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*****  START OF FIRST CHANGED SECTION *****

7.5.2.1.2
Default operation

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

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

In the transmitted media, codec mode changes should be aligned to every other frame border and should be performed to one of the neighbouring codec modes in the negotiated mode set. In the received media, codec mode changes shall be accepted at any frame border and to any codec mode within the negotiated mode set.

The adaptation of codec mode, aggregation and redundancy is defined in clause 10.2. The MTSI terminal should indicate that no mode request is present (i.e. value 15) in the CMR bits in the AMR payload format [28]. It shall however accept requests signalled with the CMR bits.

The AMR bandwidth-efficient payload format should be used unless the session setup determines that the octet-aligned payload format must be used.

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

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

For application-layer redundancy, see clause 9.2.


*****  END OF FIRST CHANGED SECTION *****


*****  START OF SECOND CHANGED SECTION *****

10.2
Speech
10.2.1
RTCP-APP with codec control requests

When signalling adaptation requests for speech in MTSI, an RTCP-APP packet should be used. This application-specific packet format supports three different adaptation requests; bit-rate requests, packet rate requests and redundancy requests. The RTCP-APP packet is put in a compound RTCP packets according to the rules outlined in RFC 3550 [9] and RFC 4585 [40]. In order to keep the size of the RTCP packets as small as possible it is strongly recommended that the RTCP packets are transmitted as minimal compound RTCP packets, meaning that they contain only the items:
· SR or RR;
· SDES CNAME item;
· APP (when applicable).
The recommended RTCP mode is RTCP-AVPF early mode since it will enable transmission of RTCP reports when needed and still comply with RTCP bandwidth rules. The RTCP-APP packets should not be transmitted in each RTCP packet, but rather as a result in the transport characteristics which require end-point adaptation.
The signalling allows for a request that the other endpoint modifies the packet stream to better fit the characteristics of the current transport link. Note that the media sender can, if having good reasons, choose to not comply with the request received from the media receiver. One such reason could be knowledge of that the local conditions do not allow the requested format.

The RTCP-APP packet defined to be used for adaptation signalling for speech in MTSI is constructed as shown in figure 10.1.
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Figure 10.1: RTCP-APP formatting
The RTCP-APP specific fields are defined as follows:

· Subtype - the subtype value shall be set to "0".

· Name - the name shall be set to "3GM7", meaning 3GPP MTSI Release 7.
The application-dependent data field contains the requests listed below. The length of the application-dependent data shall be a multiple of 32 bits. The unused bytes shall be set to zero.
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Figure 10.2: Basic syntax of the application-dependent data fields

The length of the messages is 1 or 2 bytes depending on request type.

The ID field identifies the request type. ID Code points [0000], [0001], [0010] and [0011] are specified in the present document, whereas the other ID code points are reserved for future use.
The signalling for three different adaptation requests is defined.
RTCP_APP_REQ_RED: Request for redundancy level and offset of redundant data.
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Figure 10.3: Redundancy request

The Bit field is a 12 bit bitmask that signals a request on how non-redundant payloads chunks are to be repeated in subsequent packets.
The position of the bit set indicates which earlier non-redundant payload chunks is requested to be added as redundant payload chunks to the current packet.

· If the LSB (rightmost bit) is set equal to 1 it indicates that the last previous payload chunk is requested to be repeated as redundant payload in the current packet.
· If the MSB (leftmost bit) is set equal to 1 it indicates that the payload chunk that was transmitted 12 packets ago is requested to be repeated as redundant payload chunk in the current packet. Note that it is not guaranteed that the sender has access to such old payload chunks.
The maximum amount of redundancy is 300 %, i.e., at maximum three bits can be set in the Bit field.

See clause 10.2.1 for example use cases.
RTCP_APP_REQ_AGG: Request for a change of frame aggregation.
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Figure 10.4: Frame aggregation request

The DATA field is a 4 bit value field:

· 0000 - 1 frame / packet.
· 0001 - 2 frames / packet.
· 0010 - 3 frames / packet.
· 0011 - 4 frames / packet.
The values 0100…1111 are reserved for future use.
The maximum allowed frame aggregation is also limited by the maxptime parameter in the session SDP since the sender is not allowed to send more frames in an RTP packet than what the maxptime parameter defines.

The default aggregation is governed by the ptime parameter in the session SDP. It is allowed to send fewer frames in an RTP packet, for example if there are no more frames available at the end of a talk spurt. It is also allowed to send more frames in an RTP packet, but such behaviour is not recommended.
See clauses 7.4.2 and 12.3.2.1 for further information.

RTCP_APP_CMR: Codec Mode Request
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Figure 10.5: Codec mode request

The CMR bits are identical to the CMR bits defined in [28]. For an MTSI terminal the CMR should be sent in an RTCP_APP_CMR.
If an MTSI client receives codec mode requests in both the AMR payload CMR bits and in RTCP_APP_CMR then the lower of the modes should be used. The codec mode request received in a RTCP_APP_CMR is valid until the next received RTCP_APP_CMR.
Figure 10.6 below illustrates how the three requests are used by the transmitter. In this case, RTCP_APP_REQ_RED is equal to "000000000101".

· The speech encoder generates frames every 20 ms.

· The speech frames are buffered until it is possible to generate a payload chunk with the number of frames requested by RTCP_APP_REQ_AGG.

· The current payload chunk is used when constructing the current RTP packet.

· The history buffer contains previously transmitted payload chunks. The length of this buffer needs to be dimensioned to store the maximum number of payload chunks that are possible. This value is based on the max-red value, the maxptime values and from the minimum number of frames that the transmitter will encapsulate in the RTP packets. In this case, the buffer length is selected to 12 payload chunks since this corresponds to the worst case of max-red=240, maxptime=240 and one frame per payload chunk.

· After transmitting the current RTP packet, the content of the history buffer is shifted, the current payload chunk is shifted in to the history buffer as P(n-1) and the oldest payload chunk P(n-12) is shifted out.

· When constructing the (provisional) RTP payload, the selected preceding payload chunks are selected from the history buffer and added to the current payload chunk. In order to form a valid RTP payload, the transmitter needs to verify that the maxptime value is not exceeded. If the provisional RTP payload is longer than what maxptime allows, then the oldest speech frames shall be removed until the length (in time) of the payload no longer violates the maxptime value.

Note also that the transmitter is not allowed to send frames that are older than the max-red value that the transmitter has indicated in the SDP.
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Figure 10.6: Visualization of how the different adaptation requests 
affect the encoding and the payload packetization
It should be noted that RTCP_APP_REQ_AGG and RTCP_APP_REQ_RED are independent. Furthermore, it should also be noted that different redundant payload chunks may contain different number of speech frames. 

*****  END OF SECOND CHANGED SECTION *****


*****  START OF THIRD CHANGED SECTION *****

12.3
GERAN/UTRAN CS inter-working

12.3.1
Codecs for media gateways

12.3.1.1
Speech

Media gateways offering speech communication between MTSI clients and non-MTSI clients operating in the CS domain in GERAN and UTRAN should support Tandem-Free Operation (TFO) according to 3GPP TS 28.062 [37], and Transcoder-Free Operation (TrFO), see 3GPP TS 23.153 [38].
When a MTSI media gateway is in TrFO or TFO operation, the CMR bits (in GERAN case) or the Iu/Nb rate control messages (in UTRAN case) from the CS side should be translated  to AMR payload CMR bits on PS side. The value 15 (no mode request present [28]) should be used in the CMR bits in AMR payload towards PS side if on CS side no rate control message has been received and if MTSI media gateway has no preference on the used codec mode. For CMR towards PS side due to other reasons the media gateway should send CMR in RTCP_APP_CMR but may use CMR bits in the AMR payload.
When performing transcoding, the adaptation of the PS session is independent of the CS session. In this case for adapting the PS session, the MTSI media gateway should transmit CMR in RTCP_APP_CMR but may send CMR bits in the AMR payload.
MTSI media gateways offering speech communication and supporting TFO and/or TrFO shall support:

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

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

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

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

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

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

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

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

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

MTSI terminals offering wideband speech communication shall also offer 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 media gateways for DTMF events are described in Annex G.

*****  END OF THIRD CHANGED SECTION *****
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