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Introduction

he next few years present exciting and challenging times

to radio broadcasters. Exciting, because the world of dig-

ital audio electronics ahd computer technology brings more
options and flexibility than ever before. allowing radio stations
choices of equipment and techpologies that didn’t exist even a cou-
ple of years ago. Challenging, because fundamental shitts in broad-
cast technology and the business plans they enable will demand
that everyone in our industry have a plan to get from “the here”
to “the there™ of digital broadreasting as it becomes a reality.

Harris has prepared this Kev 1o Digita! Radio as a guide 1o the
current state of digital radio broadcasting and to suggest options
and strategies for the journey from the analog present to the digi-
tal future. We don’t assume to know all the answers. Every broad-
cast facility has its own operational requirements and its own unigue
mix of existing equipment. And, as we all know. there are still reg-
ulatory issues 1o be resolved a{]d. g
no doubt, technological and ¢n-
gineering advances waiting to be
discovered.

We do know, however, that
the journey is already well in-
derway. Equipment and systems
are available today that make 1t
possible to install an all-digital
broadcast chain from the produc-
tion suite, through the on-air stu-
dio, to the STL or program
transport system, all the way to
the transmitter. Digital systems
ofter broadcasters tangible benefits today. even as they lay the
groundwork for over-the-air digital broadcasts that will change the
shape of radio in the opening years of the 21st century.

We hope you tind this Kev to Digital Rudio a helpful guide as
you sort through the options and decisions your station faces now
and over the next tew years.

'|?.

HARRIS BROADCAST COMMUNICATIONS DIV.

A}
U “ ﬁ;.‘ -1 .. JAMES WOODS, VP, RADIO SYSTEMS
s
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‘Why The Key?

Q&A

Why is Harris coming out now
| with The Key to Digital Radio?

Jlm HauptStueCk DIGITAL PRODUCT LINE MANAGER

This guide is a tool for today 's broadcasters. o assist them through
| the difficult decision-making processes in the new digital environ-
ment. It will help broadcasters E\p;md efficiencies. capitalize on new
+capabilities-and resources 1o help 1mprove the bottom line now, and
assure forward compatibility toward emerging technologies.

Don Spragg AM PRODUCT .INE MANAGER
Harris wants to help broadcasters who may be confused about

what digital is and how it relates 1o many products. We want o
provide answers to the people who are trying to do the best in
setting up their stations” operations.

Daryl Buechtlng FM PRODUCT LINE MANAGER

It will be a great reference tool for broadcasters and engineers.
a way for them to get the latest information they need to upgrade
to digital equipment.

Dave Burns STUDIO PRODUCT LINE MANAGER

The radio/audio broadband highway now has a map and sup-
porting infrastructure. The Kev to Digital Radio is this industry’s
technical Good Book.

Is there a void in the industry as to this kind
of information?

Buechting I think there 13. as far as the existence of” manuals or
reference materials designed specifically for broadcasters. There is a
lot of information available from ditterent places. but The Kev 1o
Digital Radio will be one reference for finding evervthing they need
1o know.

DON SPRAGG

DARYL BUECHTING

"

\
DAVE BURNS

HARRIS |
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WHY THE KEY?

Will having this book make things easier for
Radio stations?

SPragq Yes. There is so much information out there. Hopefully,
our book is compiled in such a way as to provide a good reference
that is useful.

What will be the main benefit of the book?

Spragq The Key to Digital Radio is one source from one
company, Harris, that is able to supply total solutions.

Buechting Hopefully, it will allow Radio managers to avoid pit-
falls that others have encountered by not knowing the latest informa-
tion on the best way to upgrade.
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Advantages of an
‘Uncompressed
Digital Studio-to-
Transmitter Link

|

igital electronics touches many aspects of our lives. In
our home appliances. bur office equipment. and in the cars

we drive. digital technology has established -~
[ new and higher standards of functionality, ——"
o ong 1'_3 -y
1 rehiability. and value. Today, thanks to many =D ol
. 3 i
recent advances in product cevelopment. the { - l
2. [ TTES

benefits of the digital world extend o broad- ——
cast stations. Broadcasters can now experience
’ the many advantages that come with imple-
menting an uncompressed all-digital path from
the studio to the on-air signal
[ Rapid growth in computing power has
| paved the way for a new gerleration of audio
| and broadcast equipment. Digital signal pro-
cessing (DSP) uses software that runs on spe-
cialized, high-speed. digital microcomputers to
simulate functions formerly performed by ana-
log cquipment. Microprocessors perform many ‘-
functions that previously required separate ana-
log components. DSP-based products can replace
analog filters. mixers. modutnors and other system The Harris Platinum ZD20CD is a
components. and provide pregision and added functions T (U TRl S il

solid-state reliability, performance

that were unattainable with analog technology and versatility, The Harris DIGIT~ CD
o o . digital FM exciter is supplied as
Defining Technical Standards standard equipment with al

) . o q . Platinum Z transmitters.
Some years ago. a working group of radio and studio broad-

| cast equipment manufacturets defined data format standards for
digital audio. The working group selected the serial data standard
defined by the AES 1EBU (Audio Engineering Society European

‘ HARRIS |
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- UNCOMPRESSED DIGITAL STUDIO-TO-TRANSMITTER LINK

The Harris CD LINK™ allows

of uncomp d
AES3 digital audio from studio to
transmitter using standard 950

MHz STL frequencies.

Broadcast Union). Equipment that complies with this standard is
typically described as AES/EBU or AES3 equipment. The AES/EBU
standard supports the commonly used data rates of 48.0 kHz,
44.1 kHz, and 32.0 kHz. Because the current FM stereo transmis-
sion standard limits the frequency response of left and right chan-
nels to 15 kHz each. a 32 kHz data rate
is often used. However, there are situa-
tions, particularly in the studio envi-
ronment, where the higher 48.0 kHz data
rate may be desired. Ideally, all inter-
facing equipment should have the abil-
ity to accept all three rates, although
sample rate converters can be used where
direct connections are impractical.

Connectors on consumer-grade
equipment designed to comply with the
S/PDIF (Sony/Phillips Digital Interface) standard may appear to
be compatible with the AES/EBU interface, but the data formats
of the two standards are different. If consumer-grade audio sources,
such as CD players and R-DAT record/play machines are used, data
rate conversion and other special accommodations will be needed
at the digital inputs to the mixing console.

Since the acceptance of the AES3 data interface standard by
all major broadcast equipment manufacturers, a growing number
of digital audio processing components have come into use. It is
now possible to build an all-digital studio with an uncompressed
all-digital studio-to-transmitter link (STL) using standard off-the-
shelf equipment. The new generation of audio processing equip-
ment accepts a digital audio input, processes this data fully in the
digital domain, and outputs the processed data with no analog to
digital (A/D) or digital to analog (D/A) conversions.

The Studio-to-Transmitter Link (STL)

Broadcasters can convey digital audio from their studio to
their transmitter by leasing digital T1 telephone lines or installing
fixed fiber-optic lines. Alternatively — to avoid fixed monthly
costs or right of way issues of land lines, for example — stations
can send audio to their transmitter by means of spread spectrum
radio (see “Broadcast Applications of Spread Spectrum and T|
Technology™ p. 65) or 950 MHz radio channels. Until recently.
the narrow bandwidth (300 kHz) of the 950 MHz radio channels.
which was adequate for the audio and technical standards of the
all-analog world, was insufficient to handle the much greater band-




width of the digital signals of newer-generation studio equipment.
If stations wanted to use 950 MHz radio channels for their studio-
to-transmitter link. they had ta compress their high-bandwidth dig-
ital audio to fit the limited bandwidth of the STL.

Effects of Data Compression

There are two types of data compression schemes: lossless
and lossy. Lossless data compression does not degrade the quali-
ty of the retrieved data. However. current lossless compression
technologies used on personal Fompulers. such as STACKER. DBL-
SPACE. or PKZIP. are not effective in reducing audio data. There-
fore. virtually all data compression schemes used for reducing

- - - DIGITAL RADIO S

audio data are of the lossy type. Lossy data compression schemes
take advamage of perccpluuimasking and other psychoacoustic
effects in human hearing pereeption to discard some of the audio
information without being very noticeable to the listener. There
are several lossy systems n broadcast use today that provide sat-
isfactory results under certain conditions. The most sophisticated
svstems such as MUSICANM MPEG Level-11 and PAK offer the
least audio degradation

While a single digitall compression changes the digital

Broadcasters can now deliver
high-quality uncompressed
digital audio all the way from
their studio source equipment,
through their production and
broadcast consoles, and on to
their transmitter using standard
off-the-shelf products

HARRIS |
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UNCOMPRESSED DIGITAL STUDIO-TO-TRANSMITTER LINK

The Harris DIGIT® CD digital FM
exciter can connect directly to
source audio from a digital
studio-to-transmitter link,
eliminating the need for analog-
to-digital and digital-to-analog

conversions, which add distortion,

noise, and system cost.

| HARRIS

information in a way that may not
be obvious to most people, when a
signal is compressed two or more
times, listeners begin to notice re-
duced audio quality. For example,
if you use digital compression for
music storage and also have a stu-
dio-to-transmitter link that uses
digital compression, many listen-
ers will be able to hear compres-
sion artifacts (noise) in your signal.

Benefits of an Uncompressed STL

With the introduction of newer-generation digital equipment,
it is now possible for broadcasters to implement a digital studio-
to-transmitter link without the previously required lossy data com-
pression. A fully digital STL can transport uncompressed AES3
audio data with the same “bit for bit™ transparency of a T1 digital
phone line — within the 300 kHz bandwidth of an existing 950
MHz STL channel. In addition to providing undegraded audio qual-
ity, newer digital STL equipment can deliver improved path relia-
bility by adding up to 20 dB of fade margin to an existing STL path.

If any type of lossy data compression, such as APTx, DOLBY
AC-2, MUSICAM, MPEG, or PAK is used in the studio-to-trans-
mitter path, the digital audio processing device should be located
at the transmitter site for direct connection to the digital exciter.
Lossy data compression schemes introduce changes in the absolute
peak levels produced at the output which can result in overmodu-
lation of the transmitter. By locating the digital audio processing
after the data compression and expansion, the audio peak levels
can be tightly controlled before feeding this data to the digital ex-
citer. An uncompressed digital RF STL or an uncompressed T1
digital phone line gives the flexibility of locating the digital audio
processing at either the studio or transmitter end of the data link.

Digital Exciter

A digital exciter is the final link in the all-digital FM airchain.
The digital exciter’s input provides data rate conversion and trans-
forms the left and right channel audio data from the AES3 serial data
format into the digital equivalent of analog composite stereo base-
band. This data is fed into the numerically controlled oscillator (NCO)
of the FM modulator. Using Direct Digital synthesis (DDS) the out-
put of the NCO is converted into a synthesized RF waveform.
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Advantages of an Uncompressed Digital Path

There are many advantalges to using an uncompressed all-
digital path from your studio tp vour transmitter. Among these are:
+ The elimination of all A'D and /A conversions and the
distortions they induce.
Full digital quality del:vered to the “on-air™ signal without
the noise and distortion build-up of an analog system. and
without the artifacts or noise introduced by multiple digi-
tal compressions.
Plug-and-play imerlecing between equipment without
worries about level adjustments or hum pickup.
Absolute frequency response and amplitude matching
between stereo channels.
Absolute phase mulcliing and differential phase stability
between stereo channals.
Absolute stability and repeatability. day-after-day. year-
after-year. without adjustments
Better resistance to interterence.
Greatly improved l"adékmargin for radio links.
Half the cable population — one AES3 cable replaces two
analog cables.
Ability to transport some auxiliary control data along with
audio data on one cable. The Harris DRC 2000 digital audio
console uses 32-bit internal

precision floating point digital
signal processing technology to
deliver maximum audio quality.

| HARRIS |
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Sample Rate
Conversion

matter of central importance to consider when designing

digital systems and purchasing digital equipment is sam-

ple rate. An analog arxdio source. such as the output of a
microphone, travels through cables as a continuous signal. In con-
trast to the analog signal’s continuous wave. a digital signal is a
stream of high and low voltage “bits™ arranged in sequences that
encode intormation. An analdg signal is converted to a dignal sig-
nal by sampling sequential sl;ces of the continuous wave and then
quantizing the result of each sample — that is. encoding the sam-
ple as a numeric representation of the wave’s height at the point
being sampled. If enough samples are taken, it is then possible to
subsequently recreate the original analog wave and thereby recre-
ate the original sound. The rfumber of samples taken per second
is called a sample rate. For example. audio on compact discs is
sampled at 44.1 thousand lin‘cs per second — thus. CD audio has
a sample rate of 44.1 kHz,

A number of different sample rates are in common use. Hard
disc audio systems operate at p sample rate ot 32 kHz. digital audio
tape is sampled at 48 ‘
kHz. and sound cards or
other studio components
may operate at yet other
sample rates. The vari-
ety of sample rates isnt
significant in the realm
of analog broadcast sys-

tems — 1n which a sta-
ton takes the analog output from various digital sources and keeps
them in analog form through the rest of its broadcast chain. But as
broadcasters make the transition to digital workstations. consoles.
and studio-to-transmitter links. they need to make allowance for
differing sample rates 1

It is desirable to keep dligital audio input from sources such
as CD or DAT entirely in the digital domain as it travels through
the other digital studio and broadcast componerts. Digital equip-
ment designed to operate at different sample rates cannot work

DIGITAL RADIO |

Digital audio consoles, such as
the Harris DRC 2000, can accept
digital audio at various sample

rates and analog audio from
many audio-source devices, and
automatically convertitto a
digital signal at a desired output
sample rate.

HARRIS |
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SAMPLE RATE CONVERSION

Digital audiotape equipment,
such as the Tascam DA-P1
portable DAT recorder, supports
multiple sample rates. Users can
select among the standard
sample rates — 48 kHz, 44.1 kHz,
or 32 kHaz.

II-I/\I'\’I'\’IS

12’

together unless sample rates are first converted to a common stan-
dard. Once a station selects a single sample rate as a station-wide
standard, it becomes easy to convert all audio to that standard rate.
But, given the range of sample rates in use, what criteria can guide
a station’s decision in choosing a facility-wide standard?

A Bit of Theory

Although several different sample rates are in common use,
these rates are not arbitrary. Sample rates are related by both physics
and biology to a listener’s hearing ability. The human ear can de-
tect sound frequencies between approximately 20 Hz and 20 kHz
(and most people hear little or nothing above 16 kHz). FM trans-
mission standards limit the practical upper audio bandpass to a
maximum of about 15 kHz. As a result, a station can deliver an
audio signal that extends across most of a listener’s hearing range.
Attentive listeners may be able to perceive equipment and system
enhancements that improve a station’s ability to deliver high qual-

ity audio across this entire 15 kHz range. But while equipment |

specifications that exceed the range of the available 15 kHz audio
channels are useful in the recording studio. these higher specifi-
cations can’t further enhance the broadcast audio an FM station
transmits to its listeners. In selecting a sample rate, then, a sta-
tion needs a rate that will support the highest possible standard of
broadcast audio. An even higher rate may be of value, but only if
it helps a station meet needs, such as
recording for archival storage or for
non-broadcast audio production.

An important bit of mathematics
explains the relationship between
sample rates and audio frequencies.
According to the Nyquist theorem, a
sample rate must be at least twice the
highest analog frequency to enable
accurate encoding (and later decoding) of the signal. In light of
Nyquist, we can see that the 44.1 kHz sample rate used by the CD
industry enables encoding of audio across the maximum 20 kHz
human hearing range. In the broadcast environment, a sample
rate of 32 kHz is sufficient to encode the signal at the highest level
of quality attainable on the permitted |5 kHz audio channels. Many
broadcast stations, therefore. use 32 kHz as a facility-wide stan-
dard, while audio recording studios typically use the higher sam-
ple rate of CD or DAT.

Once a station has chosen a standard, whether 32 kHz or higher,
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all digital audio used i the broai-
cast chain needs to be converted
to the standard. The output of de-
vices. such as CD or DAT. is
passed through a sample rate con-
verter to change it to the station
standard. Buteven after all audio
is converted. pops. clicks. or
audio level changes may occur
when switching from one audjo
source to another unless the sig-
nals are also synchronized tola
common time reference.

Synchronization

The information containad in a digital signal is in the form of

a stream of digits grouped into digital “words.” When a broadcast-
er switches from one digital andio source to another. there may be
an audible glitch if the digital iming of the stream of “words™ from
the new source isn’t exactly synchronized with timing of the sig-
nal it replaces. Adding a reference clock makes it possible to make
audio transfers without audible pops.

Digital consoles provide inputs for many types ot audio equip-
ment and typically contain alllof the circuitry necessary to convert
sample rates automatically and to synchronize all audio to a com-
mon clock. For a small broadeast station. a single console with its
own internal clock may be sufficient. Where a station uses several
consoles. it may be possible to designate one console as a master
{for clocking purposes) and to synchronize other consoles to the
master’s internal clock (for more information on consoles. see "Con-
sole Timing Issues™ p. 29). However. even it all equipment in a stu-
dio is synchronized through the console. a facility with many studios
can experience audio glitches when switching broadcast audio from
one studio to another if the facility-wide audio routing 1sn’t also
synchronized.

Facility-wide routing can be made synchronous by installing
a master clock and wiring all digital equipment in the facility's
broadcast chain to use the master clock as its synchronization
reference. Components not directly in the broadcast chain can re-
main asynchronous. Station personnel can do pre-broadcast work
such as sampling and editing,on equipment not referenced to the
master clock and later bring the finished work into synchroniza-
tion at broadcast time

The PR&E Integrity digital
console has an ergonomic

control surface less than 1.5
inches high. All 16 inputs can
handle analog signals. Ten also
accept digital inputs at any
sample rate.

HARRIS |
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S
Digital Interfacing:

|

What are the Standards?

onnections and cables are critical parts of broadcast sys-

tems. Today. as stations replace older equipment with new

digital components. interconnection standards are more
important than ever. Cables and connectors that served reliably to
carry analog signals can fall ihort of the technical specifications
digital signals require.

The good news for station general managers is that installing
new digital wiring can be cansiderably less expensive than in-
stalling an analog wiring svstem. Unlike analog wiring. which re-
quires two cables to send left dnd right audio. digital wiring carries
both channels on a single cable — meaning Icss cable
and less labor is needed.

Over the past few years. a handful of standards has
evolved to specify the architecture of digital signals and
to define the characteristics of*cables and connectors that
can reliably deliver these signals. An understanding of
the commonly-used digital sfundurds is key to under-
standing specifications and product descriptions of dig-
ital audio equipment

The AES3 Standard

The digital interconnecti¢m specitication described
by the Audio Engineering Society’s AES3-1992 standard
makes it possible to send two stereo channels on a single
I 10 ohm twisted-pair audio cable. Most professional dig-
ital audio equipment comes with AES3 connectors. The
ALES3 standard updates carlier standards described by the
AES and the European Broadceasting Union (EBU) that are jointly
known as AES EBU. Althougl: there are minor differences between
the American and European standard and between the earlier and
more recent standard. the standards are substantially similar.

In everyday use. people use the terms AES3 and AES EBU inter-
changeably. In addition to describing connection and cable requirements.
the AES3 standard defines the digital format of the information that is
sent from one piece of equipment to another.

Because digital audio equipment

manufacturers use commonly
agreed data formats and
connector standards, audio
equipment, such as this

Orban Audicy digital audio
workstation, can send and
receive audio programming
that is compatible throughout a
broadcaster’s facility-wide
audio distribution system.

HARRIS |
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DIGITAL INTERFACING: WHAT ARE THE STANDARDS?

Digital systems, such as
Enco’s DADpr32 digital audio
delivery system {dual monitor

configuration shown), can be
configured to share data via a
dedicated file server and Local

Area Network (LAN).

The S/PDIF Standard

Consumer-grade audio components often
use the Sony Phillips Digital Interface (S/PDIF)
standard. S PDIF uses 75 ohm coaxial cable and
RCA connectors. Although the S PDIF inter-
face may be physically compatible with con-
nectors of some AES3 equipment. the data
formats of the two standards are incompatible.

The AES3-ID Standard |

AES3-ID is the professional equipment standard for delivery
of digital audio over video-quality 75 ohm coaxial cables. Distances
of up to 1.000 meters are possible. making AES3-1D especially use-
tul where cable runs must exceed the 100-meter maximum recom-
mended for AES3 twisted pair. Many broadcasters find AES3-1D
isn’t cost-etfective for facility-wide use.

Because most audio equipment comes with 110 ohm AES3
connectors. an impedance transformer is typically needed between
the equipment’s connector and the AES3 coaxial cable. The addi- |
tional cost can be considerable when you count the number of such
connections in most facilities.

The AES3-IE Standard

AES3-IE is the standard for tiber-optic cable. Fiber-optic
cable’s high bandwidth makes it ideal for delivering large volumes |
of digital information without data compression. Because fiber-
optic svstems encode digital information as bursts of light rather
than as electrical voltages. the signal 1s immune to electrical and
RF interference. As with coaxial cable. the added cost of making
¢quipment compatible with fiber-optic cable usually makes it more
cost-effective for long runs than for facility-wide use.

STANDARD IMPEDANCE CONNECTOR COMMENTS

16

AES/EBU 110 OHM XLR ORIGINAL STANDARD FOR 110 OHM
' TWISTED PAIR

AES3 E 110 OHM RCA LATEST STANDARD FOR 110 OHM TWISTED PAIR
S/P-DIF 75 OHM RCA SONY/PHILLIPS DIGITAL INTERFACE
AES3-ID 75 OHM BNC PROFESSIONAL STANDARD FOR 75 OHM COAX.
AES3-IE N/A OPTIC I/O STANDARD FOR FIBER-OPTIC INTERFACE

o —‘\
HARRIS |
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Digital Source

Equipment

igital technology is rebhaping all aspects of the broadcast

world. but it is as audio source equipment that digital prod-

ucts first demonstrated their advantages. Beginning with
the arrival of the compact dise. broadeasters have had a growing
number of digital source devices from which to choose.

Digital players and recorders bring several advantages com-
pared to their analog counterparts. including: extremely low-noise
audio that resists degradation with repeated playing: compact
storage media with high capacity: fast
audio retrieval via high-speed random
access: and a new world of computer-based
editing and production passibilities.
Following is a summary of the types of
dignal audio source equipment and the

Compact Disc (CD)

Compact disc was the first digital ——— .
audio product commercially available. e
Audio CDs hit the consumer nfarket in the @
carly 1980s and quickly replaced vinyl as i
the medium of choice for commercial audio @
recordings. The features thatmade CDs
popular with the “record™ buyving public
also made them a hit in IhCI broadcast
studio. Because CDs are read by the light of a laser. rather than the
physical contact of a stylus or tape head. audio quality doesn’t
deteriorate with repeated playing. A CD’s digital audio is also free
of the background hiss of cassette and reel-to-reel tape. Digital
CDs. combined with digial ehiling and production equipment in
the recording studio. can deliver clean and extremely accurate audio
across a wide dynamic range. Another feature that makes CDs
popular with broadcasters and consumers alike is the random-
access ability of CD players that makes it possible to select a

The Harris CD2001 CD Cart
machine is designed for reliable
performance in the broadcast
studio. A precision cast
aluminum deck plate and heavy-
duty printed circuit boards pro-
tect working parts and
electronics from harm.

The €CD2001 is designed to select
digital information down to

the exact frame.

HARRIS I
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DIGITAL SOURCE EQUIPMENT

single cut easily or play several
cuts out of sequence.

Panasonic’s SV-4100
professional DAT
recorder features on-
board RAM for trim,
rehearsal and instant
start. The recorder is
equipped with multi-

ple industry standard digital /0

interfaces.

- e ——-

editing software now make it possible to use CD-R for studio-created
or edited program material. However. CD-R remains less adaptable

One drawback of CD. at least
as compared with audio tape. is |
that it is a read-only medium. This
has changed with the arrival of
recordable CD-R. CD recorders
combined with computer-friendly

than tape because it can be recorded only once (and is. thercfore,
referred to as a WORM — write-once read-many - medium).

Digital Audio Tape (DAT)

Digital Audio Tape combines the high quality audio of the CD
with tape’s ability to be ¢rased and re-recorded many times. DATs
adaptability makes it increasingly popular in the professional audio
studio. DAT supports all the of the commonly-used sample rates
32 kHz. 44.1 kHz. and 48 ktlz. Unlike analog tape. DAT has built-
in digital error-correction that greatly extends the tape’s useful
fite by removing much of the noise introduced by wear. scratches,

and dust. A DAT recorder player's high-speed tape transport mech-

anism is much faster than the typical forward back controls ot a
standard cassette recorder. but. nevertheless. can’t match the
nearly instantancous random access speed of'a CD player. .

Digital Source Equipment Comparisons

PLAY/RECORD RANDOM ACCESS SAMPLE RATE CAPACITY
(€] PLAY ONLY YES 44.1 kHz 74 MINUTES
CD-R WORM YES 44.1 kHz 74 MINUTES
DAT PLAY/RECORD NO 32, 44.1, OR 48 kHz VARIES WITH
SAMPLE RATE
MD PLAY/RECORD YES 44.1 kHz 74 MINUTES
(COMPRESSED)
HARD DISK PLAY/RECORD YES 32,44.1, OR 48 kHz DEPENDS ON
SIZE AND
NUMBER OF
HARD DISKS
— - — -
| HARRIS ‘
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Minidisc (MD)

Minidisc combines some of the best features L} Q

of compact discs and audic tape. Minidisc record- @
ing and playback technology tise a magneto-opti-
cal (MO) process that employs hoth the laser optical
technology of CD and the magnetic recording tech-
nology of analog tape. A Mmidisc has the fast

random access capability of CD. yet can be re- [:] - =N=] -]
recorded again and again, just like tape. Minidiscs B ﬂ 'f'ﬁ“:' Pﬁ“ “ﬁ' |
are housed in cartridges and.when combined with ¢ |

a minidisc cart player. can nerform the same com-
mercial and spot audio programming function as
the familiar analog cart player. A minidisc holds the audio content
of a full-size CD on a much smaller disc by using data compres-
sion. As discussed elsewhere in this Kev 1o Digital Radio. a sin-
gle data compression decompression is not likely to be noticed
by a listener, although mulriplg compression decompressions in a
station’s airchain can degrade [audio quality to detectible levels

Hard Disk Systems

Computer hard disk systems offer high speed random access.
extremely high storage capacity. and limitless read write capabil-
ity. Hard disk storage costs more
per minute of recorded audio than
other media and s less easlly
transportable than CD. MD. or
DAT. However, hard disk prices
continue to drop. even as storgge
capacity grows. And some hard
disk equipment can record and
play via removable discs. such as
lomega’s Zip"™ disk

MD RECORDER MDS-BJ

The Sony MDS-83 minidisc
recorder/player has high quality
digital sound, instant non-linear

access, and auto-cue making it
ideal for both on-air applications
and audio archiving.

360 Systems’ DigiCart Il Plus
combines the features of three
machines: a hard disk recorder, a
mini audio workstation, and a
digital cart machine. The Digi-
Cart Il Plus has space for two
high-capacity internal hard disk
drives and also provides low-
cost removable storage on

100 MB Zip * disks.

HARRIS |
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Things to Consider

When Buying a Hard Disk System

hanks to the enormous demand for hard disk storage creat-

ed by the personal computer industry. disk storage capaci-

ty has grown geometrically in the past few years while the
cost of digital storage has plummeted. Equipment manufacturers
now offer systems custom-designed. combining the high-
volume storage and fast read-write access of comput-
er hard-drives with user intgrfaces and software
configured for the unique needs of the studio envi-
ronment.

Hard disk systems come in' arange of sizes and

with an array of standard and optional featurcs. No
one system has all the answers for every facility.
Fortunately, the systems in today’s market assure
that there is an appropriate selection and con-
figuration to meet virtually any facility's needs.
IHere are five arcas to consider when pur-
chasing your systen:

Your Objectives
Begin your selection procgss
by considering what you want to accom-
plish at your facility. One facility may be looking
for a system that can help implement broadcast automation. An-
other facility may be concerned primarily with storage and flexi-
ble access to music or other audio programming. Look at what you
are doing now and how you may be doing things in the tuture. Even
if your station has no plans to ahtomate. you might decide that hav-
ing automation capability would be a handy fallback to cover a
staffing crisis — such as the tJu taking out most of your airstaft.
Look for a system that|meets your facility’s functional
requircments. You may find that the high channel capacity or net-
working ability of a new hard disk system can bring new cost-
saving cfficiencies to your operation. such as the ability to run
muhtiple stations simultaneously from a single control room

Enco Systems’ DADrro32 Digital
Audio Delivery System provides
powerful production recording,
editing, on-air reproduction and
management, and interfaces to
scheduling and billing systems. It
can be used for both live-assist
and automated operations.

HARRIS I
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4 — (i (s e i
]

360 Systems’ Instant Replay uses
a unique design to store and
retrieve an audio library.

Instant Replay stores up to
1,000 cuts on an internal hard
disk and provides instant access
via hot-key presets.

HARRIS
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Most on-air systems accommodate basic back-to-back play-
ing of commercials and music. But if you want to make that back-
to-back airplay as scamless as possible. you may want a system
with a segue editor that allows you to customize the transition from
one event to another.

Look for ways the digital system can help your airstaff. There
is a whole series of events that happens during a four or five hour
air shift. A hard disk system can help your staff do everything
from automating timed recordings for news feeds and count-down
programs. to having your staff meteorologist call in and record
weathercasts via telephone DTMF tones.

Work Flow

The second
thing to consider is
how a hard disk sys-
tem will interface
with your existing
equipment and pro-
cedures. If you are
buying or already
have a digital editor.
consider how it will
interface with the hard disk system. ldeally. you will want direct
file transfer between the editor and hard disk system. At minimum,
you will need an AES/EBU port on both components so you can
keep your audio digital as it travels between the two systems. Hav-
ing to mix down to analog just to go back to digital undermines
the enhanced audio quality you expect a digital system to bring to
your station’s presentation.

Many stations like to trade production back and forth. If this
is important to you. make sure a digital system makes digital trans-
fers easy for you by giving production directors the ability to ex-
change programming via the Internet. Your production director
may also want the ability to import sound effects and imaging ma-
terial casily from the Internet to the digital editing system.

INTTANT REPLAY

Expandability

The third thing to consider is where you want to be two to three
vears from now. Knowing the ability for, and cost of, expandabili-
ty should be major considerations. If you expect to run your digi-
tal system on a network. plan in advance for the likelihood of
additional storage needs in the future as your network grows.
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Hard Disk System Checklist

ARE YOU LOOKING PRIMARILY FOR MEDIA STORAGE AND ACCESS CAPABILITY, ON-AIR |
BROADCAST AUTOMATION, OR BOTH?

| DOES THE SYSTEM HAV = SUFFICIENT CHANNEL CAPACITY FOR YOUR PRESENT AND EXPECTED
| OPERATIONAL NEEDS?

CAN YOU IMPLEMENT DIRECT FILE TRANSFER BETWEEN YOUR DIGITAL EDITOR AND THE HARD |
DISK SYSTEM? ‘

DOES THE SYSTEM ALLOW FUTURE EXPANSION OF STORAGE CAPACITY?

HOW WILL YOU BACK UP YOUR SYSTEM, AND HOW WILL YOU CUT OVER TO YOUR BACKUP
IN THE EVENT OF SYSTEM FAILURE?

Don’t overlook the [nternet when assessing yvour future svs-

tem capacity needs. Trade publications report projections of 30 to

| 60 percent of all radio stations having live audio on the Internet in

the near future. Your Internet programming may be identical to vour

on-air broadcast. or it may hadve a ditferent commercial load. Be

sure to allow for both the add'tional storage capacity and channel
capacity that may be necessary for an Internet presence.

Backup

The fourth thing to consider 1s how to insure against system fail-
ure. Regular system maintenange and faithfully observed backup pro-
cedures will assure that vou afe always on the air. There are many
ways to back up your audio fies. including redundant drives. mir-
rored drives. and “cold™ storagp on archived hackup media. Discuss
with your system vendor ways to implement a backup system that
will work with your equipment and vour facility's infrastructure.

Creative Potential

A digital on-air svstem tan bring new efficiencies to vour
facility’s many production and on-air activities. But just as
important. 1t also opens the door 10 new creative possibilities for
your production and on-air staff. Your airstaft' will “buy in™ to the
advantages of' learning 1o use & digital system creatively when they
see it as a problem solver and|not just another new thing to learn.
Often, there are one or two people at a station who quickly grasp
the potential of a digital system and find wavs 1o use it as a cre-
ative tool. By giving these pepple an opportunity to lead the way
i adapting new features and ¢apabilities, a station can encourage
other staff’ members to take creative advantage of the new tool

HARRIS |
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igital audio editing tools tor broadcast facilities range in

functionality and price from software designed to run on

standard personal computers to digital audio workstations
(DAWSs) with user interfaces custom designed for use by broad-
casters. There are no “one size fits all” solutions in the DAW world.
The goal is to look bevond superticial “features per dollar™
comparisons and determine the long-term impact on your
production department.

PC Software

At its least expensive, an ed-
iting system can consist of lﬂulli-
track editing and mixing software
installed on a personal computer
svstem. Professional audio editing
programs come in a range of prices.
typically offering additional jedit-
ing features and the ability te mix
a greater number of audio tracks as
price increases. Be sure the tom- L
puter on which you plan to install
any program you are considering
cxceeds the software’s minimum system requirements. At today’s
low computer prices. equippipg a computer with processor. mem-
ory. and storage that greatly exceed minimum requirements is
money well spent. Pay particular attention to the computer’s audio
board. While editing softwarc should run on most consumer-grade
audio boards. you will need 1o install a professional quality board
in your computer if you want maximum audio functionality and
AES/EBU connectivity te )jur other studio systems.

Digital Workstations

Digital audio workstatians (DAW's) combine custom-written
audio editing software with computer hardware and user interfaces
specifically designed for audio cediting. A workstation’s user in-
terface can include familiar controls. such as sliders, scrub wheels.

DIGITAL RADIO

Digital Editing

The Orban Audicy digital audio
workstation combines intuitive

screen displays with an “analog
feel” control board that quickly
becomes a seamless extension
of the operator's hands.

mls l
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DIGITAL EDITING

RudiopslVoxkroldigitallscund and push buttons, which many users find more familiar and con-
editing system was specifically

. 1S ark o wi . ar b . N
designed to replace reel-to-reel venient than working with a computer kevboard and mouse.

tape recorders on the air. The An interface designed specifically for audio editing takes ad-
WoxPiokystemallowslaluserto vantage of “muscle memory.” Tasks vou perform hundreds of times
record and edit phone bits, con- a4 Uavwhe ot g et 5 (P e 7 ol e o
et o) T ] a day become second natwre, as in driving a car or playing a musi- |
on the fly. An optional cal instrument. While mouse-based systems are per-
=3 IRl fect for some people and can add editing capabilities

makes one-hand a o . 5
1o a computer that is also used for other functions,

operation possible.
a pointing device, such as a mouse, has inherent
limitations. A point-and-click interface requires care-
ful visual attention to the position of a cursor on a
screen and processes only single commands in se-
guence. In the audio studio. this can limit some peo-
ple’s ability 1o "mentally multitask.™ Think of a
drummer plaving a svncopated beat with all four |
limbs, watching bandmates for visual cues, and
all the while listening to the wne. People who work
in a fast-paced, deadline-driven production room
- = how that drummer feels. An advanced interface de-
sign takes advantage ot people’s ability to devel-

Digital Audio Workstations

“A whole different ballpark” is how Frankie Blue, a

production director for Clear Channel Communica-
tions stations XHRM and KJQY in San Diego, describes
the versatility of the Orban Audicy digital audio work-
station (DAW) he began using a year ago. “This is my
first digital workstation, and it's not even conceivable
that | would go back to working with analog now.”

Blue, who admits to being “a dinosaur” when it

comes to working with computers, was nevertheless using
his new workstation with confidence within a couple of days. Learning to use the new ma-

and fast forward, were the same as those he was == 2
familiar with on analog reel-to-reel machines. ﬁlﬁ

Clear Channel began using DAWs in San Diego SN
in 1996. First to arrive were Orban DSE 7000s, fol-

lowed by additional Orban Audicy stations. Ac- ¥
cording to Clear Channel staff engineer Ron Foo,

chine was a “no brainer,” says Blue because all the controls and symbols, such as play, record,

. ol
L

production editors first shared digital files by “sneak-
ernet” transfers of removable disks. But as the num-

| HPARRIS
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op “muscle memory ™ to make tasks performed hundreds of times be-
come second nature

System size and feature|considerations depend on vour ta-
cility’s needs. A digital editar can be lightweight, portable. and
able to work independently of a computer display screen. making
it ideal tor field work. On the other hand. an editing system can
be a full-featured workstation designed to be a production de-
partment workhorse. You may find that your facility has appro-
priate uses for different editors in ditferent situations. Make sure.
how ever. that your workstations are able to communicate with your
existing (or planned) hard disk system by direct file transfer or
AES EBL port

Finally, when planning ivour digital editing purchase. give
some thought to return on investment in addition to direct costs
All new equipment carries the indirect cost of user training. So
look for features. such as compatibitity with existing equipment
and familiar user interface. that will quickly and smoothly turn
vour workstation into a productive asset. Consider both vour pur-
chase price and vour costs oyer several vears. ncluding the cost
of training and the potential gains from higher staft productivity

ber of workstations increased, the convenience of
a network became compellingj.

At present, workstations are networked
within each facility by means of standard Win-
dows 95™ networking which, says Foo, is "very
simple, but robust enough to handle what we
want it to do.” However, naw that ail 11 Clear
Channel stations in the San Diego area are using
digital workstations, plans are underway to
switch to a Novell™ network that will make wide
area file transfers possible among all facilities.

Says Foo, the change from analog to digi-
tal editing was like going fram an electric type-
writer to a click-and-drag werd processor. "Our
production people are creative to begin with,
but they can be even moreicreative now. The
workstations are so quick, it's easy for someone
to say, ‘| don't like the way: this sounds, so let

o

me do it one more time.
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Console
Iming Issues

hether a facility consists onlv of a studio and a production
‘ room or is a multi-station. multi-studio broad-
cast center. the console 1s where it all comes

together in the studio. A console’s well-designed user in-

] terface makes it casv for on-air talent to select and switch
among audio sources for their broadcast. And “under the
hood.™ a console has to pertorm as reliably and as trans-
parently to the operator as the engine does in your car
as you drive to work. oblivious to spark plugs and pis-
tons. engrossed. no doubt. in your station’s drive-time
program.

As the variety of source equipment proliferates in
the studio and as stations migrate toward all-digital airchains,
a console is more than an audio patching and mixing cen-
ter. In the digital realm. the console plays traftic cop. pre-
venting collisions of incompatible audio signals at the busy
intersection where all your audio sources merge. The audio
data from your various audio components — DAT. CD,
hard disc — operates at difterent digital sample rates.
A digital console receives inbound audio in any of the
commonly used data rates and then converts it to a data
rate that has been selected as a studio- or facility-wide

standard. Many consoles can convert audio to any of The Yamaha O2R digital recording
the most commonly used data rates (32 kHz. 441 ktiz. or 48 kHz) mak- O
o i adantble , differe g i facili ——h an “open system” selection of
ing them adaptable 1o many different studio and facility environments. interface cards that permit direct

The other important behind-the-scenes function a console per- connection to a wide range of
forms is synchronization of individual data “words™ by referencing all Loz T | e

recorders, digital audio worksta-

data to a common clock. In studios that are not tied to a facility-wide
router and reference clock. the console’s internal clock assures that

tions, and other digital equipment.

. . o The Harris DRC 1000 digital
all digital data words share a common time reference. And where there  ,udi0 console (shown at bottom)

18 a facility-wide time reference. the console and all other equipment allows each member of an
can be linked to the common reference generator. Either way. on-air EEEAD G DT IGI0E

. 4 custom configuration. The
talent can concentrate on their broadcast. knowing they can make console is designed to be
smooth transitions from one audio source to another without transi- expandable, o it can grow as a

2 I - ol - [ kes additi d
| tional audio “pops™ or “clicks. station makes additions an
changes to its audio equipment.

‘ HARRIS |
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onsole Features

igital consoles come in sizes and with features to satisty a

wide range of studio requirements and station budgets.

When shopping for a new console, consider which features
will benefit your studio’s present operations or will assist with
plans for future growth.

The User Interface

Although a digital console is a computer at heart. most consoles
have the famihar user interface of faders and buttons that your on-air
talent already know from analog world. Familiarity minimizes the need
for retraining and reduces the chance that talent will make embarrassing
on-air mistakes as they wrestle with unfamiliar equipment. Digital con-
soles offer features such as LCD screens that can display various in-
formation. programmable user profiles
that make 1t possible for each user to
store a favorite console configuration.
and software-hased logic functions that
aid in controlling source equipment di-
rectly from the console.

PR&E's Airwave digital broadcast
console is designed to be easy to
use, flexible, and cost effective.
Input modules are user-
reconfigurable from analog to
digital. All digital inputs do
sample rate conversion,

AN TN AN NEN Y
sinsiaissisineinininin

Growth Potential

As with most things. more money
typically buys more capability.
When choosing a new console. consider what yvou need at present and
what you reahistically expect to need i the foresecable future. Select
amodel that has enough analog and digital inputs to handle your source
cquipment. Consider the number and tvpes of output busses that fit
your operational requirements. 1f you're planning a gradual transition
to a digital airchain. you will need both analog and digital output busses.
Other features. such as equalizers. compressor limiters. or automatic
gain control. may be standard on some consoles and optional on oth-
ers. Consider which functions are “need 1o have™ as part of your con-
sole purchase and which functions may already be taken care of by
other equipment at your facility. With the variety and tlexibility of the
consoles on today's market. it’s possible to meet any broadcaster’s needs
and 1o assure maximize return on the purchase dollar.

Console

Purchase
Checklist

Are there enough analog and

digrtal inputs to work with ex
1sting source equipment?

Does the console have extraca
pacity for anticipated future
growth?

Can the console convert all data
rates in use in your studio?

Are there sufficient output

busses to meet present and
expected needs?

HARRIS
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‘Wiring Digital
Audio J

‘ igital audio 1s different from analog audio. And because
Ddigital is different. it stands to reason that cable that car-
ries digital audio is also differcnt from cable that carries

analog audio. Before installing a digital system. you need to un-

derstand the basic types of digital cable. and the capabilities and
l limitations of the choices available to you.

It's a Question of Wavelength

\ Analog audio works at tfrequencies from 20 Heriz (1Hz) 10

20.000 Hertz (20 kHz). A Hertz, or cycle, describes one full wave
| of a frequency. The formula for wavelength tells us that at 20 kHz.
one full wave is 15.000 meters long (about nine miles). [{ you have
a cable that long carrying an audio signal at 20 kHz, then the im-
pedance of the cable is important, and must match the impedance
of the source and destination devices to which it is wired. But no

CABLE PART CAPACITANCE IMPEDANCE

TYPE NUMBER

ANALOG BELDEN 8451 34 PF/FT. . UNSPECIFIED
1

]
[} ]

DIGITAL , BELDEN 1800A 12.5 PF/FT. 110 OHMS
] )

WIRE GAUGE

22 AWG

(ACTUALLY £38 OHMS)!

+20% 24 AWG

| broadcaster runs cables nine miles, so the impedance at analog fre-
| quencies is not important. In fact. most cable manufacturers don’t
even tell you what the impedance is, since it doesn’t matter.
! The two key parameters in analog cable are resistance and ca-
| pacitance. The lower the resistance. the farther you can go (lower at-
| tenuation). Resistance doesn 't change the audio signal: it just makes
it a bit weaker. Even smaller gage wire. such as 24 AWG. can go
thousands of fect before the small gage begins to affect performance
Capacitance. unlike resistance, is trequency-dependent. Ca-
pacitance tends to absorb high frequencies — the higher the fre-
uency. the more the absorption. This eftect, called “high frequency
roll-oft,” is inherent in every cable design. By using a cable with

This article is adapted with
author's permission from Wire,
Cable, and Fiber Optics for
Video & Audio Engineers, by
Stephen H. Lampen, Technology
Development Manager, Belden
Wire & Cable Co. This book is
available for purchase from Harris.
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lower capacitance. you can go farther before roll-oft becomes sig-
nificant. A cable with a capacitance of 30 picofarads-per foot (pF {i.)
can carry a signal farther than a cable with a capacitance of 50
pF/fi. And a cable rated at 15 pF 1t. could run farther vet. The im-
portant thing to remember about capacitance is “the lower the bet-
ter.” An analog cable should always indicate its capacitance.
Knowing the capacitance is one way vou can tell good-perform-
ing cable from average cable. or at least which cable is suitable
for long runs and which should only be used for short runs.

Digital Audio is Different

Digital audio is a digital representation of an analog signal.
[t follows guidelines established by the Audio Engineering Soci-

ety (U.S.) and the European Broadcast Union (Europe). called |

the AES EBU standard. (see “Digital Interfacing: What Are the
Standards™ p. 15) In a digital signal. ones and zeros represent the
original analog signal. These ones and zeros take up much more
room (bandwidth) to describe each wave.

A digital audio system operates at 3 MHz — a frequency

150 imes higher than the 20 k1z of an analog system. Things are
different at such a high frequency. For one thing. the wavelength

BELDEN

TWISTED PAIR
PART NO.

at 3 MHz is only 100 meters (328 f1.). Many

NO. OF WIRE GAUGE NOM. CAP. NOM. IMP.

DESCRIPTION PAIRS AWG PF/FT.* OHMS

1800F
1800A
1801A

1802A
1803A
| 1805A

COAX

PART NO.
1865A
1505A
1506A
1694A
1695A

French Braid 1 24 13 110
Beldfoil aluminum-polyester shield 1 24 13 110
Beldfoil aluminum-polyester

shield, non-conduit plenum 1 24 13 110
Beldfoil aluminum-polyester shield 2 24 13 110
Beldfoil aluminum-polyester shield 4 24 13 110
Beldfoil aluminum-polyester shield 8 24 13 110

Beldfoil aluminum-polyester shield

DESCRIPTION

NOMINAL NOM. CAP NOM. IMP

OD (INCHES)

PF/FT.*

OHMS

Sub-Miniature, RG-59/U type 150 16.5 75
RG-59/U type 235 16.3 75
RG-59/U type 199 16.1 75
Low-loss serial digital, RG-6/U type .275 16.2 75
Non-conduit plenum, RG-6/U type 234 16.2 75

MEDIATWIST NO. OF WIRE GAUGE MAX. CAP NOM. IMP
PART NO. DESCRIPTION PAIRS AWG UNBAL.PFI100M  OHMS
1872A Non-Plenum 4 24 49 100+12

I 1874A Plenum 4 24 49 100+12

|I;V\I?I?I$
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CANARE

TWISTED PAIR NO. OF WIRE GAUGE NOM. CAP. NOM. IMP.
PART NO. DESCRIPTION PAIRS AWG PF/FT.* OHMS
1806A Beldfoil aluminum-polyester shield 12 24 13 L0
DA206 Large O.D. for long runs, shielded 2 20 14.6 110 l
DA202 25 AWG conductors allow use with

punch down block audio patchbays 2 25 110
DA202-P | Multi-channel version of DA202 4 25 110
DA202-AT' Foil shield with drain wire 2 25 110 [
D403-AT | Foil shield with drain wire, |

for MIDI routing 4 22 64 l
D202-4P . Multi-conductor, braided shield 8 25 16.8 92
D202-7P ' Multi-conductor, braided shield 14 25 16.8 92
D202-12P = Multi-conductor, braided shield 24 25 16.8 92 ‘
D202-18P : Multi-conductor, braided shield 36 25 16.8 92 |
D202-25P ' Multi-conductor, braided shield - 50 25 ! 16.8 L9 1
I - - *CAPACITANCE BETWEEN CONDUCTORS

facilities are likelv to have cable runs of this length and longer.
which makes the effects of impedance an important considera-
tion when wiring digital audio svstems. The AES'EBU standard
specifies impedance as |10 ohms. which means that the sending
and receiving devices and the cable itself must all operate at 110
ohms. However. the standard allows a tolerance of = 20 percent
Thus. vou could operate without problems with an impedance as
low as 88 ohms or as high as 132 ohms. But even at 88 ohms. the
impedance is far above the 30 to 40 ohm impedance of 1y pical ana-
log cable.

Also. the capacitance required tor a digital cable (12.3 pF/f) is
lower than capacitance of a ty pical analog cable (34 pl ft). Remember,
capacitance tends to absorb higher trequencies. and the lower the ca-
pacitance. the longer the maximum possible cable length. Frequen-
cy absorption can be a problem even in the 20 kHz range of analog.
At 3 MHy range of a digital signal. absorption is an even greater prob-
fem. In the world of digital audio. low capacitance is not just a good
thing: it is essential if the svstem is to operate at its full potential.

Connectors are often the same for both analog and digital sys-
tems. so vou might be tempted to use vour old cable with new dig-
ital equipment. But now you realize that the analog cable’s impedance
is wrong and the capacitance is too high for digital signals.

What About Using Digital Cables for Analog?
Digital cable will work with both vour digital and analog
equipment. Like analog cables. digital AES EBU cable is twisted

l pair and usually foil shielded. And because the capacitance of a
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digital cable is one-third the value of analog cable. digital cable
may actually improve performance of analog equipment. [ you
are rewiring or if you are wiring a new facility, it makes sense to
wire up for digital now. You will get fantastic analog perform-
ance and be digital-ready. You will be able to use the wiring in-
terchangeablv: vou can hook up a cable to an analog device today.
and a digital device tomorrow. ‘

What About Coax for Digital Audio?

There is no technical ditficulty in using coaxial cable tor digital
audio wiring — in ftact. the American Engineering Society has cstab-
lished a standard (AES3-ID) for digital coax. Because the structure
of coax cable is much more precise than twisted pair, and the imped-
ance variations are lower. coax will support longer cable runs than |
twisted pair. However. if you don’t need unusually long cable runs.
coax may not bring you any added benefit and could add consider-
able cost to your instaliation. Most digital audio equipment comes with
connectors designed for use with balanced 110 ohm AES/EBU wiring.
You will have to buy baluns for all such connectors to adapt them for
use with unbalanced 75 ohm coaxial cable. You will need two baluns
(one at the sending device. the other at the receiving device) for every
cable you install. Of course. if you buy a digital audio device and it
has a coax outpul. you won't have to buy a balun to use it with coax.
{Although you will need a balun to use it with twisted pair.) |

Coax doesn’t have the common-mode noise rejection of bal- |

GEPCO INTERNATIONAL

TWISTED PAIR NO. OF WIRE GAGE NOM. CAP. NOM. IMP.
PART NO. DESCRIPTION PAIRS AWG PF/FT.* OHMS
5524047 | 4 24 1 13 4 10
552408EZ | Alum.-polyester shield 8 24 I 13 110
552412EZ ; Alum.-polyester shield 12 24 ' 13 110
D5524€Z ; Alum.-polyester shield, dual-pair Zip 2 24 ' 13 110
552604GFC , Alum_-polyester shield, extra-fiexible 4 26 ' 14 110
552608GFC 1 Alum.-polyester shield, extra-flexible 8 26 14 110
5524EZ | Alum.-polyester shield 1 24 13 110
55245D 1 Alum -polyester shield, 3

 solid conductor 1 24 13 110
5526EZ * Alum.-polyester shield, thin profile 1 26 14 110
5526 1 98% coverage 36 AWG OFBC,

'spiral serve shield 1 26 12 110
552M 195% coverage 38 AWG TC braid 1 22 15 95

| 5524TS 1 Alum.-poiyester shieid, plenum e 24 X 13 110

*CAPACITANCE BETWEEN CONDUCTORS -

l HARRIS
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anced twisted pair and. therefore. can more easily pick up unwanted
electrical or RF noise. On the plus side. you can use video patch
panels (which are impedance specific) and video distribution am-
plifiers. which don"t exist in the twisted pair AES/EBU world.

One place where coax makes sense is in an installation that
has both video and digital audio because you can use the same cable
for both applications. Using one cable. one connector. one strip-
ping tool. one crimping
tool can make installa-
tion and maintenance re-
ally easy. However. if you're sending only audio and your cable
runs are typical of lengths at most facilities, coax will bring you no
functional improvement. On the other hand. there is no question
that it will meet the technical requirements of digital audio.

There are many digital audio installations today that are
entirely coax cable and they work just fine.

S/PDIF

There’s another kind of coax-based digital audio called S/P-
DI (Sony/Phillips Digital Interface). It can use the same coax as
AES3-ID. but the cable has RCA connectors. S/P'DIF is a standard
for consumer-grade systems and is not fully compatible with AES3-
[D. While music data is convertible. most of the supporting data is
not. Moreover. S/PDIF is intended for only short-run systems.

Be cautious when you see the word “coax™ in product litera-
ture. Check to see if' it is specified as S/PDIF rather than as com-
pliant with the AES3-1D standard. If necessary. you can convert
S/PDIF to AES3-1D and vice-versa. but conversion will require
purchase of active devices to reconfigure the data stream. These
devices are cven more expensive than baluns.

A Word About Plenum

A plenum is usually a dropped ceiling or raised floor that is
used tor the return air in a heating ventilation or air-conditioning
system. A plenum is a conmvenient out-of-sight space in which to
run cables. But you can’t install just any cable in a plenum. Plenum-
rated cable i1s made with special materials that will not support a
fire. Whether you need to use plenum-rated cables. regular cable.
or cable installed in conduit is not simply a matter of choice. The
local fire code. the fire marshal. building inspector. or similar local
authority has the ultimate say when it comes to installing cable in
a plenum. Before installing cable. be sure you know what those
authorities require.

—_— = - DIGITAL RADIO S
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WIRING DIGITAL AUDIO

What if there were a cable which could support all of the signals you wanted to use? What if there
were one cable which could support telephone, FAX, modem, Switched 56, ISDN, T1, analog audio,
analog video, digital video, machine control, broadband/CATV, 10baseT networks, 100baseT net-
works, gigabit Ethernet and, of course, digital audio?

Well, such a cable exists, and it's unshielded. The cable, called MediaTwist, is made by Belden
Wire & Cable Co. It is the first cable to be application nonspecific. MediaTwist is covered by a
dozen patents, but the key to the cable’s performance is how well the twisted pairs are made.
MediaTwist often outperforms old-style shielded pairs. Improved quality and consistency of the
twisted pair construction takes the place of the shielding needed to prevent noise getting into
(or coming out of) poorly constructed pairs.

MediaTwist is the first (and so far the only) twisted pair cable to be tested and pass the FCC
certification for Class B Digital Devices. This is a test intended for digital coax. And yet, Medi-
aTwist is four-pair unshielded twisted pairs (UTP) and takes standard connectors like RJ-45s.

You can even combine signals (say two channels of digital audio and RS-422 machine con-
trol) on one cable. You can‘t go as far in some cases (such as broadband/CATV or serial digital
video) as you can on a coax cable made for that application, but you gain system adaptability.
The key is that the jack on the wall can be a telephone today, a 100baseT network tomorrow,
and digital audio the day after that. Try that with any other cable!

The downsides to MediaTwist are that it is only an install cable. It uses solid conductors,
and is not flexible enough to be mic cable or rugged enough to go on the road. It works only
with balanced line signals. Professional analog audio and digital audio come in balanced for-
mats, so they can go directly into a MediaTwist pair. Unbalanced signal, such as S/P-DIF or video,
require something to convert them to 100 ohm balanced format, such as an appropriate
balun. These baluns are made by a number of companies. The largest number specifically for
MediaTwist are made by ETS in Menlo Park CA (800-752-8208).

Most communities (but not all) tollow the National Electri-
cal Code (NEC) which is a voluntary guideline. If vour commu-
nity does follow that code. a copy of the NEC guidebook can be
very helpful to vou in making sure vour plant gets the seal ot ap-
proval from local authorities

l HARRIS
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Digital Routing

‘and Connectin

roducts

ust as in the analog world. a facihiv-wide digital audio

svstem requires a variety of connectivity. patching. and switch-

ing components. Many such digital components. while dif-
ferent clectronically. are similar in function to their analog
counterparts. A digital distribution system also includes equipment
in addition to devices found in an analog svstem — such as
analog-to-digital (A D) and digital-to-analog (D A) converters,
clock generators. or other components that accomplish tasks unique
to the digital environment.

Here is a guide to some of the most common 1y pes of routing
and connecting products. The variety and number of such prod-
ucts needed are different at virtually every facility. depending on
routing and distribution requirements and the capabilities ot other
major system components (such as a digital console with built-in
clocking or A/ conversion)

A/D and D/A Converters

Given the reality that most stations will make a gradual tran-
sition to digital equipment over a number of vears. making exist
ing analog equipment work seamlessly with new digital components
is essential. Analog-to-digital and digital-1o-analog converters are
the bridge between the digital world of ones and seros and the
world of the analog sine wave. Because difterent digital compo-
nents operate at difterent standard sample rates. it is important that
the converter be able to match the sample rate of the digital com-
ponent to which it is connected. Converters can be purchased with
either 110 ohm or 75 ohm connectors (or both).

9

The Harris DA 1600.8 analog dis-
tribution amplifier features four
inputs and 16 outputs. A level
meter for each input assists
users in setting optimum operat-
ing levels. Each of the 16 out-
puts has a front-panel volume
adjustment potentiometer.

HARRIS
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DIGITAL ROUTING AND CONNECTING PRODUCTS

The Harris HDDA digital audio
distribution amplifier has one
input and six outputs. It is
available in both 110 ohm and
75 ohm configurations. The
HDDA features cable equaliza-
tion, data reclocking, and signal
error detection.

The Harris HDAS digital switch
may be used as a pre-selector or
a source selector for any type of
AES/EBU equipment. Users can
select input via illuminating
front-panel pushbuttons or from
an optional remotely located
control panel.

| HARRIS
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Impedance Converters

A common connectivity problem at many facilities is making
110 ohm and 75 ohm equipment or cables work together. There are
a variety of in-line and rack-mounted impedance converters de-
signed to match balanced 110 ohm and unbalanced 75 ohm sys-
tem components.

Digital Audio Switches

Digital Audio Switches allow se-
lection among multiple digital audio
inputs for connection to a common out-
put. Selection can be made by front
panel controls, and on some models,
by means of a remotely located control panel.

Digital Audio Monitors

Digital Audio Monitors allow technical staff to monitor the
level and quality of audio signal at key points in the audio distri-
bution system. Monitors may include headphone or speaker con-
nections, in addition to indicator lights and audio level meters.
Some monitors include features, such as phase monitoring, user-
selectable over-range threshold settings. and alarm systems to alert
operators to audio problems.

Distribution Amplifiers

As in analog signals, long cable runs or signal splitting in a
digital distribution system decreases signal strength. Digital dis-
tribution amplifiers boost a weak signal back to specified levels.
Because the signal is digital, the amplified signal is an exact copy
of the original, without the added noise that is typical when a weak
analog signal is amplified. Distribution amplifiers also re-clock
digital signals and perform error de-

distribution amplifier can trigger an
external alarm.

Routers

Routers make it possible to con-
trol “many-to-many™ equipment and signal path decisions without
the need to reroute cables or re-plug patch panels physically. Rout-
ing systems can be configured to control both digital and analog
audio and can be purchased with different routing capacities. Some
routing systems are designed to be expandable by means of adding

tection. When an error is detected, the |



cards to available slots in the router chas-
sis or combining several routers into a
single system.

Clock Generators

AES3 digital signaling consists ol
a serial stream of data frames or “words.”
When switching from one audio source
to another. there will be audible glitch-
¢es if the starting points of the digital
words in both streams are not perfectly
synchronized. A broadcast facility can
avoid audible pops and clicks when
switching audio by installing a master
clock and configuring all audio equip-
ment to use the master clock as a com-
mon time reference.

© FRosoME
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frames, such as the Harris FR880
MB, are designed to fit easily
into a rack for use in housing
several different types of cards.

ij\Rl?lS|

‘41






) DIGITAL RADIO

Controllability

of Routing

outing a digital svstem is very much like routing an analog

system. You have to create a system that can connect many

audio components in different and flexible configurations.
and vou then need a way to select routing changes. When a system
is very small. as in a home stereo svsien.
1U's reasonably easy to replug wires phys-
ically from one component to another when
you want to change your system conligu-
ration. But as the number of components
and the number of possible routing con-
figurations increase. it quickly becomes
impractical to reroute wires around a room
or an entire facility. For vears. the way to
tame what would otherwise be an unman-
ageable jumble of wires has been to route
equipment through patch panels.

L N N N R I}

Patch Panels

Patch panels make order out of chaos
by bringing audio from many different
sources and routes to many possible des-
tinations through a central location. An
operator can quickly and easily reconfig- L
ure routing by simply re-plugging jumpers
in carefully labeled. rack-mounted panels

Digital routing systems can also use patch panels. However.
unlike an analog svstem. in a digital system. the act ot inserting a e e, R
patch plug to make a new audio connection will cause a momentary sor-controlled audio switching
audible click or pop in the audio as the digital AES3 signal re-clocks
10 the start of the next 32-bit data word. Depending on programming broadcast facilities. It can route
format or the number of times it's necessary to repatch equipment, up to 256 inputs and 256 out-
one station may find an occasional audible glitch acceptable. while puts. and can be configured to
another might find it 1o be an major annoyance. See “Console Tim-
ing Issues™ p. 29 tor additional information of data clocking.

Sierra Automated Systems’ SAS
64000 audio routing system is a

system designed for large-scale
operations in professional

operate as a mono, stereo, or
mixed mono/stereo system.

HARRIS
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CONTROLLABILITY OF ROUTING

The Harris VIA32 digital router
{top photo) controls up to 32 in-
puts and outputs. Users ¢an ¢re-
ate multi-level systems by
combining with other routers.

Harris XPress series stereo audio
routing switchers (bottom
photo) provide monitor switch-
ing for analog stereo audio sig-
nals. Four outputs are provided
so that distribution amplifiers
are not required at the output of
the switcher.

Routers

With digital signaling, broad-
casters have another choice in rout-
ing hardware: digital routers. A
digital router performs the same
function as a patch panel. It allows
an operator to patch many possible
sources to many possible outputs. A
router can be relatively small, per-
mitting connection of a handful of
devices to several possible audio
routes. Or a large routing system can
permit the patching of hundreds of
sources with hundreds of outputs —
the equivalent of a large rack of patch panels. Unlike a patch panel,
however, the router is controlled by software. An operator at a cen-
tral location can make routing selections without having to go to
the location of a patch panel and reconfigure jumper selections.
Some router software can also be programmed to schedule and au-
tomate routine switching events.

A routing system can be either asynchronous or synchronous.
An asynchronous system gives a facility software-driven routing
control. But like a patch panel, an asynchronous router will intro-
duce an audible glitch as the new AES3 audio source enters the
broadcast audio chain. And as with a patch panel, some stations
may find this audible glitch acceptable and others may not. In a
synchronous routing system, all equipment in the audio chain is
synchronized to a common reference clock generator. Because dig-
ital signals from all components in the system share a common time
reference, when you switch audio sources, the first data word from
the new source is exactly synchronized to begin after the last dig-
ital word of the former audio source. Thus, the new digital signal
flows perfectly into the audio stream without an audible glitch.




POTS vs. ISDN

hen you are planning a remote broadcast. you have two
l telephone alternatives available to link your remote site
_ 1o vour studio. You can use either POTS (Plain Old Tele-
[ phone System) or ISDN (Integrated Services Digital Network) in
conjunction with an appropriate codec ("coder decoder™). There are
[ advantages and disadvantages to each approach.
POTS codecs give you the adaptability 1o
establish a remote site in a hurry — virtually
anywhere a standard phone line is available.
There are some performance tradeofts.
| however. when you compare POTS 1o
[SDN. While POTS codecs can often
deliver audio comparable to an ISDN
connection. the quality of the POTS
telephone line can sometimes aftect
performance. Outside influences on telephone
lines. such as noise and crosstalk. can cause the
modems in POTS codecs to fail during a
broadcast. producing several seconds
of muted audio while the modems
reestablish the link. Also. make sure
you have a landline POTS connection
available at your remote site — a POTS
codec won't work with a cellular phone
because cellular connections do not provide a sufficient synchro-
nous data throughput.

For tixed studio locations. ISDN is the best choice for pro-
gram delivery. And for remote broadcasts where you will need to
be on the air solid for hours or where there 1s a lot of money rid-
ing on the success of your broadcast. make ISDN your first choice
it at all possible. It ISDN is available to your remote site. can be
installed in time, and isn’t cost-prohibitive, 1t will give vou the
highest possible assurance of a consistent. high-quality audio link.
On the other hand. for a spur-of-the moment road trip. a POTS
codec can be a valuable asset that will get you on the air quickly
and eastly.

Comrex’s HotLine POTS codec
combines a high-speed modem
and a digital audio codec to deliv-

er up to 10 kHz audio over a stan-

dard dial-up telephone line.

The Comrex Nexus ISON codec de-
livers up to 15 kHz bidirectional
audio on an ISDN telephone line.

ISDN POTS

ADVANTAGES

ISON

* BEST QUALITY AUDIO

* CONSISTENT PERFORMANCE
POTS.

* FLEXIBLE, EASY TO USE

* LESS EXPENSIVE PHONE SERVICE

DISADVANTAGES
ISDN

* MORE COMPLICATED TO SET UP

* MORE EXPENSIVE PHONE SERVICE

POTS

* MAY NOT BE AVAILABLE
EVERYWHERE

* PERFORMANCE DEPENDS ON
LINE QUALITY

HARRIS
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-Premise
Extensions

station may want to establish an audio link between a

studio and an off-premise site for a number of reasons

A broadcaster who needs to connect two (or several) fa-
cilities for daily or frequent exchange of live or recorded audio
will want the security and reliability of an owned or leased dedi-
cated connection. For most stations. this will mean leasing a T
circuit (although if proximity and right-of-way issues permit. a
fiber optic or microwave link might also be an option). When the
need is to report breaking news. to cover a sports event. or to es-
tablish a temporary link for whatever reason. using the existing
telephone facilities at the remote site can be a practical way to con-
nect to the studio.

\ station looking 1o establish a temporary link can connect
through the telephone hines that are already present at the remote
site by using a POTS (Plain Old Telephone System) codec. Tow-
cver. to avoid communication problems. it is important first to
understand a bit about the off-premise site’s
telephone system before plugging in
a codec. A broadcaster who wants
10 establish a permanent connec-
tion between facilities needs to
understand the basics of ordering
and implementing a T1 connection.
So. whether looking for a tempo-
rary or permanent audio connection. it is useful to know
a bitabout PBX (private branch exchange) telephone systems
and T1 circuits.

The Operation of the PBX

There are two sections to the modern PBX: the trunk side (out-
side lines) and the station side (inside lines). The PBX makes
station-to-trunk connections. station-to-station connections. and
in some cases. trunk-to-trunk connections. depending on the
nature of the call.

The options available on any PBX. as well as the procedures
for programming it. will vary depending on the manufacturer.

The Harris/Intraplex STL PLUS,
when equipped with the OPX
(Off-Premise Extension) option
package lets you connect a tele-
phone at the transmitter site to
the PBX at the studio, just as if
it were a local extension.

HARRIS |
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~ OFF-PREMISE EXTENSIONS

Tips for Using a POTS Codec

| HARRIS

* BRING A STANDARD ANALOG TELEPHONE WITH YOU AND USE IT TO TEST A PHONE LINE BEFORE
HOOKING UP YOUR CODEC. IF YOU GET A DIAL TONE AND CAN DIAL OUT, YOUR POTS CODEC
SHOULD WORK.

* USE AN UNINTERRUPTIBLE POWER SUPPLY (UPS) ON YOUR AC FEED AT REMOTES TO PROVIDE
SURGE PROTECTION AND GIVE YOU A BATTERY BACKUP.

* POTS (AND ISDN) CODECS ARE COMPLETELY TWO-WAY, SO USE INTERRUPTIBLE FOLD BACK (IFB) IN
THE RETURN FEED TO REMOTES. A PUSH-BUTTON CONTROLLED RELAY CAN INSERT THE STUDIO OP-
ERATOR’S VOICE INTO THE STUDIO CODEC RETURN AUDIO, ALLOWING COMMUNICATIONS WITH
THE REMOTE SITE WITHOUT THE NEED OF AN EXTRA PHONE LINE.

48'

On most systems. a person makes a station-to-station (internal call)
by lifting the receiver and dialing a three- or four-digit extension.
To make an outside call. you must typically tirst dial a »9." which
signals the PBX 10 select an available outside trunk line. The call
then routes to the local telephone company central oftice (C.0.).
which in turn routes the call to its destination.

However. if many of your communications are between two
fixed locations — your Chicago and your Springtield tacilities.
for example — vou quickly reach a point where a leased T1 cir-
cuit becomes much more cost-effective than many toll calls rout-
ed through the telephone C.O.

With a PBX at each end. you can sct up an off-premise ex-
tenston (OPX). a type of circuit that enables two or more facilities
connected by a T! circuit to make telephone connections as if every-
one were at the same location. A user in your Chicago facility can
pick up a phone. dial a three- or four- digit extension. and con-
nect to someone in your Springfield facility as if they were just
down the hall. Because yvou are already leasing the T1. there is no
additional telephone charge for what would otherwise be a long-
distance call.

[n addition to reducing telephone expenses. a T1 brings ben-
efits of particular interest to broadcasters. A broadcaster who is
already leasing a number of analog lines to send radio program-
ming will be able to combine the traffic of many existing phone
lines. reducing monthly telephone costs and gaining improved audio
quality as well. Computers can also network via the T1 to exchange
accounting. air-time billing. and e-mail between facilities.

I

|
|

|
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Some PBXs can also handle trunk-to-trunk connections. |
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making it possible to use your T1 and the local telephone lines at
your remote facility to bypass long-distance telephone charges.
Users dial a distinctive digit. such as “8." to tell the PBX to select
the T1. rather than the telephone central oftice. The T1 carries vour
call to the remote site and then the PBX at the remote site patch-
es the call to a local trunk line and sends it through the telephone
system as a local call.

Using a Codec with a PBX

A POTS codec is a handy tool for establishing an audio hookup
from a remote site back to your studio. A POTS codec contains
both a codec (coder decoder) and a modem. Using standard tele-
phone jacks. you can easily hook up your codec. dial your studio.
and have a broadcast-quality audio connection.

But before grabbing a codec and hitting the road for a live
broadcast, plan for the possibility — the probability — that the re-
mote site will have a PBX phone system and that the PBX will be
incompatible with your codec. Digital PBX systems can present
problems for a codec’s high-speed modem. Also, many electronic
phone systems have voltages and currents that are very different
from those on a telephone company line. Some can even damage
the modem in a POTS codec (or a laptop computer). You can’t as-
sume that it’s safe to plug in a modem just because a phone sys-
tem has a modular telephone jack.

Asarule of thumb, it is best to avoid using POTS codecs over
in-house phone systems. Fortunately. these davs, there is rarely a
problem tinding lines at most facilities that bypass the PBX. Fax
lines and dial-up computer modem lines are typically routed past
the PBX to a telephone company analog line. If possible, try to
borrow the use of a modem or fax line. or ask if a member of the
facility s technical statf can jumper an analog line for you direct-
ly from their telephone switch room.

Ordering
aTl
Circuit for
Broadcast
Use

« Before calling your telephone
company to order a T1 line, you
need to gather information to
describe your requirements.

« If the person you reach at the
telephone company is not famil-
iar with T1, ask to speak to
someone who handles digital
data circuits. Don't give up; this
may take a few calls.

¢ When you reach the right per-
son, tell them you want a quote
for T1 service between two loca-
tions. Be prepared to give them
the address and telephone ex-
change for each site.

« T1 circuits are available with two
types of framing, ESF and SF (SF
15 also called D4), and two types
of line coding, B8Zs and AM|
Specify that, if possible, you
want a circuit using ESF framing
and B8ZS line coding. Many mul-
tiplexers can run on any T1 cir-
cuit, but those using ESF and
B8ZS are preferable.

« Ask the salesperson whether
CSUs (Channel Service Units) are
required for connection to the
T1line. They usually are, in
which case you will need two
CSUs, one for each end of the
line. The phone company may
provide these; if not, you can
purchase them from your equip
ment vendor.

* You should expect to find a one-
time installation charge and a
monthly service charge in the
quotation. The monthly charge
is based on providing service to
the two ends of the circuit, plus
a mileage charge between the
two sites.

¢ In many areas, you can get
competitive bids from alter-
nate carriers, such as MCj and
Sprint, as well as your local
phone company.

HARRIS
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Digital T1 STL

For My Station?

hile there are many reasons to consider moving to a digi-
tal TI STL for vour radio station. most stations that make
the move are motivated by either necessity or cost.

Necessity: 7I'm losing line-of-sight to my tower — what are
my options””

To survive in today s radio market. radio stations must be able o
adapt to constantly changing conditions. Sometimes, these changes
mean that a station no longer has a direct line of sight 10 its transmit-
ter. This can happen when a station moves its studios or when a new
building goes up that obstructs its view of the ransmitting tower.

Without line of sight. a microwave radio STL won't work. One
alternative 1s 1o lease one or more high-fidelity analog telephone lines.
A much better alternative is to lease digital 1 lines. Used with T mul-
tiplexers. T1 digital circuits provide higher fidelity audio than equal-
ized analog lines. can carry multiple channels within a single circuit,
and. in manv cases, cost less than analog solutions

Cost: I'm leasing two (or three. or more) analog lines now. Can
T1 save me monev”™

Many stations have a need for
multiple channels between the stu-
dio and the transmitter site. These
channels might include

+ Dual STLs. when one trans-

mitter site serves both AM
and FM transmissions

« Satellite feeds from the wansmitter site back to the studio

+ Remote Pick-Ups (RPU) from the transmitter site back to

the studio

+ Otf-premise extension phone lines at the transmitter site

+ Control lines and other data channels

\ 900 MHy radio link can’t handle this variety of channels. and
asingle T1 line 1s more economical than leasing multiple analog lines
in these situations.

The Harris/Intraplex STL PLUS is a
fully integrated STL system
designed to transmit broadcast-
quality stereo audio over T1 lines
with no digital compression.

HARRIS |
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DIGITAL T1 STL FOR MY STATION?

Leased Line Alternatives — Analog vs. Digital

Local telephone companies have traditionally provided analog serv-
ices for use by radio stations. While analog services may still be avail-
able, there are many reasons today to seek a digital alternative:

* Telephone companies are moving toward an all-digital

network and no longer promote their analog offerings.

+ As fewer technicians are trained in analog system mainte-
nance, prices for these circuits are under constant pressure
to increase.

» Digital circuits offer better transmission accuracy than analog
circuits. Over distance, analog signals must be amplified, and

There are several ways to noise is amplified along with the audio signal. Digital circuits
ORI AIE are not amplified but regenerated. eliminating any noise
transmitter. A T1 digital circuit de- icked GhrneLh . .

livers high-quality, two-way picked up u.rm.&t € previous stage. . . o
audio, and will work even where Also, when noise is present on an analog carrier signal, it directly
e et sioht affects the signal-to-noise ratio (SNR) of the audio signal being car-

path needed for a microwave link
or 950 MHz link.

ried. But when noise is present on a digital line, there is virtually no
effect unless the noise level
becomes so great as to disrupt the
signal completely. The result: the
highest level of SNR under all cir-
cumstances.

Digital circuits available
from the telephone company in-
clude TI. 56 kilobit digital data
service (DDS). and. in some
areas, fractional T1. DDS serv-
ice does not have sufficient band-
width to transmit quality audio.
even with today’s compression al-
gorithms. T1 and fractional T1
can both be used for full fidelity
15 kHz stereo, and full TI can do
this without the need for digital
compression. ISDN digital lines
are now available in most areas.
ISDN can be an excellent choice
for remote broadcasts, but ISDN's
per-minute costs and smaller
bandwidth than T1 makes it im-
practical for use as a station’s pri-
mary STL.

| HARRIS
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T1 for Radio Broadcasters

A growing number of radio stations use T1 today tor audio
| transmission. T1 technology is important to radio stations for the fol-
lowing reasons:

+ Tl is digital. providing a cleaner signal than analog and com-
patibility with new digital broadcast equipment.

+ T1 is available everywhere and can operate over any distance.

+ T1 is more cost-ettective than analog. especially when carry-
ing capacities are compared. T prices continue to drop while
analog prices rise.

* Tl s reliable. The average annual downtime of a T1 circuit is
negligible and constantly improving.

+ Tl is flexible. Any information can be combined and trans-
mitted over the T1 circuit

« T1 1s full duplex (transmits and receives in both directions).

| For the radio station. this means one T1 line can be used tor STL..
TSL. RPU. satellite downhaul. voice channels, and equipment moni-
loring circuits.

Duopolies and LMAs

Many radio stations are combining 10 improve cost effective-
ness. and T1 is an important part of the economics of duopolies and
local marketing agreements (I MAs). Many operations connect two
radio stations with a TI line and generate programming services
from a single site. saving thousands of dollars in personnel and oper-
ating costs.

Radio stations that are joined by
common ownership or other busi-
ness relationships can share live
or archived programming via
leased T1 circuits.

MHARRIS |
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Using ISDN for
Backing Up
Your STL

‘ roadcasters frequently want the security of backup circuits

on their critical audio paths, such as STLs. satellite down-
| links. and network feeds. But backup can be expensive
setting up redundant audio links can double the cost of transmis-
ston systems. An ISDN codec offers a simple. straightforward way
to back up studio-to-transmitter links and other critical audio paths
at minimal cost.

Dial-up [SDN circuits provide an
| ideal aliernative for critical path back-
up. They are relatively inexpensive to
install. readily available in most areas.
{ and once installed. carry only a low
| monthly charge plus billing for actu-
al usage. Used in conjunction with
[SDN codecs. a loss-of-signal sensor.
and an audio switch. the ISDN line can
assure that vour broadcast will remain on the air even if vou lose
your primary studio-to-transmitter link.

The Harris/Intraplex OutBack
{bottom) ISDN codec and the
Silence Monitor (top) made by

' Implementing Automatic STL Backup Broadeast Tools can be combined
A to create a reliable backup for a

W lth | S D N station’s STL. An absence of audio
will close a relay in the Silence

Backing up an STL requires two codecs. one at the studio and Monitor and switch the audio

. d . feed to a backup link via the

! one at the transmitter site. At the studio. connect the codec 10 a source OutBack codec and ISDN line.

of program audio and to the
ISDN line, and press the net-
work connect button (or sim-
tlar function provided by the
codec’s manutacturer). This
codec will remain in standby
mode. permanently ready to
accept an incoming call from
its counterpart at the trans-
mitter

| HARRIS |
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USING ISDN FOR BACKING UP YOUR STL

-
=N

Digital transmission circuits are
inherently more reliable than
analog. However, occasional

are unavoidable. The
Harris/Intraplex STL PLUS uses
digital signal processing to
detect and correct bit errors
as they occur.

codec to the airchain.

HARRIS
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At the transmitter site, connect the codec to the ISDN line and
G IC TOH LGS program a call profile with the ISDN phone number and audio pa-
rameters of the codec at the studio. Connect the audio outputs from
both the codec and the primary STL to an audio switcher with
two sterco inputs and one stereo output (such as the Broadcast
Tools Model 2x1 or equivalent). To detect primary STL failure au-
tomatically, use a loss-of-audio monitor (such as the Broadcast
Tools Silence Monitor or equivalent). Alternatively, you may use
STL alarm contacts or squelch contacts.

Once your backup equipment is installed, failure of the STL
will send a switch closure to the codec at the transmitter site, caus-
ing it to dial a call to the studio and bring in replacement audio.
The audio switcher then routes the replacement audio from the
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irect File Transfer

he ability to manipulate, edit. and transport audio program-
ming as dignal files can greatly enhance efficiency and pro-
ductivity in a broadcast organization. Once audio content 1s
created or imported into the digital system. there is real advantage
in keeping it digital throughout the rest of the production and broad-
cast process. Producers can edit programming on digital audio work-
stations (DAWSs). store audio content on digital hard disk systems,
and transter program content to other digital media. such as DAT
or minidisc. as needed to meet a station’s operational requirements.
A key to getting the maximum efficicney from a digital audio
system is to assure that direct file transfer is possible between DAW's
and hard disk systems. Any digital workstation will be able to com-
municate with any manutacturer’s hard disk system by means of an
AES3 connection, but AES3 is not the most etficient way to move
audio files from one place to another. An AES3 digital signal is a
stream of digital words running in real ime. Transporting five min-
utes of programming takes five minutes via an AES3 connection.
Direct file transfer is different. In a direet file transfer. you
transport the entire dig-
ital file without opening
it — just as you would
send a file from one PC
to another on a local area
network. Although a file
might contain five min-
utes of audio. you can
send the file at the
fastest rate the data connection permits, reducing the transfer time
1o perhaps a minute or less. As with other computer files. you are
not limited to transfers between devices at your own location. You
can move files between remote facilities via a wide area computer
network. or vou can use the Internet 10 send and receive files any-
where in the world. Data formats are often not compatible betw een
DAWs and hard disk svstems made by different manufacturers.
So check with manufacturers and confirm that all equipment uses
compatible direct file transfer formats before making a purchase.

favaqaaand

Using direct file transfer, produc-
tion staff can send audio files to

workstations across the room,
across town, or across the world.
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enefits of an

lI-Digital Path

roadcasters have added a growing number of digital com-
ponents to their editing rooms and on-air studios in recent
vears. Today. there are also several ways to create a digital
studio-to-transmitter link (STL). making it possible for a station
to implement a digital path from the sourcc equipment in the stu-
dio all the way to the transmitter site. An all-digital airchain makes
future over-the-air digital broadcasts possible. Equally important.
it can deliver superior noise rejection and error correction capa-
bilities compared with an analog svstem. Many broadeasters will
realize cost savings by replacing leased telephone lines with a dig-
ital RF Tink or consolidating several analog telephone lines onto a
single dignal telephone connection
The various tyvpes of digital studio-to-transmitter links are dis-
cussed in detail elsewhere in this Kev o Digital Radio. The types
of links include:
+ Digital 950 MHz Radio Links:
Until recently, the narrow
bandwidth of 950 MH/ radio chan-
nels required broadecasters to com-
press digital audio. a practice which
can add noise to a signal if it is
compressed and decompressed sev-
eral times. Now. thanks to newer
generation cquipment, it is possi-
ble to send digital audio uncom-
pressed via an RF link.
* T1 Telephone Circuits:
Because T! has high bandwidth and can carry signal simul-
tancously in both directions (full-duplex). it can carry uncom-
pressed digital audio and still have additional capacity for other
signaling. such as control lines. satellite feeds. and remote pick-
ups. Although broadcasters using T1 will incur monthly lease
charges. itis an ideal solution where lack of a linc-of-sight path
makes an RF STL impossible

Digital Signal Processor (DSP)
synthesis of stereo in the Harris
DIGIT CD digital FM exciter
provides perfect stereo, without
the signal degradation resulting
from the amplitude and phase
limitations of analog baseband.

HARRIS
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BENEFITS OF AN ALL-DIGITAL PATH

The Harris CD LINK™ provides an
ical way to impl itan
uncompressed AES3 digital stu-

dio-to-transmitter link using stan-

dard 300 kHz RF channels on the
950 MHz STL band.

60|

* Spread Spectrum RF:

Like a 950 MHz link, a spread
spectrum STL can connect a studio
and its transmitter without need for
fixed land lines. Spread spectrum
delivers the bandwidth and full-du-
plex operation of a T! link over a
line-of-sight path at distances up to
30 miles. Spread spectrum systems
for broadcast use operate in the 2.4
GHz frequency range and do not need an FCC license.

* Fiber-optic Cable:

A fiber-optic link is a possibility for stations that have right-
of-way for the cable run between their studio and their transmit-
ter. In some areas, it may be possible to lease a fiber-optic link
from a telephone or cable company. For long runs, fiber-optic is
typically much more expensive than an RF link.
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Composite Studio-

to-Transmitter

Links

oday. many broadcasters are moving to digital studio-to-trans-

mitter links for improved sound quality — a digital STL

can sound better than even the best analog system. Broad-
casters are also motivated by the operational benefits and pro-
gramming (lexibility of a completely digital airchain trom their
studio to their transmitter.

When upgrading from an analog STL. a station must first se-
lect among three available digital technologies: 900 MHz radio
links. spread-spectrum radio links. and T1 digital line links. For
many stations. lack of a line-of-sight path to the transmitter or lack
of available frequencies makes T1 the logical choice. Others may
be motivated by cost considerations. A single leased T1 line can
replace multiple analog lines at lower cost.

But  whatever a
broadcaster’s reasons for
selecting T1. before in-
stalling a system. it will
be necessary to make one
turther choice. There are
two ways to adapt T1 for
use as a broadcast STL. Digital TI STL systems can be designed
either to transmit discrete left- and right-channel sterco, or to trans-
mit a composite stereo signal.

In a discrete transmission system, the sterco generator is locat-
ed at the transmitter site. while a composite transmission system places
the stereo generator at the studio.

There are sometimes good reasons for having the stereo gen-
erator in the studio. For example. many manufacturers combine an

The Harris Aurora™ spread-spec-

trum digital radio offers Tt wire-
less service for line-of-sight
distances up to 30 miles.

Aurora radios operate in the

2.4 and 5.8 GHz bands.

HARRIS |
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DISCRETE VS. COMPOSITE STUDIO-TO-TRANSMITTER LINKS

Harris CD LINK™ sends uncom-
pressed digital audio over con-
ventional 950 MHz 5TL
frequencies. Because the audio is
uncompressed, stations have the
flexibility of locating their audio
processing at either the studio or
transmitter end of the data link.

audio signal processor and stereo generator in the same chassis,
and the broadcast engineer may wish to make frequent adjustments
to the audio processor.

However, a composite digital STL system can introduce com-
promises in four important arcas:

* Dynamic Range and Signal-to-Noise Ratio
* System Headroom
* Sterco Separation
+ Channel Capacity

Let’s take a look at why this happens.

Dynamic Range and Signal-to-Noise Ratio

Analog-to-digital conversion requires a sampling frequency at
least twice as high as the analog bandwidth. Digitizing a radio pro-
gram signal whose highest frequency is 15 kHz requires at least
30.000 samples per second. In actual practice. 15 kHz audio is gen-
erally sampled 32,000 times per second. And to maintain CD-qual-
ity audio. each sample must be at least 16 bits.

Using 16-bit coding, a composite sterco signal would have to
run at 1.792 Mbps. The problem is T1 circuits run at 1.54 Mbps, with
a payload capacity of 1.536 Mbps, so it cannot transport a 1.792 Mbps
signal. To get composite stereo onto a T1 line, the sampling resolu-
tion must be reduced from 16 bits to 13 bits or less, which results in
a worsc signal-to-noisc ratio and a decrease in dynamic range.

System Headroom

Digital audio encoders have a limited amount of headroom on
their analog audio inputs. Any signals above the maximum head-
room level must be sharply limited to prevent overmodulation and
severe distortion.

On a composite system,
when both channels have high
peaks at the same moment (a
common occurrence), the sig-
nal needs more limiting than
cither channel of the same
audio on a discrete system. The
result is an even further de-
crease (of up to 6 dB) in the ef-
fective dynamic range of the
composite system compared to
a discrete system.
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Stereo Separation

No audio transmission system has an absolutelv tlat frequency
response. The variation over the analog audio bandwidth is typi-
cally something like £0.5 dB. meaning that the transmission sys-
tem could create as much as a £1.0 dB error in relative levels
between the lower frequencies and the higher frequencies.

On a broadcast
audio signal sent 1o
the transmitter using
either an analog STL
or a discrete digital
STL. one decibel of
difference is barely
pereeptible to the lis-
tener. In fact, a deci-
bel is. by definition.
the smallest difference in loudness that the human ear can detect.

However. when the analog audio is converted to composite
stereo before digital encoding. even one decibel of variation between
these components on the STL link makes a big difference in stereo
separation when they are assembled at the listener’s radio receiver.
The reason lies in the way the receiver uses these two signals 1o re-
constitute the original left and right channels. Discrete transmission
has no such potential effect on stereo separation. because the sterco
generator is located at the transmitter, after the digital STL Jink.

Channel Capacity

One of the advantages to a broadcaster in using a T1 digital
STL is its ability to carry several signals simultancously. Subsidiary
communications channels, transmitter remote controls, data. and
voice can all be combined with the broadcast audio signal for trans-
mission on a single T1 circuit. And the duplex nature of T lets
vou use the same svstem in two directions for both studio-to-trans-
mitter and transmitter-to-studio links.

The payload portion of a T1 circuit consists of 24 64 kbps chan-
nels called time slots, for a total of 1.536 Mbps (24 x 64 = 1536).
The discrete STL approach using 16-bit lincar coding produces a 1.024
Mbps signal. Lyven after adding some overhead for error mitigation.
the discrete sterco occupies only three-quarters of the payload ca-
pacity of the T1 circuit. This leaves one-fourth of the T1. or six ime
slots. available for other STL or bidirectional channels

\s noted above.a T1 can’t carry composite sterco at a full 16-
| bitsample rate. Even when sample rates are reduced (with conse-

The Harris/Intraplex STL PLUS
connects directly to a T1 line,
making an uncompressed
studio-to-transmitter link possi-
ble even where lack of a tine-of-
sight path prevents use of an RF
or spread-spectrum link.

HARRIS
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DISCRETE VS. COMPOSITE STUDIO-TO-TRANSMITTER LINKS l
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quent audio degradation), a composite system will still have less
bandwidth available for other uses than a discrete system. If sam-
ple size in a composite system is reduced to 13 bits, the T1 will have
only one time slot available for other uses. Cutting the sample size
to 12 bits will free a total of three time slots for other uses — still
only half the number of slots available on a discrete stereo system.

The bottom line is that by choosing a composite stereo T1 sys-
tem, a station can locate its stereo generator at the studio. For opera-
tional requirements or for reasons of compatibility with existing
equipment, this may be the right choice for some stations. For many
stations, however, the higher audio quality and the additional channel
capacity of a discrete stereo T1 make it the ideal choice.

J

|




roadcast

) DIGITAL RADIO

plications of
pread Spectrum
and T1 Technolog

pread spectrum technology. originally used by the military.

is now used in many commercial applications such as point-

to-point wireless communications. When operating under
Part 47 Section 15.247 of the FCC Rules and Regulations. licens-
ing is not required. making implementation of spread spectrum
systems simple and cost-effective.

AM and FM broadcasters have used wired T1 STL TSL svs-
tems since 1980. Many broadcasters choose T1 over a 950 Mllz
STL because T1 1s bidirectional and can transport larger amounts
of data including uncompressed AES3 audio. Spread spectrum
technology can deliver the benefits of'a Tl connection via a wire-
less radio link in the 2.4GHz range. making it an attractive option
tor broadcasters who want to bypass T1 toll charges or who are in
areas where the 950 MHz
band 1s congested.

Regulatory Issues
Before 1985, spread
spectrum use was hmited al-
most entirely to the military and the industrial. scientific and med-
ical (ISM) services. In 1985, the FCC modified the rules to permit
commercial use of spread spectrum techniques. Today. spread spec-
trum 1s used tor personal communication systems (PCS). personal
communication networks (PCN). wide area networks (WAN). local
area networks (LAN), and unlicensed point-to-point radio links
Regulations vary widely from one country to another. FCC
rules govern the use of 2.4 GHz spread spectrum in the United
States. If implementing a spread spectrum system outside the Unit-

Harris Aurora spread-spectrum

radio operates in the industrial,
scientific, and medical {ISM) radio
service. Aurora can be used for a
point-to-point STL without the
need for frequency coordination
or FCC licensing.

HARRIS |
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'SPREAD SPECTRUM AND T1 TECHNOLOGY

Enco’s DAD)p 32 Digital Audio
Delivery System can be config-

ured for either stand-alone use or
can be networked with other
DAD systems via a local area or
wide area network.

ed States. it 1s important to investigate the local regulations relat-
ed 10 2.4 GHz radio emissions.

Spread Spectrum Primer

Spread spectrum difters from tamiliar types of modulation
such as AM or FM. As the name suggests. spread spectrum spreads
data and power density over a
wide bandwidth and then de-
spreads 1t in a spread spectrum re-
ceiver.

Spread spectrum systems
must satisty at least two technical
specifications. First. the total oc-
cupied bandwidth must be wider
than the bandwidth of the infor-
mation being transmitted. Second.
some type of coding data must be
added to the information data
Many spread spectrum systems use special pseudo-random noise
(PN) codes 1o spread the transmitted signal. The length of these
codes will ultimately determine the final bandwidth of the signal
Commercial spread spectrum systems use bandwidths [0 to 100
times the bandwidth of the information being delivered. Military
systems often use spectrum bandwidths from 1.000 to 1.000.000
times the information bandswidth.

A spread spectrum receiver de-spreads the received signal
using a locally generated replica PN code and a receiver correla-
tor to retrieve only the desired coded information from the signal

Advantages of Spread Spectrum

» Spread spectrum techniques have a proven track record as reliable and secure methods of
transporting digital data in the U.S. military for the past 50+ years.

* Spread spectrum radios operating in the 2.4 GHz band can implement dedicated point-to-
point links of up to 30 miles line of sight and do not require FCC licensing.

e Spread spectrum radios can transport T1 data and are compatible with current

T1 STU/TSL systems.

¢ Spread spectrum radios coupled with T1-based STL/TSL systems can replace T1 line leases or
can back up to an existing T1 system.

* Spread spectrum radios are capable of other dedicated connections, such as LAN/WAN,
or temporary installations, such as remote broadcasts, where line of sight or near line
of site links are possible.

MIS
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The correlator filters out unwanted noise or inter-
ference. Most commercial spread spectrum radios
have several different code sequences to select from
to ensure that transmitters will only reach receivers
using an identical code sequence

\ spread spectrum svstem’s ability to reject
or resist interference and jamming 1s one of its at-
tractive features. Spread spectrum’s low -power den-
sity aids in preventing interference with narrow-band
radio systems. Also. the despreading process in
spread spectrum receivers rejects interference from
narrow-hand signals.

Combining Spread Spectrum
and T1

Many broadcasters use T1 phone lines for
STL TSL links. If a line-of-sight path (up to 30

| DIGITAL RADIO

miles) is availablc. these T1 based STLs mav be coupled 10 2.4 By networking digital audio
GHz spread spectrum radios. Many stations mav be able 1o real- pratksiation=tsuchiasithelOrban
ize cost savings by installing a spread spectrum syvstem. Depend P A
p A SRS =R ¢ N g4 .bp ¢ peL S L' L distribute workloads and
ing on hardware and configuration requirements. a station may see share audio files among
areturn on mvestment of three to five years by substituting a spread manvifacilities

spectrum svstem for a leased T1 hink

Another application of 2.4 GHz spread spectrum radios is for
dedicated LAN WAN connections between two intercity studio
sites or offices. A few stations are using this configuration to allow
the transfer of hard disk-based digital audio data. as well as trat-
fic. billing and payroll information between co-owned stations.
Spread spectrum is ideal for this application due to the secure na-
ture of the signal. It is very difficult to intercept spread spectrum
due to the wide bandwidth. Tow RF power level. and coding tech-
niques. [tis also possible to use spread spectrum for remote broad-
casts. where a line-of-sight path or near-line-of-sight path is

available. opening new opportunities for remote broadeasting.

HARRIS
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igital Remote
rucks

{"your station does frequent remote digital broadcasts for pro-

motional events. news reporting, or sports events. a remote truck

will assure the best possible production and broadcast reliabil-
ity and may save hours of set-up time with every broadcast. Ve-
hicles equipped with RF and telephone STL systems. and ISDN
and POTS codecs can establish a link back to your station in
almost any situation.

A remote truck 1s more than a vehicle to haul equipment 1o a
broadcast site. Contiguring a remote truck involves careful atten-
tion to equipment requirements. floor-plan lavout. power and elec-
tronic demands. and vehicle mechanical requirements. such as
gross vehicle weight. suspension system capacity. and the load
placed on the engine’s cooling system. The Harris design and in-

tegration team has many years of experience in custom building The Harris $-15 is based on a
remote broadcast trucks to meet broadeasters” unique requirements B e eLaheeldrive
s : link e it e Pl S el vehicle, such as a Chevrolet
or remote links. and electronic and satellite news gathering. LT e e Ty

From the outset. a remote truck needs to be designed with $-15 is equipped with a digital
safety in mind. Equipment mounting techniques that are fine in ~ MPEG-2DVB exciter and receiver

i héd iy i aflic s . 1d All with 15 Mb/s capability, a 40-watt
a studio can be deadly in a traftic accident or sudden stop. solid-state power amplifier, and a

equipment has to be mounted securely in racks, carbon-fiber antenna system.
and equipment racks must be securely bolted
to the vehicle’s floor. Compartments are need-
ed for non-racked equipment. And it a ve-
hicle carries an on-board generator. it
must be installed in a closed com-
partment and vented

to the outside 1n
such a way that
generator exhaust
fumes  cannot
enter the vehicle
A truck with an
extendable anten-
na mast or satellite dish




DIGITAL REMOTE TRUCKS
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will need stabilizing jacks to secure the truck when the antenna is
extended and an ignition lock-out system to prevent moving the ve-
hicle until after the mast or antenna has been retracted and secured.

By working closely with an experienced design team. a sta-
tion can create a digital remote truck with exactly the equipment
it needs — installed in virtually any size or make of vehicle.




rocessing in the
igital Airchain

or vears, radio stations have used

sound of their on-air signal. Audio Designed for stations on a tight
processors allow stations 1o filter unwanted noise and 10 manipu- EIEE, GO (I F AT LSIS T
b dhrerie ; litude.' and lio del o8 | 2200 is based on the pioneering
ate dynamic range. amplitude. and audio delay 10 create a sound i e sececcin oo
that suits their broadcast format and appeals to their listeners. gy of the OPTIMOD-FM 8200.

The emergence of the digital airchain eliminates some qual-
ity-limiting elements that often prevented stations from transmit-
ting the best possible audio. For example. compared to analog RF
technology. the new digital studio-to-
transmitter inks (STLs) are much less
prone to noise and distortion. Never-
theless. to obtain the best results from
a digital airchain. stations need to
avoid several pitfalls.

The first pitfall to look out for

is overshoot. It is desirable in a digi- Orban's OPTIMOD-FM 8200 digital
tal audio processor 1o produce a very tightly peak-controlled sig- audio processor includes factory

.. ts and controls for user-
nal at the AES EBU outputs. When accurately passed to the digital presets 1o o e

exciter. the resulting signal will have no overshoot and will pro-
duce maximum loudness. I1 the link between the processor and the
exciter does introduce overshoot. the exciter’s over-modulation
protection limiter must remove it
Since overuse of the exciter’s protec-
tion limiter will degrade signal gual-
ity. STL-induced overshoots should
be avoided.

A digital STL can be either compressed or uncompressed.  orban's OPTIMOD-FM 9200 digital
Compressed STLs always introduce overshoot. which it not re-  audio processor for AM can auto-

o . 9 5 h o . LR matically switch presets in sync

moved by the exciter’s protection limiter. will result in a signifi- with dayparts or special events.
cant loss of on-air loudness. If'any type of “lossy ™" data compression
1s used in the STI.. the audio processor should be located at the
transmitter site for direct connection to the digital exciter.

defined settings.

I;IAI?I?IS
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PROCESSING IN THE DIGITAL AIRCHAIN

New generation digital STLs use
“advanced modulation schemes 1o
transmit uncompressed audio. Digital STLs will
pass the ughtly peak-controlled output of"an audio processor
directly 10 the FM exciter for maximum on-air loudness. Howev-
Eventide’s DSPA00OB Stereo signall Sl il you are locating a digital or analog audio processor bhefore
processor features hundreds of an uncompressed 32 kHz STL, the processor should be band lim-

unique sound environments in- ited to 15 kHlz to prevent overshoots in the STL. Otherwise. the
stantly ready for air or production

’ ) audio processor should be located at the transmitter site.
use. Effects include reverbs, pitch ) R K . o
change, time compression and Another potential pitfall is headroom in the analog-to-digi-
expansion, and more. tal converter. Any clipping in your A/D conversion will cause

The Yamaha Rev 500 stereo digi-  distortion that can be greatly exaggerated by the downstream pro-
tal reverb processing system fea-  cegging in the audio processor. Proper sct-up of your processor can
tures 32-bit digital signal & P F ! '

processing coupled with 20-bit help you av O.ld this pittall. . . .

AD/DA converters. The Rev 500 The audio processor is a key component in a digital airchain.
include=}i00presetiprogtams A high-quality processor with proper attention to set-up will give

and 100 user programs with 5 | Tom @l i d . I I
organized libraries. a station a louder. cleaner. and more competitive on-air signal.

A Word About Analog Audio Processors

Most people in the radio industry agree that digital electronics has brought higher standards
of quality and operational flexibility to audio production and broadcasting. From the comput-
er-based editing capabilities of digital audio workstations, to the fast-access and high-storage
capacity of hard disk systems, to the dependable audio delivery of a digital STL, few will
dispute that digital equipment improves upon the functionality of the analog components it
replaces.

But when it comes to audio processors, some people in the industry continue to prefer
analog technology. Backers of analog audio processing maintain that analog equipment has
superior sonic performance, in part due to the years of experience that has gone into designing
and perfecting analog audio processing circuits. Some users cite a “graininess” or “grittiness”
that they perceive lurking just below the desired signal in digital audio processors. Also,
some suggest that when lossy compression has been used in audio storage or transmission, a
high-quality analog processor is superior to a digital processor in its ability to reconstruct to
original signal.

While we can measure aspects of sound, such as frequency and audio response, ultimate-
ly, every listener evaluates sound quality subjectively. So it's not surprising that the choice of
analog or digital audio processing systems comes down to each station’s preference in equip-
ment that will give them the sound they hope will grab their listeners.

I/-IARRIS
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Planning a

Future-Proof
AM Transmission

irchain

fall the changes on the horizon tor radio broadcasters, few

are more dramatic than the audio quality enhancements

that will arrive once it is possible to transmit digital AM
signals. The broadcast industry is preparing for the day in the near
future when in-band-on-channel (IBOC) dignal broadcasts will
bring digital audio to the AM band that combines the noise-free
clarity of FM with the signal strength and carrying power of AM
Many of the critical components of the digital AM future are being
designed and tested today. Two major U.S. groups are currently
working to develop digital broadcast systems for domestic radio

Once these two proposed svstems are test-
ed and the FCC makes a decision to ap-
prove one as a standard, the beginning of
digital AM broadcasting will be underway.

So. what does a broadcaster do in the
meantime if faced with the need to replace
or upgrade aging AM transmission equip-
ment? How can you be sure that the choic-
es you make today won't compromise your
ability 10 handle new digital formats in the
future? Here are some things to consider
as you plan an AM system that will ac-

All Harris DX transmitters have

commodate your requirements today and give you the means to direct digital synthesis of the RF

&

handle digital AM broadcasts in the future.

Creating a Digital AM Signal

envelope using true digital modu-
lation. The DX 50 AM transmitter
is 100 percent solid-state and has
a power output range of 10-60 kW.

The equipment and communications requirements for creat-
ing a digital AM broadcast in the studio and delivering it to a trans-
mitter site are the same as for an FAl broadcast. Digital source

I}/\Mls
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A FUTURE-PROOF AM TRANSMISSION AIRCHAIN

The constellation display
illustrates a modulated IBOC
AM sideband carrier. Four
errors appear on the right of
the diagram.

CONSTELLATION DISPLAY

equipment, editing workstations, consoles. and studio-to-trans-
mitter links discussed in this Key 1o Digital Radio can be used for
both AM and FM (see “Advantages of an Uncompressed Digital
Studio-to-Transmitter Link™ p. 5). Equipment requirements dif-
fer significantly. however. once we get to the digital AM exciter,
the transmitter, and the antenna system.

The two companies working on the digital AM broadcasting
standard are also working on designs for AM digital exciters that
will make [BOC broadcasting possible in the near future. Equip-
ment designs and modulation techniques currently in testing will
need FCC approval and. possibly. further refinement before they
arc made available for purchase. The major systems proposals now
under development, however, share in common the use of some
form of OFDM (Orthogonal Frequency Division Multiplexing) to
create the digital AM signal.

We are all familiar with the carrier frequencies we tune in on
our radio dial. In present-day analog AM transmission. broadcast
equipment imposes a station’s audio signal on this single RF car-
rier by manipulating the wave's amplitude. Another way to impose
an audio signal on a carrier is to manipulate its phase, as is done
in FM broadcasting. OFDM imposes a digital signal on the AM
transmission by inserting multiple RF carriers on both sides ot'the
main carrier, and then phase- and amplitude-modulates cach
carrier. By manipulating combinations of amplitude and phase on
each of these carriers. it is possible to
define multiple digital values, which
form the digital “words™ needed to re-
construct the digital information. This

can be shown graphically using a con-
i stellation diagram.
The constellation display here

i shows how each carrier would appear
‘ on a vector scope. The horizontal lines

represent levels of amplitude. The ver-
tical lines represent positions of phase
| | modulation. When a signal is modu-

] | lated at the proper amplitude and
phase, it appears exactly where the

line of phase and amplitude cross. The
| weakness of the system is that it does
| not tolerate phase distortion or time

distortion. Successful AM IBOC re-
‘ quires a linear system a minimum of’
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[0 K1z wide on each side of the cen-
er trequency.

The OFDA signal consists of
several hundred precisely pre-defined
points on such a grid. At any given
time, cach point can be electrically
present or absent. Thus. at any mo-
ment in time, the arrangement of
points on the constellation diagram
can be manipulated to represent a
complex digital word. A constant
stream of such words carries the dig-
ital transmission to listeners who have
digital receivers. As you can imag-
ine. the kev to making OFDM work
1S precision.

Transmitter Requirements

Several characteristics can af-
fect a transmitter's ability to deliver an OFDM signal with the pre-
cision needed to assure reliable reception. Moreover. when AM
broadeasters begin 1o transnut digitally. thev also must continue
to deliver an analog signal for listeners who don’t vet have dignal
radios. The need to operate both in analog and digital (hybrid) fash-
jon will last for a period of 12 10 135 vears and places additional
demands on a transmitter. Key parameters to look at when buying
& new transmitter (or upgrading an existing transmitter) are:

+ Noise Rejection: Noise can come from several sources. in-
cluding intermodulation distortion, incidental quadrature modu-
lation (1QN1). thermal noise. and electromagnetic noise. Today's
solid state AM transmitters generally have good noise specilica-
tions in the range of -63 dB below carrier. which is sufticient for
reliable hybrid AN operation.

Older tube-type transmitters” noise performance is generally
in the range of -55 dB. placing them at the minimal threshold for
reliable operation. While it may be possible to convert a tube-
type transmitter for digital use. doing so will require more work
and attention 10 detail than converting a typical solid-state trans-
mitter. Also. the continual change in operation characteristics as
tubes age will require periodic fine-tuning of the equipment to
maintain signal itegrity.

+ Incidental Quadrature Modulation: 1QM 1s the phase shifi
of an RF carrier that occurs with the amplitude modulation of the

The Harris DX 15 AM transmitter
has a power output of

2-15 kW with three adjustable
pre-set power levels.
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A FUTURE-PROOF AM TRANSMISSION AIRCHAIN

Harris’ 300-2000 kW DX
transmitters extend the benefits
of digital amplitude modulation
and solid-state to high and super
power applications.

| HARRIS
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carrier. Because OFDM relies on its ability to manipulate phase
intentionally, if the phase is varied in an undesired way with the
AM modulation, while the same RF phase is being modulated in
a desired way by the digital exciter, there will be a conflict that re-
sults in inaccuracies in the digital signal. IQM should be less
than -36dB at 95 percent modulation for good digital service.

* Modulation Bandwidth: Normal modulation bandwidth for
an analog transmitter is + 4.5 kHz for international service or + 10
kHz in the U.S. (Region 2). Digital transmission can require a mod-
ulation bandwidth at least £10 kHz or 20 kHz total (10 kHz on
both sides of the carrier frequency). Newer digital transmitters are
designed to meet the bandwidth requirements of digital broad-
casting. However, a number of technical factors (including group
delay and modulator switching trequency) can add to the difficulty
of converting some existing transmitters to handle the additional
bandwidth needed for digital transmission.

+ Peak Modulation Capability: The final consideration is the
peak modulation capability of the transmitter. OFDM modulation
can require this peak modulation (or crest factor) to be as high as
10 dB. However, current testing indicates the possibility of trans-
mlttlng good digital quality signals with a crest factor ot 4 to 6 dB,

: depending on the linearity of the
RF amplifier. To be prepared for
the future, the ability of a trans-
mitter to handle high modulation
peaks should be considered
when buying new equipment.

The bottom line is that a
broadcaster may be able to use
an existing transmitter for digi-
tal (and hybrid) broadcasts. But
before planning on such a con-
version, a station’s engineering
staff should first assess the ca-
pabilities of existing equipment
and carefully evaluate cost and
reliability issues. Depending on
existing equipment, one broad-
caster may be able to accomplish
a reliable upgrade at reasonable
cost, while another may be bet-
ter off buying a new transmit-
ter. If buying a new transmitter
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now for analog use. make sure that it is also capable of handling
input from a diginal exciter in the future and that it will be able to
operate in hybrid digital analog mode.

Antenna Systems

The final. but also critical. area fcr attention is the antenna
system. Even if your transmitter meets all specifications for dig-
ital broadcasting. an antenna system that is not properly adjusted
can add distortion that shifis the amplitude or phase relationship
of your broadcast signal. Whether vou are upgrading vour present
transmitter or installing a new one. vou will have to retunce vour
antenna sy stem

The antenna system’s Antenna Tuning Unit (ATU. also often
called a phasing network) will have to be properly matched and
adjusted to assure that that the signal that leaves your antenna is
as accurate as the signal that left your transmitter

Within the next few years, in-
band-on-channel (IBOC) digital
broadcasting will deliver an
enhanced, noise-free signal
combined with the signal
strength and carrying power AM
listeners expect.

HARRIS
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Harris Broadcast
Technol
Training Center

roper operation and maintenance of broadcast equipment is es-

sential for its long-term reliability. Courses and training mate-

rials oftered through the Harris Broadeast Technology Training

Center (HBTTC) provide engineers with the skills and knowledge need-
¢ed 1o ensure maximum equipment longevity and performance.

Since its inception in 1973, more than 2,300 broadcasters from

around the world have participated in RF training programs at the S NP

HBTTC. Each vear. the training center offers more than 30 regu- Technology Training Center’s
larly scheduled programs for engineers at all Tevels of experi- T I f TERA, (IO (ET
oncE T & scial needs. the MBTTC al TS ol 2,500 broadcasters from around
Ll]t?L.- 0 mee spu.l‘d needas. e also designs customized the world have participated in the
training programs for broadcasters. Courses can be taught at Har- center's RF training programs.

ris Or al most customer sites.

In addition 1o offering
courses directly to the broad-
cast community.  Harris
joined forces with John Wood
Community  College in
Quincy. linois. more than a
decade ago to offer a fully ac-
credited two-year program in
Broadcast Technology. lead-

ARRYS

Ing 10 an associate’s degree
and SBE certification. More
than 300 students have grad-
uvated from this program. and
over 90 percent of them have
been emploved in the elec-
tronics industry within 90
davs of graduation. Others
have transferred to four-vear
colleges and universities to
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Each year, the Harris Broadcast
Technology Training Center

offers over 30 regularly scheduled
programs for engineers at all
levels of experience.

HARRIS
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complete Bachelor of Science requirements.

Training center capabilities and course offerings are designed
with the needs of the broadcast community in mind.

» The training center is equipped with classrooms and laboratories
used exclusively for training.

« Allinstructors are professional teachers with more than 60 years
of combined teaching experience.

« Instructors are involved in field service, which keeps them up-
to-date and in touch with real world conditions.

+ Classrooms contain fully operational radio and TV transmitters
for demonstration, hands-on training of adjustments/alignments,
and troubleshooting exercises.

+ To meet the broadcast industry’s need for RF experienced per-
sonnel, the training center offers special RF courses designed
to bring non-RF technicians up to a level of competence to work
on and maintain RF systems effectively and safely.

« RF courses are enhanced with hands-on lab exercises/activities
utilizing actual RF hardware and test equipment essential in main-
taining typical broadcast transmitting facilities.

* All classes are guaranteed. If for any reason an attendee does not
believe the training has met their expectations, Harris will offer
free enrollment in any Harris training class of the customer’s choice.
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Avoiding the

Pitfalls of

stat

igital replacement of analog broadcast equipment at radio

stations is at an all-time high. Not only

are studios con-

verting to digital. but the RF portions of radio stations are

also rapidly changing to digital products. An FM
can now keep the ones and zeros {rom their source
equipment in digital form all the way 1o the gen-
cration of the FM signal. Few broadcasters, how-
ever. have the luxury of creating a new digital
facility from the ground up. Most will upgrade
progressively as they replace existing equipment
or expand existing facilities. How, then. can a
station most efficientlv make the transition from
analog to digital — and how can a station avoid
pitfalls along the way? Here is an overview of
the technical standards. equipment. and systems
involved i making the change.

You can see that the capacitance of analog
audio cable is almost three times higher than
AES3 rated cable. Because the bandwidth ot the
AES3 signal is so much higher than analog audio.
this excess capacitance can affect the digital sig-
nal, especially slowing the rise and fall times on
the data edges. making decoding more difficult
and more errors possible.

The chart on the next page summarizes char-
acteristics of the two tvpes of cable rated for dig-
ital audio.

Most digital equipment supplied today uses
110 ohm inputs and outputs. I{ you want to use

broadcast station

rading FM
ions to Digital

The Harris Platinum Z10CD FM
transmitter is equipped with a mi-
croprocessor-based controller that
monitors more than 100 operating

functions and makes intelligent
operating decisions based on
detected conditions.

HARRIS
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AES3-1992

110 Ohm

Twisted Pair

XLR Connector
Balanced

Greater Noise Immunity

100 Meters Maximum

AES3-ID

75 Ohm
Coaxial

BNC Connector
Unbalanced
Less Radiation

1,000 Meters Maximum

82‘

XLR Pins BNC

1 — Shield Center Data
2 — Data + Shield

3 —Data -

75 ohm coaxial cable. you will have to buy impedance transform-
ers for most of vour digital equipment connections. For short runs.
vou will save money by using 110 ohm cable tor most of your wiring.
There are times. though. when vou may need 75 ohm coax for long
runs that exceed the maximum length specified for twisted pair.

System Synchronization

The Audio Engineering Socicty has established a specifica-
tion — AESI1-1991 — for a synchronization reference signal for
use when switching between two digital signals. This signal is a
highly stable clock running at the sample frequency selected by a
broadcaster for studio- or facility-wide use. The AESII standard
specifies accuracy to 10 PPM for use in a typical studio and sets
a more stringent specification of | PPM if the signal is used to syn-
chronize a suite of studios.

Facility-wide synchronization is hindered by the lack o a syn-
chronization input port on much of today 's equipment. but this situ-
ation is changing as newer equipment comes on the market. For new
installations. consider installing two AES cables to every piece of new
digital equipment in anticipation of the time when all digital equip-
ment will allow input of svnchronization signals. For now. you can
purchase sample rate synchronizers and converters 1o synchronize
signals (o a standard reference. such as your digital audio console.

Characteristics of Digital Audio Cable




Digital Audio Consoles

When choosing a digital console. look for the features that
vou would expect an analog audio console 10 have. Most analog
features are now available on digital audio consoles.

You may have to choose between 32 kHz, 44.1 kHz. and 48
KHz sample rates as your fixed rate when selecting a console. Sev -
cral model digital consoles can be set 10 any of the three sample
rates. Many broadcast radio stations choose 32 ki 7 as their stan-
dard because 'M broadceasting is limited to 15 kH7 audio chan-
nels. A sample rate must be at least twice the analog frequency
(according to the Nyquist theorem). so 32 kHz provides the max-
imum 13 kHz frequency response that can be broadcast in FM.

For stations using a digital audio storage svstem. a sample rate
higher than 32 kHz will add to the cost of hard disk storage spacc.
For example. a 48 kHz sample rate will take up one third more space
on a hard disk. Some stations may choose higher sample rates for
non-broadcast audio production or storage reasons. But for broad-
cast purposes. 32 k7 is sufticient for most stations.

Digital Music Storage

Most digital music storage systems offer some form of digi-
tal compression that decreases the amount of space required for
stored material. There are two ways to compress digital audio. One
way uses statistical/mathematical coding. The other way is by psv-
choacoustic coding. Psvchoacoustic methods take advantage of the
ear’s ability to focus on certain sounds while ignoring others.
The sounds that would be ignored are not stored for reproduc-
tion. Many compression schemes use both statistical and psy-
choacoustic bit-reduction methods. The more familiar compression
algorithms are APTx. MPEG I1SO Laver 11 and HI. FranhofTer.
Dolby and PAC. All of the systems make choices to reduce the
number of bits to be stored.

Compression isn’t obvious 1o most people if the audio is com-
pressed only once. But when you compress and decompress digi-
tal audio two or more times. people start to notice. For example.
if'you use digital compression for both music storage and for vour
studio-to-transmitter link. many people will be able to hear digi-
tal compression artifacts. or noise. in vour signal. Compressing
and decompressing two or more times is called “cascading algo-
rithms™ and is a practice best avoided. You should also pick one
compression scheme for use with a storage svstem. 11 vou mix com-
pression schemes at the studio. you could have compatibility prob-
lems between components. and your station may suffer from

- o DIGITAL RADIO
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The Yamaha 03D digital mixing
console is equipped with 18

analog and eight digital inputs,

32-bit signal processing, and
over 300 factory-preset and
user-definable libraries for
effects, dynamics and other
audio characteristics.
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inconsistent sound quality.
Successtul implementation of
digital storage requires a backup
system for stored materials. A sta-
tion without backup is in jeopardy
of losing programming and air time.
And finally. because direct file
' transfer capability is important, be
sure your hard disk system and your
digital editor can taik to each other.
Harris and other equipment manu-
facturers can provide technical sup-
port to help you make the decisions
that are right for your facility.

Digital Audio Processors

For years, stations have used analog audio processors to help
create the station’s “exclusive sound.”™ In the last few years, sev-
eral companies have begun manufacturing digital audio processors.

Digital audio processors may come with either fixed or se-
lectable sample rates. When buying an audio processor, make
sure it operates at the same sample rate as your digital console’s

outbound audio. While it is possible to convert sample rates. it |

is best to keep conversions to a minimum because each conver-
sion may slightly change a digital signal. A single rate conver-
sion is usually not perceptible. But, each time you sample rate
convert, the small digital changes accumulate and may become
noticeable. By standardizing on 32 kHz. an FM station can min-
imize the need for sample rate conversion as well as reduce the
cost of digital audio storage. However, some stations may want
to use a 48 kHz standard and sample rate convert to 32 kHz. This
is acceptable as well, especially if you are archiving programs,
such as symphonies or music concerts for future rebroadcast or
distribution. If so. you may want to use higher sample rates and
greater than 16-bit resolution for the highest quality archiving
currently available. The higher quality of your archived pro-
gramming will not improve your broadcast audio quality, but the
digital future may hold methods of storage and playback not
dreamed about today.

Studio-to-Transmitter Links

There are several ways digitally to get the AES3 signal to
the transmitter, including digital telephone connections, such as
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T1 (orasubset of T1). fiber-optic cable. spread spectrum RF. and
classic RF STLS. Each method has advantages and disadvantages.

T1’s advantages are that it can be uncompressed or compressed.
it can have many channels, and have two-way (tull duplex) oper-
ation. T1's disadvantages may be higher initial equipment and set-
up expenses. continuing monthly payments to the telephone
company. and loss of control of your link. However. many radio
stations successfully use T1s where there is no line of sight avail-
able or STL RF spectrum available.

Fiber-optic cable is another choice for some people who want
to send the AES3 signal a considerable distance and who have or
can obtain the right-of way tor their cable run. Fiber-optic cable
maintains signal integrity over greater distances than coaxial cable
If'you don’t own the fiber-optic cable run. the telephone company
or cable company will have control of your link and you will pay
monthly fees. Although fiber optic can be economical on a short
run. for longer runs. it will be more expensive than a RF STL path

Spread spectrum RF 1echnology can deliver uncompressed
AES3 audio 1o your transmitter without the need for land lines.
Spread spectrum systems operates under FCC rules Part 15 which
means that a station is not exclusively licensed for a specific fre-
quency or set of frequencies. How-
ever. due to the characteristics of
spread spectrum. the chances of hav-
ing significant interference 1o your
STL are very low.

For most broadcasters. the clas- ;
sic RF fixed-frequency STL offers
the best and most cost-eftective way
to get their studio audio to the trans-
mitter site. There are two types of
fixed-frequency digital STLs. those
that use digital compression and those that don’t. A compressed
STL can degrade audio if you also use compression with your dig-
ital audio storage. Cascading the two compression algorithms is
unavoidable and will almost certainly add noticeable noise and
distortion to the station’s sound.

Using an uncompressed STL eliminates the problem of cas-
cading algorithms. And an uncompressed STL brings the added
advantage that the digital audio processor can remain at the stu-
dio to do all the “sweetening™ you want and permit the processed
audio to remain pre-emphasized. The digital studio audio is de-
livered 1o the transmitter completely processed. uncompressed and

The Harris CD LINK™ transmitter
and receiver units have similar

control layouts to simplify

the learning curve and shorten

set-up time.
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Harris’ DIGIT" CD digital FM exciter
delivers absolute digital control of
carrier center frequency and devi-
ation. Its digital circuits cannot

drift and do not need adjustment.

unaltered by the STL.

In contrast, compressed STLs cannot properly carry pre-em-
phasized digital signals. If you use a compressed STL and had
the audio processor at the studio. you would have to de-emphasize
the audio and then pre-emphasize it again in the FM exciter at your
transmitter site. When you use a digitally compressed STL. the
digital compression makes having the audio processor at the stu-
dio less desirable. It may be best to send relatively plain, un-
processed audio through digitally compressed STLs. and then do
the audio processing at the transmitter site.

Once again, it is important to consider sample rates. ldeally.
the sample rate of your STL should be the same as the sample rate
of your digital audio console and your audio processor. otherwise
you will have at least one sample rate conversion in the digital path.

And finally for 950 MHz STLs. consider your RF neighbor-
hood. If your digital STL is in a high RF environment shared with
nearby high-power paging transmitters. amateur radio repeaters.
microwave links. or other RF sources. you may want to consider
an on-channel RF filter for your STL frequency to limit interfer-
ence between the STL and neighboring services.

Digital FM Exciters

The FM exciter is one of the first upgrades a station should
consider when planning a transition from analog to digital. The
exciter has the job of taking all the talent. music. creativity. and
the desired station sound and turning it into an FM broadcast sig-
nal. All the digital upgrades in the studio. audio processing. and
transportation of the signal can’t become FM without the exciter.

Most digital FM exciters utilize a numerically controlled os-
cillator (NCO). Direct digital synthesis of FM with an NCO is
true digital generation of an FM signal. Because AES3 encodes
left and right channel information in a single digital stream. dig-
ital FM exciters must have the digital stereo generator built-in.
A composite digital baseband can
then be generated from the stereo
AES3 digital input audio. This
process is analogous to creating an
analog composite stereo signal from
left and right audio information.

To upgrade your FM exciter to
digital, you will need to consider the
exciter RF power output requirements
of your transmitter. Also. physical size |
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may be important. especially if you want to install the exciter in an
existing transmitter. However. if faced with physical incompatibil-
ity. FM exciters may be mounted in a rack cabinet adjacent o the
FNI transmitter with no operational penalty.

[t you currently have an analog transmission system with only
a few digital items at the studio. the logical first step when con-
verting to a digital airchain is to mstall a digital FN! exciter. Con-
sider ordering an exciter with the digital input module and an
outboard A D converter if you do not have an AES3 input avail-
able. If vou select the analog input module as standard for your
FM exciter. then you will still have 1o supply an analog stereo com-
posite input signal to the digital exciter. However. users who pro-
vide a digital input to the new digital FM exciter will get the benefit
of the built-in digital stereo generator that is part of the digital
input module.

The next step is to purchase either a digital audio processor
and 1 O or digital STL. Both pieces of equipment can do an A/D
conversion for you so that vou won 't need to buy any external A/ Ds
when vou get a digital imput FM exciter.

HARRIS |
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|

Digital Upgrade Checklist

WIRING FOR DIGITAL I
Use only cables rated to handle AES3/AES3-ID. |

When doing new installations, run two pair, one for audio and one for future ‘
synchronization signals.

DIGITAL AUDIO BROADCAST CONSOLES

Look for the digital version of analog features you use now.
Choose a console with selectable sample rates or 32 kHz only.
48 kHz may be the best choice for some stations. Review station needs.

DIGITAL MUSIC STORAGE

32 kHz saves hard disk space.

Choose one digital compression system or none.

Have a backup system in place.

Make sure your editor and hard disk system are compatible.

DIGITAL AUDIO PROCESSORS

Choose an /0 card that matches your digital console and digital STL.
For FM, 32 kHz allows full 15 kHz frequency response.

Compressed STLs limit your audio processor placement or may require additional steps |
of pre-emphasis and de-emphasis.

| STUDIO-TO-TRANSMITTER LINKS i

Choices include T1 digital, Fiber-optic, Spread Spectrum, Conventional RF STL bands. l
In STLs, compressed and uncompressed are the common choices.
Compressed STLs alter the signal coming from the studio.

Compressed STLs may exhibit overshoot from the compression processing.
Compressed STLs may make cascading algorithms unavoidable.

Compressed STLs need to keep the audio processor at the studio. l

Uncompressed STLs are like an RF digital wire, bit-for-bit transport of the audio. You
have total flexibility in audio processing and freedom from cascading algorithms. [

DIGITAL FM EXCITERS |

Choices include T1 digital, Fiber-optic, Spread Spectrum, Conventional RF STL bands. |
A Digital FM exciter is your best upgrade choice to improve station signal quality.

NCO digital exciters utilize true digital FM generation. Not all digital exciters have NCOs.
Check exciter RF power requirements, transmitter interconnections, and physical size ]
when upgrading.

Order a digital FM exciter with a digital input. L
If you don‘t have a digital input now, use an A/D converter, like a Harris A2D2A, any
digital audio processor, Belar DSD-LA (converts analog composite stereo) or CD LINK,
to convert analog to digital for your exciter. '
Finally, for greatest broadcast quality improvement, a general digital improvement rule

is to work backwards from a digital FM exciter, unless you have a really poor audio [
processor or other weak analog link in the chain.

| BARRIS
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Extended Market
Coverage with

Simulcasting

chroCast™
system allows FM
broadcasters to in-
crease their geo-
graphic  coverage
dramatically by
simulcasting pro-
gramming over mul-
tiple transmitters on
the same frequency.

SynchroCast technology lets broadcasters use multiple, over-
lapping transmitters on the same trequency while maintaining phase-
alignment, thanks to Global Positioning Satellite (GPS) technology.
to attain greater geographic coverage.

With SynchroCast, a broadcaster can ring a metropolitan mar-
ket with lower-power suburban stations, providing combined cov-
erage far greater than that of a single. high-powered metro station.
These facilities enjoy much lower acquisition and operating costs,
giving them a competitive edge.

Alternatively. using SynchroCast systems in several com-

| munities along a highway means that listeners can keep their ra-

dios on the same program as they travel, without the need to retune.

| Why SynchroCast?

Past attempts 1o increase coverage by simuitaneously broad-
casting the same programming on different frequencies have been
only marginally successful because the listener needs to retune the
radio when moving from one coverage area to the next. The same
is true when stations use translators to fill in coverage gaps. The
only way to keep people listening is to stay on the same frequency.

Harris/Intraplex SynchroCast™
synchronizes FM broadcast
transmitters using precise time
from Global Position Satellites
(GPS) and digitally induced delays.

HARRIS |
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EXTENDED MARKET COVERAGE WITH SIMULCASTING

Using traditional methods. broadcasting the same signal from
two nearby transmitters on the same frequency can create serious
reception problems in the areas where the transmitters” footprints
overlap. This occurs for two main reasons.

* For simulcasting to work eftectively. the broadcast signal
must arrive at each transmitter at a precisely controlled time. Be-
cause the broadcast signal takes a different path to each transmit-
ter site. the inherent. uncontrolled STL path delay will be different
for cach transmitter.

+ Each transmitter’s local oscillator frequency can dritt, caus-
ing phase errors between carrier frequencies in the overlap area.

Using SynchroCast™, a
broadcaster can expand market
coverage by using synchronized
transmitters on the same
frequency.

HARRIS
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How Does SynchroCast Work?

SynchroCast technology. originally developed and refined for
use in land-mobile radio systems. makes this type of broadcast
possible by integrating two state-of-the-art technologies: GPS satel-
lite receivers and digitally induced delay.

First. SynchroCast uses the GPS receivers to determine absolute
reference times at each location. This timing information is passed
along with the broadcast audio from the studio to each transmitter
site. At the transmitter. the timing references are compared to deter-
mine the actual path delay. Once the actual delay is established. dig-
ital delay modules introduce a slight but precisely controllable additional
delay. allowing exact alignment of the adjacent transmitter signals.

The system operates automatically once the initial installa-
tion and alignment are complete. SynchroCast continually moni-
tors the timing of each link. keeping the total delay to each
transmitter constant even if the actual path delay changes. as may
oceur. for example. if a T1 circuit gets routed to an alternate path.




Finally. at the transmitter sites. the GPS receivers provide the

same 10 MHz reference signal to every transmitter. locking all of

their carrier trequencies to the satellite-delivered reference.

The SynchroCast system operates in conjunction with Har-
ris/Intraplex STL PLUS digital STLs which can be used on leased
T1 circuits. microwave radio links. or fiber-optic links. The STI
PLUS system provides bidirectional transmission paths for pro-
aram audio STL TSL. data for remote control and LAN intercon-
nect. and voice channels for off-premise extensions and intercoms.
all on the same digital circuit.

The equipment requirements are:

+ One Harns/Intraplex STL PLUS. equipped with the user’s

choice of channel modules. for each studio-to-transmitter link

+ One Spectracom Model 8195 GPS receiver tor cach site in

the system

+ One SynchroCast Equipment Package. which includes all the

GPS modules. timing transmission modules and digital delay
modules necessary for the studio and two transmitter sites

+ One SynchroCast Expansion Package for cach additional

transmitter site bevond the first two

Using SynchroCast in Europe

In Europe. broadcasters can extend coverage by using RDS radio
svstems to provide automatic frequency switching. But even with
RDS svstems. broad geographic coverage can require large numbers
of frequencies. A more efficient way to deliver wide area coverage
is to run multiple adjacent transmitters on the same frequency.

Once allowances are made tor the differences in telecommu-

ncations and equipment standards. installing a SynchroCast sys-
tem in Europe is essentially the same as in North America.

Equipment requirements for a European system are:

+ One pair o Harris Intraplex =1 multiplexers for each stu-
dio-to-transmitter link. equipped with channel modules for
audio programs and other optional user traftic

« One GPS receiver for each site in the system

+ One SynchroCast Equipment Package. which includes all
the GPS modules. timing transmission modules. and digi-
tal delay modules necessary for the studio and two trans-
mitter sites

+ One SynchroCast Expansion Package for cach additional
transmitter site bevond the first two

DIGITAL RADIO
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igital Test
quipment

roubleshooting digital systems is essentially the same as

troubleshooting analog systems. It’s done with precision test

and analyzing equipment
which is the inquiring mind of a skilled technician. The trou-
bleshooting skills engineers and technicians have alwavs used to
debug analog systems will also lead them to the source of trouble
in digital systems. [t remains a matter of isolating and testing com-
ponents and sub-systems and following a logical trail to the source
of the problem. The more experience a technician has. the more
likely he or she is to isolate the source of trouble gquickly. having
wrestled a similar problem to the ground somewhere in the past.

Where things ditfer in the digital world is the nature of the sig-
nal and the technical standards of service and test equipment need-
ed to work with digital
signals. One key differ-
ence 1s that in an analog
system. 1U's possible to
plug in a headset anyw here
and hear both the presence
and the quahity of the
audio. Even without plug-
ging in a piece ol test
equipment. a technician
can hear the strength of the
audio. estmate signal-to-
noise ratio. and hear electrical interference or crosstalk. There isn’t
such a simple shorteut with digital signaling. A technician with a
set of headphones may be able to tell there is something on a line
but can’t readily tell whether the noise is a usable AES signal. a
meaningless scramble of ones and zeros, or just plain noise.

You have to use digital test equipment to troubleshoot digi-
tal audio. Careful system design can make maintenance and repair
much easier. Digital audio monitors installed at key points through-
out an audio system can provide visual monitoring of audio

the most important piece of

I DIGITAL RADIO

The Harris Audio Bit Buddy is a
low-cost. portable unit for moni-
toring digital audio (AES/EBU,
$/P-DIF) or analog audio signals.
The Audio Bit Buddy has a head-
phone output and LEDs to display
basic signal parameters and audio
signal quality.

HARRIS |




DIGITAL TEST EQUIPMENT

The portable, battery-powered
Audio Bit Spitter generates digital
and stereo analog audio test sig-
nals that can be injected into the
signal path when testing device
performance or signal path conti-
nuity with an Audio Bit Buddy or
other audio monitoring device.

HARRIS
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quality and can also provide headphone jacks
through which you can hear the actual audio,
rather than a stream of digital noise.

An engineer can use a digital audio ana-
lyzer to trace a signal through a system. to hear
the digital audio signals. and to take precise
and comprehensive measurements of parame-
ters. such as audio level. frequency response.
total harmonic distortion. intermodulation dis-
tortion. and frequency. Small. hand-held ana-
lyzers can be used for quick troubleshooting
and can be used to listen to the digital audio
and to monitor the status of validity. parity.
channel status. and user bits in the digital signal.

As with analog systems. engineers use a “fox and hound™ sys-
tem for tracing digital lines. An audio generator places a digital
signal on one end of a line. and the engineer uses an audio moni-

tor to test the presence or quality of the signal at the other end of

the line. Lightweight and easily portable test devices make this
kind of troubleshooting easy and efficient. One option is to use a
small. battery-powered signal generator at one ¢nd and a small,

digital audio monitor at the other end. Another is to use a pair of

hand-held digital audio analyzer/generators — one in generator
mode at one end of the line and the other in analyzer mode at the
other. But cither way. it’s helpful to have troubleshooting genera-
tors and monitors on hand that can operate at the standard digital
sample rates and can measure basic audio parameters.

Some of the audible noises an engineer will hear while mon-
itoring digital systems will be different trom familiar analog sys-
tem sounds. But with the aid of test equipment designed to analyze
digital signals and with the troubleshooting skills an audio engi-
neer already possesses. it won't take long to learn to hunt down
and repair problems in the digital world.

|

l

!
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‘Harris Broadcast
ommunications
DIVISION

he Harrs Broadeast Communications Division is North Amer-
ica’s oldest and largest broadcast manutacturer. The division
was founded in 1922 as Gates Radio and Supply Company,
which in 1957 became part of what is now Ilarris Corporation. an
electronics company with annual sales that today exceed $3.4 bil-
[ Tion. Over the vears. Harris Broadeast has introduced more than 60
major innovations in broadcast transmission technology. includ-
ing many breakthroughs that have become world standards.
Within the US. radio and television markets. Harris is the leader
inadvanced transmitter equipment and systems tor digital radio broad-
cast and digntal television (DTV'). In the United States. close to one-
half of all radio stations and over one-third of all television stations  Harris manufactures radio and TV
. . . - . transmitters at its Quincy, lllinois
use Harris transmission equipment, Transmission equipment devel- facility. The main Quincy factory
| oped by Harris is used in over 150 countries, In addition to design- occupies 125,000 square feet.
ing and manufacturing
| products for the broadcast
industry. the Broadcast
| Communications Division
distributes more  than
10.000 studio products and
prov ides studio systems in-
tegration for broadcast
companies worldwide.
The Broadcast Com-
munications Division is
headquartered in a re-
cently completed 160.000-
square foot facility in
| Cincinnati, Ohio. The
new  facility consists
of an administration




HARRIS BROADCAST COMMUNICATIONS DIVISION

engineering cenicr and an industrial building. The administra-
tion engineering center includes ottices for Broadcast Commu-
nications management. sales. marketing. and engineering statts,
as well as customer demonstration and meeting areas. Three en-
gineering laboratories located at the facility were built from
the ground up to meet the stringent requirements for RF engi-
neering. The adjoining industrial building contains an assem-
bly area tor Harris™ systems integration business as well as
warehouse space for products distributed by the Broadcast Com-
munications Division.

The Broadcast Communications Division operates its main
U.S. manufacturing facility in Quincy. IHlinois: a European man-
ufacturing center in Cambridge. England: and a European product
development center in Rennes. France. Harris sales and service fa-
cilities are located in nearly 90 countries around the world.

The Broadcast Communications Division serves three primary
areas of business: Radio Systems. Television Systems. and
Systems Integration.

Radio Systems

As the world's leading supplier of radio broadcast transmission
The Harris Broadcast equipment. studio products. and systems. Harris offers a compre-
Communications Division ishead-  hepgive range of analog. digital-ready. and digital broadcast trans-
quartered in a recently completed o g . eilt. Harris is [eads " the:divital tre .. in it
160,000 square foot fality in mission equipment. Harris is leading the digital ransition in the
Cincinnati, Ohio. radio broadcast studio. From the introduction of the first digital
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audio storage systems to the first digital on-air console. Harris has
pioneered the introduction of many digital audio solutions.

Radio products. systems. and services include:

* Digital solid-state AM and FM radio transmitters

+ Analog AM and FM radio transmitters

* Digital Audio Broadcasting (DAB) systems

* Phasors. tuning systems. and AM and FM antenna systems

+ Digital studio-to-transmitter links (STL)

* The world’s most comprehensive range of analog and digital
audio studio products. including storage and retrieval;
mixing. routing. and switching: and source products
Satellite communications systems
Pre-wired radio studios
Digital audio and video storage and retrieval systems
24-hour service for Harris-manufactured products
* Factory authorized service for many distributed
non-Harris manufactured products
Custom-integrated radio broadcast transmission and
studio systems
* Traming

Television Systems

Harris has set the pace for television's transition from analog
to digital technology. The RF Test Bed that Harris developed for
the Advanced Television Test Center in 1990 enabled all digital




~ HARRIS BROADCAST COMMUNICATIONS DIVISION

The Broadcast Communications
Division delivers trusted and
dependabie products and full-
service solutions throughout the
world at pit stop speed.
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98

television systems proposed for the United States to be evaluated
equitably. Harris also is a leader in technology for the European-
standard Digintal Video Broadcasting (DVB-T) market.

Harris offers the industry’s largest range of field-proven dig-
ital and digital-ready television transmission equipment. Such Har-
ris innovations as the first commercial digital television exciter
and transmitter have enabled broadcasters 1o move swiftly toward
the implementation of digital television.

Television products. systems. and services include:

+ Digital television transmission svstems

* Solid-state VHF and UHF transmitters

+ Digital video broadcasting (DVB-T) equipment

+ Digital television encoding systems

+ Antenna systems

+ Custom-integrated broadcast systems

* Digital television RF conversion studies

¢ Installation

+ 24-hour service

* Training

o I




turers.
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Systems Integration

Bevond manutacturing and distributing broadcast equipment.
Harris integrates custom. future-ready systems for fixed and mo-
bile applications. The systems integration team has designed and
integrated systems for the broadcast industry for more than 20
years. With access to products from leading equipment manufac-

Harris can design systems with components that precisely

meet customer I'L‘L]llil'Cl]]Cl]lS.

Major products. systems. and services include:

Electronic News Gathering (ENG). Satellite News
Gathering (SNG). and mobile production sysiems
Production. post-production. master control. and
lransmission svstems

Proprietary components for digital television. including
MPEG-2 encoding systems and decoding systems
Broadcast microwave svstems

Satellite communications svstems

Turnkey facilities

Consulting. budgeting. and planning

Technical design and documentation

L.quipment acquisition

Systems integration and commissioning

Custom product fabrication

Technical furniture design and fabrication
24-hour serviee

HARRIS |
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‘GLOSSARY

AES/EBU

Audio Engineers Society/European Broadcasters Union — Two or-
ganizations that agreed upon a standard for the exchange of digi-
tal audio within the studio environment.

ALGORITHM

A formula or set of steps used to simplify, modify, or predict data.
Complex algorithms are used to reduce high digital audio and
video data rates selectively. These algorithms utilize physiologists’
knowledge of hearing and eyesight.

AM
Amplitude modulation.

ANALOG AUDIO

A continuous, varying voltage which represents the electrical equiv-
alent of sound. Analog audio has infinite precision within limits of
S/N, since it is continuous. Analog audio of sufficient level may be
used directly to drive an audio speaker, which changes the electri-
cal energy back into acoustic energy (sound).

ANALOG-TO-DIGITAL CONVERTER

A device, usually an integrated circuit, which samples the incoming
analog audio and outputs digital audio of defined work lengths,
such as 12-bit A/D, 16-bit A/D, or 20-bit A/D.

ASYNCHRONOUS TRANSMISSION
Data transmission at irregular time intervals, not referenced to a
master clock.

ATM

Asynchronous Transfer Mode — A specification of a protocol defin-
ing an ATM data cell and its handling in a network. Allows dynamic
bandwidth atlocation and may support multiple media

HBARRIS |
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ATU
Antenna Tuning Unit — Also called a phasing unit or a Line Tuning
Unit (LTU).

BALUN
A device that converts between balanced cable (twisted pair) and
unbalanced cable (coax).

BANDWIDTH COMPRESSION

Reducing the bandwidth that is required for transmission of a given
digital data rate. Compression makes it possible to reduce gigabits
of raw data into a DTV signal of about 20 megabits per second. This|
signal can be transmitted over the allotted 6 MHz bandwidth.

BER

Bit Error Rate — This term is an important indicator of the perform-
ance of the digital system. BER is the number of bits received in
error divided by the number of bits sent. In various systems, there is
a qualitative as well as quantitative aspect to bit errors. Some bit
errors can cause more problems than others.

BINARY NUMBERS

Numbers based on the power of 2 and expressed as either a 1 or 0.
For example, number 1 appears in a 5-bit word as 00001; number 2
appears in a 5-bit word as 00010; number 4 appears in a 5-bit word
as 00100, etc.

BPS/HZ
Bits per second per hertz is a spectral efficiency number. Bps divid-
ed by occupied bandwidth gives bit/sec/hz.

BPSK

Bi-Phase Shift Keying —Digital bits are sent one at a time by shift-
ing the carrier phase back and forth 180 degrees. This method also
requires wide bandwidth. However, it does have the advantage of
being least susceptible to noise. (Also, BSK Binary Shift Keying.)

ccD
An abbreviation for Charge Coupled Device.

CCIR

Comite Consultatif International des Radio Communications (The
International Radio Consultative Committee). This standardization
committee is now called ITU-R.

CCIR REC.60t

The most important studio standard for digital video based on ana-
log component 4:2:2 signals. Describes how to sample the compo-
nent signal and how to structure the data.
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CCIR REC.656

The standard describing how to interface to a CCIR Rec.601 format-
ted signal (serial and parallel 4:2:2 interfaces, commonly known as
D-1 interfaces).

caTT

Comite Consultatif Internationale Telegraphic et Telegraphonique
(The International Telegraph and Telephone Consultative Commit-
tee). This standardization committee is now called ITU-T.

CLEAR CHANNEL

AM radio station allowed to dominate its frequency with up to 50
kW of power. Their signals are generally protected for distances of
up to 750 miles at night.

CODEC
A device that compresses and decompresses digital audio (or video)
signals

COMPRESSION

The technique of reducing the amount of data needed to represent
a video or audio signal. International standards are ETSI, MPEG,
JPEG, G.722, etc.

DAB

Digital Audio Broadcasting is a generic term which is used for the
delivery of digital audio by any method such as satellite, mi-
crowave, BC carrier, etc.

DAR
Digital Audio Radio — DAB as it refers to digital radio broadcast-
ing.

DAT(RDAT)

Stereo digital audio recording format using rotary heads on 3.81
mm tape cassette.

DATA INTEGRITY

General term for any action or strategy which minimizes the pro-
portion of data bits in a system which are corrupted.

HARRIS |
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DATA PORT

The physical and electrical protocol used by a codec and the DSU
(Data Service Unit) or TA (Terminal Adapter) to transfer data be-
tween each other. A codec comes with either a V.35 or X.21 proto-
col built in. These numbers refer to CCITT international standards
with V.35 very common for networks in North America and X.21
popular on European-manufactured ISDN terminal adapters.

DBM
Unit of audio level which dissipates one milliwatt in a load. With a
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