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Abstract

This paper presents a design approach for an
AVB network segment deploying two differ-
ent types of AVB server for multiple paral-
lel streams. The first type is an UDP proxy
server and the second server type is a digital
signal processing server. The Linux real time
operating system configurations are discussed,
as well as the software architecture itself and
the integration of the Jack audio server. A
proper operation of the JACK server, along-
side two JACK clients, in this multiprocess-
ing environment could be shown, although a
persisting buffer leak prevents significant jitter
and latency measurements. A coarse assessment
shows however, that the operations are within
reasonable bounds.
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1 Introduction

1.1 Soundjack and fast-music

Soundjack [1] is a realtime communication soft-
ware that establishes up to five peer to peer
connections. This software was designed from
a musical point of view and first published in
in 2009 [2]. Playing live music via the public
internet is very sensitive to latencies. Thus, the
main goal of this application is the minimization
of latencies and jitter. The goal of the research
project fast-music, in cooperation with the two
companies GENUIN [3] and Symonics [4], is the
development of a rehearsal environment for con-
ducted orchestras via the public internet. 60
musicians and one conductor shall play together
live. Further field of research is the transmission
of low delay live video streams and motion cap-
turing of the conductor.

1.2 Concept for a Realtime Processing
Cloud

A specialized and scalable server infrastructure
is required to provide the realtime streaming re-
quirements of this research project. The ser-
vice time property of an Ethernet frame arriv-
ing on a serial network interface at the wide area
network (WAN) side of this server cloud, is of
paramount importance for the software design.
During the service time of a single UDP stream
datagram, no concurrent stream datagrams can
be received. Thus, the latencies of all streams
arriving on such an interface are accumulated.

In addition to connecting the 60 streams to
each other, the Soundjack cloud provides dig-
ital signal processing algorithms for audio and
video streams. Digital signal processing is com-
putationally expensive and may cause unwanted
latencies. Thus, a GPU based signal processing
in realtime will be investigated in this research
project as well. A basic and scalable concept
to address these two requirements is shown in
fig. 1.

Audio Video Bridging / Time-Sensitive Net-
working (AVB / TSN) enables computer net-
works to handle audio and video streams in real-
time. AVB is a set of IEEE 802.1 industry stan-
dards, operating on layer 2 of the OSI model [5].

• IEEE 802.1AS [6]
Timing and Synchronization for Time-
Sensitive Applications in Bridged Local
Area Networks

• IEEE 802.1Qat [7]
Virtual Bridged Local Area Networks -
Amendment 14: Stream Reservation Pro-
tocol (SRP)

• IEEE 802.1Qav [8]
Virtual Bridged Local Area Networks -
Amendment 12: Forwarding and Queueing
Enhancements for Time-Sensitive Streams



Figure 1: Soundjack Realtime Processing Cloud Concept

• IEEE 1722 [9]
IEEE Standard for Layer 2 Transport Pro-
tocol for Time-Sensitive Applications in
Bridged Local Area Networks

• IEEE 1722.1 [10]
IEEE Standard for Layer 2 Transport Pro-
tocol for Time-Sensitive Applications in
Bridged Local Area Networks

AVB extends a generic Ethernet computer
network by the means of synchronization, re-
source reservation and bandwidth shaping.
This way lower latencies and jitter, the avoid-
ance of packet bursts and bandwitdh shortage
are addressed.

AVB networks require special hardware for
timestamping Ethernet frames with seperate
bandwidth shaped transmission queues for AVB
traffic. The Intel corporation provides the I2XX
Series of NICs with the open source Open-AVB
[11] driver.

Two server types are required for the Sound-
jack cloud, an AVB proxy server and an AVB
processing server. Both server types are con-
nected to the same AVB network segment. Each
server is also connected to a non-AVB network
segment, together with a Soundjack session
server, which acts as an IEEE 1722.1 AVDECC
controller endpoint. IEEE 1722.1 AVDECC
traffic is not necessarily time-sensitive, thus a
non-AVB network segment is used for command
and control purposes. The Soundjack session
server also provides the online services to the
Soundjack client software and handles the con-
nection management of public internet streams,
establishes peer to peer and client-server con-
nections.

All AVB servers are registered for a me-
diaclock stream, which is supplied by an
XMOS/Atterotech development board [12].
The mediaclock stream maintains a constant

mediaclock to synchronize the packet transmis-
sion times of the AVB servers. Without such
a synchronization, each server would depend on
the precise clock of an audio interface hardware,
the CPU clock indicates too much jitter, which
in turn would also require a central synchroniza-
tion mechanism to provide a fully mediaclock-
synchronized network segment.

2 Software Requirements for a
Multiple AVB Listener and Talker

The AVB server software requires a proper con-
figuration of the operating system and the AVB
hardware support, to use the timestamping,
bandwidth reservation and shaping. A multi-
processing design, as shown in fig. 2, takes care
of all aspects required for multiple independent
AVB talkers and listeners.

2.1 Operating System

The ability of Linux to communicate with raw
sockets [13, p. 655] and also to be patched to
operate in realtime mode, makes it the operat-
ing system of our choice. We decided to use the
Linux Mint distribution release 18 Sarah, which
is based on Ubuntu/Debian. Linux Mint 18 uses
the Systemd init process, which makes it easier
to dynamically handle OS services.

AVB requires three background services. A
gPTP daemon, a MAAP daemon and a MRP
daemon. Each requires super user permissions
for raw socket communication.

In addition to the background services, a one-
time-task to unload the generic Intel e1000/IGB
kernel modul and replace it with the Open-AVB
AVB IGB kernel module is required. The AVB
talkers running on the system need the hard-
ware transmit queues of the Intel I210 Ethernet
NIC to be redirected to the bandwidth shaper
transmit queues, so that the I210 NIC might use
the FQTSS mechanism for enqueueing AVTP



Figure 2: General AVB Server Architecture (MRP, Talker and Listener Processes)

packets from the DMA memory.
The Open-AVB project provides Shell scripts

to setup those services.
The Linux kernel may be patched, con-

figured and compiled for realtime operation
[14]. A Linux realtime kernel with either the
SCHED FIFO or the SCHED RR scheduling
enabled, handles CPU tasks based on their pri-
orities. A task requesting the CPU, that is
scheduled by either scheduler, has a latency
solely depending on tasks with a higher or equal
priority. Examples for tasks that can still delay
the execution of high priority task are DMA bus
mastering, ACPI power management, CPU fre-
quency scaling and hyperthreading techniques
[15]. These interfering tasks have to be taken
into account and carefully tuned, when config-
uring a realtime Linux system such as:

• Using POSIX realtime mutexes instead of
spinlocks.

• Interrupt handlers are moved to the
userspace process.

• Avoid priority inversion by priority inheri-
tance.

Another scheduler was introduced
in the Linux kernel version 3.14 [16],
SCHED DEADLINE. SCHED DEADLINE
is based on the earliest deadline first (EDF)
scheduling enhanced by the constant bitrate
server algorithm (CBS). The EDF scheduling

with CBS was specifically developed for mul-
timedia applications [17] [18]. This scheduler
does not rely solely on the priority, but assigns
an absolute deadline and a budget to each task.
At each CPU cycle a specific budget is available
to the scheduler. If a task is out of budget it is
preempted to ensure the execution of another
task. With EDF scheduling however, it is
important to avoid deadlocks that result from
CPU over-utilization. The kernel has an inbuilt
mechanism to minimize the risk, by disabling
CPU affinity for EDF-scheduled tasks.

The kernel we use in this project is main-
stream release 4.8.6 with the realtime patch
4.8.6-rt5, which takes care of the above men-
tioned realtime mutexes, userspace interrupt
handlers and priority inheritance. Besides
patching the kernel for realtime operation, sev-
eral optimization steps are performed. Kernel
modules for unnesscary hardware support, e.g.
most network interface drivers and peripheral
device drivers were removed. Furthermore, the
kernel module for NVidia’s proprietary graphic
adpater and CUDA driver was patched to be
used with a realtime kernel.

The optimization of the OS mainly concerns
AVB. Since the AVB implementation requires
the Direct Memory Access (DMA) [19, p. 412]
memory for operation, it is required to use
the Memory Management Unit (MMU) in soft
mode in /etc/default/grub, so that direct



Figure 3: NCurses Shell User Interface

hardware addresses are used instead of a virtual
address space, when necessary. The parameter
iommu=soft prevents the usage of the IOMMU
when communicating with the IGB DMA mem-
ory, but allows the Focusrite Solo to use it.

GRUB_CMDLINE_LINUX_DEFAULT="text iommu=soft"

It is also necessary to take care of the prior-
ities for the interrupts, because it has a major
influence on the task scheduling. The most im-
portant interrupt is the one of the NIC provid-
ing the mediaclock stream followed by the inter-
rupts for the USB audio interface device. Linux
provides the /etc/default/rtirq script to en-
force those priorities, which are defined by the
order of the RTIRQ NAME LIST attributes.

RTIRQ_NAME_LIST="enp4s0 enp4s0-TxRx-0
enp4s0-TxRx-1 enp4s0-TxRx-2 enp4s0-TxRx-3
snd usb snd_usb_audio enp2s0 i8042"

Further optimizations, e.g. the deactivation
of the swappiness or configuring limits in a
range a user might operate in, aim to increase
the realtime responsiveness of the operating sys-
tem as a whole [20]. Finally, the system memory
is unlocked and realtime priority is assigned to
the user-space application.

2.2 Software Architecture

The AVB server software is running five pro-
cesses in parallel, to distribute processing time
more evenly over the available CPU cores. The
parent process forks four children and operates
afterwards as mediaclock receiver and AVTP
packet scheduler. The first child process is the
management process and runs the AVDECC
controller instance. All AVDECC operations
are sent via command queues to a talker or
listener instance, except the creation of talkers

and listeners themselves. The creation of talk-
ers and listeners is not covered by the AVDECC
standard, thus a vendor specific command and
response [10, p. 151] has been implemented.
Status variables and stream states are written to
and accessed by a POSIX shared memory seg-
ment. The management process also provides
a terminal user interface, as shown in fig. 3, to
monitor counters and states of the AVB streams
in realtime. Talker and listener endpoint thread
instances are created by the talker and the lis-
tener processes, respectively. The fifth process
is the MRP process, handling all of the stream
reservations of the endpoint instances. Figure 2
shows the general AVB server software architec-
ture.

A talker instance reads audio and video data
from some process and puts the data into the
payload of an AVTP packet, which is then
pushed to its circular buffer. The circular buffer
is subsequently and continuously read by the
AVTP packet scheduler. If the server is con-
figured as AVB proxy server, it receives UDP
streams from the assigned Soundjack client and
thus provides audio and video data. If the server
is configured as AVB processing server, audio
and video data is provided by a realtime signal
processing application.

A listener instance receives an AVTP stream
from the Linux kernel network API. AVTP
packets are filtered based on the destination
MAC address and the ether type field with a
Berkley Packet Filter (BPF) [21] [13, p. 705]
mask. AVTP packets that match the filter ex-
pression are pushed to the circular buffer of the
respective listener instance.

There are some aspects the software needs to
take care of to make use of the realtime ker-
nel. First of all, the memory required for dy-



Figure 4: JACK Server and Clients

namic allocations at runtime has to be locked
at application start. Otherwise, memory allo-
cations would always be freed after their use
and the application eventually crashes, due to
memory page faults [22]. Secondly, locks have
to be used to prevent the preemption of the task
in time critical segments of code. The software
also needs to be assigned a proper task prior-
ity, so that its scheduling takes place within the
required deadlines.

2.3 Server Configurations

In case of the AVB proxy server configura-
tion, the AVTP stream is converted to an UDP
stream that is returning to a Soundjack client.
In the case of the AVB processing server con-
figuration, the audio and video data is provided
to the realtime signal processing application.

2.3.1 AVB Proxy Server

IP packets are forwarded with best effort in the
public internet. The Soundjack cloud in con-
trast, provides a fully managed and controlled
AVB Ethernet network. The FQTSS amend-
ment to IEEE 802.1Q prevents bursty traffic by
the means of a credit-based bandwidth shaper,
inside of the Soundjack cloud network segment.
A proxy server is used as a wave trap to dev-
ide large and erratic UDP datagrams into more
and smaller AVTP packets, that maintain a con-
stant inter packet gap. With the credit-based
bandwidth shaper the AVTP packets can travel
inside the cloud network segment in a determin-
istic way.

The AVB proxy server accepts and returns
UDP streams from and to Soundjack users, that
have been assigned by the session server. To
keep the latency introduced by the service times
of the Ethernet NIC low, only eight streams are
assigned to an AVB proxy server.

The UDP streams received on the WAN inter-
face need to be transmitted in the AVB network
segment at a different bitrate with a different
payloading. A UDP datagram of a Soundjack
stream contains 256, 512 or 1024 Bytes of raw
audio. Lower amounts of bytes occur in cases of
compression according to the chosen compres-
sion ratios. The resulting AVTP stream is sent
from the AVB proxy server to the AVB pro-
cessing server, which processes the eight streams
and sends them back as AVTP packets with the
same, but processed payload. In the opposite
streaming direction, the AVB proxy waits untill
sufficient AVTP packets are in a listener’s cir-
cular buffer, constructs an UDP datagram and
sends it back to the client, where it came from.

2.3.2 AVB Processing Server

The AVB processing server receives the audio
and video streams from the AVB proxy server
with a constant packet rate of 8kHz. It ex-
ecutes signal processing applications for audio
and video data.

Conventional audio signal processing like
compression or equalization can be integrated
with existing Linux tools, such as JACK [23].
JACK provides a realtime processing environ-
ment that is required to execute some DSP al-



Figure 5: AVTP Stream Packets per Time

gorithms with LV2 plugins [24] or FAUST [25]
applications. The design of the JACK server
together with the two required JACK clients
is shown in fig. 4. Before the other processes
are forked, the main process starts the JACK
Server. A Focusrite Scarlett Solo Gen2 [26] is
used as audio interface hardware for the JACK
server. Until now, JACK is running out of sync
with the AVTP streams. After the forking of
the listener and the talker processes, each pro-
cess creates a JACK client. JACK ringbuffers
are used by either client to communicate with
the de-/packetizer threads respectively.

The JACK clients JACK ports are config-
ured by the AVDECC process by means of
the SET STREAM FORMAT [10, p.174] AEM
command. JACK ringbuffers are created ac-
cording to the channel count and sample for-
mat of the AEM command. This implies that
channel count and sample format can only be
changed before a AVB server session is estab-
lished.

The listener AVTP depacketizer threads push
audio samples from AVTP packets to the cor-
responding JACK ringbuffer, while the listener
parent process pops the audio samples from the
JACK ringbuffer and copies it to the JACK pro-
cess graph. Audio samples are copied from the
JACK process graph to the parent talker pro-
cess, which in turn pushes the audio samples
into the JACK ringbuffers of the talker AVTP
packetizer threads.

The signal processing applications are con-
nected to the talker and listener threads via
JACK connections to the respective JACK
clients.

Realtime audio production environments gen-

Figure 6: AVTP Stream Inter Packet Gap
Probability Distribution

erally do not use graphics cards, as long as they
are not involved in 3D rendering or video pro-
duction processes. Thus, the graphics card is
idle most of the time and can be utilized as
an audio co-processor. Graphics card technolo-
gies made a lot of progress over the past years,
which make modern graphics cards useable as
co-processors for realtime signal processing [27].
More complex algorithms for processing audio
and video data than the ones mentioned above
shall be processed with a graphics card. Fur-
ther applications such as a Viterbi decoder or
virtual soundscapes and environments however,
are still under development.

3 Evaluation and Discussion

For the evaluation of a general concept for a
signal processing infrastructure no signal pro-
cessing applications are applied yet, instead the
JACK server creates loopback connections to al-
low the round trip transportation latencies and
jitter to be tested. The current state of the AVB
server application has a buffer leak, which leads
to buffer overruns after ≈92 sec, as shown in
fig. 5. The curve bends and the gradient de-
creases after this point, i.e. the IPG increases.
This event marks the turning point between the
two peaks exhibited the probability distribution
of the transmitted AVTP packets shown in fig. 6
at 124µsec and 131µsec. Although the inter
packet gaps of the AVTP stream are within rea-
sonable bounds, the mean value of the PDF of
129.08µsec obviously cannot meet the defined
inter packet gap for a SRP class A domain of
125µsec. The source of the buffer leak could
not be determined yet.



Figure 7: UDP Rx and Tx Inter Packet Gap
Probability Distributions

An indicator for the source of the problem
is shown in fig. 5. This figure shows the total
amount of packets sent over time. The regions
with a non-zero gradient show the constant flow
of packets, while the gradients with value zero
indicate some interrupt of the packet flow. This
means that the talkers do not transmit for some
period of time, which corresponds to the obser-
vation that the SRP states of the used switch
ports toggle between listener ready and ask fail
states.

Hence, no significant jitter and latency mea-
surements could be done. Nonetheless, the mag-
nitude of the observed end-to-end jitter and la-
tency could be determined. The latency un-
der this circumstances changes drastically when
the buffers overrun from below 10msec to 300−
600msec. Figure 7 shows the jitter of the Sound-
jack clients transmit UDP stream (green distri-
bution) has a mean value of 5.35msec, which
corresponds to 256 audio samples per UDP
datagram. When leaving the Soundjack cloud,
the Soundjack clients receive stream (red dis-
tribution) has a mean value of 5.75msec and a
higher standard deviation.

The JACK server was running with 64 sam-
ples per period at 48kHz without causing xruns
during the measurements.

4 Conclusions

The integration of the JACK audio server along-
side two JACK clients into the multiprocessing
software architecture of the AVB server went
very well, although an already known but un-
documented bug with libjackserver and libjack
[28] required resolving. Only the feature to dy-

namically change the channel count of a Sound-
jack stream during the transmission had to be
deactivated.
A buffer leak that could not be resolved yet,
is accountable for an increasing round trip la-
tency. The jitter and latency of the end-to-end
UDP streams do not provide significant mea-
surements yet, but the observed transmission
behaviour is very close to the bounds defined in
the AVB standards.

5 Future Work

The ongoing work is related to the localiza-
tion of the buffer leak. Latencies and jitter can
only then be evaluated in scenarios, where ac-
tual signal processing applications are applied
to the audio streams. For the operation under
heavy load with all AVB endpoints registered,
the EDF scheduling has to be configured prop-
erly. It also might be neccessary to upgrade
hardware components such as the CPU, since
realtime computing by itself requires a lot of
CPU utilization and leads to overhead by pro-
cess context switching. Another item to be han-
dled in the furture is the synchronization of the
JACK server to the mediaclock stream.
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