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Abstract 
This paper investigates the use of the ImmerGo spatial audio 
system and Ethernet AVB as a platform for the creation and 
deployment of immersive audio content. An analysis of Ethernet 
AVB and ImmerGo’s features is given. This is followed by a 
practical implementation of ImmerGo within an installation 
setting of a choreographed performance. This approach provided 
key features such as user control from a mobile device to render 
positions of audio tracks and control DAW transport. The Ethernet 
AVB network allowed for real-time synchronized audio streaming, 
audio device interoperability, distributed endpoint processing and 
simple audio routing schemes. 
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Introduction 
Immersive audio within mixed media performance and 
installations has become a popular topic in recent years. 
Many artists would like their work to be enhanced by 
multichannel sound systems. Unfortunately these systems 
can become large which make them hard to manage and 
maintain, as well as very costly. Adding to the complication, 
a multitude of devices may need to be connected to mixing 
desks and multi I/O converters prior to even being able to 
play audio to the sound system. This requires large front of 
house areas to house the equipment during the 
performance. These complex signal paths and their control 
can stall the creative process when audio engineers mix for 
these events. 

This paper investigates the ImmerGo spatial audio 
system [1] and Ethernet Audio Video Bridging (AVB) [2] as a 
basis for a versatile audio system that is easily scalable and 
controllable. It may be used to aid the mixing process for 
multichannel audio installations. The system is designed to 
reduce laborious routing procedures and makes use of 
distributed end-point processing for spatial audio 
rendering. This allows an engineer to efficiently manage the 
setup and control of a multichannel spatial audio system. A 
practical use of this system is demonstrated which shows 

these two technologies working together to provide a 
framework with which to create immersive audio content 
efficiently and deploy it effectively. 

The subsequent sections proceed as follows. First, there 
is a brief description of the Ethernet AVB specification with 
a focus on device interoperability. Following this, there is a 
short explanation of the ImmerGo framework and it’s 
AVBenabled features. Lastly there is a practical example of 
an installation that demonstrates these technologies. 

Ethernet AVB 
The Ethernet AVB (Audio Video Bridging) standard [3] is an 
open IEEE standard networked audio solution. It is built on 
current IEEE 802 Time-Sensitive Networking protocols by 
the IEEE 802.1 Audio/Video bridging task group. It allows 
for real-time media transmission over an Ethernet network 
that ensures appropriate Quality of Service (QoS) delivery 
by determining worst case delay times for network 
transmission and media input and output buffering. It also 
provides a mechanism to enable simple connection 
management and control of any AVB-capable devices and 
being an open standard it enables adoption by different 
manufacturers. The standard makes use of specific network 
switches that handle specific network traffic and time 
synchronization for media transmission. 

The standard’s media encapsulation model allows for the 
streaming of uncompressed, synchronized audio to devices 
on the network with low latency. It’s device description 
model, known as the AVDECC Entity Model (AEM), enables 
device interoperability. These models provide the capability 
of streaming audio to devices while also controlling them 
from other end-points on the network. A number of 
different manufacturers have already developed AVB 
compliant audio interfaces that are able to communicate 
with one another using the protocol. 

How AVB works 
Typically, AVB devices are labelled as either listener, talker 
or both. Listeners have the sole purpose of receiving 
incoming audio streams from the network. Talkers are able 
to send audio streams to the network. Talkers stream 
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media to specific listeners using the 1722 Audio Video 
Transport protocol [4]. Each device has a MAC address 
which is used to create it’s AVB specific entity ID and makes 
it individually addressable on the network. 

The control protocol of the Ethernet AVB specification is 
the 1722.1 AVDECC (Audio Video Discovery Enumeration 
Connection management and Control) protocol [5]. This 
protocol provides the ability for devices to make 
themselves and their control parameters discoverable on 

the AVB network. Once these devices are discovered, 
stream connections Fig. 1: A typical AVB network. Purple arrows 
correlate to audio streamed directly to listeners attached to 
speaker outputs. The green routing path correlates to audio sent 
from one AVB device to another before being streamed to those 
same listeners. 

Figure 1 indicates that an AVB device is able to act as both 
a talker and listener at the same time. Specifically this 
means the device would be able to retrieve audio streams, 
and further stream them to other devices on the network. 
These stream connections may be controlled via an AVDECC 
connection matrix as shown in figure 2. This connection 
matrix software will then generate appropriate AVDECC 
connection commands for devices being connected. 

Figure 2 shows a connection matrix with 4 devices 

streaming audio to one another. Here we have an Apple 
Mac virtual AVB entity acting as both a talker and listener. 
The other devices are specifically talkers or listeners. Their 
connections are listed below. 

1. The Apple Mac’s virtual AVB talker streams a single 
audio stream to 2 DSP4YOU network DACs. 

The ImmerGo system uses a client-server based approach 
to sound localisation which is different from plugin based 
approaches such as New Audio Technology’s Spatial Audio 
Designer [6] and Facebook’s Spatial Audio Workstation [7] 
[8]. Plugin based approaches restrict a user to the DAW 
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2. The Ultralite AVB interface streams to the Apple 
Mac’s virtual AVB listener. 

workspace and require a plugin on each channel before 
being able to localize them. 

The client-server approach allows for the spatial audio 
renderer and it’s control to run in parallel with any 
multichannel audio software housed in the computer. This 
provides the ability to render the audio track positions in 
real-time without being restricted to the DAW [9]. Also 
particularly in ImmerGo’s case it allows for the capability to 
distribute rendering processing to multiple processor end-
points outside of the computer running the multichannel 
audio software. This client-server and distributed 
processing approach is well suited to spatial audio content 
creation and gives less restriction to the user in terms of 
what multichannel audio software they wish to use. For the 
purposes of this paper the Reaper DAW [10] will be 
considered as the multichannel audio software that houses 
the multiple audio channels that are to be localized. 

ImmerGo provides the following functionality, 

• Control over object based audio mixing. 

• Distribution of processing load to multiple end-
points. 

• Management of AVB connections. 
• Client control from a web browser. 

• Control over DAW transport. 

Object Based Audio In ImmerGo 
Object based mixing has been designed specifically for 
spatial audio. Each audio track has associated with it 
metadata that is used by a spatial audio renderer to mix 
the audio appropriately to speaker outputs. Various 
parameters may be contained in the metadata that are 
used to describe the audio track’s position, volume, 
distance and spread within the mix. This metadata is 
associated with timestamps that allow these parameters 
to change over time. 

Object based audio mixing is distinguished from channel 
based audio mixing in that it abstracts the spatial 
information of audio tracks from the rendering stage. [15] 
Channel based mixes are created specifically for a 
determined speaker configuration when being mixed and 
result in a multichannel audio file where each channel 
pertains to a signal driving a speaker. These are generally 
mastered and compressed prior to playback on a specific 
speaker system (such as 5.1, 7.1, 11.1 etc). These mixes are 
only perceived correctly when played back on the speaker 
systems they were mixed for. Object based audio abstracts 
from the channel based approach as it ties positional 
metadata to audio tracks that can then be used by a 

renderer to calculate signals driving speakers at a later 
stage at playback. This offers more flexibility when creating 
spatial audio content as the positional information of track 
objects are recorded and can be then be used by a renderer 
that’s designed for arbitrary speaker configurations. 

A standardised object based audio specification was first 
introduced by the European Broadcasting Union (EBU) 
within their "TECH 3364" as an "Audio Definition Model - 
Metadata Specification" [11] and since then other 
proprietary versions have been developed and used by 
larger companies’ technologies such as Dolby Atmos, DTS:X 
and Auro3D AuroMax [12] [13] [14]. 

The EBU specification provides the basis for the track 
object model metadata used by ImmerGo [16]. In this 
specification, audio tracks are referred to as unique objects 
within a 3D environment. Associated with these unique 
track objects are sound levels, locational coordinates as 
well as any other position specific information such as 
spread. This is coupled with the ability to timestamp the 
objects so these parameter changes may be recorded over 
time. 

Object Based Audio Rendering In ImmerGo 
Other object based audio control and rendering platforms 
such as the Jamoma package in MaxMSP [17] [18] offer 
similar capabilities to ImmerGo, however there is a 
noticeable processing ceiling when the speaker 
configuration becomes large. ImmerGo provides a novel 
approach within it’s implementation since it distributes the 
rendering processing by leveraging Ethernet AVB 
networking and the AVDECC protocol. 

One of the Ethernet AVB device types used with 
ImmerGo is the NDAC8, which is built by miniDSP [19]. 
NDAC8s contain XMOS processors [20] which have been 
modified to contain a mixing matrix that is controllable via 
AVDECC control messages sent from the ImmerGo server. 
This mixer matrix is shown in figure 3. It accepts 8 audio 
inputs from an AVB stream and performs an attenuation 
followed by summation mixing to 8 speaker outputs. This 
makes the system easily scalable as users of the system may 
incrementally add more processing power to their setups as 
they add NDAC8s and speakers and needn’t purchase a full 
rig at once. The ImmerGo server is able to pick up added 
processors on the network automatically by using a speaker 
configuration file. This prevents the need to manually set 
up complex channel connections. 
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Fig. 3: Mixer matrix within each NDAC8. 

This distributed approach splits rendering of spatial 
audio into two main processing components, 

1. Calculating speaker mix levels for each audio track 
within the server. 

2. Mixing audio track samples at end-point NDAC8 
processors using commands from the server. 

ImmerGo Configuration and Connection 
Management 
Figure 4 shows a typical ImmerGo setup. The server has 
been built using nodeJS [21]. NodeJS provides necessary 
packages for all the interaction between the various 
processes in the ImmerGo system. The server is hosted on 
a single Apple Macintosh computer and is able to send 
AVDECC requests to devices on the AVB network using 
Apple’s native AVB virtual entity, as well as communicate 
with a DAW via MIDI. The client is hosted on any device that 
has a web browser and can connect to the network that the 
server is on. The XML file in figure 5 contains information 
pertaining to each NDAC8’s MAC address, the number of 
speakers for each NDAC8 and their physical positions in the 
room. Upon initialization, the server places the information 
in the XML file into program memory. This allows for 
AVDECC messages to be sent to each AVB-enabled device 
to control and provide AVB stream connection 
management between network devices and the Mac AVB 
virtual entity. The speaker positions are used by the server 
to calculate and send the appropriate track mix levels to 
each processor. 

 

Fig. 4: A typical ImmerGo setup. 

 

Fig. 5: XML file containing relevant speakers for particular DACs on 
the network. 

ImmerGo uses AVDECC Connection Management 
messages [5] to manage all relevant device connections 
prior to streaming audio. This removes the need for the 
audio engineer to set them manually. The MAC addresses 
contained in the speaker configuration XML are used to 
send connection requests to each NDAC8 to connect 
streams from the Mac’s AVB virtual entity talker to their 
listeners. 

The server sends MIDI messages to the DAW via an 
internal MIDI driver to control DAW transport functions. 
Similarly, it also receives MIDI timecode (MTC) from the 
DAW which it uses to timestamp track location updates as 
well as ensure track location updates happen 
synchronously. This will be elaborated upon in the following 
section. 
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ImmerGo User Interface 
The client GUI is served within a web browser which allows 
for a number of client devices to be used with ImmerGo. 
Figure 6 shows the UI that is served to the browser. 

 

Fig. 6: The immerGo UI 

The upper half of the interface is the track object control 
window. It shows the room with the physical speaker layout 
and walls surrounding the speakers. Speakers on the top of 
the room are shown differently from speakers on the side. 
Top speakers are darker and shown as squares with circles. 
The user may select tracks in the track selector bar just 
below the object control window and then use the purple 
dot or the vertical and horizontal sliders on the perimeter 
to position the audio object’s height and horizontal x-y 
position in the room. The height of the source is given by 
the thin white line crossing the room walls. The user is also 
able to enable the gyroscope located in a mobile device 
using the check boxes. This allows for the control of a 
source’s position using tilt, rotate and yaw gestures. The 
volume slider controls the loudness of the selected track 
and the spread slider controls the spread ratio of a source 
across the speaker array. 

The mute and solo buttons are used to mute and solo 
particular tracks and the display button allows any recorded 
tracks to be displayed in the object control window. 

In conjunction with spatial audio control, the client has 
controls for the basic transport control of a DAW and 
recording of track position given as the rewind, fast 
forward, pause, stop and play buttons. These controls use 
MIDI messages sent to the DAW which allows the control to 
be mapped to the corresponding DAW control using the 
MIDI bus. The timeline of the DAW is given in the box just 
next to transport controls and displays the MIDI timecode 
received from the DAW. The record button is used to record 
track position movements in real-time. 

If automation is recorded, it is saved to a file that may be 
played back at a later stage. The buttons that do this are the 
save and load buttons. There is an algorithm selector 
button which allows for a user to select a particular 
rendering algorithm. These algorithms are explained in the 
next sub section. 

ImmerGo Rendering Algorithms 
ImmerGo’s object based audio mixing approach provides 
the ability to interact with different rendering algorithms 
[1]. Each individual track’s locational metadata is able to be 
fed into these various rendering algorithms which output 
mix levels required to render a track’s position to the 
speaker array. Mix levels for each speaker pertaining to 
each track are then used for the mixing of audio. 

Currently ImmerGo has implemented two different 
spatial audio rendering algorithms. Namely, vector-base 
amplitude panning (VBAP) [22] and distanced-based 
amplitude panning (DBAP) [23]. Both of these algorithms 
have the ability to create spatial audio content. However, 
there are particular limitations with both which make them 
better suited for different setups. 

For any virtual source to be localized, vector-base 
amplitude panning determines the closest triplet of 
speakers to that source. This triplet forms a vector base 
where the listener is situated at the origin. These linear 
vectors are then used as gain values for each speaker to 
localize virtual sources within the triplet. This essentially 
means that there needs to be a locus, or ’sweet spot’, 
where a listener may experience the spatial audio content 
around them. As a result of this, speakers need to be 
situated on the perimeter of a sphere and the listener needs 
to be located in the centre of the sphere and can only 
correctly perceive virtual source location when in the sweet 
spot. 

DBAP [23] is formulated on the inverse square law of 
sound pressure attenuation over distance. This means it 
only takes distance of source to speakers as parameters and 
there is no locus, or ’sweet spot’ considered. This makes it 
well suited to irregular speaker arrays where listeners are 
not restricted to one location but can move about. 
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Art installations generally require very irregular speaker 
setups due to them being housed in irregular venues. 
Speakers may need to be placed in positions that are not 
within a sphere. For the purposes of this paper, VBAP is 
not considered further because of the constraints that it’s 
formulation imposes. 

DBAP has the following features which make it well 
suited to installation art, 

• Speaker gain values for tracks are calculated 
according to their distance from the virtual audio 
source, so no central sweet spot is specified. 

• Virtual sources will still retain their perceived 
positional information no matter if speakers are 
added or removed. 

Thanks to the formulation of this algorithm it is simple 
to scale the speaker configuration. As more speakers are 
added to the array, the normalization process of the 
algorithm will always account for any added speakers so 
the sound energy distribution remains constant. Arbitrary 
speaker arrays are well suited to the DBAP algorithm. [24] 

Typical ImmerGo Workflow 

This section describes a typical setup and workflow of 
ImmerGo. Here it is assumed an Apple Macintosh computer 
is used to host the server. 

First the ImmerGo application is opened on the server 
and a speaker configuration XML is selected by the user. 
The server then determines the internal MIDI bus used for 
transport control and timeline display, the AVB network 
that the NDAC8s are attached to and the network that is 
used by the client. The server also connects a single 8 
channel AVB audio stream from the Mac’s virtual AVB entity 
to each NDAC8 that is specified in the speaker XML. Once 
the server is initialized a client device may type a URL, 
specified by the server application, in to a web browser. The 
client then receives the ImmerGo UI upon successful 
connection to the server. Here the user may now position 
track sources within the speaker array. 

When positioning track sources the client sends the 
locational metadata to the server via a network socket. The 
server then uses this metadata to calculate each speaker’s 
mix level pertaining to the track being positioned. Once the 
speaker mix levels have been calculated, they are 
encapsulated in an AVDECC control packet and sent via the 
AVB network to the appropriate NDAC8s at every quarter 
frame of MTC received from the DAW. Once the NDAC8s 
receive the mix levels, the channels of audio received from 

the AVB stream are mixed and sent to the appropriate 
speaker outputs. 
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Figure 8 shows a picture of the installation space. The 
installation spanned two large rooms and consisted of a 
long tunnel made out of plastic milk bottles and various 
polyester packaging. The audience were asked to crawl 
through the tunnel. Actors were situated at each of the 3 
zones and interacted with both the sounds and the 
audience. The sound score consisted of both static and 
dynamic sources. The static sources were field recordings of 
an electric substation, polluted river water and water 
swishing within milk bottles. These field recordings were 
situated at the 3 different zones. The dynamic sources were 
recorded foley sounds of plastic bottles being crunched up. 
The interactiveness of the installation was enhanced using 
live recordings of the audience in the tunnel that were 
played back on the speakers. 

Technical Setup 
Figure 9 shows a diagram of the system setup that was built 
for the installation. It contains multiple AVB enabled 
devices that stream audio to one another. The observed 
system configuration used an Apple Macintosh Mini to host 
the ImmerGo server and the Reaper DAW which held an 
ambient multitrack. A MOTU Ultralite AVB [27] interface 
was used to 

Fig. 9: System configuration used at installation. 

The process of operation was as follows. Firstly the 
system was set up prior to panning. The Mac’s virtual entity 
was enabled with input and output streams set to carry 8 
channels of audio each as shown in figure 10. The AVB 
connection matrix within the Mac then allowed for 
connections to be made using a connection matrix GUI as 
shown earlier in figure 2. A talker connection was made 
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from the Ultralite’s AVB talker to the Mac’s AVB virtual 
entity listener. From here, the ImmerGo server was 
initialized with the appropriate speaker configuration xml 
file. The server then automatically set up a talker stream 
from the AVB virtual entity talker to each NDAC8’s listener. 

The ImmerGo UI that held the speaker configuration is 
shown in figure 11. All speakers are shown as top speakers 
because the configuration was constrained to the x and y 
dimensions. 

 

Fig. 10: Mac AVB virtual entity setup. 

 

Fig. 11: ImmerGo client GUI for installation. 

Once the server was up and connections made, the 
Reaper DAW was opened and the Ethernet AVB virtual 
entity set as the audio interface. Figure 12 shows the 

routing configuration setup within Reaper. 2 tracks for mic 
1 and 2 were created and set to receive the live feed from 
the Ultralite via the Apple AVB virtual entity listener. The 
live feed tracks were set to monitor channels 1 and 2 of 
stream 1 and these monitor feeds were manipulated using 
Reaper’s built-in track delays, slight pitch shifting and 
equalization to reduce room feedback and create an 
ambient effect. 6 other tracks were also created that held 
the pre-recorded ambient tracks. The 2 live monitor tracks 
along with the 6 pre-recorded track channels filled an 8 
channel stream output. This stream was then sent to each 
NDAC8 via the AVB virtual entity talker. A single MTC track 
was created within the DAW which sent MTC to the server 
via the IAC internal MIDI bus on the Mac for any automation 
that needed to be recorded. 

From here the audio was streamed to NDAC8s connected 
to the speakers in the separate rooms. The ImmerGo GUI 
was hosted on a mobile device which allowed the mix 
engineer to control the movement of the sources and DAW 
transport from anywhere in the room. The performance 
had a combination of static ambient sources and moving 
sources. Dynamic sources included pre-recorded tracks and 
the live track input feeds and were moved according to 
audience positions whilst the performance was running. 
This allowed for particular sounds to have an interactive 
feeling. Different effects such as reverb, delay and pitch 
shifting were applied within the DAW. These effects were 
treated as separate audio objects that were able to be 
positioned, which helped to compliment the immersive feel 
of each audio object. 

 

Fig. 12: Routing matrix setup within Reaper. Here track 
connections are shown as blocks. Track outputs are the rows and 
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are connected to driver outputs at columns. Track inputs are red 
connection blocks. 

Conclusion 
It has been shown that Ethernet AVB and ImmerGo offer a 
viable way to create real-time spatial audio content that 
meet the requirements of a choreographed art installation. 
The analysis of Ethernet AVB and ImmerGo’s features 
provided a terminology with which to describe the 
installation’s audio setup. Ethernet AVB in particular 
provided simple plug and play functionality to allow for 
multiple devices from different manufacturers to stream 
audio to one another with minimal latency and QoS. The 
AVB connection matrix allowed for a simple routing setup 
of audio channels to these devices. 
Most notably, live audio feeds were able to be streamed to 
the DAW via AVB which allowed them to then be controlled 
by ImmerGo. The ImmerGo spatial audio system provided 
an intuitive way to manage stream connections from the 
DAW to NDAC8s as well as control the spatial audio mix 
using a mobile device. The use of a mobile device gave the 
engineer the freedom to move around the space as the 
performance was mixed. 
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