Page 1



3GPP TSG-SA4 Meeting #61 
(
S4-100772
Barcelona, Spain, November 8 – 12, 2010







Revision of S4-100677
	CR-Form-v9.7

	CHANGE REQUEST

	

	(

	26.114
	CR
	0110
	(

rev
	2
	(

Current version:
	8.6.0
	(


	

	For HELP on using this form look at the pop-up text over the (
 symbols. Comprehensive instructions on how to use this form can be found at http://www.3gpp.org/specs/CR.htm.

	


	Proposed change affects:
(

	UICC apps(

	
	ME
	x
	Radio Access Network
	
	Core Network
	


	

	Title:
(

	Correction of AMR and AMR-WB codec mode adaptation in the beginning of the session

	
	

	Source to WG:
(

	Telefon AB LM Ericsson, ST-Ericsson SA, NOKIA Corporation

	Source to TSG:
(

	S4

	
	

	Work item code:
(

	MTSI-MHI
	
	Date: (

	02/11/2010

	
	
	
	
	

	Category:
(

	A
	
	Release: (

	Rel-8

	
	Use one of the following categories:
F  (correction)
A  (corresponds to a correction in an earlier release)
B  (addition of feature), 
C  (functional modification of feature)
D  (editorial modification)

Detailed explanations of the above categories can
be found in 3GPP TR 21.900.
	Use one of the following releases:
R99
(Release 1999)
Rel-4
(Release 4)
Rel-5
(Release 5)
Rel-6
(Release 6)
Rel-7
(Release 7)
Rel-8
(Release 8)
Rel-9
(Release 9)
Rel-10
(Release 10)
Rel-11
(Release 11)
Rel-12
(Release 12)

	
	

	Reason for change:
(

	Two issues have been found and are corrected by this CR:

1) The specification includes a mandatory requirement (“…shall limit the initial codec mode for a session to a lower mode…”) but leaves it undefined what “lower mode” really means. The requirement is hence unclear and cannot be enforced. The session negotiation may also conclude that only one codec mode is allowed in the session, e.g. TFO/TrFO inter-working with legacy UTRAN where only AMR12.2 is used, in which case the limitation cannot be applied.

2) The procedure for codec mode adaptation when no rate control information has been received is undefined. The UE may not necessarily obtain any rate control information since the MTSI UE should set the CMR (Codec Mode Request) in the RTP payload to ‘15’ (which means that “no mode request is present”) and the MTSI UE is not required to send any RTCP-APP messages with CMR. Therefore, it may take a very long time before the sending MTSI UE receives the CMR and starts the adaptation to a higher codec mode. In the worst case, the UE would receive no CMR at all and would then continue using the ICM (Initial Codec Mode) throughout the session. The same may also happen when inter-working with CS UTRAN.

	
	

	Summary of change:
(

	1) For the unclear requirement, a definition of what “lower mode” refers to is added. The clarified requirement is also changed to recommendation to avoid this CR to set a new requirement. It is also defined that this recommendation only applies if multiple codec modes are allowed in the session.

2) A time limit is defined for the use of the ICM. If the UE has not received any rate control information during this time then it is recommeded to (slowly) adapt to a higher codec mode bit-rate, eventually up to the highest codec mode rate.

It is also clarified that the ICM applies only to AMR and AMR-WB, to be aligned with the Release 9 version of the specification. 

The reference for SDPCapNeg is also updated.

	
	

	Consequences if 
(

not approved:
	1) The definition of “lower mode” would remain undefined in the mandatory requirement. This could lead to transmission problems, e.g. high packet loss rate or large jitter, if a too high codec mode is used in the beginning of the session.

2) If the UE does not receive any rate control information then it would likely continue to use a low bit-rate codec mode, for example AMR 5.9 kbps, even if resources are allocated for a higher bit-rate, for example AMR 12.2 kbps. This would lead to both a lower voice quality than expected and a waste of transmission resources.

	
	

	Clauses affected:
(

	2, 3.2, 7.5.2.1.6

	
	

	
	Y
	N
	
	

	Other specs
(

	
	x
	 Other core specifications
(

	

	affected:
	
	x
	 Test specifications
	

	
	
	x
	 O&M Specifications
	

	
	

	Other comments:
(

	


Start change 1

2
References

The following documents contain provisions which, through reference in this text, constitute provisions of the present document.

· References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.

· For a specific reference, subsequent revisions do not apply.

· For a non-specific reference, the latest version applies. In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.

· [1]
3GPP TR 21.905: "Vocabulary for 3GPP Specifications".

· [2]
3GPP TS 22.173: "IP Multimedia Core Network Subsystem (IMS) Multimedia Telephony Service and supplementary services; Stage 1".

· [3]
3GPP TS 26.235: "Packet switched conversational multimedia applications; Default codecs".

· [4]
3GPP TS 26.236: "Packet switched conversational multimedia applications; Transport protocols".

· [5]
3GPP TR 26.914: "Multimedia telephony over IP Multimedia Subsystem (IMS); Optimization opportunities".

· [6]
3GPP TR 22.973: "IMS Multimedia Telephony service; and supplementary services".

· [7]
3GPP TS 24.229: "IP multimedia call control protocol based on Session Initiation Protocol (SIP) and Session Description Protocol (SDP); Stage 3".

· [8]
IETF RFC 4566 (2006): "SDP: Session Description Protocol", M. Handley, V. Jacobson and C. Perkins.

· [9]
IETF RFC 3550 (2003): "RTP: A Transport Protocol for Real-Time Applications", H. Schulzrinne, S. Casner, R. Frederick and V. Jacobson.

· [10]
IETF RFC 3551 (2003): "RTP Profile for Audio and Video Conferences with Minimal Control", H. Schulzrinne and S. Casner.

· [11]
3GPP TS 26.071: "Mandatory Speech Codec speech processing functions; AMR Speech CODEC; General description".

· [12]
3GPP TS 26.090: "Mandatory Speech Codec speech processing functions; Adaptive Multi-Rate (AMR) speech codec; Transcoding functions".

· [13]
3GPP TS 26.073: "ANSI C code for the Adaptive Multi Rate (AMR) speech codec".

· [14]
3GPP TS 26.104: "ANSI‑C code for the floating-point Adaptive Multi Rate (AMR) speech codec".

· [15]
3GPP TS 26.093: "Mandatory speech codec speech processing functions; Adaptive Multi-Rate (AMR) speech codec; Source controlled rate operation".

· [16]
3GPP TS 26.103: "Speech codec list for GSM and UMTS".

· [17]
3GPP TS 26.171: "Speech codec speech processing functions; Adaptive Multi-Rate - Wideband (AMR-WB) speech codec; General description".

· [18]
3GPP TS 26.190: "Speech codec speech processing functions; Adaptive Multi-Rate - Wideband (AMR-WB) speech codec; Transcoding functions".

· [19]
3GPP TS 26.173: "ANCI-C code for the Adaptive Multi Rate - Wideband (AMR-WB) speech codec".

· [20]
3GPP TS 26.204: "Speech codec speech processing functions; Adaptive Multi-Rate - Wideband (AMR-WB) speech codec; ANSI-C code".

[21]
3GPP TS 26.193: "Speech codec speech processing functions; Adaptive Multi-Rate - Wideband (AMR-WB) speech codec; Source controlled rate operation".

[22]
ITU-T Recommendation H.263 (2005): "Video coding for low bit rate communication".

[23]
ISO/IEC 14496-2:2004: "Information technology - Coding of audio-visual objects - Part 2: Visual".

[24]
ITU-T Recommendation H.264 (2005): "Advanced video coding for generic audiovisual services" | ISO/IEC 14496-10:2005: "Information technology - Coding of audio-visual objects - Part 10: Advanced Video Coding".

[25]
IETF RFC 3984 (2005): "RTP Payload Format for H.264 Video", S. Wenger, M.M. Hannuksela, T. Stockhammer, M. Westerlund and D. Singer.

[26]
ITU-T Recommendation T.140 (1998): "Protocol for multimedia application text conversation".
[27]
ITU-T Recommendation T.140 (2000): "Protocol for multimedia application text conversation - Addendum 1".
[28]
IETF RFC 4867 (2007): "RTP Payload Format and File Storage Format for the Adaptive Multi-Rate (AMR) and Adaptive Multi-Rate Wideband (AMR-WB) Audio Codecs", J. Sjoberg, M. Westerlund, A. Lakaniemi and Q. Xie.

[29]
IETF RFC 4629 (2007): "RTP Payload Format for ITU-T Rec. H.263 Video", J. Ott, C. Bormann, G. Sullivan, S. Wenger and R. Even.

[30]
IETF RFC 3016 (2000): "RTP Payload Format for MPEG-4 Audio/Visual Streams", Y. Kikuchi, T. Nomura, S. Fukunaga, Y. Matsui and H. Kimata.

[31]
IETF RFC 4103 (2005): "RTP Payload for Text Conversation", G. Hellstrom and P. Jones.

[32]
IETF RFC 3555 (2003): "MIME Type Registration of RTP Payload Formats", S. Casner and P. Hoschka.

[33]
3GPP TR 25.993: "Typical examples of Radio Access Bearers (RABs) and Radio Bearers (RBs) supported by Universal Terrestrial Radio Access (UTRA)".

[34]
3GPP TS 22.105: "Services and service capabilities".

[35]
3GPP TS 26.131: "Terminal acoustic characteristics for telephony; Requirements".

[36]
3GPP TS 26.132: "Speech and video telephony terminal acoustic test specification".

[37]
3GPP TS 28.062: "Inband Tandem Free Operation (TFO) of speech codecs; Service description; Stage 3".

[38]
3GPP TS 23.153: "Out of band transcoder control; Stage 2".

[39]
IETF RFC 0768 (1980): "User Datagram Protocol", J. Postel.

[40]
IETF RFC 4585 (2006): "Extended RTP Profile for Real-time Transport Control Protocol (RTCP) - Based Feedback (RTP/AVPF)", J. Ott, S. Wenger, N. Sato, C. Burmeister and J. Rey.

[41]
RTP Tools: http://www.cs.columbia.edu/IRT/software/rtptools/.

[42]
IETF RFC 3556 (2003): "Session Description Protocol (SDP) Bandwidth Modifiers for RTP Control Protocol (RTCP) Bandwidth", S. Casner.

[43]
IETF RFC 5104 (2008): "Codec Control Messages in the RTP Audio-Visual Profile with Feedback (AVPF)", S. Wenger, U. Chandra, M. Westerlund and B. Burman.

[44]
Void.
[45]
3GPP TS 26.111: "Codec for circuit switched multimedia telephony service; Modifications to H.324".

[46]
3GPP TS 23.172: "Technical realization of Circuit Switched (CS) multimedia service; UDI/RDI fallback and service modification; Stage 2".

[47]
3GPP TS 23.002: "Network Architecture".

[48]
IETF RFC 3388 (2002): "Grouping of Media Lines in the Session Description Protocol (SDP)", G. Camarillo, G. Eriksson, J. Holler and H. Schulzrinne.

[49]
IETF RFC 4102 (2005): "Registration of the text/red MIME Sub-Type", P. Jones.

[50]
ITU-T H.248: "Packages for text conversation, fax and call discrimination".

[51]
ETSI EG 202 320: "Duplex Universal Text and Voice".

[52]
3GPP TS 26.226: "Cellular text telephone modem; General description".

[53]
IETF RFC 4504 (2006): "SIP Telephony Device Requirements and Configuration", H. Sinnreich, Ed., S. Lass and C. Stredicke.

[54]

ITU-T Recommendation V.151: "Procedures for end-to-end connection of analogue PSTN text telephones over an IP network utilizing text relay".

[55]
ITU-T Recommendation V.152: "Procedures for supporting Voice Band Data over IP networks".

[56]
IETF RFC 3448 (2003): "TCP Friendly Rate Control (TFRC): Protocol Specification", M. Handley, S. Floyd, J. Padhye and J. Widmer.

[57]
3GPP TS 24.173: "IMS Multimedia Telephony Communication Service and Supplementary Services".

[58]
IETF RFC 3264 (2002): "An Offer/Answer Model with the Session Description Protocol (SDP)", J. Rosenberg and H. Schulzrinne.

[59]
3GPP TS 26.141: "IP Multimedia System (IMS) Messaging and Presence; Media formats and codecs".

[60]
3GPP TS 26.234: "Transparent end-to-end Packet-switched Streaming Service; Protocols and codecs".

[61]
IETF RFC 4733 (2006): "RTP Payload for DTMF Digits, Telephony Tones, and Telephony Signals", H. Schulzrinne and T.Taylor.

[62]
3GPP TS 23.014. "Support of Dual Tone Multi-Frequency (DTMF) signalling",

[63]
ETSI ES 201 235-2, v1.2.1: "Specification of Dual Tone Multi-Frequency (DTMF); Transmitters and Receivers; Part 2: Transmitters".

[64]
3GPP TS 23.107: "Quality of Service (QoS) concept and architecture".

[65]
3GPP TS 29.163: "Interworking between the IP Multimedia (IM) Core Network (CN) subsystem and Circuit Switched (CS) networks".

[66]
IETF Internet draft (2007): "Support for non-compound RTCP in RTCP AVPF profile, opportunities and consequences", I. Johansson, M. Westerlund, http://tools.ietf.org/wg/avt/draft-johansson-avt-rtcp-avpf-non-compound-02.txt.

[67]
OMA-ERELD-DM-V1_2-20070209-A: "Enabler Release Definition for OMA Device Management, Approved Version 1.2".

[68]
Void.

[69]
IETF RFC 5939 (2010): “Session Description Protocol (SDP) Capability Negotiation”, F. Andreasen.

[70]
3GPP TS 22.042: "Network Identity and Time Zone (NITZ), Stage 1".
[71]
IETF RFC 1952 (May 1996): "GZIP file format specification version 4.3", P. Deutsch.

[72]
IETF RFC 2326: "Real Time Streaming Protocol (RTSP)".

[73]
IETF RFC 2616 (June 1999): "Hypertext Transfer Protocol -- HTTP/1.1".

[74]
3GPP TS 26.346 “Multimedia Broadcast/Multicast Service (MBMS); Protocols and codecs”.

[75]
3GPP TS 23.040: "Technical realization of Short Message Service (SMS)".

[76]
IETF Internet draft (2008): “Negotiation of Generic Image Attributes in SDP”, I. Johansson, K. Jung, http://tools.ietf.org/id/draft-johansson-mmusic-image-attributes-02.txt.

[77]
ITU-T G.711: "Pulse code modulation (PCM) of voice frequencies".

[78]
ITU-T G.722: "7 kHz audio-coding within 64 kbit/s".

[79]
IETF RFC 4821 (2007), "Packetization Layer Path MTU Discovery".

[80]
3GPP TS 23.003 "Numbering, addressing and identification".

[81]
IETF RFC 4796 "The session description protocol (SDP) content attribute", J. Hautakorpi and G. Camarillo.

[82]
3GPP TS 24.247 "Messaging service using the IP Multimedia (IM) Core Network (CN) subsystem".
End change 1

Start change 2
3.2
Abbreviations

For the purposes of the present document, the abbreviations given in 3GPP TR 21.905 [1] and the following apply:

NOTE:
An abbreviation defined in the present document takes precedence over the definition of the same abbreviation, if any, in 3GPP TR 21.905 [1].

AC
Alternating Current

AL-SDU
Application Layer - Service Data Unit

AMR
Adaptive Multi-Rate

AMR-NB
Adaptive Multi-Rate - NarrowBand

AMR-WB
Adaptive Multi-Rate - WideBand

APP
APPlication-defined RTCP packet

ARQ
Automatic repeat ReQuest

AS
Application Server

AVC
Advanced Video Coding

CCM
Codec Control Messages

CDF
Cumulative Distribution Function

CMR
Codec Mode Request

cps
characters per second

CS
Circuit Switched

CSCF
Call Session Control Function

CTM
Cellular Text telephone Modem

DTMF
Dual Tone Multi-Frequency

DTX
Discontinuous Transmission

E-UTRAN
Evolved UTRAN

GIP
Generic IP access

GOB
Group Of Blocks

H-ARQ
Hybrid - ARQ

HSPA
High Speed Packet Access
ICM
Initial Codec Mode
IDR
Instantaneous Decoding Refresh

IMS
IP Multimedia Subsystem

IP
Internet Protocol

IPv4
Internet Protocol version 4

ITU-T
International Telecommunications Union - Telecommunications

JBM
Jitter Buffer Management

MGCF
Media Gateway Control Function

MGW
Media GateWay

MIME
Multipurpose Internet Mail Extensions

MO
Management Object

MPEG
Moving Picture Experts Group

MRFC
Media Resource Function Controller

MRFP
Media Resource Function Processor

MSRP
Message Session Relay Protocol

MTSI
Multimedia Telephony Service for IMS

MTU
Maximum Transfer Unit

NACK
Negative ACKnowledgment

NNI
Network-to-Network Interface

NTP
Network Time Protocol

PCM
Pulse Code Modulation

PDP
Packet Data Protocol

PLI
Picture Loss Indication

POI
Point Of Interconnect

PSTN
Public Switched Telephone Network

QoE
Quality of Experience

QoS
Quality of Service

QP
Quantization Parameter
RoHC
Robust HeaderCompression

RR
Receiver Report

RTCP
RTP Control Protocol

RTP
Real-time Transport Protocol

SB-ADPCM
Sub-Band Adaptive Differential PCM

SDP
Session Description Protocol

SDPCapNeg
SDP Capability Negotiation

SID
SIlence Descriptor

SIP
Session Initiation Protocol

SR
Sender Report

TFO
Tandem-Free Operation

TISPAN
Telecoms and Internet converged Services and Protocols for Advanced Network

TMMBN
Temporary Maximum Media Bit-rate Notification

TMMBR
Temporary Maximum Media Bit-rate Request

TrFO
Transcoder-Free Operation

UDP
User Datagram Protocol

UE 
User Equipment

VoIP
Voice over IP

VOP
Video Object Plane
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Start change 3
7.5.2.1.6
Initial codec mode for AMR and AMR-WB
To avoid congestion on the link and to improve inter-working with CS GERAN when AMR or AMR-WB is used and when more than one codec mode is allowed in the session, the MTSI client in terminal should limit the initial codec mode (ICM) to one of the lowest codec modes for an Initial Waiting Time of 600 ms from the beginning of the RTP stream, or until it receives one of the following:

-
a one frame-block with rate control information; or;

-
an RTCP message with rate control information; or:

-
reception quality feedback information, e.g. PLR or jitter in RTCP Sender Reports or Receiver Reports, indicating that the currently used codec mode is too high for the current operating condition.

The rate control information can either be: a CMR with a value other than ‘15’ in the RTP payload; or a CMR with a value other than ‘15’ in an RTCP_APP message (see Clause 10.2.1).

NOTE:
A CMR with a value of ‘15’ means that no mode request is present [28].

If no rate control information is received within the Initial Waiting Time, then the sending MTSI client in terminal should gradually increase the codec mode from the ICM towards the highest codec mode allowed in the session. While not detecting poor transmission performance or not receiving rate control information, the sending MTSI client in terminal should use step-wise up-switch to avoid introducing congestion during the upwards adaptation. The step-wise up-switch should be performed by switching to the next higher codec mode in the allowed mode set and then waiting for an Initial Up-switch Waiting Time of 600 ms before each subsequent up-switch until the first down-switch occurs.

The following rules can be used for determining the ICM:

-
If 1 codec mode is included in the mode-set then this should be the ICM.

-
If 2 or 3 codec modes are included in the mode-set then the ICM should be the codec mode with the lowest rate.

-
If 4 or more codec modes are included in the mode-set then the ICM should be the codec mode with the 2nd lowest rate.

End change 3
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