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1 Introduction

The TR is missing references from the reference list; many of them already used in the body of the TR. Also old SDP RFC is used.

2 Proposals
Extend the reference list with the proposal below

 [25]
3GPP TS 29.163: "Interworking between the IP Multimedia (IM) Core Network (CN) subsystem and Circuit Switched (CS) networks"
 [26]
IETF RFC 4566: "SDP: Session Description Protocol"
 [27]
IETF RFC 3264: "An Offer/Answer Model with the Session Description Protocol (SDP)"

 [28]
IETF RFC 3551: "RTP Profile for Audio and Video Conferences with Minimal Control"

 [29]
IETF RFC 3555: "MIME Type Registration of RTP Payload Formats"

 [30]
IETF RFC 3261: "SIP: Session Initiation Protocol"
 [31]
IETF RFC 3966: "The tel URI for Telephone Numbers"

 [32]
3GPP TS 33.210: "Network Domain Security; IP network layer security"

 [33]
3GPP TS 26.235: " Packet switched conversational multimedia applications; Default codecs"

 [34]
IETF RFC 4040: " RTP Payload Format for a 64 kbit/s Transparent Call"

 [35]
IETF draft-ietf-avt-rfc2833bis-15 "RTP Payload for DTMF Digits, Telephony Tones and Telephony Signals"
[xx]
IETF RFC 3262: “Reliability of Provisional Responses in the Session Initiation Protocol (SIP)”

[yy]
IETF RFC 3311: “The Session Initiation Protocol (SIP) UPDATE Method”

[zz]
IETF RFC 3312: “Integration of Resource Management and Session Initiation Protocol (SIP)”

[aa]
3GPP TS 29.164: “Interworking between the 3GPP Cs domain with BICC or ISUP as signalling protocol and external SIP-I networks”

[bb]
IETF RFC 3556: “Session Description Protocol (SDP) Bandwidth Modifiers for RTP Control Protocol (RTCP) bandwidth”

[cc]
ITU-T Recommendation V.152: "Procedures for supporting voice-band data over IP networks"

[dd]
IETF RFC 4103: “RTP Payload for Text Conversation”

[ee]
IETF RFC 3951: “Internet Low Bit Rate Codec (iLBC)”

[ff]
IETF RFC 3952: “Real-time Transport Protocol (RTP) Payload Format for internet Low Bit Rate Codec (iLBC) Speech”

[gg]
IETF RFC 3640: “RTP Payload Format for Transport of MPEG-4 Elementary Streams”

[hh]
IETF RFC xxxx: “NP Parameters for the "tel" URI”

