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Introduction

This paper investigates the handling of backward early media at the IM-MGW for forked requests in the case of mobile terminated requests (outgoing call interworking). No related CRs are presented in CN3#30.

TDOC N3-030743 provides an introduction to the handling of forking at the MGCF and IM-MGW, including an example callflow, and should be read before.

Specific Problems

A.
Several early media streams may be received at the same IP interface and port of the caller.

Once the preconditions have been met (after messages 20a and 20b in the example call flow of N3-030743), the invited callees may all send early media to the caller. They will send early media to the IP address and port contained in the SDP offer in the initial INVITE (message 1 in the example call flow). The receiving device of the callee thus has to be able to cope with several media streams arriving at the same port. Those media streams may either be encoded in the same format, or in different formats (as in the example callflow).

It RTP is used, those media streams may be kept apart by the Synchronization Source header field included in each RTP PDU. Additionally, different encodings may be kept apart with the help of the RTP payload type ID.  For other transports than RTP, such as pure UDP, no means to separate the media streams may be available. An other criterion to keep apart different media streams is the sender IP address and port in received IP packets.

If no separation of the media streams is possible, e.g. because the required capabilities are not implemented in a device, the effect is application dependent. However, it has to be expected that no interpretation of the received data is feasible. 

Provided that a separation of the media streams is possible, e.g. due to the usage of RTP, the receiving entity at the callee requires the capability to receive and represent several parallel media streams. Such capabilities are quite demanding and frequently not encountered e.g. in MGWs and Ues:

In particular, due to limitations of the representation capabilities of the end device (e.g telephone in PSTN, or a handheld with single screen of limited size to present video), a mixing of the media streams, or a discarding of all but one media streams, may frequently be the only options for a representation. However, a mixing of the media streams may well make the contained information unintelligible for the human recipient (e.g. several announcements or video images). Furthermore, the receiving device may also lack criteria to select a media stream, if several are received.

Provided that the receiving device is able to handle several parallel media streams, it may still have to allocate extra resources (e.g. transcoders, mixers). 

For the IM_MGW, where speech and/or tones have to be sent towards the PSTN, selecting only one media stream seems to be the only reasonable strategy. How this could be achieved will be discussed in this contribution.

B.
Resource Reservation at IM-MGW after completed Call

In IETF specifications, the handling of early media in combination with forking is not described. However, RFC 3261 provides rules about the termination of pending early dialogues in forking situations. It has to be assumed that the resources reserved for early media have to be reserved until the corresponding early dialogues are terminated. According to RFC 3261, Section 13.2.2.4:

    “The UAC core considers the INVITE transaction completed 64*T1 seconds

   after the reception of the first 2xx response.  At this point all the

   early dialogs that have not transitioned to established dialogs are

   terminated.”

According to RFC 3261, Section 17.1.1.2, the T1 default if 500 msec, and resources for early media should therefore be reserved for 30 seconds after the session has been established. This may involve the reservation of extra codecs.

C.
Clipping after the call establishment.

After the establishment of a call and the selection of a dialogue, early media may still be received for a considerable time (see the default of 30 sec above) for other early dialogues, that will eventually be terminated (as discussed in N3-030743).

It is desirable that the IM-MGW selects the received media corresponding to the established dialogue at this stage, and discards incoming early media from the remaining early dialogues. How this could be implemented is one of the key issues discussed in this contribution.

Unless such a solution is implemented, the IM-MGW may not be able to select the correct media, or possibly even to display any media, as long as it receives several media streams simultaneously.

Possible Criteria to select one incoming media stream out of several

It will be frequently necessary to discard all but one incoming media streams. Possible selection criteria include:

1. Precedence rules based upon content, e.g. an announcement may take precedence over a ringing tone. Such an approach may require a very sophisticated implementation, and still fails if contents with the same precedence are encountered. Also, the priority may be a subjective decision of the user. A combination with criterion 4 seems desirable.

2. The SIP UAC may decide to terminate certain early dialogues based upon information about the callee, e.g. in the contact header or p-asserted-id header. Obviously, the corresponding early media should be discarded. This criterion appears to be applicable only in certain scenarios and therefore would need to be combined with other criteria. The discarding of early media requires a correlation between the incoming media streams and SIP dialogues. Related problems are discussed in Section C below. Without such a correlation, the UAC can mute the early media of a dialogue by sending an UPDATE request, or terminate a dialogue by sending a BYE request, but early media corresponding to such dialogues may still be received for some time.

3. The early media stream and early dialogue established last takes precedence. This rule is well suited for a sequential search. In case of a parallel search, the resulting selection is arbitrary. To avoid that the wrong media stream may remain selected after the call is established in case of a parallel search, a combination with either criterion 4 or criterion 5 seems necessary.

4. The UAC should select the media corresponding to the first established dialogue, i. e. the dialogue where it receives the first 200 OK. This rule is clearly desirable, but needs to be combined with other criteria to answer which media shall be selected before the 200 OK arrives. Unfortunately a complete implementation of this criterion may not be possible, as a correlation between the incoming media streams and SIP dialogues is required. Related problems are discussed in Section C below.

5. If one media stream arrives, forward it. If more than one media stream arrives, discard all media streams, or apply other criteria to select one. Constantly monitor if one or several new stream(s) arrive and behave as described above in this case. The advantage of this rule is that no correlation between SIP dialogues and incoming media streams is required. However, if this rule is not combined with rule 4, this may result in clipping, but the correct media stream of an established call  is selected after a grace period.

No means are available to correlate the incoming media streams and SIP dialogues.

In general no means are available to correlate the incoming media streams and SIP dialogues, although this may be possible in exceptional cases:

· Different Encodings are selected

· One could assume that the IP addresses and ports received in the SDP answers are the sender address and port in received IP packets. Although this is frequently true, SDP states that this IP address / port is used by the peer to receive packets, rather than for sending packets. (For a 3GPP UE, the 64 bit prefix of the IP address is mandated to be equal.) If a match between the IP address and the port in the SDP answer and received IP packets occurs, this is a very strong indication that the corresponding SIP dialogue and media flow are correlated. If no match occurs however, the correlation may still exist.

Selection Criteria 2 and 4 give criteria to filter out media corresponding to undesirable dialogues. A suitable implementation, that minimizes the risk to filter out the wrong media, but may fail to filter out the desired media, may be not to accept media from the destination IP address (and possibly port) of the callee of the undesired dialogue.

Impacts on H.248 on Mn Interface

If an H.248 interface is applied, e.g. between MGCF and IMS-MGW, or between MRFP and MRFC, the correlation between SIP dialogues and media flows is further complicated even in the exceptional cases discussed under Section C:

· All incoming backward early media will be received at the same termination, as they are directed towards the same IP address and port, which was expressed in the initial SDP offer.

· A discrimination of backward early media corresponding to a particular SIP dialogue would require a suitable granularity below terminations, e.g. in a request from server to MGW.
StreamIDs are an H.248 granularity below terminations, but are considered not suitable.
According to H.248, Section 7.1.6: “Within a Context, StreamID is a means by which to indicate which media flows are interconnected: streams with the same StreamID are connected.” Thus, the usage of StreamIds would mean that the presence of several early dialogues would affect all terminations in a context, which is highly undesirable. E.g. for a IMS-MGW connecting to a PSTN, only a single StreamID would be encountered at the PSTN side, and at the termination of the IMS side only the media with the same StreamID would be forwarded to/from the PSTN, other media would be discarded.  A selection of a single media stream to be passed through the MGW in backward direction may be considered desirable, but the selection would be performed by the server, and therefore some of the criteria for selecting media streams are difficult to implement, as the MGW detects incoming media streams and would need to notify the server, triggering server action to reconfigure the appropriate streamIDs.
Moreover, a MGW is not able to map incoming media to different streamIDs unless the correlation issue discussed in Section C is solved. Also, the server is not able to associate a source IP address and port with a stream ID, to allow to sort incoming IP packets.
Furthermore, the concept of several streams within a termination may directly lead to hardware requirements for the MGW, and may therefore frequently not be supported.

· H.248 does not have means to express a source IP address filter.

Possible improvements in standards

A
Indicate source IP address and port in SDP along with destination IP address and port.

If the callee provides the source IP address and port it will use to send media in the SDP answer to the initial offer, the caller is able to correlate the SIP session and the incoming media stream. The Correlation problem in Section C above would be solved, and the caller would be able to apply criterion 4 in Section B, avoiding certain clipping problems after call establishment.

To accomplish this, a new SDP attribute should be defined within the IETF.

Note that current IETF work on SDP extensions for source filtering in draft-ietf-mmusic-sdp-srcfilter is not suitable to solve this problem, because this allows a receiver to express the sources it will accept packets from, rather than the sender to express the source IP address it will use:

“Specifically, source-filter syntax can prescribe one or more unicast addresses as either legitimate or illegitimate sources for any (or all) SDP session description "connection-address" field values.”

It is open whether an improvement of this draft or separate work is a better standardization strategy.

B
A H.248 source filter is introduced

This improvement would allow expressing that IP packages shall only be accepted from the indicated IP address(es) and port(s) (positive filter), or that  IP packages shall not be accepted from the indicated IP address(es) and port(s) (negative filter). The later form is preferable to abort the reception of undesired early media.  The improvement provides the highest benefit if combined with the proposed amendment in SDP to express the source IP address and port. However, without the SDP amendment an approach similar to the Go interface, where it is proposed to use the 64 bit prefix of the destination of the callee´s IP address as filter criterion, may still be beneficial for the positive filter. Using the 64 bit prefix of the destination IP address of the undesired dialogue(s) as negative filter may be even more beneficial, as the risk to filter the wrong media is minimized.

Using the new SDP attribute defined in draft-ietf-mmusic-sdp-srcfilter may be a suitable way to express source filters, but the semantics for H.248 would require clarification.

Furthermore, if the new SDP attribute to express the source IP address and port proposed above would be introduced, this attribute may also be suitable as source filter.

C
Use separate SIP sessions for early media

This approach is proposed in draft-camarillo-sipping-early-media. Section 4 states:

„The UAC includes a Join header field in the initial INVITE. In order to send early media, the UAS establishes a new dialog by sending a new INVITE to the URI in the Join header field.“
The Join header is proposed in draft-ietf-sip-join. Details of this procedure are unclear, but the intention clearly is to use separate SIP sessions for early media.

This approach allows solving the Correlation problem between SIP dialogues and incoming media.

However, it demands the establishment of extra SIP session for every media, even it forking is not encountered and possibly even if no early media are sent. The additional signaling load and bearer resources at the air interface make this approach not suitable for 3GPP. In particular, the extra resources required during the call setup may lead to an increased call failure rate.

D
The caller requests that only a sequential forking is performed

The IETF draft-ietf-sip-callerprefs allows a UAC to request a sequential, rather than a parallel search from a proxy. During a sequential search, no more than a single active early dialogue (and therefore no more than a single backward early media stream) will be encountered. 

This approach is particularly useful for devices not capable to handle parallel incoming early media in a satisfying manner. It also allows to avoid reserving unnecessary resources, if the UAC assumes that resources for earlier early dialogues are no longer required when it learns about a new early dialogue.

Unfortunately, backward compatibility leaves the UAC the choice between requiring this extension (“proxy_require pref”), and risk a call failure, requiring a second call attempt in this case, or risk that the request for sequential search will be ignored.

The IETF draft-ietf-sip-callerprefs provides many additional features, which may be redundant or even undesirable from a 3GPP point of view. A decision to reference this draft in 3GPP thus may depend on additional aspects apart from the subject of this paper. The draft relies upon a general framework to express user agent capabilities in draft-ietf-sip-callee-caps, and the implementation may be thus be quite demanding.

3GPP does not reference draft-ietf-sip-callerprefs, and recently removed it from the IETF dependency list.

Futhermore, current SA2 contributions suggest that the terminating UE may configure the terminating S-CSCF to select the search strategy (sequential or parallel), and is unclear if preferences received within draft-ietf-sip-callerprefs or these configuration data should take precedence.

Example Callflows at IM-MGW for improvements A and B

Improvements A and B

The source address is included in SIP/SDP answers and H.248 MOD requests.

For SIP, draft-ietf-mmusic-sdp-srcfilter would require improvements.

For H.248, draft-ietf-mmusic-sdp-srcfilter may be applied using the “incl” mode within the SDP of the  local resource descriptor.

[image: image1.wmf] 

12. 

SIP „180 Session Progr“

 

to: xxx,tagB’

 

SDP{

 

Destination (IP B’, 

Port B’)

 

Source (IP b’, Port b’)

}

 

9. SIP „180 Session Progr“

 

to: xxx,tagB

 

SDP{

 

Destination (IP B, Port B)

 

Source (IP b, Port b)}

 

MGCF

 

S

-

CSCF

 

UE B

 

UE B’

 

4. SIP INVITE 

 

SDP {

 

destination (IP A, Port A) }

 

5. SIP INVITE 

 

SDP {

 

destination (IP A, Port A) 

}

 

6. SIP INVITE

 

SDP {destination (IP A, Port A) }

 

7. Select (IP B, 

Port 

B) to receive media

 

Select (IP b, Port b) 

to send media

 

8. Select (IP B’, Port 

B’) to receive media.

 

Select (IP b’, Port 

b’) to send media

 

 

11. 

SIP „180 

Session Progr“

 

to: xxx,tagB’

 

SDP{

 

Destination (IP B’, Port B’)

 

Source (IP b’, Port b’)}

 

10. SIP „180 Session Progress“

 

to: xxx,tagB

 

SDP{

 

Destination (IP B, Port B)

 

Source (IP b, Port b)

}

 

13. Early Media with Source (IP b, Port b) and Destination (IP A, Port A)

 

14. Early Media with Source (IP b’, Port b’) and Destination (IP A, Port A)

 

16. SIP „200 OK“

 

to: xxx,tagB

 

17. SIP „200 OK“

 

to: xxx,tagB

 

IM

-

MGW

 

2. Sele

ct (IP A, Port A)

 

 to receive media

 

1. H.248 Add

 

3. H.248 Add Ack

 

(IP A, Port A)

 

18. H.248 Mod:

 

only Source

 

(IP b, Port b)

 

19. Packets with Source

 

(IP b, Port b) are selected

 

20. SIP CANCEL

 

21. Stop sending „Early 

Media“ 

 

15. Some Messages Skipped

 


Improvement A only

The source address is included in  H.248 MOD requests.

draft-ietf-mmusic-sdp-srcfilter may be applied using the “excl” mode within the SDP of the  local resource descriptor.

This avoids filtering out the wrong media when dialogue B becomes established for the case that Source (IP b, Port b) and Destination (IP B, Port B) differ.
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Summary of Suggestions

1. The IM-MGW shall be capable to handle several early media streams arriving simultaneously at a single termination without aborting the call.

2. The IM-MGW should be capable to display one incoming media stream and discard the others.

3. The IM-MGW should select the media stream of the first established dialogue for the display.

4. Expressing the Source address in SIP/SDP answers is beneficial to correlate SIP dialogues with incoming media streams.

draft-ietf-mmusic-sdp-srcfilter may possibly be applied for that purpose in an improved form.

(This is also beneficial to configure filters at the Go interface, where the granted resources are only sufficient for a single media stream)

An LS suggesting the introduction of an Source address in SIP/SDP should be sent CN1 and SA2 to agree the requirement within 3GPP.

If such an agreement is achieved within 3GPP, the requirement should be forwarded to IETF.

5. Expressing the Source Filters in H.248 is beneficial to correlate SIP dialogues with incoming media streams.

With suggestion 4, a positive filter (“only source x”) is preferable.

Without suggestion 4, a negative filter (“nor source x”) is preferable.

draft-ietf-mmusic-sdp-srcfilter may be applied for that purpose.

The suggested SDP attribute could be included in the local resource descriptor.

_1128263951.doc


MGCF







S-CSCF







UE B







UE B’







1. H.248 Add







4. SIP INVITE 



SDP {



destination (IP A, Port A) }







5. SIP INVITE 



SDP {



destination (IP A, Port A) }







6. SIP INVITE



SDP {destination (IP A, Port A) }







7. Select (IP B, Port B) to receive media



Select (IP b, Port b) to send media







8. Select (IP B’, Port B’) to receive media.



Select (IP b’, Port b’) to send media











9. SIP „180 Session Progr“�to: xxx,tagB



SDP{



Destination (IP B, Port B)



Source (IP b, Port b)}







11. SIP „180 Session Progr“�to: xxx,tagB’



SDP{



Destination (IP B’, Port B’)



Source (IP b’, Port b’)}







10. SIP „180 Session Progress“�to: xxx,tagB



SDP{



Destination (IP B, Port B)



Source (IP b, Port b)}







12. SIP „180 Session Progr“�to: xxx,tagB’



SDP{



Destination (IP B’, Port B’)



Source (IP b’, Port b’)}







13. Early Media with Source (IP b, Port b) and Destination (IP A, Port A)







14. Early Media with Source (IP b’, Port b’) and Destination (IP A, Port A)







17. SIP „200 OK“�to: xxx,tagB







16. SIP „200 OK“�to: xxx,tagB







2. Select (IP A, Port A)



 to receive media







IM-MGW







3. H.248 Add Ack



(IP A, Port A)







18. H.248 Mod:



only Source



(IP b, Port b)







19. Packets with Source



(IP b, Port b) are selected







20. SIP CANCEL







21. Stop sending „Early Media“ 







15. Some Messages Skipped












_1128264862.doc


MGCF







S-CSCF







UE B







UE B’







1. H.248 Add







4. SIP INVITE 



SDP {



destination (IP A, Port A) }







5. SIP INVITE 



SDP {



destination (IP A, Port A) }







6. SIP INVITE



SDP {destination (IP A, Port A) }







7. Select (IP B, Port B) to receive media



Select (IP b, Port b) to send media







8. Select (IP B’, Port B’) to receive media.



Select (IP b’, Port b’) to send media











9. SIP „180 Session Progr“�to: xxx,tagB



SDP{



Destination (IP B, Port B)}







11. SIP „180 Session Progr“�to: xxx,tagB’



SDP{



Destination (IP B’, Port B’)}







10. SIP „180 Session Progress“�to: xxx,tagB



SDP{



Destination (IP B, Port B)}







12. SIP „180 Session Progr“�to: xxx,tagB’



SDP{



Destination (IP B’, Port B’)}







13. Early Media with Source (IP b, Port b) and Destination (IP A, Port A)







14. Early Media with Source (IP b’, Port b’) and Destination (IP A, Port A)







17. SIP „200 OK“�to: xxx,tagB







16. SIP „200 OK“�to: xxx,tagB







2. Select (IP A, Port A)



 to receive media







IM-MGW







3. H.248 Add Ack



(IP A, Port A)







18. H.248 Mod:



not Source



(IP B’, Port B’)







19. discard packets with Source (IP B’, Port B’)







20. SIP CANCEL







21. Stop sending „Early Media“ 







15. Some Messages Skipped












