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1 Introduction

This contribution discusses the RTP/UDP/IP header removal and construction for voice over GERAN PS domain speech calls (optimized voice bearer). The idea is that there is a need/desire to transmit over the air interface (on both the uplink and downlink) the RTP/UDP/IP header information required for the BSS (on uplink) and MS (on downlink) to reconstruct the RTP/UDP/IP header.  The "air interface" approach is in-line with the strategy to evolve to an "all-IP" Core Network (CN) architecture in the sense that it is not associated with (nor does it require) any specific messages/procedures that are currently used in the CN.

Several new messages and information elements for GERAN Release 2000 are also proposed based upon (1) an understanding of the structure and functionality of the RTP/RTCP, UDP, and IP protocols and (2) just exactly where and when during a typical SIP call setup sequence for voice over GERAN PS domain speech calls (optimized voice bearer) that these messages need to be transmitted.  The new messages and information elements are also applicable for voice over UTRAN PS domain speech calls (optimized voice bearer).

The contribution is organized as follows.  Section 2 gives a list of acronyms.  Section 3 discusses the structure/format for the IPv4, the IPv6 datagram, and the DSCP field.  Section 4 discusses the structure/format for the UDP datagram.  Section 5 discusses the structure/format for the RTP datagram.  Section 6 discusses the format/structure for the RTCP datagram.  Section 7 discusses the RTP mixer.  Section 8 proposes several new messages and information elements for GERAN Release 2000.  Section 9 presents conclusions and recommendations.  Section 10 includes a list of references.  Appendices A and B provide supporting material.

2 List of Acronyms

3GPP


3rd Generation Partnership Program

AVT


Audio Video Transport

BSS


Base Station System

CC



CSRC Count

CN



Core Network

CSRC


Contributing Source Identifier

CU



Currently Unused

DSCP


DiffServ Code Point

GERAN

GSM/EDGE Radio Access Network

IETF


Internet Engineering Task Force

IP



Internet Protocol

LSR


Last Sender Report

DLSR


Delay since LSR

M



Marker

MGW


Media Gateway

MP


Mandatory Present

MS


Mobile Station

OP



Optional

P



Padding

PS



Packet Switched

PT



Payload Type

RC



Reception reports Count

RRC


Radio Resource Control

RTCP


Real-Time Control Protocol

RTP


Real-Time Protocol

SC



Source Count

SIP


Session Initiation Protocol

SR



Sender Report

SSRC


Synchronization Source Identifier

UDP


User Datagram Protocol

UTRAN

UMTS Terrestrial Radio Access Network

X



Extension

3 IP Datagram

3.1 IPv4 Datagram

Figure 1 illustrates the structure/format of the IPv4 datagram [1].
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Figure 1. IPv4 datagram (area highlighted in gray is the 20 byte header).

On the uplink (i.e., UE ( GERAN, UTRAN), the following IPv4 header information needs to be transmitted over the air interface:

VERS: Comprises 4 bits (1/2 byte).

SOURCE IP ADDRESS: Comprises 32 bits (4 bytes).

DESTINATION IP ADDRESS: Comprises 32 bits (4 bytes).

On the downlink (i.e., GERAN, UTRAN ( UE), nothing needs to be transmitted over the air interface.

3.2 IPv6 Datagram

Figure 2 illustrates the structure/format for the IPv6 datagram [2].
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Figure 2. IPv6 datagram (area highlighted in gray is the 32 byte header).

On the uplink (i.e., UE ( GERAN, UTRAN), the following IPv6 header information needs to be transmitted over the air interface:

VERS: Comprises 4 bits (1/2 byte).

SOURCE IP ADDRESS: Comprises 128 bits (16 bytes).

DESTINATION IP ADDRESS: Comprises 128 bits (16 bytes).

On the downlink (i.e., GERAN, UTRAN ( UE), nothing needs to be transmitted over the air interface.

3.3 DiffServ

Figure 3 illustrates the structure/format of the DiffServ Code Point (DSCP) field [3].
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Figure 3. DiffServ Code Point (DSCP) field.

On the uplink and/or downlink (i.e., UE ( GERAN, UTRAN and/or GERAN, UTRAN ( UE), the DSCP field may need to be transmitted over the air interface (optional).

4 UDP Datagram

Figure 4 illustrates the structure/format for the UDP datagram [4].
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Figure 4. UDP datagram (area highlighted in gray is the 8 byte header).

On the uplink (i.e., UE ( GERAN, UTRAN), the following UDP header information needs to be transmitted over the air interface:

UDP SOURCE PORT: Comprises 16 bits (2 bytes).

UDP DESTINATION PORT: Comprise 16 bits (2 bytes).

On the downlink (i.e., GERAN, UTRAN ( UE), nothing needs to be transmitted over the air interface.

5 RTP Packet

Figure 5 illustrates the structure/format for the RTP packet [5].
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Figure 5. RTP packet (area highlighted in gray is the 12 byte header).

On the uplink (i.e., UE ( GERAN, UTRAN), the following RTP header information needs to be transmitted over the air interface:

V: Comprises 2 bits (1/4 byte)  (optional).

PT: Comprises 8 bits (1 byte).

SSRC: Comprises 32 bits (4 bytes).

SEQUENCE: Comprises 16 bits (2 bytes).

TIMESTAMP: Comprises 32 bits (4 bytes).

CLOCK FREQUENCY: Comprises 2 bits (1/4 byte) (optional).

On the downlink (i.e., GERAN, UTRAN ( UE), the following RTP header information needs to be transmitted over the air interface:

CC: Comprises 4 bits (1/2 byte) (optional).

SSRC:
Comprises 32 bits (4 bytes).

CSRC: Comprises 32 bits (4 bytes) (1 to CC) (optional).

SEQUENCE: Comprises 16 bits (2 bytes).

TIMESTAMP: Comprises 32 bits (8 bytes).

6 RTCP Packet

RTCP is the companion control protocol to RTP described in [5].  RTCP packets convey end-to-end information about the quality of the session to each participant.  Quantities like packet delay, jitter, packets received and lost, are very valuable for the network to use to assess its own health in real time.

There are 5 types of RTCP packets:

· SR: Sender Report

· RR: Receiver Report

· SDES: Source DEScription

· BYE: Hangs up from a session

· APP: Application-Specific packet

In this contribution, only the Sender Report and the Source DEScription will be discussed (see Sections 6.1 and 6.2 below).

6.1 Sender Report

Sender Report (SR) packets carry statistics from the active sender participants in a connection.  SRs should be sent according to a bandwidth allocation algorithm specific to the network design in order to allow the flow of statistical information towards the most active packet generators in the network.  Bandwidth allocation for SRs and RRs can be algorithmically derived, or set as part of the connection parameters when the session is being set up.

Figure 6 illustrates the structure/format of the RTCP packet (Sender Report) [5].
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Figure 6. RTCP packet (Sender Report).

6.2 Source DEScription

Source Description packets allow the binding of the SSRC value in the RTP packet, with an actual identification of the user sending the data.  The identification can be one or more of the user's name, e-mail address, or user login identification on a host system.  It is allowed to include other optional items such as a telephone number, location of the user, application used to produce the media stream, and possibly a note without stringent interpretation by the participants in the call.  A mechanism to extend the SDES packet is also in the work in progress of the IETF Audio Video Transport (AVT) working group.

Endpoints need to send an SDES packet at the beginning of the session such that each participant is explicitly identified.  Mixers (used in multiparty calls, see [6]) combine SDES packets from all participants and produce a composite SDES packet with as many "chunks" as there were SDES packets originally.

Figure 7 illustrates the structure/format of the RTCP packet (Source DEScription) [5].
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Figure 7. RTCP packet (Source DEScription).

7 RTP Mixer

Figure 8 illustrates the RTP mixer.  Typically, the RTP mixer might be found as a service offered in the Media Gateway (MGW) in the Core Network (CN).
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Figure 8. RTP mixer being used for multiparty call.

An RTP mixer takes in RTP packets from multiple sources (e.g., a multiparty call, see [6]) and may perform media format conversation (e.g., transcoding) before mixing the contents in a manner specified by the application, thereby forming a new packet and sending it along to its destination.  The RTP mixer, due to its nature, provides synchronization for the new stream and has no choice but to add itself as the new SSRC.  But the sources themselves are also identified in the CSRC list (see Figure 5 of this contribution).

8 Message and Information Element Functional Definition and Content

Clause 10 of [7] is structured as follows:

10. 

Message and information element functional definition and content

10.1

General

10.2

Radio Resource Control messages

10.3

Information element functional definitions

10.3.1 CN Information elements

10.3.2 UTRAN mobility Information elements

10.3.3 UE Information elements

10.3.4 Radio Bearer Information elements

10.3.5 Transport CH Information elements

10.3.6 Physical CH Information elements

10.3.7 Measurement Information elements

10.3.8 Other Information elements

10.3.9 ANSI-41 Information elements

10.3.10 Multiplicity values and type constraint values

Subclause 10.2 in [7] appears to be the most appropriate subclause for the inclusion of any RTP/UDP/IP messages.  Subclause 10.3.4 in [7] appears to be the most appropriate subclause for the inclusion of any RTP/UDP/IP header information elements.

8.1 UPLINK RTP/UDP/IP HEADER CONFIGURATION

Below is an example of what the UPLINK RTP/UDP/IP HEADER CONFIGURATION message might look like.

10.2.x
UPLINK RTP/UDP/IP HEADER CONFIGURATION

This message is sent by UE to GERAN, UTRAN to create the RTP/UDP/IP header for optimized voice bearer.

RLC-SAP: FFS

Logical channel: FFS

Direction: UE ( GERAN, UTRAN

Information Element/Group name
Need
Multi
Type and reference
Semantics description

Message Type
MP

Message Type


RB information elements





RB identity
MP

RB identity 10.3.4.13


RTP/UDP/IP header information elements





IP version
MP

IP version 10.3.4.xx


Source IP address
MP

Source IP address 10.3.4.xx


Destination IP address
MP

Destination IP address 10.3.4.xx


DiffServ Code Point (DSCP)
OP

DSCP 10.3.4.xx


Source UDP port
MP

Source UDP port 10.3.4.xx


Destination UDP port
MP

Destination UDP port 10.3.4.xx


RTP version
OP

RTP version 10.3.4.xx


RTP payload type (PT)
MP

RTP PT 10.3.4.xx


RTP synchronization source identifier (SSRC)
MP

RTP SSRC 10.3.4.xx


RTP sequence number
MP

RTP sequence number 10.3.4.xx


RTP timestamp
MP

RTP timestamp 10.3.4.xx


RTP clock frequency
OP

RTP clock frequency 10.3.4.xx


Below is an example of what the UPLINK RTP/UDP/IP HEADER CONFIGURATION information elements might look like.

10.3.4xx
IP version

Information Element/Group name
Need
Multi
Type and reference
Semantics description

IP version
MP

Bit string (2)
IPv4 or IPv6

10.3.4xx
Source IP address

Information Element/Group name
Need
Multi
Type and reference
Semantics description

Source IP address
MP

Bit string (32) or (128)
IPv4 or IPv6

10.3.4.xx
Destination IP address

Information Element/Group name
Need
Multi
Type and reference
Semantics description

Destination IP address
MP

Bit string (32) or (128)
IPv4 or IPv6

10.3.4xx
DiffServ Code Point (DSCP)

Information Element/Group name
Need
Multi
Type and reference
Semantics description

DiffServ Code Point (DSCP)
OP

Bit string (8)


10.3.4.xx
Source UDP port

Information Element/Group name
Need
Multi
Type and reference
Semantics description

Source UDP port
MP

Bit string (16)


10.3.4.xx
Destination UDP port

Information Element/Group name
Need
Multi
Type and reference
Semantics description

Destination UDP port
MP

Bit string (16)


10.3.4.xx
RTP version

Information Element/Group name
Need
Multi
Type and reference
Semantics description

RTP version
OP

Bit string (2)


10.3.4.xx
RTP payload type (PT)

Information Element/Group name
Need
Multi
Type and reference
Semantics description

RTP payload type
MP

Bit string (7)


10.3.4.xx
RTP synchronization source identifier (SSRC)

Information Element/Group name
Need
Multi
Type and reference
Semantics description

RTP synchronization source identifier (SSRC)
MP

Bit string (32)


10.3.4.xx
RTP sequence number

Information Element/Group name
Need
Multi
Type and reference
Semantics description

RTP sequence number
MP

Bit string (16)


10.3.4.xx
RTP timestamp

Information Element/Group name
Need
Multi
Type and reference
Semantics description

RTP timestamp
MP

Bit string (32)


10.3.4.xx
RTP clock frequency

Information Element/Group name
Need
Multi
Type and reference
Semantics description

RTP clock frequency
OP

Bit string (2)
8000 kHz or 16000 kHz

8.2 UPLINK RTP/UDP/IP HEADER CONFIGURATION COMPLETE

Below is an example of what the UPLINK RTP/UDP/IP HEADER CONFIGURATION COMPLETE message might look like.

10.2.x
UPLINK RTP/UDP/IP HEADER CONFIGURATION COMPLETE
This message is sent by GERAN, UTRAN to UE to confirm the exchange of the RTP/UDP/IP header information for optimized voice bearer.

RLC-SAP: FFS

Logical channel: FFS

Direction: GERAN, UTRAN ( UE

Information Element/Group name
Need
Multi
Type and reference
Semantics description

Message Type
MP

Message Type


RB information elements





RB identity
MP

RB identity 10.3.4.13


UE information elements





























The UPLINK RTP/UDP/IP HEADER CONFIGURATION COMPLETE information elements are FFS.

8.3 DOWNLINK RTP/UDP/IP HEADER CONFIGURATION

Below is an example of what the DOWNLINK RTP/UDP/IP HEADER CONFIGURATION message might look like.

10.2.x
DOWNLINK RTP/UDP/IP HEADER CONFIGURATION
This message is sent by GERAN, UTRAN to UE to create the RTP/UDP/IP header for optimized voice bearer.

RLC-SAP: FFS

Logical channel: FFS

Direction: GERAN, UTRAN ( UE

Information Element/Group name
Need
Multi
Type and reference
Semantics description

Message Type
MP

Message Type


RB information elements





RB identity
MP

RB identity 10.3.4.13


RTP/UDP/IP header information elements





DiffServ Code Point (DSCP)
OP

DSCP 10.3.4.xx


RTP CSRC Count (CC)
OP

RTP CC 10.3.4.xx


RTP synchronization source identifier (SSRC)
MP

RTP SSRC 10.3.4.xx


RTP contributing source identifier (CSRC)
OP
1 to <CC>
RTP CSRC 10.3.4.xx


RTP sequence number
MP

RTP sequence number 10.3.4.xx


RTP timestamp
MP

RTP timestamp 10.3.4.xx


Below is an example of what the DOWNLINK RTP/UDP/IP HEADER CONFIGURATION information elements might look like.

10.3.4.xx
RTP CSRC Count (CC)

Information Element/Group name
Need
Multi
Type and reference
Semantics description

RTP CSRC Count (CC)
OP

Bit string (4)


10.3.4.xx
RTP contributing source identifier (CSRC)

Information Element/Group name
Need
Multi
Type and reference
Semantics description

RTP contributing source identifier (CSRC)
OP
1 to <CC>
Bit string (32)


The other 4 information elements can be found in Section 8.1 of this contribution.

8.4 DOWNLINK RTP/UDP/IP HEADER CONFIGURATION COMPLETE

Below is an example of what the DOWNLINK RTP/UDP/IP HEADER CONFIGURATION COMPLETE message might look like.

10.2.x
DOWNLINK RTP/UDP/IP HEADER CONFIGURATION COMPLETE
This message is sent by UE to GERAN, UTRAN to confirm the exchange of the RTP/UDP/IP header information for optimized voice bearer.

RLC-SAP: FFS

Logical channel: FFS

Direction: UE ( GERAN, UTRAN

Information Element/Group name
Need
Multi
Type and reference
Semantics description

Message Type
MP

Message Type


RB information elements





RB identity
MP

RB identity 10.3.4.13


UE information elements





























The DOWNLINK RTP/UDP/IP HEADER CONFIGURATION COMPLETE information elements are FFS.

8.5 DOWNLINK RTP/UDP/IP HEADER RECONFIGURATION

Below is an example of what the DOWNLINK RTP/UDP/IP HEADER RECONFIGURATION message might look like.

10.2.x
DOWNLINK RTP/UDP/IP HEADER RECONFIGURATION
This message is sent by GERAN, UTRAN to UE to reconfigure the RTP/UDP/IP header for optimized voice bearer when a multiparty call is setup or when participants are added/deleted to/from a multiparty call.

RLC-SAP: FFS

Logical channel: FFS

Direction: GERAN, UTRAN ( UE

Information Element/Group name
Need
Multi
Type and reference
Semantics description

Message Type
MP

Message Type


RB information elements





RB identity
MP

RB identity 10.3.4.13


RTP/UDP/IP header information elements





DiffServ Code Point (DSCP)
OP

DSCP 10.3.4.xx


RTP CSRC Count (CC)
OP

RTP CC 10.3.4.xx


RTP synchronization source identifier (SSRC)
MP

RTP SSRC 10.3.4.xx


RTP contributing source identifier
OP
1 to <CC>
RTP CSRC 10.3.4.xx


RTP sequence number
MP

RTP sequence number 10.3.4.xx


RTP timestamp
MP

RTP timestamp 10.3.4.xx


The information elements can be found in Sections 8.1 and 8.3 of this contribution.

8.6 DOWNLINK RTP/UDP/IP HEADER RECONFIGURATION COMPLETE

Below is an example of what the DOWNLINK RTP/UDP/IP HEADER RECONFIGURATION COMPLETE message might look like.

10.2.x
DOWNLINK RTP/UDP/IP HEADER RECONFIGURATION COMPLETE
This message is sent by UE to GERAN, UTRAN to confirm the exchange of the RTP/UDP/IP header information for optimized voice bearer.

RLC-SAP: FFS

Logical channel: FFS

Direction: UE ( GERAN, UTRAN

Information Element/Group name
Need
Multi
Type and reference
Semantics description

Message Type
MP

Message Type


RB information elements





RB identity
MP

RB identity 10.3.4.13


UE information elements





























The DOWNLINK RTP/UDP/IP HEADER RECONFIGURATION COMPLETE information elements are FFS.

9 Conclusions and Recommendations

Several new air interface messages and information elements were proposed for the construction of the RTP/UDP/IP header for voice over GERAN PS domain speech calls (optimized voice bearer) based upon (1) an understanding of the structure and functionality of the RTP/RTCP, UDP, and IP protocols and (2) just exactly where and when during a typical SIP call setup sequence for voice over GERAN PS domain speech calls (optimized voice bearer) that these messages need to be transmitted (see Figure A1 in Appendix A).  The new messages and information elements are also applicable for voice over UTRAN PS domain speech calls (optimized voice bearer).

For the uplink, a new RRC message called UPLINK RTP/UDP/IP HEADER CONFIGURATION was discussed.  The sum of all of the mandatory information elements in that message is 190 bits (24 bytes).  For the downlink, two new RRC messages call DOWNLINK RTP/UDP/IP HEADER CONFIGURATION and DOWNLINK RTP/UDP/IP HEADER RECONFIGURATION were discussed.  The sum of all of the mandatory information elements in the first new downlink RRC message is 85 bits (10 bytes) (assuming that the MS did not respond to a voice over GERAN PS domain speech call page where the MS was being conferenced into a multiparty call).  The sum of all of the mandatory information elements in the second new downlink RRC message is variable depending upon the number of participants being conferenced into a multiparty call.

The recommendation is to review and reach a consensus regarding the new messages and information elements presented in this contribution and to have this consensus form the basis of a Change Request (CR) to TS 25.331 [7].

10 References

[1]
RFC 791, J. Postel, "Internet Protocol", September 1981.

[2]
RFC 2460, S. Deering, R. Hinden, "Internet Protocol, Version 6 (IPv6)", December 1998.

[3]
RFC 2474, K. Nichols, S. Blake, F. Baker, D. Black, "Definition of the Differentiated Services Field (DS Field) in the IPv4 and IPv6 Headers", December 1998.

[4]
RFC 768, J. Postel, "User Datagram Protocol", August 1980.

[5]
RFC 1889, H. Schulzrinne, S. Casner, R. Frederick, V. Jacobson, "RTP: A Transport Protocol for Real-Time Applications", January 1996.

[6]
Tdoc GP-000038 "A Comparison Between GERAN Packet-Switched Supplementary Services Using SIP and GSM Circuit-Switched Supplementary Services Using RIL3-CC, RIL3-MM, RIL3-RR, and DTAP", Source: Nortel Networks, 3GPP TSG GERAN #1, August 28-September 1, 2000.

[7]
3GPP, TS 25.331 "RRC Protocol Specification", Ver. 3.3.0, Release 1999.

[8]
Tdoc GP-000509 "A Comparison Between GERAN Packet-Switched Call Setup Using SIP and GSM Circuit-Switched Call Setup Using RIL3-CC, RIL3-MM, RIL3-RR, and DTAP, Rev. 0.4", Source: Nortel Networks, 3GPP TSG GERAN #2, November 6-10, 2000.

[9]
3GPP, TS 23.821 "Architecture Principles for Release 2000", Ver. 0.2.0, Release 2000.

APPENDIX A
Typical SIP Call Setup Sequence for Voice Over GERAN PS Domain Speech Calls

Figure A1 below illustrates a typical mobile originated SIP call setup sequence (no speech codec negotation) for voice over GERAN PS domain speech calls (optimized voice bearer).  Steps 69 through 72 show where the transmission/reception of the proposed new RTP/UDP/IP header messages takes place.  Details regarding all of the steps in Figure A1 can be found in [8].
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Figure A1. Typical mobile originated SIP call setup sequence (no speech codec negotation) for voice over GERAN PS domain (optimized voice bearer) [8].
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Figure B1. GSM/UMTS Core Network (CN) reference architecture [9].
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