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Nb Interface User Plane (CN) of a SIP-I -based Circuit Switched Core Network

……snip…..
9.2
AMR

AMR (FR_AMR, HR_AMR, OHR_AMR, UMTS_AMR and UMTS_AMR2) shall be packed according to IETF RFC 4867 [21].
The AMR Codec Types can be used in conversational speech telephony services in a number of different Codec Configurations (mode-sets). The set of preferred AMR Codec Configurations is defined in TS 28.062 [5], Table 7.11.3.1.3-2. One of these preferred Configurations, Config-NB-Code 1, i.e. mode-set=0,2,4,7, is recommended for TFO-TrFO harmonisation between GSM and UMTS networks. This Configuration shall be supported in a SIP-I based circuit switched core network to ensure interoperability with an AoIP-based BSS. However, it is recommended that nodes in the core network support all AMR modes for maximum interoperability. 

The bandwidth efficient mode of RFC 4867 shall be used. CRC and robust sorting shall not be applied.

To avoid delay, a single frame (Speech or SID_FIRST or SID_UPDATE or ONSET) shall be included in one RTP packet, Interleaving (redundancy) shall not be used, and a packetization time of 20ms shall be applied. No_Data frames should not be sent, except when needed for urgent Rate Control.
In order to avoid misunderstandings between different network segments using different, but compatible mode-sets for AMR:

CMR=15 should not be used on the Nb-interface. Instead, every media-receiver or MGW in the speech path should send in every outgoing RTP packet (with Speech, SID or No_Data payload) the CMR-value of the maximum mode it is prepared to receive.
A MGW within the speech path, not transcoding, but bypassing AMR-coded speech, receiving a CMR-value as maximum mode set by the previous node, may modify this CMR-value to any other lower mode out of the mode-set, before forwarding it to the next node; it shall never increase the CMR-value before forwarding, i.e. not raise the codec mode request received.
The encoder in the media-sender, receiving CMR-values, shall not use for encoding a mode higher than allowed by the most recently received CMR-value; lower modes of the mode-set are allowed any time. The encoder in the media-sender should follow the received CMR values as soon as possible. No fix upper limit is defined as reaction time for the media-sender, but it is assumed that it is not longer than 40ms. MGWs or other nodes in the speech path perceive the reaction time between sending a CMR-value and receiving the corresponding codec mode in an RTP packet as longer, because RTP packets travel with limited speed through the networks. Especially the media-receiver observes the longest reaction time (full round trip delay) to its own sent CMR values.
Nodes in the core network (e.g. MGWs) transcoding between AMR and some other Codec shall observe the following rules:

· An AMR Encoder (media-sender) in the core network shall obey an AMR Codec Mode change period of 40ms, i.e. Codec Mode changes by the AMR Encoder (sender) in this core network node are only permissible at every second frame. This ensures maximum interoperability with any AMR receiver. 

· An AMR Decoder (media-receiver) shall, however, be able to accept Codec Mode changes at any time. 
Variations of the Codec Mode period in receive direction may happen due to handover or other events during a conversation. The UMTS_AMR Codec Type (only allowed in R99 UTRAN-only terminals) may change its Codec Mode any time. Other application of the AMR Codec Types (e.g. MTSI) may perform Codec Mode changes any time. This ensures maximum interoperability with any AMR sender.

· An AMR Encoder (media-sender) shall only change the Codec Mode to a neighbouring mode of the defined AMR Configuration (one step up or one step down), regardless which Rate Control command it receives. If necessary the AMR Encoder shall apply several Codec Mode changes in a row, if the received Rate Control command requests a change of more than one step. This ensures maximum interoperability with any AMR receiver, especially within GSM terminals.

· An AMR Decoder (media-receiver) shall, however, be able to accept Codec Mode changes in any step size. Variations of the Codec Mode in receive direction may happen due to handover or other events during a conversation. Other application of the AMR Codec Types (e.g. MTSI) may perform any Codec Mode changes. This ensures maximum interoperability with any AMR sender.

· DTX (SCR) shall be supported in send and receive direction.
AMR Rate Control shall use the CMR bits inside the RTP payload, in every RTP packet, both, in send and receive direction. RTCP shall not be used for AMR Rate Control in a CS core network.

Rate Control Commands coming from an Nb-Interface of a BICC-based Core Network, or an Iu-Interface, or an IMS-Interface, or a general VoIP-Interface, shall be converted to the maximum mode, as coded in CMR and shall be sent continuously repeated inside all RTP packets together with the next Speech or SID_FIRST or SID_UPDATE or ONSET frame. 

NOTE:
In a SIP-I -based Circuit Switched Core Network no Nb-framing is applied and so also no "PDU Type 14" [7] exists for Rate Control Commands.
It is allowed to send an artificially inserted No_Data frame to transport an urgent CMR in RTP. Please note that a GSM radio subsystem connected via AoIP can not send No_Data frames across the radio interface and will typically ignore such No_Data frames. The use of No_Data frames for CMR is especially helpful inside the Core Network at call setup to control the downlink mode for the Encoder inside the terminating MGW for the compression of the ringback tone or an announcement, when the originating MGW still blocks the speech path in forward direction to prevent fraud.
9.3
AMR-WB

AMR-WB (FR_AMR-WB, OHR_AMR-WB, OFR_AMR-WB, UMTS_AMR-WB) shall be packed according to IETF RFC 4867 [21].
The AMR-WB Codec Types can be used in conversational speech telephony services in a number of different Codec Configurations (mode-sets). The set of AMR-WB Codec Configurations is defined in TS 26.103 [14], Table 5.7-1. One of these Configurations, Config-WB-Code 0, i.e. mode-set=0,1,2, shall be supported by all nodes supporting the AMR-WB codec in a SIP-I based circuit switched core network to ensure interoperability. However, it is recommended that nodes in the core network support all AMR-WB modes for maximum interoperability. 

The bandwidth efficient mode of RFC 4867 [21] shall be used. CRC and robust sorting shall not be applied.

To avoid delay, a single frame (Speech or SID_FIRST or SID_UPDATE or ONSET) shall be included in one RTP packet, Interleaving (redundancy) shall not be used, and a packetization time of 20ms shall be applied. No_Data frames should not be sent, except when needed for urgent Rate Control.
In order to avoid misunderstandings between different network segments using different, but compatible mode-sets for AMR-WB:

CMR=15 should not be used on the Nb-interface. Instead, every media-receiver or MGW in the speech path should send in every outgoing RTP packet (with Speech, SID or No_Data payload) the CMR-value of the maximum mode it is prepared to receive.

A MGW within the speech path, not transcoding, but bypassing AMR-WB-coded speech, receiving a CMR-value as maximum mode set by the previous node, may modify this CMR-value to any other lower mode out of the mode-set, before forwarding it to the next node; it shall never increase the CMR-value before forwarding, i.e. not raise the codec mode request received.
The encoder in the media-sender, receiving CMR-values, shall not use for encoding a mode higher than allowed by the most recently received CMR-value; lower modes of the mode-set are allowed any time. The encoder in the media-sender should follow the received CMR values as soon as possible. No fix upper limit is defined as reaction time for the media-sender, but it is assumed that it is not longer than 40ms. MGWs or other nodes in the speech path perceive the reaction time between sending a CMR-value and receiving the corresponding codec mode in an RTP packet as longer, because RTP packets travel with limited speed through the networks. Especially the media-receiver observes the longest reaction time (full round trip delay) to its own sent CMR values.
Nodes in the core network (e.g. MGWs) transcoding between AMR-WB and some other Codec shall observe the following rules:

· An AMR-WB Encoder (media-sender) in the core network shall obey an AMR-WB Codec Mode change period of 40ms, i.e. Codec Mode changes by the AMR-WB Encoder (sender) in this core network node are only permissible at every second frame. This ensures maximum interoperability with any AMR-WB receiver. 

· An AMR-WB Decoder (media-receiver) shall, however, be able to accept Codec Mode changes at any time. Variations of the Codec Mode period in receive direction may happen due to handover or other events during a conversation. Other application of the AMR-WB Codec Types (e.g. MTSI) may perform Codec Mode changes any time. This ensures maximum interoperability with any AMR-WB sender.

· An AMR-WB Encoder (media-sender) shall only change the Codec Mode to a neighbouring mode of the defined AMR-WB Configuration (one step up or one step down), regardless which Rate Control command it receives. If necessary the AMR-WB Encoder shall apply several Codec Mode changes in a row, if the received Rate Control command requests a change of more than one step. This ensures maximum interoperability with any AMR-WB receiver, especially within GSM terminals.

· An AMR-WB Decoder (media-receiver) shall, however, be able to accept Codec Mode changes in any step size. Variations of the Codec Mode in receive direction may happen due to handover or other events during a conversation. Other application of the AMR-WB Codec Types (e.g. MTSI) may perform any Codec Mode changes. This ensures maximum interoperability with any AMR-WB sender.

· DTX (SCR) shall be supported in send and receive direction.
AMR-WB Rate Control shall use the CMR bits inside the RTP payload, in every RTP packet, both, in send and receive direction. RTCP shall not be used for AMR-WB Rate Control in a CS core network.

Rate Control Commands coming from an Nb-Interface of a BICC-based Core Network, or an Iu-Interface, or an IMS-Interface, or a general VoIP-Interface, shall be converted to the maximum mode, as coded in CMR and shall be sent continuously repeated inside all RTP packets together with the next Speech or SID_FIRST or SID_UPDATE or ONSET frame. 

NOTE:
In a SIP-I -based Circuit Switched Core Network no Nb-framing is applied and so also no "PDU Type 14" [7] exists for Rate Control Commands.
It is allowed to send an artificially inserted No_Data frame to transport an urgent CMR in RTP. Please note that a GSM radio subsystem connected via AoIP can not send No_Data frames across the radio interface and will typically ignore such No_Data frames. The use of No_Data frames for CMR is especially helpful on the AoIP-Interface in uplink and inside the Core Network at call setup to control the downlink mode for the Encoder inside the terminating MGW for the compression of the ringback tone or an announcement, when the originating MGW still blocks the speech path in forward direction to prevent fraud.
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A-Interface User Plane over IP

……snip…..
10.2
AMR

AMR (FR_AMR, HR_AMR, OHR_AMR) shall be packed according to IETF RFC 4867 [21].

The AMR Codec Types can be used in conversational speech telephony services in a number of different Codec Configurations (mode-sets). The set of preferred AMR Codec Configurations is defined in TS 28.062 [5], Table 7.11.3.1.3-2. One of these preferred Configurations, Config-NB-Code 1, i.e. mode-set=0,2,4,7, is recommended for TFO-TrFO harmonisation between GSM and UMTS networks. This Configuration shall be supported in an AoIP supporting BSS and an AoIP supporting Circuit Switched Core Network to ensure interoperability. However, it is recommended that a BSS and Circuit Switched Core Network supports all AMR modes for maximum interoperability. 

The bandwidth efficient mode of RFC 4867 [21] shall be used. CRC and robust sorting shall not be applied.

To avoid delay, a single frame (Speech or SID_FIRST or SID_UPDATE or ONSET) shall be included in one RTP packet, Interleaving (redundancy) shall not be used, and a packetization time of 20ms shall be applied. No_Data frames should not be sent downlink across AoIP, except to transport an urgent CMR in RTP. The use of No_Data frames for CMR is especially helpful on the AoIP-Interface in uplink and inside the Core Network at call setup or handover to control the downlink mode for the Encoder inside the terminating MGW for the compression of the ringback tone or an announcement, when the originating MGW still blocks the speech path in forward direction to prevent fraud. 

Please note that a GSM radio subsystem can not send No_Data frames across the radio interface and will typically ignore such No_Data frames in downlink direction.
In order to avoid misunderstandings between different network segments using different, but compatible mode-sets for AMR:

CMR=15 should not be used on the AoIP-interface. Instead, a BSS should send in every outgoing RTP packet in uplink (with Speech, SID or No_Data payload) the CMR-value of the maximum mode it is prepared to receive in downlink direction.
NOTE 1: On the GERAN radio interface the MS sends the CMI (Codec Mode Index) in uplink every odd frame 
(1, 3, 5... i.e. every 40ms). In the interlaced even frames (2, 4, 6...) the MS sends the CMR instead. Both, the received CMI-value and the received CMR-value are valid also for the next following frame. The BSS sends RTP packets with FT (Frame Type) == CMI plus CMR every frame (1, 2, 3, 4, 5, 6... i.e. every 20ms) and considers this longer validity of the received CMR and CMI. CMR=15 should not be used by the BSS in uplink in these even RTP packets. 

NOTE 2: At call setup the AoIP interface may often be initialized with the mandatory mode-set=0,2,4,7 for FR_AMR. In a subsequent Intra-BSS handover to HR_AMR this mode-set is not renegotiated between BSS and MSC/MGW; instead Rate Control is applied to limit the maximum mode with CMR=4. Although it is obvious to the BSS that the highest mode for HR_AMR is mode=4 the BSS should not send CMR=15, because the MGW would misinterpret this as highest mode for FR_AMR, i.e. CMR=7. The BSS should therefore send CMR=4 at maximum as long as HR_AMR is used on the radio interface.

DTX (SCR) shall be supported in send and receive direction.
AMR Rate Control shall use the CMR bits inside the RTP payload, in every RTP packet, both, in send and receive direction. RTCP shall not be used for AMR Rate Control in a CS network.
10.3
AMR-WB

AMR-WB (FR_AMR-WB, OHR_AMR-WB, OFR_AMR-WB) shall be packed according to IETF RFC 4867 [21].
The AMR-WB Codec Types can be used in conversational speech telephony services in a number of different Codec Configurations (mode-sets). The set of AMR-WB Codec Configurations is defined in TS 26.103 [14], Table 5.7-1. One of these Configurations, Config-WB-Code 0, i.e. mode-set=0,1,2, shall be supported by all nodes supporting the AMR-WB codec in an AoIP-supporting BSS and an AoIP-supporting Circuit Switched Core Network to ensure interoperability. However, it is recommended that nodes in the Core Network support all AMR-WB modes for maximum interoperability. 

The bandwidth efficient mode of RFC 4867 [21] shall be used. CRC and robust sorting shall not be applied.

To avoid delay, a single frame (Speech or SID_FIRST or SID_UPDATE or ONSET) shall be included in one RTP packet, Interleaving (redundancy) shall not be used, and a packetization time of 20ms shall be applied. No_Data frames should not be sent downlink across AoIP, except to transport an urgent CMR in RTP. The use of No_Data frames for CMR is especially helpful on the AoIP-Interface in uplink and inside the Core Network at call setup and handover to control the downlink mode for the Encoder inside the terminating MGW for the compression of the ringback tone or an announcement, when the originating MGW still blocks the speech path in forward direction to prevent fraud. 

Please note that a GSM radio subsystem can not send No_Data frames across the radio interface and will typically ignore such No_Data frames in downlink direction.
In order to avoid misunderstandings between different network segments using different, but compatible mode-sets for AMR-WB:

CMR=15 should not be used on the AoIP-interface. Instead, a BSS should send in every outgoing RTP packet in uplink (with Speech, SID or No_Data payload) the CMR-value of the maximum mode it is prepared to receive in downlink direction.

NOTE 1: On the GERAN radio interface the MS sends the CMI (Codec Mode Index) in uplink every odd frame 
(1, 3, 5... i.e. every 40ms). In the interlaced even frames (2, 4, 6...) the MS sends the CMR instead. Both, the received CMI-value and the received CMR-value are valid also for the next following frame. The BSS sends RTP packets with FT (Frame Type) == CMI plus CMR every frame (1, 2, 3, 4, 5, 6... i.e. every 20ms) and considers this longer validity of the received CMR and CMI. CMR=15 should not be used by the BSS in uplink in these even RTP packets. 

DTX (SCR) shall be supported in send and receive direction.
AMR-WB Rate Control shall use the CMR bits inside the RTP payload, in every RTP packet, both, in send and receive direction. RTCP shall not be used for AMR-WB Rate Control in a Circuit Switched Core Network.
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