Page 1



3GPP TSG SA WG4 Meeting #76
(
S4-131164
Osaka, Japan, 4-8 September, 2013
	CR-Form-v10

	CHANGE REQUEST

	

	(

	26.114
	CR
	0265
	(

rev
	-
	(

Current version:
	12.3.0
	(


	

	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/Change-Requests.

	


	Proposed change affects: (

	UICC apps(

	
	ME
	X
	Radio Access Network
	
	Core Network
	X


	

	Title:
(

	Computation of video b=AS

	
	

	Source to WG:
(

	KT Corp., LG Uplus Corp., SK Telecom, Samsung Electronics Co., Ltd.

	Source to TSG:
(

	S4

	
	

	Work item code:
(

	TEI-12
	
	Date: (

	2013-11-4

	
	
	
	
	

	Category:
(

	F
	
	Release: (

	Rel-12

	
	Use one of the following categories:
F  (correction)
A  (mirror corresponding to a change 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:
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:
(

	·  It is not specified how to compute b=AS for video in IPv6 from the value in IPv4, and vice versa.

	
	

	Summary of change:
(

	·  It is clarified that computation of b=AS for video is left to the discretion of the implementation.
·  Example values of b=AS in IPv4 and IPv6 for several source encoding bit-rates and image sizes of H.264/AVC, which are currently used in commercial VoLTE services, are included.

·  A simple method to compute b=AS for video in IPv6 from the value in IPv4 is included.

	
	

	Consequences if 
(

not approved:
	·  The implementers do not have any information on the handling of b=AS for video in the interworking of IPv4 and IPv6 networks.

	
	

	Clauses affected:
(

	6.2.5, 12.7

	
	

	
	Y
	N
	
	

	Other specs
(

	
	X
	 Other core specifications
(

	TS/TR ... CR ... 

	affected:
	
	X
	 Test specifications
	TS/TR ... CR ... 

	(show related CRs)
	
	X
	 O&M Specifications
	TS/TR ... CR ... 

	
	

	Other comments:
(

	


*** Start change 1 ***
6.2.5
Bandwidth negotiation

6.2.5.1
General
The SDP shall include bandwidth information for each media stream and also for the session in total. The bandwidth information for each media stream and for the session is defined by the Application Specific (AS) bandwidth modifier as defined in RFC 4566 [8].

SDP examples incorporating bandwidth modifiers are shown in annex A.

When an MTSI client in terminal receives an SDP offer or answer it shall determine the maximum sending rate for the selected codec by selecting the smallest of the following:

-
the bandwidth value, if the b=AS parameter was included in the SDP offer or answer

-
the preconfigured data rate for the selected codec, if the MTSI client has been preconfigured by the operator to use a particular data rate for the selected codec

-
the maximum data rate for the selected codec as determined by examining the codec information (e.g., codec, mode, profile, level) and any other media information (e.g., ptime and maxptime) included in the received SDP offer or answer. This maximum data rate is determined assuming no extra bandwidth is allowed for redundancy.

The maximum sending rate may be further updated by the MTSI client in terminal based on receiving an indication of the granted QoS (see 6.2.7). 

The MTSI client in terminal shall not transmit at a rate above the maximum sending rate.  For speech, the MTSI client should transmit using the codec mode with the highest data rate allowed by the maximum sending rate, except if limited to a lower codec mode by the initial codec mode procedures (see 7.5.2.1.6) or by the adaptation procedures (see 10.2).

6.2.5.2
Speech
If an MTSI client includes an AMR or AMR-WB mode-set parameter in the SDP offer or answer, the MTSI client shall set the b=AS parameter to a value matching the maximum codec mode in the mode-set, the packetization time (ptime), and the intended redundancy level. For example, b=AS for AMR-WB at IPv6 should be set to 38 if mode-set includes {6.60, 8.85, 12.65}, the packetization time is 20, and if no extra bandwidth is allocated for redundancy.

If an MTSI client does not include an AMR or AMR-WB mode-set parameter in the SDP offer or answer, the MTSI client shall set the b=AS parameter in the SDP to a value matching the highest AMR/AMR-WB mode, i.e., AMR 12.2 and AMR-WB 23.85, respectively.
NOTE:
When no mode-set is defined, then this should be understood as that the offerer or answerer is capable of sending and receiving all codec modes of AMR or AMR-WB. An MTSI client in terminal will not include the mode-set parameter in SDP offer in the initial offer-answer negotiation. See Clause 6.2.2.2, Tables 6.1 and 6.2. It is however expected that the mode-set is defined when an SDP offer is received from an MTSI MGW inter-working with CS GERAN/UTRAN, see Clause 6.2.2.3, Table 6.5.
The bandwidth to use for b=AS for AMR and AMR-WB should be computed as shown in Annex K. Tables 6.7 and 6.8 shows the bandwidth for the respective AMR and AMR-WB codec when the packetization time is 20 and no extra bandwidth is allocated for redundancy. The b=AS value should be computed without taking statistical variations, e.g., the effects of DTX, into account. Such variations can be considered in the scheduling and call admission control. Detailed procedures to compute b=AS of AMR and AMR-WB can be found in Annex K.

Table 6.7: b=AS for each codec mode of AMR when ptime is 20
	Payload format
	Codec mode

	
	4.75
	5.15
	5.9
	6.7
	7.4
	7.95
	10.2
	12.2

	Bandwidth-efficient
	IPv4
	22
	22
	23
	24
	24
	25
	27
	29

	
	IPv6
	30
	30
	31
	32
	32
	33
	35
	37

	Octet-aligned
	IPv4
	22
	22
	23
	24
	25
	25
	28
	30

	
	IPv6
	30
	30
	31
	32
	33
	33
	36
	38


Table 6.8: b=AS for each codec mode of AMR-WB when ptime is 20
	Payload format
	Codec Mode

	
	6.6
	8.85
	12.65
	14.25
	15.85
	18.25
	19.85
	23.05
	23.85

	Bandwidth-efficient
	IPv4
	24
	26
	30
	31
	33
	35
	37
	40
	41

	
	IPv6
	32
	34
	38
	39
	41
	43
	45
	48
	49

	Octet-aligned
	IPv4
	24
	26
	30
	32
	33
	36
	37
	40
	41

	
	IPv6
	32
	34
	38
	40
	41
	44
	45
	48
	49


6.2.5.3
Video
If an MTSI client includes one or more video codecs in the SDP offer or answer, procedures to compute b=AS is left as the discretion of the implementation. Table 6.x shows example values of b=AS in IPv4 and IPv6 for each source bit-rate and image size pair of H.264/AVC.
Table 6.x: b=AS for H.264/AVC
	Image size
	Source bit-rate
	b=AS (IPv4)
	b=AS (IPv6)
	Notes

	176×144
	48
	64
	66
	Maximum SDU size=1400 octets, average packet rate=14 packets/s, picture rate=7 pictures/s, IDR encoding frequency=1 IDR/2 s, average packets per picture=2 packets/picture, average header (RTP/UDP/IP) bit-rate=5/7 kbps (IPv4/IPv6)

	320×240
	300
	384
	399
	Maximum SDU size=1400 octets, average packet rate=60 packets/s, picture rate=15 pictures/s, IDR encoding frequency=1 IDR/2 s, average packets per picture=4 packets/picture, average header (RTP/UDP/IP) bit-rate=20/32 kbps (IPv4/IPv6)

	640×480
	512
	639
	653
	Maximum SDU size=1400 octets, average packet rate=60 packets/s, picture rate=15 pictures/s, IDR encoding frequency=1 IDR/2 s, average packets per picture=4 packets/picture, average header (RTP/UDP/IP) bit-rate=20/32 kbps (IPv4/IPv6)


*** End change 1 ***
*** Start change 2 ***
12.7
Inter-working with other IMS and non-IMS IP networks

12.7.1
General

IMS and MTSI services are required to support inter-working with similar services operating on other IP networks, both IMS based and non-IMS based, [2]. It is an operator option to provide transcoding when the end-to-end codec negotiation fails to agree on a codec to be used for the session. The requirements herein applies to MTSI MGWs when such transcoding is provided.

These requirements were designed for sessions carried with IP end-to-end, possibly inter-connected through one or more other IP networks.

A main objective is to harmonize the requirements for this inter-working case with the requirements for GERAN/UTRAN CS inter-working defined in Clause 12.3. There is however one major difference as the MGW requirements in Clause 12.3 apply only to the PS side of the MTSI MGW, i.e. between the MTSI MGW and the MTSI client in the terminal, while here there are requirements for the MTSI MGW both towards the MTSI client in the terminal and towards the remote network.

Most requirements included here apply only to the PS access towards the remote network but there are also requirements that target both the local MTSI client in terminal and the remote network or even only the local MTSI client.

12.7.2
Speech

12.7.2.1
General

This clause defines how speech media should be handled in MTSI MGWs in inter-working scenarios between an MTSI client in terminal operating within a 3GPP IMS network and a non-3GPP IP network. This clause therefore define requirements for what the MTSI MGW needs to support and how it should behave during session setup and session modification. A few SDP examples are included in Annex A.10.

12.7.2.2
Speech codecs and formats
MTSI MGWs offering speech communication between an MTSI client in a terminal and a client in another IP network through a Network-to-Network Interface (NNI) shall support:

· AMR speech codec modes 12.2, 7.4, 5.9 and 4.75 [11], [12], [13], [14] and source-controlled rate operation [15], both towards the local MTSI client in terminal and towards the remote network;

· G.711, both A-law and -law PCM, [77], towards the remote network.

and should support:

· linear 16 bit PCM (L16) at 8 kHz sampling frequency, towards the remote network.
When such MTSI MGWs also offer wideband speech communication they shall support:

· AMR wideband codec 12.65, 8.85 and 6.60 [17], ‎[18], ‎[19], [20] and source controlled rate operation ‎[21] , both towards the local MTSI client in terminal and towards the remote network;

and should support:

· G.722 (SB-ADPCM) at 64 kbps, [78], towards the remote network; and:

· linear 16 bit PCM (L16) at 16 kHz sampling frequency, towards the remote network.

NOTE:
A TrGW decomposed from an IBCF can also be media-unaware and forward any media transparentely without changing the encoding. Transcoding support is optional at the Ix interface.

If the remote network supports AMR for narrowband speech and/or AMR-WB for wideband speech, then transcoding shall be avoided whenever possible. In this case, the MTSI MGW should not be included in the RTP path unless it is required for non transcoding related purposes. If the MTSI MGW is included in the RTP path then it shall support forwarding the RTP payload regardless of codec mode and packetization.

NOTE:
An example of where transcoding may be required when AMR and/or AMR-WB are supported by the remote network is when the remote terminal is limited to modes that are not supported by the local MTSI client in terminal due to operator configuration.

If the MTSI MGW is performing transcoding of AMR or AMR-WB then it shall be capable of restricting mode changes, both mode change period and mode changes to neighboring mode, if this is required by the remote network.

Requirements applicable to MTSI MGW for DTMF events are described in Annex G.

12.7.2.3
Codec preference order for session negotiation

It is important to optimize the quality-bandwidth compromise, even though the NNI uses a fixed IP network. For this reason, the following preference order should be used by MTSI MGWs unless another preference order is defined in bilateral agreements between the operators or configured otherwise by the operator:

· The best option is if a codec can be used end-to-end. For example, using AMR or AMR-WB end-to-end is preferable over transcoding through G.711 or G.722 respectively.

· The second best solution is to use G.711 or G.722 as inter-connection codecs, for narrow-band and wide-band speech respectively, since these codecs offer a good quality while keeping a reasonable bit rate.

· The linear 16 bit PCM format should only be used as the last resort, when none of the above solutions are possible.

If a wide-band speech session is possible, then fall-back to narrow-band speech should be avoided whenever possible, unless another preference order is indicated in the SDP.

NOTE:
There may be circumstances, for example bit rate constraints, when a fall-back to narrow-band speech is acceptable since the alternative would be a session setup failure.

12.7.2.4
RTP profiles

MTSI MGWs offering speech communication over the NNI shall support the RTP/AVP profile and should support the RTP/AVPF profile, [40]. If the RTP/AVPF profile is supported then the SDP Capability Negotiation (SDPCapNeg) framework shall also be supported, [69].

12.7.2.5
RTP payload formats
The payload format to be used for AMR and AMR-WB encoded media is defined in Clause 12.3.2.1. The MTSI MGW shall support the following payload SDP parameters for AMR and AMR-WB: octet-align, mode-set, mode-change-period, mode-change-capability, mode-change-neighbor, maxptime, ptime, channels and max-red.

The payload format to be used for G.711 encoded media is defined in RFC 3551, [10], for both -law (PCMU) and -law (PCMA).

The payload format to be used for G.722 encoded media is defined in RFC 3551, [10].

NOTE:
The sampling frequency for G.722 is 16 kHz but is set to 8000 Hz in SDP since it was (erroneously) defined this way in the original version of the RTP A/V profile, see [10].

The payload format to be used for linear 16 bit PCM is the L16 format defined in RFC 3551, [10]. When this format is used for narrow-band speech then the rate (sampling frequency) indicated on the a=rtpmap line shall be 8000. When this format is used for wide-band speech then the rate (sampling frequency) indicated on the a=rtpmap line shall be 16000.

12.7.2.6
Packetization
For the G.711, G.722 and linear 16 bit PCM formats, the frame length shall be 20 ms, i.e. 160 and 320 speech samples in each frame for narrow-band and wide-band speech respectively.

MTSI MGWs offering speech communication over the NNI shall support encapsulating up to 4 non-redundant speech frames into the RTP packets.

MTSI MGWs may support application layer redundancy. If redundancy is supported then the MTSI MGW should support encapsulating up to 8 redundant speech frames in the RTP packets. Thereby, an RTP packet may contain up to 12 frames, up to 4 non-redundant and up to 8 redundant frames.

The MGW should use the packetization schemes indicated by the ptime value in the SDP offer and answer. If no ptime value is present in the SDP then the MGW should encapsulate 1 frame per packet or the packetization used by the end-point clients.

The MTSI MGW should preserve the packetization used by the end-point clients. The packet size can become quite large for some combinations of formats and packetization. If the packet size exceeds the Maximum Transfer Unit (MTU) of the network then the MTSI MGW should encapsulate fewer frames per packet.

NOTE:
It is an implementation consideration to determine the MTU of the network. RFC 4821 [79] describes one method that can be used to discover the path MTU.

When the MTSI MGW does not perform any transcoding then it shall be transparent to the packetization schemes used by the end-point clients.
12.7.2.7
RTCP usage and adaptation
The RTP implementation shall include an RTCP implementation. 

MTSI MGWs offering speech should support AVPF (RFC 4585 [40]) configured to operate in early mode. When allocating RTCP bandwidth, it is recommended to allocate RTCP bandwidth and set the values for the "b=RR:" and the "b=RS:" parameters such that a good compromise between the RTCP reporting needs for the application and bandwidth utilization is achieved, see also SDP examples in Annex A.10. The value of "trr-int" should be set to zero or not transmitted at all (in which case the default "trr‑int" value of zero will be assumed) when Reduced-Size RTCP (see clause 7.3.6) is not used.
For speech sessions, between the MTSI client in terminal and the MTSI MGW, it is beneficial to keep the size of RTCP packets as small as possible in order to reduce the potential disruption of RTCP onto the RTP stream in bandwidth-limited channels. RTCP packet sizes can be minimized by using Reduced-Size RTCP packets or using the parts of RTCP compound packets (according to RFC 3550 [9]) which are required by the application.
The MTSI MGW shall be capable of adapting the session to handle possible congestion. For AMR and AMR-WB encoded media, the MTSI MGW shall support the adaptation signalling method using RTCP APP packets as defined in clause 10.2, both towards the MTSI client in terminal and towards the remote network. As the codec in the remote network may or may not support the RTCP APP signalling method, the MTSI MGW shall also be capable of using the inband CMR in the AMR payload. When receiving inband CMR in the payload from the remote network, the MTSI MGW does not need to move the adaptation signalling to RTCP APP packets before sending it to the MTSI client in terminal.

For PCM, G.722 and linear 16 bit PCM encoded media, the MTSI MGW shall support RFC 3550 for signalling the experienced quality using RTCP Sender Reports and Receiver Reports.
For a given RTP based media stream to/from the MTSI client in terminal, the MTSI MGW shall transmit RTCP packets from and receive RTCP packets to the same port number.

For a given RTP based media stream to/from the remote network, the MTSI MGW shall transmit RTCP packets from and receive RTCP packets on the same port number, not necessarily the same port number as used to/from the MTSI client in terminal.

This facilitates inter-working with fixed/broadband access. However, the MTSI MGW may, based on configuration or local policy, accept RTCP packets that are not received from the same remote port where RTCP packets are sent by either the MTSI client in terminal or the remote network.
12.7.2.8
RTP usage
For AMR and AMR-WB encoded media, the MTSI MGW shall follow the same requirements when inter-working with other IP network as when inter-working with GERAN/UTRAN CS, see clause 12.3.2.1.

For a given RTP based media stream to/from the MTSI client in terminal, the MTSI MGW shall transmit RTP packets from and receive RTP packets to the same port number.

For a given RTP based media stream to/from the remote network, the MTSI MGW shall transmit RTP packets from and receive RTP packets on the same port number, not necessarily the same port number as used to/from the MTSI client in terminal.

This facilitates inter-working with fixed/broadband access. However, the MTSI MGW may, based on configuration or local policy, accept RTP packets that are not received from the same remote port where RTP packets are sent by either the MTSI client in terminal or the remote network.
12.7.2.9
Session setup and session modification
The MTSI MGW is a “middle-man” between the MTSI client in terminal inside the 3GPP IMS network and a non-3GPP IP network.

The MTSI MGW shall be capable of dynamically adding and dropping speech media during the session.

The MTSI MGW may use the original SDP offer received from the MTSI client in terminal when creating an SDP offer that is to be sent outbound to the remote network.

If the MTSI MGW adds codecs to the SDP offer then it shall follow the recommendations of Clause 12.7.2.3 when creating the outbound SDP offer and when selecting which codec to include in the outbound SDP answer.

If the MTSI MGW generates an SDP offer based on the offer received from the MTSI client in terminal, it should maintain the ptime and maxptime values as indicated by the MTSI client in terminal. If the MTSI MGW generates an SDP offer without using the SDP offer from the MTSI client in terminal then it should define the ptime and maxptime values in accordance in Clause 12.7.2.6, i.e. the preferred values for ptime and maxptime are 20 and 80 respectively.

If the MTSI MGW does not support AVPF (nor SDPCapNeg) then it shall not include the corresponding lines in the SDP offer that is sent to the remote network.

12.7.3
Explicit Congestion Notification

An MTSI MGW can be used to enable ECN within the local network when the local ECN-capable MTSI client in terminal is in a network that properly handles ECN-marked packets, and either the remote network cannot be confirmed to properly handle ECN-marked packets or the remote terminal does not support or use ECN.

If ECN is supported in the MTSI MGW, then the MTSI MGW shall also:

-
support RTP/AVPF and SDPCapNeg if the MTSI MGW supports RTCP AVPF ECN feedback messages;

-
be capable of enabling end-to-end rate adaptation between the local MTSI client in terminal and the remote client by performing the following towards the local MTSI client in terminal:

-
negotiate the use of ECN;

-
support ECN as described in this specification for the MTSI client in terminal, except that the MTSI MGW does not determine whether ECN can be used based on the Radio Access Technology.
NOTE:
The adaptation requests are transmitted between the local and the remote client without modification by the MTSI MGW.

An MTSI MGW can also be used to enable ECN end-to-end if the remote client uses ECN in a different way than what is described in this specification for the MTSI client in terminal, e.g. if the remote client only supports probing for the ECN initiation phase or it needs the RTCP AVPF ECN feedback messages.
12.7.4
Inter-working IPv4 and IPv6 networks
If different IP versions are used by the offerer and the answerer, information in the SDP offer or answer related to IP version and QoS negotiation should be modified appropriately by the MTSI MGW so that the offerer and the answerer agree with an identical or similar source bit-rates.
For video, b=AS in IPv6 should be assumed to be a product of b=AS in IPv4 and 1.05, rounded up to a nearest integer.
*** End change 2 ***
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