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Next change
3.1	Terms
For the purposes of the present document, the terms given in 3GPP TR 21.905 [1] and the following apply. A term defined in the present document takes precedence over the definition of the same term, if any, in 3GPP TR 21.905 [1].
RTC Application: A Native WebRTC Application or a Web App that is compliant with the profile of a WebRTC-based application defined in the present document.
RTC endpoint: A WebRTC endpoint incorporating an instance of the WebRTC Framework that is capable of participating in an RTC session and which is deployed either in the RTC Access Function of a UE or in the Media Function of an RTC AS which implements.	Comment by Richard Bradbury (2024-05-20): Tweaked slightly to mention WebRTC endpoint explicitly.
RTC Client: UE function comprising an RTC Access Function and an RTC Media Session Handler which interacts with functions in the network and UE applications.
RTC Access Function: A set of functions including an instance of the WebRTC Framework that exchanges real-time media with one or more RTC endpoints via reference point RTC-4 or RTC-12, and that exposes client APIs defined in the present document to the Native WebRTC App at reference point RTC-7 and to the RTC Media Session Handler at reference point RTC-11, as well as exposing the W3C-defined WebRTC API to Web Applications running in a web browser context.
WebRTC Framework: A well-defined subset of the WebRTC protocol stack that supports real-time media communication between an RTC endpoint and its peer(s).
Next change
[bookmark: _Toc120864997][bookmark: _Toc161989875][bookmark: _Toc68899642][bookmark: _Toc71214393][bookmark: _Toc71722067][bookmark: _Toc74859119][bookmark: _Toc155355247][bookmark: _Toc68899643][bookmark: _Toc71214394][bookmark: _Toc71722068][bookmark: _Toc74859120][bookmark: _Toc155355248]4.1	Overall architecture for Real-Time media Communication (RTC)
[bookmark: _Toc161989876]4.1.1	Definition of RTC architecture
Real-Time media Communication (RTC) over 5G system in the context of this specification is defined as the delivery of delay-sensitive media from one peer to another with support of 5G network. AR conversational service described in TR 26.998 [2] is a typical use cases for RTC, which enables end-users to directly communicate real-time media including AR/MR media content as specified in TS 26.119 [3]. As identified in clause 8.4 of TR 26.998, there may be different options to enable such AR conversational service, for example re-use of parts of MTSI as defined in TS 26.114 [10] such as the IMS data channel or 5G Media Streaming for managed services.
The overall RTC architecture is shown in Figure 4.1.1-1 as below.




Figure 4.1.1-1: Real-time media communication (RTC) in 5G System
NOTE:	The functions indicated by the yellow filled boxes are in scope of the present document for RTC. The functions indicated by the grey boxes are defined in 5G System specifications. The functions indicated by the blue boxes are neither in scope of 5G RTC nor 5G System specifications.
The media data is exchanged between two or more RTC endpoints over a 5G System as defined in TS 23.501 [11]. TheAn RTC endpoint is an endpointinstance of the WebRTC Framework configured by the RTC architectureSystem defined in the present document. ItAn RTC endpoint is typically realised by the RTC Client of a UE, but an RTC AS, possibly deployed as an edge computing server as defined in clause 4.4.2, canmay also beplay the role of RTC endpoint. The Application Provider provides a RTC Aware-Application on the UE to make use of RTC endpoint and network functions using interfaces and APIs. RTC architecture provides the core functions and entities to support WebRTC-based service over 5G System, two main functions are defined in the trusted DN.
-	RTC AF: An Application Function as defined in TS 26.501 [6], but dedicated to real-time media communication.
-	RTC AS: An Application Server dedicated to real-time media communication.
NOTE:	If both the RTC AF and RTC AS are deployed in an external DN, this is out of scope of the present document.
The detailed RTC architecture mapping to the overall high-level architecture in figure 4.1.1‑1 is shown in figure 4.1.1‑2 below.
NOTE:	Figure 4.1.1-2 illustrates only the link from one RTC endpoint to the RTC AF and RTC AS. The link from another RTC endpoint in communication with the first one is symmetric.



[bookmark: _Hlk116507747]NOTE 1:	Some subfunctions may not be required depending on the collaboration scenario. Description of collaboration scenario and its architecture variant are specified in annex A.
NOTE 2:	The WebRTC Framework subfunction is a WebRTC protocol stack whose implementation is specified by W3C and IETFVoid.	Comment by Thorsten Lohmar #128: Do we need this note? This aspect feels like a repetition, e.g. from the definition section.	Comment by Hakju Ryan Lee: Agree. Will be removed	Comment by Richard Bradbury (2025-05-14): Needs to be voided rather than removed because this TS is under change control.
NOTE 3:	Red ovals indicate API provider functions.
NOTE 4:	The RTC Access Function may be realised by a web browser in deployments of the RTC Client that support web-based applications through the WebRTC API.

Figure 4.1.1-2: RTC General Architecture
The WebRTC Signalling Function may be co-located with the RTC AF. In such deployments, the WebRTC Signalling Function acts as an RTC AF with access to the 5G Core, and some of the RTC AF interactions with the WebRTC Signalling Function may be replaced to avoid concurrent/redundant requests from the RTC endpoint in the UE. Specifically, media session handling interactions between the RTC AF and the UE at reference point RTC‑5 may be replaced by the equivalent WebRTC signalling interactions defined at reference point RTC‑4.
The subfunctions inside the RTC AF, RTC AS and the RTC endpointClient are defined in clause 4.2 and the reference points shown in figure 4.1.1-2 are defined in clause 4.3.
[bookmark: _Toc151022461][bookmark: _Toc161989877][bookmark: _Toc151022462]Two types of RTC Application are defined in the present document:
-	Native WebRTC App: An RTC Application running on the UE that makes use of client APIs at reference points RTC‑6 and RTC‑7.
-	Web App: A web application running in a web browser on the UE that makes use of the W3C-defined WebRTC APIs.
NOTE:	Detailed deployment architecture for the Native WebRTC Application and the Web App are described in annex B.
4.1.2	Generalized Media Delivery architecture
[bookmark: _Toc161989878]4.1.2.1	Generalized Media Delivery in the 5G System
This clause and subsequent subclauses of clause 4.1.2 define a generalized Media Delivery architecture of which the architecture for Real-Time Communication (RTC) defined elsewhere in the present document is one possible realisation. In case of any misalignment between the two, the RTC architecture has precedence over this generalised architecture.
Due to the similarity of the 5GMS architecture (as defined in TS 26.501 [6]) to the architecture for Real-Time media Communication (RTC) defined in the present document, the RTC functions and 5GMS functions may share or may make use of many common functionalities for both media session handling and media delivery. A generalized Media Delivery architecture that integrates 5GMS and RTC functionality in the 5G System is defined in figure 4.1.2.1-1.
NOTE:	Full integration of 5GMS and RTC is not addressed in the present document.


[bookmark: _Toc151022463]Figure 4.1.2.1-1: Generalized Media Delivery architecture within the 5G System
In this representation:
-	The Media Application Provider plays the role of the RTC Application Provider.
-	The Media-aware Application plays the role of the Native WebRTC App.
-	The RTC AF is one possible realisation of the general Media AF.
-	The RTC AS is one possible realisation of the general Media AS.
-	The RTC endpointClient is part of the general Media Client.
[bookmark: _Toc161989879]4.1.2.2	Reference architecture for Media Delivery
A functional description with additional details as well as reference points is provided below, as illustrated in figure 4.1.2.2-1.


	Comment by Richard Bradbury (2024-05-20): Do we really want to include reference point M13 in the generalised architecture, or should we keep it unique to TS 26.506?
NOTE 1:	Exposed APIs are named in italics.
NOTE 2:	If the Media Client is deployed as a monolithic functional block, it may choose not to expose interfaces externally at reference point M11.

Figure 4.1.2.2-1: Generalized Media Delivery architecture
[bookmark: _Toc151022464][bookmark: _Toc161989880]4.1.2.3	Network Functions and UE entities
Functional definitions may be generalized as follows:
-	Media AF: An Application Function as defined in clause 6.2.10 of TS 23.501 [11] dedicated to Media Delivery.
-	Media AS: An Application Server dedicated to Media Delivery.
-	Media Client: A UE internal function dedicated to Media Delivery comprising:
-	Media Session Handler: An entity on the UE that communicates with the Media AF in order to establish, control and support the delivery of a media session.
-	Media Access Function: An entity on the UE that communicates with the Media AS in order to access and deliver media content. The media access function for example may be further sub-divided into content delivery protocols, codecs, media types and metadata representation.
-	Media-aware Application: An application entity on the UE that makes use of 3GPP-defined APIs to invoke the Media Session Handler and/or the Media Access Function in order to support Media Delivery.
NOTE:	An application (e.g., a web browser application) that does not invoke either the Media Session Handler or the Media Access Function using 3GPP-defined APIs is not considered a Media-aware Application and is not mapped into the generalized Media Delivery reference architecture.
Table 4.1.2.3-1: Mapping of RTC functions to generalized Media Delivery architecture
	Generalized media architecture function
	RTC function

	Media AF
	RTC AF

	Media AS
	RTC AS

	Media Client
	RTC endpointClient

	
	Media Session Handler
	RTC Media Session Handler

	
	Media Access Function
	WebRTC FrameworkRTC Access Function

	Media Application Provider
	RTC Application Provider

	Media-aware Application
	Native WebRTC App



[bookmark: _Toc151022465][bookmark: _Toc161989881]4.1.2.4	Reference points
The following reference points are defined for Media Delivery:
M1:	Reference point between the Media Application Provider and the Media AF for the provisioning of Media Delivery.
M2:	Reference point between the Media Application Provider and the Media AS for the purposes of ingesting media into the Media AS or egesting media from the Media AS.
NOTE 1:	Reference point M2 is not defined by the RTC architecture in this release.
M3:	Reference point between the Media AF and the Media AS for the purposes of Media AS configuration and/or for media session handling in relation to Media Delivery.
NOTE 2:	Reference point M3 is defined by the RTC architecture in this release but specification is for future study.
M4:	Reference point between the Media AS and the Media Access Function in the UE for the purpose of downlink transport of media from the Media AS to the Media Access Function ("content distribution") or uplink transport of media from the Media Access Function to the Media AS ("content contribution").
NOTE 3:	Session setup signalling at reference point RTC‑4 lies outside the scope of reference point M4.
M5:	Reference point between the Media AF and the Media Session Handler in the Media Client for the purpose of media session handling in relation to Media Delivery.
M6:	Reference point between the Media-aware Application and the Media Session Handler for the purpose of configuring the Media Session Handler.
M7:	Reference point between the Media-aware Application and the Media Access Function for the purpose of media access control.
M8:	Reference point between the Media-aware Application and the Media Application Provider.
NOTE 4:	Reference point M8 is private and therefore beyond the scope of standardisation.
M9:	Reference point between one instance of the Media AF and another for the purpose of Media AF instance chaining.
NOTE 5:	Reference point M9 is not defined by the RTC architecture in this release.	Comment by Hakju Ryan Lee: I don’t think it was discussed in the last offline, so RTC-9 is not shown in Fig 4.1.1-2. But, at the same time, I see the point that RTC AF also should be concatenated as per RTC AS associated. Do you think we need to draw RTC-9 in the figure too/	Comment by Richard Bradbury (2025-05-14): Sorry. This was a mistake on my part.
Let's keep it out of scope for Rel-18.
M10:	Reference point between one instance of the Media AS and another for the purpose of peer-to-peer media transport between different Media Clientsdistributed service chaining over multiple Media AS instances.
NOTE 6:	Reference point M10 is not defined by the RTC architecture but is not further specified in this release.
M11:	Reference point between the Media Session Handler and the Media Access Function (both in the Media Client) for the purpose of configuring the Media Session Handler and/or media access control.
M12:	Reference point between one RTC Access Function in a UE and another for the purpose of peer-to-peer media transport between different Media Clients when this is permitted by the 5G System.
M13:	Reference point between the Media-aware Application and the Media AS for the purpose of signalling message exchange to control a media session.	Comment by Richard Bradbury (2024-05-20): CHECK!
Do we really want to include this in the generalised media architecture?
Table 4.1.2.4-1: Mapping of RTC reference points to generalized Media Delivery architecture
	Generalized Media Delivery architecture reference point
	RTC reference point

	M1
	RTC‑1

	M2
	Not defined

	M3
	RTC‑3

	M4
	RTC‑4

	M5
	RTC‑5

	M6
	RTC‑6

	M7
	RTC‑7

	M8
	RTC‑8

	M9
	Not defined

	M10
	Not definedRTC-10

	M11
	RTC‑11

	M12
	RTC-12

	M13
	RTC-13



Next change
[bookmark: _Toc120865002][bookmark: _Toc161989890]4.2.4	RTC Media Session Handler (MSH)
The RTC Media Session Handler is an entity running on the UE, which assists with the 5G integration of the WebRTC aApplication. It exchanges, on behalf of the application, information about the WebRTC sessions with the network.
The RTC MSH receives information about a new WebRTC session from the application. It relays the information to the Network Support Function. It also receives events and other network information about the WebRTC session from the Network Support Function, which it may relay to the application.
In addition, one of subfunction in RTC MSH is the metric collection and reporting. It executes the collection of QoS and QoE metrics measurements from the WebRTC FrameworkRTC Access Function and the WebRTC aApplication and sends metrics reports to the RTC AF for the purpose of metrics analysis or to enable potential transport optimizations by the network.
[bookmark: _Toc120865003][bookmark: _Toc161989891]4.2.5	Network sSupport fFunction
The support functionality includes the following:
-	Network Support Function receives information from the UE and/or other ASs about a WebRTC session and its state. 
-	Network Support Function requests the network that QoS should be allocated (or satisfied) for a starting or modified session. 
-	Network Support Function receives notification from the network about changes to the QoS allocation for the ongoing WebRTC session.
-	Network Support Function exchanges information about the WebRTC session with the trusted STUN/TURN/Signalling function, e.g. to identify a WebRTC session and associate it with a QoS template.
NOTE:	The integration/col-location of this RTC AF and WebRTC signalling function is possible. A Cco-located WebRTC sSignalling fFunction is able to act as an RTC AF which is accessible to 5GC, and replace some of this RTC AF’s interfaces and APIs with the WebRTC sSignalling fFunction. For example, interfaces and APIsreference point RTC‑5 between theis RTC AF and the UERTC Media Session Handler will beis replaced to avoid concurrent/redundant requests from UEs.
[bookmark: _Toc120865004][bookmark: _Toc161989892]4.2.6	Trusted ICE fFunctions
The MNO may offer trusted ICE functions to the WebRTC aApplication to be used during the WebRTC ICE gathering phase. These functions may be STUN and TURN serversservices that facilitate NAT and firewall traversal. In the context of the present document, a TURN service relays WebRTC content at reference point RTC‑4 between multiple RTC Access Functions that cannot communicate directly with each other at reference point RTC‑12 because the 5G System policy does not permit peer-to-peer communication. 	Comment by Richard Bradbury (2025-05-14): Moved here.
The MNO-operatedWhen the trusted ICE functions are provided by the MNO, they may assist with the 5G integration of the WebRTC aApplications. This couldmay be doneachieved by triggering nNetwork aAssistance tofor starting or ongoing WebRTC sessions.
[bookmark: _Toc120865005][bookmark: _Toc161989893]4.2.7	Trusted WebRTC sSignalling fFunction
The trusted WebRTC sSignalling fFunction is used to set up and manage MNO-operated WebRTC aApplications. TheyIt offers a standardized signalling protocol for the session setup to both parties of the WebRTC session participants. The WebRTC sSignalling fFunction handles the offer/answer exchange and has access to the SDP in both directions.
The WebRTC sSignalling fFunction may use that knowledge to offer network assistance and other 5G features to the endpoints of the WebRTC session.
The WebRTC sSignalling fFunction manages media flow sessions in both uplink and downlink directions.
[bookmark: _Toc120865006][bookmark: _Toc161989894]4.2.8	Trusted iInter-working fFunction
This function provides inter-working functionality to enable MNO-facilitated WebRTC sessions that involve endpoints across different MNOs. They may for example provide cross-network signalling functionality to allow WebRTC signalling server that are hosted in different networks to communicate, in order to establish and manage the WebRTC sessions.
[bookmark: _Toc120865007][bookmark: _Toc161989895]4.2.9	Trusted tTransport gGateway fFunction
A tTransport gGateway fFunction may be offered by the MNO to support cross-operator WebRTC sessions. It may offer the border control function for user plane (e.g., topology hiding, IPv4-IPv6 translation) as a gateway, which is located at the network boundary where different operators or third-party network connects. It works under the control of the trusted iInter-working fFunction.
Note:	Detailed functionality is specified in TR 26.930 [5].	Comment by Richard Bradbury: PROBLEMATIC
A normative specification cannot reference a Technical Report to provide normative specification. The material must instead be copied into this TS.	Comment by Hakju Ryan Lee: Right. Will be removed
[bookmark: _Toc120865008][bookmark: _Toc161989896]4.2.10	Trusted mMedia fFunction
A mMedia serverFunction may be offered by the MNO to support WebRTC sessions. It may offer a wide range of functionality such as:
-	aA content server that serves content to the WebRTC applicationRTC Access Function, e.g. through a data channel
-	mMedia processing functionality: may be used by the WebRTC application as a relay thatto performs some media processing functiontasks such as media transcoding, recording, 3D reconstruction, etc.
-	sScene composition functionality:in which the serverMedia Function may composes a 3D scene and distribute it to several point-to-point WebRTC sessions.
-	Multi-point Control Unit (MCU) functionality: the server mayMedia Function offers multi-party conferencing functionality to merge a number of point-to-point WebRTC sessions.
-	Selective Forwarding Unit (SFU) functionality: the serverMedia Function may offers the selection, copy, and forwarding functionality of IP steamsRTC sessions produced by multiple RTC endpoints Clients (i.e., or WebRTC session participants external to the RTC System).
-	Maintain uplink and downlink flow context (QoS, remote control and etc.) by interacting with the WebRTC sSignalling fFunction in the RTC AS (see clause 4.2.7).
[bookmark: _Toc120865009][bookmark: _Toc161989897]The Media Function is an RTC endpoint that incorporates an implementation of a WebRTC Framework as the basis of the above functionality.
4.2.11	Trusted aApplication -supporting wWeb fFunction
A web server may be offered by the MNO to support RTC aApplications by providing web service entry point, authorization/authentication functionality, sharing of files, or scheduling conferencing sessions.
Next change
[bookmark: _Toc120865013][bookmark: _Toc161989901]4.3.3	RTC-4: Media-centric transport interface via RTC AS relay
This interfaceReference point RTC‑4 is used to exchange the WebRTC media traffic between the RTC Access Function and the Media Function of the RTC AS (see clause 4.2.10)with the other endpoint as well as to exchange signalling information related to the WebRTC session with the trusted application servers.
The traffic includes:
-	Media streams sent over RTP
-	Application data sent over data channel
-	WebRTC Signalling data along with STUN and TURN servers
-	Other application data
RTC-4 may further be grouped into two sub-interfaces as follows.
RTC-4s:
The RTC-4s interface is an interface between the WebRTC framework and the RTC AS such as WebRTC Signalling function. This interface is used for the exchange of signalling information related to the WebRTC session between two or more WebRTC endpoints using trusted application servers. In some cases where the signalling is not handled by WebRTC framework, the RTC-4s interface is an interface between the native WebRTC applications and the WebRTC Signalling server.
RTC-4m:
This interfacereference point is used for transmission of media and other related data between two or more RTC endpoints when at least one of RTC endpoints participating in an RTC session is instantiated in the RTC AS.
The traffic at reference point RTC‑4 includes:
-	Media data transmitted over SRTP
-	Application data transmitted using Data channel.
-	Media related meta-data transmitted using Data channel. 
-	Other application data.
NOTE 1:	The Media ServerFunction of the RTC AS should maintains the status for both uplink and downlink traffic and a separate interface for supporting downlink and uplink is expected to be defined in this specification. 	Comment by Richard Bradbury: PROBLEM
Normative statement in an informative NOTE.	Comment by Hakju Ryan Lee: Should removed
NOTE 2:	WebRTC-enabled UEAn RTC Client should supports WebRTC streaming functions for uplink and downlink traffic. Therefore a new entity in UE may be defined. 	Comment by Richard Bradbury: PROBLEM
Normative statement in an informative NOTE.	Comment by Hakju Ryan Lee: Should removed	Comment by Richard Bradbury: The RTC Client is this entity, and is defined earlier in the TS.
[bookmark: _Toc120865014][bookmark: _Toc161989902]4.3.4	RTC-5: Control transport interface
TheReference point RTC-5 interface is an interface between the RTC MSH and the RTC AF. It is used to convey configuration information from the RTC AF to the RTC Media Session Handler and is used by the RTC Media Session Handler to request media session handling support from the RTC AF for a starting/ongoing WebRTC sessions. The configuration information may consist of static information such as the following:
-	Recommendations for media configurations.
-	Configurations of STUN and TURN server locations.
-	Configuration about consumption and QoE reporting.
-	Discovery information for WebRTC signalling and data channel servers and their capabilities
The support functionality includes the following:
-	RTC MSH receives the configuration information
-	RTC MSH informs the RTC AF about a WebRTC session and its state
-	RTC MSH requests QoS allocation for a starting or modified session
-	RTC MSH receives notification about changes to the QoS allocation for the ongoing WebRTC session
-	RTC MSH receives the updated information about the WebRTC session with the RTC STUN/TURN/Signalling function, e.g. to identify a WebRTC session and associate it with a QoS template
The RTC functionality that offers application functions to the WebRTC aApplication may equally be provided by Application Servers (RTC AS) instead of by the RTC AF. These then use a dedicated interface RTC-3 to request configurations and network support for the ongoing WebRTC sessions from the RTC AF. 
[bookmark: _Toc120865015][bookmark: _Toc161989903]4.3.5	RTC-6: Client API
The RTC Media Session Handler is a function in the UE that provides access to RTC support functions to the nNative WebRTC applications. These functions may be offered on request, i.e., through thereference point RTC-6 interface, or transparently without direct involvement of the application. The RTC MSH may assist indirectly in the ICE negotiation by providing a list of STUN and TURN server candidates that offer RTC functionality. The RTC MSH also collects QoE metrics reports and submits consumption reports. It may also offer media configuration recommendations to the application through RTC-6.
[bookmark: _Toc120865016][bookmark: _Toc161989904]4.3.6	RTC-7: Client interface
This is an interface between WebRTC framework and the native WebRTC ApplicationReference point RTC‑7 is used to directly communicate media-specific information between the RTC Access Function and the Native WebRTC Application.
[bookmark: _Toc120865017][bookmark: _Toc161989905]4.3.7	RTC-8: Application interface
RTC‑8This is a proprietary interfacereference point between the RTC aApplication and the RTC aApplication Pprovider, which may be used to exchange configuration information related to the RTC session or the application.
[bookmark: _Toc161989906]4.3.8	RTC-10: RTC AS to another RTC AS interface
RTC‑10 is a reference point between one instance of the Media AS and another for the purpose of distributed service chaining over multiple RTC AS instances. This may be present, for example when different RTC Clients are using the services of different Media Functions on separate RTC AS instances.	Comment by NTT: There are a lot of patterns. So we can’t describe all possible patterns. Then, I propose to not mention about the single aspects (i.e.,  leave it for implementation specific.).
4.3.9	RTC-11: UERTC Client configuration interfaceAPIs
TheReference point RTC-11 is an interface between the RTC MSH and the WebRTC framework, both in the RTC endpoint,used by the RTC Access Function to configure media session handling in the RTC Media Session Handler and/or used by the RTC Media Session Handler to configure media access in the RTC Access Function.
Because it is internal to the RTC Client, ItRTC‑11 may not be exposed as an API to application developers but may instead be in the form of a direct communicationan internal API.
 The RTC Access FunctionWebRTC framework hides away all details of the QoS allocation and network support from the applicationNative WebRTC Application and Web App. It autonomously and transparently invokes the functions offered by the RTC MSH to provide support for the RTC session.
4.3.10	RTC-12: Peer-to-peer media-centric transport interface
Reference point RTC‑12 is used to exchange WebRTC traffic between RTC Access Functions in different UEs when the 5G System permits peer-to-peer media transport. The protocols supported at this reference point shall be a subset of those at reference point RTC-4.
4.3.11	RTC-13: Signalling transport interface between RTC Application and WebRTC Signalling Function
Reference point RTC‑13 is the reference point between the RTC Application and the WebRTC Signalling Function of the RTC AS. This reference point is used to exchange signalling information relating to an RTC session between participants via the RTC AS.
Next change
[bookmark: _Toc120865020][bookmark: _Toc161989909]4.4.2	Extended RTC architecture for Edge Computing
[bookmark: _Toc161989910]4.4.2.1	General
The RTC architecture can be extended to add support for media processing in the edge. The extended architecture is an integration of the RTC architecture defined in TS 26.506 with the architecture for enabling Edge Applications defined in TS 23.558 [7] and TS 26.501 [6].
The extended RTC architecture supports both client-driven as well as Application Function-driven management of the edge processing session.
The RTC Application Provider may request the deployment of edge resources as part of the Provisioning Session. 
-	The RTC Application Provider provisions the edge provisioningresources through reference point RTC-1, in a similar fashion as defined in TS 26.512 clause 7.10TS 26.501 [6], enabling client-driven and/or Application Function -driven edge configuration.	Comment by Richard Bradbury: (Referencing a stage-3 specification from stage-2 not allowed!)
-	In the client-driven approach, the Native WebRTC Application becomes aware of the support of edge processing in the network and takes steps, such as using the APIs at reference point EDGE-5 APIs, to discover and locate a suitable RTC AS instance in the Edge DN, similar to the process defined in clause 8.1 of [6]TS 26.501 clause 8.1.
-	In the Application Function -driven approach, the RTC Application Provider requestsprovisions the RTC AF to deploy edge processing for the media sessions of the corresponding Provisioning Session, similar to the process defined in clause 8.2 of [6]TS 26.501 clause 8.2. In this case, instantiating edge resources is the responsibility of the RTC AF, based on monitoring the load of the deployed EAS instances. TheA WebRTC Application may getbecome aware of the deployed EAS through the RTC Application Service Provider through RTC-8 or throughfrom the RTC MSH through reference point RTC-5 (and possibly RTC-6). The EAS is provided together such that the associated can be made by UE between two set of data. Additionally, the EAS may also be discovered through other means, such asThis appropriate EAS instance for a particular EAS Client to use is discovered by means of DNS resolution with support from the DNS server (e.g., EASDF/DNS resolver) as specifieddefined in 3GPP TS 23.548 [12].	Comment by Richard Bradbury: This sentence is not true, and should be removed.
There is no proposal at stage-3 to pass an RTC AS address back to the RTC Application Provider via M1, so it cannot be passed to the application via M8.	Comment by Hakju Ryan Lee: Use of RTC-8 removed	Comment by Richard Bradbury: This is probably not true either.	Comment by Hakju Ryan Lee: Suggest to remove too	Comment by Richard Bradbury: Add missing reference to clause 2.	Comment by Hakju Ryan Lee: Reference added 
[bookmark: _GoBack]When the WebRTC aApplication is a web application, the implementation of the interface at reference point EDGE-5 interface to discover the RTC AS/EAS location by accessing the EEC is difficult asif the Web browser providers maydoes not implement interfaces necessary for supporting edge -enabled RTC applications/services. Also, in the Application Function-driven approach the Application Client (AC) and EEC are not used to discover the RTC AS/EAS location.	Comment by Richard Bradbury: I don't see a problem here.
The AF-driven approach is intentionally designed to be transparent to applications, so it will work fine for web apps.
To resolve the above EAS discovery issue in the Application Function-driven approach and when the WebRTC application is a web application, the EAS information can be shared with the RTC MSH by the RTC AF using RTC-5 interface. 	Comment by Richard Bradbury: Don’t' understand how this helps.	Comment by samsung: Updated not to address misleading problem
NOTE:	Other methods that can be used for sharing EAS information (e.g., sharing EAS hostname to the WebRTC aApplication by RTC-8 or by other means and then using DNS resolution) are FFS.


	Comment by Richard Bradbury (2024-05-20): Add RTC-13.
Simplify Native WebRTC App and Web App to RTC Application.
NOTE:	This figure corresponds to collaboration scenario 2. Other subfunctions of the RTC AS required to support collaboration scenarios 3 and 4 are not depicted.

Figure 4.4.2-1: Edge-enabled RTC architecture
NOTE:	This architecture diagram is an example for CS-2 scenario.
Next change
[bookmark: _Toc161989919]5.4	Call flow for Network-supported RTC sessions (CS#2)
The MNO offers access to trusted ICE functionality to UEs that wish to participate in RTC sessions. The session establishment takes into account the configured trusted ICE functions.
 The call flow is as follows.



Figure 5.4-1: Call flow for Nnetwork-supported RTC sessions (collaboration scenario 2)
The working assumptions are:
-	The aApplication on UE1 and the remote RTC endpoint use an external WebRTC sSignalling fFunction to establish the WebRTC session.
Initially:
0.	A pProvisioning sSession may have beenis created by the RTC Application Provider with the MNOat the RTC AF. This may include a list of trusted STUN/TURN servers to be used by the RTC Client for establishing RTC sessions.
Call flow using network-supported RTC session is achieved through the following stepsThe steps are as follows:
1.	The RTC Media Session Handler retrieves Service Access Information from Tthe RTC AF uses thevia reference point RTC-5 interface to provide the RTC MSH with. This includes configuration for the RTC Client, including a list of trusted STUN/TURN servers that the UEit may use for establishing RTC sessions.
2.	The aRTC Application on UE1 queries the RTC MSH for the list of trusted ICE servers.
3.	The UERTC Application on UE1 discovers and tests the ICE candidates to validate that they are suitable for the connection to the remote RTC endpoint.
4.	The aRTC Application on UE1 and the remote RTC endpoint use an external RTC sSignalling fFunction to exchange information about ICE candidates and to exchange the SDP offer/answer. 
Then, theWhen an WebRTC session is established using the most suitable ICE candidate:.
5.	The STUN or TURN server in ICE function, upon reception of the allocation request by the application (or WebRTC frameworkRTC Access Function) may extract the 5-Tuple information for each of the media sessions and convey the information to the Network Support AF in RTC AF for requesting QoS assistance. 
6.	The Network Support RTC AF uses theinteracts with the PCF at reference point N5 interface to request QoS allocation. It may request differential charging based on pre-existing provisioning for these sessions. 
7.	Confirmation of QoS allocation is notified to the Network Support RTC AF and the RTC AS MSH.
8.	The Network Support RTC AF will also subscribes to events relatinged to the QoS flows of the WebRTC session with the PCF and SMF.
9.	The Network Support RTC AF receives notifications about any changes to the QoS flows of the WebRTC session from the PCF or the SMF. Then, the Network Support RTC AF sends notifications to the ICE function (STUN/TURN server). 
10.	The STUN/TURN server may forward the bit rate recommendation to the RTC MSH, if the allocation session is still active.
11. Alternatively, the RTC Media Session Handler may interact with the UE Modem to trigger to query the recommended bit rate on the uplink or downlink direction.
12.	The UE Modem then sends the ANBRQ (Access Network Bit Rate Query) signalling to the RAN as defined in TS 38.321 [8] for NR access and TS 36.321 [9] for LTE access.	Comment by Richard Bradbury: Is this in scope for the 5G System?	Comment by Hakju Ryan Lee: I remembered I raised the same concern before and the answer from the source was for the case of NR-to-LTE peer-to-peer connection. Anyway, I am okay either way (remove or stay)
13.	The RAN, based on the network status, returns the recommended bit rate to the UE modem as requested. The recommended bit rate is in kbps at the physical layer at the time when the decision is made.
NOTE 1: :	The UE may determine the corresponding IP layer bit rate based on the long-term average of the IP packet sizes, L2 header sizes, and ROHC header sizes, but the translation methodologies and the estimation error levels required to implement accurate media bit rate adaptation have not been specified. The UE may determine the corresponding IP layer bit rate based on the long-term average of the IP packet sizes, L2 header sizes, and ROHC header sizes, but the translation methodologies and the estimation error levels required to implement accurate media bit rate adaptation have not been specified.
NOTE 2: 	The eNodeB may determine the corresponding IP layer bit rate based on the long-term average of the IP packet sizes, L2 header sizes, and ROHC header sizes, but the translation methodologies and the estimation error levels required to implement accurate media bit rate adaptation have not been specified.
NOTE 3:	The recommended/queried bit rate as signalled over the LTE and NR access is defined to be in kbps at the physical layer. The uplink/downlink bit rate at the physical layer is , where is the bit-length of the k-th successfully transmitted/received TB by the UE within the window T. In TS 36.321[9] and 38.321[8], a window length of 2000 ms is applied.
13.	The UE modem notifies the recommended bit rate to the RTC Media Session Handler.
14.	The RTC Media Session Handler notifies the recommended bit rate to the RTC Application.
145.	The aRTC Application may act on the bit rate recommendation, e.g. by reducing the uplink media bit rate.
156.	Media traffic is delivered toexchanged with the remote RTC endpoint. If a TURN server is present in the RTC Client configuration obtained in step 1, media is relayed to the other RTC endpoint by the ICE Function of the RTC AS via reference point RTC‑-4m interface is involved, possibly with additional media processing by the Media Function of the RTC AS, as required by the RTC session.	Comment by Richard Bradbury: CHECK!
Or is it the ICE Function that does the relaying of media in the case of TURN?	Comment by Hakju Ryan Lee: Should be ICE Function (TURN inside ICE)
[bookmark: _Toc161989920]5.5	Call flow for MNO-Ffacilitated RTC sessions (CS#3)
In collaboration scenario 3, MNO hosts the WebRTC sessions by providing a trusted WebRTC signalling function in the RTC AS. In addition, a trusted media server is also present in RTC AS to support SFU and MCU functionality.
 Note that,NOTE:	 wWhen the WebRTC aApplication is a web-based application (i.e., a WebRTC App), the RTC MSH function is not supported.
The call flows for this scenario when RTC MSH is involved are as shown in Ffigure 5.5‑.1.


 
Figure 5.5.‑1: Call flows for MNO -facilitated RTC sessions (collaboration scenario 3)
The RTC Application Provider may create a Provisioning Session with the RTC AF and starts provisioning the usage of the RTC Streaming session between two endpoints. During the establishment phase, the used features such as content consumption measurement, logging, collection and reporting; QoE metrics measurement, logging, collection and reporting; dynamic policy; network assistance; are negotiated and detailed configurations are exchanged.
The RTC Application Provider Provisioning Session phase is optionally performed prior to the establishment of any related WebRTC sessions by the RTC Application Provider. Detailed procedure is addressed in clause 5.2.1.
The ICE candidate discovery phase is performed with the following steps in an MNO-facilitated RTC system:
1.	Retrieve ConfigurationService Access iInformation: The RTC AFMSH uses the RTC-5 interface to provide the RTC MSH withretrieves Service Access Information from the RTC AF that includes RTC Client configuration: a list of trusted STUN/TURN servers, trusted WebRTC sSignalling fFunction and data channel serversservice endpoint addresses and their capabilities. The UERTC Client may use this configuration information for establishing RTC sessions.
2.	ICE Servers request: The RTC aApplication queries the RTC MSH for the list of trusted ICE servers.
3.	ICE candidate validation: The UE discovers and tests the ICE candidates to validate that they are suitable for the connection.
The WebRTC session establishment phase is performed with the following steps in an MNO-facilitated RTC system:
4.	Query configuration information: In response to a request from the RTC Application, Tthe WebRTC frameworkRTC Access Function queries the RTC MSH for the WebRTC signalling function information. In some cases where the signalling is not handled by RTC Access FunctionWebRTC framework, the nNative WebRTC application may directly queryies the RTC MSH for the WebRTC Signalling server information.
5.	Configuration information: RTC MSH sends the WebRTC signalling function and data channel servers and their capabilities information to the RTC Access FunctionWebRTC framework or in some cases withto the nNative WebRTC application.
In the SDP exchangeRTC session establishment phase, two or more WebRTC endpoints exchange signalling information relatinged to the WebRTC session, such as ICE candidates, SDP offer/answer using the trusted WebRTC sSignalling fFunction in the RTC AS.
NOTE:	Figure 5.5.‑1 illustrates that SDP offer is generated by the WebRTC Framework or native WebRTC Application. However, in SFU/MCU mode, SDP offer is generated by the Media Function in the RTC AS.	Comment by Richard Bradbury (2024-05-20): Remove?	Comment by samsung: Yes, removed
6.	SDP offer: The WebRTC Framework or native WebRTC Application creates a request with an SDP offer which includes the ICE candidates and sends it to the WebRTC sSignalling fFunction.	Comment by Richard Bradbury (2024-05-20): CHECK!
Can this do SDP offer/answer at RTC-4?
What would stimulate this?	Comment by samsung: As we have understood RTC App creates SDP offer by communicating with RTC Access Function, so better to remove
7.	Determine remote endpoint location: The WebRTC sSignalling fFunction uses the registration information to locate the remote endpoint 
8.	SDP offer: The WebRTC sSignalling fFunction forwards the request to remote endpoint.
9.	SDP answer: Upon accepting the offer, remote endpoint responds to signalling function with SDP answer.
10.	SDP answer: WebRTC signalling function sends the SDP answer to the UE1.
With this, an WebRTC session is established between RTC endpoints using the most suitable ICE candidate and the WebRTC sSignalling fFunction.
The Dynamic policy phase is then performed to allocate QoS for the media streams of the RTC session with the following steps:
11.	QoS request: The WebRTC sSignalling fFunction in the RTC AS sends a request to the RTC AF for the allocation of QoS for the RTC session. The RTC AF sends a request to the PCF to allocate QoS for the media streams of the RTC session 
12.	Confirmation: The PCF or SMF confirms the successful allocation of network support or QoS allocation.
If the Network sSupport fFunction feature is supported in the RTC AF, then the Network Support Function AF (NS-AF) offers the bit rate recommendation request API based on existing policy templates, through the usage of either the Npcf_PolicyAuthorization API over N5 interface, or the Nnef_AFSessionWithQoS over N33 interface to the PCF. If no corresponding AF application session context already exists, the NS-AF uses the Npcf_PolicyAuthorization_Create method over N5 interface with the appropriate service information to create and provision an application session context. The Network aAssistance phase is performed with the following steps in an MNO-facilitated RTC system. 
13.	Subscribe to QoS events: The NS-AF also subscribes to events related to the QoS flows of the WebRTC session with the PCF and SMF.
14.	QoS events: The NS-AF receives notifications about any changes to the QoS flows of the WebRTC session from the PCF or the SMF. 
15.	QoS notifications/ or Bbit rate recommendations: The NS-AF may send notifications to the RTC MSH about the changes in QoS flow. When the allocated session is active, the RTC MSH forwards the bit rate recommendation to the application.
16.	Adjust media bit rate: The WebRTC An RTC Application may act on adjusting the bit rate recommendation, e.g., by reducing the uplink media bit rate.
After successful creationestablishment of an WebRTC session and the bit rate negotiations, the actual WebRTC session over 5G may start:
17.	Media transfer: 
a)	In some cases, peer-to-peer communication between two RTC Clients is possible, and the media is exchanged directly with the remote RTC endpoint via reference point RTC‑12.
ab)	Otherwise, Tthe WebRTC RTC Application may connects to the selected TURN server and/or Media Function in the RTC AS through thereference point RTC-4m interface and real-time communication starts, and the media is deliveredrelayed to the remote endpoint by the ICE Function of the RTC AS, possibly with additional media processing by the Media Function of the RTC AS as required by the RTC session. 	Comment by Richard Bradbury (2024-05-20): CHECK!
Just RTC-4 now?	Comment by samsung: Yes	Comment by Richard Bradbury: CHECK!
Is this correct?	Comment by Hakju Ryan Lee: Should be ICE
b)	In some cases, a peer-to-peer connection is also possible and the media is delivered directly to the remote endpoint.
18.	Method calls and notifications: Supporting information about the WebRTC session is passed from the RTC Access FunctionWebRTC framework to the RTC MSH.
19.	Reporting, network assistance, and dynamic policy: The RTC MSH exchanges supporting information about the WebRTC session with the RTC AF.
20.	End session: The WebRTC RTC Application informs the WebRTC frameworkRTC Access Function (via RTC-6) and WebRTC Signalling Function (via RTC-13) that the RTC session has ended. It is also sent to the WebRTC Signalling Function to terminate the session.
21.	Session ending event: The WebRTC frameworkRTC Access Function informs the RTC MSH about the end of the RTC session.
22.	Final reporting: The RTC MSH performs any final reporting to the RTC AF.
Next change
[bookmark: _Toc161989922][bookmark: _Ref126760002]6.1	Client-driven Mmanagement of RTC Eedge Pprocessing
The detailed call flow for client-driven management of edge processing session is shown in Ffigure 6.1-1.



[bookmark: _Ref82611254]Figure 6.1-1. Client-driven management of RTC edge processing
The Edge Computing Provisioning phase is a provisioning phase, that may be repeated several times (e.g., to extend edge processing coverage to new geographical areas or to increase the capacity of an already provisioned area). All steps in this phase are optional and performed on need basis. The steps are:
1.	Spawn ECS: In this step, aA new ECS instance is instantiated to manage new or increased demand for edge processing.
2.	Spawn RTC AF: In this step, aA new RTC AF that is edge-enabled is instantiated to handle new or increased demand for WebRTC sessions with edge processing.
3.	EES Configuration: The EES is configured for a specific Edge Data Network (EDN).
4.	EES Registration with ECS: The EES registers with the ECS that is in authority over the target EDN.
The RTC Application Provider Provisioning phase is performed prior to the establishment of any related WebRTC sessions by the RTC Application Provider. Subsequent updates to the provisioning session are possible.
5.	Create Provisioning Session: In this step, tThe RTC Application Provider creates a new provisioning session in the RTC AF.
6.	Provision RTC features: In this step, tThe RTC Application Provider may create different configurations such as QoS support, charging, collection of consumption, offering STUN/TURN servers, WebRTC sSignalling fFunction, Edge Processing, etc.
The Native WebRTC Application initiates a new RTC session:
7.	Application Iinitialization: The user launches the Native WebRTC Application. The Native WebRTC aApplication performs any required initialization steps.
8.	Start RTC session: The Native WebRTC Application invokes the WebRTC frameworkRTC Access Function with appropriate real-time streaming access parameters.
9.	Session starting event: The Native WebRTC aApplication informs the RTC MSH about the start of a new WebRTC session over 5G.
10.	Retrieve sService aAccess iInformation: The RTC MSH retrieves Service Access Information from the RTC AF, appropriate to the WebRTC sessionincluding RTC Client configuration information provisioned in step 6.
11.	Determine eligibility for requesting edge resources: Using information from the Service Access Information, the RTC MSH determines whether the WebRTC session is eligible for requesting edge resources.
If the eligibility criteria are met in the previous step, the UE discovers an EAS instance offering RTC AS functionality in the Client-based Edge Computing Discovery phase:
12.	Locate EAS instances: The RTC MSH asks the EEC to discover the location of one or more suitable EAS instances offering the "RTC AS" capability that can serve the application.
13.	Locate local EES: The EEC queries the ECS for a suitable EES (EDGE-4 API).
14.	Register with EES: The EEC registers with the selected EES (EDGE-1 API).
15.	Request list of “"RTC AS"” EAS instances: The EEC queries the EES for one or more EAS instances offering the “RTC AS” capability that can serve the session, using EAS discovery filters (see Table 8.5.3.2-2 in [2]) provided by the Application Client, e.g. “RTC AS” for EAS type, appropriate values for service feature(s), and other EAS characteristics.
The optional sub-flow RTC AS Provisioning is for provisioning an additional RTC AS instance if a suitable EAS instance offering the "RTC AS" capability cannot be located. The steps are:
16.	Check resource template: The RTC AF checks the provisioned edge processing resource template for the related application to determine the requirements of the application.
17.	Instantiate new EAS/"RTC AS" EAS instance: The RTC AF requests the MnS to instantiate a new RTC AS EAS instance with the specified requirements and considering parameters provided in the query by the EEC.
18.	Spawn "RTC AS" EAS instance: The MnS creates a new instance of the EAS offering RTC AS capability with the requested placement and resources.
19.	EAS instance configuration: The newly instantiated "RTC AS" EAS instance is configured.
20.	Register EAS instance with EES: The newly instantiated EAS instance registers itself with the triggering EES.
21.	Configure provisioned features: This may include configuring and launching the server-side application in the RTC AS.
Completion of UE Edge Computing Discovery phase:
22.	List of suitable “"-RTC AS”" EAS instances: The EES/RTC AF responds to the EEC with a list of “"RTC AS"” EAS instances and their characteristics in an EAS discovery response (see Ttable 8.5.3.3-1 in [16]).
23.	Select preferred “"RTC AS"” EAS instance: The AC and/or EEC select(s) a “RTC AS” EAS instance from the provided list, based on the AC’s desired criteria.
After successful discovery of a “RTC AS” EAS instance, the actual WebRTC session over 5G may start:
24.	Media transfer: The Native WebRTC Application connects to the selected EAS “"RTC AS"” EAS instance and the real-time streaming startsexchange of WebRTC media begins.
25.	Method calls and notifications: Supporting information about the WebRTC session is passed from the RTC Access FunctionWebRTC framework to the RTC MSH.
26.	Reporting, network assistance, and dynamic policy: The RTC MSH exchanges supporting information about the WebRTC session with the RTC AF.
27.	End session: The Native WebRTC Application informs the RTC Access FunctionWebRTC framework that the RTC session has ended.
28.	Session ending event: The RTC Access FunctionWebRTC framework informs the RTC MSH about the end of the RTC session.
29.	Final reporting: The RTC MSH performs any final reporting to the RTC AF.
[bookmark: _Toc161989923]6.2	AF-driven Mmanagement of RTC Eedge Pprocessing
[bookmark: _Hlk132800336]The detailed call flow for AF-driven management of edge processing session by using the RTC Media Session Handler is shown in Ffigure 6.2-1.



Figure 6.2-1. AF-driven management of RTC edge processing
The steps are:
1.	Steps 1-4 as described in TS 26.501 clause 8.1clause 6.1.
2.	Create Provisioning Session: In this step, the RTC Application Provider creates a new provisioning session.
3.	Provision RTC features: In this step, tThe RTC Application Provider may create different configurations such as QoS support, charging, collection of consumption, offering STUN/TURN servers, WebRTC signalling function, edge processing, etc.
4.	RTC AS provisioning (if needed), as described in Ffigure 6.1-1, steps 16-21.
The Native WebRTC Application initiates a new RTC session:
5.	Start session: The WebRTC Application invokes the RTC Access FunctionWebRTC framework with appropriate real-time streaming access parameters.
6.	Session starting event: The application informs the RTC MSH about the start of a new WebRTC session over 5G.
7.	Retrieve Service Access Information: The RTC MSH retrieves Service Access Information from the RTC AF, including RTC Client configuration information appropriate to the WebRTC session.
8.	Determine eligibility for requestingInstantiate edge resources: Using information from the Service Access Information, the RTC MSHThe RTC AF determines whether edge resources need to be instantiated to support the WebRTC session is eligible for requesting edge resources, for example by requesting that the MnS instantiates a new "RTC AS" EAS.
9.	Start the media streaming as defined in Ffigure 6.1-1, steps 24-26.
10.	Continue the final steps as defined in Ffigure 6.1-1, steps 27-29.

Next change
[bookmark: _Toc161989925][bookmark: _Toc161989926][bookmark: _Toc120865028]A.1	General
This clause addresses the derivative architecture for each of the collaboration scenarios. The four collaboration scenarios are summarized below and further details is specified in Annex Table A.1-1.
The four collaboration scenarios are specified based on the location of required functional entities in trusted domain as defined as follows.
-	5G support for Over the topTT WebRTC: in this scenario the WebRTC session runs completely over the top. However, the MNO may offer support in form of QoS allocation, bitrate recommendations, and QoE report collection based on request by the UE.
-	MNO-provided trusted WebRTC functions: in this scenarioOn top of over the top scenario, the MNO additionally offers trusted supportICE Ffunction in RTC ASs such as ICE servers to the WebRTC application on the UE. 
-	MNO-facilitated WebRTC services: the MNO hosts and facilitates WebRTC sessions by providing a trusted WebRTC Ssignalling fFunction, which may also offer 5G network assistance.
-	Inter-operable WebRTC services: collaboration scenario 3 is extended with functions to support MNO to MNO inter-operability. 
NOTE:	Collaboration scenario 4 is in the scope of this specification. Some of its details, which are not specified in the current version of the document, will be specified, after the relevant works are finishedis FFS.
The list of key functional entities in trusted domain differs from collaboration scenarios as described in Table A.1-1.
Table A.1‑1: Mapping of key functions to each collaboration scenarios
	Functions
	Collaboration scenario 1
	Collaboration scenario 2
	Collaboration scenario 3
	Collaboration scenario 4

	Provisioning Ffunction
	Optional
	Optional
	Optional
	Optional

	Configuration functionFunction
	Optional
	Required
	Optional (maybe fulfilled by WebRTC Ssignalling fFunction)
	Optional (maybe fulfilled by WebRTC sFignalling fFunction)

	RTC Media Session Handler
	Required
	Optional
	Optional
	Optional

	Network sSupport fFunction
	Required
	Required
	Optional (maybe fulfilled by WebRTC sSignalling fFunction)
	Optional (maybe fulfilled by WebRTC sSignalling fFunction)

	Trusted ICE fFunction
	N/A
	Required
	Optional
	Optional

	Trusted WebRTC sSignalling fFunction
	N/A
	N/A
	Required
	Required

	Trusted mMedia fFunction
	N/A
	Optional
	Optional
	Optional

	NOTE:	The collaboration scenario 3 may further split depending on the role of MNO, as addressed in TR 26.930.


A.2	Collaboration scenario 1:
Figure A.2-1 shows the architecture variant for the collaboration scenario 1 when the WebRTC session is completely running over the top. For this case, many of WebRTC-related entities are not the scope of this specification. However, Network Support Function is present in the trusted domainRTC AF to support QoS allocation, bitrate recommendations, and QoE report collection.


 
Figure A.2-1: Derivative RTC architecture for collaboration scenario 1
[bookmark: _Toc161989927][bookmark: _Toc120865029]A.3	Collaboration scenario 2: 
Figure A.3-1 shows the architecture variant for the collaboration scenario 2 when MNO provides the trusted WebRTC functions such as ICE fFunction in the RTC AS. It also containsinstantiates the Cconfiguration Ffunction in the RTC AF to support the network-assisted WebRTC sessions over 5G sSystem. 


  
Figure A.3-1: Derivative RTC architecture for collaboration scenario 2
NOTE:	RTC-4m interface is present only when the ICE function contains the TURN server in this scenario.
[bookmark: _Toc161989928][bookmark: _Toc120865030]A.4	Collaboration scenario 3: 
Figure A.4-1 shows the architecture variant for the collaboration scenario 3 when MNO hosts the WebRTC sessions by providing the trusted WebRTC Ssignalling server Function in the RTC AS. In addition, trusted the mMedia server Function is present in the RTC AS to support SFU and MCU functionalityprovide the role of RTC endpoint.


 
Figure A.4-1: Derivative RTC architecture for collaboration scenario 3

Next change
[bookmark: _Toc120865026][bookmark: _Toc153800981]Annex B (normative):
Architecture variants for RTC Application
[bookmark: _Toc120865027][bookmark: _Toc153800982]B.1	General
This annex describes variants of the RTC reference architecture (see figure 4.1.1-2) for different kinds of RTC Application.
B.2	RTC Application is a Native WebRTC App
The Native WebRTC App implements reference point RTC‑6 for invoking media session handling functionality and reference point RTC‑7 for establishing and controlling RTC session by using API provided by the RTC Access Function. The Native WebRTC App also uses reference point M13 to exchange RTC session signalling with the WebRTC Signalling Function in the RTC AS.


Figure B.2-1. RTC architecture variants for Native WebRTC App
B.3	RTC architecture for Web App
The Web App does not instantiate reference points RTC‑6 or RTC‑7. Instead, it uses the WebRTC API to interact with the RTC Access Function, which is typically embodied in a web browser. The Web App uses reference point RTC‑13 to exchange RTC session signalling with the WebRTC Signalling Function in the RTC AS.


Figure B.3-1. RTC architecture variants for Web App
End of changes
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