Page 1



3GPP TSG SA WG4 Meeting #50
S4-080572
Sophia Antipolis, France, 18th – 22th August 2008
	CR-Form-v9.4

	CHANGE REQUEST

	

	(

	26.102
	CR
	0019
	(

rev
	2
	(

Current version:
	7.1.0
	(


	

	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
	
	Radio Access Network
	x
	Core Network
	x


	

	Title:
(

	Addition of CS over IP User Plane

	
	

	Source to WG:
(

	Nokia Siemens Networks, Telefon AB LM Ericsson

	Source to TSG:
(

	S4

	
	

	Work item code:
(

	AoIP-CSoIP
	
	Date: (

	21/08/2008

	
	
	
	
	

	Category:
(

	B
	
	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)

	
	

	Reason for change:
(

	The Codec Usage for SIP-I based CS core network and the  AoIP interface need to be standardised

	
	

	Summary of change:
(

	Codecs accoding to Table 5.7.3.1 in TR 29.802 are added. Data call related codecs are removed, and GSM-HR and GSM-FR are added for AoIP support.

	
	

	Consequences if 
(

not approved:
	The Codec Usage for SIP-I based CS core network and the  AoIP interface is unspecified.

	
	

	Clauses affected:
(

	1, 2, 8, 9, 10

	
	

	
	Y
	N
	
	

	Other specs
(

	
	x
	 Other core specifications
(

	

	affected:
	
	x
	 Test specifications
	

	
	
	x
	 O&M Specifications
	

	
	

	Other comments:
(

	


1
Scope

The present document specifies the mapping of the AMR generic frame format (3GPP TS 26.101) to the Iu Interface (3GPP TS 25.415 [7]), the Uu Interface and the Nb Interface (3GPP TS 29.415). It further specifies the mapping of Enhanced Full Rate (GSM_EFR) coded speech and of PCM 64 kBit/s (ITU-T G.711 [9]) coded speech to the Nb Interface in a BICC-based circuit switched core network.
The present document also specifies the transport of the AMR Codec Types, the AMR-WB Codec Types, the GSM_EFR Codec, the GSM_FR Codec, the GSM_HR Codec and the ITU-T G.711 Codec over the A-Interface over IP (3GPP TS 48.002 [aa]) and the Nb-Interface in a SIP-I -based circuit switched core network (3GPP TS 23.231 [bb]).
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Nb Interface User Plane (CN) of a BICC-based Circuit Switched Core Network
The data structures exchanged on the Nb interface are symmetrical, i.e. the structures of the sent and received data frames are identical. 

8.1
Frame structure on the Nb UP transport protocol

Delivery of erroneous SDUs for AMR and GSM_EFR data and PCM coded speech on the Nb interface shall be set to: "YES".

Erroneous speech frames may be used to assist the error concealment procedures. Therefore, according to [1] and [7], PDU Type 0 (with payload CRC) shall be used for the transport of AMR and GSM_EFR coded speech on the Nb interface. 
PDU Type 0 (with payload CRC) shall be used for the transport of PCM coded speech on the Nb interface, too.

8.1.1
Initialisation

The initialisation procedure is used for support mode. At the initialisation several parameters are set by the CN. The initialisation procedure for the Nb Interface is described in [7].

8.1.2
Time Alignment Procedure

The handling of Time Alignment on the Nb Interface is described in [7].
The Time alignment procedure shall be dismissed in case of TFO and TrFO.

8.2
Mapping of the bits

8.2.1
Mapping for AMR frames

The mapping of the bits between the generic AMR frames and the PDU for the Nb Interface is identical to the mapping on the Iu Interface. In case of TrFO the MGW relays the AMR frames from the Iu Interface unaltered to the Nb Interface and vice versa, as described in [7].

8.2.2
Mapping for PCM Coded Speech

In case of transcoding within the MGW from PCM coded speech to AMR frames and vice versa the mapping for the PCM coded speech in 5ms frames on the Nb Interface shall be as defined in Table 8-1.

Table 8-1: Mapping of PCM Coded Speech in 5 ms frames onto Nb PDU, Type 0

	PDU field
	Comment

	PDU Type
	Type 0 (with Payload CRC)

	Frame Number
	as defined in [7]

	FQC
	set to "good"

	RFCI
	initialise by MGW, see [7],
one value required 

	Header CRC
	as defined in [7]

	Payload CRC
	as defined in [7]

	
	

	Payload Field
	40 octets of PCM coded speech,
in accordance with [8].


In case of transcoding within the MGW from PCM coded speech to AMR frames and vice versa the mapping for the PCM coded speech in 20ms frames on the Nb Interface shall be as defined in Table 8-2.
Table 8-2: Mapping of PCM Coded Speech in 20ms frames onto Nb PDU, Type 0

	PDU field
	Comment

	PDU Type
	Type 0 (with Payload CRC)

	Frame Number
	as defined in [7]

	FQC
	set to "good"

	RFCI
	initialised by MGW, see [7],
one value required 

	Header CRC
	as defined in [7]

	Payload CRC
	as defined in [7]

	
	

	Payload Field
	4x40 octets of PCM coded speech,
in accordance with [8].


5ms is the default packetisation time to be supported for PCM encoded speech over Nb. 20ms is an additional optional packetisation time for PCM encoded speech over IP Nb bearer that may be negotiated during bearer establishment as specified in [10]. 

Note: 
the use of 20ms packetisation time will result in higher delays over the speech path compared to the 5ms packetisation time. This potentially higher delay should be taken into account in the overall end to end (ear to mouth) delay budget.
9
Nb Interface User Plane (CN) of a SIP-I -based Circuit Switched Core Network

9.1
Overview
In a SIP-I -based Circuit Switched Core Network, as specified in 3GPP TS 23.231 [bb], RTP (IETF RFC 3550 [dd]) is used as framing protocol at the Nb interface, as further specified in 3GPP TS 29.414 [10]. Rules for the usage of RTP and RTCP in 3GPP TS 29.414 [10] are applicable in combination with further codec specific rules provided in the present specification.

Table 9.1.1 lists the applicable 3GPP Codec Types for a SIP-I -based Circuit Switched Core Network. Codecs for data transport are described in 3GPP TS 29.007 [xx].

Table 9.1.1 Supported Codec Types in a SIP-I -based Circuit Switched Core Network

	Payload Type Name
	References
	Remarks
	Support

	audio/AMR
	IETF RFC 4867 [ii]
	Applicable for FR_AMR, HR_AMR, OHR_AMR, UMTS_AMR and UMTS_AMR2
	Mandatory.

Not all AMR Configurations are mandatory. Some Configurations are preferred, see below.

	audio/AMR-WB
	IETF RFC 4867 [ii]

	Applicable for FR_AMR-WB, OHR_AMR-WB, OFR_AMR-WB, UMTS_AMR-WB
	Optional.
AMR-WB is mandatory, if WB speech is supported.

Not all WB Configurations are mandatory, see below

	audio/GSM_EFR
	IETF RFC 3551 [ee]
	Usefull if an A-interface over IP is attached or TFO is used.
	Optional

	audio/GSM_FR
	IETF RFC 3551 [ee]
	Usefull if an A-interface over IP is attached or TFO is used.
	Optional

	audio/GSM_HR
	<IETF Internet draft draft-wang-avt-rtp-gsm-hr-00> [ww]
	Usefull if an A-interface over IP is attached or TFO is used.


	Optional

	audio/PCMA
	IETF RFC 3551 [ee]
	ITU-T G.711 Alaw
	Mandatory

	audio/PCMU
	IETF RFC 3551 [ee]
	ITU-T G.711 ulaw
	Mandatory

	audio/telephone-event
	IETF RFC 4733 [hh] 
	Used to transport DTMF
	Mandatory



The RTP “Payload Type” number for the Nb-Interface is determined by the MSC-S (dynamic Payload Type).

9.2
AMR
AMR (FR_AMR, HR_AMR, OHR_AMR, UMTS_AMR and UMTS_AMR2) shall be encoded according to IETF RFC 4867 [ii].
The AMR Codec Types can be used in conversational speech telephony services in a number of different Codec Configurations. The set of preferred AMR Codec Configurations is defined in TS 28.062 [5], Table 7.11.3.1.3-2. One of these preferred Configurations, Config-NB-Code 1, is recommended for TFO-TrFO harmonisation between GSM and UMTS networks. This Configuration shall be supported in a SIP-I based circuit switched core network to enshure interoperability with an AoIP-based BSS. However, it is recommended that nodes in the core network support all AMR modes for maximum interoperability. 

The bandwidth efficient mode of RFC 4867 shall be used. CRC and robust sorting shall not be applied.

To avoid delay, a single frame shall be included in one RTP packet, Interleaving shall not be used, and a packetisation time of 20 msecs shall be applied.

Nodes in the core network (e.g. MGWs) transcoding between AMR and some other Codec shall observe the following rules:

· An AMR Encoder (sender) in the core network shall obey an AMR Codec Mode change period of 40ms, i.e. Codec Mode changes by the AMR Encoder (sender) in this core network node are only permissible at every second frame. This ensures maximum interoperability with any AMR receiver. 

· An AMR Decoder (receiver) shall, however, be able to accept Codec Mode changes at any time. 
Variations of the Codec Mode period in receive direction may happen due to handover or other events during a conversation. The UMTS_AMR Codec Type (only allowed in R99 UTRAN-only terminals) may change its Codec Mode any time. Other application of the AMR Codec Types (e.g. MTSI) may perform Codec Mode changes any time. This ensures maximum interoperability with any AMR sender.

· An AMR Encoder shall only change the Codec Mode to a neighbouring mode of the defined AMR Configuration (one step up or one step down), regardless which Rate Control command it receives. If necessary the AMR Encoder shall apply several Codec Mode changes in a row, if the received Rate Control command requests a change of more than one step. This ensures maximum interoperability with any AMR receiver, especially within GSM terminals.

· An AMR Decoder (receiver) shall, however, be able to accept Codec Mode changes in any step size. Variations of the Codec Mode in receive direction may happen due to handover or other events during a conversation. Other application of the AMR Codec Types (e.g. MTSI) may perform any Codec Mode changes. This ensures maximum interoperability with any AMR sender.
· DTX (SCR) shall be supported in send and receive direction.
AMR Rate Control shall use the CMR bits inside the RTP payload, both, in send and receive direction. RTCP shall not be used for AMR Rate Control in a CS core network.
9.3
AMR-WB

AMR-WB (FR_AMR-WB, OHR_AMR-WB, OFR_AMR-WB, UMTS_AMR-WB) shall be encoded according to IETF RFC 4867 [ii].
The AMR-WB Codec Types can be used in conversational speech telephony services in a number of different Codec Configurations. The set of AMR-WB Codec Configurations is defined in TS 26.103 [yy], Table 5.7-1. One of these Configurations, Config-WB-Code 0, shall be supported by all nodes supporting the AMR-WB codec in a SIP-I based circuit switched core network to enshure interoperability. However, it is recommended that nodes in the core network support all AMR-WB modes for maximum interoperability. 

The bandwidth efficient mode of RFC 4867 shall be used. CRC and robust sorting shall not be applied.

To avoid delay, a single frame shall be included in one RTP packet, Interleaving shall not be used, and a packetisation time of 20 msecs shall be applied.

Nodes in the core network (e.g. MGWs) transcoding between AMR-WB and some other Codec shall observe the following rules:

· An AMR-WB Encoder (sender) in the core network shall obey an AMR-WB Codec Mode change period of 40ms, i.e. Codec Mode changes by the AMR-WB Encoder (sender) in this core network node are only permissible at every second frame. This ensures maximum interoperability with any AMR-WB receiver. 

· An AMR-WB Decoder (receiver) shall, however, be able to accept Codec Mode changes at any time. 
Variations of the Codec Mode period in receive direction may happen due to handover or other events during a conversation. Other application of the AMR-WB Codec Types (e.g. MTSI) may perform Codec Mode changes any time. This ensures maximum interoperability with any AMR-WB sender.

· An AMR-WB Encoder shall only change the Codec Mode to a neighbouring mode of the defined AMR-WB Configuration (one step up or one step down), regardless which Rate Control command it receives. If necessary the AMR-WB Encoder shall apply several Codec Mode changes in a row, if the received Rate Control command requests a change of more than one step. This ensures maximum interoperability with any AMR-WB receiver, especially within GSM terminals.

· An AMR-WB Decoder (receiver) shall, however, be able to accept Codec Mode changes in any step size. Variations of the Codec Mode in receive direction may happen due to handover or other events during a conversation. Other application of the AMR-WB Codec Types (e.g. MTSI) may perform any Codec Mode changes. This ensures maximum interoperability with any AMR-WB sender.
· DTX (SCR) shall be supported in send and receive direction.
AMR-WB Rate Control shall use the CMR bits inside the RTP payload, both, in send and receive direction. RTCP shall not be used for AMR-WB Rate Control in a CS core network.
9.4
GSM_EFR

GSM_EFR shall be encoded according to IETF RFC 3551 [ee].

To avoid delay, a single frame shall be included in one RTP packet, Interleaving shall not be used, and a packetisation time of 20 msecs shall be applied.
DTX shall be supported in send and receive direction.
GSM_EFR frames received from some interface (e.g. a GSM radio interface via TFO) with a bad frame indication set to “bad” shall not be forwarded on the Nb-Interface, but silently discarded.
Note: RFC 3551 does not support the concept of Bad Frame Indication.
9.5
GSM_FR

GSM_FR shall be encoded according to IETF RFC 3551 [ee].

To avoid delay, a single frame shall be included in one RTP packet, Interleaving shall not be used, and a packetisation time of 20 msecs shall be applied.
DTX shall be supported in send and receive direction.
GSM_FR frames received from some interface (e.g. a GSM radio interface via TFO) with a bad frame indication set to “bad” shall not be forwarded on the Nb-Interface, but silently discarded.
Note: RFC 3551 does not support the concept of Bad Frame Indication.
9.6
GSM_HR

GSM_HR shall be encoded according to <the IETF Internet draft draft-wang-avt-rtp-gsm-hr-00 [ww]>.
To avoid delay, a single frame shall be included in one RTP packet, Interleaving shall not be used, and a packetisation time of 20 msecs shall be applied.
DTX shall be supported in send and receive direction.
GSM_HR frames received from some interface (e.g. a GSM radio interface via TFO) with a bad frame indication set to “bad” shall not be forwarded on the Nb-Interface, but silently discarded.
Note: RFC <...>does not support the concept of Bad Frame Indication.
9.7
PCM

PCMU and PCMA shall be encoded according to IETF RFC 3551 [ee]. 

The packetisation time for PCM is FFS.

9.8
Telephone-Event

Telephony-Event (DTMF) shall be encoded according to IETF RFC 4733 [hh].

The audio/telephone-event payload type in IETF RFC 4733 [hh] with default events and default rate shall be used to encode DTMF. 

10
A-Interface User Plane over IP

10.1
Overview
The A interface User Plane over IP (AoIP) is standardised in the 3GPP TS 48-series (mainly TS48.008).

For AoIP the same Codecs as described in Clause 9 are applicable, except telephone-event, see table 10.1.1. Those Codecs shall also be applied in the same manner as described in Clause 9, unless otherwise specified in the present Clause 10.

Table 10.1.1 Supported Codec Types for the A interface User Plane over IP 
	Payload Type Name
	References
	Remarks
	Support

	audio/AMR
	IETF RFC 4867 [ii]
	Applicable for FR_AMR, HR_AMR, OHR_AMR
	Optional.

Not all AMR Configurations are mandatory. Some Configurations are preferred, see chapter 9.

	audio/AMR-WB
	IETF RFC 4867 [ii]

	Applicable for FR_AMR-WB, OHR_AMR-WB, OFR_AMR-WB
	Optional. 
AMR-WB is mandatory, if WB speech is supported.

Not all AMR-WB Configurations are mandatory, see chapter 9

	audio/GSM_EFR
	IETF RFC 3551 [ee]
	
	Optional

	audio/GSM_FR
	IETF RFC 3551 [ee]
	
	Mandatory

	audio/GSM_HR
	<IETF Internet draft draft-wang-avt-rtp-gsm-hr-00> [ww]
	
	Optional

	audio/PCMA
	IETF RFC 3551 [ee]
	ITU-T G.711 Alaw
	Optional

	audio/PCMU
	IETF RFC 3551 [ee]
	ITU-T G.711 ulaw
	Optional



The RTP “Payload Type” for AoIP is pre-determined by TS <GERAN-number> (static payload type).

10.2
AMR
AMR (FR_AMR, HR_AMR, OHR_AMR) shall be encoded according to IETF RFC 4867 [ii].

The AMR Codec Types can be used in conversational speech telephony services in a number of different Codec Configurations. The set of preferred AMR Codec Configurations is defined in TS 28.062 [5], Table 7.11.3.1.3-2. One of these preferred Configurations, Config-NB-Code 1, is recommended for TFO-TrFO harmonisation between GSM and UMTS networks. This Configuration shall be supported in a BSS supporting AoIP to ensure interoperability. However, it is recommended that a BSS supports all AMR modes for maximum interoperability. 

The bandwidth efficient mode of RFC 4867 shall be used. CRC and robust sorting shall not be applied.

To avoid delay, a single frame shall be included in one RTP packet, Interleaving shall not be used, and a packetisation time of 20 msecs shall be applied.

DTX (SCR) shall be supported in send and receive direction.
AMR Rate Control shall use the CMR bits inside the RTP payload, both, in send and receive direction. RTCP shall not be used for AMR Rate Control in a CS network.
10.3
AMR-WB

AMR-WB (FR_AMR-WB, OHR_AMR-WB, OFR_AMR-WB) shall be encoded according to IETF RFC 4867 [ii].

The AMR-WB Codec Types can be used in conversational speech telephony services in a number of different Codec Configurations. The set of AMR-WB Codec Configurations is defined in TS 26.103 [yy], Table 5.7-1. One of these Configurations, Config-WB-Code 0, shall be supported by all nodes supporting the AMR-WB codec in a SIP-I based circuit switched core network to ensure interoperability. However, it is recommended that nodes in the core network support all AMR-WB modes for maximum interoperability. 

The bandwidth efficient mode of RFC 4867 shall be used. CRC and robust sorting shall not be applied.

To avoid delay, a single frame shall be included in one RTP packet, Interleaving shall not be used, and a packetisation time of 20 msecs shall be applied.

DTX (SCR) shall be supported in send and receive direction.
AMR-WB Rate Control shall use the CMR bits inside the RTP payload, both, in send and receive direction. RTCP shall not be used for AMR-WB Rate Control in a CS network.
10.4
GSM_EFR

GSM_EFR shall be encoded according to IETF RFC 3551 [ee].

To avoid delay, a single frame shall be included in one RTP packet, Interleaving shall not be used, and a packetisation time of 20 msecs shall be applied.
DTX shall be supported in send and receive direction.
Note: RFC 3551 does not support the concept of Bad Frame Indication. Therefore missing GSM_EFR frames in the AoIP downlink direction (e.g. discarded by a network node due to the missing bad frame indication) need to be properly treated within the BSS before sending downlink on the radio interface. Details are not specified.
10.5
GSM_FR

GSM_FR shall be encoded according to IETF RFC 3551 [ee].

To avoid delay, a single frame shall be included in one RTP packet, Interleaving shall not be used, and a packetisation time of 20 msecs shall be applied.
DTX shall be supported in send and receive direction.
Note: RFC 3551 does not support the concept of Bad Frame Indication. Therefore missing GSM_EFR frames in the AoIP downlink direction (e.g. discarded by a network node due to the missing bad frame indication) need to be properly treated within the BSS before sending downlink on the radio interface. Details are not specified.

10.6
GSM_HR

GSM_HR shall be encoded according to <the IETF Internet draft draft-wang-avt-rtp-gsm-hr-00 [ww]>.
To avoid delay, a single frame shall be included in one RTP packet, Interleaving shall not be used, and a packetisation time of 20 msecs shall be applied.
DTX shall be supported in send and receive direction.

Note: RFC <...> does not support the concept of Bad Frame Indication. Therefore missing GSM_HR frames in the AoIP downlink direction (e.g. discarded by a network node due to the missing bad frame indication) need to be properly treated within the BSS before sending downlink on the radio interface. Details are not specified.

10.7
PCM

PCMU and PCMA shall be encoded according to IETF RFC 3551 [ee].

The packetisation time for PCM on AoIP is FFS.
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