Xstream ¢ Xport

7 _eAlo—a—r1

This document was downloaded from www.broadcastwarehouse.com, the home of quality broadcast equipment



INTRODUCTION n 1993, we had an idea. We envisioned a way to In the field, Zephyr Xstream and Zephyr Xport are @

send CD-quality audio over standard digital powerful remote tools, perfect for on-location

phone lines by marrying advanced audio cod- broadcasts, news gathering, interviews and remote
ing and digital telephone technologies. The result: studio linkups. New MPEG AAC-LD coding lets yo@ S
the Telos Zephyr, which transformed broadcasting transmit Layer 3-quality audio with greatly e
by making ISDN an easy-to-use, trouble free tool for transmission delay, enabling smooth, netur
sending and receiving high-quality audio. quality two-way audio. Zephyr models -in

mixers and Phantom power hgfgretu vipment

Broadcasters and audio professionals worldwide inventory and setup\ti inperqtion and

have since made Zephyr the most successful digital simple user interface

peration easy even

broadcast product ever. Its name has become syn- for non-technico SON
onymous with easy, instantaneous point-to-point
audio transfer: “Just Zephyr it to mel” And the

Zephyr family has grown — from a single model to

a complete studio-to-studio and field audio trans: Break-through technology developed by
mission system. los lets Zephyr Xport communicate with your stu-
dio’s ISDN Zephyr Xstream, from a standard POTS

A Zephyr Xstream at your studio be - line — perfect for remote locations where ISDN is

versal codec.” It can connect e pular unavailable. Zephyr Xport's reliable digital connec-

ISDN codec for full-duplex\ 2QkHz jgtereo audio, tion, coupled with aacPlus audio coding, delivers
transmit and decode § @ g MP3 audio over clear, clean audio and rock-solid connections never
Ethernet, and ev aCtwith the revolutionary before possible with a POTS codec. (An ISDN option
Zephyr Xpgr-~port codec via analog (POTS) lets your Zephyr Xport connect over digital phone
telephgpe % o you can simpify your life. You lines, too.)

NOR't d a proliferation of codecs in your rack, so
' space, operation hassle, phone lines Now more than ever, Telos Zephyr is truly The Best

prid money. Way To Hear From There.

IDEA
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DETAILS High-resolution backlit graphical display The Zephyr Xstream family of ISDN codecs features Integrated dialing keypad controlg
screen with friendly, logical control structure MPEG-2 AAC (Advanced Audio Coding) for true in US and EURO-ISDN compatibl
makes setup easy. CD-quality audio transmission; Low-Delay AAC-LD Terminal Adapter.

delivers Layer 3 quality with up to 70% less delay.

Convenient front-panel headphgxe jac, A dnce metering of send and receive Fast Access Menu Keys Auto-Dial up to 100 stored Preset
with level control. annels. Two-channel flexibility over a single quickly call up system Numbers, each to store its own
DN circuit - or two synchronous data links — information and settings. bitrate and transmit/receive
can be used to transmit and receive stereo settings. 30 Location settings

audio from a single location, or two mono permit quick recall of ISDN line
channels to and from separate locations. and audio settings for your most
commonly visited sites.

@ r Xstream is a full-featured ISDN transceiver with high-fidelity MPEG-2 AAC and low-

detey MPEG-4 AAC-LD coding, along with standard Layer 3, Layer 2 and G.722. It includes

<AES/EBU 1/O and features full duplex stereo operation of up to 20kHz audio on a single ISDN
line; broadcast quality mono audio at 15kHz or 20kHz is possible on a single ISDN “B” chan-
nel or other 56/64 kbps channel. Includes built-in ISDN Terminal Adapter for worldwide use.
There's also a 10Base-T Ethernet port for remote control and IP audio streaming. A V.35 option
supporting bitrates up to 384 kbps permits high-grade STL links, as well as connections using
synchronous data channels at other rates.
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Four-input stereo DSP mixer directly Layer 3 Dual Mode lets you Back panel Ethernet port on all Z

DETAILS Inputs 1 & 2 provide switch-

able 48-volt phantom power feeds the codec section. Mic/line receive 2 separate mono feeds Xstream models allows TCP/IP rem
to ease mic setup. switchable inputs with pan include from independent far end sites. control and streaming out

preset mic-limiter & AGC processing Great for sporting events, net- plus easy software upgral

by Omnia®. work operation centers or other

split-feed situations.
&
<\ Q@ {

@m Rov

MONITOR 1

CODEC TEL

p Rugged shock-resistant case helps  Alpha-numeric dialing pad
Local Mix 1 monitors Send or Rexg ntrols for three rear-panel head- Zephyr Xstream MXP stand up to also generates DTMF tones for
audio, or a mixture of the two. hone jacks, and a pair of balanced the rigors of the road. Flip-up stand  navigation through voice menu
XLR line outputs. tilts unit up for best viewing angle. systems.

Adjustable front panel headphong jac

broadcasting. Zephyr Xstream MX (not pictured) offers the flexibility of these mixing and
remote-control features in a convenient rackmount package.

ent
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MODELS

The Zephyr Xstream family of ISDN codecs transmit high-quality stereo and mono audio over single ISDN
circuits, low bit-rate transmission paths and IP connections, and can be ordered with ISDN, V.35/X.21 or
Ethernet-only connections. Models include:

T = il

Zephyr Xstream. Transmit two-
way, 20kHz stereo audio plus
ancillary data anywhere in the
world using a single ISDN cir-
cuit, transmit 15 or 20kHz mono
audio on a single ISDN “B”
channel, stream or decode MP3

. P
Pe@eDe e

— x

T @8 & B

PSR- -

Zephyr Xstream MX adds
the utility of a digital 4-channel
stereo mixer to the rackmount
Zephyr Xstream. Mixer features
switchable mic/line inputs, selec-

he)Xstream
Zephyr
gged, carry-

or AAC audio via Ethernet.
Includes AES/EBU I/O.

outputs.

XSTREAM Q&A

table audio processing presets
by Omnia®, and two local mix @

OO\

* It seems like everyone |know uses Zepky
Why is Zephyr so popular?

Ease of use, along with Telos Systems’ co g o

MPEG Layer 3 and ISDN, made Zep h%l-

ing broadcast codec around the yr

Xstream has won even more im rporat-

ing MPEG-2 AAC (Ad ce@y oding) for
s

even greater fidelity y at lower bit-

rates.

* Our facilitigsQ orked. Can | control Zephyr
Xstr -% V network?
Yes\A 10Buse4 Ethernet port allows remote control

Web browser over a LAN, WAN or the

(@
@r et. TCP/IP connectivity also lets you upgrade
stem software easily via FTP Local control options

S include TCP/IP (Telnet), RS-232, or “panic dial” con-

tact closures.

» Does Zephyr Xstream have a cooling fan?
No. Advanced technology means less heat; no cool-
ing fan means less studio noise.

>

codecs are very complicated to set up. Is
ephyr Xstream easy to use?

All Zephyr models are intuitive and user-friendly. The
straightforward control panel, graphical menus and
on-screen help will have you up and running in min-
utes. There’s even an auto-receive mode that
answers inbound calls and automatically deter-
mines the correct decoder settings for the incoming

audio stream.

e Can luse my Zephyr Xstream with digital connec-
tions other than ISDN?
Yes. An available V.35/X.21 port works with Switched
56 lines, satellite links, and other synchronous data
paths. Xstream supports bit rates of up to 384 kbps,
making it ideal for STLs, studio-to-studio links and
other critial applications.

» Does Zephyr Xstream work with DSL?
Yes, Zephyr Xstream can send audio over DSL and
other IP services via Ethernet, although ISDN and
(continued)
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XSTREAM Q&A dedicated synchronous data channels are still the * We do several remote broadcasts each week. Can
most reliable choices due to the variable latency we store our most frequently dialed numbers?
and non-guaranteed delivery inherent in packet- Yes, Zephyr Xstream provides 100 auto-dial loca- @
based data transmission. Please see our Technical tions for your most frequently dialed numbers. There
Paper entitled “DSL vs. ISDN,” available on our are also 30 Location storage positions that let y S
website at www.telos-systems.com/techtalk/dsl/ . store and retrieve ISDN and audio param fo
the remote locations you visit most. %
* | was told | can connect to an ISDN Zephyr Xstream
using a POTS codec. Is this true? * Can | send digital audio direct/ epRyr to my
Using custom modem technology, the Zephyr Xport studio equipment?
uses ordinary POTS phone lines in the field to con- Yes. The non-mixerQer, o r Xstream fea-
nect to your Zephyr Xstream at the studio. See the tures AES/EBU digita fog\connections to digital
Zephyr Xport section later in this brochure for details. studio equipmé

Q@ e rates of 32, 44.1 and
48kHz ar ppafted )on both input and output

* ['ve heard lots of "buzz” about MPEG AAC. What is it? paths Xstredm accepts exter-
“AAC" stands for “Advanced Audio Coding.” It's the ngl ckpor can generate clock
newest high-performance audio coding standard, en ired.

with approximately 100% more coding power tha

Layer 2 and 30% more power than the former M e“broadcast sporting events in two --‘ = /, '
performance leader, Layer 3, It was sp al anguages, and | want to send both — “i;!* r
=

t

AAC

developed to meet the ITUBS.1115 mono feeds simultaneously.
that calls for “indistinguishable sour, Zephyr Xstream has this capability. A Split-Channel

in a 128kbps stereo strea in Layer 3 transmit mode lets you send individual
Zephyr Xstream can tr itlqnd receive true CD- mono signals to separate far-end sites. This feature
quality audio over ordi ines. is ideal for bilingual programming, as the audio on
each channel is completely separate.
* What's Low-Del C coding?
Zephyr yggrha wn for years that Layer 3 » Can | receive split feeds, too?
offers~all @. &lity needed in most broadcast situ- Yes, Dual-Receive modes in Layer 3 and G.722 allow
ations, However, the delay that results from Layer 3 reception of independent audio streams arriving
QR bg\yn-nerving to talent, particularly if high fideli- from two distant codecs. Ideal for network operation
& eeded in both directions. “Low Delay AAC" or centers and shared equipment facilities.

AAC-LD” for short, offers quality equivalent to Layer
il with about 75% less delay.

EFFECTIVE
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DETAILS Friendly graphical display with back- Unique ergonomic shape fits easily under
light makes Zephyr Xport as easy to the arm. It's stackable, too.

use as a cell phone. During transmis-
sion, operators can monitor send
and receive levels simultaneously
with modem performance.

WOIO rP—-0 O-Cc>»

Easy-to-use mixer section with Mic

help speed your way through gr and forget it,” preventing acci- & Line inputs. MIX control lets you
menu selections. NAV key provjete ental level changes. Push knobs in to blend IFB audio with send audio for
access to menu settings; functfg lock settings; push again to extend headphone and PA feeds. Front-
and SEL keys make it eq for use. panel headphone level adjustment

options you want. controls rear-panel output.

@- onhe road? Zephyr Xport is the perfect companion. With Xport as part of your remote
Syster, your studio’s Zephyr Xstream becomes a universal codec, connecting with both
Xport and ISDN codecs, saving money, rack space, training time, telephone lines, and con-

serving on console/router audio inputs and mix-minus outputs.

downloaded from www.broadcastwarehouse.com, the home of q

Rugged shock-absorbing
bumpers protect ZephynXp
from jolts and ja

AUTO key gives one-button access
to 100 stored Autodial numbers
and 30 Location setups.

ent



p]=gy\IKSy] Zephyr Xport provides three
bi-directional contact closures
for remote operation of
connected devices.

Auto-switching internal power
supply means no “wall warts”
to carry around or lose.

RECEIVE
DIRECT OUT

o
Telephone interface includes copectio 0 se-T Ethernet port facilitates Full-featured I/O includes mic input
to an analog (POTS) phone line,\a\ele mote control of Zephyr Xport using with provision for 12-volt Phantom
phone handset for making voi local computer, LAN or WAN con- power, direct output of received
ports for ISDN connections (Whé nection and Web browser. Feed PCM audio, headphone and monitor mix
equipped with one of th audio directly into Xport from any outputs and line-level input.

sion options). Windows®-based computer.

haeirt of Zephyr Xport is a custom DSP-based modem, optimized for maximum per-

ce with audio codecs. Exclusive Telos technology lets Xport use a standard analog

Qphone line to connect with any Zephyr Xstream ISDN codec; ground-breaking aacPlus cod-

ing with Spectral Band Replication delivers stunning reproduction of voice, music or both. A

full-featured digital mixer with mic and line inputs (and selectable audio processing by

Omnia) completes the package. Avaliable ISDN options supports AAC-LD for high fidelity
with low delay and G.722 for universal compatibility with third-party codecs.
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Low-heat operation meq
cooling fan for noise-freg
operation.

AUX INTERFACE provides conven-
ient input/output to a cellular
phone’s headset jack for wireless
transmission, or to send audio cues
from auxiliary sources (such as a
secondary mixer) directly to talent’s
headphones. May also be used as
a dedicated record output.
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MODELS

tion to Zephyr Xstream by POTS or ISDN.

Zephyr Xport codecs utilize ordinary analog phone lines to communicate with ISDN-connected Zephyr
Xstream studio units for transmission of high-quality mono audio; optional ISDN capability allows connec- @

Zephyr Xport POTS. Custom Telos modem opti-
mized for stable audio connections enables trans-
mission of 15kHz bidirectional audio plus ancillary
data to your studio’s Zephyr Xstream, using a com-

mon analog telephone line. Employs Coding ISDN mode uses MP

Technologies’ aacPlus algorithm for spectacular quality audio wij lay; G.722 support

fidelity at real-world connect rates. Includes makes Xport co ith the widest range of

Ethernet remote control and a full-featured mixer 3rd-party ecs AAvdjlable with “S” interface for

with voice & music processing by Omnia. internw e, or“S+U" interface for use in USA.
XPORT Q&A 4

o

» What is Zephyr Xport? A miniature Zephyr Xstre
No, Zephyr Xport is the field side of a system th% yr Xstream at the studio. Because the studio side is

connected digitally with ISDN, modem % is considerably more reliable than with POTS-only
schemes. z

* But how can a POTS cogec p codec
on an ISDN phone line? ND @commun/cate? Remote - Zephyr Xstream MXP
We developed custgm wQ echnology for -
Zephyr Xport th ‘ nkage of the telephone

network’s abilit -cofnect analog and digital

phone linés~Cir itched Voice technology) i /

the ;Ie Telos uses in our TWOx12 and 7,

Central Central - . &7

Series, 210tISBN talkshow systems. Xport is for the Analog *‘:———-__gi_:_!_i_i_ ?
Line :

Studio - Zephyr Xstream

ot the studio using an ISDN line - the same one you
probably already have.

Remote - Zephyr Xport

The maijority of the public switched telephone network is now completely digital. As the illustration above
shows, a POTS call from a Zephyr Xport is converted from analog to digital at the nearest Central Office, where
it continues on a digital path all the way to the studio.
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YCIoRalerY ¢ / read about a new coding method you're using in

gives you much more freedom to choose when and
Zephyr Xport. Why not use MPEG Layer 3? where you can do remote broadcasts, without sacri- @

PO

<>

Layer 3 is perfect for ISDN bit rates, but less suitable for ficing fidelity or stability. You'll also enjoy significantly
bit rates encountered with modem transmission over more stable connections than with ordinary
analog phone lines. Zephyr Xport uses the highest codecs, due to the ISDN link at the studio end of thg
fidelity low-bitrate coding method on Earth: Coding

Technologies’ aacPlus, the combination of MPEG's e Some POTS codecs re-train a lot when

AAC (Advanced Audio Coding) and SBR (Spectral drops. Does your POTS-to-ISDN metho

Band Replication). This method improves the effi- No transmission method that reli little on an

ciency of the codec by 30% over “plain” AAC — which, analog signal path can co 3 inate re-train-
itself, is 30% more efficient than Layer 3. ing. However, ou ged modem is opti-
mized for stabilit (rather than data) trans-

» Okay, the technology is cool, but how does it sound? mission. This,

It sounds fantastic! XM Satellite Radio and Digital Radio tion at sty
Mondiale employ aacPlus to achieve superior results conpestions thatPOTS codecs restricted to
with digitally transmitted audio. Our implementation of andl n\the studio side can't provide.
aacPlus has been specially tuned and optimized for vel U do have to re-train, Zephyr Xport
transmission of audio at very low bit rates, resylti s you decide when to do so, avoiding the unex-
in FM-like audio over analog telephone line ith pécted dead air that can occur with other
detailed highs and fuzz-free clarity for b e POTS codecs.
and music.

* What happens if line quality degrades?

* | use my Zephyr Xstream to do re @: -and they An on-screen connection quality display constantly
sound great. What advariq g%e yr Xport give informs you of line conditions. If you need to re-train, a
me that | don’t alreadyh 2 message alerts the operator; a simple button push
Using ISDN makes sounding remotes, but during a break completes the process. There’s also a

/

you can't alwa

m ISDNcodec in your studio. This capability tinue without interruption or audio loss.

& CONNECT

downloaded from www.broadcastwarehouse.com, t

ere and when you want built-in telephone hybrid; if line performance drops
Ou can use a standard analog dramatically, the automatic voice-grade backup

IS
it. With Zephyr X tﬁ
pho I e field to connect with the Zephyr instantly takes over, so that your broadcast can con-
Xst D
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Yl erYN « How hard is it to operate Zephyr Xport?
We understand that sometimes remote gear is oper-
ated by non-technical users, so Zephyr Xport is

ical display and online help that makes Xport as easy
to operate as a cell phone. There’s one-touch access
to presets and space to store up to 100 auto-dial num-
bers and 30 locations (to recall settings for your most
frequently visited remote sites).

* |t sure would be convenient to have a field unit like
Zephyr Xport that could connect over POTS or ISDN.
Actually, Zephyr Xport is available with an optional
ISDN interface so you can connect to your studio over
ISDN or POTS, depending on your needs. Zephyr
Xport's ISDN option let you use Low Delay MPEG-4
AAC-LD to connect with your studio’s Zephyr
Xstream, providing Layer 3 audio quality with

reqi
ly reduced encoding delay, or G.722 for connectjon
with nearly any other third-party codec.

ealy /. Use? o
@ yourself at

» Can | upgrade my POTS-only Xport t,
Yes. You can easily install th
a later date.

designed to be very easy to use, with a friendly graph- .

¢ Doe.
Ye
on
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from Omniag; outputs include separate receive audio
and monitor mixes for easy foldback setup.

Why do you include a multi-band AGC and limiter?

Isn’t this a little over the top?

When sending audio with low bit rates, we,

practical tool to smooth and clarify t

why we went all out with a multi-

— it really makes a differen

figure that during most of t % using a POTS

codec, you ‘ll wa ixelgver dynamics (think
f coUxse, you can switch it off if

t” approach.

sports announcers)
you prefer a

r Xport'include an Ethernet connection?
yr Xstream, Xport includes an Ethernet
i for remote control via LAN or WAN, and for
e-button software updates. Xport's 10/100Base-T
port also provides a direct input for PCM audio from a
personal computer.

I can send audio from my laptop right into the
mixer?

Yes! A supplied driver lets Windows®
(98 and up) see Zephyr Xport as a
sound card, so you can send 48kHz
PCM audio directly into the mixer from
your computer — great for including actualities,
pre-recorded interviews or drop-ins in a live remote
or field report.

Does Zephyr Xport require an external power supply?
No, Xport features an efficient, fanless internal power

GRAB-AND-GO

adcast equipment



USLALES About Audio Coding

What is coding and why is it required?

Without data rate reduction, high-quality audio
requires a transmission capacity of about 700kbps for
each audio channel. Channels that can handle data
rates that high are very expensive and hard to get.
More affordable and accessible channels, such as the
two 64kbps channels in each ISDN circuit, offer a rate
of only about 9% of that of a compact disc. POTS
offers reliable connections only at rates less than 28
kbps. That means you must do some coding to get
“12 gallons of water into a one-gallon container.”

How can coding be accomplished?
One might think that lossless, redundancy-reducing
methods (such as those used for computer hard-disk

turned to psychoacoustics. Using car ed
psychoacoustic principles, processes O as
“perceptual audio codin ho en ned to

reflect the way in which huxnan\bear
audio information.

interprets

How does perc ding work?
With perce o only information that can be
perceiyed ar and the brain is retained. It has
been\disco that certain audio creates a “mask”
thaphi other audio. The masking depends on the
nc 7 level, and spectral distribution of both the
kér and the masked sounds. These masks occur in
<poth the frequency and time domains. Perceptual
coding takes advantage of masking by reducing the
resolution of signals that fall below the mask.
Find out more about audio coding by visiting us online
at: www.telos-systems.com/techtalk/coding

NGS]

About MPEG AAC & AAC-LD

(Advanced Audio Coding)

Developed by a consortium headed by Fraunhofer
Institute IIS (the inventors of MPEG Layer 3, a.k.a.

MP3), the MPEG-2 AAC system became an S
International standard in April 1997, and is ly
state-of-the-art audio compression tool th es
performance superior to any known apRroac it

rates greater than 64 kbps and exceNent performance
at bit rates as low as 16 kbp

AAC is the first code
BS.1115 require

t | the ITU-R/EBU
inguishable quality at
128 kbps/stere s roximately 100% more cod-
ing powektifan , and 30% more power than
the f EG performance leader, Layer 3. AAC
e of such tools as temporal noise
ckward adaptive linear prediction and

am is the first broadcast codec to incorporate the
ower of AAC, resulting in superior high-fidelity audio
at lower bitrates and with less delay than Layer 3 or
Layer 2.

compression) would be ideal for audio. Unfortunately, tok

these coding methods are not powerful enough to shqpi

produce the significant reduction required. nced joint stereo coding techniques. Zephyr
s

To develop coding algorithms with sufficient %;\\ratg&
achieve the desired reduction, the audio in a
esea

Years of use in the broadcasting community have
proven that Layer 3 offers all the fidelity needed in
most broadcast situations. However, broadcasters
also know that the delay of Layer 3 can be frustrating,
particularly if high fidelity is needed in both directions.

Scientists at Fraunhofer were aware of these factors,
and developed an extension to AAC called “Low
Delay AAC” (AAC-LD for short). AAC-LD offers quality
equivalent to Layer 3, with about 75% less delay!
Zephyr Xstream is the first codec to implement AAC-
LD, and we think you will find it very useful for high-
quality interactive audio transmission.

More details about AAC and AAC-LD are available
online at: www.telos-systems.com/techtalk/aac
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UELALES About aacPlus Telos pioneered the use of Layer 3 for transmission of b .%
ShyrAr

Highly efficient perceptual audio coders like MPEG Layer 3 or cast-quality audio with the introduction of the origi e

AAC have proven extremely effective in coding audio for trans- 1993. Layers 2 and 3 have found widespread Us%dcost
mission over ISDN and other digital data paths where reduced and professional audio applications. Zephy« Xstre rnesses
bit rates are necessary. But as powerful as these codecs are, the power of both Layer 3 and Layer 2 ¢ tIy@nd economi-
even greater data reduction is needed to deliver high-quality cally for high-fidelity audio and ¢ tigiy Mith a wide range
audio when bandwidth is severely limited, as with POTS. of other codecs.

To address this issue, researchers at Coding Technologies More details about MPE and Layer 2 are available
( www.codingtechnologies.com) developed Spectral Band online at: www.telog =M /techtalk/mpeg
Replication. SBR can be used to extend existing coding meth-
ods, actually improving their coding efficiency. SBR added to About |
MP3 is called MP3 Pro, and has become very popular in both Integr Seivices Digital Network (ISDN) is an international
professional and consumer audio applications. stand fines a worldwide, completely digital switched
ph work. ISDN is designed to carry large amounts of
When SBR is added to MPEG AAC, the result — called aacPlus infoxmation and has a number of potential uses, such as high-
— is, with little doubt, the best low-bitrate codec there is. By el modem communications and desktop videoconferencing.
itself, MPEG AAC has been independently tested and found
be superior to any other coding at rates down to 16 klop For broadcast and professional audio, ISDN offers unique
addition of Spectral Band Replication takes this a e opportunities for the transmission of high-quality audio.
lent performance to jaw-dropping amazing. use\ of this, The form of ISDN of most interest to broadcasters and audio
aacPlus has been selected by digital broa s as XM professionals is called Basic Rate Interface (BRI) or SO. On a sin-
Satellite Radio and Digital Radio Mo to deliver true CD- gle pair of ordinary phone wires, BRI offers two “bearer” chan-
quality audio to their listeners. aacPlus’j part of the nels at a 64kbps transmission rate and one “data” channel at
MPEG standard, known gs Hig icie C (HE AAC). 16kbps. This configuration is often referred to as 2B+D. When
ISDN BRI is installed in your facility, each line is brought in on
The capability to delive nely-igh-quality audio using only one pair of wires.
very low bit rates jws ideally suited for POTS
codecs. The versi PiUs used in Zephyr Xport has been ISDN is full duplex and calls are dialed and routed just like ana-
specially o ery low bitrates. log calls. Zephyr Xstream uses the two “B” channels for bi-direc-
@ tional audio (transmitted as digital data) and ancillary RS-232
More\nfor about aacPlus is available online at: data. The “D” channel is reserved exclusively for telephone net-
telgs-systems.com/techtalk/aacplus work signaling.
t MPEG Layer 3 and Layer 2 Zephyr Xstream connects directly to ISDN BRI lines. When
<Jhe international standards group ISO/IEC established the equipped with an optional V.35/X.21 data port and an external
ISO/MPEG (Moving Pictures Expert Group) in order to develop CSU/DSU, Zephyr Xstream can also connect to fractional T-1,
a universal standard for encoding moving pictures and associ- Switched 56 or any other synchronous digital transmission path
ated audio for use with digital storage and transmission media. at data rates up to 384 kbps.
The standard was finalized in November 1992, with three relat-
ed algorithms, called Layers, being defined for encoding of More information about ISDN is available online at:
audio, taking advantage of psychoacoustic effects. www.telos-systems.com/techtalk/isdn
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Six=6s] ZEPHYR XPORT GENERAL SPECIFICATIONS
Full duplex, high-fidelity POTS (ISDN optional) field transceiver using aacPlus coding

(and MPEG-4 AAC-LD with ISDN option); Digital Adaptive Hybrid fallback mode.
Fully compliant with international standards. Monaural transmit and receive.

aacPlus (POTS <19 kbps):
MPEG-4 AAC-LD (ISDN):
G.722 (ISDN):

THD+N

Mixer:

Codec:

Delay (Round Trip)
aacPlus (POTS):
MPEG-4 AAC-LD (ISDN):
G.722 (ISDN):

MICROPHONE INPUT
Balanced XLR female
Clip Point:

Gain High:

Gain Low:
Available Gain:
Gain High:

Gain Low:
Impedance:

CMMR @ 1kHz:
Phantom Power:

LINE INPUT
Balanced V4" TRS
Level:
Impedance:
CMMR @ 1kHz:

AUXILIARY INTERFACE

E DIRECT OUTPUT
Aced XLR male jack
Level:

<> Digital Operating Level:
Impedance:

Noise Floor:

Dynamic Range:

THD
HEADPHONE OUTPUT

Frequency Response (+0/-3dB):

20Hz - 15kHz
20Hz - 15kHz
20Hz - 7kHz

Loop Audio: 0.0043% @ 1kHz, 22Hz - 22kHz
End-to-end connection at 24 kbps, aacPlus (line in to
direct receive output), 0.04% @ 1kHz, 22Hz - 22kHz

<700 ms.
<140 ms.
<35 ms.

ZEPHYR XPORT TRANSMISSION MODES
* ISDN: MPEG4 AAC-LD @ 15kHz

¢ POTS: aacPlus @ 15kHz

e POTS Hybrid Mode: 300 - 3.4kHz

-37dBu
-27dBu

50dB
60dB

> 3.8K ohms &
75dB
12 volt @10mA

Unity Gain to mix out, 20dBu clip point
> 9k ohms

-26dBu nominal
< 12k ohms

+4dBu, 20dBu clip

-18dBfs, nominal

<50 ohms

-75.5dBu (referenced to +4dBu, no decoder lock)
No decoder lock: 94dB

Encoder/Decoder loopback: 91dB

(Line input, 100 Hz to 10 kHz @ +4dBu): 0.05%

Level (level control @ maximum and nominal input level at line input): =103dBa SPL

MONITOR MIX OUTPUT
Floating, balanced 4" TRS

Level: +4dBu, 20dBu clip

Impedance: <50 ohms

Noise floor: -85dBu (referenced to +4dRy Mic)& Line inputs off)

THD: 0.01% (Line input,~Q Hz to @ +4dBu)
LIMITER <>

Internal DSP-based AGC/look-ahead r pinila® audio processing.

Includes presets for music & voice, g&lec annel

POTS INTERFACE

6-Position/4-Pin miniature fddulaNcgnreetor (RJ-11 style) with connections on the

center pins (3 & 4). abl nfiguration allows International operation.
ISDN INTERFACE (© AL)
up MS Custom, 5ESS Custom PTP ETS 300 (Euro ISDN), INS
64 (Ja s [nfefnational version supports 4-wire ISDN “S” interface on an

idture modular connector (RJ-45 style); USA & Canada version
“S"” interface on an 8-position/8-pin miniature modular connec-
) and 2-wire ISDN “U” interface on a é-position/4-pin connector (RJ-11

N INTERFACE
10/100Base-T Ethernet port using RJ-45 connector. Supports TCP/IP (Telnet and FTP).

port using RJ-45-style connector.
Bi-directional ancillary data: Serial connection at 9600bps; two contact closures.

@QEMOTE CONTROL AND ANCILLARY DATA
Remote control supported using popular web browsers over 10/100 Base-T Ethernet

SOFTWARE UPGRADES
Downloadable from Telos; uses FTP over 10/100Base-T Ethernet connection.

CONTROL PORTS
Three bi-directional inputs/outputs for end-to-end contact closure emulation.

Inputs: Closure to ground; integral 10k ohm pull-up to 5 volts.
External pull-ups can be used to support higher voltages.
Two inputs can also be controlled from front-panel
function buttons.

Outputs: Open collector, sinks up to 250mA to ground.

RESOLUTION
Send Input: 24-bit.
Receive Output: 24-bit.

POWER SUPPLY
100-240 VAC (47/63 Hz) auto-configuring.
390 watts max
CE approved

DIMENSIONS
17 1/8" (43cm) wide
12 1/2" (32cm) deep
3 1/2" (9cm) high

SHIPPING WEIGHT
7.5 pounds (3.4kg)

MODELS AND ACCESSORIES
Please contact your Telos representative for information about Zephyr Xport models,
pricing and accessories.
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ZEPHYR XSTREAM GENERAL SPECIFICATIONS
Full duplex, high-fidelity ISDN transceiver using
MPEG-2 AAC, MPEG-4 AAC-LD, ISO/MPEG Layer 3,
ISO/MPEG Layer 2, and G.722, fully compliant with
international standards. Stereo or mono transmit con-
figurations, both with stereo receive.

Frequency Response
20 - 20kHz @ 48kHz fs (+0/-1dB, swept sine
tone procedure)

THD+N
Far loopback (end-to-end), 48kHz fs, analog /O,
input at TkHz +20dBu, .004%

Dynamic Range
A Weighting, AAC, Layer 3 or 2 end-to-end:
101dB typical

SOFTWARE UPGRADES
Downloadable from Telos; uses FTP over 10Base-T
Ethernet connection.

ZEPHYR XSTREAM ISDN TRANSMISSION MODES

Stereo and Dual-Mono Modes Using

Two ISDN “B"” channels:

* MPEG-2 AAC Joint Stereo @ 20kHz or 15kHz for
maximum fidelity.

* MPEG-2 AAC independent Stereo @ 20kHz or 15kHz.

* MPEG-4 AAC-LD Joint Stereo @ 14kHz for high
quality with low delay

* MPEG-4 AAC-LD Independent Stereo @ 14kHz for
high quality with low delay

* Layer 3 Joint Stereo @ 16 kHz or 15kHz for high
fidelity and compaitibility.

¢ Layer 3 Independent Stereo @ 16kHz or 15kH
compatibility and surround-sound transmissi

¢ Layer 3 Indepenedent Dual-Mono allows eac
channel to independently trangmit a ive
15.8kHz.

* Layer 2 Joint Stereo @ 20kHz o

* Layer 2 Independent Stereo/@

* G.722 Mono-Dual allows ea

"

z or15kHz for maximum fidelity.
5.8kHz for high quality with

2@ 7 8kHz or 9.8kHz.
Y2 Mono@ 8.6kHz (24kHz fs).
D722 @ 7kHz.
<ISDN Telephone Mode:
* G.711 is used to call a standard POTS telephone for
low-grade voice communications at 300Hz - 3.4kHz.

LINE BIT RATES
56 or 64kbps per channel, front panel selectable.
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LIMITER

Zephyr Xstream:
Soft clipper prevents A/D converter overload without
loss of dynamic range.

ISDN VOICE TELEPHONE MODE
2 channels using G.711 standard,
300-3,400Hz. DTMF provi
ISDN Modem Mode supplotts sin

connection.
Zephyr Xstream MX and MXP only:
Internal DSP-based AGC/limiter with Omnia® audio REMOTE CONT| D CILLARY DATA
processing. Includes presets for music & voice, selec- RS-232 9- pln epaale(DCE): Asynchronous; 8

table per channel. 2 syop, 2400-57,600 bps.

m using RJ-45-style connector.

SEND INPUT ncillary data: Serial connection at
Active balanced with RF protection. contact closures.
Zephyr Xstream:
LINE: -12 to +4dBu nominal level. L PORTS
Clip point: 18dB above chosen nominal. bi-directional inputs/outputs for end-to-end con-
Bridging: < 10K ohms (x2) tact closure emulation.

XLR female/quarter-inch TRS com Inputs: Closure to ground; integral pull-up
Zephyr Xstream MX and MXP: to 5 volts. External pull-ups can be

XLR female/quarter-inch TRS combo used to support higher voltages.
LINE/MIC: -12, +4/-55, - 0 el. Outputs: Open collector, sinks up to
Clip point: 16dB abov 125mA to ground.
Bridging:
RESOLUTION

RECEIVE OUTPUT Send Input: MPEG, 24 bits; G.722, 16 bits
i Receive Output: MPEG, 24 bits; G.722, 16 bits
POWER SUPPLY

90-240 VAC (50/60 Hz) auto-configuring.

100 watts peak

CE approved

DIMENSIONS, ZEPHYR XSTREAM
AND ZEPHYR XSTREAM MX
19" (48cm) standard rackmount front panel
17 1/8" (43cm) wide behind front panel
12 1/2" (32cm) deep
31/2" (9cm) high

nversion: Input and output independently
selectable. Can be bypassed.
From external source or

Zephyr telco clock.

From sample frequency, external
source, or AES/EBU input.

put clock:
Output clock:
MULTIPLEX/DEMULTIPLEX

Internal channel splitting/combining of two network
channels for stereo modes.

DIMENSIONS, ZEPHYR XSTREAM MXP
18 1/4" (46cm) wide
14" (36cm) deep

MPEG-2 AAC: Telos Zephyr protocol. 41/4" (11cm) high
Layer 3: FHG/Telos Zephyr protocol.
Layer 2: CCS CDQ™ protocol compatible. SHIPPING WEIGHT

17 pounds (7.7kg)

OPTIONAL V.35/X.21 DIRECT DIGITAL INTERFACE

Two ports, both V.35/X.21. Automatically selected
when the appropriate cable is connected.

MODELS AND ACCESSORIES
Please contact your Telos representative for informa-
tion about Zephyr Xstream models, pricing and

ISDN INTERFACE accessories.
Compatible with National ISDN, AT&T 5ESS, Northern
Telecom DMS-100, Siemens EWSD, INS 64(Japan)
and EURO-ISDN. Compatibility and approval pend- ~/ ‘W—G——s Telos Systems

2101 Superior Avenue
Cleveland, OH 44114 USA
+1.216.241.7225

ing in some countries; contact Telos for current status.
Supports “S” (4-wire) & “U” (2-wire) ISDN interfaces.

LAN INTERFACE
10Base-T Ethernet port using RJ-45 connector.
Supports TCP/IP (HTTP, Telnet and FTP).

Telos Systems Europe
Johannistr. 6

D 85354 Freising
Germany
+49.8161.42467

www.telos-systems.com
info@telos-systems.com

Contents (c) 2004 Telos Systems. Specmcat\ons subject to change without notice. Revised 5/20/2004.
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