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Abstract: This document presents a revision on the use Intercom system for large live events for the AV_PROD study in TR 22.827, including

· More detailed KPI requirements depending on profiles
· A new KPI table format
· Revision of the requirements
---------- Use Case template ----------
5.4
Intercom system for large live events
5.4.1
Description

For example, at a music festival an intercom system is used for two-way voice communications between individuals in groups such as: security, camera operators, stage personal, etc. for organizing, monitoring, instructions and inquiry. 

Handsets (UE) are organized in logical groups (talkgroups). Every crew-member at the music festival (or any other event where intercom is used) has a handset which is always listening to dedicated talkgroups. The members of a talkgroup are persons that are located in different positions of an event area. 
Each handset can be part of many talkgroups. The intercom system can accommodate up to 1000 active handsets. Talkgroup management mechanism is required to support the members joining or leaving a group also during operation.
In any intercom system, there is always a central control device, the master unit. The master unit is used to organize all connected handsets, assign them to talkgroups, reconfigure handsets in real time and to communicate verbal instructions during production and/or setup. To talk directly to any group and/or any individual handset the controller uses the master unit. Selecting a talkgroup and talking into a microphone enables every member of the talkgroup to hear the given instructions or questions. While an intercom system uses typically a one-to-many transmission method, every handset can be instructed to send audio back to the master unit. The talkgroup can optionally hear this talkback message. Communication can be switched from one-to-many to a one-to-one communication.

Audio quality must be good enough to distinguish human voice with loud background noise. The intercom system is limited in time and space, meaning during the event the service is needed at the venue, but afterwards it can be disabled again and does not need to be available on site when there is no ongoing production.

Today’s intercom systems use dedicated networks. This use case describes how to achieve the benefits of intercom systems using a 3GPP network so that customer service, contribution, and public security networks might usefully be merged into one technology, potentially 5G. The challenge is to provide reliable connectivity between many devices that listen and speak to talkgroups, even in very crowded locations.
5.4.2
Pre-conditions

-
A 5G non-public network (NPN) covering all areas of the event location offers an intercom system service to its subscribers

-
The 5G NPN operates logically independently from other co-located radio networks at the event location (e.g. PLMN)

-
The master unit works as an application server and is connected to the edge of the 5G NPN.

-
Handsets (5G UEs) automatically discover the intercom system service offered by the 5G NPN and join the talkgroups they wish to be members of.
5.4.3
Service Flows

The service flows are shown for the actors: 

·  Controller operates the master unit: Alan, who has many colleagues

·  Security staff member: Brian

· Camera operator: Charles

· Stage personal: David, Ed

The intercom system operates in a number of modes (demonstrated in the following use cases):
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Figure 5.4.3-1: Case 1: Broadcast mode - Master unit controller (Alan) sends message to everyone
Case 1: Broadcast mode - Master unit controller (Alan) sends message to everyone

· Alan selects broadcast mode

· Alan presses the talk button on the microphone at the master unit

· Alan talks into the microphone

· Audio message is received simultaneously by Brian, Charles and David (and up to 1000 other users)
Case 2: Individual mode - Direct message from master unit controller (Alan) to Charles

· Alan selects individual mode and selects Charles as a recipient

· Alan presses the talk button on the microphone at the master unit

· Alan talks into the microphone

· Audio message is received by Charles only 

· Charles can optionally reply using push-to-talk (PTT)

· Optional PTT message from Charles only received by Alan (not other master unit controllers)
Case 3: Uplink

· Brian sends an audio message to Alan (or other master unit controllers) with PTT or voice activity detection

· Alan selects Brian as a recipient

· Alan press the button on the microphone at the master unit

· Message from Alan received by Brian

· Repeat 1 to 4 for a conversation
Case 4: Downlink message to talkgroups

·  Alan selects a talkgroup (a group of users e.g. stage personnel)

·  Alan press the button on the microphone at the master unit

·  Audio message is received simultaneously by David and his stage personnel colleagues

·  Ed (a member of stage personnel) did not understand the message and request a repeat from Alan using PTT on his handset

· Audio message from Ed goes to all members of the stage personnel talkgroup
Case 5: Uplink message to talkgroups

·  Ed sends audio message to a talkgroup (e.g. security talkgroup) with PTT or voice activity detection 

·  Audio message is received simultaneously by David and his stage personnel colleagues including Ed

·  David and Ed may be in close proximity but could not talk to each other directly due to loud noise. Once they can see each other’s lips, the ongoing Intercom communication must by lip-synchronous

·  Ed can also listen to his own voice through the intercom channel, the communication delay should be small enough not to disturb him while talking
5.4.4
Post-conditions

The intercom service offered by the 5G NPN is deactivated after the event (e.g. music festival) is over.
5.4.5
Existing features partly or fully covering the use case functionality
TS 22.179 V16.3.0 and TS 22.468 V15.0.0 specifies requirements for group-communication and mission-critical push-to-talk. It covers some aspects of our requirements but only on E-UTRA and allowing a latency that is too large for the application we are proposing. 

TS 22.261 V16.5.0 introduces requirements for flexible multicast/broadcast, but there are missing requirements specifying latency

Some requirements that are covered by existing specifications:
·  The 5G system shall support the establishment of a low-latency group-communication service between the intercom master unit (application server) and the handsets (UEs) within a service area of up to 100.000 m2.

·  The 5G system shall support low-latency group-communication service which makes use of multicast delivery in a designated geographical area (service area of the event up to 1.5 km x 1.5 km)

·  The 5G system shall support mechanism to support members (UEs) joining/leaving a group for communication.
5.4.6
Potential New Requirements needed to support the use case
[PR 5.4.6-001] For the intercom system for large live events, the 5G system shall support low latency periodic deterministic communication service. Table 5.4.6-1 provides the set of performance requirements to the 5G system.
Table 5.4.6-1: Performance requirements for low latency deterministic periodic traffic with multicast service.



	

	
	
	

	
	

	

	
	

	
	
	

	

	
	
	
	

	





	Profile
	# of active UEs
	# of UL streams
	# of DL streams
	UE Speed
	Service Area
	E2E latency (Note 1)
	Transfer interval (Note 1)
	Packet error rate (Note 2)
	Data rate UL
	Data rate DL

	Intercom system
	1000
	240
	30
	5 km/h
	1.5 km x 1.5 km
	3 ms
	3 ms
	0.1%
	100 kbit/s
	100 kbit/s

	NOTE 1: Transfer interval refers to periodicity of the packet transfers. It has to be constant during the whole operation and can be defined as being the same as the Tframe of Annex A. The value given in the table is a typical one, however other transfer intervals are possible as long as the end-to-end latency is smaller than ≤ (15 – 3 × Tframe)/2. If there is an interface for synchronizing audio devices and radio interface as described in Section 7, the latency requirement can be relaxed as described in the Annex A.1.

NOTE 2: Packet error rate is related to a packet size of transfer interval × data rate. Packets that do not conform with the end-to-end latency are also accounted as error.


[PR 5.4.6-002] The 5G system shall support low-latency communication as in Table 5.4.6-1, whereas in addition, an UL stream originating from a UE may be the source of a DL stream, which is received by a group of devices simultaneously.  
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