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1. Introduction

There has been a consensus during the last 3GPP CT3/CT4 joint session on the need to enhance the transport of circuit switches services over packet backbones. In particular the important overhead brought by RTP/UDP/IP with respect to the low payload length value that comes with compressing codecs has been pointed out and improvements desired in the timeframe of 3GPP Rel-7.

As a complementary evolution to the generic encoding/multiplexing proposed by Alcatel in Tdoc C3-050680, it is proposed to define a new packetisation time (20ms) for PCM encoded speech over Nb transport. Alcatel considers that this evolution is worth specifying as : 

· it still offers significant bandwidth savings (see section 3) even when combined with the generic encoding/multiplexing scheme proposed in [4], 

· for very little specification and development effort and hence quick availability in circuit switched core network, 

· for a large & increasing number of calls (multimedia calls in particular).  

To accommodate comments received at the preceding meeting : 

· the solution has been made more simple by removing the possibility to configure the packetisation time on the Mc interface, i.e. use of the feature is only controlled by the MGW ; 

· the negotiation of the packetisation time relies on the “a=ftmp” attribute to avoid using the ptime attribute in a non standard way.

It is hoped that those changes will permit the approval of the proposal. 


Though the use of the new packetisation time could be configured locally in each MGW to avoid signalling modification, Alcatel strongly believes it is preferable to slightly enhance the existing signalling procedure to negotiate, on a per call basis, the use of the 20ms packetisation time : 

· it enables operators to benefit from the evolution even in a heterogenous network still comprising a subset of MGWs not supporting the feature yet, while drastically simplifying the network operation and maintenance by removing the constraint to configure each MGW which the packetisation time to be applied towards peer MGWs and the constraint to reconfigure them during roll-out of the feature in other MGWs or during deployment of new MGWs in home or foreign PLMNs, 

· slight signaling evolutions do not cost more development for vendors than developing O&M configuration if use of the feature had to be statically configured in the MGW on a per couple of MGWs basis.

2. Technical solution

The following changes are proposed to be specified : 

a) add a new option in 3GPP TS 26.102 [1] to allow a packetisation time of 20 ms for 3GPP IP CN. To guarantee backward compatibility and interoperability between different vendors’implementations, the currently specified 5ms packetisation time remains the default packetisation time to be supported in 3GPP packet backbones.

b) Slightly extend IPBCP signalling in 3GPP TS 29.414 [3] to allow negotiation of the use of the new packetisation time. 
IPBCP signaling modifications : 

The negotiation relies on the definition of a new parameter ‘pcmptime’ created in [5] for the MIME type VND.3GPP.IUFP. A MGW supporting the 20ms ptime for PCM encoded speech over Nb indicates this to the peer MGW by adding a “a=fmtp” attribute including the ‘pcmptime’ parameter in the IPBCP Request. A MGW receiving this new parameter ignores it if it does not support the new packetisation time, otherwise returns the pcmptime attribute in the IPBCP Accept message. Upon decoding of the IPBCP Accept, the originating MGW knows which packetisation time to apply. 

Example 1 : both MGW1 & MGW2 support the new packetisation time.

IPBCP Request (MGW1 -> MGW2)

m=audio 49170 RTP/AVP 97

a=rtpmap:97 VND.3GPP.IUFP/16000

a=fmtp:97 pcmptime=20

IPBCP Accept (MGW2 -> MGW1)

m=audio 49320 RTP/AVP 97

a=rtpmap:97 VND.3GPP.IUFP/16000

a=fmtp:97 pcmptime=20

Example 2 : new packetisation time only supported by MGW1.

IPBCP Request (MGW1 -> MGW2)

m=audio 49170 RTP/AVP 97

a=rtpmap:97 VND.3GPP.IUFP/16000

a=fmtp:<format> pcmptime=20

IPBCP Accept (MGW2 -> MGW1)

m=audio 49320 RTP/AVP 97

a=rtpmap:97 VND.3GPP.IUFP/16000

Exchange of the pcmtime in the fmtp attribute shall be done independently of the codec initially selected for the call. This enables negotiation in advance of the authorized packetisation time for PCM encoded speech over Nb in case this codec would be later on reconfigured on the bearer (e.g. change from speech to multimedia call).

The proposed change is backward compatible, as per 3GPP TS 29.414 : 

6.3.3.5
Media Attributes

The following media attribute shall be supplied: "a=rtpmap:<dynamic payload number> VND.3GPP.IUFP/16000", where :<dynamic payload number> is the same dynamic payload type number as in the above media announcement <fmt list>.

Other media attributes shall not be used. They shall be ignored in the MGW receiving an IPBCP message.
Annex A contains the text to be modified in the IUFP MIME type document [5].

3. Bandwidth savings

Current 5 ms packetisation time:

As currently specified by 3GPP, 64Kbps services are transported over Nb interface by PDUs of 4+40 =44 bytes every 5 ms. This takes a bandwidth of 195,5 Kbps (Ethernet V2 and RTCP included) with standard RTP/UDP/IP.

20ms packetisation time evolution used alone :

RTP payload becomes 4+160= 164 bytes every 20 ms.

It takes 97,1 Kbps with standard RTP/UDP/IP (and Ethernet V2 included). Bandwidth need is roughly divided by two.

20ms packetisation time evolution combined with generic encoding/multiplexing solution [4] :

- with 5 ms packetisation time and the new format proposed in [4], for a 5 PDU aggregation, the need drops to 99,18 kbps.

- with 20ms packetisation time and the new format proposed in [4], for a 5 PDU aggregation, the need drops to 73,02 kbps (97,1 -> 73,02 => gain= 24,8%)

Combined use of both Alcatel proposals allow, for PCM encoded speech, to drop the bandwidth need from 99,18 to 73, 02 Kbps. PCM at 20 ms brings an additional bandwidth gain of 26,4%.
4. Conclusion

The proposal was proposed to 3GPP several meetings ago now (Sydney, Feb.2005). Alcatel is now asking for approval of the proposal by 3GPP CT3.

Annex A – Proposed modification to the IUFP MIME type

Name : Thomas Belling

E-mail : Thomas.Belling@icn.siemens.de

MIME media type name : Audio

MIME subtype name : Vendor Tree - vnd.3gpp.iufp

Required parameters :     none

Optional parameters :     
    pcmptime=20 
      indicates that the sending IUFP entity supports PCM encoded speech 
      over Nb at 20ms packetisation time.
Example : 
   IPBCP Request (MGW1 -> MGW2)

          m=audio 49170 RTP/AVP 97

          a=rtpmap:97 VND.3GPP.IUFP/16000

          a=fmtp:97 pcmptime=20

      IPBCP Accept (MGW2 -> MGW1)

         m=audio 49320 RTP/AVP 97

         a=rtpmap:97 VND.3GPP.IUFP/16000

         a=fmtp:97 pcmptime=20

Encoding considerations :

    binary

Security considerations :

    have not been assessed.

Interoperability considerations :

    Interoperability of different versions Iu Framing Protocol

    is handled by means of a version identifier within this protocol.

Published specification :

    3GPP TS 29.414, 3GPP TS 29.415, 3GPP TS 25.415

    (available at "http://www.3gpp.org")

Applications which use this media :

    This type is used to transport voice and data contained

    in the Iu Framing Protocol defined by 3GPP.

    This protocol is interpreted by entities within 3GPP

    network elements.

Additional information :

1. Magic number(s) : none

2. File extension(s) : none

3. Macintosh file type code : none

4. Object Identifiers: none

    This MIME type describes an RTP payload.

    A fixed RTP clock rate of 16000 is used.

    The Author was entitled at the 3GPP CN3#17 Meeting

    from 14th - 18th May 2001 in Puerto Rico, USA,

    to register the present MIME type in the name of 3GPP.

Person to contact for further information :

1. Name : Thomas Belling

2. E-mail : Thomas.Belling@icn.siemens.de

Intended usage : Common

    This type is used to transport voice and data contained in the

    Iu Framing Protocol over the Nb interface of a 3GPP UMTS PLMN.

    It is interpreted by 3GPP network elements.

    In an IP network, the Iu Framing Protocol is transported

    by means of RTP.
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