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**** First Change ****
5.2.5.8	Key Issue #7: Configurable Audio Channels
Editor’s Note: This clause should describe implications on protocol usage, when a predefined number of audio channels (as in MADI or SDI) is allocated, independently on its needs. In SDI, always 32 audio channels are allocated. Unused audio channels are “muted”. See ST 299 for more details. (https://tech.ebu.ch/docs/techreports/tr002.pdf)
a. Are muted audio channels used for other purposes in SDI / MADI, which should be considered for 5G deployments?
b. Is it needed to send audio frames with “many null payload bytes“? What is the practice in ST 2110, which also supports separated A & V?
c. Would all audio channel perceive same quality/QoS? Or can some audio channels require low latency while other audio channels are “embedded with video”?
Editor’s Note: This clause should describe the possibility of configuring audio channels on a need bases.
Audio may be carried as an encapsulated signal multiplexed with video and data, or as a separate set of streams. For tier one or audio-only productions, the audio is treated as separate discrete streams per channel. For tier two and three productions and contribution workflows, it may be desirable to carry audio and video multiplexed with the video.	Comment by Richard Bradbury (revisions): What does alongside mean in real money?
Multiplexed in a single application flow?
A channel is usually a mono signal. Tier one productions may deploy protocols such as Multiple Audio Digital Interface (MADI) [38] support serial digital transmission over coaxial cable or optical fibre lines of 28, 56, 32, or 64 channels; and sampling rates to 96 kHz and beyond with an audio bit depth of up to 24 bits per channel. Where encapsulated audio and video are used then fewer channels are likely to be deployed. As a minimum, this should consist of two audio channels.
An audio channel can be considered as
-	Active or inactive: Not all channels (allocated in MADI or SDI) may be required for all applications so it should be possible to describe a channel as either active or inactive so as to make more efficient use of available bandwidth.
-	Muted or unmuted: An active channel may be temporary muted where it may be required but the UE is not transmitting any data.
-	Silent: A silent channel is active and unmuted but with a low-level audio signal. This may be used to provide atomospherhic or spot effects.
Communication channels are usually speech-only and of a lower quality than main programme audio but do require low-latency solutions. There is also a requirement for one-to-many solutions so that a director can speak to multiple end users at the same time.	Comment by Perez, Maria: This sentence seems to say that bidirectional communications are only possible to the move to IP/5G…That’s not truth
Today audio PMSE support bidirectional communications… 
Further for bidirectional communication IP is not a must. E.g. DECT does not define the network layer, can work without IP and allows bidirectional communications.
SDI (Serial Digital Interface) [Z] is a family of standards widely used in the media production domain to transport uncompressed video signals. Various SDI interface (SD-SDI, HD-SDI, 3G-SDI, 6G-SDI, 12G-SDI and 24G-SDI) are available to support from standard definition up to ultra high definition resolutions.
SDI can carry also embedded audio.
3G-SDI, known as the 3Gbit/s interface, defined different mapping levels (A, B-DL, B-DS) for the carriage of 1080-line image formats and associated ancillary data. With respect to the audio, 3G-SDI may contain up to 16 audio channels or 32 if dual-link applications are considered or SMPTE ST 299-2 is used. 
Note: 3G-SDI and later supports 32 channels but in practice it is limited to 16 channels as it is rare to find products that support more than 16 channels. In fact many products only support 8 channels.
In Tier one scenarios, in general, the audio signals come from the microphones installed in the studio/location (and not from the cameras) while in Tier two and Tier three productions, especially for contribution links, embedded audio is transmitted alongside the video.
When the audio is embedded, MPEG-2 Transport Stream might be used over RTP/UDP/IP instead of native RTP carriage.
For ST 2110-30 scenarios, six conformance levels are defined [40]. Level A is the only mandatory conformance level to be supported by all compliant equipment and is defined as follows:	Comment by Richard Bradbury (revisions): Turn into a proper reference.

-	Linear 24-bit PCM encoding.
-	48 kHz sampling frequency (media clock).
-	1 to 8 channels per stream.
-	1 ms packet time (48 audio samples per channel in each packet).
**** Next Change ****
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