3GPP TSG SA4 MTSI ad-hoc #3
Tdoc S4-AHM075
11 – 13, Dec, 2006, Paris, France

Source:
Ericsson
Title:
Codec configuration updates
Document for:
Discussion and Approval
Agenda Item:
5
1 Introduction
In an internal review of the MTSI-MHI TS, ‎[1], it was discovered that a few clarifications were needed for the codec configuration. The required modifications are described below. Proposed TS text changes are also included.
· When offering wideband speech (AMR-WB) both the terminals and the MGWs must also offer narrowband speech. An offer for wideband may be rejected. Narrowband is needed as a fall-back solution. See change 1 and 2.
· When offering both wideband speech and narrowband speech, wideband speech must be listed as preferred over the narrowband speech. Otherwise wideband speech will not be used since all MTSI clients are required to support narrowband. See change 1 and 2.
· The definition of ptime in Table 7.1 was wrong for GAN. The maximum value should be 80, not 240, to indicate that a maximum of 4 non-redundant speech frames should be encapsulated in the RTP packet. In addition, it is suggested to replace the text ‘between 20 and 80’ with ’20, 40, 60 or 80’ to clarify that ptime should be a multiple of 20. The same change is also included in Table 7.2. Section 7.5.2.1.5 should also be clarified similarly. See change 3, 4 and 6 respectively.
· Sections 7.4.2.2 and 7.4.2.3 should clarify that the bandwidth-efficient payload format is preferred over the octet-aligned payload format. See change 3 and 4.
· The text defining that codec mode changes should be aligned to every other frame border is a codec operation issue and should not be defined in sections 7.4.2.2 and 7.4.2.3. The deleted text is already available in section 7.5.2.1.2. See change 3 and 4.
· In the MTSI ad-hoc at the SA4#41 meeting it was agreed to use RTCP-APP for voice adaptation. The text in section 7.5.2.1.2 needs to be updated accordingly. The MTSI terminal shall not send codec mode requests with the CMR bits in the payload format. It must however support receiving requests in the CMR bits for inter-working scenarios with CS UEs. See change 5.
· The note in section 7.5.2.1.5 can be removed. The text is more appropriate for section 9. See change 6.
· The parameter ‘max-red’ is missing in most SDP examples. The MTSI terminals should also set the max-red value to 220 instead of 160 to allow for using maximum redundancy offset (11 frames offset). A few additional changes are also proposed, mainly of editorial nature. See change 7.

2 Proposal
Adopt the proposed changes be included in the MTSI-MHI TS.
3 References
[1] S4-060749, 3GPP TS 26.114, IP Multimedia Subsystem (IMS); Multimedia Telephony; Media handling and interaction, v1.0.0.
[2] S4-060745, Draft Report of Multimedia Telephony Service for IMS (MTSI) ad-hoc meeting during SA4#41
--- Start change 1 ---

5.2.1.1
Terminals

MTSI terminals offering speech communication shall support

· AMR speech codec [11][12][13][14] including all 8 modes and source controlled rate operation ‎[15]. The terminal shall be capable of operating with any subset of these 8 codec modes.

The codec mode set Config-NB-Code=1 [16] {AMR-NB12.2, AMR-NB7.4, AMR-NB5.9 and AMR-NB4.75} should be used unless the session-setup negotiation determines that other codec modes shall be used.

When transmitting, the terminal shall be able of changing codec mode at every frame, and shall also be able to restrict codec mode changes to every other frame, e.g. like UMTS_AMR_2 [16]. It shall also be able to restrict codec mode changes to neighbouring modes. When receiving, the terminal shall allow codec mode changes at any frame to any mode within the codec mode subset.

MTSI terminals offering wideband speech communication at 16 kHz sampling frequency shall support

· AMR wideband codec ‎‎[17]‎[18]‎[19][20] including all 9 modes and source controlled rate operation ‎[21]. The terminal shall be capable of operating with any subset of these 9 codec modes.

The codec mode set Config-WB-Code=0 [16] {AMR-WB12.65, AMR-WB8.85 and AMR-WB6.60}should be used unless the session-setup negotiation determines that other codec modes shall be used.

When transmitting, the terminal shall be able of changing codec mode at every frame, and shall also be able to restrict codec mode changes to every other frame, e.g. like UMTS_AMR_WB‎ [16]. It shall also be able to restrict codec mode changes to neighbouring modes. When receiving, the terminal shall allow codec mode changes at any frame to any mode within the codec mode subset.
MTSI terminals offering wideband speech communication shall also offer narrowband speech communications. When offering both wideband speech and narrowband speech communication, wideband shall be the preferred communication format.

--- End change 1 ---

--- Start change 2 ---

5.2.1.2
Media gateways

Media gateways offering speech communication between MTSI clients and non-MTSI clients operating in the CS domain in GERAN and UTRAN should support Tandem-Free Operation (TFO) according to TS 28.062 [37], and Transcoder-Free Operation (TrFO), see TS 23.153 [38].

MTSI media gateways offering speech communication and supporting TFO and/or TrFO 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].

· Operation according to the UMTS_AMR_2 codec type with the Config-NB-Code 1 configuration as defined in [16].

MTSI media gateways should also support the other codec types and configurations as defined in [16].

When transmitting to the PS client, the media gateway shall be capable of restricting codec mode changes to be aligned to every other frame border, e.g. like UMTS_AMR_2 [16], and shall be capable of restricting codec mode changes to neighbouring modes within the negotiated codec mode set. The media gateway should be capable of changing codec mode aligned to every frame border and to any codec mode within the negotiated mode set. When receiving from the PS client, the media gateway shall allow codec mode changes at any frame border and to any codec mode within the negotiated codec mode set.

MTSI media gateways offering wideband speech communication and supporting TFO and/or TrFO at 16 kHz sampling frequency shall support:

· AMR wideband codec ‎12.65, 8.85 and 6.60 [17]‎[18]‎[19][20] and source controlled rate operation ‎[21].

· Operation according to the UMTS_AMR_WB codec type with the Config-WB-code 0 configuration as defined in [16].

MTSI media gateways offering wideband speech communication at 16 kHz sampling frequency should also support the other codec types and configurations as defined in [16].

When transmitting to the PS client, the media gateway shall be capable of restricting codec mode changes to be aligned to every other frame border, e.g. like UMTS_AMR_WB [16], and shall be capable of restricting codec mode changes to neighbouring modes within the negotiated codec mode set. The media gateway should be capable of changing codec mode aligned to every frame border and to any codec mode within the negotiated mode set. When receiving from the PS client, the media gateway shall allow codec mode changes at any frame border and to any codec mode within the negotiated codec mode set.

MTSI media gateways offering wideband speech communication shall also offer narrowband speech communications. When offering both wideband speech and narrowband speech communication, wideband shall be the preferred communication format.

--- End change 2 ---

--- Start change 3 ---

7.4.2.2
Terminals

MTSI terminals shall support both the bandwidth-efficient and the octet-aligned payload format. The bandwidth-efficient payload format shall be preferred over the octet-aligned payload format.
An MTSI terminal may or may not be aware of the radio access bearer to be used. In case the MTSI terminal is not aware of its own radio access bearer, it shall offer (in SDP) the parameters defined for “unknown” radio access bearer technology in Table 7.1. In case the MTSI terminal is aware of its own radio access bearer, it shall offer (in SDP) the corresponding parameters in Table 7.1.

An MTSI terminal shall not encapsulate more than 4 new speech frames in each RTP packet.

NOTE:
The terminology “new speech frames” refers to speech frames that have not been transmitted in any preceding packet. In case of redundancy, an RTP packet may contain up to 4 new speech frames and up to 8 redundant speech frames. Redundant speech frames are speech frames that have been transmitted in a preceding packet.
Table 7.1: Encapsulation parameters (to be used as defined above).

	Radio access bearer technology
	Encapsulate
	ptime 
	maxptime

	Unknown
	1 speech frame per RTP packet
	20
	240

	HSPA
	1 speech frame per RTP packet
	20
	240

	EDGE
	2 speech frames per RTP packet
	40
	240

	GAN
	1-12 speech frames per RTP packet
	20, 40, 60 or 80
	240


For all radio access bearer technologies, the bandwidth-efficient payload format should be used unless the session setup concludes that the octet-aligned payload format is the only payload format that all parties support. The SDP offer shall include an RTP payload type where octet-align=0 is defined or where octet-align is not specified and should include another RTP payload type with octet-align=1. MTSI terminals offering wide-band speech shall offer these parameters and parameter settings also for the RTP payload types used for wide-band speech. 


For examples of SDP offers and answers, see Annex A.

--- End change 3 ---

--- Start change 4 ---

7.4.2.3
Media gateways

MTSI media gateways shall support the bandwidth efficient payload format and should support the octet-aligned payload format. When offering both payload formats, the bandwidth-efficient payload format shall be preferred over the octet-aligned payload format.
The MTSI media gateway shall use the parameters defined in Table 7.2 during the session, unless the remote side does prevent it.

For all access technologies, in normal operating conditions the MTSI media gateway should encapsulate the number of non-redundant speech frames in the RTP packets that corresponds to the ptime value defined in Table 7.2. The MTSI media gateway may encapsulate more non-redundant speech frames in the RTP packet but shall not encapsulate more than 4 non-redundant speech frames in the RTP packets. The MTSI media gateway may encapsulate any number of redundant speech frames in an RTP packet but the length of an RTP packet, measured in ms, shall never exceed the maxptime value.

Table 7.2: Recommended encapsulation parameters.

	Access technology
	Recommended encapsulation
	ptime 
	maxptime when redundancy is not supported
	maxptime when redundancy is supported

	Unknown
	1 non-redundant speech frame per RTP packet

Max 4 or 12 speech frames in total depending on whether redundancy is supported
	20
	80
	240

	HSPA
	1 non-redundant speech frame per RTP packet

Max 4 or 12 speech frames in total depending on whether redundancy is supported
	20
	80
	240

	EGPRS
	2 non-redundant speech frames per RTP packet

Max 4 or 12 speech frames in total depending on whether redundancy is supported
	40
	80
	240

	GAN
	1-4 non-redundant speech frames per RTP packet

Max 12 speech frames in total
	20, 40, 60 or 80
	N/A
	240


The SDP offer shall include an RTP payload type where octet-align=0 is defined or where octet-align is not specified and should include another RTP payload type with octet-align=1. MTSI media gateways offering wide-band speech shall offer these parameters and parameter settings also for the RTP payload types used for wide-band speech.


MTSI media gateways should support redundancy according to clause 9. MTSI media gateways being aware of the used access technology and knowing that the Generic Access technology is used shall support redundancy according to clause 9.

--- End change 4 ---

--- Start change 5 ---

7.5.2.1.2
Default operation

If AMR is used, the codec mode set Config-NB-Code=1 [16] {AMR-NB12.2, AMR-NB7.4, AMR-NB5.9 and AMR-NB4.75} should be used unless the session-setup negotiation determines that other codec modes shall be used.

If AMR-WB is used, the codec mode set Config-WB-Code=0 [16] {AMR-WB12.65, AMR-WB8.85 and AMR-WB6.60} should be used unless the session-setup negotiation determines that other codec modes shall be used.

In the transmitted media, codec mode changes should be performed only every 40 msec and should be performed to one of the neighbouring modes. In the received media, codec mode changes shall be accepted at any time and to any mode.

The adaptation of codec mode, aggregation and redundancy is defined in clause 10.2. The MTSI terminal should not set the CMR bits in the AMR payload format. It must however accept requests signalled with the CMR bits.
The AMR bandwidth-efficient payload format should be used unless the session setup determines that the octet-aligned payload format must be used.

The terminal should send one speech frame encapsulated in each RTP packet unless the session setup defines that another PS end-point wants to receive another encapsulation variant.

The terminal should request to receive one speech frame encapsulated in each RTP packet but shall accept any number of frames per RTP packet up to the maximum limit of 12 speech frames per RTP packet.

For application-layer redundancy, see clause 9.2.

--- End change 5 ---

--- Start change 6 ---

7.5.2.1.5
GAN

Use default operation, except that

· the terminal should send 0, 1, 2, 3 or 4 new speech frames encapsulated in each RTP packet and should request receiving 1 to 4 speech frames in each RTP packet;

· the terminal may use application layer redundancy, in which case the terminal may encapsulate up to 12 speech frames in each RTP packet, with a maximum of four new speech frames and maximum 8 redundant speech frames.


Editor’s note:
Regarding the NOTE above, see Editor’s note in clause 9.2.
--- End change 6 ---

--- Start change 7 ---

A.1
SDP offers for sessions initiated by terminal

A.1.1
HSPA or unknown access technology

A.1.1.1
Only AMR-NB supported by MTSI terminal

In this example one RTP Payload Type (97) is defined for the bandwidth-efficient payload format and another RTP payload type (98) for the octet-aligned payload format. In this case, the terminal supports mode changes at any time, mode changes to any mode and mode change restrictions.
Table A.1: SDP example no 1

	SDP offer

	m=audio 49152 RTP/AVP 97 98

a=rtpmap:97 AMR/8000/1

a=fmtp:97 mode-change-capability=2; max-red=220
a=rtpmap:98 AMR/8000/1
a=fmtp:98 mode-change-capability=2; max-red=220; octet-align=1

a=ptime:20

a=maxptime:240


Comments:

The UDP port number (49152) and the payload type numbers (97 and 98) are examples and the offerer is free to select other numbers within the restrictions of the UDP and RTP specifications. It is recommended to use the dynamic port numbers in the 49152 to 65535 range. RTP should use even numbers for RTP media and the next higher odd number for RTCP. It is however allowed to use any number within the registered port range 1024 to 49151. The receiver must be capable of using any combination of even and odd numbers for RTP and RTCP.

It is important that the terminal does not define any mode-set because then the answerer is free to respond with any mode-set that it can support. If the terminal would define mode-set to any value, then the answer only has the option to either accept it or reject it. The latter case might require several ping-pong between the end-points before they can reach an agreement on what mode set to use in the session. This would increase the setup time significantly. This is also one important reason for why the terminals must support the complete codec mode set of the AMR and AMR-WB codecs, because then a media gateway interfacing GERAN or UTRAN can immediately define the mode-set that it supports on the GERAN or UTRAN circuit switched access.

Since the terminal is required to support mode changes at any frame border and also to any mode in the received media stream, it does not set the mode-change-period and mode-change-neighbor parameters.

The mode-change-capability and max-red parameter are new in the updated AMR payload format [28]. With mode-change-capability=2, the terminal shows that it does support aligning mode changes every other frame and the answerer then knows that requesting mode-change-period=2 in the SDP answer will work properly. The max-red parameter indicates the maximum interval between a non-redundant frame and a redundant frame. Note that the maxptime and max-red parameters do not need to be synchronized.
The payload type for the bandwidth-efficient payload format (97) is listed before the payload type for the octet-aligned payload format (98) because it is the preferred one.

With the combination of ptime:20 and maxptime:240, the terminal shows that it desires to receive one speech frame per packet but can handle up to 12 speech frames per packet. Given the requirement that no more than 4 original speech frames can be encapsulated in one packet, the maxptime:240 setting means that redundancy with up to 8 redundant speech frames per packet is supported.

A.1.1.2
AMR and AMR-WB are supported by MTSI terminal

A.1.1.2.1
One-phase approach

The size of the SDP may become quite big, depending on how many configurations the terminal supports for different media. Therefore, the session setup may be divided into phases where the most desirable configurations are offered in the first phase. If the first phase fails, then the remaining configurations can be offered in a second phase.

In Table A.2 an example is shown where a one-phase approach is used and where the SDP includes both AMR and AMR-WB and both the bandwidth-efficient and octet-aligned payload formats.

Table A.2: SDP example no 2, one-phase approach

	SDP offer

	m=audio 49152 RTP/AVP 97 98 99 100

a=rtpmap:97 AMR-WB/16000/1

a=fmtp:97 mode-change-capability=2; max-red=220
a=rtpmap:98 AMR-WB/16000/1

a=fmtp:98 mode-change-capability=2; max-red=220; octet-align=1

a=rtpmap:99 AMR/8000/1

a=fmtp:99 mode-change-capability=2; max-red=220
a=rtpmap:100 AMR/8000/1

a=fmtp:100 mode-change-capability=2; max-red=220; octet-align=1

a=ptime:20

a=maxptime:240


Comments:

It is easy to imagine that the SDP offer can become quite large if the client supports many different configurations for one or several media.

A.1.1.2.2
Two-phase approach

Tables A.3 and A.4 show the same configurations as in Table A.2 but when the SPD has been divided into 2 phases.

Table A.3: SDP example no 3, 1st phase SDP offer

	SDP offer

	m=audio 49152 RTP/AVP 97 98

a=rtpmap:97 AMR-WB/16000/1

a=fmtp:97 mode-change-capability=2; max-red=220
a=rtpmap:98 AMR/8000/1

a=fmtp:98 mode-change-capability=2; max-red=220
a=ptime:20

a=maxptime:240


Table A.4: SDP example no 4, 2nd phase SDP offer
	SDP offer

	m=audio 49152 RTP/AVP 97 98

a=rtpmap:97 AMR-WB/16000/1

a=fmtp:97 mode-change-capability=2; max-red=220; octet-align=1

a=rtpmap:98 AMR/8000/1
a=fmtp:98 mode-change-capability=2; max-red=220; octet-align=1

a=ptime:20

a=maxptime:240


Comments:
Many types of media and maybe even many different configurations for some or all media types, may give quite large SIP messages. When constructing the offer, the access type and the radio bearer(s) for the answerer are not yet known. To maintain a reasonable setup time, a 2-phase approach may be useful where the most desirable configurations are included in the 1st phase and the 2nd phase is entered only if all payload types for one media type are rejected.

There is however a drawback with the two-phase approach. If the 2nd phase is not entered, then a cell change that would require configurations from the 2nd phase SDP is likely to give long interruption times, several seconds, while the session parameters are re-negotiated.

A.1.2
EDGE

In this example one RTP Payload Type (97) is defined for the bandwidth-efficient payload format and another RTP Payload Type (98) is defined for the octet-aligned payload format.
Table A.5: SDP example no 5
	SDP offer

	m=audio 49152 RTP/AVP 97 98

a=rtpmap:97 AMR/8000/1

a=fmtp:97 mode-change-capability=2; max-red=220
a=rtpmap:98 AMR/8000/1

a=fmtp:98 mode-change-capability=2; max-red=220; octet-align=1

a=ptime:40

a=maxptime:240


Comments:

The only difference compared with the SDP offer for HSPA is ptime:40. This definition is used to optimize capacity by reducing the amount of overhead that lower layers introduce. Defining ptime:20 will also work, but will be less optimal. Thus, when performing a cell change from HSPA to EDGE, it is not an absolute necessity to update the session parameters immediately. It can be done after a while, which would also reduce the amount of SIP signalling if a UE is switching frequently between HSPA and EDGE or some other access type. 
It may be wise to set the max-red parameter to an even multiple of the ptime even though it is not required.
A.1.3
Generic Access

In this example one RTP Payload Type (97) is defined for the bandwidth-efficient payload format and another RTP Payload Type (98) is defined for the octet-aligned payload format.
Table A.6: SDP example no 6
	SDP offer

	m=audio 49152 RTP/AVP 97 98

a=rtpmap:97 AMR/8000/1

a=fmtp:97 mode-change-capability=2; max-red=220
a=rtpmap:98 AMR/8000/1

a=fmtp:98 mode-change-capability=2; max-red=220; octet-align=1

a=ptime:80

a=maxptime:240


Comments:

In this case the terminal has detected that the load on the WLAN network is quite high and therefore ptime is set to 80. For other operating conditions, it could set ptime to 20, 40 or 60. This parameter may be updated during the session if the load of the WLAN network changes.
A.2
SDP offers for sessions initiated by media gateway

A.2.1
General

These examples show only SDP offers when the MTSI media gateway does not support the same configurations as for the MTSI terminal in clause A.1. A media gateway supporting the same configurations as for the examples in clause A.1 should create the same SDP offers.

A.2.2
MGw between GERAN UE and MTSI

This example shows the SDP offer when the call is initiated from GSM CS using the AMR with the {12.2, 7.4, 5.9 and 4.75} codec mode set. In this example, it is also assumed that only the bandwidth-efficient payload format is supported and that it will not send any redundant speech frames.
Table A.7: SDP example no 7
	SDP offer

	m=audio 49152 RTP/AVP 97

a=rtpmap:97 AMR/8000/1

a=fmtp:97 mode-set=0,2,4,7; mode-change-period=2, \

  mode-change-neighbor=1; mode-change-capability=2; max-red=0
a=ptime:20

a=maxptime:80


Comments:

Since the MGw only supports a subset of the AMR codec modes, it needs to indicate this in the SDP. The same applies for the mode change restrictions.

The broken a=fmtp line (“\”) is in reality one single line in a real SDP.
A.2.3
MGw between legacy UTRAN UE and MTSI

This example shows the SDP offer when the call is initiated from legacy UTRAN CS mobile that only the AMR 12.2 mode. In this example, it is also assumed that only the bandwidth-efficient payload format is supported.
Table A.8: SDP example no 8
	SDP offer

	m=audio 49152 RTP/AVP 97

a=rtpmap:97 AMR/8000/1

a=fmtp:97 mode-set=7; max-red=0

a=ptime:20

a=maxptime:20


Comments:

Since only one mode is supported, the mode-change-period, mode-change-neighbor and mode-change-capability parameters do not apply.

In this case it is advisable to not allow redundancy since the legacy UTRAN CS mobile does not support any lower rate codec modes and then redundancy would almost double the bit rate on the PS access side. Therefore, maxptime is set to 20 and max-red is set to 0.

If a mode-set with several codec modes was defined and if max-red and maxptime are set to larger values than what Table A.8 shows, then redundancy is possible on the PS access side but not together with TFO.
A.2.4
MGw between CS UE and MTSI

This example shows the SDP offer when two mode sets are supported by the MGw.

Table A.9: SDP example no 9
	SDP offer

	m=audio 49152 RTP/AVP 97 98

a=rtpmap:97 AMR/8000/1

a=fmtp:97 mode-set=0,2,4,7; mode-change-period=2, \

  mode-change-neighbor=1; mode-change-capability=2; max-red=20

a=rtpmap:98 AMR/8000/1

a=fmtp:98 mode-set=0,3,5,6; mode-change-period=2, \

  mode-change-neighbor=1; mode-change-capability=2; max-red=20

a=ptime:20

a=maxptime:80


Comments:

Redundancy up to 100% is supported in this case since max-red is set to 20.

A.3
SDP answers

A.3.1
General

This clause gives a few examples of possible SDP answers. The likelihood of these SDP answers may vary from case to case. It is impossible to cover all the possible variants and hence these examples were selected because they span the range quite well.

The SDP offers are included to clarify what is being answered.
A.3.2
SDP answer from an MTSI UE

These SDP offers and answers are likely when both UEs support AMR and AMR-WB and also both the bandwidth-efficient and the octet-aligned payload formats.
Table A.10: SDP example no 10

	SDP offer

	m=audio 49152 RTP/AVP 97 98 99 100

a=rtpmap:97 AMR-WB/16000/1

a=fmtp:97 mode-change-capability=2; max-red=220
a=rtpmap:98 AMR-WB/16000/1

a=fmtp:98 mode-change-capability=2; max-red=220; octet-align=1

a=rtpmap:99 AMR/8000/1

a=fmtp:99 mode-change-capability=2; max-red=220
a=rtpmap:100 AMR/8000/1

a=fmtp:100 mode-change-capability=2; max-red=220; octet-align=1

a=ptime:20

a=maxptime:240

	SDP answer

	m=audio 49152 RTP/AVP 97 98 99 100

a=rtpmap:97 AMR-WB/16000/1

a=fmtp:97 mode-change-capability=2; max-red=220
a=rtpmap:98 AMR-WB/16000/1

a=fmtp:98 mode-change-capability=2; max-red=220; octet-align=1

a=rtpmap:99 AMR/8000/1

a=fmtp:99 mode-change-capability=2; max-red=220
a=rtpmap:100 AMR/8000/1

a=fmtp:100 mode-change-capability=2; max-red=220; octet-align=1

a=ptime:20

a=maxptime:240


Comments:

Since both UEs support the same configurations, it is likely that the answer is identical to the offer. The conclusion from this offer-answer process is that AMR-WB will be used during the session with RTP Payload Type 97.

Even though both UEs support all codec modes, it is desirable to mainly use the codec modes from the AMR {12.2, 7.4, 5.9 and 4.75} and AMR-WB {12.65, 8.85 and 6.60} mode sets because the transport layer functions are optimized for these modes.

For similar reasons it is also desirable to encapsulate only 1 speech frame per packet, even though both UEs support receiving several frames per packet.

A.3.3
SDP answer from an MTSI UE supporting only AMR

These SDP offers and answers are likely when the answering UE support only AMR.
Table A.11: SDP example no 11

	SDP offer

	m=audio 49152 RTP/AVP 97 98 99 100

a=rtpmap:97 AMR-WB/16000/1

a=fmtp:97 mode-change-capability=2; max-red=220
a=rtpmap:98 AMR-WB/16000/1

a=fmtp:98 mode-change-capability=2; max-red=220; octet-align=1

a=rtpmap:99 AMR/8000/1

a=fmtp:99 mode-change-capability=2; max-red=220
a=rtpmap:100 AMR/8000/1

a=fmtp:100 mode-change-capability=2; max-red=220; octet-align=1

a=ptime:20

a=maxptime:240

	SDP answer

	m=audio 49152 RTP/AVP 99 100

a=rtpmap:99 AMR/8000/1

a=fmtp:99 mode-change-capability=2; max-red=220
a=rtpmap:100 AMR/8000/1

a=fmtp:100 mode-change-capability=2; max-red=220; octet-align=1

a=ptime:20

a=maxptime:240


Comments:

In the answer, RTP Payload Types 97 and 98 have been removed since AMR-WB is not supported.

A.3.4
SDP answer from an MTSI UE camping on EDGE

In this case the answering UE is using EDGE access.
Table A.13: SDP example no 12

	SDP offer

	m=audio 49152 RTP/AVP 97 98 99 100

a=rtpmap:97 AMR-WB/16000/1

a=fmtp:97 mode-change-capability=2; max-red=220
a=rtpmap:98 AMR-WB/16000/1

a=fmtp:98 mode-change-capability=2; max-red=220; octet-align=1

a=rtpmap:99 AMR/8000/1

a=fmtp:99 mode-change-capability=2; max-red=220
a=rtpmap:100 AMR/8000/1

a=fmtp:100 mode-change-capability=2; max-red=220; octet-align=1

a=ptime:20

a=maxptime:240

	SDP answer

	m=audio 49152 RTP/AVP 97 98 99 100

a=rtpmap:97 AMR-WB/16000/1

a=fmtp:97 mode-change-capability=2; max-red=200
a=rtpmap:98 AMR-WB/16000/1

a=fmtp:98 mode-change-capability=2; max-red=200; octet-align=1

a=rtpmap:99 AMR/8000/1

a=fmtp:99 mode-change-capability=2; max-red=200
a=rtpmap:100 AMR/8000/1

a=fmtp:100 mode-change-capability=2; max-red=200; octet-align=1

a=ptime:40

a=maxptime:240


Comments:

The answering UE responds that it desires to receive 2 frames encapsulated in each packet. It will however send with 1 frame per packet since the offering UE desires to receive this format. A future SIP UPDATE may change this so that 2 frames per packet are used in both directions.
The answering UE also responds with max-red defined to 200 ms since this is the closes multiple of the desired frame aggregation. It should however be noted that it is not a requirement to define max-red  to be a multiple of ptime, but it may be wise to do so.
A.3.5
SDP answer from MGw supporting only one codec mode set for AMR and AMR-WB each

In this case the MGw supports only one codec mode set for AMR, {12.2, 7.4, 5.9 and 4.75}, and one codec mode set for AMR-WB, {12.65, 8.85 and 6.60}. The MGw also only supports the bandwidth-efficient payload format.

Table A.13: SDP example no 13

	SDP offer (from UE on HSPA)

	m=audio 49152 RTP/AVP 97 98 99 100

a=rtpmap:97 AMR-WB/16000/1

a=fmtp:97 mode-change-capability=2; max-red=220
a=rtpmap:98 AMR-WB/16000/1

a=fmtp:98 mode-change-capability=2; max-red=220; octet-align=1

a=rtpmap:99 AMR/8000/1

a=fmtp:99 mode-change-capability=2; max-red=220
a=rtpmap:100 AMR/8000/1

a=fmtp:100 mode-change-capability=2; max-red=220; octet-align=1

a=ptime:20

a=maxptime:240

	SDP answer (from MGw)

	m=audio 49152 RTP/AVP 97 99

a=rtpmap:97 AMR-WB/16000/1

a=fmtp:97 mode-set=0,1,2; mode-change-period=2, mode-change-neighbor=1; \

  mode-change-capability=2; max-red=0
a=rtpmap:99 AMR/8000/1

a=fmtp:99 mode-set=0,2,4,7; mode-change-period=2, mode-change-neighbor=1; \

  mode-change-capability=2; max-red=0
a=ptime:20

a=maxptime:80


Comments:

The MGw is allowed to define the mode-set parameter since the UE did not define it. Thereby, it is possible to avoid several SDP offers and answers.

Since the UE has defined that it does support restrictions in mode changes, the MGw can safely set the mode-change-period and mode-change-neighbor parameters.
In this example, the MGw also does not support redundancy so it sets max-red to zero.
A.3.6
SDP answer from UE on HSPA for session initiated from MGw interfacing UE on GERAN

This example shows the offers and answers for a session between a GERAN CS client, through a media gateway, and a MTSI client.

Table A.14: SDP example no 14
	SDP offer (from MGw)

	m=audio 49152 RTP/AVP 97

a=rtpmap:97 AMR/8000/1

a=fmtp:97 mode-set=0,2,4,7; mode-change-period=2, \

  mode-change-neighbor=1; mode-change-capability=2; max-red=0
a=ptime:20

a=maxptime:20

	SDP answer (from UE)

	m=audio 49152 RTP/AVP 97

a=rtpmap:97 AMR/8000/1

a=fmtp:97 mode-set=0,2,4,7; mode-change-period=2, \

  mode-change-neighbor=1; mode-change-capability=2; max-red=0
a=ptime:20

a=maxptime:240


Comments:

The media gateway offers only a restricted mode set since it cannot support anything else. The MTSI client has to accept this, if it wants to continue with the session setup.

This example also shows that the media gateway want to receive 1 frame per packet. The maxptime parameter is therefore set to 20. With max-red set to 0 the media gateway also shows that it will not send redundancy. The MTSI client can support receiving up to 12 frames per packet. It therefore set the maxptime parameter to 240. The UE detects that the media gateway does not want to receive redundancy and therefore sets max-red to 0.
--- End change 7 ---

