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Abstract

The transmission of realtime audio data across digital networks is subject to strict quality of service
requirements. These networks need to be able to guarantee network resources (e.g., bandwidth).
ensure timely and deterministic data delivery, and provide time synchronisation mechanisms to
ensure successful transmission of this data. Two open standards-based networking technologies,
namely IEEE 1394 and the recently standardised Ethernet AVB, provide distinct methods for

achieving these goals.

Audio devices that are compatible with IEEE 1394 networks exist, and audio devices that are
compatible with Ethernet AVB networks are starting to come onto the market. There is a need for
mechanisms to provide compatibility between the audio devices that reside on these disparate
networks such that existing IEEE 1394 audio devices are able to communicate with Ethernet AVB
audio devices, and vice versa. The audio devices that reside on these networks may be remotely
controlled by a diverse set of incompatible command and control protocols. It is desirable to have a
common network-neutral method of control over the various parameters of the devices that reside on

these networks.

As part of this study, two Ethernet AVB systems were developed. One system acts as an Ethernet
AVB audio endpoint device and another system acts as an audio gateway between IEEE 1394 and
Ethernet AVB networks. These systems, along with existing IEEE 1394 audio devices, were used to
demonstrate the ability to transfer audio data between the networking technologies. Each of the
devices is remotely controllable via a network neutral command and control protocol, XFN. The

IEEE 1394 and Ethernet AVB devices are used to demonstrate the use of the XFN protocol to allow



for network neutral connection management to take place between IEEE 1394 and Ethernet AVB
networks. User control over these diverse devices is achieved via the use of a graphical patchbay

application, which aims to provide a consistent user interface to a diverse range of devices.
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Chapter 1 Introduction

Traditionally audio and video production environments are composed of many different independent
audio, video, and command and control transports. These solutions are often proprietary and consist
of point-to-point connections, switching systems and processors that are centred on specific media
formats. For example, video signals may be distributed using SD-SDI [1] or HD-SDI [2] interfaces
using coaxial cables to connect devices together. Audio signals may flow through AES-3 interfaces
[3] and coaxial cables. Command and control messages require further interfaces and cables. These
messaging protocols vary in format between different types of devices with each of these different

signal types processed separately.

There is a growing trend towards transporting diverse content (e.g., web and e-mail traffic, realtime
audio and video stream data, and command and control data) via single a networking medium.
Having audio and video devices interconnected via a common networking technology provides more
flexibility and is more future-proof. A common networking technology provides flexible routing
capabilities as all of the signals that are transported by the network are available throughout the
network. There is no need to add additional cabling and interfaces to a networked system in order to
route a signal to a device, as routing is configured in software. It is also possible to allow additional
protocols to run over the network without having to replace the network itself. New protocols can be
developed in software to run on existing devices, or new devices can be added to an existing

network.

Different types of content have different requirements of the network on which they run. Web and e-
mail traffic can be delivered on a best effort basis as their consumption is not time critical. For
example, variable delays associated with the delivery of web pages are not critical to them being
displayed correctly. If, due to network congestion, a webpage takes a few seconds longer to display
than a previous one, the content can still be consumed in a meaningful way. However, the successful
transportation of realtime audio and video data is subject to sjuatity of service(QoS)
requirements. Realtime audio and video is consumed immediately after it is produced. For example,
a performer at a concert singing into a microphone produces audio to be consumed immediately by
an audience (via a set of loud speakers). Ideally, the delivery of realtime audio and video data should

be instantaneous, but small bounded delays are acceptable. If the delivery of the audio is subjected tc



varying delays, the reproduced audio could contain jitter resulting in perceived poor quality audio.
Therefore, a network should provide strict QoS mechanisms for the delivery of realtime audio and

video data to avoid data loss, unacceptable latency, and lack of synchronisation.

In order to provide an acceptable environment for the transmission of realtime data, a network has to
be designed such that there is no packet loss, and it has to provide a guarantee on the maximurr
latency for the transmitted realtime data. This implies that there are sufficient resources on the
network to support the transmission of realtime data streams. Devices involved in realtime data
streaming need to be able to communicate their stream resource requirements to the network so tha
these can be reserved and guaranteed by the network. The devices on a network also need to share
common sense of time to allow for the synchronisation of multiple streams, and to provide a
common time base for sampling a data stream (at a source device) and presenting the data stream (e

a receiving device).

Traditional information technology(IT) networks do not natively provide the appropriate QoS
requirements needed for the transport of realtime data. It has thus been difficult to use these networks
for the transmission of this data without the network configuration being tightly constrained.
However, there are two open standards-based networking technologies that are capable of natively
transporting both non-realtime and realtime data with appropriate QoS for realtime stream data.
These ardEEE 1394 [4] and a recently standardised enhanced forgthefrnet[5] and Ethernet
bridging" [6], called Ethernet audio video bridging (AVHY]. These networking technologies
provide diverse mechanisms that allow end stations to communicate their stream resource
requirements, thereby allowing these resources to be guaranteed by the network. These networking
technologies also provide diverse timing and synchronisation mechanisms. These mechanisms

enable the deterministic and timely transmission of realtime stream data.

! Ethernet bridging is commonly referred to as Ethernet switching.
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1.1 Interoperability and Common Command and Control

There currently exist digital audio devices that are compatible with IEEE 1394 networks, and digital

audio devices that are compatible with Ethernet AVB networks are starting to come onto the market.

A number of manufactures have produced IEEE 1394 compatible audio equipment:

Yamaha [8] have manufactured a number of audio devices that make use of IEEE 1394. Their
01X [9] and 01V96 [10] audio mixing desks, for instance, are capable of receiving and
transmitting audio signals across IEEE 1394 buses. Via an IEEE 1394 bus, these audio mixing
desks can be connected together with their Motif XS8 synthesisers [11] angexsibnal
computergPCs), amongst other devices. This enables PC based recording software to be used to
record audio signals produced by the equipment on the IEEE 1394 bus. Yamaha has a patchbay
application [12] that allows for signals to be routed between the Yamaha devices on the IEEE
1394 bus. Yamaha also produced the N8 [13] and N12 [14] audio mixing desks that allow for
seamless integration with digital audio workstation (DAW) software via an IEEE 1394 bus.
PreSonus [15] manufacture a number of IEEE 1394 capable breakout boxes. These allow the
audio capabilities of a PC to be extended via a PC’s IEEE 1394 interface. They also manufacture
a number of audio mixing desks, such as the StudioLive 16.4.2 16-Channel Digital Mixer with
FireWire Interface [16], that allows IEEE 1394 connectivity to a PC to enable the recording and
playback of audio.

M-Audio [17] have developed a number of IEEE 1394 breakout boxes that allow the audio
capabilities of a PC to be extended via its IEEE 1394 interface. These devices include the ProFire
610 [18] and the ProFire 2626 [19]. The ProFire 610 provides 6 audio inputs and 10 audio
outputs, and the ProFire 2626 provides 26 audio inputs and 26 audio outputs in a mixture of
analogue and digital form. These devices also have pre-amps built into them.

Focusrite [20] have developed a number of IEEE 1394 capable audio interfaces. These interfaces
extend the audio interface capabilities of a PC via a PC’s IEEE 1394 interface. Devices include
their Liquid Saffire 56 [21] interface which provides 28 inputs and 28 outputs of analogue and
digital audio, and their Saffire PRO 40 [22] which provides 20 inputs and 20 outputs of analogue
and digital audio. These devices also include a number of pre-amps.

Mackie [23] produce a number of IEEE 1394 capable audio interfaces and audio mixing desks.

The Mackie Onyx Blackbird [24] is a 16 input, 16 output audio interface that accepts and



transmits audio in analogue and digital formats. The Onyx 1640i FireWire Recording Mixer [25]
allows for the transmission and reception of 16 channels of audio between it and a DAW
application via IEEE 1394.

Alesis [26] have produced a range of breakout boxes and audio mixing desks that are IEEE 1394
capable. Their i0O]|14 [27] and i0O|26 [28] devices provide a number of analogue and digital input
and outputs to a PC via a PC’s IEEE 1394 interface. Alesis have also produced a range of IEEE
1394 capable audio mixing desks, such as their MultiMix 12 FireWire [29] and their MultiMix

16 FireWire [30].

Allan and Heath [31] produce the ZED-R16 [32] audio mixing desk. This audio mixing desk has
an IEEE 1394 interface allowing the device to be connected to a PC to allow for PC based
recording to take place. The IEEE 1394 interface allows for the reception of 18 input signals, and
the transmission of 18 output signals.

TerraTec [33] have produced a number of IEEE 1394 capable breakout boxes. These include the
Phase X24 [34] and the Phase 88 Rack FW [35]. These devices provide a number of analogue
and digital input and outputs, allowing the audio capabilities of a PC to be extended via its IEEE
1394 interface.

Universal Media Access NetworKEMAN) [36], who are involved in the development of
software and hardware for audio and video networks, are actively developing and promoting the
use of IEEE 1394 and Ethernet AVB networking technology for the transmission of realtime
audio and video data. They have developed a number of IEEE 1394 evaluation breakout boxes
and IEEE 1394 bridges (see Chapter 9 “Networked Audio Devices”) allowing for flexible large

scale audio and video networks to be built.

A number of manufactures are creating Ethernet AVB capable hardware:

LabX [37] have been actively involved in developing and promoting Ethernet AVB. They have
released an Ethernet AVB capable bridge, known as the Titanium 411 Ruggedized AVB Ethernet
Bridge [38]. They have also releasedie@ld programmable gate arrayFPGA) based AVB

Audio Demo Platform [39] allowing for the evaluation and development of Ethernet AVB
endpoints.

BSS Audio [40] have also released an Ethernet AVB capable bridge, known as the GS724T 24
Port Ethernet AVB Switch [41].



* Broadcom [42] have produced an Ethernet AVB capable integrated gigabit Ethernet controller,
known as the BCM57765 [43]. This Ethernet controller is currently available in a number of
Apple [44] products. These include the iMac [45], Mac Mini [46], and MacBook Pro [47].

* Marvell [48] have produced Ethernet AVB capable networking equipment. These include a
number of gigabit Ethernet bridges and a gigabit Ethernet network interface controller [49].

* Crown Audio [50] have released the PIP-USP4 Module [51] which is an input module for their
CTs Series two channel amplifier [52]. This input module enables the amplifier to receive digital

audio via an Ethernet AVB network.

Audio signals between professional audio devices on an IEEE 1394 bus can be transported using the
layer two protocols defined in IEC 61883-6 [53] (see Section Chapter 6 “Media Transport
Protocols”). Connection management between IEEE 1394 audio devices can be achieved with the
layer twoFunction Control Protoco(FCP) and the connection management procedures defined in
IEC 61883-1 [54]. Professional audio devices on an Ethernet AVB network are able to stream audio
to each other via the layer two protocols defined in IEEE 1722 [55] (see Section Chapter 6 “Media
Transport Protocols”). Connection management between Ethernet AVB devices may be performed
with the layer two protocols and procedures defined in IEEE 1722.1 [56]. A number of other parties
have defined and developed protocols and procedures that can be used to perform connection
management on professional IEEE 1394 and Ethernet AVB audio devices. These include protocols
and procedures making use of tBémple Network Management Protoc®NMP) [57], and
protocols and procedures making use of the Open Sound C8GI) protocol [58].

There is a need to provide compatibility between the audio devices that reside on these disparate
networks such that existing IEEE 1394 audio devices will be able to stream audio data to and from
Ethernet AVB audio devices. As indicated above, the audio devices that reside on these networks
may be controlled by a diverse set of incompatible command and control protocols. It is desirable to
have a common representation and network-neutral method of control over the various parameters of
these devices. This control should allow for the adjustment of the various parameters that are internal
to the devices, and allow for network streaming to take place between these devices. This thesis
proposes that such network neutral control is possible, and that mechanisms can be put in place to
ensure a congruent user interface to provide control over the parameters of these diverse devices. Tc
this end:



» Proof of concept Ethernet AVB endpoint devices were developed that are able to both transmit
and receive audio streams over Ethernet AVB networks (see Chapter 10 “Ethernet AVB
Devices”).

» Proof of concept IEEE 1394/Ethernet AVB audio gateway devices were developed that are able
to transmit and receive audio streams over IEEE 1394 and Ethernet AVB networks. These
devices allow for these streams to be transferred between the two networking technologies (see
Chapter 10 “Ethernet AVB Devices”).

» Existing IEEE 1394 audio devices were used in conjunction with the developed Ethernet AVB
devices to demonstrate the ability to transfer audio data between audio devices on these diverse
networks.

* The XFN [59] [60]Internet Protocol(IP) [61] based command and control protocol was used to
provide the ability to remotely obtain and set parameter values of the IEEE 1394 and the
developed Ethernet AVB audio devices (see Chapter 11 “XFN Control and Representation”).

* A connection management application was developed to allow for user control over the
abovementioned audio devices. This application allows for the consistent graphical
representation and control over the parameters of these audio devices (see Chapter 11 “XFN

Control and Representation”).

1.2 Document Structure

Chapter 2 introduces the IEEE 1394 and Ethernet AVB networking technologies. It provides a high-
level overview of each of these networking technologies and highlights the core characteristics of
each that make them suitable for the transmission of synchronised low-latency realtime stream data:
the ability to communicate network resource requirements, the ability of the network to provide
timely and deterministic data transmission, and the ability of network devices to share a common

sense of time.

Chapter 3 details the mechanisms that IEEE 1394 and Ethernet AVB provide, allowing network
resource requirements (e.g., bandwidth) to be communicated by network devices. This allows

resources to be reserved for the devices’ realtime data streams.



Chapter 4 describes the mechanisms that are in place in IEEE 1394 and Ethernet AVB networks that
ensure that stream resource requirements are met. This ensures that deterministic low-latency strean

transmission is able to take place.

Chapter 5 details how devices on IEEE 1394 and Ethernet AVB networks synchronise their clocks to
a common master clock. This enables source devices to instruct receiving devices when to present
audio samples such that this presentation happens simultaneously on multiple devices receiving the

same streams. It also enables the re-creation of sample clock frequencies.

Chapter 6 discusses the dominant media transport protocols used for the transmission of audio
streams across IEEE 1394 and Ethernet AVB networks. It discusses the packet and media formatting
rules employed by these protocols as well as their synchronisation mechanisms.

Chapter 7 discusses a few of the command and control protocols that have been used, or proposed, tc
provide control over networked audio devices. It concludes with a discussion of the XFN protocol.
The XFN protocol was used during this study to provide remote control over audio devices.

Chapter 8 discusses the implementation of a simple tunnelling protocol that allows for tunnelling of
Ethernet traffic across IEEE 1394 networks to provide a deterministic environment for this traffic. It
also discusses how the XFN protocol has been used to represent and control the various parameter

of the tunnelling devices to allow for their control from a graphical patchbay application.

Chapter 9provides an overvievof the various IEEE 1394 and Ethernet AVB audio devices that
were used or developed during this study. It provides a high-level overview of their functionality and

of their core components.

Chapter 10 ties the preceding chapters together and provides a detailed discussion of the architecture
and operation of the proof of concept Ethernet AVB devices that were developed during this study.
One device is an audio gateway between IEEE 1394 and Ethernet AVB networks, and another device

is an Ethernet AVB audio endpoint.

Chapter 11 discusses how the XFN protocol has been used to provide a common method of

representing and controlling the disparate audio devices that were used during this study. It discusses



the development of a graphical patchbay application used to provide control over the XFN capable

devices. This patchbay application aims to provide a consistent graphical representation to a diverse
range of networked audio devices.

Chapter 12 provides concluding remarks on the work discussed in this thesis.



Chapter 2 Network Technologies

IEEE 1394 [4] andEthernet audio video bridging (AVBp] are two open standards-based

networking technologies that natively provide mechanisms that allow for the transfer of synchronised
low-latency realtime audio and video streams between devices. The ability to reserve network
resources (such as bandwidth), the ability to provide a deterministic environment to ensure timely
stream packet transmission, and the ability to provide timing and synchronisation mechanisms are
core requirements for networks transferring these kinds of streams. This chapter provides an
overview of these networking technologies and a brief introduction to how the above requirements

are fulfilled by each of these networking technologies.
2.1 IEEE 1394

IEEE 1394 is a peer-to-peer serial bus interconnect that allows for asynchronous and isochronous
forms of packet transmission between the devices that reside on the bus. There is no dependence on
host system, so there is no host processor or memory bottleneck involved in the transfer of data
between devices. A device that resides on an IEEE 1394 bus incorport&Eati394 nodevhich

may contain one or more ports (but typically two or three). Figure 1 shows a typical arrangement of

IEEE 1394 nodes (Node A — Node F) and their ports. A node receiving data on a particular port will

re-transmit it to all other ports.

Node A L 4 NodeB L 4 NodeC

Node D Node E
o Port I
IEEE 1394 cable Node F

Figure 1: IEEE 1394 topology



An IEEE 1394 bus may contain up to 63 IEEE 1394 nodes and individual IEEE 1394 buses may be
bridged together to form larger networks of devices. Up to 1024 buses may exist on a network.
Figure 2 shows an example of two IEEE 1394 buses bridged together with an IEEE 1394 bridge [62].

Node k| 4 Node Node L 4 Node
I I Bus 2 I
Node Node Node
I Bus 1 I
Node Node

Bridge

Figure 2: Bridged IEEE 1394 Network

The IEEE 1394 architecture is ideal for applications that require a constant transfer of data, such as
those transferring realtime audio and video data as it natively provides deterministic low-latency
transmission of data. An IEEE 1394 bus implements an arbitration scheme that guarantees
isochronous applications a constant bus bandwidth. Isochronous packets are broadcast onto the bu:
on one of 64 channels and nodes on the bus can be configured to receive isochronous packets or
certain channels. Each node that resides on the bus has its internal clock synchronised with the clock

of a master device.

2.1.1 Asynchronous Communication

IEEE 1394 nodes on an IEEE 1394 bus are able to read from, and write to, other IEEE 1394 nodes’
registers. These reads and writes are knowrmasgchronous transactionsAn asynchronous
transaction is initiated by sequester nodend is received by eesponder nodeEach transaction
consists of twosubactions a request subaction, and r@sponse subaction. A request subaction
transfers a register address, command, and data (for writes) from the requester to the responder. A
response subaction returns the completion status (for writes) back to the requester, or returns data

(for reads). Both request and response subactions are communicated using an asynchronous packet.

10



There are two types of read and write requegiadletandblock A quadlet request reads or writes

four octets whereas a block request can read or write a variable number of octets (there is a size limit
which is dependent on the transmission speed capability of the transmitting node). An asynchronous
packet contains an address that is used to address a particular memory location on a particular IEEE
1394 node.

Connection management requests can be communicated with asynchronous reads and writes tc
devices. For example, a controlling device may write to another device in order to get it to start
transmitting an isochronous stream. The same controlling device may then also write to yet another

device to instruct it to start receiving that isochronous stream.

2.1.2 Isochronous Communication

Isochronous packet transmission consists of only one subactwrifeasubaction. There are no
responses to isochronous packet transmission. A device that transmits isochronous packets does st
on a particulaisochronous channeEach isochronous packet that is transmitted is tagged with a
channel number that varies from 0 through to 63. A receiving device can be set to receive packets on
one of these channels.

2.1.2.1 Resource Reservation

Before isochronous packets can be transmitted by an IEEE 1394 node, the isochronous channel
number and the bus bandwidth required for the stream of isochronous packets has to be obtained anc
set aside for that stream. An IEEE 1394 node on the bus is elected iasctivenous resource
manager(IRM) which keeps track of the allocation of isochronous channels and bus bandwidth. An
IEEE 1394 node will request the required isochronous stream resources from the IRM, and if these

are successfully obtained, they are reserved.

2.1.2.2 Deterministic Transmission

Once a stream’s resources have been obtained, the stream’s isochronous packets are transmitted at

regular interval, thus providing deterministic transmission of data. On an IEEE 1394 bus, a single

11



IEEE 1394 node is elected as thele mastenode. It regularly transmits@ycle startpacket (once
every 125 us) and all of the nodes receive the cycle start packet. When a node wanting to transmit an
isochronous packet receives a cycle start packet, it will arbitrate for usage of the bus, and if it gains

access, it will transmit a queued isochronous packet.
2.1.2.3 Synchronisation

An IEEE 1394 node that wishes to perform isochronous transactions implemewntse acount

register that is updated by a clock on the node. The cycle master node transmits a cycle start packet
every 125 ps. This cycle start packet contains the contents of the cycle n@siersountegister

and each node updates @gcle countregister based on the timing value in the cycle start packet.
This mechanism allows all of the devices on the bus to be synchronised.

2.2 Audio Video Bridging

Ethernet is the most dominant form lotal area networkKLAN) technology on the market today.

The Ethernet protocol is a simple protocol and has been widely adopted [63]. Traditional Ethernet
and Ethernet bridging are not able to provide network nodes with guaranteed network resources
(such as bandwidth) [64]. While it is possible to transmit synchronised low-latency realtime audio
and video data over such a network, the network itself does not guarantee that this is possible. Thus,
these types of networks are constrained to avoid interference from unknown devices. With the
inability to guarantee network resources, Ethernet frames may be subject to unpredictable frame loss

and unacceptable latency variation.
2.2.1 Bridging

This section provides an overview of traditional bridging as it forms the base of Ethernet AVB. A
bridge is a device that is used to connect IEEE 802 LANs of all types together by relaying and
filtering frames between separateedia access contrdMAC) entities. IEEE 802 LANs include
IEEE 802.3 (CSMA/CD) [5], IEEE 802.5 (Token Ring) [65] and IEEE 802.11 (Wireless) [66]. In an
Ethernet environment, a bridge is often referred to as an Etremiteh. In this document, LAN
refers to an individual LAN that is specified by the MAC technology without the inclusion of

bridges, and &ridged LANrefers to the concatenation of individual IEEE 802 LANs interconnected

12



by bridges. Figure 3 shows an example of a bridged LAN. In this example, five different individual
LANSs are bridged together by five bridges. The MAC technology of each of the LANs does not have
to be the same.

Figure 3: A bridged LAN [6]

2.2.1.1 VLAN Bridging

Virtual LANs (VLANS) allow for the construction of a number of separately manageable virtual
bridged LANs to run above bridged LANs. A VLAN has the same properties as a bridged LAN. A
VLAN is composed of a set of stations that communicate as if they were attached to a single
broadcast domain regardless of their location on a bridged LAN. A bridged LAN may contain a
number of VLANs which are configured in software. A VLAN is identified byl2AN identifier

(VID). Shown in Figure 4 is a bridged LAN composed of end stations that are each etbetbar

of VLAN 1 (indicated as V1) or VLAN 2 (indicated as V2). Figure 5 and Figure 6 highlight the two

VLANS that are created to run on top of the bridged LAN. If one of the end stations connected to

13



VLAN 1 transmits a broadcast frame onto the network, the bridges of the network will only forward

that broadcast frame to the LANs containing stations that are members of VLAN 1.

Bridge Bridge Bridge
V1 V2 V1 Bridge V2 V2
V2 V1

Figure 4: A bridged LAN with VLANs

Bridge Bridge |--------__1 Bridge
vi [ oiv2 V1 Bridge [ {V2 i V2
V2 V1

Figure 5: A bridged LAN highlighting VLAN 1
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Bridge Bridge Bridge

Bridge V2 V2

Figure 6: A bridged LAN highlighting VLAN 2

2.2.1.2 Bridge Architecture

A bridge has a MAC relay entitlgat is used to filter and forward individual frames between the ports

of a bridge and learn filtering information. Figure 7 shows a two port bridge with a single instance of
frame relay between the ports. Each port is able to receive and transmit frames to and from the
attached LAN via théridge port transmit/receiverocess. Théorwarding processs able to filter

frames and forward frames to other ports based on the information contained fittetirey
database The filtering database contains appropriate entries that enable a bridge to determine
whether frames received (with a given destination MAC address and VID) are to be forwarded

through a potential transmission port.
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Figure 7: Relaying MAC frames (adapted from [6])

Bridges are not aware of the exact locations of end stations on a bridged LAN, but they determine

the ports through which frames should be transmitted in order to ensure that the appropriate end
stations receive frames destined to them. Bridges learn about end stations on a network by observing
the frames that the end stations transmit. Each frame dasree MAC addresBeld that contains

the MAC address of the transmitting end station. It isléaening processhat observes the source

address of frames received on each port and updates the filtering database. The learning process i

shown in Figure 8.
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Figure 8: Observing network traffic (adapted from [6])

2.2.2 Audio Video Bridging

The IEEE 802.1 Audio Video Bridging Task Group [7] developed a set of standards commonly
known asaudio video bridging (AVB). This task group is responsible for developing specifications
that allow for time-synchronised low-latency streaming services to take place through bridged IEEE
802 networks. Currently their work has focused mainly on the use of Ethernet, but work on 802.11
(Wireless) is also underway. The work described in this thesis focused on the use of Ethernet as the
transport medium of the time-sensitive streams. In terms of AVB, a device that transmits a stream of

data is known as a talkesmnd a device that receives a stream of data is known as a listener

A key requirement for the transmission of realtime audio and video streams is minimal packet loss.
An Ethernet AVB system makes use of Ethernet full-duplex links. The implication of this is that
there is no collision of frames on the Ethernet medium. Ethernet AVB frames are standard Ethernet
frames that ar®LAN tagged [6]. VLAN tagging allows for priority information to be carried within

the frames, via the VLAN tag’priority code point(PCP) field. These priority values are mapped

into traffic classes allowing stream requirements to be met. Ethernet AVB frames are transmitted on
VLANSs (by default, a VLAN with a VID of 2). VLANs are useful for creating separate logical

networks above a single infrastructure. This feature could be leveraged to ensure that sensitive audio
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streams transmitted across a network (in a VLAN) are only received by devices that are part of the

VLAN, and not received by devices that are not part of the VLAN.

There is a set of AVB standards documents that define the various components of an AVB system.

These components are briefly introduced below.

2.2.2.1 Resource Reservation

IEEE 802.1 Qat [67] defines thaultiple stream registration protocdMSRP). This is a protocol

that allows paths (from stream talkers through to stream listeners) to be guaranteed through a bridged
LAN for the streams that flow between the devices. It ensures that there are sufficient resources
available along the paths to support the streams. A transmitting device is able to communicate its
stream resource requirements to a bridged LAN, and a receiving device is able to communicate its
intention to receive a stream. This communication allows the network components involved in the

transfer of streaming data to guarantee the streams’ required resources.

2.2.2.2 Forwarding and Queuing Enhancements for Time-Sensitive Streams

IEEE 802.1 Qav [68] defines forwarding andeuingmechanisms for time-sensitive streams to
ensure that the resources allocated to particular streams are guaranteed. End points and bridges the
are part of an AVB system implement traffic shaping that guarantees these required resources and
smooths the delivery of frames throughout a bridged LAN. Each port's outbound queue that
implements the traffic shaping maintains a transmissredit which dictates whether frames from

the queue may be transmitted or not. The transmissiedht is decreased and increased at values

that are determined by the amount of bandwidth that is reserved for the queue.

2.2.2.3 Timing and Synchronization

IEEE 802.1 AS [69] defines timing and synchronization mechanisms for time-sensitive applications
in bridged local area networks. This standard allows for devices on an AVB network to exchange
timing information that allows them to synchronise their time base reference clock precisely.
Through the operation of the protocol, a single clock is selected as a grandmaster clock from which

all other devices derive their time. This clock periodically updates its slave clocks.

18



2.2.2.4 AVB Systems

IEEE 802.1 BA [70] defines a number of profiles that each define features, options, configurations,
defaults, protocols and procedures for bridges, stations and LANs that are to be used to build
networks capable of transporting time sensitive streams. Manufacturers can use these defaults and
profiles to develop AVB-compatible LAN components. The profiles enable persons to build

networks (using these LAN components) that do not require configuration.

2.3 Conclusion

IEEE 1394 and Ethernet AVB are two open standards-based networking technologies that allow for
the transport of synchronised, low-latency, realtime audio and video streams between the devices
that reside on the respective networks. Each of these networking technologies has mechanisms in
place to support the transmission of synchronised low-latency realtime data streams. This chapter
gave a brief introduction to these networks. In the chapters that follow, each of the key components
that make these networks suitable for the transmissions of synchronised low-latency realtime data

will be discussed.
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Chapter 3 Resource Reservation

When transmitting realtime data streams across a network there has to be a guarantee that there ar
sufficient resources to support those streams on the network. A streaming application will be aware
of its stream resource requirements, and should communicate these to the network before streaming
takes place. If the resources are available on the network, these resources should be reserved for th
particular stream(s). If not, the resource reservation should fail. This failure to reserve resources

should be communicated to the device requesting the reservation.

In order to develop a common network-neutral command and control protocol for diverse networked
audio devices, an understanding of each network’s native resource reservation mechanism is
required. The command and control protocol should be able to trigger network specific resource
reservation procedures with the correct parameters to allow for stream establishment. This chapter
explains how resource requirements are natively communicated by devices that reside on IEEE 1394

and AVB networks in order to enable stream connections to be created across these networks.
3.1 Resource Reservation for IEEE 1394

Whenever certain states of any IEEE 1394 node on a bus change (including the addition and removal
of IEEE 1394 nodes), laus resebccurs. When this occurs, the bus is reset and it reconfigures itself.
During the reconfiguration processes, each node on the IEEE 1394 bus is assigned ghysicale

ID (or node ID and one of the nodes on the bus is identified asstehronous resource manager

(IRM) node. The IRM is responsible for storing isochronous channel and bandwidth allocations. The
IRM implements aandwidth availableand channels availableegister. Thebandwidth available
register contains the amount of bandwidth currently available for isochronous transfers, and the
channels availableegister is a 64-bit bitmap (where each bit represents an isochronous channel)
indicating the availability of isochronous channels. Before an IEEE 1394 node is able to transmit
isochronous packets, it requests its required network resources (bandwidth and a channel number)
from the IRM on the bus. 80% of the available bus bandwidth is available for isochronous

transactions.
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The bandwidth availableegister is given in terms @ifllocation unitswhere eaclallocation unitis

the amount of time required to transmit 4 octets (a quadlet) of data at a data rate of 1.6Gbps. For a
transmission rate of 800Mbps, this is the amount of time required to transmit two octets, and at
400Mbps, it is the amount of time required to transmit one octet. 4915 allocation units are available
for isochronous transactions. At a data rate of 400Mbps, this translates to a maximum of 4915 octets
of data that may be transmitted per isochronous cycle. These limits place a restriction on the

maximum data payload size of an isochronous packet, as detailed in Table 1.

Cable speed| Maximum data payload size (octets)
400Mbps 4096
800Mbps 8192
1.6Gbps 16384

Table 1: Maximum data payload size of isochronous packets

Accesses to théandwidth availableregister are supported only by tl@adlet read andock
compare and swap transactions. A node is able to find out how much bandwidth is available on the
bus by reading the IRM'®andwidth availableregister. It is then able to tell whether there is
sufficient bandwidth to support its isochronous stream. [Bobk compare and swap transaction
passes a data value and an argument value to the target node. The data value is the value being use
to update the register (which includes the node’s bandwidth requirements), and the argument value is
the value previously read. Thack compare and swap transaction returns the old value at the target
address. If the old value returned is the same as the argument value sent, then there has been n
access to the register since it was read and since performilugiheompare and swap transaction.
Otherwise, the register was updated by another node in the interim and the swap will not be

performed.

A node is also able to determine the availability of an isochronous channel, and then request the use
of the channel. A node is able to obtain the use of an isochronous channel via thehBiMisls
available register. Thechannels availablegegister is a 64-bit register where each bit represents a
channel. When it is initialised, all of the bits are set to one, indicating that none of the channels have
been allocated. A node is able to read the value of the register to determine the next available

channel number. It uses a lock compare and swap transaction to request the next available channel.
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If an IEEE 1394 node’s requested resources are available, the node is guaranteed those resources. |
however, any of the requested resources are unavailable, the node is unable to transmit the
isochronous packets associated with the resource reservation.

3.2 Resource Reservation for Ethernet AVB

In order to successfully transmit realtime stream data across a bridged LAN (with the required QoS),
AVB devices need to ensure that there are sufficient network resources (such as bandwidth and
buffer space) on the path from stream talkers to stream listeners before stream transmission can take

place.

A stream talker is able to register its intention to transmit a data stream with the network. It transmits
a frame containing talker advertiseattribute onto the network. This attribute includes details of the
characteristics of the stream (e.g., bandwidth and traffic class). Each intermediate bridge that
receives the frame is able to ensure that there are sufficient resources to guarantee that the strean
frames will be transmitted with the requested parameters.

A stream listener can register its intention to receive a particular data stream. It does so by
transmitting a frame containinglistener readyattribute towards the talker. This attribute includes
details of the stream it would like to receive. The intermediate bridges that receive this frame are able
to set up various internal parameters to ensure that there are sufficient resources to transfer the
requested stream frames to the listener device. If any resource reservations fail, the participating
devices are notified and streaming cannot go ahead. Once a successful path has been establishe
through a bridged LAN, the stream talker is able to transmit a stream.

Stream talker devices are able to tear down streams and de-allocate the resources that are reserve
for the streams by withdrawing their stream advertisements. Listeners are able to stop receiving
streams by withdrawing their intention to listen to a stream. When a stream is torn down, the

resources that were associated with that stream are released.

These stream resource reservation requirements in AVB networks are communicated using the

multiple stream registration protocdMSRP) [67]. In addition to the functionality it provides, this
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protocol also makes use of the functionality provided byntidtiple MAC registration protocol
(MMRP) [71] and themultiple VLAN registration protoco(MVRP) [71]. These protocols are
multiple registration protocol(MRP) [71] applications. MRP allows for the registration and
distribution of information (known aattributeg across a bridged LAN. The use of the registered

attributes is specific to the application making use of MRP.

3.2.1 Multiple Registration Protocol

MRP is a distributed, many-to-many generic protocol that allgav8cipantsin an MRP application

(for example, MSRP) taleclare attributes and to have those attributesgistered within other
participants on a bridged LAN. An attribute is used to convey information and may be composed of
one or more fields. For example, MMRP definddA&C attribute that is used to describe a single six
octet MAC address, whereas MSRP definéslleer advertiseattribute (that describes a stream) that

is composed of several fields. For exampletalker advertiseattribute contains an eight octet
identifier to identify a stream, and fields that define the maximum frame size and frame rate of the

stream.

MRP defines a generic behaviour that all MRP applications conform to. Specific attribute types, their
allowed values, and the semantics associated with these values when they are registered, are define
by the specific MRP applications. In essence, MRP is used to establish, maintain, withdraw, and
disseminate attribute declarations and registrations among a set of MRP patrticipants. As shown in

Figure 9, specific MRP applications inherit the generic behaviour of MRP.

MRP

/

MRP Applications —> @ MMRP @

Figure 9: MRP application inheritance
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An instance of an MRP application (for example, MSRP) running on a station participates in the
MRP protocol with other instances of the same MRP application, and is known as a participant. A
participant is able to make or withdraw declarations of attributes. The declaration of an attribute
results in the registration of that attribute with the other participants. The withdrawal of a declaration
of an attribute results in the removal of registration of the attribute from the other participants. For
example, MSRP definestalker advertiseattribute and a talker end station is able to declare this

attribute. This attribute is registered on all other MSRP patrticipants within a bridged LAN.

Figure 10 shows an example of a bridged LAN. Each end station (denoted with a triangle) has a
single port, and each bridge (denoted with a rectangle) has two or more ports. In this example, each
port has associated with it a single MRP participant (this is typically the case, but can be defined
otherwise per-MRP application). Therefore, each end station has a single MRP participant associated
with its port, and a bridge has a single MRP participant associated with each one of its ports. In this
figure, a single participant (running on an end station) has made a declaration of an attribute
(indicated by the number 1). This attribute is stored by the participant, and it is marked as being
declared. The attribute declaration is propagated to all of the other ports attached to the same LAN.
The attribute is registered by the participant on the port that receives the declaration (indicated by the
number 2). This attribute is stored by the participant, and is marked as being registered. The attribute
registration is propagated to, and declared by, all of the other bridge’s ports participants (indicated by
the number 3). These declarations then repeat the propagation cycle (indicated by the number 4).
Once a declaration of an attribute has reached a participant on an end station (for example, the end

station indicated by the number 5), it is registered and not propagated any further.
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Figure 10: An example of an attribute value propagation from one station (adapted from [71])

Figure 11 shows an example of two different participants (running on different end stations)
declaring the same attribute (an attribute with the same type and value) on two different LANs (these
end stations are circled in the figure). All of the participants running on end stations register the

attribute. Some bridges register the attribute on more than one of its participants.
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Figure 11: An example of an attribute value propagation from two stations [71]

3.2.1.1 MRP Architecture

An MRP participant consists of the following components:

« MRP application component The application component is responsible for the semantics
associated with attribute values and attribute registrations. For example, the MSRP application is
aware of the semantics associated with the registration of talker adatttibates.

* MRP attribute declaration (MAD) component The MAD component is responsible for
executing the MRP protocol. It keeps track of attributes, and marks whether each one is declared
or registered. It generates MRP messages for transmission, and it processes messages it receive

from other participants.

End stations have a single MRP participant per MRP application and bridges have one MRP
participant per MRP application per port. For example, in a bridged LAN that supports the MSRP
application, an end station will have a single MSRP participant, and a bridge will have an MSRP
participant for each port of the bridge. The encoding (and subsequent decoding) of a specific MRP
application’s attribute values is specific to the MRP application. MRP N#RB data units

(MRPDUSs) to convey messages generated by the MAD component for a single MRP application.
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MRPDUs have a general structure used by all MRP applications. Within bridges, each MRP
application has aMRP attribute propagatiodfMAP) component. This component is responsible for
propagating information between per-port MRP participants. Figure 12 shows the components of

MRP patrticipants (shown in dashed lines) in a two port bridge and an end station.

Two port bridge End station

Figure 12: MRP architecture [71]

An MRP application is able to request the MAD component to make and withdraw attribute
declarations. This happens via two service primifives

* MAD join request (attribute type, attribute value, new)

2 A service primitive is an interface tosarvice providermuch like a function is an interface to an object in an object-
oriented programming language. The service provider carries out the service requestedvine aiserA service user
makes a request to a service provider via a service primitive.
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* MAD leave request (attribute type, attribute value)

The MAD component is able to notify the MAP component and the MRP application component of
changes in attribute registrations. This happens via two service primitives:
* MAD join indication (attribute type, attribute value, new)

* MAD leave indication (attribute type, attribute value)

These service primitives have the following parameters:

» Attribute type Each MRP application defines a number of attributes and each is identified by a
number that is unique to that application. The value ottiébute typeparameter represents the
type of attribute associated with the service primitive invocation.

» Attribute value The value of this parameter is an instance of the attribute referred to by the
attribute typeparameter. If, for example, tladtribute typeparameter refers to a MAC parameter,
the attribute value will be a MAC address.

* New The MAD join requestand theMAD join indication service primitives also havenaw
parameter (in addition to the ones mentioned above). This parameter is a Boolean parameter
whose value represents an explicitly signalled new declaration. An application making an
attribute declaration may explicitly signal that the associated attribute is a new declaration. When
the attribute is registered with other participants, the application is notified that the attribute

declaration is new. MRP applications choose whether or not they make use of this functionality.

An MRP application defines a set of attribute types and the permitted values for each attribute. It
defines the semantics associated with each attribute type and value. The structure and encoding of
the attribute types and their values in MRPDUSs is application specific. Each MRP application

decides on the requirements for MRP state machine support in end stations and bridges.

3.2.1.2 Multiple Attribute Propagation (MAP)

The MAP component (as shown between the two MAD components of the two port bridge in Figure

12) allows for attributes registered on a port to be propagated across a bridged LAN to other MRP
participants. Once an attribute has been registered on a port of a bridge, it will be propagated to all
other ports of the bridge, which then declare the attribute. Deregistration of an attribute on a bridge

port is propagated to all of its other ports via MAP.
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3.2.1.3 MRP State Machines

An MRP participant contains a number of state machines. In a full MRP participant, each attribute
(whether it is declared, registered, or tracked) has associated withgpbrantstate machine and a
registrar state machine. This is shown diagrammatically in Figure 13. When an attribute is created,
its associated state machines are created and initialised (see Section 3.2.1.3.2 “Applicant State
Machine” and Section 3.2.1.3.3 “Registrar State Machine”). Attributes are not necessarily created
when they are declared and/or registered. The time when attributes are created is an implementation

decision.

Applicant state

machine

1
\ Registrar state

machine

Attribute

Figure 13: An attribute associated with an applicant and registrar state machine

An MRP participant has associated with iteave all state machine, and eriodic transmission

state machine. This association is shown diagrammatically in Figure 14.
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Participant

Figure 14: An MRP participant associated with a leave all and periodic transmission state machine

Subsequent sub sections will discuss these state machines, but first the messaging architecture use

by the state machines will be described.

3.2.1.3.1 Transmit Opportunity

MRPDUs are used to convey messages between the state machines of participants. A single MRPDU
may contain a number of messages. Each message may contain one or more attribute values (each ¢
the same attribute type). For each attribute value there is a correspattdingte eventand an

optional value field. Thattribute evensignalled in the message is applied to the state machines of
the attribute identified by thattribute typeand theattribute value(examples oéttribute eventsvill

be discussed in the sections that follow). The use of the optional value field is defined by each MRP
application. This field is able to carry the range of values 0 through 3. Each MRP application, if it
does use the field, associates its own meaning with these values. Figure 15 shows the logical
structure of an MRPDU and its contents (the actual encoded structure of the MRPDU may be

different to enable efficient transmission).
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MRPDU

Message Message Message ‘ Vlessage
_ Attribute Attribute Optional
Attribute type
value(s) events(s) value(s)

Figure 15: MRPDU structure

If a state machine would like to transmit a message to a LAN, it has to be granted a transmit
opportunity. Associated with each participant i®ia period timer The join period timer is used to
control the time interval between transmit opportunities that are granted to state machines that

requested transmit opportunities.

If an MRP participant’s state machine wants to transmit a message, it requests a transmit opportunity
(if one is not already pending) and is added to a list of state machines (associated with the
participant) requesting a transmit opportunity. If this is the first transmit opportunity request after the
last transmit opportunity was granted, the join period timer is started. When the join period timer’s
time expires, the state machines that requested transmit opportunities add their pending messages t
an MRPDU. Once all of the pending messages are added to the MRPDU, the MRPDU is transmitted.

This process occurs separately for each participant.

The transmit opportunity mechanism facilitates the encoding of multiple attribute messages within
single MRPDUSs, rather than the transmission of single attribute messages per MRPDU. Each
participant is associated with a particular port. MRPDUs are only transmitted through the port that is
associated with the participant. Each MRP application defines a uniqgue MAC address and an
EtherType. The destination MAC address and EtherType in the MRPDU will be the MAC address
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and EtherType associated with the MRP application (for example, MSRP defines its own MAC
address and EtherType).

3.2.1.3.2 Applicant State Machine

A declaration of an attribute by an MRP participant is recorded by the attribute’s applicant state
machine. Certain transitions of the applicant state machine’s state may trigger the transmission of
MRPDUs. These MRPDUs communicate attribute declaration (or withdrawal) to the other MRP
participants. Each applicant state machine maintains a declaration state that records whether it:
» Wishes to make aew attribute declaration (as signalled by thew parameter oMAD join

requesy
* Wishes to maintain or withdraw an existing attribute declaration
» Has no attribute declaration to make
* It has actively made an attribute declaration
» Has been passive

* Wishes to take advantage of, or simply observe the attribute declarations of others

Figure 16 shows a partial state transition diagram for the initialisation of an applicant state machine.
When an attribute is created, its associated state machines are created and initialised. An attribute
could be created when it is declared, registered, or at some other time. For example, an MRP
application implementation may create all of its required attributes when it is initialised. Even though
these attributes exist, they are marked as not being declared, and not being registered. When ar
applicant state machine is initially created (on attribute creation), it is initialised by signalling it with
abegin event. The state machine transitions to the wW&By(anxious observgstate which indicates

that the associated attribute is not declared (even though it exists).

begin

Figure 16: Applicant state machine initialisation
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Figure 17 and Figure 18 show partial state transition diagrams for an applicant state machine. These
show the state transitions of the state machine when declaring an attribute, and then withdrawing the
attribute declaration. They assume that no other events take place other than the ones shown in the

figures.

MAD join request

«»

join

Request transmit opportunity

transmit

AEA
iU

Send join empty message
Request transmit opportunity

transmit

OA Send join empty message

@

VO Very anxious observer
VP  Very anxious passive
AA  Anxious active

QA  Quiet activate

Figure 17: State transitions for the declaration of an attribute

Shown in Figure 17 above is a partial state transition diagram for an applicant state machine. It
shows the transition of state when an attribute is declared. WHdALa join requestservice
primitive is invoked (by MSRP for talker advertiseattribute, for example), the attribute is located
within the participant. If the attribute cannot be located, the attribute is created and its applicant state
machine is signalled with laeginevent (as shown in Figure 16). Once the attribute has been located
(or created), MAD signals the attribute’s applicant state machine witim &vent. This causes the

applicant state machine to transition to the Very anxious passiyetate which indicates that the
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associated attribute is being declared but this has not yet been communicated to the bridged LAN.
When the state machine transitions into the VP state, it requests an opportunity to transmit (see
Section 3.2.1.3.1 “Transmit Opportunity”). Once the requested transmit opportunity arrives (after the
join period timer expires), @aansmitevent is signalled to the applicant state machine. This causes
the state machine to transition to the AghXious activestate which indicates that the state machine

is declaring the attribute and has communicated this to the bridged LAN. The state machine adds a
join emptymessage to an MRPDU which is sent to the bridged LAN. Following this a further
transmit opportunity is requested. When the transmit opportunity arrives, atrati@nitevent is
signalled to the applicant state machine. This causes the state machine to transition toghietQA (
activate state, which indicates that the applicant is declaring the attribute and has sent at least one
message communicating the declaration. The state machine adds ajdimtleenptymessage to an
MRPDU which is sent to the bridged LAN.

In the scenarios mentioned above, #i¢ribute eventcommunicated in the messages (of the
MRPDUs) will indicatejoin empty The join emptyattribute eventindicates that the attribute is
declared by the participant, but is not registered by the participant (i.e., no other participant on the
LAN has declared the same attribute). Section 3.2.1.3.3 “Registrar State Machine” details what

happens when these messages are received and how the events are interpreted.

Shown in Figure 18 is a further partial state transition diagram for an applicant state machine. It
shows the transition of states when an attribute declaration is withdrawn. Once an attribute is
declared, and this declaration has been communicated to the bridged LAN, the applicant state
machine is in the QA state (as shown in Figure 17). WhdAR leave requestervice primitive is
invoked (by MSRP for galker advertiseattribute, for example), the applicant state machine for the
attribute is signalled with Beaveevent, causing the state machine to transition to theléaviag

activg state. This state indicates that it has communicated the attribute declaration to the bridged
LAN but has subsequently receivedVBAD leave requesaénd has yet to communicate this leave
request to the bridged LAN. When the state machine transitions to this state, it requests a transmit
opportunity. When the transmit opportunity arrives (after the join period timer’s time expires), a
transmitevent is signalled to the applicant state machine. The applicant state machine transitions to
the VO state, and it adds an appropriate message to an MRPDU which is sent to the bridged LAN.
The attribute’sattribute eventommunicated in the message will indicktave Theleaveattribute

eventindicates that the attribute declaration has been withdrawn. Section 3.2.1.3.3 “Registrar State
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Machine” details what happens when this message is received by other participants and how the

event is interpreted.

MAD leave request

o)

leave
A 4
( LA ) Request transmit opportunity
transmit
\ 4

1 VO ) Send leave message

QA Quiet activate
LA  Leaving active

VO Very anxious observer

Figure 18: State transitions for the withdrawal of a declaration of an attribute

3.2.1.3.3 Registrar State Machine

The registration of an attribute is recorded by its registrar state machine for each participating end
station and bridge port that receives an MRPDU. Its job is to record the declarations of attributes
made by other MRP participants. The registrar state machine does not send any MRPDUs. The
following states are implemented by each registrar:

* Registered

* Previously registered, but is now being timed out

* Not registered

As shown in Figure 19, when a registrar state machine is initially created (upon attribute creation), it
is signalled with a&eginevent. The attribute could be created when it is declared, registered, or at

some other time specific to an MRP application implementation. bEggn event causes it to
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transition to the MT (not registered) state which indicates that the attribute associated with the

registrar state machine is not registered.

begin

Figure 19: Initial registrar state machine state

Figure 20 shows a partial state transition diagram for a registrar state machine. If a single participant
on a bridged LAN has declared an attribute, it will communicate this to the bridged LAN. All of the
other participants’ registrar state machines (on the same LAN) for the same attribute will be
signalled with areceive join emptgvent (as thattribute evenindicated in the received message is

join empty(as discussed in Section 3.2.1.3.2 “Applicant State Machine”)). This event indicates that
the associated attribute that was received is declared, but not registered (by the participant that
transmitted the MRPDU). Each registrar state machine transitions to the IN (registered) state. When
this happens, MAD join indication is signalled to MAP and the MRP application indicating the

attribute type and attribute value.

()

receive join empty

\ 4

( IN ) Join — MAD join indication

MT  Empty
IN Registered

Figure 20: Registrar state after attribute registration
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A timer is associated with each registrar state machine and operates when the associated attribute i
being timed out. Figure 21 shows a further partial state transition diagram for a registrar state
machine. If an MRPDU is received containing an attribute and it is indicated that the attribute
declaration has been withdrawn (thiribute evenis leave, the associated registrar state machine

will be signalled with aeceive leaveevent. This event causes the state machine to transition to the
LV (previously registered, but is now being timed out) state and causes the timer associated with the
registrar state machine to be started. Once the timer expires, it will sitpaaleatimerevent to its

registrar state machine, which causes the state machine to transition to the MT state. When the state
machine transitions to the MT state MBAD leave indication is signalled to MAP and the MRP

application (e.g., MSRP).

o«

receive leave

\ 4

( LV ) Start leave timer

leave timer

A 4

( MT ) Leave — MAD leave indication

IN Registered
LV  Leave
MT  Empty

Figure 21: Registrar state after attribute deregistration

3.2.1.3.4 Attribute Declaration and Registration

Figure 22 shows an applicant state machine of a participant (on end station 1), and a registrar state
machine of another participant (on end station 2). Also shown is how the state transitions and
messaging of one state machine affects the other one when an attribute is declared. An MRP

application, for example MSRP, invokesM&AD join requestservice primitive to indicate that it
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wants to declare an attribute with a certain value. End station 1 declares an attribute (and thus its
applicant state machine is shown), and this attribute is registered on end station 2 (and thus its
registrar state machine is shown). Once the attribute’s applicant state machine is created, it is in the
VO state. The invocation of thBIAD join request(on end station 1) results in the attribute’s
applicant state machine being signalled wijbia event causing it to transition to the VP state. The
applicant state machine then requests a transmit opportunity, and when given one, adds an
appropriate message to an MRPDU. Htieibute eventassociated with the attribute in the message

IS join empty

When the message is received on the other participant (on end station 2), the attribute is located (or if
not found, created and signalled witbegin event) and its registrar state machine is signalled with a
receive join emptgvent causing the state machine to indicate that the attribute is registered. This
results in aMAD join indication service primitive being signalled to the MRP application. When the
registrar state machine receives the segoimdempty it stays in the registered state, and does not

signal aMAD join indication to the MRP application.
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Figure 22: State machine transitions

3.2.1.3.5 Leave All State Machine

Associated with each MRP participant is a leave all state machine. The leave all state machine is
responsible for periodically ensuring that all participants on a LAN deregister any stale attribute
registrations. An attribute registration could become stale if, for example, the participant that

declared the attribute suddenly lost network connectivity.
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The leave all state machine can either be irathizve state opassivestate and it has associated with

it a timer. When the leave all state machine is initially created, it is signalled hatiaevent. This

causes it to transition to the passive state and causes its timer to be started. This is shown in Figure
23.

begin

Start leave all timer

Figure 23: Leave all state machine initialisation

Figure 24 shows a partial state transition diagram for the leave all state machine. When its timer’s
time expires, deave all timerevent is signalled to the state machine. This causes the state machine
to transition to the active state and causes a transmit opportunity to be requested, and the timer to be
restarted. When the transmit opportunity arrives (when the join period timer's time expires), a
transmit event is signalled to the state machine. This causesea allmessage to be added to an
MRPDU.

Send leave all Passiv )
A

transmit leave all timer
A\ 4

. Request transmit opportunit
Active d . P y
Start leave all timer

Figure 24: Leave all state machine timer expiring

A leave allmessage is used to communicate that all attribute registrations (of all participants on a
LAN) will shortly be deregistered, and that all MRP participants need to reregister their attributes.
The leave all message applies to all attributes. Any attributes that are registered by the MRP
participant that transmitted theave allmessage, as well as the participants that receiMedke all

message, are timed out.
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Only a single participant’s leave all state machine needs to periodically trarieaneaallmessage.

Since the MRP protocol is a distributed protocol, each participant is able to trdeawst all
messages. When a participant receiveseave all message (that was generated by another
participant’s leave all state machine), its leave all state machine’s timer is restarted without it

generating a leave athessage.

Figure 25 shows a leave all state machine (on end station 1), a registrar state machine (on end statior
2), and an applicant state machine (on end station 3). Assume that the applicant state machine ha:
declared an attribute, and has communicated this to a LAN. The registrar state machine (on end
station 2) has registered the attribute. A leave all state machine’s timer expires, which results in a

leave allmessage being transmitted to the LAN (indicated by the number dgcelve leave all

event is signalled to all of the registrar and applicant state machines on the LAN (indicated by the

number 2). The registrar state machine transitions to the LV state and starts its timer (as described in
Section 3.2.1.3.3 “Registrar State Machine”). This causes the attribute registration to start being

timed out.

The applicant state machine transitions to the VP state, requests a transmit opportunity, and
eventually transmits pin emptymessage (indicated by the number 3). Tbiis emptymessage is
received by the registrar state machine (indicated by the number 4) which causes its timer to stop.
The registrar then transitions back into the registered state. If the registrar’s timer were to expire, the
attribute would have been deregistered. This would have happened, for example, if the station that
declared the attribute had lost network connectivity as the registrar would not have recejoad the
empty message. This ensures that when a participant declares attributes and it leaves the LAN
without withdrawing these attribute declarations, the stale attributes are deregistered from other

participants.
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Figure 25: Leave all state machine timer expiring
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3.2.1.3.6 Periodic Transmission State Machine

The periodic transmission state machine of each participant periodically causes the states of its
declared attributes to be sent to a LAN to ensure that the attributes are registered on other
participants. The functionality of the periodic transmission state machine may be disabled and
enabled at any time during its existence. MSRP, for example, does not make use of the periodic

transmission state machine.



There is a timer associated with the periodic transmission state machine, and it periodically signals a
periodic event to the participant’s applicant state machimis. periodic transmission state machine

can either be in thactive or passivestate. When the state machine is created, it is signalled with a
begin event. This causes the state machine to transition to the active state, and causes its timer to b

started, as shown in Figure 26.

begin

Start period timer

Figure 26: Periodic transmission state machine initialisation

When the periodic transmission state machine’s timer expires, the periodic transmission state
machine is signalled with periodic timerevent. The state machine remains in the active state, but
causes the state machine to signal all applicant state machines peitiodic event and causes its

timer to be restarted, as shown in Figure 27.

Start period timer
Signal periodic to applicant state machin

periodic timer

Figure 27: Periodic state machine timer expiring

If, for example, an applicant state machine has recorded the declaration of an attribute, and has
transitioned to the QA state (as shown in Figure 17) and is signalled wehaalic event, it will

cause the applicant state machine to transition to the AA state. This transition causes a transmit
opportunity to be requested. When this transmit opportunity arrives, the state machine transitions
back to the QA state and communicates the attribute registration state to the bridged LAN. Figure 28

shows an applicant state machine being signalled with a periodic event.
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Figure 28: Applicant state machine being signalled with a periodic event

3.2.1.4 Protocol Timers

Various timers are used by MRP to cause actions to take place after a defined period of time:

The join period timer is used to control the time between transmit opportunities that are granted
to applicant and leave all state machines that requested transmit opportunities. There is a join
period timer per MRP participant.

The leave period timers used to control the amount of time that a registrar state machine will
wait in the “previously registered, but is now being timed out” state before it transitions to the
“not registered” state.

Theleave all period timecontrols the frequency at which the leave all state machine generates
leave allmessages. One of these timers exists per MRP participant.

The periodic transmission timezontrols the frequency at which the periodic transmission state
machine indicates to the applicant state machines that its timer has expired. This timer is used to
stimulate periodic transmission and ensure that current attribute declarations are registered on all

participants on a LAN. One of these timers exists on a per-port basis.

Given in Table 2 are the default timer values.
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Timer Default Value (milliseconds)
Join period timer 200
Leave period timer 600-1000
Leave all period timer 10000
Periodic transmission timer 1000

Table 2: The default MRP timer values

The correct operation of the MRP protocol is not critically dependent on the values of the various

timers associated with a participant’s state machines. The protocol will, however, operate more

efficiently if certain relationships are maintained between timer values used by peer participants:

The value of the leave period timer of the registrar should be at least twice the maximum join
period timer, and also at least six times the timer resolution. This gives applicant state machines
sufficient time to communicate their attribute declarations to a LAN to ensure that registrar state
machines do not deregister their attributes unnecessarily. If, for example, a registrar state
machine (on a port attached to a LAN) and an applicant state machine (on another port on the
LAN) for the same attribute receive laave all message, the registrar will start timing the
attribute out. The applicant, once it has receivedléhge all message and has been given a
transmit opportunity, will communicate the attribute declaration to the LAN, causing the registrar
to stop its leave period timer (and it will move back into the registered state). The applicant state
machine has to be given sufficient time to communicate the attribute declaration before the
attribute is unnecessarily deregistered.

To minimize the potential volume tdave allmessages, the value chosen for the leave all period
timer of the leave all state machine should be large relative to the leave period timer of registrar

state machines.

3.2.1.5 MRP Application Addressing

Each specific MRP application uses a unique EtherType in order to identify the application protocol.

MRP applications also use a specific MAC address in the destination address field of their MRPDUSs.

This MAC address is used to identify the MRP application. The specific set of multicast addresses

that have been set aside for MRP applications have the following properties:
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* If an MRP application is using a particular MAC address, any frames that are destined to that
address are not forwarded by the bridge component. These frames are passed to the relevan
MRP applications on the bridge, which process them and decide if the frames should be
propagated (using the MAP component).

* For any of the addresses that are not used by any MRP applications, the frames destined for that

address and received by the bridge are forwarded to all other ports.

3.2.2 Multiple MAC Registration Protocol

MMRP is an MRP application that allows end stations and bridges to register and deregister MAC
address information with the bridges and end stations of a bridged LAN. The services provided by
MMRP allow end stations to dynamically control reception of frames destined to unicast and

multicast MAC addresses. MMRP allows a bridge or end-station to request that frames with a given
destination unicast or multicast MAC address be forwarded to it.

Figure 29 shows an example bridged LAN that is composed of a number of bridges, LANs and end
stations. Each port on the bridged LAN has associated with it an MMRP participant. A number of
end stations have registered (via MMRP) the fact that they would like to receive frames with a
destination multicast address (these end stations are marked with the letter M). The registration
and propagation of this registration information is handled by MR&nyfend station sends out a
frame with a destination multicast MAC address$in this example, the end station marked with the
letter T), the bridges of the network will forward the frame out of their ports where the MAC address
m has been registered. Bridges receiving the frames will not forward the frames out of ports where

the MAC address is not registered.
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Bridge Bridge Bridge
M M T
M Bridge Bridge
M
M End station requiring frames with destination multicast MAC address

T End station transmitting frames with destination multicast MAC addness

End station not requiring frames with destination multicast MAC addness

— Forwarding of frames with destination MAC address

Figure 29: Example MMRP registrations

MMRP allows for multicast frames to be forwarded only to parts of a bridged LAN where they are
needed (as opposed to being broadcast throughout a bridged LAN) thus saving bandwidth. End
stations are able to utilise information registered by MMRP to praodece pruning. This allows

end stations that are sources of frames with destination multicast MAC addresses to suppress the
transmission of these frames if the information registered by MMRP indicates that there are no

recipients of the frames.

Figure 30 shows the architecture of MMRP for a two-port bridge and an end station. Each MMRP
participant consists of an MMRP application and a MAD component. The MMRP application
component is responsible for the semantics of MMRP attribute registration and deregistration. It
interacts with the filtering database and adds or deletes appropriate entries to ensure that the request
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of MMRP are carried out. The MAD component executes the MRP protocol (as discussed in Section
3.2.1 “Multiple Registration Protocol”). For network bridges, MMRP attributes are propagated

between the various MMRP patrticipants via a MAP component.

Figure 30: MMRP architecture [71]

3.2.2.1 MMRP Attributes and Service Primitives

MMRP uses the attribute declaration and propagation mechanisms provided by MRP in order to
register its attributes on bridges and end stations. MMRP defines a MAC attribute type and the
following service primitives:

¢ Register MAC address (MAC)

* Deregister MAC address (MAC)
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3.2.2.1.1 Registering and Deregistering MAC Addresses

MMRP provides the ability to dynamically register and deregister MAC addressesreaseer

MAC addressand aderegister MAC addresservice primitive. The registering and deregistering of
MAC addresses allow for control over the reception of frames. Each of these service primitives has a
MAC address parameter. This MAC address parameter is six octets long and represents a MAC

address.

When aregister MAC addresservice primitive is issued to an MMRP participant, it isSubsAD

join requesto its MAD component indicating an attribute type of MAC with an attribute value equal

to the requested MAC address. Invoking MAD join requestresults in a MAC attribute being
declared. The MAC attribute is six octets long and is used to represent a MAC address. This
declaration is communicated to the LAN and registered by other MMRP participants on the LAN.
Bridges propagate the registration to their other ports (as discussed in Section 3.2.1 “Multiple

Registration Protocol”).

Figure 31 shows an end station application registering a MAC address. This application could be a
video application that is interested in receiving a stream of frames destined to a multicast MAC
address, for example. The application interfaces with the MMRP participant and invokes the
participant’s register MAC addresservice primitive indicating the multicast MAC address of
interest (indicated by the number 1). The MMRP patrticipant handles the registration and requests
that MAD declare an attribute (via tiMAD join requestservice primitive) of type MAC with a

value equal to the indicated MAC address (indicated by the number 2). The MAD component
declares the attribute and is responsible for communicating the attribute declaration to the LAN (via
an MRPDU) such that it is made known to the bridged LAN (indicated by number 3). Section
3.2.2.1.2 “Responding to Registration Events” discusses what happens when the attribute is

registered on other stations on the LAN.
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Figure 31: Register MAC address

When a deregister MAC addressrvice primitive is issued to an MMRP participant, it iSSUEA\®
leave requesto its MAD component indicating an attribute type of MAC with an attribute value
equal to the requested MAC address. Invoking M®D leave requestesults in the attribute

declaration being withdrawn, and this withdrawal being communicated to the LAN.

Figure 32 shows an example of an end station application deregistering a MAC address. Once again,
this could be a video application, but this time it no longer wishes to receive the stream of frames
destined to the multicast MAC address. This application interfaces with the MMRP participant and
invokes itsderegister MAC addresservice primitive indicating the destination MAC address of the
frames that it no longer wishes to receive (indicated by the number 1). The MMRP participant issues
a MAD leave requesto its MAD component indicating an attribute of type MAC and an attribute
value equal to the requested MAC address (indicated by the number 2). The MAD component then
withdraws the MAC attribute declaration and communicates this attribute withdrawal to the LAN
(via an MRPDU). Section 3.2.2.1.2 “Responding to Registration Events” discusses what happens

when the attribute is deregistered on other stations on the LAN.
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Figure 32: Deregister MAC address

3.2.2.1.2 Responding to Registration Events

Section 3.2.2.1.1 “Registering and Deregistering MAC Addresses” discussed how the registration of
MAC addresses are initiated and initially communicated to a LAN. When these attributes are
registered by other MMRP patrticipants (residing on bridges and end stations) on a bridged LAN,

these stations need to be configured appropriately to honour the requests of the registrations.

Figure 33 shows a bridged LAN. The end station marked with the letter M is interested in receiving
frames that are destined to multicast MAC addras#t registers the MAC address by declaring a

MAC attribute with an attribute value equal to the MAC addre¢sdicated by the number 1). The
attribute is communicated to the LAN and is registered on the port of the bridge (indicated by the
number 2). The bridge propagates the attribute registration to its other ports and declares the attribute
on these ports (indicated by the number 3). These ports communicate the attribute declarations to
their LANs which results in the attributes being registered on the ports of the stations of their LANs
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(indicated by the number 4). This cycle is continued until the MAC attribute is registered on end

stations and cannot be propagated any further.

3 4
Dm Rm
Bridge Bridge
| Rm Dm | Dm[— Dm
N\

1 4 /

4 Dm Rm | Rm Rm
" L L

M End station requiring frames with destination multicast MAC address
End station not requiring frames with destination multicast MAC addness

Figure 33: MAC address registration

MMRP responds to the registration and deregistration of MAC address information made by remote
bridges and end stations. When a MAC attribute is registered by MRP, MMRP receives notification
of this via its MAD component’$1AD join indication service primitive. When a MAC attribute is
deregistered by MRP, MMRP receives notification of this via its MAD componét®B leave

indication service primitive.

When MMRP receives BIAD join indication, a bridge or end station is configured such that it will
forward any received frames (that meet the criteria of the MAC address attribute) out of the port on
which the attribute is registered. Shown in Figure 34 is an example of a two port bridge with an
MMRP participant receiving an MRPDU communicating an MMRP attribute declaration by a
remote station (indicated by the number 1). The MMRP patrticipant's MAD component receives and

processes the MRPDU. It registers the attribute and invoRdAR join indication to indicate to
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MMRP the registration of the attribute. MMRP adds an appropriate entry to the bridge’s filtering
database to ensure that frames are forwarded correctly. If, for example, an end station attached to the
lower port of the two port bridge has requested that all frames destined to multicast MAC address

be forwarded to it, an entry is added to the filtering database that associates the multicast MAC
addresam and the port. The forwarding process is then able to use this information when making
forwarding decisions for any received frames destined to multicast MAC addrétswill forward

any frames with that address out of the associated port.

[ ]

Filtering Database Bridge

3

Update filtering database\

\ MMRP

MAD join indication (MAC, MAC address)

x MAD

——

Receive attribute declaration

1 X

Figure 34: Two port bridge receiving an MMRP attribute declaration

When MMRP receives BIAD leave indication, a bridge or end station is configured such that it will
filter any frames that meet the criteria of the MAC address parameter. Shown in Figure 35 is an
example of a two port bridge (that has MMRP patrticipants associated with its ports) that has received
an MRPDU indicating that an MMRP attribute declaration has been withdrawn. The MMRP

participant's MAD component receives and processes the MRPDU, deregisters the attribute and
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notifies the MMRP component by invoking tMAD leave indication service primitive. The MMRP
component updates the filtering database such that it no longer forwards the specified frames out of

the associated port.
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Figure 35: MMRP MAD leaveindication

3.2.3 Multiple VLAN Registration Protocol

MVRP is an MRP application that allows for dynamic VLAN registrations in bridged LANs. Both
end stations and bridges are allowed to create and withdraw attribute declarations that allow them to

register themselves as a member of a VLAN, and to deregister that VLAN membership.

End stations are able to register their VLAN membership (via MVRP) with the other MVRP
participants on the LAN segment to which they are connected. Each MVRP patrticipant that receives

one of these MVRP attribute declarations updates itself to indicate that the VLAN is registered on
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the port that received the attribute declaration. VLAN-aware bridges register and propagate VLAN
membership on their ports. Incoming registrations and de-registrations are used to update bridge

VLAN membership information.

VLAN membership registration on end stations allows dource pruning: if an end station has
frames to transmit on a particular VLAN, but that VLAN does not consist of any members, the

frames will not be transmitted onto the LAN.

Figure 36 shows an example of a bridged LAN. A number of end stations have indicated that they
would like to be a member of VLAM (these end stations are marked with a V). These end stations
have requested membership to the VLANia MVRP. This allows for bridges to know where to
forward frames that are part of VLAN I a transmitting end station (in this example, the end station
marked with a T) transmits a broadcast frame as part of VicAiRe bridges will only forward the

frame on the bridge ports where VLANas been registered.
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Bridge Bridge Bridge
\ T
Vv Bridge Bridge

[

\V End station that is a member of VLAN

T End station transmitting frames on VLAN

End station that is not a member of VLAN

— Forwarding of frame on VLAN

Figure 36: Example MVRP registrations

Shown in Figure 37 is the architecture of MVRP for a two-port bridge and an end station. There
exists a single MVRP patrticipant per port. An MVRP participant consists of an MVRP application, a

MAD component, and a MAP component.
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Figure 37: MVRP architecture

3.2.3.1 MVRP Attribute and Service Primitives

MVRP defines a VIDattribute and two service primitives:
* Register VLAN member (VID)
» Deregister VLAN member (VID)

The register VLAN membeservice primitive allows for VLAN membership registration, and the
deregister VLAN membegervice primitive allows for VLAN membership deregistration. Each of
these service primitives has a VID parameter that represents a 12-bit VLAN identifier.

3.2.3.1.1 Registering and Deregistering VLANS

If a station wishes to become a member of a particular VLAN, it will issegiater VLAN member
service primitive to MVRP with the VLAN ID that identifies the VLAN that it wishes to become a
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member of. MVRP then issuesMAD join requestto its MAD component indicating an attribute
type of VID with an attribute value equal to the requested VLAN ID. This causes MAD to declare a
VID attribute, the attribute declaration to be communicated to the LAN, and for the attribute to be

registered on other ports attached to the LAN. This is shown in Figure 38.

End station application End Station

&’ MVRP
Register VLAN member (VLAN ID)

2 MAD

MAD join request (VID, VLAN ID)

L

7 3

Communicate VI g declaration to LAN

Figure 38: Register VLAN member

A similar process is followed when deregistering a VID. Wheleregister VLAN membeservice
primitive is issued to MVRP with a VLAN ID, MVRP issuesMAD leave requesto MAD
indicating an attribute type of VID with an attribute value representing the requested VLAN ID. This
causes the attribute declaration to be withdrawn, and for this withdrawal to be communicated to the
LAN.

MVRP responds to the registration and deregistration of VIDs made by remote bridges and remote
end stations. These registrations and deregistrations are indicated to MVRP via MAD’§oin
indication andMAD leave indication service primitives. An end station or bridge may receive an
MRPDU containing a VID attribute declaration. MVRP’s MAD component will process this and
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register the attribute, and will notify MVRP of the attribute registration WW&A® join indication.

The MVRP component will configure the bridge or end station such that it will forward frames that
are part of the requested VLAN. Shown in Figure 39 is an example of a two-port bridge receiving
communication of a VID attribute declaration MAD join indication is issued for the VID attribute.

This results in an appropriate entry being added to the filtering database to associate the port on
which the attribute is registered with the VLAN ID. This allows for incoming frames that are tagged
as being part of that VLAN to be forwarded out of the port on which the VID attribute is registered.
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Figure 39: MVRP MAD join indication

Similarly, an end station or bridge may receive an MRPDU containing a VID attribute declaration
withdrawal. MVRP’s MAD component will process this and deregister the VID attribute, and will
notify MVRP of the attribute deregistration by signalling it with a MAD leave indication. The MVRP
component will configure the bridge or end station such that it will filter frames that are part of the

requested VLAN for the port. Shown in Figure 40 is an example of a two-port bridge receiving
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communication of a VID attribute declaration withdrawalMAD leave indication is issued for the

VID attribute. This results in the appropriate entry being deleted from the filtering database to
remove the association between the port on which the attribute is registered, and the VLAN ID. This
results in incoming frames that are tagged as being part of that VLAN to be filtered for the port on

which the VID attribute was registered.
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Figure 40: MVRP MAD leave indication
3.2.4 Multiple Stream Reservation Protocol
MSRP (which is an MRP application) is a signalling protocol used by end stations to reserve network

resources on a bridged LAN. This protocol allows for guaranteed QoS for the transmission of unicast

and multicast data streams across a bridged LAN. Transmitted data that is associated with, and
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conforms to, a successful stream reservation is not discarded by the network that it is transmitted on.
MSRP utilises MVRP, and optionally MMRP.

Talker end stations declare MSRP attributes that are used to define their streams’ characteristics.
These declarations (and their subsequent propagation through a bridged LAN) allow bridges to

allocate the necessary resources to ensure that the streams can traverse the bridged LAN with theil
requested QoS. Listener end stations declare MSRP attributes that are used to request the receptiol
of the talkers’ advertised stream(s). Transmitted data that conforms to a successful stream reservation

will not be discarded by any bridge due to congestion on a LAN.

Each bridge on the path from a stream talker to a stream listener will process, possibly combine or
alter, and propagate these MSRP attribute declarations. Each stream in an AVB system is uniquely
identified by astream identifier(stream ID). Within bridges, talker and listener attributes are
associated with each other via a stream ID that is present in each of the attributes. The talker and
listener attributes result in changes to the forwarding characteristics of a bridge and the allocation of
internal resources when streams are initiated (see Section 4.2.2 “Forwarding and Queuing”).

In order for the QoS parameters to be guaranteed, all of the devices in a bridged LAN have to
participate in the signalling as well as queuing and forwarding algorithms required of bridges (the
gueuing and forwarding algorithms are discussed in Section 4.2.2 “Forwarding and Queuing”).
MSRP provides a means to interact with higher and lower level networking layers, and provides

limited error reporting capabilities.

Shown in Figure 41 is the architecture of MSRP for a two-port bridge and an end station. Each port
has associated with it an MSRP participant. Each MSRP participant consists of an MSRP application
and a MAD component. For network bridges, MSRP attributes are propagated between the various

MSRP participants via a MAP component.
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Figure 41: MSRP architecture [67]

3.2.4.1 MSRP Attributes and Service Primitives

Stream talkers and stream listeners use attribute declarations in order to advertise streams and tc
request attachment to streams respectively. There is no requirement for the order in which stream
talkers and stream listeners make their MSRP attribute declarations. The following attribute types are
used by MSRP to communicate stream information:
» Talker advertise
* Talker failed
» Listener the listenemattribute can in one of three states:

e Listener ready

» Listener ready failed

e Listener asking failed
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MSRP provides a set of service primitives which control the declarations of the various attributes
defined by MSRP.

The service primitives that are associated with a stream talker are:
* Reqgister stream request

» Deregister stream request

* Register attach indication

» Deregister attach indication

The service primitives that are associated with a stream listener are:
* Register attach request

» Deregister attach request

* Register stream indication

» Deregister stream indication

These service primitives contain parameters that represent properties of the streams. Section 3.2.4.Z
“Talkers Advertising Streams” to Section 3.2.4.3 “Listeners Requesting Attachment to Streams”
discuss the high-level way in which the MSRP service primitives and attributes are used in order to
configure streams across a bridged LAN. Section 3.2.4.5 “"MSRP Attributes and Service Primitives

in Detail” discusses these service primitives and attributes in further detail.

3.2.4.2 Talkers Advertising Streams

When a stream talker application has a stream to offer, it will invoke MSiBister stream
requestservice primitive. MSRP will then request its MAD component to declaadkar advertise
attribute by invoking it8VIAD join requestservice primitive. This attribute declaration is sent to the
bridged LAN to inform the bridges and listeners about the characteristics of the stream the talker can

provide.

Talker attributes gather QoS information along the network paths that they are transmitted on. MSRP
examines the availability of network resources (such as bandwidth) for the stream, and as the
attribute is propagated through bridges on a bridged LAN, each bridge will update the attribute.

When a bridge receives thalker advertiseattribute declaration, it is registered by the MSRP
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participant on the port that receives the attribute declaration. The MSRP MAP function assesses
whether there are sufficient resources on each of the outbound ports of the bridge for the stream. If it
is found that an outbound port is not able to support a particular stream, MSRP’s MAP component
will change aalker advertiseattribute to dalker failed attribute before propagating it to the MSRP
participant on that port. If talker failed attribute is registered by an MSRP patrticipant on a bridge
port, it will be propagated to all other MSRP participants of the same bridgeadsea failed

attribute.

When atalker advertiseattribute is registered by an MSRP participant, it indicates that the
advertisement did not encounter any resource constraints along the path from the stream talker end
station. This indicates to a stream listener that there are sufficient resources on the network to
support the stream referenced in the talker adveatisiute. If a stream listener requests attachment

to this stream, it is guaranteed that it will receive it with the described QoS. Watkeafailed

attribute is registered by an MSRP participant, it indicates that the advertisement encountered
resource constraints along the path from the stream talker. This indicates to a stream listener that the
stream will not be available to it because of resource constraints somewhere along the network path

from the talker end station.

Figure 42 shows an example of a bridged LAN consisting of a talker and three listeners. The talker
registers a stream that it has to offer with the bridged LAN. It does so by decl&ailkgraadvertise
attribute for the stream (D:TA). Thialker advertiseattribute is registered by the MSRP participant
associated with port 1 of the bridge (R:TA). The MSRP MAP function is notified ofatker
advertiseattribute registration. The MAP function analyses the availability of resources to determine

if each outbound port is able to support the stream. In this example, each port, except port 3, has
sufficient resources to support the stream. The MAP function instructs the MSRP participants of port
2 and port 4 to declaretalker advertiseattribute, and instructs the MSRP participant of port 3 to
declare dalker failed attribute (D:TF). This results irtalker advertisettribute being registered on

the listeners connected to port 2 and port 4, analker failed attribute being registered on the

listener connected to port 3 of the bridge (R:TF).
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Figure 42: An example oftalker attribute propagation

By default,talker attribute declarations are sent out of all non-blocked ports uialéss pruning is
enabled. Theaalker pruning option limits the scope of the talker declaration propagation. When
talker pruning is enabled, before a talker is able to advertise a stream, a listener must first issue a
register MAC addresservice primitive to MMRP for the destination MAC address of the talker’s
stream. When the talker advertises the streantatker advertiseattribute is only forwarded out of

the ports that have the stream’s destination multicast MAC address associated with it.

When atalker advertiseor atalker failed attribute is registered with a listener's MSRP MAD
component, the MSRP application is notified of this viaNhD join indication service primitive.
The MSRP participant then notifies the listener application of the stream registration nagiser

stream indication service primitive.

When a talker’s stream is no longer available, the talker requests MSRP to deregister the stream. The
talker does so by invoking MSRP#eregister stream requeservice primitive, which results in

MSRP invoking its MAD component®IAD leave requedb withdraw thetalker advertiseattribute
declaration. Thdalker attribute is deregistered from all ports on the bridged LAN. Each MAD

component notifies its MSRP application of the attribute withdrawal by invokingithe leave
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requestservice primitive for thealker attribute. The MSRP participant notifies a listener application

of the stream deregistration by issuing it with a deregister stream indication service primitive.

3.2.4.3 Listeners Requesting Attachment to Streams

When a listener wants to receive a particular stream, it makes a request to receive this stream by
invoking MSRP’sregister stream attach service primitive specifying the listener declaration type.
MSRP then invokes its MAD component™AD join requestservice primitive to request it to
declare distenerattribute. The listener declaration type is carried within the optional value field of a
message within an MRPDU. The listener declaration types are, nesatly failed, and asking failed:

* A listener readyattribute indicates that one or more listeners are requesting attachment to the
referenced stream and there are sufficient resources available along the path(s) back to the strean
talker for all listeners to receive the stream.

* A listener ready failed attribute indicates that two or more listeners are requesting attachment to
the referenced stream and at least one of the listeners have sufficient resources along the path tc
receive the stream, but one or more other listeners are unable to receive the stream because o
network resource allocation problems.

» A listener asking failed attribute indicates that one or more listeners are requesting attachment to
the referenced stream but none of those listeners are able to receive the stream because o

network resource allocation problems.

If a listener has #alker advertiseattribute registered for a stream that is wishes to receive, it will

request attachment to the stream as shown in Figure 43:

1. The listener has talker advertiseattribute registered for a stream (R:TA), and the listener is
ready to receive the stream.

2. The listener requests membership to the VLAN referred to inalker advertiseattribute (see
Section 3.2.4.5.1.2 “Data Frame Parameters”). This is performed viagis¢er VLAN member
service primitive of MVRP (D:VM) (see Section 3.2.3.1.1 “Registering and Deregistering
VLANS").

3. The listener declares a listener readiribute for the stream (D:LR).
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Figure 43: Listener responding to aalker advertise

If a listener has dalker failed attribute registered for a stream that is wishes to receive, it will

respond as shown Figure 44

1. The listener has talker failed attribute registered for a stream (R:TF), and the listener is ready to
receive the stream.

2. The listener declares a listener asking failed attribute for the stream (D:LAF).

Listener Listener

R:TF R:TF [ D:LAF

1 2

Figure 44: Listener responding to aalker failed

A listener may request attachment to a stream before the stream has been advertised by a talker
When this happens, a listener declares a listener asking failed attribute for the stream.

A bridge’s MSRP MAP function will use the stream ID field of thtker andlistener attributes to
associatdistenerattributes withtalker attributes. This allowBstenerattributes to be forwarded only

on the ports on which thealker attributes are registered (this is referred tdisiener pruning). If

any bridge along the path from a stream talker to a stream listener does not have sufficient resources
available to support a stream, its MSRP MAP function will changistener readyattribute to a

listener asking failed attribute. If it is found that there ista&er attribute declaration to associate

with alistenerattribute declaration, thestenerattribute will not be propagated. If a bridge receives

a listener readyattribute declaration and it associates it witlalger failed attribute declaration, the
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bridge will transform thdistenerattribute declaration into lestener asking failed declaration before

forwarding it.

If at some point in a bridged LAN a bridge haBstener readyon one port, and Bstener asking

failed on another port for the same stream, the MSRP MAP function will merge these two attribute
declarations into a singlestener ready failed attribute declaration before propagating it. This will be
forwarded to the stream talker. When a stream talker receikster@er ready failed, it knows that

one or more listeners want the stream, but not all of them can receive it. The stream is still

transmitted by the talker.

Figure 45 shows the same example network as shown in Figure 42. As in Figure 42, the talker has
advertised a stream, and this advertisement has been propagated throughout the network. Port 3 o
the bridge can however not support the stream due to resource constraints. The listener attached tc
port 2 and the listener attached to port 4 of the bridge would like to receive the stream being
advertised by the talker. Each of the listeners declarkstemer readyattribute (D:LR). These

listener attributes are registered on the respective listeners’ bridge ports (R:LR). The MSRP MAP
function then propagates these attributeslistener readyattributes towards the talker. These
attributes are merged on port 1 of the bridge Estener readyattribute before being forwarded and

registered on the talker.
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Figure 45: Examplelistener attribute propagation and merging

Figure 46 shows the same example network as shown in Figure 45. However, the listener attached to
port 3 of the bridge would also like to receive the stream being advertised by the talker. Due to
resource constraints, the bridge is unable to forward the stream out of port 3. As the listener has a
talker failed attribute registered for the stream, it declaletemer asking failed attribute (D:LAF).
Thislistener asking failed attribute is registered on port 3 of the bridge (R:LAF), and propagated as a
listener asking failedttribute. At port 1, théstener asking failed is merged with thetener ready
attribute. The resultingjstener attribute is distener ready failed attribute (D:LRF). Thistener

ready failed attribute is forwarded to the talker and registered on its port (R:LRF).
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Figure 46: Examplelistener attribute propagation and merging

Table 3 shows how listenattributes are propagated from incoming ports:

» If a listenerattribute for a particular stream is registered on a port of a bridge, and there are no
talker attributes for that stream on any other ports, the listatiebute is not be propagated.

» If a listener asking faileattribute for a particular stream is registered on a port of a bridge, it will
be propagated as a listener asking failed to the other ports of the bridge.

» If a listener readyor listener ready failed attribute for a particular stream is registered on a port
of a bridge, and #alker failed attribute for that stream is registered on another pbsteaer
asking failed attribute will be propagated to that port.

» If a listener readyor listener ready failed attribute for a particular stream is registered on a port
of a bridge, and #alker advertiseattribute for that stream is registered on another port, the

listener attribute will be propagated as-is to that port.
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Talker

(none) Advertise Failed

(none) (none) (none) (none)
E Ready (none) Listener ready Listener asking failed
_‘% Ready failed (none) Listener ready failed | Listener asking failed
- Asking failed (none) Listener asking failed | Listener asking failed

When an MSRP patrticipant registers or declarkstenerattribute for a particular stream, it merges

this attribute with anyistener attributes that it may already have for that same stream into a single

Table 3: Listener attribute propagations

listenerattribute. The resulting listenattribute type is shown in Table 4.

First declaration type

Section declaration type

Resultant declaration type

Ready None or ready Ready

Ready Ready failed or asking failed Ready failed
Ready failed Any Ready failed
Asking failed Readyor ready failed Ready failed
Asking failed None or asking failed Asking failed

When a talker registers Istener attribute, it examines the stream ID and declaration type of the

merged listeneattribute:

» If the stream ID matches the stream ID of one of the streams that the talker is able to supply and

the declaration type is eithdistener readyor listener ready failed, the talker can start the

Table 4: Listener attribute merging

transmission of this stream immediately.

» If the declaration type ibstener asking failed, the talker stops the transmission of the stream (if

it is currently transmitting the stream).

If a talker receives &1AD leave indication for &istenerattribute and if the stream ID matches one
of the streams that the talker is transmitting, the talker stops the transmission of the stream (if it is

currently transmitting the stream).
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Figure 47 shows an example of a talker end station merging listénbutes:

1. The talker has registered one listea#iribute with a declaration type of readyd has started the
transmission of the requested stream (R:LR).

2. A secondlistener attribute (with the same stream ID as the first one) is registered on the talker
with a declaration type of ready failed (R:LRF).

3. The second attribute will be merged with the first one and the resulting attribute will have a

declaration type of ready failed (R:LRF).

Talker Talker Talker
R:LR R:LR R:LRF
R:LRF
1 2 3

Figure 47: Merging of listener attributes

When a listener no longer wishes to receive a particular stream, it will make a request to stop
receiving the stream. It will invoke its MSRP participant’s deregister attach regemrste primitive
for the stream. This results in MSRP invoking its MAD componelMiAD leave requestor the

listenerattribute to request it to withdraw the attribute.

3.2.4.4 Updating Queuing and Forwarding Information

When incominglistener attribute processing has been completed for a port, a bridge’'s MAP
component will update the bridge’s filtering database to either filter any frames with the stream’s
destination MAC address, or forward any frames with the stream’s destination MAC address. If a
talker advertiseattribute is matched with Bstener readyor listener ready failed attribute, the
filtering database is configured to forward the stream’s frames, otherwise it is configured to filter the

stream’s frames.

When MSRP’s MAP component is called upon (when an attribute is registered on a port of a bridge),
a change in the streams that are filtered and those that are forwarded can occur. These changes ar
reflected in the amount of bandwidth that is currently reserved for use by the queues that are
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associated with the streams. If a stream is removed (for example, when a talker withdiaesr its
advertise attribute), MAP decreases the bandwidth reserved for the stream. MAP increases the

amount of reserved bandwidth when streams are successfully established.

In order ensure that no stream packets are dropped, if the reserved bandwidth of a port is going to be
increased, the bandwidth should be updated before the filtering database is updated as the bridge
should not start forwarding a stream’s frames before bandwidth has been allocated to it. Conversely,
if the reserved bandwidth of a port is going to be decreased, the filtering database should be updated

before the reserved bandwidth is updated.

Section 4.2.2 “Forwarding and Queuing” contains further details on how bandwidth is reserved for

streams.

3.2.4.5 MSRP Attributes and Service Primitives in Detail

Section 3.2.4.1 “MSRP Attributes and Service Primitives” gave a high-level overview of MSRP’s
attributes and service primitives. This section describes these service primitives and attributes in
more detail.

3.2.4.5.1 Talker Attributes

The structure of a talker advertiaftribute and a talker failed attribute is shown in Table 5.

Talker advertise Talker failed
Stream ID: Eight octets Stream ID: Eight octets
Data frame parameters: Eight octets Data frame parameters: Eight octets
TSpec: Four octets TSpec: Four octets
Priority and rank: One octet Priority and rank: One octet
Accumulated latency: Four octets Accumulated latency: Four octets
Failure information: Nine octets

Table 5: Structure of talker attributes

73



The fields shown in Table 5 are defined in Section 3.2.4.5.1.1 “Stream ID” through to Section

3.2.4.5.1.6 “Failure Information”

3.2.4.5.1.1Stream ID

The 64-bit stream ID field is used to mattdiker attributes with their correspondinigstener

attributes. The stream ID consists of the following sub-components:

* The first 48-bits is the 48-bit MAC address that is associated with the system sourcing the stream
to the bridged LAN. The entire range of possible 48-bit addresses is acceptable.

* The last 16-bits is an unsigned integer value that is used to distinguish among multiple streams
sourced by the same system.

A stream ID is unique across the entire bridged LAN. These are generated by a system offering

streams, or could be generated by a controlling system.

3.2.4.5.1.2Data Frame Parameters

The data frame parameters component specifies the destination MAC address and VLAN ID that are
common to all frames belonging to the data stream. The information contained in it is used by

bridges to appropriately configure their filtering databases

Valid MAC addresses are multicast MAC addresses, or local administered addresses. A system that
is not VLAN aware uses a VLAN ID of 2 whereas a VLAN aware system may use any valid VLAN
ID (1 through 4094).

3.2.4.5.1.3TSpec

This 32-bit field is the traffic specification that is associated with the stream. It contains two

elements:

* Max frame sizeThis is a 16-bit unsigned field that is used to allocate resources and adjust queue
selection parameters in order to supply the QoS requirements of the talker. It represents the
maximum frame size that the talker will produce for the stream. This value does not include any

overhead for the media specific framing. The bridge or talker will determine the media specific

74



framing overhead on the egress port. This value is added to the max frame size when calculating
the amount of bandwidth to reserve.

* Max interval framesThis is a 16-bit unsigned field that is used to allocate resources and adjust
gueue selection parameters in order to supply the QoS requirements of the talker. It represents the
maximum number of frames that the talker may transmit inctags measurement intervdlhe
class measurement interval is dependent on the traffic class that the stream is part of. Traffic
class A has a class measurement interval of 125 ps and traffic class B has a class measuremen

interval of 250 ps.

Section 4.2.2 “Forwarding and Queuing” discusses how the values carried in these fields are used to

reserve bandwidth.

3.2.4.5.1.4Priority and Rank

The priority and rank field is made up of the following components:

» Data frame priority This is a 3-bit field that is used to convey the priority value that the
referenced data streams will be tagged with. The value of this parameter will determine which
gueue the stream’s frames are placed into on an outgoing bridge port.

* Rank This is a 1-bit field that is used by systems to decide which streams can and cannot be
served when the port capacity has been exceeded. If a bridge becomes oversubscribed, the ran}
value will be used to help determine which stream(s) to drop. A value of zero is considered more
important than a value of one. The rank field has a default value of one.

* Reserved: This is a 4-bit field that is zeroed on transmission, and is ignored when received.

3.2.4.5.1.5Accumulated Latency

This is a 32-bit unsigned field and is used to determine the worst-case latency that a stream can
encounter in its path from the talker to the given listener. The latency should not increase during the
life of the reservation. The accumulated latency is initially set to the maximum per-port per-traffic
class latency that a frame may experience through the underlying MAC service plus any amounts
specified in theregister stream requestervice primitive (see Section 3.2.4.5.2Register Stream
Reques). The amount specified by the talker is the amount of latency that a stream’s frames will

encounter before being passed to the MAC service.
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The value of the accumulated latency field is increased by each bridge as the talker attribute
propagates through the network. A listener is able to use this latency information in order to decide
whether or not the latency is too large for the acceptable presentation of the stream. The accumulated

latency is represented in nanoseconds.

3.2.4.5.1.6Failure Information

If a bridge transforms talker advertiseattribute into aalker failed attribute, the bridge will add
information that indicates the cause of the failure and the identity of the bridge and port on which the
failure occurred. The failure information component is made up of two sub-components:
» Bridge ID: The value of this field is the ID of the bridge that transformed the talker attribute from
a talker advertisattribute to a talker failed attribute.
* Reservation failure coderhe value of this field states the reason why the resource reservation
failed. These include values that indicate the unavailability of bandwidth and other bridge

resources, as well as the validity of parameters included in the talker adeérilzate.

3.2.4.5.2 Talker Service Primitives

Associated with a talker are a number of service primitives. Section 3.2.4.B&gister Stream
Requestto Section 3.2.4.5.2.40eregister Stream Indication” discusses these service primitives.

3.2.4.5.2.1Register Stream Request

A stream talker application entity initiates the advertisement of an available stream ragisier
stream requesservice primitive of an MSRP participant. Shown below are the parameters of the
register stream requeservice primitive:

e Stream ID

» Declaration type

» Data frame parameters

« TSpec

» Data frame priority

* Rank
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* Accumulated latency

When an MSRP participant receiveregister stream request issues aMAD join requesto MAD.

The attribute type indicated to MAD has a value indicating the typéal&ér attribute. The
declaration type parameter has a value that indicates the type of talker attribute to declare. The value
of this parameter would indicate either:

» Talker advertisgor

* Talker failed

The attribute value indicated to MAD contains the values from the parametersregifiter stream

requestservice primitive.

3.2.4.5.2.2Deregister Stream Request

When a talker application entity wishes to notify a network that a stream it previously advertised is
no longer available, it invokes MSRP’s deregistieeam requesiervice primitive. This removes the
advertisement of the stream from the bridged LAN. The M$IRRgister stream requesias a

stream ID parameter.

When the MSRP participant receives a request to deregister a stream dierdgester stream
requestservice primitive, it requests MAD to withdraw thalker attribute via theMAD leave
requestservice primitive. The attribute type indicated to MAD is set to the declaration type currently
associated with the stream ID. The attribute value indicated to MAD will contain the value of the

stream ID and the other values that were in the associated register stream request

3.2.4.5.2.3Register Stream Indication

Theregister stream indication service primitive is used to notify a stream listener application that a
stream is being advertised by a stream talker somewhere on the attached network. Shown below are
the MSRP register stream indication parameters:

e Stream ID

* Declaration type

« Data frame parameters
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« TSpec
» Data frame priority
* Rank

* Accumulated latency

When an MSRP participant receive®@aD join indication from MAD indicating an attribute type

of talker advertiseor talker failed, the MSRP application will issueregister stream indication to

the stream listener application. Thegister stream indication will carry the values indicated by
MAD. The value of the declaration type parameter will indicate the type of attribute that was
registered.

3.2.4.5.2.4Deregister Stream Indication

A deregister stream indication service primitive is used to notify a stream listener application that a
stream is no longer being advertised by a particular stream talker. The MESBfister stream
indication service primitive has a stream ID parameter.

When an MSRP participant receivedMAD leave indication indicating an attribute typetalker
advertiseor talker failed, the MSRP application will issuedaregister stream indication to the
stream listener application.

3.2.4.5.3 Listener Attribute

The listener attribute consists of a single stream ID field. The 64-bit stream ID is used to match

listenerattribute registrations with their corresponding talkttribute registrations.
3.2.4.5.4 Listener Service Primitives
Associated with a listener are a number of service primitives. Section 3.2.4Refikter Attach

Request through to Section 3.2.4.5.4.4Déregister Attach Indicatidndiscusses these service

primitives.
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3.2.4.5.4.1Register Attach Request

A stream listener application usesegister attach requestervice primitive to request attachment to
a stream. Shown below are the parameters of the MSRP register attach ssguiest primitive:
e Stream ID

» Declaration type

When an MSRP participant receivesegister attach requesit will issue aMAD join requestto

MAD. The attribute type indicated to MAD islatener attribute. The attribute value contains the
stream ID, and the declaration type is communicated in the optional value field of the message in the
MRPDU.

The declaration type takes on values that indicate the type of list#nbute:
» Asking failed

* Ready

* Ready failed

3.2.4.5.4.2Regqister Attach Indication

Theregister attach indication notifies a stream talker application that a stream is being requested by
one or more stream listeners. Shown below are the parameters @gtbier attach indication
service primitive:

e Stream ID

» Declaration type

When an MSRP participant receive®aD join indication from MAD indicating an attribute type
of listener, the MSRP participant issuesegister attach indication to the stream talker application.
The register attach indication contains the values from the MAD join indication.

3.2.4.5.4.3Deregister Attach Request

When a stream listener application entity wishes to request detachment from a stream, it issues a

deregister attach request the MSRP participant. It has a stream ID parameter.
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When an MSRP participant receivedexegister attach request will issue aMAD leave requedb
MAD indicating an attribute type dfstener The attribute value will contain the stream ID. The
declaration type that is currently associated with the stream ID will be communicated via the

optional value field of the message in the MRPDU.

3.2.4.5.4.4Dereqister Attach Indication

A deregister attach indication service primitive is used to notify the stream talker application that a

stream is no longer being requested by any stream listeners. It has a stream ID parameter.

When an MSRP participant receiveMaD leave indication indicating an attribute typelistener,
the MSRP patrticipant will issue deregister attach indication to the stream talker application. The

attribute value indicated by the MAD leave indication contains the stream ID.

3.2.4.6 Stream Importance

MSRP ranks streams to decide on their importance:
» If two streams have the same rank, the age of the streams is compared.
* If both the rank and the streams’ ages are identical, the streams’ stream IDs will be compared and

the stream with the lower stream ID is considered more important.

Certain streams may be considered more important than others (for example, an emergency phone
call may be given a higher rank that background music being played over a public address system). If
a bridge is not able to support a stream of higher importance due to insufficient bandwidth being
available for the stream, streams of lower importance will be dropped such that the stream of higher

importance can be supported.

3.2.4.7 Stream Bandwidth Calculations

The bandwidth requirements of a stream include more than just the amount specifiecegistee
stream requesMSRP need to adds the per frame overhesgbciated with the media attached to the
port.
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The total frame size for a stream on an outbound port is the sum of the maximum frame size and the
overhead associated with the media attached to the port. The associated bandwidth (in bits per
second) is calculated by multiplying the total frame size and the number of frames transmitted per

class measurement interval.

Streams in théistener readyor listener ready failed state reduce the amount of available bandwidth
that is available to other streams. For a stream that has no listeners, or streams that are in the askin

failed state, the amount of bandwidth is not decreased.

Section 4.2.2.3.2.2 "Deriving Actual Bandwidth Requirements from the Advertised TSpec”
discusses this in further detail.

3.3 Conclusion

Before a device may transmit stream data onto a network with guaranteed QoS, it has to
communicate the stream resource requirements to the network in order to ensure that those resource
are reserved by the network for the stream. IEEE 1394 and AVB are two networking technologies
that provide environments that allow for streams to be transmitted with appropriate QoS. Each of
these networking technologies has native mechanisms in place that allow for network resources to be
reserved for streaming data.

This chapter described the protocols involved in communicating resource requirements on IEEE

1394 and AVB networks. In developing a common network-neutral method of establishing stream

connections across these networks, there is a need to be able to trigger:

* The allocation of bandwidth and an isochronous channel number by a transmitting device on an
IEEE 1394 network.

» The advertisement of a stream by a talker on an Ethernet AVB network.

* The reception of a talker’s stream (identified by a particular stream ID) by a listener on an AVB

network.
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Chapter 4 Determinism

The maximum transmission delay for real time stream data across a network must be low and
deterministic. A streaming application should transmit with confidence knowing that its data will be
given the appropriate opportunities to be transmitted onto a network and that this data will be
delivered timeously. Realtime streams require a constant amount of network resources and these

resources need to be guaranteed.

In order to develop a method of transferring audio data from one networking technology to another,
there is a need to understand the fundamental nature of the transmission mechanisms of the
networking technologies involved. Chapter 3 detailed the mechanisms used for communicating
resource requirements within IEEE 1394 and AVB networks. This chapter details the native network
mechanisms that are in place to guarantee the network resources requested by the stations attached 1

these networks.
4.1 Determinism for IEEE 1394

Once an IEEE 1394 node has obtained its required stream resources fisathh@nous resource
manager(IRM), its stream packet transmission has to happen in a structured fashion. \hinen a
resetoccurs, one of the IEEE 1394 nodes on the bus is identified a®wdhenodeof the tree
structure formed by the nodes. Each port on a node is identified as gtrengport or a child port.

A parent port is closer to the root node than a child port. Before there can be data trandouission,
arbitration has to take place. Bus arbitration is a process that determines which node is granted

access to the bus.
4.1.1 Bus Arbitration

Bus arbitration begins when a period of bus idle time (knowngaphpis recognised. This idle time
signals the end of a transmission and varies between isochronous and asynchronous transactions. Th
isochronous gap is the period of time that must be observed prior to arbitration for the next

isochronous transaction. This gap is approximately 0.04ussUtbection gap is the period of time

82



that must be observed prior to arbitration for the next asynchronous transaction. This value may be
tuned so that arbitration can begin as early as possible without interfering with the normal
completion of a subaction and its subsequent acknowledgment. By default, the subaction gap is
approximately 10us.

Any node wishing to access the bus has to arbitrate for bus access, and has to be granted ownershi
of the bus by the root node before it may transmit. When a node wants bus ownership, it signals a
request towards the root node. Any node on the path to the root node that detects the request
forwards it towards the root node, unless it is already signalling a request for itself or for another
node. Once the root node receives a request on one of its ports, it will grant ownership of the bus to
the requesting node. If two nodes’ requests reach the root at the same time, the node attached to th
port with the lowest numeric port number is granted access to the bus.

Figure 48 shows an example bus of connected nodes with two nodes (node A and node E) trying to
gain access to the bus. Both of these nodes send a request for bus ownership to their parent node
Node B detects node A’s request and forwards it to its parent. Node E’s request is sent directly to the
root node (its parent). The root node (node D) receives Node E’s request, and thus grants it access tc
the bus. Node D (the root node) sendslada prefix signal out of port 1 to notify all nodes
downstream from the root that it has granted ownership of the bus to a node, and that a packet can be
expected. When node E receives notification of bus ownership, it removes its request signal for bus
ownership and begins packet transmission. Node C forwarddatheprefixto its children. When

node B detects this, node B stops signalling for bus ownership and forwadigahmefixsignal to

node A which causes node A to remove its request for bus ownership. The receptiomaththe
prefix signal indicates to node A that another node has won ownership of the bus.
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Figure 48: Two IEEE 1394 nodes requesting ownership of an IEEE 1394 bus

4.1.1.1 Isochronous Arbitration

When a node would like to transmit an isochronous packet, it usesatieonous arbitration

service The electeatycle mastenode (which is the same node as the root node) broadcasts a cycle
start packet onto the IEEE 1394 bus every 125us (8000 times per second). Isochronous transactions
begin immediately after a cycle start packet has been broadcast onto the bus. Isochronous arbitration
will begin when all of the nodes that would like to access the bus observe a bus idle time of
approximately 0.04us. Once arbitration is complete, and a node has been granted access to the bus
the winning node performs its isochronous transaction. Once this transaction is complete, the bus
returns to an idle state. Once the bus has been idle for a further 0.04us, the nodes wishing to perform

an isochronous transaction again begin the arbitration process. Any node that would like to perform
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an asynchronous transaction is prevented from arbitrating for bus ownership because the longer

subaction gap will not occur until all isochronous transactions have completed.

Each isochronous channel requires a certain amount of bandwidth which has been obtained from the
IRM. A bandwidth allocation is a portion of each 125us interval. This ensures that bandwidth is

reserved for transmitting devices and not oversubscribed. For each 125us cycle, once all of the nodes
that need to perform an isochronous transaction have done so, the remaining time within the cycle is
used for asynchronous packet transmission. If there are no pending asynchronous transactions, the

rest of the 125us cycle goes unused.

4.1.1.2 Cycle Start and Priority Arbitration

The cycle master node broadcasts a cycle start packet onto an IEEE 1394 bus every 125us. The
transmission of a cycle start packet takes priority over other pending asynchronous transactions, thus
permitting the start of isochronous transactions. As the cycle master node is the root node, it will

always win arbitration at the first subaction gap following the cycle synchronisation event.

4.2 Determinism for Ethernet AVB

The priority information contained in VLAN tagged frames allows for bridges to apply specific
frame-forwarding to the frames that form part of streams, and for traffic-shaping to happen at bridges
and AVB end-points. End-point devices transmit frames onto a network at a regular time interval.
Transmission characteristics are defined by the traffic class that the stream is a part of, and the
various QoS parameters that were used when the stream was approved by the network. For example
when a stream is initialised, it may be agreed that the stream talker will transmit frames at a rate of
4.7Mb/s with a frame rate of 8000 packets per second. These 8000 packets must then be transmittec

evenly within each second (i.e., one packet transmission every 125us).

Within a bridge, audio and video frames are forwarded as per usual. They will, however, also be
subject to specific traffic manipulation rules. These rules are based on the specific traffic class that
the frames belong to and the allocated bandwidth for the traffic class for the egress port of a bridge.

The frames that belong to a specific traffic class cannot go beyond the allocated resources.

85



An Ethernet AVB network also allows for the transmission of non-AVB data (such as web, e-mail
and command and control data). This kind of traffic does not have any reserved QoS and frames

belonging to this category of traffic may experience frame loss if network resources are constrained.

4.2.1 VLAN Tagged Ethernet Frames

AVB frames are VLAN tagged. In Ethernet frames, a VLAN tag is inserted between the frame
header’'ssource addresfield andtype/length field. Figure 49 shows a VLAN tagged Ethernet frame
header which consists of the following fields:

» Destination addresshis field either contains the unicast MAC address of the station to which
this frame is destined, a multicast MAC address if the frame is destined to multiple stations, or a
broadcast MAC address if the frame is destined to all stations.

» Source addresghis field contains the MAC address of the station that sent the frame onto the
network.

» Typellength: if this field’s value is less than or equal to 1500, this field’s value represents the
length of the data that is carried in the Ethernet packet. If this field’s value is greater than or
equal to 1536, this field’s value identifies the high-level protocol that is being carried in the
frame’s data field.

* Tag protocol ID This two octet field carries the value 0x8100 which is used to identify the fact
that the Ethernet frame is VLAN tagged. This field is in the same position gg#ikength field
of an untagged Ethernet header.

* Priority code point (PCP)This 3-bit field is used to carry priority information. The value of this
field can be used to give different handling to frames of different priorities.

» Canonical format indicator (CFi)This 1-bit field is used to specify whether the MAC address is
in canonical format or not. This field is always set to zero (canonical format) in bridged Ethernet
networks.

* VLAN ID: The value of this 12-bit field is used to carry the value identifying the VLAN to which
the frame belongs (see Section 3.2.3 “Multiple VLAN Registration Protocol”).
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Figure 49: VLAN tag

4.2.2 Forwarding and Queuing

The forwarding and queuing procedures that are defined in IEEE 802.1Qav [68] allow end stations
and bridges to provide performance guarantees for the transmission of time and loss sensitive stream
data across a bridged LAN. Stream transmission latency has to be bounded and buffering within

receiving stations should be minimized for better performance.

VLAN tagged frames, via the value of the PCP field, are used to place stream frames into queues that

support stream data whilst non-stream data is placed into other queues. This allows for both stream

data and non-stream data to be bridged across a bridged LAN. A number of mechanisms have beer

put in place to address these performance requirements:

* There is a mechanism to detect the boundary between a set of bridges that support the stream
reservation protocol (see section 3.2.1 “Multiple Stream Reservation Protocol”) and the

surrounding bridges that do not.
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* A set of parameters that together represent the availability of bandwidth for each port. More
specifically, these parameters are able to represent the maximum bandwidth available to a given
outbound queue and the actual bandwidth reserved for a given outbound queue.

» Credit-based shaper transmission selection algoritirhis algorithm is used to shape the
transmission of stream-based traffic in accordance with the bandwidth that has been reserved on
a given outbound queue.

* A mechanism for mapping the priorities of received frames tdr#tiiic classesavailable on the

transmission ports of a bridge.

4.2.2.1 Traffic Classes

A bridge’s outbound ports may have associated with them a number of queues for frames waiting to
be transmitted. A bridge may implement a number of traffic classes. A traffic class has a one-to-one
association with a specific queue on an outbound port of a bridge. Traffic classes are numbered from
zero through to N-1 where N is the number of outbound queues that are associated with a given
bridge’s port. The value of N is between one and eight inclusive. Traffic class zero is used for non-

expedited traffic, and any non-zero traffic class is used for expedited traffic.

Figure 50 shows a transmission port of a bridge and the queues that are associated with it. Also
shown are the traffic classes that are associated with each queue. In this instance, the transmissior
port has four queues associated with it, and hence traffic classes numbered from zero through to

three are associated with those queues.

0 1 2 3«— Traffic Class

<+— Queue

W

Transmission Pc

Figure 50: Association of traffic classes to outbound port queues

88



There is a fixed mapping between the priority associated with each frame and the traffic class that
that frame belongs to. This mapping is dependent on the number of traffic classes that a port
implements. Table 6 shows the recommended frame priority to traffic class mappings for a bridge
that does not support the credit-based shaper algorithm (see Section 4.2.2.3.2 “Credit-Based Shapel

Transmission Selection Algorithm” on page 93).

Number of available traffic classes

1 2 3 4 5 6 7 8

0 0 0 0 0 0 1 1 1

1 0 0 0 0 0 0 0 0

2 0 0 0 1 1 2 2 2

> 3 0 0 0 1 1 2 3 3
g 4 0 1 1 2 2 3 4 4
S 0 1 1 2 2 3 4 5

6 0 1 2 3 3 4 5 6

7 0 1 2 3 4 5 6 7

Table 6: Recommended priority to traffic class mappings [68]

Figure 51 shows an example transmission port of a bridge. A VLAN tagged frame arrives at the
bridge (via another port) and is forwarded to the transmission port of the bridge. At the transmission
port, the priority value contained within the frame is read, and the corresponding traffic class is
obtained from the mapping table. As this transmission port implements four traffic classes, priority

four is mapped to traffic class two, and is placed into the queue associated with traffic class two.
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Number of available traffic classes
1 2 3 4 5 6 7 8
0 0 0 0 0 0 1 1 1
110} 0}] 0} O] 0| 0| O] O
2 0 0 0 1 1 2 2 2
2| 3 0 0 0 1 1 2 3 3
Frame n:i_) 4 0 1 1 2 2 3 4 4
(Priority 4) — | |5]0 1 1 2) 2 3 4 5
6 (0] 1] 2 /3 3] 4] 5] 6
7101 /2’ 3| 4] 5] 6| 7

0 1 2 3«—— Traffic Class

<+— Queue

W

Transmission Pc

Figure 51: Frame priority to traffic class mapping example

4.2.2.2 Stream Reservation Traffic Classes

A stream reservation clag$SR class) is a traffic class that allows bandwidth to be reserved for its
stream data. SR classes are denoted with successive letters of the alphabet starting with the letter A
and continuing up until the letter G (there are seven possible SR classes). Each SR class has
associated with it a priority value that is used to map frames to the appropriate traffic class. By
default, SR classes are numbered using the highest traffic class numbers that are associated with ¢
bridge port’s queues. If, for example, a bridge port implements four traffic classes and two of those
traffic classes are SR classes, the SR classes will use traffic class three and traffic class two.

In a bridge that supports the forwarding and queuing of time-sensitive stream data, the default

mapping of priority values to traffic class values meets the following constraints:
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» The priority values that are used to support SR classes are mapped to traffic class values that
support the credit-based shaper algorithm as the transmission selection algorithm.

* Any traffic classes that support the credit-based shaper algorithm have a higher priority than
those traffic classes that support the strict priority (or any other) transmission selection algorithm
(see Section 4.2.2.3.1 “Strict Priority Transmission Selection Algorithm” on page 93).

» At least one traffic class should support the credit-based shaper algorithm, and at least one traffic
class should support the strict priority transmission selection algorithm. The class that supports
the strict priority transmission selection algorithm allows for data that is not part of a reservation

to be transmitted (e.g., best-effort traffic).

Table 7 shows the recommended default priority to traffic class mappings for SR class A and SR

class B. By default, frames that form part of SR class A streams use priority value three, and frames
that form part of SR class B streams use priority two. The traffic classes that are shaded are the
traffic classes that use the credit-based shaper algorithm (SR classes), and the un-shaded traffic

classes are those that use the strict priority transmission selection algorithm.

Number of available traffic classes

2 3 4 5 6 7 8
0 0 0 0 0 0 1
1 0 0 0 0 0 0

2 1 1 2 3 4 5 6

> 3 1 2 3 4 5 7
g 4 0 0 1 1 1 1 2
S 0 0 1 1 1 2 3
6 0 0 1 2 2 3 4
7 0 0 1 2 3 4 5

Table 7: Recommended priority to traffic class mappings for SR class A and SR class B

Table 8 shows the recommended default priority to traffic class mappings for a system using SR

class B (using priority 2) only.
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Number of available traffic classes

2 3 4 5 6 7 8
0 0 0 0 0 0 1 1
1 0 0 0 0 0 0 0

2 1 2 3 4 5 6 7
> 3 0 0 0 1 1 2 2
E 4 0 1 1 2 2 3 3
5 0 1 1 2 2 3 4
6 0 1 2 3 3 4 5
7 0 1 2 3 4 5 6

Table 8: Recommended priority to traffic class mappings for SR class B only

4.2.2.3 Transmission Selection Algorithms

For each port, frames are selected for transmission on the basis of the traffic classes that the port

supports and the operation of tinensmission selection algoriththat is associated with each queue

on that port. For a given port and queue, a frame in that queue is selected for transmission from that

queue if, and only if:

* The transmission selection algorithm supported by the queue determines that there is a frame
available for transmission.

* For each queue that has a numerically higher traffic class value, the transmission selection

algorithm associated with that queue determines that there is no frame available for transmission.

This process is illustrated in Figure 52. It shows two bridge ports that each have four queues (hence
the traffic classes associated with each of these queues are numbered from zero through to three)
Each queue has a transmission selection algorithm associated with it used to determine if a frame is
ready for transmission out of its associated queue. The “Transmission Selection” section selects a

frame for transmission out of the port.
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Transmission Port Transmission Port

Figure 52: Bridge port transmission selection

IEEE 802.1Qav defines two transmission selection algorithms:sthet priority transmission
selection algorithmand the credit-based shaper algorithm

4.2.2.3.1 Strict Priority Transmission Selection Algorithm

The strict priority transmission selection algorithm determines that there is a frame available for

transmission from its associated queue if there is at least one frame in the queue.

4.2.2.3.2 Credit-Based Shaper Transmission Selection Algorithm

The credit-based shaper algorithm is used to shape the transmission of stream-based traffic in
accordance with the bandwidth that has been reserved on an associated outbound queue. Each quel
using this algorithm hasaedit parameter that represents the transmissiedit that is available to

the queue. The value of this parameter is represented in bits per second. The algorithm determines
that a frame is ready for transmission from its associated queue if the following conditions are true:

» The associated queue contains at least one frame.

» The amount of crediassociated with the queue is zero or positive.

The following are some of the other parameters that are associated with each queue that supports the

credit-based shaper algorithm:
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Port transmit rate The value of this parameter represents the transmission rate of the port. The
value of this parameter is represented in bits per second.

Idle slope The value of thédle slopeparameter represents the actual amount of bandwidth that

is reserved for use by the queue (in bits per second), i.e., the maximum portionpaoitthe
transmit ratethat is available to the associated queue. The value dflldheslopeparameter
represents the rate of change of ¢hedit parameter when a framenst being transmitted out of

the associated queue. The amount of reserved bandwidth is determined via MSRP. If MSRP is
not available, the amount of reserved bandwidth can be set by management means.

Send slopeThe value of this parameter represents the rate of change ofetfie parameter

when a frame is being transmitted from the associated queue. The value of this parameter is
represented in bits per second. The value okémel slopgarameter is equal to the value of the

idle slopeparameter less the value of the port transmit pateameter.

Delta bandwidth: The value of this parameter represents the bandwidth that can be reserved for
use by the gqueue associated with the traffic class in addition tdeltee bandwidth values
associated with higher priority queues. The value of this parameter is represented as a percentage
of theport transmit rate For a given traffic class, the total bandwidth that can be reserved is the
sum of thedelta bandwidth values for the traffic class and all higher traffic classes, minus any
bandwidth reserved by higher traffic classes that support the credit-based shaper algorithm. By
default, the recommended valued#fita bandwidth for the highest numbered traffic class is 75%

of the port’'s available bandwidth. For any lower numbered traffic classes, the recommended
additional amount of reservable bandwidth (i.delta bandwidth) is 0%. If the reserved
bandwidth for a given queue is less than the maximum value, then any lower-priority queue that
supports the credit-based shaper algorithm may make use of the reservable bandwidth that has

not been used by the higher priority queue.

Assume that there are four queues on an outbound port of a bridge and two of these queues
support the credit-based shaper algorithm. These two queues are queues 3 and 2 and they suppol
SR class A and B respectively. The other two queues support the strict transmission selection

algorithm. This is illustrated in Figure 53.
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Figure 53: Example outbound queues

Suppose the following:

» Delta bandwidth for queue three (SR class A) is 20%

» Delta bandwidth for queue two (SR class B) is 30%

» The amount of reserved bandwidth for queue three (SR class A) is 10%

then the maximum amount of bandwidth that can be reserved for SR class B is 40% (30% + 20% -
10%)

Suppose the following:

* Delta bandwidth for queue three (SR class A) is 20%

» Delta bandwidth for queue two (SR class B) is 30%

» The amount of reserved bandwidth for queue three (SR class A) is 20%

then the maximum amount of bandwidth that can be reserved for SR class B is 30% (30% + 20% -
20%)

If at any time there are no frames in a queue, no frame is being transmitted out of the queue, and the
value of thecredit parameter is positive, the value of tiredit parameter is set to a value of zero. If
a queue uses less bandwidth that what is reserved for it, the unused bandwidth can be used by othe

traffic classes.
In order for the operation of the credit-based shaper algorithm to operate as designed, each traffic

class that supports the algorithm has to be numerically higher than any traffic class that does not

support the algorithm.
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4.2.2.3.2.1Credit-shaper Algorithm by Example

Assume that a bridge port hapart transmit rateof 100 Mb/s. If, for example, MSRP requests to
reserve 25 Mb/s worth of bandwidth for SR class A streams, then the qideetopeparameter
will have a value of 25 Mb/s and tlsend slopgarameter will have a value of -75 Mb/s (this is
calculated by subtracting the port transmit ratam the idle slop€25 Mb/s — 100 Mb/s)).

When a frame is being transmitted out of a queue supporting the credit-shaper algorittneglithe
value associated with that queue is decreased at a rate equal to the seedieskpgarameter.
When the frame transmission ends, the value of the quetel# parameter increases at a value

equal to the value of the idle sloparameter.

Error! Reference source not found. shows a graph showing the value ofealit parameter over

time.

t t3 _
0 » Time
s
NV X

Send slope Idle slope

Credit

Figure 54: Credit-shaper algorithm frame transmission (no conflicting traffic)

This graph shows what happens when ¢hedit parameter has a value of zero and there is no
conflicting traffic (there is no higher priority traffic awaiting transmission, and there is no frame
being transmitted out of the port). At time t1, a frame is queued for transmission. The frame can be
transmitted from the queue immediately (as there is zero or cnedé and there is no conflicting
traffic). When the frame is being transmitted, the value of the gpaditmeter is decreased at a value
equal to thesend slopgarameter. In the example, that would be at a rate of -75 Mb/s. At time t2, the

frame transmission is complete, and the value ottedit parameter increases at 25 Mb/s (which is
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the value of thedle slopeparameter in the example) until it reaches a value of zero (time t3). During
the time that theredit parameter has a value less than zero (between time t1 and time t3), no other
frame transmission is allowed to be initiated from the associated queue. This ensures that the queue

does not use more than its allocated bandwidth.

Figure 55 shows a graph that displays the value of a ggachimeter over time.

Idle slope / Send slope

0 - » Time

Credit

Figure 55: Credit-shaper algorithm frame transmission (conflicting traffic)

At time t1, there are no frames waiting in the queue for transmission, but conflicting frames are
being transmitted out of the port associated with the queue. At time t2, a frame is queued for
transmission. Since the value of tloeedit parameter is zero, the algorithm will allow the
transmission of the frame, but as a conflicting frame is being transmitted out of the port, the frame
cannot be transmitted. The transmission of the conflicting frame ends at time t3.Whilst the
conflicting frame is being transmitted, the value of thedit parameter increases at a value that is
equal to the value of thdle slopeparameter. From the time t2 to the time t3, the frame waits in the
gueue. At time t3, the transmission of the queued frame begins, and at time t4 the transmission of the
frame is complete. During the transmission of the frame, the value ofdtlié parameter decreases

at a value that is equal to the value of $ked slopgarameter. The transmission of the frame does
not consume all of theredit that is available. At time t4, there are no other frames in the queue and

thus the value of the crediarameter is set to zero.

Figure 56Error! Reference source not found. shows a further graph that displays the value of a

credit parameter over time.
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Figure 56: Credit-shaper algorithm frame transmission (burst traffic)

At time t1, there are no frames waiting in the queue for transmission, but conflicting frames are
being transmitted out of the port associated with the queue. At time t2, three frames are queued one
after the other. As soon as the first frame is queued, the value afettieparameter increases at a

rate equal to the value of title slopeparameter as there is conflicting traffic being transmitted by
the port. At time t3, the conflicting traffic has been transmitted and the first frame in the queue (f1) is
transmitted. Whilst the frame is being transmitted the value otrbdit parameter decreases at a
rate equal to the value of tlsend slopgarameter. At time t4 the transmission of the first frame is
complete. As the value of theredit parameter is positive at this point, the second frame (f2) is
transmitted and the value of theedit parameter continues to decrease at a rate equal to the value of
the send slopgarameter. At time t5 the transmission of the second frame is complete. As the value
of the creditparameter is now negative, the third frame cannot be transmitted. The value of the credit
parameter increases at a rate equal to the value of the idlgsi@peeter. At time t6 the value of the
credit parameter reaches a value of zero. There is no other conflicting traffic so the third frame (f3) is
transmitted. Whilst this frame is being transmitted, the value ofridit parameter decreases at a
rate equal to the value of tsend slopgarameter. At time t7 the transmission of the third frame is
complete and theredit parameter increases at a rate equal to the value afléhslopeparameter.

At time t8 the value of theredit parameter reaches zero. As there are no queued frames and no
conflicting traffic, the value of the credsarameter remains at zero.
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4.2.2.3.2.2Deriving Actual Bandwidth Requirements from the Advertised TSpec

The forwarding and queuing rules use bandwidth parameters that are defined in terms of the actual
bandwidth used when frames are transmitted on the medium that supports the underlying MAC. The
bandwidth is not defined as the size of the payload that is carried within frames. MSRP specifies the
size of the payload that forms part of a stream. This value does not take into consideration the per-
frame overhead that is associated with transmitting the frame over a given medium. When
calculating the amount of bandwidth to reserve for a given queue, it is necessary to take into

consideration the per-frame overhead associated with the transmission of frames.

When calculating the bandwidth consumed by a stream, it is assumed that the stream data is
essentially of constant size and transmission rate. The maximum fransegaltailated as follows:

* Maximum frame rate maximum interval frames (1 / class measurement interyal

The maximum frame rates measured in frames per second. Thaximum interval framess
measured in units of the number of frames transmitted elasg measurement intervalheclass

measurement intervad measured in seconds.

Stream class A hasaass measurement intervaf 125us. If, for example, an end station supports
stream class A and is transmitting an audio stream at one framkagemeasurement interv@le.,

it has maximum interval frame$ one), the maximum frame rate would be calculated as follows:

= maximum interval frames (1 / class measurement interyal

=1x (1/125 x 18)

=1 x 8000

= 8000 frames per second

It is possible to determine theer-frame overhead that is added to each payload. The asual
frame overhead is dependent on the protocol stack and the underlying MAC technologgtuEhe
bandwidth that is required to support a given stream is defined as follows:

* Actual bandwidth =ger frame overhead + payload sizemax frame rate

Theactual bandwidth is measured in octets per second, anktHeame overhead amghyload size

are measured in octets.
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For VLAN tagged Ethernet frames, the overhead associated with each frame is:
* Inter frame gap (IFG): 12 octets

* Preamble 8 octets

» Ethernet header (with VLAN tag): 18 octets

e Trailer: 4 octets

The total per-frame overhead is thus 42 octets.

If, for example, an end-station advertised that the maximum payload associated with the stream is 80
octets (via thetalker advertiseTSpec field), the actual reservation of bandwidth performed by
MSRP’s MAP component (as represented byithe slopeparameter of the queue associated with

the stream) will also have to take into consideration the 42 octpty-éfame overhead. Thectual
bandwidth will be calculated as follows:

= (per frame overhead payload sizgx max frame rate

= (42 + 80) x 8000

=112 x 8000

= 976000 octets/s

= 7.808 Mb/s

4.2.2.4 Stream Reservation Protocol Domain

It is possible to connect non-AVB-aware stations to AVB-aware stations and it is also possible for
AVB-aware stations to associate different priority values with the SR classes that they support. For
example, a bridge may use priority three to identify class A streams, and a second bridge that it is
connected to may be configured to use priority four to identify class A streams. Givesirdas)
reservation protocol domainSRP domainsare created to ensure that stream requirements are met
and not interfered with from devices outside of the domain. For example, a non-AVB aware end
station could be connected to an AVB-aware bridge. This end station is able to transmit VLAN
tagged frames that are tagged with a priority value that is being associated with one of the supported
SR classes. If this were to happen, the reserved bandwidth for the particular SR class would be

oversubscribed resulting in packet loss. Thus, when these frames enter the SRP domain, their priority
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values need to be adjusted such that they do not conflict with priority values being used by SR

classes (see Section 4.2.2.4.2 “Priority Regeneration”).

Each supported SR class of each port of each bridge of a set of connected bridges needs to be
identified as either being at the edge of the set of bridges or not. An SR class of a port is considered
to be at the edge of the set of connected bridges if the station at the other end of the link does not
support the credit-shaper algorithm for stream transmission, does not support MSRP, or the SR class
uses a different priority value to tag the SR class’s stream frames with. The set of bridges form SRP

domains for the supported SR classes.

Figure 57 shows an example network composed of three four-port bridges. Bridge B3 is not AVB-
aware, and bridge B1 and bridge B2 are AVB aware. Bridge B1 and bridge B2 support SR class A
using priority three and SR class B using priority two. End stations End 1 to End 5 are also compliant
with the AVB standards and support SR class A using priority three and SR class B using priority
two. The right hand port of bridge B2 has been marked as an edge port (this port is known as a
domain boundary poytfor SR class A and SR class B as it is connected to a port of a bridge that is
not AVB-aware. All of the other ports of the AVB-aware stations are marked as not being at the edge

(these ports are known as domain core pdasboth SR class A and SR class B.
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End 1 End 2

End 3
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AVB compliant end station
AVB-aware bridge
Non-AVB-aware bridge
Domain core port

Domain boundary port

Figure 57: SRP domain with non-AVB bridge

Figure 58 shows another example network composed of three four-port bridges. All of the bridges
are AVB aware. Bridge B1 and bridge B2, and End 1 through to End 5 support SR class A using
priority three and SR class B streams using priority two. Bridge B3 and End 6 through to End 8 only
support class B streams using priority two. As a result of this, the right hand port of bridge B2 is
marked as alomain boundary porfor SR class A. Any frames entering the port that have been
tagged with a priority value of three will have their priority value adjusted.
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Class A and B AVB compliant end station
Class A and B AVB-aware bridge

Class B AVB compliant end station

Class B AVB-aware bridge
Domain core port for class A
Domain boundary port for class A

Figure 58: SRP domain for SR class A

Figure 59 shows the same example network as shown in Figure 58. In this figure, all of the ports of
all of the stations are marked @smain core portdor SR class B as all of the stations support SR
class B using priority two.
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End 1 End 2
|
End 3 -
= .
End 4 End 5

Class A and B AVB compliant end station
Class A and B AVB-aware bridge
Class B AVB compliant end station

Class B AVB-aware bridge
Domain core port for class B

Figure 59: SRP domain for SR class B

4.2.2.4.1 Detection of a Stream Reservation Protocol Domain

MSRP is used to establish SRP domains. Neighbouring devices that have identical SR class
characteristics are part of the same SRP domain and stream data may be transmitted between thes
devices. All systems that support a particular SR class are considered to be in the same SR domain i
they use the same priority value for that SR class. A SRP domain boundary for a SR class exists at a

point when neighbouring devices use different priority values for the same SR class.

In addition to thetalker and listener attributes, MSRP defines domain attribute. This attribute

contains information that is used by a bridge port to determine the location of an SRP domain

boundary. The structure of a domain attribute is as follows:

* SR class IDone octet): Th&R class ICfield is used to represent an SR class that is supported
by the port.

* SR class priority(one octet): The&SR class priorityfield is used to represent the priority value

that is associated with the SR class (identified by the SR class ID field).
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» SR class VIQtwo octets): The&R class ViDield is used to represent the VID of the VLAN that
is associated with the SR class (identified by the SR clafslt).

Each AVB device is aware of its characteristics and functionality. When it is initialised, it is able to
declaredomainattributes for each of its supported SR classes. For each SR class, of each port of a
bridge, MSRP determines whether the port@main core portadomain boundary porbr that the

port is not part of the domain. When tth@main attribute of the port at the other end of a link has the
same value as thdomain attribute on the local end of a link, the port is considered talbmain

core portfor the SR class, otherwise it is not considered to be a domain core port

Once registered on a bridge’s port, MSRP does not propdgaiain attributes across to the other
ports of a bridge. The purpose of th@main attribute is to determine the SR class characteristics of a

station at the other end of an attached link.

4.2.2.4.2 Priority Regeneration

When a frame is received by a bridge, the priority of that frame is regenerated using the priority
information contained within the frame and {gority regeneration tableof the port from which

the frame was received

Each port has associated with itpaority regeneration table This table has eight entries that
correspond to the eight possible priority values: zero through to seven. Each entry specifies the
received priority value and the corresponding regenerated priority value. Table 9 shows the default

regeneration values. These are initially used in the priority regenerationaééeh port.
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Received priority Default regenerated
priority
0

N O O B~ W N | O
~N| O O B~ W N P

Table 9: Priority regeneration table

In a bridge that supports SRP, each reception port Hamain boundary port priority regeneration
override tableassociated with it. This table associates a priority value with each SR class supported
by the bridge and a regenerated priority value to be used when the port has been determined to be ¢
domain boundary port

Table 10 shows the default values for priority and regenerated priority for two SR classes (SR class
A and SR class B) for domain boundary portThis ensures that any data arriving at the boundary
port using a priority value that is associated with an SR class is regenerated so that it does not

interfere with any stream data.

SR class Default priority Default regenerated
priority for SRP domain
boundary ports
3 0
B 2 0

Table 10: Defaultdomain boundary port priority regeneration override values table

Assume that an AVB-aware bridge uses the defdoihain boundary porpriority regeneration
override values that are defined in Table 10. If a non-AVB endpoint device transmits a frame

destined to the AVB-aware bridge with a priority of three, when the frame arrives dortregn
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boundary portof the AVB-aware bridge, the priority of that frame will be adjusted to zero before it
is transmitted further. This then prevents that frame from interfering with any stream data (using

priority three) in the SRP domain.

4.2.25 Talker Behaviour

A talker end station that wants to make use of the credit-based shaper algorithm characteristics for
stream delivery has to use the priorities that the bridges in a network recognise as being associated
with SR classes exclusively for transmitting stream data. A talker end station exhibits the
transmission behaviour for frames that are part of time-sensitive streams. This behaviour is
consistent with the operation of the credit-based shaper algorithm. This behaviour is seen for the
transmission of individual streams, and for combined streams’ data transmitted from the port. This is

illustrated in Figure 60.

Transmission selection

Figure 60: Queuing model for a talker station [68]

A talker end station has a per-stream queue, and it places stream frames into this queue. The
placement of frames into this queue is based on the parameterstalkéreadvertiseattribute for

the stream. During each class measurement interval, it is allowed to place the number of frames it
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advertised in thealker advertiseinto the queue, and each frame may not be larger than the

maximum frame size advertised in the talker advertise

Each queue associated with each stream uses the credit-based shaper algorithm to determine the ra
at which data frames for the stream are placed into the appropriate port’s outbound queue. The port’s
outbound queue then in turn uses the credit-based shaper algorithm to select which frames are to be

transmitted out of the queue.

The end station exhibits the same transmission selection characteristics that are described in Sectior

4.2.2.3 (“Transmission Selection Algorithms” on page 92) for the transmission of frames.

4.3 Conclusion

When transmitting realtime stream data across a digital network, it is necessary for this data to be
transmitted in a timely and deterministic fashion. IEEE 1394 and Ethernet AVB networks natively
provide mechanisms to provide this deterministic transmission to ensure that the networks are not
oversubscribed. IEEE 1394 provides deterministic transmission via a bus arbitration mechanism.
This ensures that all of the devices that have acquired network resources are able to transmit
isochronous data every isochronous cycle. Ethernet AVB devices make use of the credit-shaper
algorithm to guarantee network resources to streams. These mechanisms ensure that data frames a

not discarded due to network congestion and ensures that they arrive timeously.
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Chapter 5 Timing and Synchronisation

When transmitting multiple audio and video streams across a network, it must be possible to present
these streams so that they are rendered correctly with respect to each other. For example (as shown i
Figure 61) a video camera could be capturing images and a microphone the audio associated with
those images. The video stream could traverse a network to reach a video display, and the audio
stream may traverse the network to reach a pair of speakers. The audio and video streams may take
different paths through the network and this could result in their data arriving at their respective
destination devices at different times. It is essential that the video and its associated audio be
synchronised so that the audio corresponds to the images on the video display. It should be possible
for transmitting devices to be able to tell receiving devices the time at which video and audio
samples should be presented (i.e., it should be able to provide the receiver(s)resierdation

time).

O O

Bridge

Bridge

Bridge

Bridge

Figure 61: Example stream synchronisation

109



It is also necessary to achiewerdclock synchronisation: for example, a signal from a microphone
could be fed into an analogue to digital converter (ADC) where it is sampled at a certain rate
(nominally 48 kHz, for example). This signal could then be transmitted across a digital network to a
speaker. Once that signal arrives at the speaker, it may be fed into a digital to analogue converter
(DAC) such that it can be played back on the speaker. The DAC should run at the same rate as the
ADC (48 kHz, for example), but this is unlikely to be the case. If the ADC is running faster than the
DAC, it will produce more samples than the DAC is consuming causing a buffer overrun. In the
opposite case, where the ADC is running at a slower rate than the DAC, the ADC is producing fewer
samples than the DAC is trying to consume resulting in a buffer under-run. These conditions result in
glitches in audio and video playback. There is a need to synchronise the sampling clocks of the
devices that produce streams, and the sample clocks of the devices that receive streams. This is

known as wordclock synchronisation.

In order to control the presentation time of audio and video samples, and to allow for wordclock
synchronisation, IEEE 1394 and AVB devices need to share a common sense of time. This chapter
discusses the native synchronisation mechanisms that are in place within each of these networking
technologies such that devices on these networks are able to share a common sense of time. There |
a need to understand these synchronisation mechanisms in order to develop mechanisms that allow
for cross network stream synchronisation to take place.

5.1 IEEE 1394

On an IEEE 1394 bus, each node hagde timeregister that is incremented by a clock on the node.

This clock has a frequency of 24.576 MHz. The format ofcifabe timeregister is shown in Figure

62. It is composed of a 7-kdecond countield, a 13-bitcycle countfield, and a 12-bitycle offset

field. These fields are used as follows:

* Thecycle offsefield is updated until it reaches a value of 3071. At this point it rolls over to zero
and thecycle countfield is updated by one. The roll over happens every 125us and is used to
trigger the transmission afycle startpackets. Once every 125us, the root node broadcasts a
cycle startpacket onto the bus. The cycle start packet contains the root mgdigdimeregister

value. The cycle timeegister values of all the nodes are synchronised by the cycle start packet.
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* Thecycle counfield is updated until it reaches a value of 7999. At this point it rolls over to zero
and the second coufield is updated by one. This happens every second.
» Thesecond countield is updated until it reaches a value of 127. At this point it rolls over to a

value of zero.

1sintervals 125us intervals
&N\ &£\
Second coun{  Cycle coun{7999) Cycle offse{3071) |<«——24.576MHz clock
7 bits 13 bits 12 bits

Figure 62: Cycle time register (adapted from [4])

An IEEE 1394 node also implementbuas timeregister. This register is composed a&egond count
hi field and asecond count lo field. Th&econd count lo field is an alias for tbecond counfield of
the cycle timeregister and is thus 7-bits in size. T$erond count hiield is 25-bits in size and is

incremented when the value of the second count lo field rolls over from a value of 127.

Using this mechanism, all of the nodes on an IEEE 1394 bus share a common sense of time. This
allows for transmitting IEEE 1394 nodes to timestamp their packets with presentation times, as

shown in Section 6.2 “Timing and Synchronisation”.

5.1.1 Cross IEEE 1394 Bridge Synchronisation

IEEE 1394 buses (consisting of IEEE 1394 nodes) can be bridged together with IEEE 1394 bridges
[62] to form anet An IEEE 1394 bridge consists of two portals. Each portal is a connection from a

bridge to an IEEE 1394 bus. A bridge is capable of forwarding asynchronous and isochronous
subactions. The forwarding characteristics of a bridge are determined by routing information that it

maintains.
Each IEEE 1394 bus forms its own arbitration domain and has a cycle master that provides uniform

time to that bus. Each bridge portal has an independent 24.576 MHz cycle timer. These cycle timers

may not advance at exactly the same rate resulting in one advancing at a higher rate than the other.
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In order for an IEEE 1394 bridge to reliably transport isochronous stream data, it is necessary for all
cycle masters within a net to maintéiaquency synchronisation with each other. Without this, cycle
time drift might grow large enough to cause isochronous buffer overruns or underruns. For example,
an IEEE 1394 bridge may receive isochronous packets on a portal at a faster rate than it is
transmitting them on its second portal. This would occur if the cycle time of the cycle master of the
first portal’'s bus advances at a higher rate than the cycle time of the cycle master of the second
portal’'s bus. The simplest method of achieving frequency synchronisation is to maintain an effective
cycle offset phase difference of zero (knownpasse synchronisation) between cycle timers on

adjacent buses. Cycle offset phase synchronisation occurs when cycle start events are simultaneous.

A net has a single cycle master that provides cycle offset for the entire network. This is the cycle
master of one of the IEEE 1394 buses and is known asetheycle masterlEEE 1394 bridges
distribute the net cycle offsiiroughout a net.

5.1.1.1 IEEE 1394 Bridge Portals

A single portal of a net is known as theme portal The location of the prime portal determines the
location of the net cycle master, i.e., the net cycle master is located on the bus to which the prime
portal is connected. Each bus of a net containalpina portal This portal snoops and forwards
transaction subactions addressed to the prime portal. The prime portal is also the alpha portal on the
IEEE 1394 bus to which it is connectedcé-portal from the perspective of a particular IEEE 1394
bridge’s portal is the other portal of the same bridgeuBordinate portals a portal that is neither

an alpha nor a prime portal. Figure 63 shows an example net that contains two IEEE 1394 bridges
and two IEEE 1394 nodes. In this example, the left hand portal of Bridge A is the prime portal. As a
result of this, the right hand portal of Bridge A and Bridge B are alpha portals. The left hand portal of
Bridge B is a subordinate portal.
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Node A Bridge A Bridge B Node

Figure 63: An example net

In the context of cycle time synchronisationd@vnstreancycle master or a downstream portal is

one that has more bridges between itself and the net cycle master than the portal to which it is
compared. For example, in Figure 63, if Node A is the net cycle master, the alpha portal of Bridge B
is downstream relative to the alpha portal of Bridge A. In the context of an isochronous stream,
within a bridge the downstream portal is the one with more bridge portals between itself and the

node transmitting the stream.

In the context of cycle time synchronisation,ugpstreamcycle master or an upstream portal is one

that has fewer bridges between itself and the net cycle master than the portal to which it is compared.
For example, in Figure 63, if Node A is the net cycle master, the alpha portal of Bridge A is
upstream relative to the alpha portal of Bridge B. In the context of an isochronous stream, within a
bridge the upstream portal is the one with fewer bridge portals between itself and the node

transmitting the stream.

On the bus that contains the prime portal, the portals of the other bridges on the bus obtain cycle time
directly from the net cycle master. These portals communicate their cycle offset to their co-portals
which regulate cycle start events on their own buses.

5.1.1.2 Phase Synchronisation

The IEEE 1394 bridges that interconnect IEEE 1394 buses into a net are responsible for maintaining
phase-locked synchronisation between the net cycle master and all other cycle masters in the net.
Phase lock is achieved when the value ofadyrde offsefield of thecycle timeregister is identical

for two cycle masters separated by a bridge. An IEEE 1394 bridge accomplishes phase lock by
measuring the cycle offset difference between the cycle master on the upstream portal’s bus and the
cycle master on the alpha portal’s bus. This difference is adjusted to account for propagation delays
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between the portals and their respective cycle masters. When the difference (measured in ticks of a
24.576 MHz cycle timer) is nonzero, the alpha portal either adjusts its own cycle time (if it is cycle
master) or transmits a cycle master adjustment packet to the cycle master on its bus. The cycle
master adjustment packets (knowngasfastor go slowpackets) allow an alpha portal to instruct a

cycle master to delay or hasten the advent of the next cycle synchronisation event by one tick of its
24.576 MHz cycle timer.

For an alpha portal to calculate whether a phase adjustment is required, four data items are sufficient:
» Simultaneous samples of the cycle offedtl of the cycle timeegister of both bridge portals.
» The propagation delay between the alpha portal and the downstream cycle master.

* The propagation delay between the upstream portal and the upstream cycle master.

Figure 64 shows these data items between two IEEE 1394 buses in a net. The upstream and
downstream (with respect to the net cycle master) cycle masters are marked CM and CM'. The

upstream portal is labelled u and the alpha portal is labelled o

Figure 64: Phase synchronisation between two IEEE 1394 buses [62]

An IEEE 1394 bridge is able to calculate the phase difference between its two portals with the
following formula

(cycle offselpn+ propagation delayir) — (Cycle offsehsreamt Propagation delayis)

114



Each portal of an IEEE 1394 bridge measures the propagation delay between itself and the cycle
master on its bus by means of ping packets. The propagation delay is half the round-trip delay

measured by a ping packet.

Both bridge portals have an independent 24.576 MHz cycle timer whose value can be sampled via
thecycle timeregister. Once each isochronous period, the phase of both cycle timers (visible via the
cycle offsetfield of the cycle timeregister) is sampled. This result of this is combined with the
propagation delays according to the formula above. If the result of the calculation is a negative value,
the downstream cycle master is running slower than the upstream cycle master and the alpha portal
should instruct it to reduce the threshold value for the impending cycle start by one cycle timer tick.
If the result of the calculation is a positive value, the downstream cycle master is too fast and the
alpha portal instructs it to increase the threshold value by one cycle timer tick. Adjustments made by
the alpha portal to the cycle master’s threshold value are in effect only for theyeixtcount

increment. After this, the threshold reverts to the nominal 3071 cycle timer ticks.

Table 11 shows an example phase difference calculation for Figure 64. The data shown in the table is
observed by a single IEEE 1394 bridge. After the calculation is performed, it is determined that the
downstream cycle master (CM’) is running slower than the upstream cycle master (CM) and thus it is

instructed to temporarily decrease its cycle cancrement threshold by one time tick.

< cycle offsebstream 25 ticks
§ propagation delay 7 ticks
g cycle offsefpha 15 ticks
§ propagation delayy 5 ticks
© phase difference -12 ticks
The alpha portal will transmit a cycle master
= adjustment packet to temporarily decrease|the
é cycle countincrement threshold by one cygle
time tick Qo fas}.

Table 11: Example phase difference calculation based on Figure 64 [62]
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5.1.1.3 Cycle Master Adjust Packet

A cycle master adjust packet instructs the recipient to adjust the interval between successive cycle

synchronisation events. The type of cycle master adjust packet indicates the adjustment to be made tc

the cycle master's behaviour at the next cycle synchronisation event. The adjustment causes a

temporary override of the threshold value above whiclcyiote offsefield of thecycle timeregister

wraps around to zero and causesdyee counfield of the cycle timeegister to increment.

* A go slowpacket specifies that the threshold should be set to 3072. This delays the next cycle
synchronisation event by one tick of the cycle master's 24.576 MHz cycle timer.

* A go fastpacket specifies that the threshold should be set to 3070. This hastens the next cycle

synchronisation event by one tick of the cycle master's 24.576 MHz cycle timer.

Upon the next cycle synchronisation event, the threshold value is restored back to 3071.

5.2 Ethernet AVB

IEEE 802.1 AS [69] [72] [73] defines thgeneralised precision time protoc@PTP) which allows

systems on a bridged LAN to all share a common sense of time. The protocol defines two types of

time-aware systems

* Time-aware end station: A time-aware end station is a device that is capable of acting as a source
of synchronised time and/or a destination of synchronised time (using gPTP).

 Time-aware bridge A time-aware bridge is a device that is capable of communicating

synchronised time received on one of its ports to its other ports (using gPTP).

A bridged LAN composed of these time-aware systems interconnected by LAN technologies
supporting gPTP is known astiame-aware bridged LANThis time-aware bridged LAN forms a

gPTP domain. The gPTP domain defines the scope of gPTP message communication, state,
operations, data sets and timescale. The time-aware systems form a synchronisation master/slave

hierarchy with one of the time-aware systems selected to be the grandmaster.

Time synchronisation is performed with the selected grandmaster sending its current time (amongst
other information) to all of the time-aware systems directly attached to it. Each one of the time-aware

systems that receives this information corrects the received time by adding the propagation time
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needed for the information to transit the communication path from the grandmaster. A time-aware

bridge will forward the corrected synchronised time information (including additional delays in the

forwarding process) to all of its attached time-aware systems. For this mechanism to work, two time
intervals need to be precisely known:

» The time taken for the synchronised time information to transit the communication path between
two time-aware systems. Each time-aware system in a gPTP domain, for each of its ports,
measures the delay on the link between itself and the time-aware system that it is connected to.

* The forwarding delay through bridges (called tiesidence time The measurement of the

residence timés local to a bridge and must be less than or equal to 10ms.

Any time-aware system that has clock sourcing capabilities is a potential grandmaster. gPTP defines
a selection process that ensures that all of the time-aware systems in a gPTP domain use the sam
grandmaster. This selection process is known abdbemaster clock algorithgBMCA). All of the
time-aware systems on a time-aware bridged LAN continuously participate in the BMCA (even if
they are not grandmaster capable) and thus should a “better” clock enter the time-aware bridged
LAN, it will be selected as the grandmaster. If a time-aware bridged LAN were to become divided,
for example, the BMCA will ensure that a grandmaster exists on each segment that is created. The
BCMA will select the “best” grandmaster-capable time-aware station as the grandmaster of the time-
aware bridged LAN segment. When this happens, two separate gPTP domains are formed.

Time-aware systems in a gPTP domain only communicate gPTP information directly with other
time-aware systems. Non-time-aware bridges cannot be used to relay gPTP information as they slow

timing convergence and introduce extra jitter and wander.

5.2.1 gPTP Messages

For full-duplex point-to-point links, all gPTP communication occurs pfiecision time protocol

(PTP) messages. There are two Riiéssage classes

* Event message claghese messages are time-stamped on egress from a time-aware system and
ingress to a time-aware system.

* General message clagbese messages are not time-stamped.
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Each PTPmessage classalso has a number ohessage typesThese message types will be

introduced in the relevant sections.

5.2.1.1 Generation of Event MessageTimestamps

All event messageare time-stamped on egress from, and ingress to, a time-aware system. The
timestamp value is the time, relative to the local clock of that time-aware system, at which the
message timestamp powitthe message passes teference planeThemessage timestamp poist

the point within arevent messagat which a timestamp is taken, and is defined as the beginning of
the first symbol following the start of frame delimiter. Thederence plananarks the boundary

between the time-aware system and the network media. These are illustrated in Figure 65.

Higher layers

Timestamp

measurement plan _
B S A Timestamp

(D

| measurement plane

A

Ingress latency

MAC Egress latency
PHY
Y I T _y Reference plane
v
Ingress evennessage Egress evemessage
XXXXXXXXKXXXKXXXKXXXKKX. .. XXXXY XXXXX XXXXXXXKXXXXXKXXXXKX . . XXXXY XXXXX
Message timestamp point Message timestamp point

Figure 65: Definition of message timestamp point, reference plane, timestamp measurement plane, and latency

constants (adapted from [69])
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If event messagemestamps are generated using a point other thaméssage timestamp point
(within anevent messagethen the generated timestamps should be corrected by the time interval
between the actual time of detection and the time thahtbgssage timestamp poipassed the

reference planelf these corrections are not made, a time offset between time-aware systems results.

If timestamps are generated atimestamp measurement platiat is different from theeference

plang the generated timestamps should be corrected for these offsets. Thus, the egress and ingres:
timestamps should be corrected as follows:

* egress timestamp = egress measured timestaagoess latency

* ingress time stamp = ingress measurement timestamp - ingress latency

Where,

* egress timestamp arndgress timestamp are the timestamp values whemd#ssage timestamp
point passed the reference plane

* egress measured timestamp amgress measured timestamp are the timestamp values measured
relative to the timestamp measurement plane

» egress latencgnd ingress latencgre the latencies between these measurement planes.

Thetimestamp measurement plamnelative to theeference planemay be different for inbound and
outboundevent messageand thus theegress latencyandingress latencyalues are likely to be
different. Failure to make these corrections results in a time offset between the slave and master

clocks.

PTP peer delay measurements (see Section 5.2.4 “PTP Peer Delay Protocol”) calculates the mear
propagation time on a link and thus requires that two-way delay be symmetrical for the highest

accuracy. The latency corrections allow transmission delays to be measured such that they appear
fixed and symmetrical to gPTP even though there might be substantial asymmetry and transmission

variation.
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5.2.2 Best Master Selection and Network Establishment

The BMCA is a distributed algorithm that is used to select the “best” clock of a gPTP domain as the
root time-aware system of that gPTP domain, and if the root time-aware system is grandmaster
capable, the grandmaster. The grandmaster will always be the root time-aware system, but the root
time-aware system will not necessarily be the grandmaster (this would occur if none of the time-
aware systems are capable of being grandmaster). The BMCA is also used to construct a time-
synchronisation spanning tree. Synchronised time is communicated from the selected grandmaster

(the root time-aware system) to other time-aware systems via the time-synchronisation spanning tree.

BMCA exchanges information between time-aware systemani@uncemessages. Aannounce
message is a general message, and thus is not time-stampedanBadncemessage contains
information that identifies one of the time-aware systems as the root of the time-synchronisation
spanning tree and, if the root time-aware system is grandmaster-capable, the grandmaster. Each time
aware system uses the information in @im@ouncemessage it receives, along with its knowledge of
itself, to determine which time-aware systems that it has knowledge of should be the root and, if
grandmaster-capable, the grandmaster. Oncearamounce message is transmitted by a port,
subsequent timing information transmitted by the port shall be derived from the grandmaster that is
indicated in that announceessage.

5.2.2.1 Time-aware System Characterisation

Eachannouncemessage carries information that is used to characterise the time-aware system. This
information consists of a priority value, multiple clock characteristic values, and a clock identity
value that is used to uniquely identify a time-aware system. When comparing two time-aware
systems, these values are concatenated together to form an unsigned integeisygsited alentity

A system identityvith a lower numeric value indicates a time-aware system that is a more capable

root time-aware system than a time-aware system with a system idetiitisyhigher numeric value.

The priority field can be used to determine whether a time aware system is grandmaster capable or
not, and can be used by a network manager to force a certain time-aware system to be grandmaster
When comparing two time-aware systems, a time-aware system’s priority value has the greatest

influence on the outcome of tisgstem identitgomparison. The clock characteristic value includes
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values that describe the class of the clock and its accuracy. When comparing two time-aware
systems, if the systems have equal priority, their clock characteristics are compared. If the two time-
aware systems have equal clock characteristics, then the clock identities are compared as a tie-

breaker.

5.2.2.2 Examples of Grandmaster Selection

When a time-aware bridged LAN is in a steady state, the grandmaster of the gPTP domain
periodically transmits amnnouncemessage announcing its presence and superiority. Time-aware
end stations and bridges keep track of the current grandmaster. Figure 66 shows an example time-
aware bridged LAN with time-aware end station A as the grandmaster. It periodically transmits

announcanessages. In the diagram, Gidicates grandmaster

A
(am GM)

@ (Ais GM) /\\

B D

C

(Ais GM)

Figure 66: Announce message transmission in a steady state
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In Figure 67, an additional time-aware end station (E) is added to the network. This end station
receives arannouncemessage from end station A and realises (by comparingyttem identityn
theannouncamessage with its owsystem identifythat it is a better grandmaster than end station A.

This could happen, for example, if the clock of time-aware system E is considered more accurate

than the clock of time-aware system A.

A
(Iam GM)

Q ( arrlfGM)
(Ais GM)
Z N
; @ 5

C

(A is GM)

Figure 67: Addition of a time-aware system
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As shown in Figure 68, time-aware end station E transmitanaouncemessage announcing its

superiority. The time-aware bridge updates its knowledge of the grandmaster. Subsequent announce
messages from time-aware system A are not forwarded by the time-aware bridge as is it aware of a
superior time-aware system (time-aware end station E). The bridge forwards time-aware end station

E’s announcemessage.

A
(l'am GM)
E

, (E is GM) % (am W

B D
(A is GM) (A is GM)

C
(A is GM)

Figure 68: Announce message transmission after time-aware system addition
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Once each time-aware system has receiveartheuncemessage from time-aware end station E, it

records that time-aware system E is the grandmaster, as shown in Figure 69.

A
(E is GM)

1 E

} (Iam GM)

y (E is GM) .
B
(E is GM) 1 D

(E is GM)
C

(E is GM)

Figure 69: Announce message transmission in a steady state after time-aware system addition
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If time-aware system E is removed from the time-aware bridged LAN, the other time-aware systems
will stop receiving itsannouncemessages. After a time-out period, all of the time-aware systems
sendannouncemessages, as shown in Figure 70. The time-aware bridge keeps traclsydtéme
identity with the lowest value and only forwards thenouncemessage of the time-aware system
with the lowestsystem identitywalue. In this case (assuming that the bridge processes time-aware
system A’sannouncemessage first), time-aware system Armouncemessage is forwarded to the
other time-aware systems and the rest of the other time-aware symt@msncemessages are
filtered.

(am GM)

ﬁ@ IS %

B D
C

(am GM)

Figure 70: Announce message transmission after time-aware system removal
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The system stabilises once again, and the grandmaster time-aware system continuously transmits

announcemessages announcing its presence and superiority, as shown in Figure 71.

(lam GM

ﬁ§;> (A is GM) ~

B D
(Ais GM) (Ais GM)
C
(Ais GM)

Figure 71: Announce message transmission in a steady state after station removal

5.2.2.3 Port Roles

As part of the construction of a time-synchronisation spanning tree, each port of each time-aware

system is assigned a port rdfem Table 12.
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Port role Description
Master Any port of a time-aware system that is closer to the root time-aware system than any
other port of the gPTP communication path connected to that port.
Slave The one port of a time-aware system that is closest to the root time-aware syst
Passive Any port of a time-aware system whose port role is not masitere or disabled.
Disabled Any port of a time-aware system that is either disabled, has its time-synchron

and best master selection functions disabled, or the IEEE 802.1AS protocol

operating.

isation

is not

Table 12: Port role definitions

An example master/slave hierarchy of time-aware systems is shown in Figure 72. All of the

grandmaster’s ports have a port rolevaster All of the other time-aware systems have exactly one

slave port. The time synchronisation spanning tree is formed by the links between ports of time-

aware systems where these ports are not paddieepassiveorts are used to break loops.

127



Figure 72: An example master/slave hierarchy of time-aware systems [69]

5.2.3 Logical Syntonisation

Time synchronisation correction is dependent on the accuracy of delay and residence time
measurements. Ideally, the clock used for this purpose has to be frequency locked (syntonised) to the
grandmaster to ensure that all of the time measurement intervals use the same time base. Two time-
aware systems are syntonised if the duration of a second on both of the clocks is the same. i.e., eact
clock advances at the same rate (syntonised clocks do not necessarily share the same epoch).
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Adjusting the frequency of an oscillator is slow and prone to gain peaking effects. gPTP measures
the frequency of a clock against the frequency of the grandmaster clock. This frequency ratio is
known as thegrandmaster frequency ratio. Thgrandmaster frequency ratio allows time-aware
bridges to correct time interval measurements. For each port that a time-aware system has, the ratio
of the frequency of the time-aware system at the other end of the link to the frequency of its own
clock is measured. This is known as tleghbour frequency ratio. Thggandmaster frequency ratio

is used in computing synchronised time, and rikgghbour frequency ratio is used in correcting
propagation time measurements. Tgr@andmaster frequency ratio is calculated by accumulating

neighbour frequency ratios

All of the time-aware systems in a gPTP domain are logically syntonised, meaning that they all
measure time intervals using the same frequency even though their clocks may advance at different

rates.

5.2.4 PTP Peer Delay Protocol

Link propagation delay is measured by each port at the end of every full-duplex, point-to-point link.
Both of the ports that share a link, independently and periodically make the measurement, and both
ports know the propagation delay result. This allows time-synchronisation information to be
transported irrespective of the direction it takes. The direction that time synchronisation information

is transmitted could change if the grandmaster changes.

Figure 73 shows the operation of tAREP peer delay protocollhe propagation delay measurement

is initiated by apeer delay initiatortime-aware system. The time-aware system at the other end of
the link is thepeer delay respondetime-aware system. A similar measurement occurs in the
opposite direction, with the initiator and responder interchanged and the directions of the messages

reversed.

The propagation delay measurement starts with the peer delay initedeamitting a p delay request
event messagand generating a timestantp, The peer delay respondeeceives the message and
timestamps it with timé. The responder returngpadelay responsevent messagend timestamps it
with timet;. The responder returns the titaen thep delay responsmessage, and the tinein ap

delay response follow up message. pher delay initiatorgenerates a timestantp, upon receiving
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thep delay responsemessage. Thpeer delay initiatorthen uses these four timestamps to calculate
the mean propagation delag follows:

lir =t — U4

tri = ty — t3

D= tirt tri _ (ta—t1)—(t3—t3)
2 2

whereD is the mean propagation delay

Peer delay initiator Peer delay responder

""""""""""" \
p delay request
oY ______ ___________________________\; t2

_____________________ p delay response™ |

i t 4 t2

______________________ — _—

p delay response follow

up

(

Figure 73: Propagation delay measurement using theTP peer delay protocol (adapted from [69])

The accuracy of thenean propagation delapneasurement depends on how accurately the tifnes
to, t3, andt, are measured. The calculation also assumes thattredelay initiatorandpeer delay
respondettimestamps are taken relative to clocks that have the same frequency. In praatidée,
are measured relative to the local clock offiker delay initiatoy andt, andt; are measured relative
to the local clock of thpeer delay respondeif the value of thenean propagation delag wanted
relative to thepeer delay respondertme base, the term,(—t;) must be multiplied by the ratio of
the peer delay respondeelative to thepeer delay initiator If the value of thanean propagation

delayis wanted relative to theeer delay initiator'stime base, the ternz(—t;) must be multiplied
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by the rate ratio of theeer delay initiatorrelative to thepeer delay responderf the mean
propagation delays desired relative to the grandmaster’s time base, each term must be multiplied by

the rate ratio of the grandmaster relative to the time base that the term is expressed in.

There can also be an error in the measured propagation delay due to time measurement granularity
For example, if the time measurement granularity is 40ns, the timestantpds, and/ort, can

undergo 40ns step changes. When this occurs, the measured propagation delay will change by 20n:s
(or by a multiple of 20ns if more than one of the timestamps has undergone a 40ns step change). The
actual propagation delay has not changed by 20ns. The effect is due to time measurement
granularity. The effect can be reduced, and the accuracy improved, by averaging successive

measured propagation delay values.

The p delay turnaround timéthe duration of the interval between the receipt pfgelay request
message by a port, and the sending of the corresponding p delay resgssage) must be less than

or equal to 10ms.

5.2.5 Calculating Neighbour Rate Ratio

The rate ratio of thepeer delay responderelative to thepeer delay initiatoris known as the
neighbour rate ratio. The@eighbour rate ratio is calculated using the departure (frqmeex delay
respondey and arrival (to geer delay initiatoy times of successivp delay responsenessages.

IEEE 802.1AS does not prescribe the specific algorithm to use to calculateighbour rate ratio,

as long at the measurement can be made within £0.1 ppm. As an exampkEgttmour rate ratio

can be estimated as the ratio of the elapsed time of the local clock of the responder time-aware
system, to the elapse time of the local clock of the initiator time-aware system. This ratio can be
calculated for the time interval between a set of recepreldlay responsandp delay response

follow up messages and a second set of recgvadelay responsandp delay response follow up

messages some number of p delay regonestsage transmission intervals later.

Figure 74 shows two time-aware systemgdar delay initiatorand apeer delay respondgrand it
shows ap delay responsandp delay response follow up message being transmitted byetre
delay responderand then a secong delay responseand p delay response follow up being

transmitted a number @f delay requestnessage transmission intervals later. Based on the departure
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time of the first p delay responseessaget{ ;) and the departure time of the second p delay response
messaget{,), the time difference between these two tintdg €an be calculated by thpeer delay
initiator. Based on the arrival times of the fipstlelay responsmessaget{ ;) and the arrival time of

the secong delay responsmessaget(,), the time difference between these two tintd3g ¢an be
calculated by the peer delay initiator. These two time differences can then be used to calculate the

neighbour rate ratio.

Peer delay initiator Peer delay responder

/ """"""""""

p delay response

. _________tf"__/ /

p delay response follow up td
= r
t31
td
__t_3;’<___17_ __________
/
p delay
t

______ AL Py _—

p delay response follow

up

4~

Figure 74: Exampleneighbour rate ratio calculation

5.2.6 Time-Synchronisation

In a time-aware bridged LAN, a time-aware system synchronises to the selected grandmaster using
information that it receives on its slave port. In this cont®xichroniseneans that the time-aware

system is able to calculate the grandmaster time corresponding to any local clock time. There is no
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requirement that the local clock’s frequency be physically adjusted to match the grandmaster’'s

frequency, although this is not prohibited.

The transportation of time-synchronisation information by a time-aware system that uses full-duplex
Ethernet links usesync and follow up event message#\s shown in Figure 75, all master ports

periodically transmit ayncmessage to ensure that all devices share a common sense of time. This
time originates from the grandmaster time-aware system, and trickles through to the leaves of the

time-synchronisation spanning tree.

Grandmaster|

M Sync

Sy‘ry
l

Figure 75: Transmission ofsync messages

A non-grandmaster time-aware system receives time synchronisation information on its slave port.
This information consists of the grandmaster’s time, and the corresponding local clock’s time. The
synchronisation process is shown in Figure 76. This figure shows three adjacent time-aware systems,
labelleda, b, andc. Time-synchronisation information is transported from time aware syasten

time-aware system b, and from time-aware sysigmtime-aware system c
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Time-aware system Time-aware system b Time-aware system c

a Slave port Master port Slave port

m*
tr,b
Follow up

tS, a

e precise origin timestamg tsp
» correction field w’
* rate ratio, L
Follow up
* precise origin
v v M timestamp v

 correction fielq

Figure 76: Transport of time synchronisation information (adapted from [69])

In Figure 76, the master port of time-aware systesends ayncmessage to the slave port of time-

aware systenb at timets,. ts,a IS measured relative to the local clock of time-aware systeft a

later time, time-aware system sends an associatéodllow up message to time-aware systbm

which contains the following fields:

precise origin timestamp: this field contains the time of the grandmaster when it originally sent
the syncmessage information. If time-aware systans the grandmaster, this would correspond

to the time 4.

correction field;: this field contains the difference between the grandmaster’s time wheynihe
message was sent by time-aware systeftls ) and theprecise origin timestamp. If time-aware
systema is the grandmaster, this value would be zero. The sum @idéloese origin timestamp

and the correction fielgvalues is equal to the grandmaster’s at tigge t

rate ratio,: this field contains the ratio of the grandmaster’s clock frequency to the frequency of
the local clock of time-aware systeanlt is calculated from the most recently receivate ratio

on its slave port multiplied by the curremeighbour rate ratio measured by the slave port. If
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time-aware systera is the grandmaster (and hence does not have any slave portajethatio

is one.

Time-aware systenb receives thesync message from time-aware syst@mat timet.p. t IS
measured relative to the local clock of time-aware sydteriime-aware systerb receives the

associated follow up message some time later.

Time-aware systerb sends send a nesyncmessage at timig, ts » is measured relative to the local

clock of time-aware systeim Time-aware systeim calculates the value of tleerrection field (the

difference between the grandmaster’s time that corresponds to thé gisred theprecise origin

timestamp). i.e., the sum of tpeecise origin timestamp and tkerrection fielg values is equal to

the grandmaster’s time that correspondssto(the time that thesyncmessage was sent by time-

aware systenb). To calculate theorrection field, it must calculate the value of the time interval

betweerts , andts ;, expressed in the grandmaster’s time base. This interval is equal to the sum of the

following quantities:

* The propagation delay on the link between time-aware systerasd b, expressed in the
grandmaster time base.

* The difference betweeny, andt;, (i.e., the residence time), expressed in the grandmaster time

base.

Themean propagation delafvhich time-aware systefmstores in time-aware systexis time-base)

on the link between time-aware systamand time-aware systemmust be multiplied byate ratio,

to express it in the grandmaster’s time base. The residence time must be multipliecabsy thio,

to express it in the grandmaster time base. These adjustments allow for all quantities used in

calculations to use the same time base thus reducing inaccuracies in calculations.

With the time information that is transported in #ymcandfollow up messages, it is possible for a
time-aware system to calculate the offset between itself and the grandmaster. Thus, it is possible for
a time-aware system to calculate the grandmaster’s time (the synchronised time) at any given point

using its local time and the calculated offset.
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5.3 Conclusion

When transmitting audio and video streams across IEEE 1394 and Ethernet AVB networks, it is
necessary for these streams to be synchronised. There needs to be mechanisms in place that allo\
audio and video data to be time-stamped with presentation times so that this data can be presentec
correctly with respect to each other. These devices also need mechanisms to allow them to perform
wordclock synchronisation. This requires that all of the devices on a network share a common sense
of time.

This chapter discussed how IEEE 1394 and Ethernet AVB networks natively allow for all devices to
synchronise their clocks to that of a master clock, thus allowing for the sharing of a common time.
These networking technologies have distinct methods for achieving clock synchronisation and
represent time in different formats. Chapter 6 “Media Transport Protocols” discusses how this time is
used by media transport protocols to provide synchronisation. When time-stamped data streams are
transferred from IEEE 1394 networks to Ethernet AVB networks, or vice versa, there is a need to

understand these synchronisation mechanisms to ensure the correct presentation of the media.
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Chapter 6 Media Transport Protocols

A number of media transport protocols have been standardised for transporting various forms of
media over IEEE 1394 and Ethernet AVB networks. An IEEE 1394/Ethernet AVB audio gateway
device needs to be able to interpret these protocols to allow for reception of streams on one network
type, and for the subsequent transmission of these streams on the other network type. Audio data anc
timing information has to be successfully transferred across the networking technologies. This
chapter presents an overview of these protocols, the packet formats that they utilise, and their

associated synchronisation mechanisms.
6.1 Packet Formats

Packet formats have been standardised for transporting audio data over IEEE 1394 and AVB
networks. The AVB protocols borrow heavily from the IEEE 1394 protocols, and thus the IEEE

1394 protocols are discussed first.
6.1.1 IEEE 1394 Audio Packet Formats

6.1.1.1 Isochronous Packet

Figure 77 shows the IEEE 1394 isochronous packet format used during isochronous transactions.
Each node that has successfully reserved bandwidth and a channel number, and that is performing
isochronous transactions, is able to transmit one of these packets onto an IEEE 1394 bus (for each

channel of interest) once each isochronous cycle (once every 125 us).
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Figure 77: Isochronous packet format

Table 13 defines the fields of an isochronous packet.

Field Size Definition

data length | 16 bits| The value of ttlata length field represents the number of bytes of data in
the packet.

tag 2 bits Thetag field is used to identify higher level protocols carried within|the

isochronous packet.

channel 6 bits The value of threhannelfield is used to represent the channel that|the

packet is transmitted on.

tcode 4 bits The tcodeeld is set to a value of OxA for isochronous transactions.
sy 4 bits The s¥ield is application specific.
data blocks The data blockarry the isochronous packets payload.

Table 13: Isochronous packet fields

6.1.1.2 Common Isochronous Packet

The IEC [74] has prepared a series of standards that prescribe the transmission of audio, video and
multimedia over IEEE 1394 networks. This series is identifiedE4S 61883. IEC 61883 is

composed of a number of parts that give formal descriptions of how audio and video data should be
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transported across IEEE 1394 networks. Amongst other things, IEC 61883-1 [75] describes the
general packet format, known as tbemmon isochronous pack@fIP). A packet that uses this
format is known as a CIP pack&igure 78 shows the format of a CIP packet. A CIP header and data
section appear within the data section of an isochronous packet. For an isochronous packet that

contains CIP data, its tdgeld is set to a value of @1
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Figure 78: CIP packet format

The CIP header fields are defined in Table 14.
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Field Size Definition

SID 6 bits The SlDield’s value represents the 6 bit physical ID of the node transmit
the packet.

DBS 8 bits Audio visual data is clustered into one or more data blocks. The data bl
sizefield represents the size of the data blocks. A value of 0 indicates 25
guadlets, and any other value represents the actual number of quadlets.

FN 2 bits The fraction numbdield is used to indicate the number of fractions into
which the original application packet was divided. This is not used for au
samples, so its value is 0.

QPC 3 bits The quadlet padding coftietd is used to represent the number of padding
bytes added to each application frame to make it divide evenlyHibea
blocks. The value of this field is O for audio data.

SPH 1 bit The source packet headietd is set to O for audio data indicating that the
packet contains no sources packets.

rsv 2 bits This field is reserved for future standardisation.

DBC 8 bits The data block coufield represents a count of data blocks.

FMT 6 bits The formatield is used to indicate the format of the data being transporte

FDF 8 bits The format dependent field is used to identify sub-formats or convey oth
information.

SYT 16 bits | The value of the SYT field indicates the time that a particular data block
within the packet should be presented at the receiver.

Table 14: CIP header fields
6.1.1.3 IEC 61883-6

IEC 61883-6 [53] is a standard that defines dnelio and music data transmission protocbhis

defines how audio data is transferred across IEEE 1394 networks. IEC 61883-6 allows multiple

channels (orsequencgsof audio to be transmitted simultaneously within single CIP packets.

Conceptually, these sequences of audio are transferrstleims Figure 79 shows this concept

diagrammatically. It shows a stream that is transferring four sequences of audio. These audio

sequences could correspond to four channels of audio being transmitted by an audio mixing desk, for

example.
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Figure 79: A stream of sequences

Audio data is transported within a CIP packet’s data section. As an IEEE 1394 transmitter transmits
isochronous packets at a rate of 8000 per second, and as audio is sampled at much higher rates (44.
kHz, 48 kHz, 88.2 kHz, or 96 kHz, for example), multiple audio samples have to be packaged

together into single CIP packets.

The simultaneous availability of samples from multiple sources is known egeah The data that

makes up an event is known adaa block. A CIP packet would format the audio stream in Figure

79 into data blocks each containing four quadlets (a quadlet is four octets). Each data block
represents the simultaneous sampling of the four channels of audio (known as an event), and each
guadlet represents a sample. Figure 80 shows an isochronous packet and how samples are package
into data blocks within the packet. The quadlet position within a data block corresponds to a
sequence. For example, each first quadlet of each data block is a sample of a series of samples tha
together make up a sequence of audio. A series of these packets together make up a stream. The siz
of each data block is communicated in the CIP hea@8Sfield. In this example, the value would

be four quadlets.

141



Stream

——0o—0—0—9
: ; ; ; Seqguences

vVVVYY

A WN B

1 1 1
[ ] ]
1 ] ]
1 1 1
1 ] 1
1 ] 1
A 4 v A 4

¢ ----}FF
¢ — - - -} 1

Header

Figure 80: A representation of a stream containing sequences

CIP packets transferring IEC 61883-6 conformant data hawAnfield value of 0x10 (audio and
music data transmission protocol). IEC 61883-6 defines a number of sub formats. Within CIP
packets, this sub format is carried within #eF field. The format of thé-DF field is shown in

Figure 81.

010 EVT O SFC

Figure 81: FDF field

The EVT field of theFDF field indicates the event type. Possible values forB¥& field for IEC
61883-6 are shown Table 15. The work in this thesis focused on the use of the AM824 event type.

EVT (event type)

Value Description

0x00 AM824

0x01 24-bit * 4 audio pack
0x02 32-bit floating point data
0x03 Reserved

Table 15: Event type (EVT) code definitions
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The SFCfield of theFDF field indicates thexominal sampling frequency cadeossible values for
the SFCfield are shown in Table 16.

SFC (Nominal Sampling Frequency)

Value Sample transmission

frequency

0x00 32 kHz

0x01 44.1 kHz

0x02 48 kHz or not indicated
0x03 88.2 kHz

0x04 96 kHz or not indicated
0x05 176.4 kHz

0x06 192 kHz or not indicated
0x07 Reserved

Table 16: SFC (Nominal Sampling Frequency Code) definition

Each sample within a data block that is formatted withAl&24 format specification is composed
of an 8-bit label, and 24 bits of audio data, as shown in Figure 82.

label 24-bit data
Ll IHHH\HIHH\HHH\

Figure 82: AM824 format

The value of théabel field is used to specify the format of tBé bit data field. Table 17 shows the
possible values, and their definitions. The work described in this thesis focused on the usavof the

audio format.
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Label

Value Description
0x00 — 0x3F| IEC 60958 conformant
0x40 — 0x43| Raw audio
0x44 — Ox7F| Reserved
0x80 — 0x83| MIDI Conformant
0x84 — OxFF| Reserved

Table 17: AM824 label definitions

Each sample using the raw audio format may have a sample length that is 24, 20, or 16 bits in length.

The labelvalues used to represent these are shown in Table 18.

Raw audio labels

Value Description
0x40 | Raw audio 24-bit sampl

D

0x41 | Raw audio 20-bit sampl

[1°)

0x42 | Raw audio 16-bit sampl
0x43 | Reserved

[1°)

Table 18: Raw audio labels

Raw audio samples are expressed using 2's complement numbering format.

6.1.2 Ethernet AVB Audio Frame Formats

IEEE 1722 [55] specifies a protocol, packet formats, and presentation time procedures that can be
used to transfer audio and video data between end stations on AVB bridged LANs. The protocol

leverages protocols and procedures defined in the IEC 61883 family of standards. The protocol
defined in IEEE 1722 is known as thadio/video transport protocdAVTP). The protocol allows

audio and video data that is transmitted by a talker to be reproduced on one or more listeners. AVTP
data is transported directly on the underlying MAC layer. This section will only focus on the use of

Ethernet as the underlying medium.
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All devices that transmit, receive or forward AVTP data are required to support MSRP (see Section
3.2.4 “Multiple Stream Reservation Protocol” on page 60), the forwarding and queuing rules
specified in Section 4.2.2 “Forwarding and Queuing” on page 87, and gPTP (see Section 5.2
“Ethernet AVB” on page 116). AVTP relies on these protocols in order to function properly.

MSRP is used to communicate AVTP stream resource requirements to a bridged LAN and to reserve
resources for the streams. The forwarding and queuing rules ensure that stream frames are
transported throughout a bridged LAN with the requested QoS. AVTP makes use of gPTP for a
common sense of time to be used to convey timing information from talkers to listeners.

6.1.2.1 AVTP Frame Formats

AVTP is capable of transporting many audio and video formats. AVTP defines a common header

that is common to all AVTP frames, and it defines headers that are specific to audio and video

formats. An AVTP frame is contained within an Ethernet frame with the EtherType 0x22FO0.

6.1.2.1.1 AVTP Common Header

All AVTP stream and control frames share a common header, as shown in Figure 83.

0 1 2 3

01234567890123456789012345678901

CD| | su\btype C Y | version | | | | t‘ype specific data | L |
T T 1 1 T 1 T T 1 T T T T T l T T T T T T 1 \ T T T T T T T

additional header and payload
(dependent on subtype)

Figure 83: AVTP common header
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The fields of this header are defined in Table 19.

Field Size Definition

CD 1 bit The value of theCD field indicates whether the AVTP frame |is
carrying control or stream data. A value of O indicates stream |data,

whereas a value of 1 indicates control data.

subtype 7 bits The value of trseibtypefield is used to identify the protocol being
carried by the AVTP frame.

sV 1 bit The value of the sield indicates whether the stream ID field contgins
a valid stream ID or not. A value of 1 indicates that the stream ID [field
is carrying a valid stream ID, and a value of 0 indicates that the yvalue

is not valid.

version 3 bits The value of thwersion field is used to identify the version of AVTP
being transported. Currently, the only valid value is 0x00. All other

values are reserved for future standardisation.

type specific datg 20 bits The value of tgpe specific data field is dependent on whether| the
AVTP is transporting control data or stream data.

stream ID 64 bits | If the dield is set to 1, then the stream fidld contains a valid AVB
stream ID. The stream ID field is used to identify the stream that the

frame is associated with.

Table 19: AVTP common header field definitions

The possiblesubtypevalues are shown in Table 20. Téxperimentakubtype is for testing purposes

only. The subsequent interpretation of AVTP frame fields is dependent on the subtype conveyed in
the frame. This work focused only on the use of the 6X8&8ype(0x00) and the MAARsubtype
(OX7E).
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Value Protocol Definition
0x00 61883/1IDC IEC 61883/1IDC protocol
0x01 MMA Midi Manufactures Association
0x02 — 0x7D | Reserved Reserved for future use
Ox7E MAAP Multicast Address Acquisition Protocol
Ox7F Experimental Experimental protocol

Table 20: Subtype values

6.1.2.1.2 AVTP Common Stream Data Header

When theCD field of an AVTP common header is 0 (indicating that AVTP is transporting stream
data), AVTP uses aAVTP common stream headas detailed in Figure 84. An AVTP common
stream header specifies fields in tiipe specific data field, and includes additional fields below the
stream IDfield.

0 1 2 3

01234567890123456789012345678901

CD| subtype 5 I version 1|mr| r IQVItv sequence number reserved tu
I ——— —— ——————

stream ID

| | | | | | | | | | | | | | | | | | | | | | | | | | | | | |
T T T T T T T | T T T T T ! T ‘ T T T T T T T [ T T T T T T T
| | | | | | | | | | | | | thp FlmeStamp I | | | | | | | | | I | | |
T T T T T T T | T T 1 T T T T ‘ nf6 T T T T T T | T T T T T T !
e e
L }stre?m (ljatallength o L }prot{oco? spe}_mflg‘ hea}der L

stream data
(dependent on subtype)

Figure 84: AVTP common stream header

The type specific data fields are as specified in Table 21.
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Field

Size

Definition

mr

1 bit

Themedia clock restartield is used by a talker to indicate that th
has been a change in the source of the media clock. For examp
could happen when there is a change from one audio input to a
audio input, and this input is the source of the media clock. A lisi
could use this notification to allow it to quickly adjust to the n
media clock. This bit is toggled by the talker each time a media

restart is needed, and it stays at this value until a new media
restart is needed. This bit must remain in each state for a minim

eight AVTP frame transmissions for a stream.

1 bit

This field is reserved for future standardisation.

gv

1 bit

Thegateway info valid field is reserved for use by AVTP gatew
Its use is not defined in IEEE 1722.

tv

1 bit

Thetimestamp valid field is used to indicate whether or not the v
in the avtp timestamp field is valid or not. A value of O indicates th
is not, and that the value of thetp timestamp field should be ignor
by a listener. A value of 1 indicates that taetp timestamp fielg

contains a valid value.

D

ere
e, this
nother
ener
ew
clock
clock

um of

ays.

alue

at it

sequence

number

8 bits

Thesequence numbdield is used to indicate the sequence of
AVTP frame in a stream. The value of this field may start at
value, but subsequence AVTP frames should have the

incremented by 1. The value of this field wraps to 0x00 after it reg
OxFF. This field can be used by listeners to detect lost AVTP fram

the
any
value
iIches

€s.

reserved

7 bits

This field is reserved for future standardisation.

tu

1 bit

The timestamp uncertain field is used to indicate that the atta

gPTP system has reported a significant problem with
synchronisation system. For example, this could happen whe
grandmaster in the system changes. This field is used to indicat
the timestamps in AVTP frames may not be globally synchron
with network time. A listener could use this information to prev

unacceptable disturbances in the recovered media streams.

ched
its

n the

e that

ised

ent

Table 21: AVTP common stream headetype specific data field definitions
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Table 22 shows the details of the additional header fields that are present in AVTP common stream

nds

U

The

the
h the

headers.
Field Size Definition
avtp timestamp| 32 bits| Thevtp timestamgield contains the AVTP presentation time (if t
tv field is set to 1). Thavtp timestamp field is in units of nanoseco
and has a maximum value of?’2- 1. Theavtp timestamp field i
calculated as follows:
avtp timestamp =AS sx 10 + AS ngmod 2
AS sis the gPTP seconds field
AS nsis the gPTP nanoseconds field
gateway info 32 bits| Thegateway info field is reserved for use by AVTP gateways.
operation of AVTP gateways is not defined in IEEE 1722.
stream data 16 bits | Thestream data length field is used to indicate the length of
length stream’s payload (in octets) of all valid data octets contained i
frame after the protocol specific headeid.
protocol 16 bits | Theprotocol specific headdreld is used to carry data that is spec

specific header

to the protocol being carried in the AVTP frame. The definition of

field is dependent on the value of the subtiypld.

fic
this

stream data

The value of this field is dependent on the on the protocol
transported by AVTP.

being

Table 22: AVTP common stream headeadditional header fields

6.1.2.2 IEC 61883 over AVTP

AVTP allows for the transportation of a subset of the IEC 61883 family of protocols. This work

focused on the transportation of IEC 61883-6: Audio and music data transmission protocol [53]. An

AVTP frame transporting IEC 61883-6 ha€B field value of O (to indicate that the frame contains

stream data) and subtypefield value of O (see Table 20 on page 147) to indicate that the frame is

transporting IEC 61883 conformant data. IEC 61883 makes use pfdteeol specific headereld

of an AVTP common stream header as shown in Figure 85.
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Figure 85: AVTP common stream header with CIP header

The fields of the protocol specific headse as defined in Table 23.
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Field Size Definition

tag 2 bits The definition of theag field has the same definition as for IEEE
1394. For IEC 61883-6 the value of ttag field is set to a value of
01,. This indicates that a CIP header is included afterptio¢ocol

specific header

channel 6 bits The definition of tllhannelfield has the same definition as for IEEE

1394. When IEC 61883-6 data originates from an AVB network| the
channel field is set to a value of 31. When IEC 61883-6 data
originates from an IEEE 1394 network, tbleannelfield represents
the channel number that was used to transmit the data onto the IEEE
1394 network via a gateway device. In this case, the valid values are 0
— 30 and 32 - 63, inclusive.

tcode 4 bits The definition of thécodefield has the same definition as for IEEE

1394. The value of this field is always set to Ox0A.

sy 4 bits The value of theyfield is application specific, and its use is outside
of the scope of IEEE 1722. IEC 61883-6 does not use this field.

Table 23: IEC 61883protocol specific header fields

The fields of the CIP header are defined in Table 24, and their definitions remain similar to those of
the CIP header field definitions in IEEE 1394 isochronous packets (see Table 14 on page 140).
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Field Size Definition

SID 6 bits The value of the SHikld is set to a value of 63 when the audio data
originates from an AVB network. When the audio data originates from an
IEEE 1394 network (via a gateway), the Si€)d’s value represents the 6 bit
physical ID of the node that transmitted the packet.

DBS 8 hits Audio visual data is clustered into one or more data blocks. The data block

)

sizefield represents the size of the data blocks. A value of 0 indicates 25

guadlets, and any other value represents the actual number of quadlets.

FN 2 bits The fraction numbdield is used to indicate the number of fractions into
which the original application packet was divided. This is not used for augio

samples, so its value is 0.

QPC 3 bits The quadlet padding cotietd is used to represent the number of padding
bytes added to each application frame to make it divide evenlyiNua2a
blocks. The value of this field is O for audio data.

SPH 1 bit The source packet headietd is set to O for audio data indicating that the

packet contains no sources packets.

rsv 2 hits This field is reserved for future standardisation.

DBC 8 bits The data block coufield represents a count of data blocks.

FMT 6 bits The formatield is used to indicate the format of the data being transported.

FDF 8 bits The format dependent field is used to identify sub-formats or convey other

information.

SYT 16 bits | The synchronization timing field is not uses by AVTP end stations, but i$ used
by gateways. If the audio data originated from an IEEE 1394 bus, the value of
the SYT field indicates the time that a particular data block within the packet

should be presented at an IEEE 1394 receiver.

Table 24: CIP header field formats
6.2 Timing and Synchronisation

When IEEE 1394 CIP packets and AVTP packets are transmitted across a network, they are time-
stamped with a presentation time value. This presentation time value is used so that multiple

receivers of a stream present the audio samples simultaneously. It is also used to recreate medic
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clock sampling frequencies. Chapter 5 “Timing and Synchronisation” detailed how all of the devices
on an IEEE 1394 bus, and how all of the devices on an AVB network share a common sense of time.
This section discusses how the timestamp information transmitted in these packets is used in

conjunction with a common sense of time to perform synchronisation.

6.2.1 |IEEE 1394

When transmitting IEC 61883-6 AM824 audio data across an IEEE 1394 bus, each packet is time
stamped with a presentation time. This time value is a combination of the time value read from the
transmitter'scycle timeregister and a delay offset value known asaasfer delay The transfer

delay takes care of the delay incurred in the transfer of an isochronous packet on its path from a
transmitter to a receiver. It allows packets travelling along different paths to be presented
simultaneously, and it also takes account of a potestialt bus resethat may occur during
transmission. Thdefault transfer delays 354.17 ps. This accommodates the maximum latency of a

CIP transmission through a short bus reset.

The presentation time is contained within ®\¥éTfield of the CIP header. The format of tB¥ T

field is the same as the format of the lower 16-bits oCtlode timeregister, as seen in Figure 62 on

page 111. Th&YTfield’s value applies to one of the events (data blocks) contained within the
packet. The exact event is dependent on the sampling frequency of the media clock. This timestamp
interval is known as th8YT interval The sampling frequency (and hence 8¥T interval of the
transmitter's media clock is communicated in 8tfeCfield of each packet’EDF field, as shown in

Table 25. For example, if the transmitter’'s media clock is running at 48 kHz, then the timestamps are

associated with each eighth event.
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SFC (Nominal Sampling Frequency)

Value Sample transmission SYT

frequency Interval
0x00 32 kHz 8
0x01 44.1 kHz 8
0x02 48 kHz or not indicated 8
0x03 88.2 kHz 16
0x04 96 kHz or not indicated 16
0x05 176.4 kHz 32
0x06 192 kHz or not indicated 32
0x07 Reserved

A receiving device is able to extract the timestamp and use it to re-create the sampling frequency of
the transmitted audio samples. When a receiver receives a CIP packet, it reads the timestamp value
from that packet, and when that value is equal to its oyate timeregister value, it indicates a

match to aphase locked loop (PLL). The PLL receives a continuous series of match pulses, and
effectively multiples the frequency of the pulses byS$Na intervato produce a sample clock of the
transmitter’'s frequency. This is shown diagrammatically in Figure 86. In the figure, a transmitter is
generating samples at a rate of 48 kHz, and packing the samples into data blocks within isochronous
packets. At every eighth tick of the sample clock, tiyele timeregister of the transmitter is
sampled, and its value included (with the addition of an offset) into the CIP header of the next

Table 25: SFC definition

isochronous packet to be transmitted.
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Time-stamped: Cycle time + offset

Transmitter Receiver

_ , Isoch packet Isoch packet _ ,
Cycle timeregister Cycle timeregister

Timestamp matches
cycle timeindicate
match to PLL

‘ [ 1] 1] 148 kHz

Figure 86: Sample clock synchronisation

Depending on the transmission type, every isochronous packet may not contain the number of data

blocks equal to th8YT intervallf, for example, a transmitter is sampling at 48 kHz, it would have a

SYT intervalof eight, and it could be placing six data blocks into each isochronous packet. This

implies that the timestamp will not be consistently associated with a data block at a particular

position. A transmitter will prepare a timestamp for a data block that meets the following condition:
mod OBC, SYT intervgl= 0

At 48 kHz, every eighth data block has a time stamp associated with it.

At the receiver, the index of the data block to which the timestamp applies can be calculated as

follows:
mod SYT interval- modDBC, SYT intervg), SYT intervgl

Once a receiver has received a time-stamped packet and determined the data block associated witt

the timestamps, it will not process this data block, and subsequent data blocks, until the cycle time in
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its cycle timeregister matches the timestamp. The recovery of the timing for events between events

to which the SYT timestamp applies is implementation specific.

6.2.1.1 Cross IEEE 1394 Bridge Timestamp Regeneration

An IEEE 1394 bridge is responsible for filtering and transforming isochronous subactions with
respect to channel numbers. It is also responsible for transforming CIP packet physical ID and
timestamp fields. A CIP packet that contains a two-quadlet CIP header has its SID field set to the

physical ID of the transmitting portal.

The SYT timestamp field in a CIP packet contains an absolute timestamp value of when a time-
stamped audio sample is to be presented at a receiver. The timestamp value generated at the
transmitting device is relative to the transmitter’s clock. When a CIP packet traverses an IEEE 1394
bridge, the timestamp value in that packet needs to be recalculated relative to the transmitting
portal’s 24.576 MHz clock.

The timestamp is specified as an absolute value that specifies a future cycle time. Isochronous
subactions experience a constant delay when routed through a bridge. It is therefore sufficient to
transform the timestamps by the addition of this constant value plus the difference in cycle times
perceived by the portal and its co-portal. The difference in cycle time between the two sides of the
bus, delta, is measured by implementation-independent means and is defined as follows:

delta = cycle COURNiking portal— cycle COUMNttening portal

The SYTield is transformed as follows:
SYTransmittedz (SY-Ebserved"' ((latency+ delta) << 12)) & OXOOOOFFFF

6.2.2 Ethernet AVB

AVTP defines a presentation time that allows for synchronisation between a talker and listeners.
Each AVTP common stream header containsaap timestamp field which carries a presentation
time timestamp. The value of this field represents the gPTP time when the data contained in the
AVTP frame is to be available to AVTP listeners. The value of this field is expressed in

nanoseconds.
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The AVTP presentation time is used as a reference to synchronise any necessary media clocks and t
determine when the first sample of a stream is to be presented to the client. The exact usage of the
AVTP presentation time is media format dependent.

6.2.2.1 AVTP Presentation Time

The AVTP presentation time represents the time that the media sample was presented to the AVTP
component of a talker plus constant transit time (knowmas transit timg to compensate for
network latency. The actual network latency is dependent on the network configuration and speed.
The value ofmax transit timerepresents the maximum network latency assumed for a given
configuration. It is possible for a talker and a listener to determinméxetransit timevalue to use

for a given stream but this mechanism is outside of the scope of IEEE 1722. Therdafatrlinsit

timefor an SR class A stream is 2ms, and 50ms for an SR class B stream. These default times have
been decided upon to support up to seven Ethernet hops for class A streams, and up to two WiFi
hops plus six Ethernet hops for class B streams.

The AVTP presentation time, as received by listeners, is used to synchronise the media clock of the
listener to the talker's media clock. The AVTP presentation time is directly linked to the gPTP global

time and as such may be used to synchronise multiple listeners.

6.2.2.2 Presentation Time Measurement Points

Figure 87 shows the measurement points used when calculating the AVTP presentation time. The
presentation time is the gPTP time that the 1722 layer of a listener transfers the time stamped data to
the next processing layer in the stack. This is shown as the Presentation Time Reference Plane in
Figure 87. The AVTP presentation time is used in the listener to know when to start processing (e.qg.,

playing) a new stream and it is used to recover a stream’s media clock.
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Figure 87: AVTP presentation time measurement point [55]

A talker generates an AVTP timestamp value that is in the future bydRdransit timeamount for

the stream class (unless otherwise configured). In Figure 87, the Ingress Time Reference Plane is the
point in a talker where an AVTP frame is transferred to the MAC for transmission. A talker transfers
the frame to the MAC layer at a time that is no later tharAWEP presentation time max transit

time If it does transfer the frame later than this time, the AVTP frame may not arrive at the listener

before it is required for playback resulting in loss of part of a media stream.

There is always some uncertainty about exactly when this Ingress Time Reference Plane crossing
will occur. A talker is responsible for knowing thiming uncertaintyof its own design and to begin

the transfer of a frame such that, in the worst case, the crossing of the Ingress Time Reference Plane
will occur no later than AVTPresentation time- max transit timeThe timing uncertaintgf a talker

is a combination of a number of factors, including its own local timer resolution and its worst-case
response time to a timer event. An AVTP talker’s design should be such tivatrits uncertaintyis

not more than 125us for an SR class A stream, and not more than 1ms for an SR class B stream.
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6.2.2.3 IEC 61883-6 Timing and Synchronisation

The processing of presentation time, and the timing and synchronisation for IEC 61883-6 over
AVTP is generally accomplished in the same manner as for IEEE 1394. AVB uses the gPTP time
expressed in nanoseconds for its presentation times, whereas IEEE 1394 uses a time expressed i

seconds, cycles and ticks of a 24.579 MHz clock.

If an AVTP frame consists of multiple data blocks, it is necessary to specify which data block
corresponds to the AVTP timestamp. A transmitter generates a timestamp for the data block that
meets the criterion

mod data block countSYT intervgl= 0

The data block couris a running count of the transmitted data blocks. S¥Yi€ intervaindicates the

number of data blocks between two successive valid AVTP timestamps. The receiver is able to

derive the index of the data block to which the AVTP timestamp applies with the following formula:
index=mod (SYT interval mod (lata block countSYT intervg), SYT intervgl

A listener is responsible for determining the timing of successive data blocks between valid time

stamps.

6.3 AVTP Address Allocation

A block of multicast MAC addresses has been reserved for use by AVTP for the transmission of
streams. TheMAC address acquisition protocdMAAP) [55] is a peer-to-peer protocol that is
responsible for the dynamic allocation of these addresses to devices that make use of AVTP. Table
26 shows the range of addresses that has been allocated for use by AVTP. MAAP is responsible for
the allocation of the range 91:E0:F0:00:00:00 - 91:E0:F0:00:FD:FF.
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Address range Use

91:E0:F0:00:00:00 - This range of addresses can be dynamically allocated by MAAP to devices

91:E0:F0:00:FD:FF | making use of AVTP.

91:E0:F0:00:FE:00 1 This address range is reserved for static allocation to devices making|use of

91:EO0:FO:00:FE:FF | AVTP.

91:E0:F0:00:FF:00 1 This address range is reserved for specific functionality. Currently, the
91:E0:F0:00:FF:FF | address 91:E0:F0:00:FF:00 is reserved for use in MAAP frames. The fest of

the addresses are reserved for future standardisation.

Table 26: AVTP address ranges

MAAP is able to allocate a single address, or a range of consecutive addresses. When a device woulc

like to make use of one or more of the dynamically allocatable addresses, its instance of MAAP:

Selects a random continuous range of multicast addresses from the dynamically allocatable
address range.

Sends up to threllAAP probemessages to the network to determine if all or part of the address
range is already in use by any other devices on the networkMAB probemessage contains

the first address and the number of addresses that it would like to abfuk®€. probemessages

are transmitted at a random interval between 500 and 600 milliseconds.

Listens forMAAP defend messages from other instances of MAARIARP defend message
indicates that all or part of an address range being probed is in use.

Repeats the above process until an address range that is not in use has been found.

Once an instance of MAAP has acquired an address range, it is responsible for defending it by:

Periodically transmittindlAAP announcenessages to the network to announce the fact that it is
using a certain range of multicast MAC addres8&8AP announcenessages contain the first
address of the range, and the number of addresses in the range of addresses which that instance ¢
MAAP is using. MAAP announcemessages allow address conflicts to be identified when
networks are joinedMAAP announcanessages are transmitted at a random interval that is
between 30 and 32 seconds.

Listening forMAAP probemessages and responding WWAAP defend messages if the address
range identified in th&1AAP probe message conflicts with an address range that it has acquired.
The MAAP defendnessage contains the first address of the range and the number of addresses

that were requested in tiMAAP probemessage. ThBIAAP defend message also contains the
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first address that conflicts with the range that has been acquired, and the number of addresses tha
conflict.

» Listening forMAAP announcenessages that conflict with previously acquired address ranges. If
a conflict is detected, MAAP should discontinue the use of the address range and acquire a new

address range.

MAAP probeand MAAP announcemessages are sent to the MAC address 91:E0:F0:00:FF:00,
whereasMAAP defend messages are sent to the MAC address of the station that transmitted the

MAAP probemessage.

6.4 Conclusion

Protocols have been developed that allow for the transmission of audio and video over IEEE 1394
and Ethernet AVB networks, and allow for stream and media clock synchronisation to occur. This
chapter discussed the dominant media transport protocols for these networks, their packet formats,

and the synchronisation mechanisms in place for each protocol.

These protocols use similar mechanisms for the transmission audio data. Audio data is formatted in a
similar fashion on each network, and each network uses synchronisation mechanisms that are
conceptually similar. When transferring audio data from one network to another, it has to be

repackaged in a suitable format before transmission. Timestamp information associated with the
audio data has to be regenerated such that it is relevant on the network it is being transmitted on.

Chapter 10 “Ethernet AVB Devices” proposes a mechanism for achieving this.
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Chapter 7 Standards-Based Command

and Control Protocols

A number of command and control protocols exist that allow for remote control over parameters of
networked devices. One of the goals of this work was to provide remote control over disparate
networked audio devices from a single command and control protocol, with a focus on the ability to
perform connection management within audio devices, and between audio devices. A protocol had to
be selected for this task. This chapter provides an overview of a subset of the command and control
protocols that were considered for the task. These protocols have all been used, or proposed, to
provide control over network audio devices. The chapter concludes with an overview of the XFN
protocol which was used in this study for control over audio devices.

7.1 Simple Network Management Protocol

The simple network management protod@NMP) [57] is a UDP-based [76] protocol used for
managing devices on IP [61] networks. SNMP can be used to monitor and control network devices
remotely. At the core of SNMP is a set of operations that enables the modification of parameters on
SNMP-based devices. SNMP is usually associated with the monitoring and controlling of bridges
and routers, but it can be used for managing many types of devices. SNMP has been used to control
networked audio devices that reside on CobraNet [77] networks, for instance, as discussed in [78],
and has also been proposed to control AVTP capable AVB devices, as discussed in [79] (see Section

7.1.7 “Connection Management”).
7.1.1 Managers and Agents

SNMP defines amanager and agent entity. A manager entity runs software that can handle
management tasks for a network, and an agent is a piece of software that runs on a device being
monitored and controlled. A manager is responsibl@dimg and receivingrapsfrom agents on a
network. When a manager polls a device for certain information, it performs a query on an agent for

that information, whereas a trap is a mechanism used by agents to inform managers that an event ha
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occurred. Once a manager has received a piece of information, it may use it. For example, a managel
may be monitoring a bridge and it may discover that it has gone down. When this happens, it could

alert the network administrator that this has happened.

7.1.2 UDP Transmission

UDP is a low overhead protocol when compared totinesmission control protocdITCP) [80].
SNMP uses UDP as a transport protocol for its messages. Since UDP is a connectionless unreliable
protocol, SNMP deals with lost packets. If a response to a request is not received after a certain

amount of time, it is able to retransmit the request. The number of retransmissions is configurable.

This mechanism works when polling, but not for traps. When an agent sends a trap to a manager, and
it does not arrive, the manager has no way of knowing that it was sent a trap, and the agent does noif
know that the trap did not arrive because the manager is not required to send a response back to the

agent acknowledging the receipt of the trap.

7.1.3 SNMP Communities

SNMPv1 and SNMPv2 ussommunitiedo establish trust between managers and agents. An agent is
configured with three community names:

* Read-onlyallows for reading data values only.

* Read-write allows for reading and writing data values.

* Trap: allows managers to receive traps from an agent.

7.1.4 Structure of Management Information

The structure of management information (SMI) provides mechanisms to define how managed
objects are named, and their associated data types. A managed object is a piece of information that
can be monitored or controlled via SNMP. For example, this could be something like the operational
status of a network interface, the number of octets that a network interface has transmitted, or a text
string describing the physical location of a device. Managed objects are defined using a subset of
OSI's Abstract Syntax Notation On@ASN.1) [81]. ASN.1 is a notation used for describing data
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transmitted by telecommunications protocols. It is concerned with the structural aspects of
information (the encoding of data), and not the semantics related to this data. The SMI defines the
subset of ASN.1 used by SNMP.

Each managed object hashame type and syntaxandencoding. The name, abject identifier

(OID), uniquely identifies a managed object. Managed object names usually appear in numeric form
and in human readable form. A managed object’s data type specifies how its data is represented anc
transmitted between managers and agents. A managed object is encoded into a string of octets sucl

that it can be transmitted over a transport medium.

Managed objects may be arranged into tables where each row, or entry, in a table is made up of one
or more related managed objects. For example, a device may have a number of network interfaces.
Each of these network interfaces has a number of attributes, such as a description, a type, a
transmission speed, and a physical address. A table can be used to describe this data such that eac
entry in the table defines a network interface with its properties. Table 27 shows an example table
describing two network interfaces (along with their attributes). Section 7.1.4.1 “Naming OIDs”

describes how SNMP represents tables.

Description Type Speed Physical Address
10/100BaseTX Port 7/1  Ethernet CSMA/CD 1000000000 00:23:45:67:89:AB
10/100BaseTX Port 7/2 Ethernet CSMA/CD 100000000 00:11:22:33:44:55

Table 27: An interfaces table

7.1.4.1 Naming OIDs

Managed objects are arranged in a hierarchical tree structure. This structure is the basis for SNMP’s
naming scheme. An OID is a series of integers separated by dots (.). These integer values are used t
identify nodes in the tree structure. The human readable form of an OID is a series of names
separated by dots. Each name is used to identify a node in the tree structure. Figure 88 shows ar
example of a few top levels of an object tree structure. Each node is identified by a number and a

name (the actual numbers and names in the figure are unimportant at this stage).
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root node

ccitt (0) iso (1) joint (2)

org (3)

dod (6)

internet (1)

directory (1) mgmt (2) experimental (3) private (4)

|

enterprises (1)

Figure 88: Example portion of an object tree hierarchy

The node at the top of an object tree is calleddb& any node with children is calledsabtreg and
any node without any children is called a leaf node. The iso(1).org(3).dod(6).internet(1) subtree may

be represented in OID form as 1.3.6.1 or iso.org.dod.internet.

The OID of a managed object has a number attached to the end of it. It uses the comruention
wherex is the OID of the object type andidentifies an instance of that managed object. Scalar
objects (that are not defined as a row in a table) use the identifier 0. If the objects are defined in a
table, the instance identifier lets a row in the table be identified. The first row is identified by the

identifier 1, the second row by the identifier 2, and so on.

For example, each attribute of a network interface (as seen in Table 27 on page 164) could be
allocated an OID to uniquely identify it, as shown in Table 28. In order to query the managed object

representing the description of the first interface, the OID .1.3.6.1.2.1.2.2.1.2.1 would be used to
address it. The description of the second interface would be addressed with the OID

1.3.6.1.2.1.2.2.1.2.2, and so on.
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OID Attribute
1.3.6.1.2.1.2.2.1.2 Description
1.3.6.1.2.1.2.2.1.3 Type
1.3.6.1.2.1.2.2.1.5 Speed
1.3.6.1.2.1.2.2.1.6 Physical Address

Table 28: Interface attributes

Figure 89 shows how SNMP would represent the interfaces table shown in Table 27 in the SNMP
address hierarchy. The leaf nodes are used to address managed objects representing the variou
attributes of the network interfaces. The top level nodes in the address hierarchy have the following
meanings:

* iso(1): OIDs that fall below the iso(1) base OID are assigned bintemational Organisation
for Standardisation (ISO) [82].

* org(3): OIDs that fall below the iso(1).org(3) base OID are assigned by organisations that are
acknowledged by ISO.

e dod(6): OIDs that fall below the iso(1).org(3).dod(6) base OID are assigned by the US
Department of Defence [83].

* internet(1): OIDs that fall below iso(1).org(3).dod(6).internet(1) are used to address managed
objects related to the Internet.

* mgmt(2): OIDs that fall below iso(1).org(3).dod(6).internet(1).mgmt(2) are used to address
Internet management managed objects.

* MIB-2(1): iso(1).org(3).dod(6).internet(1).mgmt(2).MIB-2(1) is the base OID for managed
objects defined in MIB-2. MIB-2 defines managed objects that allow for the management of
TCP/IP based networks.

» interfaces(2): iso(1).org(3).dod(6).internet(1).mgmt(2).MIB-2(1).interfaces(2) is the base OID for
managed objects related to the IP interfaces of a device.

« ifTable(2): iso(1).org(3).dod(6).internet(1).mgmt(2).MIB-2(1).interfaces(2).ifTable(2) is the base
OID for a table listing the interfaces of a device. Conceptually, the table is composed of
ifEntry(1) entries. Each ifEntry has a number of fields, such as the description (ifDesc(2)), type
(ifType(3)), speed (ifSpeed(5)), and address (ifPhyAddr(6)) of an interface.
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Figure 89: Representing the interfaces table in the SNMP address hierarchy

It is possible for anyone to implement their own object tree hierarchy for their own needs under the
enterprises(1.3.6.1.4.1) base OID. An application can be made tdntiieenet Assigned Numbers
Authority (IANA) [84] for the assignment of private enterprise numbeiThe owner of this number
is then free to define their own object tree structure under this base OID. For example, the owner of
the enterprise number 2680 (Peak Audio, Inc) is free to define the object tree under the
1.3.6.1.4.1.2680 base OID. Parameters relating to CobraNet devices fall under this base OID, for

example.

7.1.4.2 Object Data Type

SNMP defines a number of data types that managed objects may take on. These define the type of

data that the object can hold. Examples of data types are:
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* Integerinteger32: This data type is a 32-bit number that is often used to represent enumerated
types. For example, a managed object may be in eithep,alown, ortesting state represented
by the numbers 1, 2, and 3 respectively.

» String: A string of zero or more octets generally used to represent text strings.

* CountefCounter32: This data type is a 32-bit unsigned number. When its maximum value is
reached, it wraps to zero and starts over again. The value of a counter type should never decrease
in value.

* OID: An OID for a managed object within an object tree.

» [P addressThis is a 32-bit data type used to hold an IPv4 address.

* GaugéGauge32: This data type is a 32-bit unsigned number. The gauge type (unlike the counter
type) is able to increase and decrease in value.

* Time ticks This data type is a 32-bit unsigned number that is used to measure time in hundredths

of a second.

7.1.5 Management Information Bases

The management information bagMIB) is a collection of managed objects (arranged in a tree
structure) that an agent tracks. Any information that can be accessed by a manager is defined in a
MIB. The SMI provides mechanisms to define managed objects, while a MIB is the definition of the
objects themselves. An agent may implement many MIBs. Vendors are free to implement MIBs for

their own use.

7.1.6 SNMP Operations

It is possible for a manager to gather information from an agent. SNMP defines a number of

operations. The core operations are:

» Get The get operation allows a manager to send a request to an agent for a specific piece of
information. The request contains the OID that the requestor is interested in. The agent processes
this request and responds with the requested information in a get respessage. If the request
cannot be performed, thget responsemessage contains a meaningful error code. Jéte
operation is able to attempt to retrieve more than one managed object at once, but message size:
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are limited by agent capabilities. If a particular agent is unable to return all of the requested
responses, it returns an error message with no data.

* Get next Theget nextcommand allows a manager to retrieve a group of object values from an
agent. For each managed object of interest, a sepgeataextrequest andjet responsas
generated. Aget nextcommand is used to traverse a subtree in lexicographical order. When an
agent responds to get nextcommand (and this command is received by the manager), the
manager issues the neyet nextcommand. This process continues until the agent returns an
error, which signifies the end of the MIB has been reachedg&haextcommand is useful for
retrieving information out of a table where the length of the table is not known. It is possible to
issue agget nextfor the start of a table (using an instance identifier of 0) which will return the first
entry in the table (which is identified with the instance identifier 1), if the entry exists. To
retrieve the next entry in the table, the instance identifier 1 is specified, which will return the
second entry (identified with the instance identifier 2), if the entry exists. If the manager attempts
to read past the end of the table, an error is returned by the agent.

* Get bulk(SNMPv2 and SNMPv3): Thget bulkoperation allows for the retrieval of a large
section of a table at once. With the get lmdknmand, as much of the response as possible is sent
to the requesting manager (it is possible to send incomplete responses to a manager).

» Set Thesetoperation is used to change the value of a managed object, or to create a new row in
a table. Only objects that are definegd/write or write only can be modified or created using
set It is possible for a manager to set more than one object at a time. Véeeécoanmand is
sent to an agent, it responds withgat responseto specify whether the command was
successfully carried out. It is possible to set more than one managed object at a time, but if any of
the sets fail, all of them fail.

» Trap: A trap is sent from an agent to a manager. The agent is configured with the trap destination
address. A manager does not acknowledge receipt of trap messages. A trap informs a manager
when a managed object changes state. A trap message contains managed objects and their value
It is the responsibility of the manager to respond to the trap message appropriately.

7.1.7 Connection Management

SNMP enables object tree hierarchies to be built that represent the parameters of a device, and allow

their values to be obtained and adjusted.
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Connection management within a device occurs when audio signals are routed from signal source
points to signal destination points within a device. For example, an audio signal arriving at the
analogue input of a device could be patched through to an AES-3 interface, or to the channel of an
AVTP stream, of the same device. Connection management between audio devices occurs when
audio signals are patched from an output of one device to the input of another device. For a
connection to be established, certain parameters need to be configured on the devices that are part o

the connection.

The use of SNMP was proposed in [79] for control over AVTP capable AVB devices. The document
proposes to represent AVTP stream sources and stream sinks with rows in SNMP tables, where each
row in a sourcdable represents a source AVTP stream, and each row in @iBiekepresents a sink

AVTP stream. Table 29 shows an example table representing two source streams with a few of their

properties.

Name Stream ID Multicast MAC State

“Drum Kit” 01:23:45:67:89:AB:00:01 01:23:45:67:89:AB Streaming
“Stage Mics” 01:23:45:67:89:AC:00:0201:23:45:67:89:AC Advertised

Table 29: An example source table

Each row in one of the tables contains properties (each property represented with a column)

associated with the stream, such as:

* Name: A textual name for the stream.

» Stream ID: The stream ID associated with the stream. For a source stream, this represents the
stream ID allocated to the stream by the device. For a sink stream, this represents the stream ID
of the stream that the device would like tol/is receiving.

* MMAC: The MAC address allocated by MAAP for the stream. For a source stream, this
represents the MAC address allocated to the stream by MAAP. For a sink stream, this represents
the MAC address of the stream that the device would like to/is receiving.

» State: The state of the stream. This property represents the streaming state of the stream. It is
useful to determine whether MSRP successfully reserved resources for the stream.

* Format: The format of the stream. AVTP is able to transport a number of media formats, and this
argument allows the format of the stream to be specified. This can allow a hardware device to

configure itself to receive the particular stream format, for example.
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* Channels: The number of channels contained within the stream.

* Map: The map field is used for connection management internal to a device. For a source stream,
the map property is used to determine where the channels in a stream are receiving their signals
from within a device. For example, the map property could map the first and second analogue
input of a device to the first and second channel in an AVTP stream. For a sink stream, the map
property is used to determine where the channels in a stream are routed to within a device. For
example, the map property could map the first and second channel of a stream to the first and
second analogue outputs of a device.

* Presentation: The presentation time offset. The value of this field determines the presentation
time offset that is added to the presentation time contained in AVTP frames. This field allows the

presentation time to be fine-tuned.

The creation of a row in the sourtable allows an AVTP stream source to be created. In SNMP, this
can be achieved via a read-only managed object that indicates the next available row index. When
this managed object is read (with a get regueshew row is created in the table and the index of the
new row is returned to the caller. A row can be deleted by settistatesfield to a value indicating

that the stream is no longer required. Creating a row irsdhecetable results in the stream being
advertised to the attached AVB network (via MSRP). The creation of a row ginth&ble allows

an AVTP stream sink to be created. This results in the device requesting attachment (via MSRP) to a

stream advertised by another device.

7.1.8 Tools

A number of tools exist that allow for the use and development of applications that make use of
SNMP. Net-SNMP [85], for example, is a suite of tools and libraries that allow for:

» The retrieval and manipulation of information on SNMP-capable devices

» Graphical MIB browsing of SNMP enabled devices

* The reception of SNMP notifications (traps) from agents

» Applications to be built to respond to SNMP queries. These applications can define their own

MIBs and respond as required to queries on the managed objects defined in those MIBs.
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7.1.9 Conclusion

SNMP provides the means for address hierarchies to be built that reflect the natural structure of a
device. The leaves of these hierarchies point to the parameiansided objecisof a device. The

native commands of the protocol allow for the values of the managed objects to be obtained and
adjusted. The SNMP table structure offers a convenient mechanism for representing streams that a
device has to offer, or that a device would like to receive. Each row of a table represents a stream,

and the columns of the table represent the properties of that stream.

7.2 |EC 62379

IEC 62379 [86] is a set of specifications that speciépatrol frameworkfor control over networked

audio visual equipment. The framework allows for control over network transmission, and for
control over internal device parameters. The control framework provides a consistent interface to the
functionality provided by audio/visual units. IEC 62379 allows systems to be built that are plug-and-
play. Devices are able to discover units that are connected to a network, and interrogate them to
determine their capabilities. The natural functional groups of a device are represented in a consistent
and structured manner. IEC 62379 is designed such that it is extensible. IEC 62379 is composed of
parts 1 through 6. IEC 62379-1 [75] specifies aspects that are general to all equipment, and IEC
62379-2 [87] specifies aspects of the control framework that are specific to audio devices. IEC
62379-5 specifies control over the transmission of various realtime media over networking
technologies. IEC 62379-5 sub-part 1 [88] specifies management of aspects that are common to all
network technologies and IEC 62379-5 sub-part 2 [89] specifies protocols which can be used

between networking equipment to enable the setting up of connections.

7.2.1 Equipment Structure

The natural structure of a device forms the basis of the control framework. A deviagiprtends

to be structured hierarchically as a set of functidilatks These blocks are usually linked to each

other through some form of internal routing and patching mechanisms. Blocks may have inputs,

outputs, and internal parameters, as shown in Figure 90.
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Figure 90: A block

The output of one block usually forms the input of another block. An input to a block may or may
not be connected to one output of another block. The output of a block may be connected to zero or
more inputs of other blocks. Groups of blocks that are connected together arepoadiessing

chains Usually, a processing chain represents what a device does as a whole.

A port provides an external connection to another piece of equipmempAnportallows data (for
example, audio and video) to enter a unit from an external entity, andtpurt portallows data to

leave a device to an external entity. A port may correspond to a physical connector (for example, an
XLR socket for analogue audio), or to a virtual connector (for example, the end point of a connection
across a network). With respect to a unit, an input port has no inputs, and an output port has no
outputs (these are external to the device). An input port has an output which is used to supply data to

a block. An output port has an input which is used to receive data from a block.

Figure 91 shows an example unit that is composed of a number of blocks and ports. The outputs of
the input ports (1, 2) are connected to the inputs of a mixer block (3). The output of the mixer block
is connected to the input of a limiter block (4). The limiter block’s output is connected to the output
port’s (5) input. These blocks and their connections form a processing chain. The numbers shown in

brackets are block identifiers (see Section 7.2.3 “Control Framework”).

AES/EBU Input (1) Mixer

Limiter (4) AES/EBU Output (5)

AES/EBU Input (2) (3)

Figure 91: An example unit with blocks [87]
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7.2.2 Managed Objects

IEC 62379 utilises SNMP, and communication between a controlling application and a unit takes
place via SNMP (SNMPv1, SNMPv2, or SNMPv3 may be used). As indicated in Section 7.1
“Simple Network Management Protocol”, SNMP defines read and write operations that may be
performed on a set of managed objects. The managed object types are arranged in a hierarchica
manner and are accessible via OIDs. Managed object type OIDs that are part of the IEC 62379 series
of standards begin with 1.0.62379.p if they are defined ingpaftiEC 62379, or 1.0.62379.pis

they are defined in sub-parb§part p of IEC 62379.

Each block is described by a group of managed objects. These managed objects represent the
parameters that exist within a functional block. The structure of each type of block is specified in one
of the parts of IEC 62379, or elsewhere for product-specific or application-specific blocks.
Connections between blocks are described by a table containing identification of the output to which
each input is connected. As an example, IEC 62379 defines an audio limiter to have a structure as
shown in Figure 92. This block limits the incoming audio signal to a pre-set maximum level. The
limiter block is defined as having the following parameters: threshold, attack time, gain makeup,

recovery time, and recovery mode.

Input —»{  Limiter ——> Output

Figure 92: An audio limiter block

Instances of limiter blocks are defined as rows in SNMP tables. The root node for a limiter block
type is identified with the OID .1.0.62379.2.1.5. The parameters of a limiter are identified with the
following values appended to the OID:

* BlockID: 1

* Threshold: 2

» Attack time: 3

* Gain makeup: 4

* Recoverytime: 5

* Recovery mode: 6
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Therefore, in order to access the attack time parameter of the second limiter, the following OID will

be used:

iso(1).standard(0).IEC 62379(62379).part 2(2).audioMIB(1).audioLimiter(5).attackTime(3).2

Each managed object type within IEC 62379 is defined by the following attributes:

Identifier. This specifies the name and number that identifies the object type relative to the group
in which it belongs. For example, the value 2 identifies the threshold parameter in a limiter block.
Syntax This specifies the syntax of the abstract data structure representing the object value. This
could be an integer, for example.
Index This specifies whether the object is used to uniquely identify a row in a managed object
table. For example, the block ID of the limiter is used to uniquely identify a row in the table
representing the limiters of a device.
Readable This specifies the privilege level for read access to the associated object. It is only
permissible to read the managed object (witetor get nextSNMP operation) with a privilege
level equal or greater to this privilege level. It is possible to set timgrteto completely disable
read access.
Writeable This specifies the privilege level for write access to the associated object. It is only
permissible to write to the associated managed object (wibt SNMP operation) with a
privilege level equal or greater to this privilege level. It is possible to set thmorie to
completely disable write access.
Volatile: This attribute specifies whether the current value of the object is retained after a hard
reset or period of power loss.
Status This attribute specifies the required level of implementation support for the object. This
attribute is able to specify whether:

» It is mandatoryto implement the managed object in a unit that implements the object’s

parent group.
» It is optional to implement the managed object in a unit that implements the object’s
parent group.
» Itis deprecated, indicating that the managed object will not be implemented in any newly

designed units.
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7.2.3 Control Framework

The control framework consists of a list of blocks that make up a unit, and a list of connections
between these blocks. The list of blocks is containedhiloek tableand the list of connections is
contained in aonnector table A number of blocks currently exist, and new ones continue to be
introduced all of the time. Units can be developed from a combination of existing blocks and new

blocks to provide desired functionality.

A defined block type is identified by an OID. When a new block type is specified, the OID of the
block type identifies a MIB table, or group of MIB tables, with each table containing a variable
number of rows. An instance of a block type in a table is indexed using a block idebkifek D).

A block ID is a unique number (with respect to an individual unit) that is used to identify individual

blocks within a unit.

Table 30 shows the block table for the example device shown in Figure 91. As the unit is made up of
five blocks, the table contains five rows (one for each block). Shown in each row is the block ID that
a device has assigned to the instance of the block, and the OID that is used to identify the type of
block.

Block ID Block type
1 1.0.62379.2.1.1 (Audio port)
2 1.0.62379.2.1.1 (Audio port)
3 1.0.62379.2.1.2 (Mixer block)
4 1.0.62379.2.1.5 (Limiter block)
5 1.0.62379.2.1.1 (Audio port)

Table 30: An example block table [87]

Table 31 shows an example connector table for the example unit shown in Figure 91. A connection is
formed between an output of a block to the input of another block. Each row in the table represents a
connection. The first column of the table represents the block ID of the block containing the input,

and the second column represents the actual input of that block. The third column represents the

block ID of the block containing the output, and the fourth column represents the actual output of
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that block. For the unit shown in Figure 91, the first row of the table indicates that AES/EBU Input

(1) is connected to the first input of the mixer (3).

Connection Rx Block | Connection Rx Block | Connection Tx Block | Connection Tx Block
ID Input ID Output
3 1 1 1
3 2 2 1
4 1 3 1
5 1 4 1

Table 31: An example connector table [87]

A controlling application may only need to be able to represent and control certain blocks within a
unit. A controlling application is able to discover units that exist on a network, and is able to discover
the blocks that each unit contains. It does not have to have knowledge of the unit itself. A controlling

application may also retrieve any connections that may exist between blocks.

7.2.3.1 Media Formats

A mode tabldists all of the media formats that are valid for each block’s outputs. Table 32 shows an
example mode table for the example unit shown in Figure 91. In this example, each of the outputs
within the unit are capable of running at either 44.1 kHz or 48 kHz. The table displays the possible

formats for each output of each block.
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Block ID Block output Media format Enabled

1 1 1.0.62379.2.2.1.3.2.2.24.44100rue (1)

1.0.62379.2.2.1.3.2.2.24.4800True (1)

1.0.62379.2.2.1.3.2.2.24.4410True (1)

1.0.62379.2.2.1.3.2.2.24.4800True (1)

1.0.62379.2.2.1.3.2.2.24.4800True (1)

1.0.62379.2.2.1.3.2.2.24.44100rue (1)

AR W W NN

1
1
1
1 1.0.62379.2.2.1.3.2.2.24.44100rue (1)
1
1
1

1.0.62379.2.2.1.3.2.2.24.4800True (1)

Table 32: An example mode table [87]

The media formats above are represented using OIDs, such as 1.0.62379.2.2.1.3.2.2.24.48000. The

components of this OID are defined as shown in Table 33.

OID Part Definition
1.0.62379 IEC 62379
1.0.62372 IEC 62379 part 2: audio
1.0.62379.2 Audio format
1.0.62379.2.2 Audio signal format
1.0.62379.2.2.8 The signal is encoded using Pulse Code Modulation (PCM)
1.0.62379.2.2.1.3 The signal is in stereo format
1.0.62379.2.2.1.3.2 The signal consists of two channels of audio
1.0.62379.2.2.1.3.2.24 Each sample is 24-bits in length
1.0.62379.2.2.1.3.2.2.2800( | The sampling frequency is 48 kHz

Table 33: An example media format

7.2.3.2 Audio Ports

The ports that exist on a unit are represented poratable There exists an entry in the table for
each port on the unit. Table 34 shows an example port table for the example unit shown in Figure 91.
The table lists the block ID for each port, the direction of the port, the media format of the port, the

port transport (for example, analogue or AES 3), and a name for the port.
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Port block Port Port data format Port transport Port name
ID direction
1 Input (1) | 1.0.62379.2.2.1.3.2.2.24.48000 AESS3 (1.0.62379.2.2.2R¥/EBU
2 Input (1) | 1.0.62379.2.2.1.3.2.2.24.48000 AESS3 (1.0.62379.2.2.2R¥/EBU
5 Output (2)| 1.0.62379.2.2.1.3.2.2.24.48000 AESS (1.0.62379.2.2 RE3/EBU

Table 34: An example port table [87]

7.2.4 Status Broadcasts

IEC 62379 has atatus broadcasinechanism. A status broadcast reports on the values of a group of
managed objects. Examples of managed objects that could be reported are the peak level of an audic
signal, the media format being received at an input, or information about what is connected to a
network port. The status broadcast mechanism is implemented using point-to-multipoint

transmission.

Each one of the parts of IEC 62379 defines groups of managed objects that are available for status
broadcasts. All of the managed objects in a group are reported periodically, and any managed objects
whose values change are reported immediately. The periodic reporting ensures that units have the

latest managed object values, even if they miss a report.

Status broadcasts are initiated by a unit in response to an appropriate command. A source unit
transmits one or morstatuspagesof status information. Atatus pages a message that contains
structured values representing some internal state of a unit. Each page is organised into a fixed
format of related information. A unit may define and support multiple types of status page. Related
status pages are grouped togethestatus broadcast group8vhen a remote entity requests a status
broadcast, it specifies which group it is interested in receiving. A status broadcast group is identified
by an OID.
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7.2.5 Connection Re-establishment

If a piece of equipment fails for some reason, and as a result it drops a connection, it is important that
these connections are re-established (this is especially important in a broadcast studio, or during a
live sound concert, for example). A compliant network interface unit is required to reconnect stored

connections. Connections should be stored in non-volatile memory, and these connections should be
re-established after a temporary power failure. This is only intended to cover short-term failures,

after which attempting to re-establish a connection should not be attempted. This prevents units that
are redeployed from one area to another from attempting to re-establish a connection that existed in

another location.

7.2.6 Privilege Levels

IEC 62379 usegprivilege levelsto distinguish between different kinds of users. This mechanism
allows network resources to be set aside for more privileged users, and to prevent inappropriate
control tasks being performed by less privileged users, for example. Four privilege levels are
defined:

» Listener This is the lowest privilege level, and it is intended to be used by those interested in
monitoring audio or video signals passing through a unit. A listener is able to route signals from
remote devices to themselves, but is unable to change anything that would affect the experience
of other users.

» Operator. The operator privilege level is intended for use by those who are controlling the day-
to-day operation of a unit. An operator is able to change parameters that may affect other users.

» Supervisor The supervisor privilege level is intended for use by those who are controlling and
maintaining a network.

* Maintenance The maintenance privilege level is the highest privilege level, and it is intended to

be used by those who need to perform tasks that might disrupt the normal operation of a unit.
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7.2.7 Automation

The automation mechanism allows for single or multiple values to be set at a given time. An
automation event consists of a time, the OID of an object, and the value to set the object to at the

time. This allows events to occur simultaneously, or for events to occur one after the other.

7.2.8 Connection Management

IEC 62379-5 specifies control over the transmission of realtime data over digital networks. It uses
the concept of aall. Before stream data can be transmitted, a call has to be set up between the
parties involved in the transmission. In order to set up a call, a management terminal (running a

control application, for example) sends commands to a destination unit, and the destination unit then
asks the network to make the connection.

Some networks offer a connection-oriented service. In these cases, a call maps naturally onto this

service. IEEE 1394 and Ethernet AVB both have the concept of connections, thus an IEC 62379 call
would map to this.

A physical connection to a network is described with a block. The block has an input for each media
flow going to the network, and it has an output for each media flow coming from the network. Figure
93 shows a block representing a physical network port. It is transmitting three strefiaves, @mnto

a network, and has an input for each one of these flows. It is also receiving three flows from the
network, and has an output for each one of these flows.
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< Flow ——— — < Input
< Flow ———— —— € Input
< Flow —— - < Input

Network port

Flow> —— | —— Output>
Flow > ——— — Output>
Flow > ——— | L Output>

Figure 93: Inputs and outputs

Each device has anit destination lisend asource destination listTheunit destination lisis a list

of streams being received by a device, and a unit sourase éidist of streams being transmitted by a

device. Each entry in a list keeps track of properties that pertain to each stream. These include:

* The size of the payload of the maximum sized packet that forms part of the stream, and the rate at
which packets are transmitted by the device. These values can be used to calculate the bandwidth
required of a stream.

* The state of the stream. This value can be adjusted to create and teardown calls. For example,
setting this field taready to connecinstructs the device to initiate a call. While the device is
attempting to make the call, the state of the stream could be c&t roceeding. Once a call
has been made, the state of the stream is set to.active

* A block identifier identifying the port through which the stream is flowing.

* Inthe case of a source stream, the input of the port block through which the stream is flowing.

* Inthe case of a destination stream, the output of the block through which the stream is flowing.

When a device would like to receive a particular stream, a new entry is createdmit thestination

list of the unit that is to receive the stream. At this stage, the network port on which the stream is to
arrive may not be known. A management terminal, once it has created the entry, has to fill in the
fields of the new entry. This includes identifying the input of a block that is to receive the stream.
Once this has happened, the management terminal requests the unit to make the connection on the
network.
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If a connection is successfully created, a new output is created (or an existing unused output is used)
on the network port block through which the stream is to flow. This output is connected to an input
of another block. In the case of an AVTP stream carrying sequences of audio data, the output of the
network port block could be connected to an input of an AVTP multiplexing/ de-multiplexing block.
The multiplexing/de-multiplexing block will be responsible for extracting the individual sequences

of audio out of the incoming streams. Streams can be formed from the individual channels entering
the block. This process is shown in Figure 94. The connections between the blocks are described in

the connector table.

< AVTP Stream ] < AVTP Mixer
Network port Multiplexing

AVTP Stream > De-multiplexing

Limiter

Limiter

Figure 94: AVTP multiplexing/de-multiplexing

If a stream source is already transmitting the stream, and the network supports multicasting, the
network equipment (a switch, for example) simply copies the existing stream to the new destination
device. If a source device is not transmitting the stream of interest, the device will create (or assign) a

new input to the relevant network port block, and connect it to the source.
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7.2.9 Conclusion

IEC 62379 uses SNMP and makes use of its hierarchical addressing scheme and table concept ir
order to represent connections internal to a device, and connections between devices. Each entry in
the connector table represents an internal connection between an output of a block, and an input of
another block. In a similar way to that proposed in Section 7.1.7 “Connection Management”, each

stream is represented with an entry in a table, where the fields of each entry represent the properties

of the stream. Creating and breaking stream connections involves changing the state of the stream.

7.3 OSC

Open sound contrdlOSC) [58] is an open, transport neutral, message-based protocol that allows for
communication between computers, sound synthesisers, and other multimedia devices. OSC

communication occurs between an OSC cleert an OSC servera OSC packets

An OSC server has a set OSC methodsOCS methods are methods that are triggered with the
arrival of OSC packets from OSC clients. OSC methods may expect to be passed arguments from the
OSC client. OSC methods are arranged in a tree structure call@BStheaddress spacwith the

leaves of the tree being the OSC methods. Branch nodes are referre@$& aontainersThe
contents and the shape of the OSC address space may change over time.

7.3.1 OSC Address Space and OSC Addresses

Each OSC container (except the root OSC container) and each OSC method has a symbolic name
This name is composed of an ASCII character string consisting of printable characters other than the

following characters: space* ,/? []{}

An OSC addressf an OSC method is the symbolic name giving the full path to the OSC method in
the OSC address space, starting with the root of the tree. An OSC address starts with the ‘/’
character, followed by the names of all the containers, in order, along the path from the root of the

tree to the OSC method. Each container’'s symbolic name is separated by a ‘/’.
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Figure 95 shows an example OSC address space with each OSC container and method having ¢
name. From this tree structure are formed the following OSC method addresses: “/first/this/one”,
“/second/1”, “/second/2”, “/third/a”, “/third/b”, “/third/c”.

root

“first” “second” “third”

“this” “1” “2" “a” “b” “c”

Figure 95: An example OSC address space

7.3.2 OSC Data Types

All OSC data are composed of a set of core types, as defined in Table 35.

Type Definition

32 bit integer| 32 bit big endian two’s compliment integer

OSC timetag| 64 bit big endian fixed-point time tag

32 bit float 32 bit big endian floating point number

OSC string | A sequence of non-null characters, followed by a null character

OSC blob A 32 bit integer count, followed by that many octets of arbitrary da1ta

Table 35: Core OSC types

The size of each of the core types is a multiple of 32 bits to ensure 32-bit alignment.
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7.3.3 OCS Packets

OSC packets are transmitted by OSC clients, and received by OSC servers. These packets eithel

contain an OSC messagean OSC bundle

7.3.3.1 OSC Message

An OSC message consists of an OSC address, followed @g@nype tag string, followed by zero

or moreOSC argumentsThe OSC address is the address of the method that should be invoked. The
OSC type tag string is an OSC string that begins with the character ‘,’ followed by a sequence of
characters corresponding exactly to the sequence of OSC arguments in the OSC message. Each on
of these characters is called@8C type tag and is used to represent the type of each corresponding

OSC argument. Table 36 lists the possible OSC type tags.

OSC type tag Definition

[ 32 bit integer

f 32 bit floating point number
S OSC string

b OSC blob

Table 36: OSC type tags

The OSC arguments are a sequence of arguments that will be supplied to the method addressed b
the OSC address. Listing 1 shows an example OSC message. This message is targeted at the
“input/level” OSC method which is used to adjust the audio level of an input. This OSC message
contains two arguments, an integer and a float (as indicated with plaet .df the message). The first
argument is a number used to identify the input whose audio level should be adjusted, and the second

argument is the value that the audio level should be set to.

“linput/level” ,if (i nput nunber) ( val ue)

Listing 1: An example OSC message
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7.3.3.2 OSC Bundles

An OSC bundle consists of the OSC string “#bundle” followed by an OSC time tag, followed by
zero or moréDSC bundle element¥he OSC time tag is a 64-bit fixed time tag. Each OSC bundle
element is composed of a 32-bit integer size indication followed by that number of octets as contents,
and will always be a multiple of four. The contents of an OSC bundle element are either an OSC

message or another OSC bundle.

7.3.4 OSC Message Processing

When an OSC server receives an OSC message, it invokes the OSC methods addressed by the OS
address pattern of the message. All of the methods that match the OSC address are invoked with the
same argument data supplied in the OSC message. Any part of an OSC address may contain specie
characters with special meaning:
» '?’: Matches any single character in an OSC address
e " Matches any sequence of zero or more characters
» String of characters in square brackets (e.qg., “[string]”): Matches any character in the string. A *-’
or a ‘I’ character in the square brackets has the following meanings:
» ‘. Two characters separated by a minus sign indicate a range of characters between the
two given characters on either side of the ‘-
‘I': An exclamation mark at the beginning of a bracketed string negates the sense of the
list (i.e., the list matches any character not in the list).
 Comma separated list of strings in curly braces (e.g., “{foo,bar}): Matches any of the strings in
the list.

When an OSC server receives a single OSC message, the corresponding OSC methods should b
invoked immediately. If the OSC server receives a bundle (which contains a time tag), the message
methods are invoked when the time of the time tag is reached. If the time tag represents a time before
or equal to the current time, the OSC server invokes the methods immediately.
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7.3.5 Connection Management

The use of an OSC based protocol for connection management in AVTP capable AVB networks was
proposed in [90]. This protocol is known as AVBC. The AVBC protocol proposes an OSC address
space, and the use of OSC methods to allow for the remote control of AVTP capable AVB devices.

In AVBC, AVTP source streams are listed under fné/source/... OSC address, and AVTP
sink streams are listed under theb/sink/... OSC address. Two OSC methods are provided that
allow for the dynamic creation of streams. These @awb/source/create and

/avb/sink/create. These methods accept a number of parameters.

7.3.5.1 Creating Source Streams

The /avb/source/create method expects the following OSC arguments:

* The name of the stream: This argument allows human readable names to be assigned to a strean
and can be used to refer to the stream at a later stage. For example, this could be set to something
like “Movie Audio”.

* Media format: AVTP is able to transport a number of media formats, and this argument allows
the format of the stream to be specified. This can allow a hardware device to configure itself to
receive the particular stream format, or allow it to reject the stream creation request if it does not
support the stream format.

» Presentation: This argument allows for the presentation time offset for a stream to be configured.
By default, the presentation time offset for class A AVTP streams is 2ms. This argument allows
this to be fine-tuned.

* Number of channels: This argument specifies the number of channels that the stream should
contain.

* Media source channel code: The media source channel code argument is a map of a device’s
media sources to the channels of the stream. For example, if a device has eight analogue inputs,

this argument could map these analogue inputs to the first eight channels of a stream.

When the OSQavb/source/create method is invoked, a stream is created and a stream ID

and multicast MAC addresses are allocated to it. The stream is then advertised to the AVB network
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via MSRP. The stream is represented in the OSC address space with an addiswaarhdDnode

to the/avb/source address. The value of this node is the value of the stream ID associated with
the stream. The parameters of the stream are represented under the inslireduallDnodes. For
example,mmac, state, format and map nodes are added as child nodes to each individual
stream IDnode, as shown below.

» Javb/source/st r eam | D)/mmac

» Javb/source/st r eam | Distate

» Javb/source/st r eam | Diformat

* /avb/source/st r eam | Dimap

These nodes address OSC methods that allow for the retrieval of the multicast mac address allocatec
to the stream, the streaming state of the stream, the format of the media being conveyed in the

stream, and the mapping of media sources to stream channels.

The OSC /avb/source/create method returns a number of arguments to the caller, including:

» Stream ID: This argument represents the stream ID that was generated for the stream when it was
created.

* Multicast MAC address: This argument represents the multicast MAC address that the stream
will be transmitted with. This is a multicast MAC address allocated by the MAAP protocol for
the stream (see Section 6.3 “AVTP Address Allocation”).

7.3.5.2 Creating Sink Streams

There are three approaches to creating stream sinks:

1. An application is able to specify the stream ID and the multicast MAC address of the stream to
attach to.

2. An application is able to specify the stream ID, and the sink device is expected to look up the
multicast MAC address of the stream.

3. The controlling application specifies the device and stream name, causing the sink device to

lookup the network address of the device, and well as the stream ID and multicast MAC address.
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If the first approach of creating a sink stream is used, the /avb/sink/create method expects the

following OSC arguments:

» Stream ID: The value of this argument represents the source stream ID that the sink stream
should attach to.

* Multicast MAC address: This argument represents the multicast MAC address that the source
stream will be transmitted with. When MSRP is making usealder pruning (see Section
3.2.4.2 “Talkers Advertising Streams”), a listener device needs this value in order to request
membership to the multicast group.

* Presentation: The value of this parameter specifies the presentation time offset for the stream.
This allows for the fine-tuning of this value.

* Number of channels: The value of this argument informs the sink device of the number of
channels in the source stream. This allows the device to prepare for the reception of the stream.

* Media sink source code: The value of this parameter is a map of incoming stream channels to
media sinks within a device. If, for example, a device contains eight analogue outputs, the
incoming stream channels could be mapped to these analogue outputs.

This method returns a number of arguments to the caller, includsigkalD. The value of this
argument is a unique identifier generated by the sink device for the sink stream. It can be used later
to refer to the stream.

When a sink stream is created using/thd/sink/create method, the sink device will request
attachment to the source stream via MSRP by declariligtemer attribute for the stream. The
created sink stream is represented in the OSC address space with an addiswaash dDnode to

the /avb/sink address. The value of this node is the value of the stream ID associated with the
stream. The parameters of the sink stream are represented under the inslixednallDnodes. For
example,mmac, state, format and map nodes are added as child nodes to each individual
stream IDnode, as shown below.

» Javb/source/st r eam | D)/mmac

» Javb/source/st r eam | Distate

» Javb/source/st r eam | Diformat

» /avb/source/st r eam | Dimap
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As with source streams, these nodes address OSC methods that allow for the retrieval of the
multicast mac address allocated to the stream, the streaming state of the stream, the format of the

media being conveyed in the stream, and a map of stream channels to media sinks.

7.3.5.3 Destroying Streams

Each source and sink stream hateatroymethod. For a source stream, this would be accessed with

the following OSC addredavb/source/st r eam | D/destroy. When the destroymethod is

invoked, the stream associated with it is torn down. For a source stream, a request is made to MSRP
to withdraw thetalker advertiseattribute for the stream. For a sink stream, a request is made to
MSRP to withdraw the listeneattribute for the stream.

7.3.6 Tools

Programming libraries exist which allow for the development of OSC based clients and servers.
oscpack [91], for example, provides a set of C++ classes for packing and unpacking OSC packets. It

also provides the ability to transport OSC messages using the UDP/IP protocol.

7.3.7 Conclusion

OSC uses a hierarchical addressing scheme that allows methods on remote device to be invoked. Ir
essence, the representation of streams is similar to those protocols based on SNMP. Each stream ca
be represented using a table abstraction where streams are represented in the address hierarchy with
unique address (representing a row in a table), and the properties of each stream are addressed und:
that (each one representing a field in a row). In AVBC, the mapping of stream channels to internal
media sources and sinks is performed with a bitmap, and thus is less verbose than using a table.
Alternatively, the hierarchical addressing scheme of the protocol allows for table abstractions to be
constructed allowing for the representation of more explicit patching matrices.
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7.4 XEN

The XFN protocol [59] [60] is an IP [61] based peer-to-peer command and control protocol that

makes use of UDP [76]. Any device on a network that participates in the protocol may initiate or

accept control, monitoring and connection management commands from any of its peers. The

protocol incorporates three core concepts:

» Structuring: Each parameter in an XFN system is part of a hierarchical structure, and any level of
this structure may be addressed to allow for addressing of multiple parameters simultaneously.

» Joining and grouping: Disparate parameters may be joined into groups allowing for control over
these parameters from single control sources.

* Indexing: Every parameter has an index value associated with it, and it may be addressed via this

index value. This mechanism has been put in place to lower network bandwidth consumption.

Due to the fact that the XFN protocol is based on UDP/IP, it has been implemented independent of
any networking architecture. This allows for this protocol to work across multiple networking

architectures without any changes.

7.4.1 Structuring

Multi-level addresses were created for a number of professional audio-related devices, and it was

found that most parameters conform to a similar hierarchical structure. A device tends to be

structured as a series of functional groupings, with the parameters of a device positioned at the

lowest level of these groupings. For example, as shown in Figure 96, an audio mixing desk may be

structured as follows:

* The audio mixing desk has an input block that is composed of number of signal inputs. These
signal inputs may be analogue or digital in nature (number 1 in the figure).

* These signal inputs may then be patched to the channels of the audio mixing desk (number 2 in
the figure).

* Each of the audio mixing desks channels may have a number of signal processing components
(for example, equalisers and dynamics processors) associated with them. Each one of these signa
processing components is composed of a number of adjustable parameters (number 3 and 4 in the

figure).
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* The signals from each channel may be patched onto the various buses that the audio mixing desk
has (number 5 and 6 in the figure).

» Signals from buses may be patched through to the output sections. The output section may be
composed of further signal processing components, and each of these components may be further
composed of adjustable parameters (number 7 in the figure).

* The signals from the output sections may be patched through to the various outputs that the audio
mixing desk has to offer (number 8 in the figure).

« The audio mixing desk has a number of analogue and digital signal outputs (number 9 in the

figure).

Figure 96: The block diagram for the Yamaha 01V96 Digital Mixing Console [10]

Based on the hierarchical structuring of devices, it was decided that every parameter in an XFN
system be addressed via a fixed seven-level address. These addresses intuitively reflect the
hierarchical structure of a device. Each level in the hierarchy has a unique value assigned to it.
Associated with each one of these values is an alias used to describe the level’'s functionality. This
hierarchical addressing scheme is shown in Table 37. Also shown are the hierarchical address aliase:

that would be used to describe an equalisation parameter of an audio mixing desk.
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Address level Address level name Example level alias
1 Section block Input block
2 Section type Analogue inputs
3 Section number Analogue input 1
4 Parameter block Equaliser
5 Parameter block Index Equalisation band 1
6 Parameter type Equalisation parameter
7 Parameter index Equalisation parameter 1

Table 37: The XFN seven-level addressing scheme

An XFN address consists of the following address hierarchy:

1.

Section blockA device is usually comprised of a number of sections. An audio mixing desk has
an input section, output section, and various patching matrix sections, for example. This part of
an XFN address is used to identify the section in which the parameter resides.

Section typeEvery section of a device has a type, and may be composed of many types. An input
section of an audio mixing desk may be composed of an analogue input section type and a digital
input section type. This part of an XFN address is used to identify the section type of the section
block in which the parameter resides.

Section numberThe section number is used to identify a specific instance of the section type. An
analogue input section type may be composed of a number of analogue inputs. The section
number is used such that each one of these may be individually addressed.

Parameter block A number of parameters may be grouped together. An equalizer is a signal
processing component that is composed of a number of sections and parameters. This part of an
XFN address is used to identify a specific parameter block of the section number.

Parameter block indexA parameter block may be composed of a number of sections. For
example, an equaliser may have low, low-mid, high-mid, and high sections. This part of the XFN
address is used to identify the sub-section of a parameter block.

Parameter type Each one of the sections of a parameter block may contain a number of
parameter types. For example, each one of the sub sections of an equaliser parameter block may
contain a Q, frequency, and gain parameter. This part of the XFN address is used to identify the

specific parameter type being addressed.
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7. Parameter indexEach parameter block may contain a number of parameters of the same type.
The parameter index section of an XFN address is used to address these individual parameters. A

channel of an audio mixing desk may, for example, contain multiple gain parameters.

Address level identifiers are defined within the XFN specification. New devices describing existing
parameter types (e.g., gain parameters) use the same addresses used by existing devices. This allow

new devices to be easily integrated into existing networks.

A device that participates in the XFN protocol builds up an internal seven-level tree structure that
reflects the actual device. Each of the leaf nodes of the tree is associated with a user supplied
callback function that allows the device to respond to commands from its peers (see Section 7.4.2
“Messaging”). Figure 97 shows an example XFN stack with a built up tree structure. Each level in
the tree structure has a unique address (and an address alias) used to identify it. The leaf nodes of th

tree structure are associated with user supplied callback functions for a specific XFN application.

Sectionblock: Input Block (0x01)

ection ype: Analogue inputs (0x0.

Channel rumber: Analogue input 1 (0x01)
Parameter tlock: Equaliser (0x30)

Parameter block index: Equalisation band 1 (0x01)
Parameter type: Equalisation parameter (0x50)

Parameterindex: Equalisation parameter 1 (0x01)

Figure 97: An example hierarchical address for an equalisation parameter
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Some devices may not need all seven levels to address their parameters. This may be the case fo
simple devices with a few high-level parameters. When this is the cdsmmayvalue is placed into

the address level in place of a standard level identifier.

7.4.2 Messaging

Any device on an XFN network is allowed to transmit and receive XFN messages to and from its
peers. Each message hamessage typeeommand executiyand acommand qualifier Amongst

other things, thenessage typkeld is used to distinguish between request and response messages. A
request message is sent from one device to another to request it to perform some action, and a
response message is sent in response to a request message. Not all request messages require

response message.

The specific action of a request message is indicated ircahmmand executivand command
qualifier fields. Thecommand executivigeld indicates the fundamental nature of the message, and

the command qualifieffield allows thecommand executivi® be directed to a certain attribute of a
parameter (a parameter contains a number of attributes, such as a value, name, and flags). The twc
most common command executives get and set and the most common command qualifier is
value In order to obtain the value of a parameter on a second device, a device will send a request
message to that device specifyinget valuecommand, and will specify the seven-level address of

the parameter. The device that receives the request will respond to the requester with a response
message containing the value of the parameter. In order to set the value of a parameter on a secont
device, a device will send a request message to the device specifgetgvaluecommand, the

seven-level address of the parameter, and the value that the parameter should be set to.

Figure 98 shows how an incoming XFN message is processed. This message contains the seven-leve
address of a parameter (Parameter address), the action to perform on that parameter (Command), an
a value (the value field is used feet valuecommands). When a device receives an XFN message
from another device, the parameter that is identified by the XFN seven-level address is located
(indicated by the number 2). Certain commands (sucheavalueandset valu¢ require further

action by the application using the XFN protocol. If one of these commands is indicated in the
message, the application-supplied callback is called (indicated by the number 3) and is requested to

perform the required action (indicated by the number 4). For examplaef waluecommand is
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specified to the callback, the callback returns the current value of the parameter to the calkr. If a
value command is specified to the callback, the callback sets the value of the parameter to the
supplied value.

Parameterddres | Command| Valu

~

Perform command

Figure 98: XFN message processing
When a value is transported in an XFN message, it has associated wighuie dormatspecified in

a value formatfield. Thevalue formaffield is an integer field that indicates the type and length of the
value.

XFN messages may be broadcast or multicast onto a network. This allows single messages to control
parameters on multiple devices.
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7.4.3 Indexing

XFN also allows for parameters to be addressed via a unique ID (as opposed to a seven-level
address). Every parameter in an XFN device has associated with it a unique ID, and this unique ID

may be obtained for a parameter by addressing it with its seven-level address and requesting the ID.
Subsequent messages to the device may contain the unique ID for the parameter. This mechanisn

has been put in place to reduce network bandwidth usage.

7.4.4 Wildcarding

Parameters may be addressed individually using a full seven-level address, or groups of parameters
on a device may be addressed by replacing address level values with wildcards. If, for example, a
controller would like to adjust all of the gain parameters of a particular channel, it would send a
value message to the device and wildcard the parameter index part of the XFN address. The device
will then cycle through all of the parameter’s indexes and set the value of each parameter (via the
callback function). Wildcards may appear at more than one level. If, for example, a controller would
like to adjust all of the gain parameters of all of the channels of a device, it will wildcard the section
number and the parameter index portions of an XFN seven-level address. A receiving device will
then cycle through each channel, and for each channel will cycle through each gain parameter and sei

its value. A wildcard replaces the level identifier value with a value that has all of its bits set to one.

XFN messages that make use of the wildcard mechanism may also use broadcast and multicast
transmission mechanisms. This allows multiple parameters on multiple devices to all be addressed

with a single message.

7.4.5 Pushing

When a device would like to know the value of a parameter, it is able to request the value of that
parameter via get valuecommand. It may however become inefficient to consistently poll for the

value of a parameter when it is desirable to frequently monitor the value of a parameter. This is true
of level metering parameters, for example. To alleviate this, the XFN protocol has the concept of a
push mechanism. A requesting device is able to instruct another device to tell it whenever one of its

parameter values change by sendingseapush command for the parameter. A requesting device
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may also instruct another device to stop informing it when the parameter value changes by sending it

a set push ofhessage for the parameter.

Some parameter values may change at a high frequency, and it may be undesirable or unnecessary t
be notified each time that this happens. XFN has mechanisms that allow updates to be sent at a
regular interval. If this functionality is enabled, at each interval, if a parameter’s value has changed,
it sends a notification of the change in value. It is also possible to instruct a device to send updates
only once a parameter’s value has change by a given delta.

A requesting device has to continually register its continued interest in receiving updates on
parameter value changes. If, after a timeout time, a device does not receive notification that a
requesting device is still interested in receiving parameter value updates, it will cease sending
updates. This mechanism is in place to guard against devices losing network connectivity before

withdrawing their interest in parameter updates.

7.4.6 Joining and Grouping

Disparate parameters may be joined together into groups. Grouped parameters may exist on the sam
device, or the parameters may be on difference devices. This mechanism allows groups of
parameters to be controlled via single control messages. For example, two audio mixing desks may
exist on a network, and a fader of the one audio mixing desk may be joined to the fader of another
audio mixing desk. When one of the faders is moved, it will result in the joined fader on the second
audio mixing desk being moved.

There are a number of relationships that may exist between parameters that are joined into groups.
These are master/slave, and peer-to-peer. These relationships may then be further described a:

absolute or relative.

In a master/slave relationship, a single parameter in the group is a master parameter, and all of the
other parameters in the group are slave parameters. The master parameter has control over the slav
parameters. For instance, when the value of the master parameter is adjusted, the values of the slav:

parameters are adjusted. However, when the value of a slave parameter is adjusted, the master is nc
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influenced. In a peer-to-peer relationship, whenever any of the parameters that are part of the group

are modified, the other members of the group are also modified.

When parameters have an absolute relationship, and a parameter of the group is adjusted, its slave
or peers (depending on the relationship that exists between the parameters) take on the same value &
the parameter. When parameters have a relative relationship, and a parameter of a group is adjusted
its slaves or peers (depending on the relationship that exists between the parameters) take on a valu
that is an offset to the slave’s or peer’s current value.

7.4.6.1 Example

Assume that three faders on an audio mixing desk exist, each one controlling a gain parameter. The
gain parameters can take on the values 0 through 20. These faders are shown in Figure 99, and ar

labelled A, B, and C and currently have the values 12, 5, and 17 respectively.

A B C
12 5 17
L
L
L

Figure 99: Three faders with initial values

If these gain parameters are grouped together into an absolute master/slave relationship (with gain A
the master), and fader A is adjusted such that it takes on the value 14, its slaves will also take on the
value 14, as shown in Figure 100. If fader B of the master/slave group is adjusted, it will not have

any influence over any of the other parameters in the group.
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14 14 14

Figure 100: Absolute master/slave relationship, master adjusted

Assume that the faders in the example are set to the initial values shown in Figure 99 and they are
joined into a relative peer-to-peer group. If fader A is adjusted to a value of 14, faders B and C will
be adjusted by a value of 2, as shown in Figure 101. Similarly, if fader B is adjusted to a value of 4,

faders A and C will be adjusted by a value of -3.

Figure 101: Relative peer-to-peer relationship, fader A adjusted

201



7.4.7 Modifiers

The XFN specification incorporates modifier mechanism. This mechanism allows a device to
adjust values that it transmits and receives, allows for the modification of seven-level address blocks,
and allows for the modification of the timing of a message. Modifiers are classified as:

» Value modifiers This modifier type allows a transmitted or received value to be modified. For
example, it may be desirable to have one fader reflect the inverse value of a second fader. In this
example, the two parameters need to be joined together, and the values received from each other
need to be modified such that the values are inverted.

» Level modifiers This modifier type allow for the modification of transmitted or received XFN
addresses. For example, it may be useful to be able to use a single control (for example, a fader)
on a small device to control a number of parameters on another larger device by selecting the
channel that it has control over. Before any messages are transmitted by the controlling device,
its address block is modified to reflect the channel that it currently has control over.

* Event modifiersAn event modifier type allows the timing of a message to be adjusted. During
parameter adjustment automation, received messages need to be stored and only interpreted at -

later time. This modifier allows for this to take place.

7.5 Conclusion

There are a number of command and control protocols available that allow for remote control over
networked audio devices. From a high-level perspective, all of the protocols discussed above provide
the ability to address unique parameters on a device, and allow for the access and modification of
parameter values. The various protocols all provide a form of hierarchical parameter addressing
which allows the natural hierarchical structure of a device to be modelled. Conceptual tables can be
formed with their hierarchical addressing schemes, which allows for a convenient representation of
patching matrices for connection management internal to devices. The table representation also

allows for stream sources and sinks (and their properties) to be conveniently represented.
The XFN protocol was selected for use in this study as it was under developmeniAadi@n

Engineering SocietyAES) standard [92] at the time that this work was performed. It provides a rich

set of features and functionality geared towards networked realtime audio and video equipment.
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Source code of an implementation of the XFN protocol was also made available. This source code
was designed such that it could be built on Windows platforms, Linux platforms, as well as other
platforms. The XFN protocol is easy to use due to its simple design and natural address hierarchy.
The API functions provided by the source code are simple to use. They provide the ability to build
XFN address hierarchies, and to associate application specific callback functions with the leaves of
the hierarchies. All message processing is handled by the provided source code, and responses tt
commands are dealt with in the application supplied callback functions. This enables minimal
application code in order to implement an XFN controllable application.

The XFN specification defines level hierarchies and parameters that allow for connection
management to take place within audio devices, and between audio devices. These parameters allow
for pre-defined hierarchies to be built allowing for connection management to take place. Chapter 11
“XFN Control and Representation” details how the protocol has been used to perform connection
management in both IEEE 1394 and Ethernet AVB devices.
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Chapter 8 Tunnelling

The preceding chapters introduced a number of protocols. The work that was carried out in this study
is based on the use of a combination of these protocols in order to allow for control (from a single

control protocol) over realtime audio devices that operate on disparate networks. The dominant
standards-based networking technologies that provide a suitable environment for the transmission of

realtime audio data are IEEE 1394 and Ethernet AVB, and were thus used in this study.

As an initial proof-of-concept, an application that allows for Ethernet traffic to be streamed
(tunnelled) across IEEE 1394 networks was developed. Due to the incompatible addressing
mechanisms and frame formats of each network type, Ethernet traffic has to be encapsulated within
IEEE 1394 compatible packets. The tunnelling of Ethernet traffic across these networks allows
Ethernet devices to take advantage of pre-existing IEEE 1394 networks for Ethernet frame
transmission. Ethernet end stations and Ethernet LANs can be conjoined using the tunnelling
application. This tunnelling application allows for remote Ethernet control over device parameters
via the XFN protocol. IEEE 1394 natively provides an environment whereby audio and video data
may be deterministically transmitted over a digital network. Traditional Ethernet and Ethernet
bridging do not provide these mechanisms. Allowing for the transmission of Ethernet frames over

IEEE 1394 networks provides a mechanism to allow for deterministic transmission of this data.

8.1 Tunnelling Ethernet Traffic over IEEE 1394

Given in Figure 102 is a sample set up of two IEEE 1394 Ethernet tunnelling devioes fodes

These devices are used as entry and exit points for tunnelling Ethernet frames over IEEE 1394
networks. These devices are used to capture all incoming Ethernet frames that are not addressed ftc
the node itself, and to forward this traffic to a second tunnel node within an isochronous stream. This
captured Ethernet traffic is encapsulated within IEEE 1394 isochronous packets and is sent onto the
network. The second tunnel node is responsible for receiving these isochronous packets and for
extracting the Ethernet frames contained within them. These Ethernet frames are then transmitted out
of the second tunnel node’s Ethernet interface. From the perspective of the transmitting and
receiving Ethernet devices, the tunnelling mechanisms are transparent. These devices are not aware

of the presence of the tunnel nodes.
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Tunnel |~ IEEE 1394
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— Ethernet

Ethernet frame
I:> Ethernet frame encapsulated in
IEEE 1394 isochronous packet

Figure 102: Tunnelling of Ethernet traffic over IEEE 1394

The tunnelling capabilities provided by the tunnel nodes allow for the deterministic transmission and
routing of Ethernet frames between Ethernet devices. Devices that connect (via Ethernet) to the
tunnel nodes use full-duplex links. This has the implication that the transmitting device is the only
device contending for access to the medium, collision detection is not needed, and so it is able to
transmit frames at will. Before a tunnel node transmits any isochronous packets, it allocates the
resources (bandwidth and an isochronous channel number) needed to tunnel the Ethernet frames ove
the bus.

In the scenario presented in Figure 102, a stream source is directly attached to the Ethernet interface
of the first tunnel node. Directly attached to the Ethernet interface of the second tunnel node is a
stream sink. The stream source is able to transmit its Ethernet frames to the first tunnel node. These
frames can then be deterministically routed through a complex network of IEEE 1394 nodes until
they reach a destination tunnel node. At the second tunnel node, the frames are directly transmitted
out of the Ethernet interface to the stream sink. If the stream source and sink were connected together
through a traditional bridged Ethernet network, they would have to contend for network resources
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with other devices on the network. This could lead to unpredictable frame loss and unacceptable
latency causing jitter in stream playback. With the tunnel node application, existing Ethernet devices

are able to take advantage of the characteristics of IEEE 1394 networks.

8.2 Limitations

The isochronous bandwidth allocation on an IEEE 1394 bus affects the maximum size that an

isochronous packet may be (see Section 3.1 “Resource Reservation for IEEE 1394”). It is possible
that insufficient bandwidth has been reserved to cater for Ethernet frames over a certain size. Also,
an IEEE 1394 node transmits isochronous packets at a rate of 8000 packets per second. It is possible
that a tunnel node receives more than 8000 Ethernet frames per second and thus is not able tc

transmit all of the frames that it receives onto an IEEE 1394 network.

To counter these limitations, if there is more than one Ethernet frame waiting to be transmitted onto
the IEEE 1394 bus, the tunnel node is able to pack multiple Ethernet frames into a single isochronous
packet (if there is sufficient space in the packet for this to happen). At the receiving tunnel node,

these frames are unpacked and individually sent onto the Ethernet network.

If, on the other hand, an Ethernet frame waiting to be sent onto the IEEE 1394 network is larger than
the maximum allowed isochronous packet payload size, the tunnel node will fragment the frame and
send the fragments across to the receiving tunnel node. The receiving tunnel node will rebuild the
Ethernet frame as it receives the fragments. Once it has a complete Ethernet frame, it will transmit it

out of its Ethernet interface.

8.3 Tunnel Header

To communicate the packing and fragmenting of Ethernet frames within isochronous packets, a

tunnel headewas designed. This header is used to communicate whether the packet contains packed
Ethernet frames or fragmented Ethernet frames, amongst other information. This header appears
before each Ethernet frame. If the isochronous packet contains packed Ethernet frames, then the
header appears before each Ethernet frame. If an isochronous packet contains an Ethernet frame

fragment, then the header will appear before the fragment. Figure 103 shows the structure of an
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isochronous packet containing a tunnel header and an Ethernet frame fragment, as well as an

isochronous packet containing multiple tunnel headers for multiple packed Ethernet frames.

Fragmented frame

Isochronous header Tunnel header

l

Packed frame Packed frame Packed framg

174

Figure 103: Tunnel node header positions

Figure 104 shows the structure of the tunnel header used for packed Ethernet frames.
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Figure 104: An isochronous packet with a tunnel node header for packed Ethernet frames
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The fields of the tunnel header used for packed Ethernet frames are defined in Table 38.

Field

Definition

Header type (ht)

Theheader typdield is used with packed Ethernet frames and with fragme
Ethernet frames. It is used to distinguish between a tunnel header apy
before a packed Ethernet frame, and a tunnel header appearing b¢
fragmented Ethernet frame. A value of one indicates packed, and a vd

zero indicates fragmented.

nted
pearing
rfore a

\lue of

Version

The version field is used with packed Ethernet frames and with fragme
Ethernet frames. It is used to identify the version of the tunnelling prot

Currently only one version is defined, and its value is set to one.

pnted

ocol.

Data length

The data length field is used to specify the total length of the Ethernet f

(including the header and the body) that is under the tunnel header.

rame

Next packet offset

The next packet offsdield is used to specify the offset (in octets) from
beginning of this tunnel header to where the next tunnel header can be
A value of zero indicates that there are no more tunnel headers in the

(and hence no more Ethernet frames).

the
found.

packet

Reserved

The reserved field is reserved for future use.

Table 38: Tunnel header fields for a packed Ethernet frame

Figure 105 shows the structure of the tunnel header used for fragmented Ethernet frames.
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Figure 105: An isochronous packet with a tunnel node header for fragmented Ethernet frames

The fields of the tunnel header used for fragmented Ethernet frames are defined in Table 39.
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Field Definition

Header type (ht) | This has the same definition as for packed Ethernet frames.

Version This has the same definition as for packed Ethernet frames.

Position (pos) The value of the positiofield is used to identify the position of the fragment in
relation to the Ethernet frame which the fragment is part of:
« A value of one indicates that the fragment is the first fragment in the series

of fragments.
* A value of two indicates that the fragment is the last fragment in the series

of fragments.
* A value of three indicates that the fragment is an interior fragment (i.e., it

Is in between the first and last fragments).

Reserved (r) The reserved field is reserved for future use.
Entire frame The value of thentire frame length field is used to communicate the length of
length the Ethernet frame from which the fragment came.

Fragment offset | Thefragment offseis the offset of the first octet of the fragment relative to|the

first octet of the Ethernet frame from which the fragment came.

Reserved (r) The reserved field is reserved for future use.

Table 39: Tunnel header fields for a fragmented Ethernet frame

When theposition field indicates that the fragment underneath the tunnel header is the first fragment
in a series of fragments, it allows a receiver to prepare for receiving a frame over a few isochronous
packet receptions. It allows the receiver to prepare a buffer, and instructs it to not transmit the
contents of the buffer until all of the fragments have been received. Whpaditien field indicates

that the fragment underneath the tunnel header is an interior fragment, this indicates to the receiver to
place the received fragment within the previously allocated buffer. Whepo#iton field indicates

that the fragment is the last fragment of a series of fragments, it knows that it will not receive any
more fragments for this frame. Using thetire frame length value, tie|agment offsevalues of the
received fragments, and the data lengtifues (of the isochronous header) of the received fragments,
the receiver is able to determine whether or not it has received an entire Ethernet frame. Once the
receiver has received an entire Ethernet frame, it can prepare it for transmission out of its Ethernet

interface.
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8.4 Providing Control over the Tunnel Nodes

The tunnel nodes provide mechanisms for tunnelling Ethernet frames in isochronous packets across
IEEE 1394 networks between IEEE 1394 nodes. There was a need to provide remote control over
these mechanisms and as such parameters were created to enable this control. It was necessary |
provide parameters to allow for isochronous stream establishment between tunnel nodes, and to
allow for control over the maximum isochronous payload size (and hence isochronous bandwidth

allocation).
8.4.1 Connection Establishment

On an IEEE 1394 bus, isochronous packets are broadcast onto the bus on a particular isochronous
channel (which is identified by an isochronous channel number). An IEEE 1394 node that is
interested in receiving these stream packets is configured to receive the packets on that channel. In
order to establish a connection between two nodes, the receiving device needs to know the
isochronous channel number of the stream it should receive. It should be possible to instruct
transmitting devices to start and stop streaming, and it should be possible to instruct receiving

devices to start and stop receiving a stream.

8.4.2 Maximum Payload Size

The maximum size of an isochronous packet is defined by the transmission speed of the IEEE 1394
bus and by the amount of bandwidth that has been reserved for the particular stream. Given the
variable nature of Ethernet frame sizes and transmission frequency, it was desirable to allow

configuration of the maximum payload size of the isochronous packets to allow for optimal
bandwidth allocation and usage.

8.4.3 Tunnel Node Parameter Control with XFN

To allow for control over the tunnel nodes, the XFN protocol was built into the devices and an XFN

address hierarchy was developed to allow for control over their parameters. Each tunnel node builds
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up the XFN address hierarchy to represent the hierarchical structure of the device. This allows the

parameters of the devices to be addressed such that their values can be remotely obtained and set.

Figure 106 shows how an XFN stack is associated with the tunnelling component of the tunnel node.
The tunnelling component of the tunnel node is responsible for the reception and transmission of
Ethernet frames and isochronous packets, and for frame fragmentation and packing. This component
has parameters that allow the transmission and reception isochronous channels, as well as the
transmission isochronous packet sizes to be obtained and set. The XFN stack builds up a tree
structure representing the tunnel node’s structure, and the leaves of this tree structure (which
represent the parameters) point to user defined callbacks within the tunnelling component. These
callbacks are responsible for enabling the tunnelling within the tunnelling component of the tunnel

nodes.

Tunnel Node

Tunnelling component

Figure 106: A tunnel node with an XFN stack

Figure 107 shows a portion of the XFN address hierarchy that is built up to represent a transmission
isochronous stream of a tunnel node. In XFN, IEEE 1394 and Ethernet AVB streams are known as

multicores As this stream is transmitted from a tunnel node, the parameters are located within
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stream section typef thesignal output section blocldll of the stream output multicore parameters

are located within thenulticore parameter blockEachmulticore parameter blocls indexed with a

unique parameter block indewalue. Within each uniquearameter block indeare listed the

parameters associated with each multicore:

Theisochronous channel numbparameter is used to represent the isochronous channel that the
stream will be, or is being, transmitted on. The value of this parameter may be obtained and set
by a remote device.

The start parameter is a Boolean parameter that is used to start and stop the transmission of the
stream. The value of this parameter may be obtained and set by a remote device. Reading a value
of one from this parameter indicates that the stream is being transmitted, and writing a value of
one starts stream transmission (if stream transmission is not already started). Reading a value of
zero indicates that the stream is not being transmitted, and writing a value of zero to this
parameter stops stream transmission (if the stream is being transmitted).

The max payload sizgparameter represents the maximum payload size that a transmitted
isochronous packet may have. The value of this parameter may be obtained and set by a remote
application. The value of this parameter affects a tunnel node’s ability to either pack multiple
Ethernet frames into single isochronous packets, or to fragment single Ethernet packets into

multiple isochronous packets.
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Section block: Signal output
I Section type: Stream

@ Section number: 1

@ Parameter block: Multicore
Parameter block index: 1

Parameter type: Isochronous channel nun@er @ Parameter type: Max payload size

Parameter inde»1 o Parameter index: 1

Parameter type: Start

Parameter inde>1

Figure 107: Portion of the XFN address hierarchy for an output isochronous stream

Figure 108 shows a portion of the XFN address hierarchy that is built up to represent a reception
multicore of a tunnel node. This structure is almost identical to the structure shown in Figure 107 (for
an output multicore) except that input multicores are represented undsigiia input section

block An input multicore of a tunnel node has the following parameters:

* Theisochronous channel numbparameter is used to represent the isochronous channel number
of the stream that the tunnel node is receiving, or should receive. It is possible to remotely obtain
and set the value of this parameter.

* The start parameter is used to start and stop the reception of the isochronous stream. It is a
Boolean parameter whose value may be obtained and set remotely. Reading a value of one from
this parameter indicates that the tunnel node is configured to receive an isochronous stream, and
writing a value of one to this parameter configures the tunnel node to start the reception of a
stream (if it is not already receiving a stream). Reading a value of zero from this parameter
indicates that the tunnel node is not configured to receive a stream, and writing a value of zero to

this parameter configures it stop the reception of the stream (if it is already receiving a stream).
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Parameter type: Isochronous channel nu

Parameter indey1

Section block: Signal input

Section type: Stream
Section number: 1
Parameter block: Multicore
Parameter block index: 1
Parameter type: Start

Parameter indey1

Figure 108: Portion of the XFN address hierarchy for an input isochronous stream

8.4.4 Tunnel Node Parameter Control with the Connection Manager

A desktop application (known as t@®nnection Manag@mwas developed to allow the tunnel nodes
(and their parameters) to be remotely represented and adjusted. The Connection Manager application
uses an XFN stack in order to communicate with the XFN stack of a tunnel node. The Connection

Manager was developed using JUCE [93]. JUCE is a C++ cross-platform class library that allows for

the development of desktop applications, amongst other things.

Each tunnel node has parameters that represent the IP addresses bound to its network interfaces, ¢
shown in Figure 109. The built up XFN address hierarchy contaoenfiguration section block
under which are listed the stream and non-stream interfaces of a device. Under each one of the

interface types is atP parameter blockwhich is used to represent each interface’s IP related

parameters. An IP address is represented with the IP address parameter type
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Section block: Configuration

Section type: Non-stream interf Section type: Stream interface

Section number: 1 (Interface num Section number: 2 (Interface number)

Parameter block: | Parameter block: IP

Parameter block index: Parameter block index: 1
Parameter type: IP addr Parameter type: IP address

Parameter index: Parameter index: 1

Figure 109: Portion of the XFN address hierarchy for representing IP addresses

When an XFN device would like to discover other XFN devices on a network, it sends out a
broadcast packet containing an Xkjét valuecommand for all of the values of thEe address
parameter typesThe address hierarchies in the messages may contain a wildcard at each of the
section typeandsection numbelevels to indicate that all of the IP addresses of all of the interfaces
should have their IP addresses returned to the requester. Each device responds with its IP address
Once the requesting device knows the IP address of any other XFN device on a network, it is able to

communicate with that device directly using its IP address.

When the Connection Manager application starts up, it discovers all of the XFN devices that exist on
the network. As shown in Figure 110, the main display of the application represents the discovered
devices along the axes of a grid. On this grid, the devices along the left are viewed as source devices
(devices that produce streams). The devices along the top of the grid are viewed as destination
devices (devices that consume streams). Each device that is discovered is able to both produce
streams, and consume streams, thus each device is shown on the left hand side and at the top of th
grid. The buttons between the devices allow for connections between the various devices to be
established. In this figure, the Connection Manager is displaying two tunnel nodes (a typical network

will usually consist of many different types of devices).
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Figure 110: The Connection Manager's main interface

Once a device has been discovered on a network, it is possible to enumerate the device to discover its
capabilities. In terms of the tunnel nodes, the Connection Manager is interested in knowing about its
available multicores, and the properties of those multicores. Fomaaticore parameter blockof
eachsignal inputandsignal output section blogkthe Connection Manager is able to determine the
number of multicores that exist by obtaining the numbgrasbmeter block indelevel values that

exist under thenulticore parameter bloclevel. In terms of the tunnel nodes, there exists only one
input multicore, and one output multicore (a typical audio device may contain many multicores).
Once the Connection Manager has obtained the number of input and output multicores, it is possible

to query each of the parameters that exist for each multicore.

Selecting one of the cross points on the grid will display the various multicores associated with the
devices, in the form of a grid (as shown in Figure 111). The multicore along the left hand side of the
grid is viewed as a source multicore (this multicore is the originator of isochronous packets). The
multicore along the top of the grid is viewed as a destination multicore (this multicore is the

consumer of isochronous packets). Figure 111 is displaying the output multicore of the selected

source tunnel node, and the input multicore of the selected destination tunnel node. Typically, a
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device has a much larger number of multicores (allowing a single device to stream multiple streams

of data). Hence, there is a desirability to display these multicores in the form of a grid.

Figure 111: The Connection Manager's multicores display

With this grid display, it is possible to ensure that the source tunnel node’s output multicore streams
its isochronous packets to the destination tunnel node’s input multicore. When the grid button
(shown in Figure 111) is selected, the XFN stack of the Connection Manager sends XFN messages to
the tunnel nodes to instruct them to set up their internal parameters to allow for streaming to take
place. The following sequence of events takes place to ensure that this happens:

* The Connection Manager obtains the isochronous channel number of the source multicore from
the source tunnel node. This is the channel number that the stream will be streamed on. It issues
the tunnel node with an XFiyet valuerequest for thésochronous channel numbparameter of
the output multicore.

« The Connection Manager informs the destination tunnel node which channel to receive
isochronous packets on. This is the channel number that was obtained from the transmitting
tunnel node. The Connection Manager issues the destination tunnel node with set{EiNie
request for the isochronous channel numteameter of the input multicore.

« The Connection Manager instructs the destination tunnel node to prepare itself to receive the
stream. It issues the destination tunnel node with an XFN setnemjuest for the stagiarameter

(with a value of one) for the input multicore.
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* The Connection Manager instructs the source tunnel node to start the stream transmission. It
issues the source tunnel node with an Xdeéllvaluerequest for thetart parameter (with a value
of one) for the output multicore.

Selecting the multicores in Figure 111 displays the various parameters associated with them. Shown
in Figure 112 is the window that is displayed when a source multicore is selected. These are the
parameters that are depicted in Figure 107. The Connection Manager performgeKialue
requests on thisochronous channel numbenaximum payload sizandstart parameters to display

their values. When any of these parameters are adjusted via the window, the new values are

communicated to the relevant device via XFN set vedgeest messages.

Figure 112: The Connection Manager’s source multicore settings window

8.5 Conclusion

The development of the tunnel node application and the control thereof by the XFN protocol laid the
groundwork for the interoperability of, and control over, IEEE 1394 and Ethernet AVB audio
devices. The tunnel node application allows Ethernet frames to be transmitted in a deterministic
fashion over IEEE 1394 networks. This was born from a need to allow a video encoder (which
transmits Ethernet frames) to transit its frames to a video decoder (which receives Ethernet frames)
via pre-existing IEEE 1394 networks.

XFN parameters were developed to allow for control over the tunnel nodes’ parameters. The tunnel
node application demonstrated the successful use of the XFN protocol for discovering remote tunnel
nodes, establishing isochronous stream connections across IEEE 1394 networks, as well as allowing

for other parameters of the devices to be viewed and adjusted.
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Chapter 9 Networked Audio Devices

In this study, a number of pre-existing audio devices were used and further devices were developed.
The pre-existing devices include prototype IEEE 1394 endpoint audio devices and IEEE 1394
bridges that were developed bjniversal Media Access NetworkMAN) [36]. Ethernet AVB
endpoint devices, and IEEE 1394/Ethernet AVB audio gateway devices were developed. These
devices were integral to the development of connection management capabilities. They provided
IEEE 1394 audio reception and transmission capabilities, and Ethernet AVB audio reception and
transmission capabilities. This chapter gives an overview of each of these devices, and the

functionality they provide.
9.1 UMAN Evaluation Boards and Amplifier Nodes

UMAN evaluation boards and amplifier nodes are endpoint audio devices that contain a number of
audio connectors which expect audio in a range of formats. The evaluation boards each contain an
IEEE 1394 interface (expecting audio formatted according to IEC 61883-6 formatting rules),
analogue inputs and outputs, ADAT interfaces, and AES-3 interfaces. The amplifier nodes each
contain an IEEE 1394 network interface (expecting audio formatted according to IEC 61883-6
formatting rules), and analogue inputs and outputs. Figure 113 shows the front panel of a UMAN

evaluation board which contains a number of analogue input and output connectors.

Figure 113: UMAN evaluation board (front)

220



Figure 114 shows the back panel of a UMAN evaluation board. The back panel of the device
contains an Ethernet management interface, two IEEE 1394 interfaces, AES-3 interfaces, wordclock

interfaces, ADAT interfaces, and MIDI [94] interfaces.

Ethernet IEEE 1394 A3 Wordclock ADAT MID

Figure 114: UMAN evaluation board (back)

It is possible to configure each of these devices such that audio is patched from the various inputs of
the device to the various outputs of the device. For example, audio arriving at the IEEE 1394
interface of the device may be patched through to the ADAT and analogue output interfaces of the
device. Figure 115 is a high-level diagram showing the functionality of a UMAN evaluation board
with its various interfaces and patching capabilities. The devices provide mechanisms that allow their
internal parameters (such as the patching of audio from one interface to another) to be adjusted. The
amplifier nodes are similar to the evaluation boards, except that they provide less functionality in

terms of the audio formats that they are able to process.
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Figure 115: Conceptual routing within a UMAN evaluation board

Each of the UMAN endpoint devices contains an XFN stack. The internal address hierarchy of the
stack is built up to reflect the natural hierarchy of the device. Via the XFN stack, it is possible to

adjust the various parameters of the device. For example, the stack allows for the routing of audio
signals arriving at the inputs of the device to the outputs of the device, and allows for connections to

be established between the device and other IEEE 1394 devices.

9.2 UMAN IEEE 1394 Bridges/Routers

UMAN bridge/router devices are used to bridge IEEE 1394 buses together, and are used to route IP
packets between IP subnets. Figure 116 shows a UMAN bridge/router connecting two IEEE 1394
buses together. This device also contains an Ethernet port to allow for management of the device.
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Figure 116: A UMAN IEEE 1394 bridge/router

The XFN protocol works such that an IEEE 1394 bus is mapped onto an IP subnet, as shown in
Figure 117. When a stream connection is established across one of the UMAN IEEE 1394 bridges,
two separate connections are established: one from the transmitting device to the bridge, and a
second connection from the bridge to the receiving device. The XFN specification works such that
connections are established between devices on an IP subnet. Thus, all of the devices that are able t

make direct connections with each other exist on a unique IP subnet.
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Figure 117: IEEE 1394 bus to IP subnet mapping

Figure 118 shows a UMAN IEEE 1394 bridge/router joining two IEEE 1394 buses together. Each

bus contains IEEE 1394 evaluation devices.

Figure 118: Two IEEE 1394 buses joined with an IEEE 1394 bridge
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Each portal of the IEEE 1394 bridge is able to accept a number of incoming IEEE 1394 isochronous
streams, and is able to transmit a number of IEEE 1394 isochronous streams. The bridge provides
capabilities to bridge these streams from one portal to another. Figure 119 shows an example of a
two portal IEEE 1394 bridge. Each side is both transmitting and receiving IEEE 1394 isochronous

streams. Streams received on one portal are bridged across to the other portal for transmission.

IEEE 1394

IEEE 1394
audio ’ \ \&\ audio

Figure 119: Conceptual stream routing within an IEEE 1394 bridge

9.3 Ethernet AVB Endpoint Devices

As part of this study, a Linux [95] based software system was developed to act as an Ethernet AVB
endpoint device. This device is both a producer and a consumer of analogue audio and of AVTP

Ethernet AVB audio streams (see Section 6.1.2 “Ethernet AVB Audio Frame Formats”).

The device is able to receive analogue audio via an analogue sound card. The device can be
configured to capture this audio, format it appropriately and encapsulate it within AVTP packets.
These packets can then be sourced on an Ethernet AVB network. The device is also able to receive
AVTP packets from an Ethernet AVB network. The audio data contained within these packets is

extracted, formatted appropriately and sourced out of the device’s analogue outputs.

The Ethernet AVB endpoint device contains an XFN stack. This stack builds up an internal tree
structure that reflects the natural hierarchy of the device. Via this XFN stack, the parameters of the

device may be adjusted, allowing for connection management to take place between this device and
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other compatible devices, and internally within the device. The conceptual layout of the device is

shown in Figure 120.

Ethernet AVB

Analogue audio

audio

Figure 120: Conceptual routing within an Ethernet AVB endpoint device

9.4 |EEE 1394 / Ethernet AVB Audio Gateway Devices

A second Linux-based software system has been developed to act as an audio gateway between IEEI
1394 and Ethernet AVB networks. The audio gateway device is able to receive IEEE 1394 packets
containing digital audio (formatted according to IEC 61883-6 formatting rules) via an IEEE 1394
network card. This captured audio is then appropriately formatted and encapsulated within AVTP
frames which are sourced on an Ethernet AVB network. The audio gateway device is also able to
receive AVTP packets (containing audio data) arriving at the Ethernet interface of the device. It is
able to extract audio data from the packets, format it appropriately, encapsulate it within IEEE 1394

packets, and source this audio on an IEEE 1394 network.

The IEEE 1394/Ethernet AVB audio gateway device also contains an XFN stack. This stack builds

up an internal tree structure that represents the natural hierarchical structure of this device. Via this
XFN stack, the parameters of the device may be adjusted allowing for connection management to
take place between this device and other devices, and for connection management to take place

internally within the device. The conceptual layout of the device is shown in Figure 121.
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Figure 121: Conceptual routing within an IEEE 1394/Ethernet AVB audio gateway device

9.5 AVB Device Architecture

The Ethernet AVB devices have been developed as a set of interacting components. Figure 122
shows the architecture of the Ethernet AVB devices. The Ethernet AVB end-point devices do not
contain the 1394 component, and the IEEE 1394/Ethernet AVB audio gateway devices do not

contain the analogue component.
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Figure 122: Ethernet AVB device architecture
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This section provides a brief overview of these components. These components are discussed in

more detail in subsequent chapters.

AVB Device: The AVB Device component coordinates the activities of the system as a whole. It
links the components together and allows for communication to take place between the
components. It ensures orderly initialisation and shutdown of the components of the system.

XEN Stack: The XFN Stack component is an implementation of the XFN protocol (see Section
7.4 "XFN"). It is responsible for all network communication with XFN stacks on other devices,
for interpreting XFN messages from remote devices, for creating appropriate XFN messages for
transmission to remote devices, and for notifying the AVB Device component of any requests
that it should respond to.

MRP Module, MSRP Module and MSRP: The MRP Module component is a kernel module
implementation of MRP (see Section 3.2.1 “Multiple Registration Protocol”). The MSRP Module
component is a kernel module implementation of MSRP (see Section 3.2.4 “Multiple Stream
Reservation Protocol”). The MSRP component allows for user-space applications to interact with
the MSRP kernel module.

AVB: The AVB component is an implementation of the AVTP protocol (see Section 6.1.2
“Ethernet AVB”). It is responsible for accepting audio samples in various formats and for
packetizing them in AVTP frames for transmission onto an AVB network. It is also responsible
for accepting AVTP frames and extracting the audio samples so that they may be passed to other
components.

FAQ: The FAQ component is a placeholder for the implementation of the fABarding and
gueuing rules (see Section 4.2.2 “Forwarding and Queuing”).

MAAP: The MAAP component is an implementation of MAAP (see Section 6.3 “AVTP Address
Allocation”).

Ethernet Driver: The Ethernet Driver component is an Ethernet driver through which Ethernet
frames are sent and received.

1394 and 1394 Driver: The 1394 component is responsible for the reception and transmission of
audio over an IEEE 1394 bus. It is responsible for accepting audio samples in various formats
and packetizing them for transmission, and it is responsible for receiving IEEE 1394 packets and
extracting the audio samples so that they may be passed to other components.

Analogue and Snd Card Driver: The analogue component is responsible for sending and

receiving audio samples to and from an analogue sound card via a sound card driver (Snd Card
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Driver). It is also responsible for accepting audio samples in various formats for transmission,
and for receiving audio samples from a sound card and for passing these to other components of

the system.

9.6 Conclusion

A number of audio devices were used or developed as part of this study. This chapter provided a
brief overview of the functionality of UMAN evaluation devices. It also provided an overview of the
functionality and architecture of the AVB capable devices that were developed as part of this study.
The following chapters will discuss these devices in detail, showing their architecture and the

mechanisms used to achieve audio streaming and control.
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Chapter 10 Ethernet AVB Devices

As part of this study, proof of concept software was developed for computers running the Linux
operating system, enabling them to act as Ethernet AVB endpoint devices, and as IEEE
1394/Ethernet AVB audio gateway devices. Chapter 9 gave a brief introduction to the functionality
of these devices and to their components. This chapter provides a detailed discussion of these
devices, their components, and the operation of these components in order to achieve the first goal of
this work: provide the ability to allow audio data to be transferred from IEEE 1394 to Ethernet AVB

networks, and vice versa.
10.1 Audio Components

The IEEE 1394 and Ethernet interfaces of the Ethernet AVB endpoint devices and the IEEE
1394/Ethernet AVB audio gateway devices can be viewed as audio interfaces, since they are able to
transmit and receive audio streams. As shown in Figure 123, each of these interfaces has the same

conceptual functionality: the ability to receive and transmit audio streams.

Audio

interface

Analogue IEEE 1394

Figure 123: Audio interfaces

With this in mind, the Ethernet AVB endpoint devices and the IEEE 1394/Ethernet AVB audio
gateway devices transfer audio data from one audio interface to another. An endpoint device
transfers audio data from the analogue interface of the device to its Ethernet interface, and vice versa.
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An audio gateway device transfers audio data from the IEEE 1394 interface of the device to its

Ethernet interface, and vice versa.

Each one of these audio interfaces comprises one or more audio inputs and one or more audio
outputs. An audio input is used to receive an audio stream from a source that is external to the
system, and an audio output is used to send an audio stream to a sink that is external to the system
Within a device, an audio input of an audio interface is able to send its received audio stream to one

or more audio outputs of an audio interface. These associations, or connections, are configurable.

Each audio interface of an endpoint or an audio gateway device is modelled in software by a
component. Each input of an audio component keeps track of the output(s) to which it should send its
received audio signal to. Figure 124 shows an IEEE 1394/Ethernet AVB audio gateway device with
an AVB component representing the Ethernet interface of the device, and a 1394 component
representing the IEEE 1394 interface of the device. Each of these components has a number of inputs
and outputs to receive and transmit audio streams. The figure shows how the inputs of one

component may be associated with the output(s) of another component.

Audio . oy [
Audio components with inputs and outputs Audio

streams

!

streams

!

v

A

v

A

v

A

Figure 124: An example audio gateway device with audio components

Audio data that arrives at an input of a component is immediately sent to each of the outputs that it is
associated with, if any. Each one of the audio components accepts audio samples packaged in &

specific format. The audio data is packaged into a format that is appropriate for each specific output
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and is placed into a queue for the output. Each output drains its queue and transmits the audio data

out of the interface that it is representing.

10.1.1Analogue Component

An Ethernet AVB endpoint device contains a software analogue component that is responsible for
reception and transmission of analogue audio. This component interacts with the system’s sound card
driver via theAdvanced Linux Sound Architectu®LSA) system [96]. ALSA provides the Linux
operating system with audio functionality. It supports multiple audio interfaces and provides a user-
space library to allow for audio program development.

In the computer systems used for this study, an analogue component of an Ethernet AVB endpoint
device has one analogue input (which represents the system’s soutidecandnterface) and one
analogue output (which represents the system’s soundspasker ouinterface). These interfaces

are stereo interfaces. Thus, the analogue input and the analogue output can each be viewed as
multicore that contains two channels of audio. A multi-channel sound card would have an analogue

component with more than two inputs and outputs.

An input of the analogue component reads audio samples from ALSA (which originate from the
analogue input of the sound card). The left and right samples are interleaved togetinemia kn

the computers used during this study, the frames are presented to the application in groups of 32
continuous frames at a time. Figure 125 shows an example of the structure of the frames that are
presented to the Ethernet AVB endpoint application by ALSA. For this system, each sample is
formatted as a signed 16-bit little-endian number. Once these samples have been received by the
Ethernet AVB endpoint device, they are transferred to the output(s) associated with the input,

transformed into an appropriate format for the particular output, and then queued for transmission.
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Figure 125: Example ALSA frames

An output of the analogue component is used to transmit audio samples to ALSA (and hence to the

analogue output of the sound card). ALSA expects the samples to be interleaved and to be presentec
in a buffer of frames (each containing two samples for a left and a right channel), as shown in Figure

125. Each sample has to be formatted as a signed 16-bit little-endian number.

10.1.2AVB Component

The Ethernet AVB endpoint devices and the IEEE 1394/Ethernet AVB audio gateway devices each
contain a software AVB component. This component is responsible for the reception and
transmission of AVTP audio streams across an Ethernet network (Section 6.1.2 “Ethernet AVB
Audio Frame Formats” details AVTP). The AVB component is configured to transmit SR class A

streams at a rate of 8000 packets per second. The number of sequences per stream is configurable.

The inputs and outputs of the AVB component are configured in software. Each input is used to
receive a stream of AVTP frames (identified with a stream ID) from an Ethernet AVB network, and

each output is used to transmit a stream of AVTP frames (identified with a stream ID) onto an
Ethernet AVB network. Each input has a stream ID associated with it. This stream ID is configurable
and is used to identify the stream frames that it is to receive from the Ethernet AVB network. Once

an input has received stream frames, the audio samples contained within those frames are transferrec
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to the output(s) associated with the input, transformed to an appropriate format for the particular

output, and queued awaiting transmission.

An output of the AVB component is used to transmit an AVTP audio stream onto an Ethernet AVB
network. Associated with each one of these outputs is a stream ID that is generated when the systerr
is initialised. The first 6 octets of the stream ID are made up of the MAC address that is associated
with the Ethernet interface of the system. The last two octets are generated consecutively for each
AVB output, starting with the value one. Each stream ID (that is associated with an AVB output)

does not change during the lifetime of the program.

Also associated with each output of the AVB component is a unique multicast MAC address. This is
the MAC address to which any stream frames transmitted by the output will be addressed. AVTP has
a reserved range of multicast MAC address which it may use for stream transmission. Table 26 on
page 160 shows this range of addresses. When the system is initialised, MAAP is run such that a
range of multicast MAC addresses is allocated for use by the system. Once the protocol has obtained
a unique range of MAC addresses, each output of the AVB component is assigned a unique multicast
MAC address. Section 6.3 “AVTP Address Allocation” provides an overview of MAAP, and Section

10.4 “MAAP Component” shows its implementation in the AVB devices.

10.1.31394 Component

Each IEEE 1394/Ethernet AVB audio gateway device contains a software 1394 component. This
component is responsible for the transmission and reception of audio streams to and from an IEEE
1394 bus. The formatting and transmission of the audio streams is detailed in Section 6.1.1 “IEEE
1394 Audio Packet Formats”. The inputs and outputs of the 1394 component are configured in
software. An input is used to receive a stream of isochronous packets containing AM824 audio data,
and an output is used to transmit a stream of isochronous packets containing AM824 audio data.

Each 1394 input has an isochronous channel number associated with it. This number represents the
isochronous channel that it will receive isochronous packets on. The isochronous channel number is
configurable. Audio samples that are received at the input (via the isochronous packets) are

transferred to the outputs that the input may be associated with. At the output, the audio samples are

converted to a format that is suitable for the particular output, and queued for transmission.
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Each 1394 output has an isochronous channel number associated with it. When the system is
initialised, unique isochronous channel numbers are allocated to each 1394 output. The availability
of isochronous channel numbers is verified via ¢thannels availableegister of theasochronous
resource managgliRM) node on the IEEE 1394 bus.

The transmission of audio data in CIP packets onto IEEE 1394 buses may take place in one of two
modes: blocking, or non-blocking. When blocking mode is used, a transmitter waits until it receives
a number of events equal to tB& T interval(which is eight when sampling at 48 KHz) before it
transmits a packet. In non-blocking mode, a transmitter will transmit the number of events that it
received since the last isochronous cycle. For transmission onto an IEEE 1394 network, the IEEE

1394 audio devices used in this study made use of the blocking transmission mode.

10.2 Audio Formatting

The packaging of audio data received on an audio interface of either an Ethernet AVB endpoint
device or an IEEE 1394/Ethernet AVB audio gateway device is not compatible with the other
interface of the same device. When transferring audio from one interface to another, the audio data

has to be repackaged into an appropriate format.
10.2.1Ethernet AVB Endpoint Device

When audio data is transferred from the analogue input of an Ethernet AVB endpoint device to an
Ethernet AVB output, the 16-bit audio samples received via the analogue input are packaged into
AVTP frames using the raw AM824 format. In this study, the analogue input of the sound card was
set to sample at 48 kHz. As the analogue input samples audio at 48 kHz, and the AVB output
transmits 8000 packets per second, enentsare packaged into each AVTP packet, as shown in
Figure 126. Eacleventrepresents the simultaneous sampling of the right and left channels of the
analogue input of the device. The samples of the right and left channels each form a sequence

(channel) of audio.
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Figure 126: Packaging of audio in an AVTP frame

Figure 127 shows the packaging of six frames of audio received via ALSA into an AVTP frame.
Each label of each AM824 sample is given the value 0x42 defined to represent a raw audio 16-bit
sample (see Section 6.1.1.3 “IEC 61883-6"). The actual audio sample is placed into the 24-bit data
section with the last octet set to zero. The figure shows the complete packaging of the audio data in
an AVTP stream common frame with a CIP header. The fields of the AVTP and CIP headers are
filled as specified in Section 6.1.2 “Ethernet AVB Audio Frame Formats”.stieam IDfield is set

to the value of the stream ID associated with the AVB component’s outputv Ttimaestamp valid)

field is set to zero indicating that the timestamp is not valid. Timestamps were not included in the
AVTP frames due to the unavailability of a compatible combination of an IEEE 802.1 AS capable
network interface, a suitable driver for the network interface, and gPTP software. Also, the
unpredictable processing nature of user-space programs running on a general purpose operating
system on a general purpose computer result in a timing uncertainty that is higher than that specified
by IEEE 1722 (which is 125us for class A streams (see Section 6.2.2.2 “Presentation Time
Measurement Points”)).
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Figure 127: AVTP common stream header with CIP header and payload

When audio is transferred from an input of the Ethernet interface to an output of the analogue
interface, the audio samples packaged into the received AVTP frames need to be extracted and
packaged appropriately for ALSA to process. As the analogue output of the Ethernet AVB endpoint
device only accepts two channels of audio, only the first two sequences of audio are extracted from
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incoming AVTP frames (if more than two samples exist per event). These samples are then passed to

ALSA, formatted as shown in Figure 125 on page 234.

10.2.2IEEE 1394/Ethernet AVB Audio Gateway Device

When audio samples received via the IEEE 1394 interface of an IEEE 1394/Ethernet AVB audio
gateway device are transferred to its Ethernet interface, the audio data is extracted from the received
CIP packets and placed into AVTP frames. Each AVTP stream can be configured with the number of
sequences it should contain. If an AVTP stream is configured to consaiquences, whereis less

than the number of sequences received on the IEEE 1394 interface, then thesdigstences are
extracted from the received CIP packets, and the rest are discarded, as shown in Figume i$28. If
more than the number of sequences in the received CIP packets, then all of the sequences are
extracted from the isochronous packets and packaged into AVTP frames. The rest of the sequences
in the AVTP frames are zeroed.

CIP Stream AVTP Stream
1 » - -
> —__IITT---- > > 1
4 >
Header Header

Figure 128: Stream sequence mapping

Assume that the packet shown in Figure 129 is received on the IEEE 1394 interface of an IEEE
1394/Ethernet AVB audio gateway device. Also assume that this is the first packet of a stream to
arrive at the audio gateway. The packet contains eight events, as the transmitting IEEE 1394 device
is configured to transmit audio in blocking mode. Each event in the packet contains four samples

(hence, the packet represents four sequences of audio in a stream).
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Figure 129: A received CIP packet

Assume that the IEEE 1394 input that received the packet shown in Figure 129 is associated with an

output of the AVB component, and this output is configured to transmit two sequences of audio. In
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this instance, the audio transmitted by the AVB component will be formatted as shown in Figure
130. The first two sequences of audio of the first six events will be packaged into an AVTP frame,
and this frame will be queued for transmission. The first two sequences of the last two events will be
packaged into the following AVTP frame. This frame will wait for the next IEEE 1394 CIP packet to

arrive, where the first two sequences will be extracted from the first four events and placed into the

remainder of the second AVTP frame. The second AVTP frame will then be queued for

transmission.
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Figure 130: A transmitted AVTP frame

The same is true in the opposite case. Audio samples received in AVTP frames via the Ethernet
interface of an audio gateway device are extracted and placed into CIP packets for transmission onto
the IEEE 1394 bus. The number of sequences transmitted in each IEEE 1394 stream is configurable.
Therefore, if an AVTP stream containssequences, andis greater than the number of sequences
supported by the CIP stream, saythen the firsm sequences are extracted from the AVTP frames
and packaged into CIP packetsnlis less tham, all of the sequences are extracted from the AVTP
frames and placed into CIP packets, and the remaining sequences are zeroed. As the IEEE 1394
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outputs transmit audio in blocking mode, a packet is only queued for transmission once eight events

have been received from the AVB input and packaged into the IEEE 1394 CIP packet.

10.3 Timing and Synchronisation

An IEEE 1394 bridge is responsible for bridging two IEEE 1394 buses together. Each portal of an
IEEE 1394 bridge has an independent 24.576 MHz clock. These clocks typically do not run at
exactly the same rate and drift apart. Thus IEEE 1394 bridges regenerate timestamp values within
CIP packets such that these timestamps are relative to the cycle time of the portal that they are being
transmitted on. See Section 6.2.1.1 “Cross IEEE 1394 Bridge Timestamp Regeneration”. Similar to
an IEEE 1394 bridge, an IEEE 1394/Ethernet AVB audio gateway device has two separate
incompatible clocks for each network type. Thus, it needs to implement similar cross network timing
and synchronisation mechanisms as IEEE 1394 bridges do.

10.3.1Timestamp Regeneration

When audio data is transferred across an IEEE 1394/Ethernet AVB audio gateway, it is essential that
the intended absolute presentation time of the transmitter be maintained. Timestamp values need to

be regenerated such that they are relevant on the network they are being transmitted on.

CIP packets received on the IEEE 1394 interface of an audio gateway device contain &YIB-bit
field that contains the time (relative to the cycle time of the bus from which it was received) that the
time-stamped event in the packet is to be presented at the receiver. The format of this field is the
same as the lower 16-bits of tbgcle timeregister, as shown in Figure 131. T®€éTfield is able to
represent 2(16) 125 us isochronous cycles, which is equal to two milliseconds (125 ps x 16). The
cycle offset field is able to represent up to 3071 ticks of the 24.576 MHz clock, which is equal to
124.96 ps (rounded to two decimal places), after which it rolls over to represent an isochronous cycle
of 125us. Therefore, th8YTfield is able to hold a timestamp value that is up to 2.12496 ms

(rounded to five decimal places) in the future.
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99) Cycle offse(3071)

4 hits 12 bits

Figure 131:SYT field format

AVTP frames received on the Ethernet interface of an AVB device contain a 82ybitimestamp

field that represents the gPTP time (in nanoseconds) that the time-stamped event is to be presented &
the receiver. Thavtp timestamp field is able to represefft & which is equal to more than four
seconds. Thus, thevtp timestamp field may hold a timestamp value that is more than four seconds
into the future.

10.3.1.1 Timestamp Regeneration Example

Figure 132 shows a hypothetical gateway device that is used to join two networks together. Each side
of the device contains an independent clock. The clock on sid#ogk(A of the gateway has a
nominal frequency of 12.5 MHz, and the clock on sideclBck B of the gateway has a nominal
frequency of 25 MHz. A packet arrives at side A of the gateway containing a presentation timestamp
of 16 ticks relative to clock A. This timestamp needs to be transferred across the gateway such that
when it arrives at its destination (on the network attached to side B of the gateway), it should be

presented when clock A reaches a tick count of 16.

The difference between the two clockeg]|ta, needs to be calculated by subtracting clock A’s count
(expressed in block B’s time base) from clock B’s count:

delta = clock coumt— clock COUnt expressed in B's clock time base

When the gateway calculates the difference, clock A’s count is 12 ticks relative to clock A, and clock
B’s count is 36 ticks relative to clock B. In order to convert one clock’s tick count to a tick count that

is expressed relative to the other clock, the frequency difference between the two clocks needs to be
accurately measured (for this example, assume that both clocks have exactly their nominal
frequency). As clock B runs twice as fast as clock A, clock A’s count would have a value of 24 ticks

if it were running at the same rate as clock B. Thus the difference between these two clocks, in clock
B’s time base, is 12 ticks (36 ticks (B) — 24 ticks (A)).
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As the timestamp is going to be transferred from network tikietamp) to network B
(timestamp), it has to be expressed in clock B’s time base. fiihestamp has been generated
relative to clock A’s clock and thus needs to be expressed in clock B’s time base. As clock B is
running twice as fast as clock A, timestamp's value would be 32 ticks if it had been generated
based on clock B’s frequency. Once the timestamp has been converted, the difference between the
two clocks,delta, is added to the converted timestamp to obtain the timestamp value that is to be

transmitted:

timeStamQ = times’[ampexpressed in B’s clock time bade delt@xpressed in B’s clock time base

Thus, in this example, the transmitted timestamp will have a value of 44 ticks (32 ticks + 12 ticks)
which will maintain the original transmitter’s intended absolute presentation time; when clock A

reaches 16 ticks, clock B will reach 44 ticks.

12.5 MHz 25 MHZz
a5 4y
12 36 | T~

Figure 132: Hypothetical timestamp regeneration

10.3.1.2 CIP and AVTP Timestamp Regeneration

Timestamp values contained in CIP packets received via the IEEE 1394 interface of an audio
gateway device need to be transformed into timestamps to be transmitted in AVTP frames via the
Ethernet interface. Also, timestamp values contained in AVTP frames received via the Ethernet
interface of an audio gateway need to be transformed into timestamps to be transmitted in CIP
packets via the IEEE 1394 interface. Thus, receiy¥ditimestamps need to be transformed from a
format that contains eycle countand acycle offsefield (that is expressed relative to the cycle time

on the IEEE 1394 bus) to a nanosecond value (that is expressed relative to the gPTP time on the

Ethernet AVB network). A received avtp timestamp field needs to be transformed from a nanosecond
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value (that is expressed relative to the gPTP time on the Ethernet AVB network) to a timestamp
value that is expressed incgcle countandcycle offsefield (expressed relative to the IEEE 1394

bus’s cycle time).

The transformation of timestamp values should happen in a similar fashion to the method used by
IEEE 1394 bridges, as described in Section 6.2.1.1 “Cross IEEE 1394 Bridge Timestamp
Regeneration”. An IEEE 1394/Ethernet AVB audio gateway device should be able to calculate the
time difference between the clocks of each network. To do this, it must simultaneously read the
current clock times of each network. Once these values have been retrieved, the times should be

expressed in the same unit and the time difference between the two should be calculated.

The gPTP clock time is stored as seconds and nanoseconds. It is possible to convert the current IEEE
1394 clock time to gPTP time with the following formulae:

 gPTP seconds bus time

« gPTP nanosecondsint ((cycle countx 125 ps x 13 + (cycle offsei (125 us x 13/ 3072)))

It is possible to convert the current gPTP clock timéus time cycle countandcycle offsetwith
the following formulae (where % represent a modulo operation):

* bus time= gPTP second 2**

« cycle count int (QPTP nanosecondsl25 ps x 1Y)

« cycle offset int ((QPTP nanosecondg125 ps x 18/ 3072)) % 3072)

Thus, the time difference between the two clocks can be calculated in nanoseconds and IEEE 1394
clock time by ensuring that both clock times are expressed in the same units.

It is possible to convert a timestamp conveyed in a CIP packet to a value that is expressed in
nanoseconds with the following formula:

« int ((cycle counix 125 ps x 1Y) + (cycle offsek (125 ps x 13/ 3072)))

It is possible to convert a timestamp expressed in nanoseconds conveyed in an AVTP frame to a
value that is expressed in IEEE 1394 cycle coantkcycle offsetwith the following formulae:

« cycle count int (@@vtp timestamp / 125 ps x3 @6 8000)

« cycle offset int (@vtp timestamp / (125 us x°1008072)) % 3072)
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With the above information, a received timestamp in a CIP packet can be transmitted in an AVTP
frame by converting th&YTvalue to a nanosecond value, and adding the nanosecond difference
between the two clocks. A received timestamp in an AVTP packet can be transmitted in a CIP packet
by converting theavtp timestamp value to &\ Tvalue and by adding the time difference between

the two clocks (expressed in IEEE 1394 clock time) to it.

10.3.1.2.1CIP and AVTP Timestamp Regeneration Example

Assume that an IEEE 1394/Ethernet AVB gateway device at a particular time has the times as shown
in Table 40.

IEEE 1394 gPTP
Bus time 12 s gPTP seconds 34s
Cycle count 100 cycles gPTP nanoseconds | 15,187,500 ns
Cycle offset 768 ticks

Table 40: Clock times

The above IEEE 1394 time can be converted to gPTP time, and the above gPTP time can be
converted to IEEE 1394 time, as shown in Table 41.
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IEEE 1394 -> gPTP gPTP - IEEE 1394

gPTP seconds Bus time
= bus time = gPTP second%s 2*
=12s =34% >
=34s
gPTP nanoseconds Cycle count

= int ((cycle countx 125 x 16) + (cycle offset | = int (JPTP nanosecondsl25 x 16)

(125 x 13/ 3072))) = int (15,187,500 / 125 x £p
= int ((100 x 125 x 1¥) + (768 x (125 x 10/ | = int (121.5)
3072)))

= 12,531,250 ns

=121 cycles

Cycle offset

= int ((QPTP nanoseconds(125 x 16 / 3072))
% 3072)

= int ((15,187,500 / (125 x £ 3072)) % 3072)
= 1536 ticks

Table 41: Converted clock times

Once both networks times have been converted to a common base, the difference between the twc
clocks can be calculated, as shown in Table 42.

Time difference: gPTP Time difference: IEEE 1394

= (34 s 15,187,500 ns) — (12s 12,531,250 ns) = (34 s 121 cycles 1536 ticks) — (12 s 100 cyc
= 22s 2,656,250 ns 768 ticks)

Cles

= 22 s 21 cycles 768 ticks

Table 42: Clock time differences

Assume that a CIP packet arrives at the IEEE 1394 interface of the audio gateway device (shortly
after the readings in Table 40 were taken) wittyele couniof 12 cycles and aycle offsebf 2304

ticks. This means that presentation time of the time-stamped event is 12 s, 108 cycles and 2304 ticks.
This is calculated as follows:

e bustime
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= node’s bus time
=12s
» cycle count
= (node’scycle coun®& O0x1FFO) | SYT cycle count
= (100 & Ox1FFO0) | 12
=96|12
=108 cycles
» cycle offset
= SYT cycle offset
= 2304 ticks

The cycle countalculation replaces the lower four bits of the node’s cycle aeitimthe four bits of
the cycle countfield of the CIP packet's SYT field. The time value would be converted to a gPTP
time of 12 s 13,593,750 ns. This value is calculated as follows:
» gPTP seconds bus time
=12
« gPTP nanosecondsint ((cycle countx 125 ps x 1%) + (cycle offse (125 us x 10/ 3072)))
= int (108 x 125 ps x TP+ (2304 x (125 ps x £0 3072)))
=int (13,500,000 + 93750)
= 13,593,750 ns

The difference between the two clocks (22s 2,656,250 ns) is added to this to yield a presentation time
of 34 s 16,250,000 ns. This time value is then converted to a nanosedprianestamp (using the
formula from Table 22 on page 149). The formula for this conversion is:
e avtp timestamp

= (gPTP seconds 10’ + gPTP nanoseconj$s 2*

= (34 x 10 + 16,250,000) %%

= 3,951,478,928 ns

If an AVTP frame arrives at the Ethernet interface of the audio gateway device (shortly after the

readings in Table 40 were taken) withartp timestamp value of 3,951,478,928 ns, this would mean

that the presentation time of the time-stamped event is 34 s 16,250,000 ns. This is calculated as
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follows (assume that at the time that the frame arrived, the gPTP nanoseconds advanced to
15,200,500 ns):

= ((gPTP seconds 10 + gPTP nanoseconji& OxFFFFFFFFFFFFO0000000) | avtp timestamp

= ((34 x 10 + 15,200,500) & OxFFFFFFFFFFFFO0000000) | 3,951,478,928

= 34,016,250,000

=34 s 16,250,000 ns

This calculation replaces the lower 32-bits of the time with the timestamp value conveyed in the
AVTP frame. The value converted to IEEE 1394 time is 34 s, 130 cycles, 0 ticks. This time value is
calculated as follows:
« bus time= gPTP second% 2**

=349 3

=34s
« cycle count int (QPTP nanosecondsl25 ps x 1Y)

= int (16,250,000 / 125 x £p

=int (130)

=130 cycles
« cycle offset int ((PTP nanosecondg125 ps x 19/ 3072)) % 3072)

= int ((16,250,000 / (125 ps x 103072)) % 3072)

=int (399,360 % 3072)

=int (0)

=0 ticks

The difference between the two clocks (22 s, 21 cycles, 768 ticks) is subtracted from this value to
yield a value of 12 s, 108 cycles, 2304 ticks. Thus, the value of the SYT field would be 12 cycles,
2304 ticks (the lower four bits of 108 is equal to 12).

10.4 MAAP Component

As part of this study, a reusable MAAP component was developed. This component is an
implementation of MAAP (see Section 6.3 “AVTP Address Allocation”) and is responsible for the
allocation of multicast MAC addresses for AVTP frame transmission. Each AVB capable device

contains a MAAP component. The MAAP component defin®A&P struct and a set of functions
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that act on it, and BIAAPAddressRange struct and a set of functions that acts on it. M&AP
struct represents the MAAP protocol and is responsible for keeping track of the protocol’s state. The

MAAPAddressRange struct represents a range of dynamically allocatable MAAP MAC addresses.

10.4.1 MAAP struct

The AVB devices making use of MAAP creat®&AP struct, and initialise it with tMAAP_init

function. The signature of ttdAAP_init function is shown in Listing 2. Thaap argument is a
pointer to theMAAPstruct to be initialised. ThethIFName argument is the name of the Ethernet
interface on which MAAP will transmit and receive frames. This could be “ethQ”, for example. The
MAAP_AddressRangeNoLongerAvailableCallback argument is a pointer to a user

supplied callback function. When an address range that has been acquired by MAAP is no longer
available for use (for example, if two networks are joined together, and another device announces
that is it using a range of MAC addresses that MAAP has acquired), the application is notified of this
via this callback. The callback function has a single argument, which is a pointer to a
MAAPAddressRange struct. This struct represent the range of addresses that are no longer

available.

int MAAP_init (
MAAP * maap,
char * ethIFName,
MAAP_AddressRangeNoLongerAvailableCallback
notAvailableCallback);

Listing 2: MAAP_i ni t function

Once aMAAP struct has been successfully initialised, it can be used to acquire ranges of dynamically
allocatable multicast MAC addresses. The MAAP component defines two functions for achieving
this. These functions are shown in Listing 3. TMAAP_generateRandomMACAddresses

function returns a randomly generated consecutive range of MAC addressesadfhargument is

a pointer to thevIAAP struct previously initialised. ThemConsecutiveAddresses argument

is the number of addresses that the application is requesting. When this function is called, a random

range of addresses are generated that do not conflict with any other addresses previously acquired by
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this instance of MAAP, or any other address ranges recently announced by other instances of
MAAP. MAAP then transmitdMAAP probemessages to the network to probe the availability of the
address range. If after thr&®AAP probetransmissions nMAAP defend messages are received for

the address range, the address range is passed back to the caller via a MAAPAddressRange struct.

MAAPAddressRange * MAAP_generateRandomMACAddresses (
MAAP * maap,
uintl6 numConsecutiveAddresses);

MAAPAddressRange * MAAP_tryGetMACAddresses (
MAAP * maap,
uint8 startAddress [6],

uintl6 numConsecutiveAddresses);

Listing 3: MAAP methods for acquiring MAC addresses

The MAAP_tryGetMACAddresses function tries to acquire the range of MAC addresses
supplied by the caller. TheartAddress argument is the first address of the range that the caller

would like to acquire, and th@aumConsecutiveAddresses argument is the number of
consecutive addresses that the caller would like to acquire. When this function is called, MAAP
starts the probe procedure, and if no other instance of MAAP tries to defend the use of the address
range, the address range is acquired. If another instance of MAAP defends the use of the address
range, MAAP proceeds asMAAP_generateRandomMACAddresses was called and returns a

randomly generated address range.

10.4.2MAAPAddr essRange struct

The MAAPAddressRange struct represents a range of dynamically allocatable MAAP MAC
addresses and is returned by the functions shown in Listing 3. The members of the
MAAPAddressRange struct should be considered opaque and all interaction with the struct should
be via the defined functions. The MAAP component defines the
MAAPAddressRange_getAddress method that allows for the retrieval of a single MAC

address out of a MAC address range representedvidAd AddressRange struct. This function is
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shown in Listing 4. TheanaapAddressRange argument is the MAAPAddressRange struct
which represents the range of addresses from which to get the addresalekhargument is the
index of the address to obtain, with O being the first addressadtieess argument is a user
supplied buffer into which the address is placed. dtidressSize  argument is the size of the

address buffer. The size of the buffer has to be at least 6 octets in size to ensure that a 48-bit MAC

address can be copied into it.

int MAAPAddressRange getAddresss (
MAAPAddressRange * maapAddressRange,
int index,
uint8 address [6],

int addressSize);

Listing 4: MAAPAddr essRange_get Addr ess function

10.4.3MAAP Utilisation

When an AVB device is initialised, the MAAP component is initialised and the application requests
a range of dynamically allocatable MAAP MAC addresses. The number of requested MAC
addresses is dependent on the number of AVTP stream outputs that the AVB component
implements. Once MAAP returns a range of MAC addresses, a MAC address is allocated to each of
the AVB component’s outputs. The allocated MAC address is the address that the output will use to
transmit its stream frames on (i.e., it is the address set in each Ethernet ttastieation address

field).

10.5 MRP Component

Each AVB device contains multiple registration protocol(MRP), multiple VLAN registration
protocol (MVRP), multiple MAC registration protoco(MMRP), andmultiple stream reservation
protocol (MSRP) component. These components were implemented as Linux kernel modules. The
MRP kernel module implements the MRP protocol (see Section 3.2.1 “Multiple Registration

Protocol”) for an end station. It is responsible for keeping track of attributes, and their declaration
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and registration states. It is also responsible for communicating attribute declaration and registration

states to a bridged LAN to make other MRP kernel modules aware of attribute declarations.

The MRP kernel module defines amrp struct that represents the MRP protocol and keeps track of
the protocols state. All of the members of the struct should be considered opaque. All interaction
with themrp struct occurs via a set of defined functions. An MRP application (e.g., MSRP) creates
one of thesenrp structs and initialises it with a call to therp_init function. The signature of the

mrp_init function is shown in Listing 5.

int mrp_init (
struct mrp * mrp,
const u8 application_address [6],
ulé6 ether_type,
const char * port_name,
struct mrp_ops * mrp_ops,
int protocol_version,

int use_attribute_list_length);

Listing 5: nT p_i ni t function

The mrp argument is a pointer to the createdrp struct that is to be initialised. The
application_address argument is the reserved MAC address that the application uses to
transmit and receive Ethernet frames. Each MRP application defines its own unique MAC address
(from a set of addresses reserved for such use) used for communication between instances of the
MRP application. Currently, three MRP applications have been defined (MMRP, MVRP, and
MSRP), and each one of these has been assigned a unique MAC address. These addresses have be
defined in the MRP kernel module as shown in Listing 6. The MRP kernel module registers the
supplied MAC addresses with the kernel in order to instruct the kernel to pass it any frames destined

to that address.
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const u8 mrp_application_address_mmrp [6] =
{0x01, 0x80, Oxc2, 0x00, 0x00, 0x20};

const u8 mrp_application_address_mvrp [6] =
{0x01, 0x80, Oxc2, 0x00, 0x00, 0x21};

const u8 mrp_application_address_msrp [6] =
{0x01, 0x80, Oxc2, 0x00, 0x00, 0x22};

Listing 6: MRP application addresses

The ether_type argument is the EtherType that the MRP application uses for its frames. Each

MRP application defines its own unique EtherType, as shown in Listing 7.

#define MRP_ETHERTYPE_MMRP 0x88F6
#define MRP_ETHERTYPE_MVRP 0x88F5
#define MRP_ETHERTYPE_MSRP 0x22EA

Listing 7: MRP application EtherTypes

The port_name argument is the name of the port that the MRP application will transmit and
receive its frames on. For example, this could be the value “ethO0”’mfpeops argument is a
pointer to an mrp_ops struct that contains pointers to various user defined callback functions. These
callbacks are discussed in Section 10.5.2 “MRP Callbacks”. The protocol_version argument is

the version of the MRP application. Each MRP application defines the version number to use. The
protocol version is carried within MRPDUs and allows for future extensions to the protocols. The
use_attribute list_length specifies whether the MRP application makes use of the

attribute list length field inside each message of an MRPDU .attndbute list length field specifies

the number of octets that the list of attributes within a message of an MRPDU uses. Currently,
MMRP and MVRP do not make use of this field, whereas MSRP does.

Once an MRP application is done with ramnp struct, it callsmrp_clean_up passing it a pointer

to the creatednrp struct. Themrp_clean_up function’s signature is shown in Listing 8. This

function is responsible for releasing any resources that were acquired by the MRP kernel module.
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void mrp_clean_up (struct mrp * mrp);

Listing 8: nr p_cl ean_up function

10.5.1 Attribute Registration

An MRP application is able to request MAD to declare attributes, and withdraw attribute
declarations. MRP defines thdAD join requestand theMAD leave requesservice primitives
which are represented in the MRP kernel module bymihg mad_join_request_notify

function (shown in Listing 9) andnrp_mad_leave_request_notify function (shown in

Listing 10).

When an MRP application would like to declare an attribute, it makes a call to
mrp_mad_join_request_notify. The signature of this function is shown in Listing 9. The

mrp argument is a pointer to thmrp struct that was previously initialised. Théribute_type

argument is the numeric value that is used to uniquely identify the attribute that the application
would like to declare. Each MRP application defines unique numeric values for the attributes that it
defines. MSRP, for example, defines unique numeric valuetalier advertisetalker failed, and
listener attributes. Theattribute_value argument represents an instance of the attribute
identified by theattribute type argument. The four_packed_type argument is only used

by MSRP forlistenerattributes to specify their type (i.e., eithistener readylistener ready failed,

or listener failed) MSRP defines unique numeric values for each of the listener attribute types. The
new argument is a Boolean argument whose value is used to indicate an explicitly signalled new
attribute declaration. When an MRP application makes an attribute declaration, it may explicitly

signal to other MRP applications that the declaration is new.
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int mrp_mad_join_request_notify (
struct mrp * mrp,
int attribute_type,
void * attribute_value,

int four_packed_type,

int new);

Listing 9: nr p_mad_j oi n_r equest _not i fy function

When an MRP application would like to withdraw an attribute declaration, it makes a call to
mrp_mad_leave_request_notify. The signature of this function is shown in Listing 10. The
arguments have the same definitions as those defined for the

mrp_mad_join_request_notify function call.

int mrp_mad_leave_request_notify (
struct mrp * mrp,
int attribute_type,

void * attribute_value);

Listing 10: nr p_mad_| eave_request _noti fy function

10.5.2MRP Callbacks

The MRP kernel module defines a number of callback functions that have to be implemented by an
MRP application. These callback functions either notify the MRP application of various events, or
request application specific information. Whennarp struct is initialised, it expects a pointer to an
mrp_ops struct that contains a number of function pointers defined by the MRP application. A

portion of the mrp_ops struct is shown in Listing 11.
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struct mrp_ops

{
mrp_mad_join_indication mad_join_indication;

mrp_mad_leave_indication mad_leave_indication;

Listing 11: nT p_ops struct

Listing 11 only shows the two most important members ofnthe ops struct. The definitions of
these members are shown in Listing 12 and Listing 13. MRP defin&ABgoin indication and the
MAD leave indication service primitives to notify an MRP application of changes in attribute
registration. These service primitives are represented by two callbackdMADegoin indication
service primitive is represented by tmep_mad_join_indication callback (shown in Listing

12), and the MAD leave indication service primitive is represented by the

mrp_mad_leave_indication callback (shown in Listing 13).

When an attribute is registered by an MRP application’s MAD component, the MAD component
notifies the participant of this registration via thiep_mad_join_indication callback. The

mrp argument is a pointer to the MRP application that the attribute registration is related to. The
attribute_type argument is a numeric value indicating the attribute type. For example, MSRP
defines atalker advertiseattribute and it defines a unique numeric value to represent that attribute.
The attribute_value argument is the actual value of the attribute instance. For example, this

could be an MSRP applicatiortalker advertisettribute with all of its fields. It is the responsibility

of an MRP application to extract the fields out of the data buffer to waticibute value

points. Thefour_packed_type argument is a numeric value used by listener attributes to
indicate their type (eithdistener readylistener ready failed, olistener failed). Thenew argument

is a Boolean argument whose value is used to indicate an explicitly signalled new declaration. When
an MRP application makes an attribute declaration, it may explicitly signal that the declaration is
new. When the attribute is registered with other participants on the LAN, they are notified of this via

this new argument.
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typedef int (*mrp_mad_join_indication) (
struct mrp * mrp,
int attribute_type,
void * attribute_value,
int four_packed_type,

int new);

Listing 12: nr p_mad_j oi n_i ndi cat i on callback function

When an attribute is deregistered by an MRP application's MAD component, it notifies the
participant of this deregistration via thep_mad_leave_indication callback. The argument

definitions of this callback are the same as those defined for the mrp_mad_join_indication.

typedef int (*mrp_mad_leave_indication) (
struct mrp * mrp,
int attribute_type,
void * attribute_value,

int four_packed_type);

Listing 13: nr p_nmad_| eave_i ndi cat i on callback function

10.5.3MRP Kernel Module Usage

Figure 133 shows an example of how the MRP kernel module is used when declaring an attribute (in
the simplest case). An MRP application has an attribute that it would like to declare and it invokes
the mrp_mad_join_request_notify function for the attribute (indicated by the number 1).

The MRP kernel module adds the attribute to a list of attributes that it is keeping track of (if the
attribute is not already there), as indicated by the number 2 (in the MRP kernel module
implementation, the attributes are kept in a linked list). A newly added attribute has its applicant and
registrar state machines initialised by signalling them witkeiag event, and then the attribute’s
applicant state machine is signalled withoa event, as discussed in 3.2.1.3.2 “Applicant State
Machine”. The attribute declaration is communicated to the LAN segment that the MRP application
is associated with and it is registered on other participants (indicated by the number 3). The
participant adds the attribute to a list of attributes that it is keeping track of (if it not already in the

list). A newly added attribute has its applicant and registrar state machines initialised by signalling
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them with abeing event, and then its registrar state machine is signalled wettee join empty
event, as discussed in Section 3.2.1.3.3 “Registrar State Machine”. Once the attribute has been
registered, the attribute registration is communicated to the MRP application via the
mrp_mad_join_indication callback function. The MRP application then decides on what to

do with the attribute.

i

mrp_mad_join_request_notify

mrp_mad_join_indication

2 4
MRP MRP
I I
I o |

Figure 133: MRP kernel module attribute declaration

Figure 134 shows an example of how the MRP kernel module is used when withdrawing an attribute
declaration (in the simplest case). When an MRP application would like to withdraw a declared
attribute, it invokes the mrp_mad_leave_request_notify function for the attribute (indicated

by the number 1). The MRP kernel module iterates through the attributes that it is keeping track of to
locate the attribute (indicated by the number 2). Once the attribute has been located, the attribute’s
applicant state machine is signalled witteaveevent, as discussed in Section 3.2.1.3.2 “Applicant
State Machine”. The withdrawal of the attribute declaration is communicated to the LAN segment
(as indicated with the number 3). Any station on the LAN segment that has previously registered the
attribute has the attribute’s registrar state machine signalled wehease leaveevent which will

cause the attribute to be deregistered (assuming that no other station on the LAN segment has
declared the attribute). The attribute deregistration is indicated to the MRP application via the
mrp_mad_leave_indication callback function (indicate by the number 4). The MRP

application decides on how to behave when it receives notification of the attribute deregistration.
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Figure 134: MRP kernel module attribute declaration withdrawal

10.6 MMRP and MVRP Kernel Modules

As part of this study, kernel modules were developed to represent MMRP, MVRP, and MSRP
applications for end stations. This section discusses the MMRP and MVRP kernel modules, as they
are very similar. Section 10.7 “MSRP Kernel Module” discusses the MSRP kernel module.

The MMRP and MVRP kernel modules make use of the functionality provided by the MRP kernel
module. These modules are responsible for defining attribute types, the semantics associated with
their attribute registrations, and for defining an interface to allow for other modules to interact with
them.

MMRP is represented with ammrp struct, and MVRP is represented withrawp struct. Each
struct’s only member is amrp struct. When each of these modules is loaded into the kerneilrgts

struct is initialised (they each run an independent copy of MRP). These structs are shown in Listing
14 and Listing 15.
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struct mmrp

{

struct mrp mrp;

|8

Listing 14: rmr p struct

struct mvrp

{

struct mrp mrp;

|5

Listing 15: nmvr p struct

The MMRP specification defines service primitives that allow for the registration of MAC addresses.
These service primitives are represented in the MMRP kernel module with the functions shown in
Listing 16.

int mmrp_register_mac_address (u8 mac_address [6]);

int mmrp_deregister_mac_address (u8 mac_address [6]);

Listing 16: MMRP functions

The mmrp_register_mac_address function represents MMRP’s  register MAC address
service primitive. It allows an application to request the reception of frames with a certain destination
MAC address. Figure 135 shows two stations on a LAN segment each having an MMRP kernel
module. Each one of these MMRP kernel modules makes use of the functionality of an MRP kernel
module. An application calls themrp_register_mac_address function and supplies it with

the multicast MAC address. This function catisp_mad_join_request_notify in order to

declare a MAC attribute. Other stations on the LAN segment register the attribute. The MMRP
module is notified of the MAC attribute registration via thep_mad_join_indication

callback function. When this callback is called within a bridge, the bridge will be configured to
forward frames with the given MAC address out of the port that registered the attribute. An end

station that would like to transmit frames with the MAC address can use the registration information
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to decide whether or not any station is interested in receiving the frames (i.e., a lack of a MAC
attribute registration for the MAC address indicates to the end station that there is no interest in

frames destined to the MAC address).

mmrp_register_mac_address

Configure“frame

join_request_notify

Figure 135: MMRP kernel module usage

The mmrp_deregister_mac_address function represents MMRP’s  deregister MAC address
service primitive. When called, it withdraws the MAC attribute declaration for the supplied MAC
address by callingirp_mad_leave_request_notify for the MAC attribute. Any bridges that

deregister the MAC attribute are configured to filter the frames with the given MAC address (that
were previously forwarded towards the station that made the attribute declaration). When the
attribute is deregistered from an end station, it can use this information to stop the transmission of
frames destined to the MAC address as it knows that no stations are interested in receiving the

frames.

The MVRP kernel module has two functions that are used to represent the service primitives of
MVRP. These functions are shown in Listing 17. Each one of the functions has a single parameter
that is used to represent a VLAN ID. Therp_register_vlan_member function is used by a
station to become a member of a VLAN, andrinep_deregister_vlan_member is used by

a station to deregister its VLAN membership.
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int mvrp_register_vlan_member (ul6 vid);

int mvrp_deregister_vlan_member (ul6 vid);

Listing 17: MVRP functions

When themvrp_register_vlan_member function is called, MVRP declares a VLAN attribute

with a value that is equal to the requested VLAN ID. The declaration of the attribute is performed via
themrp_mad_join_request_notify function call. This ensures that the attribute declaration

is communicated to the bridged LAN, which may result in the attribute being registered (if it is not
already registered) on the ports of the bridges and other end stations of the bridged LAN. When the
attribute is registered, the bridges and end stations are configured such that they will forward frames

that are part of the VLAN towards the station that made the attribute declaration.

When the mvrp_deregister_vlan_member function is called, it withdraws the VLAN

attribute  declaration.  This  attribute  declaration  withdrawal happens via the
mrp_mad_leave_request_notify function. The attribute declaration withdrawal is
communicated to the bridged LAN, which may result in the attribute being deregistered from the
ports of the bridges and end stations of the bridged LAN. The attribute will not be deregistered from
all ports if other stations on the network have declared the same attribute. When the attribute is
deregistered, the stations are configured to not forward frames that are part of the VLAN out of the
port that deregistered the attribute.

10.7 MSRP Kernel Module

A kernel module was developed to represent an MSRP application for an end station. MSRP was
implemented as a kernel module as it is responsible for configuring low-level network parameters
(such as those of the credit-shaper algorithm (see Section 4.2.2 “Forwarding and Queuing”)). The
kernel module has been implemented independently of any application that makes use of it. This
promotes reusability of the module allowing multiple applications and future applications to make

use of it.
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The operation of MSRP is defined in Section 3.2.4 “Multiple Stream Reservation Protocol”. The
MSRP kernel module makes use of the functionality of the MRP kernel module, as well as the
functionality of the MVRP kernel module, and optionally the MMRP kernel module if talker pruning

is enabled talker pruning is used to limit the scope tailker attribute propagation to just those
listeners interested in the stream on offer (see Section 3.2.4.2 “Talkers Advertising Streams”)). The
MSRP kernel module defines amsrp struct, as shown in Listing 18. This listing shows the most
important members of thesrp struct: anmrp struct and a pointer to ansrp_ops struct. When

the kernel module is loaded into the kernel, therp struct is initialised, which includes the

initialisation of the mrp struct.

struct msrp

{

struct mrp mrp;

struct msrp_ops * msrp_ops;

Listing 18: nsr p struct

The msrp_ops struct contains pointers to user defined callback functions. An application that
would like to make use of the MSRP kernel module defines the callback functions, and registers
them with the MSRP kernel module. These callback functions allow the MSRP kernel module to
notify the user of the module of any relevant events. These callback functions are discussed in
Section 10.7.2 “MSRP Callback Functions”.

10.7.1MSRP Functions

The MSRP kernel module has a number of functions that allow for talkers to register and deregister
streams, and for listeners to register and deregister attachment to streams that are available from
talkers. This section provides an overview of the functionality provided by the MSRP kernel module.
Section 10.7.4 “Using the MSRP User-space Functions” discusses how the MSRP kernel module is

used from user-space by the AVB devices that were developed during this study.
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10.7.1.1 Registering Streams

When a talker has a stream to offer, it has to register this stream with an AVB network by declaring a
talker attribute for the stream. The MSRP kernel module allows for talkers to register streams with
the msrp_register_stream_request function. This function represents the MSRP register

stream requesservice primitive. Thensrp_register_stream_request function is shown in

Listing 19.

int msrp_register_stream_request (
u8 stream_id [8],
int declaration_type,
struct msrp_data_frame_parameters *
msrp_data_frame_parameters,
struct msrp_tspec * msrp_tspec,
struct msrp_priority_and_rank * msrp_priority_and_rank,

u32 accumulated_latency);

Listing 19: msr p_r egi st er _stream r equest function

This function has the following arguments:
» stream_id: The value of the stream_id argument is the 64-bit stream ID used to uniquely
identify the stream being advertised by the talker. It is up to the talker to generate the stream ID.
» declaration_type: The value of the declaration_type argument is a numeric value
indicating the type of talker attribute that the talker should declare. The value of this argument
indicates either an attribute declarationtalker advertise or of talker failed. If the talker has
sufficient resources to support the stream, the declaration type is set to talker advbeisese
it is set to talker failed.
 msrp_data frame_parameters: The msrp_data frame_parameters argument is
a pointer to amsrp_data_frame_parameters struct. Listing 20 shows the members of
this struct. Thelestination_address field’s value contains the destination MAC address
of the transmitted stream. Thitan_identifier field’s value contains the VLAN ID of the

VLAN that the stream will be transmitted on. In its default configuration, AVB uses VLAN 2.
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struct msrp_data_frame_parameters

{

uint8 destination_address [6];

uintl6 vlan_identifier;

Listing 20: msr p_dat a_f rame_par anet er s struct

 msrp_tspec: The msrp_tspec argument is a pointer to anmsrp_tspec struct. The
members of this struct are shown in Listing 21. Wex_frame_size field’s value represents
the maximum size that any frame that is part of the stream may be. The
max_interval_frames field’'s value represents the maximum number of frames that will be
transmitted in onelass measurement intervefor a class A stream, tlebass measurement
interval is 125us, and for a class B stream, thess measurement intervad 250us. The
max_frame_size and the max_interval_frames values are used by bridges to calculate

the stream’s bandwidth requirements and to reserve resources for the stream.

struct msrp_tspec

{

uintlé max_frame_size;

uintlé max_interval frames;

Listing 21: msr p_t spec struct

e msrp_priority_and_rank: The msrp_priority_and_rank argument is a pointer to
anmsrp_priority_and_rank struct. Listing 22 shows this struct (the listing shows Little-
Endian bit fields and would need to be reversed when using Big-Endian bit fields). The
data_frame_priority field’s value represents the priority value that the stream will be
tagged with. By default, class A streams are transmitted using priority three, and class B streams
are transmitted using priority two. Thank field’s value is used to determine a stream’s
importance. A lower numeric value has a higher importance that a higher numeric value. This

could be used, for example, to allow the placement of an emergency phone call on a network that
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is already being used to its capacity. A lower rank stream will be dropped in favour of the higher

rank stream should resources be constrained.

struct msrp_priority_and_rank
{

uint8 reserved : 4;

uint8 rank : 1;

uint8 data_frame_priority : 3;
3

Listing 22: msrp_pri ority_and_rank struct

* accumulated_latency: The value of this field represents the worst case latency that the
stream will encounter from the talker to the Ilistener. When a talker calls
msrp_register_stream_request, it initially sets this argument’s value to an amount that
specifies the amount of latency that a stream’s frames will encounter before being passed to the
MAC service. MSRP then adds the maximum per-port per-traffic class latency that the frame
may experience through the underlying MAC service to this argument.

When a talker makes a call masrp_register_stream_request, MSRP makes a call to the
MRP module’smrp_mad_join_request_notify function to request that a talker attribute be
declared (the type ofalker attribute is dependent on the value of theclaration_type
argument). The fields of thelker attribute (as shown in Section 3.2.4.5Thafker Attributes”) are

filled with the values passed into the msrp_register_stream_request function.

10.7.1.2 Deregistering Streams

When a talker no longer has, or wants to, offer one of its previously advertised streams, it calls the
msrp_deregister_stream_request function. This function represents MSRP’s deregister

stream requesservice primitive, and its signature is shown in Listing 23. The caller of this function
supplies the stream’s stream ID as an argument to the function. Calling this function results in a call
being made tonrp_mad_leave_request_notify for the talker attribute that has the supplied
stream ID.
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int msrp_deregister_stream_request (u8 stream_id [8]);

Listing 23: msr p_der egi st er _st ream r equest function

10.7.1.3 Receiving a Stream

When a listener would like to receive a particular stream, it makes a call to the MSRP kernel
module’s msrp_register_attach_request function. This function represents MSRP’s

register attach requestervice primitive, and its signature is shown in Listing 24.

int msrp_register_attach_request (
u8 stream_id [8],
int declaration_type);

Listing 24: msr p_regi ster _attach_request function

The stream_id argument should be supplied with a value that is equal to the stream ID of the

stream that it would like to receive (i.e., one of the streams that were advertised by a talker on an

AVB network). Thedeclaration_type argument should be set to the type of listenerattribute

that should be declared (a numeric value representisteaertype of eitheready, ready failed, or

asking failed). The value of thaeclaration_type argument is dependent on the type of talker

attribute registered for the stream. A listener searches through its list of attributes falkdine

attribute with the stream ID of the stream it would like to receive.

 If the talker attribute is not found, or atalker failed attribute is found, the
declaration_type argument is set to asking failed.

» If the talker attribute is found and its type islker advertise the declaration_type

argument is set to ready

A call is made tomrp_mad_join_request_notify to request MAD to declare a listener
attribute of the type specified by thaeclaration_type argument. The declared listener

attribute’s stream ID field is set to the value of the stream_id argument.
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10.7.1.4 Stopping Stream Reception

If a listener is receiving a stream and it would like to stop this reception, it makes a call to the MSRP
kernel module’smsrp_deregister_attach_request function. This function represents

MSRP’s deregister attach requestervice primitive, and its signature is shown in Listing 25. An
application supplies this function with the stream ID of the stream that it no longer would like to
receive. This function then calls therp_mad_leave_request_notify function to withdraw

the listenerattribute that has the stream ID indicated by the stream_id argument.

int msrp_deregister_attach_request (
u8 stream_id [8]);

Listing 25: msr p_der egi st er _attach_r equest function

10.7.2MSRP Callback Functions

The MSRP kernel module defines a number of callback functions that a talker and/or listener should
supply to it such that the module can notify it of certain events taking placesAm ops struct

has been defined that contains pointers to the callback functions. The members of this struct are
shown in Listing 26. The callback functions’ signatures are shown in Listing 28 through to Listing
31.
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struct msrp_ops
{
msrp_register_attach_indication
register_attach_indication;
msrp_deregister_attach_indication
deregister_attach_indication;
msrp_register_stream_indication
register_stream_indication;
msrp_deregister_stream_indication

deregister_stream_indication;

Listing 26: msr p_ops struct

10.7.2.1 Callback Registration

The user of the MSRP kernel module should register an instancenaranops struct with the
MSRP kernel module to supply the module with pointers to application defined callback functions.
The MSRP kernel module defines thesrp_register function that allows an application to

register the callback functions with the module. Listing 27 shows the signature of this function.

void msrp_register (struct msrp_ops * msrp_ops);

Listing 27: msr p_r egi st er function

10.7.2.2 Stream Registration Notification

Listing 28 shows thensrp_register_stream_indication callback function. This function

is used to represent MSRR&gister stream indication service primitive. When a talker advertises a
stream on a bridged LAN, each listener is notified of the stream’'s presence via the
msrp_register_stream_indication callback function. When a talker attribute is
registered on a listener, the MRP kernel module notifies the MSRP kernel module of this attribute
registration via thenrp_mad_join_indication callback function. The MSRP kernel module

then in turn notifies the listener of the stream’s presence via the

msrp_register_stream_indication callback function. The definitions of the function’s
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arguments are the same as those defined fom#rp_register_stream_request function

shown in Section 10.7.1.1 “Registering Streams”.

typedef int (*msrp_register_stream_indication) (
u8 stream_id [8],
int declaration_type,
struct msrp_data_frame_parameters *
msrp_data frame_parameters,
struct msrp_tspec * msrp_tspec,
struct msrp_priority_and_rank * msrp_priority_and_rank,

u32 accumulated_latency);

Listing 28: nsrp_regi ster_stream_i ndi cati on function

10.7.2.3 Stream Deregistration Notification

Listing 29 shows the signature of tmesrp_deregister_stream_indication callback

function. This function represents MSRRIsregister stream indication service primitive. When a
stream is no longer being offered by a talker, it withdrawsdher attribute for the stream. When

the talker attribute is deregistered from a listener, the listener's MRP kernel module notifies its
MSRP kernel module of this via therp_mad_leave_indication callback function. This in

turn notifies the listener via thasrp_deregister_stream_indication callback function.

The stream_id argument’s value is the stream ID of the stream that is no longer offered by the

talker.

typedef int (*msrp_deregister_stream_indication) (
u8 stream_id [8]);

Listing 29: ner p_der egi st er _stream_i ndi cati on function

10.7.2.4 Stream Reception Notification

Listing 30 shows the signature of thmesrp_register_attach_indication callback

function. This function is used to represent MSRigister attach indication service primitive.
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When a listener on a network requests attachment to a stream (by declaiegeaattribute), the
listenerattribute is registered on the talker’s port. The MRP kernel module notifies the MSRP kernel
module of the attribute registration via timep_mad_join_indication callback function. The

talker that initially advertised the stream is then notified of this attachment request via the
msrp_register_attach_indication callback function. The stream_id argument is the

stream ID of the talker's stream that the listener is requesting attachment to. The
declaration_type argument is a numeric value indicating the type of the listenerattribute that

was registered on the talker's port. The typdisitener attribute is eithefistener ready, listener

ready failed, or listener asking failed. When this callback function is called, and the
declaration_type has a numeric value indicating that the listenerattribute has a type of either
listener readyor listener ready failed, the talker should start the transmission of the stream identified

by the value of the stream_id parameter.

typedef int (*msrp_register_attach_indication) (
u8 stream_id [8],

int declaration_type);

Listing 30: nsrp_regi ster_attach_i ndi cati on function

10.7.2.5 Stream Reception Deregistration Notification

Listing 31 shows the signature of tmesrp_deregister attach_indication callback

function. This function is used to represent MSRiRsegister attach indicatioservice primitive.

When no more listeners are interested in receiving a particular stream (when all of the listeners that
were receiving a particular stream have withdrawn tistenerattribute for the stream), thistener
attribute is deregistered from the talker. The MRP kernel module notifies the MSRP kernel module
of this attribute deregistration via tharp_mad_leave_indication callback function. The

talker that is transmitting the stream is then notified that no listeners would like to receive the
particular stream via thensrp_deregister_attach_indication callback function. The

value of thestream_id argument is the stream ID of the stream that no more listeners are
interested in receiving. When this callback function is called, the talker stops the transmission of the

stream.
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typedef int (*msrp_deregister_attach_indication) (
u8 stream_id [8]);

Listing 31: msr p_der egi st er _attach_i ndi cati on function

10.7.3MSRP User-space Functions

The MSRP kernel module allows for user-space applications to interact with it via a set of defined
user-space functions. These functions are very similar to those of the MSRP kernel module, and are
briefly introduced here. The Ethernet AVB endpoint devices, and the IEEE 1394/Ethernet AVB
audio gateway devices have been developed as user-space proof of concept applications. These
applications interact with MSRP via the user-space functions. A user-space application that makes
use of the functionality of MSRP createsMBRP struct and passes it to M@RP_init function

for initialisation. The signature of th&SRP_init function is shown in Listing 32. The
MSRP_init function also expects to receive pointers to application defined callback functions

representing the indication service primitives defined by MSRP.

int MSRP_init (
MSRP * msrp,
MSRP_registerStreamindication registerStreamindication,
MSRP_deregisterStreamIndication deregisterStreamlindication,

MSRP_registerAttachindication registerAttachindication,

MSRP_deregisterAttachindication deregisterAttachindication);

Listing 32: MSRP_i ni t function

The signatures of the callback functions are shown in Listing 33. The arguments of these functions
are the same as those defined for the MSRP kernel module (the argument names use a different

naming convention but retain the same meanings).

273



typedef int (*MSRP_registerStreamindication) (
uint8 streamlID [8],
int declarationType,
uint8 destinationAddress [6],
uintl6 vlanldentifier,
uintl6 maxFrameSize,
uintl6 maxintervalFrame,
uint8 dataFramePriority,
uint8 rank,

uint32 accumulatedLatency);

typedef int *MSRP_deregisterStreamIndication) (
uint8 streamID[8]);

typedef int *MSRP_registerAttachindication) (
uint8 streamID[8],
int declarationType);

typedef int *MSRP_deregisterAttachindication) (
uint8 streamID[8]);

Listing 33: MSRP callback functions

There is a set of user-space functions that allow user-space applications to register and deregister
streams on AVB networks, and to register and deregister attachment to streams on offer by talkers on
AVB networks. These functions are shown in Listing 34. These functions are similar to the functions
of the kernel module. The first argument of each function is a pointer to the useivsplaBestruct

to which the function call applies. All of the other arguments have the same definitions as those of
the MSRP kernel module.
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int MSRP_registerStreamRequest (
MSRP * msrp,
uint8 streamlID [8],
int declarationType,
uint8 destinationAddress [6],
uintl6 vlanldentifier,
uintl6 maxFrameSize,
uintl6 maxintervalFrames,
uint8 dataFramePriority,
uint8 rank,

uint32 accumulatedLatency);

int MSRP_deregisterStreamRequest (
MSRP * msrp,
uint8 streamlD [8]);

int MSRP_registerAttachRequest (
MSRP * msrp,
uint8 streamiD [8],

int declarationType);

int MSRP_deregisterAttachRequest (
MSRP * msrp,
uint8 streamlD [8]);

Listing 34: MSRP functions

Figure 136 shows how tHdSRP_registerStreamRequest function would be used from user

space. Calling this function results in the kernel modutessp_register_stream_request

function being called, which results inaker advertiseattribute being declared. When this attribute

is registered on other stations, MSRP is notified vianitp_mad_join_indication callback

function. This results in kernel space and user space listener applications being notified of the
presence of the stream via themsrp_register_attach_indication and

MSRP_registerAttachindication functions, respectively.
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MSRP_registerStreamRequest MSRP_registerAttachindication

______________________ SR | st

msrp_register_stream_request msrp_register_attach_indication
mrp_mad_join_request_notify mrp_mad_join_indication

Figure 136: MSRP user-space usage

10.7.4Using the MSRP User-space Functions

The Ethernet AVB devices that were developed as part of this study make use of the MSRP user-
space functions. When one of the AVB devices has an AVTP stream to offer (represented by an
output of the AVB component), it advertises this to an AVB network by calling the
MSRP_registerStreamRequest function. This function has to be supplied with a number of
arguments:

» streamID: At initialisation time, a unique stream ID is associated with each AVB output.
When the AVTP stream (represented by the AVB output) is advertised to an AVB network, the
stream ID associated with the output is supplied to the streamID argument.

» declarationType: When an AVB device initially advertises a stream to an AVB network,
the declarationType argument is supplied with a value that represents atalker advertise
declaration type.

» destinationAddress: When the AVB devices are initialised, each AVB output is assigned
a unique multicast MAC address by the MAAP component. déstinationAddress
argument is supplied with the value of this multicast MAC address.

» vlanldentifier: By default, AVB streams are transmitted on VLAN 2, and this is the value
that the AVB devices supply to this argument. It would be possible to allow this value to be user
defined.
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 maxFrameSize: Each output of the AVB component is aware of the number of sequences it
transmits, and is aware of the number of events that it packs into each AVTP frame. It is also
aware of the AVTP header size. With this information, each output is able to calculate the
maximum size AVTP frame it will transmit. This value is supplied to nfexFrameSize
argument.

* maxintervalFrames: The AVB devices only implement class A streams (class A has a class
measurement interval of 125 us). The AVB devices transmit one frame per class measurement
interval and thus set the value of this parameter to one.

» dataFramePriority: By default, class A streams are transmitted using priority three, and
class B streams are transmitted using priority two (see Section 4.2.2.2 “Stream Reservation
Traffic Classes”). The AVB devices provide this argument with the default value for class A
streams. It would be possible to allow this value to be user defined.

* rank: For the AVB devices, each output has thenk argument set to one, which is the default
value (see Section 3.2.4.5.1.4 “Priority and Rank”).

» accumulatedLatency: No latency measurements were made for the AVB devices, and thus

the value of this argument is set to zero.

When one of the AVB devices no longer has one of its streams to offer, it calls the
MSRP_deregisterStreamRequest function and supplies it with the stream ID that identifies
the stream. The stream ID value is maintained by the output (that represents the stream) of the AVB

component.

When one of the AVB devices would like to receive a particular AVTP stream, it calls the
MSRP_registerAttachRequest function which results in a  listener attribute being declared

for the requested stream. The streamID argument is supplied with the value of the stream ID of the
talker's stream. This value has to be supplied to the application via a higher layer protocol. Chapter
11 “XFN Control and Representation” details how this is performed with the XFN protocol. The type
of listenerattribute that should be declared for the stream is specified vaettarationType

argument. If atalker advertise has been received for the stream (as indicated by the
MSRP_registerStreamindication), the AVB devices supply this argument with a value that

represents an attribute type of listener ready
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The Ethernet AVB devices implement the callback functions (representing MSRP’s indication
service primitives) shown in Listing 33. When tiMSRP_registerAttachindication

callback function is called, it indicates to the device that at least one listener is interested in receiving
one of its streams. The value of teclarationType argument specifies the type of listener
attribute that was registered by the device for the stream. If the value indicates that the listener
attribute is distener readyor alistener ready failed attribute, then the device locates the output of
the AVB component whose stream ID matches the value o$ttkamID argument. Once the

output has been located, the transmission of the AVTP stream associated with output is started.

When theMSRP_deregisterAttachindication callback function is called, it indicates to

the device that the listener(s) previously interested in receiving the stream identified by the
streamID argument are no longer interested in the reception, i.e., liseener attribute for the

stream has been deregistered from the device. When this callback function is called, the device
locates the output of the AVB component whose stream ID matches the valuestietmlD

argument. Once the output has been located, the transmission of the AVTP stream associated with

the output is stopped.

10.8 Forwarding and Queuing (FAQ) Kernel Module

A kernel module has been implemented as a placeholder for the implementation of the forwarding
and queuing rules specified in IEEE 802.1 Qav (see Section 4.2.2 “Forwarding and Queuing”). This
module simply accepts Ethernet frames and transmits them out of the Ethernet interface of the
Ethernet AVB devices. At the time of developing the Ethernet AVB devices, no suitable Ethernet
network cards and drivers were available. The credit-shaper algorithm specified in IEEE 802.1 Qav
requires that packets be transmitted at even intervals. Packets should not be transmitted in bursts, ol
clusters. A talker transmitting a class A stream transmits 8000 packets per second, and thus a packe
transmission should occur once every 125 ps. This requirement places strict constraints on the
behaviour of an implementation of the credit-shaper algorithm. Thus, dedicated hardware is required
to meet the performance requirements of the credit-shaper algorithm.
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10.9 AVB Device Interface

Each Ethernet AVB device is represented in software wittA¥BDevice struct and a set of
functions that acts on it. Th&VBDevice struct represents an AVB device (it is able to represent
either an endpoint device or an audio gateway device) and is responsible for coordinating the
activities of the components of the device (see Figure 122 on page 228). Each Ethernet AVB audio
device provides a function API interface that allows for control over its parameters and behaviour.
This interface allows other modules (for example, a command and control module such as one
representing the XFN protocol) to interact with the device and make adjustments to its parameters.

This section provides an overview of the core functionality provided by this interface.

10.9.1Internal Connections

Section 10.1 “Audio Components” discusses the general architecture that the AVB devices use to
make connections between its audio inputs and audio outputs. Each audio device provides a function
APl interface that allows for associations between the inputs and outputs of the device to be obtained

and for them to be created and destroyed.

The Ethernet AVB endpoint devices have a number of AVB stream inputs and analogue inputs, and
a number of AVB stream outputs and analogue outputs. The IEEE 1394/Ethernet AVB audio
gateway devices have a number of IEEE 1394 and AVB stream inputs, and a number of IEEE 1394
and AVB stream outputs. These devices were developed such that the details of these inputs and
outputs (such as their type, and the formatting of the audio) are abstracted away from the interface.
From the perspective of an external entity (such as an XFN entity), these are viewed as generic

inputs and outputs.

Figure 137shows an example IEEE 1394/Ethernet AVB audio gateway device. This device has four
audio inputs (two IEEE 1394 inputs, and two AVB inputs), and four audio outputs (two IEEE 1394
outputs, and two AVB outputs). Audio signals arriving at the inputs of the device are patched
through to the outputs of the device. The input to output associations are shown in Table 43.
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Figure 137: Generic inputs and outputs

Input | Output
1 4
2 3
3 1
4 2

Table 43: Input to output associations

Listing 35 shows the functions of an AVB device related to its audio inputs and outputs (both the
Ethernet AVB endpoint devices and the IEEE 1394/Ethernet AVB audio gateway devices use the
same function interface). ThAVBDevice getNumGloballnputs function allows for the

retrieval of the number of audio inputs that an AVB device has, and the
AVBDevice_getNumGlobalOutputs function allows for the retrieval of the number of audio

outputs that an AVB device has. If, for example, an Ethernet AVB endpoint device has an analogue
input, and three AVTP stream inputs, then a caRWBDevice getNumGloballnputs for the

device would return the value four. The avbDevice argument is a pointer to an AVBDevice struct

representing the Ethernet AVB device.
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The AVBDevice_getGloballnputName function allows for the retrieval of the name of a
particular input of an AVB device, and th&VBDevice getGlobalOutputName function

allow for the retrieval of the name of a particular output of a device.infhglndex argument

should be supplied with the index of the input of interest. If, for example, an AVB device has four
inputs, theinputindex argument will accept values ranging from zero through to three, where
zero is used to address the first input. Similarly, dbgutindex argument should be supplied

with the index of the output of interest.

The AVBDevice_getOutputinputPatchindex function allows for the retrieval of the index

of the input that is patched through to a specific output (as specified bgutpatindex
argument). ThAVBDevice_setOutputinputPatchindex function allows for patches to be

created between inputs and outputs. Dagputindex argument should be supplied with the

index of the output that is to be associated with the input.iffnglndex argument should be
supplied with the index of the input which is to be associated with the output (as specified with the
value of theoutputindex argument). In order to break a connection, a value of -1 is supplied to

the inputindex argument.
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int AVBDevice_getNumGloballnputs (

AVBDevice * avbDevice);

int AVBDevice_getNumGlobalOutputs (

AVBDevice * avbDevice);

char * AVBDevice_getGloballnputName (
AVBDevice * avbDevice,
int inputindex);

char * AVBDevice_getGlobalOutputName (
AVBDevice * avbDevice,
int outputindex);

int AVBDevice_getOutputinputPatchindex (
AVBDevice * avbDevice,
int outputindex);

int AVBDevice_setOutputinputPatchindex (
AVBDevice * avbDevice,
int outputindex,

int inputindex);

Listing 35: Audio input and output functions

10.9.2IEEE 1394 Interface

The IEEE 1394/Ethernet AVB audio gateway devices provide an interface that allows for

isochronous stream connections to be established across IEEE 1394 buses. Isochronous streams al
established when a transmitting IEEE 1394 device transmits an isochronous stream on a particular
isochronous channel, and a receiving device is configured to receive the isochronous stream on that

channel. Listing 36 shows the interface functions that were created for an audio gateway device.
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int AVBDevice_get1394InputlsochChannelNumber (
AVBDevice * avbDevice,

int inputindex);

int AVBDevice _get13940utputisochChannelNumber (
AVBDevice * avbDevice,

int outputindex);

int AVBDevice_set1394InputisochChannelNumber (
AVBDevice * avbDevice,
int inputindex,

int isochChannel);

int AVBDevice_set13940utputisochChannelNumber (
AVBDevice * avbDevice,
int outputindex,

int isochChannel);

int AVBDevice_start13940utput (
AVBDevice * avbDevice,
int outputindex);

int AVBDevice_stop13940utput (
AVBDevice * avbDevice,

int outputindex);

int AVBDevice_start1394Input (
AVBDevice * avbDevice,

int inputindex);

Listing 36: Gateway IEEE 1394 functions

* AVBDevice_get1394InputlsochChannelNumber: This function allow for the retrieval

of an IEEE 1394 input’s isochronous channel number. The input isochronous channel number

283



represents the isochronous channel that the IEEE 1394 input should receive its stream on. The
inputindex argument should be supplied with the index of the IEEE 1394 input of the 1394
component (Figure 124 on page 232 shows an example 1394 component with inputs). The
AVBDevice_getNum1394inputs function allows for the retrieval of the number of IEEE

1394 stream inputs that an audio gateway device has. If the device has three IEEE 1394 stream
inputs, thenputindex argument would accept values from zero through to two where zero is

used to address the first input.

AVBDevice_get13940utputisochChannelNumber: This function allows for the

retrieval of an IEEE 1394 output’s isochronous channel number. The output isochronous channel
number represents the isochronous channel number that is associated with the IEEE 1394 output
stream. Theoutputindex argument should be passed the index of the IEEE 1394 output of

the 1394 component. ThAVBDevice getNum13940Outputs function allows for the

retrieval of the number of IEEE 1394 stream outputs that an audio gateway has.
AVBDevice_set1394InputisochChannelNumber:  This  function allows the

isochronous channel number of an IEEE 1394 input to be setinphdndex argument

should be passed the index of the input of the 1394 componensod€hannel argument

should be set to the isochronous channel number that the input should receive its stream on.
AVBDevice_set13940utputlsochChannelNumber:  This function allows the

isochronous channel number of an IEEE 1394 output to be seisddie€Channel argument

should be set to the isochronous channel number that the output’s stream is transmitted on.

The IEEE 1394/Ethernet AVB audio gateway devices also have a number of functions that allow
isochronous streaming to be started and stopped AViBDevice start13940utput and
AVBDevice_stop13940utput functions start and stop the transmission of an isochronous
stream for a particular IEEE 1394 output. THe/BDevice_start1394Iinput and
AVBDevice_stop1394Input functions start and stop the reception of an isochronous stream

for a particular IEEE 1394 input. Similarly, there are functions that allow for the current
streaming state of the inputs and outputs to be obtained:
AVBDevice_is1394InputStarted and AVBDevice_is13940utputStarted.
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10.9.3AVB Interface

The AVB devices that were developed provide an interface that allows for the triggering of AVB

stream advertisements and for triggering attachment to AVB streams. These functions for an AVB

device are shown in Listing 37 (the functions are the same for the Ethernet AVB endpoint devices,
and for the IEEE 1394/Ethernet AVB audio gateway devices).

int AVBDevice_registerAVTPStream (
AVBDevice * avbDevice,

int outputStreamindex);

int AVBDevice_deregisterAVTPStream (
AVBDevice * avbDevice,
int outputStreamindex);

int AVBDevice_registerAVTPStreamAttach (
AVBDevice * avbDevice,
int inputStreamindex);

int AVBDevice_deregisterAVTPStreamAttach (
AVBDevice * avbDevice,

int inputStreamindex);

Listing 37: Gateway stream registration functions

The AVBDevice_registerAVTPStream function instructs the audio gateway to register an

AVB stream (represented by an output of the AVB component) with the attached AVB network.
The outputStreamindex argument should be supplied with the index of the AVB output

that is to be registered. Calling this function results in the output being located and the stream
advertised to the AVB network via the MSRP component.

The AVBDevice_deregisterAVTPStream function instructs the audio gateway to
deregister an AVB stream from the attached AVB network. ®bgutStreamindex

argument should be supplied with the index of the AVB output that is to be deregistered. Calling

this function results in the output being located, and the stream advertisement for the stream
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being withdrawn. The request to withdraw the stream advertisement is handled by the MSRP
component.

The AVBDevice_registerAVTPStreamAttach function instructs the audio gateway to

request attachment to a stream. TriputStreamindex argument is the index of the input of

the AVB component that is to receive the particular stream. Before calling
AVBDevice_registerAVTPStreamAttach, the AVB input given as an argument needs

to know the stream ID of the stream that it is to receive. The audio gateway defines the
AVBDevice_setlnputStreamID function (as shown in Listing 38) that allows for this to

happen. Once thAVBDevice_registerAVTPStreamAttach function has been called,

the input is located, and attachment to the stream is requested via the MSRP component.

The AVBDevice_deregisterAVTPStreamAttach function instructs the audio gateway

to detach from a stream that it is receiving. TimgutStreamindex argument is supplied

with the index of the input of the AVB component that should stop receiving the stream. When
this function is called, the input is located, and detachment from the stream is requested via the

MSRP component.

int AVBDevice_setinputStreamID (
AVBDevice * avbDevice,

int inputindex,

uint8 streamiD [8]);

Listing 38: Gat eway_set | nput St r eam D function

10.10 Conclusion

This chapter provided a detailed overview of the implementation of the Ethernet AVB endpoint and

IEEE 1394/Ethernet AVB audio gateway devices with a focus on how internal and external audio

connections are established. Each device has a number of audio interfaces that are able to receive an

transmit audio signals in various formats: an Ethernet AVB endpoint device allows for the transfer of

audio between its analogue interface and its Ethernet interface (and vice versa), and the IEEE

1394/Ethernet AVB audio gateway device allows for the transfer of audio between its IEEE 1394

interface and its Ethernet interface (and vice versa). These devices provide a means to configure the

internal audio routing between the audio interfaces via a set of functions.
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The devices also allow for inter-device audio streaming to take place: the endpoint and audio

gateway devices are able to transmit and receive audio signals over an Ethernet AVB network, and
the audio gateway device is able to transmit and receive audio signals over an IEEE 1394 bus. These
devices provide a means to establish stream connections across these networks and control over thi:

connection management is provided via a set of functions.

The implementation of these devices, and the provision of the functions that allow for control over
their parameters, allow for external modules to control the devices. Chapter 11 “XFN Control and
Representation” details how control over these devices has been achieved with the XFN command

and control protocol.
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Chapter 11 XFN Control and

Representation

Each of the audio devices used or developed during this study contains an XFN stack. This stack is
an implementation of the XFN protocol (see Section 7.4 “XFN”). It allows for the creation of a
seven-level XFN address hierarchy and allows for XFN network communication. Amongst other
things, the stack provides a means for remote devices to obtain and set parameter values within a
device. The core of the XFN stack was developedJbiversal Media Access NetworkdMAN)

[36] and was extended as part of this study.

One of the goals of the XFN protocol is to provide a common interface to a diverse range of devices.
For each of the audio device types used in this study, an XFN address hierarchy has been defined.
When each device is initialised, it builds up an XFN address hierarchy that represents the
hierarchical structure of the device itself. Via the address hierarchy, it is possible to view the
parameters that are available on a device, as well as obtain and set these parameter values. Throug
this mechanism, it is possible to configure audio streaming internally within a device, and also

between devices.

This chapter discusses how the XFN protocol has been used to achieve the second goal of this work:
provide a common view of the parameters of IEEE 1394 and Ethernet AVB audio devices to allow
for remote control over these parameters. This remote control has been achieved via a graphical

patchbay application.
11.1 XFN Stack Component

In the AVB audio devices that were developed, the reusable XFN Stack component (see Figure 122
on page 228) is represented with)dAN struct and a set of functions that operate on it. The XFN
Stack component allows a device to build an XFN address hierarchy which enables remote

controllers to obtain and set parameters of the device.
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11.2 Graphical Representation of XFN Devices

Each of the audio devices introduced in Chapter 9 “Networked Audio Devices” is remotely
controllable via the XFN protocol. Each device builds up an XFN address hierarchy that reflects the
structure of the device with its parameters. These devices allow for their parameter values to be

obtained and set remotely.

An application, known as theéonnection Managemwas developed during this study to represent and
control a number of XFN capable devices. This application makes use of the XFN command and
control protocol to discover available XFN devices on a network, obtain their parameter values, and
graphically represent them. Any changes to parameter values via the appliogtaptigal user

interface(GUI) are communicated to the appropriate devices via XFN messages.
11.2.1Connection Manager Architecture

Figure 138 shows the architecture of the Connection Manager. The Connection Manager consists of
a GUI component that is used to represent XFN devices graphically, and also allows for user control
over the parameters of the devices. phablem domain compone®DC) keeps track of devices

and their parameters’ states. It accepts requests from the GUI component for parameter value
changes, and also communicates to the GUI any parameter value changes, so that they may be
represented graphically. The XFN stack component is responsible for all XFN network
communication. It accepts requests from the PDC to obtain parameter values from remote devices
and also set their parameter values. The XFN stack component communicates any responses back t
the PDC.
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Figure 138: Connection Manager architecture

11.3Building an XFN Address Hierarchy with the XFN Stack

Component

The XFN Stack component of the AVB devices provides a set of functions that allow a device to
build up an XFN address hierarchy to be used to address device parameters. The XFN protocol
allows an XFN stack to have a number of nodes, each with its own address hierarchy. Each node
would typically represent a unique device. These nodes are useful when a device is representing a
number of other devices (a proxy device, for example). The functions used for building up an address
hierarchy are shown in Listing 39.

290



int XFN_addApplicationNode ();

int XFN_addSectionBlockToLastAppNode (
uint32 nodelD,

char * levelAlias);

int XFN_addSectionTypeToLastSectionBlock (
uint32 nodelD,

char * levelAlias);

int XFN_addSectionNumberToLastSectionType (
uint32 nodelD,
char * levelAlias);

int XFN_addParameterBlockToLastSectionNumber (
uint32 nodelD,
char * levelAlias);

int XFN_addParameterBlockindexToLastParameterBlock (
uint32 nodelD,

char * levelAlias);

int XFN_addParameterTypeToLastParameterBlockindex (
uint32 nodelD,
char * levelAlias);

int XFN_addParameterindexToLastParameterType (
uint32 nodelD,
char * levelAlias);

int XFN_addParameterToLastParameterindex (
uint8 valueFormat,
XFNParameterCallback parameterCallback,

void * applicationData);

Listing 39: XFN Stack component's address hierarchy building functions
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When building up an address hierarchy with the XFN Stack component, an application first adds a

top-level application node to the address hierarchy by callingKi¢_addApplicationNode

function. The XFN Stack component keeps track of the application node that was last added to the
stack. Figure 142 shows conceptually what the stack’s address hierarchy looks like after this call.

Once the node has been added, it is possible to start building up the address hierarchy for that node
starting from the top of the XFN address hierarchy structure.

@ Application node

Figure 139: An application node

* XFN_addSectionBlockToLastAppNode: This function allows for a section block to be
added to the node that was last added to the stack. This funciom®D argument is the value
of thesection blockhode of the address hierarchy, andléwelAlias argument is the node’s
alias. For example, an application could addirgyut section blocko the address hierarchy
which has a value of 0x01 (which is defined in the XFN specification), and is able to set the tree
node’s alias to anything it likes (“Inputs”, for example). Aliases are used for meaningful display
of the XFN address hierarchy. Whemsection blocks added to the XFN Stack component, the
stack keeps track of the last section block that was added. Figure 140 shows conceptually what
the stack’s address hierarchy looks like after adding a section block

IAppIication node

Section block: Inputs (0x01)

Figure 140: An application node with asection block

* XFN_addSectionTypeToLastSectionBlock : Once a section blockhas been added to
the XFN address hierarchy, it is possible to agdtion typedo it with this function. This
function adds asection typeto the section blockthat was last added to the XFN address
hierarchy. The arguments to this function are similar to those of the

XFN_addSectionBlockToLastAppNode function. The nodelD argument is the value of
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thesection typdeing added to the address hierarchy, andetredAlias argument is an alias

for the section typeébeing added. For example, the XFN specification defines the value 0x04 to
represent thestream interface section typAn application could give this an alias of “Stream
interfaces”, for example. Figure 141 shows conceptually what the stack’s address hierarchy looks

like after adding a section type

Application node

Section block: Inputs (0x01)

=

Section type: Stream interfaces (0x0

)

Figure 141: An application node with asection block

An application continues this process by addisgetion numbemparameter blockparameter block

index parameter typeand gparameter indexOnce gparameter indexias been added to the address

hierarchy, it is possible to associate a parameter with it via the

XFN_addParameterToLastParameterindex function. The function expects the following

arguments:

* ThevalueFormat argument of this function is a numeric value that is used to represent the
format of the parameter’s value. The XFN specification defines values used to represent the
various parameter value formats. Value formats are conveyed in XFN messages to allow for their
correct interpretation on receipt. For example, the specification defines values to represent
integers, floats, and data blocks of various sizes.

» TheparameterCallback argument is a pointer to an application supplied callback function
that is called when some action is performed on the parameter. For example, when a remote
device tries to obtain or set the parameter’s value, this callback function is called to request the
application to perform the action. The callback function specifies the specific action to perform.
Figure 98 on page 197 shows the process of receiving an XFN message and the resulting
parameter callback function call.

» The applicationData argument is a pointer to application data that is supplied to the
callback function when it is called. An application could associate a single callback function with
multiple parameters and use unique application data to identify the parameter that the invocation

of the callback function is associated with.
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11.4 Device Discovery

Device discovery is the process of discovering the available XFN capable devices that exist on a

particular network. There is a need to be able to obtain the IP addresses of these devices such tha

communication with these devices can take place. As such, each XFN device builds up an address

hierarchy that represents the IP addresses bound to the interfaces of the device. The address

hierarchy that is built up to represent IP address parameters is shown in Figure 142:

Each XFN capable device has anfiguration section blockunder which any device
configuration parameters may reside.

Network interfaces are divided into interfaces through which audio and video data may be
streamed, and those through which audio and video data may not be streamed (a managemen
interface of a device may be classified as such, for example). Tlstigaa interface section

type and anon-stream interface section tyges been defined under which configuration
parameters related to these interfaces are addressed.

Thesection numbelevel in the address hierarchy is used to address individual interfaces of each
type.

Each interface may have a number of IP related parameters associated with it (such as an IP
address, subnet mask, and a default gateway). Thul} frerameter blockas been defined to

allow IP related parameters to be addressed.

Each interface may have associated with it a number of IP addresses and the use of unique
parameter block indexese used to address each set of IP information.

Under each uniquparameter block indeare listed the IP parameters that a device may have.
These parameters include IP address, subnet mask, and default gateway parameters.

The parameter indeis not used for IP related parameters, and is set to one.

On an IEEE 1394 audio device, the IP addresses bound to the IEEE 1394 interfaces of the device are

listed under thetream interface section typand the IP address bound to the device’s management

interface is listed under theon-stream interface section typ8imilarly, on the AVB devices

developed during this study, the IP address bound to the Ethernet and IEEE 1394 interfaces of the

devices are listed under the stream interface section TyjgeAVB devices do not have management
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interfaces. These level hierarchies allow remote XFN capable devices to obtain the IP addresses

bound to the interfaces of the XFN capable devices.

Section block: Configuration

Section type: Non-stream interf Section type: Stream interface

Section number: 1 (Interface num Section number: 2 (Interface number)
Parameter block: | Parameter block: IP
Parameter block index: Parameter block index: 1
Parameter type: IP addr Parameter type: IP address

Parameter index: Parameter index: 1

Figure 142: Portion of the XFN address hierarchy for representing IP addresses

Figure 143 shows how device discovery takes place with the XFN protocol. When an XFN capable
device would like to discover other XFN capable devices on a network, it transmits a broadcast XFN
get valuemessage to the network for the IP address parameter values of each device (as shown at the
top of the figure). Each device responds with a unicast message to the requester with the value(s) of
its IP address parameter(s) (as shown at the bottom of the figure). Once an XFN device is aware of

another XFN capable device, it can query it directly as it knows the device’s IP address.
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Figure 143: Device discovery

11.4.1XFN Stack Component Device Discovery

The XFN Stack component of the Connection Manager (shown in Figure 138) is represented by an
XFEN object. This object inherits its core functionality from an implementation of the XFN protocol
developed by UMAN and extends it. This object is responsible for all communication between the
PDC of the Connection Manager and remote XFN devices. Ongé&ldiobject has been created, it

may be used to discover other XFN devices that exist on a networkXHXeobject notifies the
Connection Manager’'s PDC component of events via a listener interfacé-Rhistener class

has been defined that contains virtual functions that the PDC should implement. The PDC inherits
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from the XFNListener class and overrides its functions. The PDC registers itself with tKEN

object via the addXFNListener method of the XFN object (shown in Listing 40).

void add XFNListener ( XFMListener * xfn Listener);

Listing 40: addXFNLi st ener function

The XFNListener class defines the ipDiscoverCallback virtual function (shown in Listing

41) that the PDC of the Connection Manager overrides. WheXRNeobject becomes aware of the
presence of an XFN capable device, the Connection Manager is made aware of this device via this
callback function. ThepAddress argument holds the value of the IP address of the discovered

XFN capable device. TheessionID argument is a value supplied to theXFN object when it was

requested to discover the available XFN devices on the network.

virtual void ipDiscoverCallback (
const uint32 ipAddress,

const int sessionID);

Listing 41: i pDi scover Cal | back function

The XFN object defines the&liscoverlPAddresses function that allows the Connection

Manager to discover the available XFN devices that are on a network. This function is shown in
Listing 42. When this function is called, ti&N object sends out a broadcast packet (to the address
specified by thdroadcastAddress argument) containing an XFN get valuecommand for all of

the values of thdP address parameter type&ach device responds individually with its IP
address(es). When this happens, the Connection Manager is notified via the
ipDiscoverCallback function. The value of the sessionID  argument is supplied to the
ipDiscoverCallback function to allow requests and responses to be matched. Once the
Connection Manager has been made aware of an XFN device, it is able to communicate with the

device directly using its IP address.
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const bool discoverlPAddresses (
const uint32 broadcastAddress,

const int sessionID);

Listing 42: di scover | PAddr esses function

Figure 144 shows the sequence of events that takes place wh¥RNtabject is called upon to

discover the available XFN capable devices that exist on a network.

PDC XFN Network

discoverIPAddresse:ks

>

»1

®----------

Broadcast get valu

»
o

Unicast response

&
<

ipDiscoverCallback

P
<«

Figure 144: Device discovery sequence diagram

11.4.2Graphical Representation of Discovered Devices

Figure 145 shows an example audio network composed of two IEEE 1394 buses joined together with
an IEEE 1394 bridge, and one of the IEEE 1394 buses joined to an AVB network with an IEEE
1394/Ethernet AVB audio gateway device. The IEEE 1394 buses and the AVB network are each
represented with a unique IP subnet. In this example, the IEEE 1394 buses are represented with the
IP subnets 192.168.103.0/24 and 192.168.1.0/24, and the Ethernet AVB network is represented with
the IP subnet 146.231.120.0/21. The XFN protocol allows a controlling device (for example, a
control application running on a computer) to be located anywhere on the network. The figure shows
a PC connected to one of the IEEE 1394 buses, and a PC connected to the Ethernet AVB network.

298



1394 1394/AVB . 5
device PC audio gateway | 5199° AVB ||Ol] o
device |-/ O

1394 == :u

device

1394 ','

device PC
IEEE 1394
bridge

Figure 145: An example audio network

In Figure 146 is the main display of the Connection Manager demonstrating how the network shown

in Figure 145 is graphically represented. When the Connection Manager is initialised, it discovers all
of the XFN compatible devices that exist on the network. The discovery is performed by transmitting

a broadcast XFNyet valuerequest for the values of the IP address parameters of all XFN devices.
Once the Connection Manager has a device's IP address, it starts querying it. Initially, the
Connection Manager finds out what subnet the device is on, and the name of the device. Once it has
this information, it is able to graphically display it. XFN devices are organised into IP subnets and
each IP subnet is represented as a tab along the top of the display. For each IP subnet, the devices al
arranged along the axes of a matrix where the devices along the left hand side of the matrix are
viewed as devices that produce audio streams, and the devices along the top of the matrix are viewec

as devices that consume audio streams.
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Figure 146: The Connection Manager networks and devices display

11.5 Internal Device Routing

The XFN specification defines the model for representing internal patching capabilities within a
device whereby signal sources, signal destinations, and patch points are all modelled. Within a
device, audio signals are patched from signal source points to signal destination points. Some signal
destination points only accept a single source (e.g., an output of an audio mixer), and some signal
destination points may accept multiple signal sources (e.g., a stereo bus of an audio mixer). Shown in
Figure 147 is an example internal patching matrix of a device. This device has four signal source
points (Input 01 to Input 04), and four signal destination points (Output 01, Output 02, Bus 01 and
Bus 02). Shown in the figure are the patches that exist between the signal source points and signal
destination points. The outputs are only able to accept one signal source at a time, and the buses ar:
able to accept multiple sources at a time. Thus, the XFN protocol models every possible patch point

that exists between the signal source and destination points within a device.
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Figure 147: An example internal patching matrix

Figure 148 and Figure 149 show how the XFN specification defines how a patching matrix is
modelled with the XFN protocol. Each input keeps track of the outputs to which it is patched, and

each output keeps track of the inputs that are patched through to it.

Figure 148 shows how this is achieved for the inputs of a systentmgkpoint enable parameter

types

» The audio inputs of a patching matrix are addressed undewuthe section typ®f the signal
input section block

» Each input is indexed with a unique section nunvadue (the figure shows two inputs).

* Each input contains aautput parameter blockvhich is used to represent the outputs of the
patching matrix.

» Under eacloutput parameter blocks a uniqugparameter block indexalue for each output (the
figure shows two outputs for each input).

» For each parameter block indthere is a crosspoint enable parameter type

» As there is only onerosspoint enable parameter typa each uniqugarameter block index
each parameter indexas a value of one.

For thesignal input section blogkhecrosspoint enable parameter tygea Boolean parameter used
to specify whether or not the input (identified by the section nunbeatched through to the output
(identified by theparameter block indgx A remote XFN device is able to query tbesspoint

enableparameters to determine which inputs are patched through to which outputs. A remote XFN
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capable device is also able to set the value ofttbespoint enablgparameters in order to create

patches between specific inputs and outputs.

Section block: Signal inp

Section typeAudic
Section number:

Parameter block Output

Parameter block index:

Parameter type: Crosspoint ena Crosspoint enable

Parameter index: 1

Figure 148: XFN input crosspoint modelling

Figure 149 shows how patching is achieved from the perspective of the outputs of a system with the
crosspoint enable parameter typehe XFN address hierarchy for the outputs is similar to the XFN
address hierarchy for the inputs (as shown in Figure 148), with a few exceptions:
* The outputs are listed under the audio section tfplkee signal output section black
» For each output, there is an input parameter blouer which all of the inputs are listed.
* Under eachnput parameter blocks a uniqueparameter block indexalue for each input (the
figure shows two inputs for each output).
» For thesignal output section blockhecrosspoint enable parameter tygetermines whether the
output (identified by thesection numbegris receiving a signal from the input (identified by the

parameter block indgx
A remote XFN device is also able to query thesesspoint enabl@arameters to determine which

inputs are patched through to which outputs. A remote XFN device is also able to set the value of

these crosspoint enabp@arameters in order to create patches between inputs and outputs.
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Section block: Signal outp

Section type: Audi
Section number:

Parameter block: Inp

Parameter block index:

Parameter type: Crosspoint ena Crosspoint enable

Parameter index: 1

Figure 149: XFN output crosspoint modelling

The crosspoint enablgarameters for the inputs and the outputs represent the same crosspoint control
from different perspectives. The rationale for having crosspoint empaloéaneters for both the inputs

and the outputs of an audio device is to allow for the tracing of audio signal paths through a device
from any point within a network. With this approach, it is possible to trace an audio signal from its
final destination through to its source, and it is possible to trace an audio signal from its source
through to its final destination. It is therefore necessary for each output to be aware of the input(s)
that it is receiving its signal(s) from, and for each input to be aware of the output(s) that it is sending

its signal(s) to.

The IEEE 1394 and AVB devices have a number of audio inputs and outputs, and in these devices

audio signals can be patched between these inputs and outputs. For example:

* |EEE 1394 audio devices: These devices have analogue, ADAT, and IEEE 1394 stream inputs
and outputs.

» Ethernet AVB endpoint devices: These devices have an analogue input and output, and a number
of Ethernet AVB stream inputs and outputs.

* |EEE 1394/Ethernet AVB gateway devices: These devices have a number of IEEE 1394 stream

inputs and outputs, and a number of Ethernet AVB stream inputs and outputs.
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The IEEE 1394 and Ethernet AVB devices build XFN address hierarchies (as shown in Figure 148
and Figure 149) for each of their inputs and outputs. This enables remote devices to create and

destroy patches between the inputs and outputs of the devices.

In the Ethernet AVB capable devices, each one ofcthespoint enablgparameters is associated

with a callback function. When this function is called angketvaluecommand is indicated to the
function (as a result of a remote XFN device performinggetavaluerequest on the parameter), the
Gateway_getOutputinputPatchindex function of the device is called to determine if the

addressed input is patched through to the addressed output. The device returns either a true or false
indication to the requesting device. If the patch is enabled between the input and the output, the
device responds with a true to the requesting device. If the patch is not enabled, the device responds
with a false to the requesting device. When the parameter’s callback function is called and a set value
command is indicated to the callback function (as a result of a remote XFN device perfosaing a
value request on the parameter), tlateway_setOutputinputPatchindex function is

called in order to create or break a patch between the addressed input and output: a value of true

indicates that a patch should be created, and a value of false indicates that a patch should be broken.

11.5.1Connection Manager Representation of Internal Device Routing

Each XFN device that the Connection Manager discovers is enumerated to discover its capabilities
and functionality. With the XFN protocol, it is possible to determine the number of child nodes that a
particular node in an XFN address hierarchy has. Each XFN capable device is able to pgetess a
child node aliasecommand. Associated with this command is the address of the XFN address
hierarchy node whose child node aliases should be obtained. If, for example, a device builds up an
XFEN address hierarchy as shown in Figure 149, and a controller would like to know how many audio
outputs the device has, the controller will senged child node aliasesommand to the device
specifying the address of thamudio section typeof the signal output section blockThe device
responds with the number of child nodes that the addressed nodes has, and the aliases of each one «
those nodes.

When the Connection Manager wants to know how many inputs a particular device has, it queries
the device to determine how many child nodesatdio section typ®f the signal input section
block has. Similarly, when the Connection Manager would like to know how many outputs a device
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has, it queries the device to determine how many child nodesutlie section typ®f the signal

output section blockhas. Once these numbers have been obtained, it is possible to query the
parameters of each individual input (each represented with a uségqtien numbepof the audio
section typeof the signal input section blogk and it is possible to query the parameters of each
output (each represented with a unigeetion numbeof theaudio section typef thesignal output

section block

Listing 43 shows two functions of the Connection Manager's XFN Stack component. The
getNumAudiolnputs function allows the Connection Manager to query a specific device to
determine the number of inputs it has. ThetNumAudioOutputs function allows the
Connection Manager to query a specific device to determine the number of outputs it has. In each
instance, theéheDevicelPAddress argument should be supplied with the IP address of the

device that is being queried.

const int getNumAudiolnputs (
const uint32 theDevicelPAddress);

const int getNumAudioOutputs (

const uint32 theDevicelPAddress);

Listing 43: Obtaining input and output numbers

Each input and each output has associated witimiataix pin name parameter typBy default, the
devices assign names to their inputs and outputs andatrex pin name parameter tyadows for
retrieval of these. For example, the analogue input of an Ethernet AVB endpoint device is nhamed
Analogue Input 1, and the first AVTP input is nan®dTP Input Multicore 1. The Connection
Manager retrieves the name of each input and output, and the state of the patches between thes
inputs and outputs and stores them. Listing 44 shows two functions of the Connection Manager’'s
XFN Stack component that allow for the retrieval of input and output names of remote XFN capable
devices. ThegetAudiolnputName function returns the name of a specific input on a particular
device. ThaggetAudioOutputName function returns the name of a specific output on a particular
device. ThedevicelPAddress argument should be supplied with the IP address of the device

that is being queried and tigutindex and the outputindex arguments should be supplied

with the input’s index and output’s index, respectively.
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const String getAudiolnputName (
const uint32 devicelPAddress,

int inputindex);

const String getAudioOutputName (
const uint32 devicelPAddress,
int  outputindex);

Listing 44: Obtaining input and output names

Listing 45 shows two functions of the Connection Manager's XFN Stack component that allow for
obtaining and setting patches between a particular device’s inputs and outputs. The
getAudioOutputinputPatch function returns the state of a patch between a particular input

(as specified by thaudiolnputindex argument) and a particular output (as specified by the
audioOutputindex argument). This function returns the value of the crosspoint enable
parameter for the specified input and output. $aAudioOutputinputPatch function sets

the state of a patch between a particular input and a particular output as specified by the value of the
isPatched argument. If the value of the isPatched argument is true, the patch is created. If the

value of thesPatched argument is false, the patch is broken. This happens by setting the value of

the crosspoint enablgarameter for the specified input and output.

const bool getAudioOutputinputPatch (
const uint32 devicelPAddress,
const int audioOutputindex,
const int audiolnputindex);

const bool setAudioOutputinputPatch (
const uint32 devicelPAddress,
const int audioOutputindex,
const int audiolnputindex,

const bool isPatched);

Listing 45: Obtaining and setting patches
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With the Connection Manager, it is possible to view the retrieved inputs, outputs, and patches. When
one of the devices on the Connection Manager’s display is selected, a graphical routing matrix is
displayed that shows these inputs, outputs and the device’s internal routing configurations, as shown
in Figure 150, Figure 151 and in Figure 152. In these routing matrices, the labels along the left hand
side are signal inputs to the routing matrix, and thus are viewed as signal source points internally
within the device. The labels along the top of the routing matrix are signal outputs from the routing
matrix, and thus are viewed as signal destination points internally within the device. The cross-points
on the routing matrix show whether or not inputs are patched through to particular outputs.

Figure 150 shows the internal routing matrix of an IEEE 1394 endpoint device. Shown are various

analogue inputs being patched to sequences of output multicores, and the third and fourth ADAT

inputs being patched to sequence seven and eight of the first output multicore.
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Figure 150: IEEE 1394 endpoint device internal routing matrix
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Figure 151 shows the internal routing matrix of an Ethernet AVB endpoint device. Shown is one of
the input AVB multicores being patched through to the device’s analogue output.

Figure 151: Ethernet AVB endpoint device internal routing matrix

Figure 152 shows the internal routing matrix of an IEEE 1394/AVB audio gateway device. This
device has been configured to route the audio arriving at 1394 input multicores to AVB output

multicores, and vice versa.
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Figure 152: IEEE 1394/AVB audio gateway internal routing matrix

Via these routing matrices, it is possible to route audio signals entering the device via its inputs to the
outputs of the device by selecting the cross points on the matrix. Selecting a cross point on a matrix
causes an XFet valuemessage for therosspoint enabl@arameter to be sent to the appropriate

device. When this happens, the callback function for the parameter is called within the device. This

callback function handles the device specific method of configuring the input to output routing.
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11.6 Stream Establishment

Before any audio streaming is able to take place between devices on either an IEEE 1394 bus, or an
Ethernet AVB network, each device that is part of a stream needs to be appropriately configured, and
any network resources required for streaming need to be reserved. Devices that source audio onto
these networks need to be configured to start streaming with certain parameters, and devices that
receive streams on these networks need to be configured to receive specific audio streams. Each
networking technology has its own unique methods of establishing and tearing down audio streams,

as shown in Chapter 3 “Resource Reservation”.

11.6.11IEEE 1394

On an IEEE 1394 bus, a transmitting device needs to be configured to transmit a particular audio

stream on a particular isochronous channel, and it needs to be configured to start the transmission of

the audio stream. Any devices that are required to receive an audio stream need to be configured with

the isochronous channel number of the audio stream of interest. They also need to be configured to

start listening for the particular audio stream. These parameters allow for streams to be established

and torn down. For example, a connection management application may perform the following steps

to establish a stream on an IEEE 1394 bus:

1. Read the appropriate register of a transmitting device to find out the isochronous channel number
of the stream that is to be transmitted onto the bus.

2. Set the appropriate register in the receiving device to the isochronous channel number obtained
from the transmitter of the stream.

3. Write to the appropriate register to instruct the transmitting device to start transmitting its stream.

4. Write to the appropriate register to instruct the receiving device to receive the stream being

transmitted by the transmitter.

In order for the XFN protocol to establish stream connections across an IEEE 1394 bus, the XFN
specification defines XFN address hierarchies to represent the parameters of IEEE 1394 multicores.
These parameters allow for stream establishment to take place (see Section 11.6.3 “Multicore

Representation”).
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11.6.2Ethernet AVB

On an Ethernet AVB network, each audio stream is uniquely identified via a 64-bit stream ID. Each
stream may also be transmitted using an Ethernet multicast MAC address such that it may be
received by multiple stream listeners. When one of the Ethernet AVB audio devices starts up, a
unique stream ID is associated with each transmitting AVB stream and MAAP reserves a block of

multicast MAC addresses for use by these streams.

Before streaming may take place, a device that is to receive a particular stream needs to know the
stream ID of that stream. The device that is going to transmit the audio stream needs to advertise it to
the AVB network. It does so by transmitting an Ethernet frame contairtedgea advertisettribute

to the network. Thisalker advertiseattribute contains the stream’s characteristics and requirements,

and is propagated throughout the network.

The device that is to receive the stream sends an Ethernet frame contéistegea readyattribute
to the talker to request attachment to the stream.|iEkemer readyattribute contains the stream ID
of the audio stream that it would like to receive. Tisiener readyattribute is forwarded through the
network towards the talker device.

When a talker device receivedlistener readyor alistener ready failed attribute that contains a
stream ID that matches the stream ID of one of its advertised streams, it knows that there are
sufficient resources available from itself to the listener(s) to support the stream. The talker is then
able to start streaming.

In order for the XFN protocol to establish stream connections across an Ethernet AVB network, XFN
level hierarchies were defined to represent the various parameters of Ethernet AVB streams to enable
stream establishment to take place.

11.6.3Multicore Representation

In terms of XFN, each stream (whether it is a stream across an IEEE 1394 network, or a stream
across an Ethernet AVB network) is known amalticorg as each stream may contain multiple
channels of audio.
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11.6.3.1 IEEE 1394

Figure 153 shows a section of the XFN address hierarchy that is built up to represent the IEEE 1394
multicores on the IEEE 1394 endpoint devices and on the IEEE 1394/Ethernet AVB audio gateway
devices. An IEEE 1394 device may have a number of input and output IEEE 1394 multicore
endpoints through which it may receive and transmit audio streams.

Device

Section block: Signal inp Signal output

Section type: Strea Stream
Section number: 1

Parameter block: Multico ulticore

Parameter block index:

Parameter type: St ICN Start ICN Start ICN

Parameter index: 1 1 1 1 1

ICN: Isochronous channel number

Figure 153: The XFN address hierarchy for IEEE 1394 multicores

The XFN address hierarchy for IEEE 1394 multicores is structured as follows:

* Input multicores are represented under ghgmnal input section blocks they are inputs to the
system from external sources. Output multicores are represented undigntieoutput section
blockas they are outputs from the system to external destinations.

* As multicores are used for streaming, they are represented unddretli® section typef the
signal inputand signal output section blocks

* The section numbers used to represent the interface that the multicores are associated with.
Interfaces are numbered from one. An IEEE 1394 bridge, for example, has a number of IEEE

1394 interfaces, and these are uniquely identified under the section rexdber
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» Multicores and their parameters are represented under the multicore parameter block

* Unique parameter block indexalues are used to uniquely identify multicores, as a number of
input and output multicores may exist per interface. Multicores are indexed from one. Shown in
Figure 153 are two input multicores and two output multicores.

* Under eachparameter block indexs listed the parameters that are associated with each
multicore. Shown are asochronous channel numbparameter, and a Booleatart parameter.
In the case of a transmitting multicore, tiechronous channel numbgrarameter value
specifies which isochronous channel the multicore transmits on and the Bstadgarameter
starts and stops streaming. In the case of a receiving multicoisptireonous channel number
parameter specifies which isochronous channel the multicore will receive its audio stream on,
and the Boolean staparameter starts and stops the reception of the audio stream.

* For each of the multicore parameters, paeameter indexalue is set to one as there exists only

one of each of these parameters for each multicore.

Associated with each of these parameters is a callback function that allows the device to respond to
requests from remote XFN devices. When the callback function is called fetiathparameter with
aget valuecommand (as a result of the remote device sendysj @aluerequest for the parameter),
the callback function obtains the streaming state of the requested input or output and sends the state
back to the requester. The AVB Device component of an audio gateway device has the following
two functions that allow for the retrieval of the streaming state of a 1394 multicore:
* AVBDevice_is13940utputStarted: This function returns the streaming state of an
output 1394 multicore. It determines whether the device is configured to transmit a particular
stream.
* AVBDevice_is1394InputStarted: This function returns the streaming state of an input
1394 multicore. It determines whether the device is configured to receive the stream identified by

the isochronous channel numkmarameter.

When the callback function associated withstart parameter is called indicating set value
command, the callback function sets the streaming state of the requested input or output. The AVB
Device component has the following two functions that allow for the 1394 streaming of an audio

gateway device to be started:
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* AVBDevice_start13940utput: This function instructs the device to start the transmission
of a particular source IEEE 1394 stream. Before the transmission goes ahead, bandwidth and an
isochronous channel number are reserved on the IEEE 1394 bus for the stream.

* AVBDevice_start1394Input: This function instructs the device to start the reception of a
particular isochronous stream. The isochronous stream is identified by the value of the

isochronous channel number associated with the sink stream.

The AVB Device component has the following two functions that allow for the IEEE 1394 streaming
of an audio gateway device to be stopped:
* AVBDevice_stop13940Output: This function instructs the device to stop the transmission of
a particular IEEE 1394 stream.
» AVBDevice_stop1394Input: This function instructs the device to stop the reception of the

stream identified by the value of the sink stream’s isochronous channel number.

Similarly, if the callback function associated with sochronous channel numbgarameter is

called with a get valueommand, the AVBDevice component’s

* AVBDevice_get1394inputlsochChannelNumber function is called to obtain the
isochronous channel number associated with a particular IEEE 1394 input multicore.

* AVBDevice_get13940utputisochChannelNumber function is called to obtain the

isochronous channel number associated with a particular IEEE 1394 output multicore.

Once the value of the multicore’s isochronous channel number has been obtained, it is returned to the

requesting device.

If the callback function associated with mochronous channel numbparameter is called with a

set valuecommand, the AVBDevice component’s

* AVBDevice_set1394InputisochChannelNumber function is called to set a particular

IEEE 1394 input multicore’s isochronous channel number.

* AVBDevice_set13940utputilsochChannelNumber function is called to set a particular

IEEE 1394 output multicore’s isochronous channel number.
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11.6.3.2 Ethernet AVB

Figure 154 shows the section of the XFN address hierarchy that is built up to represent the
parameters associated with the AVB multicores on the Ethernet AVB endpoint devices and the IEEE
1394/Ethernet AVB audio gateway devices. The address hierarchy is similar to the address hierarchy
for IEEE 1394 multicores, except that the multicores have different parameters associated with them.
The figure shows the address hierarchy used to addtessm ID (SID) parameters, as well as
Booleanadvertiseand Boolearisten parameters. Thetream IDparameter that is associated with a
transmitting multicore is used to represent the stream ID that uniquely represents that stream. The
stream IDparameter that is associated with a receiving multicore is used to represent the stream ID
of the stream that it is interested in receiving. The transmitting multicore’s Boabbaartise
parameter is used to allow a stream to be advertised, or for that advertisement to be withdrawn. The
Booleanlisten parameter that is associated with a receiving multicore is used to allow a device to

request reception of a stream, or to withdraw that request.

Device

Section block: Signal inp Signal

Section type: Strea output
Section number: Stream

Parameter bloc
Parameter block inde

Parameter type: List

Parameter index:

SID: Stream ID

Figure 154: The XFN address hierarchy for AVB multicores

Each one of these parameters is associated with a callback function that allows for acquiring and

setting these parameters values. Performiggtavaluerequest on th8tream IDparameter results in
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the value of the stream ID of the stream being returned to the caller. Perforsghgauerequest

on an AVB input causes its stream ID to be set. It is not possible to set the value of the stream ID
associated with an AVB output as these are allocated when the system is initialised and remain as
such for the lifetime of the system.

The advertiseand listen parameter callbacks respond as follows:

» Performing aset valuerequest on aadvertiseparameter with a value of true causes the device’s
AVBDevice_registerAVTPStream function to be called for the addressed AVB output
stream. This causes the particular stream to be advertised to the attached AVB network.

» Performing a set valuequest on an advertiparameter with a value of false causes the device’s
AVBDevice_deregisterAVTPStream function to be called for the addressed AVB output
stream. This causes the particular stream’s advertisement to be withdrawn from the AVB
network.

* Performing aset valuerequest on disten parameter with a value of true causes the device’s
AVBDevice_registerAVTPStreamAttach function to be called for the addressed AVB
input stream. This causedistener readyattribute to be declared for the stream (as identified by
the value of the input’s stream |arameter).

» Performing aset valuerequest on thésten parameter with a value of false causes the device’s
AVBDevice_deregisterAVTPStreamAttach function to be called for the addressed

AVB input stream. This causes the particular stream’s listattiebute to be withdrawn.

11.6.3.3 Distinguishing Between Multicore Types

With the level hierarchies shown in Figure 153 and Figure 154, it is possible to determine that
multicores exist on a device, but it is not possible to determine the type of multicore being dealt with.
For each multicore (i.e., for eagdarameter block indewf the multicore parameter blogk there

exists amulticore typeat theparameter typdevel. Unique values have been defined to represent an
IEEE 1394 multicore and an Ethernet AVB multicore. Performing an XJeN valueon this

parameter returns the type of multicore being represented.
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11.6.4External Device Multicore Routing

Each XFN device that is discovered by the Connection Manager is enumerated to discover the
multicores that exist on each of the devices. To determine the number of input multicores that exist
on a device, the Connection Manager queries the device to determine the number of child nodes that
the multicore parameter blockf the signal input section blockas. To determine the number of
output multicores that exist on a device, the Connection Manager queries the device to determine the
number of child nodes that thmulticore parameter blockf the signal output section blockas.

Once these have been obtained, the Connection Manager is able to query the parameters of eacl
multicore within amulticore parameter blockeach identified with a uniquearameter block index

value).

For each multicore that is discovered on a device, its type and name is retrieved and stored by the
Connection Manager. The XFN Stack component of the Connection Manager defines the
getinputMulticoreType function (shown in Listing 46) that allows for the retrieval of a

specific input multicore type (represented byalticoreType enum (shown in Listing 47)). The
interfaceNumber argument should be supplied with the interface number that the multicore is
associated with. Theaulticorelndex is the index of the particular input multicore whose type is

being requested. Similarly, the XFN Stack component definegat@utputMulticoreType

function that allow for the retrieval of an output multicore’s type. CurrentlyMhkicoreType

enumeration defines an IEEE 1394 and AVB multicore type.

MulticoreType getinputMulticoreType (
const uint32 devicelPAddress,
const int interfaceNumber,

const int multicorelndex);

Listing 46: get | nput Mul ti cor eType function
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enum MulticoreType

{
INVALID_MULTICORE =0,
FW_MULTICORE,
AVB_MULTICORE

3

Listing 47: Mul ti cor eType enum

If the multicore is an IEEE 1394 multicore, the values ofisbehronous channel numbandstart
parameters are retrieved by the Connection Manager. If the output multicore is an AVB multicore,
the value of thestream IDandadvertiseparameters are retrieved. If an input multicore is an AVB
multicore, then the value of ttséream IDand thdisten parameters are retrieved. All of these values

are stored by the Connection Manager.

The XFN Stack component defines functions that allow for the retrieval of this information:

» getinputMulticorelsochChannelNumber: retrieves the isochronous channel number
associated with a particular input on a particular device.

» getOutputMulticorelsochChannelNumber: retrieves the isochronous channel number
associated with a particular output on a particular device.

» setlnputMulticorelsochChannelNumber: sets the isochronous channel number of a
specific input on a particular device.

» setOutputMulticorelsochChannelNumber: sets the isochronous channel number of a

specific output on a particular device.

Similarly, the XFN Stack component provides functions that allow for the values of AVB multicore
stream ID parameters to be obtained and set, as well as the states adlvibrtise and listen
parameters:
» getinputAVBMulticoreStreamID: retrieves the stream ID associated with a particular

input AVB multicore on a particular device.
o getOutputAVBMulticoreStreamlID: retrieves the stream ID associated with a particular

output AVB multicore on a particular device.
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» setlnputAVBMulticoreStreamID: sets the value of the stream ID associated with a
particular input AVB multicore on a particular device.

» setOutputAVBMulticoreAdvertise: sets the state (either true of false) of the advertise
parameter associated with a particular AVB output multicore on a particular device.

» setinputAVBMulticoreListen: sets the state (either true or false) of the listen parameter

associated with a particular AVB input multicore on a particular device.

With the Connection Manager, multicores are displayed by selecting one of the cross points on the
matrix of the main device display of the application. This displays a second matrix that is used to
represent the transmitting multicore(s) of the selected source device, and the receiving multicore(s)
of the selected destination device. Figure 155 shows an example of the multicores display for AVB
multicores. The source multicores are represented with labels along the left hand side of the matrix.
In the figure, these are the output AVB multicores of an IEEE 1394/Ethernet AVB audio gateway
device. Destination multicores are represented with labels along the top of the matrix. In the figure,
these are the input AVB multicores of an Ethernet AVB endpoint device. The buttons on the matrix
show whether or not a stream connection exists between a transmitting multicore of one device, and

a receiving multicore of another device.
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Figure 155: Ethernet AVB multicore patching

Figure 156 shows examples of the multicore displays for IEEE 1394 multicores. As with the
multicores display for the AVB multicores, source multicores are displayed along left hand side of
the matrix, and destination multicores are displayed along to the top of the matrix. The patching
matrix shown on the right hand side of the figure is displayed when the cross point between the AVB
Gateway and the UMAN Eval Board is selected. Shown are the transmitting IEEE 1394 multicores
of the IEEE 1394/Ethernet AVB audio gateway device, and the receiving IEEE 1394 multicores of
an IEEE 1394 end point device. The selected cross points on the patching matrix show that the first
transmitting multicore of the audio gateway device is patched through to the first receiving multicore
of the IEEE 1394 endpoint device, and the second transmitting multicore of the audio gateway is
patched through to the second receiving multicore of the IEEE 1394 endpoint device. The patching
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matrix shown at the bottom of the figure is displayed when the cross point between the IEEE 1394
endpoint device and the audio gateway device is selected. This patching matrix shows that the first
transmitting multicore of the IEEE 1394 endpoint device is patched through to the first reception
multicore of the audio gateway device, and the second transmitting multicore of the of the IEEE

1394 endpoint is patched through to the third input multicore of the audio gateway device.

Figure 156: IEEE 1394 multicore patching
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Making a connection between the multicores involves selecting the cross points between the required
multicores. When a cross point is selected, a sequence of events is initiated that ensures that a
connection between the multicores on the devices is established. This sequence of events is

dependent on the specific type of multicore being represented.

When the Connection Manager wishes to establish a multicore connection between two XFN devices

on an IEEE 1394 bus, it performs the following sequence of events:

1. Itissues an XFNyet valuerequest to the transmitting device to get the value of the isochronous
channel number parameter of the multicore that is to transmit the stream.

2. ltissues an XFNet valuerequest to the receiving device to set the channel number of multicore
that is to receive the stream.

3. ltissues XFN set valuequests to the devices to set their gparameters to initiate streaming.

The XFN Stack component provides a function that allows a stream connection to be established
between two IEEE 1394 devices. The signature of this function is shown in Listing 48. The caller
specifies the IP addresses of the devices involved in the connection, the interface numbers of the
interfaces associated with the multicores, the multicores indexes, and the isochronous channel
number to use. Theonnect argument is used by a caller to specify whether a connection is being

created or broken.

const bool connectOutputFWMulticoreSocketTolnputFWMulticoreSocket
(

const uint32 senderlPAddress,

const int senderinterfaceNumber,

const int senderMulticorelndex,

const uint32 receiverlPAaddress,

const int receiverinterfaceNumber,

const int receiverMulticorelndex,

const int isochChannelNumber,

const bool connect);

Listing 48: connect Qut put F\WWMul ti cor eSocket Tol nput FWWULI ti cor eSocket function
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When the Connection Manager wishes to establish a connection between two XFN devices on an

Ethernet AVB network, it performs the following sequence of events:

1. It issues an XFNyet valuerequest to the transmitting device to get the value ottigam 1D
parameter of the multicore that is to transmit the stream.

2. It issues an XFNset valuerequest to the receiving device to set siiwam ID parameter of
multicore that is to receive the stream.

3. ltissues an XFMet valuerequest to the transmitting device to setatleertiseparameter of the
multicore that is to transmit the stream.

4. It issues an XFNset valuerequest to the receiving device to set liseen parameter of the

multicore that is to receive the stream.

The XFN Stack component provides a function that allows a stream connection to be established
between two AVB devices. The signature of this function is shown in Listing 49. The caller specifies
the IP addresses of the devices involved in the connection, the interface numbers of the interfaces
associated with the multicores, the multicores indexes, and the stream ID to usanibet

argument is used by a caller to specify whether a connection is being created or broken.

const bool
connectOutputAVBMulticoreSocketTolnputAVBMulticoreSocket (

const uint32 senderlPAddress,

const int senderinterfaceNumber,

const int senderMulticorelndex,

const uint32 receiverlPAaddress,

const int receiverinterfaceNumber,

const int receiverMulticorelndex,

const uint8 streamlID [8],

const bool connect);

Listing 49: connect Qut put AVBMul ti cor eSocket Tol nput AVBMul ti cor eSocket function
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11.7 Rationale for Matrix Patching

As discussed in [97], digital audio networks often make use of a software patchbay to configure
audio routing between audio devices on the network. These patchbays display the devices on the
network, along with their associated inputs and outputs, and allow sound engineers to make and
break connections between the inputs and outputs of the devices. There are a range of software
patchbay types that have been developed, including list-based patchbays, tree-view-based patchbays
tree-grid-based patchbays and graphic-based patchbays. This section provides a comparison of thes
patchbays in order to motivate for the grid approach to connection management.

11.7.1List-Based Patchbays

List-based patchbays display the devices on an audio network along with their inputs and outputs in
the form of lists. Sound engineers are able to select the output and input from the lists and make
connections between the two. Figure 157 shows the mLAN Graphic Patchbay’s List View [12]. This
window shows mLAN [98] devices present on an IEEE 1394 network, their various audio and MIDI
inputs and outputs, and the connection settings of the devices. The annotations in the figure are
explained below:

1. This list displays the various mLAN devices on the IEEE 1394 network, and the outputs present
on those devices. These are the various signal sources present on the network.

2. This list displays the various mLAN devices on the IEEE 1394 network along with the inputs
present on those devices. These are the various signal destination points that exist on the
network.

3. This list displays the connections between the outputs and inputs of the mLAN devices on the
IEEE 1394 network.

% Music Local Area Network (mLAN) is a technology that allows for the transmission of deterministic, synchronised,
low latency audio data over a network. mMLAN makes use of IEEE 1394 in order to achieve its goals.
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Figure 157: The Yamaha mLAN Graphical Patchbay’s List View

Via this list-based patchbay, making connections between the various outputs and inputs of the
mMLAN devices is done by scrolling to the required signal output and selecting it (see annotation 1 in
the above figure), scrolling to the required signal input and selecting it (see annotation 2 in the above
figure) and then selecting the Connect button. The output and input of connected devices will be
shown as having connections between them by displaying the destination device in the Destination

Connector List (see annotation 3 in the above figure) next to the output.

11.7.2Tree-View-Based Patchbays

Tree-view-based patchbays present the layout of the network in the form of tree structures. Figure
158 shows the NAS Explorer Patchbay [99] used to control mLAN devices. The tree views of this

patchbay are organized in such a way as to represent the hierarchical nature of the IEEE 1394
network it is representing. This patchbay contains two tree-view structures: one to represent the
signal outputs available on the mLAN devices, and one to represent the signal inputs available on the

mLAN devices.

The root node of each tree represents the entire IEEE 1394 network. Its child nodes represent the

various IEEE 1394 buses that make up the network. Each node representing the various buses of the
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network has child nodes representing the mLAN devices present on the bus. Each node in the tree
representing the devices on the buses has child nodes representing either the inputs, or the outputs c
the devices, depending on the specific tree. This way, sound engineers can logically locate the

require inputs and outputs by navigating their way down the tree structure.

Figure 158: The NAS Explorer Patchbay

The annotations in Figure 158 are explained below:

1. This tree-view represents the structure of the IEEE 1394 network along with the mLAN devices
and their signal output plugs, hierarchically.

2. This tree-view represents the structure of the IEEE 1394 network along with the mLAN devices

and their signal input plugs, hierarchically.
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3. Making a connection between a signal output and a signal input requires that a sound engineer
first select the signal output.

4. The second stage for a connection requires selecting the signal input.

5. Once the output and input have been selected, a connection between the two plugs is made by
right clicking on one of the selected inputs or outputs, and selecting the Connect menu item.

6. The NAS Explorer Patchbay displays a connection by making the connected output a child of the
input, and vice versa. Breaking the connection is performed by right-clicking this child node, and

selecting the Disconnect menu item.

11.7.3Tree-Grid-Based Patchbays

Tree-grid-based patchbays display the devices on a network, along with their associated inputs and

outputs, along the axes of grids. The cross points on the grids allow for connections between the

outputs and inputs of devices to be made or broken by selecting or deselecting the points on the

grids, respectively. Figure 159 shows the Routing Matrix of the Otari ND 20B mLAN Control

Software [100]. This tree-grid-based patchbay displays Otari ND 20B units on an mLAN network,

their associated inputs and outputs and the connections between them. The Otari ND 20B units,

along with their inputs and outputs, are shown hierarchically on the axes of the grid with tree views.

Making and breaking connections is performed by selecting and deselecting the cross points on the

grid. The annotations in this figure are explained below:

1. The left hand column shows the names of the devices present on the network and the input
channels available on each device, hierarchically.

2. The top row shows the names of the devices on the network and the output channels associated
with each device, hierarchically.

3. The checkered section of the grid shows which output channels are routed through to which input
channels. Making and breaking connections is performed by selecting and de-selecting the cross
points on the grid where the required output channels intersect the required input channels.
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Figure 159: The Otari ND 20B mLAN Control Software Routing Matrix

11.7.4Graphic-Based Patchbays

A graphic-based patchbay represents devices on an audio network with the aid of icons. Each icon
represents a device and the inputs and outputs associated with it. The connections between the
devices are represented with cable-like lines drawn between the plugs. The Yamaha Graphic

Patchbay [12] is an example of a graphic-based patchbay. This patchbay is used to make connection:
between mLAN devices on an IEEE 1394 network. The primary window of this patchbay is shown

in Figure 160. The annotations in this figure are explained below:

1. The mLAN devices on the IEEE 1394 network are shown on the workspace with the aid of

different coloured icons, and each icon may contain detail pertaining to the particular device.
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2. The inputs and outputs on each device are shown on the side of the icons that represent the
different mLAN devices.

3. The connections between the devices are shown with graphic cable-like connectors. Different
colours are used to distinguish the different virtual cables.

4. In order to make a connection between an output and input on two different devices, the ‘out’
section of one device, and the ‘in’ section of another device is selected. This displays two
Connector windows that display the relevant plugs available on the selected devices. A
connection is then made by selecting the required output, and then selecting the required input.
Connections are then visually shown with graphical cables between the output plugs, and the

input plugs.
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Figure 160: The Yamaha mLAN Graphic Patchbay

11.7.5A Comparison Of Patchbays

As the number of devices on an audio network increases, the complexity of the patchbay
representing the devices on the network may increase as well. Besides the list-based patchbay
discussed above, all of the patchbays represent the network hierarchically. This hierarchical
representation reflects the structure of the network itself. This makes navigating to required devices
and their inputs and outputs take place in a logical way. It also reduces the amount of clutter on the
displays of the patchbays, as sound engineers have the option of only displaying the information that

they are interested in.
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Table 44 shows the number of mouse button clicks it would take a sound engineer to make a
connection between two devices on a single bus IEEE 1394 network, using the patchbays discussed
above. The table distinguishes between the number of mouse button clicks it takes to navigate to the

required inputs and outputs to make the connection.

List-based Tree-view-basedTree-grid-based  Graphic-based

Navigate to plugs 0 (Scroll) 6 4 2

Make connection 3 4 1 2

Table 44: The number of mouse clicks to make a soft connection

With all the patchbays discussed above, a sound engineer is required to individually navigate to the

required output and input to make a connection.

The patchbays discussed above, except the tree-grid-based patchbay, require that sound engineer
individually select the output and input before a connection can be made. Even though the list-based
patchbay has the least number of mouse clicks to make a connection, the process of selecting the
plugs could become tedious. The lists in which the inputs and outputs are listed may grow to the

point where each list contains literally hundreds of individual items even for a small studio.

When making a connection with the tree-grid-based patchbay, there is no need to explicitly select the
outputs and inputs required for a connection. A connection is created by selecting the cross point on

the grid that is used to represent the output and input. The output and input are implicitly selected.
11.8 Connection Manager Grid Displays

The grid approach (as opposed to the approaches discussed above) allows for the implicit selection
of source and destination devices, and the implicit selection of a signal source point and a signal
destination point when patching. The grid based approach implemented for the Connection Manager
mimics the process that an audio engineer would follow when manually routing audio between

devices that are part of an audio system. When patching audio signals manually, audio devices may

be connected by cables that are grouped into multicore cables. A multicore cable can be routed to
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another location where the individual cables within the multicore can be sent to the sockets of a

patch panel. Here individual signals can be patched through to a device, or be patched into another

multicore cable. The Connection Manager mimics this process (refer to Figure 145 on page 299 for

the sample network that the following examples apply to):

First, connections are made within a source device. If, for example, an audio engineer would like
to patch the signal from a microphone through to one of the sources device’s output multicore
sequences, then, with the Connection Manager, the source device is selected to display the
internal routing configuration of the device. A connection can then be made between the input
(that the microphone is connected to) and output (representing the sequence of the output
multicore) of the device by selecting the cross point between these two on the patching matrix.
An example of this can be seen in Figure 150 on page 308.

Next, connections between two devices can be created by selecting the cross point between the
signal source device and the signal destination device on a device display grid (as seen in Figure
156 on page 322). This displays the multicore outputs of the implicitly selected source device,
and the multicore inputs of the implicitly selected destination device in the form of a matrix.
Multicore connections between the devices are created by selecting the cross point between the
signal source and the signal destination. In the example, the microphone’s signal is routed into a
particular multicore. This multicore is then patched through to a multicore input on the receiving
device (the IEEE 1394 bridge, for example) by selecting the cross point between the two devices.
Once inter-device patching is complete, connections within the destination device can be made
(the IEEE 1394 bridge). The destination device is selected to display the internal routing
configuration of the device. Connections on this device can be made between its inputs and
outputs by selecting the cross points on a patching matrix. In the example, the incoming
multicore signal that contains the microphone signal can be patched through to an output
multicore on the other portal of the bridge. This process continues until the audio signal arrives at

the destination device.

11.9 Conclusion

The IEEE 1394 and Ethernet AVB devices that were used as part of this study each contain an XFN

stack. This chapter demonstrated how the XFN protocol has been used to represent and control both
IEEE 1394 and Ethernet AVB audio devices:
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Each device is able to build up a seven-level XFN address hierarchy that reflects the hierarchical
structure of the device itself.

Via the protocol, remote devices are able to determine the presence of these devices. A graphical
patchbay application was developed to discover and represent these devices.

The protocol was used to provide a common view of signal source points, signal destination
points, and signal patch points within the devices. The graphical patchbay application has been
used to represent these signal source, destination, and patch points for both the IEEE 1394 audio
devices, and Ethernet AVB audio devices. The patchbay application allows a user to create and
break these patches.

The protocol has been used to provide a common multicore view of the streams that may exist
between IEEE 1394 devices, and streams that may exist between Ethernet AVB devices.
Parameters are defined for each multicore type to enable stream connections across their
respective networks. The graphical patchbay application is able to represent these multicores, and
allows for patches to be created and destroyed between multicores of the same type.
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Chapter 12 Conclusion

Digital networks are increasingly being used for the simultaneous transport of a variety of types of

non-realtime and realtime data. The transmission of these various types of data places different

demands on the networks that they are transmitted on. Non-realtime data can be delivered on a bes

effort basis, whereas realtime stream data requires the ability to:

* Be able to transfer data uninterrupted at a constant rate. The data needs to be delivered
deterministically with bounded latency.

* Synchronise multiple realtime streams to allow for their simultaneous playback, and to allow for

wordclock regeneration.

These requirements necessitate that the underlying network technology provides:

* A means to ensure that network resources (e.g., bandwidth) are reserved for realtime data. There
need to be mechanisms in place allowing end stations involved in realtime data streaming to
communicate their resource requirements to the network. This allows the network to reserve
these resources for the streams.

* Mechanisms to guarantee that the data is transmitted in a deterministic and timely fashion across
the network.

A common sense of time amongst nodes on the network to allow for the synchronisation of
realtime streams. The network needs to provide the ability to allow all stations on the network to

have a common understanding of time.

The two dominant open standards-based networking technologies that natively provide the above
mentioned capabilities are IEEE 1394 and Ethernet AVB. These networking technologies implement

diverse mechanisms in order to achieve the above requirements. Audio transport protocols have been
standardised for each of these networking technologies. These protocols allow audio data to be
streamed between the audio devices that reside on these networks. Also defined are diverse
incompatible command and control protocols that allow connection management to take place in and

between the devices that reside on these networks.
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12.1 Goals

The goals of this work were to:

* Demonstrate the ability of audio devices residing on IEEE 1394 networks to transmit audio data
to audio devices residing on Ethernet AVB networks, and vice versa.

» Develop a common method of representing and controlling audio devices that reside on these
disparate networks.

» Develop a graphical patchbay application that is able to graphically represent and control these

diverse devices in a congruent manner.

12.2 Conclusions

In order to achieve the above goals, this work was divided into a number of sections. Before the
compatibility of, and control over, these networking technologies could be explored, a thorough
knowledge of the underlying workings of IEEE 1394 and Ethernet AVB networks was needed. This
investigation focused on the core requirements that make these networks suitable for transferring
realtime audio data, as identified above. These two networking technologies each provide their own

mechanisms for achieving these goals.

On an IEEE 1394 bus, the electsdchronous resource managdRM) node keeps track of the
amount of bandwidth remaining on the bus, and keeps track of isochronous channel numbers that are
available for use. Nodes wishing to transmit isochronous stream packets request bus bandwidth and
an isochronous channel number from the IRM. If the request succeeds, these resources are reserve
for the node that requested them (see Section 3.1 “Resource Reservation for IEEE 1394”). On an
Ethernet AVB network, a talker wishing to transmit a realtime stream sends a frame onto the
network containing d@alker advertiseattribute. This attribute contains a description of the resource
requirements of the stream. The attribute is propagated throughout the network and, given sufficient
resources, is received by all bridges and end stations. When a bridge rectlkes advertise
attribute, it is able to determine whether each of its ports are able to support the stream or not. The
talker advertiseattribute is transmitted out of each port that is able to support the stream. When a
listener would like to receive a particular stream, it transmits a frame to the network containing a

listener readyattribute. This attribute contains the stream ID of the stream that listener would like to

336



receive. The network sends this attribute directly to the talker. As the attribute propagates through
the bridges of the network, if the stream resources are available, they are reserved for the stream.
When thelistener readyattribute is received by the talker, the talker knows that the network has
reserved the resources required for the stream, and is able to start transmission of the stream (set

Section 3.2 “Resource Reservation for Ethernet AVB”).

IEEE 1394 and Ethernet AVB each provide mechanisms that allow for the deterministic and timely
transmission of realtime stream data. IEEE 1394 operates on a 125 ps isochronous cycle. Each node
that has reserved bandwidth (via the IRM) is given an opportunity to transmit data (per requested
isochronous channel) once per isochronous cycle (i.e., each node is guaranteed that it will be able to
transmit its isochronous data once per isochronous cycle) (see Section4.1 “Determinism for IEEE
1394"). Ethernet AVB devices tag stream data with specific priority values used to identify stream
data. This allows Ethernet AVB bridges to apply specific frame forwarding to these frames. Each
outbound port on an Ethernet AVB bridge contains a number of queues containing frames awaiting
transmission. Higher numbered queues are given higher preference than lower numbered queues fot
frame transmission. Stream frames are placed into the highest numbered queues (with class A
streams going into the highest numbered queue). Each queue that supports stream reservation keep
track of the amount of bandwidth reserved for it, and through the use of the credit-based shaper
algorithm, ensures that stream frames are transmitted evenly onto the network, and that the
bandwidth is not oversubscribed (see Section 4.2 “Determinism for Ethernet AVB”).

IEEE 1394 and Ethernet AVB natively provide mechanisms that allow the nodes on the network to
all share a common sense of time. Each network elects a master node from which all other nodes on

the network derive their time (see Chapter 5 “Timing and Synchronisation”).

Media transport protocols have been defined to allow for the transportation of audio data between
devices on IEEE 1394 and Ethernet AVB networks. The formatting of the media packets, the
formatting of the media data itself, and the timing and synchronisation mechanisms employed by the
protocols was examined in Chapter 6 “Media Transport Protocols”. The AVTP protocol, used to
transfer audio data between devices on an AVB network, borrows heavily from the CIP and AM824
protocols defined for transferring audio data between devices on an IEEE 1394 network.

Conceptually, audio data is transferred between devices in a stream, with a stream being composed
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of individual channels of audio. The timing and synchronisation mechanisms employed by the

protocols vary in that they use different presentation timestamp formats.

During the course of this work, the Ethernet AVB standards were under development and
commercially available Ethernet AVB capable devices did not exist. Proof of concept Ethernet AVB
endpoint devices were developed to run on general purpose computers running the Linux operating
system. Ethernet AVB endpoint devices were developed to allow for the transmission and reception
of audio streams across Ethernet networks. These devices are able to capture analogue audio throug
an analogue sound card, and encapsulate that audio in AVTP frames for transmission over an
Ethernet AVB network. These devices are also able to receive AVTP frames containing audio data,
and transfer this audio to the analogue interface of the device. IEEE 1394/Ethernet AVB audio
gateway devices were also developed. These devices allow for audio streams to be transferred
between IEEE 1394 and Ethernet AVB networks. The channels of audio data contained within
packets received via one interface of the device are extracted and placed into packets for the other

interface of the device to transmit (see Chapter 10 “Ethernet AVB Devices”).

The use of these devices, along with the use of existing IEEE 1394 endpoint devices, allowed for the
development of a means to transfer audio streams between IEEE 1394 and Ethernet AVB networks
with the protocols and procedures defined in IEC 61883 and IEEE 1722. These devices make use of
the CIP, AM824 and AVTP protocols in order to achieve this goal. These protocols make use of the
same audio formats, thus alleviating the need to do any transcoding between audio data received on
one interface, and the audio data transmitted on the other interface. IEEE 1722 does not define cross
network timing and synchronisation mechanisms, thus this work proposed a means to provide timing
and synchronisation mechanisms between IEEE 1394 and Ethernet AVB networks. Timing and
synchronisation mechanisms were proposed to enable the synchronisation of multiple streams being
transferred across these disparate networks. The timing and timestamps used by these networks ar
not compatible, thus timestamp values conveyed in packets have to be converted from one format to
another when transferred across the audio gateway device. These timestamps also have to be
regenerated relative to the time of the network on which they are transmitted. This work proposed a

set of formulae for achieving these goals (see Section 10.3 “Timing and Synchronisation”).

In Chapter 7 “Standards-Based Command and Control Protocols”, a number of command and control

protocols were examined at a high-level to determine a suitable protocol for providing control over
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the IEEE 1394 and Ethernet AVB audio devices that were developed as part of this study. Of the
protocols examined, it was observed that they provide similar hierarchical parameter addressing and
parameter access functionality. It was decided that the XFN command and control protocol would be
used during this study. During this study, the XFN protocol was under development as an AES
standard. It provides a rich set of features and functionality geared towards networked realtime audio
and video equipment. Source code of an implementation of the XFN protocol was made available.
This source code was developed to be cross platform such that it could be built on Windows, Linux,
and other platforms. The XFN protocol has a simple design and natural parameter addressing. The
API functions provided by the source code are easy to use and provide the ability to build XFN
address hierarchies. Application specific callback functions can be associated with these hierarchies.
This enables minimal application code to be written in order to implement an XFN controllable

application.

In order to initially examine the capabilities of the XFN protocol, simple proof of concept devices
were developed. These devices provide a means to tunnel Ethernet traffic over IEEE 1394 networks.
Packet formats were developed to allow for the fragmentation of Ethernet frames (used when an
Ethernet packet is larger than the maximum payload size of the isochronous packets), and for the
packing of Ethernet frames (used when multiple Ethernet frames can be accommodated in an
isochronous packet). The XFN protocol was used to successfully provide control over the parameters
of the devices to enable tunnelling to take place across IEEE 1394 buses: the protocol was used to
establish stream connections across IEEE 1394 buses, and was used to manipulate other paramete
relating to the streams, such as the maximum payload size of each transmitted isochronous packet.
The isochronous stream used to carry Ethernet traffic between tunnel nodes was modelled as a
multicore. A graphical patchbay application was developed and successfully used to represent and
control the parameters of the tunnelling devices. The application used the XFN protocol to discover
the availability of the tunnelling devices on a network, the availability of multicore endpoints on the
devices, and to create and break stream connections between the multicore endpoints (see Chapter
“Tunnelling”).

Following this proof of concept, each of the developed Ethernet AVB devices, as well as the existing
IEEE 1394 endpoint devices were implemented such that they are remotely controllable via the XFN
protocol. Each device contains an XFN stack that allows for the creation of an XFN address

hierarchy, and allows for the reception and transmission of XFN messages. As with the tunnelling
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nodes, the Ethernet AVB devices implemented pre-existing address hierarchies and parameters from
the XFN specification that allow for the discovery of the devices by other XFN capable devices.
These devices also implement parameters that allow for control over the internal audio routing
configuration of the devices, and allow for control over the parameters that allow for stream

connections to be established across digital networks.

As with the tunnelling devices, the IEEE 1394 endpoint devices and the IEEE 1394/Ethernet AVB
audio gateway devices implement parameters that enable IEEE 1394 isochronous streams to be
remotely established between devices on IEEE 1394 buses. In each instance, the XFN protocol views
each isochronous stream as a multicore. Each one of the device’s multicore endpoints has parameter:
that enable streams to be established. Starting a source IEEE 1394 multicore, by sedtary its
parameter, causes the device to request bus bandwidth and an isochronous channel number from th
IRM. If these resources have been obtained, stream transmission begins. Starting a sink multicore, by
settings itsstart parameter, causes a device to be configured to receive the stream identified by the
multicore’s isochronous channel numbgrarameter. The Ethernet AVB endpoint and IEEE
1394/Ethernet AVB devices were implemented such that the XFN protocol also views streams across
Ethernet AVB networks as multicores. The AVB multicores have parameters that enable stream
establishment to take place between devices on an Ethernet AVB network. The Ethernet AVB
devices introduce additional parameters to the XFN specification that allow for stream connections
to be established across Ethernet AVB networks. A source AVB multicore haslvantise
parameter associated with it that, when set, causes the device to advertise the stream to the attache
Ethernet AVB network via MSRP. A sink AVB multicore hasisden parameter associated with it

that, when set, causes the device to request attachment to a specified stream via MSRP (Section 11.1
“Stream Establishment”).

The XFN specification defines parameters that allow for the routing of audio signals internal to a
device. These parameters represent a patching matrix when@sspointparameter enables the
routing of an audio signal from a signal source point to a signal destination point within a device.
The existing IEEE 1394 audio devices use the parameters to route single audio channels from the
inputs of the devices, to the outputs of the devices. In the Ethernet AVB endpoint deaisggoint
parameters are used to route audio signals from the reception multicores of the device to its analogue
output, and vice versa. In the IEEE 1394/Ethernet AVB audio gateway dewaEspoint
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parameters were successfully used to route bundles of audio from their reception multicores to their

transmission multicores.

The consistent use of parameters across a diverse range of devices simplifies the control over these

devices:

* The consistent use of the XFifosspointparameter enables a patchbay application to simply
discover the signal sources, signal destinations, and signal cross points within a device without
concern for the signal formats and the complexities involved in routing the audio data from one
signal point and format to another signal point and format within a device. An application is able
to instruct a device to enable a crosspoint, and the device deals with the device specifics involved
in routing the audio signals.

* The consistent view of a stream as a multicore simplifies the process of discovering stream
endpoints that exist on a device. A controller is able to determine the existence of multicore
endpoints on a device (regardless of whether they are IEEE 1394 or Ethernet AVB multicore
endpoints), and is able to represent them. Due to the disparate methods used to form connections
across these networks, unique XFN connection management parameters are defined for each

multicore type.

The XFN protocol’s generic representation of devices and their connection management parameters
allows for software applications to graphically represent audio devices with a consistent user
interface. The Connection Manager, developed to represent and control the IEEE 1394 and Ethernet
AVB audio devices used during this study, provides a consistent graphical representation to the
various internal audio inputs and outputs of a device, the patches between these inputs and outputs
the source and sink multicores that a device has, and the connections between these multicore
endpoints. The use of common parameters from the XFN specification allows the Connection
Manager to represent devices without having to have knowledge of the internal workings of the

devices themselves.
Figure 161 and Figure 162 show the Connection Manager representing IEEE 1394 and Ethernet

AVB devices. Also shown are the inputs, outputs and internal patches of an IEEE 1394 and an
Ethernet AVB device.
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Figure 161: IEEE 1394 endpoint device internal routing matrix
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Figure 162: IEEE 1394/AVB audio gateway internal routing matrix

Figure 163 and Figure 164 show how the Connection Manager consistently represents the multicores
that exist on IEEE 1394 and Ethernet AVB devices, as well as the connections that exist between
these multicore endpoints.
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Figure 163: IEEE 1394 multicore patching
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Figure 164: Ethernet AVB multicore patching

The natural hierarchical matrix-styled graphical layout of the Connection Manager is such that audio
signals can be routed through complex audio networks by methodically patching from a source
device to a destination device:

» Selecting a source device displays its internal routing configurations on a patching matrix. This
patching matrix allows patches to be enabled and disabled between the inputs of a source device
and its outputs.

» Selecting a crosspoint between a signal source device and a signal destination device displays the
signal routing configurations between the devices on a patching matrix. The patching matrix
allows for connections between the devices to be created and broken.
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» Selecting a destination device displays its internal routing configurations on a patching matrix.
This patching matrix allows patches to be enabled and disabled between the inputs of a

destination device and its outputs.

This approach to patching has been applied to a number of devices, including the UMAN evaluation
breakout boxes, UMAN amplifier nodes, UMAN IEEE 1394 bridges, the developed Ethernet AVB
endpoint devices, and the developed IEEE 1394/Ethernet AVB audio gateway devices. These
devices have diverse capabilities and implementations, yet have been represented using a commor
set of XFN parameters, and a common graphical user interface. It is the intention that other
networked audio devices (in addition to IEEE 1394 and Ethernet AVB audio devices) can be
controlled via the same set of parameters and graphical patching matrix layout thus enabling

seamless device integration and control.

12.3 Future Work

As a result of the work performed during this study, a number of possible future projects have

emerged:

» The AVB devices implemented as part of this study were done so from the specifications
obtained from the IEEE. It would be useful to verify that these device implementations are
interoperable with other AVB implementations. Ideally, this verification should involve AVB
aware bridges and AVB aware end stations from a number of different manufacturers.

» This work proposed a number of cross network timing and synchronisation mechanisms. It would
be useful to implement these mechanisms and verify their accuracy. Their accuracy should be
tested over a number of hops.

« The AVB devices implemented as part of this study were done so on general purpose Linux
computers. The implementation of the AVB protocols and procedures for the professional audio
market requires fine control over hardware devices to enable strict control over latency and the
timing and synchronisations mechanisms. It would be useful to verify the cross network
streaming capabilities by implementing these mechanisms on specifically designed hardware

devices.
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* For consumer grade audio applications, it will be useful to create PC sound card drivers to allow
audio to be streamed from PC applications to AVB networks. This should also allow for audio

applications to receive audio streams from AVB networks.
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