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Abstract: This contribution provides a description of a use case for audio-visual content and service production to be supported by 3GPP systems in TR22.827.
Note: This document replaces S1-182184
---------- Use Case template ----------
5.x
On-Site Live Audio Presentation
5.x.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 and in-advanced known duration. 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: 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 end-to-end latency between the wireless microphone (analog audio source) and the wireless sink (e.g. loudspeaker, assistive listening device) is below 10 ms. For small scenarios where the distance between presenters and listeners is very short, the end-to-end latency is below 5ms.

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.
5.x.2
Pre-conditions

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

· All wireless microphones on-site are switched on and connected to a central audio mixing console through a NG-RAN.
· All wireless microphones on-site are synchronized at the application level within 1µs accuracy.
· 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.x.3
Service Flows

A typical service flow in an on-site live audio presentation scenario comprises:

· A number of wireless microphones capturing and processing audio signals, for instance from the presenters or the audience. Each audio signal is sampled and processed into an isochronous audio stream.

· The isochronous audio streams are transmitted wirelessly to the audio mixing console.

· The received audio streams are mixed according to the application requirements and several audio streams are produced (e.g., for the PA system and recording mixings).

· A number of audio streams are reproduced by the PA system, the streaming server or are recorded.
5.x.4
Post-conditions

The on-site live presentation application runs as required without any perceivable (audible) impairments during the whole operation time. 

5.x.5
Challenges to the 5G System
Editor Note’s: TBD
5.x.6
Potential Requirements

Editor Note’s: TBD
