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7.2.3.2.2.2
SDP Media Description

If the O-MGCF indicates support of the SIP preconditions in the initial INVITE request and local preconditions have not been met, the SDP media description shall contain precondition information as per 3GPP TS 24.229 [9]. Depending on the coding of the continuity indicators different precondition information (IETF RFC 3312 [37]) is included. If the continuity indicator indicates "continuity performed on a previous circuit" or "continuity required on this circuit", and the INVITE is sent before receiving a COT, message (which is not recommended according to subclause 7.2.3.2.1.1), then the O-MGCF shall indicate that the preconditions are not met. Otherwise the O-MGCF shall indicate whether the preconditions are met, dependent on thestatus of the local resource reservation. If the local preconditions are not met the O-MGCF should set the media stream to inactive mode (by including an attribute "a=inactive"). If the local configuration indicates that O-MGCF is deployed in the IMS network that serves users supporting SIP precondition mechanism, the attribute "a=inactive" may be omitted when the initial SDP offer indicates local preconditions are not met. If the initial SDP offer indicates local preconditions are fulfilled, the O-MGCF shall not set the media stream to inactive mode.
If the O-MGCF determines that a speech call is incoming, the O-MGCF shall include the AMR codec transported according to IETF RFC 4867 [23] with the options listed in subclause 5.1.1 of 3GPP TS 26.236 [32] in the SDP offer, unless the Note below applies. Within the SDP offer, the O-MGCF should also provide SDP RR and RS bandwidth modifiers specified in IETF RFC 3556 [59] to disable RTCP, as detailed in subclause 7.4 of 3GPP TS 26.236 [32]. The O-MGCF may include other codecs according to operator policy.

NOTE:
If the O-MGCF is deployed in an IMS network that by local configuration serves no user equipment that implements the AMR codec, then the AMR codec may be excluded from the SDP offer.

To avoid transcoding or to support non-speech services, the O-MGCF may add media derived from the incoming ISUP information according to table 10b. The support of the media listed in table 10b is optional. If the O-MGCF supports the PSTN XML body as a network option and adds media derived from the incoming ISUP information according to table 10b, the O-MGCF shall also map the media related ISUP information into the XML body as shown in table 7.2.3.2.2.7.1.

Table 10b: Coding of SDP media description lines from TMR/USI: ISUP to SIP

	TMR parameter 
	USI parameter (Optional)
	HLC IE in ATP (Optional)
	m= line
	b= line
	a= line

	TMR codes
	Information Transfer-Capability
	User Information Layer 1 Protocol Indicator
	High Layer Characteristics Identification
	<media>
	<transport>
	<fmt-list>
	<modifier>:
<bandwidth-value>
	rtpmap:<dynamic-PT> <encoding name>/<clock rate>[/encoding parameters>

	"speech"
	"Speech"
	"G.711 μ-law"
	Ignore
	audio
	RTP/AVP
	0 (and possibly 8) (NOTE 1)
	AS: (64 + RTP/UDP/IP overhead)
	rtpmap:0 PCMU/8000

(and possibly rtpmap:8 PCMA/8000)

(NOTE 1)

	"speech"
	"Speech"
	"G.711 μ-law"
	Ignore
	audio
	RTP/AVP
	Dynamic PT (and possibly a second Dynamic PT)

(NOTE 1)
	AS: (64 + RTP/UDP/IP overhead)
	rtpmap:<dynamic-PT> PCMU/8000

(and possibly rtpmap:<dynamic-PT> PCMA/8000)

(NOTE 1)

	"speech"
	"Speech"
	"G.711 A-law"
	Ignore
	audio
	RTP/AVP
	8
	AS: (64 + RTP/UDP/IP overhead)
	rtpmap:8 PCMA/8000

	"speech"
	"Speech"
	"G.711 A-law"
	Ignore
	audio
	RTP/AVP
	Dynamic PT
	AS:(64 + RTP/UDP/IP overhead)
	rtpmap:<dynamic-PT> PCMA/8000

	"3.1 KHz audio"
	USI Absent
	
	Ignore
	audio
	RTP/AVP
	8
	AS:(64 + RTP/UDP/IP overhead)
	rtpmap:8 PCMA/8000

	"3.1 KHz audio"
	"3.1 KHz audio"
	"G.711 μ-law"
	(NOTE 3)
	audio
	RTP/AVP
	0 (and possibly 8)

(NOTE 1)
	AS:(64 + RTP/UDP/IP overhead)
	rtpmap:0 PCMU/8000

(and possibly rtpmap:8 PCMA/8000)

(NOTE 1)

	"3.1 KHz audio"
	"3.1 KHz audio"
	"G.711 A-law"
	(NOTE 3)
	audio
	RTP/AVP
	8
	AS:(64 + RTP/UDP/IP overhead)
	rtpmap:8 PCMA/8000

	"3.1 KHz audio"
	"3.1 KHz audio"
	
	"Facsimile Group 2/3"
	image
	Udptl [73]
	t38[73]
	AS:(64 + UDP/IP overhead)
	Based on ITU-T T.38 [72].

	"3.1 KHz audio"
	"3.1 KHz audio"
	
	"Facsimile Group 2/3"
	image
	Tcp
(NOTE 7)
	t38[73]
	AS:(64 + TCP/IP overhead)
	Based on ITU-T T.38 [72].

	"64 kbit/s preferred"
	"Speech/ 3.1KHz audio" (NOTE 6)
	N/A
	Ignore
	audio
	RTP/AVP
	Dynamic PT
	AS:(64 + RTP/UDP/IP overhead)
	rtpmap:<dynamic-PT> CLEARMODE/8000 

(NOTE 2)(NOTE 4)

	"64 kbit/s unrestricted"
	"Unrestricted digital information"
	N/A 
	Ignore
	audio
	RTP/AVP
	Dynamic PT
	AS:(64 + RTP/UDP/IP overhead)
	rtpmap:<dynamic-PT> CLEARMODE/8000 

(NOTE 2)(NOTE 5)

	NOTE 1:
Both PCMA and PCMU could be required.

NOTE 2:
CLEARMODE is specified in IETF RFC 4040 [69].

NOTE 3:
HLC is normally absent in this case. It is possible for HLC to be present with the value "Telephony", although 6.3.1/ITU-T Q.939 indicates that this would normally be accompanied by a value of "Speech" for the Information Transfer Capability element.

NOTE 4:
After the CLEARMODE codec, additional speech codecs such as AMR and/or G.722 and/or G.711 available via transcoding or reframing should be offered in the same m-line.

NOTE 5:
As alternative or in addition to the m-line containing the CLEARMODE codec, an MGCF supporting the multimedia interworking detailed in Annex E may add an m-line for speech codecs and an m-line for video codecs as detailed in this Annex.
NOTE 6:
In this case, the USI prime parameter will also be present and will indicate "Unrestricted Digital Information with tones/announcements".
NOTE 7:
This value is not recommended in a network supporting MTSI clients as it is not supported by an MTSI client (see 3GPP TS 24.173 [88]).


* * * Next Change * * * *

7.3.3.2.2.2
SDP Media Description

If the O-MGCF sends the INVITE request without waiting for the BICC bearer setup and any local resource reservation to complete, (which is not recommended according to subclause 7.3.3.2.1) it shall indicate that SIP preconditions are not met when the initial INVITE request indicates support of the SIP preconditions.

The SDP media description shall contain precondition information as per 3GPP TS 24.229 [9]. If the local preconditions are not met the O-MGCF should set the media stream to inactive mode (by including an attribute "a=inactive"). If the local configuration indicates that O-MGCF is deployed in the IMS network that serves users supporting SIP precondition mechanism, the attribute "a=inactive" may be omitted when the initial SDP offer indicates local preconditions are not met. If the initial SDP offer indicates local preconditions are fulfilled, the O-MGCF shall not set the media stream to inactive mode.

The O-MGCF shall include the AMR codec transported according to IETF RFC 4867 [23] with the options listed in subclause 5.1.1 of 3GPP TS 26.236 [32] in the SDP offer. Within the SDP offer, the O-MGCF should also provide SDP RR and RS bandwidth modifiers specified in IETF RFC 3556 [59] to disable RTCP, as detailed in subclause 7.4 of 3GPP TS 26.236 [32].

* * * Next Change * * * *

8.1.1.3
Rate control

The rate control procedure signals to the peer entity the maximum rate among the currently allowed rates at which it can receive codec frames. Rate control only applies to AMR family codec configurations with multiple active modes. On the Nb interface, IuFP provides for rate control via the exchange of RATE CONTROL and RATE CONTROL ACK PDUs. On the Mb interface, IETF RFC 4867 [23] provides for in-band rate control via the Codec Mode Request (CMR) field of every codec frame.

Interworking of rate control procedures at an IM-MGW between an Mb interface and a corresponding Nb interface only applies when the IM-MGW bridges compatible codec configurations between the interfaces without applying a transcoding function. An IM-MGW receiving a CMR from an Mb interface shall initiate the IuFP rate control procedure on the corresponding Nb interface. An IM-MGW receiving a rate control request on an Nb interface shall adjust the CMR field of outgoing speech frames on the corresponding Mb interface.
A IM-MGW may support the MTSI service defined in 3GPP TS 24.173 [88] and may then support codecs according to 3GPP TS 26.114 [104].

NOTE 1:
Alternative codec specifications for the MTSI service are listed in 3GPP TS 24.173 [88].

If the IM-MGW supports the MTSI service with the codecs according to 3GPP TS 26.114 [104] the IM-MGW should support reception of RTCP-APP-CMR messages as specified in the subclause 10.2.1 of 3GPP TS 26.114 [104] which can be sent by a MTSI client in the terminal. If the IM-MGW is in TrFO then RTCP-APP-CMR messages should be translated to the appropriate rate control method on the CS side (e.g. IuFP rate control or RTP based CMR) in the same way as for an RTP based CMR, described in the preceding paragraph.

NOTE 2:
When the IM-MGW is transcoding at the Mb interface then any RTCP-APP-CMR requests received from the MTSI client in the terminal when the IM-MGW is transcoding will result in a change to to DL codec mode towards the MTSI client terminal.
* * * Next Change * * * *

8.1.1.4
Frame quality indication

The Nb interface signals frame quality with the Frame Quality Classification (FQC) field of each speech frame PDU. See 3GPP TS 26.102 [50] and 3GPP TS 29.415 [26] for details. The FQC may have possible values: 0=frame_good; 1=frame_bad; 2=frame_bad_due_to_radio; and 3=spare. The Mb interface signals frame quality with the Q bit (frame quality indicator) field of each speech frame, as defined in IETF RFC 4867 [23]. The Q bit may have values: 1=speech_good; and 0=speech_bad or sid_bad.

Tables 24a and 24b provide the mapping between Mb and Nb interfaces.

Table 24a: Mapping of Mb (Q bit) onto Nb (FQC) 

	Mb - Qbit
	Mb - FT
	Nb - FQC

	1
	X
	0

	0
	X
	1


Table 24b: Mapping Nb onto Mb

	Nb - FQC
	Mb - Qbit
	Mb – FT

	0
	1
	NC

	1
	0
	NO_DATA

	2
	0
	NC


* * * Next Change * * * *

8.1.1.5
Framing

Even when the IM-MGW bridges compatible codec configurations between the Nb and Mb interfaces, the IM-MGW shall perform translation between the frame formats defined for the two interfaces, since all codec configurations have different framing procedures for the two interfaces. The framing details for Nb are defined in 3GPP TS 26.102 [50] and 3GPP TS 29.415 [26], although they do not describe the framing for ITU-T codecs other than G.711. The framing details for Mb are defined in IETF RFC 4867 [23], IETF RFC 3550 [51], IETF RFC 3551 [52] and IETF RFC 3555 [53].

* * * Next Change * * * *

8.3
Transcoding requirements

The IM CN subsystem supports the AMR codec as the native codec for basic voice services. For IM CN subsystem terminations, the IM MGW shall support the transport of AMR over RTP according to IETF RFC 4867 [23]. The MGCF shall support the options of IETF RFC 4867 [23] listed within subclause 5.1.1 of 3GPP TS 26.236 [32].

It shall be possible for the IM CN subsystem to interwork with the CS networks (e.g. PSTN, ISDN or a CS domain of a PLMN) by supporting AMR to G.711 transcoding (see ITU-T Recommendation G.711 [1]) in the IM-MGW. The IM-MGW may also perform transcoding between AMR and other codec types supported by CS networks.
* * * Next Change * * * *

B.2.5
Codec parameter translation between BICC CS network and the IM CN subsystem

The IM CN subsystem uses the Session Description Protocol (SDP, defined in IETF RFC 4566 [56]) to select and potentially re-negotiate the codec type and configuration and associated bearer format attributes to be used in the user plane. IETF RFC 3550 [51] defines the Real Time Protocol (RTP) for framing of all codecs in the user plane, IETF RFC 3551 [52] and IETF RFC 3555 [53] define the framing details for many of the ITU-T codecs, and IETF RFC 4867 [23] defines framing details for the AMR family of codecs. This subclause will focus only on codec-specific SDP parameters not already constrained by subclause 5.1.1 of 3GPP TS 26.236 [32]. The signalling plane of the IM CN subsystem uses SDP offer/answer procedures defined in IETF RFC 3264 [36] to select the desired codec type and configuration for the user plane from a prioritized list of codec types and configurations and to re-negotiate the user plane attributes as necessary.

The bearer independent CS network uses the Single Codec and Codec List information elements of the Application Transport Mechanism (APM) defined in ITU-T Recommendation Q.765.5 [35] to negotiate (offer and select) and potentially re-negotiate the codec type and configuration and associated bearer format attributes to be used in the user plane. 3GPP TS 29.414 [25] and 3GPP TS 29.415 [26] define the IuFP framing protocol for all codecs in the user plane for both ATM and IP transport, and 3GPP TS 26.102 [50] provides the framing details for AMR and PCM family codecs. The Codec List information element of the APM comprises multiple instances of the Single Codec information element in priority order, as shown in  figure 13 of ITU-T Recommendation Q.765.5 [35]. Figure 14 of ITU-T Recommendation Q.765.5 [35] defines the Single Codec information element. subclause 11.1.7.2 of ITU-T Recommendation Q.765.5 [35] defines the encoding of the Single Codec information element for the ITU-T codecs. 3GPP TS 26.103 [57] defines the encoding of the Single Codec information element for the 3GPP codecs, and table 7.11.3.1.3-2 of 3GPP TS 28.062 [58] defines the preferred configurations of the narrowband AMR codecs (Config-NB-Code) for interoperation with TFO. The signalling plane of the bearer independent CS network uses the APM to negotiate the desired codec type and configuration for the user plane from the prioritized list of codec types and to re-negotiate the user plane attributes as necessary.

The following subclauses define the translations between the SDP payload format parameters of the IM CN subsystem and the corresponding subfields of the Single Codec information element of the bearer independent CS network for certain 3GPP and ITU-T codecs. Following these translation rules will in many cases allow the IM-MGW to perform interworking between the framing protocols on the bearer interfaces to the BICC CS network and the IM CN subsystem without transcoding. Implementations may signal other codec types not listed herein or other codec configurations of codec types listed herein. Implementations may also choose to perform transcoding between codec configurations signalled separately for the bearer interfaces to the networks, if necessary, but voice quality may suffer.

* * * Next Change * * * *

B.2.5.1
Codec parameters for 3GPP AMR-NB codecs

Table B.1 shows the correspondence between the codec format parameters in the Single Codec information element (3GPP TS 26.103 [57]) and the SDP for the 3GPP narrowband AMR codecs (IETF RFC 4867 [23]). 

Table B.1: Mapping between Single Codec subfields and SDP parameters for 3GPP AMR-NB codecs

	Single Codec information element
	SDP payload format parameters

	Codec IDentification
	ACS, SCS, OM, MACS
	Payload Type number
	Encoding name
	Other Parameters

(NOTE 1) (NOTE 2)

	FR_AMR or OHR_AMR or

HR_AMR
	OM=0 or 

Selected Codec Type
	dynamic
	AMR
	mode-set=values corresponding to ACS (NOTE 3)

	FR_AMR or OHR_AMR or

HR_AMR
	(OM=1 or OM not present) and 

(Supported Codec List or Available Codec List)
	dynamic
	AMR
	mode-set=select from values corresponding to ACS, SCS and MACS (NOTE 3)



	UMTS_AMR
	OM=0 or 

Selected Codec Type
	dynamic
	AMR
	mode-set=values corresponding to ACS

	UMTS_AMR
	(OM=1 or OM not present) and 

(Supported Codec List or Available Codec List)
	dynamic
	AMR
	mode-set=select from values corresponding to ACS, SCS and MACS (NOTE 4)


	UMTS_AMR_2
	OM=0 or 

Selected Codec Type
	dynamic
	AMR
	mode-set=values corresponding to ACS (NOTE 5)

	UMTS_AMR_2
	(OM=1 or OM not present) and 

(Supported Codec List or Available Codec List)
	dynamic
	AMR
	mode-set=select from values corresponding to ACS, SCS and MACS (NOTE 3) (NOTE 5)

	NOTE 1:
Table 1 of IETF RFC 4867 [23] provides the correspondence between codec rates and AMR modes for use when generating the "mode-set" parameter. When all modes are selected for use, the "mode-set" parameter shall not be included in SDP.

NOTE 2:
SDP payload format configurations in this table with only one value in the "mode-set" parameter shall not include the "mode-change-period" and "mode-change-neighbor" parameters.

NOTE 3:
Payload types for FR_AMR, OHR_AMR and HR_AMR with more than one value in the "mode-set" parameter shall include the "mode-change-period=2", "mode-change-capability=2" parameters and should include the "mode-change-neighbor=1" parameter.

NOTE 4:
IETF RFC 4867 [23] does not currently provide a mechanism to signal the SCS, MACS or OM parameters in SDP, nor does it distinguish between the different AMR-NB codec types. Each AMR-NB codec type in the Supported Codec List or the Available Codec List with OM=1 should be translated into a list of SDP payload formats in priority order, where each includes a "mode-set" parameter with a unique value derived from the ACS, SCS and MACS. Each "mode-set" should correspond to a codec configuration that is compatible with the given codec type according to the compatibility rules defined in clauses 11 and 12 of 3GPP TS 28.062 [58].

NOTE 5:
Payload types for UMTS_AMR_2 should include the "mode-change-period=2", "mode-change-capability=2" and "mode-change-neighbor=1" parameters, normally used for signalling GSM AMR codecs, to assure end-to-end interoperability with OoBTC and TFO. Its actual capabilities would otherwise be signalled without these parameters.


Definitions:

Supported Codec List: contains the offered Codec Types and Configuration-possibilities of the node initiating codec negotiation in BICC (see also 3GPP TS 23.153). The Supported Codec List is sent from the initiating node forward to the terminating node. The Supported Codec List corresponds to an SDP offer during codec negotiation.

Available Codec List: contains the offered Codec Types and Configuration-possibilities of the contiguous portion of the connection between initiating and terminating BICC nodes, including all intermediate nodes through the BICC network(s). The Available Codec List is sent from the BICC node terminating codec negotiation backward to the initiating node. The Available Codec List corresponds to information sometimes available in a first-round SDP answer. The Available Codec List might not represent an end-to-end view of the available Codec Types and Configuration-possibilities when traversing both BICC and SIP networks.

Selected Codec Type: is determined by the node terminating codec negotiation. It specifies exactly the Codec Type and one unique Codec Configuration for the call. The Selected Codec Type corresponds to the final SDP answer.

When translating from a Single Codec information element to the equivalent SDP payload format parameters, where either OM=0 (in the Supported or Available Codec List) or the information element is the Selected Codec Type, the SDP shall include a single payload type and any associated parameters from the corresponding row in table B.1. When translating from a Single Codec information element to the equivalent SDP payload format parameters, where OM=1 in the Supported or Available Codec List, the SDP shall only include payload formats corresponding to Codec Configurations compatible with the offered ACS, SCS and MACS, according to table B.1. Since the number of compatible payload formats can be large, implementations should select a reasonable subset of the higher-priority payload formats for inclusion in the SDP. When translating a list of Single Codec information elements into SDP, duplicate payload types (matching on all parameters) shall be removed.

The following guidelines shall apply when translating from an SDP payload format specification to a Single Codec information element: 

-
If there is no "mode-set" parameter for a payload format in the SDP and the SDP is to be translated into a Supported or Available Codec List, then the corresponding Single Codec subfields shall be OM=1, MACS=8, all SCS modes offered, and ACS modes offered. Alternatively it is sufficient to specify only the Codec Type (see below) and omit the other parameters.

-
If there is no "mode-set" parameter for a payload format in an SDP answer that is to be translated into a Selected Codec Type, then the corresponding Single Codec subfields shall be derived from the payload type in the SDP offer (to which the SDP answer was sent in response).

-
If there is a "mode-set" parameter for a payload format in the SDP, then the corresponding Single Codec subfields shall be OM=0 and ACS modes selected according to the value of "mode-set". The SCS shall be set identical to the ACS and MACS shall be set to the number of modes in the ACS. If this "mode-set" does not represent a valid configuration for the Codec Type (determined by OoBTC procedures), then the payload format shall not be translated.

-
If a payload format in an SDP offer that is to be translated into a Supported Codec List includes "mode-change-period=2" parameter or includes "mode-change-capability=2" parameter, then the Codec IDentification value for the corresponding Single Codec shall be FR_AMR.

-
If a payload format in an SDP answer that is to be translated into a Selected Codec Type or Available Codec List includes "mode-change-period=2", then the Codec IDentification value for the corresponding Single Codec shall be one of FR_AMR, HR_AMR, OHR_AMR or UMTS_AMR_2, if offered in the Supported Codec List.

-
If a payload format in an SDP offer that is to be translated into a Supported Codec List does not include "mode-change-period=2" parameter and does not include "mode-change-capability=2" parameter, then the Codec IDentification value for the corresponding Single Codec shall be UMTS_AMR.

-
If a payload format in an SDP answer that is to be translated into a Selected Codec Type or Available Codec List does not include "mode-change-period=2" parameter and does not include "mode-change-capability=2" parameter, then the Codec IDentification value for the corresponding Single Codec shall be one of UMTS_AMR_2, FR_AMR, HR_AMR, OHR_AMR or UMTS_AMR, if offered in the Supported Codec List.

* * * Next Change * * * *

B.2.5.2
Codec parameters for 3GPP AMR-WB codecs

Table B.2 shows the correspondence between the codec format parameters in the Single Codec information element (3GPP TS 26.103 [57]) and the SDP for the 3GPP wideband AMR codecs (IETF RFC 4867 [23]).

Table B.2: Mapping between Single Codec subfields and SDP parameters for 3GPP AMR-WB codecs

	Single Codec information element
	SDP payload format parameters

	Codec IDentification
	Config-WB-Code
	Payload Type number
	Encoding name
	Other Parameters

(NOTE 1)

	FR_AMR-WB or

OHR_AMR-WB
	0
	dynamic
	AMR-WB
	mode-set=0,1,2 


	OFR_AMR-WB or
UMTS_AMR-WB
	0
	dynamic
	AMR-WB
	mode-set=0,1,2

(NOTE 2)

	OFR_AMR-WB or
UMTS_AMR-WB 
	1
	dynamic
dynamic
dynamic
	AMR-WB
AMR-WB
AMR-WB
	mode-set=0,1,2
mode-set=0,1,2,8
mode-set=0,1,2,4

(NOTE 2)

	OFR_AMR-WB or
UMTS_AMR-WB 
	2
	dynamic
	AMR-WB
	mode-set=0,1,2,4

(NOTE 2)

	OFR_AMR-WB or
UMTS_AMR-WB 
	3
	dynamic
dynamic
dynamic
	AMR-WB
AMR-WB
AMR-WB
	mode-set=0,1,2,4
mode-set=0,1,2,8
mode-set=0,1,2

(NOTE 2)

	OFR_AMR-WB or
UMTS_AMR-WB 
	4
	dynamic
	AMR-WB
	mode-set=0,1,2,8

(NOTE 2)

	OFR_AMR-WB or
UMTS_AMR-WB 
	5
	dynamic
dynamic
dynamic
	AMR-WB
AMR-WB
AMR-WB
	mode-set=0,1,2,8
mode-set=0,1,2,4
mode-set=0,1,2

(NOTE 2)

	NOTE 1:
Payload types for FR_AMR-WB, OHR_AMR-WB and OFR_AMR-WB shall include the "mode-change-period=2" and "mode-change-capability=2" parameters and should include the "mode-change-neighbor=1" parameter.

NOTE 2:
Payload types for UMTS_AMR-WB should include the "mode-change-period=2", "mode-change-capability=2" and "mode-change-neighbor=1" parameters, normally used for signalling GSM AMR-WB codecs, to assure end-to-end interoperability with OoBTC and TFO. Its actual capabilities would otherwise be signalled without these parameters. 


When translating from a Single Codec information element to the equivalent SDP payload format parameters, the SDP shall include a distinct payload type and any associated parameters for each row in the table that matches the Config-WB-Code parameter. For example, OFR_AMR-WB with Config-WB-Code=3 can generate three SDP payload types for AMR-WB, each including the "mode-change-period=2" parameter, the "mode-change-neighbor=1" parameter, and the "mode-set" parameter with value sets "0,1,2,4", "0,1,2,8", and "0,1,2", respectively. When translating a list of Single Codec information elements into SDP, duplicate payload types (matching on all parameters) shall be removed.

The following guidelines shall apply when translating from one or more SDP payload format specifications to a Single Codec information element:

-
Payload formats that match except for different values of "mode-set" shall be represented with the fewest values of Config-WB-Code, while retaining the priority represented by the order of the payload formats in the SDP. For example, three SDP payload types for AMR-WB, each including the "mode-change-period=2" parameter, the "mode-change-neighbor=1" parameter, and the "mode-set" parameter with value sets "0,1,2,4", "0,1,2,8", and "0,1,2", respectively, will generate Config-WB-Code=3.

-
If there is no "mode-set" parameter for a payload format in the SDP and the SDP is to be translated into a Supported or Available Codec List, then the corresponding Single Codec shall have a Config-WB-Code value of 1.

-
If there is no "mode-set" parameter for a payload format in an SDP answer that is to be translated into a Selected Codec Type, then the corresponding Config-WB-Code value shall be derived from the payload type in the SDP offer (to which the SDP answer was sent in response).

-
If a payload format in an SDP offer that is to be translated into a Supported Codec List includes "mode-change-period=2" parameter or includes "mode-change-capability=2" parameter, then the Codec IDentification value for the corresponding Single Codec shall be OFR_AMR-WB.

-
If a payload format in an SDP answer is to be translated into a Selected Codec Type or Available Codec List, then the Codec IDentification value for the corresponding Single Codec shall be one of OFR_AMR-WB, FR_AMR-WB, OHR_AMR-WB or UMTS_AMR-WB, if offered in the Supported Codec List.

-
If a payload format in an SDP offer that is to be translated into a Supported Codec List does not include "mode-change-period=2" parameter and does not include "mode-change-capability=2" parameter, then the payload format shall not be translated.

* * * Next Change * * * *

B.2.5.3
Codec parameters for 3GPP non-AMR codecs

Table B.3 shows the correspondence between the codec format parameters in the Single Codec information element (3GPP TS 26.103 [57]) and the SDP for the 3GPP non-AMR codecs (IETF RFC 4867 [23], IETF RFC 3551 [52], IETF RFC 3555 [53] and IETF RFC 5993 [114]).

Table B.3: Mapping between Single Codec subfields and SDP parameters for 3GPP non-AMR codecs

	Single Codec information element
	SDP payload format parameters

	Codec IDentification
	Payload Type number
	Encoding name
	Other Parameters

	GSM FR
	3
	GSM
	

	GSM HR
	dynamic
	GSM-HR-08
	

	GSM EFR (NOTE 1)
	dynamic
	GSM-EFR
	

	GSM EFR (NOTE 2)
	dynamic
	AMR
	mode-set=7

	TDMA EFR (NOTE 2)
	dynamic
	AMR
	mode-set=4

	PDC EFR (NOTE 2)
	dynamic
	AMR
	mode-set=3

	NOTE 1:
This translation for GSM EFR (GSM-EFR) is preferred to the alternative (AMR mode-set=7) if it is supported by the IM-MGW.

NOTE 2:
AMR DTX is not compatible with the DTX schemes for any of the codecs in this list. The IM-MGW may support these configurations without transcoding by providing interworking between the DTX procedures and frame encodings on the bearer interfaces to the BICC CS network and the IM CN subsystem.


* * * End of Changes * * * *
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