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1. INTRODUCTION.

1.1. Fields of application of the product.

Using off-the-shelf routing equipment to send audio over IP in small to medium-sized systems
offers cost advantages over synchronous solutions using AES-10 (MADI) or TDM buses. These
have higher capacity, but require powerful hardware. Besides, large TDM systems can reduce
their cost and at the same time increase their flexibility when they are combined with IP audio
links to connect a few circuits with a central router.

That's why, when developing the IP audio routing system at AEQ, we have created not only IP
connection devices for the consoles, but also connection panels that allow for audio input and
output installation wherever it's necessary, as well as access boards for the AEQ BC2000D
router.

On the other hand, AEQ insists on offering interoperability with third party devices for the
convenience of our customers. Because of that, the solution we now present is based on
AUDINATE's technology that is operating with extraordinary performance, making our systems
100% compatible with a wide selection of equipment for Broadcast, Recording Studios and
Professional Audio (see full listing at www.audinate.com).

At the same time, in the near future we are open to adapt this solution to other technologies that
are currently under development, in order to be compatible with other manufacturers, as they
start to become mature and widely available.

@AaDante"

Dante™ is a trademark of Audinate Pty Ltd.
Product includes license from Audinate Pty Ltd unde r US patent number(s) 7747725, 8005939, 7978696,
8171152 and others.Visit Audinate website for more details on Dante: http://www.audinate.com/

1.2. Description of the devices covered by this man  ual.
1.2.1. ARENA Console / BC2000D Matrix. BC2214 and B C2224 boards.

BC2214 and BC2224 AolP boards are designed to be installed in BC2000D frames used in
AEQ ARENA digital mixing consoles and AEQ TITAN / BC2000D routers. Both boards have two
Ethernet ports (LAN1 and LAN2) with activity LEDs.

BC2214 board allows you to connect via IP up to 32 input and 32 output channels to/from the
BC2000D internal TDM bus system. This is enough to provide IP connectivity to an ARENA
console in a network, what is equivalent to an up to 512x512 channels IP matrix.

BC2224 board allows you to connect via IP up to 64 input and 64 output channels to/from the
BC2000D internal TDM bus system.

In order to build a large sized router, a BC2000D frame can be equipped with as many BC2214
or BC2224 boards as needed; they can be connected to one or several Gigabit Ethernet
networks, enabling TDM-IP “hybrid” routers with great flexibility.

Besides several AolP BC2214/BC2224 boards, the BC2000D frame can be equipped with a
number of synchronous TDM access ports such as MADI (BC2211/BC2212) or the 1024
channels BC2213 (HSAL), as required, in order to create a large routing structure.

AEQ Audio Over IP 6
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1.2.2. FORUM - GRAND FORUM console. FR14 board.

FR14 AolP board is installed as any other input/output board at the rear panel of the FORUM
console. It allows you to connect up to 32 input and 32 output channels to the unit's TDM bus.
The FR14 board features two Ethernet ports (LAN 1 and LAN 2), both including activity LEDs.
The same console can be equipped with up to two FR14 AolP boards. It is not compatible with
the MADI option, so in case one AolP board is configured in the console, the MADI option will
not be available.

1.2.3. CAPITOL IP Console.

CAPITOL IP is an 8 channel digital mixing console. Its performance is based on the CAPITOL
console and the experience gained with this model. The control surface has been redesigned
with new silent buttons, more programmable keys and a new arrangement of the monitoring
section controls.

IP connectivity in CAPITOL IP console is implemented through a single module with 16 input
and 16 output channels incorporated in its core, and excludes MADI connectivity. So the rear
panel is similar to the former model with two precut holes for both Ethernet connectors.
Depending on the configuration, the unit may come either with the Ethernet connectors or the
MADI optical connector - or without any of these options - but never with both at the same time.
CAPITOL IP consoles can have a single multichannel access: IP or MADI.

1.2.4. NETBOX 32 AD Audio interface.

NETBOX 32 AD is an interface for multi-channel AolP. It allows for the Audio Input and Output
system connectivity atlocations where the installation of AEQ digital consoles is not planned.
NETBOX 32 AD features 32 input and 32 output channels organized in 16 mono analog and 8
stereo digital channels. The stereo digital audio channels can be configured as AES/EBU or
SPDIF standard. It also incorporates 16 GPI and 16 GPO (each GPIO connector includes a
power supply pin to feed the external circuitry). Due to its high input and output capacity, it is
especially suitable for central controls and link dispatches and also to increase or distribute the
capacity of TDM BUS matrices such as the AEQ BC2000D. Dimensions (height x width x depth,
in millimeters): 44 x 482 x 361. Weight: 4.5 Kg.

1.2.5. NETBOX 8 AD Audio interface.

NETBOX 8 AD is an interface for multi-channel AolP. It allows for the Audio Input and Output
system connectivity atlocations where the installation of AEQ digital consoles is not planned.
NETBOX 8 AD features 8 inputs and 8 outputs, organized in 4 mono analog and 2 digital stereo
channels. Stereo digital ones can be configured as AES/EBU or SPDIF standards. The second
digital stereo channel can also be switched to a USB connector to ease the connection to an
audio workstation. It also provides 4 GPIl and 4 GPO. The GPO port includes a power supply
pin to feed the output circuitry. Due to its small footprint, it can be useful to give IP access to
analog or digital consoles that are not ready for this type of connectivity from factory, for
recording rooms, talk-rooms or any other auxiliary location. Dimensions (height x width x depth,
in millimeters): 44 x 211 x 300. Weight: 1.8 Kg.

1.2.6. “Dante Virtual Soundcard “.

Being an open system, any third-party device compatible with DANTE technology can be
incorporated. Among them, the “Dante Virtual Soundcard” is especially interesting, as a
complement to the equipments presented by AEQ. This software can be downloaded, in trial
and full versions at www.audinate.com. Chapter 5 in this manual explains how to configure and
operate it.

Any computer with “Dante Virtual Soundcard” installed can receive and send channels from / to
AEQ consoles and matrixes. It is very useful for monitoring and intercom purposes from the
network control stations where the “Dante Controller ” application, described below, is installed.
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1.2.7. Control Software “Dante Controller .

The system is able to auto detect all DANTE-enabled equipment that can provide Audio within
the network. Through the “Dante Controller” application installed on one or more computers on
the network, the user can choose among the available audio channels which one should be
received from the different consoles or interfaces. The application is very comprehensible and
easy to operate. Chapter 4 in this manual explains how to operate it.

Compatibility with other manufacturers is absolute. “Dante Controller” software makes the
different IP access cards work together, no matter which manufacturer provides the equipment
they are installed in.

1.3. General Features.
e Up to 512 audio channels in each Gigabit Ethernet network. Possibility of integration of
several networks in a TITAN / BC2000D 5120 x 5120 circuit concentrator.
e Double Ethernet Audio over IP connections in all AEQ consoles and digital matrices.

e Standalone, double audio over IP interfaces, making audio input and output
connections to central controls, link dispatches, analog studios, reporter cabins and any
other locations where an AEQ digital mixing console is not available an easy task.

e The system is usually structured as a star-topology using Gigabit Ethernet switches.

e For smaller installations, the system can be cascaded or “daisy chained”, as network
interfaces are duplicated.

«  Where maximum availability is a design goal, the network can be wired with duplicate
switches, ensuring uninterrupted operations with redundant paths.

1.4. Operation of the AEQ AolP system based on DANT E.
1.4.1. Discovery and auto-configuration.
When a Dante-enabled device is connected to an IP/Ethernet network, it will automatically:

e Configure its IP address.
e Advertise itself to allow automatic discovery.
Within seconds of a Dante-enabled device connecting to a network, “Dante Controller” will

automatically discover and display the device, allowing you to configure channels and route
audio.

Network automatic configuration.

A Dante-enabled device connected to a network will automatically setup its own network
configuration, including its IP address.

If the network has a DHCP server, which may be the case for installed networks, it will receive
its IP configuration using the standard DHCP protocol.

On a network without a DHCP server, which may be the case for temporary or smaller
networks, the Dante-enabled device will automatically assign itself an address using link local
protocols, in the same way PCs and printers often do.
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A Dante-enabled device will advertise information about itself to other Dante devices and
“Dante Controller”, including:

Automatic discovery.

* Device name.

* Audio channel labels.

¢  Number of audio channels.

e Sample rates and bit depths.

This information can be seen when viewing a device on “Dante Controller”, and allows Dante
devices to determine compatibility with other devices, such as compatible sample rates to allow
audio to be routed.

Device Channels.
A Dante device has a number of channels associated with it. These are either transmit (Tx) or

receive (Rx) channels. Receive channels and devices are listed down the left side of the grid.
Transmit channels and devices are listed along the top of the grid.
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Transmit channels are advertised on the network. A receiver uses this advertisement to
establish a subscription to the channel. A transmit channel can be sent to multiple receivers
using unicast or multicast.

Receive channels are connected to transmit channels via a subscription. Each receive channel
will receive audio over the network from at most one transmit channel. Chapter 4.7.4.1 explains
this in detail.

1.4.2. Differentiating between input and output cha  nnels.
Channels are classified according to whether they put audio data onto, or take audio data off

the network:

e A channel that puts audio data onto the network is known as a transmitter, Tx or output
channel.

< A channel that takes data off the network is known as a receiver, Rx or input channel.
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1.4.3. Device Names and Channel Labels.

In Dante, devices and audio channels are identified by names and labels. Device names and
channel labels can be customized.

IMPORTANT NOTE: Device names must be unique on a Dante network. Channel labels must
be unique on the device.

Dante routing is performed using the device names and channel labels. A receive channel can
be subscribed to the name of a transmit channel at a device.

Example: "Analog L@FORUM-IP 1" describes a channel labelled "Analog L" on a device
named "FORUM-IP 1".

If a device or channel is renamed, Dante routing considers it to be a different device or channel.
If a new device or channel is then given the old name, Dante routing will route from the new
device in place of the previous device.

Example: The power supply on “Netbox 3” fails and “Netbox 3" needs to be replaced. The old
"Netbox” is removed, and a new “Netbox” is plugged in and named "Netbox 3". Dante receivers
previously subscribed to the old "Netbox 3" will now automatically restore their subscriptions to
the new "Netbox 3".

Device names must be unique on the network. If you attempt to rename a device using “Dante
Controller” to a name that is already in use on the network, “Dante Controller” will notify you and
reject the name change.

Example: There is an existing device on the network called “MY16 - Slot1”. If user attempts to
rename another device to “MY16- Slotl” “Dante Controller” will notify you that the name is
already in use. The device will not be renamed.

If a new device is added to the network with a name that already exists, a name conflict is
detected, and one of the devices will rename itself by appending (2) to its name. This device will
not be able to transmit audio until it is renamed.

NOTE: A device that has been renamed with (2) appended (e.g. “MY16- Slotl (2)") will NOT BE
ABLE to transmit audio until it is renamed. The device name must be changed by the user to be
a valid non conflicting name before the device can become fully functional.

Rules for Names and Labels.

« All Dante names and labels are up to 31 characters in length. Name and label
comparisons are caseinsensitive; “Guitar” and “guitar” are treated as the same label.
Unicode and non-roman characters are not supported.

« Device names should follow Domain Name System (DNS) hostname rules. Legal
characters are AZ, a-z, 0-9 and '-' (dash or hyphen).

* Tx channel labels may use any character except '=' (equals), ".' (full stop or period) or
‘@' (at). Tx channel labels must be unique on a device. Tx channel labels do not need
to be unique on the network as they are always qualified by device (channel@device).

« RX channel labels follow the same rules as Tx channel labels.
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1.4.4. Routing Audio .

Routing Terminology.

Device: A device means a Dante-enabled device, and more specifically that component of the
audio equipment that implements the Dante interface. A Dante device typically has Tx and Rx

channels and other routing-related properties.

Transmit (Tx) channel: A transmit channel transmits audio from the audio hardware onto the
network.

Receive (Rx) channel: A receive channel receives audio from the network and sends it to the
audio hardware.

Flow: Dante audio routing creates flows. Each flow carries several channels of audio from a
transmitter to one or more receivers. Unicast routing creates flows to single receivers. Multicast
routing creates flows that can be received by multiple receivers. Multicast flows are assigned
IDs enabling them to be identified in “Dante Controller”.

Unicast routing: Unicast flows are point-to-point from a single transmitter to a single receiver.
Unicast flows typically have room for 4 channels of audio.

Multicast routing: Multicast flows are one-to-many from a single transmitter to any number of
receivers.Use “Dante Controller” to choose which channels are to be multicast. Unlike unicast
routing, multicast flows consume network bandwidth even if there are no receivers, but do not
require additional bandwidth to add more receivers.

Subscription: A subscription configures a receive channel (Rx) to receive audio from a transmit
channel (Tx) on another Dante device.

Subscription _status: For a receive channel, subscription status indicates whether it is
subscribed, whether it is receiving unicast or multicast audio, whether the subscription is OK, or
whether an error has occurred.

Subscription.

Dante routing is performed by associating a receiving (Rx) channel with a transmitting (Tx)
channel. This is called subscription.

Example: Route Tx channels 1 and 2 (labeled “Audio L” and “Audio R") on the device labeled
“Source” to Rx channels 3 and 4 on the device labeled “Dest”".

J_,-’” T
Source = | Metwaork -"""\ ] Dest

1: “Audio 1" ; 3: "Audio LESource”
2: "modto B 4 "andie RASouroe”

Rx channels 3 and 4 on “Dest” are subscribed as follows:

3. Audio L@Source
4. Audio R@Source

Dante will perform the necessary audio routing to deliver the audio from the Tx channels to the
Rx channels.
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Redundancy.

Many Dante devices support redundant audio routing. These devices have two network
interfaces, labelled primary and secondary. Primary interfaces should be connected to one
physical network.

IMPORTANT NOTE: If redundancy is being used, secondary interfaces should be connected to
a second separated network. Secondary interfaces cannot communicate with primary
interfaces.

Dante controller '

Dest1
1: “Audio L@Source”

Network A
(primary)

Non-redundant Dante device
Source

1: “Audio L”

2:“Audio R’

Dest 2
1: “Audio L@Source”

. 2: “Audio R@Source”
Redundant Dante device

Network B

Redundant Dante device
(secondary)

If the secondary network is connected to a device that supports redundancy, it is enabled
automatically. Audio data is transmitted on both the primary and secondary networks
simultaneously. In the event of a failure on one network, audio will continue to flow via the other
network.

NOTE 1: Dante redundancy requires that both the primary and secondary interfaces on any
redundant device are connected using the same link speed. For example, if the primary
interface is connected to a 1 Gbps switch port, the secondary interface must also be connected
to a 1 Gbps switch port. Similarly, if the primary interface is connected to a 100 Mbps switch
port, the secondary interface must also be connected to a 100 Mbps switch port.

NOTE 2: Dante devices that do not support redundancy must be connected to the primary
network only.

Audio Formats.

Some Dante devices support a range of audio formats (sample rates). AEQ equipment operates
at FS=48 kHz, 24 bits PCM.

It is only possible to set up a subscription between channels which have a common audio
format. If AEQ pieces of equipment are connected to systems from other manufacturers, make
sure that they are setup to operate at 48 kHz 24 bits PCM. Channels on devices with
incompatible formats will be shown in grey, and will not be routable.

Flows.
Dante audio routing creates ‘flows'. Each flow carries one or more channels of audio from a
transmitting device to one or more receiving devices. There are two types of flow: unicast and

multicast.
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Unicast routing creates flows to a single receiving device; a unicast flow typically assigns space
for 4 channels of audio. Unicast flows are set up when a receiver subscribes to an available
audio channel, and are automatically removed when the receiver unsubscribes from all
channels in that flow.

Multicast routing creates flows that can be received by multiple receivers. Multicast flows are
assigned IDs, enabling them to be identified in “Dante Controller”, and to facilitate their removal.
In contrast to unicast flows, multicast flows must be set up on the transmitting Dante device
before receivers can subscribe to these flows.

Advanced Routing: Using Multicast.

Dante routing is unicast by default. This means that a separate flow is set up between each
transmitter and receiver. If several receivers are all subscribed to the same channels of a
transmitter, it may sometimes be more efficient to use multicast.

Multicast sends the same set of channels to multiple receivers. In practice, this usually means
that the audio flow is flooded throughout the network. If many receivers want the same
channels, using multicast can reduce overall network use, especially on the transmitter,
because only one copy of each audio channel needs to be sent, rather than many.

Dante receivers will automatically prefer multicast to unicast if it is available. This means that if a
new multicast flow is created containing the channels that a receiver is currently receiving as
unicast, the receiver will switch over to receiving audio from the multicast flow and the unicast
flow will be removed.

1.4.5. Clock Synchronization.

All Dante-enabled devices use the IEEE 1588 Precision Time Protocol (PTP) across the
network to synchronize their local clocks to a master clock, providing sample-accurate time
alignment throughout the network.

One Dante device will be elected as the PTP Master Clock for the network; all other Dante
devices act as a PTP Slave Clocks to the elected master clock. Although many Dante devices
may be capable of becoming PTP Master Clock, only one device will win the election. Devices
with clock inputs (e.g. Word Clock or AES3) will be preferred in the election process. A gigabit
connected device is preferred over a device connected via 100Mbps. A tie-breaker rule of the
lowest MAC address is used if several equivalent candidate master clocks are available. The
election process may be overridden by manually setting 'Preferred Master' on a device.

Dante Clock Types.

Each Dante hardware device can derive its clock from either its high-quality onboard clock
circuit, or an externally connected word clock. In the case of “Dante Virtual Soundcard”, the
computer’s clock will be used.

Clock Settings.

Slave to External Clock Word.

A Dante device set to "Slave to External Clock Word" will use the external word clock from its
host equipment to tune its onboard VCXO. A Dante device with this attribute set will become the
PTP Master Clock, unless there is another Dante device present with 'Preferred Master' set.
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Preferred Master.

Sometimes it may be necessary to force a particular device to provide the PTP Master Clock. A
Dante device with 'Preferred Master' set will always be chosen as the PTP Master Clock. If
more than one device has 'Preferred Master' set, the device with the lowest MAC address will
be chosen.

Clocking and Synchronization in Redundant Networks.

In a redundant network, the clock synchronization protocol operates over both primary and
secondary networks. Each network will have a designated PTP master clock; usually this will be
the same device on both networks. If this is not the case (e.g. if a non-redundant device is
designated Preferred Master) then one device will bridge the clock synchronization information
from the primary to the secondary network, ensuring that all devices derive their clock from the
same source. Redundant PTP Slave clocks will synchronize their local clocks based on
information from one of the networks they are connected to. In event of a failure on one
network, a redundant device will continue to receive clock synchronization information over the
other network.

1.4.6. Latency.

In Dante, variation in latency in the network is compensated for at the receiver. Each receiver
has a device latency setting. This setting defines the latency between the timestamps on the
incoming audio samples and when those samples are played out.

The typical default latency for a Dante device is 1 msec. This is sufficient for a very large
network, consisting of a Gigabit network core (with up to 10 hops between edge switches) and
100 Mbps links to Dante devices. Smaller, Gigabit-only networks can use lower values of
latency (down to 150 usec for very fast devices, such as PCle cards). Recommended latency
settings are displayed in “Dante Controller’, and may also be found in the documentation
accompanying the product.

Latency is set on the receiver. However, when a subscription is made, there is an automatic
negotiation process between the receiver and the transmitter, to ensure that the latency for the
subscription is high enough to prevent packet loss.

For example, Ultimo devices support a minimum of 2ms latency. If a faster device (such as a
PCle card) is set to 1ms latency and is then subscribed to an Ultimo transmitter, the latency
used for the subscription will be 2ms, which is the minimum supported latency for the
subscription. Subscriptions to other devices (such as a Brooklyn Il device using AEQ devices
with two AolP ports) will be set at 1ms (or whatever latency the receiver is set to). This
effectively makes the device latency setting a 'default' latency, which is used unless the
transmitter doesn't support it.

NOTE: The minimum latency available for a device connected to a 100 Mbps network port is 1
msec. Using a latency lower than 1 msec over a 100 Mbps link will result in a subscription error,
with the tooltip 'Tx Scheduler Failure'.

Latency and Dante Virtual Soundcard.

“Dante Virtual Soundcard” allows a standard Apple Mac or Windows PC to function as a Dante
device. Because “Dante Virtual Soundcard” runs on a general purpose computer without special
hardware to support Dante timing requirements, additional latency needs to be added to
connections received from a “Dante Virtual Soundcard” transmitter.

“Dante Virtual Soundcard” is configured with custom latency values for reliable operation. Dante
devices with Rx channels that are subscribed to Tx channels from a “Dante Virtual Soundcard”
transmitter will automatically configure themselves to use these higher latency values for those
channels only. The latency on all other subscriptions on the receiver is unaffected.
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1.4.7. Dante Control and Monitoring.

In addition to automatic configuration and discovery, audio transport and routing, Dante-enabled
devices can also be controlled and monitored in various ways. This includes being able to view
and change specific parameters, such as clock configuration settings. Dante devices are also
capable of sending status events that can be viewed using “Dante Controller”. Status events
include changes in clock status, or network interface changes.

NOTE: The computer service that manages control and monitoring is called '‘ConMon'.
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2. PHYSICAL DESCRIPTION OF THE UNITS.

In order to understand the installation and cabling process associated to each unit, first you
need to be familiar with the connectors and other specific elements of the AolP solution
described in this manual and the equipment front and back panels. In the case of BC2000D,
ARENA, FORUM, GRAND FORUM and CAPITOL IP units, have in mind that the general
information about them is included in the respective user manuals, so this one includes only
specific pieces of information related to the AolP solution.

2.1. Description of the BC2214 and BC2224 modules.
2.1.1. Front panel description.

Any number of BC2214/BC2224 modules can be installed in the back Input/Output
slots of the BC2000D router or ARENA digital mixing console frames. Each module has
two connectors, LAN 1 and LAN 2, each one with its respective physical link signaling
LEDs.

- LAN LEDs: indicate the status of the audio local area network: LAN 1 (main
interface) and LAN 2 (secondary interface).

Status:
»  Off: no local network connection.
« Blinking green: link is established at data level.
« Steady yellow: link is established at physical level only.

If the boards are wired to a dedicated audio network using a switch, in LAN 1 only, the
green LED should be blinking and the yellow one should be steady on. If the wiring is
connected in “Daisy Chain” mode, without switches, or there is a redundant network,
both green LEDs should be blinking and both yellow ones should be steady on.
IMPORTANT NOTE: When there is a redundant network, primary and secondary
interfaces must be connected to separate networks.

2.2. FR14 module description.
2.2.1. Front panel description.

One or two FR14 modules can be installed in the FORUM digital mixing console
back Input/Output slots 14 and 13, respectively. Each module features two
connectors, LAN 1 and LAN 2, with their corresponding physical connection
indicator LEDs:

- LAN LEDs: indicate the status of the audio local area network: LAN 1
(main interface) and LAN 2 (secondary interface).

Status:
«  Off: no local network connection.
« Blinking green: link is established at data level.
e Steady yellow: link is established at physical level only.

If the boards are wired to a dedicated audio network using a switch, in LAN 1 only, the green
LED should be blinking and the yellow one should be steady on. If the wiring is connected in
“Daisy Chain” mode, without switches, or there is a redundant network, both green LEDs should
be blinking and both yellow ones should be steady on. IMPORTANT NOTE: When there is a
redundant network, primary and secondary interfaces must be connected to separate networks.
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2.3. CAPITOL IP BOARD module description.
2.3.1. Back panel description.

Only one CAPITOL IP BOARD
module can be installed inside
the CAPITOL IP digital mixing
console core. In that case, two
Ethernet LAN 1 and LAN 2
ports will be installed in the
AolP area of the core back panel, with their corresponding physical connection indicator LEDs:

- LAN LEDs: indicate the status of the audio local area network: LAN 1 (main interface)
and LAN 2 (secondary interface).

Status:
e Off: no local network connection.
e Blinking green: link is established at data level.
e Steady yellow: link is established at physical level only.

If the boards are wired to a dedicated audio network using a switch, in LAN 1 only, the green
LED should be blinking and the yellow one should be steady on. If the wiring is connected in
“Daisy Chain” mode, without switches, or there is a redundant network, both green LEDs should
be blinking and both yellow ones should be steady on. IMPORTANT NOTE: When there is a
redundant network, primary and secondary interfaces must be connected to separate networks.

2.4. NETBOX 32 AD equipment description.

2.4.1. Front Panel description.

NETBOX 32 AD — ;
# AUDIO OVER IP INTERFACE | ] @ujee T*_‘j—— ~ seife o i .‘_:iJm,__T ¢ %
L AT R R B R A S
o | Sl AL g Al AR SAEQ
o Luan oo

wlee

There are indicators related to the unit status, communications and audio levels.

LED POWER ON: indicates the status of the unit power supply.

e Off: no mains input.
*  Green: power supply ON.

A

LAN LEDs: indicate the status of the audio local area network: LAN 1 (main interface)
B .
and LAN 2 (secondary interface).

e Off: no local network connection.
< Blinking green: link is established at data level.

If the boards are wired to a dedicated audio network using a switch, in LAN 1 only, the
green LED should be blinking. If the wiring is connected in “Daisy Chain” mode, without
switches, or there is a redundant network, both green LEDs should be blinking.
IMPORTANT NOTE: When there is a redundant network, primary and secondary
interfaces must be connected to separate networks.
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AUDIO LEVEL LEDs: Each LED indicates the level of the corresponding device audio
C | input/ output:

« LED off: the channel is muted, or transmits or receives (depending on whether
it is an output or an input) at a level below -60dBFS.

« Green LED: channel is transmitting or receiving audio (depending on whether it
is an output or an input) at a level between -60dBFS and -20dBFS.

e Amber LED: channel is transmitting or receiving audio (depending on whether it
is an output or an input) at a level between -20dBFS and -14dBFS.

¢ Red LED: the channel is saturated or “clipping” (above -14dBFS).

D On / Off switch.

2.4.2. Description of the back panel and connection s

e B

£ B o
= E -
L Eg = w2 GPI 816 : *’ GPI1E

2.4.2.1. Ethernet Ports (LAN 1 and LAN 2). A

Netbox 32 includes two Ethernet ports: LAN 1 must always be wired, while LAN 2 is only used
when the system is wired in “Daisy Chain” mode or a redundant system is set up. IMPORTANT
NOTE: When there is a redundant network, primary and secondary interfaces must be
connected to separate networks.

Physically, both are RJ45 10/100/1000, connectors, with the pinout described below:

Pin 4: Pin 5:
Blue White and Blue

Pin 3: Pin 6:

White and Green Green

Pin 2: Pin 7:

Orange White and Brown

Pin 1: Pin 8:

White and Orange Brown
—
I

RJ45 connector pinout

2.4.2.2. Analog Inputs and Outputs. B

The physical connectors used are DB15-female. INPUTS (IN) connectors are placed in the
bottom row while OUTPUTS (OUT) are located in the upper row, with the following pinout:
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Pinout of DB15 ANALOG IN 1 - 4 connector

- Pin 1: ANALOG 1IN + - Pin 9: ANALOG 1 IN -
- Pin 2: GND - Pin 10: GND

- Pin 3: ANALOG 2 IN + - Pin 11: ANALOG 2 IN -
- Pin 4: GND - Pin 12: GND

- Pin 5: ANALOG 3 IN + - Pin 13: ANALOG 3 IN -
- Pin 6: GND - Pin 14: GND

- Pin 7: ANALOG 4 IN + - Pin 15: ANALOG 4 IN -
- Pin 8: GND

Pinout of DB15 ANALOG IN 5 - 8 connector

- Pin 1: ANALOG 5 IN + - Pin 9: ANALOG 5 IN -
- Pin 2: GND - Pin 10: GND

- Pin 3: ANALOG 6 IN + - Pin 11: ANALOG 6 IN -
- Pin 4: GND - Pin 12: GND

- Pin 5: ANALOG 7 IN + - Pin 13: ANALOG 7 IN -
- Pin 6: GND - Pin 14: GND

- Pin 7: ANALOG 8 IN + - Pin 15: ANALOG 8 IN -
- Pin 8: GND

Pinout of DB15 ANALOG IN 9 - 12 connector

- Pin 1: ANALOG 9 IN + - Pin 9: ANALOG 9 IN -

- Pin 2: GND - Pin 10: GND

- Pin 3: ANALOG 10 IN + - Pin 11: ANALOG 10 IN -
- Pin 4: GND - Pin 12: GND

- Pin 5: ANALOG 11 IN + - Pin 13: ANALOG 11 IN -
- Pin 6: GND - Pin 14: GND

- Pin 7: ANALOG 12 IN + - Pin 15: ANALOG 12 IN -
- Pin 8: GND

Pinout of DB15 ANALOG IN 13 - 16 connector

- Pin 1: ANALOG 13 IN + - Pin 9: ANALOG 13 IN -
- Pin 2: GND - Pin 10: GND

- Pin 3: ANALOG 14 IN + - Pin 11: ANALOG 14 IN -
- Pin 4: GND - Pin 12: GND

- Pin 5: ANALOG 15 IN + - Pin 13: ANALOG 15 IN -
- Pin 6: GND - Pin 14: GND

- Pin 7: ANALOG 16 IN + - Pin 15: ANALOG 16 IN -
- Pin 8: GND

Pinout of DB15 ANALOG OUT 1 - 4 connector

- Pin 1: ANALOG 1 OUT + - Pin 9: ANALOG 1 OUT -
- Pin 2: GND - Pin 10: GND

- Pin 3: ANALOG 2 OUT + - Pin 11: ANALOG 2 OUT -
- Pin 4: GND - Pin 12: GND

- Pin 5: ANALOG 3 OUT + - Pin 13: ANALOG 3 OUT -
- Pin 6: GND - Pin 14: GND

- Pin 7: ANALOG 4 OUT + - Pin 15: ANALOG 4 OUT -
- Pin 8: GND
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Pinout of DB15 ANALOG OUT 5 - 8 connector

- Pin 1:
- Pin 2:
- Pin 3:
- Pin 4:
- Pin 5:
- Pin 6:
-Pin 7:
- Pin 8:

ANALOG 5 OUT +
GND
ANALOG 6 OUT +
GND
ANALOG 7 OUT +
GND
ANALOG 8 OUT +
GND

- Pin 9: ANALOG 5 OUT -

- Pin 10:

GND

- Pin 11: ANALOG 6 OUT -

- Pin 12:

GND

- Pin 13: ANALOG 7 OUT -

- Pin 14:

GND

- Pin 15: ANALOG 8 OUT -

Pinout of DB15 ANALOG OUT 9 - 12 connector

- Pin 1:
- Pin 2:
- Pin 3:
- Pin 4:
- Pin 5:
- Pin 6:
-Pin7:
- Pin 8:

Pinout of DB15 ANALOG OUT 13 - 16 connector

ANALOG 9 OUT +
GND

ANALOG 10 OUT +
GND

ANALOG 11 OUT +
GND

ANALOG 12 OUT +
GND

- Pin 9: ANALOG 9 OUT -

- Pin 10:

GND

- Pin 11: ANALOG 10 OUT -

- Pin 12:

GND

- Pin 13: ANALOG 11 OUT -

- Pin 14:

GND

- Pin 15: ANALOG 12 OUT -

- Pin 1:
- Pin 2:
- Pin 3:
- Pin 4:
- Pin 5:
- Pin 6:
-Pin7:
- Pin 8:

2.4.2.3. Digital Inputs and Outputs.

ANALOG 13 OUT +
GND
ANALOG 14 OUT +
GND
ANALOG 15 OUT +
GND
ANALOG 16 OUT +
GND

- Pin 9: ANALOG 13 OUT -

- Pin 10:

GND

- Pin 11: ANALOG 14 OUT -

- Pin 12:

GND

- Pin 13: ANALOG 15 OUT -

- Pin 14:

GND

- Pin 15: ANALOG 16 OUT -

C

The physical connectors used are DB15-female. INPUTS (IN) connectors are placed in the

bottom row while OUTPUTS (OUT) are located in the upper row, with the following pinout:
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Pinout of DB15 DIGITAL IN 17 - 24 connector

- Pin 1:
- Pin 2:
- Pin 3:
- Pin 4:
- Pin 5:
- Pin 6:
-Pin 7:
- Pin 8:

DIGITAL 17-18 IN +
GND
DIGITAL 19-20 IN +
GND
DIGITAL 21-22 IN +
GND
DIGITAL 23-24 IN +
GND

- Pin 9: DIGITAL 17-18 IN -

- Pin 10:
- Pin 11:
- Pin 12:
- Pin 13:
- Pin 14:
- Pin 15:

GND
DIGITAL 19-20 IN -
GND
DIGITAL 21-22 IN -
GND
DIGITAL 23-24 IN -
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Pinout of DB15 DIGITAL IN 25 - 32 connector

- Pin 1: DIGITAL 25-26 IN + - Pin 9: DIGITAL 25-26 IN -
- Pin 2: GND - Pin 10: GND

- Pin 3: DIGITAL 27-28 IN + - Pin 11: DIGITAL 27-28 IN -
- Pin 4: GND - Pin 12: GND

- Pin 5: DIGITAL 29-30 IN + - Pin 13: DIGITAL 29-30 IN -
- Pin 6: GND - Pin 14: GND

- Pin 7: DIGITAL 31-32 IN + - Pin 15: DIGITAL 31-32 IN -
- Pin 8: GND

Pinout of DB15 DIGITAL OUT 17 - 24 connector

- Pin 1: DIGITAL 17-18 OUT + - Pin 9: DIGITAL 17-18 OUT -
- Pin 2: GND - Pin 10: GND

- Pin 3: DIGITAL 19-20 OUT + - Pin 11: DIGITAL 19-20 OUT -
- Pin 4: GND - Pin 12: GND

- Pin 5: DIGITAL 21-22 OUT + - Pin 13: DIGITAL 21-22 OUT -
- Pin 6: GND - Pin 14: GND

- Pin 7: DIGITAL 23-24 OUT + - Pin 15: DIGITAL 23-24 OUT -
- Pin 8: GND

Pinout of DB15 DIGITAL OUT 25 - 32 connector

- Pin 1: DIGITAL 25-26 OUT + - Pin 9: DIGITAL 25-26 OUT -
- Pin 2: GND - Pin 10: GND
- Pin 3: DIGITAL 27-28 OUT + - Pin 11: DIGITAL 27-28 OUT -
- Pin 4: GND - Pin 12: GND
- Pin 5: DIGITAL 29-30 OUT + - Pin 13: DIGITAL 29-30 OUT -
- Pin 6: GND - Pin 14: GND
- Pin 7: DIGITAL 31-32 OUT + - Pin 15: DIGITAL 31-32 OUT -
- Pin 8: GND

Remarks:

- Each of the eight digital audio inputs and outputs include two different audio channels,
according to AES 3 or SPDIF standard.

- The first digital input (17-18) synchronizes NETBOX 32 with the source connected to it,
emitting an AES 3/SPDIF or AES 11 formatted stream.

- The outputs can be used to provide synchronization to other devices that can extract it
from an AES 3 formatted audio stream.

2.4.2.3.1 Digital inputs/outputs jumpers configurat ion.

IMPORTANT NOTE: Access and configuration of the configuration jumpers require a previous
experience in installing and configuring computer or electronic cads. Don’t open the unit if you
lack this experience in order to avoid risk of electrical shock or damages to the system.

Digital inputs and outputs are programmed by default as AES/EBU. If compatibility with
SPDIF equipment is required, you must open the unit and change the corresponding
configuration jumpers.

- Opening the unit.
It's VERY IMPORTANT to turn first the equipment off and disconnect the power supply
cable. Remove the 12 screws located at the top cover. Pull up from the top cover and
remove it.

- Finding the jumpers location.
Place the unit with the connectors facing towards you and recognize the following zones
inside it:
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5TO 8 (25 TO 32) DIGITAL INPUTS AND OUTPUTS
PROGRAMMING ZONE

. W \\\"ﬁ‘ui

1TO 4 (17 TO 24) DIGITAL INPUTS AND OUTPUTS
PROGRAMMING ZONE

- Programming digital outputs 1 to 4 as S/PDIF.
In order to provide outputs to S/PDIF equipments, the programming procedure
described below adapts the levels and unbalances the signals by joining OUT1-, OUT2-
, OUT3- and OUT4- to their corresponding GND, so the signal is taken from each OUT+
to OUT- (or GND).

At the “1 TO 4 DIGITAL INPUTS AND OUTPUTS PROGRAMMING ZONE", you can
change the outputs one by one from AES/EBU to S/PDIF by moving the 4 jumpers
associated to each output from position 1-2 (down) to position 2-3 (up), as shown in the
following image:
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Position 1-2: AES/EBU
Position 2-3: S/PDIF

Digital output 4 Digital output 3 Digital output 2 Digital output 1
Jumpers J30, J31, Jumpers J8, J17 Jumpers J25, J26, Jumpers J3, J13,
J36 and J35 J18 and J16 J34 and J33 J14 and J12

$51433158
" 1C8!

Uy

182=AES3
283=S/PD
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Digital input 4 Digital input 3 Dig ital input 2 Digital input 1
Jumpers J28, J21, J22, Jumpers J7, J6, J9, Jumpers J23, J19, J20, Jumpers J2, J1, J4,
J32 and J29 J10 and J15 J27 and J24 J5and J11

Position 1-2: AES/EBU
Position 2 -3: S/PDIF

- Programming digital inputs 1 to 4 as S/PDIF.
In order to use S/PDIF inputs, the programming described above adapts levels and
unbalance signals by joining IN1-, IN2-, IN3- and IN4- to their associated grounds, so
each signal is taken from the corresponding IN+ and its GND (or IN-).

At the “1 TO 4 DIGITAL INPUTS AND OUTPUTS PROGRAMMING ZONE”", you can
change the inputs one by one from AES/EBU to S/PDIF by moving the 5 jumpers
associated to each input from position 1-2 (down) to position 2-3 (up), as shown in the
previous image.

- Programming digital inputs 5 to 8 as S/PDIF.
In order to use S/PDIF inputs, the programming described below adapts levels and
unbalance signals by joining IN5-, IN6-, IN7- and IN8- to their associated grounds, so
each signal is taken from the corresponding IN+ and its GND (or IN-).
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At the “5 TO 8 DIGITAL INPUTS AND OUTPUTS PROGRAMMING ZONE”", you can
change the inputs one by one from AES/EBU to S/PDIF by moving the 5 jumpers

associated to each input from position 1-2 (up) to position 2-3 (down), as shown in the
following image:

Position 1 -2: AES/EBU
Position 2-3: S/PDIF

Digital input 8 Digita |input7 Digital input 6 Dig ital input5
Jumpers J65, J68, J58, Jumpers J51, J46, J45, Jumpers J60, 63, J56, Jumpers J47, J41, J40,
J57 and J64 J42 and J43 J55 and J59 J37 and J38
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Digital output 8 Digital output 7 Digital output 6 Digital output 5
Jumpers J71, J72, Jumpers J52,J54  Jumpers J69, J70, Jumpers J48, J50,
J67 and J66 J53 and J44 J62 and J61 J49 and J39

Position 1-2: AES/EBU
Position 2-3: S/PDIF

Programming digital outputs 5 to 8 as S/PDIF.
In order to provide outputs to S/PDIF equipments, the programming procedure
described above adapts the levels and unbalances the signals by joining OUT5-, OUT6-

, OUT7- and OUT8- to their corresponding GND, so the signal is taken from each OUT+
to OUT- (or GND).

At the “5 TO 8 DIGITAL INPUTS AND OUTPUTS PROGRAMMING ZONE”", you can
change the outputs one by one from AES/EBU to S/PDIF by moving the 4 jumpers

associated to each output from position 1-2 (up) to position 2-3 (down), as shown in the
previous image.
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2.4.2.4. General Purpose Inputs and Outputs (GPIO). D

The physical connectors used are DB15-female. INPUTS (GPI) connectors are placed in the

bottom row while OUTPUTS (GPO) are located in the upper row, with the following pinout:

g 1

15 9
Pinout of DB15 GPI 1 - 8 connector

-Pin1:GPI 1 -Pin9: GND_GPI 1-4
- Pin 2: GPI 2 - Pin 10: GND_GPI 1-4
- Pin3: GPI 3 -Pin 11: GND_GPI 1-4
- Pin4: GP1 4 - Pin 12: +5V GPIO

- Pin5: GPI 5 - Pin 13: GND_GPI 5-8
- Pin 6: GPI 6 - Pin 14: GND_GPI 5-8
-Pin7: GPI1 7 - Pin 15: GND_GPI 5-8
- Pin 8: GPI 8

Remarks: please note that a common ground (GND) is provided for inputs 1 to 4 and another

one exists for inputs 5 to 8. Pin 12 supplies a +5V reference voltage to ease wiring.

Pinout of DB15 GPI 9 - 16 connector

-Pin 1: GPI 9 - Pin 9: GND_GPI 9-12

- Pin 2: GPI 10 - Pin 10: GND_GPI 9-12
- Pin 3: GPI 11 - Pin 11: GND_GPI 9-12
- Pin 4: GPI 12 - Pin 12: +5V GPIO

- Pin 5: GPI 13 - Pin 13: GND_GPI 13-16
- Pin 6: GPI 14 - Pin 14: GND_GPI 13-16
-Pin 7: GPI1 15 - Pin 15: GND_GPI 13-16
- Pin 8: GPI 16

Remarks: please note that a common ground (GND) is provided for inputs 9 to 12 and another

one exists for inputs 13 to 16. Pin 12 supplies a +5V reference voltage to ease wiring.

Pinout of DB15 GPO 1 - 8 connector

-Pin1: GPO 1 - Pin 9: GND_GPO 1-4
- Pin 2: GPO 2 - Pin 10: GND_GPO 1-4
-Pin 3: GPO 3 - Pin 11: GND_GPO 1-4
-Pin4: GPO 4 - Pin 12: +5V GPIO
-Pin5: GPO 5 - Pin 13: GND_GPO 5-8
- Pin 6: GPO 6 - Pin 14: GND_GPO 5-8
-Pin7: GPO 7 - Pin 15: GND_GPO 5-8
- Pin 8: GPO 8

Remarks: please note that a common ground (GND) is provided for inputs 1 to 4 and another

one exists for inputs 5 to 8. Pin 12 supplies a +5V reference voltage to ease wiring.

Pinout of DB15 GPO 9 - 16 connector

-Pin1: GPO 9 - Pin 9: GND_GPO 9-12

- Pin 2: GPO 10 - Pin 10: GND_GPO 9-12
- Pin 3: GPO 11 - Pin 11: GND_GPO 9-12
- Pin 4: GPO 12 - Pin 12: +5V GPIO

- Pin 5: GPO 13 - Pin 13: GND_GPO 13-16
- Pin 6: GPO 14 - Pin 14: GND_GPO 13-16
- Pin 7: GPO 15 - Pin 15: GND_GPO 13-16
- Pin 8: GPO 16
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Remarks: please note that a common ground (GND) is provided for inputs 9 to 12 and another
one exists for inputs 13 to 16. Pin 12 supplies a +5V reference voltage to ease wiring.

2.4.2.5. Power supply.

The mains power supply connector is located in the back left area of the unit. The internal
power supply is auto ranging, accepting: 90 - 132 V AC & 187 - 264 V AC, 47-63Hz.

2.4.2.6. Remarks on Netbox 32 AD audio wiring.

AEQ eases the installation task providing the connection between the system
and the connected pieces of equipment by providing on demand the “FR CAB
INP“ wiring accessory, consisting on a DB15 male connected to four balanced
and shielded pairs, 6 meters long, unterminated, in order to ease the wiring of 4
audio pairs.

The “FR CAB GPIO"“ accessory consists on a DB15 male connector connected
to a 15-way wire, 6 meters long, unterminated, for GPIs and GPOs. Each cable &
allows you to connect the 8 GPIs or GPOs provided by each connector. '

2.5. NETBOX 8 AD equipment description.

2.5.1. Front Panel description.

@ NETBOX 8 AD (M=
AUDIO OVER IP INTERFACE ‘-1

A B C

There are indicators related to the unit status, communications and audio levels.

LED POWER ON: indicates the status of the unit power supply:

e Off: no mains input.
*  Green: power supply ON.

A

B LAN LEDs: indicate the status of the audio local area network: LAN 1 (main interface)
and LAN 2 (secondary interface):

»  Off: no local network connection.
« Blinking green: link is established at data level.

If the boards are wired to a dedicated audio network using a switch, in LAN 1 only, the
green LED should be blinking. If the wiring is connected in “Daisy Chain” mode, without
switches, or there is a redundant network, both green LEDs should be blinking.
IMPORTANT NOTE: When there is a redundant network, primary and secondary
interfaces must be connected to separate networks.

AUDIO LEVEL LEDs: Each LED indicates the level of the corresponding device audio
C input / output:

« LED off: the channel is muted, or transmits or receives (depending on whether
it is an output or an input) at a level below -60dBFS.
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e Green LED: channel is transmitting or receiving audio (depending on whether it
is an output or an input) at a level between -60dBFS and -20dBFS.

« Amber LED: channel is transmitting or receiving audio (depending on whether it
is an output or an input) at a level between -20dBFS and -14dBFS.

¢ Red LED: the channel is saturated or “clipping” (above -14dBFS).

2.5.2. Description of the back panel and connection  s.

|7 © LAN 1 . GPIO 14 ® Ce I- __OuT14
e - -  @AEQ | -
b = | —
e BN (O ]|
A T L. USB - [788] e IN.OUTSS e A
E A D C B

2.5.2.1. Ethernet Ports (LAN 1 and LAN 2). A

Netbox 8 includes two Ethernet ports: LAN 1 must always be wired, while LAN 2 is only used
when the system is wired in “Daisy Chain” mode or a redundant system is set up. IMPORTANT
NOTE: When there is a redundant network, primary and secondary interfaces must be
connected to separate networks.

Physically, both are RJ45 10/100/1000, connectors, with the pinout described below:

Pin 4: Pin 5:
Blue White and Blue

Pin 3: Pin 6:

White and Green Green

Pin 2: Pin 7:

Orange White and Brown

Pin 1: Pin 8:

White and Orange Brown
—
1

2.5.2.2. Analog Inputs and Outputs. B

The physical connectors used are DB15-female. INPUTS (IN) connector is placed in the bottom
row while OUTPUTS (OUT) is located in the upper row, with the following pinout:

Pinout of DB15 ANALOG IN 1 - 4 connector

- Pin 1: ANALOG 1IN + - Pin 9: ANALOG 1 IN -
- Pin 2: GND - Pin 10: GND 8 1
- Pin 3: ANALOG 2 IN + - Pin 11: ANALOG 2 IN - DOOODDD
- Pin 4: GND - Pin 12: GND Q900000
- Pin 5: ANALOG 3 IN + - Pin 13: ANALOG 3 IN - i 3
- Pin 6: GND - Pin 14: GND
- Pin 7: ANALOG 4 IN + - Pin 15: ANALOG 4 IN -
- Pin 8: GND
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Pinout of DB15 ANALOG OUT 1 - 4 connector

- Pin 1: ANALOG 1 OUT + - Pin 9: ANALOG 1 OUT - 5 1
- Pin 2: GND - Pin 10: GND
- Pin 3: ANALOG 2 OUT + - Pin 11: ANALOG 2 OUT - '.‘.'.‘.‘."‘.'
- Pin 4: GND - Pin 12: GND
- Pin 5: ANALOG 3 OUT + - Pin 13: ANALOG 3 OUT - 15 g
- Pin 6: GND - Pin 14: GND
- Pin 7: ANALOG 4 OUT + - Pin 15: ANALOG 4 OUT -
- Pin 8: GND

2.5.2.3. Digital Inputs and Outputs. C

The physical connector used is DB15-female. In addition, there is a switch (“7&8") to assign the
second digital input and output to that DB15 female connector or, alternatively, to a USB
connector.

This way, when the switch is in the upper position, the DB15 female connector will include the 2
INPUTS (IN) and the 2 OUTPUTS (OUT), using the following pinout:

Pinout of DB15 DIGITAL IN/OUT 5-8 connector

- Pin 1: DIGITAL 5-6 IN +

- Pin 9: DIGITAL 5-6 IN -

g 1

- Pin 2: GND - Pin 10: GND
- Pin 3: DIGITAL 5-6 OUT+ - Pin 11: DIGITAL 5-6 OUT - ‘.‘.‘.‘.“"‘.‘
- Pin 4: GND - Pin 12: GND
- Pin 5: DIGITAL 7-8 IN + - Pin 13: DIGITAL 7-8 IN - 15 3
- Pin 6: GND - Pin 14: GND
- Pin 7: DIGITAL 7-8 OUT+ - Pin 15: DIGITAL 7-8 OUT -
- Pin 8: GND

Remarks:

- Each of the two digital audio inputs and outputs include two different audio channels,
according to AES 3 or SPDIF standard. The second one has also two channels in USB
connector when the switch is in the lower position.

- The first digital input (5-6) synchronizes NETBOX 8 with the source connected to it,
emitting an AES 3/SPDIF or AES 11 formatted stream.

- The outputs can be used to provide synchronization to other devices that can extract it
from an AES 3 formatted audio stream.

USB Digital input and output 2 (7-8).

When the rear switch is in the lower position, AEQ NETBOX 8 provides the second stereo
digital input through the USB type-B connector labeled “USB”. NOTE: The second output is
always available through the DB15 connector as well as through the USB connector, regardless
of the switch position.

When connecting the USB module to a PC through the USB port, the PC automatically
recognizes it as a new audio device (identified as “USB Audio CODEC"). Audio can be sent to it
from any playback program, like with any other professional external soundcard. Also, audio
can be recorded from NETBOX by using any recording application. The card is “plug&play” on
Microsoft Windows™ operating systems and Apple Computer Mac OS™, not requiring any
special driver.

The supported sampling rates are 32 KHz, 44.1 KHz y 48 KHz, with internal Sample Rate
Converter (SRC) to the 48 KHz frequency used internally by the DANTE-based AolP AEQ
system.
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IMPORTANT NOTE: Access and configuration of the configuration jumpers require a previous
experience in installing and configuring computer or electronic cads. Don’t open the unit if you
lack this experience in order to avoid risk of electrical shock or damages to the system.

2.5.2.3.1 Digital inputs/outputs jumpers configurat ion.

Digital inputs and outputs are programmed by default as AES/EBU. If compatibility with
SPDIF equipment is required, you must open the unit and change the corresponding
configuration jumpers.

- Opening the unit.
It's VERY IMPORTANT to turn first the equipment off and disconnect the power supply
cable. Remove the 3 screws located at the top of the rear panel and the 3 one located
at the front of the unit’s base. Pull up from the top cover and remove it.

- Finding the jumpers location.
Place the unit with the front facing towards you and recognize the following zone inside
it:

DIGITAL INPUTS AND
OUTPUTS PROGRAMMING
ZONE

®Puise [

- @’ i

H5007NL HE007NL
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Programming digital inputs 1 and 2 as S/PDIF.

In order to use S/PDIF inputs, the programming described below adapts levels and
unbalance signals by joining IN1- and IN2- to their associated grounds, so each signal
is taken from the corresponding IN+ and its GND (or IN-). Take note that when the rear
switch is in USB position, the digital input 2 will be placed at the USB connector
regardless of the configuration programmed by jumpers.

At the “DIGITAL INPUTS AND OUTPUTS PROGRAMMING ZONE”, you can change
the inputs one by one from AES/EBU to S/PDIF by moving the 5 jumpers associated to
each input from position 1-2 (up) to position 2-3 (down), as shown in the following
image:

Position 1-2: AES/EBU
Position 2-3: S/PDIF

Digital input 1 Digital input 2
Jumpers J7, J10, J5, Jumpers J17, J16, J15,
J4 and J6 J13 and J14

283=S/PDIF
182=AES3
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Digital output 1

Jumpers J11, J12,

J9 and J8

Digital output 2
Jumpers J18, J21,
J20 and J19

Position 1-2: AES/EBU
Position 2-3: S/PDIF

Programming digital outputs 1 and 2 as S/PDIF.

In order to provide outputs to S/PDIF equipments, the programming procedure
described above adapts the levels and unbalances the signals by joining OUT1- and
OUT2- to their corresponding GND, so the signal is taken from each OUT+ to OUT- (or
GND). Take note that the digital output 2 will be duplicated at the USB connector
regardless of the configuration programmed by jumpers.

At the “DIGITAL INPUTS AND OUTPUTS PROGRAMMING ZONE”", you can change
the outputs one by one from AES/EBU to S/PDIF by moving the 4 jumpers associated
to each output from position 1-2 (up) to position 2-3 (down), as shown in the previous
image.
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2.5.2.4. General Purpose Inputs and Outputs (GPIO). D

The physical connector used is DB15-female, with the following pinout:

g 1

13 9

-Pin1: GPI 1
- Pin 2: GPI 2
-Pin 3: GPI 3
-Pin4: GPI1 4
-Pin5:GPO 1
- Pin 6: GPO 2
-Pin7: GPO 3
- Pin 8: GPO 4

-Pin 9: GND_GPI 1-4
- Pin 10: GND_GPI 1-4
- Pin 11: GND_GPI 1-4
- Pin 12: +5V GPIO 1-4
- Pin 13: GND_GPO 1-4
- Pin 14: GND_GPO 1-4
- Pin 15: GND_GPO 1-4

Remarks: please note that a common ground (GND) is provided for inputs and another one
exists for outputs. Pin 12 supplies a +5V reference voltage to ease wiring.

2.5.2.5. Power supply. E

The conector for external 48V DC adapter is located in the back left area of the unit. The
provided universal mains adapter operates from 90 to 264 V AC, 47-63Hz.

2.5.2.6. Remarks on Netbox 8 AD audio wiring.

AEQ eases the installation task providing the connection between the system
and the connected pieces of equipment by providing on demand the “FR CAB
INP“ wiring accessory, consisting on a DB15 male connected to four balanced
and shielded pairs, 6 meters long, unterminated, in order to ease the wiring of 4

audio pairs.

The “FR CAB GPIO"“ accessory consists on a DB15 male connector connected
to a 15-way wire, 6 meters long, unterminated, for GPIs and GPOs. Each cable &
allows you to connect the GPIs or GPOs provided by the unit. '
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3. BRIEF GUIDE TO SYSTEM INSTALLATION.

3.1. Control elements.

3.1.1. PC for RTC and monitoring.

In order to control the system, the “Dante Controller” must be running on a PC. If audio
monitoring at the PC is required, the “Dante Virtual Soundcard” application must also be
installed. If a backup network is installed, a network interface card will be required for each
network.

3.1.1.1. Applications installation.

“Dante Controller " application is provided with each system, as an application running on
Microsoft Windows 7 and Windows 8 environments.

The auto run disk provided includes an executable file that installs the software. The software
modules to be installed are:

- Dante Controller Windows (version 3.5.6.2).

- Dante Firmware Update Manager (version 1.4.13.2).

The PC must be set up so it automatically obtains an IP configuration from the network (DHCP
Enabled).

Once installed, the application is run from the Start menu:

'w Dante Controller

In order to get more information, please check chapter 4 of this manual.

“Dante Virtual Soundcard
3.7.0.22).

application can be downloaded from Audinate website (version

Once installed, the application is run from the Start menu: '
Q Dante Virtual Soundcard

In order to get more information, please check chapter 5 of this manual.

3.2. Boards installation in mixing consoles and rou ters.

3.2.1. Installation of BC2214/BC2224 boards in an A RENA console or BC2000D router.

If the ARENA console or BC2000D router has been provided with the AolP option installed from
factory, they will have updated firmware and should be ready to be connected to the Ethernet
network/s and readily operate. In the case of already installed consoles or routers, the AolP
boards, having 32 or 64 input/output channels (BC2214 and BC2224 respectively), can be
installed in any free back slots of the BC2000D frame, and the routing can be configured as any
other multichannel board such as MADI or HSAL (these can be also used to generate a
complex routing infrastructure).

For existing consoles and routers, the firmware must be updated according to the procedure
described in the user’s manual and the system configuration must be changed in order to add
the new boards.
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3.2.2. Installation of FR14 boards into a FORUM 0 G RAND FORUM console.

If the console has been provided with the AolP option installed from factory, they will have
updated firmware and should be ready to be connected to the Ethernet network/s and readily
operate. The FORUM and GRAND FORUM AolP option consists on one or two FR14 boards,
with 32 input and output channels each. If only one FR14 board is installed, it should be in slot
14, and if two are installed, slots 13 and 14 are used, substituting the MADI port for routing
purposes (the AolP uses its routing resources so it can be no longer used).

The firmware must be updated according to the procedure described in the user's manual for
existing consoles.

Then a FORUM or GRAND FORUM configuration must be created in the following way:

1. Physically assemble the FR14 board in slot 14, and optionally install a second one in
slot 13.

2. Enable AolP functionality by means of the “Forum Setup” application.

3. Configure up to 32 AolP channels (or up to 64 if a second FR14 board is installed).
They are automatically labeled as AOIPO1 to AOIP16 (16 stereo channels) or as
AOIPO1 to AOIP32 (when 64 channels are configured).

4. Configure the AolP input and output routing.

5. Assign to faders those channels that are required to be readily available. Those
channels that are not initially assigned can be selected afterwards from the
corresponding menu for association of input channels to fader.

3.2.3. Installation of the CAPITOL IP BOARD ona CA PITOL IP console.

The CAPITOL IP consoles have their own CAPITOL IP BOARD installed and configured from
factory to provide 16 Audio over IP inputs and outputs through a DANTE network. The user
manual provides all necessary information regarding this. If the console had a special
configuration (such as a MADI board instead of AolP) and it is necessary to substitute the type
of multichannel board, AEQ SAT will guide you in the steps to follow.

3.3. Installation of a DANTE network with AEQ mixin g consoles and NETBOX.

The installation will be described using two examples.

3.3.1. AEQ Audio over IP System for two digital stu  dios and a Central Control.

This drawing represents a proposed installation for a small, two-studio radio station. The “Daisy
Chain” IP wiring is represented in pink, running from one PC to the audio interface located in the
central control, to the mixing console in studio one and from there to the console in studio two.

The program audio for both studios as well as other required signals for the central control
(such as clean-feeds for telephone systems, etc) are sourced from the NETBOX 8 audio
outputs. The signals necessary for the studios, such as satellite downlink, audiocodecs, tuners,
etc. are routed to the NETBOX 8 inputs. Each console will also receive not only the NETBOX 8
incoming audio but also the aux and program sends from the other console.
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3.3.1.1.

3.3.1.2.

3.3.1.2.

E)AEQ

Setup a PC with the control applications as explained in chapter 3.1.

Double check that the digital mixing consoles are configured as described in chapter
3.2.

Wire the PC, consoles and NETBOX 8 in “Daisy Chain” mode according to the diagram
(or, preferably, in a star topology by using a switch such as the one recommended in
annex 3).

Installation.

Turning ON.

Turn  the units  on,
configure them to send
the program audio from
the mixing consoles to the

DANTE network, as well T
as to the NETBOX 8 L~ e R e AUDIO 1/0: LINKS,
outputs. Start the “Dante  Pe—r#i wml Hs ¥ PROCESSORS, CODECS,
Controller” application and AR TR MULTILINES...

send a test audio.

Check that all units are
displayed in the “Routing”

AUDIO | / Oz STUDIO
MICROPHONES, €D,

window of the application. wc;%mggms,
Check that the indicators HEADPHONES...

in the “Signal” column
within the “Transmit” tab
in the “Device View”
window corresponding to

each device are

illuminated green, AUDIO | / O: STUDIO

indicating that the MICROPHONES, CD,
; . . WORKSTATIONS,

equipment is sending SPEAKERS

audio to the network. HEADPHONES...

AEQ DIGITAL CONSOLE

Monitoring audio and creating routes.

Open the “Dante Virtual Soundcard” for monitoring, or alternatively prepare some
receiving channels in the consoles or NETBOX 8 audio devices in order to receive and
monitor audio.

Subscribe the input channels of each device the output channels corresponding to the
Master and NETBOX 8 outputs. In order to check the sound from the PC, also
subscribe “Dante Virtual Soundcard” to the different master and NETBOX 8 output
flows.

3.3.1.3. Optimization.

Check the audio quality and, if possible, adjust its latency.

You can substitute unicast flows by more than two multicast subscriptions (this is not
mandatory in networks that are not too overloaded).

Make switching groups, especially to switch audio pairs simultaneously.
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This drawing represents a proposed installation of a medium to large sized radio station. The
main wiring for IP is represented in pink, using an IP switch or group of switches when the
wiring is disperse or distributed in different zones or floors.

3.3.2. AEQ Audio over IP system for medium to large  sized stations.

The backup IP wiring is represented in green. It can be easily installed through a second IP
switch or group of switches (when the wiring is dispersed or distributed in different areas or
floors of the building). All devices in the “AEQ Audio Over IP Routing System” feature two
network interfaces that allow optional installation of system redundancy. To complete this
redundancy, the PCs must be equipped with a second Ethernet adapter. IMPORTANT NOTE:
When there is a redundant network, primary and secondary interfaces must be connected to
separate networks.

The schematic shows the 5 different AolP interfaces in the AEQ system:

¢ NETBOX 32 Channel interface.

¢ NETBOX 8 Channel interface.

e CAPITOL IP console.

¢ FR14 boards to connect FORUM and GRAND FORUM mixing consoles.

« BC2214/BC2224 boards to connect ARENA consoles and BC2000D / TITAN routers.

PCs WITH CONTROL SOFTWARE

skl sl - LINKS DISPATCH 1,/0-
:E/I = T issa 4>  PROGRAM RADIO-LINKS,
MOBILES, UP LINK,DOWNLINK...

CENTRAL CONTROL AUDIO

- —— .+ g 1/0: LINKS, PROCESSORS
= T Wi A 1 i ‘
A —— gt CODECS, MULTILINES..

LR L] 32 - CHAMMEL AUDIO INTERFACES
I ] : WORKSTATION + EDITING &
NEWS CONSOLES |/0

e — A O DCLEE TR @ ANALOG OR DIGITAL (NO IP)

COMNSOLES If0

B - CHANNEL AUDID INTERFACES

smmmn IEEEEERIEIEEEEEEEEEEEEAEE

DIGITAL STUDIO AUDIO | / O:

STUDIO MICROPHOMES, CD,

WORKSTATIONS, SPEAKERS,
HEADPHOMES...

DIGITAL STUDIO AUDIO 1/ O:

STUDIO MICROPHONES, CD,

WORKSTATIONS, SPEAKERS,
HEADPHOMNES...

FORUM INTERFACES: NX32 CH.

DIGITAL STUDIO AUDIO | / O:
STUDIO MICROPHONES, CD,
WORKSTATIONS, SPEAKERS,

’ HEADPHONES...

AREMA — BC 2000 D INTERFACES: N x 32 / N x 64 Ch.

Erwmn IR EEEERIEIEEAREEEEEEEEEEE

AECQ REDUNDANT AUDIO OVER IP SYSTEM FOR MEDIUM-LARGE SIZED STATIONS WITH DIGITAL AND
ANALOG STUDIOS, NEWS ROOMS, WORKSTATIONS, CENTRAL CONTROL AND LINKS DISPATCH
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The program audio for all studios, as well as other required signals for the central control (such
as clean-feed auxiliary sends for telephone systems, etc) are sourced from the NETBOX 32 AD
audio outputs. The signals necessary for the studios, such as satellite downlink, audiocodecs,
tuners or TV receivers, etc. are routed to the NETBOX 32 AD inputs.

One or several NETBOX 32 AD units can also be installed in the links dispatch. From this can
be extracted, for example, signals going to radio links and satellite uplinks. Audio signals from
the central control will be channeled into the system through them. Programs from all the
studios (as well as any other signal required in central control such as auxiliary program sends
orclean-feeds for telephone systems) are available on the NETBOX32 AD audio outputs.
Signals required as studio channels such as satellite down-links, mobile units, etc. are
connected tot the NETBOX 32 AD audio inputs.

A NETBOX 8 AD can be installed in News recording cabins or edit suites providing audio input
and output for the audio workstations through a bi-directional USB link. Audio can also be
provided to the mixing console using analog and digital I/O connections.

The same NETBOX 8 AD unit will provide IP connectivity to analog or digital studios without
AEQ IP connectivity. This way, a station can be IP—connected without having to abandon
existing equipment.

AEQ CAPITOL IP, FORUM and ARENA digital consoles can be provided with the
corresponding multi-channel interfaces: One with 16 input + 16 outputs for CAPITOL IP and one
or more with 32 input + 32 outputs for FORUM and ARENA. The most important outputs of each
console can be routed to the multi-channel interfaces: master, auxiliary, clean feeds, etc. so
they can be used at any other location within the station. At any moment and as required, it is
possible to assign and route the signals with origin from studios, cabins, central control and
links to the audio inputs of the interface.

The installation, turn-on, monitoring, routing creation and optimization tasks are equivalent to
those described in the corresponding paragraphs in section 3.1, except for the differences
related to the size and complexity o the system.
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4. “DANTE CONTROLLER“: REAL-TIME OPERATION SOFTWARE.
4.1. “Dante Controller " Description.

NOTE: The information included in this manual is valid for software version 3.5.6.2 (or higher
versions).

“Dante Controller” is a software application provided by Audinate which allows users to
configure and route audio around Dante networks. It is available for PCs running Windows 7, 8
and 8.1, and Apple Macs running OS X 10.7.5, 10.8.5, 10.9.5 and 10.10.

Once you install “Dante Controller” on your PC or Mac and connect it to a Dante network, you
can use “Dante Controller” to:

* View all Dante-enabled audio devices and their channels on the network.
* View Dante-enabled device clock and network settings.
* Route audio on these devices, and view the state of existing audio routes.
e Change the labels of audio channels.
e Customize the receive latency (latency before play out).
«  Save audio routing presets.
e Apply previously saved presets.
« View and set per device configuration options including:
o0 Changing the device name.
o Changing sample rate and clock settings.
0 Viewing detailed network information.
0 Access the device web page to upgrade firmware and license information
(where supported).
o ldentify a device for example by flashing LEDs (where supported).
*  View network status information, including:
0 Multicast bandwidth across the network.
o Transmit and receive bandwidth for each device.
* View device performance information, including latency statistics and packet errors.
* View clock status information for each device, including frequency offset history and clock
event logs.

4.2. Minimum System Requirements.

Below we list the minimum system specifications for your computer to be able to use “Dante
Controller”.

Disclaimer: It is possible that your computer may meet the requirements below, but suffer from
some other individual performance limitation related to its particular hardware. Please seek the
advice of your computer support administrator.

General.

Recommended Minimum Requirement:

- Processor 1GHz or better.

- Memory 512 Mbytes of RAM.

- Network Standard wired Ethernet network interface (100Mbps or Gigabit). Wireless
LAN (Wi-Fi) Ethernet interfaces are not supported.

Windows.
Recommended Minimum Requirement:
- Windows 7, 8 and 8.1 (32-bit and 64-bit)
It may work on Windows XP SP3 (32 bits), but we don't provide support for this OS.
NOTE: Both UTF-8 and Unicode are supported EXCEPT for host or device names; the DNS
standard does not support Unicode for these.
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Operating System Updates.

Ensure your PC has the latest Windows updates installed.

Firewall Configuration.

Firewall configuration for Windows Firewall is automatically handled during installation. “Dante
Controller” communicates over UDP over the following ports:
- Dante Control and Monitoring: 8700-8705, 8800

If you are using a third-party firewall product, use the port information provided above to
configure it accordingly.

Monitor Requirements.

A display resolution of at least 1024 x 768, with a screen size of at least 19” is recommended for
“Dante Controller”.

4.3. Installing “Dante Controller

4.3.1. Downloading “Dante Controller

“Dante Controller” is available for download from Audinate’s website. It's also available in the
auto run disk furnished with AEQ equipment.

To download a copy of “Dante Controller”:

1. Go to the Audinate website: www.audinate.com.
2. Navigate to Products > Dante Controller.

3. Under “Download", choose your operating system.
4. Click the red download button.

This will take you to the appropriate Dante Controller release page for your operating system.
Click the link under “File downloads" to download the Dante Controller installer.

4.3.2. Installing “Dante Controller " on Windows.

Once you have downloaded the self-installing “Dante Controller” file, navigate to the directory
where you have downloaded it (e.g. Desktop).

To install “Dante Controller”:

1. Ensure you are logged on to your PC as an administrator.

2. Navigate to and double-click the “Dante Controller” installer file.

3. Read the license agreement. If you agree to the terms, select the 'l agree' checkbox and
click Install. If you do not agree to the terms, click Close.

4. Confirm / acknowledge any Windows security prompts that are displayed.

“Dante Controller” will then be installed. “Dante Controller” will be added to the start menu,
under “Audinate”.

4.3.3. Uninstalling “Dante Controller “ under Windows.

You should not need to uninstall “Dante Controller” before installing a new version. However, if
you do wish to uninstall “Dante Controller”:

Navigate to Control Panel > Programs and Features, select “Dante Controller” and click
Uninstall.

NOTE: Two other Dante features, '‘Dante Control and Monitoring' and 'Dante Discovery', may
still be present in the programs list after uninstalling “Dante Controller”. Do not uninstall these
features if they are present - they are required by other Dante software applications (for
example, “Dante Virtual Soundcard”, Firmware Update Manager, and third-party Dante control
applications). They will be removed automatically if they are no longer required.
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4.4. Where to find the “Dante Controller " application?

By default “Dante Controller” will be installed in
C:\Program Files\Audinate\Dante Controller\

It can be started in several ways:

- From the Start menu: Start > Programs > Audinate > Dante Controller > Dante
Controller

- Run by going to Start > Run and entering in the dialog box:
C:\Program Files\Audinate\Dante Controller\DanteController.exe

- Navigate to the directory where it is installed, and double-click the “Dante
Controller” icon.

DanteController

4.5. Configuring “Dante Controller ™.

“Dante Controller” can communicate with other Dante devices on the primary network, or the
secondary network, or both. “Dante Controller” needs to know which of the network interfaces of
the host computer is connected to each Dante network.

oo . Copoue Ban ol !
The first time “Dante Controller” is run, you may be ,

. . Select the network interface that the Dante Controller
presented W|th the Conﬂgure Dante Interfaces will use to communicate with other Dante devices:
dialog box (shown below), providing a list of
interfaces from which to select the primary and || .. .., ;o SR :
secondary Dante interfaces. Once interfaces have 7 : 84:2B:2B:BR:E3:4F
been selected, they are remembered for future
use, and this dialog box will not be shown when N Rt -2

Secondary Interface: ( IP: 127.31.1659.228

“Dante Controller” is run subsequently. | . 00:ED:4C:50:12:55

To display this dialog at any other time, click the button g&| in the main toolbar.
Network Interface Configuration Guidelines.

Primary only (non-redundant) Dante network.

If you only have a primary network, you can only connect one interface to the Dante network.

In the example below, the laptop (running
“Dante Controller’) and the two Dante
devices (a console and a Netbox) are
connected to the switch via their primary

£

interfaces. This is a typical non-redundant \{a,/..% %
Dante network. ; :,’t’,’%

/
’K
o
o
ot
@

If the laptop has two network interfaces,
either can be used.

Primary and secondary Dante networks (redundant configuration), only one network interface
on the host computer.

If you have primary and secondary (redundant) networks, but only one network interface on
your computer, you should set your computer's network interface as the primary interface. This
ensures that you can control any non-redundant devices, and see full connection information for
any redundant devices that are connected to non-redundant devices.
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If a problem does occur, and you lose connectivity on the primary network, you can connect
instead to the secondary network, to maintain control over your devices. This entails changing
the physical connection (i.e. physically connecting your computer to a switch on the secondary
network), and changing the interface selection in the Configure Dante Interfaces dialog.

In the example below, the laptop (running
“Dante Controller”) is connected to the
switch via one interface only, which is set as
the primary Dante interface.

The two Dante devices (the console and the
Netbox) are connected to the primary switch
via their primary interfaces, and to the
secondary switch via their secondary
interfaces. The two switches are not
connected to each other. This is a typical
redundant network  configuration  for
computers with only one network interface.

NOTE: When connected to the secondary network, you will not have control over devices that
are only connected to the primary network (i.e. non-redundant devices, or “Dante Virtual
Soundcard”). You will see the device names in the Network view, and in subscription dialogs
(for example, the Device View > Receive and Transmit tabs) but you will not be able to view or
edit device configuration for those devices. Also, if the master clock is only connected to the
primary network, its name will not resolve in the 'Master Clocks' section of the main window tool
bar, it will be shown as a MAC address string.

Primary and secondary networks (redundant configuration), two network interfaces on the host
computer.

If you have primary and secondary networks, and two network interfaces available on the host
computer, you should connect one interface to each network. This means that you will always
have full control of all redundant devices, even if the primary network fails.

In the example below, the laptop (running
“Dante Controller’) and the two Dante
devices are connected to the primary switch
via their primary interfaces, and to the
secondary switch via their secondary
interfaces.

The two switches are not connected to each -
other. This is a typical redundant network ol
configuration for computers with two (or

more) network interfaces.

NOTE 1: You must be connected to a standard wired Ethernet network in order to use “Dante
Controller”. Wireless and other non-standard wired Ethernet interfaces will not appear in the
Configure Dante Interfaces dialog.

NOTE 2: All Dante applications on the same computer have a shared understanding of which
interface is the primary Dante interface. For example, if you have installed “Dante Virtual
Soundcard” on the same PC as “Dante Controller”, and a new primary interface is selected from
within “Dante Virtual Soundcard”, “Dante Controller” will automatically switch to the newly
selected interface, and begin operating on that interface.
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“Dante Controller” presents two main types of view: Network View and Device View.

4.6. Using “Dante Controller .

IMPORTANT NOTE: After making changes to Dante network routing (e.g. subscriptions, device
names, channel labels etc.) please wait at least 5 seconds before disconnecting or powering
down any affected devices. This ensures that the new information has been properly saved to
the devices. Device configuration (e.g. sample rates, latency, clock settings) is saved instantly.

4.7. Using “Dante Controller ": “Network View ”.

When “Dante Controller” is started, it opens at the Network View, with the Routing tab selected,
offering the network connection view in XY format:

Menu bar Tool bar

Tabs @Dante’
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Status bar
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4.7.1. “Network View “ Menu Bar.

The menu bar in the Network View includes four menus: File, Device, View and Help. The
options available for each of the menus are the following ones:

“File™:
- “Load Preset" (Ctrl + L): loads a configuration from a file. Device View Help
- Save Preset. (Ctrl + S): saves configuration for currently Load Preset Chrlel

displayed devices to a file.
- “Exit" (Alt + F4): exits “Dante Controller”. w| SavePreset Ctrl+5
Exit Alt+F4

“Presets” operation is described in more detail in section 4.10 of this manual.

“Device™ Device| View Help
- dF;(taaflresh (F5): refreshes the displayed network / device 9| Refresh -
- “Device View” (Ctrl + D): opens a new Device View window. Device View Ctrl+D

“View”: allows the activation of channel [View| Help

groups (Ctrl + Caps + G). _ _
Show/Hide Channel Groups Ctrl+Maydsculas+G

“Help™
- “About” shows the “Dante Controller” version, and |Help
current event log file location.

- ‘“License”: displays the license text. About
- “Contents” (Shift + F1): opens a help window and License
displays help contents. © Contents Mayisculas+F1

4.7.2. “Network View " Tool Bar.

Below the menu bar there is a tool bar, containing six buttons: "j; | W | =) ||_||

£ Reload Device Information: Updates the current view with the latest device information
from the network. This is useful when a recent change to the network has not yet

propagated automatically through to “Dante Controller” (for example, a new device has been

added to the network).

W Load Preset: Loads a previously saved audio routing configuration. For more information,
check section 4.10.

* Save Preset: Saves the current audio routing configuration. For more information, check
section 4.10.

Choose a Dante Interface: Opens the Configure Dante Interfaces dialog. For more

B28 information, check section 4.5.
= Clock Status Monitoring: Activates the Clock Status Monitoring function. For more

information, check section 4.7.4.3.

Channel Groups: Allows the activation of the display of audio channels for each device in
groups of 16. For more information, check section 4.7.4.1.

To the right of the toolbar, “Dante Controller” displays the current master clock (or clocks, in the
case of redundant networks).
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4.7.3. “Network View ” Status Bar.

The Status Bar, in the bottom area of the screen, displays notifications for network status,
general device events, and clock status events, plus the current Dante audio multicast
bandwidth on the network.

Stagebox-1 u
+stagebox-2 td B B H B E E +

Pl s B Multicast Bandwidth: 14Mbps Eventlog: [ | Clock Status Monitor: [

The Status Bar displays the following information:

- P: The current status of the Primary network. Green indicates that “Dante Controller” is
currently connected to the primary Dante network. Red indicates a problem with the
connection.

- S: The current status of the Secondary Dante network. Only displayed where a
secondary network is connected.

- Multicast Bandwidth:  The current Dante audio multicast bandwidth on the connected
networks.Note that there may be network traffic from other sources that is not included
in the multicast bandwidth reading.

- Event Log: Indicates the current status of the event log. Click the icon to open the
Events View.

- Clock Status Monitor: Indicates the current status of the Clock Status Monitor. Click
the icon to open the Clock Status Monitor.

4.7.4. “Network View " Tabs.

There are five sub-views within “Network View” that can be selected by clicking on the tabs
located under the tool bar:

| Rolifing | pevice Info | Clock Status | Network Status | Events|

Each of these options is described below.

4.7.4.1. “Routing ".

When “Dante Controller” is started, it always displays the Routing Tab within the Network View.
In this view the network is shown in the form of a grid. Devices with Tx channels are displayed
along the top row of the grid, and those with Rx channels are displayed along the left-hand
column of the grid. Initially a collapsed view is presented; individual channels cannot be seen.

NOTE: If a device name is shown in red, it means “Dante Controller” has automatically detected
an error condition. Double-click the device name to see more information. For more information,
check section 4.7.5.

Device Channels.

A Dante device has a number of channels associated with it. These are either transmit (Tx) or
receive (Rx) channels. Receive channels and devices are listed down the left side of the grid.
Transmit channels and devices are listed along the top of the grid.

Transmit channels are advertised on the network. A receiver uses this advertisement to
establish a subscription to the channel. A transmit channel can be sent to multiple receivers
using unicast or multicast.
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Receive channels are connected to transmit channels via a subscription. Each receive channel
will receive audio over the network from at most one transmit channel.

Subscribing to Audio Channels.

In the Routing View, a blue square at the intersection of an Rx and a Tx channel indicates that
is it possible to create an audio route between those channels. A grey square indicates that it is
not possible to create a route between those channels. This may be because of a mismatch in
sample rate between the transmitter and receiver, or because a device cannot route to itself.

When you click a blue square at the cross-point between a transmit channel and a receive

channel, a subscription will be created, and a green tick will appear in the matrix cross -
point. You may initially see a grey hourglass icon (usually very briefly) to indicate that the g
subscription is in progress. '
If there is a problem with the subscription, either a warning or an error icon may appear. If &
many devices have been subscribed at the same time, a yellow pending icon may appear 4

temporarily.

NOTE: Subscriptions can also be created in the Device View. This is covered in the Device
View Section.

Subscribing to Multiple Audio Channels at once.

To subscribe multiple channels at the same time, hold down the Ctrl key and click the [-] symbol
at the top left corner of the intersection between the two devices. All the possible channels will
be subscribed at the same time (see image in next page) in diagonal arrangement (the first
channel of the transmitting device connected to the first channel of the receiver device, second
channel to second channel and so on) This multiple-subscription tool subscribes channel by
channel (for example, 4 transmitters to 4 receivers), that is, a receiver can receive audio from
one transmitter only.

Unsubscribing Audio Channels.

To unsubscribe an audio channel, click on the cross-point containing a subscription. The
subscription icon will be removed and revert to a plain blue square.

Subscription Status.

The symbol displayed at the intersection of the Tx channel and the Rx channel in the Routing
View provides information on the status of the subscription or connection, as follows:

In progress: The subscription is in progress.
Subscribed: Connection is established and fully functional.

Warning: The subscription is unresolved, typically because the transmitting device is not
visible on the network (for example, because it has been removed, or switched off).

(=0 ™

Error: An error has occurred - for example, there is insufficient bandwidth to establish the
subscription.

Pending: Device is part-way through setting up subscription. Most commonly seen when
subscribing many channels at a time.

g.

NOTE: The status of a subscription can change after it has been initially established, due to
changes in the network or changes in other devices.
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Expanding the Routing View.
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The Rx channels associated with any device can be displayed by clicking on the [+] to the left of
the device name in the left-hand column of the grid. The Tx channels associated with any
device can be displayed by clicking on the [+] above the device name on the top row of the grid.
When this action is performed the grid view expands to show each channel of the device, and
the [+] becomes a [-]. Clicking on [-] collapses the view. You can also group channels into sets
of 16 (see next page).

The Rx channels associated with all devices can be simultaneously expanded by clicking on the
[+] of “[+] [-] Dante Receivers” at the top of the left-hand column. Similarly, the Tx channels
associated with all devices can be simultaneously expanded by clicking on the [+] of “[+] [-]
Dante Transmitters” at the left of the top row. Clicking on [-] will collapse the view.

Device List Filtering.

The device lists in the Routing view can be filtered using the 7" Transmitters

“Filter Transmitters” and “Filter Receivers” boxes, below the
Dante logo in the top left-hand corner. Any text string typed
into the box will filter the view to only display devices that
contain that text string, in either a device name, or channel
name.

Filter Receivers
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The filtering is case-insensitive. For example, in the “Dante Controller” Network view shown
here, entering the string “foh” in either of the Filter fields would display only the FOH-Amp and
FOH-Console devices, and their channels.

Channel Groups.

{2 Dant= Controll
[+ When Channel Groups is Fe e e Hee
- active, device channels in “ @ % & & [+
the Network View Routing tab are Reuingi|pevice Info | Clock Status | Network Status | Events|
grouped into sets of 16. The @ADante”

button changes its color to green

-+

FORUM-IP1 =
1,16+
17,3204

FORUM-IPZ =
1.6

7
NETBOX-8—

CAPITOL-74623(

I+
ke s e =
. . . . Filter Transmitters @ EE§§§§§§§§92§§§§
when this option is activated. | 5 EEUNONASUNYEESEES
- . . . Filter Receivers o oS e e RO T
This makes it easier to view and | B B z %
. = e
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N ,  [Fleapriol-7a623 == = =l
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17..32" etc. Bl ]
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INFORUML 1R (7R [
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IN FORUMZ 6L (/X7 [ |
) IN FORUM2 6R. L N
NOTE: Grouping channels does B g 2y —
not affect routing or device Do & —
behaviour. B — -
s Y. |

Subscription Tooltips.

Hovering the mouse over a subscription icon in the Routing tab displays a tooltip containing
information about the subscription

If there is no problem with the subscription,
the tooltip will display the Rx channel and
device name, plus the Tx channel and i
device name (for example, “CAPITOL_4" Rx
channel of “CAPITOL-IP” device subscribed

to “FORUM_4" Tx channel of “FORUM-IP2”
device).

'E‘I
EEEEEEEEEEEEEEEEENI

CAPITOL 4@ APITOL-IP <- FORUM_4@FORLIM-IPZ
Subscription status is: Connecked {unicast)

L_I

III'-'lBIII

Other messages are displayed if the subscription is in any other state:

* “Incorrect channel format: source and destination channels do not match”: The receiver
and transmitter are set to different sample rates.

* “Mismatched clock domains: The transmitter and receiver are not part of the same clock
domain”: One of the devices is configured with sample rate pull-up/down that does not
match the other device.

e "Tx Scheduler failure™: This is typically because you are trying to use sub-millisecond
latency over a 100 Mbps network link (1 msec is the minimum supported latency over
100 Mbps links).
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* “No Receive flows: receiver cannot support any more flows”: This will be seen if the
receiver is subscribed to too many devices (devices typically do not support the same
number of flows as they do channels).

¢ "No more flows (TX): transmitter cannot support any more flows”: This will be seen if too
many devices are subscribed to the transmitter.

4.7.4.2. "Device Info “ (status of the device).

| & Dante Controller—

File Device View Help
7 @ | & Master Clock: FORUM-IP1 @

| Routing || Device Tnfa' | clock Status | Network Status | Events|

Device Product Product Primary Primary Secondary Secondary |
| Mame Type Version Address Link Speed Address Link Speed
CAPITOL-74623 Broaklyn 2 3.0.0 169,254, 150.67 1Gbps I/a A -
FORUM-IP1 Broaklyn 2 3.0.0 165,254, 112,69 1Gbps
[ FORUM-IP2 Brooklyn 2 3.0.0 159.254.1832.199 1Gbps

|| METBOX-B Bklyn 3.4.23 165,254, 160,231 1Gbps (A |
.- |

The Device Info tab provides a network-wide overview of device configuration and operating
information. The tabular view presents the following information, in columns from the left:

» Device Name: The device name currently associated with the device.

e Product Type: The type of Dante module in the device.

» Product Version: The product version, as defined by the manufacturer.

e Primary Address: The IP address assigned to the primary interface. IP addresses are
currently assigned via DHCP, or automatically self-assigned. Self-assigned addresses on
the primary interface will be in the 169.254.X.Y range.

e Primary Link Speed: The Ethernet link speed of the primary interface.

» Secondary Address: The IP address assigned to the secondary interface. Self-assigned
addresses on the secondary interface will be in the 172.31.X.Y range. 'N/A' indicates that
the device does not support a secondary interface. ‘Link down' indicates that the device
supports a secondary Dante interface, but it is not currently connected.

e Secondary Link Speed: The Ethernet link speed of the secondary interface. Other values
are possible (as per Secondary Address).

NOTE 1: A Dante interface may have a preferred link speed. Where it does, and an interface is
not operating at that preferred link speed, the values in the Link Speed columns will be shown in
red.

NOTE 2: If no device information is displayed for a device, it can indicate a ConMon (Dante
control and monitoring service) failure on the device. The device may need to be reset or
restored.

4.7.4.3. “Clock Status “.

The Clock Status tab provides a network-wide overview of the clocking state within the network.

AEQ Audio Over IP 47
Routing System



File Device View Help

| <7 & w| = |+ Master Clock: FOH-Console 9
[ Routing | Device Info | Clock Status | Network Status | Events|
Davice G Mute Clock Primary Secondary Preferred Enable Sync
HName Source Status Status HMaster To External
DSP-Processor [ Dante Slave Link down [ E -
oS 7] Dante Slave Link down [
FOH-Amp 7] Dante Slave Link down @)
FOH-Console [ Dante Master /& [
Lobby-amp [ Dante Slave Link down El
Monitor-Console [} Dante Slave Link down [
PA 7] Dante Slave Link down I}
PCle-Record 7] Dante Slave Link down [F
Stagebox-1 ] Dante Slave Link down (] (]
Stagebox-2 1~ ¢ Dante Slave Link down =1 1
il sl Multicast Bandwidth: 0 bps Eventlog: [] Clock Status Monitor: []

This view provides a convenient way of quickly scanning the network for clock information. The
tabular view presents the following information, in columns from the left:

« “Device Name ": The device name currently associated with the device.

» “Sync™

e “Mute”:

Indicates the clock sync status for the device.

A green light indicates that the device is currently synced to (or is driving) the
network clock. =1
A red light indicates that the device is not currently synced. i

Indicates the mute status for the device.

A red mute icon indicates that the device is currently muted (usually due to loss

of clock sync). Mt
No icon in the mute column means that the device is not muted (audio should
be flowing normally).

« “Clock Source ": Indicates the clock source for the device.

e “Primary Status / Secondary Status

Dante: The device is deriving its clock from the Dante network, or is acting as
master clock (but not deriving its clock from an external source).
External: The device is deriving its clock from an external word clock source.

" Indicates the state of the PTP clock for the

primary and secondary network interfaces.

Master: Device is the current PTP Master Clock on the primary Dante network.
Slave: Device is a PTP Slave on the primary Dante network.

Passive: Device is not using clock synchronization information from this
interface.

Link Down: The interface is not connected to the network.

N/A: Indicates that the device does not support clock status reporting. In the
Secondary Status column, can also indicate that the device is non-redundant.
Listening: Usually transient. When persistent, it indicates that the device can not
operate as a clock master (slave only), and is waiting for a clock master to
appear on the network.

Devices that are configured with sample rate pull-up/down (this is not the case with
AEQ equipment) are shown with the relevant pull-up/down value against their Clock
Status. For example, a device acting as master clock with +0.1% pull-up will be shown
as Master (+0.1%). See “About Clock Domains” section for more information.

Other transient clock states exist, which are not listed above.
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NOTE:

“Preferred Master ": Raises the priority of the device in the master clock election. If only
one device on a particular clock domain has this checkbox ticked, it ensures that the
selected device becomes master clock (for that clock domain). When multiple devices
have their Preferred Master checkbox ticked, the master will be elected automatically
from within that group.

If 'Slave Only' is shown instead of a checkbox, it indicates that the device is not capable
of acting as a master clock.

“Enable Sync To External ": Forces the Dante module to derive its clock from an
external source - either from a host device word clock, or from an auxiliary device. This
will also ensure that this Dante device becomes master clock for the relevant clock
domain (unless another device has 'Preferred Master' selected). It is not normal practice
to configure more than one device per clock domain with an external clock source. In
this case, the user is assumed to have synchronized external word clock sources (e.g.
house clock).

Where the checkbox is present but greyed-out (and inactive), it means that the Dante
device can be slaved to an external word clock, but it cannot be set directly from “Dante
Controller” - it must be done via the host device user interface, or via some other
method (e.g. third-party control software). If the checkbox is greyed out and populated,
it means that the Dante device is currently slaved to the external clock.

If N/A is displayed, it means that the device does not support slaving to an external
word clock.

If no clock status information is displayed for a particular device, it can indicate a

ConMon (Dante control and monitoring service) failure on the device. The device may need to
be reset or restored.

The way to configure DANTE synchronism of an AEQ device will change depending on if the
unit will work in master or slave mode and, in the case of FORUM and BC2000D Matrix or
ARENA), if there is one or more DANTE boards (FR14 for FORUM and BC2214/BC2224 for
BC2000D).

Keep it in mind that only one system device will work as master, the rest of devices will work as

slaves.

- Device NETBOX 8, NETBOX 32, CAPITOL, FORUM with 1 module FR14 or BC2000D with
1 module BC2214 or BC2224:

Master mode: in “Clock Status” tab of Dante Controller mark the “Preferred Master”
and “Enable Sync To External” checkboxes.

Slave mode: in “Clock Status” tab of Dante Controller don't mark the “Preferred
Master” and “Enable Sync To External” checkboxes.

-R-.ou-i;ng im[;ev}ce.l-n.f'n i

-

atls}| Network Status | Events|

8 B
& Dante Controller - Network View | |l ﬂz-l
File Device View Help
7 B W Master Clock: BC2214 (2]

In

Device Sync Mute Clock Primary Secondary Preferred Enable Sync
Name Source Status Status Master To External
METECH3Z =] Dante Slave I/ | | .
BL2Z14 = External Clock Master I/A & &
CAPITOLIP 7] Dante Slave | |
METECRE =] Dante Slave
Example 1

addition, the device must be also configured as master or slave (depending on the

configuration that will be applied by Dante Controller) by means of the specific software of
the device (NetBox Tool, CAPITOL Setup, FORUM Setup, Matrix Setup or Console Setup).
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Device FORUM with 2 modules FR14 or BC2000D with 2 or more modules BC2214 o
BC2224:

 Master mode: in “Clock Status” tab of Dante Controller mark the “Preferred Master”
and “Enable Sync To External” checkboxes of all the modules FR14 or

F T 5
& Dante Controller - Network View l |l -s-:hl
File Device View Help
J}: li * it &.j ] Master Clock: FORUM-IP1 (2]
| Routing | Device Info | Clock Status!| Network Status | Events|

m
Device Sync Mute Clock Primary Secondary Preferred Enable Sync
Name ¥ Source Status Status Master To External
CAPITOL-IP =] Dante Slave A | | .
FORUM-IP1 = External Clock Master N/A & &
FORUM-IP2 H External Clock Slave N/A @] &
Example 2

F T 5
& Dante Controller - Network View l |l -s-:hl
File Device View Help
J}: li * it &.j ] Master Clock: BC2214-1 (2]
| Routing | Device Info | Clock Status!| Network Status | Events|

m

Device Sync Mute Clock Primary Secondary Preferred Enable Sync

Name ¥ Source Status Status Master To External

METECH3Z =] Dante Slave A | | .
BC2214-1 = External Clock Master N/A & &

BC2214-2 7] External Clock Slave A ¥ ¥

BLZ214-3 =] External Clock Slave 1A & &

Example 3

e Slave mode for FORUM: in “Clock Status” tab of Dante Controller mark only the
“Enable Sync To External” checkbox of the FR14 module placed in slot 13.

F T 5
& Dante Controller - Network View l == -s-:hl
File Device View Help
€7 - W ) &.j [+] Master Clock: EC2214 (7]
| Routing | Device Info |} Clock Status}| Network Status | Events|

Dev'lcef Sync Mute Clock Primary Secondary Preferred Enable Sync
Name ¥ Source Status Status Master To External
METECH3Z =] Dante Slave A | | .
BLZZ14 = External Clock Master N/A & &
FORLM-IP1 ol Dante Slave Mf& [ [}
FORUM-IP2 7] Dante Slave 17y [} &
Example 4

» Slave mode for BC2000D: in “Clock Status” tab of Dante Controller mark the “Enable
Sync To External” checkbox of all the modules BC2214/BC2224 except of the one
that will extract synchronism from the link:

o In the case of Matrix you can prioritize from Matrix Setup the synchronism
extraction in the boards configured as sync slaves in order to fix beforehand
wihich one will have higher priority for that extraction function.

o In the case of Arena, it's not possible to configure that priority, all the boards will
have the same probability of being the one that will extract synchronism: you'll
have to check which board will make that function by means of Status Information
application (it will indicate "REMOTE SYNC ENABLED") or by checking the LED
signalling of the board (fast blinking with momentary interruptions)
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F 5
& Dante Controller - Network View l |l iz-l
File Device View Help
<7 @ W Master Clock: NETBOK32 (2]
[ Routing | Device 1n Network Status | Events|

m
Device Sync Mute Clock Primary Secondary Preferred Enable Sync
Name ¥ Source Status Status Master To External
METECH3Z =] External Clock Master I/ il & -
BC2214-1 B Dante Slave IfA =] B
BC2214-2 7] Dante Slave ] Il
BLZ214-3 =] Dante Slave IfA ] &

Example 5

In addition, the device must be also configured as master or slave (depending on the
configuration that will be applied by Dante Controller) by means of the specific software of
the device (FORUM Setup, Matrix Setup or Console Setup).

About Clock Domains.

Dante Devices that are not configured with sample rate pull-up/down operate on the default
clock domain, using the default clock. Devices that are configured with sample rate pull-
up/down operate on separate 'clock domains', which have their own dedicated PTP clocks,
adjusted to account for the pulled up/down sample rates.

Clock domains are not physically separated, they all exist on the network simultaneously.
Devices with pull-up/down synchronise to the appropriate clock for their pull-up/down setting,
and ignore other clocks. Those devices are shown with the relevant pull-up/down value against
their Clock Status in the Clock Status tab.

Dante devices can only transmit audio to, and receive audio from other devices on the same
clock domain. For example, a device with zero sample rate pull-up/down operates on the default
clock domain, and cannot transmit audio to, or receive audio from any devices on the +4.1667%
clock domain, or the -1% clock domain, etc.

Up to 5 separate clock domains can be supported at any one time. All clock domains have their
own master clock.

About Master Clocks.

& Dante Controller - Network View

Eile Device View Help

) . W s &) [ Master Clock: FORUM-IPi/

The Dante network master clock (often also referred to as the 'Grand Master'), is displayed at all
times in the center of the toolbar of the Network View. This is the device that is providing the
time sync source for all devices on the network.

If multiple clock domains are in use, the master clock for each domain is shown, in a comma-
separated list.

The master clock is chosen automatically through an election process, though there are user
configurable parameters that allow prioritization of some devices in the master clock election.
Configuring a device to have an external word clock source will force that device to become
master clock, unless another device has 'Preferred Master' set.

Checking the 'Preferred Master' flag will always result in that device (or the device with the
lowest MAC address, if more than one device has been checked) becoming master clock for
that domain.
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NOTE: If the master clock device is not directly visible to “Dante Controller” (for example, if the
master clock device is for some reason only connected to the secondary network, and “Dante
Controller” is only connected to the primary network), the '‘Master Clock' display in the toolbar
may show a MAC address string, instead of the device name.

Clock Status Monitoring.

Dante devices are monitored by “Dante Controller” to establish the status of their clock
synchronization with the Dante network master clock.

There are two levels of monitoring: 'passive' and 'active'.

- In passive mode, “Dante Controller” will report if a clock loses sync (or regains sync)
with the master clock.

- In active mode, “Dante Controller” will also report if a clock is showing signs of
instability. If a device clock is significantly unstable, it can lose sync with the master
clock, which will result in the device being automatically muted.

Why would a device clock be unstable?

There are a range of network conditions that can interfere with a device’s clock stability. These
include:

- A switch on the network is configured to use Energy Efficient Ethernet (‘Green
Ethernet’) functionality.

- A 100 Mb switch or link is present where a Gigabit connection is required.

- One or more switches are incorrectly configured.

- A'problematic' external word clock is being used as the master clock.

Please check Appendix 1 “Troubleshooting” for more information.

Passive monitoring.

Passive monitoring is on all the time. If a Dante device loses sync with the master clock, or
regains sync with the master clock, it reports the event to “Dante Controller”. “Dante Controller”
records these events in a log file, and also will display an alert: the Clock Status Monitor icon (at
the bottom right corner of the main window) will light up red.

Clock Status Maonitor:

Clicking the icon opens the Clock Status Monitor, which
includes 2 tabs:
- “Log”: clock status event log. Eile Help
- “Hystory”: clock status histogram Log | History|

% Dante Controller - Clock Status Monitor

Active Monitoring.

When active monitoring is switched on, “Dante Controller” begins actively monitoring the
behaviour of supported devices to identify signs of clock instability. If a clock exhibits significant
instability, the Clock Status Monitor icon will light up amber, and a warning event will be
recorded in the clock status event log.
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Clock Status Monitor: [

Click the icon to open the “Clock Status Monitor” window.
Active monitoring is off by default. To activate it, click the Clock Status Monitoring button  |Z5)
on the main toolbar:

When Active Clock Status Monitoring is active, the button is shown in === = /
green. o % 58

To switch it off, click the button again.

NOTE: Active monitoring does not affect passive monitoring.

Devices including an active supervision DANTE support module are:

- "Brooklyn 1" module, incorporated in all AEQ systems described in the present manual.
Dante PCle cards.

Dante-MY16-AUD cards.

Ultimo devices.

If the device includes a Brooklyn Il module, this is displayed in the “Product Type” in the “Device
Info” tab and also in the sections “Device Information” and “Dante Information” in the “Status”
tab within the corresponding “Device View” window.

“Clock Status Monitor *“.

N . w . g Dante Controller - Clock Status Monit
The Clock Status Monitor window includes two tabs: “Log” = o centrolier - Hock Status Monitar

and “History”. Eile Help
Log | History|

“Log”.

The Clock Status log shows time-stamped clock status events for each device that has been
identified as unstable, or has lost or regained sync with the master clock.

The event types are:

-

r)ﬁ‘ Dante Controller - Clack Status Monitor = [
Clock Sync Warning: Indicates that a clock |/[Eie Help

has been identified as unstable, and is at || teo [fistry| B -

risk of losing sync with the master clock. Timestamp Device Name Event

oct 22 2013 20:00:46 FORUM-IP2 Clock Sync locked

Clock Sync Unlocked: Indicates that a oct 22 2013 20:00 CAPTTOL 74623 Clock Sync lacked
dev'ce has |OSt SynC W|th the master C|OCk oct 22 2013 20 CAPITOL-74623 Clock Sync Unlocked

. . . . . oct 22 2013 20 FORUM-IP2 Clock Sync Unlocked
This will result in the device being oct 22 2013 19:55:29 FORUM-IP2 Clack Sync lacked
automatica"y muted until it regains sync. oct 22 2013 19:55:28 CAPTTOL-74623 Clock Sync locked

oct 22 2013 19:55:19 FORLUM-TPZ Clock Sync Unlocked
; 3 oct 22 2013 19:55:18 CAPTTOL-74623 Clock Sync Unlocked
Clock Sync Locked: Indicates that a device ||. 7
has regained sync with the master clock.
| Save | | Clear | | Close |

To delete all Clock Status log entries, click Clear. This will reset the Clock Status Monitor icon to
green. NOTE: This will also clear all other event log entries (the Clock Status log is a filtered
view of the main event log).
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“Dante Controller” will then resume monitoring (unless the Clock Status Monitoring button is
switched off).

To save the event log as an XML file, click Save.

“History .

The History tab can be used to establish the stability of " Dante Comvoer-Clock S Merier =l

device clocks. It shows a histogram of clock frequency offset ;i;iilm
for the selected device, and the current frequency offset

value, updated in real time.

[FoRUM-1P

The following information is also displayed:

 Mute status. e

Unmuted

e Sync status. =
External Word Clock:

* External word clock. ves it

Ye

1
1
* Preferred Master status. ! Freauency Ot ‘

-10 ppm

40 0 40

save || Cear |[ cose |

About Clock Offset.

Hardware clocks are based on a vibrating (piezoelectric) quartz crystal. All crystals are slightly
different, and vibrate at slightly different frequencies. When a device (‘slave’) clock wants to
sync to a master network clock, its frequency must be 'pulled’ up or down to match the
frequency of the master clock. The amount that the clock's frequency is pulled is referred to as
‘offset'.

Hardware clocks can only support a certain amount of offset, referred to as 'pull range'. If the
pull range is exceeded, the slave clock will lose sync with the master clock, and the device will
be automatically muted.

Software clocks typically use an algorithm to derive a clock from an internal counter. Software
clocks can support any amount of offset.

Rapidly-changing offset can also cause a slave clock to lose sync with the master clock.

Various factors can destabilise slave clocks by affecting their offset, such as:

*  Overloaded network links.

« Poorly-implemented EEE (Energy Efficient Ethernet).

* A master clock that is derived from an inaccurate external word clock (one that does not
run at its nominal frequency).
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About the Histogram.

The horizontal axis of the histogram shows the [Elestecorsie - cor oo =]

distribution of clock frequency offset measurements
against the nominal frequency of the clock, in parts
per million (ppm). The zero point of the horizontal
axis corresponds to the clock's nominal frequency
(i.e. the frequency that the clock is intended to run
at, for example, 48 kHz).

History

10000

Mute Status:
Unmuted

Sync Status:
Locked

External Word Clodk:
No

1000

The vertical axis shows the number of

measurements recorded at each data point, on a ’ E":dwm
logarithmic scale. - “2epm
-40 0 40
The histogram is continually updated, with [[save |[ clar |[ cee |
measurements taken roughly once per second.
e To select devices, click the drop-down menu at the top.
e To clear the histogram, click Clear.
« To save a png format screenshot of the current data, click Save.
Interpreting the histogram. o
The histogram can be seen as an indication of how N
much work a slave clock is doing to stay in sync with 0% Unmted
the master clock. 00 locked =~
Generally, a stable and accurate clock will show 0 Prefereds
consistently very low offset (in the order of a few Pracuency Offset:
ppm). It means that the clock's nominal frequency . : “2ppm
closely matches the master clock, and it is not having &
to change its offset very much to stay in sync. 40 0 @
A histogram that shows a distributed range of offsets
indicates an unstable clock - it is having to change its Mute Status:
offset significantly, and often, to stay in sync with the @ S St
master clock. This can be due to overloaded network Locked ord Cock:
links, or poorly-implemented EEE. 1 o e
I?;quency Offset:
» 1 8 ppm
8
-40 0 40
A histogram that shows measurements in amber 1o
and/or red indicates a clock that might be currently Mute Status:
stable, but has little room for manoeuvre; its offset " i
could easily move outside its pull range, at which 100 Locked @ coc
point it will lose sync completely. This can result o
when the master clock is derived from an inaccurate 10 o
Frequency Offset:
external word clock. o 30 ppm
3
-4 a 40
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4.7.4.4. “Network Status “.

-

-
& Dante Controller - Network View l =] ﬁ]
FEile Device View Help

< @ | ) = Master Clock: FORUM-P 1 )
|| Routing | Device Info | Clock Status | Netwark Status | Events| )

Device Subscription Primary Secondary Primary Secondary Primary Secondary Latency Latency Packet

Hame Status Status Status TxB/W TxB/W R Bf/W Rx BfW Setting Status Errors

caproLr & iGhps A 22 Mbps 21Mbps 5 msec [~} [~ -

FORUM-IPL &4 1Ghps A 21 Mbps 22 Mbps 5 msec [~} =]

FORUM-IPZ & 1Gbps NA < 1Mbps 23 Mbps 5 msec ] 7]

P: Bl Multicast Bandwidth: 29Mbps  Eventlog: [ Clock Status Monitor: []

The Network Status tab provides a range of network-related information across all devices in
the network.

This view includes subscription status, bandwidth and latency information, and can be used to
quickly identify any potential network traffic issues.

The tabular view presents the following information, in columns from the left:

“Device Name ": The device name currently associated with the device.

“Subscription Status ": The icon in the Subscription Status column displays a
summary of subscription states for the device. If any of the device's channels are not
successfully subscribed, the relevant icon will be displayed here.

Check the section “Subscription to audio channels” in section 4.7.4.1 for information
about the various icons that can be displayed in the Subscription Status column.

“Primary Status ": The Primary Status column indicates the link speed of the primary
Dante network interface for the device.

“Secondary Status ": The Secondary Status column indicates the link speed and status
of the secondary Dante network interface for the device (if applicable). 'N/A" indicates
that the device does not have a secondary interface 'Link Down' indicates that the
device has a secondary interface, but it is not currently connected.

Bandwidth Columns: Use the bandwidth columns to see an approximation of transmit
and receive traffic over individual device interfaces. (Indicated in Mbps = Megabits per
second):

o “Primary Tx B/W " It displays an approximation of the current transmit
bandwidth on the primary Dante network interface for the device.

0 “Secondary Tx B/W ": It displays an approximation of the current transmit
bandwidth on the secondary Dante network interface for the device.

o “Primary Rx B/W ": It displays an approximation of the current receive
bandwidth on the primary Dante network interface for the device.

0 “Secondary Rx B/W ”: It displays an approximation of the current receive
bandwidth on the secondary Dante network interface for the device.

“Latency Setting ": Shows the current latency setting for the. AEQ equipment is usually
configured to 1ms and “Dante Virtual Soundcard” to 4-6 ms.

“Latency Status ": The Latency Status column displays icons representing the recent
latency performance of the device.

D A green light indicates that the device is subscribed, and there are no latency
problems - i.e. all audio packets are arriving well within the device's latency
setting.

l_l An amber light indicates that audio packets for one or more channels are

] arriving at or near the limit of the device's latency setting. You may need to
increase the device's latency, or reconfigure the network to prevent audio
glitches due to packet loss from late-arriving audio packets.
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E A red light indicates that one or more audio packets have arrived outside the
device's latency setting. This will result in audio glitches. The device's latency
setting should be increased, or the network reconfigured (for example, by
reducing the number of network nodes in between the transmitter and the
receiver).

r] A grey light indicates that the device is not currently subscribed.
(0]
e “Packet Errors ": A red light in the Packet Errors column indicates that one or more

audio packets have been corrupted in between the switch and the receiver. This is
usually due to a faulty Ethernet cable.

4.7.4.5. “Events “.

The “Events” tab in “Network View” provides information on significant changes and failures in
the network.

Master Clock: FORUM-PL

[ Routing | Device Info | Clock Status | Network Status | Events |

Timestamp Device Name Event |
oct 22 2013 20:46:02 FORUM-IP2 Clock Sync Warning
oct 222013 20:45:56 FORUM-IP2 Clock Sync lacked
oct 22 2013 20:45:55 CAPITOL-74623 Clock Synclocked
oct 222013 20:45:49 CAPITOL-74623 Clock Sync Unlocked
oct 222013 20:45:45 FORUM-IP2 Clock Sync Unlocked

q
Warning ¥ Save |[ Oear || Deleteoldlog fies

| Multicast Bandwidth: 0bps Eventlog: [1] Clock Status Monitor: []

“Dante Controller” continually monitors Dante devices and the network as a whole. It is able to
watch for problematic configurations, unexpected problems and communication failures
between itself and Dante network devices. Events are displayed and stored in an event log.

Events fall into one of three categories (depending on the severity, from lower to higher):

* “Information”.
e "Warning".
e "Error”.

Filtering the Events List.
Use the drop-down menu at the bottom left of the view to filter the

events list.

£

* When set to Information, all events are shown. T —
* When set to Warning, only warning and error events are shown. =
*  When set to Error, only error events are shown. P M s @

Clearing the Events List.

To clear the events list, click the Clear button. When new events are detected that match the
current filter setting, they are displayed in the event list.

If you have switched to another Network View tab, new events in the event list will also be
indicated by a red Event Log LED icon in the Status Bar. Clicking the LED icon will take you
straight to the Events tab and will clear the Event Log LED.

NOTE: The Event Log LED icon will always remain green while the Events tab is open.
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Saving the Events Log.

To save the events list, click the Save button. The list is saved as a text file with file extension
“.log”. All events in the list are saved (the filter does not apply to saved events logs).

Automatic events logging.

Events are also continuously written to a log file. Each time “Dante Controller” is started, it
creates a new log file (with a time-stamped filename, to avoid overwriting previous logs).

You can find the path to these log files under Help > About. To delete log files more than seven
days old, click the Delete old Log files button.

Events Classification.

The following events are classified as Errors:

e Invalid link local address.

e Subnet mismatch on dante interface.

e Subnet match with non Dante interface.

e Multiple addresses with matching subnets.

e Subnet conflict of Dante interface on primary.
e Subnet conflict of Dante interface on secondary.
e Unknown address error.

* Fail Safe Mode.

¢ Unknown device issue.

e Elevation to Clock Master.

« Fanout Configuration detected.

e Mismatched clock pullup subdomain.

*  Wrong subdomain for pull up.

e Unknown subdomain.

e Audio mute / Audio unmute.

e Clock sync lock / unlocked.

The following events are classified as Warnings:

* Resolution Failed.

* Elevation to Grand Master.

e Multiple external clock sources.
* Cannot Elevate to Clock Master.
e Clock Sync Warning.

The following events are classified as Information:

¢ Request Timeout Error.

« Response Timeout Error.

+ Demotion from Clock Master.
¢ Demotion from Grand Master.
* Reboot required.
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4.7.5. Automatic Notification of Device Errors.

“Dante Controller” is able to identify several types of problems that a Dante device may
experience. A device that is found to have problems will have its device name displayed in red.
Additional information about the problem can be found by double-clicking on the device.

A device displayed in red will either have entered failsafe mode or have an identified issue with
its IP configuration. These states are described in more detail below.

Incorrect IP address configuration.

Dante networks use IP Addressing to communicate. Incorrect address configuration can make it
hard or impossible for a Dante device to communicate. “Dante Controller” attempts to identify
and report several types of incorrect IP address configuration, including:

« Having multiple DHCP servers on the same network.

* Incorrectly configured static IP addresses.

e Connecting the secondary interface of a Dante device to the primary network.
- Different interfaces on the same device using the same IP address subnet.

If you need further information, please refer to ANNEX 1 Troubleshooting.

Failsafe mode.

A device will enter failsafe mode when the firmware image stored on the board has become
corrupted. Although rare, this can occur when:

e The firmware update process is interrupted by power loss or network failure.
e The firmware image itself that was used in an upgrade is corrupt.

If your device enters failsafe mode, please use the Failsafe Recovery function in the Firmware
Update Manager application (if available) or contact the AEQ Technical Support.

Other Event Notifications.

“Dante Controller” will also notify you of network status, general device events and clock status
events, via the LED icons in the Status Bar.

4.8. “Dante Controller " use: “Device View ”.

The Device View is used to view and modify detailed information and settings for a specific
device. Device view can be activated by double-clicking a device name in any of the Network
View tabs (except Events), or by selecting Device View from the Device menu (Ctrl + D, or
Command + D) in the Network View window. The Device View opens in a new window. Multiple
device views can be open simultaneously.

The label of the device being viewed is displayed in the middle of the toolbar. In the screenshot
above, “CAPITOL-74623" is the device being displayed in the drop-down list box.

The device viewed can be changed by selecting another device from the drop-down list.
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Q Dante Controller - Device View (CAPITOL-74623) —— L= LEJ
File Device View Help
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Receive | Transmit | Status | Latency | Device Config | Network Config|
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- FORUM_18
~FORUM_19
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Multiple Device View windows may be opened from the Network View, so that several devices
can be examined simultaneously.
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The Device View has up to six tabs, allowing you to see different information relating to a
specific Dante device:

|F'-ECEWE |Transrnit| 5131m| Latency | Device Config | Metwork Cunﬁg|

* "Receive”: display and configure device’s receive (Rx) channels.

* "Transmit™: display and configure device’s transmit (Tx) channels including multicast

e "Status”: device software, clock and network status information.

e "Latency”: view latency histograms (supported devices only).

* "Device Config”: rename device, change sample rate and set other attributes (as
relevant to device type).

«  "Network Config”: view and edit network configuration.
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4.8.1. “Device View “ Menu Bar.

The menu bar of the “Device View' SCreen g p. .. controller - Device View (CAPITOL-74623)
includes 4 sub menus. “File*, “Device*, “View" and =
“Help“.The list of options included in each of them | File Device View Help
is described below:

“File*:
“Close Window” (Alt + F4).
“Device "
- “Refresh” (F5): Refreshes the displayed network / device data.
- “Create Multicast Flow" (Ctrl + M).
“View":
- “Show/Hide Channel Groups” (Ctrl + Shift + G).
“Help*:

- “About”: Shows “Dante Controller” version and current log file.
- ‘“License”: Displays the license text.
- “Contents” (Shift + F1): Opens a help window and displays help contents.

4.8.2. “Device View " Tool Bar.
There is a tool bar below the Menu bar including six buttons:
iy Refresh: Re-load routing and configuration information for the current device.

!ﬁ Web Config: Some Dante devices can be configured via a web interface. This button
—— opens a web browser window which can be used to perform functions such as firmware
upgrades. This feature is not supported on AEQ and most of Dante devices.

«| Identify: Identify the current device by, for example, causing its LEDs to flash. Note that
— this feature is not supported on AEQ and most of Dante devices.

e« | Multicast: Configure multicast transmit flows on the current device.

Channel Groups: Activates / deactivates Channel Groups.

6 Help: Opens a help window.

The toolbar also provides a drop down list of all available devices on the network, which allows
you to switch the Device View to a different device.

J:: e N «c [+ CAPITOL-746... (2]
ha NI T T
_APITOL-IP16
FORUM-ID
FORUM-IP2
NETBOX-8
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4.8.3. “Device View” Tabs.

There are 6 tabs below the tool bar that we describe in detail below:

Dante Controller - Device View (CAPITOL-7462
& Dante Controller - Device View || 3

File Device View Help

98 <

Receive | Transmit | Status | Latency | Device Config | Network Config

4.8.3.1. “Receive“.

The “Receive” tab shows a list with all the subscribed and standby receive channels included in
the current device, as well as information about the subscribed channels only. It also permits
the creation of subscriptions from the available channels list.

& Dante Controller - Device View (CAPITOL-74623) . ] B e
File Device View Help
< B 8 < H capTIOL-746... - | 2]
Receive | Transmit | Status | Latency | Device Config | Netwark Config |
Receive Channels Available Channels
Channel Signal  Connected to Status || F-FORUM-IP1 =
IN CAPITOL 1L L SATELLITE L@NETBOX-G o= G TR 5
~FORUM 1 MASTER R
IN CAPITOL 1R a4 SATELLITE R @NETBOX-8 o= R R
IN CAPTTOL 2L L 2 OBVAN LE@NETBOX-3 o= G ~FORUM 1 AUX 1R
IN CAPITOL 2R o OBVAN RENETBOX-8 o= G
IN CAPITOL 3L o IN CODEC BENETBOX-8 o= & ~FORUM 1 AUX 2R
IN CAPITOL 3R L U FORUM 1AUX 2REFORUM-IP1 @ =+ €4 -~FORUM 1 ALK 3L
IN CAPITOL 4L change label o w . | “FORLM L AL S
IN CAPITOL 4R ) FORUM1AUX 2L@FORUMIPL @ = ) rORMIAS.
~FORUM1 AUX 4R
PRI AAR ~FORUM1 PHONE 1 QUT
IN CAPITOL 5B PHONE a4 SATELLITE R @NETBOX-8 o= A B G &
INCAPTTOLB L L 2 OBVAN L@NETBOX-3 o= & ~FORUM_12
IN CAPITOL &R o OBVAN RENETBOX-8 o= & ~FORUM_13
| meeproLn o IN CODEC A@NETBOX-8 o= & ~FORUM_14
IN CAPITOL 7R L o IN CODEC B@NETBOX-8 o= ~FORUM_15
IN CAPITOL 8L o) FORUM 1 MASTER LEFORUM-IPL @ =+ & PR 15
IN CAPITOL 8R L U FORUM 1 MASTER LEFORUM-IP1 @ =+ () R a7
~FORUM_18
~FORUM_13
~FORUM_20
~FORUM_21 L
~FORUM_22
~FORUM_23
~FORUM_24
~FORUM_25
~FORUM_26
~FORUM_27
~FORUM_28
| ~FORUM_29
| -FORUM_30 >

The tab is split into two panes: Receive Channels, and Available Channels.

“Receive Channels ": The receive channels area, shown in the left area of the screen, contains
4 fields:

e« “Channel” It is an editable field showing the labels of the current device receive
channels. These labels can be edited to rename the channels by double-clicking on the
channel’'s name and typing a new text in.
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Receive | Transmit | Status | Latency || Device Config | Mebwork Config

Feceive Channels

Channel Signal Connected to Status
FORUM_t@FORUM-IFZ v K4

CAPITOL_1

CAPITOL_2 FORUM_S@FORUM-IPZ >

e “Signal”™ Supported devices will also show the following channel metering icons,
indicating the presence of audio on subscribed channels:

Channel is either muted, or receiving audio at less than -61dBFS.
@1 Channel is receiving audio between -61 dBFS and 0 dBFS.
o1 Channel is clipping”.
Currently, Brooklyn 11 (featured in AEQ multichannel devices) and PCle devices support

channel metering in “Dante Controller”. You can check your device type in the “Device
Info” tab included in “Network View".

* “Connected To “: Shows the Tx channel that the receive channel is currently subscribed
to.

e “Status”: Shows the status of both primary and secondary subscriptions, using the
following icons:

L' Subscription is OK and audio should be flowing.

oy

{2 Subscription is unresolved - usually because the transmitting device has been

removed from the network, or is switched off.
& No subscription, or a subscription error.

Subscription is via unicast connection.

Subscription is via multicast connection.

Subscriptions can show several symbols in the Status column. Common status icon
combinations and their meanings are as follows:

* &2 Unicast device successfully subscribed to a transmitter.

¢ ¢ Redundant device successfully subscribed on both primary and secondary
via unicast.

L &0 Redundant device successfully subscribed on both primary and secondary
via multicast.

06 Indica Redundant device successfully subscribed on primary only via unicast.
] This is typically seen when the secondary interface is not connected

“Available Channels ": The Available Channels pane, at the right side of the screen, lists the
devices and advertised channels available on the network. Devices that are greyed out indicate
that this receiver cannot subscribe to those channels or devices. This is typically because of a
mismatch in parameters (e.g. sample rate incompatibility etc.), or because a device cannot
route audio to itself.
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Subscriptions are created by selecting a channel from the Available Channels list in the right-
hand pane of the Receive Tab, then dragging and dropping it onto the appropriate receive
channel in the left-hand pane of the Receive Tab.

Creating Subscriptions.

Multiple channels can be selected and then dragged and dropped onto the Receive Channels
pane, to make several subscriptions simultaneously.

File Device View Help

ZL 1 EE e ()

Receive | Transmit | Status | Latency | Device Config | Network Config|

Receive Channels Available Channels
Channel signal  Connected to Status ~FORUM_15 =
IN CAPITOL 1L o SATELLITE L@NETBOX-8 o= G ﬁgﬂ:—ﬁ_
IN CAPITOL 1R ) SATELLITE R@NETEO-5 o= & T
N CAPTTOL 2L ) OBVAN L@NETBOX-8 o= i _FORUM 19
N CAPTTOL 2R oo OBVAN R@NETBOX-8 o= & FORLM_20
IN CAPITOL 3L L U FORUMLAUX 2ZL@FORUMIPL @ =b & ~FORUM_21
TN CAPITOL 3R o FORUM 1 AUX 2REFORUM-IPT @ = &4 ~FORUM_22 I
TN CAPTTOL 4L - FORUM1 AUY 2L @FORUMIPL @ = 4 ~FORUM_23
IN CAPTTOL 4R ) FORUM1 AUX 2L@FORUMIPT & =k 1 ORI 10
IN CAPITOL 5 APHOME o SATELLITE L@NETBOX-8 o= @ ggﬂ:—i
TN CAPTTOL 5BPHONE o) SATELLITE R@NETBOX-8 o= G FORUM_27
INCAPITOL 6L ) FORUM 2 MASTER LEFORUM-IP2 PR /1 _FORUM 23
N R 1o - | s
IN CAPITOL 7L L U FORUM 2 AUX ILEFORUMIPZ [ Ra RV ~FORUM_30 =
nowmn 4 [CTEEESTER. ¢ | e

IN CAPITOL 8L af FORLIM 2 ALIX 2 @FORUM-IP2 o& & FORUM-IP2
IN CAPITOL 3R L FORUM 2 AUX 2REFORUMIPZ  CEC Vi, SO

~FORLUM 2 ALK 3L
~FORUM 2 ALUX 3R

e e

Canceling subscriptions.

It is also possible to cancel subscriptions from the “Receive Channels” area. In order to do so,
the subscription to be cancelled must be selected within the “Connected to” column, and then
click on the “Unsubscribe” button located in the bottom area of the screen (this can also be
done by pressing the keyboard's “Del” key).

Unsubscribe

It is possible to cancel more than one subscription at once, by selecting several at the same
time (by holding the Ctrl key down) and then clicking on the “Unsubscribe” button (or “Del” key).

CAPITOL_9

CAPITOL_10 AQIFY L@FORUM-IFL

CAPITOL_11 A0IPT RE@FORLUM-IP1 &= f&l
CAPITOL_12

CAPITOL_13 ACIPY LE@FORUM-IPL

CAPITOL_14 A0IPS RE@FORLM-IP1

CAPITOL_15
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The “Transmit” tab is used to inspect and modify the transmit configuration of a device.

4.8.3.2. “Transmit “.

antroller - C

File Device View Help

< B8 B < |[H]| CAPITOL-746... e
Receive | Transmit | Status | Latency | Device Config | Network Config|
Transmit Channels Transmit Flows
Channel cignal  Channel Label Unicast: 8
= Multicast: 0
CAPTTOL_0 <) CAPTTOL MASTER L Total:  Bof3a
CAPITOL_1 L T CAPITOL MASTER R
CAPITOL_2 ) CAPTTOL ALY 1L
CAPITOL_3 o) CAPITOL AUX 1R
CAPITOL_4 ) CAPTTOL ALY 2L
CAPITOL_S o CAPTTOL AUX 3L
dl CAPITOL_6 L1 CAPITOL ALK 3R
CAPITOL_7 ) CAPITOL ALIX 4L
CAPITOL_8 ) CAPITOL ALIX 4R
CAPTTOL_9 ) CAPITOL TEL OUT A
|| CAPITOL_10 ) |CAPITOL NEW LABEL
CAPITOL_11 L U]
CAPITOL_12 )
CAPITOL_13 L D]
CAPITOL_14 L 1
CAPITOL_15 o)

The Transmit Tab is arranged in two areas:

“Transmit Channels ": The area on the left pane of the tab shows the Tx channels for the
device, and any user-defined channel label. It allows you to create labels (or editing them by
double-clicking on the channel's name and typing a new text in) for transmit channels. Input to
the table is filtered to prevent illegal characters from being used in channel labels. Tx channel
labels must be unique within a device (the same name cannot be used for two different
channels).

Supported devices will also show the following channel metering icons in the Signal column,
indicating the presence of audio on subscribed channels:

Channel is either muted, or receiving audio at less than -61 dBFS.
@4 Channel is receiving audio between -61 dBFS and 0 dBFS.
#%  Channel is clipping.

“Transmit Flows ": The area on the right pane of the tab indicates how many unicast flows are
currently in use, as well as the multicast transmit flows that have been configured on the device.
Multicast flows are listed in ID order, including the channels contained within the flow. Unicast
flow details are not displayed in the transmit flow window.
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4.8.3.3. “Status “.

The “Status” tab is used to obtain current information about a Dante device.

@ Dante Controller - Device View [CAPITOL) =
File Device View Help
<5 0 | |+ [capmioL B 7]

[Receive | Transnit| 512t | Latency | Devie Confia | Network Confg]
|

rDevice Informatior

Manufacturer: Audinate Pty. Ltd.
Product Type: Brooklyn 2
Product Version: 3.0.0
Software Version: 3.5.3.1
Firmware Version: 3.7.3.2

rDante Informatior

Model: Brooklyn IT
Software Version: 3.7.3.1
Firmuare Version: 3.4.8.9

rClock Synchror

Mute Status: Unmuted
Sync Status: Master
External Word Clock: Yes (valid)
Preferred: Yes
Frequency Offset: 0 ppm

rInterfac

IP Address: 169,254,109, 141
MAC Address: 00:1D:C1:06:C8:AC
Tx Utiisation: 5Mbps ~ Errors: 0
Rx Utilisation: 23 Mbps  Errors: 0

IP Address: 172,31.109,142
MAC Address: 00: 1D:C1:06:C8:AD
Tx Utilisation: 5Mbps ~ Errars: 0
Rx Utiisation: 23Mbps  Errors: 0

The tab is divided into four sections. The information presented on this tab can be very useful

when investigating networking or clocking issues in the system. The Refresh button can £
be used to update this information if required.

NOTE: Not all Dante devices support the display of all of this information.
The available sections are as follows:

“Device Information “: This provides the following general information about the device:

» “Manufacturer”: The name of the device manufacturer.

* “Product Type”: The type of device.

*  “Product Version”: The product version.

» “Software Version”: The version of the manufacturer software running on the device.
» “Firmware Version”: The version of the manufacturer firmware running on the device.

“Dante Information ”: This provides Dante-specific information about the device:

e “Model”: The Dante device type.
» “Software Version”: The version of the Dante software running on the device.
» “Firmware Version”: The version of the Dante firmware running on the device.

“Clock Synchronization *“: This provides the following information about device clocking:

* “Mute Status“: 'Muted' indicates that the device is has been automatically muted (due
to a clock synchronisation problem, or because the external word clock is invalid).
‘Unmuted’ indicates that the device is not muted, and audio is flowing normally.

e “Sync Status“: 'Locked' indicates that the device is locked to the network PTP clock.
'‘Not Locked' indicates that the interface has not achieved lock with the network PTP
clock.

» “External Word Clock": 'No' indicates that the device has been configured to use the
internal clock source. 'Yes' indicates that the device has been configured to accept an
external word clock source. NOTE: If the Dante device is configured to accept an
external word clock source, it is important to make sure that the host equipment has
been configured to provide its word clock to the Dante device. Check your product
manual for more information.
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« ‘“Preferred”: 'No' indicates that the card has not been set to preferred master mode.
'Yes' indicates that the card is set to preferred master mode.

* “Frequency Offset”: Indicates the offset from the network clock master measured in
parts-per-billion.

“Interfaces ": Provides the following information about the primary network interface (P) and the
secondary network interface (S):

» “IP address”: The IP address currently assigned to the interface.

* “MAC address”: The Media Access Control address of the interface, associated with
the Ethernet layer.

o “Tx Utilization”: Shows the current total transmit bandwidth in use.

e Errors”: (on the same line as Tx utilization) shows the number of transmit Cyclic
Redundancy Check (CRC) or packet errors detected since the device was last started.

* "Rx Utilization”: Shows the current total reception bandwidth in use.

e Errors”: (on the same line as Rx utilization) shows the number of receive Cyclic
Redundancy Check (CRC) or packet errors detected since the device was last started.

NOTE 1: The “Rx Utilization” includes not only network traffic destined for the Dante device, but
any other multicast or broadcast traffic received at this network interface.

NOTE 2: As a rule of thumb neither the “Rx Utilization” nor the “Tx Utilization” should exceed
about 85% of the link speed in order to guarantee good clock synchronization performance
(links are full duplex).

The graphic also indicates the speed and connected state of the interface as follows:
Indicates that the link is operating at 1Gbps.

Indicates that the link is operating at 100Mbps.

.’ Indicates that the link is not connected, or that there is an error. The IP address will
read N/A, and Tx and Rx utilization will be 0 kbps.

The information about the secondary network interface will only be displayed if the device
supports redundancy and it’s configured as redundant.
4.8.3.4. “Latency “.

For supported devices, the “Latency” tab displays histograms of audio packet latency for each
transmitter that the device is subscribed to.

Newer Brooklyn Il (featured in AEQ multichannel devices) and PCle devices support latency
monitoring in “Dante Controller”. You can check your device type in the “Device Info” tab under
“Network View".

About Latency and Packet Loss.

Latency is used to account for the delay between an audio packet leaving the transmitter,
traversing the network (potentially through multiple switches) and reaching the receiver.

If a receiver's latency setting is too low, audio packets will not have time to get from the
transmitter to the receiver before they are supposed to be played out. When this happens, the
receiver will drop packets (i.e. it will throw packets away, because they are 'late to the party’).

Packet loss results in audio glitches, so it is very important to ensure that all receivers have their
latency set high enough to prevent packet loss.
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Setting device latency too high, however, can interfere with low-latency applications (for
example, realtime monitoring when recording vocals), so it is sometimes important to find a
balance between low latency and guaranteed audio integrity.

The “Latency” tab can be used to identify devices that are dropping packets because their
latency is set too low, and also devices that could potentially have their latency reduced (if
required; generally, the default Dante latency of 1ms is more than adequate for low-latency
applications).

About the Histogram.

The transmitter's name is displayed at the top of the histogram, along with the latency value
against which the histogram is reporting.

The horizontal axis shows the distribution of audio packet latency measurements from the
transmitter. The vertical axis shows the number of measurements recorded at each data point,
on a logarithmic scale.

Measurements are taken at roughly 1 second intervals, from when “Dante Controller” is started.

S B8 < ETEOX32.. B9 &

| Receive iTransrnitE Status | Latency i Device Config | Metwork Conﬁgi.i

CAPITOL @ 1 msec

100
Setting:

1 msec
Peak:

10 354 usec
Average;
354 usec
Late:

1 i 0
Duration:
00:00:23

Count

1] Latency 0,5 1

NETBOX32-08 @ 1 msec

1000
Setting:

1 msec
100 Peak:

375 usec
Average:
10 & 354 usec
Late:

1]

1 Duration:
00:06:35

Count

a Latency 0,5 1

Save || Clear |

To clear the histogram, click Clear. Latency measuring will then restart.
To save the histogram as a png image, click Save.

NOTE: If any subscriptions are via multicast flows, there may be two histograms displayed for
one transmitter: one histogram for the unicast flows, and one for multicast. This is because
multicast flows always use a latency of 1ms. If the receiver is set to a latency other than 1ms,
two histograms will be displayed.
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The following information is also displayed:

“Setting”: indicates the latency setting for the histogram. In most cases, this will be the
same as the latency setting on the receiver. However, for some subscriptions, Dante
will automatically apply a different latency. For example:

0 Multicast flows are automatically set to a minimum of 1ms

o If a transmitter does not support the latency set on the receiver (i.e. it can't
guarantee delivery within the required latency), Dante will increase the latency
to the lowest setting supported by the transmitter.

“Peak”; indicates the peak latency since measuring started.
“Average”: indicates the average latency since measuring started.

“Late”: indicates the number of measurements taken that included one or more late
packets (note that each measurement typically includes many packets).

“Duration”: indicates the running time since measuring started.

Interpreting the Histogram.

If all bars are green and falling well within the limit of the histogram
(i.e. towards the left or middle of the histogram), it indicates that the
latency setting for the receiver is set high enough to prevent packet

loss.

If any bars are amber, it means that some packets are arriving near
the limit of the latency setting. Network traffic fluctuations could
potentially lead to extra delay which could cause packets to arrive
late. A histogram of this type indicates that the receiver latency should 0 - —
be increased if possible..

If any bars are red, it indicates lost packets, and audio loss. The
receiver latency should be increased, or the network reconfigured.

Stagebox1 @ 250 usec

1000

100

Count

o Latency 125 250

LW 2DV USes

100

Count

o Latencv 125 250

box1 @ 250 usec

100

Count:

o Latency 125 250

4.8.3.5. “Device Config “.

This tab on the Device View window allows you to configure device specific parameters. The
specific options available will depend on the capabilities of the device. In the case where a
device does not support configuration via “Dante Controller”, the tab will be disabled.

NOTE: In the case of “Dante Virtual Soundcard " the configurable parameters available from
this tab are "Rename Device", "Sample Rate" and "Encoding". The remaining parameters are
configured from its own user interface on the PC or Mac.
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47 B8 = <) 4 FORUM-L... |02 2

Receive | Transmit | Status || Latency | Device Config | Metwork Config

rRename Devic

FORUM-IP1 apply
rSample Rat
Sample Rate: |48k w Pull-up/down:
This device does not support
Pull-up/down configuration,
rEncoding
Encoding:

This device does not support
Encoding configuration,

rDevice Latency

Current latency: 5 msec

Latency Maximum Network Size

150 usec Gigabit network with one switch
() 250usec Gigabit netwaork with three switches
() 500 usec Gigabit network with five switches
O tmsec Gigabit network with ten switches or gigabit network with 100Mbps leaf nodes
O Zmsec Gigabit network with 100Mbps leaf nodes
(& Smsec Safe value

rReset Devic
Reboat ] [ Clear Config

These are the configurable parameters:

* “Rename Device ": Allows you to enter a new Dante ‘friendly name' for the device. The
text field displays the current name.To change the device name, enter a new name in the
text field and press “Apply”.

IMPORTANT NOTE: This action will delete the existing audio routings from this device to
others. When you click on “Apply”, a confirmation window will appear:

& Dante Controller S|

Renaming a device breaks existing audio routes from this device to other devices,
Are you sure you want to rename FORUM-IP1 to FORUM-IP3?

Mo

See 1.4.3 chapter for information about name conflicts and device name rules.

» “Sample Rate ": Shows the current sample rate of the device, and allows you to change
the operating sample rate of the Dante device. This may require the device to be
rebooted to take effect. All sample rates supported by the device are shown in the drop
down menu.

IMPORTANT NOTE: When working with AEQ equipment, this sampling frequency must
be set to 48 kHz.

e “Pull-up/down ": Shows the current pull-up/down setting for the device, and allows you to
change the pull-up/down setting. The pull-up/down setting can be used to adjust the
sample rate of the device to synchronise audio with video that has undergone frame rate
conversion. For example, to synchronise Dante audio with video that has been converted
from 24 fps to 25 fps, set the sample rate pull-up/down for any relevant Dante audio
devices to +4.1667%.

NOTE: Changing the sample rate pull-up/down for a device places that device in a
dedicated clock domain. Dante devices can only transmit audio to, or receive audio from
other devices on the same clock domain. See “Clock Status View” for more information.
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IMPORTANT NOTE: This configuration is not suitable for AEQ equipment.

“Encoding ": Show and allows to change the current audio bit depth. This parameter is
only available for “Dante Virtual Soundcard ". Select a value and click “Yes” to modifiy
it.

“Device Latency ": Shows the current device latency setting, and allows you to change

the operating receive latency for the selected device. Select a value and click “Yes” to
apply the latency to all flows that the device is receiving.

WARNING: changing the latency value will cause disruption in the audio while the flows
are re-established at the new latency setting, as indicated in the confirmation window:

@ Dante Controller I&J

Changing device latency will interrupt existing audio routes to and from this device .
Are you sure you want to change the latency of FORUM-IP1 from 5 msec to 1 msec?

j e

NOTE: DANTE networks feature an extremely low latency. The 0.15 ms option won't be
available for devices including an internal switch, as happens with all AEQ AolP
devices. Taking into account these internal switches, connecting two pieces of
equipment together using a simple straight cable, we already have two switches, and if
one more is connected in between, we now have three. The maximum latency value
setting recommended by AEQ is 1 ms, still allowing for network topologies of certain
complexity. 5 ms latency is still unnoticeable, so in case that audio cut-offs appear, it
can be increased to 2 or 5ms. The “Dante Virtual Soundcard” must be configured from
its own PC window to 4, 6 or up to even 10 ms.

On the other hand, the audio network is usually critical-mission and should be isolated
from any other Ethernet service to avoid unnecessary or variable latencies.

“Reset Device ”: Allows you to remotely “Reboot” the Dante interface, and also to
reapply factory settings (“Factory Reset”). Rebooting the Dante device may also require
a reset of the AEQ host audio equipment containing the device.

“Factory Reset” (available in some Dante devices) wipes the following device
configuration settings:

0 User-defined device name.

User-defined channel labels.

Clock configuration (clock master / external clock master setting).
Static IP addresses.

Redundancy configuration.

Sample rate setting (including pull-up/down).

Latency setting.

Any existing audio routes.

O O0OO0OO0OO0Oo

o

Supported devices allow you to 'Clear Config' instead of Factory Reset. Clear Config
wipes the same configuration settings listed above, but allows you to optionally keep the
IP settings (i.e. retain the Dante Redundancy settings, and any static IP addresses
currently configured in the Network Config tab).

A reboot is required after clearing the configuration for the changes to take effect. Some
devices will allow you to automatically reboot after clearing the configuration. If this
option is not available, a manual reboot is required.

& Clear Configuration lﬂh

[¥] Keep Metwork Configuration

[]Reboot

Cancel
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4.8.3.6. “Network Config “.

Use the “Network Config” tab to toggle supported (among them, all AEQ devices feature two
AolP Ethernet ports), between Redundant and Switched modes, and to specify static IP
addresses for a device's Ethernet ports.

File Device Yiew Help
1 1 I FoRUM-L.. |12 )

Receive | Transmit | Status | Latency | Device Config | Metwork Config

rDante Redundancy
Current: Switched

Mew: |Switched

raddresses

@ Obtain an IP Address Automatically (default)

Manually configure an IF Address

IP Address:
Metmask:
DMS Server:

Gateway:

rReset Device

Reboot || Clear Config

The available sections are:

“Dante Redundancy “: Depending on the manufacturer's configuration of a device, it may be
possible to toggle the device between Redundant and Switched modes, or to select a Switch
Configuration.

« “Redundant” When a device is set to Redundant, the -Dante Redundancy
device will duplicate Dante audio traffic to both Ethernet Current: Switched
ports, allowing the implementation of a redundant :
network via the secondary port. Not all devices support T UL
redundancy. All AEQ devices covered by this manual M
include two Ethernet AolP ports and support this Redundant
feature.
IMPORTANT NOTE: When there is a redundant network, device primary and secondary
interfaces must be connected to separate networks.

- “Switched”: When a device is set to Switched, the secondary Ethernet port will behave as

a standard switch port, allowing daisy-chaining through the device. All AEQ devices
covered by this manual include two Ethernet AolP ports and support this feature.

“Addresses “: Dante devices obtain IP addresses automatically by default, and in the vast
majority of circumstances there is no need to change the Addresses settings. However, static IP
addresses can be assigned if necessary.
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To assign a static IP address:

1. Select 'manually configure an IP Address' for the appropriate Ethernet port.
2. Enter the IP Address and Netmask.
3. Click Apply.

The DNS Server and Gateway settings are optional - the device will use network defaults if they
are not specified.

Click “Revert” to revert back to the previous settings.

NOTE: Assigning static IP addresses requires a device reboot.

4.9. Using “Dante Controller ": Multicast Transmit Flow Configuration.

When clicking on the Multicast Setup button ﬂ within & Dante Controller - Device View -
Device View (no matter what tag is selected), a Create —

Multicast Flow dialog box will appear that allows the user | File [Device| View Help

to aggregate several channels to a new multicast flow. '

4% Refresh F5
@ Create Multicast Flow Chrl-+r

i N
o Create Multicast Flow &J

CAPITOL-74623 supports up
to 8 channels per flow.

Select one or mare transmit channels to be placed in multicast flows,

Channel Add to
Name Mew Flow
CAPITOL MASTER L Il
CAPITOL MASTER R ]
CAPTTOL AUX 11 &
CAPITOL ALY 1R il
CAPITOL AUX 2L 7]

CAPITOL ALIX 3L i
CAPITOL AUX 3R ¥l
CAPTTOL AUX 4L &
CAPITOL ALIX 4R, [
CAPITOL TEL OUT A [l
CAPITOL_10

CAPITOL_11 &
CAPITOL_12 &l
CAPITOL_13 0
CAPITOL_14

CAPITOL_15 =

Create Cancel
|

k. — —

This window shows a list of the Tx channels for the device, and allows you to add them to the
new multicast flow that is being created, by checking the tick box next to each channel name.
Once you have selected all the channels required, create the multicast flow by clicking the
Create button at the bottom of the dialog box. To abandon creating a new multicast flow, click
Cancel.

A single multicast flow can contain up to the maximum supported channels per flow for this
device. This is displayed at the top of this window, and is 8 channels for this device. If you
select more than the maximum allowed channels per flow, multiple flows will be created. Once a
flow has been created, it will appear in the list of flows in the transmit pane, along with the
channels contained within that flow. Channels cannot be added to or removed from existing
flows. Each time the dialog is used to select additional channels, a new multicast flow will be
created.
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2 88 & < |CAPITOL-... | )

Receive | Transmit | Status || Latency | Device Canfig | Metwork Config

Transmit Channzls Transmit Flows
Channel Signal Channel Label || Uricast: 1
| carToL_o ) CAPITOL PROGRAM L Mulicast: 2
| || Total: 3of 32
CAPITOL_1 CAPITOL PROGRAM R . |
= Y T | Multicast Flow 2: CAPITOL AUXL LCAPITOL AUKI R,
| i Multicast Flow 3: CAPITOL AL .}
CAPITOL_G CAPITEOL AUDITION R |
| capIToL 4 ) CAPITOL ALEL L
| cARITOL S CAPITOL ALK R
CAPITOL 6 ) CAPITOL ALIKZ L
| capIToL_7 CAPITOL ALK2 R
| capToL_s g CAPITOL ALK3 L
| capToL_g CAPITEL ALKE R
CAPITOL_10 o) CAPITEL TELL QUT
| caPITOL 11
| cAPITOL 12 o
| CAPITOL_13
CAPITOL_14 o)
| capTaL_1s

By default, Dante devices 'prefer' multicast over unicast. When you click a transmit channel to
make a subscription, the receiver will automatically connect to the channel via a multicast flow, if
one exists. Likewise, when a channel that did not form part of an existing multicast flow is added
to a new multicast flow, any existing unicast subscriptions to that channel will automatically
switch over to use the new multicast flow.

Care should be taken when deleting a multicast 5 s
flow, as the existing subscriptions will convert
baCk to Unicast. ThIS has the pOtential to result in Multiple devices are receiving audio via this multicast flow.

. . . . Deleting this flow will cause audio glitches and may lead to network overload.
exceeding the link capacity or maximum number || _- S
of flows at the transmit device, as multiple unicast I—
flows will be established between the transmitter FORUM-TP1
and its receivers. It may be advisable to remove Are you sure you want continue?
some or all of the audio routes prior to deleting
the multicast flow.

A good rule of thumb is to use multicast when there are more than two receivers for a specific
audio channel. You should also assume that the flow will flood throughout the entire network,
and therefore consume bandwidth on all network links.

NOTE: Certain Ethernet switches support IGMP (Internet Group Management Protocol), a
protocol that provides the ability to 'prune' multicast traffic, so that it travels only to those end
destinations that require that traffic. If this is the case, and IGMP is correctly configured on all
the Ethernet switches, then multicast audio will not flood throughout the network, but will instead
be sent only over the links required to deliver it to subscribed devices. Appendix 1 provides
information about requirements and offers recommendations in this respect, and also regarding
the use of properly configured bridges or routers that can avoid overflow produced by multicast
audio streams in network areas not related to audio.
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4.10. Presets.

“Dante Controller” supports the saving and loading of Dante network routing and device
configurations, known as 'presets'. A preset file contains configuration and routing parameters
for some or all of the devices in the network.

Preset files are saved as xml, and can be edited offline. They are also 'device-agnostic' - they
can be shared between networks with different physical components.

You can use presets to:

e Backup and restore network configurations

e Quickly switch between saved network configurations

« Copy a Dante network configuration from a 'lab’ or test network to a live or production
network

WARNING: danger of severe system misconfiguration. The Presets tool is extremely powerful
and allows the user to quickly make deep maodifications in the network, as well as the fast
configuration of a complex network by cutting and pasting characteristics of their individual
elements. For this reason it shouldn’t be used on real operating networks until enough skills
have been acquired, as any detail that is not properly configured can cause dropouts or noises
in the audio.

4.10.1. About Device Roles.

Presets introduce the concept of 'device roles'. When a preset is saved, the configuration and
routing for each selected device is saved into the preset as a device role, with the same name
as the device from which it was created.

The role is not 'tied' to its originating device. When a preset is loaded into “Dante Controller”,
each role can be applied to its originating device or to another device (even if it does not
support exactly the same functionality). It is a transferable set of device configuration and
routing parameters.

If a role is applied to a device that is different from the role's originating device - for example, a
role for console model A is applied to console model B - “Dante Controller” will identify any
issues that might arise (such as unsupported sample rates) and will display those issues so
they can be addressed - or ignored, if they are not important.

4.10.2. Saving Presets.

To save a Preset that includes all device parameters:

1. Click the ™ button in the “Network View” toolbar. & Dante Controller - Network View |

File Device View Help

@ W S

“Save Preset” (Ctrl + S) can also be selected in “File” option through Device View Help
the “Network View” toolbar. | Load Presst Cirlel
W Save Preset Ctrl+5

Exit Alt+F4

2. Select the devices that you wish to include in the preset. By default, all available devices
are selected; you can clear that selection by pressing “None” button and select all
devices again by pressing “All” button.

3. Click “Save”.
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E)AEQ

To save a Preset that includes a selection of device parameters:

1. C“Ck the !l button |n the r_ﬂ_’ Dante Controller - Save Preset w‘
“NetWOrk VieW" tOOIbar or Select device to be induded in this preset file Select parameters to be induded in this preset fie
select “Save Preset” (Ctrl + F’Ef‘c Rakaiaa
S) in “File” option through [ Name
the “Network View” toolbar. B Reft”:dif\i‘; S

2. Click “Advanced” button.
3. Select the devices that you
wish to include in the preset.

] Preferred Master
[¥] External Word Clock Setting

Sample Rate Pullup

4. Select the parameters that (] Saimple Rate
you want to save for the Encoding
selected devices. 7] Device Latency

5. Click “Save” button. [[] HaRemote Bridge Mode

Interface IPv4 Addresses
[#] T Channel Labels
[#] Tx Flows
[¥] Rx Channel Names

- [#] Rx Channel Subscriptions

ERE=S ERjErT
[ Save ][ Cancel ]E Advanced i

%

The ‘Save a Preset File’ dialog box will appear, allowing the user to select a folder a file name
for the Preset files that will be created.

The preset is saved as an XML file, which can be manually edited if required, using a text editor.

4.10.3. Applying Presets.

To load and apply a previously saved preset, click the ] button in & Dante Controller - Network View |
the “Network View" toolbar. FileDevica Yiew Help =

&) @ | & @)

“Load Preset” (Ctrl + L) can also be selected in “File” option through the Device View Help
“Network View” toolbar. W Load Preset Cirl+l
| Save Preset Ctrl+S

Exit Alt+F4

The “Apply Preset” dialogue is shown then, arranged in 4 columns, representing the logical
steps in applying a preset (from left to right).
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[¥] Redundancy Configuration

|| Preferred Master
[¥] External Word Clock Setting
ample Rate Pullup

[#] 5ample Rate

|¥] Device Latency
HaRem
Interfac

[#] T Channel Labels

[¥] Tx Flows

[#] Rx Channel Names

[7] Rx Channel Subscriptions

& Apply Preset =5
E;;Eipp;;::;tem [ Device Roles in this preset -) Devices on the network -> Do you care about these issues?
rPreset Elements rPreset Rol ~Target Devic rIssue
= [0 caprOL = cAPITOL [ =
[&] Wame [ NETBOX32-08 = NETBON32-08 [
] NETBOX32-09 = NETBOX32-09 [

[Car | [ none 13 SelectAl | [ SelectNone =
[ox ][ Concel ]
The 4 columns are:

“Preset Elements ”. Use the Preset Elements column to select the parameters that you
wish to apply from the preset to the target network.

If the target network is not identical to the original network (from which the preset was
saved), some parameters might not be applied successfully. For example, if some
devices on the target network do not support the same range of sample rates as the
devices on the original network, you could choose not to apply the '‘Device Sample Rate'
parameter, and change the sample rates manually instead, once the preset has been
applied.

Some preset parameters are not applicable to the current device and so they are
represented in light grey.

“Preset Roles ”. The Preset Roles column lists the roles or variants of the device with
different functions that were saved in the preset.

You can apply a role to the same physical device from which it was created (if it exists in
the target network), or to a different device in the same network, or to another device in a
new network.

When a role is applied to the same physical device, or a device of the exact same model,
the configuration and routing should be replicated perfectly (although some subscriptions
may be 'broken’, if the relevant transmitters are not also present on the target network).

NOTE: This makes presets an ideal way to backup and restore configurations for
relatively static networks.

If a role is applied to a different device model or a different type of device, the
configuration and routing may not be replicated exactly - the success of the role
assignment will vary depending on the functionality and channel support of the target
device.

Applying a role to a fundamentally different type of device may not be very successful.
For example, applying a role for a fully-subscribed 32-channel mixing console configured
at 96kHz to a 2-channel amplifier that only supports 48kHz will be problematic - only two
channels can be subscribed (assuming the transmitters are also present), and the sample
rate will be rejected.
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& Apply Preset i
E;;ES;;‘E;E“ I_-/ Device Roles in this preset I_-‘) Devices on the network I_-) Do you care about these issues?
rPreset Preset Rol Target Devic rlssu
= |~ caproL [ ] MNETEOX32-09 is missing information for preset element
(] Name (] NETBOX32-08 PITOL = CAPTTOL [ Redundancy Configuration M
[¥] Redundancy Configuration [ NETBOX32-09 3 = NETBOX32-08 [ cannot assign the name CAPITOL to CAPITOL and
VLAN 9 = NETBOX32-09 [l BC2214
bR Mk NETBOXS [] ;aAnr% ‘::ssign the name CAPITOL to BC2214and
ternal Word Clock Setting =
Rate Pullp |
7] Sample Rate |7
oding

[¥] Device Latency

HaRem

Infx
[#] Tx Channel Labels

Flows

Rx Channel Names

[#] Rx Channel Subscriptions
o] [ tone ] N seiectal | [ selecttione | [ AppiyRole | [ clear . I
(==

You can apply a role to multiple devices. You cannot apply multiple roles to one device.

To see which devices a role has been assigned to, click the role. The assigned device/s
will be highlighted in the 'Target Devices' column.

Automatic Assignments : “Dante Controller” will automatically assign roles to devices,
based on the following rules:

- If there is a perfect device match (i.e. the physical device in the original network
from which the role was created is also found in the target network), the role is
assigned automatically.

- If there is a device name match, the role is assigned automatically.

- If a perfect match or a device name match cannot be made, the role will be
assigned automatically to a device of the same manufacturer and model,
assuming there is an unassigned device of that type.

Removing Assignments : In order to delete a role, just select that role in Target Devices
and click on Clear (or press the keyboard’s Del key), or select another role for it from the
Preset Roles column and then click on Apply Role.

Manual Assignments : To manually apply a role to a device:

- Drag the role onto the device, or
- Select the role and the target device/s in the 'Target Devices' column, and click
Apply Role.

The LED icons against each role indicate the assignment status of the role:

[ 1A grey icon indicates that the role has not been assigned to any target devices.

A green icon indicates that the role has been successfully assigned to one or more
target devices.
[0 An amber icon indicates that the role has been assigned to one or more target
devices, but there is a warning condition associated with one or more of the
assignments.
I A red icon indicates that the role has been assigned to one or more target devices,
but there is an error condition associated with one or more of the assignments.
B A black icon indicates that the role has been assigned to a target device, but the
assignment will have a potentially terminal effect on the operation of the network.
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“Target Devices ”. This column lists the device names of devices on the currently
connected Dante network and the roles that have been assigned to them (if applicable).

The LED icons against each device indicate the assignment status of the device:

A grey icon indicates that the device has not been assigned a role.

A green icon indicates that the device has been successfully assigned a role.
[ An amber icon indicates that the device has been assigned a role, but there is a
warning condition associated with the assignment.
i A red icon indicates that the device has been assigned a role, but there is an error
condition associated with of the assignment.
I A black icon indicates that the device has been assigned a role, but the assignment
will have a potentially terminal effect on the operation of the network.

@ Apply Preset [
E:;Eg:;:;ws !) Device Roles in this preset \_-‘> Devices on the network. l_-> Do you care about these issues?
rPreset El its: rPresetRol rTarget Devic
[ caprTOL - oL = caprmoL [ -~ METBOX32-09 is missing information for preset element  #

] Mame [ METBOXK 3208 nETBOX32-08 [ Redundancy Configuration

ety Conuratan

witch VLAN

eferred Master

7] External Word Clock Setting

le Rate Pullup

m

7] Sample Rate
Encoding
/] Device Latency

HaRemote Brids

Interface IPv4 Addresses

[#] Tx Channel Labels
[¥] Tx Flows
[] Rx Channel Mames

[#] Rx Channel Subscriptions

Al [ tone I} selectal | [ seecetione | [ ApplyRole | [ dear | | |, o
Cancel |

“Issues”. The Issues column lists all issues identified by “Dante Controller”. Clicking a
role or a target device will highlight the issues associated with that role or role
assignment.

The following are 'fatal' issues that could render the network unusable (identified by a
black LED icon):

- You cannot apply the same device name to multiple devices.
- You cannot apply the same static IP address to multiple devices.

- You cannot apply a redundant configuration to a device that does not support
redundancy.

Other issues may or may not be a problem, depending on your requirements for the
network.

Applying Presets.

To apply the preset, click “Ok”. This process will take around one minute. Click “Cancel” to

abandon the operation.

& Preset Progress [ﬁ

& Preset Progress Lﬁ

& Preset Progress Lﬁ

Applying Preset Capitol and Metbox Preset 1

Applying Preset Capitol and Netbox Preset 1

Applying Preset Capitol and Metbox Preset 1

Set External Word Clock

Set External Word Clock

Preset complete

=)
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5. CONTROL TERMINAL. “DANTE Virtual Soundcard .

NOTE: The information included in this manual is valid for software version 3.7.0.22 (or higher
versions).

Any computer with the “Dante Virtual Soundcard” software installed will be able to send and
receive channels to and from the AEQ consoles and matrices. There are trial and fully operating
versions of this software that can be downloaded free of charge from www.audinate.com.

Registered users can also download the user manual from this page. Nevertheless, for your
convenience we reproduce an extract from it here.

“Dante Virtual Soundcard” is a software application complementary to “Dante Controller”, as it
adds monitoring capabilities. The scope of this document is to describe the utility of “Dante
Virtual Soundcard” as a tool allowing the insertion of a couple of channels as a test audio or to
extract them as a monitor in a Dante based AEQ AolP network, using a PC. For its use as multi-
track software, please refer to the full manual.

Minimum System Requirements:

* Processor: Dual core CPU

« Memory: 1 Gigabyte of RAM

* Network: Standard wired Ethernet (WiFi not supported) network interface (100Mbps or
Gigabit). A Gigabit (1000Mbps) interface is required for channel counts above 32x32
@48kHz., although the PC may have a 100 Mbps interface.

e Windows 7, 8 or 8.1 (32-bit or 64-bit) operating systems, with the latest available
version and updates installed.
Windows Drivers System drivers must be of the performance standard expected by the
Windows Logo Program
NOTE: Both UTF-8 and Unicode are supported EXCEPT for host or device names;
DNS standard does not support Unicode for these.

The PC audio application must be compatible with WDM (Windows Driver Model). The
application supports the ASIO multichannel standard interface, but this is not the purpose of the
use that this document describes.

Its default screen must be configured this way. Note that the configured latency, even not
audible, is by far higher than the one normally produced by AolP AEQ devices, due to the lower
performance of a general purpose PC hardware as compared to dedicated audio hardware:

& 5
& Dante Virtual Soundcard | | e

| Settings iL.Licen:-ing“!“Aba l.rt|

Audio Interface: |W[}M - Cptions

Audio Channels: 16 = 16

Dante Latency: |1CI ms v|

Metwork Interface: |Cr:|nexirf|r1 de area local -

Metwork Status: 1Gbps

IP Address:  169.254.90.53

@ADante’ et | @
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Supporting services.

Dante Virtual Soundcard makes use of 'Dante Discovery' service for automatic device
discovering, and “ConMon’ for the control and monitoring of Date devices. Both of them are
installed with the application.

Firewall Configuration.

Firewall configuration for Windows Firewall is automatically handled during installation and on
system boot (every time the “Dante Virtual Soundcard” services start).

The “Dante Virtual Soundcard” communicates over UDP using the following ports:

« Dante Clock Synchronization: 319, 320.

« Dante Audio Routing: 4440, 4444, 4455.

« Dante Control and Monitoring: 8700-8705, 8800.

» Dante Multicast and Unicast Audio: 4321, 14336 - 14600.

If you are using a third-party firewall product, use the port information provided above to
configure it accordingly.

5.1. Installing the “Dante Virtual Soundcard

Downloading “Dante Virtual Soundcard”.

“Dante Virtual Soundcard” is available for download from Audinate’s website.

To download a copy of “Dante Virtual Soundcard”:

1. Go to the Audinate website: www.audinate.com.
2. Navigate to Products > Dante Virtual Soundcard.
3. Under “Download", choose your operating system.
4. Click the red download button.

This will take you to the appropriate DVS (Dante Virtual Soundcard) release page for your
operating system. Click the link under “File downloads" to download the DVS installer.

Installing “Dante Virtual Soundcard” on Windows.

Once you have downloaded the “Dante Virtual Soundcard” installer file, navigate to the directory
where you have downloaded it. To install:

1. Ensure you are logged on to your PC as an administrator.

2. Double-click the icon for the “Dante Virtual Soundcard” installer.

3. Read the license text, and if you accept the terms of the agreement, click the 'l Agree...'
checkbox. If you do not agree to the terms, click Close.

4. The “Network Throttling Management” screen is displayed. Audinate recommends
allowing “Dante Virtual Soundcard“ to manage this setting (the default option).

5. Click Install.

6. Acknowledge / accept any Windows security warnings that are displayed.

NOTE 1: If you are upgrading to a new version of “Dante Virtual Soundcard”, you do not need to
uninstall the previous version first. If you do uninstall the previous version before upgrading, you
will need to reenter your license key to activate the software.

NOTE 2: If you already have the latest version of “Dante Virtual Soundcard” installed, running
the installer again will allow you to repair or uninstall the application.

NOTE 3: If you have “Dante Virtual Soundcard” selected as the default audio interface in
Windows, upgrading to a new version of “Dante Virtual Soundcard” will reset the selection to an
alternative interface and you will need to reselect “Dante Virtual Soundcard” following the
upgrade.
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5.2. Starting the “Dante Virtual Soundcard " Control Panel.

The “Dante Virtual Soundcard” Control Panel enables user interaction with “Dante Virtual
Soundcard”.

By default the “Dante Virtual Soundcard” will be installed in:
C:\Program Files\Audinate\Dante Virtual Soundcard\

In 64-bit Windows, it will appear under C:\Program Files (x86).

The “Dante Virtual Soundcard” Control Panel can be started in one of two ways:

e From the Start menu: Start > Programs > Audinate > Dante Virtual Soundcard > Dante
Virtual Soundcard (or Windows key > Dante Virtual Soundcard in Windows 8); or

« Navigate to the directory where it is installed, and click the “Dante Virtual
Soundcard” icon: 0

5.3. Obtaining a “Dante Virtual Soundcard " License.

“Dante Virtual Soundcard” will not operate until a valid License ID has been entered and
activated.

The first time you start the “Dante Virtual Soundcard” Control Panel, you will be presented with
a screen that looks similar to the following:

r |
i Dante Virtual Soundcard | = | e

| Settings| Licensing | About |

Enter & License Id:

@aDante set | @

L

You are required to register with Audinate at www.audinate.com and provide an email address
to obtain a valid License ID for “Dante Virtual Soundcard”. If the machine on which you are
installing “Dante Virtual Soundcard” is connected to the Internet, click the Get a License button
to be taken directly to the Audinate website.

Once you have obtained a License ID, it can be entered in the Licensing tab. The “Activate”
button is not enabled until a correctly formatted License ID has been entered into the dialog
box.

NOTE: In some special cases, outside the scope of this manual, the documentation provided
with your equipment will include a license Id or information to obtain that Id with some discount.

Click “Activate " to register the installation with the Audinate servers.

IMPORTANT NOTE: Ensure that the machine has access to the Internet during this step.
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Once this step has been completed, a “Licensed to ...” message will appear, and the software is
ready for use. The Control Panel will appear as shown on the following screen.

[z 3
& Dante Virtual Soundcard oo S

| Settings| Licensing | About |

Licensed to AEQ 5.4, |

| Y00 |_| OO |_| SO0 |_| XHHKX |_| VNFAJ | A torte

@ADante" [ see | @

L%

If you are using a trial license the Control Panel a “Trial version licensed to...” message and
remaining trial time info will appear. In order to continue using “Dante Virtual Soundcard” after
the trial period has expired, you will need to purchase a full license.

5.4. Configuring “Dante Virtual Soundcard ".

It is important to understand that the Control Panel that is displayed when you click on
the “Dante Virtual Soundcard” icon is a means of configuring and controlling “Dante

Virtual Soundcard”, it is NOT the “Dante Virtual Soundcard” itself. o
When you open the “Dante Virtual Soundcard” Control Panel, you are presented with a window
with three tabs: “Settings”, “Licensing” and “About”. The “Settings" tab is shown by default when
the application is opened.

5.4.1. Settings available in  “Dante Controller

Some “Dante Virtual Soundcard” settings are only configurable via “Dante Controller”:

» Device Name.
e Sample Rate.
« Encoding (audio bit depth).

To change these settings, use the “Device Config” tab of the “Device View” in “Dante Controller”
(see section 4.8.3.5 of this manual). To open this tab:

1. Completely quit out of any audio applications that are using “Dante Virtual Soundcard”.
Connected applications may prevent new settings from taking effect.
2. Ensure “Dante Virtual Soundcard” is running.
3. In “Dante Controller”, open the device view for “Dante Virtual Soundcard” - either:
- Double-click the “Dante Virtual Soundcard” device in the routing view, or:
- Use Ctrl + D to open the device view, and select the “Dante Virtual Soundcard”
device from the drop-down menu.
4. Click the “Device Config” tab.
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Changing the Device Name :

By default, “Dante Virtual Soundcard” will appear in “Dante Controller* with the same name as
the computer on which it is installed.

To change the “Dante Virtual Soundcard“ device name:

1. In*“Dante Controller”, open the “Device Config” tab for “Dante Virtual Soundcard”.
2. Inthe “Rename Device” field, enter the new device name and click “Apply”.

Changing the Sample Rate :

To change the sample rate for “Dante Virtual Soundcard”:
1. In*“Dante Controller”, open the “Device Config” tab for "Dante Virtual Soundcard”.
2. Use the "Sample Rate” drop-down menu to set the required sample rate.

NOTE 1: Changing the sample rate will interrupt audio.

NOTE 2: Increasing the sample rate in “Dante Controller* may reduce the channel count ('Audio
Channels’) setting on “Dante Virtual Soundcard, if the channel count setting is not supported at
the new sample rate. Subsequently decreasing the sample rate, however, will not restore the
channel count setting to its previous value.

Changing the Encoding

The encoding value is the audio bit depth. To change the encoding setting:

1. In*“Dante Controller”, open the “Device Config” tab for “Dante Virtual Soundcard”.
2. Use the “Encoding” drop-down menu to set the required bit depth.

NOTE: Changing the encoding setting will interrupt audio.

Supported Audio Formats

The supported audio formats are:

Audio Format  |Supported values
WDM (Windows)
Sample rate 44.1 KHz
48 KHz
88.2 KHz
96 KHz

Bit depth 16 bit

24 bit

32 bit

5.4.2. “Settings “ Tab in “Dante Virtual Soundcard ".

The “Settings” tab is the first screen you see when you open the “Dante Virtual Soundcard”
Control Panel. NOTE: Settings cannot be changed while the “Dante Virtual Soundcard” is
running.

To change settings:

1. Completely quit out of any audio applications that are using the “Dante Virtual
Soundcard”.

Stop the “Dante Virtual Soundcard”.

Change your “Dante Virtual Soundcard” settings.

Start the “Dante Virtual Soundcard”.

Restart your audio application/s.

arwON
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NOTE: The device name and audio format (sample rate and bit depth) must be set in “Dante
Controller”, while “Dante Virtual Soundcard” is running. You should quit out of any connected
applications before changing the device name or audio format.

[E 5
& Dante Virtual Soundcard =y e S

Audio format
settings (can only
Audio Interface: |WDM = Options be Changed when
/ DVS is off, and not
Audio Channels: |16« 16 connected to an
audio application)

| Settings i‘.Li cen:—ing"E“Abou‘t“i

Dante Latency: |1Cl ms v|
Metwork Interface: | Conexitn de area local v| .
“Start/Stop “ Network interface
button = —__| Nemanfunny e — settings and
w’ information
@Dante’ [ s | @

“Start/Stop “ Button.

The “Start/Stop “ button in the “Settings” tab indicates whether “Dante Virtual Soundcard” is
currently running, and can be used to toggle the running state:

| Start Button shows “Start”: “Dante Virtual Soundcard” is currently stopped.
| Stop Button shows “Stop ”: “Dante Virtual Soundcard” is currently running.

Click the button to toggle the running state of “Dante Virtual Soundcard”. When “Dante Virtual
Soundcard” is running, all other buttons and drop-down lists on the “Settings” tab are greyed
out.

IMPORTANT NOTE: If you are recording via “Dante Virtual Soundcard”, stop the recording
before you switch “Dante Virtual Soundcard” off. Switching “Dante Virtual Soundcard” off during
a recording can lead to driver instability issues.

NOTE: “Dante Virtual Soundcard” can be either on or off (running or not running) when the
“Dante Virtual Soundcard” Control Panel is started. It will always be in the state it was in when
the Control Panel was last closed. If the computer is power cycled, “Dante Virtual Soundcard”
will resume in the state it was in when the computer was powered off.

When “Dante Virtual Soundcard” is running, it will be visible on a “Dante Controller”. By default,
the device name shown in “Dante Controller” will be the same as the name of the computer on
which it is running.

Audio Interface.
For the initial start-up, please use the “Audio Interface” button to disable ASIO audio engine and
setup WDM. “Dante Virtual Soundcard” must be stopped (via the “Start/Stop” button on the

control panel) before you can change the audio interface.

In WDM mode, “Dante Virtual Soundcard” supports audio applications that use WDM audio, for
example iTunes for Windows, Windows Media Player and Skype.

The “Options” button is only available in ASIO mode, but this is not the purpose of the use that

this document describes.
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Audio Channels.

Use the “Audio Channels” drop-down menu to set the number of transmit and receive Dante
audio channels available and advertised on the network when working in ASIO mode. This
enables the number of channels shown in “Dante Controller” (and any connected audio
application) to be limited, if required. The maximum number of channels supported depends on
the interface type and the selected audio format.

In WDM mode this number is fixed: “Dante Virtual Soundcard” supports 16 channels (8 stereo
pairs).

Dante Latency.

The “Dante Latency” drop-down box allows you to view and set the device receive latency (time
before playout). A Dante device receiving audio from “Dante Virtual Soundcard” will use this
value (unless the receiving device only supports higher latencies). The latency compensates
primarily for computer scheduling jitter, as well as delay variations encountered in the network.

Supported values are:

* 4ms (low)
e 6ms (medium)
e 10ms (high)

As a rule of thumb, 4ms can be used where “Dante Virtual Soundcard” is running on a high-
spec PC with low scheduling jitter. Computers with poor scheduling performance may need to
use the 10ms Dante Latency setting.

NOTE: If the Dante Latency setting is set too low to compensate for network delay variation and
computer scheduling jitter, there is a risk of intermittent loss of audio.

Network Interface.

The “Network Interface" drop-down menu allows you to select the computer's network interface
that “Dante Virtual Soundcard” will use to transmit and receive Dante audio.

The available entries will be all the wired Ethernet network interfaces currently enabled on the
machine. For machines with only one Ethernet network interface enabled, there will only be one
option available.

The IP address of the currently selected interface is displayed below the “Network Status* field.

NOTE 1: “Dante Virtual Soundcard” does NOT support wireless, USB, Bluetooth or bridged
Ethernet Interfaces.

NOTE 2: All Dante applications on the same computer have a shared understanding of the
primary Dante interface. For example, if you have installed “Dante Controller” on the same PC
as “Dante Virtual Soundcard”, and a new primary interface is selected from within “Dante
Controller”, “Dante Virtual Soundcard” will automatically switch to the newly selected interface,
and begin operating on that interface.

Network Status.

The “Network Status” value indicates the link speed of the computer's Ethernet network
interface that is currently in use by “Dante Virtual Soundcard”. It can have the following values:

e 1Gbps (1 gigabit per second).
e 100Mbps (100 megabits per second).
* N/A (no Ethernet network detected).
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5.4.3. “Licensing “ Tab in “Dante Virtual Soundcard

E)AEQ

The “Licensing” tab allows you to see the status of the license you have, and if necessary
allows you to enter a new license key and re-activate the “Dante Virtual Soundcard”. If you have
a trial license it will display the number of days remaining before the trial license expires.

-
i Dante Virtual Soundcard

— = M-\

Settings Licensing Abou:tl

Licensed to AEQ 5.4,

: Getalicense

| KOOKK |- | X000 |- | 000X |- XXX |~ | UNFAJ | [ activate

@aDante"

@

5.4.4. “About “ Tab in “Dante Virtual Soundcard

The “About” tab shows you the version of “Dante Virtual Soundcard” that you have installed. It

also allows you to read the End User License Agreement.

-
Q Dante Virtual Soundcard

(=] s

Version: 3.7.0.22

END USER. LICENSE AGREEMENT

WOTICE: CAREFULLY READ THE FOLLOWING LEGAL AGREEMENT

WHICH CONTAINS RIGHTS AND RESTRICTIONS ASS0CIATED WITH
¥OUR USE OF THE AUDINATE® SOFTWARE (THE "SOFIWARE™) AND
DOCUMENTATION FROVIDED TO YOU BY AUDINATE ETY, LID (THE
"LICENSOR™). INSTALLING OR USING THE SOFIWARE CONSTITUIES
¥OUR ACCEPTANCE OF THESE TEEMS. IF YOU (THE "END-USER™)
DO NOT AGEEE TQ THE TERMS OF THIS AGEEEMENT, DO NOT
INSTALL OR USE THE SOFITWARE. THIS AGREEMENT I3 ENTERED
INTC IN CONJUNCTION WITH THE END-USER'S FURCHASE OF

@ADante” (2]

AEQ Audio Over IP
Routing System

87



5.5. Using the “Dante Virtual Soundcard " with an Audio Application.

5.5.1. Important Notes.
“Dante Virtual Soundcard” acts in a very similar way to a hardware soundcard.

NOTE 1: Make sure that you start “Dante Virtual Soundcard” with the settings you require,
BEFORE you start your audio application.

NOTE 2: Digital Audio Workstations (DAWS) treat “Dante Virtual Soundcard” like any other
WDM (Windows) device. For support information about using audio devices (including “Dante
Virtual Soundcard”) with your DAW, please use the support services provided by the
manufacturer of your DAW.

5.5.2. Choosing an Audio Application.
“Dante Virtual Soundcard” acts like a standard WDM sound device in a PC running Windows.

In WDM mode, “Dante Virtual Soundcard” supports common audio applications available for
Windows, such as Windows Media Player, iTunes and Skype.

5.5.3. Configuring “Dante Virtual Soundcard " as your Audio Interface.

Audio applications generally provide a mechanism for selecting the sound card that they will
use. Before configuring the application to use “Dante Virtual Soundcard” as its audio interface,
make sure you have started "Dante Virtual Soundcard” with the required settings (and with the
correct interface mode selected: WDM).

"Dante Virtual Soundcard” supports 16 channels (8 stereo pairs) in WDM mode. Each stereo
pair appears as an independent selectable audio device in any relevant Windows and
supporting application dialogs. In the Windows 7 Sound Playback options, “Dante Virtual
Soundcard” appears as follows:

Playback |Recordir|g | sounds E Communications |

Select a playback device below to modify its settings:

Speakers

DVS Transmit 1-2

Dante Virtual Soundeard

DVS Transmit 3-4

Cante Virtual Soundeard
Ready

DS Transmit 5-6

Dante Virtual Soundcard

Ready

DVS Transmit 7-8

irtual Soundcard

| Set Default 17‘ | Properties
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NOTE: Dante Virtual Soundcard stereo pairs will appear as selectable audio interfaces in
Windows regardless of the current mode - i.e. with Dante Virtual Soundcard in ASIO mode, it
will still appear as a set of selectable audio interfaces in the Windows sound playback options
dialog. Similarly, in WDM mode, it will appear as a selectable audio interface in an ASIO-
supporting DAW. However, it will not function correctly unless the currently selected mode
matches the requirements of the application.

5.5.4. Windows Audio Shared Mode.
Windows allows applications to share audio interfaces.

If applications with differing sample rates share an audio interface, their sample rates are
automatically brought into line by Windows, so it can mix the audio streams. This will result in
sample rate conversion on one of the audio streams, which can adversely affect audio quality.

To prevent Windows performing sample rate conversion on “Dante Virtual Soundcard” audio,
the “Shared Mode" default format for all "Dante Virtual Soundcard” channels should be set to
match the sample rate currently selected on the "Dante Virtual Soundcard” control panel.

In Windows 7 , the default shared mode format for the device is automatically updated when the
audio format of “Dante Virtual Soundcard” is adjusted in “Dante Controller”, so you should not
have to adjust it manually.

In Windows 8.x , you will need to manually specify the default shared mode format for the
device:

1. Open the Windows Sound options dialog (Start > Control Panel > Sound).

2. With the “Playback” tab selected, double-click the “DVS Transmit 1-2“ entry in the
interface list.

The “DVS Transmit 1-2 Properties” dialog is displayed.

Select the “Advanced” tab.

Set the Default Format to the required setting.

Click OK.

Repeat for all “Dante Virtual Soundcard” stereo pairs.

Repeat again for the “Recording” tab.

Click OK.

©ONO O AW

Generdd | Lavels | Advanced

0 Tramamit 1.3
4 _ Change jeen

Caontroller Infarmation

Crante Virtusd Soundcand Propedbes

Audhnagte Fiy Lid

Jack Information

Hia Jack Information Available

Device widge: Lise this device (emabde]
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6. “DANTE FIRMWARE UPDATE MANAGER “: FIRMWARE UPGRADING SOFTWARE.
6.1. “Dante Firmware Update Manager *“ description.

NOTE: The information included in this manual is valid for software version 1.4.13.2 (or higher
versions).

“Dante Firmware Update Manager” is a maintenance application provided by Audinate which
allows users to upgrade the firmware of the “Brooklyn 1I” module included in the AEQ
equipments described in this manual. It is available for PCs running Windows 7, 8 and 8.1, and
Apple Macs running OS X 10.7.5, 10.8.5, 10.9.5 and 10.10.

IMPORTANT NOTE: The firmware upgrading process should only be accomplished by qualified
personnel in possession of all necessary technical information relative to this system and with
the possibility to establish a direct communication with AEQ's technical support (sat@aeq.es).

By default “Dante Firmware Update Manager“will be installed in:
C:\Program Files\Audinate\Dante Firmware Update Manager\

It can be started in several ways:

- From the Start menu: Start > Programs > Audinate > Dante Firmware Update Manager
> Dante Firmware Update Manager.

- Run by going to Start > Run and entering in the dialog box:
C:\Program Files\Audinate\ Dante Firmware Update Manager \ fum.exe

- Navigate to the directory where it is installed, and double-click the “Dante A
Firmware Update Manager” icon. _/Ci

You can use the “Dante Controller” application to find out the firmware version of a certain
device. In order to do that, just open the associated “Device View”, select the “Status” tab and
check the current firmware version in the “Device Information” section (see section 4.8.3.3 of
this manual):

-
@ Dante Controller - Device View (NETBOX32) ] ) [
File Device View Help

bl N BadflEs] [METBOX... e

[Receive j_:rransn{t: Status :_Laijen:y i_Bev]mEénﬁ_gi;ﬁ;aiwwl:crur;ﬁg_i_

rDevice Infarmation

Manufacturer: Audinate Pty. Ltd.
Product Type: Brooklyn 2
Product Version: 3.0.0
Software Version: 3.5.3.1
Firmware Version: 3.7.3.4

<
<

rDante Information

Model: Brooklyn IT
Software Version: 3.7.3.1
Firmware Version: 3.4.8.9

Clock Synchronisatior

Mute Status: Unmuted
Sync Status: Locked
External Word Clock: No
Preferred: No
Frequency Offset: 30 ppm

rInterfac

IP Address: 169.254.95.27
MAC Address: 00:1D:C1:04:BF:3A
Tx Utilisation: 23 Mbps  Errors: 0
Rx Utilisation: 17Mbps  Errors: 0

1P Address: 172,.31.96.28
MAC Address: 00: 1D:C1:04:8F: 38
Tx Utilisation: 23Mbps  Errors: 0
Rx Utllisation: 17 Mbps  Errors: 0
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6.2. Firmware upgrading procedure.

The procedure to upgrade the firmware of a DANTE device is the following one:

1. Open the “Dante Firmware Update Manager " appication.

*@ Dante Firmware Update Manager v1.4.13.2

[E=mE =)

audinate

Firmware Update Manager

Conexion de area local

Select the network interface used for the prmary Dante network

Next | [ quit |

If you have multiple network interfaces enabled on your computer, you must select the
one used for connecting to the primary DANTE network. If there is only one defined

network interface, it will be selected by default.

If you “have “Dante Controller” and/or “Dante Virtual Soundcard” applications installed,
“Dante Firmware Update Manager” will automatically preselect the primary interface

that was last used by either of those applications.

Click “Next” button to continue (or “Quit” to leave the application).

2. Inthe window that appears, click “Update Dante Firmware ” button.

*@ Dante Firmware Update Manager v1.4.13.2

[E=REE =)

audinate

Firmware Update Manager

Choose Made

l Update Dante Firmware J

| Failsafe Recovery ‘

Back | [ oqut |
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3.

4.

In the window that appears, click “Browse ” button and select the firmware update file
(“DNT” extension) that contains the new version to be loaded.

*@ Dante Firmware Update Manager v1.4.13.2

[E=mE =)

audinate

Firmware Update Manager
Select Fitnware Update File

Override Device Matching

Back |

l Browse...

Once the file is loaded, check that the “Override Device Matching” box is not selected

and click “Next” button.

IMPORTANT NOTE: Depending on the firmware version changes it may be necessary
to select that checkbox in order to be able to upgrade the device (for instance, when
upgrading from version 3.8.0.24 to 3.9.6.1). In case of doubt, please consult the

Technical Assistance Service (sat@aeq.es).

*@ Dante Firmware Update Manager v1.4.13.2

[E=REE =)

Aaudinate

Firmware Update Manager
Select Firmware Update Fie

D:\WETBOX 32\netbox32 V181214.dnt

[ Override Device Matching

Back |

MNext |

In the window that appears, after a few seconds, a list of the discovered DANTE

devices is shown.
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(B)AEQ

-
*@ Dante Firmware Update Manager v1.4.13.2 EI_‘g
‘ d . t
-
Firmware Update Manager
Finding matchng devices...
Upload File: netbox32_V181214 (v3.8.0) for Audinate Pty. Lid, Brooklyn 2
Select All
Hame | Manufacturer Model Version ™ | Status
< i b
— M
Back Start 2
A
r =
*@ Dante Firmware Update Manager v1.4.13.2 E@g

audinate

Firmware Update Manager
3 matching devices found (of 3 totaf)

Upload File: netbox32_V181214 (v3.8.0) for Audinate Pty. Lid, Brooklyn 2

Select All

Hame | Manufacturer Model Version ® | Status
[ caprroL Audinate Pty. Ltd.  Brooklyn 2 37.3.1 169.259.109.141 Ready
[ neTeoxa2 Audinate Pty. Ltd.  Brooklyn 2 37.3.1 169,254,96,27 Ready
[ neTs0X8 Audinate Pty. Ltd,  Brooklyn 2 38.0.2% 169.254.3.167 Ready

Back Refresh Start

Click the checkbox/es of the device/s you wish to update:

Upload File: netbox32_V181214 (v3.8.0) for Audinate Pty. Ltd. Brooklyn 2

Select Al

| Name | Manufacturer Model Version i Status
] caprmoL Audinate Pty. Ltd. Brooklyn 2 3.7.3.1 169.254.109.141 | Ready
NETBOX32 Audinate Pty. Ltd. Brooklyn 2 3.7.3.1 169.254,96.27 Ready
] neTBONE Audinate Pty, Ltd, Brooklyn 2 3.8.0.24 169,254.3. 167 Ready
] 1
[ Bak | [ Refresh | [ strt

AEQ Audio Over IP
Routing System

93



Click “Start” button to start upgrading process.

In the window that appears, accept to continue:

-

Upgrade Devices? ﬁ

3 ) You are about to upgrade Dante device firmware, Please ensure Dante
' devices are MOT turned off during this operation.

Updating can take a few minutes for each device., If update progress
messages do not change for more than five minutes, please close the
Firmware Update Manager and try again, checking that your devices are
properly connected.

[ Aceptar l’ Cancelar ]

h

5. Then the upgrading process starts and the “Status” column shows its progress:

P Status
169,754,96,27 Updating (171): Get file

P Status
169,254,96,27 pdating (171} Flashing

When the process is correctly ended, a confirmation window will appear

P 5
Upgrade done &J

f . | 1 devices have been upgraded.

W' The upgrade will take effect when devices are next restarted. Please
restart upgraded devices now.

I Aceptar

%

and the “Status” column will indicate:

P Status
169.254.96.27 Jpdate Dane

After turning off and on the device and pressing “Refresh” button, the new firmware
version will be shown in the “Version” column:

IUpload File: netbox32_V181214 (v3.8.0) for Audinate Pty. Ltd. Brooklyn 2

Select Al

Hame Manufacturer Model Version
|:| METBOX32 Audinate Pty Ltd. Brooklyn 2 3.8.0,24
AEQ Audio Over IP 94

Routing System



7. “AEQ NETBOX TOOL“: CONTROL AND CONFIGURATION SOFTWARE FOR NETBOX 8
AND NETBOX 32.

7.1. Introduction.

“AEQ NetBox Tool " application is the control and configuration software for NETBOX 8 and
NETBOX 32.

The auto run disk furnished with those units contains the executable file that installs the
application. Installing it is simply a matter of executing this file and following the on-screen
instructions as they come up.

i Setup - Netbox Tool (=]

Welcome to the Netbox Tool
Setup Wizard
This will install Metbox Tool version 2.01 on your computer,

It is recommended that you close all other applications before
conkinuing.

Click Mext ta continue, or Cancel to exit Setup,

[ mext » |[ Cancel ]

Once the “AEQ NetBox Tool " application is installed (by default, in C:\Program
filesS\AEQ\Netbox), you can start it up by double-clicking the icon displayed on the desktop:

A

Metbaos Toal
7.2. Administration Tools.

When the application starts up, the initial screen will appear allowing you to access the different
options and showing the software version, as well as an image showing the equipment type
(NETBOX 8 or NETBOX 32) when connection is established.

% MetBox Tool

Administration

N NetBox 8/32 AD

Audio Over IP Interface

U

oy

& ...

[ Firmware Upgrade ]| Version 2.0.0.1 - 07/06/2016
_
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®AEQ

3 NetBox Tool |Z”EHX|

NetBox 8/32 AD

Audio Over IP Interface

Digital 10

@

Remote IP

-l NetBox Tool
etBox Tool
, Version 2.0.0.1 - 07/06/2016

On the left side of the screen all the relevant menus and submenus are available. These are
drop-down menus and are activated by clicking on the desired option.

7.2.1. “Configurations " submenu.

“Configurations " submenu, accessed from the drop-down menu “Administration” by clicking on
the corresponding icon, allows you to configure and control the communication between

application and physical equipment. When no connection is established, this submenu looks like
that:

%5 NetBox Tool |;HE”Z|
| adounistration ]
Connection
P: (17231371 | comrect |Port: TP~
External Sync Front Test

O Master OIPSyne OAESLL Syre

‘ Change Configuration Start Test
Device Address
1P ‘ | MAC
Masle: ‘ | MAC
Remate IP Gateway: ‘ |

AN
=

lf} Factory "z Reset Change Ip Address

Firmware Upgrade I
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“Connection " section allows you to configure the parameters to connect to the unit. Firstly, the
IP address of the equipment must be configured (by default, NETBOX 32 units are supplied
with 172.31.37.1 IP address and NETBOX 8 with 172.31.38.1 IP address) and the Port the
connection will be established through (IP). Where there is more than one unit with the same IP
in the same network, you should connect to each one of them individually and change their
address in order to avoid network conflicts.

IMPORTANT NOTE: In case you don't know the IP address of the unit, there is a procedure
(included in the "Extras" menu of the CD furnished with the unit) that allows you to return to
default configuration in order to control the unit again.

NOTE: The “Port” drop-down menu allows you to select that connection would be established
through a serial port, but only for maintenance purposes and under AEQ’s Technical Support
supervision (sat@aeqg.es).

When the unit is correctly detected, the configuration buttons will appear activated (the
“Connect” button allows you to force the connection, although where there is communication
with the unit that connection is established automatically).

% NetBox Tool

Configurations

P Connection
4
- P 172.31.37.1 7P0rt: P v

\.‘U ) External Sync Front Test

b Dq? @Master  OIPSync  OAESLL Svne
o {& Change Configuration ‘ Start Test

Device Address

1P: 172.31.37.1 MAC

b Mask: ;.255.255.0.0 - 00:21;01:25,01:17

Gateway: 0.0.0.0
-| ‘ ‘ | . Reset ‘ ‘ @Ch&mge Ip Address
: i - )

I[erade—}
“External Sync ” section allows you to configure the synchronization mode: whether the unit
works as “Master” (only one unit per network must be configured that way) or it's synchronized
through IP connection (“IP Sync™) or through the source connected to digital input 1 (“AES11
Sync”). The selected option will be applied when pressing “Change Configuration ” button.

' . Factory
-

=

External Sync

& Master O 1P Sync O AES11 Sy

% Change Configuration

“Front Test ” section allows you to start a test of front level indicators, by pressing the “Start
Test” button (when test is started, the button changes to “Stop Test ” and allows you to stop the
process). The front LEDs will light one by one following the green-yellow-red sequence.
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@ @

Start Test Stop Test

“Device Address " section allows you to configure the IP parameters of the Ethernet interface of

the unit:

“IP*: valid IP address associated with that interface.

“Mask*: valid subnet mask associated with that interface.

“Gateway “: valid gateway or network gateway address associated with that interface.
“MAC”; valid MAC address associated with that interface (this parameter is
automatically configured depending on the IP address assigned to the unit).

Device Address

P: 172.31.37.1 | MAC

Maslk |255.255,0,0 ‘ 00:21:01:25:01:17

Gateway: |D.U.U.D ‘

Once those parameters are configured, the changes will be applied by pressing “Change Ip
Address " button. Confirmation is requested.

The “Factory " button allows you to return to iniitial Factory parameters. -\
The “Reset” button allows you to restart the unit.

Confirmation is requested for both options. '

%Change Ip Address [ ves || mwo |

7.2.2. “GPIO’s” submenu.

“GPIO’s” submenu, accessed from the drop-down menu “Administration” by clicking on the
corresponding icon, allows you to check the functioning and perform basic operations of unit's
physical GPIO’s (the GPIQO’s are normally used in relation with other units and applications).
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5 NetBox Tool

EIBX

GPO's

T Low

Low ][

” Low

)| men ][ Low

F ot 02 03 04 05 06 07 08
4 [
onfiguration: HIGH Low Low Lo Low Low Lo Low
L
- 09 10 11 12 13 14 15 16
% @u|@
; [

]l Laow

][ Low Low

‘ %‘ Change Polarity GPO

‘ 01 02 03 04 05 06 07 08

10 11 12 13 14

15 16

®.

Firmware‘ Upgrade
]

‘ 09

When you press any of the 16 numbered buttons in “GPO’s” section (in the case of NETBOX
32) it is lighted in amber and the corresponding GPO of the unit changes to active status:

e in case that GPO is configured as "HIGH", the circuit between the
corresponding pin and the ground pin in DB15 connector of the unit gets
open.

e in case that GPO is configured as "Low", the circuit between the
corresponding pin and the ground pin in DB15 connector of the unit gets
closed.

In order to change the default configuration of a GPO closing and opening you must press the
associated button, that will change from "HIGH" to "Low" or vice versa, although changes will
not be applied until you press the button:

% Zhange Polarity GPO

and confirmation is provided in the window that appears:

Are you sure ko change Polarity?

2

In the case of NETBOX 8 there are only 4 GPI's and 4 GPO’s available, so that only 4
numbered buttons are shown in each section:
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The voltage and current limits for external power supply of GPO are 200 volts and 120mA.

The unit provides a +5V voltage in order to make easier GPQO’s cabling when the receiver unit
accepts logical levels and needs low charge levels. In order to use the voltage provided by the
unit, you have to connect the floating ground of GND pin to the connector chassis. A device with
a consumption lower that 3mA can be connected between GPO pin and the one with +5V
voltage.

When a GPI is activated in the unit (the circuit between the corresponding pin and the ground
pin gets closed), the corresponding button in “GPI's” section will light in amber. This GPI will be
also transmitted through the network to all the IP addresses configured in “Remote IP”
submenu (see section 7.2.4 of this manual). In order to activate a GPI with internal voltage, you
have to connect the floating ground to the connector chassis.

7.2.3. “DIGITAL 10” submenu.

“DIGITAL” submenu, accessed from the drop-down menu “Administration” by clicking on the
corresponding icon, gives access to an information window where you can check the digital
inputs and outputs format. These inputs and outputs are configured as AES/EBU by default and
can be configured as SPDIF by changing some internal jumpers. In the case of NETBOX 32
there are 8 digital inputs and 8 digital outputs.
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% NetBox Tool

Digital Inputs

DIGITAL INPUT 09 - AESZ

DIGITAL INPUT 10 - AES3

& DIGITAL IMPUT 11 - AESE

- DIGITAL INPUT 12 - AES3

3 DIGITAL IMPUT 13 - AES3
; DIGITAL INPUT 14 - AES3
DIGITAL IMPUT 15 - AES3

DIGITAL IMPUT 16 - AESZ

Y

N
e

s

Digital Outputs

DIGITAL OUTPUT 09 - AES3
DIGITAL OUTPUT 10 - AES3
DIGITAL OUTPUT 11 - AES3

DIGITAL OUTPUT 12 - AES3
DIGITAL OUTPUT 13 - 4ES3
DIGITAL OUTPUT 14 - AES3

DIGITAL OUTPUT 15 - AES3
DIGITAL OUTPUT 16 - AES3

®

®
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In the case of NETBOX 8 there are 2 digital inputs and 2 digital outputs , and besides the
second input/output can be configured by means of a switch in order to be available in DB15
connector or in USB connector and that configuration is also shown in this submenu:

Digital Inputs Digital Inputs

DIGITAL INPUT 02 - AES2 DIGITAL INPUT 03 - AES3
DIGITAL INPUT 04 - AES2 USE IMNPUT 04 - SPDIF

Digital Qutputs Digital Qutputs

DIGITAL OUTPUT 03 - AES3 DIGITAL OUTPUT 03 - AES3
DIGITAL OUTPUT 04 - AES3 USE QUTPUT 04 - SPDIF

7.2.4. “Remote |IP"” submenu.

"Remote IP" submenu, accessed from the drop-down menu “Administration” by clicking on the
corresponding icon, allows you to manage the virtual GPI's and GPO's.

The connection port is a fixed parameter (2001) and it's shown only for informative purposes.

"Virtual GPI Configuration

This section allows you to distribute remotely the GPI's status of a NETBOX unit in order to
activate the GPQO's of other NETBOX unit or other AEQ IP units as Forum, Capitol, Phoenix
audiocodecs, Systel IP and Audio+. The parameters of a virtual GPI are the control IP address
of the unit that will receive the GPI and an "Id" number (identifying number from 0 to 255) that
must be the same in transmission and reception units.

When you need to send the same virtual GPI to more than one unit, it should be sent to an IP
address of the authorized range for Multicast (224.0.0.0 a 239.255.255.255), so all the units that
must receive the unit's GPI's should be subscribed to this IP address.
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"Virtual GPO Configuration "

This section allows you to control from the corresponding GPI of a NETBOX or other AEQ IP
unit as Forum, Capitol, Phoenix audiocodecs, Systel IP and Audio+, the status of each one of
the NETBOX unit GPO's. The parameters of a virtual GPO are the control IP address of the
unit that will sent the GPI and an "Id" number (identifying number from 0 to 255) that must be
the same in transmission and reception units.

5 NetBox Tool Q@@
Remote 1Ps

Al Connection Port
port: |2001

Virtual GPO Configuration Virtual GPI Configuration
: (o] e | id | fopr] e ] ]
; | 4725 3k o 37a 2 _ ‘"172 e
b | Bk B0 B | o R A

o
1
:
2
I+
5

5
-

i wlellaolla = = =Y I

14 I8

) ) ) 75 95 91 ) 0090 ) ) 06 39 9 ) )

T

‘ i\“ Change Configuration GRO ‘ % Change Corfiguration GRI

[ Firmware Upgrade
]

The upper image shows an example where our NETBOX 32 unit's IP address is supposed to be
172.31.37.1.

The control of virtual GPO's from 1 to 8 is received from a unit with IP address 172.31.37.2, and
the "Id" numbers used in this match-up are the ones from O to 7.

The control of virtual GPO's from 9 to 16 is received from a unit that sends its virtual GPI's
through the Multicast address 225.0.0.1, and the "Id" numbers used in this match-up are the
ones from0to 7.

On the other hand, the virtual GPI's from 1 to 8 are sent to a unit with |IP address 172.31.37.3,
and the "ld" numbers used in this match-up are the ones from 0 to 7.

The virtual GPI's from 9 to 16 are sent to the Multicast address 225.0.0.2 in order to sent it to
other units that are subscribed to this IP address, and the "Id" numbers used in this match-up
are the ones from 0 to 7.

Once virtual GPO's and GPI's are configured, the changes will be applied by pressing “Change
Configuration GPO " and “Change Configuration GPI " buttons respectively. Then the unit will
reset.
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3 NetBox Tool

Remote 1Ps
Connection Port
Port: 2001 \

Waiting for reset ...

tion GPD % Char

rfiguration GPI

7.2.5. “Gains” submenu.

“Gains” submenu, accessed from the drop-down menu “Administration” by clicking on the
corresponding icon, allows you to configure the input and output gains of each one of the
analog and digital audio connections, adjusting inputs to the most proper level for transmission
through DANTE network and outputs to the necessary level for destination unit reception. In the
case of NETBOX 32 there are 8 analogue inputs/outputs  and 8 digital inputs/outputs.

3 NetBox Tool E”EHXl

- -
el Input Gains Output Gains

AMNALOG 01 L AMALDG 01 L
AMALOG O1R ode AMALOG O1 R 0de

ANALOG 02 L ode
AMALOG 02 R ode
AMALOG 03 L ode
AMALOG 03 R ode
ANALOG 04 L ode
AMALOG 04 R ode
AMALOG 05 L ode
AMALOG 05 R ode
AMNALOG 06 L ode
AMALOG OF R ode
AMALOG 07 L ode
AMALOG 07 R ode
AMNALOG 08 L ode
AMALOG 02 R ode
DIGITAL 09 L ode
DIGITAL 09 R ode
DIGITAL 10 L ode
DIGITAL 10 R ode
DIGITAL 11 L ode
DIGITAL 11 R ode
DIGITAL 12 L ode
DIGITAL 12 R ode

AMALOG 02 L 0de
AMALOG 02 R 0de
AMALOG 03 L 0de
AMALOG O3 R 0de
AMALOG 04 L 0de
AMALOG 04 R 0de
AMALOG 05 L 0de
AMALOG OS5 R 0de
AMALOG 06 L 0de
AMALOG 06 R 0de
AMALOG 07 L 0de
AMALOG 07 R 0de
AMALOG 08 L 0de
AMALOG 08 R 0de
DIGITAL 09 L Ode
DIGITAL 09 R 0de
DIGITAL 10L 0de
DIGITAL 10 R 0de
DIGITAL 11L Ode
DIGITAL 11 R 0de
DIGITAL 12 L 0de
DIGITAL 12 R 0de

e e e
e

DIGITAL 13 L 0de DIGITAL 13 L 0Ode
DIGITAL 13 R ode DIGITAL 13 R 0de
DIGITAL 14 L ode DIGITAL 14 L 0de
DIGITAL 14 R ode DIGITAL 14 R 0de
DIGITAL 15 L 0de DIGITAL 15 L 0de
DIGITAL 15 R ode DIGITAL 15 R 0de
DIGITAL 16 L 0de DIGITAL 16 L 0de
DIGITAL 16 R ode DIGITAL 16 R 0de

@‘ Change Input ‘ Q Save ‘ ‘ @‘ Change Output

In the case of NETBOX 8 there are 2 analogue inputs/outputs and 2 digital inputs/outputs
(the second one can be switched between DB15 connector and USB connector):
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*3 NetBox Tool

Administration

GPIO's

SMALOG 01 L
AMALOGO1R
AMALOG 02 L
AMALOG 02 R

DIGITAL O3 R
USB 04 L
USE D4R

ode
ode
ode
DIGITAL 03 L 0de [+]
ode
0de
ode

G 01 L

AMALOG O1R

AMALOG 02 L 0de [+]
AMALOG 02RO dB [+]
DIGITAL 03 L 0de [+]
DIGITAL O3 R 0de [+]
UsB 04 L 0de [+]
USE 04 R 0de [+]

@‘ Change Input

?

Save ‘ ‘ @‘ Change Qutput

When you select one of the inputs or outputs of the list and double-click on it (or press the
“Change Input ” or “Change Output " button), a window will appear allowing you to configure

that input or output gain.

% NetBox Tool

Digital 10

@

[ Firmware Upgrade |

INPUT ®
ANALOG 03 L
- +12dB
- - +11dB
Input Gains = _+'_ lgoddBB
ANALOGOLL OdB
ANALOGOIR  0dB - +8dB
ANALOG 2L O de - +7.dB
- +6dB
- +5dB
| +4dR
11 +3dB
- +2dB
- +1dB
- 0de
--1dB
- -2dB
ANALOGOEL  OdB
ANALOGDSR 0B - -3dB
DIGITALOSL  Dde - -4dB
DIGITALOIR 048 - 5dB
DIGITAL10L 048 - 5d
DIGITAL 10R 0 dB 6db
DIGITAL 111 0dB --7dB
DleTal 12p 04 e
DIGITAL 12R 0 d& -9dB
DIGITAL 131 O dg] --10dB
DIGITAL 13RO 38 --11dB
DIGITAL 14L O d8 S 12dB
DIGITAL 14RO dB
DIGITAL 1SL 0| --13dB
DIGITAL 1SR 0 dB - -15dB
DIGITAL 16L O d8 - 16dB
DIGITAL 16RO dB ladp
- -21dB
- -24dB
@‘ Changg . 30dB
- -INFO
In Phase
[ Stereo

R Ode
AMALOG 02 L 0de
ANALOGO2R OdE
ANALOG 03 L 0de
ANALOGO3R  OdB
AMALOG 04 L 0de
AMALOGO4R  OdB
AMALOG 05 L 0de
AMALOGOSR  OdB
AMALOG 06 L 0de
AMALOG OS8R OdB
AMALOG 07 L 0de
AMALOGO7R OdB
AMALOG 08 L 0de
AMBLOGOSR  Ode
DIGITAL 09 L 0de
DIGITAL 09 R 0de
DIGITAL 10L 0de
DIGITAL 10 R 0de
DIGITAL 11 L 0de
DIGITAL 11 R 0de
DIGITAL 12 L 0de
DIGITAL 12 R 0de
DIGITAL 13 L 0de
DIGITAL 13 R Ode
DIGITAL 14 L 0de
DIGITAL 14 R 0de
DIGITAL 15 L 0de
DIGITAL 15 R 0de
DIGITAL 16 L 0de
DIGITAL 16 R Ode

e o e ) -+~

Save ‘ 0‘ Change Qutput

The “In Phase” checkbox allows you to modify the input or output signal phase (the sign on the
right part of the line corresponding to the selected input or output changes from + to — or vice

versa):

In Phase

[]InPhase

ARAlOE 03 L

ARAlOE 03 L
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The “Stereo” checkbox allows you apply the gain changes, as well as the phase changes, to
stereo pair. It must be activated before modify those parameters, in order to apply them
simultaneously to L and R channels of selected input or output.

Stereo AMALOGD3L A OB
AMALOG O3 R 6 dB [+]

The “Save” button allows you to save the changes in the non volatile memory of the unit (that
way those changes will remain saved although the unit is turned off).

7.2.6. “About NetBox Tool " submenu.

“About NetBox Tool " submenu, accessed from the drop-down menu “Administration” by
clicking on the corresponding icon, shows the version and date of NetBox Tool application. It
also shows an image of the equipment type (NETBOX 8 or NETBOX 32) when connection is
established.

%2 NetBox Tool |Z||§HZ|

s - NetBox 8/32 AD

Audio Over IP Interface

Digital 10

@

Remote IP

T~
e

Gains

About NetBox Tool

NetBox Tool
[ Firmware Upgrade )| Version 2.0.0.1 - 07/06/2016

3 NetBox Tool |Z”EHX|

Administration

. NetBox 8/32 AD

Audio Over IP Interface

Digital 10

®©

Remote IP
I
-

Gains

About NetBox Tool

NetBox Tool B
[ Frmwareupgrade )| Version 2.0.0.1 - 07/06/2016 [
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7.3. Upgrading Tools.

“Firmware Upgrade
versions of the unit.

menu is a maintenance menu that allows you to update the firmware

IMPORTANT NOTE: Any operation in this “Firmware Upgrade” section of the Forum Setup
application should only be accomplished by qualified personnel in possession of all necessary
technical information relative to this system and with the possibility to establish a direct
communication with AEQ's technical support (sat@aeg.es).

In order to execute this menu available options, it is necessary to be in direct communication
with the AEQ NETBOX 8 or AEQ NETBOX 32 unit, through its Ethernet port. In case there is no
connection to unit, the associated submenus will be shown blank.

“Tree View " submenu, accessed from the drop-down menu “Administration” by clicking on the
corresponding icon, provides a global view of the system, with a tree structured diagram,
providing information regarding the currently installed firmware versions for each of the modules
of the unit. The equipment type (NETBOX 8 or NETBOX 32) is also shown.

% NetBox Tool E@@
Upgrade Tree View
—_—

| Firmware Upgrade

= = Serial Port - IP
=

Lo = g/ Netbox 32 AD

- B8 1.12 09/07/2014

-
i‘ 1.03 10/07/2014

The following icon represents unit’s micro or CPU ﬂ

The following icon represents unit's FPGA s

In order to upgrade the unit's firmware, place the pointer on its name, press the right mouse
button and then the “Upgrade” option that appears

= ~ Netbox 32 AD Upgrade J

BB 1.12 09/07/2014

: -
' i 1.03 10/07/2014
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®AEQ

In the new window that appears, press the D button and select the “AFU” upgrading file (AEQ
Firmware Upgrade) that contains the new version you want to load.

Upgrade El

Step 1.- Select AFU

Old Version:
New Version:

Once it's selected, the following window shows the old and new versions of the module to be
upgraded and allows you to start the upgrading process by pressing the “Upgrade” button.

Upgrade 3]
Step 1.- Select AFU
NETBOX_CPU_V01.20_06_08_16.AFU D
Old Version: 1.12 09/07/2014
New Version: 1.20 06/08/2016

Step 2.- Send Upgrade

Upgrade ‘

From this point on, the application changes automatically to “Upgrade View ” screen in order to
show you the upgrading progress:

Upgrade View

Firmware Upgrade o
Write

IIIIIIllIIIIIIIIIIIIIIIIIIIIIIII ]

Read

[

Info
Old Version: 1.1209/07/2014
New Version: 1.20 06/08/2016
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The following fields are visible on screen:

- “Write”: progress bar concerning the AFU file copy process from the computer that is
running application to the unit internal memory

- “Read”: progress bar concerning the AFU file reading process. Usually unseen due to
its rapidity.

- ‘“Info”: while upgrading is in progress it shows information regading old and new
versions of the module to be upgraded.

IMPORTANT NOTE: You should not act on the system and you must never turn off the
equipment during the upgrading process, since this action may deprogram the module that you
are trying to upgrade. There is no pre-established upgrading order.

“Log View " submenu, accessed from the drop-down menu “Administration” by clicking on the
corresponding icon, represents the record containing all the actions associated with a particular
upgrade process as a sequence of independent events chronologically ordered and allows you
to check whether the process ended correctly or not. This submenu provides complementary
information to “Tree View” and “Upgrade View” submenus.

% MetBox Tool @@@
[ Administration || [T,

Firmware Upgrade
Log

14.57:40,218 - Upgrading from version 1,12 09/07/2014 to version 1,20 06/08/2016
14:57:41.015 - Upgrading progress 10%
— = 14:57:41,156 - Upgrading progress 20%
14:57:41. 296 - Ungrading progress 30%
14:57:41.437 - Upgrading progress 40%
_ 14:57:41,578 - Upgrading progress 50%
14:57:41,718 - Upgrading progress 60%
14:57:41,859 - Upgrading progress 70%
14.57:41.984 - Upgrading progress 80%
14:57:42.125 - Upgrading progress 90%
14:57:42.281 - Upgrading progress 100%
1457142296 - Upgrade Successful
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8. TECHNICAL CHARACTERISTICS.

- Data format: DANTE Audio-over-IP technology.

- AVB - ready.

- Plug-and-play technology - automatic detection of the hardware and simple audio
routing.

- Precise sample-level synchronization, even through several switches.

- Very low and deterministic delay in the entire network.

- Flexible and scalable network topology, supporting a great number of audio transmitters
and receivers.

- Works in 100 Mbps, 1 Gbps and 10 Gbps networks.

- Supports a single integrated network used for audio, video, control and monitoring.
Compatible with other kinds of traffic using QoS management.

- Uses low-cost, off the shelf network infrastructure.

- 24-bit, 48 KHz. audio resolution.

- Delay: 1-1.5 ms (@ 48 KHz typical, depending on network performance and
complexity).

- 2 RJ45 Ethernet ports per interface, 1000 BASE-T, galvanically isolated, that can be
used for redundancy or daisy-chain connections.

- Binary rate: 10/100/1000 Mbps.

- Maximum segment length: 100m max. over CAT5e or better cabling.

Number of channels in each device.

- NETBOX 8: 8 bidirectional.

- CAPITOL IP: 16 bidirectional.

- FR14 (FORUM): 32 bidirectional.

- BC2214 (ARENA - BC 2000 D): 32 bidirectional.
-  NETBOX 32: 32 hidirectional.

- BC2224 (ARENA - BC 2000 D): 64 bidirectional.

February 2014. Specifications subjected to evolutionary changes. Download the latest version
of the manual at www.aeq.es, www.aeq.eu or www.aegbroadcast.com.
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9. A E.Q. GUARANTEE.

AEQ warrants that this product has been designed and manufactured under a certified Quality
Assurance System. AEQ therefore warrants that the necessary test protocols to assure the
proper operation and the specified technical characteristics of the product have been followed
and accomplished.

This includes that the general protocols for design and production and the particular ones for
this product are conveniently documented.

1.- The present guarantee does not exclude or limit in any way any legally recognized right of
the client.

2.- The period of guarantee is defined to be twelve natural months starting from the date of
purchase of the product by the first client.

To be able to apply to the established in this guarantee, it is compulsory condition to inform the
authorized distributor or —to its effect- an AEQ Sales office or the Technical Service of AEQ
within thirty days of the appearance of the defect and within the period of guarantee, as well as
to facilitate a copy of the purchase invoice and serial number of the product.

It will be equally necessary the previous and expressed conformity from the AEQ Technical
Service for the shipment to AEQ of products for their repair or substitution in application of the
present guarantee.

In consequence, return of equipment that does not comply with these conditions will not be
accepted.

3.- AEQ will at its own cost repair the faulty product once returned, including the necessary
labour to carry out such repair, whenever the failure is caused by defects of the materials,
design or workmanship. The repair will be carried out in any of the AEQ authorized Technical
Service Centre. This guarantee does not include the freight charges of the product to or from
such Authorized Technical Service Centre.

4.- No Extension of the Guarantee Period for repaired product shall be applied. Nor shall a
Substituted Products in application of this Guarantee be subject to Guarantee Period Extension.

5.- The present guarantee will not be applicable in the following situations:

improper use or Contrary use of the product as per the User or Instruction Manual; violent
manipulation; exhibition to humidity or extreme thermal or environmental conditions or sudden
changes of such conditions; electrical discharges or lightning; oxidation; modifications or not
authorized connections; repairs or non-authorized disassembly of the product; spill of liquids or
chemical products.

6.- Under no circumstances, whether based upon this Limited Guarantee or otherwise, shall
AEQ, S.A. be liable for incidental, special, or consequential damages derived from the use or
from the impossibility of using the product.

AEQ shall not be liable for loss of information in the disks or data support that have been altered
or found to be inexact, neither for any accidental damage caused by the user or other persons
manipulating the product.
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ANNEX 1: Troubleshooting.

This appendix reproduces the Dante original troubleshoot guide and questions asked frequently
by users and system integrators.

Al.1l. Messages on Startup.

Error Message Meaning & Actions

Dante Controller was unable to connect to the Conmon | Affects : Windows only.

manager. Dante Controller cannot function without this|Meaning: Dante  Control and
connection. This problem is most likely caused by the | Monitoring service is not
Conmon manager service or daemon stopping |responding.

unexpectedly. You may need to restart your computer | Action : Reboot your PC, or restart
or reinstall Dante Controller to repair this problem. this service via Control Panel >
Administrative Tools > Services.

Al.2. Computer Configuration Checklist.

Before installing Dante Controller, you must be logged in to your computer as a user with
administrator privileges.

To be correctly configured for use with a Dante network, the computer should have:

=  Dante Controller installed.
=  The correct network interface selected.
= The correct IP addresses in use.

A1.3. Thrid-party firewall configuration.

= Standard Windows and Mac firewalls are typically configured on installation.
= Third party firewalls will need to be manually configured.

If your computer has a third-party firewall installed, please read the Dante Controller and Dante
Virtual Soundcard User Guides for detailed information about firewall requirements and
configuration.

Al.4. Troubleshooting Dante IP Address Configuratio  n.

All devices in a Dante network, including Dante Virtual Soundcard, must be using IP addresses
from the same network. When using Dante Virtual Soundcard or Dante Controller, your PC or
Mac must be connected to the Primary Dante network, and must have a correct IP address.

Note: If a device name is shown in red, it means Dante Controller has automatically detected
an error condition. This will be either an IP address configuration issue, or the device has
entered failsafe. Double-click the red device name to see more information.

Al1.4.1. Correct IP configuration.

Dante hardware devices are set to obtain their IP address automatically from the network. They
will either:

= Automatically assign themselves an address in the range 169.254.*.* (172.31.*.* for the
secondary network if present), or
= Obtain an IP address from a DHCP server if it is present on the network

Dante Virtual Soundcard uses the IP address of the PC or Mac it is installed on. If the computer
has more than one wired Ethernet network interface, it will use the IP address of the selected
network interface.

Your PC or Mac TCP/IP network configuration set should be set to "Obtain an IP address
automatically". This way it will automatically acquire a Link Local automatic IP address in the
same network as other Dante devices. If a DHCP server is present, the computer and Dante
devices will all acquire their IP addresses via DHCP.
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Al1.4.2. Possible IP network configuration mistakes.

Possible network configuration errors are listed below. Dante Controller will try to automatically
detect these. If detected the offending device will be displayed in red.

Incorrect PC/Mac IP configuration
= Accidentally having multiple network interfaces with addresses in the same subnet
Incorrect general IP configuration

= Accidentally having multiple DHCP servers on the same network.
Unusual — for example, someone may have a PC connected to the network with a
DHCP server running that they’re not aware of.

= Incorrectly configured static IP addresses.
You shouldn't need to configure static IP addresses at all. If for some unusual reason
you do, it must be in the same subnet as the rest of the network.

Incorrect redundant network configuration

Setting up a redundant network is described in “Redundancy”. There are a few ways to
incorrectly configure a redundant network. More than one of these can be present at the same
time.

= Connecting the secondary interface of a Dante device to the primary network.
Most commonly by either misunderstanding how redundancy works, and using only one
switch with all cables connected to it; or correctly using two switches or networks, but
accidentally connecting one secondary cable to a primary network switch.

= Joining the primary and secondary Dante networks.
By connecting primary and secondary switches, or perhaps just using one switch.

= Multiple interfaces on the same device using the same IP address subnet.
Possibly by having the same DHCP server on both primary and secondary networks, or
both DHCP servers configured to serve the same IP addresses.

Al1.4.3. What are the symptoms of using the wrong ne  twork interface on my computer?

If you have more than one wired network interface, and Dante Controller is not using the
interface the rest of the Dante device are connected to:

= Dante Controller cannot see any Dante devices

= Dante Virtual Soundcard is not sending or receiving any audio when it is expected to
Al.4.4. How do | check which network interface my D ante Controller/Dante Virtual
Soundcard is using?

= The selected network interface can be viewed or changed via the ‘interface selection'

button “**| in the Network View toolbar of Dante Controller.

| Canfigure Dante Interf

Select the network interface that the Dante Controller
will use to communicate with other Dante devices:

Primary Interface: 1G : 10.12.0.130
: B4:2BrZBiRAALES4F

| Realtek
Secondary Interface: 16 IP: 127.31.169.228
L8l MAC: 00:E0:4C:50:1R:55
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= |t can also be viewed on the Dante Virtual Soundcard Settings tab

» If the Dante network is standalone and does not have a DHCP server installed, this
address should be 169.254 * *

= |f the Dante network is using a DHCP server, the IP address should conform to the
addressing scheme it is using (as shown in the image above)

Al1.4.5. How do | check IP addresses for all devices  on my network?

= Use the Dante Controller Device Status tab to view the IP addresses of all the devices
on your network.

Clock Status | Network Status | Events

Routing

Device Product Product Primary Primary Secondary Secondary
Hame Type Version Address Link Speed Address Link Speed
FOH-Console Bklyn2 3.6.4.18 10,12.0.193 1Gbps I r

= The Primary Address of all devices should follow the same IP address scheme (e.g.
169.254.** or 10.12.0.*%). Same for secondary addresses...

= Note that some older Dante devices or devices running older firmware may not show
this information.

A1.5. Troubleshooting Switch Configuration and Cabl ing.

Cables are the most vulnerable part of a network system. If you suspect cabling issues, check
for:

= Faulty or manually terminated cables

= Unplugged /badly connected Ethernet cables

= Incorrectly configured switches

= Dante devices removed or turned off

A1.5.1. Symptoms of switch or cabling issues.

= You cannot see (some) devices in the Dante Controller network view

= Dante Controller shows orange “unsuccessful subscription” icons, which usually means
a device that was present earlier is now missing

= Faulty cables can lead to intermittent faults, which may be heard as dropped samples or
“cracks” in the audio

= Dante devices may appear and disappear in Dante Controller

Al1.5.2. Switch and Cabling Checkilist.

= Are all the connected link/status lights on the switch lit, or flashing as expected?
0 Is the switch powered on?
o0 Is the cable correctly plugged in at the switch and the PC or
equipment?
= Is the switch correctly configured?
o0 Perhaps QoS or VLANs have been incorrectly set up
= Are you using a switch from another application with an unchecked or tested
configuration?
0 Consult the switch manual and check the switch configuration
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ANNEX 2: Installation details: configuration of ARE ~ NA consoles and BC2000D matrices
for use with AolP multichannel boards.

A2.1. Scope.

The purpose of this annex is to detail the default nomenclature of audio channels in ARENA
consoles and BC2000D matrices in order to ease installation and configuration of a
multichannel AolP audio system.

A2.1.1. ARENA, BC2000D and DANTE internal systems ¢ orrespondence.

Have in mind that the configuration of the input and output channels in the internal configuration
menus and configuration software for ARENA consoles and BC2000D matrices is not
transferred to the channels that appears in DANTE Controller application, so both systems must
be configured separately. Also note that:

« DANTE doesn’t support stereo lines, so different names are assigned to left and right
channels forming stereo line.

* ARENA displays support only up to 7 characters per normal label and up to 4 per short
label.

« BC2000D matrices configuration software has a “wizard” in order to create the lines
names automatically.

e The name of the internal bus or input routed to an output is sometimes more meaningful
than the output line name itself.

The names that are associated by default to input/output lines of BC2214 boards in ARENA
consoles and BC2000D matrices and to associated channels that appears in DANTE
CONTROLLER are detailed next, in order to ease a coherent configuration for both systems
and the routing between them.

ARENA console.
Inputs Inputs Reception channels
Labels in ARENA Short labels in ARENA Labels in DANTE Controller
AOIPO1 IPO1 BC2214 1L
BC2214 1R
AOIP0O2 1P0O2 BC2214 2L
BC2214 2R
AOIPO3 IPO3 BC2214 3L
BC2214 3R
AOIP0O4 IP0O4 BC2214 4L
BC2214 4R
AOIPO5 IP0O5 BC2214 5L
BC2214 6R
AOIP0O6 IPO6 BC2214 6L
BC2214 7R
AOIPO7 IPO7 BC2214 7L
BC2214 8R
AOIP08 IPO8 BC2214 8L
BC2214 8R
AOIP09 IPO9 BC2214 9L
BC2214 9R
AOIP10 IP10 BC2214 10L
BC2214 10R
AOIP11 P11 BC2214 11L
BC2214 11R
AOIP12 P12 BC2214 12L
BC2214 12R
AOIP13 IP13 BC2214 13L
BC2214 13R
AOIP14 IP14 BC2214 14L
BC2214 14R
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AOIP15 IP15 BC2214 15L
BC2214 15R
AOIP16 IP16 BC2214 16L
BC2214 16R

Outputs Outputs Transmission channels

Labels in ARENA Short labels in ARENA Labels in DANTE Controller

aoip01 ip01 BC2214 1L
BC2214 1R
aoip02 ip02 BC2214 2L
BC2214 2R
aoip03 ip03 BC2214 3L
BC2214 3R
aoip04 ip04 BC2214 4L
BC2214 4R
aoip05 ip05 BC2214 5L
BC2214 5R
aoip06 ip06 BC2214 6L
BC2214 6R
aoip07 ip07 BC2214 7L
BC2214 7R
aoip08 ip08 BC2214 8L
BC2214 8R
aoip09 ip09 BC2214 9L
BC2214 9R
aoip10 ipl10 BC2214 10L
BC2214 10R
aoipll ip11 BC2214 11L
BC2214 11R
aoipl12 ipl2 BC2214 12L
BC2214 12R
aoipl13 ipl13 BC2214 13L
BC2214 13R
aoipl4 ipl4 BC2214 14L
BC2214 14R
aoip15 ipl5 BC2214 15L
BC2214 15R
aoipl6 ipl16 BC2214 16L
BC2214 16R

BC2000D matrix.

Inputs Reception channels
Logical lines in Matrix Setup Labels in DANTE Controller
AOIP IN 0001 BC2214 1L
BC2214 1R
AOIP IN 0002 BC2214 2L
BC2214 2R
AOIP IN 0003 BC2214 3L
BC2214 3R
AOIP IN 0004 BC2214 4L
BC2214 4R
AOQIP IN 0005 BC2214 5L
BC2214 5R
AOIP IN 0006 BC2214 6L
BC2214 _6R
AOQIP IN 0007 BC2214 7L
BC2214 7R
AOIP IN 0008 BC2214 8L
BC2214 8R
AOIP IN 0009 BC2214 9L
BC2214 9R
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AOIP IN 0010 BC2214 10L
BC2214 10R

AOIP IN 0011 BC2214 11L
BC2214 11R

AOIP IN 0012 BC2214 12L
BC2214 12R

AOIP IN 0013 BC2214 13L
BC2214 13R

AOQOIP IN 0014 BC2214 14L
BC2214 14R

AOIP IN 0015 BC2214 15L
BC2214 15R

AOIP IN 0016 BC2214 16L
BC2214 16R

Outputs Transmission channels
Logical lines in Matrix Setup Labels in DANTE Controller

AOIP OUT 0001 BC2214 1L
BC2214 1R

AOQOIP OUT 0002 BC2214 2L
BC2214 2R

AOIP OUT 0003 BC2214 3L
BC2214 3R

AOIP OUT 0004 BC2214 4L
BC2214 4R

AOIP OUT 0005 BC2214 5L
BC2214 5R

AOIP OUT 0006 BC2214 6L
BC2214 6R

AOIP OUT 0007 BC2214 7L
BC2214 7R

AOQOIP OUT 0008 BC2214_8L
BC2214 8R

AOIP OUT 0009 BC2214 9L
BC2214 9R

AOIP OUT 0010 BC2214 10L
BC2214 10R

AOIP OUT 0011 BC2214 11L
BC2214 11R

AOIP OUT 0012 BC2214 12L
BC2214 12R

AOIP OUT 0013 BC2214 13L
BC2214 13R

AOIP OUT 0014 BC2214 14L
BC2214 14R

AOIP OUT 0015 BC2214 15L
BC2214 15R

AOIP OUT 0016 BC2214 16L
BC2214 16R

NOTE 1: When there is more that one BC2214 module in ARENA console or BC2000D matrix,
the devices will be labelled in DANTE Controller as BC2214-1, BC2214-2... BC2214-n in order

to identify them.
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NOTE 2: The previous tables show the names of the input/out lines and reception/transmission
channels that are configured by default and that can be edited by means of Console Setup,
Matrix Setup and DANTE Controller applications, just like the device names, depending on each
installation characteristics.

NOTE 3: When BC2224 modules are installed instead of BC2214 in ARENA console or
BC2000D matrix, the process is exactly the same but, instead of 16 stereo inputs and outputs,
there are 32 stereo inputs and outputs  available per device. The names of the lines in console
or matrix are the same but reaching 32 and the reception and transmission channels in DANTE
Controller will be changed to BC2224 11, BC2224_1R... BC2224 32L, BC2224 32R.
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ANNEX 3: Installation details: configuration of FOR UM and CAPITOL IP consoles for use
with AolP multichannel boards.

A3.1. Scope.

The purpose of this annex notes is to review and set the information of the FORUM and
CAPITOL digital mixing consoles User Manuals in order to ease installation and configuration of
a multichannel AolP audio system.

All the important adjustments required to configure inputs, outputs, assign faders and other
important issues (regarding internal routing in the equipment to integrate it into a multichannel
system) are reviewed below on the configuration software and the physical unit display screens.

A3.1.1. FORUM, CAPITOL and DANTE internal systems ¢ orrespondence.

Have in mind that the configuration of the input and output channels in the internal configuration
menus and configuration software for FORUM and CAPITOL IP consoles is not transferred to
the channels that appears in DANTE Controller application, so both systems must be configured
separately. Also note that:

« DANTE doesn’t support stereo lines, so different names are assigned to left and right
channels forming stereo line.

e FORUM and CAPITOL IP displays support only up to 6 characters per label.

e The name of the internal bus or input routed to an output is sometimes more meaningful
than the output line name itself.

The names that are associated by default to input/output lines of AolP boards in FORUM and
CAPITOL IP consoles and to associated channels that appears in DANTE CONTROLLER are
detailed next, in order to ease a coherent configuration for both systems and the routing
between them.

FORUM console.

Inputs Reception channels
Labels in FORUM Labels in DANTE Controller
AOIPO1 FORUM 1L
FORUM 1R
AOIP02 FORUM 2L
FORUM 2R
AOIP03 FORUM 3L
FORUM 3R
AOIP0O4 FORUM 4L
FORUM 4R
AOIPO5 FORUM 5L
FORUM 5R
AOIP06 FORUM 6L
FORUM 6R
AOIPO7 FORUM 7L
FORUM 7R
AOIP08 FORUM 8L
FORUM B8R
AOIPQ09 FORUM 9L
FORUM 9R
AOIP10 FORUM 10L
FORUM 10R
AOIP11 FORUM 11L
FORUM 11R
AOIP12 FORUM 12L
FORUM 12R
AOIP13 FORUM _13L
FORUM 13R
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AOIP14 FORUM 14L
FORUM 14R
AOIP15 FORUM _15L
FORUM 15R
AOIP16 FORUM 16L
FORUM 16R
Outputs Transmission channels
Labels in FORUM Labels in DANTE Controller
aoip01 FORUM 1L
FORUM 1R
aoip02 FORUM 2L
FORUM 2R
aoip03 FORUM 3L
FORUM 3R
aoip04 FORUM 4L
FORUM 4R
aoip05 FORUM 5L
FORUM 5R
aoip06 FORUM 6L
FORUM 6R
aoip07 FORUM 7L
FORUM 7R
aoip08 FORUM 8L
FORUM 8R
aoip09 FORUM 9L
FORUM O9R
aoip10 FORUM 10L
FORUM 10R
aoipll FORUM 11L
FORUM 11R
aoipl12 FORUM 12L
FORUM 12R
aoipl3 FORUM 13L
FORUM 13R
aoipl4 FORUM _14L
FORUM 14R
aoip15 FORUM 15L
FORUM 15R
aoipl6 FORUM 16L
FORUM 16R

NOTE 1: When there are 2 FR14 modules in FORUM console, the devices will be labelled in
DANTE Controller as FORUM-1 and FORUM-2 in order to identify them.

When there is more than one FORUM console in the system, the devices will be labelled in

DANTE Controller as FORUM1-1,

FORUMN-2 in order to identify them.

FORUM1-2, FORUM2-1, FORUM2-2... FORUMN-1,
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NOTE 2: The previous tables show the names of the input/out lines and reception/transmission
channels that are configured by default and that can be edited by means of FORUM Setup and
DANTE Controller applications, just like the device names, depending on each installation

characteristics.

For example, in a configuration where PROGRAM, AUDITION and AUX1 internal buses are
routed to the first 3 outputs of AolP board, these transmission channels could be renamed in
DANTE Controller as follows in order to easily identify them:

FORUM buses

Outputs

Labels in FORUM

Transmission channels
Labels in DANTE Controller

PROGRAM aoip01 FORUM_PROGRAM _L
FORUM _PROGRAM R
AUDITION aoip02 FORUM_AUDITION L
FORUM_AUDITION R

AUX1 aoip03 FORUM AUX1 L

FORUM_AUX1 R

CAPITOL IP console.

Inputs Reception channels
Labels in CAPITOL IP Labels in DANTE Controller
AOQIPO1 CAPITOL_1L
CAPITOL_1R
AOIP02 CAPITOL_2L
CAPITOL_2R
AOQIPO3 CAPITOL_3L
CAPITOL_3R
AOIP0O4 CAPITOL_4L
CAPITOL_4R
AOQIPO5 CAPITOL_5L
CAPITOL_5R
AOIP06 CAPITOL_6L
CAPITOL_6R
AOIPO7 CAPITOL_7L
CAPITOL_7R
AOQIPO8 CAPITOL_8L
CAPITOL_8R
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Outputs Transmission channels
Labels in CAPITOL IP Labels in DANTE Controller

aoip01 CAPITOL 1L
CAPITOL 1R
aoip02 CAPITOL 2L
CAPITOL 2R
aoip03 CAPITOL 3L
CAPITOL 3R
aoip04 CAPITOL 4L
CAPITOL 4R
aoip05 CAPITOL_5L
CAPITOL_5R
aoip06 CAPITOL_6L
CAPITOL 6R
aoip07 CAPITOL_7L
CAPITOL_7R
aoip08 CAPITOL 8L
CAPITOL 8R

NOTE 1: When there is more than one CAPITOL IP console in the system, the devices will be
labelled in DANTE Controller as CAPITOL-1, CAPITOL-2... CAPITOL-n in order to identify
them.
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NOTE 2: The previous tables show the names of the input/out lines and reception/transmission
channels that are configured by default and that can be edited by means of CAPITOL IP Setup
and DANTE Controller applications, just like the device names, depending on each installation

characteristics.

For example, in a configuration where PROGRAM and AUDITION internal buses are routed to
the first 2 outputs of AolP board, these transmission channels could be renamed in DANTE

Controller as follows in order to easily identify them:

CAPITOL IP Outputs Transmission channels
buses Labels in CAPITOL IP Labels in DANTE Controller
PROGRAM aoip01 CAPITOL PROGRAM L
CAPITOL PROGRAM R
AUDITION aoip02 CAPITOL_AUDITION L
CAPITOL AUDITION R
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A3.2. Configuration software.
A3.2.1. “Administration " menu.

A3.2.1.1. “Configurations " submenu.

[ capitcl 1P Setup

Configurations
Offline Operations

T

=aren

Online Operations

Capitol IP address: \
m Disconnect = ' Reset
172.31.34.1 .

S |

% Send Configuration

AOIP
ENABLED

Licenses

Madi: LOCKED
Virtual: LOCKED
Screen: LOCKED

Gl )

The following options appear once the connection between the computer where application is

installed and the console is established.

« “AOIP": In the case of CAPITOL IP console, this section indicates whether the AolP
(audio over IP) functionality is “ENABLED” at physical level or not (‘DISABLED”), that is, i
whether the IP module is installed in the audio core or not.

In the case of FORUM console, allows you to active
at physical level the AolP (audio over IP) function.
When you press the associated button, a window
will appear allowing you to configure the maximum
number of channels that could be activated: 32 (1
FR14 module) or 64 (2 FR14 modules):

AOIP
DISABLED &

-
ACIR

[

Number of channels
@ Disabled
© 32 Channels
= 64 Channels

‘ mCancel H %Sﬁt ‘

* ‘“Licenses ": allows you to activate the MADI link functionality. You must purchase a
mandatory usage license first. For more information, please consult the console user

manual.

IMPORTANT NOTE: MADI functionality is not compatible with AolP (audio over IP)
functionality, both options can't be active at the same time.
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A3.2.2. "Hardware Configuration " menu.

A3.2.2.1. “Board Configuration " submenu.

[ [ B [

E Capitol IP Setup

Administration

Board Configuration

Console Configuration
@ 8 Faders - 2 CACH Modules
I
P i Module Configuration
Slot Number | IO Ccard Model
'Slot 01 CAD3 - MIC/LIN Audio Card
Slot 02 :CADB - MIC/LIN Audio Card
Slot 03 |can4 - Analog Audio Inputs Card
Sl.ot 04 :CAU4 = Analog Audm Inpu.ts Card
Slot 05 CAOS - Analog Audio Qutputs Card
Slot 06 CA02 - Digital Audio O Card
Slot 07 .CA22 - USB Audio /O Card
h Slot 08 |€A33 - Hybrid Audio Card
\ b Bttt | it b deratass

Internal Module/Virtual - Configuration

Option Config

m 7Interna\ Module - MADL/AQIF/AES

Click to [CONFIG]
Click to [CONFIG]
Click to [CONFIG]
Click to [CONFIG]
Click to [CONFIG]
Click to [CONFIG]

Internal Module - 8 x GPI
Internal Module - 8 x GPO
B Internal Module - 4 x RELAY
ﬂ :\’IRTUAL GPI- 0 x GPI o

l‘.n’IRTUAL GPO - 0 xGPO

Programmable Configuration

Firmware Upgrade

In order to configure the multichannel modules, first you need to access the “Internal Module -
MADI/AOIP/AES” option for CAPITOL IP, or "Internal Module - MADI/AOIP” in the FORUM
case, by clicking first “Click to [CONFIG]” and then clicking again on the “CONFIG” button that
will appear.

A window will appear then, comprising 2 tabs in FORUM and 3 in CAPITOL IP.

IMPORTANT NOTE: MADI and AolP functions are mutually EXCLUDING, so they can not be
enabled at the same time. In order to change from MADI tab to AolP tab, the first one must be
“Disabled”, and the same the other way round.

MADI: the first tab allows the user to configure the synchronous AES 10 MADI link. For more
information, please consult the console user manual.

AOIP: the second tab allows the user to configure the asynchronous AolP link based on
DANTE technology.

- -
H Internal Module Configuration - MADILAOIP/AQIP @ E Internal Maodule Configuration - MADI/AQIP/ACIP/AES L&J
Int. Module Configuration - MADL/AOIP Int. Module Configuration - MADI/AOIP/AES
MADI | AOIP [MADI | AOP |[aES |
Disabled " Disabled
32 Channels
@ 64 Channels ® 16 Channels
Sync Used Sync Used
@ Master Values between B @ Master Values between 16
1 and 64 3 1 and 16
Slave channels ~ Slave channels
m Cancel oK m Cancel ‘ o
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The configuration options are as follows (the last 2 are displayed only when the option is
enabled):

o “Disable“: to deactivate it.

0 “16 Channels “ (for CAPITOL IP): activates it with a maximum of 16 channels.

0 “32 Channels “ (for FORUM): for the activation of a single FR14 module in slot 14, with
a maximum of 32 channels.

0 “64 Channels “ (for FORUM): for the activation of two FR14 modules, one in slot 14 and
the other in 13, with a maximum of 64 channels.

0 “Sync*": allows you to configure whether the console will use the synchronism extracted
from AolP link (“Slave”; slot 14 prevails over slot 13 in FORUM console) or not

(“Master”).
0 “Used“: allows you to configure how many of the available mono channels are actually
in use.

AES: this tab appears only in CAPITOL and allows you to configure if you want to synchronize
the console using the external synchronism received in AES11 format through AES3/SPDIF
digital audio input 1: in that case, you must configure this option as “Slave”. It's not possible to
use WORD CLOCK external synchronism.

r |
[ Internal Module Configuration - MACIACIP/ACIP/AES  (NEESE

AES Sync

@ Master

1 slave

m Cancel | oK

"VIRTUAL GPI" and "VIRTUAL GPO" options, at the bottom of "Internal Module/Virtual -
Configuration” submenu, allow you to configure the virtual GPIOs of the console. For more
information, please consult the user's manual of the unit.

W

FORUM EXTERNAL SYNC.

There is an independent RJ45
connector for external sync input
(AES11 or Word Clock) in the
common inputs and outputs module
at the back panel, including a
follower  synchronization  output
(AES11 or Word Clock) independent
of the rest of digital outputs (see user
manual for the product).

If a valid external AES11 or Word
Clock synchronization signal is
present, this one prevails over the
external sync configuration on multichannel link (MADI or AolP). If this signal is not present,
then the external synchronization can be obtained from the multichannel link (MADI or AolP) by
configuring the “Slave” mode in the corresponding tab.

If the “Master” mode is selected in the multichannel link tab and there is no external sync input,
then local synchronization is selected using the console internal oscillator.
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CAPITOL IP EXTERNAL SYNC.

The external AES11 synchronization input is shared with AES3/SPDIF
digital audio input 1 located in the back panel of the audio “Core”, so it AES 1N 1-4 1 SYNC

can be enabled or disabled by using the “AES” tab; it's not possible to e
use Word Clock external synchronism. Any digital audio output can be !"

used as a follower AES11 sync output.

If the “Slave” mode is selected in the “AES” tab, then external AES11 sync is enabled. If a valid
AES11 signal is provided in the AES3 digital audio input 1, this synchronization prevails over
the external sync configuration on multichannel link (MADI or AolP). If this signal is not present,
then the external synchronization can be obtained from the multichannel link (MADI or AolP) by
configuring the “Slave” mode in the corresponding tab.

If the “Master” mode is selected in the multichannel link and “AES” section and/or there is no
external sync input, then local synchronization is selected using the console internal oscillator.

A3.2.2.2. “I/O Configuration ” submenu.

From Factory, all inputs are labeled in capitals by default and all outputs are labeled in
lowercase letters.

By default, AolP inputs are sequentially labeled as AOIP 01, AOIP 02,... (in capitals), and
outputs are labeled as aoip 01, aoip 02,... (in lowercase letters). They are also all stereo by
default.

@ Forum Setup lﬂ‘ﬁ
YT N 1/0 Configuration
Inputs
e 1d \ ‘Lahe\ |Mnde| |Cnnﬁg I:t
nfl 71 USB4 |FR22 - USB Audio /O Card Click to [CONFIG]
S ] 113 TB MIC TB MIC Click to [CONFIG]
Il 125 AOTPOL FR14 - AQIP Audio /0 Card Click to [CONFIG]
Il 127 AOTFO2 |FR14 - AOTF Audio /O Card | Click to [CONFIG] D
; 1] 129 ADIPO3 |FR14 - AOIP Audio /0 Card |Click to [CONFIG]
o Il 131 AOIPD4 |FR14 - AQIP Audio 1O Card |click to [CONFIG]
f Il 133 AOTFOS FR14 - AOTP Audio /0 Card Click to [CONFIG]
Il 135 ACIPOS |FR14 - AOTF Audio /O Card | Click to [CONFIG]
Il 137 AOTFO7 |FR14 - AOTF Audio /O Card |Click to [CONFIG]
N 1320 A‘ﬂTPI‘IH‘_ 'KF"1‘1 = AF]‘I‘D__m.IHIIr.\ TN Card :Fiml' r.n [COMERZ] E
e W Outputs
1d Label Model |C0nﬁg Iﬂ
63 dig 4 FROZ - Digital Audie /O Card Click to [CONFIG]
Il 65 ush 1 |FR22 - USE Audio YO Card | Click to [CONFIG] 0
f\ Il 67 ush 2 |FR22 - USB Audio 1O Card |Click to [CONFIG] D
{_x : 69 usb 3 :FF£22— UsBe Audlé 1/0 Card :C\.lck t.o [CONFIG] |
71 ush 4 |FR22 - USB Audio /O Card Click to [CONFIG]
toring Configuratio Il 125 avipil FR14 - AOIP Audio /O Card Click to [CONFIG]
Il 127 aoip02 |FR14 - AOTF Audio /O Card |Click to [CONFIG]
= Il 129 a0ip03 |FR14 - AOTP Audio /O Card |Click to [CONFIG]
Il .131‘am|:|E|4 FR14 - AOQIP Audio /O Card .C\ICk to [CONFIG]
Programmable Configuration L] 122/ aninns ER1d - ANTE Andin TN Card lick tn TCAMETET E
Firmware Upgrade |

Inputs configuration

By clicking on “Click to [CONFIG]” of a multichannel input and then clicking again on the
“CONFIG” button that appears, the advanced configuration menu is accessed. When
configuring a multichannel input, the fields displayed in the following image can be edited.
Please note “Mono” and “Hidden” options (if the input is configured as “Visible” it will be possible
to associate it to a fader).
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E AQIP Input Configuration 2% |
INPUT HW: 14.03

Label Fader Start
AQIPOZ2 _None -

Remote ON/OFF

Mone -
Mute
Mone -
Hidden Mono
@ Visible @ Stereo
" Hidden ~) Mono
Studio On Air Control On Air
@ No @ No
i Yes & Yes

NN

Headers: indicates the type and position of the module that is configured at that moment.

o0 “AolP Input Configuration ": means that an “AolP” type input is being configured.
o “INPUT HW:xx.0y ": means that we are setting the input "y" of the card located in the
slot xx. For instance:
=  “INPUT HW:14.01"; means that input “1” of a card located in the virtual slot
14, assigned to the AolP board in CAPITOL IP, is being configured.
=  “INPUT HW:14.03": means that input “3” of a card located in the slot 14,
assigned to the first AolP board in FORUM, is being configured.
=  “INPUT HW:13.01": means that input “1” of a card located in the slot 13,
assigned to the second AolP board in FORUM, is being configured.

“Label”: alphanumeric name of the channel. Maximum number of characters
recommended is 6. This is the name that appears on all displays and menus of the AEQ
FORUM or CAPITOL IP control surface.

“Fader Start”; allows you to select a GPO to perform the Fader-start function for this
channel. “None” indicates there is no Fader-start function associated to that channel.

“Remote ON/OFF": allows you to select a GPI to perform the remote start function for
this channel (Channel ON/OFF key on control surface). “None” indicates there is no
Remote ON/OFF function associated to that channel.

“Mute”; allows you to select a GPI associated with the function to mute the channel
selected upon receiving a remote command. “None” indicates there is no Mute function
associated to that channel.

“Hidden ": allows you to select whether the selected input channel can be associated
(“Visible™) or not (“Hidden”) to a channel from AEQ FORUM or CAPITOL IP control
surface through “FADER” menu. An example of a typically “Hidden” signal would be the
time TOPS.

“Mono”: allows you to define whether the selected input channel is Mono or Stereo. By
default, all the input channels (except the mic/line inputs) of AEQ FORUM and CAPITOL
IP are defined as Stereo. If any channel is re-configured to Mono it will result in an
incremented number of the listed available input channels: one Stereo channel is
converted into two Mono channels.

“Studio On Air ": associates the activation of Channel ON/OFF key of this channel in
FORUM (Channel ON key in CAPITOL IP) with the triggering of a GPO for the “ON-AIR”
lights of the Studio room. It also associates the studio monitors muting. Typically you
would associate this function to microphone channels.
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“Control On Air ": associates the activation of Channel ON/OFF keys of this channel in
FORUM (Channel ON key in CAPITOL IP) with the triggering of a GPO for the “ON-AIR”
lights of the Control room. It also associates the muting of the control monitors and the
CUE bus. Typically you would associate this function to auto-control microphone channel.

Outputs configuration

When configuring a multichannel output, “aocip1” in this case (outputs are labeled in lowercase
letters by default) the fields depicted in the following image can be edited. Please note “Mono”
and “Default routing” options (that last is where a signal will be received from: either directly

from an input without passing through a fader, or from an internal sum bus).

P B [ B |
@ Cutput Configuration [ﬁ @ Output Configuration @
OUTPUT HW: 14.01 OUTPUT HW: 14.01
Label Label
aoip01 aoip01
Default Routing Default Routing
Program | Program | -
LABEL ltvee o |«
Maono
- AOIF30 Inputs 183
@ Stereo
AQIP31 Inputs 185
~) Mono AOIP32 Inputs 187
Program Mixer 193
Audition Mixer 195 |
o Aux1 Mixer 197 ]
L Aux 2 Mixer 199
Cue Mixer 201 (=

Headers:

0 “OUTPUT HW:xx.0y ": means that we are setting the output "y" of the card located in
the slot xx. For instance:

=  “OUTPUT HW:14.01": means that output “1” of a card located in the virtual
slot 14, assigned to the AolP board in CAPITOL IP, is being configured.

= “OUTPUT HW:14.01": means that output “1” of a card located in the slot 14,
assigned to the first AolP board in FORUM, is being configured.

=  “OUTPUT HW:13.01": means that output “1” of a card located in the slot 13,
assigned to the second AolP board in FORUM, is being configured.

“Label”. alphanumeric name of the channel. Maximum number of characters
recommended is 6. This is the name that appears on all displays and menus of the AEQ
FORUM or CAPITOL IP control surface (by default outputs are labeled in lowercase
letters).

“Default Routing ": allows you to configure the signal routed by default to that output
channel. You can select any input channel (“Inputs” in “Type” column) or any of the
internal summing buses (“Mixer” in “Type” column). By default, inputs are labeled in
capitals.

“Mono”; allows you to configure the logical output channel as Mono or Stereo. By default,
all the outputs channels of AEQ FORUM or CAPITOL IP are defined as Stereo. If any
channel is re-configured to Mono it will result in an incremented number of the listed
available output channels: one Stereo Channel is converted into two Mono channels.
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®AEQ

“Routing Configuration” submenu of “Programmable Configuration” menu allows you to define
the cross-points between input channels or internal summing buses and output channels or
internal summing buses. The entire set of cross-points available on the mixing console is
arranged in a table with the following fields:

A3.2.3. “Programmable Configuration " menu.

A3.2.3.1. “Routing Configuration " submenu.

e “Id Routing ": internal numeric identifier for the input channel or the summing bus.

* “Routing ": "LABEL" of the input channel or summing bus.

e “Type”: type of channel used in the cross-point: “Input” for input channels and “Mixer” for
internal summing buses.

e “Id Output " internal numeric identifier for the output channel.

e “Output ”: "LABEL" of the output channel.

E Forurm Setup @M

Id Routing Routing Type Id Output Output
193 Program Mixer 41/ana 1

195 Audition Mixer 43ana 2

197 Aux 1 Mixer 45 ana 3

199 Auwx 2 Mixer 47 ana 4

193|Program Mixer 57|dig 1

195/ Audition Mixer 59dig 2

197|Aux 1 Mixer 61/dig 3

199 Auwx 2 Mixer 63|dig 4

193|Program Mixer 65|usb 1

185 Audition Mixer 67 ush 2

197|Aux 1 Mixer 63/usb 3

199 Aux 2 Mixer 71lush 4

3 193 Program [Mixer 125 aoip0l
195/ Audition Mixer 127 acip02

197 Auwx 1 Mixer 129 a0ip03

199 Aux 2 Mixer 131 |aoipD4
207 MPX 1 Mixer 133 aoipls

208 MPX 2 Mixer 135 acip06

125 AOIFO1 Input 197 Aux 1

127 AOIPO2 Input 199 Aux 2

\ 52 pelete Routing l l B\ Insert Routing

“Insert Routing " button allows you to create a cross-point through a simple process that allows
you to select an input channel or an internal summing bus as the source, and an output channel
or an internal summing bus as the destination. “Delete Routing ” button allows you to eliminate
the selected cross-point (confirmation is requested).

P = o i T )
E Insert Routing M E Insert Routing u
Inputs and Mixer Buses Inputs and Mixer Buses
(ANA 4 [=] ANA 4 =]
Outputs Outputs
aoip10 =] fopo B
a0ip07 1d 137 B -
a0ip08 d 139
aoip09 Id 141 14
a0ip10 |1d 143 A ‘ m oK ‘ ‘ Cancel ‘
L_laoipll Id 145 = I
“—aoip12 d 147
acipl3 Id 149 F:
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A3.2.3.2. “SnapShot Configuration " submenu.

“SnapShot Configuration” submenu of “Programmable Configuration” menu allows you to
manage the different configurations memories stored in console and available to operators
through the internal menu of the main screen of the Control and Monitoring section of AEQ
FORUM or CAPITOL IP control surface.

This configuration allows us to specify how the input signals from a multichannel AolP card are
asigned to a fader’s configuration.

& Forum setup Lo 0 ]

T e | SnapShot Configuration
Hardware m@uraﬁnn SnapShots

i

d |Labe| |User Name |C0ﬂfig |
0test 1 Admin | Click to [CONFIG]
: |Admin | click to [CONFIG]

| Click to [CDNFIG]_
4|SnapShot 4 Admin |Click to [CONFIG]
5/Snapshot 5 | Admin Click to [CONFIG]
6/Backup |Admin |lick to [CONFIG]

i
L [

-
i

vﬁeﬁ"ﬁ .". 1
i H ke
Firmware Upgrade

The main screen of this submenu is presented as a list of all the snapshots stored (there are up
to 7 available snapshots), ordered by their “Id” and with a “Label” or name as identifier.

The advanced configuration menu of each one of the snapshots is accessed by clicking “Click
to [CONFIG] " and then clicking again on the |E| button that will appear.

The available options in the snapshots advanced configuration menu, affecting the multichannel
signals in particular, are the following ones:

e “Label”: name or alphanumeric label for the snapshot memory.

e “Faders”: section where several drop down menus allows the user to assign a previously
created audio input channel to each one of the physically present faders on the control
surface (up to 8 for CAPITOL IP, up to 12 in FORUM and up to 20 for GRAND FORUM).
These faders are numbered from left to right, starting in 1 up to 8 in CAPITOL IP and to
20 in FORUM. In the case of AEQ FORUM console, the number of faders to configure
will depend on the quantity of 4-fader independent modules (FRCH) installed on the
control surface (1, 2 or 3 modules in FORUM, meaning up to 4, 8 or 12 channels,
respectively; or 1 to 5 modules in GRAND FORUM, meaning a maximum of 4, 8, 12, 16
or 20 channels, respectively).

e “Configure Inputs & Outputs ": this button gives you a quick access to the advanced
configuration section for audio inputs and outputs channels, presented in two consecutive
columns.

« “OK": allows you to accept the created or edited configuration.
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have made is saved.

-
Snapshot Configuration
Label
test1
Faders
Fader 01 Fader 08 Fader 15
TB MIC ~ | [anA 3 - -
Fader 02 Fader 09 Fader 16
IMIC 1 ~| lanas4 - v
Fader 03 Fader 10 Fader 17
MIC 2 ~| pe 1 - -
Fader 04 Fader 11 Fader 18
MIC 3 | bic 2 - | -
Fader 05 Fader 12 Fader 19
MIC 4 ~| DG 3 v v/
Fader 06 Fader 13 Fader 20
JANA 1 - - -
Fader 07 Fader 14 Talkback MIC
EANA 2 v' | - Self-Cantral v
Configure Inputs & Outputs
e

Studio
[] Program
["] Audition
Sel Input

[ Cue
[T sel

DIG 1

Sel Out

[Mone

Control
[ Program
["] Audition
Sel Input

[7] Cue
Sel

iNone

|

Sel Out

=

@~

-

Advanced configuration of inputs

SAEQ

e “Cancel”: allows you to reject the created or edited configuration. No change you m

Within the “Configure Inputs & Outputs” advanced configuration screen, accessed by pressing
the corresponding button, the left part of the screen shows the complete list of all the available

audio input channels.

E Configure Inputs & Outputs m-‘
test 1
Inputs Outputs
Input * |Label Config - Outp * |Label Config -
63|D1G 4 Click to [CON| | | s9ldig2 Click to [CONF|
65|USB 1 Click to [CON| 61|dig 3 |Click to [CONF—,
67|USB 2 Click to [CON 63|dig 4 | Click to [CONF
69|USB 3 Click to [CON— b 65usb1 |Click to [CONF
71|uss 4 |Click to [CON | 67|usb 2 |Click to [CONF
113(TB MIC Click to [CON | 69 ush 3 |Click to [CONF
125 ADIPO1 Click to [CON | 71lusba |Click to [CON
127|p0tP02 Click to [CON 125/ a0ip01 | click to [conE
129|AOTPO3 laicktorconl | []  127/a0ipo2 |Click to [CONE
131/ A0TPO4 Click to [CON || 129/acipn3 | Click ta [CONE
133|AOIPO5 Click to [CON 131 aoip04 | Click to [CONE
135 AOIPOG Click to [CON | 133]acipos | Click to [CONE
137|A0IPO7 |Click to [CON | 135/a0ipos |Click to [CONF
139 AQTPO8 | Click to [CON || 137|acipo7 | Click to [CON
141|A01P08 (Click to [CON || 139/acipos | Click to [CONF
141 |20ip0a |click to [con
145/AQIP11 |Click to [CON E || 14300ip10 |click to [cont[~]
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Three columns are shown:

“Input ”: shows the internal numeric identifier for the input.

“Label”: shows the name or label associated to the channel.

“Config ”: allows you to configure the associated options for that input channel from a
specific screen. You can access by clicking “Click to [CONFIG] " and then clicking again

on the |E| button that will appear.

SnapShot Input

test1 AOIP10

Routing Balance/Panorama Digital Sound Processes
" Compressor/Limiter

iy ;
Audition [ g I Acinen
et M| s 0 +15(R)  Noise Gate
Aux 2
Active
Buttons
Equalizer -
= Active v | Configure ‘
ON Button v —_
OFF Button Low Pass Filter
Active

High Pass Filter

Active

s
nup Load Preset

| @ox | | [ cancer

From left to right and from top to bottom the available options are:

Name of the snapshot (SnapShot 2 in the example).

Name of the channel (AOIP10 in the example).

“Routing ": allows you to configure the initial activation (or not) of the quick routing keys
that are available above each fader channel of console control surface (please note that
in CAPITOL IP “Aux 1" and “Aux 2” don't have a dedicated key).

“Balance/Panorama ": allows you to manage the initial balance or panoramic control for
this input channel.

“Buttons ”; allows you to configure the initial status of the PFL sending button (“CUE")
and for the CHANNEL ON/OFF keys (mutually excluding) present in AEQ FORUM
control surface (only CHANNEL ON in CAPITOL IP).

“Digital Gain ": allows you to control the initial input gain of the selected channel from -
12dB to +12 dB, by means of a graphical representation of a sliding fader.

“Fader”: allows you to configure the initial virtual position of that channel fader.
IMPORTANT NOTE: This configuration will take effect when that channel is not
associated to a physical fader in the control surface; when it's associated to a fader, the
value corresponding to that physical fader position will be taken.

“Digital Sound Processes ": allows you to configure and activate/deactivate initially the
available processes for that channel or, by means of “Load Preset ” button, to select and
load a previously created preset.

“OK": allows you to accept the created or edited configuration.

“Cancel”: allows you to reject the created or edited configuration. No change you may
have made is saved.
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Advanced configuration of outputs

Within the “Configure Inputs & Outputs” advanced configuration screen, accessed by pressing
the corresponding button, the right part of the screen shows the complete list of all the available
audio output channels. Three columns are shown:

e “Output ": shows the internal numeric identifier for the output.

» “Label”: shows the name or label associated to the channel.

e “Config ": allows you to configure the associated options for that output channel from a
specific screen. You can access by clicking “Click to [CONFIG] " and then clicking again

on the |E| button that will appear.

SnapShot Output

test 1
aoip03

Digital Gain

12 -8

b A

From left to right and from top to bottom the available options are:

* Name of the snapshot (SnapShot 2 in the example).

« Name of the channel (aoip03 in the example).

« “Digital Gain ": allows you to control the output gain of the selected channel from -12dB
to +12 dB, by means of a graphical representation of a sliding fader.

e “OK": allows you to accept the created or edited configuration.

e “Cancel”: allows you to reject the created or edited configuration. No change you may
have made is saved.
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A3.3. Multichannel audio configuration internal men u options.

Among other options, the internal menu allows for the online modification of the routing
configured from the setup software, and also the activation of the different memories or

@ AEQ ADMIM

shapshots.

@ ?gRQIUM ADMIH

Tuesdays 21712718 Fridads

7:13:14
CLOCK maleisln I-IEI-IIZIF:'.’ M= N

A3.3.1. “MEMORY” menu.

1“'4@-4
CLOCK Saleiulll MEMORY Glst@in

This menu enables you to manage the configuration memories as snapshots. In two
consecutive screens, the 7 memory positions available for user-defined configurations are
shown.

Each one of these memory positions stores all of the parameters in use at that time in each one
of the console channel: gain, phase and balance configuration, “PROGRAM”", “AUDITION”",
“AUX1", “AUX2" and/or “CUE” routing activation, configuration/activation of equalizers, filters
and/or dynamics processes and channels activation/deactivation (ON/OFF). No fader position is
stored, because these are set manually. The memory position also stores the activation of
signals sending to control and studio monitoring (by means of the keys placed under the
corresponding displays), but not the position of the 3 associated encoders.

The first of these screens displays the first 4 memory positions for user-defined configurations,
and the second shows the following 3 memory positions. You can shift between these two
screens by turning any of the associated encoders as you move through the complete list of
snapshots stored at that time. The memory that is selected at any time is highlighted.

17
ﬂTiTnilllllﬁﬁllﬁiﬂli

21-12-16
21712718
S=la LOAD
Each stored memory is identified by its name and the date on which it was created. The names

of the memories are editable from the configuration software. The options available through the
contextual keys below the screen, from left to right, are:

« “BACK": pressing this key allows you to return to the previous menu screen. No change
you may have made is saved.

* “SAVE": stores in the selected memory position the configuration of the console at that
moment. The system will ask for your confirmation (in the screen that appears, you can
confirm by pressing “SAVE” again or return to the memories list by pressing “BACK”).

e “LOAD" allows you to load the configuration you stored previously in the selected
memory position. The system will ask for your confirmation (in the screen that appears,
you can confirm by pressing “LOAD” or return to the memories list by pressing “BACK").

You can also create snapshots with different configurations from the configuration software.
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A3.3.2. Multichannel routing configuration.

¥

~h AEQ
<) FORUM

MBTM fEN SELECT MENU
BACK Malaa SETUP Sz ACK REOUTPUT

Pressing the “MENU” key in the initial screen will take you to the “MAIN MENU” screen and,
from this one, by pressing “SELECT” you can access to the menu that allows you to perform
advanced configuration of audio inputs/ouptus, internal routing and processes. There are two
options, “INPUT” and “OUTPUT", within “SELECT” menu.

A3.3.2.1. “INPUT” menu.

This menu shows a list of all the audio input logical signals defined in the system from the
configuration software. For more information, see section “A3.2. Configuration software ” in
this appendix or section 4 in the users manual of the console.

0;1;? L LHET S
TEL @1
TEL 82
AOIF 1
HA0IP 2
BACK

You can access a more complete description of each one of the input audio channels by turning
any of the 3 associated encoders and pressing then the “OK” contextual key or any of these
encoders. The information showed on this screen, from top to bottom and left to right, is:

« Name of the channel , in alphanumeric format containing up to 6 characters. This is the
same identifier as the one shown in the channel display.

GAIM FHASE EALANCE
EACE. aNRIEE ECUAL 21=2ad

* Hardware corresponding to the audio input of this channel, in format HW: xx.yy, where xx
is the number of the virtual slot where this inputs/outputs module is installed, and yy is the
audio channel of this inputs/outputs module. In stereo channels, yy represents the audio
channel corresponding to the left channel of the stereo pair. The right channel
corresponds to the number just above.

e Graphic representation of three encoders associated with the GAIN, PHASE and
BALANCE fields. By operating on the rotary encoders associated with the main screen in
the Control and Monitoring section, you can change the values:
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0 GAIN: configurable between -12dB and +12dB for line level inputs and between
-36dB and +19dB for mic level inputs. The field is configured with the default
value of 0dB.

o0 PHASE: allows you to modify the input signal phase among +/+, +/-, -/+ and -/-
for stereo signals, and among + and — for mono signals.

0 BALANCE: enables you to modify the balance between the L and R channels

in stereo signals.
By pressing this encoder , you can configure the sending mode of the stereo
input signal toward the stereo outputs that it is routed to. The options that
appear successively when you press the encoder are: L-L (only the L input
channel is sent to L and R output channels), R-R (only the R input channel is
sent to L and R output channels) and R-L (the R input channel is sent to the L
output channel and the L input channel is sent to the R output channel). If you
press the enconder once more, it returns to the normal working mode (L-R).

NOTE: When the input audio channel selected in the “INPUTS” list is assigned to a fader
channel, you can also access to this advanced information screen by pressing the “SELECT”
key of the corresponding channel, working this key as a quick access to this submenu.

The four contextual keys under the display are associated with the four options shown in the
bottom line of the screen:

“BACK™: pressing this key allows you to return to the previous menu screen.

“DYNAM”: allows you to access to the menus for configuration and activation of
dynamics effects included in AEQ FORUM and CAPITOL IP: Compressor/Limiter and
Noise Gate. For more information, please consult the unit manual.

“EQUAL": allows you to access to the menu for configuration and activation of Equalizers
and Filters included in AEQ FORUM and CAPITOL IP. For more information, please
consult the unit manual.

“NEXT": allows you to access the additional information mena about the audio signal
present in this input channel, where you can also change the signal assigned to that
channel and modify its internal routing.

Expanded information menu: accessing  “FADER" and “ROUTE" menus.

Pressing the “NEXT” contextual key from the advanced information menu of an audio input
channel will give you access to the advanced information section of that channel. It maintains a
structure similar to the base menu. Analyzing from left to right, top to bottom, we can recognize:

MADI1® HWs1?7.19

MADI ON Madi
RSYNC ON STEREOD

LINK OK
BACK FRDER =isikhs=

Name of the channel , in alphanumeric format containing up to 6 characters. This is the
same identifier as the one shown in the channel display. By default, it will be MADI 01,
MADI 02,... MADI 32 if the interconnection is made by means of stereo MADI links, or on
the other hand AOIP 01, AOIP 02,... AOIP16 if the interconnection is made by means of
one AOIP card stereo link, or alternatively AOIP 01, AOIP 02,... AOIP 32 if the
interconnection is made by means of two AOIP cards stereo link.

Hardware corresponding to the audio input of this channel, in format HW: xx.yy, where xx
is the number of the slot where this inputs/outputs module is installed, and yy is the audio
channel of this inputs/outputs module. In stereo channels, yy represents the audio
channel corresponding to the left channel of the stereo pair. The right channel
corresponds to the number just above.

Channel type: mic/line, analogue, digital, USB, MADI or AolP.
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* Indicators related to the specific hardware configu ration: “MADI ON” or “AolP ON” to
indicate that it is active, “RSYNC ON” to indicate that external synchronization is active
and “LINK OK” to indicate that the physical link is up.

e Indication of MONO or STEREO signal.

The contextual keys under the display are associated with the three options shown in the
bottom line of the screen:

«  “BACK": pressing this key allows you to return to the previous menu screen.

« “FADER”: allows you to assign another input channel to the physical fader where this
signal is currently found.

« “ROUTE": gives you access to the menu for control and configuration of the internal
routing of the equipment.

“FADER” menu.

This submenu is displayed as a list of all the inputs available in the system (except the ones that
are yet assigned to a fader). You can make your selection by turning any of the associated
encoders and then pressing any of them or the “OK” contextual key to confirm the selection that
is highlighted at that moment.

The “BACK” contextual key allows you to return to the previous menu screen without changed

o¢:-;- ADIFP 7

Fader: 5l

the assigned signal.

BACK

“ROUTE" menu.

From this internal submenu you can manage the internal routing of signals in the console. You
can access from the advanced information menu of an audio input channel and that submenu
shows an alphabetical list of all of the outputs present in the console, followed by the internal
summing buses (“Program”, “Audition”, “Aux1” and “Aux2”), the monitoring buses (“Cue”,
“Studio” and “Control”) and finally the MPX buses.

The operation of the three associated encoders is as follows:

e Left: turning this encoder allows you to scroll through the several audio outputs and
buses on the list. Pressing this encoder allows you to return to the previous menu screen
(the changes you may have made are saved).

< Centre: turning this encoder has no associated function. Pressing this encoder allows you
to return to the previous menu screen (the changes you may have made are saved).

¢ Right: turning this encoder enables you to modify the gain in the cross-point of the
highlighted output or bus between -99.8dB and +12dB. By default, all of the cross-points
will be configured with a 0dB gain. Pressing this encoder allows you to return to the
previous menu screen (the changes you may have made are saved).

¢? AODIP 7 ¢7 ADIP 7
+aoir 1 G:+068.6 +Program G:i+08.8
aoir 2 G:+88.06 Audition G:+80.8

0-3;-?- ADIP 7 -
dana 1 BG:+688.8
ana 2 G:+806.8
aonir 3 G:+86.6 Aux 1 G:+88.8
aoir 4 G:+88.8 Aux 2 Gi:+88.6
BACK “uul DEL NN BACK e\ DEL MA

ana 3 G:+68,8
ana 4 G:+88.8
BACE =“«xl DEL M3
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In the first image, by clicking “ADD” and the “OK” the “AOIP7” input of the AolP multichannel link
is sent directly to “aoip 1” output. In the second one, to “Program” bus, and in the third image, to
“ana 1 output”. By default, all are stereo signals, unless the user configures the opposite.

The operation of the contextual keys, from left to right, is as follows:

« “BACK": pressing this key allows you to return to the previous menu screen (the changes
you may have made are saved).

< “ADD": enables you to create the cross-point toward the output signal or bus that is
highlighted at that moment.

« “DEL": enables you to delete the cross-point toward the output signal or bus that is
highlighted at that moment.

« “OK": pressing this key allows you to return to the previous menu screen (the changes
you may have made are saved).

The routing toward the “Program”, “Audition”, “Aux1” and “Aux2” internal buses works in a
different way depending on the assignment of the selected input to a fader or not:

* when the input is assigned to a fader and, in the previous list, you select “Program” bus
(for instance), when you press the “ADD” key the routing key (“PROGRAM” in this case)
of the channel is activated (the associated LED is lighted). In the display, the cross-point
toward that bus appears for a moment and then dissappear. The “DEL” key has no
associated function in that case (you must press the “PROGRAM” channel key to
deactive that routing). If now you press the “ON” key of the channel, the cross-point
appears now in the display (if you rise the fader, the “ON AIR” indicator will light); in that
case, the “DEL” key allows you to deactive the routing toward that bus (the cross-point
disappear and the “PROGRAM” channel key turns off).

* when the input is not assigned to a fader and, in the previous list, you select “Program”
bus (for instance), pressing the “ADD” key is equivalent to set that input “ON AIR” (the
cross-point appears and, if gain is not configured at its minimum value, signal is sent to
that bus). The “DEL” key allows you to deactive that routing (the cross-point disappears).

A3.3.2.2. “OUTPUT” menu.

This menu shows a list of all the audio output logical signals defined in the system from the
configuration software, followed by the internal summing buses (“Program”, “Audition”, “Aux1”
and “Aux2”), the monitoring buses (“Cue”, “Studio” and “Control”) and finally the MPX buses.
For more information, see section “4. CONFIGURATION SOFTWARE" in the unit manual.

Program aoir 1 HW:17.81

Int.Bus G:+20.8 Madi

STEREO STEREOD

TONE  =ANEa TONE  SDOmais

You can access a more detailed description of each one of the output audio channels by turning
any of the 3 associated encoders and pressing then the “OK” contextual key or any of these
encoders. The information showed on this screen, from top to bottom and left to right, is:

* Name of the channel , in alphanumeric format containing up to 6 characters.

« Hardware corresponding to the audio output of this channel, in format HW: xx.yy, where
xX is the number of the virtual slot where this inputs/outputs module is installed, and yy is
the audio channel of this inputs/outputs module. In stereo channels, yy represents the
audio channel corresponding to the left channel of the stereo pair. The right channel
corresponds to the number just above.

«  Graphic representation of an encoder associated with the GAIN field. By turning the first
associated encoder you can configure gain between -12dB and +12dB. The field is
configured with the default value of 0dB.

< Indication of audio signal type: analogue, digital, USB, MADI or AolP.

e Indication of MONO or STEREO signal.
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The contextual keys under the display are associated with the three options shown in the
bottom line of the screen:

“BACK™: pressing this key allows you to return to the previous menu screen. The gain
configuration you may have made is saved. You can also return to the previous screen by
pressing any of the three associated encoders.

“TONE”": controls the tone generator associated with that physical output. The tone
generated is 1 KHz. Its activation is identified through the LED of the contextual key. To
modify its level, you need only to change the output gain associated with that channel
from the rotary encoder associated with “GAIN” control.

“ROUTE": this submenu allows you to manage the internal routing of the signals of the
console toward that output signal or bus. It is displayed as a list of all the inputs channels
connected to that output at that moment. By turning the first encoder you can go round
the cross-points list. You can activate or deactivate the selected routing by means of
“ADD” and “DEL” contextual keys and you can modify the cross-point gain (between -
99.8dB and +12dB) by turning the third encoder.

$+7 - Program
+HOIFP 2 WMG:+80.8

ACK "=l DEL nA
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ANNEX 4: Installation details: configuration of NET

A4.1. Scope.

BOX 8 and NETBOX 32.

The purpose of this annex is to detail the default nomenclature of audio channels in NETBOX 8
and NETBOX 32 in order to ease installation and configuration of a multichannel AolP audio

system.

A4.1.1. NETBOX 8, NETBOX 32 and DANTE internal syst ems correspondence.

Have in mind that:

« DANTE doesn’t support stereo lines, so different names are assigned to left and right

channels forming stereo line.

* The names of the input and output lines for NETBOX 8 and NETBOX 32 that appear in
NetBox Tool application are not editable.

The names that are associated by default to input/output lines of NETBOX 8 and NETBOX 32
(as they appear in NetBox Tool application) and to associated channels that appears in DANTE
CONTROLLER are detailed next, in order to ease a coherent configuration for both systems
and the routing between them.

NETBOX 8.
Inputs / Outputs Reception / transmission channels
Labels in NetBox Tool Labels in DANTE Controller

ANALOG 01 L NBOX8 1L

ANALOG 01 R NBOX8 1R

ANALOG 02 L NBOX8 2L

ANALOG 02 R NBOX8 2R

DIGITAL O3 L NBOX8 3L

DIGITAL 03 R NBOX8 3R

DIGITAL 04 L NBOX8 4L

DIGITAL 04 R NBOX8 4R

NETBOX 32.
Inputs / Outputs Reception / transmission channels
Labels in NetBox Tool Labels in DANTE Controller

ANALOG 01 L NBOX32 1L
ANALOG 01 R NBOX32 1R
ANALOG 02 L NBOX32 2L
ANALOG 02 R NBOX32 2R
ANALOG 03 L NBOX32 3L
ANALOG 03 R NBOX32 3R
ANALOG 04 L NBOX32 4L
ANALOG 04 R NBOX32 4R
ANALOG 05 L NBOX32 5L
ANALOG 05 R NBOX32 5R
ANALOG 06 L NBOX32 6L
ANALOG 06 R NBOX32 6R
ANALOG 07 L NBOX32 7L
ANALOG 07 R NBOX32 7R
ANALOG 08 L NBOX32 8L
ANALOG 08 R NBOX32 8R
DIGITAL 09 L NBOX32 9L
DIGITAL 09 R NBOX32 9R
DIGITAL10L NBOX32 10L
DIGITAL10R NBOX32 10R
DIGITAL 11 L NBOX32 11L
DIGITAL 11 R NBOX32 11R
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DIGITAL12 L NBOX32_12L
DIGITAL 12 R NBOX32_12R
DIGITAL 13 L NBOX32_13L
DIGITAL 13 R NBOX32_13R
DIGITAL 14 L NBOX32_14L
DIGITAL 14 R NBOX32_14R
DIGITAL 15 L NBOX32_15L
DIGITAL 15R NBOX32_15R
DIGITAL 16 L NBOX32_16L
DIGITAL16 R NBOX32_16R

NOTE 1: When there is more than one NETBOX in the system, the devices will be labelled in
NETBOX8-n or

DANTE Controller

as NETBOX8-1, NETBOXS8-2...
NETBOX32-2... NETBOX32-n in order to identify them.

@aDante’

Filker Transmitters

Filker Receivers

+| = Dante Receivers
+BC2214
+ CAPITOL
+INETBOX32
+METBDXE-1

—IMETBOXE-2
MECRS_1L

MECRT_ZR.
MECRT_3L
MECRE_3R.
MECKS_4L
MECKT_4R
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as NETBOX32-1,

NOTE 2: The previous tables show the names of the input/out lines and reception/transmission
channels that are configured by default. These last ones can be edited by means of DANTE
Controller application, just like the device names, depending on each installation characteristics.
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ANNEX 5: DANTE based AEQ AolP Ethernet Switches.
A5.1. General configuration of DANTE based AEQ AolP  Ethernet Switches.
The vast majority of AEQ AolP systems will require a network switch.

This document will provide information which will help the decision of which switch to purchase
and provides data for its correct configuration.

Requirements:

e Switch must be Gigabit rated (1000 Mbps)

e Quality of Service (QoS) with four queues

« Diffserv (DSCP) QoS with strict priority

* A managed switch is required to allow custom configuration as well as detailed
operation information

«  Switches prioritise packets using DSCP/Diffserv Values. The packet priority values used
for Dante have been chosen to make it simple to configure QoS with a wide range of
switches. Some switches require additional configuration to recognise and prioritise
specific DSCP values. The table below shows the various Diffserv Code Points (DSCP)
packet priority values: |

Priority Usage DSCP Label Hex Decimal Binary

High Time critical PTP events CSs7 0x38 56 111000
Medium Audio PTP EF 0x2E 46 101110
Low (reserved) Cs1 0x08 8 001 000
None Other traffic BestEffort 0x00 0 000000

Whilst most switches support DSCP they may default to either not using it, or having the
priorities incorrectly mapped for AEQ AolP / Dante. For this reason, managed switches must be
used in an AEQ AolP system. Managed switches allow the user to interrogate and, if necessary,
change the settings of the switch, usually via a web interface. Some switches came with EF
(Audio) prioritised over CS7 (Clocking). If Audio packets are prioritised above PTP (sample
clock timing) packets, it can lead to higher clock jitter and longer lock times. In extreme
situations (high audio traffic), it could lead to a network node loosing sync and dropping audio
packets because the sample timing has become skewed.

Please refer to the user documentation of your specific switch for more information regarding
configuring QoS.

Whilst not an exhaustive list, the following switches were found to be suitable for RedNet after
the aforementioned setup was carried out:

« Cisco SG300
¢ Cisco SG200
¢ Netgear GS724T

A5.2. Configuration of CISCO SG 200 family of switc  hes for Dante-based AEQ AolP.

AEQ can provide properly configured CISCO SG200 switches on demand. If the switch from a
third party, you must set it up according to the following procedure:

Configuration procedure for the Cisco SG200 family of switches for use with DANTE technology

1. Change the IP address of the computer used to configure the switch, so it falls in the
192.168.1.xxx range.

2. Using an Internet browser, type the address 192.168.1.254 in the URL bar and then type:
User: cisco
Password: cisco
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You will be asked to change the password the first time you access the switch configuration.

iy Switch

= 2 € [[1192.168.1.24 | =

% Esta pagina est4 escrita en | inglés = | éQuieres traducirla? ‘Traducir| |@ Configuracion -

:

] ; -
cisco  SWiteh !

tems, Inc. andiat its aml

(aS Properties

Queus

CoS/802.1p to Queue

IP Precedence to Queue
Rate Limit Profile
Interface Rate Limit
Traffic Shaping

We will see some decimal values and a priority:
Ingress DSCP= <decimal value>
Output Queue=Priority (1 corresponds to the lowest priority, 4 is the highest)

' Ingress DSCP Output Queue [

0(BE) \1_v|

4. Change the following priorities in the corresponding decimal numbers:

56(CS7=4)
46(EF=3)
8(CS1=2)
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DSCP to Queue Table
Ingress DSCP | Output Gueue | | Ingress DSCP | Cutput Queue | Ingress DSCP | Output Queue | Ingress DSCP | Output Gueue
0{BE) 1w 16(C52) 2w 32(C54) 3w 48(CEB) 3w
1 1w 17 2| 33 3w 49 3
2 1w 18(AF21) 2w JAAFA1) 3w 50 3w
3 1w 19 2| 35 3w 81 3
4 1w 20(AF22) 3w IBCAF4Z) 3w 52 3w
& 1w 21 2| 37 3w 53 3
B 1w 22(AF23) 3w JB(AF43) 3w 54 3w
7 1w 23 2| 39 3w 55 3
B(CS1) I ow | 24(C53) 3w 40(C55) 4w 56(CST) 4 |
9 1w 25 3| 41 4 v 57 3w
10AF11) 1w 2B(AF 31 3w 42 4w 58 3w
11 1| 27 ERL 43 1w 59 3w
12(AF12) 1w 28(AF3D) 3w 44 4w 60 3w
13 1| 29 ERL 45 1w 1 3w
14(AF13) 1w 30(AF33) 3w 4B(EF) 3w | 62 3w
14 1 3 ERL 47 4% 63 3w
Queue 1 has the lowest priarity, queue 4 has the highest priority.
[ Apphy ] [ Cancel ] [ Restore Defaults l

5. Apply the changes, and a Save button will appear in the top area of the screen:

"Il'lll' Small Busin « Save cisco l_an age

cisco SG 200-08 8-Port Gigabit Smart Switch ——

6. By clicking on the Save button, you will be redirected to another page to save the values in
the switch.
Click on Apply.

atfrar e, 2mal . - : * cisco  Laniuane: Logout Abaut  Help
cisco SG 200-08 8-Port Gigabit Smart Switch —

ating2taen “| copy/save Configuration
| * Status and Statistics
B Bourte File klame &) Running Configuration
Startup Configuration
Backup Canfiguration

O
- O
Managementinterface O Mior Gonfiguration
1O}
@]

UserAccounts
Managerment Senices Destination File Name
ldle Session Tirmeout

Startup Configuration
Backup Configuration

Lagin Bessions

Login Histary gl Cancel

Time Setings

Systern Log

File Management
pgradeigatkup Firn
DownlogdiBackup C)
Delete Configuration —
DHCP Auto Conflguri

Rehot :

Fing

Control Packet Forwari
Diagnostcs

Discoven_j-- Bonjour
Discovery - LLDF-MED

DHCE Options

P Part Matacerment
< Il |

22010 Cisca Systerns Inc. All Rights
192168, | 25¢/FleManzgementCopyFiss. itmi
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ANNEX 6: Additional information.

NOTE: This equipment complies with the limits for a Class A digital device, pursuant to
part 15 of the FCC Rules. These limits are designed to provide reasonable protection
against harmful interference when the equipment is operated in a commercial
environment. This equipment generates, uses, and can radiate radio frequency energy
and, if not installed and used in accordance with the instruction manual, may cause
harmful interference to radio communications. Operation of this equipment in a residential
area is likely to cause harmful interference in which case the user will be required to
correct the interference at his own expense.

@aDante’

Dante™ is a trademark of Audinate Pty Ltd.

Product includes license from Audinate Pty Ltd under US patent number(s) 7747725,
8005939, 7978696, 8171152 and others.Visit Audinate website for more details on Dante:
http://www.audinate.com/
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