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Introduction
The work item iRTCW (Immersive Real-time Communication for WebRTC) has been executed for the purpose of enabling WebRTC protocol for immersive enabling media delivery over 5G System. Specifically, it provides the set of Stage-3 procedures, APIs, and protocols for the reference points defined in Real-Time Media Communication (RTC) architecture [2]. 
In parallel to iRTCW work item, there was another work on developing the generalized media delivery architecture, which consolidates both RTC and 5G Media Streaming (5GMS) architectures [3]. As a result, the common set of APIs were identified and specified in TS 26.510 under the work item 5GMS_Pro_Ph2 (5G Media Streaming Protocols Phase 2). Then, iRTCW results in TS 26.113 [1] with descriptions of RTC-specific APIs as well as references to TS 26.510 for common APIs. 
iRTCW also provided the WebRTC signalling protocol for the exchanging of signalling information, RTC-specific RTC QoE metric reporting protocol, and packet loss handling mechanisms. It was also discussed to specify the media capabilities for an RTC Client, but concluded to provide minimum set of requirements for service interoperability to TS 26.114 [4]. 
Description

This is the primary feature list developed as part of TS 26.113:

· RTC-specific APIs:.In the provisioning API, Real-time Media Communication Provisioning was introduced for provision an RTC configuration by the RTC Access Function in facilitating RTC session. The configuration is included in Service Access Information retrieved from the RTC AF by the RTC Media Session Handler. In addition, all the required reference points to support RTC configuration were identified from generalized media delivery architecture. 
· WebRTC Signalling Protocol: The Simple WebRTC Application Protocol (SWAP) was developed in TS 26.113 to support the case when the operator is capable of providing the WebRTC Signalling Function inside the media AS. The message syntax and semantics were also specified to be exchanged between endpoints over the WebSocket connection 
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