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1 Introduction

At GERAN#35 a new  3GPP REL-8 Feature Study Item “A Interface over IP” was approved (see GP-071562). The WID asks for studying impacts on the architecture to support A interface over IP, including the possibility to do transcoding in the core network.
This paper sketches potential transport solutions for AoIP. 
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3 Abbreviations

4 Overview
5 Study Results, User Plane
5.1 User Plane Principles
5.1.1 Transport network User Plane for A over IP

The following figure shows the proposed protocol stack for the A interface transport over IP. 
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5.1.2 Transport network Control Plane for A over IP

It is proposed that the exchange of IP address and other transport related information (see chapters 6.1 and 6.2 in G2-070306) between the core network and BSS takes place transparently via GCP and BSSAP.

5.2 Payload Formats
5.2.1 Existing TRAU Frames for Adaptive Multi-Rate Speech (AMR)
(see G2-070309)
5.2.2 RTP profiles for speech when transcoding is done in the CN

The Codec Types that are currently used in GSM and the available RTP profiles are listed below:
GSM_FR: 
RFC 3551 for GSM_FR

GSM_HR: 
No RTP profile exists. A new profile needs to be specified in case GSM_HR
is to be supported at the A interface.

GSM_EFR: 
RFC 3551 for EFR
AMR: 

RFC 4867 for AMR. It covers both FR_AMR and HR_AMR.

AMR-WB: 
RFC 4867 for AMR-WB. It covers FR_AMR-WB.
Note that not all of them may have to be specified for use at the A/IP interface. Especially the support for the old GSM_FR and GSM_HR codec types can be questioned.

5.2.3 RTP profiles for speech when transcoding is done in BSS

In this case the Codec at the A-interface is PCM (G.711) with or without embedded TFO frames (TFO is optional).It is proposed to use RFC 3551 for PCM. However, RFC 3551 does not consider the embedded TFO frames. It must therefore be ensured by other means that possibly inserted in-path equipment is TFO compatible in case TFO is used.

5.2.4 RTP profiles for data and fax calls with rate adaptation in BSS

In this case, the current GSM architecture applies for data and fax calls. This implies that a TRAU is used in BSS and that the transmission over the A-interface uses a 64 kbps channel carried over IP. It is proposed to use the RTP profile defined in RFC 4040 for this purpose. This RFC has been created for the purpose of transparently transporting a 64 kbps channel over IP.

5.2.5 RTP profiles for data and fax calls with rate adaptation in the CN

It is possible to reduce bandwidth consumption of data and fax calls by using rate adapted transmission on the AoIP interface. There is currently no RTP profile available for this. 
A new RTP profile needs to be specified in case this optimization is required.

5.3 Transport Layer
5.3.1 Link Layer and Physical Layer

Proposed not to be standardized.

5.3.2 UDP and IP 
IPv.4 (RFC   791 and RFC   792) is proposed to be mandatory. 
IPv.6 (RFC 2460 and RFC 4443) is proposed to be optional. 
In this way, lack of IPv.6 support will not delay the introduction of AoIP. 


UDP is specified in RFC 768.

Each user plane connection is identified by an IP address and an UDP port number in the MGW and another IP address and UDP port number in BSS. These addresses are exchanged via GCP and BSSAP prior to user plane establishment. The port numbers that are exchanged are the port numbers associated with the RTP data stream. These port numbers are even. Corresponding odd port numbers are used for the associated RTCP protocol.
5.3.3 RTP

RTP is specified in RFC 3550.
In addition, an RTP profile specification is always needed, when transporting payload using RTP. RTP profiles are described in chapter 5.2.
Details of the usage of the RTP protocol are ffs.

5.3.4 RTCP

RTCP is a control protocol included in the RTP specification. The multiplexing mechanism mentioned in chapter 5.3.5 makes use of RTCP messages to control multiplexing. 
Other usage of RTCP is ffs.
5.3.5 IP Multiplexing
In order to increase bandwidth utilization on the A-interface, multiplexing several RTP/UDP/IP packets together into larger but fewer IP packets should be specified as optional functionality. It is proposed to re-use the mechanisms already defined for the Nb interface in 3GPP 29.414. These mechanisms require the usage of RTCP for negotiation of multiplexing between the nodes.
6 Conclusion
In this paper some transport solutions for the A over IP interface have been discussed. 
It is proposed to include the above chapters into the TR after discussion.



























































































































