TSG-SA WG2
S2-001870
SA2#15 13-17 November 2000
Call Flows: QoS Interactions
Makuhari, Japan


Source:

AT&T

Title: 
Special QoS Considerations for Call Waiting

Document for: 
Approval

1 Introduction

Contribution S2-001776 approved by email after the Call Flow Drafting meeting in Sophia Antipolis, October 9-12, 2000, provided the working assumptions for interactions with Quality of Service for a “normal” call.  Call Waiting service, which offers subscribers the capability to have two calls active, and to toggle between them, provides some unique challenges and requires some additional functionality of those QoS interactions.

2 Control of Call Interactions at UE

The typical “Call Waiting” service allows a subscriber to handle an incoming call while having a call active.  The subscriber is notified of the second incoming call, can place the original call on “hold”, and answer the incoming one.  It is subsequently possible to switch back and forth between the two active calls.

For a single-line device, only a single data stream needs to exist between the UE and the GGSN; this data stream can be used for media for either of the active calls.  It is important that incoming calls in a “call waiting” scenario are not blocked due to lack of sufficient resources for an additional media stream.

One possible design is to have the P-CSCF modify the existing authorization from the existing call, to allow a second destination for the media.  Unfortunately there is a nasty race condition that needs to be considered in the handling of such calls.  If the subscriber is in the process of terminating the first call as the second arrives, the modified authorization may be deleted before the UE receives the notification.

The other possible design is to have the P-CSCF ignore the fact that this second call might be a “call waiting”, and give a normal authorization.  The UE is then required to notify the GGSN of the possible overlap of resources.  In many ways this is similar to the problem of multiple codec choices in the initial authorization (which is left to the UE to tell the GGSN exactly what is requested) and the problem of mid-call codec change, which is again left to the UE to negotiate with the GGSN for the exact resources needed.

It is therefore recommended that the UE perform the control necessary for the call waiting service.

One way this might work, as was done in the cable environment, is for a Resource-ID to be assigned by the GGSN.  This identifier is returned to the UE, and may be placed in future resource requests.  A resource request containing a Resource-ID has the additional semantics that resources identified by the Resource-ID may be re-used in the current request.

For example, UE receives an incoming call from destination A, and reserves the necessary resources.  Resource-ID value 31415 is assigned by the GGSN, and end-end IP bearer resources are allocated from UE to A.  UE receives a second incoming call, from destination B, and uses the Resource-ID in the reservation request.  The GGSN re-uses the same UMTS resources, and reserves additional end-end IP bearer resources from UE to B.  The two “gates” in the GGSN are linked, so that the resources are maintained as long as either call is active, and media packets sent through this gate may be destined to either A or B.

3 Multiple Codecs

A second concern is the impact on negotiation of codecs.  There may be cases where the two calls use different codecs, and that the resource requirements are different between them.  

The following example exists in current Voice-over-IP systems.  The first call uses G.726-24 (24kb/sec), with 20ms packets.  This results in bandwidth requirements of 5000 bytes/sec, with IP packets of 100 bytes being sent every 20ms.  The second call uses G.726-40 (40kb/sec) with 10ms packets, resulting in 9000 bytes/sec with IP packets of 90 bytes being sent every 10ms. Switching between these two calls requires sufficient resources to be reserved for either media stream; a reservation that covers both of the media streams requires 9000 bytes/sec, maximum packet rate of 100 packets/second, and maximum packet size of 100 bytes. In this case it means there will be excess resources unused with either media stream.

In order to handle such cases in the UMTS bearer level, it is necessary to be able to maintain a reservation in excess of that used for the media stream.  These excess resources can’t be allocated to another session, as that would prevent switching between the two active calls.  Thus the admission control algorithm within the UMTS bearer level must implement a category of “reserved-but-not-being-used” resources.

4 Proposal

Section 4.2.6 of 23.228 should be revised as follows:

4.2.6
The QoS Requirements for an IM Subsystem Call

The selection, deployment, initiation and termination of QoS signaling and resource reservation shall consider the following requirements so as to guarantee the QoS requirement associated with an IM subsystem call.

1.
Independence between QoS signaling and Call Control

The selection of QoS signaling and resource reservation schemes should be independent of the selected call control protocols. This allows for independent evolution of QoS control and the call control in the IM subsystem.

2.
Necessity for End-to-End QoS Signaling and Resource -Allocation

End-to-end QoS indication, negotiation and resource allocation during the call set-up in the IM subsystem should be enforced for those services and applications that require QoS better than best-effort services or the Background QoS Class. 

3.
QoS Signaling at Different Bearer Service Control Levels

During the call set-up in a IM subsystem, at least two levels of QoS signaling/negotiation and resource allocation should be included in selecting and setting up an appropriate bearer for the call:

1.
The QoS signaling/negotiation and resource reservation at the IP Bearer Service (BS) Level:

The QoS signaling and control at IP BS level is to pass and map the QoS requirements at the IP Multimedia application level to the UMTS BS level and performs any required end-to-end QoS signalling by inter-working with the external network. The IP BS Manager at the UE and the GGSN is the functional entity to process the QoS signalling at the IP BS level. 
2.
The QoS signalling/negotiation and resource reservation at the UMTS Bearer Service Level:
The QoS signalling at the UMTS BS Level is to deliver the QoS requirements from the UE to the RAN, the CN, and the IP BS manager, where appropriate QoS negotiation and resource allocation are activated accordingly. When UMTS  QoS negotiation mechanisms are used to negotiate end-to-end QoS, the translation function in the GGSN shall co-ordinate resource allocation between UMTS BS Manager and the IP BS Manager.
Interactions (QoS class selection, mapping, translation as well as reporting of resource allocation) between the QoS signaling/control at the IP BS Level and the UMTS BS Level take place at the UE and the GGSN which also serve as the interaction points between the IM Subsystem call control and the UMTS Bearer QoS control.
UMTS specific QoS signalling, negotiation and resource allocation mechanisms  (e.g. RAB QoS negotiation and PDP Context set-up) shall be used at the UMTS BS Level. Other QoS signalling mechanisms such as RSVP at the IP BS Level shall only be used at the IP BS Level. 
It shall be possible to negotiate a single resource reservation at the UMTS Bearer Service Level and utilize it for multiple reservations at the IP Bearer Service Level.
4.
Restricted Resource Access at the IP BS Level

Access to the resources and provisioning of QoS at IP BS Level should be authenticated and authorized by applying appropriate QoS policies via the IP Policy Control element

5.
Restricted Resource Access  at the UMTS BS Level

Access to the resources and provisioning of QoS at the UMTS BS Level should be authenticated and authorized by using existing UMTS registration/security/QoS policy control mechanisms.

6.
Co-ordination between  Call Control and QoS Signaling/Resource Allocation 

1.
In establishing an IM session, it shall be possible for an application to request that the resources needed for bearer establishment be successfully allocated before the called user is alerted.

2.
In establishing an IM session, it shall be possible, dependent on the application being offered, to prevent the use of the bearer until the session establishment is completed.

3.
In establishing an IM session, it shall be possible for a terminating application to allow the called user to participate in determining which bearers shall be established.

4.
Successful bearer establishment shall include the completion of any required end-to-end QoS signalling, negotiation and resource allocation

The initiation of any required end-to-end QoS signalling, negotiation and resource allocation  processes at different network segments shall take place after the initiation and delivery of a session set-up request 

7.
The Efficiency of QoS Signaling and Resource Allocation

The sequence of end-to-end QoS signalling, negotiation and resource allocation processes at different network segments should primarily consider the delay in negotiating end-to-end QoS and reserving resources that contributes to the call set-up delay. Parallel or overlapping QoS negotiation and resource reservation shall be allowed where possible.

8.
Dynamic QoS Negotiation and Resource Reservation

Changes (upgrading or downgrading) of QoS provided to an active IM call shall be supported based on either the request from the IM application or the current network loads or radio link quality.
It shall be possible to maintain a resource reservation in excess of the resources needed for current media flows (but within the restrictions imposed by points #4 and #5 above), in order to e.g. switch to different media flow characteristics without risk of admission control failure.
9. 
Prevention of Theft of Service

The possibility for theft of service in the IM domain shall be no higher than that for the corresponding GPRS and circuit switched services.

10.
Prevention of Denial of Service

The system unavailability due to denial of service attacks in the IM domain shall be no greater than that for the corresponding GPRS and circuit switched services.

