3GPP TSG SA WG 2 Meeting #15



S2-001914

Makuhari, Japan, Nov 13th-17th 2000

Title: Minutes of the QoS Drafting Session, Sophia Antipolis, October 9th – 12th, 2000

Source: QoS Drafting Convenor (Marc Greis, marc.greis@nokia.com)

Document for: Information
S2q000001, "The QoS Requirements on the Call Control in the IM Subsystem"

Not handled, as this was handled in the joint session.

S2q000002, "Bearer Establishment Mechanism", Nokia

Describes the inclusion of generic bearer establishment mechanisms into the SIP call flows for UMTS networks. Presented for discussion.

Discussion:

AT&T: The COMET is sent before resource are reserved. Alcatel: This only indicates availability of resources on called side.

Ericsson: The preferences for A user are indicated in INVITE. B may indicate preferences in 183, i.e. may be alerted already after the INVITE.

Lucent: Local issues related to the choice of the media  which are not known to the other side should not be shown. Nokia: This could be called "media choice", it does not have to be said how it is done. Ericsson: There might be timers on UE(A) side which may have to be taken into account.

AT&T: PRACK and COMET could be routed end-to-end. This reduces CSCF load. Alcatel: All messages with SDP should go through the CSCF.

Ericsson: Is uplink and downlink the same? Nokia: This has not been discussed so far. Limitations may be imposed by the radio. Lucent: Connections are not necessarily symmetric, may involve different codecs. AT&T: At least SIP allows this kind of situation. Ericsson: Radio bearers may be tailored towards different codecs. Codecs can be included in PDP Context Activation. Nokia: AMR for example uses inband signalling, so AMR would be needed in both directions.

Lucent: The bearer may be needed for announcements, should not be tied to charging.

Noted.

S2q000003, "Activating a signalling PDP context", Nokia

Proposes to use a special type of PDP context for signalling.

Discussion:

Ericsson: Is a different APN suggested for the user plane? Does this imply two different IP addresses? Alcatel: How can sec. PDP context activation be used for that?

Lucent: How do you ensure that the data is sent to the right location? Nokia: TFT is set in GGSN.

Alcatel: Two important issues are to be addressed when discussing this concept: Charging and security. Nokia: Also the QoS for signalling is relevant.

Ericsson: Is the QoS pre-defined, or is it signalled by the UE? Is there a pre-defined profile? Nokia: This is for further discussion.

AT&T: Payload compression for SIP signalling is an issue as well.

Alcatel: It is suggested that the GGSN resolves the P-CSCF address. Does that mean that DNS is embedded in GGSN? Nokia: This is also for for further discussion. Alcatel: No solution should be chosen which mandates DNS in GGSN.

Not approved.

S2q000005, "TS 23.XXX Version 0.0.0", Ericsson

Proposes a new TS which is to include issues related to end-to-end QoS for UMTS networks.

Discussion:

Motorola: What is the reason behind this proposal? Is there a WI proposal? Ericsson: The approved text from 23.821 should be moved into specifications.

T-Mobil: Good from coordination point of view. Issues which are already contained in 23.107 should not be copied.

AT&T: These issues should not be pushed to R5.

T-Mobil: In the cover page, it could be stated which CRs went into which place in the TS.

Alcatel: This is only applicable to GPRS packet service. Does this mean that this is only applicable to UMTS or also other networks? Ericsson: Yes. Document is more general than application for IM CN subsystem.

Alcatel: What does the note in 5.1.1 mean? Does this preclude MPLS on Gi? Ericsson: The note may be subject for further contribution, may be clarified.

Motorola: The GTP tunnel in A.1 should go from RNC to GGSN.

Motorola: The text now refers to UMTS networks. What about GERAN networks? Nokia: Perhaps 3GPP network would be best? Ericsson: UMTS is to be changed to GPRS and UTRAN to UTRAN/GERAN

Lucent: Interworking with PSTN and the CS domain may be covered. Ericsson: It can be stated explicitly that interworking with other networks (including CS networks like PSTN) is covered.

Motorola: UTRA FDD/TDD should be changed -> specific to UTRAN

Revised to S2q000009

S2q000006, "Title and Scope of 23.107", Ericsson

Proposes to change the title and scope of 23.107 to align it with the proposal in S2q00005.

Discussion:

Nokia: Does this apply also for R99? In this case, a second CR is needed.

Revised to S2q000010

S2q000008, "Operator Requirements for End-to-End IP QoS", AT&T

Discusses especially the significance of DiffServ and RSVP from an operator's perspective.

Discussion:

Motorola: What exactly is proposed for approval? AT&T: This could be reworded as working assumption in informational annex in 23.207.

Ericsson: There may be applications without e2e requirements. It may be good to state in which case this is to be applied.

Nortel: For a PC plugged in to UMTS phone, is it proposed that the phone "eats" RSVP and generates PDP contexts? AT&T: This is not clear at the moment. Needs to be resolved in the future.

Telia: Services which do not use conversational class may not be covered. The whole picture may not be shown. AT&T: Telephony service has the most stringent QoS requirements. Other services are not excluded.

Ericsson: In order for RSVP to work, the other operator will have to support it as well. What requirements arise from that? AT&T: It is not implied how the ISP implements QoS. Operators may or may not use the RSVP messages which are sent.

Nortel: DiffServ and RSVP is needed. IP specific elements are not needed and only complicate things. Terminal vendors need to explain why RSVP should not be implemented in the terminal.

Lucent: Is there anything else in your eyes that can be used for end-to-end QoS signalling? AT&T: RSVP is the only known mechanism.

Motorola: Proposal should be extended to cover 2G and GERAN. 

Revised to S2q000014

S2q000009, "TS 23.XXX Version 0.0.0", Ericsson

Revised version of S2q000005.

Discussion:

Telia: The second editorial note under A.2 refers to 23.821, needs to be changed.

Alcatel: "Core network" for network beyond Gi is confusing.

AT&T: "Resource Manager 2" needs to be changed.

Lucent: Is the interaction between TE and MT within the scope? Ericsson: This is not precluded

Revised to S2q000012

S2q000010, "Title and Scope of TS23.107", CR 33 to 23.107 for R99, Ericsson

S2q000011, "Title and Scope of TS23.107", CR 35 to 23.107 for R00, Ericsson

Revised versions of S2q000006

Approved

S2q000012, "TS 23.XXX Version 0.0.0", Ericsson

Revised version of S2q000009

Approved

S2q000013, "Streaming Delay Attribute", Motorola

This CR to 23.107 proposes to clarify the streaming delay attribute.

Discussion:

AT&T: Where is the transfer delay defined? Motorola: Between the UE and the GGSN.

Nokia: What is the current maximum value in 24.008? Ericsscon: 64 seconds.

Nokia: Should it state "Maximum value" instead of "FFS"?

Nokia: Perhaps S1 documents should be checked and S1 documents should be aligned with S2 documents.

AT&T: There is a correlation between transfer delay and SDU size. For smaller SDU sizes, the transfer delay may be smaller.

Approved.

S2q000014, "Operator Requirements for End-to-End IP QoS", AT&T

Revised version of S2q000008

Discussion:

Ericsson: In the last sentence, MT should be changed to UE.

Ericsson: "Working assumption" should be stated in the actual text.

Revised to S2q000015

S2q000015, "Operator Requirements for End-to-End IP QoS", AT&T

Revised version of S2q0000014

Approved

S2-001704, "End-to-End QoS Scenarios for IPMM service", Alcatel

Discusses the applicability of the QoS scenarios in 23.821 for IP multimedia services and proposes to use scenario 5/6 as the basis for these services.

Discussion:

Nokia: This document should be aimed towards 23.207 now.

Lucent: If there is a transcoder, the transcoder would be the source of RSVP signalling, but not the GGSN. Alcatel: There would be three segments UE-GGSN, GGSN-transcoder, transcoder-remote endpoint

Lucent: In every segment of the call, there may be an interaction between CSCF and the endpoints of the segment.

AT&T: Possibility should be retained for non-UMTS devices (i.e. devices which are not able to initiate UMTS signalling directly) to access UMTS.

Nortel: Scenarios 5 and 6 add more complexity and do not simplify. The mobile terminal has to understand RSVP anyway to map RSVP coming from the TE. RSVP is an IETF-defined and lightweight protocol. Ericsson: A low-end UE should not have to support RSVP.

Ericsson: Mapping function can be in the TE instead of the MT. IP is usually transparent to the MT. 

Lucent: Is it the mandate of the group only to deal with SIP terminals? Nokia: No, also generic solutions should be considered. Alcatel: The scope of this document is SIP terminals. E.g. intranet access may cause different requirements.

Nokia: Statement of RSVP support in MT should be softened to "local UE handling of RSVP"

Nortel It does not make sense to stop RSVP in UE, then to have a PDP context activation, then to regenerate it in the GGSN. Also, how does the TE know that it has to map RSVP to a PDP context. Ericsson: The RSVP signalling in GGSN may be different than what is coming from  the UE.

Noted.

S2-001717, "Media Path Establishment Procedure", Lucent

Proposes among other things to adopt a three-way handshake procedure for codec negotiation and to consider the potential need for transcoders in the media path when discussing the bearer establishment procedures.

Discussion:

AT&T: Is this an abstract model for the codec negotiation? Lucent: The new thing is the addition of transcoder to the path.

AT&T: Usually, the INVITE proposes codecs, 183 chooses codecs.Lucent: Synchronization is needed to ensure that no retransmission is needed This is the reason why the three-way handshake is proposed.

Nokia: Is the transcoder located in the P-CSCF? Does the media path go through the P-CSCF? Lucent: No, that is not the case. The P-CSCF controls the transcoder and places it in the media path if necessary.

Nokia: Is the media gateway not suited for this functionality? Lucent: The MGW is an interworking function which involves signalling to PSTN, etc.

Noted.

S2-001751, "Discussion point for Call Defect Prevention & Theft of Service Prevention", Tellabs

Provides some discussion material regarding prevention of call defects and theft of service.

Discussion:

T-Mobil: These issues could be forwarded to SA1 as well.

Lucent: What are the advantages of using ping? Tellabs: This is just an initial proposal.

Lucent: RFC2833 handles transmission of data between mobile and remote non-SIP endpoint.

AT&T: There is no need for this kind of mechanism as long as the QoS signalling completes.

Noted.

S2-001752, "Mapping and Transport of Voice Processing Parameters in Call Control Plane (SIP/SDP)", Tellabs

Provides some discussion material regarding prevention of call defects, theft of service, and denial of service.

Discussion:

T-Mobil: This is an issue which needs to be brought up in S4 and potentially other groups.

AT&T: It is not clear if this contribution is relevant for the QoS group and what the requirements are. These requirements should be brought in by codec-related groups.

Lucent: This may be related to the discussion on the source statistics descriptor. Would the source statistics descriptor be sufficient to solve the problem? Tellabs: That needs to be checked.

Noted

S2-001753, "IM Domain control/enforcement of QoS subscribed/negotiated", Tellabs

Discussion:

Provides some discussion material regarding prevention of  theft of service, and denial of service.

Siemens: In 23.107, there is an element which performs admission control. Monitoring should take place there.

Tellabs: Where are PCF issues to be contributed? Nokia: This is currently intended for 23.228.

Tellabs: Additional requirements may be needed in 1773. Currently, this is no proposal though, the spirit of the document may be covered already by the PCF discussion.

Noted.

S2-001754, "IM Domain control of tones and announcements", Tellabs

Discusses how the call flows and session call control would enact different types of session proceeding or denial messages and/or tones.

Discussion:

Nokia:: Authorization should also take into account that a server may have to play ringback tone/announcements.

Nokia: This also has architectural impacts.

Noted.

