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Foreword

This Technical Report has been produced by the 3rd Generation Partnership Project (3GPP).

The contents of the present document are subject to continuing work within the TSG and may change following formal TSG approval. Should the TSG modify the contents of the present document, it will be re-released by the TSG with an identifying change of release date and an increase in version number as follows:

Version x.y.z

where:

x
the first digit:

1
presented to TSG for information;

2
presented to TSG for approval;

3
or greater indicates TSG approved document under change control.

y
the second digit is incremented for all changes of substance, i.e. technical enhancements, corrections, updates, etc.

z
the third digit is incremented when editorial only changes have been incorporated in the document.

1
Scope

The present document provides an overview of the architecture and issues related to the provision of voice optimisation within the GERAN.
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3
Definitions, symbols and abbreviations

3.1
Definitions

Editors note: to be completed
3.2
Symbols
Editors note: to be completed
3.3
Abbreviations

SIP
Session initiated Protocol 

DTM
Dual Transfer Mode

CS
Circuit Switched 

GERAN
GSM/EDGE Radio Access Network

FACCH
Fast Associated Control Channel

RTP
Real Time Protocol

UDP
Universal Datagram Protocol 

IP
Internet Protocol 

UL
Uplink

DL
Down link 

TS
Time Slot

CN
Core Network

SS
Subsystem

Editors note: to be completed
4
Overall description of voice over IP in the IMS domain when connected to GERAN

GERAN is considering the solution to provide an optimized voice bearer as well as generic bearers to support speech originating from the Iu-ps. The optimization is achieved by reusing the channel coding of CS speech channels in GSM, and by employing header removal to increase the spectrum efficiency. The consideration regarding header removal was made with the understanding, that header removal is a non-transparant header adaptation scheme and that therefore optimized voice can’t be used together with synchronized medias.

Optimized voice will be used in conjunction with SIP. Agreed schemes in GERAN to transport SIP are DTM (Dual transfer mode: going over to 2 half rate slots during the transmission of SIP data) or FACCH, stealing speech frames during the SIP transmission periods. Both schemes are already provided by GSM R99 or earlier.
5 
Definition of optimized voice schemes

5.1 
Header Removal

Transport and network level headers (e.g. RTP/UDP/IP) are completely removed. Based on information submitted at call setup and based on information derived from lower layer (link & physical), the receiving entity can regenerate the headers. The primary application of header removal is the optimized speech bearer, and the regenerated header may not always be semantically identical to the original header.

5.2 
Header Compression

Transport and network level headers (e.g. RTP/UDP/IP) are compressed in such a way that the decompressed headers are semantically identical to the original uncompressed headers. The IETF ROHC WG is responsible for standardising header compression schemes. Header compression is suited for standard internet applications that are not designed to work only with GERAN and especially for multimedia applications therefore the scheme will be used with generic real time multimedia bearers.
6 
Header removal

6.1 
Assumptions for header removal 

1. In initial implementation it is assumed that mid path transcoders are only used for PSTN interconnection via the Media Gateways. It is unclear when/whether mid path transcoders for the IM CN Subsystem will be available between two SIP end users.

2. TSG GERAN is responsible to develop the header removal solution for an Optimized Voice bearer, and must take into consideration the UTRAN developments. UTRAN has no plan to deploy header removal in release 5.

3. According to IM CN Subsystem principles the MS identifies which codec it wishes to use in the communication session.   The mobile then requests resources from the network.  GERAN is responsible for the allocation of radio and transport resources and  the relevant channel coding schemes.

4. It will not be possible to use header removal for bearers that are part of a multimedia session requiring synchronised media streams.

6.2 
Principles for optimized voice support within the GERAN

The following principles is assumed for the optimised voice service in GERAN:

1. It shall be possible to use a SIP based optimised voice service with a mobile terminal supporting multi slot class 1 (1 TS in DL, 1 TS in UL).

2. There must be no performance degradation in coding and modulation compared to traditional circuit switched GSM voice services. 

3. Interruptions in speech due to SIP signalling, mid call, shall be kept to a minimum. SIP compression is required.

4. One channel coding scheme shall be defined as mandatory in the standard, required to be supported in all GERAN based IM CN Subsystem SIP based calls.
Editors note: This point will have to be developed further, initially not agreed within the group and should also cover the legacy transceiver issues.
5. It shall be possible for the operator to prioritise other channel coding schemes than the default channel coding schemes to be used in the SIP negotiation.
Editors note: This point will have to be developed further, not agreed within the group
6. The MS is in charge of identifying a single codec (FFS). The mobile requests resources from the network. GERAN will make the final decision whether or not header removal is possible to apply, or if a generic radio bearer will have to be used.

7 
Issues for the support of header removal within GERAN

7.1
BSS limitations on SIP negotiation within the IM CN Subsystem

7.1.1
Description of problem

The IM CN Subsystem SIP negotiation currently does not take into account any access specific information concerning the codec negotiation.  This is particularly the case when the access network modifies the codec packets in some way as in header removal. The BTS may lack support for some of the channel coding schemes that corresponds to the speech codecs supported by the MS. 

7.1.2 
Proposed solutions

7.1.2.1
MS knowledge of GERAN channel coding capabilities before SIP negotiation

7.1.2.1.1
Description of the solution

A solution could consist in letting the peer involved in a SIP call set-up know about the capabilities of the GSM/EDGE Radio Access Network (e.g. supported channel codings in the cell). Such knowledge has to be provided prior to the SIP-based call set-up.

It is proposed that this knowledge be provided as a new Information Element appended to the RADIO BEARER SETUP message, setting up the Radio Bearer for SIP signalling. Deterministic rules for the BSS to work out that the RAB being established carries SIP signalling are FFS. This may be achieved for example by defining a new Source Descriptor choice for SIP signalling.

When the user moves to another cell after SIP negotiation has started but before it is completed:

· either the BSS hand-overs the resources used for the SIP Radio Bearer and the HANDOVER COMMAND or RB RE-CONFIGURATION message, whichever is used, can include such information for the new cell (see 44.018);

· or the MS re-selects the new cell and sends a CELL UPDATE to the BSS. The response from the network can include such information for the new cell (CELL UPDATE CONFIRM or RB RE-CONFIGURATION).

If the channel coding capabilities supported by the old cell are not the same as those supported in the new cell, this may trigger codec re-negotiation at SIP level.

The impact on SIP level codec negotiation is then the following:

· In case of Mobile Originated call the selection of QoS attributes, codec, etc for each media flow described in the SDP contained in the SIP INVITE shall then take into account not only the SIP client own capabilities but also the capabilities of the GERAN. Each media flow will be associated to a list of all the codecs that are supported by both the originating SIP client and the controlling GERAN (as far as the necessary channel codings are concerned) and which fulfill the QoS required for the media flow. The SIP negotiation then takes place according to 3GPP TS 23.228.

· In case of Mobile Terminated call, when the addressed SIP client receives the SDP contained in the SIP INVITE, it shall then take into account the codecs that it accepts itself and that are supported by its controlling GERAN (as far as the necessary channel codings are concerned) before accepting the SDP and send the reply to the originating SIP client.

Such a solution will not require any SIP level codec renegotiation in cells where the same set of channel codings is supported by all transceivers. In case transceivers of a cell do not all support the same channel codings (e.g. some support TCH/FS and TCH/AFS codings, others support only TCH/FS), it may happen that a codec is negotiated at SIP level for which there is no transceiver availability at the time the Radio Bearer is set-up (e.g. AMR NB is chosen). This would imply SIP level codec renegotiation. This solution is therefore particularly suited for network deployments where a consistent set of channel codings is supported by all transceivers of a given cell. However, this does not require all cells of the network to support the same set of channel codings.
7.1.2.1.2 
Pros and Cons

Editors note: To be completed

7.1.2.2 
SDP message delayed

7.1.2.2.1 
Description of the solution

In this solution the proposal as described in 7.1.3.1 is enhanced. By delaying the final SDP message sent by the calling party until the resources have been allocated within the GERAN, there is no risk that a codec is selected that requires a channel coding scheme that is not supported in the BSS.

7.1.2.2.2 
Pros and cons

This solution will not work in the case where no mid path transcoding is carried out, such as in the case of IM CN Subsystem MS to IM CN Subsystem MS call where both mobiles are accessing the network via GERAN. The reason for this is that two different GERAN entities are involved in the SIP negotiation phase, and it has to be assumed that those GERANs may come up with different codec selections.

Additionally this proposal changes the current working model for the IM CN Subsystem as defined in 23.228v5.0.0.  This would cause substantial changes to the currently agreed information flows and would have to be agreed both in S2 and CN1.  
7.1.2.3 
AMR solution only

7.1.2.3.1 
Description of the solution

Editors note: This section will describe the solution where AMR only is supported.

7.1.2.3.2 
Pros and cons

Editors note: To be completed

7.1.2.4 
Use protocols other than SIP

7.1.2.4.1 
Description of the solution

The first alternative 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. Terminal would not participate this signaling 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.

7.1.2.4.2 
Pros and cons

Editors note: To be completed.


7.1.2.5 
CMR+SIP based solution

7.1.2.5.1 
Description of the solution

In this solution a default ACS set for GERAN is defined. That would mean that all GERAN shall support the default set, thus removing the dynamic limitations within AMR, e.g., due to TRX capabilities. This would also mean that the " mode-set" parameter in RTP AMR payload header should be utilised to limit the ACS in SIP negotitiation. In this approach the terminal would have prior info on the limitations of GERAN regarding AMR.

This solution also proposes to change the interpretation of codec Mode Request (CMR) bits as specified in (<draft-ietf-avt-rtp-amr-07.txt>). Currently these bits indicate the requested codec mode in the following way: 

"CMR (4 bits): Indicates Codec Mode Requested for the other communication direction. It is only allowed to request one of the speech modes of the used codec, frame type index 0..7 for AMR, see Table 1a in [2] or frame type index 0..8 for AMR-WB, see Table 1a in [4]. CMR value 15 indicates that no mode request is present, other values are for future use. It is RECOMMENDED that the encoder follows a received mode request, but if the encoder has reason for not follow the mode request, e.g. congestion control, it MAY use another mode. In the case of multicast, the encoder MAY follow a mode request. The codec mode selection MAY be restricted by the mode set definition at session set up. If so, the selected codec mode MUST be in the signaled mode set."

The solution proposes to change this interpretation so that the terminal could send the requested or any lower mode in the ACS (allowed set of codec modes) it would be possible to circumvent the problem of changing ACS. (This solution applies only when the traffic channel is changed from FR to HR and the HR set is a subset of the FR ACS).

Let us assume that the default ACS would contain modes 1, 3, 5 and 7, of which 7 requires full rate physical channel, others can do with half rate channel. In setup at FR channel all parameters, e.g., hysteresis levels would have their normal meaning. In case a handover to half rate channel would take place the mode 7 could not be supported anymore due to capacity of the half rate channel. To cope with the fact that one mode in the ACS is not available in HR channel, the "CMR" bit in "RTP AMR payload header" would be utilized so that it indicates the highest possible mode in the ACS. 

For example: CMR=5 would be interpreted so that the highest possible mode is 5 and any mode above that cannot be received. The entity receiving this, must obey it. CMR=15 (or 7) would be interpreted so that all modes within the ACS are OK.   
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Figure Example of codec mode indication using new interpretation of CMR field.

7.1.2.5.2 
Pros and cons

Editors note: To be completed.

7.1.3 
Working assumption

No agreement reached so far.

7.2 
Radio Bearer Identification for GERAN

7.2.1 
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. 

7.2.2 
Solutions

7.2.2.1 
Direct communication between the UE and the BSC

7.2.2.1.1 
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.

7.2.2.1.2
Pros and cons

Editors note: To be completed.

7.2.2.2
SDU format information approach

7.2.2.2.1
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. 

7.2.2.2.2
Pros and cons

Editors note: To be completed.
7.2.2.3
Activate PDP context request message approach

7.2.2.3.1
Description of the solution

A field containing the specific speech codec used can be introduced in the ‘Activate PDP context request message’ to the SGSN. This information is then passed to the GERAN at the ‘Radio Access Bearer Request’.

7.2.2.3.2
Pros and cons

Editors note: To be completed.
7.2.3 
Working assumption

Currently option 7.2.2.3 seems to be the most promising solution. However the expertise of  TSG RAN and TSG SA is needed in order to make a decision.

7.3 
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.

7.4 
Identification of header removal allowed

7.4.1 
Description of problem

As described in chapter 7.2, 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.

7.4.2 
Solutions

7.4.2.1
Activate PDP context request message approach

7.4.2.1.1
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. 

The signaling flow for the solution is given in the figure below:
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The application will use the SIP signaling 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 signaling 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 Setup message. 

The example shown above is only one possibility on how to convey the necessery information to the radio access network. It would be possible also to interpret the existing QoS parameters in the activate secondary PDP context message. However, the proposed method provides unambiguous way to convey the necessary information from MS to GERAN. It also reuses the existing procedures as much as possible.

7.4.2.1.2
Pros and cons

Editors note: To be completed.

7.4.3
Working assumption

No agreement reached so far.

7.5 
IP and port number information transfer from MS to GERAN

7.5.1 
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.

7.5.2 
Solutions

7.5.2.1
RRC signalling approach

7.5.2.1.1
Description of the solution 

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

7.5.2.1.2
Pros and cons

Editors note: To be completed.
7.5.2.2
TFT approach

7.5.2.2.1
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.

7.5.2.2.2
Pros and cons

Editors note: To be completed.
7.5.3 
Working assumption

Currently solution 7.5.2-1 seems to be the most promising solution. However the expertise of  TSG RAN and TSG SA is needed in order to make a decision.

7.6 
Handover issues in optimized voice
Editors note: The issues regarding GERAN-GERAN, UTRAN-GERAN and GERAN-UTRAN handover, and a proposed solution is described in GAHW-010183. It was concluded that contribution would need some more work in order to be part of this TR.

7.7 
Mid call SIP communication

7.7.1
Description of problem

It is foreseen that there may be additional mid call IM CN subsystem SIP communication using header removal.

7.7.2
Solutions

7.7.2.1
Solution A

7.7.2.1.1
Description of the solution

The following means can be used for SIP signalling:

1. FACCH 

2. Downgrade to HR channel. This requires further analysis of:

a. TBF allocations for signalling

b. The codec selected at the SIP negotiation must be able to be reconfigured to support a HR channel, without SIP level renegotiation.

3. Allocation of additional timeslot

7.7.2.1.2
Pros and cons

Editors note: To be completed
7.7.3
Working assumption

Solution 7.7.2.1 has been accepted as working assumption.

8 
Header compression in GERAN

Editors note:  To be completed

9 
Recommended work for GERAN voice optimization schemes 

Editors note:  To be completed.
9.1 
Recommended work for particular groups

Editors note:  To be completed.
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