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DIGITAL RADIO

Which Digital System
Is Right for You?

Broadcasters Must Decide the Best Choice for Their
Countries as Digital Radio Is Implemented Globally

by Charles W. Kelly Jr.

Kelly is director of sales for Nautel Ltd.

As digital radio is implemented around
the world, broadcasters face a key decision:
Which digital radio system is right for my
country? The answer to that question is
complex and encompasses many technical,
regulatory, financial and political issues.

This paper does not aim to solve the
question, but to examine one facet: the way
existing band plans and allocation tables in
the current AM and FM bands lend them-
selves to various technologies.

By limiting the scope of this paper to
digital systems that operate within the
existing AM and FM bands we do not dis-
count DAB, DMB, DVB-T, DVB-H and
ISDB-TSB, which require additional spec-
trum to be allocated. In fact, these tech-
nologies are not mutually exclusive to
systems that operate within the existing AM
and FM bands, and should a country
implement one of these systems they still
will be faced with the question of whether
and how to digitize the stations within the
AM and FM bands.

There are two systcms available for AM
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digital radio use: Digital Radio Mondiale
(DRM) and HD Radio. While there are pro-
found differences between them in band-
width requirements and flexibility, they
both are Orthogonal Frequency Division
Multiplex (OFDM) systems, which use a
number of sidebands to carry the digital
information.

DRM and HD-R

DRM as it exists today is designed prima-
rily as a long-wave/medium-wave/shortwave
system and has considerable flexibility in
how it may be configured to meet various
bandwidth, payload and robustness criteria.
The DRM Broadcasters’ User Manual, down-
loadable from www.drm.org, is a wealth of
information about the various options that
DRM makes possible.

Where the channel steps are 9 kHz, such
as anywhere outside the Americas, DRM is
normally installed with a 9 kHz bandwidth
(carrier +/— 4.5 kHz) on a single channel, or
18 kHz bandwidth (carrier +/— 9 kHz),
which utilizes one channel plus half of the
two adjacents.

There are options for using adjacent chan-
nels for an analog AM broadcast, but this
isn’t in common use, as some tests have indi-
cated that the analog signal must be greater
than 16 dB above the DRM field strength at
the receiver to avoid interference from the
DRM signal into the analog receiver.

There also are proposals to implement a

SEE KELLY, PAGE 6
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A New Approach to
HD-R Combining

Shively Labs Says Its Technique for Combining HD
And FM Offers High Efficiency at High Power Levels

by Bob Surette

The author is director of sales engineering
for Shively Labs.

Traditionally, there have been limited
techniques available for combining HD
Radio with FM, and all typically come
with a penalty, whether in terms of effi-
ciency, cost (capital and operating) or
potential coverage differences.

With the possibility, or perhaps the
probability, of the digital power levels

Analog/Digital High-Powered Low-Loss Combiner

Digital Reject

being increased ten-fold from 1 percent
to 10 percent of the FM power level,
existing approaches to HD/FM combining
will either not be practical, or will be too
inefficient to contemplate.

Shively presents here a new approach,
which offers high efficiency at high power
levels, with the only negative being per-
haps the additional floor space needed at
the transmitter site to accommodate the
combining system. The techniques
employed have been well proven in digi-

SEE COMBINING, PAGE 10
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MEET THE SQUARE

The Wheatstone E? (E SQUARE) gives you the convenience of Ethernet audio without all the IP hassle. It
just knows. The built-in Setup Wizard lets you configure an entire system with just your browser and a
laptop. Unplug it when you’'re done and there’s no PC between you and system reliability.

SQUAREs are totally scalable: use one as a standalone 8x8 studio or transmitter site router, with browser

access from anywhere. Plug two together and have a standalone digital snake. Add a fanfree mix engine and
build yourself a studio using analog and digital I/O SQUAREs.

All the power is in the SQUARE. Distributed intel-
ligence replicates all configuration data to every unit.
Profanity delay and silence detection are done in the

88D 1/0: 8 digital inputs and outputs. You can headphone monitor and meter

SQ_U',‘\R_E- Even virtual mixing (w/automation protocol)  3n of the SQUARE's inputs or outputs in real time. The 32 character
—it's in there; all with real front panel meters, 32 display gives you all the information you need about your audio and

character status indicators and SNMP capability. system configuration. And because you can operate in either 8-channel
stereo or 16-channel mono mode, 16 channels of metering are provided.

88E DIGITAL ENGINE: Just plug an E-SERIES control surface or GLASS E 88A 1/0: 8 analog inputs and outputs. You can bring a new SQUARE up in
computer interface into this engine and get all the mixes, mic and signal seconds and of course use the front panel encoder for your X-Y control.
processing you need. Fanfree, so it can stay in the studio where it belongs. Front panel status LEDs give you continuous link, status, and bit rate

, ) information as well as confirmation of any GPIO activation.
Because the E° system doesn’t rely on a third party

GUI, tech support is straightforward (and 24/7). Like-

wise, system operation doesn’t require external PCs for ,

continued full functionality. Best of all, 1 Gigabyte pro- 88AD 1/0: 4 analog plus 4 digital inputs and outputs—perfect for small

tocol eliminates the latency and channel capacity  studios or standalone routing.

restrictions associated with older technology. S rﬁ.‘.} $:=:=:=:2:=:=:=$:=:=:=:=:=:=:=:«'f-$$[imii :.*ﬁ
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E-SQUARE is Ethernet audio done RIGHT! ST S e

88 1/0 CONNECTIONS: E? has both DB-25s for punchblock interface and
RJ-45s for point-to-point interface. All SQUARES have 12 individually con-
Studio 1 figurable opto-isolated logic ports that can be either inputs or outputs.
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FROM THE TECH EDITOR

by Michael LeClair

Summert]ﬁre and the

Planning Is Busy

Gearing Up for the Presidential Elections and NAB
Radio Show as Satellite Merger, HD-R Issues Thrive

Ithough summer is usu-
Aally a time to relax a bit

and clean up before new
projects start in the fall and
winter, this year 1 find myself
immersed in preparations for
the Democratic and Republican
National Conventions.

These quadrennial events
are a staple for national news
organizations, with four days of
speeches and caucuses that cul-
minate in the “acceptance”
speech of each party’s candi-
date for president. The conven-
tions kick off the busy fall
election season and form the
basis for the final campaigns.

Our station plans to go live
from Denver for the Democrats
and St. Paul, Minn., for the
Republicans. We plan to have
more than one national show
broadcasting from the conven-
tions as well as live reporting
during our news programs.

Our remote team clocks in
at around 15 people who will
be working each event, includ-
ing yours truly.

This is just a teaser for our
October issue. Your intrepid editor will file
his observations and comments from the
road as the coordinator and engineer for
these remotes. In the meantime, 1 have a
few items to note for busy engineers.

RADIO SHOW

Coming up in September is the NAB
Radio Show in Austin, Texas, which runs
Sept. 17-19. Although I personally prefer
the spring NAB Show, this smaller event
always has a good selection of technical
workshops and other interesting presenta-
tions for radio engineers. This year there is
a particularly good group of sessions on
HD Radio, featuring new topics that were
not covered in the spring.

For example, David Maxson of Broadcast
Signal Lab will present a workshop on HD
Radio measurements. Maxson literally
“wrote the book,” or at least a book, on HD
Radio, and his insights on how to measure
digital signals accurately and properly are
essential for everyone with an interest in RE

Also of interest is the panel session on
the recently unveiled “embedded exporter”
design for HD Radio. This new architecture
promises to cost much less than previous
exporter designs and bring better reliability
to transmission by eliminating the need to
use a personal computer in your air chain.
The panel will feature representatives from
the major manufacturers committed to dig-
ital transmitters.

Finally there is a must-see panel on
high-power IBOC. This topic was on every-
one’s lips at the NAB Show in Las Vegas
HD Radio proponents recognize that
increasing digital power is the final key to

Embedded exporters made digital radio headlines at
the spring NAB Show. The fall NAB Radio Show includes
a technical panel on the topic.

consumer acceptance of this new technol-
ogy. At the same time there are concerns
about potential interference and just how
exactly to make it work at all without bust-
ing the budget.

While satellite
radio owners and
stockholders must
have resented the

delays, | have to admit
that | felt little
sympathy for them.

The panel includes some of our best and
brightest from the broadcast engineering
community and is sure to be a treat. This
one is on Friday so don’t be tempted to
leave early and miss it.

BOARDWALK AND PARK PLACE

It has been interesting to watch as the
merger of the two satellite radio companies
has proceeded very slowly over the course of
the last six months. It showed that the FCC as
the critical regulatory agency took the time to
consider the impacts of awarding a monopoly
service to a combined Sirius and XM.

While satellite radio owners and stock-
holders must have resented the delays, |
have to admit that I felt litle sympathy for

them. Their payoff has arrived with the FCC
officially allowing the grandfather of all com-
munications monopolies to come into being
at the end of July.

I—and many others—have
predicted since the beginning of
the satellite radio industry that
it was likely to consolidate into
one company and that this was
the logical end game.

The FCC did impose a num-
ber of restrictions on the com-
bined Sirius, such as a three year
freeze on subscription prices, a
pledge to provide dual capability
receivers and reserving a num-
ber of channels for non-com-
mercial and minority broadcast
entities. However, they chose
not to require that all new satel-
lite radio receivers include HD
Radio as a standard feature, set-
tling instead for a Notice of
Inquiry into the situation.

While I was gratified to see
that fines were assessed for the
technical violations of both
satellite radio companies it
remains to be seen whether the
$20 million payment was
enough to ensure responsible
behavior from satellite radio.
Promises have been broken
before. At this point we can
only hope.

SEE TECH EDITOR, PAGE 26
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TECH TALK

Understanding Microphone Specifications

nical specifications as part of the process of selecting
the microphone that best meets their performance
requirements.

However, specifications often are written in technical
terms that make it difficult for non-professionals to under-
stand their meaning. They also may lead to misunderstand-
ings, as common specifications can be measured or
calculated in many different ways.

Hence, when reading microphone specifications, it is
important to understand how to evaluate them. The task
usually starts with consideration of the influence of the
type of transducer on the polar pattern.

Typically, microphone users review and compare tech-

BASIC METHODS

A microphone is a transducer that converts acoustic
energy into electrical voltage.

The action in a microphone consists of two stages that
happen simultaneously: changes in air pressure due to sound
waves set a light diaphragm into mechanical motion, and the
vibrations of the diaphragm generate an alternating voltage.
For the first stage, two basic methods produce mechanical
vibration from the action of sound waves.

One method leaves the diaphragm open to sound waves
only on one side, with the back effectively enclosed.
Microphones constructed to make the most of this method
are called “pressure-operated” microphones.

Their directivity pattern is a circle, and a three-dimen-
sional plot would yield a sphere with the microphone in
the center. This type of directivity pattern is called “omnidi-
rectional.”

The second method is called pressure-gradient (or veloc-
ity) operation. Pressure-gradient microphones have the
diaphragm open to the air on both sides, so the force acting
on the diaphragm depends upon the pressure difference, or
gradient, at the front and back sides.

DIRECTIVITY PATTERNS

The voltage output from a pressure-gradient microphone
is proportional to sound particle velocity of the incident
sound waves, which explains the alternative name, “veloc-
ity operation.” Their directivity pattern is a figure-of-eight,
also called bidirectional.

It is possible to design a broad range of microphone
types by combining the pressure and pressure-gradient
principles of operation in specific proportions. This
approach provides directivity patterns intermediate
between the omnidirectional circle and the bidirectional
figure-of-eight. The most common patterns in use are car-
dioid, hypercardioid, supercardioid, wide-cardioid and
subcardioid.

The impedance of a microphone, as a source of voltage,
is its internal resistance measured in ohms () for a fre-
quency of 1,000 Hz.

It is essential to know the impedance value of a micro-
phone for proper matching to amplifier, mixer or recorder
inputs. As a rule of thumb, the load impedance — input
impedance of the amplifier being connected — should be
at least three times the microphone impedance in order to
achieve voltage matching.

The microphone frequency range states the lower and
upper frequency limits of the frequency area in which a

by Blazo Guzina |

Fig. 1: The Proximity Effect: Bass tip-up of a
pressure-gradient microphone to be expected at
various close distances — Curve One at 60 cm;
Two at 45 cm; Three at 30 ¢m; Four at 15 cm.

microphone is able to reproduce sound within a given toler-
ance. The frequency range also is known as “bandwidth.”

FREQUENCY RESPONSE
The frequency response is a graph of the output voltage
of the microphone vs. the frequency. It illustrates the ability
of the microphone to convert sound energy into electrical
voltage, and whether it is doing so faithfully or introduces
coloration.
With the 0 dB reference as the output voliage at 1,000
SEE MIC SPECS, PAGE 14
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SSB AM signal and use the other half of the
channel bandwidth (formerly occupied by
the other sideband) for DRM. But this is

nel spacing found in North and South
America. In the United States the AM band is
full of stations and there arent a lot of open
frequencies 1o put a stand-alone digital signal.

On the other hand, adjacent frequencies
are not normally allocated within the same
area, so HD Radio

on the two adjacent channels for OFDM side-
bands 1o pass the digital component.

HD Radio fits the needs of U.S. broad-
casters because it allows full simulcast of
the legacy analog signal as well as the new
digital signal. Eventually, when digital

they provided higher-quality audio pro-
gramming to their loyal listenership, while
having just one transmitter, one antenna
and paying a much less expensive license
fee from the government than an FM sta-
tion would have cost.
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Fig. 2: Manila AM Frequency Analysis

receivers make up enough of the receiver
installed base, the analog signal may be
shut down and the HD Radio signal will be
reduced in bandwidth to +/- 9.6 kHz.

HD Radio reduces the effect of digital-to-
analog on-channel interference because the
sidebands above the carrier frequency are out
of phase to those below the carrier frequency,
and are identical, thus they cancel in the ana-
log receiver. While this is helpful for the on-
channel signal, it does not eliminate the
interference to adjacent channels.

There is no question that HD Radio can
create significant interference to co-channel
and adjacent-channel signals and, depend-
ing on the IF bandwidth of the receiver, on
the second-adjacent signals as well. This has
the effect of reducing the secondary coverage
areas for a number of AM stations — in
some cases, dramatically.

MARKET CONSIDERATIONS
INFLUENCE DIGITAL

The choice of the optimal AM system in
a particular area can be greatly affected by
the radio channel allocation scheme in exis-
tence in a particular region. If the channel
spacing in a country is 9 kHz, and there are
free channels available for allocation, it is a
simple matter to implement DRM.

Many European countries fall into this
category, as reduced AM listenership has
resulted in some AM stations being taken
off the air — and these “dark” facilities may
easily be re-purposed for DRM.

In some cases, however, HD Radio has
been implemented successfully for market
reasons. In Surabaya, Indonesia, in 2006, a
religious broadcaster bought three adjacent
AM channels and installed an HD Radio
AM slation on the center frequency.

He broadcast the same programming on
the analog and digital transmissions, and
used the analog channel to promote the
purchase of HD Radio receivers, some of
which are made in Indonesia. In this way,

Fig. 1 shows how a standard HD Radio
AM signal fits into a 9 kHz spacing band.
Where the AM band is fully utilized, and
spare channels are not available to con-
struct new digital-only DRM channels, HD
Radio is a possibility. An example is the
Philippines, which like all of Asia, has AM
channel steps of 9 kHz. Fig. 2 is a graphical
analysis that presumes each station is run-
ning HD Radio in Manila, the most popu-
lous metropolitan area, and with the most
crowded spectrum in the country.

There are options
for using adjacent
channels for an
analog AM broadcast,
but this isn’t in

common use.

As can be seen in Fig. 2, the channel
spacing within the Metro Manila area is 36
kHz between stations and a guard band of 6
kHz exists between the AM HD sidebands.

While Fig. 2 is compelling, there is
additional analysis needed before any sta-
tion is approved for use with HD Radio
AM. As these are existing stations, co-
channel interference to other stations on
the same frequency has presumably been
known for some time. With the HD side-
bands extending to +/— 15 kHz from car-
rier, however, both of the first-adjacent
channels will be impacted, and to a lesser
extent, the second-adjacent channels also
will be affected.

Fig. 3 is a graphical analysis of the phys-
ical locations of first- and second-adjacent

SEE KELLY, PAGE 22
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Impossible Remote?
Nah...You've Got ACCESS!

Cape Town's Heart 104.9FM’s hot, new
ACCESS opens new horizons!

Y R With ACCESS, Heart 104.9FM left its com-
: petition literally standing still by offering
innovative, superb sounding remote broad-
casts that kept listeners (and advertisers)
coming back for more. Whether it was
from a sailing yacht, from the top of ma-
jestic Table Mountain or from the vibrant .
streets of downtown Cape Town, ACCESS ' b
always delivered with its winning combi-

: nation of pristine audio and ease of use. .
Above: Heart 104.9FM DJ Koketso Sachane doing ‘ NEW from COMREX:
his show from the streets of Cape Town. ACCESS delivers mono or stereo over BRIc S & A Ac__l E LD
DSL, Cable, Wi-Fi, 3G cellular, satellite, TRAVERSAL SERVER Software from Fraunhofer IIS

Top: Saskia Falken, Heart 104.9FM Mid Morning .
Mix host broadcasting from Table Mountain. POTS (yep, ACLESS is a full featured Two new options to enhance your ACCESS: BRIC

POTS codec and works seamlessly with Traversal Server makes IP connections a snap by

Matrix, Vector and Bluebox)—plus some automatically syncing with your buddy list.
services you may not have even heard of. Given the challenges of the public Intemet, it's no The AAC-ELD option offers exceptionally high quality,
small boast to say that ACCESS will perform in real time over most available IP connections. low latency audio. Contact Comrex for more info!

Contact Comrex today and find out how ACCESS can help you open up your new
horizons— wherever you are!

Put Comrex On The Line.

SOViRE N

19 Pine Road, Devens, MA 01434 USA Tel: +1-978-784-1776 * Fax: +1-978-784-1717 « Toll Free: 800-237-1776 * www.comrex.com * e-mail: info@comrex.com



“OCD” redefined

Building great consoles is more than punching
holes in sheet metal and stuffing a few switches
in them. Building a great console takes time,
brain-power and determination. That's why
we've hired brilliant engineers who are certified
“OCD". Obsessive Console Designers, driven
to create the most useful, powerful, hardest-
working consoles in the world.

How It began

“20-odd years ago,” says Axia President Michael
“Catfish” Dosch, “l was designing custom consoles
for recording studios. Somebody at PR&E - it
was still called Pacific Recorders then - liked
what | was doing and invited me to move there.
Work with Jack Williams, the guy who practically
invented the modern radio
console? | jumped at the
chance; BMX consoles
were ultra-reliable,
sounded great, and

nearly indestructible!

“PR&E was a dream job. Jack

taught me how to design consoles without

compromise — how to over-engineer them.

It's great to see, 15 or 20 years later, that many
of the boards | designed are still on the air.

“By the late 1990s, computers and routing
switchers were becoming an essential part of the
broadcast studio, and I'd been thinking about
how useful it would be to combine console,
router, and computer network. | shared some
of my ideas with Steve Church, who'd introduced
digital phone hybrids and ISDN codecs to
radio. He thought the same way | did about
computers in radio studios, and we decided to
work together.”

Anewkind of console

In 2003, Axia was launched to make digital
consoles, but with a twist: Axia consoles would
be integrated with the routing switcher, and
networked to share resources

and capabilities throughout the
studio complex. This intelligent
network of studio devices lets
Axia build consoles that are
more powerful and easier to
use than ever.

Our team of engineers
blended the best ideas from

old-school analog consoles with
innovative new technology
to produce bullet-proof
boards that can actually
make shows run smoother
and sound better.

And we invented a way to
network studios, consoles
and audio equipment using
Ethernet. It's called Livewire™,
and it's now an industry standard.

Livewire carries hundreds of channels of real-
time, uncompressed audio plus synchronized
control logic and program-associated data on
just one skinny CAT-6 cable. o i
Livewire

Lots of well-known broadcast

software and hardware companies (over two
dozen already) now make products that work
directly with Livewire. Thanks to this scalable
network technology, integrated router control
is a standard feature of every Element. Any source
in any studio can be loaded on any fader with
no need for add-on panels.

And Livewire lets you bring computer audio into
the air chain without going through multiple
A/D/A conversions. Our IP-Audio Driver lets
you connect computers directly to the
network without any intermediate /0
— all that's needed is a CAT-5 cable

* and your computer’s Ethernet port.

Feature packed

Board-ops told us they wanted a console that's
powerful, yet easy to use. So we designed
Element to be user-friendly, yet still have all the
power of a full-on production board.

For example, Element Show Profiles can recall
each operator’s favorite settings with the push
of a button — audio sources, fader assignments,
monitor settings and more. And each jock's Show
Profile contains personalized Mic Processing
and Voice EQ settings that load every time
they're on the air (so the midday
guy will stop badgering you
for "just a little more low
end”). There's even a "panic
button”: one key-press returns
a Show Profile to its default
state instantly. (No more 3 A.M.
“Help!” calls.)

Can a radio console be over-engineered?

(Only if you think “good enough” really is good enough.)

Did we say “mic processing”? You
bet. Every voice channel gets
studio-grade compression,
de-essing and expansion
from the processing experts
at Omnia, plus three-band
= parametric EQ to sweeten
—o®  the deal. There's even
built-in headphone
processing so you don’t
have to waste money building a separate
side-chain just for the studio cans.

Jocks have complained for years that making a
mix-minus is too hard — so Element constructs
mix-minuses automatically. Plus, mix-minus
settings are saved for each audio source, so that
sources, backfeed and machine logic all load at
once. And every fader has a "Talkback” key to
communicate with phone callers, remote talent

or other studios using the console mic.

Speaking of phones, board-
ops have enough distractions
without having to reach for
an outboard phone control
panel. Element has hybrid
controls with dedicated
faders for Telos talkshow
systems; there's even a dial
pad so jocks can dial, pick
up, screen and drop calls
without ever diverting their
attention from the console.

Nearly every air talent has accidentally changed
a fader’s audio source while it was on-the-air. To
prevent that error, Element “queues” source
changes: the operator must turn the fader off
before the next assigned source “takes”.



The radio console, redefined.
Element was designed to fulfill either a production
or on-air role, with amazingly powerful features
waiting just beneath the intuitive surface. For
instance, Element can mix in 5.1 Surround as well
as stereo. That's standard; nothing extra to buy
(except more speakers). There are four stereo Aux
Sends and two Aux Returns, so production guys
can use their favorite outboard FX boxes.
Great for custom IFB
feeds, too.

Got a PA mixer tucked
away in a studio

corner to mix mics
for live performers,
talk shows and such? Element has 8 Virtual
Mixers
And the Virtual Mixers emulate ACU-1s,
allowing tight integration with automation and

no outboard gear needed.

satellite systems.

You can administer Element remotely, from
home, the airport — wherever there’s network
access. A password-protected web server lets
you examine the state of the console, see
what's on the air and even fix operator mistakes,
without ever leaving the comfort of that new
Aeron™ desk chair you (ahem) “requisitioned”
from the Sales department.

Small VU meters mounted at desk level
are hard to read, so we re-invented the
traditional meter bridge. Element’s big
meters are presented on an easy-to-read
computer monitor along with large analog
and digital clocks, event and countdown
timers, and tallies that light when mics
are open, delay is active, or during
phone calls. You can even customize the
display by adding your station’s logo.

Beneath the surface

There's more to building a great board than
just features. Consoles have to be rugged, to
perform flawlessly 24/7, 365 days-a-year, for years
at a time. So when it came time to choose the
components that would go into Element, we
literally scoured the globe for the absolute best
parts — parts that would take the torture that
jocks dish out on a daily basis.

First, Element is fabricated from thick,
machined aluminum extrusions for
rigidity and RF immunity. The result:
a board that will stand up to
nearly anything.

With so many devices in the
studio these days, the last thing
anyone needs is gear with a noisy cooling
fan. That's why Element’'s power-supply is
fanless, for perfectly silent in-studio operation.

Element modules are hot-swappable, of course,
and quickly removable. They connect to the
frame via CAT-5, so pulling one is as simple as
removing two screws and unplugging an RJ
— no motherboard or edge connectors here.

& Faders take massive abuse. The
" ones used in other
consoles have a
big slot on top
that sucks in dirt,
crumbs and liquid like the government sucks in
taxes. By contrast, our silky-smooth conductive-
plastic faders actuate from the side, so grunge
can‘t get in. And our rotary controls are high-
end optical encoders, rated for more than five
million rotations. No wipers to clean or wear
out — they'll last so long, they'll outlive your
mother-in-law (and that’s saying something).

Element's avionics-
grade switches are
cut from the same
cloth. Qur design
team was so obsessed
with finding the perfect
long-life components that

they actually built a mechanical “finger” to
test switches! Some supposedly “long life”
switches failed after just 100,000 activations;
when they found the switches used in Element,
they shut off the machine after 2 million
operations and declared a winner. (The losers
got all-expense-paid vacations to the landfill.)

Individual components are easy to service, too.
Faders come out after removing just two screws.
Switches and rotary volume controls are likewise
easy to access. And all lamps are LEDs, so you'll
likely never need to replace them.

Engineers have said for years that console
finishes don't stand up to day-to-day use. Silk-
screened graphics wear off; plastic overlays last
longer, but they crack and chip — especially
around switches and fader slots, where fingers
can easily get cut on the sharp, splintered
edges. We decided that we could do better.

Element uses high-impact
Lexan overlays with color
and printing on the
back, where it can‘t
rub off. And instead
of just sticking the
Lexan to the top of the
module like some folks do,
our overlays are inlaid on the
milled aluminum module faces

to keep the edges from cracking and
peeling — expensive to make, but worth it.
For extra protection, there are custom bezels
around faders, switches and buttons to guard
those edges, too. Element modules will look
great for years.

By the way, those on/off keys, fader knobs and
bezels are our own design, custom-molded
to give positive tactile feedback. The switch
is flush with the bezel, so it's easy to find by
touch. But if something gets dropped on it, the
bezel keeps the switch from being accidentally
activated.

More than just products

Catfish learned something else important from
his time at PR&E: “Even the best products are
nothing without great support.” So Axia employs
an amazing network of people to provide the
best support possible: Application Engineers with
years of experience mapping out radio studios...
the most knowledgeable, friendly sales people
in the biz... Support Engineers who were formerly
broadcast engineers. Plus a genius design team,
software authors who dream code... one of the
largest R&D teams in broadcast.

And now Axia has become radio’s
first console company to offer 24/7
support, 365 days a year. Chances are

you'll never need that assistance, but if
you do, we'll be ready for you. Our ‘round- o261
the-clock help line is +1-216-622-0247. +2®
Proudly Over-Engineered

Are Axia consoles over-engineered? You bet. if
you're looking for a cheap, disposable console,
there are plenty out there — but this ain't it.
Not everyone appreciates this kind of attention
to detail, but if you're one who seeks out and
appreciates excellence wherever you may find
it... Axia consoles are built just for you.

DHA

A TELOS COMPANY

www.AxiaAudio.com



Combining
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tal television transmission for 10 years at
this point, and even longer than that else-
where in the world.

BACKGROUND

The approaches to date for HD Radio
implementation have focused on either
low-level combining and common amplifi-
cation, or high-level combining using a
variety of techniques.

The former offers arguably the best effi-

ciencies, but has been limited largely by the
available headroom in the common ampli-
fier stage, which in turn mandates relatively
low power levels for both the analog FM
and digital signal components.

Whereas a conventional FM amplifier
operates relatively efficiently in Class C as a
non-linear stage, the addition of digital
components mandates a linear amplifier
operating in Class A, or more likely Class
AB with a substantial reduction in effi-
ciency. The reduced efficiency is bearable at
comparatively low FM/HD levels, but for
high-powered stations, the size of amplifier
and associated costs become prohibitive.
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The high-level approach typically
involves one of three techniques:

* HD injection using a conventional
hybrid coupler (or “injector™) where as
much as 90 percent of the digital signal,
and up to 10 percent of the analog compo-
nent is lost to the balance load.

* Dual input antenna systems, often
using cross-fed balanced combiner chains.
The efficiency concerns associated with
“lossy” injectors are largely alleviated, but
the isolation between the analog signal and
the digital signal is generally a concern, and
historically circulators have been added to
the system digital inputs to prevent exces-
sively high-analog signals from coupling
into the digital transmitters.

* Scparate antenna systems. Parameters
are fairly tightly governed from a licensing
perspective, but achieving comparable ana-

Since early 2008, Shively Labs has been
working on an alternate solution, designed
for HD Radio at —10 dB, capable of handling
the typical transmitter power output levels of
a full Class C station, and providing the high
efficiencies associated with a well-designed,
conventional balanced-combiner module.

Ironically, 1 first proposed a similar concept
at several SBE meetings, some 10 years ago,
but limitations in hardware then precluded
further development. Significant advances in
filter technologies between then and now
have made the implementation of this system
a reality and, we believe, a necessity.

A NEW APPROACH TO
AN OLD CHALLENGE

in the analog TV arena, aural/visual (A/V)
combining has been a necessity for decades,
and A/V combiners have proven both effi-
cient and realizable even at low VHE In the
past decade, the filtering stakes have been
raised with adjacent-channel NTSC/DTV

Fig. 2: Analog Input Return Loss
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Fig. 3: Analog Input Frequency Response
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Fig. 4: Digital Input Return Loss

log and digital coverage is difficult. As the
number of HD Radio listeners increases,
digital coverage will become as important,
and potentially more important, as time
goes on with the result that mismatched
coverage will simply not be an option.

With the possible exception of the “sepa-
rate antennas” approach, the above tech-
niques are only effective at digital levels
around 1 percent of the analog FM power
level. When digital power levels are raised
to 10 percent of analog FM, it is doubtful
whether any of these traditional options
will provide the levels of efficiency and per-
formance required by today’s broadcaster.

SOURCE

S-DRX

Automatically switches between two AES digital audio signals or a stereo analog signal.
Analyzes digital signal errors (CRC, bit, framing, etc.) and checks for loss of audio on the digital signal. User programmable.

TITUS I

TECHNOLOGICAL
LABORATORIES

10

allocations, and in some markets there are
now adjacent-channel DTV stations multi-
plexed into the same antenna system, each
filter meeting the strict spectral mask
requirement mandated within the FCC rules
The technology to combine very close
spaced channels with sharp-tuned filters is
well proven, with the first UHF adjacent
TV/DTV systems being implemented in the
United Kingdom in 1997 using technology
developed in the United States. However,
migrating this approach to the FM band,
where percentage bandwidths are only 20
percent or less of those available at UHE is a
SEE COMBINING, PAGE 12
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significant challenge. Achieving acceptable
levels of efficiency and stability throughout
the system is a substantial burden upon the
filter designer.

Shively Labs has taken a variation of
“conventional” adjacent-channel combining
techniques, with some specific additional
filtering elements, resulting in a design that

and the digital HD Radio signals while elim-
inating the inefficiencies of currently avail-
able combining options. The basic operating
principles are outlined here, and for ease of
visualizing signal flow in a more familiar
component, comparisons are made to stan-
dard “balanced combiner” configurations.
Considering the analog FM signal ini-
tially, the input is a conventional, balanced
band-pass combiner arrangement with two
exceptions: the band-pass filter elements
are identical, matched sharp-tuned designs

the analog input. Analog power is routed
diagonally across the unit to emerge at the
output port. There is in excess of 30 dB iso-
lation to the digital side of the hybrid due to
the inherent balance.

Considering now the digital input, HD
Radio components enter the system at what
would be the “broadband” port in a conven-
tional balanced-combiner module. The dif-
ference in the Shively design is the addition
of an extra filter, which is essentially the
complement of the analog filters in that it

load is shown in Fig. 8, achieving in excess
of 30 dB except for the troublesome spuri-
ous response at FM + 110 kHz.

WHAT’S NEXT?

Preliminary analysis and initial develop-
ment have proven optimistic in terms of the
deliverable system performance. Shively is
progressing to full prototyping of the entire
system outlined here, with a goal of releasing
further representative system measurement
data by the NAB Radio Show next month. It
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Fig. 6: Upper Digital Sideband Frequency Response

currently offers some 60 dB of isolation
between analog FM and HD inputs.

Ibiquity has recently recommended a
minimum isolation between analog and
digital transmitters of 50 dB for 10 percent
digital ratios. Clearly, a 10 dB increase in
digital power requires a ten-fold increase in
amplifier capability when compared to digi-
tal at 1 percent. At this level the power
becomes significant.

Taking into account the typical peak-to-
mean ratios of the HD signal, the amplifier
peak power ratings begin to be comparable
with those associated with medium-power
FM stations. Considerably higher levels of
isolation than currently available are
required if intermodulation and spectral
purity are to be ensured.

The outline of the Shively configuration
is shown in Fig. 1. For the purposes of this
article, data has been centered on an analog
FM carrier at 98 MHz.

OPERATION
The combiner is designed to provide
well-matched inputs to both the analog FM

12

to pass the FM spectral components (-3 dB
at +/— 110 kHz) but rolling off sharply to
reject both the upper and lower digital
sidebands; and additional “reject” elements,
tuned to pass analog but reject both digital
sidebands, are incorporated into the overall
filter assembly.

The result is a unique configuration of
filtering elements providing a nominal
insertion loss of under 0.5 dB at FM and
more than 30 dB of insertion loss at digital
(FM +/- 125 kHz). Typical analog system
parameters are shown in Figs. 2 and 3,
showing analog input insertion loss and
return loss respectively.

Beyond this filter, the hybrids are con-
ventional in design, sized to the analog
input power and taking into account the
peak/mean ratio of the digital input.
Typically, the hybrids alone exhibit at least
30 dB of isolation in a “zero-dB” configura-
tion, placed back-to-back.

In conjunction with the digital rejection
characteristics the hybrid provides some 60
dB of intrinsic isolation between the “broad-
band” port, which is the digital input, and
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Fig. 8: Digital Input, Isolation to Balance Load

passes both digital sidebands, but rejects the
minimal levels of analog signal that get by
the high hybrid isolations mentioned above.

As shown in Fig. 7, apart from a slight
spurious response at FM + 100 kHz (cur-
rently the subject of some tweaking at
Shively), the analog to digital isolation is
better than 70 dB. The digital signal is
“bounced” at the analog pass/digital reject
filters and emerges at the output port,
together with the analog signal. Digital
insertion loss is not specifically shown, but
can be inferred from Figs. 5 and 6 and is
comparable to the analog insertion loss,
currently less than 0.5 dB.

Digital input characteristics are shown in
Figs. 4, 5 and 6 where HD input return loss
is in excess of —30 dB (1.05:1 VSWR typi-
cal.) Fig. 5 and Fig. 6 show the composite
response of cascaded digital upper and
lower sideband pass filters, which in con-
junction with the analog reject filier shown
in Fig. 4, provides the extremely high levels
of isolation essential to high-power HD
Radio operation. :

Finally, digital input isolation to balance

goes without saying that power handling
will be a substantial part of the ongoing test
and development program, and Shivelys 20
kW test transmitter will see more action
than usual over the next few months.

On a more serious note, the group delay
response on the filter skirts is not significant
by current DTV, or even NTSC standards, but
for a typical FM exciter it is substantial to say
the least. While the HD Radio exciters incor-
porate substantial levels of linear pre-correc-
tion capability for both delay and amplitude,
FM exciters are by no means as flexible.
Shively anticipates working closely with
transmitter manufacturers to establish the
acceptable levels of delay that can be accom-
modated in an FM exciter and the impact of
that delay on the FM signal in general.

In conclusion, Shively believes the sys-
tem outlined here will become the pre-
ferred approach to high-level combining of
analog and digital radio signals. Eliminating
the inefficiencies of previous approaches
will open the door 1o cost-effective opera-
tion of FM and HD Radio facilities includ-
ing HD at 10 percent of analog power. I



MINSTRUMENT

DL1 Digilyzer
Digital Audio Analyzer

A handheld digital audio analyzer with the
measurement power & functions of more
expensive instruments, the DL1 Digilyzer analyzes
and measures both the digital carrier signal
(AES/EBU, SPDIF or ADAT]} as well as embedded
digital audio. In addition, the DL1 functions as a
smart monitor and digital level meter for tracking
down signals around the studio. Plugged into
either an analog or digital signal line,

it automatically detects and measures digital signals
or informs if you connect to an analog line.

In addition to customary audio, carrier and status
bit measurements, the DL1 also includes a
comprehensive event logging capability.
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» AES/EBU, SPDIF, ADAT signals

» 32k to 96k digital sample rates

» Measure digital carrier level, frequency

» Status/User bits

» Eventlogging

» Bit statistics

» VU + PPM level meter for the embedded audio

» Monitor DA converter and headphone/speaker
amp

» Audio scope mode

Sophisticated Minstruments from NTI
give you comprehensive test capability...

and these flexible audio instruments

fit in the palm of your hand
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DR2 Digirator
Digital Audio Generator

The DR2 Digirator not only generates digital audio
in stereo & surround, it is a channel transparency
and delay tester as well, all condensed into a |
handheld package. Delivering performance &
functionality challenging any digital audio
generator made today, it produces all common
audio test signals with sampling frequencies up to
192 kHz and resolution up to 24 bit. The Digirator
features a muiti-format sync-input allowing the
instrument to be synchronized to video and audio
signals. In addition to standard two-channel digital
audio, the DR2 can source a comprehensive set of l
surround signals.

» AES3, SPDIF, TOSLink, ADAT outputs .
» 24 bit 2 channel digital audio up to 192 kHz SR |
» Sine wave with stepped & continuous sweeps;
White & Pink Noise; Polarity & Delay test signals
» Dolby D, D+, E, Pro-Logic II, DTS and DTS-HR
surround signals
» Channel Transparency measurement
» I/O Delay Measurement
» Sync to AES3, DARS, word clock & video
black burst
» User-generated test signal files

AL1 Acoustilyzer
Acoustics, Audio & Intelligibility Analyzer

The AL1 Acoustilyzer features extensive acoustical
measurement capabilities as well as analog audio
electrical measurements such as level, frequency
and THD+N. With both true RTA and high
resolution FFT capability, the AL1 also measures
delay and reverberation times.

With the optional STI-PA Speech Intelligibility
function, rapid and convenient standardized
"one-number” intelligibility measurements may be
made on all types of sound systems, from venue
sound reinforcement to regulated “life and safety”
audio systems.

» Real Time Analyzer
» Reverb Time (RT60
» Delay measu!emen,ts AL 1
» High resolution FFT with zoom Acoustilyzer
» Optional STI-PA Speech Intelligibility function
» Automatic Distortion analyzer (THD+N}

» Frequency, RMS Level, Polarity measurements
» Requires optional MiniSPL microphone

P Includes MiniLINK USB interface & Windows PC

software for storing tests and PC transfer

ML1 Minilyzer
Analog Audio Analyzer

The ML1 Minilyzer is a full function high
performance audio analyzer and signal monitor
that fits in the palm of your hand.

¥ 3150 H2 3505mV
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The comprehensive feature set includes standard ol
measurements of level, frequency and THD+N, "‘?

plus VU+PPM meter mode, scope mode, a b

1/3 octave analyzer and the ability to acquire, 20 100Kz iv
measure and display external response sweeps
generated by a Minirator or other

external generator.

Add the optional MiniLINK USB computer interface
and Windows-based software
and you may store all tests on
the instrument for download to
your PC, as well as send
commands and display real
time resulits to and from

the analyzer. MiniLINK

e ——

» Measure Level, Frequency, Polarity

» Automatic THD+N and individual harmonic
distortion measurements k2 — k5

» VU + PPM meter/monitor

» 1/3 octave analyzer

» Requires optional MiniSPL microphone
for SPL & acoustic RTA measurements

» Frequency/time sweeps

» Scope mode

» Measure signal balance error

P Selectable units for level measurements
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MR-PRO Minirator

High performance

Analog Audio Generator +
Impedance/Phantom/Cable measurements

The MR-PRO Minirator is the senior partner to the
MR2 below, with added features and higher
performance. Both generators feature an ergonomic
instrument package & operation, balanced and
unbalanced outputs, and a full range of signals.

» High (+18 dBu} output level & <-96 dB residual THD

» Sine waves & programmable swept (chirp) and
stepped sweeps

» Pink & white noise

» Polarity & delay test signals

» User-generated custom test signals & generator
setups

» Impedance measurement of the connected device

» Phantom power voltage measurement

P Cable tester and signal balance measurement

» Protective shock jacket

MR2 Minirator
Analog Audio Generator

The MR2 pocket-sized analog audio generator is
the successor to the legendary MR 1 Minirator.

It is the behind-the-scenes star of thousands of live
performances, recordings and remote feeds.

» Intuitive operation via thumbwheel and “short-cut”
buttons

» New higher output level (+8 dBu} & low distortion

» Programmable Swept (chirp) and Stepped sweeps

» Sine waves

» Pink & White noise

» Polarity & Delay test signals

» llluminated Mute button [

NTI Americas Inc

PO Box 231027

Tigard, Oregon 97281 USA
503-684-7050
www.minstruments.com
info@ntiam.com




ON THE SHELF

Book Explains NEC Antenna Models

J.L. Smith Provides What Broadcast Engineers Need
To Better Understand AM Antenna Modeling Process

AM antennas and antenna systems.

And while 1 have a good operational
understanding of antenna modeling, |
always am looking to learn more and do it
better. That’s what “Basic NEC With
Broadcast Applications” by J.L. Smith is all
about. After reading the book and working
through the exercises, | came away with a
much better understanding of the modeling
process as well as the features and limita-
tions of the NEC-2 core.

The author is a senior member of the
radio engineering community, having spent
most of the past 62 years of his career as a
professional engineer working in broadcast
transmitter/antenna manufacturing and
consulting. He has more than 50 technical
papers and two published books to his
credit.

This book is not light reading; it is a text-
book and could easily be used in a class-
room setting. Most of the chapters include
student exercises that will help the reader
gain a better understanding of the material
in the chapter. There is no substitute for
problem-solving to learn the concepts, and
the author certainly recognizes this.

Along with the book, the user is supplied
with a CD-ROM containing the NEC-2 exe-
cutable, and several post-processor utilities
needed by the reader as he works through
the exercises and for later use on his own.
The CD-ROM also contains the NEC-2 list-
ings used in the book if you're not inclined
to type them in yourself, and it contains the
exercise answers. No fair peeking.

For many years, | have been modeling

THE ANTENNA MODEL

“Basic NEC” begins with a good explana-
tion of what NEC-2 modeling can do for the
broadcast engineer charged with tuning up
a directional antenna, essentially eliminating
much of the trial-and-error process that has
long been the means of achieving the proper
pattern shape from theoretical parameters.

The reader is then taken through the
modeling process, with each step being
fully explained. While the appendix con-
tains the full NEC-2 command set, only
those commands likely to be needed in
modeling MW broadcast antennas are
explained in the body of the book.

In my years of modeling, I have always
used software that consisted of a “wrapper”
around the NEC-2 core, providing com-
mand line or graphical user interface in
“real-world™ units. Basic NEC explains how
to communicate directly with the core, giv-
ing the reader a whole new level of under-
standing the modeling process. Basics such
as translating the distance/azimuth world
that broadcast engineers live in to the X-Y-Z
coordinate system of NEC-2 are explained
so that making that translation becomes
second nature.

Two-port networks are a key element in
NEC-2 modeling. Such networks are used
for everything from matching and filter net-
works to representation of the stray series
inductance/parallel capacitance of a feed
system or the shunt capacitance of a base
insulator.

The whole concept of non-radiating net-
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Wire model of a guy-wire top-loaded tower.

works is thoroughly explained, and the
reader is walked through some exercises
employing such networks. Non-radiating
networks comprise resistance, capacitance
and inductance and can be used to “load” a
wire, achieve a match or impedance trans-
formation or perform some other function.
Part and parcel of modeling two-port
networks is the specification of the complex
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Top: (a) X-Y projection of spherical coordinates; (b) X-Y projection with the Y-axis reversed.
Bottom: Coordinate system as used for broadcast applications.

short-circuit admittance parameters
(Y-parameters) that accompany each net-
work. There is a unique equation set for
each network configuration, and these are
provided to the reader for use on exercises
and real-world modeling.

One thing I ran into, however, was some-
thing of a “disconnect” between the author’s

mathematical world and the broadcast engi-
neering world 1 live in. I made the mistake
of using positive and negative reactance val-
ues in the equations rather than “j” values
(the imaginary part of the complex number).

The correct way to evaluate the equations
is to ignore the real component and deal with

SEE NEC, PAGE 18

Mic Specs

CONTINUED FROM PAGE 14

the average human ear to perceive sounds,
known as a threshold of hearing.

Maximum SPL is a maximum sound
pressure level that a microphone can
process without distorting the signal — in
other words, without introducing more
than a specified amount of total harmonic
distortion (THD).

If it is measured at 1,000 Hz, it means
that the bass range distortion is not known.
It is better to rely on a maximum SPL speci-
fied for a broad frequency range, for exam-
ple from 30 Hz to 20,000 Hz.

SEVERAL STANDARDS

A commonly used level of 0.5 percent or
1 percent THD is the point where it is pos-
sible to measure but not hear the distor-
tion. As regards condenser microphones, it
is important for the user to know the THD
measured for the complete condenser
microphone, preamplifier plus capsule.

Some manufacturers do not state maxi-
mum SPL for high-quality dynamic micro-
phones, as they are rugged and capable of
handling high sound pressures without over-
loading. They virtually never distort the sig-
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nal and, even at sound pressures in excess of
130 dB, their distortion is not measurable.

The equivalent noise level also is known
as the self-noise of the microphone. An
equivalent noise level of 20 dB SPL
means the self-noise is as loud
as if the microphone were
recording a sound of 20 dB
above the threshold of hearing.

This is very low, correspon-
ding to the noise level in a
quiet recording studio with no
air-conditioning noise. The
self-noise also dictates the
lower limitation in the
dynamic range of the micro-
phone. There are several stan-
dards in use.

The dB(A) scale, for exam-
ple, filters out low-frequency
noise and weights the SPL
according to the sensitivity of
the ear. Good results in this scale
are usually below 15 dB(A). The
CCIR 468-1 scale uses a different
weighting, giving good results

voltage output at a given sound pressure.

The more sensitive microphone will
sound louder for the same gain setting. This
means there is no need for as much amplifi-
cation as in the case of a microphone with
lower sensitivity.

On the other hand, this also
means that there would be a propor-
tionally higher risk of feedback.

In applications with low sound
pressure levels, a microphone with
high sensitivity is necessary in order
to keep the amplification noise low.

According to the IEC 268-4 stan-
dard, the sensitivity is measured in
millivolts per pascal (mV/Pa) at 1
kHz. In addition, the sensitivity can
be stated in dB, relatively to 1 V/Pa,
which will give a negative value.

Some microphone manufacturers
also state tolerances in sensitivity,

usually in the region of +/— 2 dB. For

example, 0.7 mV/Pa = -63 dBV; 2.2

mV/Pa = =53 dBV; 6 mV/Pa = —45 dBV;

12.5 mV/Pa = -38 dBV; and 20 mV/Pa =
-34 dBV.

below 25 dB to 30 dB. An AKG C 4500 The author is a senior engineer at
B-BC Broadcast  Radio Televizija Srbije in Belgrade,
HIGH SENSITIVITY Microphone Serbia, and a professor in the Sound

The output level (sensitiv-
ity) of a microphone is an expression of the

Recording Department of the Arts
Academy at Univerzitet Brac¢a Kari¢. B
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NEC

CONTINUED FROM PAGE 16

just the imaginary part, but treat it with the opera-
tor “j.” When multiplying complex numbers, one
of the terms is always j2, which is equal to -1, so
the product will have the opposite sign of what
one would calculate using simple values of X. If
this sounds confusing and complicated, remember
that I said Basic NEC is not light reading.

Current moments in a directional array are
explained as the summation of the driven and
induced currents in each radiator. The current
moment of each tower is the foundation of what
is required to get from the ratio/phase world we
live in o the source volitage and phase world
that NEC works in. The author then shows how
to calculate the normalized drive voltages for
each tower for a given set of field ratios. Here
the author skipped over what would have no
doubt been a complex and laborious set of
simultaneous equations.

The more mathematically adept should be
able 1o derive these equations from the material
provided. For the rest of us the author has pro-
vided a piece of matrix inversion software that
does it for us. In some ways | was disappointed
the author didn' fully develop the equation set,

l\“' . if!1

Smith provides a chapter titled "Model by
Measurement” that deals with adjusting the model for
this purpose. He provides information on what model
parameters affect what, such as the effect that the num-
ber of segments and tower diameter has on the mod-
cled impedance.

Top-loading and skirting are dealt with in their own
chapter. Smith explains how to create a model of both
and the limitations of the NEC-2 core with respect to
each.

Another chapter is devoted entirely to bandwidth
analysis, an important topic in today’s IBOC world.
The author shows how to construct a model with
matching networks, transmission lines, phase shift
networks and common point network to show what
the overall system and pattern bandwidths would
look like.

To round out the book, Smith included several
case studies, real-world directional arrays and towers
that were both modeled and measured. These case
studies show up the differences between modeled and
real-world measured parameters, some of the limita-
tions of the NEC-2 core and some workarounds.

While there is much more to antenna modeling
than is included in “Basic NEC With Broadcast
Applications,” this book provides what broadcast
engineers need to understand the modeling process
of AM broadcast antennas. This is a very good place
to start. In fact, it provides all the information about

but 1 think I understand why he did not. The
bottom line is he did provide the necessary tools
to compute the normalized drive voltages.

FIELD USEFUL INFORMATION

There is a wealth of useful information in the NEC-2
outpul listing, including current distribution, driving point
impedances and radiation pattern. The author details the
many uses for this information, including finding the target
antenna monitor indications, detuning unused towers,

NVCOMP.EXE display of eight-tower array detuned with top skirts.

finding the optimum heights for sample loops and design-
ing matching networks.

Anyone who has done any amount of antenna modeling in
conjunction with real-world measurements knows that the
model never exactly matches the measured impedances, cur-
rents and operating parameters. A number of factors affect
this, and quite often the practice is to adjust the model to
force it 1o closely match the measured values.

AM modeling that many engineers will ever need.

The reader should come away with a good under-
standing of the modeling process, the limitations of the
NEC-2 core and how he can utilize this powerful tool to
speed the array design and tune-up process.

The book is available from Amazon.com or the SBE for
$99.95. Society members get a $10 discount at the online
SBE Store.

Cris Alexander is director of engineering, Crawford
Broadcasting Co., Denver. B .
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