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Introduction
ITU-T Rec. Q.1912.5 and IETF RFC 3261 both support the sending and receiving of INVITE requests with or without SDP.  There is currently an Editor’s Note in TR 29.802 questioning whether SIP-I based Nc should support the sending of initial INVITE requests with or without SDP and the sending of re-INVITE request without SDP is for further study. 
It has previously been acknowledged that sending an initial INVITE or re-INVITE with SDP is a necessary capability. This aspect of the Editor’s Note clearly may be removed. This leaves the need to justify the sending of an INVITE or re-INVITE without SDP. 
The use of an INVITE (initial or subsequent) provides a means for an intermediate node to realize an end-to-end TrFO connection. Trying to manage offer/answer exchanges independently on either interface is awkward and inefficient. There are many possible uses for INVITEs without SDP. A number of these will be illustrated below.

As is described within the existing BICC specifications, it is allowed to have an intermediate MSC Server that does not include a media gateway in the call path for all calls or that is able to redirect the media path during a call to bypass the node. In BICC terms, such a node would be referred to as a Call Mediation Node (CMN). In order to meet the goals of the SIP-I based Nc work item, a similar functionality should be supported when the Nc interface is SIP-I instead of BICC. Examples of such a node would be a G-MSC and even a MSC that has forwarded a call. Using existing SIP procedures as allowed by IETF SIP RFCs 3261 and 3264 it is possible to easily remove or add a media gateway into a media path at an intermediate node.

Initial SIP INVITE without SDP

Consider the basic configuration of the G-MSC as a gateway between the external SIP-I network and the 3GPP SIP-I network. When this switch receives an initial INVITE from an external network that does not include SDP, as is allowed by existing specifications, and the G-MSC does not wish to include a MGW, the received INVITE must be passed into the 3GPP network without including SDP. In such a scenario, the G-MSC would be initiating an INVITE without SDP. An example of this scenario is shown in Figure 1 below.
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Figure 1
Call forwarding at an MSC is another example of the use of an INVITE without SDP. In this case, the initial terminating MSC (MSC B) decides to forward the call on to a third exchange (MSC C or the PSTN or a messaging system) after an 18X response providing SDP has been returned to the originating MSC. When the INVITE is sent to the forwarded-to party, there are three possible methods to consider:

1. Include the SDP provided by MSC A in the initial INVITE request,
2. Include the SDP provided by MSC A, but include only the selected codec, not the full offered list, or

3. Send the INVITE without including SDP.
In the first case, a full set of codecs are offered to MSC C. However, the offer/answer exchange between MSC A and MSC B has already concluded with a codec(s) selected. The offer to MSC C could result in MSC C selecting a different codec. This would result in either MSC B being forced to perform transcoding between the two call legs or making a new offer back to MSC A in an attempt to align the codecs. Should MSC B initiate a new offer back to MSC A, this offer must again include the full set of codecs. Offering only the codec(s) selected between MSC B and MSC C may result in failure to find an acceptable codec. (Note that there is no guarantee that the codecs originally offered by MSC A are still available.) However, if a full set of codecs is offered, there is no guarantee that MSC A will select the same codec as is currently selected between MSC B and MSC C.
In the second case, the list of codecs offered to MSC C is reduced. By restricting the list, there is the possibility that the forwarded-to exchange will not find an acceptable codec.

In the third case, the forward initial INVITE does not contain an SDP offer. This will force the terminating exchange to make the offer. This offer may then be passed end-to-end allowing a full negotiation of codecs by all parties and allowing a TrFO configuration to be realized in a deterministic manner as shown in Figure 2 below.


[image: image2.emf]•

MSC B

•

MSC C

•

INVITE [SDP]

•

INVITE w/o SDP

•

18X [SDP]

•

18X [SDP]

•

PRACK [SDP}

•

PRACK [SDP]

•

200 OK (PRACK)

•

200 OK (PRACK)

•

Call 

forwarding

occurs

•

MSC A

•

18X [SDP]


Figure 2
SIP re-INVITE without SDP

Again, consider the basic configuration of G-MSC as an intermediate node, this time between two MSCs. In this situation, a MGW is provided by the G-MSC during call establishment to support, e.g., announcements.  Once the call has been established and the MGW gateway is no longer needed, it would be desirable to remove the MGW from the media path to reduce media packet delay and thereby improve voice quality. To do so, the G-MSC could generate a re-INVITE with the SDP of the far switch. But this can lead to an undesirably inefficient sequence as shown in Figure 3 below.
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Figure 3
In this figure, the G-MSC attempts to negotiate two separate offer/answer exchanges. Since each offer may result in an answer that is different from the previous answer (change in codecs, IP address, port, etc.), it may be necessary to then make a subsequent offer to align the far exchange. In theory this exchange could continue indefinitely; in practice it would be expected to converge quickly. However, it is very possible that several offer/answer exchanges may be needed to converge. Such a sequence places a burden on the intermediate exchange to compare SDP answers with previous information to determine if a sequence of offer/answer exchanges is necessary to converge.
The straightforward solution to this issue is for the intermediate G-MSC to send a reINVITE without SDP to one of the exchanges. This will result in that far exchange then initiating the offer/answer sequence. This sequence can continue end-to-end, thereby relieving the G-MSC of having to negotiate the two sides independently. Further, as this is a normal offer/answer sequence, it is deterministic in that it will be result in an immediate conclusion as shown in Figure 4 below. Such a procedure could also be considered to be the SIP-I equivalence of the BICC bearer redirection procedure.
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Figure 4
This same approach could just as easily be used to introduce a MGW at the G-MSC into a call should one be needed, but not currently included.

Conclusion
As discussed above, there are valid scenarios that justify the necessity to support the receiving (and therefore also sending) of both initial INVITEs and reINVITEs without SDP in order to allow end-to-end offer/answer exchanges to occur. There are other possible uses not described here. It is not the intention of this document to standardize all possible uses, instead it is proposed to allow the use of the procedure such that each implementation may use the procedure as they wish. By requiring that MSCs be able to accept INVITEs without SDP, interoperability is guaranteed. 

It is proposed to update TR 29.802 to remove the Editor’s Note. The existing text is sufficient to support interoperability.

Last Change

5.2.1.4
Support for INVITE request without SDP

SIP-I based Nc shall support the handling of INVITE request without SDP in the receiving side. 
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