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Comments to using RTP/RTCP as protocol for handling codec negotiation

1. Introduction

At the last TSG GERAN meeting there were proposals to use the RTP/RTCP protocols for handling codec negotiation instead of using SIP. Several concerns were raised regarding this proposal, but not all of them were captured in [1].

This contribution proposes to add them to the technical report. Some editorial changes regarding these changes are also captured.

2. Using other protocols than SIP for codec negotiation

Two solutions have been proposed to solve the problem of changing the ACS (Active Code Set) or codec during an ongoing call [2][3]. The solutions are based on additions to the RTP and RTCP protocols respectively. The motivation for using other protocols than SIP is that the BSS may initiate such a change in codec, and the BSS is not a SIP endpoint. However, it cannot be ensured that all endpoints support these specific changes to RTP and RTCP. Especially if the other SIP endpoint is a non-3GPP terminal. No solution for the case when the other part does not support the specific RTP and RTCP solutions has so far been presented.

Furthermore, solutions where there are more than two enpoints participating in a flow also put severe limitations on security. How encryption keys are managed in such a scenario has to be studied further.

3. Proposal

It is proposed to include these issues in relevant places in section 7.1.2.3 and 7.8.2.2 of [1] according to the attached proposal.
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7.1.2.3 
Use protocols other than SIP

7.1.2.3.1 
Description of the solution

This solution proposes to use RTCP to change/re-negotiate the ACS during an RTP session. The RTP proxy or in header removal scenario the header removal/generation function would send RTCP packets containing information regarding the allowed codec modes (ACS) whenever the allowed codec modes changes. The terminal would not participate in this signalling at all because it is the GERAN who decides the ACS. The RTCP packets should not be sent over the air interface.

RTP/RTCP protocols provide two alternatives to realize this: In addition to 'regular' RTCP Sender Reports (SR) and Receiver Reports (RR), it is possible to extend the RTCP functionality with application/payload type specific feedback messages. There seems to be two mechanisms to extend RTCP to support the idea presented here:

1. Section 6.4.3 in [3] specifies a possibility to define an extension field to RTCP SR or RR.

2. Section 6.7 in [3] specifies a possibility to define an application specific RTCP packet type.

There is a work in progress in IETF AVT group on 1, see [9],[10], and it seems like a suitable mechanism to convey AMR ACS update during a session.

As RTCP and RTP are unreliable protocols, a higher-level protocol has to be applied to add reliability.

Editors note: An example of such higher-level protocol is outlined in G2-010020. This particular solution describes an RTP-based solution.

Editors note: A procedure for layer 3 messaging between the BSC and MS is required when a new ACS (or codec) has been agreed using RTCP or RTP signalling. This is FFS.

7.1.2.3.2 
Pros and cons
· It might be an issue to use RTCP SR/RR if the RTP protocol is terminated in the MS and RTCP is terminated in the BSS. In such architecture, the RTCP RR will contain information about quality in the BSS, not in the MS. 

· How can it be ensured the special RTCP functionality is deployed in all conceivable endpoints (also non-3GPP)?
· No backup solution is provided, in case the scheme is not supported by the remote peer.

7.1.3 
Working assumption

No agreement reached so far on working assumption, however solution 7.1.2.2 is removed from consideration.

7.2
Handling of ACS for AMR

Editors note: This section is to be restructured.

In case of optimized speech with AMR codec there are additional issues that are related to managing the ACS as listed here:

1. In case of a session between GERAN MS and some other IP terminal, the IP terminal (somewhere in the IP cloud or in UTRAN) assumes that any of 8 modes are possible if the SIP level negotiation would result with AMR. However this is not true over the GERAN air interface as seen in R98 GSM AMR specifications. There could be maximum 4 modes. This could be solved using MIME negotiation during the SIP/SDP where the ACS could be negotiated too. For example A party indicates (in SDP) ACS {12.2,7.95,7.4} and B party indicates ACS {10.2, 7.95,7.4}. So, the resulting common ACS would be {7.95,7.4}. It is clear that A party must only use modes included in the ACS that B party has indicated. Furthermore, although in general case the ACS means only the modes that a terminal is willing to receive, it seems quite clear that in GERAN case A party knows that it is only allowed to transmit modes included in its own ACS. 

2. Dynamic behavior of GERAN system (possibility to change ACS any time) would require SIP level re-negotiation of ACS. This re-negotiation is seen as incall modification of the session (SIP signaling during the speech call) and in order to transmit SIP signaling during the call, we have to use DTM like solution, so go to HR+HR constellation and this in turn requires changing ACS, since ACSs are different for FR and HR. In order to avoid SIP level negotiation a similar solution as described in 7.1.2.1, could be adopted. This would mean that a consistent set of ACS should be supported in the network. 

3. Header removal functionality in PDCP will act as a proxy and receive AMR speech samples encapsulated in the RTP packet according to [6]. For downlink the speech samples are passed through channel encoder and the Mode Indication is set according to the information obtained from the AMR payload format for RTP. According to [6] the other end could ask using CMR (Codec Mode Request) field to receive a codec mode that would not be possible over the air interface in uplink at a certain time (or to be more precise it could be possible but the link quality could be so bad that the speech quality would be severely impacted). An example: The B party asks for 12.2, but the link conditions dictate the usage of more robust mode, for example 7.4. According to [6] GERAN PDPC header removal entity is mandated to send 12.2 in uplink, so it needs to set the Mode Command to 12.2 in the inband channel. This issue is not unique and appears also in TFO cases. One simple solution would be to relax the requirement in [6].

4. If there would be a need to change from Full Rate to Half Rate channels, then one way to avoid SIP level re-negotiation is to choose an ACS that would be compliant with Half Rate channels. In case of GMSK NB AMR this would mean to restrict the highest mode in ACS to 7.95. The implications of such restrictions should be evaluated.

Editors note: An example of signalling flow for MS initiated optimized speech is provided in appendix B.

7.3 
Radio Bearer Identification for GERAN

7.3.1 
Description of problem

When GERAN is about to apply header removal, it is necessary for GERAN to identify which codec is used, as the corresponding channel coding algorithm has to be applied. Furthermore, in the case where AMR is used, GERAN must also be informed of which active codec set is used. GERAN can only handle up to four rates in its active codec set.  

Editor’s note: The relation of operation of AMR over IP and GERAN’s limited active codec set needs to be clarified in cooperation with SA2.

7.3.2 
Solutions

7.3.2.1 
Direct communication between the UE and the BSC

7.3.2.1.1 
Description of the solution

Direct communication between the UE and the BSC is carried out in order to identify the appropriate channel coding required in the GERAN.

7.3.2.1.2
Pros and cons

Editors note: To be completed.

7.3.2.2
SDU format information approach

7.3.2.2.1
Description of the solution

Detailed QoS information is provided in the ‘Activate PDP context request’ message by using the ‘SDU format information’ attribute. This information uniquely identifies the appropriate channel coding in the GERAN. However, ‘SDU format information’ would have to be introduced in R5. 

For multi rate codecs such as AMR, it is important that the SDU format is provided for all rates even though only a subset has been negotiated on SIP-level, in order for GERAN to be able to identify the codec unambiguously.

7.3.2.2.2
Pros and cons

· The solution proposed does not specify how a potential future codec is uniquely identified if that codec has exactly the same bit mapping and protection for each class of bits in the payload format of an existing codec. 
7.3.2.3
Activate PDP context request message approach

7.3.2.3.1
Description of the solution

Following the SIP negotiation, which needs to result in one desired codec, the UE expresses this request explicitly by stating the desired codec in the subsequent resource request to the network. A field containing the specific speech codec desired is introduced in the ‘Activate PDP context request message’ to the SGSN, by extending the QoS information element. More specifically, the codec information can be an extension of the ‘Source Statistics Descriptor’ field that will be part of the QoS IE in R5. (The R99 QoS information element included in the Activate PDP context request message is shown in section 7.5.2.).

This information is then passed to the GERAN at the ‘Radio Access Bearer Request’, by also extending the ‘Source statistics descriptor’ in the RAB QoS parameter set. 

For AMR, it is assumed that the preceding SIP negotiation not only results in ‘AMR’, but rather AMR plus a preferred active codec set consisting of four or less rates. This active codec set information is then conveyed from the UE to GERAN. Thus, in case of AMR, the new field in the QoS information element, sent from the UE via SGSN to GERAN, comprises both AMR and the preferred active codec set.

Editors note:

This section may be updated to reflect concerns expressed on service specificity. It is intended to place the codec information within a transparent container to be relayed via the SGSN.

7.3.2.3.2
Pros and cons

· This solution is straightforward and imposes limited changes to existing standards. It is architecturally clean in that it uses existing messages for resource requests from the UE to GERAN. The codec information can potentially be used by other purposes as well, for example charging.

· Its potential drawback is that the PDP context message, which is a request for a bearer service, includes application-related information. To avoid this, one could consider the ‘SDU format information’ approach (section 7.3.2.2), which however introduces a bigger impact on the PDP context message size.

7.3.3 
Working assumption

Currently option 7.3.2.3 seems to be the most promising solution. However the expertise of TSG RAN and TSG SA is needed in order to make a decision.

7.4 
Limitations due to RTP handling

Editors note:

The purpose of this section is to describe that RTP sequence numbers and timestamps will be regenerated, and the consequences of this.

7.5 
Identification of header removal allowed

7.5.1 
Description of problem

As described in chapter 7.3, GERAN will be made aware if a supported speech codec is used, and if so, which one. However, it is also necessary for GERAN to identify whether or not it is allowed to use header removal. If the speech media flow is part of a multimedia application requiring synchronisation of the different media flows, header removal is not allowed.

7.5.2 
Solutions

7.5.2.1
Activate PDP context request message approach

7.5.2.1.1
Description of the solution

Since header adaptation mechanism is dependent on the application (e.g. in case of VoIP only application header removal is possible) than the best solution it that the MS indicates the header adaptation mechanism to be applied for a particular PDP context. The indication could be part of the Quality of Service IE, and thus the solution can be combined with the solution presented in section 7.3.2.3, solving also the radio bearer identification problem. 

The signalling flow for the solution is given in the figure below:
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The application will use the SIP signalling for setting up the session, and UE is the entity that knows the type of application used for the session.

After the initial phase of SIP signalling is completed (i.e. the session description has been agreed), the UE will activate the PDP context. Specifically in case of optimized speech (VoIP with header removal) the UE will send the Activate Secondary PDP Context Request message to the network. This message contains the Quality of Service Information Element. New field is needed in QoS IE to indicate the preference of the header adaptation mechanism for the particular PDP context. An example of the field could be as shown in the following table. Table shows the QoS IE as specified in 24.008 v4.1.1. 
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Figure 10.5.138/TS 24.008: Quality of service information element

Table 10.5.156/TS 24.008: Quality of service information element

Header Adaptation (Octet 14)
Bits
2 1
In MS to network direction:
0 0 
No header Adaptation preferred

0 1

Header Removal preferred

1 0

Header Removal not possible

1 1

Spare

The SGSN send the RAB assignment request as specified in 25.413 and include the proposed "Header Adaptation" field in RAB Parameters IE. SGSN could as well use predefined QoS parameter combination in the RAB assignment message which would give unambiguous information to GERAN that header removal can be used. 

When receiving the RAB assignment request, radio access network would choose the header adaptation mechanism according to its algorithm and inform the UE using Radio Bearer Set-up message. 

The example shown above is only one possibility on how to convey the necessary information to the radio access network. If this solution is combined with the solution described in section 7.3.2.3 (dealing with the problem of radio bearer identification), there is potential room for parameter optimisation. One possible scheme is that an explicit codec indication (according to 7.3.2.3) by default implies that header removal is allowed and preferred, making a specific ‘header adaptation’ field superfluous. Such syntax details are FFS. 

Editors note:

This section may be updated to reflect concerns expressed on service specificity. It is intended to replace the service specific “header removal allowed” indicator with a generic QoS information element.

7.5.2.1.2
Pros and cons

· This solution has the advantage that it implies very limited changes to existing specifications.

· A possible drawback is that that higher protocol messages such as the PDP context messages have to convey header adaptation information, which can be considered as being radio access related. Given the nature of optimized speech and its relation to the application setup, this drawback would seem inevitable.
7.5.3
Working assumption

No agreement reached so far.

7.6 
IP and port number information transfer from MS to GERAN

7.6.1 
Description of problem

In order to carry out header regeneration in the uplink the relevant information must be communicated with the PDCP entity in the GERAN. A number of possibilities have been identified, so far, in order to transfer IP and port numbers from the MS to PDCP in BSS.

7.6.2 
Solutions

7.6.2.1
RRC signalling approach

7.6.2.1.1
Description of the solution 

The information is provided by RRC signalling at RB set-up.

7.6.2.1.2
Pros and cons

Editors note: To be completed.
7.6.2.2
TFT approach

7.6.2.2.1
Description of the solution

The information is sent in a TFT from the MS to SGSN, which in turn provides the information to the BSC.

7.6.2.2.2
Pros and cons

Editors note: To be completed.
7.6.3 
Working assumption

Currently solution 7.6.2.1 seems to be the most promising solution. However the expertise of TSG RAN and TSG SA is needed in order to make a decision.

7.7 
Handover issues in optimized voice

7.7.1
Description of problem

When inter BSS, inter RAN or BSS-RAN handover takes place, the header generation context may have to be relocated. A mechanism for this purpose is needed. In addition, it should be clarified how slips in RTP sequence numbers and timestamps can be minimized or completely eliminated.

7.7.2 
Proposed solutions

7.7.2.1
Time stamp and sequence number handling during a handover

7.7.2.1.1
Description of the solution

This solution assumes that handover is carried out as specified in 44.018 and that relocation follows the procedures that have been specified in 25.413 and 23.060. As a part of the relocation of the RNS context the location of the header removal / generation function is moved from the source BSS to the target BSS. Large jumps in the field values are avoided by transferring the time stamp and the sequence number fields from the source BSS to the target BSS inside a container in the Relocation Commit or Forward SRNS Context message.

In case of GERAN to UTRAN handover the header adaptation mechanism changes from header removal to header compression and the location of the RTP end point moves from the network to the terminal. In this case large jumps in the field values are avoided by transferring the time stamp and the sequence number fields from the network to the terminal inside a container in the Handover To UTRAN Command. 

7.7.2.2
Pros and cons

· The proposed solution may lead to small drift in the transferred field values. It is the assumption that this does not cause large quality degradation. However, this needs to be verified from IETF AVT group. 

7.7.3 
Working assumption

No agreement reached so far.

7.8
Mid call legacy codec support

7.8.1
Description of problem

The Radio Access Network infrastructure may not support all possible channel coding schemes in all areas, and, potentially, the set of channel coding schemes supported in one area may be completely different from the set supported elsewhere. If an IMS call is active and uses Header Removal (and so relies on an unequel error protected channel coding scheme associated with the current CoDec), this can cause problems in mid-call.

7.8.2

Solutions

If, during a call, a resource that has been used is no longer available, there are two choices to resolve this problem. Either:

· The PDCP Mode must be changed from Header Removal to Header Compression (and the radio bearer should be configured to use an equal error protected channel coding scheme), or

· The Codec used in the media stream will need to be changed to one that is associated with a supported  unequal error protected channel coding scheme

7.8.2.1
PDCP Mode Change

7.8.2.1.1
Description of the solution

Editors note: To be completed
7.8.2.1.2
Pros and cons

Editors note: To be completed

7.8.2.2

Mid Call Codec Change

It is assumed that the call control entities must maintain a valid specification of the media transport in use.

If the codec used is to change in mid-call to one not specified in the existing session description, then the description agreed by the SIP end points at the start of the call will no longer reflect the actual media streams being exchanged. From the above assumption, this will require SIP messages to be exchanged "end to end" holding a replacement session description. This is shown in section 7.8.2.2.1 – 1.

If the codec change is to one included already in the existing session description, then alternatives not requiring SIP message exchanges may be used; these are covered in section 7.8.2.2.1-2.

Note that, if the session description includes only one codec at the end of call setup, then there is no alternative to engaging in a SIP call re-negotiation. The “non-SIP” alternatives assume that there is more than one codec included in the session description at the end of call setup.

7.8.2.2.1
Description of the solutions

1. SIP call re-negotiation

[Standard IMS procedure as will be described in TS24.228]

2. Non-SIP Codec change signalling

If a media description, at the end of call set up phase, includes a set of alternative CoDecs with more than one member, then a change in CoDec between these listed alternatives would not invalidate the session description agreed during call setup, and so no SIP message exchanges would be needed in this event.

It is assumed that listing more than one alternative within the session description does not negate the requirement that the same codec be used in both directions of a call at any one time. Although, in principle, such a session description might seem to allow different CoDecs to be used in either direction, the policy will be to only support the bi-directional case. To maintain this policy, any change to the codec used by an end point should be signalled to ensure that both end points change codec at the same time; an end point should not simply decide to swap CoDecs without agreeing this with its peer.

There are several options for signalling a codec change without the use of SIP message exchanges. These are covered next.

a. RTCP Message Exchange

This approach is based on exchanging RTCP messages between the RAN that detects a resource problem and the remote system, using the “fast feedback” scheme. It has two variants; ; one variant proposes to use Sender Report and Receiver Report messages to carry indications between the network-based PDCP entities of a proposed codec change. The other variant uses the “Application-specific” message type to carry the indications between the peer entities. For details see section 7.1.2.3.

b. “In Band” Signalling

This approach works by injecting RTP packets into the existing media stream sent towards the core network, and detecting RTP packets that have been injected by the remote peer.

[For Details, see contribution G2-010020]

7.8.2.2.2

Pros and Cons

-
Although using SIP signalling would appear to be the simplest solution, it does have some problems. First, it requires call control signalling to be carried over the air interface. Secondly, it is not easy to see how the Terminal can be informed that it should engage in SIP message exchanges during a Handover; although the GERAN detects the resource problem, it is not a party to call control signalling and so it must have some way to instruct the Terminal to carry out these exchanges. Such an approach would require the expertise of SA WG2 and CN WG 1 groups to clarify the appropriate procedures.

-
Both the non-SIP approaches have one major benefit; they do not need any extra signalling to be carried over the air interface (over and above the necessary radio bearer modification procedures that are required on any change to the bearer). Both require a specialised application protocol to be used on top of the existing RTCP or RTP transport protocols. Of the two, the RTCP-based approach would seem to require an extra PDP context to be arranged; how this is done by the BSC is unclear. In addition, this approach has raised some other concerns; it is questionable if it is wise to generate RTCP SR/RRs when the RTP protocol is terminated in the MS and RTCP is terminated in the BSS. In such an architecture, the RTCP RR will contain information about quality in the BSS, not in the MS.  It is suggested that it may not be appropriate to make use of RTCP SR/RR if the termination point of the RTP protocol is not in the same node as the RTCP protocol. 

-
If no RTCP SR/RRs are generated (for the above mentioned reasons), then with the other variant (using “Application-specific” messages), RTCP would be used for the sole purpose of providing a possibility of informing the BSS of a change in the codec or ACS.

-
Furthermore, the usage of RTCP for this task is questioned, since RTCP is not a reliable signalling protocol. There is no way of ascertaining that the ACS change has been received correctly, so that more details are required on the way in which the end points can exchange application level indications reliably.

-
The RTP based approach does not have the problems of the other schemes, but (in common with the RTCP-based approach) does require that the alternatives are included in the “final” session description agreed at call setup. This solution assumes that it is allowed to negotiate multiple codecs for a SIP-session. Whether this is the case is FFS.

-
How can it be ensured the specifal RTP/RTCP functionality is deployed in all conceivable endpoints (also non-3GPP)? If this cannot be ensured, there is no backup solution presented to provide this functionality to such endpoints.

-
The solution presented puts severe limitations on end-to-end security. If end-to-end security is used, the BSS has to know the encryption key of the MS, as well as the encryption key of the remote peer. If a new encryption key is used for the BSS, the receiving party will have to maintain two separate keys for one RTP flow.

7.8.3
Working assumption

Editors note: To be completed






