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Abstract: < This contribution proposes/adds to the original use case description: i) some additional description text, ii) one figure to illustrate the use case, and iii) potential requirements to the 5G System.>

------------------------- START OF PROPOSED CHANGES ----------------------------

------------------------- Start of Change 1 ----------------------------

5.2
Audio Streaming in Professional Live Performances
5.2.1
Description

In a typical live stage event, such as a concert, musical or theatre performance, one or several artists are performing (i.e. acting, dancing, singing or playing music instruments) in front of an interested audience. Backstage, the technical crew (lighting, sound, video), a production team and the security staff support the successful realization of the event.

Producing and capturing of a live event, i.e. for further exploitation of the cultural and creative content, involve many wireless links. For instance, artists on stage use wireless microphones to capture their voices or instruments’ sound while hearing themselves via a wireless in-ear monitoring system. The technical crew, the production team and the security staff are usually connected to each other via an intercom system. Lighting, video and sound effects are remotely controlled over stage control systems. The term PMSE equipment is used to sum up all wireless audio and video equipment involved in professional A/V productions.

Live events take place typically in theatres, concert halls, stadiums, and the like. The stage can be located indoors and/or outdoors. Typical operation has a defined and in-advanced known duration. All PMSE equipment required for the production and capturing of an event is always available at the location of the event. Either it belongs to the infrastructure of the stage or a rental company has been engaged to deploy it for the event.

Characteristic for a live event is that the PMSE equipment is available on the stage, the wireless communication service is limited to the event area and all audio processing such as audio mixing is done in real time during operation.

Wireless microphones are used for capturing the voice and music signals of the artists within the stage. PMSE content capture sits at the very beginning of the supply and value chains for a wide range of products, such as recordings of live performances or the archiving of culturally significant material. Consequently, content capture is expected to provide the highest quality possible, with producers and programme makers taking steps to ensure the quality and robustness of content capture and delivery. For these reasons quality and reliability of the radio link are fundamental to PMSE users. For live PMSE productions especially, the commercial pressures on users are significant as there is no opportunity for recovery (See Figure 5.5.2-1, no possibility to ask the singer: “Please, Bruce, repeat!”), and so the tolerance for disturbance to the QoS is extremely low.
In a typical live event, a number between 5 and 300 simultaneously active wireless microphones can be expected. Each wireless microphone signal is streamed to a central audio mixing console. Each active wireless microphone produces an audio stream of up to 5Mbit/s and receives a control signal of maximum 50kbit/s.
The audio mixing console does the mixing and combining of the different audio streams. Many artists rely on receiving a personalized audio mix of the event streamed back to its in-ear monitoring device. In this context, personalized means that each artist is able to receive a different audio mix (i.e unicast downlink transmission) fully adapted to his/her needs and preferences. Sometimes a group of artists on stage may want to receive the same audio-mix. For this latter case, a multicast downlink transmission could be chosen. An in-ear monitoring device receives an audio stream of up to 5Mbit/s. The maximum mouth-to-ear latency tolerated by a professional musician between its wireless microphone (analog audio source) and its in-ear monitoring device (analog wireless sink) is limited to 4 ms [2]. The audio mixing console produces further outgoing streams for the Public Address (PA) system and for recording. 
The packet error rate of the wireless transmission needs to be kept equal to or preferably lower than 10-4 to assure that no audio dropouts or audible interference occur. Otherwise a packet error rate above 10-4 would likely leads 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 5.2.1-1: Live content production network
5.2.2
Pre-conditions

-
All PMSE equipment required to produce the event is available at the desired location (event)

-
Sufficient bandwidth to satisfy the requirements of the wireless production links are available at the event location during the whole operation time. 

-
All wireless microphones and in-ear monitoring devices on stage are switched on and connected to a central audio mixing console through a NG-RAN.
-
The central audio mixing console acts as an edge computing application server.
-
All active wireless microphones and in-ear monitoring devices are synchronized at the application level within 1µs accuracy.
-
The central audio mixing console is connected to amplifiers and loudspeakers of a public address (PA) system and, if required, to a recording server.
------------------------- End of Change 1 ----------------------------
------------------------- Start of Change 2 ----------------------------
5.2.5
Existing features partly or fully covering the use case functionality
 
For the GAP Analysis in FS_AVPROD the latest status of Rel. 16 has to be considered. To the best of the editor’s knowledge, the requirements listed in this clause are partly or fully covered in TS 22.261 V16.5.0. 
Editor’s note: Keep track of changes affecting these requirements after finalisation of Rel. 16 and adapt accordingly. Consider TS 22.104 work as well.
· The 5G system shall support the deployment of a live content production network as a non-public network (NPN), both physically or virtually, providing coverage within the specific event area (up to 10000 m2 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.

· The 5G system shall support a communication service availability of 99,99%.












5.2.6
Potential New Requirements needed to support the use case

Editor’s note: Check if some of those requirements get included in Rel. 16. 
[PR 5.2.6-001]: The 5G system shall support ultra-low latency periodic deterministic communication with maximum end-to-end latency of 1 ms for user experienced data rates between 150 kbit/s and 4,61 Mbit/s.
Note: The end-to-end latency is required for both the uplink (microphone to central mixing console) and downlink (central mixing console to in-ear monitoring device).
[PR 5.2.6-002]: The 5G system shall support a clock synchronicity service for a communication group of up to 300 devices of less than 1 µs in a service area (indoor and outdoor) of up to 10000 m2.
[PR 5.2.6-003]: The 5G system shall support operation of ultra-low latency multicast for periodic deterministic traffic, with maximum end-to-end latency of 1 ms for user experienced data rates between 150 kbit/s and 4,61 Mbit/s, over a service area (indoor and outdoor) of up to 10000 m2.
[PR 5.2.6-004]: The 5G system shall support UE speeds up to 14 m/s (50km/h) for URLLC communication services.
[PR 5.2.6-005]: The 5G system shall support suitable APIs to allow MNOs to offer automatic configuration services (for instance, interference management) to non-public networks deployed by 3rd parties and connected to the MNO’s Operations System through standardized interfaces.
