1

3GPP TSG-CT WG4 Meeting #33
C4-061597
Fairfax, Washington, US : 30th October– 3rd November 2006.
Source:
Ericsson LM, Vodafone
Title:
Codec Negotiation in SIP-I
Agenda item:
7.15
Document for:
Approval

Introduction

This paper proposed some clarifications to the codec negotiation chapter for SIP-I in 3GPP. In particular the following two issues are addressed:

1. Whether 3GPP networks shall have separate rules for codec negotiation and codec list handling over and above what is defined in IETF.

2. Whether the codec list should be mandated to be structured in a particular way when generated by a 3GPP node.

Discussion

Specific issues in a mobile network and 3GPP Rules

IETF does not consider all issues relating codec negotiation in SIP and what is appropriate for given applications, in the same way that ITU-Tonly provided general principles for codec negotiation in BICC across networks and not specific to different access types. 3GPP has spent considerable time and effort defining codec negotiation procedures (OoBTC) for  3G PLMNs and specified this in stage 2 TS 23.153. 
TFO/TrFO Interworking: In particular the harmonisation between TFO (inband protocol) and OoBTC/TrFO has been paramount. Here the protocols differ in that TFO occurs after call establishment and user payload is transferred. In OoBTC the originating node sends a "Supported Codec List" and the terminating node determines the "Selected Codec" and returns this and the "Available Codec List" for future use back to the originating node. The TFO codec lists are exchanged symmetrically between the TFO partners. If TFO can occur then the two sides know through exactly predefined rules based on these exchanged codec lists, which codec type and codec configuration shall be selected.
If the OoBTC would only return a single "Selected Codec", then the subsequent TFO Negotiation would be reduced to a minimum functionality and performance.
Handover: Another important item in 3GPP is handover. Handover must be performed fast and efficiently. There is no time to renegotiate the optimal codec end-to-end before the handover. The target Radio Access bearer is configured during the handover for a new codec, selected for the new radio access network (RanCodec). This new RanCodec may be again the codec currently used by the old, serving radio access. Or it could be an optimised codec, selected on basis of the new codec capabilities of the new radio access. This might be quite different. For the optimal selection of the new RanCodec it is necessary to know all alternatives end-to-end.  However if the Anchor node does not have the knowledge, prior to handover, of the codecs the far end supports (i.e. the Available Codec List), then it cannot know which is the optimised RanCodec – SC combination.  If the Anchor node simply selects a new RanCodec  based on locally available information and then performs a new codec negotiation end-to-end after handover, it may have to modify the radio bearer again. This is for sure not optimal, neither in terms of signalling load nor in terms of voice quality. This additional change can be avoided if the Anchor node has knowledge of all the codecs supported by the far end.
IETF does not define in SIP a means to signal a list of alternative, not-active "available codecs" in addition to the single, active "selected codec". A SIP-Answerer following pure IETF recommendations cannot assume that the SIP-Offerer will return a second Offer when it got more than one codec back in the first Answer in order to select a single codec. Thus the SIP-Answerer must either be able and prepared  to use all the alternative codecs it returns in the Answer at any time without prior notice, or it shall only return a single codec. A subsequent handover in that case can not be performed in the optimal way as described above.
Due to the lack of IETF provisions for handling separately a "selected codec" and the "available codec list" and the two scenarios described above (TFO interworking and Handover)  it is in 3GPP's interest to define such additional rules. Once such rules are specified they may also be adopted by other networks via interoperability agreements based on compliance to these rules.  

Codec List Structure
Currently there is a proposal to structure the Supported Codec List in SIP-I in such a way that an "intelligent"  receiver (aware of the structure) has better knowledge of the senders access capabilities. An intelligent receiver knows if selecting a certain codec will result in 
a) true TrFO or will result in 
b) a transcoding step at the sender's side or 
c) a transcoding step at the receiver's side. 
This means that  the  receiver  can make the best possible decision for codec selection based on which codecs it has received in the structured Codec List and the codecs it has itself and whether it needs to insert a transcoder. 
By this structure of the Codec List it can be avoided that two transcodings are inserted, one at sender and one at receiver side.  Certain preferred codecs by the sender may not be the best choice for speech quality or transport bit rate. The selection of those codecs could render the overall connection even unusable. 
If a legacy node does not understand the new proposed structure it will simply treat the list as a set of codecs in priority order, however the codec selection rules remain unchanged in that the terminating end chooses a codec that is most appropriate, the only difference is that it has less knowledge to make the best choice. It has been argued that this proposal does not cater for the case where a sending node wishes to prioritise for bandwidth efficiency. However the codec selection is still made by the terminating end, based on its judgement in addition to the knowledge of which codecs are preferred by the sending node. Also any rules on selecting minimal bandwidth over voice quality must be agreed between both ends, either by configuration within an operators network or via inter-operator agreements if OoBTC between networks. Thus the proposed structure does not restrict this requirement.

Conclusion 
The proposed structure of the Codec List into "direct" and "indirect" codecs  should be mandated within 3GPP SIP-I networks. The Answerer should structure the Available Codec List in the same way and in its own priority.
The following changes are proposed to the draft TR version 0.2.0:
5.7
Codec Negotiation 
Editor's Note:
Changes to this Clause need to be agreed within CT4.

The support of Q.1912.5 has associated with it support for the 'Offer/Answer' model as specified in IETF RFC 3264 [27]. The Offer/Answer model is capable of exchanging SDP for the purposes of session establishment and can be used to support the codec negotiation that is required to support the OoBTC functionality.  Codecs identified in IETF RFC 3267 [18], IETF RFC 3551 [28] and IETF RFC 3555 [29] may be supported for OoBTC.  As a minimum, the mandatory codecs required to be supported are listed in 3GPP TS 23.153 [17].  

For the codec negotiation over a SIP-I based Nc interface, two models are considered:-

1.
An initial offer includes the codecs supported by the Offerer in a descending order of preference, with the answer including the codecs from that list that are also supported by the answerer in the same order, or – preferred -  re-ordered in preference of the Answerer. Then a second offer may be made identifying a single selected codec for the call/session that is being established.  See Figure 5.7.1.


[image: image1]
Figure 5.7.1: Codec Negotiation and Call Establishment with two Offer/Answer Method

Editor's Note: The second offer/answer exchange may also take place in the PRACK / 200 OK PRACK. 

2.
An offer includes the codecs supported by the Offerer in a descending order of preference, with the answer including the codecs from that list that are also supported by the Answerer in a descending order of preference as determined by the Answerer with the selected codec moved to the top of the list.  See Figure 5.7.2.
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Figure 5.7.2: Codec Negotiation and Call Establishment with single Offer/Answer Method

The answer may include additional codecs that were not present in the initial offer, but are supported by the answerer.  Receipt of such an answer is required to be supported for interworking with external SIP-I networks, however it is FFS whether this will be allowed within a 3GPP network (e.g. for TFO Harmonisation).

IETF RFC 3264 [27] states that the Answerer may list the codecs in their desired order of preference, but it is recommended that unless there is a specific reason, the Answerer list codecs in the same relative order they were present in the offer.  However, the support of the codec negotiation process used for TrFO provides sufficient justification for reordering of the codec information in the offer/answer mechanism.  
It should be noted that option 1 relies on the Answerer knowing that the Offerer will send a second Offer to restrict the codecs to 1 codec to be used at any given time during the session. If this is not guaranteed then the Answerer should only return 1 codec unless it is capable of supporting all the codecs and associated configurations in the Answer at any time without further notification from the Offerer. This is the scope of the handling as defined in IETF RFC 3264 [27], thus any implementation that relies on a second offer/answer requires agreed rules over and above what is defined by IETF. As such option 1 has no advantages over option 2; they both require agreement (application specific rules) between endpoints.
Therefore, the codec negotiation mechanism on the Nc interface shall use the offer/answer mechanism defined in Option 2 with the following clarifications:-

-
If the answer identifies a list of codecs, then these shall be placed in a descending order of preference by the answerer.
The Selected Codec shall be placed at the beginning of the list and the rest of the list shall comprise the Available Codecs List. 
The Selected Codec shall include all parameters and configuration information such as mode set in an exact and unambiguous way. 
The Available Codecs list may contain alternative configurations of the Selected Codec. The Answerer may also return additional codecs or configurations that it supports, but which were not in the initial Supported Codec List of the Offerer. 
The Available Codec List shall be ordered and structured in the same way as the Supported Codec List, but in priority of the Answerer.
Note: This Available Codec List permits the Offerer to select  an optimal new local access codec during a handover to another (radio) access type that may support other codecs than were originally offered to the Answerer. The Offerer can thus optimise the codec selection at the time of handover rather than having to select a codec that is not optimum and then try to modify this after a subsequent codec negotiation with the Answerer. Codec modification toward the terminal and RAN should be minimized.
-
Mid-call negotiation should use the SIP re-INVITE method although the UPDATE method may also be used.
Editor's Note:  It is FFS whether the codec negotiation procedure shall be allowed to result in the selection of more than one codec as required e.g. as may be required to handle incoming modem call from PSTN

Editor's Note: When several codecs are returned in the answer, IETF RFC 3264 [27] states that any media format may be used during the session. Therefore if the offerer selects not to support the combination of codecs in an SDP Answer, the offerer shall immediately send a subsequent Offer that contains an abbreviated list of codecs from the previous SDP Answer. It is FFS whether 3GPP can avoid this second offer/answer exchange by requiring 3GPP SIP-I entities to only use the first codec of the answer. 

This would require that the Offerer/Answerer is able to determine whether the Answerer/Offerer is a 3GPP SIP-I or an external SIP-I entity. 

Further, the sending of more than 1 codec in the answer to an external SIP-I Offerer means that the Answerer must be able and prepared to support all of the codecs at any time, because it cannot know  if the Offerer will send a second Offer to restrict the list to 1 codec. If the Answerer is not prepared for that  then only 1 codec shall be sent in the first Answer to an external SIP-I Offerer.
Editor's Note: Option 2 relies on agreed application behaviour  within 3GPP as described above, and would thus reduce the amount of signalling in the network by removing the need for a second offer/answer exchange while still keeping the possibility for the answerer to inform the offerer about its list of available codecs. This rule can be adopted by external networks also and agreement/conformance made within inter-operator agreements for signalling interfaces, thus extending the efficiency over external connections.
Editor's NoteWhere no interoperator agreement exists to apply specific application rules then the Answerer shall only return codecs that it can support at any time without further receiving a second Offer, if not it shall only send 1 Codec in the Answer. 
5.7.1
Offer Answer Rules

5.7.1.1
General

The following are rules that are applied when populating a Session Description Protocol (SDP) media offer or an SDP media answer.

Definitions:

-
A "Direct Codec" is a codec that can be used without any additional transcoding stage inserted at the MGW.  E.g., a direct codec can be AMR or another mobile codec when the end terminal is a mobile station, or G.711 when interworking with the PSTN.

-
An "Indirect Codec" is a codec that requires transcoding at the MGWserving the source codec (Ue/UTRAN, BSC).

5.7.1.2
Rules for Constructing an Offer

The Codec List in the Offer shall contain codecs defined as follows:

-
"Direct" codec types that can be used between bearer endpoints without any additional transcoding stage;

-
"Indirect" codec types that can be used between bearer endpoints with an additional transcoding stage; and

-
"Miscellaneous" codec types unrelated to the primary codec selection process might include, e.g., DTMF and comfort noise.

The Offered Codec List shall contain sub-lists containing: zero or more "direct" codecs plus zero or more "indirect" codecs.  A list of zero or more "miscellaneous" codec types, e.g., telephone-events (e.g., DTMF) and CN (comfort noise), which are not used in the process of selecting the primary codec, may follow direct/the indirect codec types.

Editor's Note:  The ordering of the codec lists(Supported Codec List and Available Codec List)  in such a way (with direct codecs first, followed by PCM and then the indirect codecs) does not restrict the codec selection to be optimised for speech quality over bandwidth efficiency. The structured codec list - when understood by the receiver - simply means that the receiver  has all information about the other end. Signalling between networks must be based on agreements between the owners of the networks (inter-operator agreements). If bandwidth is agreed to be optimised then the receiver can apply the first compressed codec in the list (thus ignoring PCM if there are no direct codecs in the list), thus the ordering of the list by the sender works without the receiver needing to understand the ordering. See also rules for construction an Answer (selects optimal codec for the Answer). If the sending side wishes to dictate bandwidth efficiency over speech quality then it could indicate all compressed codecs as direct codecs however this is not recommended as in any case requiring bandwidth efficiency over voice quality should be agreed between nodes and then the selection by the receiving node can be applied.
The direct and indirect codec sub-lists shall be ordered in decreasing preference.

When present, the indirect codec sub-list shall always start with G.711, if G.711 is not a direct codec. However, an entry for G.711 will appear at most once in the offered codec list.

The offer may contain a list of several direct and indirect codec types.

5.7.1.3
Rules for Constructing an Answer 

The answering signaling endpoint shall, before processing the Offer and before populating the Answer, structure the available codec types on its access into "direct," "indirect", and "miscellaneous" codec types.

The answering signaling endpoint shall then take both structured Codec Lists, the one received in the Offer and the one created locally, into account and shall select the "optimal” codec type for the Answer, which shall be the first codec type in the Answer. The Answer must contain at least one direct or indirect codec from among those listed in the Offer. The endpoints should begin sending voice media using the most preferred media format in the Answer, and may later send using other media formats in the Answer when necessary.

The criteria for the "optimal" codec may depend on operator choices and preferences (local policy), such as Speech Quality, Bit Rate on transport or DSP load (for transcoding) or other.

If the Answer to a subsequent Offer comprises all or a subset of the direct and indirect codecs in the preceding Answer within the dialog, then the IP address, and port information in the SDP Answer should remain the same.

Ideally the Optimal Codec is a direct codec type on both accesses, which results in no transcoding being necessary.

5.7.2
Supported Codecs and Call Events

Editor's Note:
this section shall define support for CSD, Fax, DTMF, VBD and pseudo-codecs. Additional codecs may be added as necessary.

The following list references the specifications that define the RTP framing procedures that may be supported on the Nb interface for the listed codec when SIP-I is the signalling protocol on the Nc interface.  

Table 5.7.2.1 Supported payload types

	Payload Type Name
	References
	Applicable Codecs

	audio/AMR
	draft-ietf-avt-rtp-amr-bis-05.txt
3GPP TS 29.163 Annex B
	all AMR codecs in 3GPP TS 26.103

	audio/AMR-WB
	draft-ietf-avt-rtp-amr-bis-05.txt
3GPP TS 29.163 Annex B
	all AMR-WB codecs in 3GPP TS 26.103

	audio/GSM
	RFC 3551
	GSM FR

	audio/GSM-EFR
	RFC 3551
	GSM EFR

	audio/PCMA
	RFC 3551
	G.711

	audio/PCMU
	RFC 3551
	G.711

	audio/CLEARMODE
	RFC 4040
	clear channel data and MUME/SCUDIF

	audio/telephone-event
	draft-ietf-avtrfc2833bis-15 FFS
	DTMF

	audio/CN
	RFC 3389
	comfort noise for CODECs that do not support as part of the CODEC itself such as G.711


Editor's Note:
Support for MUME may require additions to IETF RFC 4040 [34] since there is currently no mechanism to signal MUME in SDP.

The following codecs are candidates for consideration to enable interoperation with non-3GPP SIP-I networks.  

Table 5.7.2.2 Additional payload types

	Payload Type Name
	References
	Applicable Codecs

	image/T38
	ITU-T Rec. T.38
	G3 facsimile

	audio/T38
	ITU-T Rec. T.38
	G3 facsimile

	text/T140
	RFC 4103

ITU-T Rec. T.140
	GTT

	text/RED
	RFC 4102

RFC 2198
	Redundant GTT

	audio/G723
	RFC 3551
	MUME audio option G.723.1

	audio/G729

audio/G729D

audio/G729E
	RFC 3551
	NGN codecs

	video/H261
	RFC 3551
	MUME video option H.261

	video/H263
	RFC 3551
	MUME video option H.263

	video/mpeg4-generic
	RFC 3640
	MUME video option mpeg4


Editor's Note:
It is for further study which of the above codecs which may also to be supported on the Nb interface when SIP-I is the signalling protocol on the Nc interface.
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