several area shopping malls offer seasonal events or guest
appearances of famous people. Cleveland also offers The
Cleveland Air Show, The Cleveland Grand Prix auto
race, and others. In the "Flats" area of downtown
Cleveland there are several popular comedy clubs,
restaurants and Nautica, an outdoor sound stage on the
Cuyahoga River.
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B: Future Needs Continued...:

These venues may require up to 15 kHz stereo as well as
mono 7.5, or 10 kHz bandwidth. The G.722 equipment
identified in the present needs description above would
not suffice.

2) What are the potential future bandwidths desired?
The answers to question 1 above identifies up to 15 kHz.

3) Is it mono or stereo? The answers to question 1
above have identified stereo.

4) What is the potential level of subjective quality
needed to satisfy future potential? The answers to
question 1 above have identified musical events as well as
greater bandwidth for commentary, which require a
higher degree of subjective quality and bandwidth than
that of G.722.

5) Is it a one way transmission or two way (duplex)?
In the above examples, one way will suffice.

6) Identify the digital bit rate transmission speed and
type of network available. For 15 kHz stereo, the
digital audio codec will need a minimum of 112 or 128
kbit/s.

7) Select the proper digital audio codec. Several
manufacturers provide audio codecs which meet the needs
of 15 kHz stereo transmission (or more). This type of
equipment requires a network interface device as well. A
DSU/CSU is needed for switched 56 service, or
alternatively, a terminal adapter and an NT-1 is needed
for ISDN. Some codecs can provide built in ISDN
terminal adapters. For this example, an RE 660/661 ISO
Layer II digital audio codec is used.

8) Draft a relative capital and operating cost outline
for future opportunities. To accommodate the future
needs costs to meet the above scenarios, the following
chart in Fig. 2 applies:

QTY| Capital Equipment [ Cost: Notes:
1 RE 660 Encoder $6400 |(based on current
1 RE 661 Decoder list price)
cables $100
2 | ISDN TA's w/NT-1's | $3,000 (based on
average market
pricing)
TOTAL:| $9,500
Fig. 2

Note: For full duplex operation at full bandwidth,
add a second digital audio codec ($6,400).
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QTY| Operating Cost Cost: Notes:
Function
2 ISDN Install $1,040 | ($130 per line,
(Ameritech) estimating eight
total lines for the
year)
2 | SeasonPhoneBill | $ 960 (($40 per line for 2
(Ameritech) average full time
lines per year
TOTAL:| $2,000
Fig 2, Continued...
C): Analyze the results:

1) Establish the incremental costs for the present and
future needs of the audio equipment. The above cost
chart in the future potential scenario assumes an ISDN
line at the football stadium, Broadcast station and 6 major
remote broadcast function locations utilizing a flexible
digital audio codec such as the RE 660/661 for a total
capital investment of $9,500 and an operating cost of
$2,000. The incremental capital cost over the present
needs example to meet the future needs example is
$2,000, with an incremental increase of $1,340 in
operating costs.

2) Determine if the incremental costs add incremental
value (revenue). If the equipment is purchased to satisfy
the present needs outlined in the example above, the
opportunity cost of lost events due to lack of equipment,
or the cost of replacing or purchasing additional
equipment to meet the future needs becomes obvious. By
planning future needs into the present budget, a
significant cost savings will be realized for the long term,
while adding only a marginal cost at present.

While this example does not apply the actual revenue and
value of the additional venue potential for the
broadcaster, it is assumed that there is significant market
appeal and advertising revenues in favor of
recommending the equipment identified in the future
opportunity scenarios.

Conclusion to the example evaluated above:

With a minimum incremental cost for capital and
operating expenses, significant additional event coverage
as well as improved transmission performance for the
original task has been proven. By planning the present
needs with direct respect to the future potential,
significant future cost savings of replacement or upgrade
equipment has been realized.



Supporting The Assumptions

The audio quality, bandwidth and mode (stereo or mono)
requirements are used to determine the minimum bit rate
requirements for the desired transmission capability. The
minimum bit rate needed is initially defined by the
application (such as demonstrated in the present and
future analysis example earlier). The network bit rate
may be limited to what is currently available from the
local and long distance telephone service provider, either
by physical presence or monthly recurring network cost to
the broadcaster.

The outline used to demonstrate a hypothetical example
of present and future needs address issues such as
subjective audio quality, required bit rates, audio
algorithms, network terminal equipment and other issues.
The following further clarifies these issues.

Subjective Audio Quality:

Audio quality can be measured electrically, according to
accepted standards, or subjectively, according to the
perception of the listener. Since the subject of this paper
deals with the use of digital audio codecs which utilize bit
rate reduction techniques, it is proper to focus on the
subjective quality of the delivered audio program.

It is not the intent of this paper to rank the subjective
quality of the available digital audio algorithms on the
market today. This paper should allow the non-technical
management decision maker to make educated decisions
without an in depth technical background, or the need to
understand the intricacies of how digital audio algorithms
work.

For further studies related to digital audio, a list of
articles and publications appear at the end of this paper.

International Standards:

It is important for the broadcaster to recognize the value
of international standards. These standards are under the
scrutiny of international committees and are subject to
improvements and modifications, with the intent that
manufacturers adhere to these standards. Standards
provide a degree of interoperability between different
manufacturers of equipment. While this is the ideal goal
of a standard, it is not always the case. For the most pan,
however, interoperability does exist at common levels and
modes of operation.

Existing international standards for digital audio bit rate
reduction systems include CCITT J.41, CCITT G.722,
and ISO MPEG 1, Audio Layers I, II, and III. ISO
MPEG 2 is currently in develo;;ment and is expected to
be adopted by November, 1994.

141 is among the oldest standards, and is a 2:1 fixed
system commonly found in telephone company use for 15
kHz telco carrier audio. The audio is “"companded” to
produce a 384 kbit/s output per channel. While the
quality is very good, the high bit rate requirements of 768
kbit/s for a stereo transmission force this standard in to
expensive telco services such as half or full T-1 service.

CCITT G.7222 is a relatively old standard (about 20
years) that utilizes two bands of 4 kHz audio with 8 bit
resolution, assigning 6 bits resolution to the lower band
and two bits resolution to the upper band. This means
that frequencies over 4 kHz are subject to significant
impairments in subjective audio quality. Subjectively,
G.722 sounds good for commentary, but is bandwidth
limited to 7.5 kHz. This standard has been commonly
embraced by broadcasters simply because it has been
relatively inexpensive to use.

ISO MPEG 1, Audio layers I, II, and III was adopted in
November, 1992 in the audio section of International
Standard ISO/IEC 11172-3 (Coding of Motion Pictures
And Associated Audio For Digital Storage Media At Up
To About 1.5 Mbit/s).

The Layer II algorithm, at 16 bit resolution, has received
the greatest attention around the world, as its use is
intended for digital audio broadcast, motion pictures,
contribution and distribution networks.

The Layer III algorithm currently offers improved audio
quality over Layer II at lower bit rates such as 56, 64, 96
and 112 kbit/s. Layer III is significantly more complex to
implement, and is generally more expensive to purchase.

Because of the complexity of Layer III, most of the
improvements to the ISO MPEG 1 algorithms occur for
Layers I and II. In fact, nearly all of the attention is to
Layer II. This is due in part to the fact that the Layer II
decoder is being implemented in low cost chip form for
consumer product usage. Other factors include the use of
Layer II for DAB. The decoder follows a "generic"
design that receives decode instructions in the incoming
bitstream. Improvements to the encoding algorithm will
be automatically accepted by the generic Layer II decoder.
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International Standards, Continued...:

This allows improvements to the encoder without the
need, in most cases, to modify the decoder. Finally,
greater attention is given to Layer II based on the
progress of the Eureka standard as well as organizations
such as CCIR who are recommending or in the process of
preparing a recommendation to use Layer II for
worldwide broadcast applications.3

New standards proposals to Layer II also include multi-
channel sound and Lower Sampling Frequencies (Layer
II LSF).

Layer II LSF further increases the subjective low bit rate
(56 to 112 kbit/s) audio quality to a point which easily
meets the CCIR defined requirements for low bit rate
commentary codecs (comparable to the subjective quality
of Layer III)4.

Fig. 3.0 below lists the author's recommended appli-
cations for use with the CCITT G.722, and ISO Layer II
digital audio algorithms. The intention of this chart is to
demonstrate the acceptable bit rates of digital networks as
they apply to specific venue usage.

Recommended Applications Relative To Network Bit Rates

Algorithm Bit rates Supported Audio Mode Recommended
Applications
(kbit/'s) Typical BW (kHz)* Mono Dual Stereo | Joint
mono/2 channe! Mono Stereo
G.722 56/64 7.5 kHz v Voice Only
ISO Layer II | 56 11 kHz v Commentary, Sports 3
ISO Layer Il | 64 11/6 kHz v v v v | " Y
ISO Layer Il | 96 20/6 kHz v v v v [ L 3
ISO Layer Il | 112 20/12 kHz v v v v | RPU, Advertising, Music 8
ISO Layer I1 | 128 20/17 kHz v v v v " . 4
ISOLayer1I [ 192  20/20 kHz v v v v | STL, TSL, STS Y
ISO Layer II | 256 20/20 kHz v v v | Concerts, Post Production 3
ISO Layer II | 320 20/20 kHz v v v | High quality 3
ISO Layer I | 384  20/20 kHz v v v | Contribution networks
Fig. 3
e Typical Bandwidth estimates an average bandwidth assumed to be usable based on sample rate selection

and algorithm limitations at the available bit rate
Selection Of Equipment

There are two types of equipment associated with the
transmission of digital audio:

1) The digital audio encoder and decoder (or codec)
2) The telco network interface device.

The Digital Audio Codec: Technology seems to be
advancing rapidly in the digital world of microprocessors.
Personal computer obsolescence is the best example. Last
year's 386 is replaced by this year's 486, which will be
surpassed by the 586 Pentium. Such rapid obsolescence
has created a fear in buying "current” technology.
However, when you need a computer to do a job, you end
up buying what is available anyway.
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The computer analogy can be applied to digital audio
codecs. If you buy G.722 technology today, you may wish
you had bought something more powerful in a very short
period of time.

Knowing that modern audio algorithms will improve as
enhancements and modifications are made, it is essential
to select a product that offers easy upgrade features.
Upgrades are generally done by changing DSP firmware
chips. This process requires access inside the codec,
attention to electrostatic sensitivity, removal and insertion
of the new DSP firmware chips. This can be cumbersome
when the digital audio equipment is rack mounted in a
studio or portable remote set-up.



The Digital Audio Codec, Continued...:

The easiest upgrade method is from those manufacturers
who utilize "flash prom" technology. This allows
firmware changes to be completed from a PC using a
simple connection to the RS-232 data port on the digital
audio encoder or decoder. This process takes less than
ten minutes to upgrade, and can be performed by the less
technical person.

A product which offers more features than needed at the
present may prove to be quite appropriate in the long
term value of the product. Look for digital audio inputs
capable of handling AES/EBU and SPDIF digital
formats. Many manufactures offer this as a cost upgrade
feature. Digital audio codecs from RE provide these
inputs as a standard feature. By having the digital audio
input and output capability built in to the product today, it
will not require a future upgrade (or replacement) as the
broadcaster moves towards full digital implementation,

Other features to consider should include remote control
capability, multiple sample rate selection, auxiliary RS-
232 data capability, audio monitor points, and ease of
operation. A feature found in RE audio codecs include
built in sample rate conversion and studio reference clock
synchronization. This may be a key feature for those
broadcasters who a currently planning a digital studio
upgrade.

The Network Terminal Equipment:

Switched 56 (SW-56) service requires a DSU/CSU
network interface device. This device converts the bit
rate reduced digital audio information into a bitstream
formatted for transport across a SW-56 service. When
using a bit rate of 56 kbit/s for mono broadcasts, such as
when using G.722 equipment, one DSU/CSU and one
SW-56 network connection is required. When using a
stereo codec or greater bandwidth in the mono mode, two
SW-56 lines and two DSU/CSU's are required. The
digital audio encoder or decoder then performs a function
called "inverse multiplexing", which sums the two lines
for a virtual 112 kbit/s network.

When using ISDN, the network interface device is
referred to as a terminal adapter (TA). Some TA's
require an outboard device known as the network
termination or "NT-1". The TA is capable of supporting
two "B" bearer channels of up to 64 kbit/s and a data (D)
channel for dialing.

The NT-1 electrically conditions these digital channels in
to the final ISDN two wire output, known as the "U"
interface. Some brands of TA's have the NT-1 built in,
and offer a form of inverse multiplexing called
"BONDING". When summing two "B" channels, either
BONDING or the inverse multiplexing in the digital
audio equipment can be used, however, the method has to
be the same at both ends of the transmission.

There are several popular brands of DSU/CSU's and
terminal adapters. Discussions on this equipment exceed
the space allowed in this paper. For additional
information on network terminal equipment, please refer
to or request The Digital Network Access Guide,
available from RE America, Inc. and its distributors.’

Pricing the Network

By answering the questions which identify the present
and future needs, a minimum bit rate for digital audio
transportation can be determined. The application will
determine whether or not the network needs to be
"switched", or "dedicated’. STL's or permanent remote
pick up venues which originate a large number of
program hours per month are generally better served by
dedicated services. Dedicated networks are point to point
fixed locations, with fixed monthly recurring service
charges. Backup STL's, or limited usage venue locations
are better served by "switched" networks. Switched
networks cost less per month than dedicated networks,
but have a per minute usage charge for local and long
distance connections.

Switched 56 is generally available throughout the United
States, most of Canada, and even a limited number of
locations in Europe. ISDN is widely available in Europe,
generally available in Canada, and just now becoming
available in the major markets of the United States.

The following chart (next page) shows approximate
current rates and services available from the largest
service providers. A phone number is provided for each
listed company. These numbers can help the reader
acquire further information in the respective telephone
company coverage areas. This information is subject to
change without notice. It is advisable to call for current
rates, as tariffs are re-filed and approved at different
times for each company listed.
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Pricing the Network, Continued...

Digital Network Cost Reference Chart:
Bold pricing indicates Centrex ISDN rates

Major Telco SW-56 SW-56 ISDN ISDN For More Information, Call:
Install Monthly | Install Monthly

Ameritech $550-850 | $107 $120-150 | $30-40 1-800-TEAM DATA
$124-337 | $44-68

Bell Atlantic $725 $150 $120-150 | $28-37 1-800-570-I1SDN
$123-207 | $38-56

Bell South $630-755 | $90 $163-222 | $19-46 1-800-428-ISDN

GTE-Contel $125 $50 $30-50 $10-18 214- 718-5608

NYNEX $412-533 | $90-100 | $150-195 | $29-89 1-800-GET-ISDN
$105-220 | $35-102

Pacific Telesis $500-725 | $45-197 | $70/$220 | $27/$30 | 1-800-622-0735

S. New England Tel. | $600 $80 March 94 | March 94 | 203-771-5111

Southwestern Bell $480-700 | $70-105 | $154 $55.50 314- 235-9553 Texas Only

Sprint (Centel, United) | $20-150 | $30-95 Pending | Pending | 913-624-3972

US West $150-200 | $50-75 $67 $85 303-965-7013 (1IA/NE)
$350 $98 404-422-8238 (OR)

Long Dist. Carrier SW-56 ISDN (per 64 kbit/s) | For More Information, Call:
Mileage sensitive rates | 1st 30 sec Add'16 sec 1st 30 sec Add16 sec
AT&T peak $.135-.191 $.01-.022 | $.135-.191 $.01-.022 | 1-800-222-SW56
off peak $.125-.185 $.009-.02 | $.125-.185 $.009-.02
MCI $.018-.044 $.006-.02 | Call For Pricing - | (214) 918-5850
US Sprint $.06-.127 Per Min Call For Pricing — | Call local offices

Fig. 4

The digital network cost reference chart demonstrates the
price difference for installation and monthly usage costs
between switched 56 and ISDN networks. It is important
to note that calls placed from an ISDN connection can
communicate to switched 56 services and vice versa as
long as it is done at 56 or 112 kbit/s.

The cost of dedicated digital network services must be
priced individually by each telephone company. The
supplied telephone contact numbers are valid for
dedicated digital network service pricing as well.

The switched 56 service pricing usually has a per minute
usage fee for local calls (plus any long distance per
minute fees if applicable). In additional to the monthly
ISDN service charge, additional per minute or per call
usage sensitive rates may apply as well.
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For more information on switched and dedicated
networks, and for further discussion on other digital
networks such as T-1, please refer to the RE America,
Inc. Digital Network Access Guide.$

Conclusion

When evaluating a digital audio compression (bit rate
reduction) system as a solution for a current audio
transportation need, it is best to look to the long term
needs as well. By identifying future potential needs now,
a significant cost savings can be realized. By answering
only a few questions based on present and future needs as
outlined in this paper, the broadcaster can add significant
flexibility, with only a nominal additional expense, to
obtain a digital transportation system which meets the
needs of today and tomorrow.
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SELECTING A BRI ISDN TERMINAL ADAPTER
Lynn Distler
Comrex Corporation
Acton, Massachusetts

Abstract

Terminal adapters (TA) are required to connect
Basic Rate Interface (BRI) ISDN lines to data
terminal equipment (e.g. digital audio codecs).
Selection of a TA can be confusing, since there
are many TAs available with a wide range of
features. Different broadcast situations will use
the flexible facilities of BRI ISDN in different
ways and, unfortunately, different manufactur-
ers and versions of ISDN telephone switches can
require different TAs. This paper gives a back-
ground on the basic functions of a TA and then
gives an overview of issues that should be con-
sidered in selecting a TA for connecting digital
audio codecs to BRI ISDN.

ISDN BACKGROUND

The Integrated Services Digital Network (ISDN)
was designed as the telephone system of the fu-
ture. In the early-to-mid eighties, when the sys-
tem was being standardized, it was believed that
ISDN would be the solution to all voice and data
problems. It was assumed that our homes and
offices would all be connected at the incredibly
fast (at that time) data speeds afforded by the
network. Because it encompassed so much, the
ISDN standards grew to many complex volumes.

Because an investment had already becn made
by the public in lower speed data equipment, it
was felt that some type of conversion would be
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required to allow this equipment to work on
ISDN. The solution was called the terminal
adapter, a device which would incorporate the
complexities of ISDN on one end, and on the
other, provide a simple, standard user interface.
It was felt at the time that a terminal adapter
would be a temporary measure until the deploy-
ment of inexpensive, ISDN-ready equipment.

Since the sluggish introduction and deployment
of ISDN, other technologies have forged ahead
and, in some cases, surpassed it. LANs, a major
application for ISDN, bccame faster (10 MB/s
or more) and made the 64 KB/s data channels
offered by ISDN obsolete for that application.
Users of high speed LANs could not be
bottlenecked by an ISDN WAN, so work began
(and continues) on technology to support LAN
like rates across the telephone network. (Broad-
band ISDN and ATM are examples).

ISDN has found its place, however, in
videoconferencing, T1 backup, and high qual-
ity audio transfer. Because it simply has not be-
come the universal solution it was planned to
be, few manufacturers have found it attractive
to implement a complete ISDN interface to their
data equipment and tclephones. Instead, they
have taken the logical approach of allowing the
terminal adapter to function as the permanent
ISDN interface and focus their talents on their
own equipment. Because the ISDN specifica-
tions have grown so complex and implementa-
tion of these specifications is so varied, the need



for an external device to deal with these prob-
lems makes the terminal adapter a device which
is very likely here to stay.

THE SPECIFICS OF BRI ISDN

The Basic Rate Interface of the Integrated Ser-
vices Digital Network (BRI ISDN) is the sim-
plest and most commonly available type of
ISDN service. It provides user access to two
64 KB/s Bearer (B) Channels and one 8 KB/s
Delta (D) Channel. Each B Channel can be
specified to carry full-duplex data (Circuit
Switched Data) or analog, voice-grade audio
(Circuit Switched Voice) - or alternate voice
and data. (Packet switched data is also an op-
tion for the B channel, but would not normally
be useful in the applications discussed here.)
The D Channel is used by telephone compa-
nies for supervisory functions and is also avail-
able to the user for packet switched data. The
terminal adapter you select will need to sup-
port the specific BRI ISDN line configuration
you order from the phone company.

THE EQUIPMENT REQUIRED

Figure 1
Customer Premises Equipment (CPE)

NT-1

E— \ TERMINAL ADAPTER

AN
N

N\ 2

DIGITAL AUDIO CODEC

Three pieces of equipment are required for send-
ing high quality audio via ISDN lines: the NT1,
the terminal adapter, and the digital audio codec.
(see Figure 1) To digress into some
“telephonese,” the NT1 and TA are referred to
by the phone company as the Data Computer
Equipment (DCE.) The digital audio codec is
called the Data Terminal Equipment (DTE.)
And all three pieces of equipment are referred
to by the phone company as Customer Premises
Equipment (CPE) - in other words, you own it!

THE NT1

Figure 2
BRI ISDN instaliation

Jack Provided by

Telephone Company
1, VU
< _To Central Office RJ 45 e o
S/T & 4 wire
Teminal
Adapter

= Intemationally Recognized ISDN Reference Points

Before we look at the TA, you should be aware
that you will probably also have to provide a
Network Termination Unit (NT1). The NTI is
usually customer provided equipment in North
America because line connection is made di-
rectly into the “U” reference point, before the
NT1 (See Figure 2.) In Europe, for example,
connection is made at the “S” or “T” reference
point - so the NT1 remains on the telco side of
the circuit. The NT1’s function is to convert
the BRI-U two wire RJ-11 type connector pro-
vided by the phone company into a BRI-S/T
four wire RJ-45 type connector used by the ter-
minal adapter.
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Some currently marketed terminal adapters in-
clude a built-in NT1, eliminating the need for
purchasing one separately. However there could
be an advantage in having a stand-alone NT1
because it typically includes two ports. Since
the terminal adapter only requires one port, the
second port may be used with an ISDN type
digital telephone for separate voice communi-
cations, although this can be used only during
times when there is a free B channel.

THE TERMINAL ADAPTER

ISDN terminal adapters provide essentially two
functions:

- They adapt data to a form that can use the
ISDN Network.

- They handle communication with the network,
including details such as call setup and dialing.

COMPATIBLITY ISSUES

It is important to be aware of what is required
in a terminal adapter in order to be compatible
with local ISDN lines and with the requirements
of codec applications. There are three main
compatibility issues that one should consider.

I Switch Types

All ISDN service in the United States is not
alike. Different telephone companies use dif-
ferent switches. This causes great confusion and
has initiated the institution of a national stan-
dard for ISDN services. This standard is known
as NI-1 or National ISDN Standard. Not all
service is entirely conforming to this standard
at this time so the differences in switches must
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be considered. The two most commonly used
switches are AT&T's SESS and Northern
Telecom’s DMS 100, and there are a variety of
software versions of each. There are other switch
types but they are not nearly as common and
usually conform to NI-1 standard.

It is important to know what kind and version
of switch your phone company will be using and
make sure that your terminal adapter is compat-
ible with that switch. Most terminal adapters
are compatible with both SESS and DMS100
but a few are not.

The type of switch used also significantly im-
pacts the way the terminal adapter will be pro-
grammed, so you will need to know what type
switch you will be connecting to. The terminal
adapters which are dedicated to one switch are
often easier to set up in terms of programming
s0, in cases where less versatility is required and
ease of initial set up is important, these terminal
adapters may prove to be the best choice.

II Data Connect Type

Another potentially confusing area regarding ter-
minal adapters is exactly how the TA will trans-
fer the data from the ISDN line to your terminal
equipment (digital audio codec). Various elec-
trical protocols and connectors exist to achieve
this.

V.11 (also known as RS-422) is a common pro-
tocol which specifies electrical levels. In North
America, this is usually located on a 25 pin “D”
connector. In Europe, these levels are often in-
corporated onto a 15 Pin “D” connector and, in
conjunction with some handshaking signals,
implemented in what is called an X.21 interface.
Under most circumstances, an appropriate cable
will convert these two protocols.



The most common interface in North America is
V.35. This protocol specifies levels which are
different from V.11, and is usually implemented
on a larger, 34 pin Winchester-type connector.
To make things even more confusing, some
manufacturers have put V.35 levels on 25 pin “D”
connectors.

All these protocols are similar in that they allow
balanced, synchronous transfer of data. Itis im-
portant, however, to be sure your codec and TA
speak the same language in terms of protocol, or
that they can be easily adapted.

IIT Data Rate and Rate Adaptation

Data Rate and its adaptation must be considered.
A terminal adapter capable of at least 64 kb/s of
synchronous data exchange is necessary for use
of a digital audio codec. Frequently in North
America, telephone carrier systems allow only
56 Kb/s clear channel transmission. For this rea-
son, ISDN Terminal Adapters must have the cor-
rect protocol to adapt to 56 Kb/s. There are many
rate adaptation standards but V.110 is the most
commonly used for the 64 KB/s to 56 KB/s
adaption.

FUNCTIONALITY FEATURES

There are several features which may be offered
in terminal adapters which may affect its suit-
ability to a particular broadcast application.

I Number of Ports

The most significant feature which can affect a
terminal adapter's suitability for broadcast ap-
plications is the number of ports it contains.
There are many terminal adapters which include
only a single port, and this may be sufficient for
a simple bidirectional audio feed. If expanded
facilities are desired, however, you may need
separate ports for each B channel, plus maybe

an access port on the D channel for packet
switched data. We've given some examples of
multiport uses at the end of this paper.

Note: A BRIISDN line allows separate calls to
be dialed on each of its B channels. With some
switches and TAg, it is possible to dial two calls
to the same location by programming only one
telephone number and one Service Profile Iden-
tifier (SPID) into the TA. (The SPID is an iden-
tification number which the telephone company
gives you that is specific to the service they are
providing). However, the Northern Telecom
DMS100 switch requires two separate SPIDs and
telephone numbers to place two calls and your
TA must allow for the duality. This means that
not only does the TA need two physical ports,
but that each port is fully internally supported,
allowing programming of two separate SPIDs
and two telephone numbers.

II Type of Ports

We have already stated that the B channel may
be ordered with circuit switched voice, circuit
switched data or alternate voice/data. Some ter-
minal adapters provide an analog port for one
of the B channels, allowing connection of a stan-
dard telephone. There are also TAs which al-
low you to externally program whether the B
channel port will be set up for analog (voice) or
data. The most common TA configuration, how-
ever, is for two data ports.

III Call Control

Another significant feature which may make a
difference in ease of use is call control. There
are many ways that calls can be initiated.

a) Keypad dialing - The simplest method is via
a keypad. On some models, numbers may be
dialed on the keypad, stored to memory and
then dialed at the touch of a single button. A
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keypad can also facilitate the initial program-
ming of the TA. (It is surprising how many
good Terminal Adapters do not include a key-
pad.)

b) RS232 - This method of dialing involves
use of a separate PC for dialing. We've seen
some very nice uses of this method of call con-
trol in larger scale applications.

¢) Front panel programming - On models which
do not have a keypad, dialing is accomplished
through the use of an up/down switch and an
accompanying LCD display. The number is
stored by using a switch which indicates whether
the number on the LCD display should be higher
or lower. After the number is correctly brought
to the display, it may be stored to memory and
dialed by pressing a single button. Initial setup
parameters are programmed using the same
method. Call information and progress may also
be shown on the LCD display. This process can
be cumbersome and, if it is anticipated that num-
bers will need to be changed with any frequency,
a keypad may be a better option.

d) Preset autodial - This is an option which
allows the Terminal Adapter to automatically
dial a pre-programmed number whenever a data
terminal is placed on line and issues an active
Data Terminal Ready (DTR) signal.

g) Auto-Answer - This option allows the ter-
minal adapter to automatically answer an in-
coming call and to disconnect the line when the
calling party hangs up.

IV Inverse Multiplexing

In applications requiring data rates higher than
56/64 KB/s, it is necessary to combine a suffi-
cient number of 64 KB/s B channels to form
the desired data rate. Inverse multiplexing is
the generic term for combining multiple lower
bit rate channels into one high bit rate channel
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and there a several terminal adapters on the mar-
ket that provide this capability. BONDING is
one protocol for inverse multiplexers (IMUX).
Another is H.221. Several IMUX manufactur-
ers implement their own proprietary protocol,
but also include a BONDING option for com-
patibility with other manufacturers. BOND-
ING stands for Bandwidth on Demand
Interoperability Group.

Several codecs have a built-in IMUX to com-
bine two B channels into 128 KB/s, but there
are applications where it may be useful to have
this function occur in the terminal adapter. One
such case would be if codecs from different
manufacturers were being used that incorpo-
rated proprietary IMUXes that were not com-
patible. In this instance, BONDING compat-
ible TAs could be place in front of the codecs
to make them work with each other.

There is also at least one manufacturer with a
TA that provides interface for four BRI ISDN
lines to produce data rates up to 512 KB/s. This
can be very useful in situations where lower
data reduction codecs are used to transmit full
bandwidth audio.

V Programmability

One other factor to consider is ease of set up.
On this front, terminal adapters are not created
equal. Some TAs frequently operate on their
default settings and others may take hours to
program. Terminal adapter salespeople seem
to be very candid about discussing setup, so you
may want to *“pick their brains” before purchase.




SOME REAL LIFE APPLICATIONS

Scenario 1
Sports Remote

NT-1

TERMINAL ADAPTER

—~

Data Port 1' l

Analog Port

N =

DIGITAL AUDIO CODEC

TELEPHONE

Requirements: High quality voice (7.5 KHz)
program transmission. Return audio for “mix
minus.” Additional, two way communications
channels for voice coordination, modem, or fax
machine.

Solution: Install one BRI ISDN phone line.
This line, having two independent B channels,
can be configured so that one B channel car-
ries circuit switched data (for the digital audio
codec) and the other carries voice. Likewise,
your terminal adapter should have one data port
(probably V.35 or X.21) and one voice port
(with an RJ-11 jack). Since the codec works in
tull duplex, return audio can be sent back down
the codec to the talent in the field.

Scenario 2
Dual Language Commentary

Packet Switched

Dataon D
ﬂs E Channel

TERMINAL ADAPTER

With three data
ports

AN N
N R\ = -
DIGITAL AUDIO CODEC DIGITAL AUDIO CODEC
1st Language 2nd Language

Requirements: Two high quality voice (7.5
KHz) channels which may be independently
dialed. Return audio on each channel. X.25
packet switched data for E-mail messaging.

Solution: Install one BRI ISDN phone line.
This time, configure both B channels for cir-
cuit switched data and order packet switched
data for the D channel. A TA with three data
ports is required. 7.5 KHz digital audio codecs
provide program transmission and return audio
for each language and a laptop computer can
be connected to the D channel for messaging to
and from the remote site.
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Scenario 3
Remote Broadcast of Concert

Optional ISDN

Telephone
on second
port of NT-1

TERMINAL ADAPTER

=
Two data ports for

128kb/s transmission
on both B channels

N\ )

DIGITAL AUDIO CODEC

Requirements: Inexpensive access to wideband
(15 KHz or better) stereo program channel Op-
tional dial-up voice communications when B
channels are not in use.

Solution: Install one BRI ISDN phone line.
Both B channels on the line should be config-
ured for circuit switched data, and a dual data
port terminal adapter will be required. An in-
verse multiplexer (built into either the codec or
the TA) is needed to sum the data capability of
each B channel to provide enough data so thata
wideband codec (with extremely high data re-
duction) can pass 15 KHz or more stereo audio.

An ISDN telephone can be connected to the sec-
ond port of the NT-1, allowing voice commu-
nications during times when a B channel is not
in use.
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Scenarlo 4

Dial-up Studio-to-Studio Link
(at 256 KB/s)

N

* Two BRI ISDN lines are
needed for 256 KB/s,
and an NT-1 is required
for each ISDN line

—

DIGITAL AUDIO CODEC

TERMINAL ADAPTER
(capable of handling two
or more BRI ISDN lines)

AN
N

Requirements: Wideband (15 KHz or better)
discrete stereo transmission with low delay and
high transcoding immunity.

Solution : Install two or more BRI ISDN phone
lines. The TA should provide interface to all
phone lines used and have the ability to inverse
multiplex them to the desired data rate (256
KB/s or more). Use a low data reduction codec
which can work at these rates.




TO SUMMARIZE

1. Does your TA have the correct number and
types of ports for what you want to do? In
other words, does your audio codec use one or
two data B channel ports? If it uses one, do
you want voice capability on the second B chan-
nel, or would you prefer alternate voice/data
use? Do you require access to the D channel
for packet switched data?

2. Does your TA support the type of dialing
you want? Do you want to dial each number
via a keypad on the TA? Would you like to
enter numbers into memory and “speed dial”
via the front panel. Or, for more complicated
call management, perhaps you need external
control via an RS232 port.

3. Does your TA support the specific BRI ISDN
service configuration you have ordered through
the telephone company and can your TA work
adequately with the CO switch version that will
be providing your service? There is a wide va-
riety of switch types and versions within these
types that support ISDN. And these are con-
stantly being revised by the telephone compa-
nies. TAs require setup parameters unique to
these types and versions and TA manufacturers
are constantly providing software updates to
maintain compatibility.

In fact, one of the main factors in selecting a
TA might be finding a manufacturer who is
committed to helping you through the setup
process and can help you down the road when
switch software revisions come along. We note
that some TAs have a supervisory port to allow
remote setup of the TA by the manufacturer.
Considering the war stories we've heard from
people going through the initial ISDN/TA setup,
that sounds like a very attractive idea.

This paper is not to warn you off ISDN, but rather
to caution you that it is not “plug and play.” The
high quality audio and cost savings are fantastic.
Just don't plan to carry your TA to live remote an
hour before air time and expect to be up and run-
ning when you need to be.

To make your job easier, you may want to work
with an authorized service vendor of your tele-
phone company. These companies can order the
ISDN lines and provide the terminal adapter...
and help you make it all work. The authorized
service vendors are paid commissions by the tele-
phone companies, so there is no extra cost to you.

Finally, an international note of caution. Unfor-
tunately, although ISDN is meant to be a global
standard, it certainly is not there yet. TA's that
work in one country are likely not work in an-
other. Check to see that your TA has been
“homologated” in the country in which you want
to operate. Many of the manufacturers we've
contacted sell their terminal adapters worldwide
and can advise you on TAs which are suitable
for specific countries.
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The following is a list of terminal adpater manu-
facturers and authorized service vendors (*) we
contacted while gathering information for this
paper and we thank them for their input. This,
however, is not meant by any means to be an
exhaustive list of either category.

Adtran

901 Explorer Boulevard
Huntsville, Alabama 35806
205-971-8000 Fax 205-971-8699

* Allcom, Inc.

5621 West Howard Street

Niles, IL 60714

312 763-6100 Fax 312 763-6115

Controlware

1325 Campus Parkway

Neptune, NJ 07753
908-919-0400 Fax 908-919-7673

Develcon

4470 Chamblee-Dunwoody Road
Suite 200

Atlanta, GA 30338
800-423-9210 Fax 404-936-0711

Fujitsu

ISDN Systems Division
3055 Orchard Drive
San Jose, CA 95134
408-954-1088

Gandalf

1 City Place Drive

Suite 420

St. Louis, MO 63141
800-677-0303 Fax 314-567-3275
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* Global Digital Datacom Services, Inc.

100 Broadhollow Road, Suite 310
East Farmdale, NY 11735
516 694-6805 Fax 516 694-6906

Integrated Network Corporation
757 Route 202/206

Bridgewater, NJ 08807

908 218-1600 Fax 908 218-0804

* OSI Networks, Inc.

9430 Topanga Canyon Blvd., Suite 103

Chatsworth, CA 91311
818 700-6200

Northern Telecom
800-667-8437

TelePower

6451 Independence Ave.
Woodland Hills, CA 91367
818-587-5540 Fax 818-587-5546

Transtream, Inc

28025 Dorothy Drive

Agoura Hills, CA 91301
818-706-3252 Fax 818-706-1509

UDS Motorola

5000 Bradford Drive

Huntsville, AL 35805
800-451-2369 Fax 205-830-5657



THE GROWING IMPORTANCE OF DIGITAL
TRANSMISSION FOR BROADCAST APPLICATIONS

John Kelly
Intraplex, Inc.
Westford, Massachusetts

Abstract

High Speed digital transmission has been available
to broadcasters since the divestiture of AT&T in
1983, but its use for broadcast applications has been
limited, until recently. A number of influences,
particularly compression and falling costs, are
accelerating the deployment of digital services for
broadcast applications. This paper analyzes the
movement toward digital transmission for broadcast
applications and provides guidelines to determine
the applicability of digital transmission to specific
applications.

THE EVOLUTION OF THE DIGITAL
NETWORK

Digital networks that are available to the broadcaster
include T1, 56 kilobit per second dedicated leased
lines, Switched 56K, and ISDN. Each of these
services is a derivative of T1 service which was
introduced into the AT&T network in the early
1960s. T1 originally provided an analog conversion
of pulse code modulated voice signals into a 64
kilobit per second data stream, and combined twenty
four of these data streams into a single, four wire
transmission facility. T1 operates at a transmission
rate of about one and one half million bits per
second. (This number will become important later.)
T1 was useful to the telephone monopoly at that time
because it saved wire plant (four wires instead of
forty eight) and because digital transmission was
inberently more reliable than analog transmission,
particularly over long distances.

In 1983, AT&T divested itself of the local operating
companies and was ordered to offer services on a
cost provisioning basis. As a result, T1 which was

used for intertoll traffic (traffic between central
offices) became available for commercial customers.
In the ensuing 20 years, T1 has become enormously
popular, and its use is no longer limited to the
multiplexing of voice signals. In fact, T1 today
carries a wide variety of different traffic, including
bigh quality audio signals generated by and for
broadcasters.

The T1 "product” itself has evolved over the years,
and telephone companies have created a number of
service offerings founded upon the T1 architecture.
While many of these services have usefulness for the
general business needs of the broadcaster, it is the
transport of bigh quality audio that is the concern of
this paper. Services useful to the broadcaster for the
transmission of bigh quality audio include TI,
Switched 56K, and ISDN.

THE BENEFIT OF DIGITAL TRANSMISSION

There are many factors that explain why T1 has
increasing acceptance in the broadcast industry. At
the beart of thbis acceptance is the acknowledgment
by the industry that digital transmission is superior
than analog transmission, especially over long
distances. Why is this?

We don't need to be physicists to understand that a
signal degrades when transmitted over a medium -
any medium. This degradation takes on many forms,
but is generally perceived as unwanted noise that is
added to the original signal. I say unwanted because
the broadcaster's objective is to deliver a signal to his
listener with the same clarity as the signal at its
origination.
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During analog transmissions, the signal strength
weakens over distance and is amplified to restore the
signal to its original strength. Unfortunately,
additive noise is also amplified.

During digital transmissions, the signal strength also
weakens, but an entirely different process is used to
restore the signal. Since the "restoring equipment"
only needs to distinguish between "zeroes” and
"ones", on the transmission path, the signal can be
regenerated instead of being amplified. And, at the
point of regeneration, unwanted noise can be
eliminated.

As a result, a signal can be delivered to a remote
location in substantially its original form, regardless
of the distance between sender and receiver, when
transmitted over digital facilities. Broadcasters
appreciate this characteristic, and today seek to
install digital equipment for their systems wherever
practical.

BANDWIDTH REQUIREMENTS FOR AUDIO
TRANSMISSION

We must also understand the conversion of high
quality audio signals from analog format to digital
format before we can explore applications using
digital audio transport. The quality of a compact disk
provides 20 kilohertz of stereo bandwidth. The
Federal Communications Commission, however,
allocates only 15kHz of spectrum bandwidth to radio
stations, so we will demonstrate the bandwidth
requirements using this figure.

An engincer named Nyquist stated that, if you
wanted a true sample of an analog signal, you had to
sample at a frequency at least twice the frequency of
your signal. (Just take my word for it on this one.)
15kHz audio is often sampled at 32kHz because of
this rule, and each sample is represented by a 16 bit
"word". We can determine how many data bits per
second are required by multiplying the 16 bits times
the 32kHz frequency. The answer is 512 thousand
bits per second.

And that's just for the left channel! A stereo pair
needs, then, 1,024,000 bits per second under this
formula. What's important about this number is that
a level of audio quality acceptable to the industry can
be transmitted faithfully (and uncompressed) within
the 1.5 million bits per second of a T1.
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Ah, compression. Modern compression techniques
allow this digitized signal to be reduced significantly
without offensive result. Broadcasters have adopted
compression when multiple audio channels were
transmitted between locations, or when the required
bandwidth was not available. There are many
compression flavors and scales. A popular
compression scheme provides a 4:1 compression,
allowing 1,024,000 bits of uncompressed linear
stereo audio to be transmitted in 256,000 bits.

EARLY USE OF T1 FOR BROADCAST
APPLICATIONS

With this background information about digital
networks and the bandwidth required for compact
disk quality audio, the following discussion of digital
broadcast applications should be more easily
understood.

The earliest use of digital T1 services to carry
broadcast quality can loosely be titled "Terrestrial
Extension of Satellite/Microwave Circuits". Events
around the world, particularly sports and political
events, were transmitted by satellite to large
broadcast networks such as ABC, NPR, Mutual, and
others. Often the satellite uplink antenna could not
be co-located with the event, and so a T1 circuit was
established between the event and the satellite uplink
facility. In these applications, broadcast audio was
digitized and compressed at the event site, and
transmitted over T1 to the satellite uplink site.
Depending on the satellite service, the audio was
sent digitally to the broadcast network and returned
to its analog state, or returned to analog at the
satellite uplink and transmitted analog over the
satellite.

An early example of this application occurred in
1983 at the Reagan - Gorbachev Summit Meeting in
Reykjavik, Iceland. Multiple audio feeds were
combined over a single T1 at the meeting site, sent
via digital circuits to a satellite uplink facility, and
distributed across the United States by a large
broadcast network provider. In this way, reporters
were able to deliver news reports and stories with the
same clarity as if they were at the studio.



T1 BROADCAST NETWORKS

The example above has been repeated hundreds of
times since the Iceland summit meeting and the
viability of audio over T1 circuits has continually
proven to be effective. Today, broadcasters continue
to install T1 on a temporary basis to cover large
events, whenever a link between an event site and an
audio distribution network needs to be established.
Political conventions, caucuses, Olympics, other
sporting events, remote news coverage (examples
include the coverage of events during the Waco,
Texas massacre), and celebrity fundraisers and
concerts (Billy Joel - Live from Moscow was carried
on a digital T1 to satellite network) are all examples
of the usefulness of T1 as an audio transport facility.

T1 is not limited to temporary status. Today there
are hundreds of T1 circuits that carry compact disk
quality audio. Large broadcast networks such as
ABC, NPR, Mutual, Unistar, and Christian
Broadcast Networks receive their programming from
a variety of sources, including T1 connections to
program generating studios. Also, T1 circuits
connect these broadcast network providers to their
satellite uplink facilities. Finally, some of these
networks are interconnected by T1 facilities, so that
audio programming can be shared among network
providers.

International Networks

Internationally, the use of digital networks (called
El and running at 2 million bits per second, but
otherwise similar to T1) is also escalating.
Internationally, radio is frequently state owned, and
programming is created by a single or small number
of state owned studios. This programming is then
"contributed” to individual radio stations over
circuits called "contribution lines". (Radio stations
that have distance between studio and transmitter
use circuits called "distribution lines", similar to
STLs in the US.)

The prevalent method of establishing contribution
lines in the 1980s was over satellite circuits. Just as
in the United States, however,other countries'
teleccommunications  infrastructure  is  being
dramatically changed as a result of the deployment
of fiber optic cable. As fiber is installed, the cost of
T1/E1 terrestrial lines drops dramatically, and these
circuits become cheaper and more reliable than
satellite circuits.

International  broadcast networks have two
components that use high speed digital circuits.
First, program creation can occur at multiple
locations, and programs must be shared between
sites. T1/E1 circuits connect these sites and audio is
transmitted, both "real time" and delayed. Second,
the programs are "contributed” to radio stations over
digital T1/El1 circuits for "distribution” to the
surrounding community. This topology tends to
create broadcast networks that are large, integrated,
and require close cooperation between the telephone
and broadcast divisions of each country's
government.

T1 FOR STL'S, LMA'S AND DUOPOLIES

Were this paper to close at this point, the reader
would justly conclude that the use of T1 for
broadcast applications was limited to a handful of
large broadcasting companies or governments,
building complicated network infrastructures. But
the opposite is true, and the most prevalent use of T1
in broadcast applications is simple point to point
connections between two radio stations, or a radio
station and its transmitting tower.

When a radio station is separated from its
transmitter by distance, the choices for establishing
this necessary connection are limited. By far the
most common method is through a special
microwave link, transmitting at a frequency
allocated by the Federal Communications
Commission in the 900 megahertz range. This
technology requires a precise "line of sight” path
between the radio station and the transmitter.

Sometimes, this "line of sight" path is not easily
obtained. Natural and man-made obstacles exist,
especially in metropolitan areas. Also, metropolitan
areas crowd the available frequencies in the FCC
allocated spectrum, limiting the availability of
frequencies or causing interference when frequencies
are closely spaced. In these cases, a terrestrial wire
path may be only alternative to establish this STL
link.
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Telephone companies provide low cost analog
circuits for the transmission of quality audio between
studio and transmitter. There are a number of
problems with these circuits. Most critical is the
telephone company movement away from analog
technology and towards digital technology. The
effect on the broadcaster can be severe. These analog
circuits require constant attention from skilled
central office technicians. But no new technicians
are being trained in analog network maintenance, as
the telephone companies focus their energies on
digital network technology. As these circuits become
more expensive to maintain, there is an inevitable
increase in tariff charges. New circuits are exorbitant
to install, and discouraged.

Contrast this with T1. Charges are dropping
dramatically, the carrying capacity of a single T1 can
combine voice, data and multiple audio channels,
and T1 is a full duplex service, allowing transmitter
to station traffic to be combined on the same circuit.
Also, the end equipment for a T1 STL is much less
expensive than the corresponding equipment for a
900mHz STL.

The use of T1 for station to transmitter links is
growing at an accelerating pace, as the number of
stations changing or installing new T1 circuits
grows. While the pricing structure of T1 compared
to 900mHz microwave (allocated microwave is free
currently, T1 costs something!) will insure the short
term viability of microwave, T1 remains an effective
alternative for 1990s STL requirements.

T1 has gained new popularity from the consolidation
of the radio industry. Radio stations are being
bought, integrated into a parent's station
administration, and operated remotely over - you
guessed it - T1 lines. Duopoly and LMA (Local
Marketing Agreement) situations have advanced the
rcputation of T1 as an element of cost savings.
Programming is created at a single site and
distributed to multiple remote transmitters over Tl
circuits. The cost of T1 is minuscule compared to the
staff requirements of the radio station,

ON - DEMAND BROADCAST APPLICATIONS

Broadcast use of T1 digital service bas received
minor press coverage in recent years. In contrast,
new applications that use Switched digital services
have received considerable attention. The availability
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of new network services, combined with significant
advances in compression technology, have spurred
great interest in applications that can be optimized
using this technology.

Earlier we stated that all digital services were
outgrowths of T1 technology. Switched digital
services that are important to the broadcaster include
Switched 56 kilobit service and Basic Rate ISDN.

Switched 56K service uses a single 64 Kkilobit
"timeslot" which is the basis of T1, described earlier.
It is a derivative of T1 and, in many cases, travels
over actual T1 circuits in the network. The 8 kilobit
difference between 56 and 64 is used for dialing and
control information. Switched 56K is widely
deployed and available in the United States.

Basic Rate ISDN combines two 64 kilobit timeslots
with a 16 kilobit dialing and control channel. So,
dial - up 128 kilobits is possible over a single circuit.
Basic Rate ISDN is widely available in Europe and
Asia, but not as prevalent in the United States. These
two technologies are different, but serve the same
purpose for the broadcaster. Switched Digital
Services, as referenced in the paper, refers to both of
these services.

Compression of audio signals can provide quite good
fidelity at rates of 56K, 112K (two 56K circuits) and
128K. At 56K, compression provides acceptable
transmission of 7.5kHz audio, and a number of "talk
radio" programming currently occurs on a dial up
basis using a compressed 7.5kHz signal over a
Switched 56K circuit. Anyone listening to an NBA
basketball game on the radio today is listening to an
announcer at the sports event forum connected to the
radio station over a Switched 56K circuit. Since the
station only pays for the circuit during the
transmission of the sports event (plus the cost of the
Switched 56K line, like your home telephone
charge), significant savings accrue compared to a
dedicated circuit between sports forum and station.



CLOSING REMARKS

The transmission of quality audio over high speed
digital circuits, unheard of ten years ago, is now an
important tool used by the broadcast industry.
Broadcast distribution networks, international public
radio, STLs, Duopolies, LMAs, and dial up audio are
a few of the many current uses of digital circuits
transmitting audio signals. Users achieve important
advantages in performance and cost compared to
alternatives, and so the use of digital transmission of
audio is expected to continue its dramatic growth.
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DIGITAL TRANSMISSION ALTERNATIVES AND
APPLICATIONS FOR AUDIO
David Anderson
IDB Communications Group, Inc.
Culver City, California

Techniques for digital
transmission of high quality
audio have been in commercial
use for approximately ten
years. The transmission medium
itself, once predominantly on
satellites, is now moving
increasingly to the ground.
This paper will relate the
experiences of a large provider
of such services, highlighting
capabilities of the various
emerging technologies for
different service applications.

IDB Communications Group
recently celebrated its ten
year anniversary. Along the
way, Wwe have been at the
cutting edge of numerous
technologies for the digital
transmission of audio. Each of
these technologies has offered
new service applications, but
not without challenge. Like
any area of broadcasting, the
rewards of being one of the
first with a new tool are
frequently hard-earned with
equal amounts of hair-pulling
to make it work. Digital
transmission of audio is no
exception. In some respects,
the job has become more
difficult since we <can no
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longer say with the same
simplicity of analog "it was
fine leaving here."

Our own digital experience
at IDB goes back to 1985, when
we joined GE as one of only two
providers of Scientific Atlanta
DATS service for distribution
of radio programming via
satellite. Using approximately
384 kb per 15 KHz channel,
DATS, or Digital Audio
Transmission Service, became
the standard of the industry
for digital progranm
distribution.

IDB was also one of the
pioneers in using specialized
Intraplex digital multiplexers
for audio transmission. Like
DATS, this equipment was also
relatively inefficient, using
384 kb per 15 KHz channel, or
192 kb per 7.5 KHz channel. We
originated from the
Reagan/Gorbachev Summit in
Reykjavik, Iceland 1in 1986
using Intraplex equipment, and
then again for a Billy Joel
remote for HBO from Leningrad
in 1987. We also utilized 16-
bit Sony pulse code modulation
equipment in 1987 to 1link up
Los Angeles with New York via
satellite and fiber for an
interactive Stevie Wonder
recording session.




The limitation with all

these early digital
technologies was their
excessive bandwidth
requirements. Satellites and

fiber optics are essentially
commodities; the price of any
transmission service is largely
determined by how much of that
commodity is required to do the
job. DATS and the Sony PCM
system each required a full
satellite transponder for
operation, which eliminated all
but major multi-channel network
users or those with very deep
pockets. DATS also required
that all signals be multiplexed
together at a central uplink
site, adding backhaul costs to
the overall routing. The
original Intraplex equipment
required a full T-1 circuit,
also exacting a high price of
entry that limited its service
application.

Partial improvements were
realized by IDB in 1991 as we
moved to second-generation
Intraplex equipment employing
the new APT x-100 algorithm,
created by Audio Processing
Technology of Northern Ireland.
Using 128 kb per 15 KHz channel
or 64 kb per 7.5 KHz channel,
the algorithm tripled the
number of channels that could
be derived from a T-1 circuit.
We made good use of this
increased capacity in building
dedicated digital audio
circuits between our facilities
in New York, London, Frankfurt
and Moscow. However, as a
carrier, our offering of such
services was still limited to
cases where we could generate
enough ongoing demand from
customers to warrant the costs
of the full T-1 bandwidth the
system required.

Simultaneously, we were
looking for a replacement for
our aging analog SCPC satellite
system 1linking 35 cities in
North America. With the
commodity of fiber optic
bandwidth becoming 1less and
less expensive, we initially
investigated 1linking the same
cities with Intraplex equipment
using the APT x-100 algorithm
and dedicated T-1 circuits.
The major carriers responded by
telling us that the proposed
network would be second in size
only to that of the federal
government. Not meeting our
cost requirements for the
underlying fiber and required
digital cross-connect switches,
we declined their offers and
resumed our search for low cost
digital bandwidth suitable for
audio transport.

We next worked with Wiltel
in Tulsa, Oklahoma. They had
recently inaugurated a
"bandwidth on demand" service,
using part of their fiber
network for a major oil company
that wanted to teleconference
using sub-T-1 digital video
codecs. Our concept extended
the use of this bandwidth on
demand to audio transmission
utilizing second generation
Intraplex equipment. This
system finally allowed us to
buy and use only the specific
amount of bandwidth that a
given job required. No longer
would we have to fill up a full
terrestrial T-1 with customers
to provide cost effective
digital transmission. We
replaced satellite equipment in
some locations on our network,
and began transmitting with
what is now called "fractional
T-1 bandwidth on demand" from
Emerald Studios in Nashville to
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Los Angeles.

However, three problens
remained with this concept:
First, while fractional T-1
service was increasingly
available from interexchange
carriers (ATT, MCI and Wiltel,
for example), the local phone
companies supplying the digital
first and last mile circuits
still required full T-1 access
with rare exception.
Unfortunately, that is still
the case, making an otherwise
good technology more difficult
to cost justify. Secondly, the
interexchange "fractional
bandwidth on demand" itself
commanded a premium rate which
increased our costs. Lastly,
such "bandwidth on demand"
systems required reservations
prior to use, which was an
awkward match for some
broadcast applications. These
three elements, which continue
to this day, made our use of
such technology limited.

As it became more and more
apparent that T-1 delivery
would not be a viable option
for our primary needs, we were
simultaneously becoming more
and more familiar with
standalone codec technology at
low digital rates. IDB used
the Corporate Computer Systems
Micro-56 codec for a fulltime
digital satellite link between
Tokyo and Los Angeles in 1991.
The equipment provided 7.5 KHz
frequency response in only 56
kb, and became a mainstay of
the industry. The Micro-56 and
similar products from other
manufacturers such as Comrex,
remain in widespread use today.

Our exposure to the CCS
Micro-56 also led us to examine
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the economics of switched-56
and basic rate ISDN service as
an alternative to fractional T-
1 bandwidth on demand for
transport. We determined that
the cost of switched-56 or ISDN
might be as 1little as 20% of
similar fractional-T-1 service
on demand, and so, concentrated
on switched-56 and ISDN as the
platform for our analog
satellite replacement.

As IDB was utilizing such
7.5 KHz equipment, though, our
vendor alternatives for
extended frequency response
codecs were limited. In mid
1991, IDB became one of the
initial recipients of the CCS
CDQ-2000, a new codec using the
Musicam algorithm. Providing a
mono 20 KHz channel or "joint-
stereo" 20 KHz capability using
the same 112 kb, the CDQ-2000
was put into use by IDB on
links between our New York and
Los Angeles audio control
centers. We next considered
deploying this product in
conjunction with switched-56 or
ISDN to replace our original
analog SCPC satellite network.
IDB was unable to do so, due to
three factors. First, some

customers objected to the
"joint-stereo" or "stereo
dependent" coding used in the
CDQ-2000, desiring discrete

stereo instead. Whether for
reasons imagined or real, as
the service provider, we had to
respect their wishes.
Secondly, some of the features
of the equipment were overkill
for our applications, driving
its price beyond our
consideration. The greater
problem for IDB, however, was
that while the unit provided
stereo capability at 112 kb, it
offered no economies to



transmit only a single 20 KHz
channel, a feature we felt
necessary to field the
equipment in a wide variety of
applications as our satellite
replacement. We also needed
the ability to feed dual mono
simultaneously to two separate
locations using the same stereo
codec operating in a mono mode.
This was not the CDQ-2000’s
forte. However, the unit found
widespread use for others in
the industry, given its ability
to provide stereo transmission
using as little as two
switched-56 circuits or one
basic rate "2B+D" ISDN service.

As our experience with
switched digital products grew,
we saw distinct needs for two
different types of customers.
One customer was driven by cost
while needing to maintain
acceptable audio quality. This
was typically the radio
broadcaster seeking to do
remotes under limited budgets.
Therefore, optimum digital
efficiency of the algorithm was
critical along with low cost
equipment. The second type of
customer was interested in
digital technology, but not at
the expense of compromising any
audio quality. These customers
were typically recording
studios seeking high quality
interconnections with added
features such as AES/EBU
digital interfaces and timecode
transport capabilities along
with the audio. The market had
essentially separated into two
classifications: broadcasters
with straightforward 7.5 KHz or
15 KHz requirements needing to

cut costs of transmission,
versus audiophiles needing
extra features and optimal

sound quality, albeit at the

expense of using more digital
bandwidth. After spending an
agonizing year working with a
manufacturer trying to develop
a "one size fits all" codec, we
abandoned that approach in
favor of responding with two
different systems for the two
different customer types.

For the quality conscious
recording studios, IDB worked
again with Audio Processing
Technology to develop the "3D2"
codec. Providing direct dial
convenience with digital
quality for two channels, this
codec employs the proven APT x-
100 algorithm we were already
comfortable with from our

second generation Intraplex
equipment. Instead of T-1 or
fractional T-1 circuits,

however, the 3D2 uses as many
as six separate switched-56 or
3 basic rate ISDN 1lines to
provide flat frequency response
out to 20 KHz while operating
in discrete stereo mode with
minimal digital compression.
IDB currently has over forty
recording studios on line with
the 3D2. These studios
appreciate the quality of the
sound the 3D2 provides, along
with timecode, digital audio
interfaces, and the wuser’s
choice of sampling rates.
Efficiency of the algorithm is
a secondary consideration to
quality for these users.

The other customer type,
however, the broadcaster, is
interested in basic digital
service to the extent that it

will 1lower their operating
costs. Therefore, the
equipment chosen must be
relatively inexpensive, and

provide the desired audio
frequency response using as
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little digital bandwidth as
possible. For this demanding
application, IDB chose the
Telos Zephyr in 1993 for
widespread use. Placed
directly at popular
broadcasting venues, the Telos
unit incorporating the MPEG
Layer III algorithm can operate
in stereo, dual mono, or single
mono modes. The building
blocks are discrete channels of
15 KHz each at 56 kb, which can
be utilized as needed to
generate stereo using 112 kb
overall. In mono mode, each 15
KHz channel uses only 56 Kkb.
In dual mono mode, each channel
can communicate with a
different 1location than the
other discrete mono channel.
This allows IDB to use the same
equipment base to accommodate a
single channel mono broadcast
for one feed, a dual language
sports broadcast for another
feed, and a stereo broadcast
for yet another feed, all using
a common equipment base.
Because the underlying network
is basic rate ISDN wherever
available, or switched-56 where
not, we retain the network
economies and dial-up
convenience while delivering
the quality demanded by our
customers. IDB was the first
user of the Telos Zephyr,
deploying it for NHL Hockey
backhauls to rightsholders. We
are now using it as the core
technology to replace our
analog SCPC satellite network.
During this year, 1IDB will
field the Telos equipment in
over 35 cities as our primary
means of backhauling signals
from point to point.

So the marketplace has now
generated a wide variety of
codecs from which broadcasters
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can choose, ranging from low-
cost 7.5 KHz mono devices up to
audiophile-quality boxes loaded
with extra features.
Similarly, users can choose the
digital superhighway upon which
they wish to ride. The
economics of switched-56 and
basic rate ISDN are compelling
for occasional use; however,
higher digital rate
applications or fulltime users
may reasonably opt for "nailed
up" T-1 or fractional T-1
circuits for their wider
bandwidth and higher
performance availability. For
instance, a broadcaster may
want to use dial-up ISDN for
low cost remotes, while
utilizing dedicated T-1
circuits for a studio-to-
transmitter 1link. Similarly,
inexpensive codecs may serve
the occasional remote
requirements well, while a more
expensive shelf of Dolby or
Intraplex equipment is used
fulltime for the STL.

During our years of use
with ISDN and switched-56, IDB
has learned a few lessons that
may help broadcasters now
exploring their options:

Firstly, switched-56 and
ISDN offer attractive rates,
but both services have still
not matured to the simplicity
and availability of voice-grade
dial tone. Be prepared to work
Cclosely with your local phone
company, as well as your chosen
interexchange carrier. Your
switched digital circuits may
be the first ones with which
the 1local phone company has
ever worked. An alternative to
ease your burden is to work
with a no cost travel-agent
equivalent of switched digital




circuits, such as Global
Digital Datacom Services.

Be prepared for everything
to take longer than you
imagined, and brace yourself
for world-class finger pointing
should problems arise in the
handoff between your 1local
phone company and the
interexchange carrier.

The most reliable services
in the switched-56/ISDN realm
are those known as "DDS" or
direct digital service, which
involve a dedicated circuit
between your premises and the
interexchange carrier. These
bypass the local phone
carrier’s central office and
switching, which minimizes
interface problens. However,
this type of circuit is more

costly, and effectively
"marries" you to the
interexchange carrier. The

interexchange carrier can make
all of the arrangements with
the 1local phone company for
your DDS service for an extra
fee, which may save you time
and personal involvement in any
future service problems.

The alternative 1is an
arrangement known as "DSA" for
digital, switched access. This
circuit is routed through the
local phone company’s central
office switching equipment to
the interexchange carrier of
your choice. Advantages of
this are its 1lower cost as
compared to DDS, as well as the
ability to change interexchange
carriers much as you would for
voice service. Additionally,
while you can theoretically
receive calls from different
interexchange services using
DSA access, from IDB'’s

experience, we would highly
recommend picking and staying
with one interexchange carrier
wherever possible. DSA access
requires that the user become
more involved in network design
and troubleshooting, but offers
good rates for those willing to
do so.

Using one interexchange
carrier will minimize
intermittent timing and sync
problems and phantom hangups,
but switched digital service
will still require time and
attention from the user.

If you are contemplating
the use of switched digital
circuits for one-time only
remote use, plan to arrive as
far ahead of the remote
broadcast as possible to ring
out the circuits. Coming in
just before air time will put
you within the jurisdiction of
Murphy’s Rule: anything that
can go wrong will go wrong.

Where numerous digital
audio systems converge, the
user must beware. Otherwise,
the cumulative effects of
various compression algorithms
can wreak havoc with your

source material. IDB’s
experience is not unique nor is
our advice complex: we

recommend compressing as little
as possible, and using as few
systems as possible to get the
job done. If multiple
compression systems must be
utilized, operate each of them
at the highest digital rate
possible so as to minimize the
rate of digital compression.
Since there are only limited
standards for interoperability
between various digital
systems, the user must be
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prepared to spend a fair amount
of time to debug the systenm.
Remaining flexible is
important, as some combinations
you try may not produce desired
results.

Many things stand between
broadcasters and the ideal of
switched digital service.
Reliability and availability
are the primary obstacles at
this time. ISDN, though
written about for years, is
still only sporadically
available throughout the U.S.
Where it 1is available, it
generally offers cost
advantages over switched 56
service. It would also be nice
to have features in switched
digital akin to that of voice
service, including collect
calls, 800 numbers, 900
numbers, the ability to receive
calls from anyone, regardless
of their own interexchange
carrier affiliation, and
reliable alternate
interexchange carrier access by
first dialing a 5 digit code as
is routinely done for voice
service.

Nevertheless, the advent
of low cost codecs and
reasonably priced digital
bandwidth has changed the
landscape of audio transmission
for the better. Remotes are
now possible at a lower cost
than ever before. While this
brings new challenges to
transmission service companies
like IDB, it also widens our
prospective base of customers.
As point to point audio
applications are moving more
and more to the ground, new
digital technology is also
lessening the cost of high
quality distribution via
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satellite in a similar manner.

In the first quarter of
1992, IDB began conversion of
its DATS system to SEDAT,
Scientific Atlanta’s "spectrum
efficient digital audio
transmission" systen. SEDAT
employs a new algorithm that
yields three times the number
of o0ld DATS channels in the
same amount of bandwidth, while
increasing the upper frequency
response from 15 KHz to 20 KHz.
SEDAT is now the predominant
delivery method for high
quality distribution of digital
audio with thousands of radio
stations equipped with SEDAT
format receivers. Satellites
still offer their inherent cost
advantage of distance
insensitivity as compared to
fiber for widespread point to
multipoint applications.

When contemplating digital
transmission of audio signals,
the choices that a user must
make can be broadly divided
into two groupings: point-to-

point requirements versus
point-to-multipoint. Point-to-
point applications over

switched digital lines can now
be served wusing 1low cost
equipment such as the CCS Micro
56 and 66, or similar G.722
algorithm units from Comrex and
others. These will all provide
7.5 KHz mono audio in 56 kb

with some degree of
interoperability between
manufacturers. If enhanced

frequency response or stereo is
needed, the user can select
other products such as the
Telos Zephyr or choose from
manufacturers offering Musicam
implementations, such as the
CCS CDQ-1000 or CDQ-2000, or
the RE America 660/661. For




critical audio needs along with
timecode and digital interface
extras, the APT codec offers a
good choice.

The next step up involves
use of full T-1 or fractional
T-1 leased 1lines, or using
multiple switched-56 or ISDN
dialup 1lines in conjunction
with an external inverse
multiplexer. Such
configurations will allow the
user to deploy higher rate
digital systems for point-to-
point applications, including
Intraplex channel banks, Dolby
AC-2, or some of the variable
rate Musicam system mentioned
previously operating at 192 kb
or beyond.

Point-to-multipoint
digital distribution can be
handled by several systems as
well. The CCS CDQ-2000 in
conjunction with Comstream RF
equipment can offer a
relatively 1low cost digital
solution for new networks. Two
other choices in this area are
the IDC and Wegener Musicam-
based systems. All of these
provide good quality, and can
be deployed on a single channel
basis from a customer’s
premises utilizing Ku uplink
frequencies. SEDAT remains the
C-band digital distribution
choice for major networks,
having an established base of
thousands of receiving radio
stations. However, wunlike
CCs/Comstream, IDC and Wegener,
SEDAT users must aggregate
their signals at a SEDAT
service provider: IDB or ABC.

The digital superhighway
now encompasses both the ground
and the sky with fiber and
satellites both being pressed

into service for their unique

attributes. The highway
itself, however, is still a
work in progress with
inadequate directions,
specifically where switched

digital technology is utilized.
Chances are good that nobody
has ever tried to go quite
where you need to. But for the
user who is accepting of the
challenge, the new technologies
with their lower implementation
costs will open many doors for
programming that never before
existed. The same process is
currently underway with video,
the primary difference being
the higher order of magnitude
in bandwidth requirements for
video as compared to audio. As
ISDN, fractional T-1 and
switched 56 have brought
alternatives to audio
transmission, so will digital
compression and ATM, or
"asynchronous transfer mode" do
for video in the next few
years.

In the face of
increasingly tight operating
budgets, the use of new
generation digital equipment
can serve the needs of
broadcasters well. For those
that can afford to spend the
time and 1learn by trial and
error, new network
possibilities are yours. And
for the rest that just want to
avoid the hassles, get the job
done easily and professionally
with a phone call, transmission
service companies will continue
to serve your needs using new
efficient digital technology,
both on satellites and on the
ground.

###
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CONFESSIONS OF A DIGITAL AUDIO WORKSTATION USER
Ty Ford

TISIF

Baltimore, Maryland

Abstract
Three years of working with the same digital
audio workstation and evaluating numerous
others has totally changed my approach to audio
production. This paper details those changes,
and offers observations for those who would
follow.

Introduction

I began doing production with a digital Audio
Workstation (DAW) in Septemberof 1990. Since
then, I've learned that an optimized hard drive is
a happy hard drive. I know that a quangst RAM
card can ruin your whole day. I know that one of
the first things you do after buying a any com-
puter-assisted workstation is to buy the fastest,
cleanest, meanest power line conditioner and
spike protector you can afford. If it's not as fast
as a Tripp-Lite Isobar, you probably don't want
it. If you can afford an uninterruptable power
supply with enough capacity to let you close
down the computer safely, buy it.

I also know that using a Digital Audio Work-
station haschanged the way I do production...and
I'have survived the transition. In fact, I now find
that the thought of doing production the in the
linear analog domain is difficult, cumbersome,
inflexible and noisy.

Choosing which workstation best met my needs
three years ago was easier because, then, there
were only about a dozen systems on the market.

There are now over 52 different devices calling
themselves Digital Audio Workstations.

Before we get to answering some of the ques-
tions about digital audio workstations, let first
consider the benefits of digital audio itself.

Benefits of Digital Audi
About a year after I had been using AKG's DSE-

7000 DAW, I had a session which required that
I use some audio that had been recorded on 1/4"
analog tape. As I punched up the reel-to-reel
machineI thought "Whatthe heck isthatnoise?".
It was simply analog tape hiss. The same level of
hiss that I had learned to ignore for almost 20
years. However, now it was obvious and objec-
tionable. If you're going to get a DAW, you
almost have to get a DAT, or some other digital
system to master on, unless you plan to dub
directly from the DAW to whatever you're using
on the air.

Is analog obsolete? No. But first let's make sure
to distinguish between analog on a wire, and
analog on tape. I doubt there are more than one
or two people in this room who could tell the
difference between a digital master and the same
master played back through a set of good A/D
and D/A converters.

So analog itself is not the problem; analog tape
is. And, since mostradio production people have
learned to hit the tape pretty hard with the audio,
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with additional limiting and compression, there
are few if any quiet sections during which any
tape hiss can be heard. For those situations, there
are a variety of analog noise reduction schemes
that will keep analog from becoming obsolete.

There are even a few situations in which analog
recording may be better than digital. Most engi-
neers still prefer analog for sounds that have very
high or unpredictable transients such as gun
shots or other percussive events. Even though
Apogee and others now have digital signal pro-
cessors that simulate the effects of analog tape
compression, many audio people still prefer ana-
log. Even though analog tape compression is not
linear, it is what we have become used to.

For Prospective Buvers
Some basic questions to ask concerning DAWs.
(Honest answers will result in better decisions.)

Question#1 How quickly can you learn to use
the system? This is actually a double-edged
question. To find the answer, you first need to
commit to spending the time to learn. Do you
have the time? Can you make the time? If you are
now not using any kind of computer, and would
prefer not to, it's probably wiser to remain in a
linear multi-track environment. There are enough
digital tape and cart configurations on the market
to replace your existing analog devices. How-
ever, if the lure of digital non-linear editing
remains strong, as it did with me, proceed.
WARNING! There are no short-cuts. You will
have to deal with some level of computer
knowledge. There is no substitute for your own
experience. Disparaging comments from others
about a particular system, or claims of its super
abilities must be taken with a grain of salt. Why?
Because their experience may be based on the
last version of the software, not the current
version.

74 —NAB 1994 Broadcast Engineering Conference Proceedings

Question#2 How many people at your facility
will be using the system? Although you may
have mastered your fear of computers, being the
only one in the studio who uses the system will
decrease the ability of the systemto pay for itself.
If your least-experienced person can't quickly be
trained to do a simple voice-over on the the
system, it's a bad sign.

Question#3a Where do you plan to put the
computer and screen that are usually part of the
system? The most obvious place for the computer
monitor is directly between the audio monitors.
But be aware that the emissions from poorly
shielded video monitors can get into your audio,
causing arather nasty buzz. Dynamic mics make
great noise transducers when placed too close to
some video monitors. Usually, though there's a
dead spot directly in front of the monitor where
noise pickup is minimal. RE-27N/Ds do pretty
well, Sennheiser 421s do not.

Pre-existing "space hogging" production con-
soles can also present a problem. Keyboards,
mouses (mice?) and proprietary control panels
usually must be positioned to co-exist with parts
of your existing setup. Some workstations in-
ternalize a lot of channels, which means your
console may not have to be as big. Consider a
smaller mixer. If youdon'talready have the space
and if "floating" wall, counter-top and ceiling
mounted monitor and computer stands don't work,
you may have to redesign the room.

Question#3b How do you deal with the added
noise these components create. Computer fans
and disk drives makenoise. If youhave a "combo"
studio (where the machines and mics are in the
same room) find out how far away the CPU and
hard drives can be stored. Make sure the space is
well-ventilated and dust-free.



Question#4 Can you actually work faster, or
does loading in, processing a mix, and backing it
up offset any time you might have saved?

Question#5 Can you raise your studio rate or
attract new business based on enhanced services
and time savings to the client, or will the com-
petitive atmosphere in your market force you to
eat the cost of the system just to stay even?
Unless you can sell your client on the benefit of
the system, you can forget the rate hike. I was
able to justify a rate hike with one client who
normally spent two to three hours a session doing
radio spots. Now he comes in, lays the voice
tracks, hands me the music elements and walks
out in less than an hour. The one or two hours of
time he gains by not having to be in the studio,
plus the reduced time it takes me to edit the spots
saves time and money for both of us.

Question#6 If a lot of your work comes in from
other studios, how compatible with other sys-
tems is the one you have in mind? Does it really
matter? These are problems which are still being
worked out in the industry. It appears as if Avid's
Open Media Framework (OMF) may provide an
answer. Alesisand Fostex's ADATs and Tascam's
DA-88 eight-track linear digital formats offer
other solutions. Incidentally, these digital tape
formats also offer markedly lower cost and re-
duced storage space compared to analog tape. I
also buy a lot less 1/4" stock.

Question#7 Have you bothered to figure out
how many more sessions each week you need to
pay for the system? If you've never bought a big
piece of gear (over $20K), it may be difficult for
you to think about reaching that deep into your
pocket. Especially if your used to writing off all
your acquisitions in the same tax year. Talk to
your accountant about depreciation schedules.

Question#8 How quickly will the manufacturer
respond when the system goes down? Next-day-

air is about as good as it gets unless the dealer or
manufacturer is across town. If you can't get a
guarantee of a board or component swap any
quicker than that, it's a problem.

Benefits of DAWSs

Initally, the most obvious advantages are things
like the ease with which different versions of a
spot can be made. Accomodating the last minute
whims of clients and experimentation by your-
self are others. If you currently use analog gain
reduction, you'll also probably go through a
period of re-evaluation. At first, many users get
even more aggressive with their processing in an
attempt to simulate the thickening effect that
analog tape compression used to provide. Later,
many begin to use less processing, using some
compression but mostly limiting just to keep the
occasional peaks out of the red.

With much of the analog noise out of the way,
you may start experimenting with tube micro-
phones and preamps. Without tape hiss, their
subtleties will become more apparent.

After you have lived with the system for a while,
additional options begin to occur to you. These
new options are the direct result of how well you
integrate with the functions of the workstation
itself. If the system has real-time faders for each
channel, and a screen that shows you where the
audio is on a track and how it changes in loud-
ness, you can mix more quickly and effectively.

The ability to move audio around with exacting
precision also increases the impact of your work.
You don't need to use as many effects to "fix
things in the mix". Being able to bounce mix to
infinity without noise is another advantage.

If you're really retentive and do a lot of micro-
editing; removing tongue clicks, taking the breaths
out of voice tracks, looping or resizing music
tracks, your work will be a lot easier. When you
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screw up you just take a breath, do a pick-up and
keep going.

Time Loss

Mix processing, archiving, back-up, overly-re-
tentive or experimental editing and systems that
require a lot of page jumping result in a loss of
productivity. So do data management tasks like
removing audio that you don't need anymore
from the hard drive and optimizing the hard
drive. In systems where DOS, MAC and other
sensitive files are vulnerable, you will probably
have to spend some time doing reconstructive
file management when someone accidentally
misplaces a file. The results of which vary from
not being able to access a particular element to
locking up the system. Add about an hour a week
to your schedule for these duties and you begin to
eat away at all that time saving these systems
supposedly have.

The Bottom Line
Is it worth it? With the right system, absolutely.
Also know that quite a few manufacturers have
lowered their prices within the last six months. If
you haven't gotten a recent price quote, you may
be in for a pleasant surprise.

If you're trying to sell management on the idea of
aDAW, here's the idea in a nutshell, "The DAW
is to audio production what a word processor is
to typing.”

Thanks for your time and attention. If you would
like a copy of this presentation, you may find it
in the proceedings. Or, if you're a member of a
computer bulletin board, I'll supply you with a
disk or e-mail it to you for uploading. My MCI
Mail number is 347-6635. My phone number is
(410) 889-6201. Any Questions?
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SAVING THE GOODS:
A SURVEY OF DIGITAL STORAGE ALTERNATIVES
Laura Tyson
Broadcast Supply Worldwide
Blairstown, New Jersey

This paper provides an overview of the avail-
able digital alternatives to cart machines, and
some basic tools to evaluate the selections.
Analog cart machines clearly are near the end
of their useful life in the broadcast facility.
Fewer and fewer are being manufactured each
year. New technologies will continue to evolve
and replace analog carts. This paper will
review the technologies available today, and
explain why, when and how to make the tran-
sition to digital equipment.

The basic problem facing many broadcasters
today is a studio full of aging cart machines. Does
one simply replace these with new cart machines?
Or is it time to advance to the next level of tech-
nology? Simply replacing the cart machines is
still an option, however the opportunity presents
itself to advance forward. Stations in the position
of upgrading their equipment have the option to
take the next step beyond analog cart machines.
And the choices are overwhelming.

The most simple cart machine replacement can be
found in the floppy disk-based cart machine.
They function exactly like a standard cart ma-
chine, with the added benefit of improved sound
quality and being maintenance free. They also
have some ‘‘smart’’ features, such as automati-
cally detecting kill dates on spots. Since they are
based around a removable media, they have the
same basic operational characteristics as a tradi-
tional cart machine.

The most advanced systems are the hard disk
based storage systems which allow multiple
studios to be networked together, and interface
with both music scheduling and traffic & billing
software for true ‘‘paperless’’ studio operation.
Systems such as described are already in use in
radio stations today. Several other options exist,
and these will be examined in detail.

EVOLUTION OF THE
CART MACHINE:

ANALO® CART MACHINE

DIGITAL MACHINE
USING EXTERNAL PLOPPY

DIGITAL CART MACHINE
(USING HARD

DIGIAL MACHINE
HARD DISK STORAGE
w/ NETWORKING

conzmn HARD Disk
FULL or SEMI AUTOMATED

To properly compare different systems which are
all designed to solve the same general problem, it
is necessary decide on a common denominator to
apply to the systems involved. To evaluate cart
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replacement systems, we shall use the following
constraints:

1) System is only to be used for spots (i.e. com-
mercials, IDs, PSAs, liners, news reports,
weather, etc.)

2) All recording will be in stereo.

3) All recording is at 32 kHz Sampling Fre-
quency.

4) All recordings are made using data compres-
sion (where available.)

5) If use of data compression is limited to a
specific sampling frequency, that sampling fre-
quency is used and compared to others which use
32Khz with data compression.

While it is certainly possible to use a digital cart
machine replacement for playing music as well as
playing commercials, it is not as cost effective as
playing music from other sources. Until hard disk
and high density floppy disk prices drop signifi-
cantly, the cost per minute of recording on hard
disk is still much higher than recording on CD or
Mini Disc. Plus, CD jukeboxes are ideal for a
live-assist or walkaway operation. Satellite
programming also provides a very clean, efficient
way of playing music.

II. OVERVIEW OF FORMATS

A digital recording device that could be consid-
ered for use as a playback system for on air
broadcast can be placed into one of the following
categories:

TAPE
RECORDABLE DISC
FLOPPY DISK
HYBRIDS

HARD DISK

Tape Formats include DAT and DCC (Digital
Compact Cassette.) Radio Systems in Bridgeport,
New Jersey has developed a DAT machine spe-
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cifically for on air use with cart machine-like
controls. The only DCC hardware presently
available to broadcasters is the consumer grade
equipment available at a local hi-fi store. At this
time an ‘‘industrial strength’’ DCC machine
specifically for broadcast use does not exist.

Recordable Disc formats include not only Record-
able CD (which has just recently become very
affordable), but also the newer MiniDisc, intro-
duced in a broadcast version by both Sony and
Denon. The on air playback device for Record-
able CD is any standard CD player, whether
consumer grade or professional quality. Like-
wise, playback of MD (MiniDisc) can be on any
MD player, although choices at this time are very
limited.

Floppy Disk formats include the removable media
digital cart machines such as the DCR1000 series
cart machines by Fidelipac and Broadcast
Electronic’s Disk Trak. Air Corp is developing
their Air Cart which uses a 128 megabyte mag-
neto-optical disk.

Hybrids are represented by the DigiCart™

from 360 Systems and the DDS™

(Digital Delivery System) by Radio Systems. The
DigiCart™ is a cross between a floppy disk and a
hard disk based system. It has the cart machine-
like control surface of the floppy disk units, but
uses a built in hard drive for storage. On the
outside, it’s a cart machine. On the inside, it’s a
hard disk storage system. DDS™ by Radio
Systems is multi-user platform that does not
require a traditional computer terminal for the
operator to access spots.

Hard Disk based systems represent the fastest
growing product category in the broadcast indus-
try. The typical hard disk systems consists of a
computer complete with color monitor, keyboard
and mouse, a hard drive, sound cards and operat-
ing software. With over 20 different manufactur-
ers offering some type of hard disk system, the



choices to the broadcaster are many. This cat-
egory is definitely the most difficult to evaluate
due to the vast variety of choices available. Many
systems also have production and editing software
built in. The equipment described in these catego-
ries represent equipment which is available or in
development as of December 1993.

.  WHY SWITCH TO DIGITAL?

This is a good question. If a station has a studio
full of decent quality cart machines that are less
than 10 years old, is it really worthwhile to switch
over to digital? What is the real motivation for
unloading all the studio’s analog cart machines?
What are the goals in doing so? Let’s consider
some of the possibilities:

1) Improve the sound quality of your broad-
cast signal. Consumers have become acutely
accustomed to the sound of CDs. They are
listening to CDs at home. They are listening to
the CDs on the radio. Their ears are gradually
becoming more finicky and demanding. The last
thing you or your advertisers want is for your
listeners to mentally ‘‘tune out’’ anytime a com-
mercial airs. Digitally recorded commercials will
match the sonic quality of the CDs you’re play-
ing, and give your station a more consistent
sound.

2) Reduce the physical storage & space
requirements. With the increasing number of
LMAs and duopolies, more stations are finding
they now have to squeeze two or three stations
into the same space originally occupied by one.
More than ever, space is a premium. Analog carts
take up incredible amounts of space. Hard disk
systems allow much smaller rooms to be used as
ON AIR studios, with out compromising quality.
Cart storage is no longer an issue, since all carts
are stored are now stored as files inside a hard
drive.

3) Simplify On Air Operation. Analog cart
machines couldn’t possibly get any simpler to
operate, could they? Can we possibly take some-
thing as basic as an analog cart machine, and
actually make it easier to operate? The answer is
yes. The hardware and software replacing cart
machines is now capable of handling some of the
decision making previously handled by the on air
staff. Digital cart machines can now automati-
cally read a kill date and prevent a spot from
airing. Most systems can automatically begin
recording when they detect audio, for perfectly
cued spots. Some hard disk systems will intelli-
gently look at a schedule created by a third party
traffic and billing program, and automatically
program a day or week’s worth of breaks.

4) Simplify Maintenance. It can cost up to
$3000 in parts and labor to keep a single analog
cart machine operating and maintained for 5
years. This includes replacing heads, rollers, and
alignments. With digital systems, maintenance is
nearly eliminated altogether. Some systems have
no maintenance requirements at all.

5) Improve reliability. The reliability con-
cern might just be the one reason many stations
have refrained from getting into the newer digital
equipment. Relatively speaking, this technology
is new. Most of the systems are first generation,
although there are a handful of 2nd and 3rd
generation systems available. This entire product
category, digital storage systems, is at its infancy.
The good news is systems will become more and
more reliable and less ‘‘buggy’’ as the software
matures. Also, systems which use removable
media (floppy disk cart machines) don’t have the
reliability concerns and the ‘‘all your eggs in one
basket’’ syndrome that the hard disk systems
have.

6) Optimize cost / performance ratio. Spend
less money to accomplish a given task. A simple
comparison: Analog carts have an approximate
life span of 500 to 1000 plays before they are
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replaced (or sent off for rewinding) at a cost of
about $5 each. Digital ‘‘carts’’ have a life span of
a few million uses before they need to be re-
placed. Add that up over a few years time.

7 Allow Networking between On Air Stu-
dios, Production, Traffic, and Billing. This
capability simply doesn’t exist at all with analog
systems. Not only will radio stations in the future
be tapeless, they will also become paperless.
Most of the commonly used traffic and billing
software packages in use in radio today can be
integrated into a hard disk storage system, such
that traffic information is imported into the
software of the storage system, and each days
stopsets are automatically assembled. This can be
accomplished in a very short time with a few
simple keystrokes on a computer.

8) Savings of new digital system versus. new
analog system. Are the digital systems really
cheaper than new analog systems? Or in the long
run, is it cheaper to stick with analog? Upon
close comparison of costs of analog carts over
time versus digital, you will find the digital
systems are less expensive than most of the better
quality analog machines.

9) Convenience. Computers are everywhere,
and that mass appeal has resulted in competitive
pricing, readily available parts and accessories,
and competent service. Maybe in the future it
will be possible to pick up replacement disk
drives at a 24-hour discount computer warehouse.

10)  Lack of Handling. Because hard disk
formats eliminate handling altogether, your air
staff are freed up to spend more time taking
phone calls and concentrating on their program.
There are no more carts to pull, sort, stack, load,
play, unload, and put away. And no more carts to
accidently get lost or damaged. Of course, floppy
disk based cart machines don’t enjoy this benefit.

11)  Automation. For the live station wishing
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to make a switch to satellite automation, hard disk
systems are the perfect choice. Two general types
of automation are Live Assist and Walkaway
Automation. With Live Assist, all the breaks are
pre-programmed and pre-sequenced. The jock
presses the ON button on the console at the
beginning of a break. (The break is started by a
manual trigger.) With Walkaway Automation, all
the breaks are pre-programmed and pre-se-
quenced, and are triggered by either another
machine (perhaps a satellite relay, CD or tape
machine EOM), or are time driven.

Digital systems allow the opportunity to rethink
how tasks are accomplished in the air studio.
They allow a chance to get away from operational
pattern which evolved from the use of analog
systems. For example, analog carts have gener-
ally been recorded with one spot per cart. If the
on air operator needs to play five spots, he has to
pull, load, unload and put away five carts. Quite
a bit of mechanics involved. Digital systems
don’t require the same level of work. To opti-
mize the cost-per-unit-of-storage ratio for the
floppy disk and recordable disc systems, it is
necessary to revise the ‘‘one event per cart’’ rule.
For example, a whole hour’s worth of sixty
second spots can be stored on a single $15
MiniDisc, or ten recorded sixties on a $8.75
floppy disk. The cost of storage per sixty second
spot becomes small change (compared to approx.
$5.00 per analog cart). The loading/unloading
time is reduced by a factor of 10. Thus, taking
advantage of loading up multiple spots per digital
cart allows greatest financial and physical effi-
ciency.

IV.  OBIJECTIVES

Here are a few items to think about when consid-
ering systems to replace your cart machines.

1. User Friendliness. One of the greatest
benefits from most of the digital systems is they



take the process of constantly locating, sorting,
loading, and putting away carts, and turn this into
a one button operation. There is a great range in
the user friendliness of digital systems. The
floppy disk cart machines are by far the easiest to
use - virtually no training is required for the air
staff, since they are used exactly like analog cart
machines. Hard disk based systems, despite their
complexity, can also offer simple, one button
operation. Determining the skill level of your
operators will help determine which format can
be used at your station. If your station is 100%
automated and on air staff never touch the play-
back system, then user friendliness is not such an
important issue.

2. Cost of Hardware. Costs vary according
to which ‘‘format’’ (as described above) you
decide on. The greatest range in price is found in
hard disk systems, ranging from around $6500 up
to $70,000 depending on number of studios,
storage time, simultaneous playback channels,
and other things.

3. Cost of Storage Media. It is very impor-
tant to compare the cost of storage media by
putting the cost into meaningful terms. The
easiest way to evaluate the storage costs is in
terms of dollars-per-minute of storage. Many
manufacturers will tell you ‘‘600 Meg is included
with the basic package’’ or ‘‘1.2 Gig is an addi-
tional $2000°°. This information is meaningless
unless you know how many minutes of recording
time you get. The manufacturer will need to
know what sampling frequency you prefer to use,
stereo or mono, and compressed or linear, before
they can give you the number of minutes of
recording time. Translate this into cost per
minute. When comparing the costs of similar
systems, make sure you compare in terms of the
same sampling frequency, recording mode, and
data compression. In a few cases, some systems
are only available in one combination of sampling
frequency and data compression. For example,
the MiniDisc format is only available using a

44.1kHz, data compressed recording mode.
Likewise the DigiCart_ only offers data compres-
sion when recording at 48 kHz sampling fre-
quency. All other sampling frequencies are
recorded linear.

4, Sound Quality. With digital recording,
audio bandwith is a function of the sampling
frequency used. The resulting bandwidth is
roughly half the sampling frequency. 32 kHz
Sampling yields a bandwidth of 15 kHz audio,
typical FM broadcast quality. The Bit Rate (or
number of bits in the Analog to Digital Conver-
tors) used ultimately affects the dynamic range of
the recording. 16 Bit systems seem to be a stan-
dard among most of the systems available today.
Also, not all data compression schemes sound the
same.

5. Ease of Back-Up. One of the concerns of
hard disk systems is placing “‘all your eggs in one
basket’’. If your hard disk crashes (and you don’t
have a backup system) you will instantly be
losing income (in the form of spots scheduled to
air) which can not be regained. Thus, you must
have a suitable means for back-up of your spot
library. The easiest method is to purchase a
second hard disk, and keep a copy of everything
in your library on it. Each manufacturer handles
this problem slightly differently

6. Editing Capability. All digital systems
(except tape) offer the ease and flexibility of
editing. Editing capabilities on computer based
systems tend to be easier to use than those in the
floppy disk systems, simply because of the avail-
ability of waveform viewing and other visual
cues. With most digital systems, editing is non-
destructive. If you don’t like an edit, you can
quickly and easily revert back to the original
recording.

7. Random Access. One of the greatest

benefits of digital is random access. Audio is
instantaneously loaded and cued. There is no
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waiting for tape to rewind, and no endless fast
forwarding in search of a music bed or sound
effect on tape. The benefit gained by random
access is time. The time savings will literally add
up to months of time saved per year. Keep in
mind tape based digital storage systems (DAT or
DCC) do not offer random access.

8. Compatibility with Air Studio. Does this
equipment interface with your broadcast console?
What type of audio connectors does it have?

Does it have console remote functions? Does it fit
in with the rest of the equipment in the air studio?
Most equipment designed specifically for broad-
cast use will interface properly to your existing
equipment. Use caution, however, when selecting
equipment designed for consumer use.

0. Automation Ready. Even if your station is
not using any automation now, it makes sense to
select a system with the potential to be automated.
After all, you never know what the future may
bring. Automation capability provides good
insurance against future changes. Many systems
are perfectly friendly in the manual operation
mode, and switch into live-assist or full automa-
tion with no trouble at all. Other systems are
strictly for manual control, and cannot be used in
an automated environment. Removable media
(floppy disk) machines have limited automation
potential since a human is still required to load
and unload the carts.

10.  To Handle or Not To Handle? Many
stations prefer to have a digital format which
closely emulates a cart machine. It provides the
on air staff with reassuring tactile feedback which
they have grown accustomed to with analog carts.
The transition from playing analog carts to digital
carts is nearly seamless. On the other hand, some
stations prefer to have all the commercials stored
in a centrally located server, allowing simulta-
neous access of a commercial from a number of
different studios.
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11.  Reliability. After deciding on a particular
system, find out how many are in use in the field.
For how long? Try to get a user list from the
manufacturer. What experiences have you heard
from other stations using this system or another?
It doesn’t hurt to ask around. Find out if the
manufacturer offers any trial period.

12.  Sampling Frequency Flexibility. The
trade-off with different sampling frequencies is
hard disk space. Using a lower sampling fre-
quency can help conserve pricey hard disk space.
Of course, the sacrifice is in audio bandwidth. A
compromise might be to use 32kHz for spots with
music (for best audio performance), and reserve
22 or 26 kHz for voice only spots. Any system
which allows sampling frequencies selected on a
cut by cut basis will allow the most efficient use
of hard disk space.

13.  Data Compression Flexibility. Data
compression ratios can almost be directly applied
to the price of hard disk storage. As an example,
consider two hard disk systems which both store
10 hours of audio. The hard drive in the system
which records linear will cost about 4 times more
than the drive in the system which uses a 4:1com-
pression. Sending audio through multiple com-
pression schemes within the audio chain is an-
other concern not to disregard. After as few as 3
or 4 passes through different data compression
schemes, your audio may become degraded.
(Wasn’t the point of digital audio to improve the
quality of audio?) If your audio chain is already
loaded up with devices which introduce data
compression (such as digital STLs, digital
remotes using Switched 56, and satellite feeds),
use linear recording whenever possible. Other-
wise, you may want to use compression to help
keep hard disk costs down. Ultimately, hard disk
prices will drop so low you will be able to afford
recording everything linear. Cost of the hard
drive will no longer be a concern. Systems which
allow data compression flexibility offer the most




desirable cost of storage ratio with minimum
sacrifices to sound quality.

14.  Networking. This is the first step towards
the paperless station. When your Traffic, Billing,
Programming and Production services are all
communicating together, record keeping becomes
automated.

15.  Speed. Digital systems are ultimately
faster than analog. Some digital systems are
faster than others. Test drive each for yourself to
compare. Time the system, from selecting the
cut, loading, cueing, playback and ‘‘putting
away’’. Or, if the system is to be used in an
automated environment, see how long it takes to
set up schedules and playlists.

16.  Strength/ Stability of Manufacturer. What
is the history of the manufacturer? How much
experience have they had specifically in broad-
cast? Will they still be in business five years
from now? It is very difficult to predict this last
question, just use your judgment and common
sense. Remember the rule of survival of the
fittest. The manufacturer who offers the strongest
product at the most reasonable price will by
default be successful - demand from the market
will dictate this. The 20/80 rule will prevail -
20% of the manufacturers will provide 80% of all
the systems in use. Figure out who that 20% is
now if you are planning to make a long term
commitment.

V. A Quick Summary of Formats and How
They Score

A. Tape Formats - At a mere 13 cents per 60
second spot, DAT is by far the cheapest way to
digitally record spots for on air playback. The
hardware is relatively affordable, the software is
inexpensive and readily available. The biggest
drawback to DAT is the lack of random access.
Other than the Radio Systems DAT machine,

most DAT machines are not on-air friendly.

B. Recordable Optical Disc.

1) At 25 cents per 60 second spot, record-
able CD is the least expensive format which
offers linear recording, full automation capability,
easy on air use, and full random access. The
production studio hardware is now available for
$3500 (Marantz CDR-600), about the price of a
decent analog cart recorder. The playback hard-
ware (any CD player) ranges in price from as
little as $150 up to $1500. The disadvantage to
recordable CD is the discs are not reusable. Once
recorded, you cannot go back and erase and re-
record. Thus, although the initial cost per spot is
very low, the recordable disc may only be used
once.

2) MiniDisc offers all the advantages of
Recordable CD, plus the ability to erase and re-
record spots on a disk. Spots cost 25 cents each,
and the carts can be erased and reused several
million times. Hardware costs are compatible to
mid priced analog cart machines. MiniDisc does
not offer linear recording, everything is recorded
at 44.1KHz sampling using ATRAC data com-
pression. At this time current playback hardware
does not permit any automation. Playback re-
quires complete manual operation.

C. Floppy Disk Systems. These are by far
the easiest digital system to use and implement.
They most closely resemble and behave like a
traditional analog cart machine. At $1.70 to
$3.50 per 60 second spot, the software can be a
bit expensive compared to some of the other
options. Both systems available today record
using APT-x data compression only. Sampling
frequencies are usually cut selectable. The floppy
disk cart machines are the closest thing to a
straight replacement for an analog cart machine.

D. Hybrids. The DigiCart™II by 360 Sys-
tems offers the best of both worlds, it’s painlessly
easy to use, and hardware costs are low, since
only one machine is needed per air studio. Soft-
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ware prices per 60 second spot run $2.50 (Re-
movable Audio Disk) to $6.86 (1 Gig internal
hard drive, capable of holding 8 hours). The
DigiCart™ will handle any mode of operation
from full manual to totally automated. With
additional external hard drives, one on air ma-
chine can hold up to 48 hours of stereo spots.
Both sampling frequencies and data compression
are cut selectable. The only drawback to the
DigiCart™ is it’s not networkable and cannot
interface to an outside traffic and billing program.
As a straight cart machine replacement, the
DigiCart™ is ideal. The DDS™ by Radio Sys-
tems will be officially introduced at the 1994
NAB Convention in Las Vegas.

E. Hard Disk. These can be either very easy
or very difficult to use. The user interface is
strictly a function of software. Storage costs are
inexpensive compared to analog carts. Although
the cost per 60 second spot can range anywhere
from $4 to $10, hard disk space is infinitely
reusable. There are no long term costs for cart
replacement or rewinding. Hard disk systems are
capable of any level of automation, from full
manual control to live assist, satellite, and walk-
away automation. Hard disk systems also allow
networking, and interface to third party traffic and
billing software.

The best way to compare hard disk systems is to
break them down into two categories - hardware
and software. For many of the systems available,
the hardware consists of a 386 or 486 PC, color
monitor, keyboard, mouse or trackball. Some
systems use touch screen monitors, some use a
mouse. The number of Digital Signal Processing
(DSP) cards determines the number of simulta-
neous playback channels. The hardware differ-
ences between systems varies greatly. It is impor-
tant to compare the actual hardware closely when
evaluating systems.

The software ultimately determines which sys-
tems are fast and easy to operate and have the

most features. The graphical user interface
(known as ‘‘GUI’’) becomes the ultimate differ-
ence in determining the user friendliness of the
systems. The GUI effects the speed and ease of
operation. A good GUI should consist of the
following elements:

1. Pattern Recognition. Most analog cart
machines generally have the same front panel
layout, positioning and size of buttons. If you
were to ask one of your jocks to draw a picture of
a cart machine, likely he would know what a cart
machine is supposed to look like. Software
generated (virtual) cart machines should also
follow this pattern. Is the position, spacing and
colors of buttons on the monitor set up in a
similar pattern to real cart machines? Are the
buttons too close together? Are they in the right
position relative to each other? The answers to
these questions will determine which systems are
easy to use and learn.

2. Anomalies. In an ON AIR studio using
analog cart machines, an example of an anomaly
would be if the STOP lamp is flashing on one
machine but not on the other five. With a split-
second glance, you can immediately tell which
cart played. This method of instantly acquiring
information must also follow with software based
systems. When the START button has been
pressed, is it easy to determine which virtual cart
machine is playing? Can you tell at a glance
which cart machine is loaded and which is empty?

3. Displays. The meters, timers and display
information on a virtual cart machine must
closely emulate that of a cart machine. Does the
software-generated LED meter on the screen
follow the audio in an expected way? Are there
enough units of LEDs to provide meaningful
information? (An example of a poor display - a
LED type VU/Peak Meter with only 3 or 4 seg-
ments.) Do waveforms provide enough resolu-
tion, on both a vertical and horizontal scale to
allow fast editing?
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4, Action versus. Reaction. Does touching a
button on a touch-screen monitor result in the
appropriate reaction and expected result? Does
sliding a software fader using a mouse cause the
expected audio gain increase or decrease? Does
the button behave in a similar way to the real
thing? Does the system have the right *‘feel’’?
For example, pressing the START button,
whether by touching a screen or by clicking a
mouse, must start audio instantly, just like hitting
the START button on a cart machine.

The key is not to allow the hardware/software
combination hinder the performance of the opera-
tor. (Don’t mix up the good GUIs and the bad
GUIs). All operating procedures must be accom-
plished effortlessly, freeing the operator to focus

on his or her program, rather than the mechanics
of the system. In other words, it’s got to be a *‘no
brainer’’.

VI. CONCLUSIONS

On the following page are some questions to ask
about your station which will help qualify which
type of digital storage system is best for you.
These questions will also help manufacturers
determine what system you need. The Cart
Machine Replacement Survey can be used to keep
track of the different systems your station evalu-
ates. You may want to create your own survey
for evaluating hard disk systems, as they could
not be thoroughly covered in detail in this section.

=== — =W = ——————— — —— —— = —__ L, —""S e ]

STATION QUESTIONNAIRE
Station Type: AM FM AM/FM Combo OTHER (Describe)
How many different, simultaneous ON AIR studios? 1 2 3 4
How many PRODUCTION studios at our facility? 1 2 3
Other STUDIOS? (i.e. NEWS, TALK SHOW, etc.) 1 2 3

1) Are spots to be recorded in MONO or STEREO, or BOTH?

2) Which SAMPLING FREQUENCY will be used?

3) Do we want to be able to mix and match different SAMPLING FREQUENCIES?

4) How many HOURS OF STORAGE is needed to get started?

5) Will we record spots using DATA REDUCTION only or LINEAR recording only? Or
will we want to be able to select according to cut? (Cut selectable Data Reduction).

6) Do we need to interface with any satellite programming?

7 Do we need to interface with any CD juke boxes?
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8) Do we want a system that provides the tactile feeling of carts (like what our jocks are
used to now)?

9 Would we rather have everything consolidated, away from the jocks, without them actu-
ally touching the media.

10) Is any type of automation in our future? Satellite? Live assist? Walkaway?

Additional comments:

CART MACHINE REPLACEMENT
SURVEY

Name of Product:
Manufacturer:
How long has manufacturer been in business?

Type of System: TAPE RECORDABLE DISC FLOPPY DISK
(Circle One) COMPUTER/HARD DISK HYBRID

Which SAMPLING FREQUENCIES can be used?
16 kHz 20 kHz 22 kHz 26 kHz 32 kHz 44.1 kHz 48 kHz
(Circle all which apply)

Are the Sampling Frequencies cut selectable? YES NO
What type of DATA COMPRESSION is used?

NONE apt-X ATRAC

ADPCM

DOLBY AC2 MUSICAM I PROPRIETARY OTHER

Is DATA COMPRESSION cut selectable? YES NO
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At a glance, does this system appear user friendly? Can I sit down in front of it and pretty
much figure it out on my own (without the coaching from the manufacturers rep)?

YES NO
Comments:
At a glance, does this system look like it might spook the jocks? YES NO
Comments:

Price: Approximate cost of start up hardware. §

Cost of Software (in terms of $ per minute of storage, based on my desired sampling frequency
and recording style- linear or compressed): $ per minute

Editing Capability: Will this system allow simple trimming of heads and tails of spots?

YES NO
Automation Ready:
Can this system be used in a live assist environment? YES NO
Can this system be used in a fully automated / walkaway environment?  YES NO
Do the jocks touch the media? YES NO
Does this system interface with any traffic and billing software? YES NO

Which ones?
Speed: How long does it actually take to select, load and cue up a spot, ready for play?

Hardware: (For Computer based systems) What type of computer platform is used?
286sx 386sx 386dx 486sx 486dx Proprietary

What SPEED Clock? 16Mhz 25Mhz 33Mhz 40Mhz 50Mhz

Is the computer hardware supplied only by the manufacturer? YES NO
Or... can I buy (or trade) for the computer at a local supplier? YES NO
Additional Comments:
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A SYSTEMS APPROACH TO NON-TRANSCODED AUDIO
DELIVERY: A STEP TOWARD DIGITAL COMPATIBILITY
Richard Becvar
California Digital Audio Systems, Inc.

Moorpark, California

Abstract

The practice of employing multiple, tandem, bit-
rate-reduction  encoding/decoding/re-encoding
schemes for storage and transmission of high
quality audio has generated industry-wide concern
as AM & FM radio stations prepare to enter the
digital era. It has been demonstrated that
considerable impairment of the original source
material can be predicted with even one such
transcoding process. This paper will discuss the
benefits and limitations of some contemporary
coding approaches and will introduce the concept
of how complete digital audio radio station plants
can be designed to insure that the benefits of
digital audio are realized without the risk of quality
degradation.

INTRODUCTION

Globally, digital audio is transforming the business
of radio broadcasting in many positive ways.
Digital audio promises faster, smoother production
and low cost automation, storage and transmission;
and it will provide superior broadcast audio to the
radio listener. It has recently been demonstrated
that digital audio can also have a dark side with
unexpected and severe quality degradation if radio
stations and networks do not follow some radically
new rules regarding facilities planning and station
design.

Digital bit-rate-reduction or "compression,” as it is
sometimes called, is an essential element of today’s
broadcast equipment. When properly managed at
the system level, digital bit-rate-reduction schemes
perform the valuable service of permitting us to
cost-effectively store, manipulate, edit and transmit
CD-quality stereo sound by using low cost PC
platforms and existing communications channels.

However, when improperly managed at the system
level, digital bit-rate-reduction systems can actually
cascade negative effects and significantly degrade
the overall quality of transmitted audio. How does
the local station engineer or, for that matter, the
network or transmission technical staff begin to
plan a new digital facility while avoiding the
pitfalls?

This paper introduces the concept of viewing the
complete path from RPU transmission to our
listeners’ ears as one integrated system in which the
integrity of the original source-coded material is
maintained. This concept focuses on a new device
by California Digital called the daX or digital audio
Xpress. This unit is the first to be introduced to
broadcasters which utilizes digital audio in a
system-wide compatible manner and which may be
used to model digital equipment interconnection
architecture.

The author recognizes that at this early stage of
radio’s adoption of new digital technology, it is
difficult to consider all of the system compatibility
alternatives and to provide the answers to all of the
digital transcoding compatibility issues. Instead,
this paper is intended to provide engineering
practices and guidelines for consideration when
designing and building digital radio facilities,
keeping in mind the need for total system
compatibility.

BACKGROUND

From a historical perspective, the main obstacle to
implementing digital audio transmission systems has
always been the bandwidth requirement.
Uncompressed digital audio is bandwidth-intensive
and simply will not conveniently or cost-effectively
fit into the transmission systems which are used by
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radio broadcasters. To make digital audio
practical, technologists have needed to explore new
methods of coding audio material from the analog
domain to the digital realm and devise new
modulation approaches to transport the resulting
bitstream.

Compression systems have been around since the
1950s. Early systems used the "Huffman
Squeezing" method which took advantage of the
redundancy of the letters E,R,T,N and O in text.
Then, as now, the goal of any digital bit-reduction
or compression algorithm was to identify and
eliminate similarities or redundancies in data and,
if possible, to remove unnecessary information.
This has the result of minimizing the bandwidth or
storage requirements of the transmission or storage
medium.

Advances in psycho-acoustical modeling
techniques have resulted in efficient approaches to
bit-rate-reduction without perceived impairment of
the original material.

Figure 1 [1]

Figure 2 [1]
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Typical approaches use the psycho-acoustic
theories of Temporal Masking and Spectral
Masking (critical band theory) under the larger
umbrella term of "perceptual coding" to develop
the PCM bit-rate-reduction algorithms.

Perceptual Coding systems take advantage of the
belief that in the frequency and time domains, the
presence of certain audio energy can actually
"mask" adjacent audio signals.
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ISO/MPEG LAYER II

One of the systems using the "masking" approach,
MUSICAM?® (Masking pattern Universal Sub-band
Integrated Coding And Multiplexing), has been
adopted by standards organizations ISO/MPEG
(International Standards Organization/Motion
Picture Experts Group) as the Layer II standard.
This standard has been proposed to be used by
most US DAB proponents. The MUSICAM®
system was developed jointly by French, Dutch and
German engineers and has undergone a great deal
of international testing and scrutiny in its short
history.

BENEFITS OF BIT-RATE-REDUCTION

Figures 1 and 2 demonstrate the masking effects
mentioned above. It can be seen that a large
amount of audio information may be discarded
from the transmission aggregate with no negative
impact on the processed and decoded audio. In
other words, since the discarded data bits will not
be heard, nor will they, in most cases, contribute to
enhancement of the decoded audio, they need not
be included in the transmitted datastream.
Therefore, the throughput and bandwidth
requirements can be radically diminished.

Figure 3 illustrates the irrelevant information
content for several coding rates using a perceptual
approach. As will be discussed in later sections of
this paper, this same benefit can also be a
detriment if careful steps are not taken to avoid



tandem codings, because once information is
discarded as unnecessary during a coding process,
it can never be recovered.

Figure 3 [1]

to A, A to D fashion. At first glance, this process
may seem to be remote in its probability of
occurrence. But, however, such is NOT the case!
Consider the diagram in Figure 4. This diagram
depicts a typical radio station of today being fed
from a distant point (a network) by audio, which
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Virtually all digital modulation and transmission
modes can benefit from some form of compression.
This fact is evidenced by the continued impetus to
pack more information into less bandwidth "real
estate." In the transmission segment of a system,
power is usually less of a limiting factor than is
bandwidth, so less bandwidth usually means
reduced operating costs.

I’s now possible to transmit full duplex, 20 Khz.
stereo audio and duplex 4.8kBps data to distant
points over a single 2B+D ISDN Basic Rate
Interface, or what is known by the phone
companies as two DSOs plus signalling overhead.
Digital compression technology now enables us to
implement full duplex 7.5Khz. circuits over a single
Switched 56 path using the CCITT G.722 standard
hardware. In comparison, analog frequency-
extender/translation techniques need six POTS
(Plain Old Telephone Service) lines to yield only 5
to 7Khz. duplex service.

THE CAVEAT: TRANSCODING

For the purposes of this paper, the term
"Transcoding” shall be defined as that group of
processes employed to perceptually
code/decode/re-code source audio in an A to D, D

. S

itself has been fed from a second remote point.
The system described has a mixture of currently-
available digital and analog equipment. The only
departure from the present-day norm in the subject
system is the DAB transmission/reception
component, a system which, in the author’s view,
all US radio stations will eventually embrace.

Figure 4 details the very low percentage of the
originalinput source material (1.411mBps, 44.1Khz.
sample rate, 16 bit x 2, CD) which remains after
cascaded transcodings have taken place. In this
example, a coding rate for all processes of 256kBps
per stereo channel was chosen for two reasons: (1)
The ISO tests in Stockholm, Sweden, in May 1991
concluded that the 256kBps per stereo channel
layer 2-coded material was statistically identical to
the original material [2]; (2) It is believed by the
author that 256kBps will be available to carry the
stereo information from fuwwre FM DAB
transmitters to their intended receivers. It should
be noted that digital rate converters are available
to implement lower bit rate codings, however, if
lesser rate aggregate codings are introduced into
the chain, the original material-retained numbers
only worsen.

AES/EBU

A question has been raised as to the use of the
AES/EBU digital I/O port which is available on
some editors, automation systems and satellite
receivers to alleviate transcoding issues. Since the
AES/EBU interface is located after the perceptual
decoder and before the coder in systems with
which the author is familiar, no relief from
transcoding problems can be expected by its use.

A POTENTIAL SOLUTION

A transmission system which addresses the
problems inherent in transcoded systems is
described in Figure S.

NAB 1994 Broadcast Engineering Conference Proceedings—91



1 | 1 1
1 1 : |
1 i Figure 4 ] TRANSCODED 256 KBPS SYSTEM
] ] t .
i | | (Undesireable)
) ' ' [
| ) 1 1
1 ) 1 1
1 I b 1
[} I I 1
| RF MODEM & 1 ' 1
| TRANSMISSION t i} I
| EQUIPMENT ! ' I
1 t ' 1
| ) ] 1
| 0 ) | I
| ] t 1
1 ] 0 ] 1
: copEC : : : HUMANIEARTS)
1 ' ] 1
| ' OIGITAL | |
1 1 SATELLITE ' i /—
1 1 RECEIVER ' |
1 ' ] 1
1 A | ‘ | |
1 ' A I |
0 i ] 1 |
| ' 1 |
1 1 1 ]
RF WODEM & 1 MIXER ' MIXER 1 1
TRANSMISSION i ' 1 1 A
€QUIPMENT 1 ' 1 |
1 ' | !
| if o591 ' 1
| il or A } o DAB RECEIVER
] A 1 orig. ] 1
0 | ' ! {
| |
1 DIGITAL o} DIGITAL - 1
i EDITOR/ I EDITOR/ 1 t
1 STORAGE/ &= 1 STORAGE/ =) | 1
I AUTOMTN il AUTOMATN. { I
CODEC 1 1 ] |
| 1 | ]
if sz 1 | '
il or 1 A 1 0 ]
I\ orig. A ) 1 |
1 1 ' 1
A 1 1 ] |
1 ] | DAB 1
1 ] | EXCITER/ |
| MIXER 1 MIXER ' XNTR |
' ] ' 1
| ] ] eezx \i
MIXER | | | of )
) T ] l i 1 orlg. ]
1 A | A ) A '
1 | | N ]
A 1 ] | 1
| DIGITAL | DIGITAL | DIGITAL |
| SATELLITE ' STL ] STL 1
1 RECEIVER 1 CODEC 1 CODEC t
1 | ' 1
1 ] | 1
| | 0 \ [ |
o | ] 1
PLAYER i ' T1,5WS6,1SDN, Microwave !
| |
1 1 1 ]
1 | 1 1
| | 1 1
| ' 1 1
1 ] 1 1
RPU Site 1 Network Head-End 1 Local Station Studlo I Local Station Transmltter L] Listener

Figure 5
Non-Transcoded Transmission System

Network Headend Locai Studio Transmitter Site

1 ]
1 1
) 1
MUX & 1 MUX & 1
Transmisslon oISITS 1 Transmission Transmission ] o1a1TS Transmission
MODEMS MODEMS MODEMS
o1a11s) orsttrs DIatTS proivs

Production & Productton CODEC 0AB
Transmission CODECS Using Exclter/Transmitter
Using STANDARD ALGORITHM sing
otatrs| STANDARD ALGOR!THM STANDARD ALGORITHM
AEMOTE
INPUTS
usiNe
STANDARD
ALGORITHM
otaltrs ptolTs
DIOITS

MIARORED MARD DAIVES MIARGAED WARD OAIVES

92 —NAB 1994 Broadcast Engineering Conference Proceedings



The basic premise underlying the design
architecture of the non-transcodedsystem is simply
to avoid any downstream re-codings of the audio
information. To use this approach, a "reverse
engineering” tactic is taken. In this scheme, the
same perceptual coding algorithm must be used to
source code the original material as is employed in
the transmission of the DAB signal to the listener.
Then, at each intermediate point in the chain, care
must be taken to keep the information in its un-
decoded digital state. Decoding to analog is
needed only for local monitoring or for output
where compatible digital facilities do not yet exist.
If remote audio is to be stored and edited at the
network head-end, the original information must
be coded with the system-standard algorithm as
must local station production audio. All editors in
the system must be able to manipulate the existing
data using the system-standard algorithm as well.

digital audio Xpress

Recently, a number of networks have identified
system requirements to our firm which embody
many of the concerns about transcoding and digital
system compatibility that have been raised in this
paper. The daX (digital audio Xpress) product was
developed as a response to these requirements.

As can be observed by inspection of Figure 6, by
adopting the non-transcodedarchitecture utilized in
the daX product, a unity position regarding
coding/decoding may be realized. Comparison of
the percentage of original material retained at the
listener’s location in Figures 4 and 6 reveals that
the non-transcoded architecture yields a better
recovery figure of approximately 6,000 times that of
its transcoded counterpart.
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CONCLUSION AND CHALLENGE

The radio broadcasting industry is experiencing a
paradigm shift away from traditional analog
delivery of signals to the rapidly expandingscenario
of DSP-controlled, algorithm-generated audio.

As we have seen, it is now possible to send very
high quality, single generation Compact Disc audio
from a remote site through our transmitter chain to
listeners in the field with no discernable
degradation. Research is continuinginto algorithm
enhancement and other related fields, which may
one day lead to a technique for digital mixing,
allowing combining of discrete serial bitstreams.

With a decision on a US DAB standard perhaps
only months away, the time is right for us as
technical professionals within the industry, to take
steps to insure timely and orderly migration to
compatible digital systems.
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STRUCTURAL CONSIDERATIONS FOR A
SUCCESSFUL TRANSITION TO HDTV BROADCASTING

Raymond C. White, P.E.
Kline Towers
Columbia, South Carolina

Abstract

With the final selection of an ATV system by the FCC,
broadcasters are now in a position to start planning for
the transition of their transmission facilities from NTSC
to simulcasting both NTSC and HDTV, and, later on to
exclusive HDTV transmission. Integral to this transition
is the structural capacity of existing tower structures to
support the additional loads imposed upon them by the
addition of HDTV broadcast antennae and transmission
lines. This paper will address the requirements and
various aspects of a tower structural design analysis and
the results of which will assist the broadcaster in
implementing a successful transition to HDTV
broadcasting while complying with current design
standards, government regulations and insurance
requirements.

INTRODUCTION

Many existing broadcast tower structures have been in
service for 25 years or longer. During the course of
their service life, most of these towers have probably
seen the addition of owner and tenant broadcast and
communications equipment for which they may not have
been originally designed to support. The further addition
of a second antenna and transmission line required to
broadcast an HDTV signal simultaneously with the
broadcaster’s current NTSC signal will result in
additional stresses being imposed upon the tower's
structural components for which they may not have the
necessary capacity to resist.

In addition to the possible increases in tower equipment
loading, the design standards and minimum requircments
for design wind loads have changed over the years to the
point where we may find that even though a tower’s
original equipment design loading has not changed over

the course of its service life, based upon current
recommended design standards, the tower’s structural
components may already be considered as being stressed
beyond their allowable load carrying capacity.

Thus, the owner of a broadcast tower faces a problem
that is twofold, how to safely support the additional
loadings of an HDTV broadcast antenna and transmission
line, and how to bring his tower up to date with the most
recent recommended design standards. A structural
design analysis is the means by which the tower owner
may reach a decision regarding the integrity of his
antenna support structure.

COMPONENTS OF A STRUCTURAL ANALYSIS

The variable components of a structural design analysis
are the equipment, or appurtenance loads imposed upon
the tower and the magnitude and method for applying the
wind loads. The appurtenance loads are well defined and
may be simply described as the forces resulting from the
dead weight of the appurtenance, which is a downward
acting force, and the shear, or horizontal force, produced
by the wind blowing against the projected area of the
appurtenance. Depending upon the location of the
appurtenance on the tower, bending and torsional (twist)
loading may result in additional forces being imposed
upon the tower’s structural components.

These appurtenance loads are supported by the tower
through the tower legs and its bracing system of
diagonals (X-bracing) and struts (horizontal bracing)
which transfer the horizontal forces produced by the
wind into the tower legs and points of tower support.
These points of tower support are the tower base and in
the case of a guyed tower, the tower guy lines.

Now, obviously the larger the appurtenance loads are,
the larger or stronger the tower structure must be in
order to safely support them.
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TYPES OF SUPPORT STRUCTURES

Basically, what we are talking about are two types of
support systems - self supporting and guyed.

Self Supporting Towers

A self supporting tower may be described as a
cantilevered space truss whose design and resultant
structural member stresses follow a very linear pattern of
solution. Generally speaking, as long as the revised
design loads are less than the original design loads, or,
if greater than originally designed but applied at a
proportionally lower elevation on the tower, the existing
structure will most probably satisfy your requirements.
Should the revised design loads be greater or applied at
a higher elevation on the tower than originally designed,
a structural investigation will be required to determine
the adequacy of the existing tower members to support
the revised design loading.

Guyed Towers

A guyed tower may simply be described as a beam- £ + + =
column on elastic supports, with each support possessing
a different degree of stiffness. This is a much more FIGURE 1. Self Supporting Tower

complicated structure than a self supporting tower. The
stiffness at each guy level is generally dependant upon
two items, the size of the guy strand and the amount of
initial tension in the guys at each guy support level.
These different degrees of stiffness affect the distribution
of tower stresses and the resultant tower deflection. Any
change in the tower’s appurtenance loading, by addition,
deletion, or relocation, will result in a non-linear
redistribution of tower stresses and deflection. It is
obvious then that for a guyed tower any change in tower
design loading will require that a structural design
analysis be undertaken to determine the adequacy of the
existing members to support the revised loadings.

REQUIREMENTS OF THE OWNER

Prior to beginning a structural design analysis a number
of things will be required by the engineer, among the
most important being a complete description of the
existing tower structure. When the tower to be analyzed
was initially constructed, the original supplier most
probably provided a set of drawings which would have
included an elevation and cross sectional views of the

tower. Both of these drawings would have included
information describing the geometry and the overall
dimensions of the tower structure. Also included may be FIGURE 2. Guyed Tower
information regarding structural member sizes and
strength of material. These drawings may also show the
initially erected antennas and equipment and possibly any
future equipment for which the tower had been designed
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to support.

In addition to the tower drawings, a set of foundation
plans indicating the locations and construction
requirements for the tower base and guy anchors along
with a copy of the geotechnical report should have been
provided.

The above items along with the original contract
documents outlining the specific design requirements
should be in the tower owner’s files. Along with the
original information, documentation which describes any
modifications undertaken since the initial tower
construction should also be included in these files.

Along with the complete description of the tower’s
structural configuration, an itemized inventory of existing
antennas, transmission lines, and other appurtenances
installed on the tower must be provided. This inventory
should include type and model number, dimensions and
mechanical properties when available, transmission line
size and type, and specific location on the tower.

If the above information is not rcadily available, a
further investigation must be undertaken to gather the
information in order for the engineer to provide an
accurate analysis for the existing structure.

The next question that must be answered is that
concerning the design standard and design wind loading
to specify. Most older towers were designed under the
early Electronic Industries Association (EIA) RS-222
Standards. These standards followed the even earlier
Radio-Electronics-Television Manufacturers Association
(RETMA) TR-116 Standard. Both of these early
standards address wind loading in the simplified terms of
a uniform pressure. The most recent revisions of the
EIA-222 Standard now address wind loading in terms of
a basic wind velocity with a force equation including
factors which cause the effective wind pressure to
escalate as the elevation of the tower increases.

There is currently discussion going on within the EIA
TR-14.7 Subcommittee which writes the tower design
standard regarding the proper EIA design standard to
recommend for use in the redesign of existing towers.
At this time there does not appear to be a clear consensus
regarding this issue. However, the building authority
governing local construction may specify within their
building code the design standard and minimum wind
loading which must be considered should tower
reinforcing be required. Their required standard may
possibly be a design standard other than an EIA
Standard.  Further, the tower insurer may require a

minimum standard and wind loading in order to maintain
insurance coverage for the property. These sources,
along with local climatological data, should be
investigated by the tower owner prior to specifying the
design parameters to be utilized by the engineer.

With the above information in hand, the engineer will
now be in a position to work with the broadcaster in
conducting an analysis to determine the impact of adding
the selected HDTV antenna and transmission line to the
tower support structure.

ANALYSIS RESULTS AND RECOMMENDATIONS

Upon completion, the analysis results will reveal that the
broadcaster has one of three options. The first option
will be that the tower and its structural components have
sufficient capacity to support the additional loadings of
the proposed HDTV antenna and transmission line and
their installation may proceed as planned. The second
option will be that one or more of the tower’s structural
components are stressed beyond their allowable load
carrying capacity and must either be reinforced or
replaced in order for the tower to support the proposed
additions. This will require that prior to proceeding with
the planned installation, structural modifications will be
required to be implemented. The third and final option
will be that the addition of the proposed HDTV antenna
and transmission line will prove to be so detrimental to
the tower support structure that the nccessary reinforcing
would prove to be prohibitively expensive or beyond the
bounds of good engineering judgement.

With the results of the first option being obvious and the
results of the third option requiring the construction of a
new tower or some other change in plans for
implementing HDTV broadcasting, the balance of this
paper will address the ways in which a tower structure
may be reinforced to support additional loadings.

For a guyed tower, the first and simplest method to
attempt to relieve member overstress is to adjust the
stiffness of the tower at the guy points by revising the
guy line initial tensions. By adjusting initial tensions we
may be able to shift stresses from an area that is
overloaded to an area that has sufficient capacity to
support additional loads. This method of relieving
member overstress works quite well; however, it has its
limits in the amount of adjustment that can be made in
the initial tensions before we begin to see detrimental
results start to show up in the resultant tower deflection,
maximum guy line forces, and additional member
overstress. If a guy line is stressed beyond its allowable
load carrying capacity and the amount of overstress
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cannot be reduced sufficiently by adjusting the guy line
initial tensions, or, if by adjusting the guy line initial
tensions we compromise some other portion of the
structure, the existing guy line may be replaced by a guy
of a different size and capacity.

In the case of overstress in a tower leg, it is fairly
obvious that replacement is not the most economical
solution. What we need to do is determine the best way
to make the overstressed leg stronger in order to support
the additional loads. This may be accomplished in
several ways, two of which follow:

1. Redundants

Redundants are secondary bracing members
which are introduced into the structural system
to reduce the unsupported length of the tower
leg. By placing the redundant at mid-height of
a bracing panel, we in effect have created a
column half as long as the original, and thus
have increased its stiffness and ability to support
additional loads.

2. Reinforcement

When the installation of redundants alone would
not be sufficient to allow the existing tower leg
to support the additional loadings, reinforcement
in the form of additional steel material may be
added to the existing tower legs to create a
larger and stronger structural member. Several
articles regarding strengthening  existing
structures along with research information have
been detailed in publications by a number of
leading authorities. Particular care in the design
and field installation should be taken when this
type of reinforcing is required.

Overstressed diagonals and horizontal struts may be
either replaced with members of a larger capacity or
reinforced, depending upon the type of member involved
and the nature of its loading.

In addition to the main structural member requirements,
end connections for the diagonal and strut braces, tower
leg splices and guy connections at both the tower and
anchor ends must be investigated. Connection bolts and
pins may require replacing with larger or stronger
material. Connection plates may require reinforcing
around bolt and pin holes.

Additional investigations must be performed on the tower
foundations to insure the adequacy of their design to
support the revised loadings. Specific reccommendations
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for reinforcement or revision to the foundations will be
made based upon the type of foundation construction
involved.

Once an initial design analysis has been completed and
recommendations reviewed, the broadcaster and engineer
will now be in a position to examine various alternatives
to possibly lessen the impact of the addition of the
HDTY antenna and transmission line. These alternatives
may include removing or relocating existing
appurtenances on the tower, or revising the HDTV
antenna and transmission line type, size, or location. In
any event, it is essential that the broadcaster and engineer
confer to assure that the optimum in broadcast equipment
and equipment location is provided for.

CONCLUSIONS

The purpose of the preceding has been to emphasize the
importance of a thorough investigation by a qualified
structural engineer when changes or additions are
proposed in the appurtenance loading of a broadcast
tower. A number of options are available to allow the
broadcaster to comply with current standards and
regulations and still maintain his tower’s structural
integrity. In light of the pending advent of HDTV
broadcasting, this facet of a successful transition from
NTSC to HDTYV should not be overlooked.



THE EFFECT OF CHANNEL ASSIGNMENT ON
TRANSMITTER AND RECEIVER REQUIREMENTS FOR
EQUIVALENT HDTV/INTSC COVERAGE

Oded Bendov
Dielectric Communications Antennas
Voorhees, New Jersey

Introduction

Broadcasters, especially those who will be moving
from VHF-NTSC transmission to UHF-HDTV
transmission, are concerned with providing equivalent
HDTV coverage to their NTSC viewers. This concern
can be summarized by the following questions: (a)
What will it take to provide a reliable HDTV picture
and sound to the viewers who now receive a passable
(grade 3) picture and sound? (b) How will the UHF-
HDTYV channel assignment affect the station's ability
to provide equivalent coverage relative to other UHF-
HDTV stations and relative to their own present
NTSC coverage?

This paper will define the concept of equivalent and
reliable coverage and will show the derivation of the
correct planning factors, including the effects of sky
temperature and Low Noise Amplifier (LNA) at the
receiver end. Two approaches to the determination of
the planning factors and transmitter size will be
presented. One is based on absolute power
requirements and the other is based on power levels
relative to the existing NTSC transmission. Finally,
the areas where knowledge is presently lacking will be
highlighted.
Equivalent Reliable Coverage

Equivalent coverage is established when the HDTV
channel provides reliable pictures and sound through

the Grade B contour of the existing NTSC channel.
In this paper, the coverage area is not considered

limited by interference from other stations. That is,
the coverage and service areas are seen as equal.
Grade B contour is defined here as the contour of a
Passable (grade 3) picture. This is equivalent to
(peak-of-sync) carrier-to-noise ratio (CNR) of 28dB®"
with at least 90% of time availability at the best 50%

of the locations. To replace a grade 3 picture with
HDTV, a CNR of 16dB is sufficient. However, there
are three twists to the 16dB CNR level for HDTV.

First, unlike NTSC, the CNR for HDTYV is a threshold
value below which picture and sound become
unavailable. Because it is a threshold value, it must
be maintained close to 100% of the time for reliable
service. In this paper, 99% availability was selected.

Second, a carrier penalty, also known as
"implementation margin," must be added to the
theoretical threshold-CNR to compensate for the
residual distortions at the transmission plant. In
NTSC, these distortions will appear as picture
impairments but will not affect the coverage. The
reverse is true for HDTV. In HDTYV, the distortions
will not affect picture quality but will raise the "noise"
level. The result is a reduced coverage area unless the
carrier level is increased to maintain the 16dB
threshold CNR. Simply put, two transmitter/antenna
systems, classified as equal and acceptable using
standard NTSC measurements, may provide two
unequal HDTV coverage contours.

Third, in NTSC, the CNR is defined by the RMS
power during sync pulses. Therefore, the power
during sync pulses serves as a useful definition for
both transmitter size and coverage contours. In
HDTYV, the coverage contour is defined in terms of
the average operating power, and the transmitter size
is defined by the peak instantaneous power (maximum
amplitude). The difference between the average

M This value is consistent with TASO data (1959) based on random
noise. TASO's definition of Passable picture is based on CNR of
27dB with 6MHz random noise. Translated to 4.2 MHz, the equiva-
lent CNR is 28.5dB.
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operating HDTV power and the peak operating NTSC
power is expected to be 10+3dB®. The definition of
equivalent and reliable HDTV/NTSC coverage is
embodied in Figure 1.

Frequency Dependent Factors

Even though the FCC propagation curves are not
channel-specific within the UHF band, the CNR at
the TV receiver depends significantly on channel
assignment. There are three elements that contribute
to this dependence:

A. Receive antenna effective interception area. This
area is defined as a multiplier of the wavelength
squared. The larger the area, the higher is the
intercepted power level. Therefore, for a given
physical size, the interception area decreases with the
square increasing frequency. For a constant-gain
receive antenna, this factor implies that the effective
radiated power at channel 69 will have to be at least
4dB (2.5 times) higher than that at channel 14 for
equivalent coverage. This effect can be mitigated by
a high gain (>14dB @ ch.69) receive antenna, the
largest dimension of which will be at least 4 feet.

B. Downlead cable loss. The loss of a coaxial cable
increases with the square root of the frequency. The
increase in carrier loss from channel 14 to 69 is
approximately 2dB. The high downlead loss and its
variation with frequency can be mitigated by adding
a low-noise-amplifier (LNA) at the terminals of the
receive antenna.

C. Antenna Noise. There are two sources of thermal
noise at the receiver. One is the ambient temperature
of the LNA, downlead cable and the receiver. The
second source is antenna noise. Antenna noise is due
partly to the surrounding ground temperature and
partly to sky temperature. Sky temperature decreases
with increasing frequency and, as shown in Figure 2,
its maximum value at channel 14 is equal to 290°K,
the ambient temperature.

@ For 32QAM modulation, a maximum peak RF (not "envelope™)
to average power ratio between 11 and 13dB, depending on channel
filters, is expected.
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Receiver Model

The receiver model is shown in Figure 3 along with
the expression for the overall noise figure referenced
to the terminals of the receive antenna. With a high
gain LNA and a short cable between the antenna and
the LNA, the system noise figure is the same as that
of the LNA alone. The receive antenna, being
directional and broadside, aquires half its noise from
the sky temperature and the other half from the ground
temperature. The ground temperature is assumed to
be the same as the ambient temperature.

Fade Margin and Reliability

The signal availability throughout the coverage area is
statistical in nature. The signal level varies from noon
to midnight, as weather changes and as summer turns
into winter. To overcome these and other variations,
a fade margin is introduced. Just how big this margin
is depends on the required signal availability. In
UHF-NTSC, the requireded availability is at least 90%
of time for Grade B coverage. For HDTV a larger
percentage is required because the critical parameter,
CNR=16dB, is a threshold value which may not go
lower at any time, else picture and sound may
disappear. In this paper, the required availability was
set at 99%. Figure 4 provides the fade margins, in
dBu over FCC(50,50), as a function of radiation center
height and distance from the transmitter.

Link Equation

The required average Effective Radiated Power (ERP)
to provide CNR=16dB at least 99% of the time at the
best 50% of the locations is:

(1)ERP 51y (dBk)=20Log(f\yz)-Gr(dB)+1 OLog(N/N,)-
FCC(50,50)+M(99)-15.13

where:

Gy, is the peak gain of the receive antenna relative to
A2 dipole.

M is the fade margin given in Figure 4.

N/N, is the relative system noise for 6 MHz
bandwidth. It is defined by:

(2) N/N,=F-.5(1-T/290)



where the system’s noise figure, F, is defined in Figure
3 and the sky temperature, T, is defined in Figure 2.

Figure 5 is a graphical depiction of the link equation.
The receiver parameters (typical) used in Figure 5 are:

TV receiver noise figure=10dB.

Receive antenna gain=10dB any channel.
LNA gain=20dB any channel.

LNA noise figure=4dB.

No mismatches and no baluns.

Choosing a height of 1200 feet above the average
terrain, and 56 miles to the Grade B contour, the
required ERP would be 21.9dBk at channel 14 and
26.2dBk at channel 69 for a constant downlead loss of
6dB. A downlead loss of 6dB is equivalent to 50 feet
of RG-59A cable at mid-UHF band with
approximately +1dB variation to upper and lower
ends. Therefore, the required ERP will vary from
20.9dBk for channel 14 to 27.2dBk for channel 69
with a 50 feet of downlead cable. Simply put, the
average ERP at channel 69 will have to be four times
that of channel 14 for equal coverage unless the gain
of the receive antenna increases by 6dB from channel
14 to channel 69.

Figure 5 can be developed for various parameters such
as lower fade margins, and without LNA. Some
comparative results are given in Tables 1 and 2. For
Grade B contour of less than 56 miles, subtract
1dB/mile from the calculated ERP.

Transmitter Size

With the ERP known, the transmitter size can be
defined by:

3) TX,;prv(dBk)=F,(dB)-P,,(dB)+ERP,(dBk)-
G(dB)-n,(dB)

where:

F; is the carrier penalty due to residual distortions. A

typical value of 1dB, varying by manufacturer, is

expected.

Py, is the power backoff level of the final amplifier,

below the NTSC operating point, to the average power

of the HDTV signal. The backoff level is a tradeoff

between the carrier penalty and adjacent channel

spillover.

G; is the gain of the transmitting antenna relative to
A/2 dipole.

56 miles contour. % of TIME AVAILABILITY
HAAT=1200" HDTV
50' Downlead
G; =14dB G,=10dB
P,,= -7dB F;=1dB 90 99
CHANNEL i4 ERP=360 ERP=2022
TX=114 TX=639
CHANNEL 69 ERP=1029 ERP=5787
TX=325 TX=1830

Table 1. ERP (kW) and TX(kW) for equivalent
UHF-HDTV/UHF-NTSC coverage.
Receive antenna without LNA.

56 miles contour. % of TIME AVAILABILITY
HAAT=1200" HDTV
50' Downlead
G; =14dB G,=10dB
P,o= -7dB F,=1dB A L
CHANNEL 14 ERP=25 ERP=141
TX=8 TX=44-
CHANNEL 69 ERP=65 ERP=367
TX=21 TX=116

Table 2. ERP (kW) and TX(kW) for equivalent
UHF-HDTV/UHF-NTSC coverage.
Receive antenna with LNA.

1, is the transmitter-to-antenna efficiency.

For example, assuming an omnidirectional transmitting
antenna gain of 14dB(x25), a line loss of -1dB, a
carrier penalty of 1dB and final amplifier power
backoff of -7dB to accommodate peak power levels,
the transmitter size can be determined from:

(4) TX,ipry(dBK)=ERP,,;(dBk)-5dB

Applying equation (4) to the example, the required
transmitter size, with and without LNA at the receive
antenna, is given in Tables 1 and 2.

The results of Tables 1 and 2 show that, for the
example chosen, the gain of the receive antenna, even
with LNA incorporated in it, will have to be raised
from 10dB to at least 13dB at channel 69, two times
higher than currently used roof-top antennas, for
reliable coverage to 56 miles from an omnidirectional
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56 miles contour. % of TIME AVAILABILITY

HAAT=1200' HDTV

P,,= -7dB F,= 1dB " I

NTSC channel 6 | ERP=-1505 | ERP=-755
channe TX= -7.05 TX= +0.45

fﬁ;‘;jhaznﬂfgé ERP=-10.45 | ERP=-2.95
an TX= -2.45 TX= +5.05

NISC chamnel 14| ERP=-585 | ERP=+165
channe TX= 42.15 TX= +9.65

Table 3. Differential ERP (dB) and TX(dB), over NTSC,
for equivalent UHF-HDTV/UHF-NTSC coverage. HDTV
and NTSC receive antennas without LNA.

56 miles contour. % of TIME AVAILABILITY

HAAT=1200" HDTV

P,,= -7dB F,= 1dB " "

ETDST(\:, °'La"n“ne'l 6194 ERP= -26.59 | ERP=-19.09
channe TX=-18.59 | TX=-11.09

fl"g“;VCha'(‘j“ﬂTf;’E ERP= -2243 | ERP= -14.93
an TX=-14.43 TX= -6.93

Npoc channel 147 | ERP=-1787 | ERP=-1037
channe TX= -9.87 TX= -2.37

Table 4. Differentiat ERP (dB) and TX(dB), over NTSC,
for equivalent UHF-HDTV/UHF-NTSC coverage. HDTV
receive antenna with LNA and NTSC receive antenna
without LLNA.

antenna at 1200 feet above average terrain and a
transmitter size of less than 100kW.

Power Relative to NTSC
For Grade B NTSC, equation (1) becomes:
(1a) ERP;s-(dBk)=20Log(fy,)-Gr(dB)+
10Log(N/N,)-FCC(50,50)+
M(90)-4.68

The differences between equations (1) and (la) are in
noise bandwidth (4.2 vs 6 MHz), CNR (28 vs 16dB)
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and fade margin (90 vs 99%).

By subtracting equation (la) from (1), and assuming
in-band (UHF) transition from NTSC to HDTV, no
changes in the basic receiver parameters, and
assuming no change in the location of the transmitting
antenna, the differential ERP, over that required for
NTSC, is:

(5) AERP=20Log(f,iprv/Frsc) *M(99)-M(90)-10.45

The differential fade margin, M(99)-M(90), is (from
Figure 4) approximately 7.5dB at 56 miles for antenna
height of 1200' above the average terrain. Therefore,
if fyorv=fursc, the average ERP.,., for 99%
availability is -2.95dB below that of NTSC. For 90%
availability, the average ERPyy is -10.45dB below
that of peak-of-sync ERPy 4.

Thus, if the present NTSC contour of CNR=28dB is
ascertained at key locations, the average ERP ., for
equivalent coverage can be determined for any
percentage of reliability.

Equation (5) is a special application of the technique.
In general, all the terms of equations (1) and (1a) will
apply.

Similarly, since the size of the NTSC transmitter is:
(32) TXyrsc(dBK)=ERPy:5-(dBk)-G1(dB)-n.(dB)

then, by subtracting (3a) from (3) and assuming no
changes in the gain of the transmitting antenna and
line efficiency, the differential power, in dB, of the
HDTYV transmitter for equivalent coverage is:

(6) ATX(dB)=F(dB)-P,,(dB)+AERP(dBk)

For the example chosen earlier with F;=1dB and P,,=
-7dB, the differential transmitter size relative to the
NTSC operating point reduces to:

(7) ATX(dBk)=AERP(dBk)+8

Applying equations (5) and (7) to a UHF station with

Grade B at 56 miles, the differential ERPs and
transmitter sizes are given in Tables 3.

To overcome the requirement for increase in the



HDTV transmitter size over that used for NTSC, as
indicated in Table 3, an LNA could be added to the
HDTV receive antenna. In the latter case, equation
(5) becomes:

(8) AERP=20Log(f},prv/fursc)TM(99)-M(90)-10.45+
10Log(N/Ny)ypry -1 OLog(N/Ng)yrsc

The differential ERPs and transmitter sizes for various
channels and availability for a typical outdoor HDTV
receive antenna with LNA are give in Table 4.

Missing Knowledge

The procedures derived in this paper can be improved
once certain information becomes available. The areas
were information is lacking are:

A. FCC Propagation Curves and Fade Margins.

The present curves apply to narrow-band, NTSC
transmission, were most of the picture information is
near the carrier. In HDTV, the picture information is
evenly spread over the entire channel. The wider
bandwidth required for HDTV may affect the
conversion factor from incident field at the receiver to
transmitted power.

B. Receiver CNR Penalty.
As the channel equalizer at the receiver attempts to
eliminate the effect of multipath, it reduces the CNR

margin. For heavy multipath, the equalizer may force
the CNR below threshold. The passband performance
of the path between the transmitter and the receiver,
sometimes called "channel characterization,” is
required for urban, suburban and rural environments in
order to determine the CNR penalty at the receiver.

C. Transmitter CNR penalty.

Reliable information on the tradeoff, as a function of
backoff level, between CNR penalty and adjacent
channel spillover is not publicly available.

D. Reliability and Performance of Outdoor LNA.
Besides protection against adverse weather and
electrical storms, an acceptable LNA should exhibit
minimum of linear and non-linear distortions and
provide proper isolation against man-made noise. Not
meeting these criteria may incur CNR penalty.

Conclusion

The significance of Tables 1-4 is that they demonstrate
the desirability of adding an LNA to the HDTV
receive antenna for stations wishing to provide reliable
HDTV coverage for at least 56 miles from a
transmitting antenna 1200' above the average terrain.
Further, the calculations show that in the case of
HDTV, which does not exhibit graceful degradation
similar to NTSC, proper coverage and system analyses
must be channel-specific.
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AN HDTV RF SYSTEM FEASIBILITY FLOWCHART
James Stenberg
T. Vaughan Associates
Manchester, New Hampshire

ABSTRACT

As the schedule for HDTV implementation
advances and release of the transmission
standard becomes imminent, broadcasters
must focus on how they will provide HDTV
service to their viewers. Schedules and
budgets must be prepared now to insure
proper funding for implementation. A key
step in the process is to determine where
the new HDTV antenna, transmission line
and transmitter will be located and how
system performance will be affected by
these choices. The greatest challenge to
HDTV implementation will be finding
available tower capacity.

This paper presents a detailed list of
important items to examine when planning
an HDTV RF system installation. A step-by-
step flowchart lays cut the process for
making tough RF system choices and
defining an optimum configuration. Use of
the flowchart results in a well thought out
implementation scenario with schedules and
budqgets. Some items on the flowchart are
performed by the station, others require
input from consultants, tower specialists and
industry experts.

INTRODUCTION

The issues related to getting an HDTV signal on-
the-air are complex and inter-related. They
include the following:

- Scheduling- when will service begin?
- Licensing

- Industry capacity

- Intra-station handling

- Coverage
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- Multichannel possibilities

- Tower space availability

- Required equipment

- Installation

- And of course - how to pay for it!

The last of these issues, cost, will no doubt
be the driving force behind any solution.
However, perhaps the most serious logistical
problem will be finding a suitable location to
mount an HDTV antenna and transmission
line. The majority of all towers in the U.S.
were built over 20 years ago and were
designed to satisfy codes which are not in
use today. Unlike the initial installation
where the tower was aesigned to handle the
specified equipment, now the mechanical
constraints of the tower will determine the
allowable equipment. (%34

The following pages present a unique
flowchart methodology for studying the items
listed above. They show the process by
which HDTV RF system decisions should be
made and how they are interrelated. The
flowchart consists of a one page condensed
overview outlining the overall process and paths.
It shows each step that must be performed in a
generalized manner, several operations may be
contained in each box. The items are then
divided into six sections and the process is fully
expanded. Further breakdown of some boxes is
necessary and  will  require  separate
consideration.

Each box on the flowcharts indicatcs an
activity which must be performed at the point
shown. The charts use typical programming
flowchart symbol definitions as shown
below.




= |INPUT OR OUTPUT
INFORMATION

PERFORM A
= CALCULATION
OR ANALYSIS

= MAKE A DECISION
OR COMPARISON

CONNECT TO NEXT
= SECTION OR
LOCATION

PROCEED IN
= DIRECTION
OF ARROW

SECTION 1
REGULATIONS, SCHEDULING & LICENSING

This section examines the issues related to how,
when, and why the station will implement
HDTV. Before any budgets can be prepared, the
station must fully understand; when HDTV will
begin, how the licensing process will operate,
what the available channel allocations are, how
industry capacity might effect obtaining
equipment, and what method of signal delivery
and production will be used within the station.
At the end of this section a decision must be
made to continue on with the process or wait.

Many of these items are informational in nature and
can be extracted from various industry sources (NAB,
MSTV, and various magazines). Others, like
determining the studio implementation method, are as
complex as the RF system choices made in this
flowchart. They will require significant research. ©

SECTION 2
COVERAGE ISSUES

Determining the desired optimum coverage for
the new HDTYV service is performed in section 2.
To define the optimum coverage area, we first
determine NTSC coverage and audience and
then compare it to the possible HDTV audience.
The NTSC and HDTV audiences may not be the
same since population shifts may have occurred
or are cxpected to occur. Once the audience is
determined, a coverage area is described and
calculations are made to establish the ERP and

height required to cover it. A comparison of
these values is made to the allowable maximums
and a desired optimum coverage area is defined.

This optimum area may or may not be obtainable
with the RF system to be defined. It indicates
the total desired area. The final coverage area is
dependent on the choices which follow.

SECTION 3
TOWER USE AND ALLIANCE ISSUES

Section 3 examines the logistical questions
which are critical to finding a location for the
new HDTV antenna and transmission line. It
defines some of the alternatives and initiates
discussions on tower options. Multichannel
operation may have significant benefits by
reducing the total aperature needed by several
stations and this option should be pursued with
other stations in the market at this point.

Once the tower and possible other tenants have
been defined, the applicable tower standards
must be determined. Some standards make
reference to a national standard such as
ANSI/EIA RS222E, others are unclear and/or
modify these standards based on local
conditions.  After defining the standards an
initial tower stress study is performed with the
existing equipment on the tower (see section 5).
On the second loop through the program an
HDTV system is added in section 4. Note that
the program loops back near the beginning of
section 3 when either the tower is not modifiable
or the system doesn't meet requirements. This
point is chosen because a full re-examination of
tower and multi-channel possibilities may be
required to define an acceptable system.

SECTION 4
SYSTEM PROPOSAL

In this section the results of the initial stress
study and the desired coverage area are input and
an HDTV RF system proposal is formulated.
This is the heart of the feasibility study process.
Decisions are made on the new HDTV antenna,
transmission line, combiner, filter and
transmitter based on the available weight and
windload capacity. The other variables of power
handling, pattern performance, and bandwidth
are also considered. The process starts with
finding an antenna which, when mounted in the
available tower space, best fits the desired
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azimuth coverage pattern. The antenna is then
fed with several transmission line types and
sizes. Total system gains and windloads are
calculated and a combination is chosen which
provides an acceptable ERP and pattern within
the available capacity. The resulting
antennafline combination is coupled to a
transmitter through any required combiners and
filters and the necessary transmitter output
power is calculated. The system parameters are
then tested for power handling and a decision is
made as to whether the system meets the
requirements. This section loops back within
itself since the proposal must perform as a
system and any one parameter may initiate a re-
examination of the trade-offs. The process will
thus typically require several iterations.

The output from this section consists of a
resulting coverage contour, a list of proposed
equipment, and a table of mechanical data to
input to the stress analysis on the second pass-
through.

SECTION 5
STRESS ANALYSIS

A computer analysis of mechanical stresses on
the tower due to the existing equipment and
proposed new HDTV equipment is performed in
this section. The analysis determines whether
the tower arrangement exceeds the applicable
stress standards. If the tower does exceed the
standards, possible modification scenarios are
examined and estimated.

An important part of the stress study is the field
inspection and inventory of every item on the
tower. Member meausurements are also made at
this time if sufficiently detailed drawings are not
available. The inventory data is prepared for
entry into the program by splitting into two
categories, one for discrete items (antennas,
lights) and the other for linear items (lines,
ladders). Any information which is input to the
program on the first loop will remain as entered
on subsequent loops unless modified by the
HDTV system proposal. The proper wind and
ice loading criteria for the location are entered
and the analysis is run. The program outputs
load values for the guys, legs, members, and
anchors which are checked against the standards.
The program continues if the tower does not
requirc modification or if the modifications are
acceptable.
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SECTION 6
SYSTEM SELECTION AND REPORTING

When an acceptable tower arrangement has been
determined, final system selection and trade-off
occurs. Methods for adding the equipment and
modifying the transmitter building should be
determined. A plan for installing the equipment
should be developed and any off-air time
negotiated. At this point the overall system
technical performance is tabulated and a decision
is made as to whether the system performs as
desired. This includes all the ancillary items in
the system as well as installation. If
performance is acceptatle, the system costs are
determined and a decision as to whether the
costs are reasonable is made. Failure at either of
these decisions returns to section 3. Once the
final system has been decided, detailed bills of
material, schedules, layouts and a report are
generated.

CONCLUSION

It is hoped that this flowchart will aid stations in
their efforts to implement HDTV and find a
feasible solution to their unique installation
problems. Keep in mind that these decisions
should not be made in a vacuum since the other
stations in the market may be able to help reduce
your system costs by pooling tower resources.
The author would like to thank K. Cozad of
Andrew Inc. and J. Windle of Stainless Inc. for
their assistance in reviewing the flowchart.
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HDTV COVERAGE OPTIMIZATION USING
ADVANCED TECHNIQUES

Robert D. Weller, P.E.
Hammett and Edison, Inc. Consulting Engineers
San Francisco, California

Abstract

A version of the TIREM propagation model has been
integrated with detailed terrain data and the latest U.S.
Census data to predict accurately the number of
potential viewers within a particular signal strength
contour. This method of coverage prediction has the
principal advantage that potential audience, rather than
geographical area, is being maximized. Using this
technique, optimized antenna patterns can be developed,
or can be synthesized using “off the shelf’ antennas
with a particular combination of electrical and
mechanical beam tilts, to provide saturation coverage to
a pre-defined potential audience. Traditional methods of
coverage prediction are reviewed and discussed. The
advanced method is then presented, using an example
that incorporates specific topographies. The benefit of
the advanced technique is explained in terms of a
potential viewership comparison for this example.
Various presentations of the results of the technique are
included.

COVERAGE

Providing superior coverage is one important
goal of broadcasters. Of course, the FCC
requires the provision of a principal
community signal levell over the city of
license, but obviously broadcasters want to
provide a usable signal to as many potential
viewers as possible. Design of a transmitting
antenna system that provides the highest
signal levels to the greatest number of
viewers, with the least amount of energy
wasted into the atmosphere, vacant land, or
bodies of water, is essential to achieving this
goal.

If a broadcast station is located in the plains
and the audience is evenly distributed about

the transmitter site, the choice of antenna is
obvious. If the transmitter site is in a less
than ideal location, and if there are terrain
obstructions that effectively block the signal
in certain directions, the choice of an optimum
antenna requires some serious thought. The
costs in time and effort to select the correct
antenna are relatively small, when compared
to a $250,000 antenna system that is
expected to last 15 or 20 years. A serious
mistake made in the planning stage probably
will not be corrected for many years and could
be seized upon by the competition in
attempting to establish that the coverage of a
competing station is sub-standard.

TRADITIONAL METHODS OF ANTENNA
SYSTEM SELECTION

A traditional, moderately low-technology
method of antenna pattern optimization might
begin with determining what coverage areas
are important to the station management. If
the station carries Spanish language
programming, for instance, there will
obviously be certain communities, having
large Hispanic populations, that will need to
be covered. Beyond that, however,
management may want to ensure flexibility.
If the station were later sold, maximum
coverage generally will be more valuable to
the buyers than focused coverage.

Often, a prospective transmitter site has
already been identified. It is part of the
engineer’s job to provide management with a
list or map, showing those areas that
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potentially could be covered from that site.
One way of showing potential coverage areas
is the shadow map. To construct a shadow
map, a terrain profile is drawn for each
azimuth from the site to determine the line-of-
sight in that direction. The potential terrain-
limited coverage can then be plotted on a
map. While terrain profiles can be drawn from
topographic maps, today it is much more
common for computers to generate them from
a terrain database. @ With appropriate
software, the computer can also integrate the
process of transferring the shadowed areas to
a map. Figure 1 shows such a map. This
map consists of terrain profiles drawn at each
1° of azimuth. Areas covered by lines are
shadowed from the transmitter site and
probably would not receive reliable service.

Once the areas of potential coverage are
identified, it is necessary to determine what
antenna parameters are necessary to serve
each optimally. Certain communities may be
identified for preferential treatment, and many
communities may require a similar antenna for
optimal service. After examining a large
number of such communities, the
commonalties can be exploited in
synthesizing an antenna pattern that will be
close to optimal for all (or at least most) of

gpunn— =

them.

In determining the optimum transmitting
antenna for a given community, one must
determine the depression angle from the
transmitter site to some point in that
community, usually its so-called “reference
coordinates.” The reference coordinates are
generally those of the main post office, and
can be obtained from a number of sources,
including the U.S. Census, the National Atlas
of the U.S., and the FCC Rules. Communities
that are not incorporated may not be explicitly
listed, so their reference coordinates must be
obtained from another source or directly from
a topographic map, if necessary. The
depression angle from the transmitting
antenna is obtained from the distance to the
reference coordinates and the difference
between the center of radiation and the
estimated receive antenna elevations. Using
the 4/3 Earth radius model, it is approximated
by the formula:2

@ = (1/p) tan”! [AE - 16978 sin2 (5.8910°5 * D)]
where D is the distance between the sites (in

kilometers) and AE is the difference in
elevation between the sites (in kilometers).
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Figure 1. A terrain shadow map. This map shows significant terrain obstruction (shadowing) to the
north of the transmitter site. Some obstructions to the south and east are also apparent.
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For the transmitter site described in Figure 1,
the depression angles to 25 select cities were
calculated that are within the potential
coverage area. Figure 2 is a plot of these
depression angles with respect to their
respective azimuths from the transmitting
site. The most obvious feature of this figure
is that only azimuths between 105° and 265°
are included. This implies that radiation in
other directions would be wasted. It also
implies that a directional azimuth pattern
should be used and offers the antenna
manufacturer some latitude, since the shape
of radiation envelope is not critical outside the
160° arc of interest. Two communities of
particular interest have been highlighted for
this hypothetical station: the city of license
and the most populous nearby city (Los
Angeles). In considering which antenna
pattern to use, it is necessary to ensure that
these two communities are appropriately
treated. The shadow map shows terrain
obstructions to the south and east of the
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i e o o
P - d
'i P F)
5 i L
£
2 -
g 3.0° i k t
fi City of License +
£ _
& : —
)
® 5» 1
< 40° i
= T A 3
£ \
& | iOutliers
A
5.0° TV
)% 4 §
L) C’
6.0°
100° 150° 200° 250° 300°

Azimuth from Transmitter Site

Figure 2. Depression and azimuth angles from
transmitter site to 25 communities in the potential
coverage area,

transmitter site, so an azimuth pattern with
lobes toward the east-southeast and west-
southwest, and a relative minimum toward
the south seems an appropriate first choice.
Since the range of azimuths being covered is
from approximately 105° to 265°, the axis of
symmetry of this azimuth pattern would
bisect that arc at about 185°.

Another feature of Figure 2 is that nearly all
of the cities are clustered at depression
angles between 1.4° and 2.7°; there are only
three “outliers.” Since these outliers are at
relatively steep depression angles, they are
expected to be close to the transmitter site
and could be treated by using “null fill,” if
necessary or desirable. The range of
depression angles (neglecting the outliers) is
1.3°. This implies that the elevation
beamwidth should be about 1.3°. A broader
elevation pattern than that would again imply
wasted power.

Electrical Tilt Only

At this point, it is a common practice to
calculate the average of the depression
angles and order an antenna with that amount
of built-in electrical beam tilt. In the example
case, the average depression angle is about
2°. Two of the existing stations at the site
described in this example selected antenna
elevation patterns sufficiently wide to cover
most of the cities shown in Figure 2, and
employed electrical tilt of somewhat less than
2°. The choice of a tilt of less than the
average presumably was to generate stronger
signals in the more distant population
centers.

The selected azimuth pattern in each case
was a broad cardioid, covering the range of
azimuths shown in Figure 2, with an axis of
symmetry of slightly west of 185°. The choice
of an axis of symmetry of greater than the
average presumably was to generate stronger
signals in the Los Angeles area. As will be
shown, these elevation and azimuth pattern
choices were not optimal.
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Electrical and Mechanical Tilt

While use of the average depression angle
provides a reasonable “first-cut”
approximation of the required elevation
pattern, some additional effort can result in a
pattern that fits the depression angle data
much more closely. Some sort of curve fit will
describe this depression angle data fairly
well. Figure 3 shows the data fitted using a
cubic polynomial, although a French curve or
some other numerical technique likely would
also work well. With the desired antenna
azimuth pattern and elevation beamwidth
already determined, the goal is to
approximate the fitted elevation curve as
closely as possible using electrical and/or
mechanical beam tilt.

Application of mechanical beam tilt has the
effect of adding a sinusoidal variation of the
beam tilt with azimuth. An initial guess for
the correct amount of mechanical tilt to
employ is one-half of the peak-to-peak
variation in the required tilts. In the example
case, the minimum amount of tilt required is
about 1.9° and the maximum is 2.6°. Thus, an
appropriate amount of mechanical tilt might be
half the difference in the extrema (2.6 - 1.9)/2,
or 0.35°. This implies 2.25° of electrical tilt
would be required. Figure 3 shows that
incorporation of these suggested tilts results
in a pattern that closely approximates the
curve-fit.

ADVANCED METHOD OF ANTENNA
SYSTEM SELECTION

A more accurate alternative to the above
labor-intensive approaches can be employed.
This approach makes use of sophisticated
coverage-prediction software, and U.S.
Census and United States Geological Survey
data to eliminate many of the estimates and
guesswork, replacing them with a system of
precise computational optimization.

Details of the Software

Various algorithms have been used for many
years to predict path loss between two points
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Figure 3. The solid line shows the cubic polynomial
fit of the depression angle data shown in Figure 2.
The dashed line shows that the antenna beam shape
obtained by incorporating appropriate amounts of
electrical and mechanical beam tilt approximates
this fitted data.

over specified terrain profiles. The most
familiar “cookbook™ of such algorithms is
Transmission Loss Predictions for
Tropospheric Communications Circuits,3
otherwise known as National Bureau of
Standards Technical Note 101 or the Longley-
Rice Model. A proper selection of the
appropriate algorithm from those offered in
that publication requires expert engineering
judgment of the pertinent terrain profile
between the two points. To prepare a
sufficiently detailed map of the coverage in
the region around each station would require
the analysis of literally thousands of separate
and distinct terrain profiles. It is therefore a
practical impossibility to prepare a realistic
coverage map solely by using manual
computation based on Technical Note 101.



To provide a computerized method for
predicting coverage, the National
Telecommunications and Information
Administration (NTIA) developed an
integrated system having a number of
different propagation algorithms imbedded in
it. The basic NTIA publication, Master
Propagation System Users’ Manual?
contains algorithms for groundwave and
tropospheric propagation prediction from
10 kHz to 300 GHz for a variety of conditions.
However, only its terrain-integrated rough-
earth model (TIREM) is deterministic. The
use of TIREM, together with other programs
and appropriate databases, can provide a
detailed map of predicted signal strength
throughout an area, as contrasted with
methods such as those used by the FCC,
which treat the terrain in a statistical manner
and truncate the available terrain information
to produce maps that are merely
approximations of coverage.

The TIREM program automatically selects
the most appropriate propagation algorithm
for computing path loss between any two
points. This “expert system” substitutes for
the judgment of an expert engineer, who
would otherwise be required to select the
appropriate algorithm on each of the
thousands of paths. TIREM selects the
proper algorithm based upon its analysis of
the profile of each path. For paths that have
characteristics appropriate to more than one
algorithm, TIREM automatically calculates a
weighted average between the two most
applicable algorithms.

The automated preparation of coverage maps
depends not only upon the availability of
TIREM but also upon the use of a suitably
detailed digitized terrain database, such as
that available from the U. S. Geological
Survey. This database provides terrain
elevations throughout the United States at
points located on a rectangular grid with a
spacing between points of three arc-seconds
(approximately 250 feet apart.) Together, the
TIREM program and the digitized terrain
database accurately predict the time-invariant

path loss in the region surrounding a station.
When combined with a suitable “driver”
program that incorporates the radiation
characteristics of the station, one can easily
calculate the signal level at any point.

In order to optimize the potential audience
from a particular site, knowledge of the
population distribution in the region
surrounding the site is also required. The
U.S. Bureau of the Census provides a
database that shows United States
population distribution in electronic form, as
determined by the most recent Census (1990,
as of this writing.) Each database entry
consists of the center coordinates of a Census
Block (approximately equivalent to a city
block), along with the population contained
within that Block. In a very rural area, the
Census Block may contain only one person; in
a dense urban area, the Block may contain
400-500 people. By identifying the Census
Blocks with centroids lying within a given
signal strength contour, the number of people
potentially receiving that level of service can
readily be calculated.

Antenna Pattern Optimization Routine

The mechanics by which potential population
coverage can calculated at a given signal level
have been presented. Three parameters must
also be specified in order to determine an
optimum antenna configuration. First, one
must specify what signal strength contour or
contours to use in defining the boundaries of
what is and is not acceptable coverage. The
optimum antenna for each signal level may be
different. The FCC offers three contours:
“Principal Community” (formerly called “City
Grade”), “Grade A,” and “Grade B” as
indicators of service quality. While these
values do provide some indication of the
quality of receiving installation required, they
generally over-represent quality coverage.
Therefore, somewhat higher values are
suggested. For example, the Principal
Community, Grade A, and Grade B levels for
a UHF television station are 80, 74, and
64 dBu, respectively. Because typical
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receiving systems will use back-of-set
antennas, those values will provide marginal
pictures, particularly if only horizontal
polarization is employed by the transmitting
station. Therefore, it is suggested that 100,
90, and 80 dBu signal strength levels are
more appropriate, and that the number of
persons within those signal strength levels
should be maximized.

Second, the appropriate half-power elevation
beamwidth and azimuth pattern must be
determined. With computing time being
relatively inexpensive, it is certainly possible
to use a strict trial-and-error approach to
determine this value. In practice, however,
an initial guess is made and used to iterate
toward the optimum value. While it is
possible to synthesize an ideal antenna
radiation pattern using this technique, it is
generally cost-prohibitive (or physically
impossible) actually to build an antenna
based on such a calculated pattern. The
major antenna manufacturers publish catalogs
of their “off-the-shelf” antenna patterns, and
it is a simple matter to enter these patterns
into a computer and use them to test various
alternatives.

Finally, the appropriate amounts of electrical
and mechanical beam tilt must be determined.
Again, while it possible to determine these
values completely by trial and error, it is more
usual to make an initial guess and iterate
toward the optimum values. A custom driver
for TIREM takes specified values of
maximum ERP, electrical and mechanical

beam tilts, and antenna azimuth and elevation
patterns, and calculates the appropriate ERP
in each direction for TIREM to use. As the
population within each coverage contour is
counted, different patterns and combinations
of electrical and mechanical beam tilt can be
tried, until the covered population is
maximized.

For the example design, the resulting
computer-optimized values are somewhat
different than those found using traditional
methods. Using the advanced method, the
optimum amount of electrical tilt is found to be
1.25°, while the optimum mechanical tilt is
0.65°, toward an azimuth of 215°T. The
optimum axis of symmetry for the azimuth
pattern is 190°T. There is also a considerable
savings in the amount of time required to
determine the optimum parameters.

COMPARISON OF RESULTS

Using the software described previously, it is
possible to quantitatively compare antennas
designed using traditional methods with one
designed using the advanced method.
Following the premise that it is the number of
potential viewers that should be maximized,
the appropriate method would be to count the
population within each of the 100, 90, and
80 dBu contours for each antenna system.
Figure 4 shows a comparison of potential
viewership covered by the different antenna
systems developed using the two methods.
It can be seen that the antenna system
optimized with the advanced method provides

Manual Method TIREM Method

100 dBu _90dBu _80dBu_ County 100 dBu 90 dBu 80 dBu
5,476,885 6,795,715 7,154,306 Los Angeles 5,627,593 6,823,006 7,170,996
1,838,998 2,064,584 2,168,910 Orange 1,861,080 2,082,095 2,178,202
257,386 485,005 669,475 Riverside 481,569 676,723 800,635
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