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TELOS ALLIANCE COMPANY HISTORY?

28 YEARS

TELOS OMNIA AXIA LINEARACOUSTIC

1984

Steve Church invents Telos10, e
the world's first DSP adaptive
telephone hybrid, and first
DSP based product for
radio broadcast.

1985

Telos Systems Founded. o

1986

Frank Foti designs Vigilante e
audio processor at WHTZ,
New York.

1989

Telos ONE Hybrid. e

1991

Cutting Edge Unity 2000 e
audio processor.

1992

Cutting Edge merges ee
with Telos Systems.

Telos develops Digital
Dynamic Equalization
adaptive hybrid EQ.

1993

Telos Zephyr introduced; e
combines MPEG Layer-3 and
ISDN for CD-quality remotes.

1996

Telos introduces MP3 o
for real-time webcasting.

STEVE CHURCH

1997

Cutting Edge debuts Omnia.fm e
Digital Audio Processor.

Telos Audioactive Encoder o
pioneers hardware-based
MP3 streaming.

1998

Cutting Edge becomes e
Omnia Audio and introduces
the Omnia.am and Omnia.net.

1999

Console designer e
Michael "Catfish" Dosch
joins Telos.

Telos introduces hybrids and
multi-line talkshow systems
for ISDN phone lines.

Omnia introduces Omnia.3 e

2000

Telos Series 2101 debuts; ®
world's first whole-plant
talkshow system.

Omnia.6-fm premieres, ®
world's first 96 kHz/24-bit
broadcast audio processor.

2001

SmartSurface networkable e
control surface shown at NAB.

Zephyr Xstream pioneers ®
low-delay MPEG AAC-LD coding.

Omnia.6FM introduced. @

TELOS ONE UNITY 2000 (', TELOS ZEPHYR
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2002

Omnia.s audio processor
for FMand AM.

Telos introduces ProFiler
automated program archiving.

Zephyr Xport becomes the
first codec to use advanced
aacPlus audio coding.

003

Livewire Audio-Over-Ethernet
technology unveited.

Omnia.6-EX debuts with
simuttaneous FM, HD Radio™,
DAB processing.

Omnia/Crown develop
Processing Card for
Crown Transmitters.

Axia division of Telos
is launched.

2004

Omnia-SEX debuts, first HD
Radio processing for AM.

First Livewire-connected
studios built.

2005

#1 Station in Los Angeles
upgrades to Omnia.

Zephyr surpasses the
14,000 mark in sales.

Axia introduces Element
and 100th Axia control
surface ships.

e )  mwn WEEE

OMNIA FM OMNIA.IFM
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2006

e Telos 10 telephone hybrid,
the ISDN codec and Axia
Livewire tech voted among
most influential inmovations
of broadcasting's first 100
years by readers ot
Radio magazine.

Axia iProFiler software
introduces "purely networked"
audio logging.

2007

Omnia supplied technology
for the first FM-HD surround
broadcast in the world over
WZLX, Boston.

Telos debuts Zephyr/iP,

or "Z/IP", for use on public
Internet data links,

and Nx12 POTS/ISDN
Talkshow System.

2008

Linear Acoustic merges
with Telos Systems, bring-
ing former Dolby praduct
manager Tim Carroll's
extensive television audio
background to the mix.

@ Linear Acoustic provides
upmixing products and
technical services for NBC's
coverage of the 2008
Olympic Summer Games
in Beijing.

1000th Axia console
placed in service.

2009

® Omnia A/XE software
combines Omnia audio
processing with
streaming encoder.

e Axia simplifies IP-
Audio with world’s first
zero-configuration AolP
switch in PowerStation
console engines.

e Steve Church and Skip
Pizzi co-write Audio
Over IP reference book
for Focal Press.

o New Nautel transmitter
line includes Livewire
IP-Audio interface.

2010

e Telos announces
VX, the world's first
VolIP phone system
designed for broad-
casters,

® Telos Z/IPONE IP
codec debuts.

e Steve Church
receives NAB Radio
Engineering
Achievernent Award.

¢ Omnia.n begins
shipping to radio on
November 11.

® Axia introduces IP
Intercom, world's first
broadcast intercom
for AolP network. Axia
iQ console debuts.

® Linear Acoustic
provides 24 AERO.qc
units and technical
»  services for NBC's
coverage of the
2010 Olympic Winter
Games in Vancouver.

TELOS SYSTEMS
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AXIA AUBIO
AXIAAUDIO.COM

OMNIA AUBIO
OMNIAAUDIO.COM

2011

Linear Acoustic recognized
by the National Academy
of Television Arts and
Sciences with a 2010 Tech-
nical EMMY® award for
audio/metadata loudness
control technology.

7000th Omnia ONE ships.

Omnia F/XE released,
specially engineered

for file-based audio
processing and encoding.

Axia debuts
OpenAolP.com and the
Livewire Limitless License
to encourage equipment
interoperability.

Telos debuts Hx1 & Hx2
POTS hybrids; 1,500 are
sold within a year.

2012

Telos ProSTREAM
hardware Internet
processor/ encoder
isintroduced.

Omnia.1 on-airin all
Top 10 US markets.

Axia RAQ and DESQ
compact AolP mixers
introduced.

Linear Acoustic
provides products and
technical services for
NBC's coverage of the
2012 Olympic Summer
Games in London.

Linear Acoustic
partners with Doiby
to develop next
generation of DTV
audio products.
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TE_OS
The Ace of Content Creation

Corwpellinc, attention-getting programming brings tal-
=t listeners, experts, and events together. The result is
Drtert - the “Content is King” kind of content. Creating
ont2rt requires tools that work and don't get in your way.
Ahcre hybrids, talkshow systems, remote-broadcast codecs
-these arz the tools of compelling content creation.

Cther -00ls connect your content to new audiences over
n2w Tedia. Sophisticated streaming tools, brimming with
audio clarity and rich meta-data are bolting into racks
a-ounc the globe.

On -he pages that follow, you'll see content creation and
dsst-ibuticn tools that work for you. You’'ll use them daily.
Thev1l connect your talent with listeners, experts and
eventswitk hardly a second thought about the incredible
tectro ogy inside.

Thank vou for your own dedication, ideas, and comments.
Pzas2 ell me how you're creating content with Telos, and
hoew we can help you do that even better.

My besz,

Kik Harnack
Vize Fresicent, Telos Products
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FOURSTEPS TO THE BEST PHONE CALLS EVER

GETTING THE MOST FROM NEW PHONE TECHNOLOGY

One hundred thirty-six years ago, Alexander Graham Bell
spoke the famous sentence "Mr. Watson—Come here—I| want
to see you". Chances are good that you're still using that same
technology today when you put phone callers on-air.

Broadcasters have used Plain Old Telephone Service (“POTS")
for some or all of the talk path from listener/callers or inter-
viewees to the studio. We've used POTS for breaking news re-
ports as well as sports coverage and for remote or “outside”
broadcasts. As the least-common-denominator technology,
POTS is still the technical glue that connects newer digital
services together, often at the broadcast studios. And, while
ISDN gave us a digital audio path to the local telco switch,
we've had no chance to upgrade the audio codecs employed
in ISDN telephony, as ISDN was a direct, functional replace-
ment for analog POTS. Moreover, ISDN - like POTS - is a circuit-
switched technology with the attendant limitations and ex-
penses that become anomalous in today's packet-switched,
Internet-centric age.

As limited in quality as POTS may be today, it's still better
than Mr, Bell's early work with analog telephony. The same is
true with Voice over IP (“VolP"). Early efforts suffered from a

nascent, slower Internet, competing and incompatible stan-
dards, and very low bitrate codecs that didn’t sound good.
Today VoiIP has grown up to be the world-class telephony
player. And VolP over Session Initiation Protoco! (“StP”} is the
standard with which old telcos, new providers, and end users
are all connecting. SIP is the protocol that we broadcast engi-
neers will be getting familiar with, too.

WHY VolP FOR BROADCAST?

VoIP has already taken the business world by storm, increas-
ing the flexibility of office phone systems and PBXs while si-
multaneously lowering maintenance and equipment costs. In
fact, most Fortune 500 companies have replaced their older
PBX systems with VoIP for just these reasons.

VolIP is a natural for broadcasters as well, interconnecting
the phone system with audio interfaces, phone sets, console
controllers, and PCs running screening software by way of
efficient, low-cost Ethernet. Using VolP, you can finally share
phone lines among multiple studios and route caller audio
anywhere in your facility, easily and instantly. Got a hot talk-
show that suddenly needs more lines in a certain studio? Just
a few keystrokes at a computer and you're ready — no delays,
and no cables to pull. A VoIP talkshow system can even connect
with your business office’s VolP PBX to allow easy call transfers.

But VoIP from Telos isn't just business-class VolP; it's tailored
to the requirements of broadcasters. Every incoming line
has its own fifth-generation Telos Digital Hybrid, our most ad-
vanced ever — packed full of technology engineered to extract
the cleanest, clearest caller audio from any phone line, even
noisy cellular calls. Multiple lines can be conferenced with su-
perior clarity and fidelity. Smart AGC ensures truly consistent
caller audio levels. New Acoustic Echo Cancellation from FhG
removes feedback and echo in open-speaker studio situa-
tions. And should you choose to use SIP Trunking telco ser-
vices, calls from mobile handsets with SIP clients will benefit
from VX's native support of the G.722 codec, instantly im-
proving caller speech quality. The quality of nearly all calls is
improved, too, thanks to less transcoding and no 4-wire to
2-wire (digital to POTS) transitions.
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WHAT ABOUT THOSE "FOUR STEPS TO THE BEST

PHONE CALLS EVER?" HERE THEY ARE:

1. FLUSH THE POTS.

Work with your Incumbent phone provider or a Competitive pro-
vider to convert your existing POTS lines to SIP Trunks. This can
be the best way to bring telephone calls into your facility. How-
ever, in many regions, the old Incumbent telco is less prepared
to bring you SIP Trunks than a Competitive carrier is. Dori't hesi-
tate to check out SIP services from competing carriers. Some
competitors will offer the physical connection, too, such as a
new T1 path or an alternate copper or fiber IP connection to your
facility. Other Competitive carriers require that you supply your
own IP connectivity. Consider getting a dedicated data connec-
tion for your SIP Trunk service and using MPLS (a type of Qual-
ity of Service protocol) or at least Packet Prioritization through
your router. What if you just can’t convert to SIP from the phone
company? No worries, you can still take the next three steps to-
ward better phone audio by using a “gateway” device. Gateways
convert POTS {or TI/E1 or ISDN) to VolP over SIP; exactly what
you need to upgrade in steps 2 through 4.

2. USE SIP-NATIVE TELEPHONE HYBRIDS.

Many broadcasters bring SIP or ISDN into their facility, but then
convert these connections to the lowest-common-deromi-
nator, POTS, for connecting to their older on-air telephone
hybrids. This dual conversion - to POTS and back to 4-wire {in-
side the hybrid) - only compromises quality. The Telos VX Engine
is chock-full of SIP-native phone hybrids. Indeed, instead of
switching multiple phone lines to a coupie of hybrids, the VX
Engine terminates each SIP call with its own, dedicated hybrid
for unmatched clarity and superior conferencing.

SOFTWARE UPDATES \3/ FIND A DEALER
TELOS-SYSTEMS.COM/SOFTWARE ¥ TELOS-SYSTEMS.COM/DEALER

ANALOG & DIGITAL TELEPHONE TALKSHOW SYSTEMS , ISDN & IP BROADCAST CODECS ' INTERNET PROCESSING & STREAMING

TELOS-SYSTEMS.COM
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FOUR STEPS TO THE BEST PHONE CALLS EVER

FROMTELCO + °

DUCK
(ONTROL
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3. GIVE EACH CALLER AN AUDIO PROCESSOR.

Most phone hybrids have either no audio processor or just a
basic audio limiter or compressor - not enough when caller
audiois so variable in guality. If you want your caliers to sound
consistently great, with similar loudness and freguency re-
sponse call-to-call, then audio processing designed specifl-

WAN PORT

VX ENGINE POWERSTATION

TELCO GATEWAY OR PBX

XSCREEN

4, GONETWORKED AND GET FLEXIBLE.

Great sounding phone calls on every show implies flexibility in
operation. It's no good to have the best new equipment stuck
in one studio when you have to move to another temporarily.
That’s why using a networked on-air talkshow system is critical
to producing great-sounding callers every day. A networked
on-air talkshow system lets you move from studio to studio,

keeping exactly the same show structure, including your Warm-

FREQUENCY
) SHIFTER )

LAN PORT

¢ FROM STUDIO

cally for callers is what you want. The Telos VX delivers clear,
clean caller audio from fifth-generation Telos Hybrid technology,
including Digitat Dynamic EQ, AGC, adjustable caller ducking,
and send- and receive-audio dynamics processing by Omnia.
Wide-band acoustic echo cancellation from Fraunhofer IIS
completely eliminates open-speaker feedback.

f
il

“LINE RINGING™LIGHT

VSET12

AXIA CONSOLE

line and Hotline. No matter which studio you're in today, you
get the same clear, consistent caller audio. A networked talk-
show system affords full supervision of all line appearances, so
it's easy to share desired lines across some or all studios, and
even with a business PBX. Call screening is flexible, too, with
no special or separate wiring needed; you get full call screening
capabilities anywhere on the network.
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MORE TIPS FROM THE FIELD

For the last couple of years, Joe Talbot, Product Manager
for Telos, has been helping dozens of broadcasters execute
these four steps. From single stations to worldwide networks,
foe and Telos users are bringing the absolute best telephone
quality possible to their programming.

Together they're demonstrating that it's possible to dramati-
cally improve audio quality and operational flexibility, while
reducing costs and the number of components in the studio
on-air phone system.

WHEN CONSIDERING SIP TECHNOLOGY JOE SUGGESTS
CONSIDERING THESE QUESTIONS:

» How can we keep as many phone lines as possible in the
four-wire domain?

» How can we make the system as reliable as possibie while
still consolidating delivery facilities?

» How can we best position ourselves for the future of tele-
phony, which will be 1009, 1P?

» How can we identify the best service provider chorces in our
area and for our situation?

» How can we make these dramatic changes without adding
complexity or adversely changing our users' experience?

» What are our risks and what is our fallback plan? How much
backup do we need?

Thinking about office and studio phone integration, we've
learned that engineers should consider more than “is this PBX
SIP capable” when shopping. The overall “openness” of the

TEILOS-SYSTEMS.COM/BROCHURE

SOFTWARE UPDATES @,

BROCHURES
TELOS-SYSTEMS.COM/SOFTWARE s

system and manufacturer, the licensing and maintenance
costs shouid be considered when choosing a PBX. In several
locations, we've found that it would be relatively simple to con-
nect the VX directly to the PBX — but then found out that the
arbitrary licensing costs to the PBX vendor would be several
thousand dollars.

We're finding that SIP providers will often assume that you
want the G.729 compressed codec, not understanding that
audio quality is a primary concern that you're willing to pay for.
Never lose sight of why you are making changes in the first
place! Generally speaking, you'll want your SIP provider to
deliver call using the G.711 codec as a minimum.

Consider how your lines are delivered and how many you actu-
ally need. You will get fewer channels (17) on a T1 IP connection
than a TDM Ti connection (23). If capacity is an important is-
sue, your best choice is to have SIP trunks delivered in some
other (non T1) fashion if possible, or simply use a SIP gateway,
bringing in TDM on a PRI from the carrier, then converting to
SIP. That scenario is all digital and four-wire.

We've learned that the Incumbent (iLEC) phone companies
often are usually not the best choices for SIP service at this
time. They can be mired in old technology, plus can suffer from
a “not invented here” attitude. Competitive (CLEC) phone com-
panies are often into SIP technology with “both feet” and are
committed to delivering excellent quality and reliability.

My best,

Kirk Harnack
VP, Telos Products

FIND A DEALER

TELOS-SYSTEMS.COM/DEALER

ANALOG & DIGITAL TELEPHONE TALKSHOW SYSTEMS | ISDN & [P BROADCAST CODECS = {INTERNET PROCESSING & STREAMING
TELOS-SYSTEMS.COM
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TELOS VX

THE FUTURE OF BROADCAST TALKSHOW SYSTEMS

[ CabLog » Cob Detade 3 Diroatery
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VolP FOR BROADCAST.
FROM TELOS, NATURALLY.

VX is the world’s first VoIP (Voice over IP) talkshow system.
It's incredibly powerful, very flexible, and highly scalable — a
powerful whole-plant broadcast phone system that's also eco-
nomical enough for stations with just two or three studios.

VX connects to traditional POTS and ISDN telephone lines via
standard Telco gateways. But it can also connect to VolP-based
PBX systems and modern SIP Trunking services to take ad-
vantage of low-cost Internet-delivered phone services. Using
standard Ethernet as its data backbone, VX significantly eases
the cost of phone system installation, maintenance and cabling,
while making it easier than ever for talent to take control of
their phone system. VX is truly the future of broadcast phones.

With Telos VX, you get the flexibility and low cost of modern
telephone SiP networking joined with power digital signal and
audio processing. You can move and share lines between studios
at the touch of a button. VX is naturally scalable, capable of
serving even the largest of facilities — while remaining surpris-
ingly cost-effective for even single stations with more modest
needs. To make the most of this networked environment, we've
built VX around the VolP standard.

VoIP has already taken the business world by storm, increasing
the flexibility of office phone systems and PBXs while simuitane-
ously lowering maintenance and equipment costs. In fact, most
Fortune 500 companies have replaced their older PBX systems
with VoIP for just these reasons.

12:22:13

Thirsday

WHY VolP FOR BROADCAST?

VolIP is a natural for broadcasters, interconnecting the phone
systerm CPU with audio interfaces, phone sets, console control-
lers, and PCs running screening software by way of efficient,
low-cost Ethernet. Using VolIP, you can finally share phone lines
among multlple studios and route caller audio anywhere in your
facility, easily and instantly. Got a hot talkshow that suddenly
needs more lines in a certain studio? Just a few keystrokes at a
computer and you're ready — no delays, and no cables to pull. VX
can even connect with your business office’s VoIP PBX to allow
easy call transfers.

But it’s not just VolP — It's VoIP from Telos. Every incoming line
has its own fifth-generatlion Telos Digital Hybrid, our most ad-
vanced ever, packed full of technology engineered to extract the
cleanest, clearest caller audio from any phone line, even noisy cel-
lular calls. Multiple lines can be conferenced with superior clar-
ity and fidelity. Smart AGC ensures consistent caller audio levels.
New Acoustic Echo Cancellation from FhG removes feedback and
echo in open-speaker studio situations. And should you choose
to use SIP Trunking telco services, calls from mobile handsets
with SIP clients will benefit from VX’'s native support of the G.722
codec, instantly improving caller speech quality.

VX uses Ethernet as its network backbone, a powerful yet simple
way to share phone lines among studios and connect system com-
ponents. VX plugs right into Axia IP-Audio networks, connecting
multiple channels of audio and control via a single Ethernet RJ-45.
If you don't have an IP-Audlo network yet, that's OK; VX works
with Telos audio interfaces to provide analog or AES audio and
GPIO connections that work with your existing studio equipment.
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FEATURES AT A GLANCE

There are lots of VolP systems for business, but only VX is built
with broadcasters in mind. Here are a few of the benefits VX
brings to your studio:

» Works with nearly any type of phone lines - POTS, T1/E1, ISDN
and SIP Trunking telco services - via standard gateways for max-
imum flexibility and cost savings. » Standards-based SIP/IP in-
terface integrates with most VolP-based PBX systems to allow
transfers, line sharing and common telco services far business
and studio phones. » Standard Ethernet backbone provides a
common transport path for both studio audio and telecom, re-
sulting in cost savings and a simplified studio infrastructure,
Connection of up to 100 control devices (software or hardware)
is possible. » Modular, scalable system can be easily expanded
to manage a network of up to 20 studios, each with a dedicated
Program-0On-Hold input — truly a "whole-plant” solution for on-
air phones. » Up to 16 hybrids, with as many as 48 active calls
{(up to 4 per hybrid), may be placed on-air concurrently. » Each
call receives a dedicated hybrid for unmatched clarity and su-
perior conferencing. » Native Livewire integration: ore connec-

BROCHURES
TELDS-SYSTEMS.COM/BROCHURE

SOFTWARE UPDATES g,

TELOS-SYSTEMS. COM/SOFTWARE ¥,

tion integrates caller audio, program-on-hold, mix-minus and
logic directly into Axia AolP consoles and networks. » Connect
VX to any radio console or other broadcast equipment using
available Analog, AES/EBU and GPIQ interfaces. Audio inter-
faces feature 48 kHz sampling rate and studio-grade 24-bit
A/D converters with 256x oversampling. » Powerful dynamic
line management enables instant reallocation of call-in lines
to studios where demand is greatest. » VSet phone controllers
with full-color LCD displays and Telos Status Symbols present
producers and talent with a rich graphical information display.
Each VSet features its own address book and call log. » Drop-in
modules can integrate VX phone control directly into your Axia
mixing consoles. » Clear, clean caller audio from fifth-generation
Telos Hybrid technology, including Digital Dynamic EQ, AGC, ad-
justable caller ducking, and send- and receive-audio dynamics
processing by Omnia. Wideband acoustic echo cancellation
from Fraunhofer 1iS completely eliminates open-speaker feed-
back. » Support for G.722 codec enables high-fidelity phone
calls from SIP clients.

TELOS VX COMPONENTS

BUILD YOUR IDEAL PHONE SYSTEM

VXENGINE

The VX Engine is the heart of the system. A fan-free 2RU rack-
mount device with enormous processing power, the Vx Engine
provides all the call control and audio processing needed for
the system. VX is Web-based, so remote control and canfigura-
tion are a snap — you can work with it from any place you can
get online.

The VX Engine’s platformis so powerful, it provides a hybrid for
every line, aliowing multiple calls to be conferenced and aired
simultaneously with excellent quality. incredibly advanced DSP
hybrids make caller audio sound its best, no matter what kind
of line or phone the caller uses. Smart AGC coupled with Telos

ANALOG & DIGITAL TELEPHONE TALKSHOW SYSTEMS

three-band adaptive Digital Dynamic EQ and a three-band
adaptive spectral processor are part of the toolkit; send audio
gets a frequency shifter, AGC/limiter and FhG's Advanced Echo
Cancellation technology to eliminate open-mic feedback. Call
ducking and host override round out the package.

With VX, choice comes standard. Want to use traditional phone
services, like T1/E1, ISDN, and POTS? The Vx Engine works with
standard telco gateways from Patton, Cisco, Grandstream and
others. Want to use a VolP-based PBX or SIP Trunking telco ser-
vice? VX Engine uses standard SIP (Session Initiation Protocol)
and RTP (Real-time Transport Protocol).

ISDN & IP BROADCAST CODECS

FIND A DEALER
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VSET 12

The VSet12 phone controller is an IP-based phoneset with two large,
high-contrast color LCD panels that provide line status and caller in-
formation using easy-to-understand Status Symbol displays. Use
them like a traditional Telos controller —select, hold and drop calls
as normal. Map phone lines to individual faders for greater control
— even assign a group of lines to a single fader. Additional controls
lock calls on-air, start external recording devices, and queue calls for
sequential airing. There's a built-in address book and call history log,
and the display screens deliver detailed line status, caller information,
caller ID and time ringing-in or on-hold — perfect for error-free produc-
tion of fast-paced shows.

VSET 6

The VSet6 phone controller is a six-line version of the VSet12. Like its
big brother, it has a large, friendly color screen with animated Status
Symbol icons, and controls for 6 phone lines. With all the control func-
tions of the VSet12, it's great for secondary studios or other locations
where only six lines of control are desired.

VSET 1

The VSet1 phone controller provides convenient single-line access
to your VX system in news booths, voiceover stations, etc., where
control of muitipte phone lines is not necessary. Its bright display
screen and intuitive controls let operators easily hold, drop and step
through queued calls.

CONSOLE CONTROLLERS

Console Controllers: Live calls or pre-recorded, interviews or audi-
ence participation, one thing’s certain: phone segments are an in-
tegral part of today's fast-paced radio. Wouldn‘t it be great if talent
could take control of phones without ever having to take their focus
from the board?

They can: Axia Element and iQ IP-Audio consoles can be configured
with bulit-in phone controllers. This sophisticated integration helps
shows run smoother, since phone controls fall immediately to hand.
Talent enjoys phone controls right on the board to dial, answer, screen,
and drop calls without ever diverting attention from the console.

And, since the console now communicates directly with the phone
hybrid, mundane tasks such as mix-minus generation, recording de-
vice activation and playback of pre-recorded conversations can all be
automated, allowing talent to focus on doing what they do best
— their show.
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VXINTERFACES

VX Audio & Logic Interfaces let you connect VX to any non-net-
worked radio console or other broadcast equipment, using standard
analog or AES/EBU interfaces. A GPIO Logic interface provides control
logic where needed.

XSCREEN By Broadcast Bionics

VX, NX & iQ6 come complete with XScreen from Broadcast Bionics.
When they asked if they could use these products as a platform for
their new XScreen product, it took us about a millisecond to say
"yes!” Partly because we believe in open standards and the bene-
fits of partnerships, but also because we think XScreen is very cool.
XScreen’s interface gives screeners and hosts tons of information
and control using sophisticated visual talkback, including a drag and
drop database of all calls for your show as well as a phonebook and
visual warnings for persistent or nuisance callers. A fully-functional
copy of XScreen Lite is provided to ali VX customers, but an upgrade
to the full XScreen client software adds even more features, includ-
ing extended call history, an enhanced phonebook, prize manage-
ment, powerful GPIO functionality pius more. XScreen, deployed as
part of a Livewire network, also enables call recording, editing and
console integration directly over the network.

VX + By Broadcast Bionics

Link multiple VX Engines together to provide the power, scale and
resilience required for even the most demanding of instailations. VX+
facilitates networking and transfer of shows between multiple sites.
WX+ adds enhanced functionality to VX including outgoing announce-
ment and voice mail capability. VX+ runs as a Service on a Windows PC.

15
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PAINLESS HOOKUP

READY.SET.BROADCAST.

AXIAINSTALLATION

The Telos VX is a “facility wide” on-air telephone system. That means multiple studios, multiple sta-
tions, multiple shows minimal hardware requirements. With VX, there’s no need for the maze of dis-
crete cables once required by a multi-line talkshow system. All VX components are linked with Ethernet,
s0 a single CAT-5 cable provides connection to the telco interface, line switching commands, data com-
munication between the VX Engine and VSet phones, transport of caller audio to mixing consoles,
return of mix-minus and program-on-hold audio to the calier, data messages (such as call notes and
IM) between producer and talent, Livewire audio call recording, and transfer of recorded call files from
the producer to the studio.

Teico is delivered via IP through a POTS, ISDN or T1 gateway device, a SIP PBX, or a dedicated IP circuit
using SIP Trunking. Got an Axia Livewire AolP studio network? Telos VX will plug right in. Audio inputs
and outputs are Livewire real-time audio channels and travel over your existing Axia system just like
the rest of your audio. Axia console GPIO ports can be used for “phone ringing” tallies or remote con-
trol of profanity delay units. It's the seamless integration of studio phones, mixing consoles and
routing network you've dreamed about! The dlagram below shows just how easy it is to combine VX
with your Axia network.

WAN PORT LAN PORT

VX ENGINE POWERSTATION

TELCO GATEWAY OR PBX
LIVEWIRE-CAPABLE DELAY

VSET12

AXIA CONSOLE

XSCREEN

,9
il

"LINE RINGING" LIGHT
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NON-AXIA INSTALLATION

Don‘t have IP-Audio networking yet? Not to worry. .. VX will work with all console brands, networked
or not, via VX Audio and Logic interfaces - compact 1RU breakouts that put multiple I/0 channels right
where you need them. This diagram shows a typical studio with an analog mixer, using VX Analog and
GPIO logic interfaces to connect the console and other broadcast equipment.
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VXENGINE

ETHERNET SWITCH )

GPIO VX INTERFACE

VX ANALOG INTERFACE
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eI ———WCCESCA
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‘LINE RINGING”LIGHT
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TELOS Nx TALKSHOW SYSTEMS

CLEAN, CONSISTENT CALL QUALITY — EVERY LINE, EVERY TIME.

Find a radio facility where caller audio quality is important,
and chances are you'll find a Telos Nx Talkshow System. Nx12
twelve-line and Nx6 six-line systems deliver the cleanest, most
consistent call quality possible from even the most challenging
calls. Nx systems combine muitiple advanced telephone hybrids
{each with their own AGC, noise gate, and caller override dynam-
ics) with Telos' famous Digital Dynamic EQ, a sophisticated
multiband equalizer which analyzes and adjusts received audio
spectral characteristics so that calls sound smooth and consis-
tent despite today’s wide variety of phone sets and connec-
tion types. But there's more: Nx systems feature caller audio
sweetening by Omnia, special echo cancellation to tame tricky
VolIP and cellular calls, and anti-feedback routines to tackle the
acoustic feedback that plagues open speaker applications.

Telos Nx6 and Nx12 systems can be ordered to work with your
choice of POTS or ISDN (BRI) phone lines, and work with a variety of
control surfaces, including the Telos Desktop Director, Call Con-
troller and Console Director drop-in module. Of course, there's
also an Ethernet connection for use with call screening software
{and one-click connection to Axia IP-Audio networks). With Nx
talkshow systems, taient and producers both benefit from unique
Telos features that help make shows run smoother, faster and
more error-free, such as our exclusive Status Symbols visual call
management icons that clearly show line and catler status.

Nx6 works with up to 6 telephone lines and Nx12 with up to
12 lines, and each have four hybrids for extra flexibility in fast-
paced talk environments. They both feature a useful *dual studio
mode” that allows a single system to power phones for two stu-
dios simultaneously, each with its own Program-On-Hold input.
Out of the box, you can connect 4 control surfaces {phones,
screener PCs or console directors} for flexibility in commanding
your calls — or up to 8 surfaces using accessory power supplies.
Function keys on Desktop Director and Call Controller devices
let you command GPIO-style outputs for push-button com-
mand of profanity delay systems and recorders.

Nx6 and Nx12 work flawlessly with any mixing console; both
come standard with analog 1/0, and Nx12 can be outfitted with
an optional AES interface that allows direct access to all four
hybrids individually. But should you happen to have Axia IP con-
soles, Nx talkshow systems connect directly using just a CAT-§
cable. That one connection takes care of all audio 1/0, on-hotd
inputs, hybrid control and GPIO. Drop-in modules available for
Axia Element consoles let users easily take control of their Nx6
or Nx12 system right from the console. Choose the Call Controller
module with onboard hybrid controls with Status Symbol dis-
plays, or the standard four-fader moduie for a fader-per-hybrid
European operating style.
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Most importantly, Nx systems make your call-in segments
sound great thanks to a host of sophisticated DSP and audio
processing routines. There's our famous Digital Dynamic EQ
and a symmetrical wide-range AGC and noise gate from the au-
dio processing experts at Omnia Audio for caller consistency,
and with adjustable caller ducking to help your hosts keep con-
trol of the conversation. Finally, a sophisticated pitch shifter
and studio adaptation routines help keep feedback from ap-
pearing when taking calls with open speakers.

DESKTOPDIRECTOR
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But wait - there's more. Nx6 and Nx12 feature Caller ID on both
analog POTS and ISDN telephone lines, and feed that data over
Ethernet to your call screening application. Speaking of Ether-
net, Nx systems ease setup and administration with their built-
in Web servers; just hook a computer to the network to perform
configuration and remote monitoring functions. Systems will
work happily with either PQTS, ISDN-S, or ISDN-U lines — just
tell us when you order. Or, split the difference: with Nxi2, you
can specify half POTS, half digital line interfaces.

Telos Desktop Directors are your premiere choice to make, take and screen calls with

your Nx phone system. These sophisticated, yet easy-to-use phonesets make fast-paced
production a snap. And caller management has never been simpler, thanks to intuitive
Telos Status Symbols — clear, easy to read graphica! icons that convey line and caller

status at a glance.

Desktop Director helps you screen calls quickly and efficiantly using deluxe features like the
built-in handset, speakerphone or optional headset. Hosts receive immediate information

about line availability, on-hold and ready-for-air queue status from Status Symbol icons.
An extended version for use with Nx12 can control all four hybrids individually-

CALL CONTROLLER

The Telos Call Controller is a simplified, cost-effective option for call screening and on-air
control. The Cail Controller connects to the Nx6 or Nx12 in the same way as the Desktop
Director. it uses an external, user provided, telephone for call screening and studio telephone
operation. Simply connect the Call Controller to your Nx system, then plug in any compatible
analog telephone and you're on your way. Like the Desktop Director, Call Controllers have
large buttons and intuitive Status Symbols to help talent keep track of line and hybrid status.

CALL CONTROLLER FORELEMENT CONSOLES

These drop-in modules for Telos Element 2.0 mixing consoles let talent take command of
Nx6 or Nx12 right from the board, making for smoother, more error-free shows. Two rows
of hybrid controls with easy-to-read Status Symbols icons are flanked by dedicated faders;
coupled with Element's built-in dialpad, talent can make, take and bring callers to air with-

out ever taking their eyes off the board.
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TELGOS ! BROADCAST PHONE SYSTEMS

TELOSiQ6 TELCO GATEWAY

MULTI-LINE PHONES MADE SMARTER

A multi-line phone system that connects to your console with
just one cable? Smooth, detaited caller audio — even from cellu-
lar callers? Meet iQ6, the Telco gateway for Axia's new iQ console.
iQ6 plugs right into your Livewire AolP network, saving you mon-
ey and time by eliminating the cost and labor of old-fashioned
discrete 1/0, cabling and soldered connectors.

iQ6 puts audio, hybrid control and backfeed for six phone lines
onto one skinny CAT-5 cable. Setup is simple: plug it into your
Axia network, do some fast web-based configuration, and your
talent can control iQ6 right from their Axia iQ console — there’s
an iQ Telco expansion frame that puts hybrid control and Status
Symbols information icons right on the mixer’s surface, so talent
never has to take their eyes off the board to take a call.

You can also pair iQ6 with Telos Vset phones and their full-col-
or, high-contrast display screens. iQ6 is extremely flexible: you

can connect up to 12 control devices at once — phones, PCs or
console controllers — to take charge from nearly anywhere.
Separate Send and Receive level meters for each hybrid are con-
veniently located right on the front panel for extra monitoring
confidence.

How does iQ6 sound? Like a Telos, of course! Inside, two of our
most advanced hybrids handle up to six phone lines (POTS or
ISDN — let us know which when you order}. Those hybrids are
equipped with Digital Dynamic EQ and adjustable smart-level,
symmetrical wide-range AGC by Omnia to keep callers sounding
clean, clear and spectrally consistent call after call. An adjust-
able caller override lets you dial-in just the right amount of call
ducking. Our subtle, inaudible pitch-shifter helps prevent open-
speaker feedback. And conference linking lets you set up high-
quality conferencing between callers at the touch of a button —
no external equipment needed.

JASON WISNIESKI, iQ6 PROJECT MANAGER

‘ "The iQ6 realizes the Livewire dream - one connector for ait your studio audio
and contro} - and brings it to telephony. it really brings home the beneflts of
running a Livewire-based studio. | love that it's powerful as its awn system,
I~ and very flexible when paired with an iQ Console System.”



TELOSALLIANGE COWBLOG ) TeLos-svsTEMS COMBROHURE TELOS-SYSTEMS COMBOrARE &
Hx1 AND Hx2 DIGITAL POTS HYBRIDS
POTS PHONES NEVER SOUNDED SO GOOD
R -5 et S
® i -l
e -
P e ..
L - o o el
. D: ED: = .

In the mid-1980s, Telos pioneered the very first digital adap-
tive telephone hybrid. Since then, our POTS phone hybrids have
earned a worldwide reputation for extracting clean, clear caller
audio from even the most difficult calls.

We've pioneered plenty of improvements to POTS hybrid tech-
nology in the past 20 years, and the Telos Hx1 and Hx2 represent
the highest state-of-the-art in hybrid performance. Advances
in DSP have been pretty great as well. We've used every bit of
knowledge gained to make Hx1 and Hx2 the best, most advanced
POTS hybrids we've ever made, without much doubt.

Iinside the single-hybrid Hx1 and dual-hybrid Hx2, you'll find Telos
processing technologies that take the POTS hybrid to a new level
of consistently superior performance, regardiess of telephone
line characteristics. This advanced hybrid technology brings new
standard features that sweeten and control caller audio better
than ever before; features you won't find in other POTS hybrids.
Hx1 and Hx2 have Auto-Answer, caller disconnect detection, so-
phisticated new audio-leveling and anti-feedback routines for
enhanced open-speaker applications, call screening and iine-hold
features, and front-panel send and receive audio metering —
plus much, much more.

ANALOG & DIGITAL TELEPHONE TALKSHOW SYSTEMS

Audio processing tools include a new symmetrical wide-range
AGC and noise gate by Omnia, with adjustable gain settings to
help keep caller audio smooth and consistent from call to call.
Studio adaptation and a subtle pitch-shifter heip prevent feed-
back in open-speaker situations. Adjustabie caller override im-
proves performance even further, and allows you to individualize
the degree to which the announcer ducks the caller audio. Fi-
nally, our famous Digital Dynamic EQ, coupled with an adjustable
smart leveler, keeps audio spectrally consistent from call to call.

QOn the front panel, you'll find EQ Meters for each hybrid that
tell you exactly how much DDEQ is being applied. Next to those,
separate Send and Receive level meters monitor each hybrid.
There’s also an animated line status display that visually in-
dicates when a line is ringing in, on air, on hold or available. A
complement of Take, Hold and Drop buttons complete the front-
panel control set.

Around back, you'll find a switchable mic/line input, balanced
analog receive-out output, R ports for Telco line and phoneset,
input level adjustment, and a DB9 remote control connector
with GPIO closures for hybrid control and status indicator lamps.
Need digital I/0? No problem — Hx comes in an AES/EBU version
with built-in sample-rate converter.
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TELOS PROFILER

MULTI-CHANNEL, MULTI-STREAM AUDIO
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Telos ProFiler is the efficient, set-and-forget way to automatical-
ly log your radio station’s program audio. Forget tape decks and
expensive logging hardware — ProFiler runs on any Windows
PC to produce time-stamped audio archives you can listen to on
standard MP3 players.

Each ProFiler package includes a Telos audio card with pro-level
balanced audio inputs and buffered parallel closure inputs that
you can use as a start/stop trigger, or to let an active microphone
trigger a high-quality capture mode. The starter kit lets you iog

one stereo or two mono streams; add more audio cards to capture
as many as eight mono streams simultaneously on a single PC.
ProFiler is ideal for stations required by law to log program con-
tent, and since you can also listen to “live” audio over IP as it's
being logged, it's great for Production Directors and morning
show producers, program consultants or group PDs. Perfect for
competitive monitoring, too - log other stations along with your
own to fine-tune your formatics. An integrated audio browser
lets your production crew tag segments and export them as WAV
files for further editing.
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ON THE ROAD WITH TELOS VX

REAL WORLD BROADCAST VolIP

We've been busy as beavers lately, shipping Telos VX broadcast
VolIP phone systems to clients around the world. They're now
running in radio and television stations-and connected to PBX's,
dozens of telephone service providers, and many different
types of hardware.

The Telos VX is a “whole-plant” broadcast telephone interface
that delivers the best quality telephone audio possibie today. It
helps you make the most of lines and trunks, making them avail-
able in any studio at any time.

| get to see radio stations everywhere!
Naturally, I'm accustomed to only the finest accommodations.

One of the things that | get to do is go to stations and broadcaster
get-togethers like SBE meetings, NAB and the like, where | see a
lot of old friends and always make more. | get plenty of questions,
sure, but | also get to hear a lot of great ideas from clients about
how they use the VX system. it's the best part of my job. We've
learned a lot over the past year from our friends and clleagues,
and even phone companies (if you can believe that!}.

Some of the best VX installations are where the office &nd studio
phones are connected together. This means that you con’t need
multipie phones in the studio, and you can do things like transfer
calls from the front desk directly to the studio. It's great to have
just a single, powerful VSet telephone in your studios. The other
thing is, with this kind of 1009 digital "four-wire” line connec-
tion, the audio quality is reaily, really impressive.

Our clients have instailed and tested the VX with many of the
most common PBXs out there. As | write this, there ate VX sys-
tems connected directly to PBX products from Avaya, Cisco, NEC,
Mitel, Nortel and open source Asterisk. Now, not every model
from these manufacturers supports SIP (Session Initiation Pro-

ANALOG & DIGITAL TELEPHONE TALKSHOW SYSTEMS

tocotl), even though it's a standard. Some of them charge extra
licensing per extension or for SIP capability. Some support only
SIP trunks. But VX is amazingly flexible, and our crack Telos Sup-
port team can help you hook up VX to just about whatever you
happen to have.

Even if you just want to keep your POTS service because your
PBX is stuck in the ‘80s, we’ve been working with Patton Electron-
ics to make using their advanced SIP gateway products easy to
buy and implement. You always have a direct SIP upgrade path.
We've got you covered.

You can even use VX to get rid of that wall of old auto-answer
telco couplers. The VX can be programmed to answer a line, or
several lines in a hunt group, and feed great quality audio to
those lines and/or receive audio from them.

A VSet phone and a computer are all that’s needed to record broadcast-quali-
ty remote drops. Tampa’s Cox cluster uses smartphones with G.722 to achieve
“HD Voice” remotes.
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ONTHE ROAD WITH TELOS VX

Block diagram of VX instaltation at Corus, Winnipeg, shows how VX integrates

AKIA ALDIO
OVER{P
ETWORK

COX MEDIA

One of the coolest VX installations |'ve seen was down in sunny
Tampa, Florida, where our friends at the Cox stations use their
VX, not just for phone calls, but also for remotes! Once they got
connected to their IP Phone service provider, PAETEC, they set up
their VX system so that their street team’s iPhones and Android
phones could call right into any control room, and go live instant-
ly, using the wideband G.722 codec. They found free apps at the
iPhone store, and made a few simple setting tweaks so that all
the street team had to do was dial the studio’s 4 digit extension
number! These remotes are fast, easy and toll-free. No speciai
setup is needed at either end to make the call; it's completed
over the 3G or 4G network, or using available WiFi. The system
will even "talk” to other vendors’ codecs, without complication.

Patton SmartNode VoIP gateway,

FRTTUN

Using our partner Patton Electronics’ powerful gateway prod-
ucts is another way to bring lines directly into your VX from
legacy providers, or equipment. Patton has ISDN PRI, BRI and
POTS gateway devices available, and we work closely with them
to make your installation easy with standard configurations, or
customization, as desired.

VX ENGINE
ETHERNET SWITCH

CORUS COMMUNICATIONS

Up in balmy Winnipeg, Manitoba, Canada, our friends at Corus
Communications get phone service from Shaw Cable. Shaw did a
great job of providing SIP trunking, an example of another excel-
lent option for studio phone service. Depending on your location,
there are often more service provider options than you think,
and they’re worth considering seriously. The Corus stations also
have stations coming from their Mitel PBX and lines from MTS,
the local utility telephone company.

Take a look at the diagram above, and you’'ll see that Corus in-
stalied an Asterisk PBX to add voice mail, call detail recording,
Network Time Protocol (NTP), and VPN access for maintenance.
In the ultimate act of recycling, they made it out of an old spare
PC, and just kept coming up with more uses for it.

Telos Partner companies Broadcast Bionics and Neogroupe have
created special software products that extend and enhance VX
capabilities. Bionics’ PhoneBOX is a database driven software
suite that makes screening and airing phone calls easier. With an
emphasis on operator work flow, Caller 1D and ANI information
are used to sort, filter and track callers, ensuring that the best
callers get on the air.

Joe Mauk at Peak Broadcasting's KM) in Fresno, California liked
what he saw in both VX and PhoneBOX, and understood the sys-
tem's potential. He recognized that a combination of the two
would be a particularly good fit for his six-station cluster, which
included not one, but two talk stations.
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Talent at KMJ uses VX, controlled with PhoneBOX software, to take calls to air. "wideband” codec, which the VX system supports, for remote
broadcasts and live news reports. The routing flexibility that
Asterisk provides would give him many other options as well.

The remaining problem was that there were still some old,
copper-loop POTS numbers being used with the old 1A2 sys-
tem. Joe decided that the numbers could be ported over to one
of the local-exchange carrier PRIs that feeds his office PBX as
DID numbers. The on-air calls then come into the station on the
4-wire Bearer channels of the PRI, thence routed to the Asterisk
PBX for use with the VX {and, simultaneously, to analog PBX
stations with the old 1A2 gear). The result: complete call rout-
ing flexibility, Caller ID support, and a simple faliback solution
in case of trouble.

The number port went as expected. The Millenium PBX, the
Do VolP phones work with analog consoles? : :
Screener's position at KM] says the answer is “yes.” Asterisk PBX and the VX were configured, and a few test calls
y made. Then, Broadcast Bionics set up PhoneBOX via remote-
configuration. The system works flawlessly!

One other thing: KM| has a wireless Internet provider in the
building. We used this to our advantage, adding some off-site
VoIP extensions and a couple of trunks via the wireless provid-
er, with great success. Peak Broadcasting now effectively has a
backup provider for local service in case the PRI lines, or their
PBX, goes down. And they’'re also able to use the VX's G.722
codec support for remote broadcasts, and for high-quality
news actualities from reporters in the field using iPhones.

These are just a few examples of the power and flexibility of VX.
Ask any VX client, and they'll likely rave about its ease of use
and cost-effectiveness. They'll probably also tell you that one
day, all broadcast phones will be VolP-based. Luckily, you don’t
have to wait for “one day.” With VX, that future is here, now!

Joe Talbot
Product Manager
Telos Systems

His first step was to figure out how best to get lines into his
system. The stations were using a large 1A2 key system with a
mix of Telco POTS lines and PBX extensions. His god, as always,
was to get the lines delivered in some 4-wire fashion (best
quality = east cross-talk). The direct-inside-dial PBX extensions
posed no problem, as they were 4-wire from the phone com-
pany, delivered on a Primary Rate Interface ISDN circuit. There
was some 2-wire at the PBX extension line card — but that
didn’t matter, as we wouldn’t be using those circuits.

loe needed to use a PRI gateway device or an Asterisk PBX to
accept traffic from KM}'s Eon Millennium PBX, and then convert
it to SIP to keep the traffic 4-wire all the way. Ultimately, Aster-
isk was chosen because joe also wanted to use the G.722 7 khz
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ZEPHYR XSTREAM

THE BEST WAY TOHEAR FROM THERE™

The Telos Zephyr is the best-loved broadcast codec in the world,
and for good reason: Zephyr pioneered the concept of the ISDN
codec in the first place! Zephyr saves you time and money. A
Zephyr Xstream at your studio becomes a "universal codec,”
connecting with every popular ISDN codec for full-duplex, 20kHz
stereo audio. Using ISDN you can transmit and receive two mono
channels to and from separate locations, even transmit and de-
code streaming AAC and MP3 audio over Ethernet. And in the
field, Zephyr Xstream is a powerful remote tool, with intuitive
step-by-step operation, context sensitive help, and a simple user
interface that eases operation for non-technical personnel.

Zephyr models with built-in mixers and Phantom microphone
power help reduce equipment inventory and setup time. Each
Zephyr Xstream model has a range of standard MPEG coding
options, which include MPEG Layer-3 and MPEG AAC for indis-
tinguishable source-from-input audio at only 128 kbps. Zephyr
Xstream can also be used for LAN and WAN P streaming of MP3
or AAC over properly managed networks. And Zephyr's AAC cod-
ing inctudes error concealment to inaudibly recover from a lost
packet or two, and an adjustable packet jitter buffer allows you
to easily accommodate different networks.

There are three Zephyr Xstream models with capabilities tai-
lored to fit your needs: The standard rack-mount Xstream, the
Xstream MX rackmount with built-in DSP mixer, and the portable
Xstream MXP, a ruggedized portable version with mixer that's
ready for the road.

FEATURES AT A GLANCE

» Ethernet ports for remote control via LAN or WAN, and for
connection to your Livewire AolP networks. Bring audio from
any codec anywhere in the world directly to your Axia network.
» MPEG AAC (Advanced Audio Coding). The new standard for au-
dio coding permits true CD-quality stereo transmission with a
connection speed of just 128 kbps. Xstream includes exclusive
Error Concealment technology to prevent the occasional net-
work glitch from being heard. » Low-Delay MPEG AAC-LD cod
ing. Using AAC-LD, you'll enjoy crystal-clear audio quality with
greatly reduced encoding delay for smooth, natural bidirectional
remotes. » MPEG Layer-3 coding for compatibility with the targ-
est number of third-party codecs. When using MPEG Layer-3, a
unique Dual Receive mode is enabled to allow reception of in-
dependent audio streams arriving from two distant ISDN lines
— great for bilingual broadcasts. » Hand-in-glove operation with
companion Zephyr Xport portable codecs to facilitate reception
of 15kHz audio using a POTS field connection. » A V.35/X21 op-
tion to allow connection to serial synchronous data equipment,
for use with dedicated lines, Switched 56 circuits or satellite
services. » An Auto Receive mode that quickly determines the
correct coding algorithm for incoming audio streams.
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ZEPHYR XPORT

THE "GO ANYWHERE" ZEPHYR

SOFTWARE UPDATES

TELOS-SYSTEMS.COM/SOFTWARE %,

BROCHURES
TELOS-SYSTEMS.COM/BROCHURE

When you‘re going on the road, you want a codec that won't
weigh you down. At just seven pounds (3.18 kg), the small, light
Zephyr Xport is the perfect companion. At the heart of Zephyr
Xport is a custom DSP-based modem, optimized for maximum
performance with audio codecs. Exclusive Telos technology lets
Xport use a standard analog phone line {or digital phone line, with
the optional ISDN interface) to connect with any Zephyr Xstream
ISDN codec; a full-featured mixer with mic and line inputs (and
selectable audio processing by Omnia) completes the package.

A Zephyr Xport in your remote kit makes your studio’s Zephyr
Xstream a “universal codec,” since you can use either POTS or
ISDN to connect with your studio. You save the cost, studio rack
space, training time and telephone lines needed to support dedi-
cated POTS and ISDN codecs — not to mention console audio
inputs and mix-minus outputs.

With Zephyr Xport, you get ISDN audio quality with POTS econo-
my. Xport is the worid’s only POTS codec that talks to the Zephyr
Xstream ISDN codec. You get the most reliable connections and
the best audio, too.

ANALOG & DIGITAL TELEPHONE TALKSHOW SYSTEMS

FEATURES AT A GLANCE

» Superior sound: aacPlus™ coding gives you the best-quality
audio of any POTS codec, even at low bit rates. » Optional
ISDN capability. You can plug Xport into any POTS outlet and
dial your studio’s Zephyr Xstream; an easy upgrade lets you
ptug into digital phone lines as well for uitimate flexibility no
matter where you're broadcasting from. Two Xports can even
share a single ISDN line! » Super friendly operation: Xport is the
easiest-to-use Zephyr ever. Anyone can make it play. » Uitra
mobility: Xport is light-weight, portable, durable. You can tuck
it into a flight bag! » Seif-contained design: No wall-warts to
lose or worry about; Xport has an internal auto-ranging power
supply that works anywhere in the world.

ISDN & |P BROADCAST CODECS
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Z/IPONE

THE IP CODEC THAT DROPS JAWS. (NOT AUDIO.)

Broadband Internet is everywhere, which makes it ideal for live
remotes. Unfortunately, public IP links are also notoriously er-
ratic. You might be lucky enough to get a good connection. .. but
even if you do, it might deteriorate during your broadcast. What
to do? Cross your fingers and hope for the best? Or reduce your
bit rate, sacrificing audio quality in hopes of making it through
your show?

With Z/IP ONE, the newest member of the Zephyr family, you
don’t have to compromise audio quality for a solid connection.
Z/IP ONE helps you get the best possible guality from public IP
networks and mobile phone data services — even from connec-
tions behind NATs and firewalls.

Telos collaborated with Fraunhofer (the developers of MP3) to
develop a unique coding algorithm that adapts to changing In-
ternet conditions on the fly, helping you maintain quality and
stability. We call it ACT, short for Agile Connection Technology,
and only Telos has it. Using ACT to sense and adapt to the con-
dition of your IP link, Z/IP ONE delivers superb performance on
real-world networks. It delivers reliable audio despite varying
network conditions, and without the need to fiddle with settings
or codecs.

Z/IP ONE adapts dynamically to minimize the effects of packet
loss and jitter. When the bits are flowing smoothly, you'll benefit

FEATURES AT A GLANCE

» Z/IP ONE is wireless capable and can connect to IP networks
via Wi-Fi, EVDO, and UMTS. » Exclusive Agile Connection Tech-
nology (ACT) automatically senses network conditions and
adapts codec performance to provide the best possible au-
dio. » Largest choice of high-performance codecs: AAC-ELD,
AAC-HE, AAC-LD, MPEG Layer-2, MPEG-4 AAC LC, MPEG-2 AAC
LC, G.711, G.722 and linear PCM. » Dual IP ports for separate
streaming and control. » Easy browser setup via built-in Web

from the lowest possible delay and the highest possible fidelity.
But if congestion starts to occur, Z/IP ONE automatically low-
ers bit rate and increases buffer length to keep audio flowing at
maximum quality.

Another way Z/IP ONE extracts excellent quality from even not-~
so-excellent IP connections lies in its use of a new codec based
on low delay AAC: Advanced Audio Coding-Enhanced Low De-
lay (AAC-ELD), which gives excellent fidelity at low bitrates with
nearly inaudible loss concealment and very little delay. (You have
your choice of standard high-performance codecs too, including
AAC-HE, AAC-LD, MPEG4 AAC-LC, MPEG2 AAC-LC, G.7/1, G.722 and
even linear PCM.)

Z/IP ONE’s front panel is friendly and simple to use. Naturally,
there’s a built-in Webserver too, for remote control and easy
configuration using any Web browser. Our exclusive Z/IP Server
service, free to Z/IP owners, lets you easily get around NATs and
network firewalls for fast connections to your favorite loca-
tions. Around back, you'll find convenient XLR ins and outs, a
Livewire port for IP-Audio, WAN jack for connection to “the out-
side world”, and even a paraltel port for GPIO contact closures.
Allin a compact, 1RU package.

Z/IP ONE. The convenience of the Internet — the sound of Telos.

server. » Push mode for one-way network connectivity such as
satellite broadcasts. » Multiple push mode, push to muitiple
destinations. » Sophisticated NAT traversal support. » Conve-
nient directory server, no need to know another device’s IP ad-
dress. » Transparent RS-232 channel for audio side channel or
metadata, e.g., RDS. » 8-bit parallel GPIO port for signaling and
control. » Siim 1RU form factor fit is equally at home in <ns1:XMLFault xmlns:ns1="http://cxf.apache.org/bindings/xformat"><ns1:faultstring xmlns:ns1="http://cxf.apache.org/bindings/xformat">java.lang.OutOfMemoryError: Java heap space</ns1:faultstring></ns1:XMLFault>