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1. Introduction

This document presents a proposal for signaling QoS parameters (Guaranteed bandwidth, Maximum Bandwidth and Granted delay) for IMS multimedia sessions. The proposed solution is applicable to CSICS since in CSI an IMS call could be added to an existing CS speech call. 

3GPP has defined in TS 23.107 [1] the concept and architecture for Quality of Service in 3G mobile communications. QoS determines how the data packets are handled during their transmission in the network. For example QoS levels determine which packets are buffered, and which packets are dropped during congestion in the networks. They also determine what bit rates are allocated for media stream. For packet switched communications, UMTS networks have defined four different types of traffic classes that are also termed as QoS classes in [1]. These 4 QoS or traffic classes are 

Conversational, Streaming, Interactive and Background. More details about these traffic classes and various QoS attributes can be found in [1].

2. Problem Statement  

A mobile terminal that wishes to establish a multimedia call with another party activates a PDP context with the GGSN. In the PDP activation request message it specifies the QoS attributes it wishes for that session. The QoS attributes include traffic class, maxium bandwidth, guaranteed bandwidth, maximum SDU-size, transfer delay etc. Based on the load of the network and the availability of resources (at the air-interface and the core network), the network grants a set of QoS parameters to the terminal. 

In the current system there is no mechanism by which the calling party and called party can signal end-to-end the QoS parameters they have negotiated with their respective networks.  If the calling and the called parties have no information about QoS parameters (Max- Bandwidth, Guranteed-Bandwidth, Transfer Delay –please note this is only a subset of the QoS parameters that are negotiated with the network) of each other, then they cannot set up their resources accordingly which can result in poor or sub optimal media quality and can also lead to inefficient usage of network resources.  

For example when an IMS multimedia session is set up (using the session initiation protocol (SIP)), there is no signaling support to indicate to the other party, the maximum and guranteed bit rate parameters which have been granted to the client by the wireless network. There exists mechanism by which the UE can inform the other party, what bitrate it wishes to use for the session, but the network would not have granted this bitrate. 

In cases where the network cannot grant the UE the requested bitrate parameters, then the UE has to use the granted bitrate parameters for encoding of the media (audio/video). If there were no mechanism to signal end-to-end at what bitrate the media would be encoded and sent (which are equal to the granted bitrate parameters), this can have undesirable effects at the UE, from the perspective of network resources as well as media quality. 

The clients need to estimate the bandwidth by other means (RTCP) to adjust their sending rates according to the bitrate supported by the other party. The bandwidth estimation may not be accurate which can lead to bad media quality or wastage of network resources. Hence even though the network supports and grants QoS to the clients in the session, due to the lack of end-end signaling of certain QoS parameters, the perceived media quality and user experience is bad. 

When a multimedia call is set up, each end point application sets up its resources (like audio/video jitter buffers) based on certain delay requirements of the application. It is possible that both the parties assume the delay requirements for that session incorrectly in the session. For example during a CS speech call, one of the parties wants to share a video file (or from a camera view) and sets up a uni-directional IP video session. The delay requirements are not that stringent from this user point of view and it wants to make sure that the video is delivered with good quality to the other party. When the other party joins the session it might request low delay from the network. It would set up its resources (like video jitter buffer) based on the low delay requirements that it has assumed for the session. This would have the undesirable effect of buffer underflow (at the receiver) since the sender has negotiated higer delay requirement with its own network. For a bi-directional multimedia session it is beneficial to have the same application delay requirements at both ends for a good user experience. Hence it’s useful to signal the application delay requirements during session set up phase.

3. Proposed Solution

The proposed solution is to signal the QoS parameters, which the UE negotiates with the network during the PDP context activation. This is a similar approach that has already been adopted for PSS Rel 6 specification [2]. The parameters can be signaled as SDP attributes during the session set up phase.  We propose signaling three QoS parameters – Guranteed Bitrate, Max Bitrate and granted delay. New SDP attributes will be defined for these QoS parameters, which will be signaled during the session set up phase. 

3.1 Guranteed Bitrate

The guranteed bitrate describes the bitrate that the UMTS bearer service gurantee to the user or application. It may be used to facilitate admission control based on available resources and for resource allocation within UMTS. The signaling of this parameter to the other party in the session helps the other party to get a hint of the incoming media (on its downlink) as well as what bit rates it can send media (for bi-directional media transfer) so that it can request appropriate bitrate from it is own network. We propose a user-defined SDP attribute for guranteed bitrate.

a=3gpp-guranteedbitrate:<guranteed-bitrate-value>

where guranteed-bitrate-value denotes the bitrate in kilobits per second.

3.2 MaxBitrate

The MaxBitrate describes the limit for the delivered bitrate to an application. It can be used to define maximum allowed user bitrate for applications able to operate with different bitrates (applications with adapting codecs). 

If the users in the session are aware of the guranteed bitrate but not the maxbitrate then then the client’s request for maxbitrate values during QoS negotiation might not be appropriate for the session. It is possible that even though the average bit rate would conform to the guranteed bitrate, there would be sporadic high bitrate generated by the encoder.  This sporadic peak bitrates should be taken as maxbitrate. If the maxbitrate defined during QoS negotiation were less than what the other party is going to encode the media stream, then packet losses would occur which would affect the media quality. Similarly if the requested maxbitrate is more than what the other party is going to use, then we waste the network resources by over booking thus leading to inefficient use of network resources.

We propose a user-define SDP attribute for maxBitrate, which can be sent as part of session setup.

a=3gpp-maxbitrate:<maximum-bitrate-value>

where maximum-bitrate-value denotes the bitrate in kilobits per second.

3.3 Granted-Delay

The transfer delay attribute defines the delay tolerated by an application. The transfer delay indicates the delay within which packets are delivered to the application by the wireless network.

We propose a user defined SDP attribute for granted-delay, which can be sent as part of the session setup.

a=3gpp-granteddelay:<delay-value>

where delay-value denotes the delay granted by the network in milliseconds. The delay-value can be assigned values of * and 0. A value of * or 0 denotes that the transfer delay is unspecified and unbounded (cannot be guranteed). For interactive and background traffic class, the network doesn’t provide any transfer delay. Hence in that case the granted delay SDP attribute can be assigned a value of * or 0.

3.4 ABNF Definitions

This section defines ABNF from RFC 2234 for the SDP attributes for QoS parameters defined in this proposal.

The guranteed bit rate attribute is declared in ABNF as:

Guarnteed-Bitrate = “a” “=” “3gpp-guranteedbitrate”  “:” guranteed-bitrate-value

guranteed-bitrate-value = 1*DIGIT

The maximum bit rate attribute is declared in ABNF as:

Max-Bitrate = “a” “=” “3gpp-maxbitrate” “:” maximum-bitrate-value

maximum-bitrate-value = 1*DIGIT

The granted delay attribute is declared in ABNF as:

Granted-delay = “a” “=” “3gpp-granteddelay” “:” delay-value

delay-value = 1*DIGIT|”*”|0

4. SDP Offer/Answer 

In this section we describe the SDP Offer/Answer implications on these newly defined QoS parameters. 

For max bitrate and guranteed bitrate, when the sender includes it in the SDP message (as an offer), it is an indication to the other party (answerer or called party) that it is using these values for bit rates. The called party (or answerer) could use this value to request QoS from it is own network. We add the restriction that the answerer can only request the values for guranteed and max bitrate as those defined in the offer. It is possible that the answerer network may offer a smaller value than requested. In that case the answerer can specify it’s values for these attributes lesser than what the offerer has offered in it is SDP. But this wont result in a new offer from the offerer since it can request a lower bitrate values from it is own network (than previously requested). Hence the values for guranteed and max bitrate are either what the offerer has indicated in it is SDP or lower than that.

For the granted delay attribute it is an indication to the answerer that this are the application delay from the offerer point of view. It is possible that the value of the granteddelay from the answerer can be different from the offerer (higher or lower) depanding on the value granted by the offerer network.

It is possible that the receipient of the SDP with these QoS attributes might not understand these attributes and it would ignore these attributes with out any adverse reaction on the call set up procedure.

5. Conclusion

Nokia proposes that the proposal outlined in the document is accepted for CSICS work item. 
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