
Audio over IP
Routing System

IP-based multi-channel 
audio network

Multi-channel audio connectivity in program production 
centres through simple Ethernet cabling

Based upon                   technology and compatible in its native form with more 
than 600 products from over 200 manufacturers. Other third party product 
compatibility is ensured through the compliance with AES 67

AES67

Audio over IP

by



• TP 8116: 2 bidirectional.

• TP 8416: 2 bidirectional.

• VENUS 3: 4 bidirectional.

• NETBOX 4 MH: 4 bidirectional.

• NETBOX 8 AD: 8 bidirectional.

• AUDIO PLUS: 8 bidirectional.

• CAPITOL IP: 16 bidirectional.

• FR 14 (FORUM IP): 32 bidirectional.

• BC 2214 (ARENA – BC 2000 D - CONEXIA): 32 

bidirectional.

• NETBOX 32 AD: 32 bidirectional.

• BC 2224 (ARENA – BC 2000 D): 64 bidirectional.
 

NUMBER OF CHANNELS IN EACH DEVICE

General Features

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, the cost of large TDM systems can be reduced in 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 digital 
consoles, but also connection panels that allow for audio input 
and output installation wherever it’s necessary, as well as access 
cards for the AEQ BC2000D router.

In order to complete the range of AoIP networked products from 
AEQ the VENUS 3 IP AudioCodec has also been provided with 
AoIP networking capabilities. This is the first IP Audio-
Codec on the market to support native  Networks.

As the family of KROMA Intercom Systems became an integer 
part of AEQ’s product range, we have added to this family a range 
of Intercom systems with broadcast quality audio and that benefit 
from AoIP Networking interoperability and simplicity of wiring and 
installation. We have also ported our popular Commentator 
Systems Olympia to these intercom systems.

On the other hand, AEQ insists on offering interoperability with 
third party devices for the convenience of our customers. Because 
of that, the AEQ AoIP solution is based on             t e c h n o l o g y 
that is operating with extraordinary performance, making our 
systems 100% compatible with the majority of equipment for 
Broadcasting, Recording Studios and Professional Audio (see full 
listing at www.audinate.com).

On the other hand and in order to offer interoperability with the 
remainder of third party manufacurers (RAVENNA, WHEATNET, 
AXIA…) we have adopted the AES 67 standard for audio applica-
tions of networks - High-performance streaming audio-over-IP 
interoperability”

• 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.

• Double Ethernet Audio over IP connections on all AEQ products. 

• Standalone, double audio over IP interfaces, making audio input 
and output connections to central controls, link dispatches, analog 
studios, radio and TV studios and broadcast control rooms, repor-
ter cabins and any other location where AoIP networking capa- 
bility, Intercom Audio and/or integrated control could be required.

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

• Data transport between devices that allows the converting a GPI 
on one device into a GPO on another device in the network.

• 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 self network infrastructure.

• 24-bit , 48 KHz. audio resolution.

• Delay: 1-1.5 ms (@ 48 KHz typical, depending on type of device, 
network performance and complexity).

• Available version that allows to operate over very long distance 
WAN structures with up to 170 ms of latency.

• 2 RJ45 Ethernet ports per interface, 1000 BASE-T,or 100 BASE 

• T depending on the device, transformer 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.

Technical Specifications

General Description



AEQ Components
ARENA Console. BC 2214 and BC 2224 cards
BC 2214 and BC 2224 AoIP cards are designed to be installed in BC2000D frames used in AEQ 
ARENA digital mixing consoles.

The first version connects 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. For very large 
scaled systems and implementations, a BC2000D frame can be equipped with as many BC2214 
cards as needed; they can be connected to one or several Gigabit Ethernet networks. AEQ also 
offers BC 2224, a version of the BC2214 AoIP card aimed to this kind of systems and that features 
64 input and 64 output channels. Both cards have two Ethernet ports (LAN1 and LAN2) with activity 
LEDs.

Besides several AoIP BC2214 / BC 2224  cards, the BC 2000D frame can be equipped with a 
number of synchronous TDM access MADI ports for routing as required.

FORUM IP - GRAN FORUM IP console. FR14 card
FR 14 AoIP card is installed as any other input/output card at the rear panel of the FORUM IP 
console. It connects up to 32 input and 32 output channels to the unit’s TDM bus. The FR14 card 
features two Ethernet ports (Main and Back-up), both including activity LEDs. The same console 
can be equipped with up to two FR 14 AoIP cards. It is not compatible with the MADI option.

CAPITOL IP Console
CAPITOL IP is an 8 channel digital mixing console.  IP connectivity in CAPITOL IP console is imple-
mented through a single module with 16 input and 16 output channels incorporated in its core, and 
excludes MADI connectivity. So the rear panel comes with two pre-cut holes for both Ethernet 
connectors. CAPITOL IP consoles can have a single multichannel access: IP or MADI, depending 
on configuration.

virtual sound card/ Broadcast Automation Application Suite - 
AEQ AudioPlus
Being an open system, any third-party device compatible with technology can be 
incorporated. Among them, the “Dante Virtual Soundcard” is especially interesting, as a comple-
ment to the equipment presented by AEQ. Any computer with “Dante Virtual Soundcard” installed 
can receive and send channels from / to AEQ consoles and matrixes. This software can be 
downloaded, in trial and full versions at www.audinate.com www.audinate.com. A basic 
implementation of the "Dante Virtual Soundcard" is to monitor different signals available 
on the network from a PC.

AEQ has developed AudioPlus, an automation system for broadcast production and audio 
content play-out for PC networks. AudioPlus has a “no-soundcard” option that links your 
audio inputs and outputs with Dante Virtual Soundcard. Thus, the AudioPlus can record up 
to 4 stereo sudio sources from any device on the network and simultaneously play-out four 
stereo signals onto the DANTETM network that would be available for any device needing 
them.
 

Control software
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.

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.

Audio quality: AEQ audio over IP implementation does not limit audio quality; it only produces a 
small delay around 1 ms, easily configurable as a function of the network performance. The AEQ 
AoIP solution provides the same optimum audio quality as our present consoles and digital routers.



AEQ Components
IP Audiocodec 

PHOENIX VENUS 3. Dual line IP AudioCodec   
AEQ VENUS is a dual IP stereo, full duplex audiocodec system that operates on Ethernet IP 
Networks, for example through and ADSL connection. With a single unit it is possible to establish 
two bi-directional stereo or four mono (to one or two different locations). Designed to meet the 
international recommendation N/ACIP EBU Tech3326. The unit has balanced analogue Audio 
Inputs and Outputs through XLR connectors as well as digital audio AES/EBU I/O’s. Dual network 
port, dual RS232 ancillary data link, optional 48V DC supply input, additional DANTE local network 
audio inputs and outputs, compatible with AES 67 standard.

NETBOX audio interfaces

We present three different interfaces for multi-channel AoIP under the common name NETBOX. The 
interfaces allows for the Audio Input and Output system connectivity and GPIOs at locations 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 + 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 GPO connector includes a power supply pin to feed the 
output 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 matrixes such as the 
AEQ BC 2000D. Dimensions: 1 U x 19”. Depth: 356mm. Weight: 3,5 kg.

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 GPI 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: 1U x ½ 19”,(207x41mm). Depth: 300 mm.

NETBOX 4 MH 
IP Audio Interface with 4 mic/line inputs and 4 line + 4 stereo headphone outputs and software 
remote gain control. Microphone Inputs provides Phantom Power. This unit covers the need for 
Microphone inputs and headphone outputs for example, radio and TV studios, stage or multimedia 
installations. The multichannel IP connectivity Audinate DANTE™ protocol makes the Inputs of the 
unit available at any point of the network. As a complementary feature, the unit is sporting the same 
inputs and outputs as analogue balanced line Inputs and Outputs. Whenever used is in a Studio 
environment the 4 GPIO’s for signalling as well as the additional 7 GPI’s and 2 Relay GPO’s, comes 
really handy.
Dimensions: 211 x 44 x x170 mm (1RU ½ rack). Comes with accessories for wall mount, desktop, 
and to rack mount two units together. Power: DC 48V and PoE. 

Studio signalling and remote control desktop panel SRC - 03:  
Installation accessory, this unit provides ON-AIR Signalling the remote control of a Digital Mixing Console 
through a NETBOX 4 MH.
Keys: - CUT: Microphone Mute. -CUE: (PFL). -5 USER KEYS 5: Configurable keys.
Signalling: - GREEN light: Microphones off or closed. – RED Light: Microphones on or open.
Dimensions: Width: 130 mm. Height: 55.3 mm. Depth: 174 mm.

TDM bus routing matrix with multichannel AoIP connectivity

BC2000 D Matrix. BC 2214 and BC 2224 cards.
Audio Matrix, TDM or mixed, with capacity of up to 5.120 x 5.120 circuits in “non-blocking” structure. With digital and analogue I/Os and long 
distance dark fiber multi-channel links, either MADI or proprietary, with capacity of over 1.000 channels per fiber. The system can also be 
combined with IP multi -channel I/O boards for AoIP networking connectivity thus becoming AEQ’s most powerful routing system.

BC 22x4 AoIP cards are designed to be installed in BC2000D frames used in TITAN / BC 2000D routers. The BC2214 connects up to 32 
input and 32 output channels to/from the BC2000D internal TDM bus system via IP. This is enough to provide IP connectivity to a network of 
an IP Matrix of up to 512x512 channels. In order to build a large sized router, a BC2000D frame can 
be equipped with as many BC2214 cards as needed; they can be connected to one or several Gigabit 
Ethernet networks, enabling TDM-IP “hybrid” routers with great flexibility. AEQ also offers BC2224 
AoIP that is aimed at this kind of systems and that features 64 input and 64 output channels. Both 
cards have two Ethernet ports (LAN1 and LAN2) with activity LEDs. Besides several AoIP BC2214 
cards, the BC 2000D frame can be equipped with a number of synchronous TDM access ports such 
as MADI (BC 2211, BC 2212 or the 1024 channels BC 2213 HSAL), as required, in order to create a 
large routing structure.



Intercom Matrices, Intercom User Panels, Commentary Positions

Kroma Intercom systems

CONEXIA INTERCOM SYSTEM. BC 22x4 CARDS

The ConeXia intercom system represents a leap forward and a new concept in regards to 
intercom systems as it becomes a global audio solution. ConeXia has the capacity of up to 
1024 x 1024 cross-points and is based upon a modular system of audio I/O cards. But what 
really makes ConeXia special is the possibility to integrate intercom and broadcast audio 
sources into the same matrix, with 48 KHz 24 bits sampling and a 100% redundant system. 
ConeXia is also compatible with all KROMA intercom panels, and expands the interface options 
with KROMA (telephone, GSM) and AEQ (MADI, fiber optics, IP, etc.) cards.

BC 2214 AoIP cards are designed to be installed in BC2000D frames used in ConeXia 
intercom routers. It connects 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 for 32 Intercom Panels.
In order to build a large sized router, a BC2000D frame can be equipped with as many BC22x4 
cards as needed; they can be connected to one or several Gigabit Ethernet networks, enabling TDM-IP “hybrid” routers with great flexibility 
in order to provide user panel connectivity. 
Besides several AoIP BC2214 cards, the BC 2000D frame can be equipped with a number of synchronous TDM access ports such as MADI 
or the 1024 channels BC 2213 HSAL, as required, in order to create a large routing structure of up to 1024 x1024 crosspoints.

CrossNET Intercom Matrix
Compact intercom matrix with AoIP multi-channel connectivity. This high-performance digital 
intercom matrix provides broadcast-quality audio. Provided in versions from 40 up to 168 x 168 
ports, 128 of them can be AoIP featuring technology, compatible with AES67 
standard, which can easily be connected using existing Ethernet networks through conventional 
routers and switches, and offering optional redundancy. The system also has 12 analog ports, 8 
digital ports, and 20 AoIP ports with KROMA Standard low bit-rate, enabling the connection of 
wireless intercoms, ancillary equipment and KROMA series 3000, 4000 and 5000 panels.

SERIES TP8000 INTERCOM USER PANELS
These are our top-of-range user panels, offering broadcast audio quality. Audio is digitized and 
processed using 24 bits at a sampling frequency of 48 kHz. Bandwidth from 20Hz to 20kHz with 
negligible distortion and noise levels. The panels feature ports for Analog, Kroma-Digital, IP 
Kroma and high-quality -IP connectivity (compatible with AES-67 standard). Digital 
audio processing: acoustic echo cancelling, automatic power and tone adjustment to each 
user’s voice. Expander and ambient noise gate. Very optimized acoustics for optimal sound 
intelligibility and clearness.  16 keys, rack or desktop format. Expansion panels can be cascaded 
to build panels with up to 80 keys with 4 pages. Compatible with any AEQ-KROMA intercom 
matrix.

OLYMPIA COMMENTARY POSITION
OLYMPIA commentator position can be connected and treated as a set of audio inputs and outputs to an AEQ Intercom system, sharing 
resources of audio and control.



Examples and installations

Drawing 1

AEQ AUDIO OVER IP SYSTEM FOR TWO DIGI-
TAL STUDIOS 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, from there to the 
shared studio interface 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 AD audio outputs. 
The signals necessary for the studios, such as satellite downlink, 
audiocodecs, tuners, etc. are routed to the NETBOX inputs. Each 
console will also receive not only the NETBOX incoming audio but 
also the aux and program sends from the other console. The two 
controls will share Studio and in this a NETBOX 4 MH will be 
installed to provide the connectivity for the common microphones 
to consoles and their Headphone outputs. ON-AIR signalling and 
the programmable keys of the Studio remote panel will also be 
using the system network.

   

Drawing 2

AEQ AUDIO OVER IP SYSTEM FOR MEDIUM TO
LARGE SIZED STATIONS:

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.

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 installa-
tion of system redundancy. To complete this redundancy, the PCs 
must be equipped with a second Ethernet adapter.

The schematic shows 6 different AoIP interfaces in the AEQ 
system:

• NETBOX 32 Channel interface.

• NETBOX 8 Channel interface.

• NETBOX 4 Channel interface.

• CAPITOL IP consoles.

• FR 14 cards to connect FORUM IP and GRAN FORUM IP 
mixing consoles.

• BC 2214 & BC 2224 cards to connect ARENA consoles and BC 
2000D / TITAN routers.

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 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 or clean-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 audio inputs.

A NETBOX 8 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 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 IP 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 impor-
tant 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.

In each Studio, one or several NETBOX 4 MH will be installed to 
make available all the microphones to the mixing consoles of the 
AoIP Network and in order to receive the necessary Headphone 
outputs that the console is providing. Further, the SCR-03 Remote 
Signalling desktop panel is connected, providing the required 
Studio Signalling and remote control through its assignable keys.
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Drawing 5

AUDIO AND INTERCOM SYSTEM BASED IP 
ROUTER CONEXIA

CONEXIA consists in a controller (or two, for redundancy) and a 
set of BC2000 frames and interface cards that constitutes a 
modular 1000x1000 crosspoint routing matrix. The necessary 
AoIP cards to service the Intercom panels with AoIP networking 
capability and audio interfaces for the different sets or studios and 
Control rooms and mixing consoles with AoIP connectivity. VoIP 
cards are also installed to provide service for wireless intercom 
systems or other systems or VoIP links. If analog or Digital AES/ 
EBU port cards are installed, represented in blue, you can 
incorporate commonly used audio inputs and outputs  (in the 
example these are connected to IP audiocodecs to reach for 
example remote user panels through gateway to a WAN). Throu-
gh the MADI cards consoles with this type of links can connected. 
Further, specific cards for KROMA protocol digital user panels 
can be connected (not shown).
   

Drawing 3

AoIP SYSTEM FOR MEDIUM-LARGE STATION 
BASED ON TITAN / BC 2000D TDM MATRIX

Note that in this schematics, on the left there are new elements 
compared to the previous:

A main matrix to which all audio originating form the Dante 
network is routed through a through a bank of 2214 BC or 2224 
BC cards installed in the TDM matrix frame.

A control network with workstations running layouts of the Real 
Time Control Application for the matrix and customized Control 
panels NCB-100 for the distributed and hierarchical control from 
studios and MCR.

A set of inputs and outputs from the cards installed in the central 
control (analog, digital, MADI for connection of third party conso-
les and other sources ...).
 
With this, we benefit from the performance of the TDM system 
(distributed control and processing of the crossing points, audio 
mixing, alarms, macros and salvoes executed manually or 
automatically, VU meters, MADI connectivity and E1 / T1 ...), and 
the ease of installation and flexibility of an AoIP system.

   
Drawing 4

IP INTERCOM SYSTEM BASED ON CROSSNET 
INTERCOM MATRIX

Crossnet IP has a pair of connectors that provide simultaneous 
access to the AoIP, the KROMA format VoIP ports and 
control Networks. The first, represented in red, is transmitting 
broadcast quality audio. In the schematics SERIES 8000 AoIP 
Intercom panels, analog audio interfaces and digital Netbox have 
been included. The VoIP Network, shown in green, provides 
access to a wireless intercom system - Xplorer. In addition, the 
equipment has 8 connectors for KROMA protocol digital user 
panels (shown in red) and 12 analog port connectors shown in 
blue and connected to IP audiocodecs to reach for example 
remote user panels through gateway to a WAN.
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