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1 Introduction

At GERAN#35 meeting, a new study item 3GPP Study Item “A Interface over IP” was approved (GP-071562) in line with the objective to identify, describe and evaluate the possible solutions in terms of architecture and performance impacts of A-interface over IP transport.
This paper outlines the current situation, analyses possible solutions of AoIP, identifies the functional impacts on involved network elements.

It should be noted that the new study item is going to introduce a new alternative A interface based on IP protocols, and it won’t change anything of the legacy TDM based A interface.
2 Current Situation
In current GSM networks(see figure 1) many interfaces (such as Gb/Mc/Nb etc) have introduced IP transport since it significantly can reduce the CAPEX and OPEX of operators and provide operators more flexibility in network deployment. Furthermore, A-interface control plane has adapted IP transport in addition to TDM transmission by using protocol stacks as SCCP/M3UA/SCTP/IP in 3GPP release 7, but the user plane of A-interface still utilizes TDM transmission.  Figure 1 shows the conceptual structure of current situation.


[image: image1.emf]BTS BSC MGW

MSCServer

Abis

A

TC

TDM TDM

G.711

FR/HR/EFR/AMR

TC

BTS BSC

Abis

A

TC

TDM TDM

FR/HR/EFR/AMR

Local TC Remote TC

Mc

H.248

Legend:

TDM IP

CP over TDM UP over TDM

S

C

C

P

/

M

T

P

3

Ater

S

C

C

P

/

M

T

P

3

TDM

G.711

FR/HR/EFR/AMR

Switch

S

C

C

P

/

M

3

U

A

/

S

C

T

P

/

I

P

OR

OR

S

C

C

P

/

M

3

U

A

/

S

C

T

P

/

I

P

CP over IP


Figure 1: Current situation between BSS and CN

3 Possible Solutions
It should be clarified the new study item is going to introduce a new alternative A interface based on IP transportation, it won’t change anything of the legacy TDM based A interface. 

For introducing IP transport protocols on A-interface, there could be two solutions:

3.1 Solution 1: Transcoder reserved in BSS and controlled by BSS 

Solution 1 does not require changes on current functionality split between BSS and CN. This solution carries the PCM stream (64 kbps G.711 codec) over the A-interface and is based on IP transport, see figure 2. The scope of the study in this solution includes encapsulation format, underlying protocols for voice services as well as for data services. Concurrent supporting of AoTDM(for “old BSS”) and AoIP by CN is included in this solution. Physically, the transcoder (TC) can be located close either to the BSS (local TC) or the CN (remote TC), but the BSS will always have full control of the TC. 

This solution is not a target solution but an interim solution to support A interface over IP.

The goal of introducing this solution is to assure the least impact to the current network. 

Redundant TC resource will unnecessarily be kept in case there is a TC in the CN, so the gain of this solution is limited.
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Figure 2: Conceptual Architecture of Solution 1

3.2 Solution 2: Transcoder removed from BSS 

The transcoding functionality in the CN was introduced in 3GPP release 4. It can be a way to harmonise GSM and UMTS to use the transcoder resources in MGW and remove transcoder resources from BSS. This solution allows compressed speech to be conveyed over A-interface which reduces the requirements on A-interface transport resources significantly as well as decreases the end-to-end delay. It can also save operator’s CAPEX by using the transcoder resources in the CN in-stead of purchasing extra transcoders. In addition, TrFO can be implemented to improve speech quality. Simultaneous support of AoTDM(for “old BSS”) and AoIP by CN is included in this solution, see figure 3.
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Figure 3: Conceptual Architecture of Solution 2

4 Impacts on Functionality

4.1 Impacts of Solution 1: Transcoder reserved in BSS and controlled by BSS

IP related information will be exchanged between BSS and MGW to establish the IP connection end-to-end of the A-interface. IP related information includes IP address and UDP port for RTP/RTCP. The assignment procedures and handover procedures in BSSMAP and H.248 are impacted.

It is proposed to adopt RTP/UDP/IP as the user plane protocol stack. The payload format within RTP shall be based on RFC 3551 profile for 64 kbps PCM stream (G.711) of voice services and RFC 4040 profile for data/fax services. 

It is proposed to reuse RTP multiplexing method as specified in 3GPP TS29.414 for A-interface user plane.

4.2 Impacts of Solution 2: Transcoder removed from BSS
IP related information will be exchanged between BSS and MGW to establish the IP connection offend-to-end over the A-interface. IP related information includes IP address and UDP port for RTP/RTCP. The assignment procedures and handover procedures in BSSMAP and H.248 are impacted.

It is proposed to adopt RTP/UDP/IP as the user plane protocol stack. The payload format within RTP shall be based on RFC profiles for compressed speech. It is proposed to add codec ability of MGW for the codec types:

GSM FR : RFC3551

GSM HR : RFC3551. Alternatively, a new profile needs to be specified to support the transmission of GSM HR speech over A interface.

GSM EFR : RFC3551

AMR-HR/AMR-FR : RFC 4867

AMR-WB : RFC 4867

The RFC 4040 profile can be used as encapsulation of data/fax services in line with the case of solution1 but will not be an efficient way. A more efficient bandwidth utilization for this case is for FFS. For example Huawei prefers reusing v.110 profile as discussed in the other papers.
It is proposed to reuse RTP multiplexing method as specified in 3GPP TS29.414 for A-interface user plane.

A codec negotiation procedure between BSS and CN is required, having impacts on the assignment procedure. It is proposed to introduce a new information element “SDP” which conveys the supported/preferred code lists for the BSSMAP messages: Assignment Request and Assignment Complete. In order to reduce the number of cases where a BSS selects a codec different from the CN preferred codec type it is proposed to enhance the information elements in the BSSMAP messages: Resource Request and Resource Indication. The CN can request BSS to provide the current spare codec resources and the cell preferred codec lists on all cells for CN’s reference. The CN will then use this information when it making a preferred codec list decision. 
When a handover occurs, the channel type in the Um interface might be changed, and the codec type of MGW might be changed as well. In this case, a Channel Modify Prepare message will be sent from BSS to MSC server to inform the new codec. 

5 Conclusion

This paper has presented two possible solutions for AoIP. Impacts on functionality for both solutions have been identified briefly.

It is proposed to include section 2-4 into the TR.
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