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*** Change 1 ***

Introduction

Multimedia Telephony Service for IMS (MTSI), here also referred to as Multimedia Telephony, is a standardized IMS telephony service that builds on the IMS capabilities to establish multimedia communications between terminals within and in-between operator networks. The terminals connect to the IMS using either a fixed access network or a 3GPP access network. 
The objective of defining a service is to specify the minimum set of capabilities required in the IP Multimedia Subsystem to secure multi-vendor and multi‑operator inter-operability for Multimedia Telephony and related Supplementary Services. The objective also includes defining procedures for inter-working between different clients and networks.
The user experience of multimedia telephony is expected to be equivalent to or better than corresponding circuit-switched telephony services. Multimedia telephony also exploits the richer capabilities of IMS. In particular, multiple media components can be used and dynamically added or dropped during a session.

*** Change 2 ***

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 present document describes two client types:

-
An MTSI client in terminal which uses a 3GPP access (LTE, HSPA, or EGPRS) to connect to the IMS. These clients are described in Clauses 5 – 17 and Annexes A – M.

-
An MTSI client in terminal which uses a fixed access (corded interface, fixed-wireless interface, e.g. Wi-Fi, Bluetooth or DECT/NG DECT) to connect to the IMS. These clients are described in Clause 18.

MTSI clients using 3GPP access and MTSI clients using fixed access have many common procedures for the media handling. This specification aligns the media handling by using cross references whenever possible. This does not mean that 3GPP terminals must support fixed access, nor does it mean that fixed terminals must support 3GPP access.
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 other IMS and non-IMS IP networks as well as traditional PSTN is covered.
The client may also support the IMS Messaging service and Group 3 facsimile transmission. The scope therefore also includes media handling for non-conversational media using MSRP and UDPTL-based Facsimile over IP (FoIP).

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 enables the MTSI client to read and write the ECN field. This interface is outside the scope of this specification.
*** Change 3 ***
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4
System description

4.1
System

A Multimedia Telephony Service for IMS call uses the Call Session Control Function (CSCF) mechanisms to route control‑plane signalling between the UEs involved in the call (see figure 4.1). In the control plane, Application Servers (AS) should be present and may provide supplementary services such as call hold/resume, call forwarding and multi‑party calls, etc.

The scope of the present document is to specify the media path.  In the example in figure 4.1, it is routed directly between the PS Domains outside the IMS.
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Figure 4.1: High-level architecture figure showing two MTSI clients in terminals using 3GPP access involved in an MTSI call set-up. The terminals connect to the IMS network over a 3GPP radio access network.
The call setup for an MTSI client in terminal using fixed access is the same as shown in Figure 4.1 for 3GPP terminals except that a fixed access is used instead of the 3GPP access and that the PS Domain is not necessarily used.
4.2
Client

The functional components of a terminal including an MTSI client in terminal using 3GPP access are shown in figure 4.2. An MTSI client in terminal using fixed access can have the same functional components except that it does not have any 3GPP Layer 2 protocol.
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NOTE:
The grey box marks the scope of the present document.

Figure 4.2: Functional components of a terminal including an MTSI client in terminal using 3GPP access
The scope of the present document is to specify media handling and interaction, which includes media control, media codecs, as well as transport of media and control data. General control-related elements of an MTSI client, such as SIP signalling (3GPP TS 24.229 [7]), fall outside this scope, albeit parts of the session setup handling and session control for conversational media are defined here:

-
usage of SDP (RFC 4566 [8]) and SDP capability negotiation (SDPCapNeg [69]) in SIP invitations for capability negotiation and media stream setup.

-
set-up and control of the individual media streams between clients. It also includes interactivity, such as adding and dropping of media components.

Transport of media consists of the encapsulation of the coded media in a transport protocol as well as handling of coded media received from the network. This is shown in figure 4.2 as the "packet based network interface" and is displayed, for conversational media, in more detail in the user-plane protocol stack in figure 4.3. The basic MTSI client defined here specifies media codecs for speech, video and text (see clause 5). All conversational media components are transported over RTP with each respective payload format mapped onto the RTP (RFC 3550 [9]) streams.
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Figure 4.3: User plane protocol stack for a basic MTSI client

An MTSI client may also support non-conversational media, for example IMS messaging. The functional entities and the protocols used for IMS messaging are described in 3GPP TS 24.247 [82].

*** Change 5 ***

12.3
GERAN/UTRAN CS inter-working

This clause defines requirements only for the PS side of the MGW, i.e. for the PS session in-between the MTSI client in a terminal and the MGW. The CS side of the MGW, i.e. in-between the MGW and the CS terminal, is out of scope of this clause. 
This clause applies for MTSI MGWs supporting inter-working between a CS terminal using CS GERAN/UTRAN access and:

-
an MTSI client in terminal using 3GPP access; or:

-
an MTSI client in terminal using fixed access; or:

-
a non-MTSI client.

The requirements and recommendations for these three cases are harmonized to enable using the same procedures regardless of the type of PS client and what access it uses, as long as it uses IP based access. 

The target for this clause is to enable tandem-free operation when the same codec (AMR or AMR-WB) is used by both end-points.

An MTSI MGW may also support the other codecs listed in clause 18.2.2 for inter-working between an MTSI client in terminal using fixed access and a CS terminal using GERAN or UTRAN access. This means that tandem coding will be used and then the PS side and the CS side operate independently of each other. This further means that the requirements and recommendations for the PS side of the MGW are the same as for an MTSI client in terminal using fixed access, as described in clause 18, unless it is explicitly defined below.
*** Change 6 ***

12.3.1
Codecs for MTSI media gateways

12.3.1.1
Speech interworking between 3GPP PS access and CS GERAN/UTRAN
This clause applies to MTSI MGWs used for interworking between an MTSI client in terminal using 3GPP access and a CS GERAN/UTRAN UE.

MTSI media gateways supporting speech communication between an MTSI client in terminal using 3GPP access and terminals operating in the CS domain in GERAN and UTRAN should support Tandem-Free Operation (TFO) for AMR or AMR-WB according to 3GPP TS 28.062 [37], and Transcoder-Free Operation (TrFO), see 3GPP TS 23.153 [38].

MTSI media gateways supporting speech communication and supporting TFO and/or TrFO shall support:

-
AMR speech codec modes 12.2, 7.4, 5.9 and 4.75 [11], [12], [13], [14] and source-controlled rate operation [15].

MTSI media gateways should also support the other AMR codec types and configurations as defined in Clause 5.4 in [16].

In the receiving direction, from the MTSI client in the terminal, the MTSI media gateway shall be capable of restricting codec mode changes to be aligned to every other frame border and shall be capable of restricting codec mode changes to neighbouring codec modes within the negotiated codec mode set. 
NOTE 1:
This means that the MTSI client in a terminal will apply and accept mode changes according to UMTS AMR2 [16]. An example of an SDP offer for how the MTSI MGW can restrict AMR mode changes in the MTSI client in a terminal is shown in Table A.2.1. An example of an SDP answer from the MTSI MGW for restricting the mode changes in the MTSI client in a terminal is shown in Table A.3.4a.

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

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

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

In the receiving direction, from the MTSI client in the terminal, the MTSI media gateway shall be capable of restricting codec mode changes to be aligned to every other frame border and shall be capable of restricting codec mode changes to neighbouring codec modes within the negotiated codec mode set.

NOTE 2:
This means that the MTSI client in a terminal will apply and accept mode changes according to UMTS AMR-WB [16]. An example of an SDP offer for how the MTSI MGW can restrict AMR and AMR-WB mode changes in the MTSI client in a terminal is shown in Table A.2.4. An example of an SDP answer from the MTSI MGW for restricting the mode changes in the MTSI client in a terminal is shown in Table A.3.4.

MTSI MGWs supporting wideband speech communication shall also support narrowband speech communications. When offering both wideband speech and narrowband speech communication, wideband shall be listed as the first payload type in the m line of the SDP offer (RFC 4566 [8]).

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

12.3.1.1a
Speech inter-working between fixed access and CS GERAN/UTRAN

This clause applies to MTSI MGWs used for interworking between an MTSI client in terminal using fixed access and a CS GERAN/UTRAN UE.

Media codecs for MTSI MGWs for speech inter-working between fixed access and CS GERAN/UTRAN are specified in TS 181 005 [x2] in clause 6.2 for narrow-band codecs and in clause 6.3 for wide-band codecs.

MTSI MGWs for speech inter-working between fixed access and CS GERAN/UTRAN supporting AMR and AMR-WB shall follow clause 12.3.1.1 for the AMR and AMR-WB codecs. Tandem-free inter-working should be used whenever possible.

For the other codecs, the MTSI MGW shall follow the recommendations and requirements defined in clause 18 for the respective codec. For these codecs, tandem-free inter-working is not possible when interworking with CS GERAN/UTRAN.

Requirements applicable to MTSI media gateways for DTMF events are described in Annex G.
*** Change 7 ***

12.3.2
RTP payload formats for MTSI media gateways

12.3.2.1
Speech

For RTP payload formats, see clause 18.4.3.

MTSI media gateways supporting AMR or AMR-WB shall support the bandwidth-efficient payload format and should support the octet-aligned payload format. When offering both payload formats, the bandwidth-efficient payload format shall be listed before the octet-aligned payload format in the preference order defined in the SDP.

The MTSI media gateway should use the SDP parameters defined in table 12.1 for the session.

For all access technologies and for normal operating conditions, the MTSI media gateway should encapsulate the number of non-redundant speech frames in the RTP packets that corresponds to the ptime value received in SDP from the other MTSI client, or if no ptime value has been received then according to "Recommended encapsulation" defined in table 12.1. The MTSI media gateway may encapsulate more non-redundant speech frames in the RTP packet but shall not encapsulate more than 4 non-redundant speech frames in the RTP packets. The MTSI media gateway may encapsulate any number of redundant speech frames in an RTP packet but the length of an RTP packet, measured in ms, shall never exceed the maxptime value.

Table 12.1: Recommended encapsulation parameters

	Access technology
	Recommended encapsulation (if no ptime and no RTCP_APP_REQ_AGG has been received)
	ptime
	maxptime when redundancy is not supported
	maxptime when redundancy is supported

	Default
	1 non-redundant speech frame per RTP packet

Max 4 or 12 speech frames in total depending on whether redundancy is supported but not more than a received maxptime value requires
	20
	80
	240

	HSPA

E-UTRAN
	1 non-redundant speech frame per RTP packet

Max 4 or 12 speech frames in total depending on whether redundancy is supported but not more than a received maxptime value requires
	20
	80
	240

	EGPRS
	2 non-redundant speech frames per RTP packet but not more than a received maxptime value requires

Max 4 or 12 speech frames in total depending on whether redundancy is supported but not more than a received maxptime value requires
	40
	80
	240

	GIP
	1 to 4 non-redundant speech frames per RTP packet but not more than a received maxptime value requires

Max 12 speech frames in total but not more than a received maxptime value requires
	20, 40, 60 or 80
	N/A
	240


When the access technology is not known to the MTSI media gateway, the default encapsulation parameters defined in Table 12.1 shall be used.

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

MTSI media gateways should support the RTCP-APP signalling defined in clause 10.2.1. The Codec Mode Request (RTCP_APP_CMR) is only relevant when AMR or AMR-WB is used but the Redundancy Request and the Frame Aggregation Request can be used for all codecs. When RTCP-APP is not supported or cannot be used in the session then adaptation can also be based on RTCP Receiver Reports/Sender Reports.

MTSI media gateways should support redundancy according to clause 9.

NOTE:
Support of transmitting redundancy may be especially useful in the case an MTSI media gateway is aware of the used access technology and knows that the Generic Access technology is used.

*** Change 8 ***

12.6
Void
12.6.1
Void

12.6.2
Void

*** Change 9 ***

12.7
Inter-working with other IMS and non-IMS IP networks

12.7.1
General

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

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

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

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

12.7.2
Speech

12.7.2.1
General

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

12.7.2.2
Speech codecs and formats

12.7.2.2.1
MTSI MGW for interworking between MTSI client in terminal using 3GPP access and other IMS or non-IMS IP networks
This clause applies to MTSI MGWs used for interworking between an MTSI client in terminal using 3GPP access and a client using another IMS or non-IMS IP network.

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

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

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

and should support:

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

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

· G.722 (SB-ADPCM) at 64 kbps, [78], towards the remote network; and:
· linear 16 bit PCM (L16) at 16 kHz sampling frequency, towards the remote network.
NOTE:
A TrGW decomposed from an IBCF can also be media-unaware and forward any media transparentely without changing the encoding. Transcoding support is optional at the Ix interface.

12.7.2.2.2
MTSI MGW for interworking between MTSI client in terminal using fixed access and other IMS or non-IMS IP networks

This clause applies to MTSI MGWs used for interworking between an MTSI client in terminal using fixed access and a client using another IMS or non-IMS IP network.
Media codecs for MTSI MGWs for speech inter-working between fixed access and IP clients in other IMS or non-IMS IP networks are specified in TS 181 005 [x2] in clause 6.2 for narrow-band codecs and in clause 6.3 for wide-band codecs. In addition, the MTSI MGW should support linear 16 bit PCM (L16) at 8 kHz sampling frequency for narrow-band speech. An MTSI MGW supporting wideband speech should also support linear 16 bit PCM (L16) at 16 kHz sampling frequency.
MTSI MGWs for speech inter-working between access and CS GERAN/UTRAN supporting AMR and AMR-WB shall follow clause 12.7.2.2.2 for the AMR and AMR-WB codecs. Tandem-free inter-working should be used whenever possible.
For the other codecs, the MTSI MGW shall follow the recommendations and requirements defined in clause 18 for the respective codec.
12.7.2.2.3
Common procedures

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

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

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

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

*** Change 10 ***

12.7.2.5
RTP payload formats

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

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

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

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

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

The payload formats to be used for the other codecs are listed in Clause 18.4.3.
12.7.2.6
Packetization

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

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

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

An MTSI MGW setting up a speech session should align the ptime and maxptime between the networks so that the same packetization can be used end-to-end, even when transcoding is used.

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

The MTSI MGW should preserve the packetization used by the end-point clients to minimize the buffering times otherwise caused by jitter. For example, if one end-point adapts the packetization to use 2 frames per packet then the MTSI MGW should adapt the packetization to the other end-point to also use 2 frames per packet. This applies also when the MTSI MGW performs transcoding. The packet size can become quite large for some combinations of formats and packetization. If the packet size exceeds the Maximum Transfer Unit (MTU) of the network then the MTSI MGW should encapsulate fewer frames per packet.

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

When the MTSI MGW does not perform any transcoding then it shall be transparent to the packetization schemes used by the end-point clients.

12.7.2.7
RTCP usage and adaptation

The RTP implementation shall include an RTCP implementation. 

MTSI MGWs offering speech should support AVPF (RFC 4585 [40]) configured to operate in early mode. When allocating RTCP bandwidth, it is recommended to allocate RTCP bandwidth and set the values for the "b=RR:" and the "b=RS:" parameters such that a good compromise between the RTCP reporting needs for the application and bandwidth utilization is achieved, see also SDP examples in Annex A.10. When an MTSI MGW uses tandem-free inter-working between two PS networks then it should align the RTCP bandwidths such that RTCP packets can be sent with the same frequency in both networks. This is to allow for sending adaptation requests end-to-end without being forced to buffer the requests in the MTSI MGW. The value of "trr-int" should be set to zero or not transmitted at all (in which case the default "trr‑int" value of zero will be assumed) when Reduced-Size RTCP (see clause 7.3.6) is not used.

For speech sessions, between the MTSI client in terminal and the MTSI MGW, it is beneficial to keep the size of RTCP packets as small as possible in order to reduce the potential disruption of RTCP onto the RTP stream in bandwidth-limited channels. RTCP packet sizes can be minimized by using Reduced-Size RTCP packets or using the parts of RTCP compound packets (according to RFC 3550 [9]) which are required by the application.

The MTSI MGW shall be capable of adapting the session to handle possible congestion. For AMR and AMR-WB encoded media, the MTSI MGW shall support the adaptation signalling method using RTCP APP packets as defined in clause 10.2, both towards the MTSI client in terminal and towards the remote network. As the IP client in the remote network may or may not support the RTCP APP signalling method, the MTSI MGW shall also be capable of using the inband CMR in the AMR payload. When receiving inband CMR in the payload from the remote network, the MTSI MGW does not need to move the adaptation signalling to RTCP APP packets before sending it to the MTSI client in terminal.

For PCM, G.722 and linear 16 bit PCM encoded media, the MTSI MGW shall support RFC 3550 for signalling the experienced quality using RTCP Sender Reports and Receiver Reports.

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

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

This facilitates inter-working with fixed/broadband access. However, the MTSI MGW may, based on configuration or local policy, accept RTCP packets that are not received from the same remote port where RTCP packets are sent by either the MTSI client in terminal or the remote network.

*** Change 11 ***

12.7.2.9
Session setup and session modification


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

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

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

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

If the MTSI MGW does not support AVPF (nor SDPCapNeg) then it shall not include the corresponding lines in the SDP offer that is sent to the remote network.
12.7.2.10
Audio level alignment

In case of interworking, the audio levels should be aligned to ensure suitable audio levels to the end users. This is especially important when codecs with different overload points are used on each side of the MTSI MGW as this can result in an asymmetrical loudness between the end points.

NOTE:
The overload point of a given codec refers to the adjustment factor between the digital levels in input/output of this codec and the resulting acoustic levels. In practice the overload point value corresponds to the analog Root Mean Square (RMS) level of a full-scale sinusoidal signal.

For MTSI client in terminal using fixed access, clause 18.8 applies to ensure proper audio alignment.

For communications requiring interworking with other IMS or non-IMS IP networks, terminals connected to these networks may use different codecs, which have different overload points. In this case, it is recommended that the MTSI MGW doing transcoding ensure proper audio level alignment. This alignment shall be performed such that the nominal level is preserved (0 dBm0 shall be maintained to 0 dBm0). As an example, a fixed CAT-IQ DECT terminal implementing G.722 with a 9 dBm0 overload point as recommended in ITU-T Recommendation G.722 [78] might need some audio level alignment in case of wideband voice interworking with a 3GPP terminal using AMR-WB with a 3.14 dBm0 overload point.  The audio level alignment may use dynamic range control to prevent saturation or clipping.

NOTE:
The definition of the dBm0 unit can be found in ITU-T P.10 [x12].
*** Change 12 ***

12.7.4
Text

The codec and other considerations for real-time text described in the present document for MTSI clients in terminal using 3GPP access apply also to MTSI clients in terminal using fixed access. There are thus no inter-working considerations on the media level between these types of end-points.

*** Change 13 ***

18
MTSI client in terminal using fixed access

18.1
General

This clause 18 applies to an MTSI client in terminal using fixed access.

The functional components of an MTSI client in terminal using fixed access are the same as described in clause 4.2 except that another Layer 2 technology may be used instead of the 3GPP L2 data link.
18.2
Media codecs

18.2.1
General

Media codecs for speech and video are specified in TS 181 005 [x2]. Additional requirements and recommendations are included below.

18.2.2
Speech

18.2.2.1
Speech codecs

MTSI clients in terminal using fixed access supporting AMR or AMR-WB shall follow clause 5.2.1.

MTSI client in terminal using fixed access supporting G.722 shall use the mode operation 1 at 64 kbps as specified in ITU-T Recommendation G.722 [78] when G.722 is used. The bitstream ordering shall be in chronological order with Most Significant Bit (MSB) first.

MTSI client in terminal using fixed access supporting EVRC, EVRC-B, and /or EVRC-WB shall follow 3GPP2 C.S0014-E v1.0 [x3] when any of these codecs are used. 

Encoding of DTMF is described in Annex G.

18.2.2.2
Error concealment procedures

Error concealment procedures shall be used to reduce the quality degradation of the reconstructed speech when one or more erroneous/lost speech or lost Silence Descriptor (SID) frames are received.

For G.722, it is recommended to use Appendix III or Appendix IV of ITU-T Recommendation G.722 [78].

NOTE:
Appendices III and IV meet the same quality requirements but with two different quality/complexity trade-offs:

-
Appendix III of ITU-T Recommendation G.722 [78] aims at maximizing the robustness at a price of additional complexity.

-
Appendix IV of ITU-T Recommendation G.722 [78] offers an optimized complexity/quality trade off with almost no additional complexity compared with G.722 normal decoding (+0.07 WMOPS).

If another error concealment procedure is used it shall have equivalent or better performance than Appendix III or Appendix IV.

For G.711, it is recommended to use Appendix I of ITU-T Recommendation G.711 [77]. If another error concealment procedure is used, it shall have equivalent or better performance than Appendix I of ITU-T Recommendation G.711.

For G.729, the error concealment procedure shall be used as specified in the Main Body of ITU-T Recommendation G.729 [x4].

For G.729.1, the error concealment procedure shall be used as specified in the ITU-T Recommendation G.729.1 [x5].
18.2.2.3
Source controlled rate operation

An MTSI client in terminal using fixed access supporting AMR or AMR-WB shall support source controlled rate operation in accordance with clause 5.2.1.

For an MTSI client in terminal using fixed access supporting other codecs than AMR and AMR-WB the following recommendations apply:

-
Source controlled rate operation for G.729 should be supported according to Annex B of ITU-T G.729 [x4].

-
Source controlled rate operation for G.729.1 should be supported according to Annex C and Annex F of ITU-T G.729.1 [x5]. Annex C specifies a discontinuous transmission (DTX) and comfort noise generation for G.729.1. Annex F specified the voice activity detector (VAD) to be used together with the DTX/CNG scheme of Annex C to provide the complete functionality of the discontinuous transmission system.

-
Source controlled rate operation for G.711 should be supported according to Appendix 2 of ITU-T G.711 [77].

-
No source controlled rate operation has been standardized for G.722.

NOTE:
Use of source controlled rate operation is optional. Source controlled rate operation is known to degrade the speech quality, especially in noisy environments or with background music, and is not needed when both MTSI client in terminals are using fixed access and when the bandwidth is sufficient to ensure best possible voice quality.

NOTE:
Apart from source controlled rate operation (VAD/DTX) specified in clause 4.19 of 3GPP2 C.S0014-E [x3] and in 3GPP2 C.S0076 v1.0 [x6], EVRC, EVRC-B, and EVRC-WB can dynamically vary the source coding bit-rate for active speech to achieve a targeted active speech average data rate as specified in 3GPP2 C.S0014-E.
18.2.3
Video

MTSI clients in terminals using fixed access offering video communication shall support the video codecs as defined in clause 5.2.2.

NOTE: 
The video codecs recommended in TS 181 005 [x2] are H.263 profile 0 and H.264 Baseline Profile without any constraint on the levels. For 3GPP MTSI clients in terminal using 3GPP access, only H.264 is specified in the present document but with a different profile: the Constrained Baseline Profile (CBP) for which the Level 1.2 is mandatory and Level 3.1 is recommended.
The Baseline Profile and the Constrained Baseline Profile are very close but not compatible. The Baseline Profile includes all features that are supported in the Constrained Baseline Profile but some limited features of the Baseline Profile are not supported in the Constrained Baseline Profile.
18.2.4
Real-time text

An MTSI client in terminal using fixed access and offering real-time text shall support real-time text as defined in clause 5.2.3.
18.3
Media configuration

NOTE:
Support for ECN for speech and video in fixed clients is FFS.
18.3.1
General

The general clause on media configuration (clause 6.1) applies to an MTSI client in terminal using fixed access.
An MTSI client in terminal using fixed access and supporting RTP/AVPF shall do RTP profile negotiation as defined in clause 6.2.1a.
18.3.2
Session setup procedures

18.3.2.1
General

The general clause on session set up procedures (clause 6.2.1) applies to the MTSI client in terminal using fixed access.

If an MTSI client in terminal using fixed access supports AVPF for a media type then it shall also support the complete SDPCapNeg framework, RFC 5939 [69], for that media type in order to negotiate the RTP profiles.
18.3.2.2
Speech

If an MTSI client in terminal using fixed access supports AMR and/or AMR-WB, then clause 6.2.2 applies for session set up.

An MTSI client in terminal using fixed access shall support RTP/AVP. When at least one multi-rate codec is supported (AMR, AMR-WB or G.729.1) then RTP/AVPF should be supported to allow for end-to-end rate adaptation.

If an MTSI client in terminal using fixed access supports AMR and/or AMR-WB AMR, then clause 6.2.2.2 applies for generating SDP offers for AMR-NB and AMR-WB.

When an MTSI client in terminal using fixed access supports EVRC-B or EVRC-WB, then clauses 14-18 of RFC 5188 [x7] apply when generating SDP offers and answers for EVRC-B and EVRC-WB.

An MTSI client in terminal offering G.729 with source controlled rate operation shall use the parameter “annexb” according to RFC 4855 [x11].

The following codec preference order applies for the SDP offer in the session negotiation:

-
If AMR-WB is offered it shall be listed first in the codec list (in order of preference, the first codec being preferred).

-
If both narrowband codecs and wideband codecs are offered, wideband codecs shall be listed first in the codec list.
When sending the SDP answer, if a wide-band speech session is possible, then selection of narrow-band speech should be avoided whenever possible, unless another preference order is indicated in the SDP offer.

Session setup for sessions including speech and DTMF events is described in Annex G.
18.3.2.3
Video

An MTSI client in terminal using fixed access and supporting video shall support RTP/AVP and shall support RTP/AVPF.

If an MTSI client in terminal using fixed access supports video, then clause 6.2.3 applies for the video session set up.

18.3.2.4
Text

An MTSI client in terminal using fixed access and offering text shall follow clause 6.2.4.

18.3.2.5
Bandwidth negotiation

The general clause 6.2.5.1 related to the use of Application Specific (AS) bandwidth modifier applies also to the MTSI client in terminal using fixed access.

If an MTSI client in terminal using fixed access supports AMR and/or AMR-WB, then clause 6.2.5.2 applies for the bandwidth negotiation for these codecs.

When the SDP offer includes multiple codecs then the bandwidth indicated with b=AS shall be set based on the codec that requires the highest bandwidth.

18.3.3
Session control procedures

The clause 6.3 on session set up procedures applies also to an MTSI client in terminal that uses fixed access.
18.4
Data transport

18.4.1
General

The clauses data transport general (7.1) and RTCP usage (7.3.1) apply also to the MTSI client in terminal using fixed access.

An MTSI client in terminal using fixed access shall transport real-time media using RTP (RFC 3550 [9]) over UDP (RFC 0768 [39]). See clause 18.3.2.2, 18.3.2.3 and 18.3.2.4 for requirements on RTP/AVP and RTP/AVPF for speech, video and text, respectively.

The support of AVPF requires an MTSI client in terminal to implement the RTCP transmission rules, the signalling mechanism for SDP and the feedback messages explicitly mentioned in the present document.

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

18.4.2 
Packetization

For G.711 both 10 ms and 20 ms frame length shall be supported, and 20 ms frame length shall be used unless another packetization is negotiated. The terminal shall offer to receive 20 ms frame length packetization.

For G.722, 20 ms frame length shall be supported.

The default packetization time for the codecs used in the MTSI client in terminal using fixed access shall be 20 ms (1 non-redundant speech frame per RTP packet). The packetization could change as a result of adaptation by using frame aggregation when adapting to packet rate limited operating conditions, see also clause 18.7.

Packetization time shall be indicated using the a=ptime SDP attribute.

An MTSI clients in terminal using fixed access shall support encapsulating up to 4 non-redundant speech frames into the RTP packets and 12 speech frames in total if redundancy is used (maxptime = 240).

18.4.3
RTP payload format

For each of the following codecs the payload formats are defined in:

-
For AMR and/or AMR-WB as specified in clause 7.4.2.

-
For G.729.1 as specified in RFC 4749 [x9], and as specified in RFC 5459 [x9] when DTX is used.

-
For EVRC and EVRC-B as specified in RFC 4788 [x10].

-
For EVRC-WB as specified in RFC 5188 [x7].

-
For DTMF events is described in Annex G.

The RTP payload types for G.711, G.729, G.722 shall be supported as specified in Section 6, Table 4 of RFC 3551 [10].

The following payload types should be used for G.711, G.729 and G.722:
Table 18.4.3-1: Recommended payload type numbers
	Codec
	Payload Type

	G.711 A-law
	PT= 8 

	G.711 μ-law
	PT= 0 

	G.729
	PT= 18 

	G.722
	PT=9 


For other codecs, dynamic payload types shall be used. 
18.5
Jitter buffer management

An MTSI client in terminal using fixed access shall be able to handle delay jitter in order to minimize the speech quality degradation due to jitter (jitter induced frame losses) while limiting the additional end to end delay due to jitter buffering time.

The jitter buffer management shall comply with the functional requirements defined in clause 8.2.2.

NOTE:
Minimum performance requirements for jitter buffer management in MTSI clients in fixed environments are FFS.
18.6
Packet-loss handling

An MTSI client in terminal using fixed access may use redundancy to handle operating conditions with high packet loss rates. 
NOTE:
Additional requirements and recommendations fo rpacket-loss handling is FFS.

18.7
Adaptation

NOTE:
Adaptation if FFS.

18.8
Front-end handling

For terminals only supporting fixed access, performance requirements for terminal acoustics and test methods are specified in ETSI TS 103 737 [x13], ETSI TS 103 738 [x14], ETSI TS 103 739 [x15], ETSI TS 103 740 [x16], ETSI ES 202 737 [x17], ETSI ES 202 738 [x18], ETSI ES 202 739 [x19], ETSI ES 202 740 [x20] and for DECT terminals in ETSI specifications EN 300 175-8 [x21] and EN 300 176-2 [x22].

Other terminals supporting fixed and 3GPP access shall meet or exceed the minimum performance requirements on the acoustic characteristics of 3G terminals specified in 3GPP TS 26.131 [35] in order to harmonize the acoustic front-end.
18.9
Supplementary services

An MTSI client in terminal using fixed access shall support media handling for supplementary services as defined in clause 14, except that the codecs are defined in clause 18.2 and the data transport is defined in clause 18.4.
*** Change 14 ***

G.3
Session setup

When sending an SDP offer, an MTSI client should indicate support of events 0 to15 in the fmtp attribute. 

If the SDP offer includes a single codec then the RTP clock rate used for DTMF shall be the same as for the offered codec.

If the SDP offer includes codecs with different RTP clock rates then it shall include one RTP payload type representing telephone events per each of these RTP clock rates.

An example SDP offer from an MTSI client in terminal using 3GPP access is provided in Table G.3.1 when narrowband speech is offered and
Table G.3.1: SDP example for narrowband speech and DTMF

	SDP offer

	m=audio 49152 RTP/AVPF 97 98 99

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 telephone-event/8000/1

a=fmtp:99 0-15

a=ptime:20

a=maxptime:240

a=sendrecv


An example SDP offer from an MTSI client in terminal using 3GPP access is provided in Table G.3.2 when both narrowband and wideband speech is offered.
Table G.3.2: SDP example for narrowband and wideband for both speech and DTMF

	SDP offer

	m=audio 49152 RTP/AVPF 97 98 99 100 101 102

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 telephone-event/16000/1

a=fmtp:99 0-15

a=rtpmap:100 AMR/8000/1

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

a=rtpmap:101 AMR/8000/1

a=fmtp:101 mode-change-capability=2; max-red=220; octet-align=1

a=rtpmap:102 telephone-event/8000/1

a=fmtp:102 0-15

a=ptime:20

a=maxptime:240

a=sendrecv


The answerer shall select DTMF payload format(s) that match the selected speech codec(s).
NOTE:
Due to lack of flexibility in SDP, the sendrecv attribute applies to all RTP payload types within the same media stream. To comply with the transmission rules defined in clause G.4, SDP offers and SDP answers include audio and telephone-event in the same media stream. The consequence of this is that MTSI clients that want to send DTMF events also allow the remote client to send DTMF events in the reverse direction. For MTSI clients in terminals, since support of DTMF events in the receiving direction is not mandatory, it is an implementation consideration to decide how to handle any received RTP packets containing DTMF.

