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Beginners Guide to IP 

IP technology is changing the broadcast industry in a revolutionary way, 
sweeping aside 80-year-old cable-based connections in favour of packet-switched 
workflows. It is transforming how audio, video and control data is encoded, 
transported and managed. The impact on the design of broadcast equipment is 
profound.

In the short term, broadcasters will need to replace existing analogue, 
AES3, MADI and SDI ports, with a new class of interface that enables 
them to connect to standard IT switch infrastructure, and adopt new control 
mechanisms for connection management and device discovery. As this 
happens, the traditional distinction between audio, video and data transports 
will disappear, being replaced with a single agnostic, scalable network.  
Gradually, old video and audio cabling will be replaced by fibres carrying IP 
traffic, and conventional audio and video routing equipment will be replaced 
by standard IT switches.
 
In the medium term, broadcasters’ ambitions will extend beyond merely 
replicating existing working practices, as confidence and competence grows, 
and workflows will evolve to take advantage of the greater flexibility and 
geographical freedom now available to them.
 
In the longer term, the broadcast industry will further borrow from the 
IT industry by shifting away from bespoke hardware towards software 
processing running on commodity computing platforms. While not all 
broadcast processes will fit this model, many will, and in doing so, offer 
benefits in scalability and economy.
 
As the shift to IP infrastructure continues we will be encouraged to drop our 
conventional signal-based approach in favour of a services model, where 
content, both live and stored, may be discovered and accessed by anyone in 
possession of access rights and an appropriate IP connection, regardless of 
location.
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Present  
Audio:
Broadcast IP infrastructures are currently dominated by just a few protocols: 
AES67, Ravenna and Dante. And then there’s AVB.
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Central to the use of off-the-shelf IT components is conformance to a set 
of standards which, together, define IP networking. This includes protocols 
such as RTP, IGMP and PTP, all of which are used in audio and video over 
IP streaming, but would be familiar to IT specialists outside the broadcast 
industry. Equally important are the open standards, specific to broadcasters, 
which define precisely how media are encoded and packetised, in order 
to stream in real-time. These open standards will ensure different vendor’s 
equipment will interoperate reliably.
 
None of this will be straightforward.
 
To meet a broad range of needs, manufacturers will have to create interfaces 
that conform to a variety of open standards (AES67, Ravenna, TR03, TR04, 
SMPTE2022, and maybe more), and provide elegant solutions for controlling 
and managing services, flows, sync, control data, monitoring, trouble-
shooting, SDN (Software-Defined Networking for over-riding the default 
packet-forwarding behaviour of an IP switch), based on another set of open 
standards.
 
There are huge opportunities for forward-thinking broadcasters and 
technology manufacturers alike, who are prepared to embrace and engage 
with the changes.
 
Calrec provides a variety of networking interfaces, including an AES67/
Ravenna interface, an AVB interface, and a modular I/O Dante card that also 
has AES67 compatibility. In addition, Calrec provides a SMPTE 2022-6 video 
interface.
 
Since they can choose from a range of protocol interfaces, broadcasters can 
be confident that they’ll have Calrec’s support no matter which combination of 
formats they use now and in the future.
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Dante 
Dante was developed in 2006 by Audinate and is the most established of 
these protocols. The biggest difference between Dante and both AES67 and 
Ravenna is that Dante is proprietary, rather than an open standard. Despite 
this, there are thousands of Dante-enabled products available, and many 
technology companies – including Calrec – work with Audinate to provide 
compatible equipment.
 
AVB, aka TNS (Time Sensitive Networking)
AVB is an open standard promoted by the AVNU Alliance, a group of 
industry stakeholders promoting AVB as a route to interoperability between 
manufacturers.
 
AVB is different to AES67, Ravenna and Dante, using etherframes rather than 
IP packets to transport data, which means that AVB is not an AoIP protocol. 
Unlike AoIP protocols, AVB networks cannot extend across routers or bridges. 
In other words, they are geographically limited to LAN segments. A further 
limitation is that AVB networks require AVB-enabled switches and hubs.
 
The trade-off is a guarantee that AVB networks are completely deterministic 
– you get out exactly what you put in. Also, AVB is set up on the “stream” 
principle; its DECC (Discovery, Enumeration, Connection and Control) 
protocol establishes connections over the network and presents a view of all 
AVB devices on that network.
 
For broadcast audio, AVB offers data sharing with no risk to priority audio 
services.
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AES67
Development of AES67 began in 2010 and it was published in 2013. AES67 
does not describe a full protocol, rather it defines a set of ‘ground rules’ that 
make interoperation between equipment from third parties possible. It is 
based on the common ground between a number of established IP-based 
audio networking systems including Ravenna, Livewire, Q-Lan and Wheatnet. 
It is the closest thing the broadcast industry has to a network solution, and led 
to the formation of the Media Networking Alliance (MNA) in 2014.
 
The MNA consists of a host of like-minded technology companies – including 
Calrec – to promote AES67 as the common interchange of digital media 
between different IP networking platforms. AES67 continues to evolve - the 
Video Services Forum’s set of technical recommendations (TR-03 and TR-04) 
covering the transport of media content in elementary essence flows specifies 
AES67 as the transport protocol for elementary audio streams.

Ravenna 
Ravenna was officially launched at IBC 2010 by ALC Networx and is 
described as a technology for real-time transport of audio and other media 
data in IP-based network environments. Ravenna is an open technology which 
has adapted standard network protocols for use primarily in the professional 
broadcast market. It uses RTP streaming and Bonjour for service discovery 
(see “Control” later in this document.)
 
Ravenna can operate in existing network infrastructures and can operate in an 
AES67 compliant profile.
 
A wide range of companies, including Calrec, is signed up to the Ravenna 
ecosystem. Companies who are producing Ravenna-compatible equipment 
include Calrec, Lawo, Merging, Sonifex, AEQ and Riedel.
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This table lists three streaming implementations that are all AES67 compatible, 
but unable to inter-operate because their discovery mechanisms are 
incompatible. For a network implementation to be successful, network designers 
must be careful to select devices that have compatible discovery mechanisms.
 
Device 	 Discovery	 Transport
Ravenna	 Bonjour	 RTP/UDP
Audinate AES67	 SAP	 RTP/UDP
‘Pure’ AES67	 SIP	 RTP/UDP
 
Calrec’s approach is to design end points that support multiple protocols 
simultaneously, making them network-agnostic, and capable of working with a 
wide range of devices from different vendors.
 
Other Questions of Control
Connecting devices on an IP network allows them to stream audio to one 
another, as well as the opportunity for more sophisticated control integration. An 
example might be where a mixing console is connected to a stream from a third-
party vendor’s mic amp unit. In this case, the mixing console operator may want 
to be able to control the analogue gain of the mic amplifier in the third-party unit. 
Another example might be where someone wishes to take control of the AES67 
connection management of a device from a remote location. In both these cases, 
a control mechanism is required that allows one device to control aspects of 
another device, over an IP connection.
 
There are several control mechanisms that may be utilised, such as AES70 and 
EMBER+. These are sophisticated protocols that use a server-client model and 
do not generally require vendor-specific extensions in order to allow control of 
most functions.
 
A device may advertise its AES70 server using Bonjour, allowing potential 
controllers to discover it. The protocol allows user-defined controls to be 
discovered, and contains pre-defined objects for complex controls like routing, 
clock management and stream management. It is early days for AES70 and it 
remains to be seen how widely it is adopted.
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Controlling Media Streams 
 
While there has been some industry success in agreeing a common transport 
mechanism for IP audio, there has been less success in agreeing how IP 
streams can be managed.
 
To fully realise the benefits of IP it must be possible for a device (or end point, 
as IP jargon terms it) to join a network, and discover for itself all the streams 
(or services) available on the network. It must do this in order to allow a human 
operator to see the available streams and to make choices about which to 
connect to.
 
Firstly, this process requires that all devices participate in an agreed ‘discovery’ 
scheme. Secondly, as the list of connected devices changes, the discovery 
mechanism must allow for dynamic tracking of available streams. Thirdly, once 
a stream has been discovered, detailed information must be provided by the 
transmitting device giving details of exactly how to listen to, and decode, that 
particular stream. These details are known as a session description, and include 
sample rate, encoding mechanism, sample depth, number of channels and 
multicast IP.
 
A popular service discovery mechanism, originally developed by Apple Corp, 
is Bonjour, with other mechanisms including SAP and SIP. For a network of 
devices to work together it is necessary for them all to support a common 
discovery mechanism.
 
Unfortunately, the AES67 standard does not mandate the use of a particular 
discovery mechanism. This is because each have their own strengths and 
weaknesses, and the authors of AES67 felt that manufacturers ought to have 
the freedom to choose a mechanism that best matches particular application. 
While this positon is supportable, its unfortunate consequence is that products 
with non-matching discovery mechanisms will not be able to inter-operate. In 
other words, they will remain unaware of each other’s presence on the network.
 



Elemental Streaming
 
As the broadcast industry continues to embrace IP we can expect single 
network infrastructures to be used to convey video, audio, sync and control 
data, as well as providing conventional network services such as file transfers, 
telephony, email and internet access.
 
It will no longer be necessary to combine media streams into a single transport 
as with SDI. It will be more convenient to stream the elements of a programme 
individually, removing an encoding and decoding stage entirely. The video, 
audio and data components of a programme may be logically linked, at a 
control level, while remaining separate at a transport level. This means that a 
device that is only interested in the audio portion of a programme need only 
receive the audio stream, and can ignore the video portion of the programme.
 
This approach is called elemental streaming.
 
There are several approaches to elemental streaming, including IP Live 
(devised by Sony), ASPEN (based on MPEG-TS), and TR03 and TR04, from 
the Video Services Forum (VSF). Of these, TR03 looks likely to become the 
most widespread.
 
The broadcast industry has learned its lesson from the chaotic development 
of audio networking, where multiple proprietary technologies hindered the 
development of a standards-based approach. Its approach to the development 
of elemental streaming is far more structured. A joint taskforce, JT-NM, was set 
up to research broadcast industry requirements of IP networking.
 
JT-NM developed a reference architecture which offered a technology-agnostic 
model to meet these requirements, identify candidate technologies and 
encourage industry organisations to codify the standards on which the next 
generation of products will be built.
 
Continued Overleaf
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Video
 
Since its introduction in 1989, the common denominator of video transport has 
been the Serial Digital Interface, or SDI. SDI is a video transport that may also 
carry audio and ancillary data.
 
First introduced in 2007, SMPTE 2022 is a family of standards that describe 
methods for encapsulating digital video transport over an IP network;
 
SMPTE-1, -2, -3, and -4 are concerned with compressed  
video on MPEG-TS streams.
SMPTE-5 covers SDI with forward error correction.
SMPTE-6 deals with SDI.
SMPTE-7 covers SDI with hitless protection (stream merging).
 
SMPTE 2022 -5, -6 and -7 may be thought of as the IP counterparts to SDI. 
They encapsulate the SDI data stream in its entirety, in IP frames, complete 
with audio and ancillary data. This makes it suitable for transportation over 
an IP network. However, the process of encapsulation destroys the sync 
information that is implicit in the SDI line rate, and this must be transported 
separately. This nasty little problem has been solved by the creation of a further 
SMPTE standard, ST2059, which describes a means for transporting sync 
information over an IP network using an IT standard known as PTPv2.
 
SMPTE 2022-5, -6 and -7 video is something of a compromise. Certainly it 
allows the transportation of video over IP, but it makes the job of extracting 
audio and ancillary data even more expensive, in hardware resources, than it 
already is with SDI. A more elegant solution to transporting video, audio and 
data streams that are logically linked (as part of the same TV program) is to 
use elemental flows. This is described in the next section.
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Hydra2
 
Calrec provides a variety of networking interfaces, including an AES67/
Ravenna interface, an AVB interface, and a modular I/O Dante card that also 
has AES67 compatibility. In addition, Calrec provide a SMPTE 2022-6 video 
interface.
 
Each element of Calrec’s protocol range redundantly connects to Calrec’s 
Hydra2 and appears like any other I/O resource on the Hydra2 network. This 
means each resource is able to tap into Hydra2’s integral suite of management 
tools, such as remote configuration patching, port protection, alias files, virtual 
patchbays, and access rights.
 
Offering a complete range of protocol interfaces means broadcasters can be 
confident that they’ll have Calrec’s support no matter which combination of 
formats they use — both now and in the future.

Find Out More

Calrec​​ 		 www.calrec.com 
AES 		  www.aes.org
Aims ​​​		  aimsalliance.org
AMWA​​		 www.amwa.tv
Audinate	 www.audinate.com
AVNU Alliance	 avnu.org
MNA​​​		  medianetworkingalliance.com
Ravenna​​	 www.ravenna-network.com
SMPTE		 www.smpte.org
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