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Abstract 

An optional transport format has been specified in 3GPP Rel-7 for the Nb interface interface and IP transport that allows transporting several RTP/NbFP/codec payload PDUs of different user plane connections within one packet, with the corresponding backward compatible signalling extensions required to negotiate the use of this transport option (cf [1] and [3]). 
Use of this transport format saves significant bandwith in the IP network, as shown below (bandwidth gains are evaluated in 3GPP TR 29.814 [2]).

Bandwidths with AMR12.2 (60 % activity factor) without and with multiplexing
(2 or 10 RTP frames, common IP/UDP header) with compressed RTP header
	
	PoS, IPv4
	PoS, IPv6
	Eth, IPv4
	Eth, IPv4

	BW ref
	22,88 kbps
	28,08 kbps
	29,90 kbps
	35,10 kbps

	BW, 2 pkts
	16,25 kbps
	18,85 kbps
	19,76 kbps
	22,36 kbps

	    Decrease
	29 %
	33 %
	34 %
	36 %

	BW, 10 pkts
	11,78 kbps
	12,30 kbps
	12,48 kbps
	13,00 kbps

	    Decrease
	48 %
	56 %
	58 %
	63 %


SIP-I based Nc shall provide at least the same bandwidth efficiency as BICC-based Nc. In SIP-I based Nc, the /IP/UDP/RTP header overhead (40 byte for IPv4, 60 byte for IPv6) and the layer 2 header/trailer header overhead (e.g. 38 bytes for Ethernet v2, 7 bytes for POS) are still much larger than the transported payload codec (e.g. 31 byte for AMR 12.2 kHz and 5 byte for SID frames). It is therefore also desirable to reduce the /IP/UDP/RTP header and the layer 2 header/trailer overheads to save bandwidth and ensure a bandwidth efficiency equivalent to BICC-based Nc.

The method of doing this should be achieved by multiplexing several codec payload PDUs of different bearers within one IP packet sent between MGWs over the Nb interface, and by optionally compressing RTP headers, in a similar way as what has been defined in 3GPP Rel-7 : 

· UDP port multiplexing should be re-used as specified for BICC-based CSCN ;
· RTP header compression should rely on the principles defined in section 5.1.2.2 (RTP Header Reduction for VoIP transport with RTP framing) of TR 29.814 ; 

· Multiplex negotiation should rely on the same principles as those defined  for BICC-based CSCN (based on RTCP signalling).

The detailed procedures are suggested to be defined during the stage 2 / stage 3 specifications. 

This contribution proposes to reflect those requirements in the TR 29.802.
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5.4
Impacts on the Bearer Plane

Editor's Note:
Changes to this Clause need to be agreed within CT4.

5.4.1
Bearer selection for SIP-I based Nc
SIP-I as currently defined supports a specific set of codecs and associated with that, specific forms of framing for those codecs.  These are mostly based on the expectation that the codecs used in the bearer plane are transported directly on to IETF defined transport and framing.  However, the current Nb interface is defined to allow for the continuation of the Iu User Plane Framing Protocol into the Core Network with minimal modification, as described in 3GPP TS 29.414 [12] and 3GPP TS 29.415 [13]. 

Currently there is no defined way for a SIP-I based call control interface to support the establishment of bearers supporting the Nb User Plane Framing Protocol.  Therefore, two choices exist;-

1.
define extensions for SIP-I to allow the protocol to support Nb User Plane Framing Protocol.

2.
use existing IETF specified framing protocols for the transport of CS traffic in the bearer plane.

Defining extensions to SIP-I would be both a lengthy process (involving at least the IETF and possible ITU-T) and also would seem to be defeating the object of using SIP-I.  The move towards a SIP-I based Nc interface is driven in part by the potential to simplify the interworking of the interconnect between networks.  This interconnection will require that the bearer plane is in some cases modified to a widely adopted framing protocol at the network edge anyway, so doing this translation at the MGW where the RAN meets the CN offers no disadvantage.

In addition, the Mb interface for IMS (as defined in 3GPP TS 29.163 [25]) is already defined as being based on RTP framing and so, moving to the use of RTP on the bearer plane when SIP-I is used in the control plane will align the Nb and Mb interfaces for the transport of CS traffic.  

Moving to RTP as the transport protocol will have some impact on the functioning of the Mc interface (see 3GPP TS 29.232 [10]), but this impact can be set against potential reuse of the procedures and properties from the Mn interface profile as defined in 3GPP TS 29.332 [20], which is used to control RTP-based bearers in the IMS domain.

Therefore the bearer for a network supporting a SIP-I based Nc interface shall be an RTP-based bearer, and shall align with the Mb interface 3GPP TS 29.163 [25]. 
5.4.2
Bearer transport with multiplexing

SIP-I based Nc shall be able to provide at least the same bandwidth efficiency as BICC-based Nc. 
An optional transport format is specified for BICC-based CSCN for the Nb interface interface and IP transport that allows transporting several RTP/NbFP/codec payload PDUs of different user plane connections within one packet, with the corresponding backward compatible signalling extensions required to negotiate the use of this transport option. 

In SIP-I based Nc, the /IP/UDP/RTP header overhead (40 byte for IPv4, 60 byte for IPv6) and the layer 2 header/trailer header overhead (e.g. 38 bytes for Ethernet v2, 7 bytes for POS) are still much larger than the transported payload codec (e.g. 31 byte for AMR 12.2 kHz and 5 byte for SID frames). It is much desirable to reduce the /IP/UDP/RTP header and the layer 2 header/trailer overheads to save bandwidth and ensure a bandwidth efficiency equivalent to BICC-based Nc.

An optional transport format shall therefore also be specified in in SIP-I based Nc to allow multiplexing several codec payload PDUs of different bearers within one IP packet sent between MGWs over the Nb interface, and allow as an option compressing RTP headers, in a similar way as what has been defined for BICC-based CSCN :
· UDP port multiplexing should be re-used as specified for BICC-based CSCN ;
· RTP header compression should rely on the principles defined in section 5.1.2.2 (RTP Header Reduction for VoIP transport with RTP framing) of 3GPP TR 29.814 [68] ; 

· Multiplex negotiation should rely on the same principles as those defined  for BICC-based CSCN (based on RTCP signalling).
The detailed procedures will be defined during the stage 2 / stage 3 specifications.
Editor's Note:
additional impacts to the bearer plane may be covered within this section when identified.




