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Abstract: This contribution updates the document template and provides the gap analysis for the use case.
Discussion:
For the gap analysis in FS_AVPROD the latest status of Rel. 16 has been considered, particularly TS 22.261 v16.6.0 and TS 22.104 v16.0.0. The editor of this document will keep track of changes affecting the requirements stated in this use case and adapt accordingly.

---------- Use Case template ----------
5.1
On-site Live Audio Presentation
5.1.1
Description

In a typical on-site live audio presentation situation, one or several persons (presenters) are holding a talk to an interested audience. Usually the audience interacts with the presenter/s, for instance by posing questions. Another typical scenario is the moderation of corporate events, panel discussions, conferences, etc.

On-site live audio presentation scenarios are typically confined to a local area, e.g. conference rooms, lecture halls, press centres, trade fairs and the like. They can be located indoors and/or outdoors. Typical operation has a defined duration known in advance. Characteristic for this use case is that all production equipment is available on the spot, the wireless communication service is limited to the local area and all audio processing such as audio mixing is done in real time during operation.
Wireless microphones are used for capturing the voice signals of all presenters within the local service area. A number between 5 and 300 simultaneously active wireless microphones can be expected. These wireless microphones can be scattered into different rooms, stages or spaces within a same facility complex (e.g. university campus, corporate premises).

The captured audio signals are transmitted to a central audio mixing console. Each active wireless microphone produces an audio stream of at least 150kbit/s and receives a control signal of maximum 50kbit/s. The audio mixing console does the mixing and combining of the different audio streams. These streams are transferred to different further applications, such as amplifiers and loudspeakers of a public-address system for on-site distribution, streaming services for hearing impaired participants, translation services, recording, etc. Each active wireless audio sink device, such as a wireless loudspeaker, assistive listening device, etc. receives an audio stream of at least 150 kbits/s.

NOTE 3:
A public address system (PA system) is an electronic system increasing the apparent volume (loudness) of acoustic sound sources. They are used in any public venue that requires amplification of the sound sources to make then sufficiently audible over the whole event area. The typical mouth-to-ear latency between the wireless microphone (analog audio source) and the audio sink (e.g. loudspeaker, assistive listening device) is below 20 ms. For small scenarios where the distance between presenters and listeners is very short, the mouth-to-ear latency is below 5ms.
The packet error rate of the wireless transmission needs to be kept lower than 10-4 to assure that no audio dropouts or audible interference occur. Otherwise a packet error rate above 10-4 would likely lead to disturbance of the audience and damage of the audio content at the very beginning of the production value chain.
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Figure 5.1.1-1: On site Live audio presentation network
5.1.2
Pre-conditions

-
Sufficient bandwidth and network cells are deployed to satisfy the requirements of the wireless audio links are available at the event location during the whole operation time.

-
All wireless microphones and loudspeakers on-site are switched on and connected to a central audio mixing console through a NG-RAN. 

-

The central audio mixing console is connected to amplifiers and loudspeakers of a public-address system, and if required, to a streaming server and a recording server.
5.1.3
Service Flows


· 
· 


A typical service flow in an on-site live audio presentation is shown in Fig. 5.1.1-1. It is composed of several presenters using wireless microphones and an audience attending the event and listening to the live audio content through loudspeakers installed at the venue. 
Case 1: Presenters at an indoor and outdoor studio:

· John, Yoko, Paul, and Ringo are presenters that make comments about the event in an indoor studio. 

· The microphones from John, Yoko, Paul, and Ringo connect through the Audio presentation NPN to a live-audio presentation system that compresses mixing and routing of the microphone signals to the local loudspeakers

· All presenters can talk to the microphones and listen to their own voices through the loudspeakers. The sound coming from the loudspeakers have a low-latency that does not disturb John, Yoko, Paul, and Ringo while they are speaking

· John, Yoko, Paul, and Ringo are able to move in the indoor/outdoor studio venue, possibly moving across different base stations and cell sectors, while maintaining a good audio quality without noticeable breaks

Case 2: Audience in an indoor/outdoor studio

· The local audience is able to listen the live audio content through loudspeakers in a lip-synchronous way
· Loudspeakers may be also wireless for flexible installation in the venue
5.1.4
Post-conditions

The on-site live presentation application runs as required without any perceivable (audible) impairments during the whole operation time. 
5.1.5
Existing features partly or fully covering the use case functionality  

Following features, which are required for covering the use case functionality, are partly or fully covered by the current 5G system specifications:
· The 5G system shall support the deployment of a live content production network as a non-public network (NPN) providing coverage within the specific event area (up to 1.5x1.5 km2 indoor and outdoor).

· The 5G system shall support the standalone operation of a live content production network deployed as a non-public network (NPN).

· The 5G system shall support identifiers to uniquely identify a non-public network.

· The 5G system shall support data integrity protection and confidentiality methods that serve URLLC and energy constrained devices.

· The 5G system shall support a suitable framework (e.g., EAP) allowing alternative (e.g., to AKA) authentication methods with non-3GPP identities and credentials to be used for UE network access authentication in non-public networks.
5.1.6
Potential New Requirements needed to support the use case
For live presentation of audio data, the 5G system shall support low latency periodic deterministic communication service. Table 5.1.6-1 provides the set of performance requirements to the 5G system to meet live audio presentation needs in the scenario described in clause 5.1.1.

Table 5.6.2-1: Performance requirements for live audio presentation
	Characteristic Parameters
	Influence quantity

	End-to-end latency

(Note 1)
	Reliability
	Data rate
	Direction
	# of UEs 
	Transfer interval 

(Note 2)
	UE Speed
	Service Area

	≤ (8 ms - transfer interval)
	99.99%
	≤ 5 Mbit/s
	UL
	≤ 300
	 2.5 ms
	≤ 50 km/h
	≤ 100 m x 100 m

	
	
	
	
	
	
	

	NOTE 1: The end-to-end latency is required for the uplink, i.e. from the wireless microphone to the audio sink e.g. loudspeakers.

NOTE 2: Transfer interval refers to periodicity of the packet transfers. It has to be constant during the whole operation. The value given in the table is a typical one, however other transfer intervals are possible as long as the end-to-end latency keeps ≤ (8 ms - Transfer interval)


Further potential new requirements to the 5G system to meet the use case described in clause 5.2.1 are:

[PR 5.1.6-002] The 5G system shall support uplink and downlink seamless service continuity of the audio-streaming service when moving from one cell to another for devices with speeds of up to 40 km/h while maintaining the service performance requirements defined in Table 5.6.2-1.

[PR 5.1.6-003] The 5G system shall support a secure mechanism for an NPN operator to remotely provision the NPN credentials of a uniquely identifiable and verifiably secure PMSE device.
 The 5G system shall support automated communication service provisioning with dynamic configuration of connectivity (i.e certain communication capabilities disablement/enablement, network parameters adjustment) and subscription (i.e. correct credentials) through the network for various wireless PMSE devices, which may be used in the Audio-Visual production non-public-network.

