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» idea of and audio network with sources S, and drains D,
» Using distributed networked embedded devices

» Playing from different devices

» avoiding a central mixing desk
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audio signal intercommunication between distributed audio
systems

arbitrary ad hoc connections

various audio formats, sample-rates
synchronization and lowest latency possible
audio-data on demand only
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Network

» “Audio over Ethernet” is a common solution within local
networks

» most are Stream based audio transmission, representing
the data as a continuous sequence

» audio messages as on-demand packet based streams not
available

» -> design and implementation of a new audio transmission
protocol

> first implementation in user space (on the application layer)
> the idea of “dynamic audio networks”.
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structure of a audio message

AoO message := "#bundle" timestamp
<format> <channel> [<channel>,...]

format := "/AOO/drain/<d>/format"
samplerate blocksize overlap mime-type
[time correction]

channel := "/A0OO/drain/<d>/channel/<c>"
id sequence resolution resampling <data>

d ... number of drain (integer)
Cc ... channel number (integer)
data ... audio data (blob)
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