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Customer Service

We support you...

By Phone/Fax in the USA.
*  Customer service is available from 9:30 AM to 6:00 PM USA Eastern Time, Monday through Friday at
+1 216.241.7225. Fax: +1 216.241.4103. Please call 216-622-0247 for Axia 24/7 phone support.

By Phone/Fax in Europe.
*  Service is available from Axia Europe in Germany at +49 81 61 42 467. Fax: +49 81 61 42 402.

By E-Mail.
e The address is Support@AxiaAudio.com.

Via World Wide Web.
*  The Axia Web site has a variety of information which may be useful for product selection and support. The URL
is http://www.AxiaAudio.com. Our Axia Discussion Boards are at http://forums.AxiaAudio.com

Feedback

We welcome feedback on any aspect of the Livewire products or this manual. In the past, many good ideas from

users have made their way into software revisions or new products. Please contact us with your comments.

Updates

All of our products are undergoing constant improvement. Periodic updates may become available - to determine
if this is the case, visit our web site periodically, or contact us for advice concerning whether a newer release is more
suitable to your needs.

Our electronic newsletter has announcements of major software updates for existing products, as well as keeping
you up to date on the latest Axia, Telos, and Omnia product releases.

To subscribe go to http:/www.axiaaudio.com/news/eNews.htm.

Trademarks

Telos Systems, Axia Audio, Livewire, the Livewire Logo, the Axia logo are trademarks of TLS Corporation.
Windows® is a registered trademark of Microsoft Corporation.

Axia Audio
N7 1241 Superior Ave. Cleveland, OH 44114 USA
< +1 (216) 241-7225
AT LS AR Inquiry@AxiaAudio.com

y SN

Copyright © 2014 by TLS Corporation. Published by Axia Audio. We reserve the right to make improvements or changes in the prod-
ucts described in this manual, which may affect the product specifications, or to revise the manual without notice. All rights reserved.
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Notice

All versions, claims of compatibility, trademarks, etc.
of hardware and software products not made by Axia
mentioned in this manual or accompanying material are
informational only. Axia makes no endorsement of any
particular product for any purpose, nor claims any re-
sponsibility for operation or accuracy.

Warranty

This product is covered by a 90-day limited warranty,
the full text of which is included in Appendix D of this
manual.

Service & Support

You must contact Axia before returning any software
for replacement. Axia will issue a Return Authorization
number, which must be written on the exterior of your
shipping container. Be sure to adequately insure your
shipment for its replacement value. Packages without
proper authorization may be refused. US customers
please contact Axia technical support at +1 (216) 241-
7225. All other customers should contact their local rep-

resentative to arrange for service.

If you call Axia Support with a software question,
we strongly recommend being near your computer when
you call, so our Support Engineers can verify informa-
tion about your configuration and the conditions under
which the problem occurs. Please have your software
license key handy.

Feedback is welcome

At Axia, we love to hear your feedback. If you
find anything in this manual that you feel needs clari-
fication or correction, please let me know: e-mail
cnovak@AxiaAudio.com .

About This Manual

This manual covers setup and use of the Axia IP-
Audio driver software for Windows. It is assumed in this
document that you are familiar with Livewire’s basic
concepts, as outlined in the companion /ntroduction to

Livewire: Systems Primer.

If you have not done so, please review that material
first. In it we explain the ideas that motivated Livewire
and how you can use and benefit from it, as well as nit-
ty-gritty details about wiring, connectors, and the like.
Since Livewire is built on standard networks, we also
help you to understand general network engineering so
that you have the full background for Livewire’s funda-
mentals. After reading Introduction to Livewire you will
know what’s up when you are speaking with gear ven-
dors and the network guys that are often hanging around
radio stations these days.

As always, we welcome your suggestions for im-
provement. Contact Axia Audio with your comments:

Axia Audio

1241 Superior Avenue

Cleveland Ohio 44114 USA

Phone: +1.216.241.7225

Web: www.AxiaAudio.com
E-Mail: Inquiry@AxiaAudio.com

©2014 Axia Audio — Rev. 2.5.1
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A Note From The Vice President of Axia

2013 marks a banner year for Axia — this year
marks the first decade of the Connected Studio.

In retrospect, it’s hard to believe it’s been 10 years
since a start-up division of Telos grabbed everyone’s
attention with a radical idea about building radio stu-
dios using Ethernet. At a time when “state of the art”
meant discrete digital audio, and a routing switcher
was something only the richest stations could af-
ford, Axia shocked everyone with the idea that studio
peripherals from the console to the audio processor
could be networked, and that everyone could have the
benefits of a routing switcher — for about a third of

the cost of traditional technology.

When we launched Axia, Telos founder Steve
Church made a prediction. “Three things will hap-
pen,” Steve told us. “First, people will say that ‘it will
never work.” When they’re proven wrong, they’ll say
‘It works, but you don’t need that.” And finally, as they
see Axia becoming successful, they’ll say ‘IP-Audio?
We do that too!””

Steve, as always, was right on the money. In 10
years, Axia Livewire has become the world’s most
popular IP-Audio networking technology, and our
mixing consoles are the world’s best-selling — they’re
on-air in over 4,000 studios, and counting. You’ll find
Axia equipment everywhere: at privately-owned sta-
tions, and large clusters run by big conglomerates. At
established public broadcasters, and at newly-licensed
International stations. At government broadcast facili-
ties, and podcast studios. Needless to say, we’re hum-
bled by the trust broadcasters place in us — and by

your enthusiasm!

Being first with new technology is nice, but we’ve
never been content to rest on our laurels. So the Telos

R&D team continues to innovate and expand the scope

of IP-Audio. Axia consoles are the first and only IP-
Audio consoles with a pre-configured network switch
built in, to save broadcasters the effort and expense
of procuring and programming third-party switches.
Our compact xNode AolP interfaces feature one-but-
ton setup, and can run on mains power or Power over
Ethernet (PoE) for flexibility and redundancy. We’ve
even developed our own zero-configuration Ethernet
switch for Livewire — xSwitch — to make deploying

IP-Audio easier than ever.

More than 45 Livewire partners believe in the vi-
sion of the Connected Studio too. Collectively, they
make dozens of hardware and software products
(ranging from telephone systems to audio processors
to program automation) that interoperate directly with
Axia networks via Ethernet — making the connec-
tions “smart”, and eliminating the need to purchase
audio conversion devices. We’ve also partnered with
the high-performance audio standard RAVENNA to
expand broadcasters’ networking options even further.
And there are a lot more great new ideas in the cooker

— so watch this space!

In the final analysis, Axia’s success isn’t due to
our efforts. It’s you, the broadcast professional, who
has embraced our vision, used our technology in ways
we never dreamed of, and raved about Axia products
to everyone who’d listen. We owe you a huge debt of
thanks. And we promise to never stop trying to amaze

and delight you.

So here’s to the next 10 years.

Onward and upward!

Marty Sacks
Vice President, Axia Audio

©2014 Axia Audio — Rev. 2.5.1
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Chapter One:

Introducing the Axia IP Audio Driver

If you are already one of the thousands of Livewire
users, congratulations! Axia’s IP-Audio driver will make
your experience with networked audio even better.

This manual is written with the assumption that you
have read our Introduction to Livewire document. If you
have not, and especially if this is your first [P-Audio
network, we recommend that you download it from

www.AxiaAudio.com/manuals/ and take a look.

Description

The Axia IP-Audio Driver is the software interface
between your PC’s audio applications and the Livewire
network. It provides the following functions:

* Sends audio “sources” to the Livewire network
from PC/Windows audio applications such as
multichannel delivery systems and other audio
players.

* Receives audio from the Livewire network to
“destinations” on the PC/Windows system such as
audio recording applications.

* ‘GPIO’ function conveys “button-press” data from
the Livewire network to “destination” applica-
tions; i.e., a console fader start button can com-
mand a PC/Windows-based audio player to start
playback (OEM version only)

There are two versions of the IP-Audio driver. The
first version single-channel in/single-channel out driver
that is used like a standard sound card in a Windows PC.
This version of the driver is sold to our customers and
supported as an end-user product like most of our other
products.

The second version of the IP-Audio driver is a mul-
tichannel version that supports up to 24 streams each of
input and output, and is sold only though Axia’s soft-
ware partners such as the developers of broadcast auto-
mation or playout systems.

Both versions of the IP-Audio driver appear to Win-
dows as standard audio input/out devices. There are
wide variety of applications where Axia Livewire hard-
ware and the Windows software are used together, and
the Driver provides all software components needed to
record and play Livewire streams using standard record-

ing software for Windows.

The Axia IP driver package also contains a GPIO
module that allows controlling many Windows audio
applications from Axia consoles (supported in the mul-
tichannel OEM version only). This feature is commonly
used for “device start” commands initiated by pressing
the Channel ON button on the Axia control surface.

Axia IP-Audio Driver vs Axia IP-Audio
Multi Channel (OEM)

The Axia IP-Audio Driver single-stream version
emulates a standard sound card, with one stereo (or sur-
round) audio output device and one stereo (or surround)
audio input device. This version is suitable for typical
two-channel (stereo) playback or recording applications.

Axia IP-Audio Multichannel OEM version emulates
up to 24 stereo sound cards, with one stereo (or sur-
round) audio output device and one stereo (or surround)
audio input device per “sound card”. It is intended for

more complex professional applications.

Other than the number of audio channels and the ad-
dition of GPIO to the multichannel driver, the two driv-
ers are the same. The following information applies to
both drivers, with the understanding that the number of
inputs and outputs is different as mentioned above.

Figure 1-1 shows how PC’s equipped with the IP-Au-
dio driver might be interconnected with other Livewire
studio equipment.

In this example we show two PC’s that have the
multi-channel OEM driver. They might be delivering
several channels of stereo audio to the Livewire network
while, at the same time, recording other streams - maybe
for voice tracking or satellite recording.

©2014 Axia Audio — Rev. 2.5.1
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A couple of laptop users are also shown. They might
be using the single-channel IP-Audio driver in an audio
editing application where they could edit phone calls or
material downloaded from the Internet.

Axia nodes are also shown here. They are used to
convert analog or AES audio into Livewire streams
that are made available to the network. Some of these
streams would be sources such as microphones or phone
lines. The nodes also convert Livewire audio streams to

analog or AES audio. These are connected to external

devices such as headphone amplifiers, cue speakers, etc.

The Studio Mix Engine and Element Control Surface

perform the mixing and processing functions in the sys-

tem.

All sources created by the IP-Audio are available to

any device in the Livewire network and in a similar man-

Automation PC
Multi-Channel IP-Audio

Automation PC
Multi-Channel IP-Audio

Cisco Catalyst 3560 Switch

N

Office PC
IP-Audio

ner, all sources created by other devices are available to
the IP-Audio users.

Of course, it is all tied together with one or more
high-quality Ethernet switches approved by Axia Sup-
port: see www.AxiaAudio.com/switches/ for details.

What’s Next

Let’s get started! In Chapter 2, we’ll learn how to
install and configure the Driver. %2

Microghone Node

: z=o- .
-8 "

o o Jem = ;

Analog Line Node

1

.

8

3
'

Studio Mix Eniine

C == o

. ® * -

N

Office PC
IP-Audio

Element
Control Surface

Figure 1-1: Basic Livewire Network
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Chapter Two:

Installation and Configuration

Installing the Axia IP-Audio Driver

As of v2.5.2.3, the Axia IP-Audio Driver supports
the following Microsoft operating systems:

*  Microsoft Windows 2000 Professional

*  Microsoft Windows XP Pro (32-bit, standard)

*  Microsoft Windows XP Home Editions

*  Microsoft Windows 2003 Server R2

*  Microsoft Windows Vista (32-bit editions only)

*  Microsoft Windows 7 (32-bit editions only)

In addition to the legacy WDM Windows driver, Ver-
sions 2.5 and above support the ASIO driver interface.

NOTE: If you wish to use the Driver on other
versions of Windows, please contact Axia sup-
port for assistance prior to installation. Ver-
sions of the IP-Audio driver available for some
Macintosh and Linux operating systems are cov-
ered by separate documentation.

If you are running a recent version of the operat-
ing systems, or have installed the latest “service pack”
from Microsoft, installation will go smoothly. In the
rare case where the installer gives an error message in-
dicating that the installer is outdated, you must install
the latest service pack from Microsoft. Alternatively you
can download the required Microsoft Installer 2.0 from

http://www.microsoft.com/downloads/.

If you are upgrading from a previous version of the
IP-Audio driver, it is recommended that you uninstall the
old version before installing the updated version.

Installation Steps:

1. Insert your CD and let auto-run launch the installer
OR if your have disabled auto-run, explore the CD
and double-click the AxialPDR.MSI file to start the
installation process. You will see the Welcome screen
and the version of the driver you are installing. Use
NEXT button to proceed with the installation.

15 hxdia Peek 1.1.0 =1
Axia iPeek 1.1.0 Setup Wizard

The installer wil quide you thraugh the steps required to install Axia iPesk 1.1.0 on your computer

WARNING: This computer program is protected by copyriaht law and intemational treaties
Unautherized duplication or distribution of this program, or any pattion of it may resultin severe civil
or ciiminal penalties, and will be prosecuted to the masimum extent possible under the law.

Cancel

Figure 2-1: Installation Wizard

2. Read, understand and accept the End-User License
agreement. Click Next.

3. Enter your User information, License Number and
License Key. Note that each license is for a single
installation if the IP-Audio driver. If you install the
driver on multiple machines, each will require its

own license number and key.

B Axia IP-Audio Driver 2.4.8.12 Setup
Customer Information
Flease enter your customer information

User Name:

[axia User

Organization:
]Axia Radio Station

License Humber:

Jrxx

License Key:

=

[ =gk [ mexs | [ cancel

Figure 2-2: User Information

4. If you’re installing the multi-stream version of the
Driver, determine the number of devices that will
be installed. The number will be dependent on the
software you intend to run as well as the capabilities
of your PC. The more channels active, the more re-
sources it will take to process the IP-Audio. You can
choose to install just the number of streams needed,
but adding more will require you to re-install the
Driver. Another approach is to install all 24 streams
whether needed or not, and simply de-activate un-
needed streams in the Driver Control Panel during
setup. There is no overhead penalty for doing this.

©2014 Axia Audio — Rev. 2.5.1
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5. Choose the setup type. “Typical” is recommended
unless otherwise specified by Axia Support. It will
install the Axia IP-Audio driver, Livewire terminal
and GPIO modules.

6. You will be prompted with the “Ready to install”
screen. Select “Install” to proceed.

7. You may be presented with a Windows driver sign-
ing warning similar to that shown below. Select
“Continue Anyway” to continue with the installation.

@] Windows can't verify the publisher of this driver software
&

< Don't install this driver software
You should check your manufacturer's website for updated driver software
for your device.

<+ Install this driver software anyway
Only install driver software obtained from your manufacturer's website or
disc, Unsigned software from other sources may harm your computer or steal
infarmation.

(w) Seedetails

Figure 2-3: Typical Windows warning

Your installation should now be complete and you are
ready to configure the IP-Audio driver .

Configuring the Driver

After installation is complete, the Axia IP-Audio
Configuration window will appear, as shown in Figure
2-4. You can access this configuration screen at any time
from the Control Panel. In the following section, each of
the configuration functions will be discussed in detail.

NIC (Network Interface Card) Selection

If your computer has multiple Network Interface
Cards (NICs) installed make sure that network card con-
nected to the Livewire audio LAN is selected from the
pull down menu for Livewire Network Card shown in
figure 2-5. We recommend that this be a “wired” con-
nection as opposed to a wireless NIC. Even a single
Livewire stream requires more bandwidth than provided

by most wireless connections.

Version: 2.4.8.12

Livewire Network Card: | 192.168.0.199 Realtek ATLE139/810% Family Fed
ES = 192 1680221 Intel[R] PRO/AWirsless 231 G480 Met]
192168 0.199 Healtek HTLETS/81 0 Famiby Fast ]

o Metwork] e Destinations [Receive from Ne
me [1-32787) fode Channel [1-32767]

3 | 32001 [sTERED | T o

2 [2 |sTERED =1z

Figure 2-5: Network Card Selection

IP-Audio Driver Version

IP address of selected NIC

Livewite Network Cart | 192.166.1.107 IngMiR) FROAwireless 3945466 | v |

Page Selectors

| & >
F <<I ‘
| —Sources [Send to Netwark) Destinations [Receive from Metwork) - |
Chanrel
# Enable Mame [1-32767) Mode Charnel [1-32767) Mode
1 W CLARE - E1 TERE —— & TERS — Livewire Source Name
2w [rcz 2 STERED -] | El .| [sTERED - R
¥ i Livewire Source Channel
RN T 3 4 [STERED =3 Browse... | [STERED |
| ¢ & o 4 STERED I Browse... | [STERED |
5 =l ™ L o
o | 5 SIERED d Elaitie LISTERED Livewire Destination Selector
& v [FCE & STERED =l |8 Browse... | [STERED |
I PC7 7 STERED - 7 Browse... | |STEREQD -
= Mode Selector
8 v FCo 2 STERED ~l|¢® Hrowse... | |STERED4—  ~]|
| 9 @ [Fco 9 STERED B Browse...| [sTERED -]
LU R T 10 STERED =] |10 Brawse... | [STERED |
L R e T 11 STERED =] M Brawse... | [STERED |
12w [z 12 STERED =] |12 Brawse... | [STERED ]
LEN N 13 STERED =] |13 Brawse... | [STERED |
||+ @ o 14 STERED S Huruae LIZTERED = Audio Level Slider
| 5 % [ 15 STRFED = | 1B Biowse...| [STERED -
1€ v [pCis 16 (TERED = |8 TERED x Statistics Window pop-up
I™ Keep channel active when plapback is sloy( /
~ udio Level ,/ 4510 Sources Allocation pop-up
| | Morminal level of PC | Livewire:
audio recordings: layback, -
BOBFS  Recodtim  +120B || [aency GPIO pop-up
Livewire audio .0 o e e i it | e 100

Figure 2-4: IP-Audio Driver - Control Panel
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Enable and Name Sources

The IP-Audio sources are the streams that your PC
is delivering to the'Livewire network - your Windows
playback devices. This is an important concept. For the
multi-channel driver, enable only as many devices as
you intend to use by checking the enable box. The single
channel version permits only one input and one output
audio device. The remaining devices will be greyed out
and cannot be selected. At this time you can also provide
names for these IP-Audio sources.

You’ll use the Page Selector arrows to page back and
forth between Channels 1-16 and 17-24.

Be as descriptive as possible when naming streams.
It pays to be specific: even a small Livewire network
may have hundreds of sources.

.
o .

Sources [Send to Metwork)]

Livewire Metwork Card: | 192.168.0.220 IntelR

Chanrel

# Enable Mame 1-32767) Mode

1T ¥  |PROD3PCCHA [30m1 |STERED |
2 v  |PROD3PCCHZ [3002 |STERED |
3 |  |PROD3PCCH3 [3003 |STERED ~|
4 v |PROD 3PCCH-4 3004 |STERED |

Figure 2-6: Specifying Sources

The IP-Audio driver setup includes an auto-fill fea-
ture to save you some typing and avoid some channel
numbering errors. For multiple sources (OEM version),
you can fill in the Livewire channel number for the first
source and automatically fill in the remaining channels
with consecutive channel numbers by simply pressing
the F2 key. Whichever method you choose - make sure
the Livewire channel numbers are unique. No duplica-
tion is permitted.

DEEP TECH NOTE: Livewire channel is an ab-
straction simplifying user setup. Each channel
number is translated to a multicast addresses
for internal use (239.192.0.0/13 range for Ste-
reo Audio, 239.194.0.0/13 for Surround). The
user need only assign a Livewire Channel. For
more on this see the document Introduction
to Livewire.

With all this talk about Livewire channels, you may

wonder exactly how this translates to networking ter-
minology. By default, the source of the IP-Audio driver
is configured to send audio to Livewire channels 1 (1
though 24 for the Multi-Channel driver). For simple ap-
plications those settings do not have to be changed un-
less you have another device assigned with those channel
numbers. Of course, if you have more than one IP-Audio
driver (using default settings), you will instantly have a
channel conflict. For this reason, you should consider
changing the channel numbers to a unique higher range.

In a very basic application consisting of only a node
and a PC, one or more ports of an Axia Analog or AES
node can be connected to the PC as an audio input and
output devices. For the Multi-Channel driver all 8 output
ports can be configured to receive audio on channels 1
through 8. Individual inputs and outputs can be assigned
non-contiguous channels using the Axia node’s brows-
er interface. See Introduction to Livewire for more on

channel assignments.

Destinations

The IP-Audio destinations are the Livewire streams
that will be delivered to your Windows record device(s).
The standard IP-Audio driver has one destination while
the OEM version can have as many as 24 destinations.
Activate only those destinations that you actually intend

to use to conserve system resources.

i~ Destinations [Receive from Metwork]

Channel [1-32767) tode

{11101 <Pgm 1>
111102 <Pgm 2» Browsze... | |STERED -
]STEHED e

1

2

3 HW Browse...

; [sTerec =]
5

Browse...
'— Browse...| |STERED =

Figure 2-7: Destination Selection

You can select destinations by directly typing the
Livewire channel number or by using the Browse button
which opens Destination window shown in Figure 2-7.

©2014 Axia Audio — Rev. 2.5.1

2: Installation and Configuration ¢ 5



2: Installation and Configuration ¢ 6

Livewire Selector El

o Filter by categony: |[A\|] j
-
Livewire network card 192.168.0.220 Refresh
Charnel | Name ‘ Category | Preset | ~
11102 Pgm2 PG
11105 Pgm 4 Rord PGt

06 AuxSendl
11107 AuxSend 2 -
11111 CR Monitor

11113 Preview

11118 Talkback

1103 Pgm3 PG

11104 Pgm4 PGt

11108 AuwSend 3

11103 AuwSend 4

1216 WMl 15ub il

14998 At 7 Bk it 2
@ Take Qjé Presiew
3t lear

Ready... channels found: 54 _

Figure 2-8: Destination Browse Window

GPIO - (OEM Version Only)

This button allows configuration of the GPIO mod-
ule that allows sending and receiving commands to con-
trol the console and fire events on the PC. If you will
be interfacing software on this computer to be remotely
controlled by an Axia audio mixer control surface (such
as the Element) you will need to configure GPIO. For
more on this see Chapter 3.

Statistics

This button opens a window with packet counters
and other information that may be used to verify that
Livewire driver works properly. This is described more
fully in Appendix C of this manual. There is nothing to
configure in this window as it is a viewer used for diag-
nostic and troubleshooting purposes.

PC Audio Nominal Level

The slide fader adjustment is a global setting for both
input and output levels. It is used as a one time trim set-
ting and denotes the NOMINAL level of the audio into
and out of the PC. Axia devices operate at a NOMINAL
-20dBFS level. The default setting of -8dBFS implies
that the audio from the PC is very high. This would
increase the input audio by 12dBFS to the PC and de-
crease the output of the PC audio to the Axia network by
12dBFS in order to obtain the —20dBFS nominal level.
If your PC audio appears too low on nodes or a console,
slide the fader LEFT to match the level with the actual
nominal level of the Axia network.

Audio Levels
Marninal level of PC J

audio recordings: :
-15.0 dBFS Recaord trim: +5.0 dB
-20.0 dBFS Flayback, trim: 5.0 dB

Livewire audio
nominal level:

Figure 2-12: Nominal Level Setting

For adjusting input and output levels individually
to PC applications, use the Windows volume controls/
Mixer options.

Keep Channel Active

This option is to eliminate truncating of audio from
certain playback applications that could result in pops
and clicks of the audio when monitored. This will keep
the stream from the PC actively sending a valid stream
even when the playback device is NOT playing, hence
it will send a stream that is silent audio. It is typically
enabled for PCs running an On-Air automation system.

Windows XP Firewall Settings

Installation to Windows XP may require some added
firewall settings to work properly even if the firewall is
DISABLED. XP still does filtering of ports as a secu-
rity measure. The current version of the IP-Audio driver
will automatically enter the required firewall settings in
XP. If you need to manually enter exceptions to ports, or
verify the installation of the exceptions, the list of port

requirements are below:

Navigate to My Network Places and view the avail-
able network connections. Select the NIC interface used
by the Livewire Driver and enter the PROPERTIES of
the NIC. Go to the ADVANCED tab and FIREWALL
Settings of the NIC and go to the EXCEPTIONS tab:

The following ports will need to be exempted from

being blocked:
Livewire Advertisement 4001  UDP
Livewire Advertisement Req 4000  UDP
Livewire Clock 7000  UDP
Livewire Source Allocation 2060  UDP
Audio Streams 5004 UDP

A more complete listing of ports used by Livewire
can be seen in Appendix A.
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Configuring the Axia Driver as a Windows
Playback Device

Configure your player application to use Axia Wave
01 through 24. Most playback applications use a drop
down menu to list all available audio output devices;
simply choose Axia WaveOl from the list. If you are us-
ing Axia [P-Audio OEM Multichannel driver, you can
configure up to 24 players to simultaneously stream au-
dio to the Livewire network.

NOTE: Standard version allows only one input
and one output audio device.

You may also want to specify one of Livewire Axia
IP-Audio Output devices as the “preferred device” in
Windows Sound and Multimedia Properties control pan-
el, as shown in Figure 2-9.

Once you start playback on a selected Axia output
device, the driver will start streaming network packets
to one of the 32767 Livewire channels, as configured
above. Livewire nodes configured to receive audio on
that channel will receive the audio data. If the lowest
(bottom) segment of the output audio meters are illumi-
nated this indicates that the stream is present, even if the
audio source is currently silent. For more on Livewire
Channels see the document Introduction to Livewire.

Sounds and Audio Devices Properties

Yolume Sounds Audio Waice Hardware

Sound playback
Default device:
| Axia W avell - |

[ Wolume. .. I [ Advanced... ]

Sound recording
ﬁ Default device:
| Axia W avell v |

MIDI mugic playback

% Drefault device:

et | Microzaft GS Wavetable S Synth w |

| anuge... | [ About. ]

[ Use anly default devices

[ QK. ][ Cancel ][ Apply

Figure 2-9: Windows Audio Devices

Mixing Multiple Sources to an IP-Audio
Playback Device

Windows provides for mixing multiple sources to a
specified playback channel when more than one appli-
cation uses the same Audio Device. In a similar man-
ner, the Livewire driver Line Input can be mixed to the
Livewire driver Line Output to allow monitoring of re-
corded audio. Standard tools can be used to control the
mixing, such as the Windows mixer application. See Set-
ting Recording and Playback Levels in Chapter 3 for ad-

ditional information.

Using IP-Audio for Multi-Channel Record-
ing and Playback

Numerous multi-channel audio applications can be
used with Axia’s IP-Audio driver. One example is the
Axia iProFiler automated program logging software.

NOTE: iProFiler ships with its own version of
the Driver which, at this writing, supports 16 in-
put & output channels. Do not attempt to use
the 24-stream version of the Driver with iPro-
Filer, as these are incompatible.

Setup is not difficult and most applications that use
“standard” Windows multi-channel sound cards can also
use the Axia multi-channel IP-Audio driver. Make sure
that your player application is configured to use Axia
IP-Audio Input devices 01 through 24. Many recording
applications use a drop down menu to list all available
audio output devices for both recording and playback;
simply choose from the appropriate list.

You may also wish to specify one of the Axia [P-Au-
dio Input Devices as the preferred “Sound Recording”
device in Windows Sound and Multimedia Properties
control panel, as shown above. This specifies the Axia
IP-Audio Input device for recording on applications that
do not allow input device selection.

If you have not already done so, configure the IP-
Audio Destination Channel with the desired Livewire
channel number from which the Audio Input device will
receive audio. Remember, a Livewire Destination is the
“destination” to which an IP audio stream is directed.
This will correspond to a record device in your audio
software. To do so, click on the Browse button and a
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2

Livewire Selector window will appear as shown below,
allowing you to choose a source stream.

Livewire Selector

Fiter by category: [ (Al

Channel | Name
02 Pgm2
Pam 4 Rerd

A hd 2

CR Moritor
Preview
Talkback
Pam 3

Fam 4

A Send 3
Aur Send 4
WM 1 Sub

O S

Ready... channels found: 54 {—

Figure 2-10: Destination Browse Window

When you start recording, the Axia IP-audio driver
will pick up the designated Livewire stream from the au-
dio network.

What'’s Next

You’ve got the basics; now head to Chapter 3 for an
“under the hood” look at what else you can do with the
Axia Driver. %
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Chapter Three:

Advanced Features

This chapter contains information on advanced top-
ics such as GPIO functions, performance statistics, using
standard players to listen to Livewire streams, and how
the driver interacts with standard Windows devices.

The IP-Audio Driver GPIO Bridge
(Multi-stream version only)

Clicking on the GPIO button from the Axia IP-Audio
Configuration screen permits configuration of the GPIO
module. This allows remote devices such as mixing con-
soles to send commands to applications on the Windows
computer running the Axia IP-Audio Driver. This is a
one-way communication from Axia consoles to the IP-

Audio driver.

Starting the GPIO Module

Pressing the GPIO button will display the window
shown in Figure 3-1. To use a profile from your software
vendor, enter the location of the file in the appropriate
field. If you do not have one, we have some sample pro-
files archived on our FTP site. Contact Axia Support if
you need help locating or downloading these files. Text
examples of some these files are also found in Appendix
B of this manual.

To activate the GPIO component place a check mark
to Enable the GPIO Control Surface Bridge applica-

“4 Livewire GPIO - Connecled

Configuration

Frofile name: Select Profile

Enable I~ [GPit-Contral Surface Bridgel

Test

Device #

T B N OFF PREVIEW steRT | stop |

Close

Figure 3-1: GPIO Service Configuration

tion. Leaving this option enabled starts this program
automatically as a service whenever Windows starts.
Clicking Close exits the Configuration Window, but the
GPIO module remains running.

Loading a GPIO Profile
If the manufacturer of your PC software is an Axia

partner they will have provided you with a GPIO profile

to configure the GPIO module. To load a profile:

1. Click on the Select Profile button. A standard Win-
dows Open file dialog will be displayed.

2. Using the usual Windows procedures locate the
GPIOVK file (on the manufacturer’s CD-ROM for
example) then click on Open.

For more information regarding the GPIO Bridge
service see Appendix B at the end of this manual.

Livewire Statistics

NOTE: This section provides basic information
on the Statistics section of the Windows IP-Au-
dio driver. If you are encountering problems,
please refer to Appendix C: Troubleshooting
Tools for more detailed information.

Playback applications send audio data to the Axia
IP-Audio driver. The driver packages the audio into
Livewire audio packets and sends them to the Livewire
LAN via the network interface. The Livewire Statistics
window provides counters for all Livewire Output and
Input devices.

To assure reliable low-delay audio delivery, Livewire
provides synchronization between terminals. The Axia
IP-Audio Driver receives clock information from hard-
ware nodes on the Axia Livewire LAN (you must have

at least one hardware node on the network).

To make sure the Axia IP-Audio driver is on-line
and receiving this synchronization (e.g. the driver’s PLL
is locked) check the Synchronization Lost value in the
Livewire Statistics window. When the clock signal is not
available, this value will increase and the Packets Re-

ceived value will stop increasing.
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Additionally, Jitter value must be below 25 ms.
Higher values of Jitter can indicate problems with the
hardware or the driver.

Here’s a guide to decoding the various diagnostic

readouts on this screen:

TxPkts - Transmitted Packets to the Axia Network.
When local audio is streamed to the network TxPkts
counter will increment at a rate of 200pkts/s.

TxErr - Transmitted Errors to the Axia Network.
TxErr counter should never increment under normal

conditions.

RxPkts - Received Packets from the Axia Net-
work. RxPkts should be 200pkts/s when receiving
Standard Streams, and 4000pkts/s when receiving
Livestreams. Note the difference in packet rate.
Some systems may have performance problems with

receiving Livestreams.
RxBytes - Received Bytes from the Axia Network.

RxUr - Received UnderRuns from the Axia Net-
work. Notes malformed packets received.

RxOr - Received Overruns from the Axia Network.
Notes malformed packets received.

RxSeqErr - Received Sequenced Errors from the
Axia Network. Every time a Livewire stream starts
to receive a new Livewire channel, a new packet se-
quence arrives. RxSeqErr increments once for each
new stream. It should not increment while receiving

a constant stream.

It is normal to see an occasional error in the Errors
columns (after all, we are using Windows!), but exces-
sive errors these fields indicate a serious problem. Ex-
amine your networking cabling and consider a problem
with your NIC card. Remember that not all NIC cards
are created equal.

Axia Audio will routinely test commonly-used NIC

cards and we will do our best to let you know when we
have good or bad news to report about specific cards.
Please visit our web site at www.AxiaAudio.com and

visit the Support section for tech notes.

Using the Axia Driver with the
Windows Multimedia Interface

Audio sources on the Livewire network are mapped
to Sound Playback devices. To Windows, the Axia IP-
Audio driver appears just like any other Sound Playback
Device. Playback applications use these devices.

Livewire destinations (e.g. audio software capable of
accepting audio on the Livewire-enabled computer) are
mapped to Sound Recording devices. Various recording,
audio editing and logging applications use those devices
to determine the audio source to be recorded.

Often, audio software has a custom dialog used to as-
sign playback and recording devices. If not, the default
settings for Sound Playback and Sound Recording de-
vices can be configured using the Windows Sounds and
Multimedia Properties Control Panel.

Livewire In Plavback.

Balance: Balance:
| o3 85— ¢
Sounds and Audio Devices Properties I volume Valume

Wolume Sounds | Audia | V\I;Di:ei"‘:r Hardwar : 3 L
Sound playback 5

q Default device:

L
Axia Wave(l
| Select [ 5elect

[ Wolurne.. ] [ Advanced...

Wavell

Sound recording
Default device:
| Aia e v

Walume. Advanced

MIDI music playback

% Default device:

el | Microsoft G5 Wavetable SW Synth w ‘

[ Woldrne.. ] [ About.. ]

[[] Use only defaul devices

[ oK ]I Cancel l[ Applp ]

Figure 3-2: Windows Record Level
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Setting Recording and Playback Levels

Windows also offers tools for setting Playback and
Record levels. To adjust these audio levels the, standard
Windows Mixer application can be used, see below. Note
that the Windows multimedia mixer can display either
Record or Playback device at a given time. To change
between these two functions choose options/properties
to select either the Playback or Recording function. To
make adjustments to the volume for the option you have
chosen, you will see level controls similar to those as
shown in Figure 3-2.

Some software vendors choose not to support the
standard Windows Multimedia interface. Unfortunately,
you won’t be able to use Livewire IP-Audio with this
software unless it is modified. Please contact your soft-
ware vendor and let them know of your displeasure (po-
litely, of course!).
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AEpeﬂdiX A: Livewire Ports

Standard ports are used for specific functions within the Livewire system. Here is a summary of the ports and their
use. If you have installed an Axia application with your Windows firewall enabled, the applications and ports will be
automatically added to your Windows firewall exceptions. If your installation has been performed with the Windows
firewall disabled and you have subsequently enable the firewall, you may have to perform some tweaking of the fire-
wall to get things operating normally. This information will be helpful in that case or in the event that you are using
some other firewall.

Port Protocol Use
67,68 UDP BOOTP Server/Client
- Remote IP address assignment
93 TCP Livewire Routing Protocol
123 uDP NTP
514 UDP Syslog logging
2055 UDP Multicast based GPIO (CMsg?2 protocol) (mcast on 239.192.255.4)
- GPIO commands from GPIO node to console-type endpoint
2060 UDP Multicast based GPIO (CMsg?2 protocol) (mcast on 239.192.255.4)
- GPIO commands from console-type endpoint to GPIO node
4000 UDP Livewire Advertisement and Source Allocation Protocol
- Full info advertisement requests and source allocation requests
4001 uUDP Livewire Advertisement and Source Allocation Protocol (mcast on 239.192.255.3)
- Periodic announcements and full info advertisements
- Source allocation state announcements and responses
4002 UDP Engine supervision protocol (mcast on 239.192.255.3)
4010 TCP Livewire Control Protocol
4011 UDP LWCP for Accessory Modules (from module to console) (mcast on 239.192.255.4)
4012 UDP LWCP for Accessory Modules (from console to module) (mcast on 239.192.255.4)
5004 UDP RTP Livewire Audio
7000 UDP Livewire Clock
9997 TCP Protocol logging (for debug) in Element
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AEpeﬂdiX B: Windows and GPIO Interfaces

GPIO Bridge Service

What is the Windows GPIO Bridge Service?

The Axia GPIO hardware unit is a device that pro-
vides a number of physical GPIO ports, each with 5 input
and 5 output pins for sending and receiving commands.
The OEM Windows driver provides a separate GPIO
port associated with each audio device hence it supports
up to 24 ports. When the Axia Driver is used with Smart
Surface or Element, the meaning of the GPO pins is de-
fined in the control surface manuals, in the GPIO sec-
tion. Automation systems should use “Line Source” type
or “Computer Player” type.

Virtual GPO pins can control the automation system
via the GPIO Bridge Service. The GPIO Bridge Service
is a one way communication service designed to provide
a simple user interface to accept the incoming logic com-
mands from the Axia network to help to translate com-
mands to customer’s or OEM PC applications in order to
initiate events on the PC.

The Bridge service is one-way and thus cannot send
messages from the PC back to the Axia Network.

GPIO Profile File Format

The following technical information on sending
Windows and UDP message is included for OEM’s de-
veloping GPIO Profiles for interfacing to their software
packages.

Profile File Format
These are ASCII test files.

Windows Class Name

If you wish to send Windows™ messages the pro-
file must contain a line that determines Window Class
Name of the automation system main window. See WIN-
CLASS= in example below.

Sending Windows Messages

The file must contain a line that determines Windows
Class Name of the automation system main window. See
WINCLASS= in example below.

Every event is represented by string in the format
DEV<d>.<e>, where <d> is audio device number (0-
24), and <e> is event number (0-4) as specified in ex-
ample below.

Example:

Event constants:
0 ON

OFF

PREV

START

STOP

H H= H W = I

=_ W N

WINCLASS=TPlayerMainForm

DEV0.3 MSG=0x40A WPARAM=0 LPARAM=1
DEV0.4 MSG=0x40A WPARAM=0 LPARAM=0
DEV1.3 MSG=0x40A WPARAM=1 LPARAM=1
DEV1.4 MSG=0x40A WPARAM=1 LPARAM=0
[..]

Sending UPD messages
The file must contain a line that determines the desti-
nation UDP port (UDP_DSTPORT=<port>).

Every event is represented by string in the format
DEV<d>.<e>, where <d> is audio device number (0-
24), and <e> is event number (0-4)
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An example of a simple GPIO Profile definition file is shown below.

Event constants:
0 ON

1 OFF

2 PREV
3 START
4 STOP

H H= H W = I

UDP_DSTPORT=2002

DEVO0.3 COMMAND="<DADCMD><ID>99999</ID><COMMAND>play pbkl</COMMAND></DADCMD>"

DEV0.4 COMMAND="<DADCMD><ID>99999</ID><COMMAND>stop pbkl</COMMAND></
DADCMD>"”<DADCMD><ID>99999</ID><COMMAND>next pbkl</COMMAND></DADCMD>"

Windows GPI1O/TCP-IP
Direct Interface

The Axia GPIO hardware unit is a device that pro-
vides a number of physical GPIO ports with 5 input and
5 output pins each for sending and receiving commands.
The OEM Windows driver provides a separate GPIO
port associated with each audio device hence it supports
up to 24 ports.

When the Axia Driver is used with Smart Surface
or Element, the meaning of the GPI and GPO pins is
defined in the control surface manuals, in the GPIO sec-
tion. Automation systems should use “Line Source” type
or “Computer Player” type.

Virtual GPO pins control the automation system.
Automation system can use virtual GPI pins to deliver
GPIO events to Axia network.

Note that the GPIO Bridge Service only listens for
the incoming messages and is not bi-directional. If the
Windows application can connect directly to port 93 of
the local PC then bi-directional communication can be
available and you don’t have to use the GPIO Bridge

service.

Connection

Client application opens a TCP/IP connection to the
Axia server running locally on the PC and NOT to the
Axia console. That server accepts connections on port
93.

Commands
ADD GPO - Enables indications of GPO pin chang-
es. Those are control messages for the automation

system.

ADD GPI - Enables indications of GPI pin changes.
Those are control messages sent from the automation
system. This is useful when multiple clients control
one GPI port.

GPI <state> - Automation system emulates input
pin state changes. A GPIO event will be sent to Axia
network. Note: client must send LOGIN command
before issuing GPI.

LOGIN - Enables commands that change state of the
device from client. Required before GPI.

BEGIN .. END - Define a block of commands that
are sent at the same time. It is optional. Client can use

them to optimize user interface updates for example,
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by delaying refresh operation after receiving BEGIN,
until END is received.

State of GPIO port is encoded using character string
containing: ‘I’, ‘L’, ‘h’, ‘H’, ‘X’ letters. The meaning of

those symbols is the following:

steady low state
pin changed state from high to low
steady high state
pin changed state from low to high

e = B

can be used in GPI commands where pin

state is not supposed to change

GPIO contact closures are active low. This implies
that application typically would react to state changes
from high to low — symbol ‘L.

As the GPIO has 5 pins the state of each pin is ex-
pressed by two characters and the case of the character.
In the example shown in Figure B-1, several GPO status
changes are illustrated. The lower case letters indicate
the status of the pins. The upper case letters indicate the
updated status of items that have changed.

C: WINNT sy¥stem32', telnek

Figure B-1: GPO Status Change Example

The specific case in Figure B-2 shows Pin 1 of GPO
port 1 changing from state of steady LOW to HIGH:

MWINNT system32" telnek

BEGIH

GPO 1 11111
END

GPO 1 HI111ll1

Figure B-2: GPO Pin 1 Change
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AEpendiX C: Troubleshooting Tools

Livewire Statistics Window

The Livewire Statistics window can be used to view
input/output streaming statistics. This window is opened
from the Control Panel >> Axia IP-Audio configuration
windowand then clicking on the Statistics button.

Playback applications send audio data to the Axia
IP-Audio driver. The driver packages the audio into
Livewire audio packets and sends them out the selected
network interface to the Livewire LAN. The Livewire
Statistics window provides counters for all Livewire
Output and Input devices.

Note: Wireless network adaptors do NOT pro-
vide sufficient performance to be used with the
IP-Audio driver. If you have multiple NICs in
your PC, make sure that the connection to your
Axia LAN is a hard-wired connection.

Clock Sync Information:
Synchronization is an essential part of Livewire sys-
tem. A clock signal is distributed to all devices in the net-

Livewire Statistics

work, including the Windows Driver. The Axia IP-Audio
Driver receives clock information from hardware nodes
on the Axia Livewire LAN (you must have at least one
Hardware node on the network). Problems with Livewire
synchronization will cause audio dropouts.

The Packets Received counter (RxPkts) should
increment continuously. If it does not, it means one or
more of the following:

»  There is either no clock master on the network

(all Axia Nodes are set as slaves-only)
* A firewall is stopping clock stream (UDP port
7000 must be opened)

*  Multicast forwarding is not working properly in

your in the network segment

The Synchronization lost counter should only in-
crement when the system starts, when the clock mas-
ter changes, or some other network related changes are
made. If it increments more frequently, it may indicate
some problems with the PC system clock or other net-
work problems.

X

Slaving information;
Adiustement; 0 Jitter sl 1 Clesar jitter
Synchronization lost: ¢ Jitter must be < 25mz. Higher values indicate presence of hardware or drivers
ey 2719229 preventing system from performing real-time operations.
# | TxPkts | T=Em | RxPkts | RxBytes | Rxlr | RxOr | RuSegEn | RxDuplPkts | RuState »
1 9g52 1] 307074 294759104 a a i} a active
2 9eR2 i] 307074 29479104 a i i} a active
3 9BRZ2 i] 15354 29479680 i a 1} i] active
4 9g52 a 307074 29479104 a a i} a active
5 9Bh2 0 0 0 0 0 1] 0 butfering [0 bytez)
B 9BRZ 0 0 0 0 0 a 0 buffering [0 bytes)
7 o9eh2 0 0 0 0 0 1] 0 butfering [0 bytez)
8  9BR2 0 0 0 0 0 a 0 buffering [0 bytes)
9: &0 0 0 0 0 0 1] 0 buffering [0 bytes)
0 0 0 0 0 0 0 1] 0 buffering [0 bytes) L
11 0 0 0 0 0 0 1] 0 buffering [0 bytes)
12 0 0 0 0 0 0 1] 0 buffering [0 bytes)
13 0 0 0 0 0 0 1] 0 butfering [0 bytes)
14 0 0 0 0 0 0 a 0 buffering [0 bytes)
15 0 0 0 0 0 0 1] 0 buffering [0 bytes)
16 0 0 0 0 0 0 a 0 buffering [0 bytes) b
< | =
Clear Counters

Figure C-1: IP-Audio STatics Window
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The Jitter value should be below 25 msec. Higher
values indicate inadequate performance caused by hard-

ware or limitations of your system.

If Jitter is high, you can reduce the number of source
and destination streams in order to minimize the load
on your PC. Another tip is to convert any destination
Livestreams to Standard Streams by using VMODE in
your Mix Engine. Remember a Livestream is 20 times
more packets per second than a Standard Stream. It is
also important to investigate potential hardware prob-
lems. As a first indicator - check the Task Manager to en-
sure CPU utilization and Network Activity are in normal
ranges. See the sections that follows on the Windows
Performance Monitor for more Windows troubleshoot-
ing tips.

Transmit (to the network) information:
When local audio is streamed to the network, the Tx-
Pkts counter will increment at 200pkts/s rate.

The TxErr counter should never increment. If it
does, there are some serious performance problems with
Windows system or network hardware or software stack.
Check to ensure your network card has 100Mbit full-du-
plex connection established to the Ethernet switch.

Receive (from the network) information:

RxPkts shows receive packet count. It should
be 200pkts/s when receiving Standard Streams, and
4000pkts/s when receiving Livestreams. Note the dif-
ference in packet rate. Some systems may have perfor-
mance problems with receiving Livestreams. If this is
the case with your system, a possible workaround is to
utilize VMODE in your Studio Mix Engine to convert

such streams from Livestream to Standard Stream.

If there are no packets being received and the receiv-
er is configured properly, there may be a firewall on the
PC that is blocking the audio stream. In that case, UDP
port 5004 should be opened.

A new Livewire stream starts every time a receiver
is set to receive a Livewire channel and a new packet

sequence is coming into the receiver. Under normal con-

ditions, you will see RxSeqErr incremented once.

The RxSeqErr counter should never increment while
receiving continuous, unchanging streams. If it does, it
means that there is a problem with the network and pack-
ets are being dropped. This can be a bad Ethernet cable
connected to the transmitting device, the receiver PC or
anywhere else in the chain. This condition can also be
caused by a faulty or inadequate network card. Check
to ensure your network card has a 100Mbit full-duplex
connection established to the Ethernet switch and that it
not one of the cards on our black list.

Dropped packets can be also caused by performance
problems originating from bottlenecks in the PC moth-
erboard and network card hardware or software. It is al-
ways good to check the CPU utilization to make sure the

PC is running at a reasonable performance level.

The RxDuplPkts (Receive Duplicate Packets) coun-
ter shows duplicate packets which typically occur under
the following conditions:

*  Duplicate Livewire channel numbers. This con-
dition can be eliminated by examining the de-
vice configurations and channel scheme used
for nodes and other IP drivers. iProbe is of as-
sistance to track this down. A duplicate channel
may result in recording silence, noise or inter-
mittent audio.

*  Redundant network paths. This can occur in
larger networks where there may be redundant
links between routers. More than one copy of
Livewire packets may be delivered continuously
or periodically. We recommend using PIM (Pro-
tocol Independent Multicasting) Sparse Mode
rather than Dense Mode to avoid periodic flood-

ing.

The next section discusses Windows performance is-

sues in more detail.
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Appendix C

Windows Performance Monitor

Additional troubleshooting information can be ob-
tained using thw Windows Performance Monitor. This is
a standard Windows tool, which allows reading statisti-

cal information form the system and drivers.

You can access the Performance Monitor through
the Windows Control Panel. Navigate to: Control Panel
>>Administrative Tools>>Performance. You will prob-
ably see the performance monitor graph similar to the
one shown in Figure C-2. There are three graphs being
continuously plotted.

While this may be interesting, it is not all that useful
to us since we are not viewing any parameters of interest.
The performance monitor also has the ability to add oth-
er parameters, including network adaptor performance
and other Axia processes. We can add these items and
display them as well.

i Ele acion vew Favortes Window telp
2 m

Ll - 0D Qe D@d +Xe beE 0@

@ & performance Logs and lerts | 100

Figure C-2: Windows Performance Monitor - Default

As auseful example, here is how you could add some
items related to NIC performance. Place your mouse
cursor within the graph window and right click to bring
up some options. Select ADD COUNTERS and select
all the Error counters related to Ethernet interface being
used by Axia driver.

You can use the Graph or Report view to examine the
data. You should see the new error counters correspond-
ing to the network interface configuration. In a similar

manner you can view Axia Driver parameters.

Add Counters |z| El

() Use local computer counters
() Select counters from computer:

Perfoimance object:

| Metwork Interface v |
) &l counters

(%) Select counters from list

() &ll instances

(®) Select instances from list:

Output Queue Length ~
Packets Outbound Dizcarded
]

Inte] igahit
M5 TCP Loopback interface

|~
| »

Cloge

Figure C-3: Adding Counters

In this example, if there are indications of any
packets with errors or discarded packets, it may
indicate some problems with the network card or

network cable.

it Performance

k5 e action View Fevorkes Window Hebp 15|
&(m @@

Df:‘"‘””“’ 0 Q%o Bee +Xe¢ RBEE @& 2

& & Performance Logs and Alerts || 100

[instance [parent [ object [ Computer | ]
- Memory \BW-OFFFL
o

Figure C-4: Performance Monitor - Additional Counters

When troubleshooting network problems, you should
also check the port statistics on the Ethernet switch for
the port to which your PC is connected. Ensure that the
port is not flooded with data from some other sources.
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AEpendiX D: Warranty

Telos Alliance Limited Warranty

This Warranty covers “the Products,” which are defined as the various audio equipment, parts, software and ac-
cessories manufactured, sold and/or distributed by or on behalf of TLS Corp. and its affiliated companies, collectively
doing business as The Telos Alliance (hereinafter “Telos”).

With the exception of software-only items, the Products are warranted to be free from defects in material and work-
manship for a period of five (5) years from the date of receipt of such Product by the end-user (such date of receipt the
“Receipt Date”). Software-only items are warranted to be free from defects in material and workmanship for a period
of 90 days from the Receipt Date. Telos will repair or replace (in its discretion) defective Products returned to Telos

within the warranty period, subject to the provisions and limitations set forth herein.

This warranty will be void if the Product: (i) has been subjected, directly or indirectly, to Acts of God, including
(without limitation) lightning strikes or resultant power surges; (ii) has been improperly installed or misused, includ-
ing (without limitation) the failure to use telephone and power line surge protection devices; (iii) has been damaged by
accident or neglect. As with all sensitive electronic equipment, to help prevent damage and or loss of data, we strongly
recommend the use of an uninterruptible power supply (UPS) with all of our Products. Telos products are to be used

with registered protective interface devices which satisfy regulatory requirements in their country of use.

This Warranty is void if the associated equipment was purchased or otherwise obtained through sales channels not
authorized by Telos.

EXCEPT FOR THE ABOVE-STATED EXPRESS WARRANTY, TELOS MAKES NO WARRANTIES, EX-
PRESS OR IMPLIED (INCLUDING IMPLIED WARRANTIES OF MERCHANTABILITY AND FITNESS FOR A
PARTICULAR PURPOSE).

In no event will Telos, its directors, officers, employees, agents, owners, consultants or advisors (its “Affiliates”),
or authorized dealers or their respective Affiliates, be liable for incidental or consequential damages, or for loss, dam-
age, or expense directly or indirectly arising from the use of any Product or the inability to use any Product either

separately or in combination with other equipment or materials, or from any other cause.

In order to invoke this Warranty, the Product must be registered via Telos” website (found at: http://telosalliance.
com/legal/warranty) at time of receipt by end-user and notice of a warranty claim must be received by Telos within
the above stated warranty period and warranty coverage must be authorized by Telos. Contact may be made via email:
support@telosalliance.com or via telephone: (+1) 216-241-7225. If Telos authorizes the performance of warranty
service, the defective Product must be delivered to: Telos, 1241 Superior Avenue, Cleveland, Ohio 44114 or other
company repair center as may be specified by Telos at the time of claim.

©2014 Axia Audio — Rev. 2.5.1
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Shipping Costs and Warranty Service:

If the date the customer’s notice of warranty claim is received by Telos (such date the “Warranty Claim Notice
Date”) is within the first 90 days following the Receipt Date, Telos will pay the costs of shipping such warranted Prod-

uct to and from the end user’s location, and the cost of repair or replacement of such warranted Product.

If the Warranty Claim Notice Date occurs after the first 90 days following the Receipt Date and before the end of
the second (2nd) year, the customer will pay the freight to return the warranted Product to Telos. Telos will then, at its

sole discretion, repair or replace the warranted Product and return it to the end user at Telos’ expense.

If the Warranty Claim Notice Date occurs between the end of the second (2nd) year following the Receipt Date
and the completion of the fifth (5th) year, the customer will pay the costs of shipping such warranted Product to and
from the end user’s location. Telos will then, in its sole discretion, repair or replace the warranted Product at Telos’
expense. Telos also reserves the right, if it is not economically justifiable to repair the warranted Product, to offer a
replacement product of comparable performance and condition direct to the customer at a discounted price, accepting

the failed warranted Product as a trade-in.

The end user will in all cases be responsible for all duties and taxes associated with the shipment, return and servic-

ing of the warranted Product.

No distributor, dealer, or reseller of Telos products is authorized under any circumstances to extend, expand or
otherwise modify in any way the warranty provided by Telos, and any attempt to do so is null and void and shall not

be effective as against Telos or its Affiliates.
Out of warranty units returned to the factory for repair may be subject to a $500 evaluation fee, which fee must

be prepaid prior to shipping the unit to Telos. If no repairs are required, the $500 fee will be retained by Telos as an
evaluation charge. If repairs are required, the $500 fee will be applied to the total cost of the repair.

©2014 Axia Audio — Rev. 2.5.1
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Controlling AudioVAULT using Axia GPIO IP interface

Version: 0.9.1, 21 February 2007
By Maciej Szlapka, Axia Audio

Axia GPIO signals:

The Axia IP-Audio Driver provides GPIO interface over TCP (port 93). The driver handles routing of the
control to make sure the GPIO follows fader/channel assignment on the control surface.

All commands correspond to signals available on the DB connectors on Axia GPIO Nodes. Each port has
5 input pins and 5 output pins. Function of those pins is determined by source profile defined in
Element Control Surface configuration.

For computer playback devices “GPIO Line Input Logic” is used most commonly. This profile defines the
following function:

INPUTS

ON Command GPI pin 1 Turns channel ON

OFF Command GPI pin 2 Turns channel OFF & sends 100
msec STOP pulse

PREVIEW Command GPI pin 3 Turns preview ON

RESET Command GPI pin 4 Turns channel OFF, does not send
a STOP pulse

READY Command GPI pin 5 Illuminates OFF lamp to indicate
source’s readiness

OUTPUTS

ON Lamp GPO pin 1 Illuminates when channel is ON

OFF Lamp GPO pin 2 Illuminates when channel is OFF
and READY is active

PREVIEW Lamp GPO pin 3 Illuminates when PREVIEW is ON

START Pulse GPO pin 4 Sends 100 msec pulse when the
channel status changes from OFF
to ON

STOP Pulse GPO pin 5 Sends 100 msec pulse when the
channel status changes from ON
to OFF

Tech Notes: AudioVAULT « 21
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Audio Communication Setup:

AudioVAULT needs to open a connection to the Axia IP-Audio Driver. A section like the following can be
added in the audiovau.ini file for the application that will be sending the commands:

[REMOTECONTROL.UDP1]
DeviceType=Socket
Protocol=TCP
SocketType=caller
HostName=127.0.0.1
ServiceName=93

If the AudioVAULT application (e.g. AVAir or Audiovau.exe) runs on a different machine than the IP
driver, you need to change "127.0.0.1" to the IP address of the machine where the driver is installed.

Audio VAULT Events:

Please refer to Audio VAULT Programming Manual for details on using remote control interface.
We are going to use the following commands from an [AVAir] section of the audiovau.ini file.

IDD_StartN - Events and input control associated with start of deck N

IDD_StopN - Events associated with loading and unloading the deck and playback stop
control

Each command can contain multiple mappings, which are separated with a semicolon. Command
mappings take format of <KREMOTECONTROL_NAME>:[<prefix>]<text>, where
REMOTECONTROL_NAME is a name specified in audiovau.ini section (e.g. "UDP1"), text is the actual
string sent over TCP connection, prefix defines type of the command.

Specification of commands sent by Audio Vault differ from the external triggers by a prefix which is
either "+" or "-". The "+" tells AV to send a command when an event occurs (like Channel ON), while "-"
tells AV send a command when the opposite action happens (e.g. Stop).

Comma separates the function lamp indicator from the function circuit board input assignment.

Some commands tend to be very long. Make sure that single line does not exceed 250 characters. You
may consider using shorter REMOTECONTROL identifiers.

IDD_StartN=,<Start control><Channel ON/OFF Event>
IDD_StopN=<Deck Loaded Event>,<Stop control>; <Deck Unloaded Event>

<Start control> specifies the external GPIO command, which triggers start on the deck. In Axia 5-pin
gpio convention, itis Pin 1 going Low, i.e. "GPO N L".

<Stop control> specifies external GPIO command which triggers stop on the deck. In Axia 5-pin gpio
convention it is Pin 1 going High, i.e. "GPO N H".
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<Deck Loaded Event> is a command, which is sent out by Audio Vault once deck is loaded. To
make it light up the OFF button on the control surface, we need to send READY (Pin 5 Low): "GPIN
xxxxL". This command needs to be sent with "+" prefix.

<Deck Unloaded Event> is a command, which is sent out by Audio Vault once deck is cleared. To
make the OFF light go off on the control surface, we need to send READY (Pin 5 High): "GPI N xxxxH".
This command needs to be sent with "-" prefix.

<Channel ON/OFF Event> defines commands to be sent when channel changes state fo ON or
OFF. The ON command will be indicated by the "+" prefix: "+GPI N LH", while the OFF command is
indicated by "-" prefix: "-GPI N HL".

Axia protocol requires LOGIN before sending to it any commands changing pin state. We are going to
add "LOGIN\r\n" to every command sent by Audio Vault. Technically LOGIN is required only once, but it
can be as well sent with each command.

In order to activate GPIO indications, Audio Vault must send a subscription message "ADD GPQO". It can
be done as a part of <Deck Loaded> event.

The following example demonstrates full control implemented for Decks 1 and 2. Each deck uses a
different GPIO port. In Axia setup, GPIO ports are associated with the Livewire channel corresponding to
the Audio Source (Wave Out Device) with the same index. In other words "GPl 1" will control "Axia
Wave01" playback device. It is assumed that Audio Vault is using "Axia Wave01" for Deck 1, "Axia
Wave02" for Deck 2, etc.

Examples

IDD_Start1=UDP1:+LOGIN\r\nGPI 1 LH\r\n,UDP1:GPO 1 L;UDP1:-LOGIN\r\nGPI 1
HL\r\n;

IDD_Stop1=UDP1:+ADD GPO\r\nLOGIN\r\nGPI 1 xxxxL\r\n,UDP1:GPO 1 H;UDP1:-
LOGIN\r\nGPI 1 xxxxH\r\n;

IDD_Start2=UDP1:+LOGIN\r\nGPI 2 LH\r\n,UDP1:GPO 2 L;UDP1:-LOGIN\r\nGPI 2
HL\r\n;

IDD_Stop2=UDP1:4+ADD GPO\r\nLOGIN\r\nGPI 2 xxxxL\r\n,UDP1:GPO 2 H;UDP1:-
LOGIN\\nGPI 2 xxxxH\r\n;

Examples above use READY signal. You need to make sure that this function is enabled in “Source
Profile” on your Element:

Tech Notes: AudioVAULT « 23
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Element Configuration

Source profile
Primary source: | 1581 <ML-M1@ml-mz= b
Source profile name: |.ﬁ.'-.-'-1581
Source availabiliby: Channel 1
Channel 2
GPIC Ready enabled/disabled: [ ] Disabled
® Enabled

Extra outputs

In order to control extra GPIO outputs from Audio Vault on an external GPIO unit, you need to specify
additional TCP connection parameters:

[REMOTECONTROL.AXIAGPIOAUX]
DeviceType=Socket

Protocol=TCP

SocketType=caller
HostName=192.168.2.210
ServiceName=93

In this example, 192.168.2.210 is an IP address of the external GPIO unit.

We are going to extend the previous example with control of output pins on port 1 on AXIAGPIOAUX.
Pin 1 will go Low when channel is turned ON, Pin 2 will go Low when channel is turned OFF.

Example of controlling multiple outputs from single Audio Vault event:
IDD_Startl= UDP1:4+LOGIN\r\nGPI 1 LH\r\n,UDP1:GPO 1 L;UDP1:-LOGIN\r\nGPI 1

HL\r\n; AXIAGPIOAUX:+LOGIN\r\nGPO 1 LH\r\n;AXIAGPIOAUX:-LOGIN\r\nGPO 1
HL\r\n;

Multiple buttons per function

Sometimes Audio VAULT Deck needs to be activated by two different GPIO signals,
e.g. regular ON/OFF control from Element Control Surface and external RIOT box.
This can be accomplished by separating multiple assignments with a semicolon.

Example:

IDD_Startl=,UDP1:GPO 1 L;UDP1:+LOGIN\r\nGPI 1 LH\r\n;UDP1:-LOGIN\r\nGPI 1
HL\r\n;, TCP43:INO.1+;TCP43:+0UT0.1+0UTO0.2-;TCP43:-0UT0.1-OUT0.2+;
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IDD_Stop1=UDP1:+ADD GPO\r\nLOGIN\r\nGPI 1 xxxxL\r\n,UDP1:GPO 1 H;UDP1:-
LOGIN\\NGPI 1 xxxxH\r\n;, TCP43:IN0.2+;TCP43:4+0UT0.2+;TCP43:-0UTO0.2-;

In this example, we assume TCP43 is a connection to BE RIOT GPIO device.

AXIA AUDIO 2101 SUPERIOR AVENUE CLEVELAND OHIO USA +1 216.241.7225 AXIAAUDIO.COM
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Controlling ENCO DAD using Axia GPIO IP interface

Version:1.0, 26 June, 2006
Adapted from a document prepared by ENCO Systems

Using The Axia Routing Protocol

You can access an Axia IP driver or Axia node by opening a Telnet session to the appropriate IP address
port 93. Using the local loopback to the driver this would be:

telnet 127.0.0.1 93
When connected, you must send commands in all UPPER CASE. A few examples:

DST (this will list all current destination mappings)
SRC (this will list all current source mappings)

DST 1 ADDR:"239.192.0.1" (sets destination 1 to Axia channel 1)
DST 2 ADDR:"239.192.1.45" (sets destination 2 to Axia channel 301)*
SRC 8 ADDR:"239.192.0.105" (sets source 1 to Axia channel 105)

*NOTE: You must understand how Axia uses multicast addresses to be able to compute the
addresses to include in these commands. See Axia Document: Livewire Routing Protocol for detailed
command information.

You can also set DAD 5.1a or above to issue these commands via Send Text DCLs. You must first

configure the [SEND TEXT] IO lines in the CFl file to the port, IP address and termination (delimiter)
character:

[SEND_TEXT] A_I0=-93 127.0.0.1 "M
Notice that DAD requires the minus (-) sign for ports under 1024.

You can then build commands to control the routing as above. Notice that you do not need to include
the double quotes (") around the addresses when the commands are issued by DCL:

SEND TEXT A 'DST 1 ADDR:239.192.0.1' SEND TEXT A 'DST 2
ADDR:239.192.1.45' SEND TEXT A 'SRC 1 ADDR:239.192.0.2"'

You can set different Send Text levels (A-Z) to talk to different addresses, so this structure will allow DAD
to control various Axia nodes, Axia consoles, and other workstation IP audio drivers (routing) as well as
its own local IP audio driver settings.

NOTE: When communicating with any Axia device through an IP address other than the local loopback
(127.0.0.1), you must authenticate to the unit before you can change any settings. This is can be done
by sending the following command:

SEND TEXT A 'LOGIN <password>'

The default password is blank, but the space and blank must be sent, so the command is:
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SEND TEXT A 'LOGIN '
This login can precede each command or it can be a separate command cut that is setup as a startup
command cut so that DAD authenticates when it first starts.

Communication With Axia GPIO Nodes

It is also possible to use these communication settings to talk to Axia GPIO nodes. Since these will have
an IP external to the PC, you must LOGIN as described above. You may then use Send Text commands
to control the outputs of the node. The IO on the nodes is arranged into channels, each of which has 5
GPIs and 5 GPOs. So an 8 channel node actually has 40 ins and 40 outs. You control each output by
specifying the characters L for low, H for high or X for don't change. The outputs are normally high, so
you "close" an output by commanding it to go low. The command to close output 1 is therefore:

SEND TEXT A 'GPO 1 LXXXX'
and to open it:
SEND TEXT A 'GPO 1 HXXXX'

To operate GPOs higher than 5, you must use appropriate channel numbers. For instance, to pulse GPO
13 for 1 second, use this command sequence:

SEND TEXT A 'GPO 3 XXLXX' DELAY NEXT CMD 1000 SEND TEXT A 'GPO 3
XXHXX!

Currently the inputs from the Axia GPIO node are not supported, but ENCO says they intend to add this
soon. Please contact ENCO for more information.

Communication Between Dad And Axia Consoles

Console to DAD Control (GPIOVK FILES)

The Axia IP audio driver contains "GPIO" functionality that can be used to control DAD. This is quoted
because no hardware contact closures are used to provide this connectivity. The console uses an Axia
protocol to send messages to the GPIO component of the IP audio driver. This in turn uses a user
definable profile to convert these Axia GPIO messages into DAD commands that are then sent to UDP
port 2002 which DAD listens to and executes the received commands.

Each playback device in the IP Audio Driver (Source 1-16) has 5 GPIs and 5 GPOs associated with it (see
Axia documentation for more details). These are "hard coded" in Axia to represent ON, OFF, PREVIEW,
START and STOP. The only ones of any concern at this point are START and STOP.

To access the GPIO features of the driver, click the GPIO button in the IP Audio Driver screen. Here you
enter the file name of the GPIO profile which can be any name with the extension .GPIOVK. Here is an
example of a GPIOVK profile that enables an Axia console to start and stop DAD's PBK1 (using device 1)
and PBK2 (using device 2):
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#HAFH A FF AR A AR A A AR AR AR AR A R A A R R A R R R R
Device identifiers:
DEVA -Device #01 (A)
DEVB -Device #02 (A)

#
#
#
#o...
# DEVP -Device #16 (A)
#

#

Note: for compatibility reasons, device IDs DEVO-DEV7 are also supported.

Event constants:
ON

OFF

PREV

START

STOP

E T
S WN o

UDP_DSTPORT=2002

DEVA.3COMMAND="<DADCMD><ID>99999</ID><COMMAND>play pbkl</COMMAND></DADCMD>"
DEVA.4COMMAND="<DADCMD><ID>99999</ID><COMMAND>stop pbkl</COMMAND></DADCMD>"

DEVB. 3COMMAND="<DADCMD><ID>99999</ID><COMMAND>play pbk2</COMMAND></DADCMD>"
DEVB. 4COMMAND="<DADCMD><ID>99999</ID><COMMAND>stop pbk2</COMMAND></DADCMD>"
idagssassasssassatisnssasanssaiiasssasiaaisaiiaasasiasianisaiianisniiasisnsatinni;

The # sign signifies a comment. The Device identifier comments explain that the first IP driver device
(device #01) is referenced as DEVA in this file. Device #16 is referenced as DEVP. The Event constants
comments explain that a START command maps to event 3 and a STOP command maps to event 4.

The first active line of the file is UDP_DSTPORT which configures the GPIO module to send output
commands to UDP port 2002 which is the port DAD listens on. The rest of the file contains a series of
command interpreter lines which identify an incoming command then send a corresponding command
to the UDP_DSTPORT.

Commands coming in from the console contain both device and event information expressed as
<device>.<event>. For instance a START command for device 1 is identified by DEVA.3. The rest of the
formatting in these actions lines is critical for proper communication with DAD so just imitate the above
examples. You can replace the DCL in the middle of the string (e.g. play pbk1) with any valid DCL. You
can also send multiple commands on a single line by repeating all the formatting around each DCL
command including the quote marks ("). For example, the following will STOP and NEXT PBK1.

"<DADCMD><ID>99999</ID><COMMAND>stop
pbkl</COMMAND></DADCMD>""<DADCMD><ID>99999</ID><COMMAND>next
pbk1</COMMAND></DADCMD>"

When a console surface channel is assigned an Axia network channel # that corresponds to one of the
devices originating from an IP driver, pressing the console's channel ON button will send a Start
command to that device. Pressing the channel OFF button will send a Stop command to that device.

DAD to Console Control (SEND TEXT)

You can also have DAD send control commands to an Axia console to turn a channel on and off for
instance. This works similar to talking to a GPIO Node as described above. You must build Send Text
DAD Control of Axia Devices

DCLs in DAD and send them to the local machine's IP audio driver. This is done using the local loopback
IP 127.0.0.1 on port 93. In the DAD CFl file, make the following entry for whatever Send Text level (A-Z)
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you choose to use. This example is using level A:
[SEND TEXT] A I0=-93 127.0.0.1 "M

You do not need to authenticate to the local address, so no LOGIN or password is needed.

The Send Text command strings follow the GPIO protocol described earlier. Each IP audio device (1-16)
has a GPI channel (1-16) associated with it. This GPI channel has 5 inputs that correspond to ON, OFF,
PREVIEW, START and STOP. If you send an ON command to GPI 1, the IP audio driver communicates with
the Axia console and turns on any surface channel that has IP audio device #1 routed to it.

The GPIs are triggered when they go low, but for some reason, they all start out as low. So you either
need to send two commands, one to make them all high, then another to send the desired GPI low, or
you can send a single command that toggles the states of both the ON and OFF GPIs together. | have
used the second method and have found the following to work:

SEND TEXT A 'GPI 1 LHXXX' # turnson console channelthathas IP audio device 1
assigned to it
SEND TEXT A 'GPI 1 HLXXX' # turns off console channel that has IP audio device 1
assigned to it

It is possible to put these commands into the DAD.GPO file so that DAD will automatically put itself "UP"
on the console whenever something is played. Here is an example of a GPO file that will turn the
console on any time any virtual machine in DAD plays audio to the channel assignment mapped to IP
Audio Device 1:

BOARD1 PGM START C "SEND TEXT A 'GPI 1 LHXXX'" BOARD1 PGM STOP C
"SEND TEXT A 'GPI 1 HLXXX'"

The second line will turn the module off when the audio stops playing. See DADpro32 System
Reference Manual, Section 10 for more information on DAD Command Language and using GPO files.

CAUTION: If you setup both Console-to-DAD control AND DAD-to-Console control, you can create a
control feedback loop that can cause serious trouble. Currently there is no way around this so we
recommend you use only one direction of control. If you want to start DAD primarily from the console
channel buttons, use Console-to-DAD control. If you wish to operate DAD primarily from the
touchscreen or other DAD interfaces, use the DAD-to-Console control.
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Controlling RCS/Prophet NexGen
using Axia GPIO IP interface

Version: 0.9.1, 29 February 2008
By Maciej Szlapka, Axia Audio

This document describes how to configure GPIO remote control between Axia Consoles and
RCS/Prophet NexGen. This configuration uses IP network and replaces need for hardware GPIO card in
the PC as well as hardware wiring.

NexGen is aware of Axia GPIO interface and provides user-friendly configuration interface.

Global CPU configuration

i i i i ; i CPU 10 Setti 20 %
This configuration step enables the Axia GPIO module in i EF el |
NexGen. 2 Comm I . Comm | | Comm | . Comm

=2 Board | 55 Bosrd | #% Board | = Boad

Go to "Config" / "CPU" screen. Select CPU to configure and o Cormotod

hit the "I0" button. On the "Board" tab, select Axia. R |
O

You may need to close NexGen at this point and start it Device: I |
again to make sure the new configuration is loaded.

Configuring inputs

Input configuration enables control flow from Axia
console to NexGen. This allows remote start and stop of
selected playback machines as well as activation of other ok | Cance
functions provided by NexGen.

On the "Config" / "CPU" screen select "Input". The screenshot below shows list of 6 defined events.
Those events control "Control room" playback module.

config
A § 2 a2 [« ST o e S .m0

Station MStation  User  Shift CPU | Input  Output Source  Play  System Part gy Dump ‘

<& Ex =
i ND .?.< s. CPU [All CPU's -
Mame of Input / CFPU Type Device | # Station /£ Drr Opto Event
011
1.2 AXIAT Asery Aia 01 01 AXIAT I Stop 1
21 AXIAT Asery Axia 01 07 AXIAT I Play MNext 2
2.2 AXIAT Asery Aia 01 06 AXIAT I Stop 2
31 ARAT Asery Axia m 12 AIAT I Play Mext 3
3.2 AAIAT Asery Aia 01 11 AXIAT I Stop 3

Use “New” button to create new event.
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GPO_1_1 event corresponds to Axia Audio 2|
device 1, GPIO logic pin 1. It starts playback ~ Name . -
on machine 1. The detailed configuration of : -
this event is the following: 8 =
— Opto Events
Note pin numbering. Pins 1-5 correspond to [Play Nest 1 [
livewire GPIO port 1 pins 1-5. Pins 6-10 -
correspond to Livewire port 2, etc. [EcaT Asere =]
You may need to close NexGen at this point  Statian
and start it again to make sure the new fexan [~
configuration is loaded.
r Bit Pogition
You should be able to start and stop [ 141 1 N PR
playback on machines in control room
module by pressing channel ON and OFF ™ DRR Input ’TI pe— |
buttons on the console.

Configuring outputs

Output configuration allows sending control messages from NexGen to the console. Such setup can be
used to automatically turn on fader channels corresponding to current playback state of automation
system.

On the "Config" / "CPU" screen select "Output”. The screenshot below shows list of 6 events. Those
events control "Control room" playback module.

onfig
A i ﬁ%ﬁ-@@—ﬂ%@f@ﬁ = )

Station WStation Uszer  Shikt Input  |Output Source  Play System  Port  db Cump ‘

Edit  Mew Delete [Copy  Sawe  Frint

G4 [ X A CPU [all CPU's [

Carmrments Closure Time(ms)

Marne of Output 4

(GPI1 2 AXIAT Asery Aia
GPL2 1 AXA Asery Axia
GPI_Z_Z AXIAT Asery Axia

To enable defined GPIs in selected station, use “Config” / “Station” screen. Open station window, hit
“Relay” button to build a list of Relays (GPlIs).
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Using the “Config” / “Play” screen we change
options of playback machines. Here, we can
assign a selected relay to Start and Stop player
events.

Close NexGen and start it again to make sure
the new configuration is loaded.

Once NexGen is restarted, you will be able to
control NexGen using Axia GPIO.
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¥ Spotz ¥ Liners W
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Using Axia Windows Driver GPIO

31 January 2007

Setup

The driver has the following sources configured. In our example, we are going to use source 1,
which corresponds to audio device: “Axia Wave01”

Axia IP-Audio - Version: 2.4.6.1

ﬁXI i Livewite Network Card: | 192.168.1.2 Broadcom 802.11b/0 WLAN - Pack = |
~ Sources [Send to Metwork) Destinations [Receive from Metwork]
H Enable Mame Channel Mode Channel Mode
LI R 1 STERED || 1 [r10 Browse... | [STERED =
2 ¥ ez 2 STERED ~| | 2 120 Browse. | |STERED R
E A K] 3 STERED JE N T Brawse... | [STERED e
4V [rca 4 STERED JE3 0 Browse... | [STERED [
5 ¥ s 5 STERED =5 Browse... | [STERED =
€ ¥ [rcs 6 STERED ~| | & Browse... | [STERED =
ER O 7 STEREQ JE 1 Browse... | [STERED [=
8 ¥ [pcs ] STERED ~| | 8 Browse... | [STERED -
3 v FC3 £l STERED ) Gl Browse... | |STEREQD =
10 ¥ FC10 10 STERED = o Browse... | |STERED sl
n ¥ [rn 1 STERED =] M Browse... | [STERED v
12 ¥ [Pz 12 STEREQ 12 Eicau TEREQ
. g A = SR Player’s configuration:
|PC14 14 STER
B M [PciE |18 STER
[~ Keep channel active when playback is stopped DE"\"iCE: I,I':'l,:-:i.a "-.-\-"ave.-l]'l j Statui
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Axia Element or SmartSurface consoles will use this source, so a Source Profile must be
configured, as shown below (See the Element or SmartSurface users manual for instructions on
how to construct a Source Profile).

Source profiles | M

Source profile
Primary source: |PC 1@AKIA-XPOOOL {ID = 1481, F§ = 239,192,5.201, BS = 235,193,5.201, not sharable, LP = 1481} |
Source profile name: W
Source availability: ¥ Channel 1
v Channel 2

V' rhannal 2
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TECH SUPPORT

For automation systems, the “Computer Player” source type should be used (older software does
not have this type, so “Line Input Logic” should be selected instead). Logic port must be enabled.
GPIO signals available for every source type are defined in Element and SmartSurface manuals
available at www.AxiaAudio.com/manuals .

Sounce type: CE host

CR producer
CR guest
Studio guest
Line

Phorne
Codec

Fader mode: Marrmal

Fader start

Prewview switching mode: Mormal, auto switching disabled

CHaAMMEL O turms Preview OFF

10 S S S O IS T BO i e i e

Hybrid answer mode: Mormal, auto answer disakbled

Channel O answers hybrid
Channel OM or Preview OMN answer hybrid

Backward fesd
enabled/diszbled:

Disabled
Enabled

10 S S T

T

Logic port
enabled/disablad:

Disahbled
Enabled

0

In the example above, the channel is configured as “Line” source type. The Element and
SmartSurface manuals refer to hardware pin numbers; in the GPIO protocols those pins are
directly mapped to logical inputs and outputs.

All GPIO pins are active Low. This means that the automation system will react to state changes
from High to Low.

GPIO protocol

Computer player opens a TCP/IP connection to port 93. Developers can use telnet to test
commands and troubleshoot the system.

telnet 127.0.0.1 93



Commands sent by automation system (or user from telnet session) are in bold. Indications sent
by GPIO module to the automation system are in normal text.

The automation system listens to GPO control messages from the console. From the console’s
point of view, the automation system is a playback device, so the console controls its “virtual”
general-purpose outputs.

The automation system will send GPI commands to trigger actions on the console. Through the
protocol, the PC triggers changes on “virtual” console’s inputs.

First, the automation system subscribes for GPI and GPO updates using ‘ADD GPI’ and ‘ADD
GPO” commands, as illustrated below:

ADD GPI
BEGIN

GPI1 1 11
GPI1 2111

GPI 16 1l
END

ADD GPO
BEGIN

GPO 1 hhhhh
GPO 2 hhhhh

GPO 16 Il
END

Operator turns the channel OFF by pressing button on the Console:
GPO 1 hhhhL from GPIO logic table: STOP Pulse (Low)
GPO 1 hLhhl from GPIO logic table: OFF Lamp (Low)
GPO 1 hlhhH from GPIO logic table: STOP Pulse (High)

Operator turns the channel ON by pressing button on the Console:
GPO 1 hHhlh from GPIO logic table: OFF Lamp (High), START Pulse (Low)
GPO 1 Lhhih from GPIO logic table: ON Lamp (Low)
GPO 1 IhhHh from GPIO logic table: START Pulse (High)

An automation system turns the channel ON, remotely:
GPI 1 HHHHH
GPI 1 Lxxxxx

An automation system turns the channel OFF, remotely:
GPI 1 HHHHH
GPI 1 xLxxxx

TECH SUPPORT
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Custom GPIO messages

This extension to GPI/GPO commands allows user messages to be routed along established GP1O
routes. Livewire Routing Protocol needs to be used to establish a GPIO route from one device to
another, and PathFinder PC software provides a user interface to allow such configurations. The
functionality can be tested using standard telnet client (TCP/IP connection to port 93).

To send custom message use the following syntax (must LOGIN before):
GPI <source port number> CMD:”<custom command>”
Indications syntax (must ADD GPO before):
GPO <destination port number> CMD:”<custom command>”

Test example:
Let’s connect two PC work stations with Axia Driver installed.

Scenario below, demonstrates LWRP message exchange between GPIO clients. Custom
command, “My Command” is sourced at Port 7 of PC1 and delivered to Port 4 of PC2.

PC1 PC2
192.168.2.154 192.168.2.148
Axia IP-Driver GPIO module Axia IP-Driver GPIO module
(message source) (message destination)
telnet 192.168.2.154 93 telnet 192.168.2.148 93

Step 1:

Establish GPIO route from Port 7 of PC 1 to Port
4 of PC 2:

CFG GPO 4 SRCA:”192.168.2.154/7”
SAVE (optional, save configuration)

Step 2:
Subscribe to receive GPO indications:
ADD GPO

Step 3:

Send GPIO command on Port 7

LOGIN

GPI 7 CMD:“My Command”

Step 3 - indication:
Received:
GPO 4 CMD:*“My Command”

Custom GPIO messaging requires Axia IP-Audio Driver v2.4.6.1 or later.
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