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*** Start change 1 ***

1
Scope

The present document specifies a client for the Multimedia Telephony Service for IMS (MTSI) supporting conversational speech (including DTMF), video and text transported over RTP with the scope to deliver a user experience equivalent to or better than that of Circuit Switched (CS) conversational services using the same amount of network resources. It defines media handling (e.g. signalling, transport, jitter buffer management, packet-loss handling, adaptation), as well as interactivity (e.g. adding or dropping media during a call). The focus is to ensure a reliable and interoperable service with a predictable media quality, while allowing for flexibility in the service offerings.

The scope includes maintaining backward compatibility in order to ensure seamless inter-working with existing services available in the CS domain, such as CS speech and video telephony, as well as with terminals of earlier 3GPP releases. In addition, inter-working with traditional PSTN and emerging TISPAN network is covered.

The specification is written in a forward-compatible way in order to allow additions of media components and functionality in releases after Release 7.

NOTE 1:
MTSI clients can support more than conversational speech, video and text, which is the scope of the present document. See 3GPP TS 22.173 [2] for the definition of the Multimedia Telephony Service for IMS.

NOTE 2:
3GPP TS 26.235 [3] and 3GPP TS 26.236 [4] do not include the specification of an MTSI client, although they include conversational multimedia applications. Only those parts of 3GPP TS 26.235 [3] and 3GPP TS 26.236 [4] that are specifically referenced by the present document apply to Multimedia Telephony Service for IMS.

NOTE 3:
The present document was started as a conclusion from the study in 3GPP TR 26.914 [5] on optimization opportunities in Multimedia Telephony for IMS (3GPP TR 22.973 [6]).

NOTE 4:
For ECN, the present specification assumes that an interface between the MTSI client and the IP layer is implemented such that it allows for reading and writing of the ECN field. This interface (e.g. an UDP socket) is outside the scope of this specification. The present specification ensures ECN compatibility only when this interface is available.

*** End change 1 ***

*** Start change 2 ***

2
References

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

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

[54]

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

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

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

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

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

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

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

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

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

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

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

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

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

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

[68]
IETF RFC 3556 (2003), "Session Description Protocol (SDP) Bandwidth Modifiers for RTP Control Protocol (RTCP) Bandwidth".

[69]
IETF Internet draft (2008): “SDP Capability Negotiation”, F. Andreasen, http://www.ietf.org/internet-drafts/draft-ietf-mmusic-sdp-capability-negotiation-09.txt.

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

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

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

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

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

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

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

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

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

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

[81]
IETF RFC 4796 "The session description protocol (SDP) content attribute", J. Hautakorpi and G. Camarillo
[x1]
IETF RFC 3168 (2001): "The Addition of Explicit Congestion Notification (ECN) to IP", K. Ramakrishnan, S. Floyd and D. Black.

[x2]
IETF Internet draft (2009): "Explicit Congestion Notification (ECN) for RTP over UDP", M. Westerlund, et. al., http://tools.ietf.org/wg/avt/draft-westerlund-avt-ecn-for-rtp-00.txt.

[x3]
3GPP TS 36.300: "Evolved Universal Terrestrial Radio Access (E-UTRA) and Evolved Universal Terrestrial Radio Access Network (E-UTRAN); Overall description".

[x4]
3GPP TS 23.401: "General Packet Radio Service (GPRS) enhancements for  Evolved Universal Terrestrial Radio Access Network (E-UTRAN) access".
*** End change 2 ***

*** Start change 3 ***

3.2
Abbreviations

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

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

AC
Alternating Current

AL-SDU
Application Layer - Service Data Unit

AMR
Adaptive Multi-Rate

AMR-NB
Adaptive Multi-Rate - NarrowBand

AMR-WB
Adaptive Multi-Rate - WideBand

APP
APPlication-defined RTCP packet

ARQ
Automatic repeat ReQuest

AS
Application Server

AVC
Advanced Video Coding

CCM
Codec Control Messages

CDF
Cumulative Distribution Function

CMR
Codec Mode Request

cps
characters per second

CS
Circuit Switched

CSCF
Call Session Control Function

CTM
Cellular Text telephone Modem

DTMF
Dual Tone Multi-Frequency

DTX
Discontinuous Transmission

ECN
Explicit Congestion Notification

ECN-CE
ECN Congestion Experienced

ECT
ECN Capable Transport

eNodeB
E-UTRAN Node B

E-UTRAN
Evolved UTRAN

GIP
Generic IP access

GOB
Group Of Blocks

H-ARQ
Hybrid - ARQ

HSPA
High Speed Packet Access

IDR
Instantaneous Decoding Refresh

IMS
IP Multimedia Subsystem

IP
Internet Protocol

IPv4
Internet Protocol version 4

ITU-T
International Telecommunications Union - Telecommunications

JBM
Jitter Buffer Management

MGCF
Media Gateway Control Function

MGW
Media GateWay

MIME
Multipurpose Internet Mail Extensions

MO
Management Object

MPEG
Moving Picture Experts Group

MRFC
Media Resource Function Controller

MRFP
Media Resource Function Processor

MSRP
Message Session Relay Protocol

MTSI
Multimedia Telephony Service for IMS

MTU
Maximum Transfer Unit

NACK
Negative ACKnowledgment

NNI
Network-to-Network Interface

NTP
Network Time Protocol

PCM
Pulse Code Modulation

PDP
Packet Data Protocol

PLI
Picture Loss Indication

POI
Point Of Interconnect

PSTN
Public Switched Telephone Network

QoE
Quality of Experience

QoS
Quality of Service

QP
Quantization Parameter
RoHC
Robust HeaderCompression

RR
Receiver Report

RTCP
RTP Control Protocol

RTP
Real-time Transport Protocol

SB-ADPCM
Sub-Band Adaptive Differential PCM

SDP
Session Description Protocol

SDPCapNeg
SDP Capability Negotiation

SID
SIlence Descriptor

SIP
Session Initiation Protocol

SR
Sender Report

TFO
Tandem-Free Operation

TISPAN
Telecoms and Internet converged Services and Protocols for Advanced Network

TMMBN
Temporary Maximum Media Bit-rate Notification

TMMBR
Temporary Maximum Media Bit-rate Request

TrFO
Transcoder-Free Operation

UDP
User Datagram Protocol

UE 
User Equipment

VoIP
Voice over IP

VOP
Video Object Plane

*** End change 3 ***

*** Start change 4 ***

6.2.1
General

The session setup for RTP transported media shall determine for each media: IP address(es), RTP profile, UDP port number(s); codec(s); RTP Payload Type number(s), RTP Payload Format(s) , ECN Capable Transport (ECT) and any additional session parameters.

An MTSI client shall only offer a single RTP profile per media stream. This profile shall be the most suitable for the media, see below for further recommendations for each media type. The MTSI client shall accept both AVP and AVPF offers in order to support interworking. If an MTSI client gets a media or the complete session rejected when using AVPF, it should re-invite replacing all AVPF with AVP on all media lines where it did not receive explicit indication that AVPF was accepted.

The general requirements on Explicit Congestion Notification (ECN) support are defined in [X4] and [X3]. An MTSI client in terminal using ECN for media transported with RTP shall support ECN according to [x1] and [x2], see clause 6.2.2. The negotiation of ECN at session setup is described in clause 6.2.8. The initiation of ECT and the verification of proper ECN usage is described in clause 7. The adaptation response to congestion events, i.e. when ECN Congestion Experienced (ECN-CE) marked IP packets are received, is described in clause 10.

NOTE:
The support for ECN is limited to speech in this release of this specification.
*** End change 4 ***

*** Start change 5 ***

6.2.2.1
General

For AMR or AMR-WB encoded media, the session setup shall determine what RTP profile to use; if all codec modes can be used or if the operation needs to be restricted to a subset; if the bandwidth-efficient payload format can be used or if the octet-aligned payload format must be used; if codec mode changes shall be restricted to be aligned to only every other frame border or if codec mode changes can occur at any frame border; if codec mode changes must be restricted to only neighbouring modes within the negotiated codec mode set or if codec mode changes can be performed to any mode within the codec mode set; the number of speech frames that should be encapsulated in each RTP packet and the maximum number of speech frames that may be encapsulated in each RTP packet.

If the session setup negotiation concludes that multiple configuration variants are possible in the session then the default operation should be used as far as the agreed parameters allow, see clause 7.5.2.1. It should be noted that the default configurations are slightly different for different access types.

An MTSI client offering a speech media session for narrow-band speech and/or wide-band speech should offer SDP according to the examples in clauses A.1 to A.3.

An MTSI client shall offer AVPF for speech media streams. RTP profile negotiation shall be done as described in clause 6.2.1a.

An MTSI client in terminal offering to use ECN for speech, and when multiple codec modes can be used in the session, shall offer ECN Capable Transport for speech media in RTP streams. An MTSI client in terminal accepting an offer for ECN Capable Transport for speech, and when multiple codec modes are supported in the session, shall declare ECN Capable Transport in the SDP answer. The SDP negotiation of ECN Capable Transport is described in clause 6.2.8. The ECN transparency also needs to be verified for the end-to-end path. This is described in clause 7.5.4.
Session setup for sessions including speech and DTMF events is described in Annex G.

6.2.2.2
Generating SDP offers for AMR-NB and AMR-WB

When speech is offered, an MTSI client in terminal sending a first SDP offer in the initial offer-answer negotiation shall include at least one RTP payload type for AMR-NB with the parameters as defined in Table 6.1 and at least one RTP payload type for AMR-NB with the parameters as defined in Table 6.2. If wideband speech is also offered then the SDP offer shall also include at least one RTP payload type for AMR-WB with the parameter settings as defined in Table 6.1 and one RTP payload type with the parameter settings as defined in Table 6.2.

There may however be terminal resources, network resources or configurations, for example done with OMA-DM, that prevents using some or all of the settings described in Table 6.1 and Table 6.2. The listed requirements apply as long they are not prevented by operator settings and/or resource availability. For example, the offered mode-set depends on the available resources and whether no restrictions have been made by configuring the device.

Table 6.1: SDP parameters for AMR-NB or AMR-WB when the MTSI client in terminal offers the bandwidth-efficient payload format

	Parameter
	Usage

	octet-align
	Shall not be included

	mode-set
	Shall not be included

	mode-change-period
	Shall not be included

	mode-change-capability
	Shall be set to 2

	mode-change-neighbor
	Shall not be included

	maxptime
	Shall be set to 240, see also Table 7.1

	crc
	Shall not be included

	robust-sorting
	Shall not be included

	interleaving
	Shall not be included

	ptime
	Shall be set according to Table 7.1

	channels
	Shall be set to 1

	max-red
	Shall be included and shall be set to 220 or less

	ecn-capable-rtp
	Shall be included when offering to use ECN and if the session setup allows for bit-rate adaptation


Table 6.2: SDP parameters for AMR-NB or AMR-WB when the MTSI client in terminal offers the octet-aligned payload format

	Parameter
	Usage

	octet-align
	Shall be set to 1

	mode-set
	Shall not be included

	mode-change-period
	Shall not be included

	mode-change-capability
	Shall be set to 2

	mode-change-neighbor
	Shall not be included

	maxptime
	Shall be set to 240, see also Table 7.1

	crc
	Shall not be included

	robust-sorting
	Shall not be included

	interleaving
	Shall not be included

	ptime
	Shall be set according to Table 7.1

	channels
	Shall be set to 1

	max-red
	Shall be included and shall be set to 220 or less

	ecn-capable-rtp
	Shall be included when offering to use ECN and if the session setup allows for bit-rate adaptation


An example of an SDP offer for AMR-NB is shown in Table A.1.1. An example of an SDP offer for both AMR-NB and AMR-WB is shown in Table A.1.2.

An MTSI client in terminal may divide the offer-answer negotiation into several phases and offer different configurations in different SDP offers. If this is done then the first SDP offer in the initial offer-answer negotiation shall include the most preferable configurations. For AMR, this means that the first SDP offer in the initial offer-answer negotiation shall include at least one RTP payload type for AMR-NB with the parameters as defined in Table 6.1. If wideband speech is offered then the first SDP offer in the initial offer-answer negotiation shall include also at least one RTP payload type for AMR-WB with the parameters as defined in Table 6.1. This also means that offers for octet-aligned payload format do not need to be included in the first SDP offer. One example of dividing the offer-answer negotiation into two phases, and the corresponding SDP offers, is shown in clause A.1.1.2.2.

NOTE:
Dividing the offer-answer negotiation into several phases may lead to never offering the less preferred configurations if the other end-points accepts to use at least one of the configurations offered in the initial SDP offer.

If the speech media is re-negotiated during the session then the knowledge from earlier offer-answer negotiations should be used in order to shorten the session re-negotiation time. I.e., failed offer-answer transactions shall not be repeated.

6.2.2.3
Generating the SDP answer

An MTSI client in terminal must understand all the payload format options that are defined in RFC 4867 [28]. It does not have to support operating according to all these options but must be capable to properly accepting or rejecting all options.

The SDP answer depends on many factors, for example:

-
what is included in the SDP offer and in what preference order that is defined. The SDP offer will probably be different if it is generated by another MTSI client in terminal, by an MTSI MGW, a TISPAN client or some other VoIP client that does not follow this specification;

-
if terminal and/or network resources are available; and:

-
if there are other configurations, for example defined with OMA-DM, that mandate, recommend or prevent some configurations.

Table 6.3 describes requirements and recommendations for handling of the offered parameters and for how to generate the SDP answer. The listed requirements apply as long they are not prevented by operator settings and/or resource availability.

Table 6.3: Handling of the AMR-NB and AMR-WB SDP parameters in the received SDP offer and in the SDP answer

	Parameter in the received SDP offer
	Comments
	Handling

	Codec
	Wide-band speech is preferable over narrow-band speech
	If both AMR-WB and AMR-NB are offered and if AMR-WB is supported by the answering MTSI client in terminal then it shall select to use the AMR-WB codec and include this codec in the SDP answer, unless another preference order is indicated in the SDP offer. If the MTSI client in terminal only supports AMR-NB then this codec shall be selected to be used and shall be included in the SDP answer.

The SDP answer shall only include one RTP Payload Type for speech, see NOTE 1.

	octet-align
	Both the bandwidth-efficient and the octet-aligned payload formats are supported by the MTSI client in terminal.

MTSI MGWs for GERAN or UTRAN are likely to either not include the octet-align parameter or to offer octet-align=0.

The bandwidth-efficient payload format is preferable over the octet-aligned payload format.
	The offer shall not be rejected purely based on the offered payload format variant.

If both bandwidth-efficient and octet-aligned are included in the received SDP offer then the MTSI client in terminal shall select the bandwidth-efficient payload format and include it in the configuration in the SDP answer.

	mode-set
	The MTSI client in terminal can interoperate properly with whatever mode-set the other end-point offers or if no mode-set is offered.

The possibilities to use the higher bit rate codec modes also depend on the offered bandwidth.

MTSI MGWs for GERAN or UTRAN inter-working are likely to include the mode-set in the offer if in case the intention is to use TFO or TrFO.

Mode sets that gives more adaptation possibilities are preferable over mode-sets with fewer or no adaptation possibilities.

If the mode-set must be restricted to include only a few codec modes then the preferred mode-set for AMR-NB is {12.2, 7.4, 5.9, 4.75} and for AMR-WB it is {12.65, 8.85 and 6.60}.
	The offer shall not be rejected purely based on the offered mode-set.

If only one mode-set is offered MTSI client in terminal shall select to use this and include the same mode-set as in the SDP answer.

If several different mode-sets are included in the received SDP offer or if some RTP Payload Types do not specify any mode-set then the MTSI client in terminal should select in the first hand the mode-set that provides the largest degrees of freedom for codec mode adaptation and in the second hand the mode-set that is closest to the preferred mode sets.

	mode-change-period
	The MTSI client in terminal can interoperate properly with whatever mode-change-period the other end-point offers.

MTSI MGWs for GERAN or UTRAN inter-working are likely to include mode-change-period=2 in the offer if in case the intention is to use TFO or TrFO.
	The offer shall not be rejected purely based on the offered mode-change-period.

If the received SDP offer defines mode-change-period=2 then this information shall be used to determine the mode changes for AMR-NB or AMR-WB encoded media that the MTSI client in terminal sends.

The MTSI client in terminal should not include the mode-change-period parameter in the SDP answer since it has no corresponding limitations.

	mode-change-capability
	The MTSI client in terminal can interoperate with whatever capabilities the other end-point declares.
	The offer shall not be rejected purely based on the offered mode-change-capability.

The mode-change-capability information should be used to determine a proper value, or prevent using an improper value, for mode-change-period in the SDP answer, see above. If the offer includes mode-change-capability=1, then the MTSI client in terminal shall not offer mode-change-period=2 in the answer.

The MTSI client in terminal shall include mode-change-capability=2 in the SDP answer since it is required to support restricting mode changes to every other frame.

	mode-change-neighbor
	The MTSI client in terminal can interoperate with whatever limitations the other end-point offers.
	The offer shall not be rejected purely based on the offered mode-change-neighbor.

The MTSI client in terminal shall use this information to determine how mode changes can be performed for AMR-NB or AMR-WB encoded media that the MTSI client in terminal sends.

The MTSI client in terminal shall not include the mode-change-neighbor parameter in the SDP answer since it has no corresponding limitations.

	maxptime
	The MTSI client in terminal can interoperate with whatever value that is offered.

The MTSI client in terminal may also use this information to determine a suitable value for max-red in the SDP answer.
	The offer shall not be rejected purely based on the offered maxptime.

The MTSI client in terminal shall use this information to control the packetization when sending RTP packets to the other end-point, see also clause 7.4.2.

The maxptime parameter shall be included in the SDP answer and shall be an integer multiple of 20.

If the received SDP offer includes both the max-red and ptime parameter then the MTSI client in terminal may choose to use this information to define a suitable value for maxptime in the SDP answer, see NOTE 2. The MTSI client in terminal may also choose to set the maxptime value to 240, regardless of the ptime and/or max-red parameters in the SDP offer.

The maxptime value in the SDP answer shall not be smaller than ptime value in the SDP answer. The maxptime value should be selected to give at least some room for adaptation.

	crc
	The MTSI client in terminal is not required to support this option.
	The MTSI client in terminal may have to reject offered RTP payload types including this option.

	robust-sorting
	The MTSI client in terminal is not required to support this option.
	The MTSI client in terminal may have to reject offered RTP payload types including this option.

	interleaving
	The MTSI client in terminal is not required to support this option.
	The MTSI client in terminal may have to reject offered RTP payload types including this option.

	ptime
	The MTSI client in terminal can interoperate with whatever value that is offered.
	The offer shall not be rejected purely based on the offered ptime.

The MTSI client in terminal should use this information and should use the requested packetization when sending RTP packets to the other end-point. The MTSI client should use the ptime value to determine how many non-redundant speech frames that can be packed into the RTP packets. The requirements in clause 7.4.2 shall be followed even if ptime in the SDP offer is larger than 80.

The ptime parameter shall be included in the SDP answer and shall be an integer multiple of 20.

If the received SDP offer includes the ptime parameters then the MTSI client in terminal may choose to use this information to define a suitable value for ptime in the SDP answer, see NOTE 3. The MTSI client in terminal may also choose to set the ptime value in the SDP answer according to Table 7.1, regardless of the ptime parameter in the SDP offer.

The ptime value in the SDP answer shall not be larger than the maxptime value in the SDP answer.

	Channels
	The MTSI client in terminal is only required to support 1 channel. Offered RTP payload types with more than 1 channel may therefore have to be rejected.
	The number of channels shall be included in the SDP answer.

	max-red
	The MTSI client in terminal may use this information to bound the delay for receiving redundant frames.

The MTSI client in terminal may also use this information to determine a suitable value for maxptime in the SDP answer.
	The max-red parameter shall be included in the SDP answer and shall be an integer multiple of 20.

If the received SDP offer includes both the ptime and maxptime parameters then the MTSI client in terminal may choose to use this information to define a suitable value for max-red in the SDP answer, see NOTE 2. The MTSI client in terminal may also choose to set the max-red value to 220.

The max-red value in the SDP answer should be selected to give at least some room for adaptation.

	ecn-capable-rtp
	An MTSI client in terminal uses this SDP attribute to offer ECN for RTP-transported media
	Shall be included in the SDP answer when accepting an offer to use ECN and if the session setup allows for bit-rate adaptation

	NOTE 1:
An MTSI client may include both a speech coded, e.g. AMR-NB or AMR-WB, and ‘telephone-events’ for DTMF in the SDP answer, see 3GPP TS 24.229 Clause 6.1, [7].

NOTE 2:
It is possible to use the following relationship between maxptime, ptime and max-red:

maxptime = ptime + max-red.
There is however no mandatory requirement that these parameters must be aligned in this way.

NOTE 3:
It may be wise to use the same ptime value in the SDP answer as was given in the SDP offer, especially if the ptime in the SDP offer is larger than 20, since a value larger than the frame length indicates that the other end-point is somehow packet rate limited.


If an SDP offer is received from another MTSI client in terminal then the SDP offer will include configurations as described in Table 6.1 and Table 6.2. If the MTSI client in terminal chooses to accept the offer for using the AMR-NB or AMR-WB codec, as configured in Table 6.1 or Table 6.2, and if no other configuration or resource limitations exist, then the RTP payload type for AMR-NB or AMR-WB codec included in the SDP answer shall be configured as shown in Table 6.4.

Table 6.4: SDP parameters for AMR-NB or AMR-WB for SDP answer when the SDP offer is received from another MTSI client in terminal

	Parameter
	Usage

	octet-align
	Shall not be included

	mode-set
	Shall not be included or shall be set to the preferred mode-set, see Table 6.3

	mode-change-period
	Shall not be included

	mode-change-capability
	May be included. If it is included then it shall be set to 2

	mode-change-neighbor
	Shall not be included

	maxptime
	Shall be set to 240, see also Table 7.1

	crc
	Shall not be included

	robust-sorting
	Shall not be included

	interleaving
	Shall not be included

	ptime
	Shall be set according to Table 7.1

	channels
	Shall be set to 1

	max-red
	Shall be included and shall be set to 220 or less

	ecn-capable-rtp
	Shall be included in the SDP answer when accepting an offer to use ECN and if the session setup allows for bit-rate adaptation


If an SDP offer is received from a MTSI MGW inter-working with CS GERAN/UTRAN, and when the MTSI MGW supports ECN, then it is likely to be configured as shown in Table 6.5 if the MTSI MGW does not support redundancy.

Table 6.5: Expected configuration of SDP parameters for AMR-NB or AMR-WB in an SDP offer from an MTSI MGW inter-working with CS GERAN/UTRAN
	Parameter
	Usage

	octet-align
	Either not included or set to 0

	mode-set
	Included and indicates the codec modes that are allowed in the CS network

	mode-change-period
	Set to 2

	mode-change-capability
	Set to 2

	mode-change-neighbor
	Set to 1 if the CS network is GERAN

	maxptime
	Set to 80, see also Table 12.1

	crc
	Not included

	robust-sorting
	Not included

	interleaving
	Not included

	ptime
	Set according to Table 12.1

	channels
	Set to 1

	max-red
	Set to 0

	ecn-capable-rtp
	Shall be included in the SDP answer when accepting an offer to use ECN and if the session setup allows for bit-rate adaptation


If the MTSI client in terminal accepts the offer included in Table 6.5 then the SDP answer shall be configured as shown in Table 6.6.

Table 6.6: SDP parameters for AMR-NB or AMR-WB for SDP answer when the SDP offer is received from another MTSI MGW

	Parameter
	Usage

	octet-align
	Shall be set according to the offer

	mode-set
	Shall be set according to the offer

	mode-change-period
	Shall not be included

	mode-change-capability
	May be included. If it is included then it shall be set to 2

	mode-change-neighbor
	Shall not be included

	maxptime
	Shall be set to 240, see also Table 7.1

	crc
	Shall not be included

	robust-sorting
	Shall not be included

	interleaving
	Shall not be included

	ptime
	Shall be set according to Table 7.1

	channels
	Shall be set according to the offer

	max-red
	Shall be included and shall be set to 220 or less

	ecn-capable-rtp
	Shall be included in the SDP answer when accepting an offer to use ECN and if the session setup allows for bit-rate adaptation


*** End change 5 ***

*** Start change 6 ***

6.2.8
SDP negotiation of ECN Capable Transport 

The offer-answer procedure for ECN is described in [x2].

NOTE:
The support for ECN is limited to speech in this release of this specification.

The offer for ECN and Reduced-Size RTCP is defined in [x3]. This does not limit ECN to be used only when Reduced-Size RTCP is used.

ECN shall be used only when the media encoding supports bit-rate adaptation. If the codec supports only one bit-rate or if the session setup limits the codec usage to only one bit-rate then ECN shall not be used in the session.

SDP examples for offering ECT is shown in Annex A .
*** End change 6 ***

*** Start change 7 ***

7.3.1
General

The RTP implementation shall include an RTCP implementation.

For a given RTP based media stream, the MTSI client in terminal shall use the same port number for sending and receiving RTCP packets. This facilitates interworking with fixed/broadband access. However, the MTSI client shall accept RTCP packets that are not received from the same remote port where RTCP packets are sent by the MTSI client. 

The bandwidth for RTCP traffic shall be described using the "RS" and "RR" SDP bandwidth modifiers at media level, as specified by RFC 3556 [42]. Therefore, an MTSIclient shall include the "b=RS:" and "b=RR:" fields in SDP, and shall be able to interpret them. There shall be an upper limit on the allowed RTCP bandwidth for each RTP session signalled by the MTSI client. This limit is defined as follows:

-
4 000 bps for the RS field (at media level);

-
3 000 bps for the RR field (at media level).


An MTSI client in terminal offering to use ECN for an RTP session shall set the RTCP bandwidth to a non-zero value. The offered RTCP bandwidth should allow for sending at least 2 compound RTCP packets per second or 5 Reduced-Size RTCP packets per second.

RTCP packets should be sent for all types of multimedia sessions to enable synchronization with other RTP transported media, remote end-point aliveness information, monitoring of the transmission quality, and carriage of feedback messages such as TMMBR for video and RTCP APP for speech. Point-to-point speech only sessions may not require these functionalities and may therefore turn off RTCP by setting the SDP bandwidth modifiers (RR and RS) to zero. When RTCP is turned off (for point-to-point speech only sessions) and the media is put on hold, the MTSI client should re-negotiate the RTCP bandwidth with SDP bandwidth modifiers values greater than zero, and send RTCP packets to the other end. This allows the remote end to detect link aliveness during hold. When media is resumed, the resuming MTSI client should turn off the RTCP sending again through a re-negotiation of the RTCP bandwidth with SDP bandwidth modifiers equal to zero.

When RTCP is turned off (for point-to-point speech only sessions) and if sending of an additional associated RTP stream becomes required and both RTP streams need to be synchronized, or if transport feedback due to lack of end-to-end QoS guarantees is needed, a MTSI client should re-negotiate the bandwidth for RTCP by sending an SDP with the RS bandwidth modifier greater than zero.

NOTE 1:
Deactivating RTCP will disable the adaptation mechanism for speech defined in clause 10.2.

7.3.2
Speech

MTSI clients in terminals offering speech shall 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 Annex A.6. 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 non-compound RTCP (see clause 7.3.5) is not used.

For speech sessions 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 non-compound packets or using the parts of RTCP compound packets (according to RFC 3550 [9]) which are required by the application. RTCP compound packet sizes should be at most as large as 1 time and, at the same time, shall be at most as large as 4 times the size of the RTP packets (including UDP/IP headers) corresponding to the highest bit rate of the speech codec modes used in the session. RTCP non-compound and semi-compound packet sizes should be at most as large as 1 time and, at the same time, shall be at most as large as 2 times the size of the RTP packets (including UDP/IP headers) corresponding to the highest bit rate of the speech codec modes used in the session.

An MTSI client in terminal using ECN for speech in RTP sessions shall use RTCP in accordance with clause 7.3.7.
For speech, RTCP APP packets are used for adaptation (see clause 10.2).

*** End change 7 ***

*** Start change 8 ***

7.3.7
RTCP for RTP sessions using ECN

Editor’s note: The exact usage of RTCP for ECT and ECN-CE feedback is FFS. The text below describes one possible solution. It is however agreed that other adaptation feedback mechanisms, such as RTCP-APP and TMMBR can be used.
The RTCP usage for ECN is described in [x2].
MTSI clients using ECN for an RTP session shall send ECN-CE feedback as described in [x2]. This does not preclude other types of feedback or adaptation requests. Additional feedback and/or adaptation requests are described in clause 10.
*** End change 8 ***

*** Start change 9 ***

7.5.1
General

This clause contains considerations on how to use media in RTP, packetization guidelines, and other transport considerations. The use of ECN for RTP sessions is also described.
*** End change 9 ***

*** Start change 10 ***

7.5.2.1.1
General

This clause describes how the speech media should be packetized during a session. It includes definitions both for the cases where the access type is known and one default operation for the case when the access type is not known.

Requirements for transmission of DTMF events are described in Annex G.

An MTSI client in terminal using ECN when sending speech in RTP shall support ECN as defined in clause 7.5.4.
*** End change 10 ***

*** Start change 11 ***

7.5.4 
ECN usage in RTP sessions

NOTE:
The support for ECN is limited to speech in this release of this specification.

A method for the ECN initiation phase is described in [x2]. If multiple RTP sessions use ECN then each RTP session shall be initiated separately.
Editor’s note: Different media types may very well need different ECN initiaion methods. It is FFS to decide whether MTSI should use the method described in [x2] or if some other method(s) should be used or even if the ECN initiation phase is needed.
After successful ECT initialization, the MTSI client in terminal shall mark all transmitted RTP packets with ECT(0) or ECT(1) until the end of the session or until it is detected that the path is no longer capable of reliable transmitting ECT-marked packets. If the session is re-negotiated, forwarded or if it is detected that the RTP media is either transmitted to a different destination or received from a different source, then ECN shall be re-initiated.
Editor’s note: The ECT initiation phase is FFS.

Editor’s note: The marking of all RTP packets with ECT is FFS since this is only needed if one intend to use ECN for mid-call adaptation. PLR-based adaptation is still available for speech as a fall-back adaptation mechanism.

Editor’s note: The detection of whether the path remains ECN transparent is needed only if one intend to use ECN for mid-call adaptation.
Editor’s note: The re-initiation, in case of detection of non-trransparent path is needed only if one intend to use ECN for mid-call adaptation.
The MTSI client in terminal shall verify that the other end-point is not misbehaving, see [x2].
Editor’s note: This might not be needed if we consider 3GPP UEs as reliable.
Handling of ECN Congestion Experience (ECN-CE) marked packets is described in clause 10.
*** End change 11 ***

*** Start change 12 ***

10.1
General

Adaptive mechanisms are used to optimize the session quality given the current transport characteristics. The mechanisms provided in MTSI are bit-rate, packet-rate and error resilience adaptation. These mechanisms can be used in different ways; however, they should only be used when the result of the adaptation is assumed to increase the session quality even if e.g. the source bit-rate is reduced.

Adaptive mechanisms that act upon measured or signalled changes in the transport channel characteristics may be used in a conservative manner. Examples of measured changes in transport characteristics are variations in Packet Loss Rate (PLR) and delay jitter. Examples of signalled changes in transport characteristics is ECN Congestion Experienced (ECN-CE) marking in IP packet headers. A conservative use of adaptation is characterized by a fast response to degrading conditions, and a slower, careful upwards adaptation intended to return the session media settings to the original default state of the session. The long-term goal of any adaptive mechanism is assumed to be a restoration of the session quality to the originally negotiated quality. The short-term goal is to maximize the session quality given the current transport characteristics, even if that means than the adapted state of the session will give a lower session quality compared to the session default state if transported on an undisturbed channel.

10.2
Speech

10.2.0
General

The adaptation of the speech media stream includes: adapting the codec bit rate (codec mode); adapting the frame aggregation (number of non-redundant frames included in each packet); and adapting the redundancy level (number of times that a frame is transmitted).

The adaptation can be triggered in several ways. A receiving MTSI client in terminal continuously evaluates the transmission performance by calculating the packet loss rate and possibly also other metrics related to the transmission quality like delay jitter. In addition, the network may also mark packets with ECN Congestion Experienced (ECN-CE) flags, see clause 10.5.

A receiving MTSI client in terminal that determines that the performance is insufficient, for example due to high packet loss rate, sends an adaptation request to the sender.

A receiving MTSI client in terminal that detects ECN-CE in received IP/UDP/RTP packet sends ECN-CE feedback according to clause 10.5. In addition, the receiving MTSI client in terminal shall send an adaptation requests to the receiver to reduce the load on the network, unless the codec is already operating at the lowest codec bit rate.
An MTSI client in terminal sending speech and receiving an adaptation request should adapt to the indicated format in the adaptation request within 200ms.

NOTE:
The session setup for inter-working scenarios with CS UTRAN and GERAN is likely to limit the codec mode changes by using the mode-set, mode-change-period and/or mode-change-neigbor attributes. The adaptation request may suggest a change regardless of these attributes. The sender however has to comply with these limitations.
The protocol used for sending adaptation requests is the same for adaptation in response to measured poor performance and ECN-CE is the same and is described in Clause 10.2.1. Clause 10.2.2 gives a few examples of how this signalling mechanism can be used. 

An example adaptation scheme is described in Annex C.

Editor’s note:
The adaptation scheme in Annex C needs to be updated to include handling of ECN-CE.
*** End change 12 ***

*** Start change 13 ***

10.5
Explicit Congestion Notification

When network nodes, such as the eNodeB, experiencing congestions they may set the ECN Congestion Experience (ECN-CE) bits in the IP header to ‘11’ for packets that have been marked with ECN Capable Transport (ECT), [x1], [x2].

A method for ECN-CE feedback for congestion events is described in [x2].
Editor’s note: It is FFS if ECN-CE feedback should be done according to [x2] or if it is needed.
When the MTSI client in terminal receives ECN Congestion Experience (ECN-CE) marked packets it shall send feedback information to the sender as described in [x2].
Multiple ECN-CE marked packets within one round-trip time (RTT) shall be regarded as one single congestion event, see [x1]. The response to an congestion event shall be sent within 200 ms after detecting the first ECN-CE marked packet for each congestion event.

Other feedback and/or adaptation requests may also be used in response to congestion events. Clause 10.2 describes adaptation for speech when ECN-CE is detected.
*** End change 13 ***

*** Start change 14 ***

12.3.3
Explicit Congestion Notification

The general requirements for Explicit Congestion Notification (ECN) for MTSI media gateway supporting speech for CS GERAN and/or UTRAN inter-working is described in [x4] and [x3]. When ECN is supported then the MTSI MGW shall support ECN as described in this specification for the MTSI client in terminal. If ECN is supported then the MTSI MGW shall also support RTP/AVPF and SDPCapNeg.
*** End change 14 ***

*** Start change 15 ***

12.7.3
Explicit Congestion Notification

The general requirements for Explicit Congestion Notification (ECN) for MTSI media gateway supporting speech for inter-working with other IMS and non-IMS IP networks is described in [X4] and x3]. When ECN is supported then the MTSI MGW shall support ECN as described in this specification for the MTSI client in terminal. If ECN is supported then the MTSI MGW shall also support RTP/AVPF and SDPCapNeg.
*** End change 15 ***

*** Start change 16 ***

Annex A (informative):
Examples of SDP offers and answers

A.1
SDP offers for speech sessions initiated by MTSI client in terminal

This Annex includes several SDP examples for session setup for speech. SDP examples for sessions with speech and DTMF are shown in Annex G. These SDP offer and answer examples are designed to highlight the respective area that is being described and should therefore not be considered as complete SDP offers and answers. See TS 24.229 [7] for a complete description of the SDPs.

Some of the SDP examples contain a=fmtp lines that are too long to meet the column width constraints of this document and are therefore folded into several lines using the backslash (“\”) character. In a real SDP, long lines would appear as one single line and not as such folded lines.

Some of the examples included in this Annex outline configurations that have been optimized for HSPA. These configurations are equally applicable to E-UTRAN access since the packetization recommendations for HSPA and E-UTRAN in Clauses 7.4.2 and 7.5.2.1 for MTSI clients and Clause 12.3.2 for MTSI media gateways are identical.

A.1.1
HSPA or unknown access technology

When the access technology is unknown to the MTSI client in terminal, the client uses the encapsulation parameters of default operation as defined in clause 7.5.2.1.2. The SDP examples below apply to HSPA as well as the default operation since the encapsulation parameters are the same.
A.1.1.1
Only AMR-NB supported by MTSI client in 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 MTSI client in terminal supports mode changes at any time, mode changes to any mode and mode change restrictions.

Table A.1.1: SDP example

	SDP offer

	m=audio 49152 RTP/AVP 97 98

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

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=ecn-capable-rtp
a=rtcp-rsize
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 1 024 to 49 151. The receiver must be capable of using any combination of even and odd numbers for RTP and RTCP.

The SDP Capabilities Negotiation framework (SDPCapNeg) [69] is used to negotiate what RTP profile to use. The offer includes RTP/AVP in the conventional SDP part by including it in the media (m=) line, while RTP/AVPF is given as a transport capability using the SDPCapNeg framework “a=tcap:1 RTP/AVPF”. A potential configuration gives RTP/AVPF as an alternative “a=pcfg:1 t=1”. Given by the rules in SDPCapNeg, the RTP/AVPF profile has higher preference than RTP/AVP.

It is important that the MTSI client in 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 MTSI client in 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 MTSI clients 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 MTSI clients in 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 MTSI client in 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 MTSI client in 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.
This example shows an MTSI client in terminal that supports and offers to use both ECN and Reduced-Size RTCP. Hence the SDP offer includes offers for both ECN Capable Transport (ECT)-and Reduced-Size RTCP.
With the combination of ptime:20 and maxptime:240, the MTSI client in terminal shows that it desires to receive one speech frame per packet but can handle up to 12 speech frames per packet. However, no more than 4 original speech frames can be encapsulated in one packet.

A suitable SDP answer from another MTSI client in terminal is shown in Table A.3.0.

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

A.1.1.2.1
One-phase approach

The size of the SDP may become quite big, depending on how many configurations the MTSI client in 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.1.2 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.1.2: SDP example: one-phase approach

	SDP offer

	m=audio 49152 RTP/AVP 97 98 99 100

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

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=ecn-capable-rtp
a=rtcp-rsize
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 solution to this problem is shown in Clause A.1.1.2.2.

A few possible SDP answers are outlined in Tables A.3.1, A.3.1a, A.3.2, A.3.3 and A.3.4.

A.1.1.2.2
Two-phase approach

Tables A.1.3 and A.1.4 show the same configurations as in table A.1.2 but when the SDP has been divided into 2 phases.

Table A.1.3: SDP example: 1st phase SDP offer

	SDP offer

	m=audio 49152 RTP/AVP 97 98

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

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=ecn-capable-rtp
a=rtcp-rsize
a=ptime:20

a=maxptime:240


Table A.1.4: SDP example: 2nd phase SDP offer

	SDP offer

	m=audio 49152 RTP/AVPF 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=ecn-capable-rtp
a=rtcp-rsize
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.

The SDPCapNeg framework is only used in the 1st SDP offer because when generating the 2nd SDP offer the profile is already agreed. In this example, it is assumed that AVPF was accepted in the first round.

If the 1st SDP offer, shown in Table A.1.3, is accepted by the answerer then a few possible example SDP answers are shown in: Table A.3.1 if the answerer is an MTSI client in terminal and supports AMR-WB; Table A.3.2 if the answerer is an MTSI client in terminal but does not support AMR-WB; Table A.3.3 if the answerer is an MTSI client in terminal, supports AMR-WB and is using EGPRS access; Table A.3.4 if the answerer is a CS terminal, supports AMR-WB and an MTSI MGW is therefore needed.

A.1.2
EGPRS

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.1.5: SDP example

	SDP offer

	m=audio 49152 RTP/AVP 97 98

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

a=rtpmap:97 AMR/8000/1

a=fmtp:97 mode-change-capability=2; max-red=200

a=rtpmap:98 AMR/8000/1

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

a=ecn-capable-rtp
a=rtcp-rsize
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 EGPRS, 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 MTSI client in terminal is switching frequently between HSPA and EGPRS or some other access type.

It is recommended to set the max-red parameter to an integer multiple of the ptime.

An example of a suitable SDP answer to this SDP offer is shown in Table A.3.3a.

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.1.6: SDP example

	SDP offer

	m=audio 49152 RTP/AVP 97 98

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

a=rtpmap:97 AMR/8000/1

a=fmtp:97 mode-change-capability=2; max-red=160

a=rtpmap:98 AMR/8000/1

a=fmtp:98 mode-change-capability=2; max-red=160; octet-align=1

a=ecn-capable-rtp
a=rtcp-rsize
a=ptime:80

a=maxptime:240


Comments:

In this case the MTSI client in 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.

An example of a suitable SDP answer to this SDP offer is shown in Table A.3.3b.

A.2
SDP offers for speech 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.2.1: SDP example

	SDP offer

	m=audio 49152 RTP/AVP 97

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

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=ecn-capable-rtp
a=rtcp-rsize
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.
This examples shows an SDP offer from an MTSI MGW that supports ECN Capable Transport (ECT) and Reduced-Size RTCP.
An example of a suitable SDP answer to this SDP offer is shown in Table A.3.5.

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.2.2: SDP example

	SDP offer

	m=audio 49152 RTP/AVP 97

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

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 bitrate 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.1.8 shows, then redundancy is possible on the PS access side but not together with TFO.
ECN Capable Transport is not included in this SDP offer since it includes only an offer for the AMR 12.2 kbps mode and no bit-rate adaptation can be used.
An example of a suitable SDP answer to this SDP offer is shown in Table A.3.6.

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.2.3: SDP example 

	SDP offer

	m=audio 49152 RTP/AVP 97 98

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

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=ecn-capable-rtp
a=rtcp-rsize
a=ptime:20

a=maxptime:80


Comments:

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

An example of a suitable SDP answer to this SDP offer is shown in Table A.3.6.

A.2.5
MGW between GERAN UE and MTSI when wideband speech is supported

This example shows the SDP offer when the call is initiated from GSM CS when AMR is supported with the {12.2, 7.4, 5.9 and 4.75} codec mode set and when AMR-WB is supported with the {12.65, 8.85 and 6.60} mode set. In this example, it is also assumed that only the bandwidth-efficient payload format is supported and that the MTSI MGW will not send any redundant speech frames.

Table A.2.4: SDP example

	SDP offer

	m=audio 49152 RTP/AVP 98 97

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

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=rtpmap:98 AMR-WB/16000/1

a=fmtp:98 mode-set=0,1,2; mode-change-period=2, \

  mode-change-neighbor=1; mode-change-capability=2; max-red=0

a=ecn-capable-rtp
a=rtcp-rsize
a=ptime:20

a=maxptime:80


Comments:

Since the MGW only supports a subset of the AMR codec modes and of the AMR-WB codec modes, it needs to indicate this in the SDP. The same applies for the mode change restrictions.
A.3
SDP answers to SDP speech session offers

A.3.1
General

This clause gives a few examples of possible SDP answers. The likelihood that these SDP answers will be used may vary from case to case since the SDP answer depends on circumstances outside the scope of this specification for example: availability of resources, radio bearer assignment and policy control. It is impossible to cover all the possible variants and hence these examples should be regarded as just a few examples of many possible alternatives. They were however selected because they span the range of possible SDP answers quite well.

The SDP offers are included to clarify what is being answered.

A.3.1a
SDP answer from an MTSI client in terminal when only narrowband speech was offered

These SDP offers and answer are likely when the offering MTSI client in terminal (or other client) only supports narrowband speech (AMR).

The SDP offer included in this example is identical to the SDP offer shown in Table A.1.1.

Table A.3.0: SDP example

	SDP offer

	m=audio 49152 RTP/AVP 97 98

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

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=ecn-capable-rtp
a=rtcp-rsize
a=ptime:20

a=maxptime:240

	SDP answer

	m=audio 49152 RTP/AVPF 99

a=acfg:1 t=1

a=rtpmap:99 AMR/8000/1

a=fmtp:99 mode-change-capability=2; max-red=220

a=ecn-capable-rtp
a=rtcp-rsize
a=ptime:20

a=maxptime:240


Comments:

The SDP answer contains only one encoding format since 3GPP TS 24.229 [7] requires that the answerer shall select exactly one codec for the answer. Since both MTSI clients in terminals support the same configurations for narrowband speech, it is likely that the selected configuration included in the answer is identical to the configuration in the offer and that no mode-set is defined by the terminating client.

The conclusion from this offer-answer procedure is that the offerer can only send AMR encoded speech to the answerer using the bandwidth-efficient payload type with RTP Payload Type 99, since this was the only configuration included in the answer. The answerer sends AMR encoded speech to the offerer using the bandwidth-efficient payload format, in this case RTP Payload Type 97.

Even though both MTSI clients in terminals 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} mode set because the transport layer functions are optimized for these codec modes.

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

In the above example it is assumed that AVPF will be accepted since the MTSI client is required to support this RTP profile.
The MTSI client in terminal accepts the offer for ECN Capable Transport (ECT) and Reduced-Size RTCP.
A.3.2
SDP answer from an MTSI client in terminal

These SDP offers and answers are likely when both MTSI clients in terminals support AMR and AMR-WB and also both the bandwidth-efficient and the octet-aligned payload formats.

The SDP offer included in this example is identical to the SDP offer shown in Table A.1.2.

Table A.3.1: SDP example

	SDP offer

	m=audio 49152 RTP/AVP 97 98 99 100

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

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=ecn-capable-rtp
a=rtcp-rsize
a=ptime:20

a=maxptime:240

	SDP answer if AVPF is accepted

	m=audio 49152 RTP/AVPF 97

a=acfg:1 t=1

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

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

a=ecn-capable-rtp
a=rtcp-rsize
a=ptime:20

a=maxptime:240


Comments:

The SDP answer contains only one encoding format since 3GPP TS 24.229 [7] requires that the answerer shall select exactly one codec for the answer. Since both MTSI clients in terminals support the same configurations, it is likely that the selected configuration included in the answer is identical to the configuration in the offer and that no mode-set is defined by the terminating client. 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 MTSI clients in terminals support all codec modes, it is desirable to mainly use the codec modes from the AMR-WB {12.65, 8.85 and 6.60} mode set 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 MTSI clients in terminals support receiving several frames per packet.

In the above example it is assumed that AVPF will be accepted since the MTSI client is required to support this RTP profile.

This SDP answer is also a possible answer to the SDP offer shown in Table A.1.3.

A.3.2a
SDP answer from a non-MTSI UE with AVP

The MTSI client must be prepared to receive an SDP answer with AVP. This is likely to occur for legacy clients that do not support AVPF or SDPCapNeg. The example in Table A.3.1a shows a possible SDP answer with AVP to an SDP offer as shown in Table A.1.2.

Table A.3.1a: SDP answer example with AVP

	SDP answer with AVP

	m=audio 49152 RTP/AVP 97

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

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

a=ptime:20

a=maxptime:240


Comments:

A client that does not support SDPCapNeg would not understand the attributes defined by the SDPCapNeg framework and would therefore ignore the lines with ‘a=tcap’ and ‘a=pcfg’.
In this case, it is assumed that the non-MTSI UE supports neither ECN nor Reduced-Size RTCP and therefore removes those attributes when creating the answer.
A.3.3
SDP answer from an MTSI client in terminal supporting only AMR

These SDP offers and answers are likely when the answering MTSI client in terminal supports only AMR.

The SDP offer included in this example is identical to the SDP offer shown in Table A.1.2.

Table A.3.2: SDP example

	SDP offer

	m=audio 49152 RTP/AVP 97 98 99 100

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

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=ecn-capable-rtp
a=rtcp-rsize
a=ptime:20

a=maxptime:240

	SDP answer

	m=audio 49152 RTP/AVPF 99

a=acfg:1 t=1

a=rtpmap:99 AMR/8000/1

a=fmtp:99 mode-change-capability=2; max-red=220

a=ecn-capable-rtp
a=rtcp-rsize
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 and RTP Payload Type 100 is removed since the answerer is required to answer with only one encoding format.

Even though both MTSI clients in terminals 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] mode set because the transport layer functions are optimized for these modes.

This SDP answer is also a possible answer to the SDP offer shown in Table A.1.3.

A.3.4
SDP answer from an MTSI client in terminal using EGPRS access when both AMR and AMR-WB are supported

In this case the answering MTSI client in terminal is using EGPRS access and supports both narrowband and wideband speech, i.e. both AMR and AMR-WB.

The SDP offer is identical to the SDP offer shown in Table A.1.2.

Table A.3.3: SDP example

	SDP offer

	m=audio 49152 RTP/AVP 97 98 99 100

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

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=ecn-capable-rtp
a=rtcp-rsize
a=ptime:20

a=maxptime:240

	SDP answer

	m=audio 49152 RTP/AVPF 97

a=acfg:1 t=1

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

a=fmtp:97 mode-change-capability=2; max-red=200

a=ecn-capable-rtp
a=rtcp-rsize
a=ptime:40

a=maxptime:240


Comments:

The answering MTSI client in terminal responds that it desires to receive 2 frames encapsulated in each packet. It will however send with 1 frame per packet since the offering MTSI client in terminal 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 MTSI client in terminal 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 is recommended to do so.

This SDP answer is also a possible answer to the SDP offer shown in Table A.1.3.

A.3.4a
SDP answer from an MTSI client in terminal using EGPRS access when only AMR is supported

In this case the answering MTSI client in terminal is using EGPRS access but supports only narroband speech, i.e. only AMR.

The SDP offer is identical to the SDP offer shown in Table A.1.2 although the SDP answer here would also work nicely as a response to the SDP offer shown in Table A.1.5.

Table A.3.3a: SDP example

	SDP offer

	m=audio 49152 RTP/AVP 97 98 99 100

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

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=ecn-capable-rtp
a=rtcp-rsize
a=ptime:20

a=maxptime:240

	SDP answer

	m=audio 49152 RTP/AVPF 97

a=acfg:1 t=1

a=rtpmap:97 AMR/8000/1

a=fmtp:97 mode-change-capability=2; max-red=200

a=ecn-capable-rtp
a=rtcp-rsize
a=ptime:40

a=maxptime:240


Comments:

The answering MTSI client in terminal responds that it desires to receive 2 frames encapsulated in each packet. It will however send with 1 frame per packet since the offering MTSI client in terminal 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 MTSI client in terminal 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 is recommended to do so.

This SDP answer is also a suitable response to an SDP offer as shown in Table A.1.5, even if the answering MTSI client in a terminal is using HSPA access. This is because it is wise to harmonize the packetization, and the ptime in the SDP answer, with the ptime in the SDP offer so that 2 frames per packet will be used in both directions when one of the end-points is using EGPRS access.

A.3.4b
SDP answer from an MTSI client in terminal using WLAN

In this example, the MTSI client in terminal is using a WLAN network.

The SDP offer shown here is identical to the SDP offer shown in Table A.1.1.

Table A.3.3b: SDP example

	SDP offer

	m=audio 49152 RTP/AVP 97 98

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

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=ecn-capable-rtp
a=rtcp-rsize
a=ptime:20

a=maxptime:240

	SDP answer

	m=audio 49152 RTP/AVPF 97

a=acfg:1 t=1

a=rtpmap:97 AMR/8000/1

a=fmtp:97 mode-change-capability=2; max-red=160

a=ecn-capable-rtp
a=rtcp-rsize
a=ptime:80

a=maxptime:240


Comments:

This SDP answer, with ptime=80, is suitable if the MTSI client in terminal can measure the load in the WLAN network and has detected that the load is high. If, on the other hand, the load is low then the MTSI client in terminal may very well choose to use a lower value for the ptime attribute, for example 20 or 40.

This SDP answer is also suitable when the answering MTSI client in terminal is using HSPA access but when the offerer is using WLAN and indicates ptime=80, e.g. as shown in the SDP offer in Table A.1.6. In such a case, it is wise to harmonize the ptime values in both directions to increase the likelihood that several frames will be encapsulated in the RTP packets.

This SDP answer is also a possible answer to the SDP offer shown in Table A.1.3.

A.3.5
SDP answer from MTSI MGW supporting only one codec mode set for AMR and AMR-WB each

In this case the MTSI 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}, since the CS terminal only supports these mode sets. The MTSI MGW also only supports the bandwidth-efficient payload format.

The SDP offer included in this example is identical to the SDP offer shown in Table A.1.2.

Table A.3.4: SDP example 

	SDP offer (from MTSI client in terminal on HSPA)

	m=audio 49152 RTP/AVP 97 98 99 100

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

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=ecn-capable-rtp
a=rtcp-rsize
a=ptime:20

a=maxptime:240

	SDP answer (from MTSI MGW)

	m=audio 49152 RTP/AVPF 97

a=acfg:1 t=1

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=ecn-capable-rtp
a=rtcp-rsize
a=ptime:20

a=maxptime:80


Comments:

The MTSI MGW is allowed to define the mode-set parameter since the MTSI client in terminal did not define it. Thereby, it is possible to avoid several SDP offers and answers.

The SDP answer contains only one encoding format since 3GPP TS 24.229 [7] requires that the answerer shall select exactly one codec for the answer. In this case, the CS terminal supports wideband speech and the MTSI MGW therefore chooses to establish a wideband speech session.

Since the MTSI client in terminal has defined that it does support restrictions in mode changes, the MTSI MGW can safely set the mode-change-period and mode-change-neighbor parameters.

In this example, the MTSI MGW also does not support redundancy so it sets max-red to zero.

This SDP answer is also a possible answer to the SDP offer shown in Table A.1.3.

A.3.5a
SDP answer from MTSI MGW supporting only one codec mode set for AMR

In this case the MTSI MGW supports only one codec mode set for AMR, {12.2, 7.4, 5.9 and 4.75}, since the CS terminal supports only this mode set. The MTSI MGW also only supports the bandwidth-efficient payload format.

Table A.3.4a: SDP example 

	SDP offer (from MTSI client in terminal on HSPA)

	m=audio 49152 RTP/AVP 97 98 99 100

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

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=ecn-capable-rtp
a=rtcp-rsize
a=ptime:20

a=maxptime:240

	SDP answer (from MTSI MGW)

	m=audio 49152 RTP/AVPF 97

a=acfg:1 t=1

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=ecn-capable-rtp
a=rtcp-rsize
a=ptime:20

a=maxptime:80


Comments:

The MTSI MGW is allowed to define the mode-set parameter since the MTSI client in terminal did not define it. Thereby, it is possible to avoid several SDP offers and answers.

The SDP answer contains only one encoding format since 3GPP TS 24.229 [7] requires that the answerer shall select exactly one codec for the answer. In this case, the CS terminal does not supports wideband speech and the MTSI MGW therefore selects to establish a narrowband speech session.

Since the MTSI client in terminal has defined that it does support restrictions in mode changes, the MTSI MGW can safely set the mode-change-period and mode-change-neighbor parameters.

In this example, the MTSI MGW also does not support redundancy so it sets max-red to zero.

A.3.6
SDP answer from MTSI client in terminal on HSPA for session initiated from MTSI MGW interfacing UE on GERAN

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

The SDP offer shown here is very similar to the SDP offer shown in Table A.2.1. The only difference is that maxptime is set to 20.

Table A.3.5: SDP example 

	SDP offer (from MTSI MGW)

	m=audio 49152 RTP/AVP 97

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

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=ecn-capable-rtp
a=rtcp-rsize
a=ptime:20

a=maxptime:20

	SDP answer (from MTSI client in terminal)

	m=audio 49152 RTP/AVPF 97

a=acfg:1 t=1

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=ecn-capable-rtp
a=rtcp-rsize
a=ptime:20

a=maxptime:240


Comments:

The MTSI media gateway offers only a restricted mode set sincethe CS terminal does not support anything else. The MTSI client in terminal has to accept this, if it wants to continue with the session setup.

This example also shows that the MTSI media gateway want to receive only 1 frame per packet. The maxptime parameter is therefore set to 20. With max-red set to 0 the MTSI media gateway also shows that it will not send redundancy. The MTSI terminal can support receiving up to 12 frames per packet. It therefore set the maxptime parameter to 240.

The MTSI client in terminal detects that the MTSI media gateway does not want to receive redundancy and therefore sets max-red to 0.

The SDP answer shown in this example is also a suitable answer to the SDP offer shown in Table A.2.1. This SDP answer is also suitable for the SDP offer shown Table A.2.3 since the transport layer functions are optimized for the AMR {12.2, 7.4, 5.9 and 4.7} codec modes.

A.3.7
SDP answer from MTSI client in terminal on HSPA for session initiated from MTSI MGW interfacing legacy UE on UTRAN

This example shows the offers and answers for a session between a legacy UTRAN CS UE that only supports AMR 12.2, through a MTSI media gateway, and a MTSI client in terminal.

The SDP offer shown here is identical to the SDP offer shown in Table A.2.2.

Table A.3.6: SDP example 

	SDP offer (from MTSI MGW)

	m=audio 49152 RTP/AVP 97

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

a=rtpmap:97 AMR/8000/1

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

a=ptime:20

a=maxptime:20

	SDP answer (from MTSI client in terminal)

	m=audio 49152 RTP/AVPF 97

a=acfg:1 t=1

a=rtpmap:97 AMR/8000/1

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

a=ptime:20

a=maxptime:240


Comments:

The MTSI media gateway offers only one codec mode set since the CS terminal does not support anything else. The MTSI client in terminal has to accept this, if it wants to continue with the session setup.

This example also shows that the MTSI media gateway want to receive only 1 frame per packet. The maxptime parameter is therefore set to 20. With max-red set to 0 the MTSI media gateway also shows that it will not send redundancy. The MTSI terminal can support receiving up to 12 frames per packet. It therefore set the maxptime parameter to 240.

The MTSI client in terminal detects that the MTSI media gateway does not want to receive redundancy and therefore sets max-red to 0.
The SDP offer does not include any offer for ‘ecn-capable-rtp’ since the MTSI MGW offers only a single AMR codec mode, and therefore does not support bit-rate adaptation. 
*** End change 16 ***

*** Start change 17 ***

A.6
SDP example with bandwidth information

This clause gives an example where the bandwidth modifiers have been included in the SDP offer.

Table A.6.1: SDP example with bandwidth information

	SDP offer

	v=0

o=Example_SERVER 3413526809 0 IN IP4 server.example.com

s=Example of AS, TIAS and maxprate in MTSI

c=IN IP4 aaa.bbb.ccc.ddd

t=0 0

b=AS:78

a=tcap:1 RTP/AVPF

m=audio 49152 RTP/AVP 97 98

a=pcfg:1 t=1

b=AS:30

b=RS:0

b=RR:2000

a=rtpmap:97 AMR/8000/1

a=fmtp:97 mode-change-capability=2; max-red=160

a=rtpmap:98 AMR/8000/1

a=fmtp:98 mode-change-capability=2; max-red=160; octet-align=1

a=ecn-capable-rtp

a=rtcp-rsize

a=ptime:20

a=maxptime:240

m=video 49154 RTP/AVP 99

a=pcfg:1 t=1

b=AS:48

b=RS:0

b=RR:2500

a=rtpmap:99 MP4V-ES/90000

a=fmtp:99 profile-level-id=8; \

   config=000001B008000001B509000001010000012000884006682C2090A21F


The b=AS value indicates the media bandwidth, excluding RTCP, see RFC 3550, section 6.2. On session level, the b=AS value indicates the sum of the media bandwidths, excluding RTCP.

In this example, the bandwidth for RTCP is allocated such that it allows for sending at least 2 compound RTCP packets per second. The size of a RTCP Sender Report is estimated to 110 bytes, given IPv4 and point-to-point sessions. The corresponding bandwidth then becomes 1760 bps which means that compound RTCP packets can be sent a little more frequently than twice per second.

For speech sessions, the RTCP bandwidth is set to 2000 bps to give room for adaptation requests with APP packets according to clause 10.2 in at least some of the RTCP messages. This adds 16 bytes to the RTCP packet.

For video, the RTCP bandwidth is set to 2500 bps to give room for slightly more frequent reporting and also to give room for codec-control messages (CCM) [43].

Setting the RS value to 0 does not mean that senders are not allowed to send RTCP packets. It instead means that sending clients are treated in the same way as receive-only clients, see also RFC 3556 [68].

The tcap attribute is in this example given on the session level to avoid repeating it for each media type.

*** End change 17 ***

*** Start change 18 ***

A.8
SDP example with QoS negotiation

This clause gives an example of an SDP interchange with negotiated QoS parameters.

Table A.8.1: SDP example with QoS negotiation

	SDP offer from MTSI client in terminal A to B in SIP INVITE message

	v=0

o=Example_SERVER 3413526809 0 IN IP4 server.example.com

s=Example of using AS to indicate negotiated QoS in MTSI

c=IN IP4 aaa.bbb.ccc.ddd

t=0 0
b=AS:78

a=tcap:1 RTP/AVPF

m=audio 49152 RTP/AVP 97 98

a=pcfg:1 t=1
b=AS:30

b=RS:0

b=RR:2000

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=ecn-capable-rtp

a=rtcp-rsize

a=ptime:20

a=maxptime:240

m=video 49154 RTP/AVP 99

a=pcfg:1 t=1
b=AS:48

b=RS:0

b=RR:2500

a=rtpmap:99 MP4V-ES/90000

a=fmtp:99 profile-level-id=8; \

   config=000001B008000001B509000001010000012000884006682C2090A21F

	SDP answer from UE B to A in 200/OK message

	v=0

o=Example_SERVER2 34135268010 IN IP4 server2.example.com

s=Example of using AS to indicate negotiated QoS in MTSI

c=IN IP4 aaa.bbb.ccc.ddd

t=0 0

b=AS:78

m=audio 49152 RTP/AVPF 97

a=pcfg:1 t=1
b=AS:30

b=RS:0

b=RR:2000

a=rtpmap:97 AMR/8000/1

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

a=ecn-capable-rtp

a=rtcp-rsize

a=ptime:20

a=maxptime:240

m=video 49154 RTP/AVPF 99

a=acfg:1 t=1

b=AS:48

b=RS:0

b=RR:2500

a=rtpmap:99 MP4V-ES/90000

a=fmtp:99 profile-level-id=8; \

   config=000001B008000001B509000001010000012000884006682C2090A21F

	SDP offer from MTSI client in terminal B to A in SIP UPDATE message

	v=0

o=Example_SERVER2 34135268010 IN IP4 server2.example.com

s=Example of using AS to indicate negotiated QoS in MTSI

c=IN IP4 aaa.bbb.ccc.ddd

t=0 0
b=AS:60

m=audio 49252 RTP/AVPF 97

b=AS:30

b=RS:0

b=RR:2000

a=rtpmap:97 AMR/8000/1

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

a=ecn-capable-rtp

a=rtcp-rsize

a=ptime:20

a=maxptime:240

m=video 49254 RTP/AVPF 99

b=AS:30

b=RS:0

b=RR:2500

a=rtpmap:99 MP4V-ES/90000

a=fmtp:99 profile-level-id=8; \

   config=000001B008000001B509000001010000012000884006682C2090A21F

	SDP answer from MTSI client in terminal A to B in 200/OK RESPONSE to UPDATE message

	v=0

o=Example_SERVER 3413526809 0 IN IP4 server.example.com

s=Example of using AS to indicate negotiated QoS in MTSI

c=IN IP4 aaa.bbb.ccc.ddd

t=0 0
b=AS:78

m=audio 49152 RTP/AVPF 97

b=AS:30

b=RS:0

b=RR:2000

a=rtpmap:97 AMR/8000/1

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

a=ecn-capable-rtp

a=rtcp-rsize

a=ptime:20

a=maxptime:240

m=video 49154 RTP/AVPF 99

b=AS:48

b=RS:0

b=RR:2500

a=rtpmap:99 MP4V-ES/90000

a=fmtp:99 profile-level-id=8; \

   config=000001B008000001B509000001010000012000884006682C2090A21F


The example in table A.8.1 shows an SDP exchange that reflects the signalling of negotiated QoS during initial session setup when there is only one PDP context for the whole session. The first offer-answer procedure is initiated by the MTSI client in terminal A at session setup. The second offer-answer procedure is initiated by the MTSI client in terminal B when it receives a different negotiated QoS, only 30 kbps for video, than what was indicated in the first SDP offer from A. To notify A, B sends a new SDP offer, in this case embedded in an UPDATE message, to A indicating the lower negotiated QoS bit rate. The MTSI client in terminal A responds with its negotiated QoS value to B.

NOTE:
The bit rate in the second SDP answer, 48 kbps, was deliberately chosen to show that this is a fully valid SDP answer even though the second SDP offer only defines 30 kbps. It is however recommended that the UEs choose the same bandwidths whenever possible.

The SDP offer in the SIP UPDATE message contains only one encoding format since the answerer has already removed all but one encoding format in the SDP answer to the initial SDP offer.

In this example it is assumed that the SDPCapNeg framework is not needed in the UPDATE since the RTP profile has already been chosen in the initial invitation.

*** End change 18 ***

*** Start change 19 ***

A.10
Examples of SDP offers and answers for inter-working with other IMS or non-IMS IP networks

A.10.1
General

The session between an MTSI client in a terminal and a client in a remote (IMS or non-IMS) network can be established in many ways, especially when the session is initiated by the remote network and when the remote network does not use the MTSI service.

The SDP will also depend on how and when the MTSI MGW chooses to add information about what formats (other than AMR and AMR-WB) that can be used for inter-working. There are, in general, two methods for MTSI MGWs to add information about the alternative formats. The first method is to add the alternative formats to the original SDP offer from the initiating client as a pre-emptive action. The second method is to leave the original SDP offer unchanged, forward it to the remote network and wait for the answerer to respond and only add the alternative formats if/when the SDP offer was rejected. A further complication is that there might be multiple MGWs in the path for this kind of inter-working and different MGWs might work differently.

The SDP examples included below should therefore be regarded as a few samples of possible SDPs and should not be regarded as a complete description of what might occur in a real implementation.

A.10.2
Session initiated by MTSI client in terminal

A.10.2.1
SDP offers from an MTSI client in terminal

The MTSI client in terminal could send an SDP offer as shown in Table A.10.1 (narrow-band speech only) or Table A.10.2 (wide-band and narrow-band speech).

Table A.10.1: Original SDP offer from an MTSI client in terminal for narrow-band speech

	SDP offer

	m=audio 49152 RTP/AVP 97 98

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

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=ecn-capable-rtp

a=rtcp-rsize

a=ptime:20

a=maxptime:240


Comments:

This SDP offer is identical to the SDP offer in Table A.1.1.

Table A.10.2: Original SDP offer from an MTSI client in terminal for narrow-band and wide-band speech

	SDP offer

	m=audio 49152 RTP/AVP 97 98 99 100

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

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=ecn-capable-rtp

a=rtcp-rsize

a=ptime:20

a=maxptime:240


Comments:

This SDP offer is identical to the SDP offer in Table A.1.2.

A.10.2.2
SDP offers modified by MTSI MGW when pre-emptively adding inter-working formats

In this example, the MTSI MGW intercepts the SIP INVITE with the original SDP offer from the MTSI client in terminal and adds the codecs and formats that are supported for inter-working before forwarding the SDP offer to the remote network.

When an MTSI MGW pre-emptively adds codecs and formats for inter-working it will also remove lines that it does not support. These examples show an MTSI MGW that does not support AVPF nor SDPCapNeg and it will therefore remove the corresponding lines. The SDP offers could look like the examples included in Table A.10.3 (narrow-band speech only) and Table A.10.4 (wide-band and narrow-band speech).

Table A.10.3: SDP offer for narrow-band speech which has been modified by the MTSI MGW before it is sent to the remote network

	Modified SDP offer

	m=audio 49152 RTP/AVP 97 98 99 100 101

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=rtpmap:99 PCMA/8000/1

a=rtpmap:100 PCMU/8000/1

a=rtpmap:101 L16/8000/1

a=ecn-capable-rtp

a=rtcp-rsize

a=ptime:20

a=maxptime:240


Comments:

The SDP offer from Table A.10.1 has been modified by adding RTP Payload Types 99 (A-law PCM), 100 (-law PCM) and 101 (linear 16 bit PCM with 8 kHz sampling frequency).

The lines ”a=tcap:1 RTP/AVPF“ and ”a=pcfg:1 t=1“ are removed because the MTSI MGW does not support AVPF nor SDPCapNeg in this example.

To allow for end-to-end adaptation for AMR and AMR-WB, the MTSI MGW keeps a=maxptime:240.

If the remote network supports AMR, then the received SDP answer should contain at least one RTP Payload Type for AMR but there may also be one or more RTP Payload types for non-AMR codecs. In this case, the MTSI MGW does not need to perform transcoding and may forward the SDP offer to the MTSI client in terminal unchanged.

If the SDP answer contains no AMR RTP Payload Type then the MTSI MGW needs to perform transcoding to and from the format indicated by the remote network. In this case, the MTSI MGW needs to add AMR to the SDP answer that is sent back to the MTSI client in terminal.

Table A.10.4: SDP offer for wide-band and narrow-band speech which has been modified by the MTSI MGW before it is sent to the remote network

	Modified SDP offer

	m=audio 49152 RTP/AVP 97 98 101 102 99 100 103 104 105

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:101 G722/8000/1

a=rtpmap:102 L16/16000/1

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=rtpmap:103 PCMA/8000/1

a=rtpmap:104 PCMU/8000/1

a=rtpmap:105 L16/8000/1

a=ecn-capable-rtp

a=rtcp-rsize

a=ptime:20

a=maxptime:240


Comments:

The SDP offer from Table A.10.2 has been modified by adding RTP Payload Types 101 (G.722), 102 (linear 16 bit PCM with 16 kHz sampling frequency), 103 (A-law PCM), 104 (-law PCM) and 105 (linear 16 bit PCM with 8 kHz sampling frequency).

NOTE:
The sampling frequency for G.722 is 16 kHz but has been set to 8 kHz in the SDP because G.722 was (erroneously) assigned this value in the original version of the RTP A/V profile. Hence, one need to use “8000” for backwards compatibility reasons, see also [10].

The lines ”a=tcap:1 RTP/AVPF“ and ”a=pcfg:1 t=1“ are removed because the MTSI MGW does not support SDPCapNeg (in this example).

To allow for end-to-end adaptation for AMR and AMR-WB, the MTSI MGW keeps a=maxptime:240.

If the remote network supports AMR-WB or AMR, then the received SDP answer should contain at least one RTP Payload Type for AMR-WB or AMR but there may also be one or more RTP Payload Types for non-AMR codecs. In this case, the MTSI MGW does not need to perform transcoding and can remove the non-AMR RTP Payload Types before forwarding the SDP answer to the MTSI client in terminal.

If the SDP answer contains no AMR-WB or AMR RTP Payload Type then the MTSI MGW needs to perform transcoding to and from the format indicated by the remote network.

A.10.2.3
SDP modified by MGW when adding inter-working formats only when the original SDP offer was rejected

In this example, the MTSI MGW either forwards the original SDP offer that was received from the MTSI client in terminal to the remote network or it is not involved in the session setup at all until it is concluded that the same codecs are not supported in the different networks. In this latter case, the MTSI MGW is invoked only if the remote network rejects the SDP offer.

In this case, when the MTSI MGW sends the (new) SDP offer to the remote network it knows that the AMR (and AMR-WB) codecs are not supported by the remote network because the original SDP offer was rejected. It is therefore unnecessary to include these codecs in the (new) SDP offer. The SDP offers could look like the examples included in Table A.10.5 (narrow-band speech only) and Table A.10.6 (wide-band and narrow-band speech).

The remote client may also suggest codecs and configurations when it rejects the SDP offer. Existence of such information can, of course, be used to increase the likelihood that the session setup will be successful. These SDP examples are however designed for the case when no such information is available from the remote network.

Table A.10.5: New SDP offer for narrow-band speech sent by the MTSI MGW to the remote network

	New SDP offer

	m=audio 49152 RTP/AVP 99 100 101

a=rtpmap:99 PCMA/8000/1

a=rtpmap:100 PCMU/8000/1

a=rtpmap:101 L16/8000/1

a=ptime:20

a=maxptime:80


Comments:

The new SDP offer includes RTP Payload Types 99 (A-law PCM), 100 (-law PCM) and 101 (linear 16 bit PCM with 8 kHz sampling frequency).

In this case, the maxptime is set to 80, if the MTSI MGW does not support redundancy.
The offer for ECN Capable Transport is removed since neither of the codecs supports bit-rate adaptation.
Table A.10.6: New SDP offer for narrow-band and wide-band speech sent by the MTSI MGW to the remote network

	New SDP offer

	m=audio 49152 RTP/AVP 101 102 103 104 105

a=rtpmap:101 G722/8000/1

a=rtpmap:102 L16/16000/1

a=rtpmap:103 PCMA/8000/1

a=rtpmap:104 PCMU/8000/1

a=rtpmap:105 L16/8000/1

a=ptime:20

a=maxptime:80


Comments:

The new SDP offer includes RTP Payload Types 101 (G.722), 102 (linear 16 bit PCM with 16 kHz sampling frequency), 103 (A-law PCM), 104 (-law PCM) and 105 (linear 16 bit PCM with 8 kHz sampling frequency).

NOTE:
The sampling frequency for G.722 is 16 kHz but has been set to 8 kHz in the SDP because G.722 was (erroneously) assigned this value in the original version of the RTP A/V profile. Hence, one need to use “8000” for backwards compatibility reasons, see also [10].

In this case, the maxptime is set to 80, if the MTSI MGW does not support redundancy.
A.11
Adding a video component to an on-going video call session

The MTSI client in a terminal can add, remove and modify the media components during an ongoing MTSI session. This clause describes the SDP offer in the initial SIP INVITE message, see Table A.11.1, and the SDP in the subsequent re-INVITE or UPDATE message for adding a video stream to the ongoing MTSI video call session, see Table A.11.2. Corresponding SDP answers in the SIP 200/OK responses are also described.

The initial video call session contains one video component and one speech component. During the session, the MTSI client in terminal A adds a uni-directional video component (such as one video clip) to the ongoing video call session. The SDP content attribute “a=content:main” and “a=content:alt” are used to label the main and alternative video components respectively [81].

This example does not show how to use the content attribute in combination with the grouping attribute, nor does it show how to use the content attribute in combination with the synchronization attribute defined in Clause 6.2.6.

Table A.11.1: SDP offer/answer for setting up a video telephony session
	SDP offer from MTSI client in terminal A to B in SIP INVITE message

	a=tcap:1 RTP/AVPF

m=audio 49150 RTP/AVP 96

a=pcfg:1 t=1

b=AS:30

b=RS:0

b=RR:2000

a=rtpmap:96 AMR/8000/1

a=fmtp:96 mode-change-capability=2; max-red=220

a=ecn-capable-rtp 

a=rtcp-rsize
a=ptime:20

a=maxptime:240

m=video 54320 RTP/AVP 99

a=pcfg:1 t=1

b=AS:57

b=RS:0

b=RR:2500

a=rtpmap:99 MP4V-ES/90000

a=fmtp:99 profile-level-id=8; \

   config=000001B008000001B509000001010000012000884006682C2090A21F

	SDP answer from MTSI client in terminal B to A in 200/OK RESPONSE message

	m=audio 49152 RTP/AVPF 96

a=acfg:1 t=1

b=AS:30

b=RS:0

b=RR:2000

a=rtpmap:96 AMR/8000/1

a=fmtp:96 mode-change-capability=2; max-red=220

a=ecn-capable-rtp 

a=rtcp-rsize
a=ptime:20

a=maxptime:240

m=video 54320 RTP/AVPF 99

a=acfg:1 t=1

b=AS:57

b=RS:0

b=RR:2500

a=rtpmap:99 MP4V-ES/90000

a=fmtp:99 profile-level-id=8; \

   config=000001B008000001B509000001010000012000884006682C2090A21F


Table A.11.2: Second SDP offer/answer for adding one more video component
	SDP offer from MTSI client in terminal A to B in SIP UPDATE/Re-INVITE message

	a=tcap:1 RTP/AVPF

m=audio 49150 RTP/AVP 96

a=pcfg:1 t=1

b=AS:30

b=RS:0

b=RR:2000

a=rtpmap:96 AMR/8000/1

a=fmtp:96 mode-change-capability=2; max-red=220

a=ecn-capable-rtp 

a=rtcp-rsize
a=ptime:20

a=maxptime:240

m=video 54320 RTP/AVP 99

i=Main video

a=pcfg:1 t=1

b=AS:57

b=RS:0

b=RR:2500

a=rtpmap:99 MP4V-ES/90000

a=fmtp:99 profile-level-id=8; \

   config=000001B008000001B509000001010000012000884006682C2090A21F

a=content:main

m=video 43200 RTP/AVP 100

i=Alternative video

a=pcfg:1 t=1

b=AS:128

b=RS:0

b=RR:2500

a=rtpmap:100 H263-2000/90000

a=fmtp:100 profile=0;level=45;

a=content:alt

a=sendonly

	SDP answer from MTSI client in terminal B to A in 200/OK RESPONSE to UPDATE/Re-INVITE message

	m=audio 49152 RTP/AVPF 96

a=acfg:1 t=1

b=AS:30

b=RS:0

b=RR:2000

a=rtpmap:96 AMR/8000/1

a=fmtp:96 mode-change-capability=2; max-red=220

a=ecn-capable-rtp 

a=rtcp-rsize
a=ptime:20

a=maxptime:240

m=video 54320 RTP/AVPF 99

a=acfg:1 t=1

b=AS:57

b=RS:0

b=RR:2500

a=rtpmap:99 MP4V-ES/90000

a=fmtp:99 profile-level-id=8; \

   config=000001B008000001B509000001010000012000884006682C2090A21F

a=content:main

m=video 43200 RTP/AVPF 100

a=acfg:1 t=1

b=AS:128

b=RS:0

b=RR:2500

a=rtpmap:100 H263-2000/90000

a=fmtp:100 profile=0;level=45;

a=content:alt

a=recvonly


*** End change 19 ***

*** Start change 20 ***

C.1.3.5
Adaptation state machine with ECN

Editor’s note: A state machine for using both PLR and ECN should be included.
*** End change 20 ***
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