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Proposal on changes to RTP and handover issues in the Technical Report on support for voice optimisation in GERAN

1. Introduction

The impact of not being able to generate the RTP fields correctly has been discussed at the last TSG GERAN WG2 meetings. In [1] a description of possible impacts is given and it is proposed to add that to section 7.4 in [2]. 

From the description it is clear that the number of muted or discarded packets at the receiver due to slips in RTP Timestamp or Sequence numbers will depend on the size of the slips. In order to better estimate the size of the slip, a more detailed description of the proposed handover description is included, based on [3].

2. Proposal

It is proposed to include the proposed changes in this document in corresponding sections in [2].

3. References 
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[2]
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7.4 
Limitations due to RTP handling

The Sequence Number (SEQ) and Timestamp (TS) in the RTP header determine the time instant when the contents of a packet is played out at the receiver. The SEQ is expected to increment by one at the receiver, otherwise it will be interpreted as a gap in the sequence. Also, the first TS value received is used as a reference at the receiver. This reference together with a timestamp determines the presentation time of subsequent RTP packets. During handover events (and possibly during normal operation), positive or negative slips in sequence numbers may occur. Depending on the size of the slip this may cause degradation of speech quality. A positive drift in a subsequent timestamps will cause the RTP receiver to generate a silence period. The length of this silence period will be equal to the drift in seconds. A negative drift in the timestamp will cause the RTP receiver to drop the packet, since from its perspective, the presentation time for the contents of the current packet has passed.
 

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. 

8
7
6
5
4
3
2
1


Quality of service IEI
octet 1

Length of quality of service IE
Octet 2

0
0
spare
Delay
class
Reliability
class
octet 3

Peak 
throughput
0
spare
Precedence
class
octet 4

0
0
0
spare
Mean
throughput
octet 5

Traffic Class
Delivery order
Delivery of erroneous SDU
Octet 6

Maximum SDU size
Octet 7

Maximum bit rate for uplink
Octet 8

Maximum bit rate for downlink
Octet 9

Residual BER
SDU error ratio
Octet 10

Transfer delay
Traffic Handling priority
Octet 11


Guaranteed bit rate for uplink
Octet 12

Guaranteed bit rate for downlink
Octet 13

Spare
Header Adaptation
Octet 14

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. 
In the case of GERAN to GERAN handover,a way to ensure smooth continuation of the time stamp value is to utilize synchronized clocks in the network entities carrying out header removal/generation. This has been illustrated in figure 1. The MS sends voice frames 1-4 via source GERAN. Header generation function creates RTP packets and uses local clock to generate the time stamp information for each packet. After sending the relocation commit and handover command messages the "data path" is switched to go via target RAN. The clock synchronization is utilized by including the latest time stamp information and the corresponding clock time in the Relocation Commit (or Forward SRNS Context) message. When the target RAN receives the message it can, based on the local clock and the received information, deduce the right time stamp value. Some frames may be lost during the handover but that should not cause any problems as long as the time stamp value continues without disruption. 
Editors's note: in here clock synchronization does not mean BTS synchronization but merely that the clocks in network entities carrying out header generation have been setup to the same time and are reasonably close to each other in rate. 
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Figure 1. Time stamp synchronization in GERAN–GERAN handover (Note that in case of AMR for each 20ms frame time stamp increases by 160).

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, sequence number fields and the and the TDMA frame number from the network to the terminal inside a container in the Handover To UTRAN Command. 
When the MS receives the handover command it can deduce the correct time stamp value from the current TDMA frame number and the received information. The procedure is illustrated in figure 2. In the example the RTP packets 1-3 are sent through GERAN using header removal/generation. After sending the third RTP packet the network sends a handover command to the terminal containing the TDMA frame number when the packet 3 was sent and the corresponding time stamp and sequence number information. In the terminal the right RTP time stamp value can be deduced from the received information.
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Figure 1 Time stamp synchronization in GERAN – UTRAN HO / relocation.
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. The size of the drift will be directly proportional to the number of muted or discarded frames as explained in Section 7.4”.
7.7.3 
Working assumption

No agreement reached so far.







