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1 Introduction
This paper discusses two important aspects for AMR and AMR-WB speech services:

A) the SIP SDP Offer-Answer dialogue for these Codecs end-to-end and 
B) the Maximum Rate Control end-to-end, which is an integral part of the AMR specification, but maybe too sparsely specified.
Both belong strongly together and together allow a smart call setup and mid-call handovers of any kind, if properly applied.

2 Open Offer – Why?

In S4-140968, Source Ericsson LM, Title “MTSI Open Offer-Answer Procedures”, it was clarified and (again) agreed by SA4 and SA in 2014, that every MTSI client (here in simplification called “originating UE” == oUE) shall send a SIP SDP Open Offer for AMR and AMR-WB. 
Notation used in this paper for the Open Offer: 
AMR() 


or AMR-WB().
Notation used for a Constraint Offer (examples): AMR(mode-set=0,2,4,7)
or AMR-WB(mode-set=0,1,2).
The most important aspect (beside others) of an Open Offer is that no mode-set is included. 
The reason for that Open Offer: 
Any UE can be developed and deployed in any network worldwide; no specific configuration is required. 
Any UE can roam into any network and get the desired service – to the conditions the Serving Network is willing to grant.
Without the Open Offer worldwide roaming is hardly possible.
Without the Open Offer interworking with specific CS-networks would require often Transcoding.

3 Modification of the SDP Offer
The Serving Network – and all other networks (if any) involved in the session - have the right to influence the Codec selection for the desired service. The MTSI Client offers its service request (voice, video, multimedia, …) and its capabilities (AMR, AMR-WB, EVS, …), but has not the main decision power on the details of the service delivery.

The Serving Network gets the Open Offer from the oUE and the Serving Network may or may not modify the SDP Offer into a Constraint Offer, if it is not willing to grant total freedom to the session or needs specific settings for backward compatibility, e.g. during SRVCC, or in interworking to its CS-network.
Example: oUE sends an SDP Offer with AMR-WB() and AMR(); the originating Serving Network modifies this SDP Offer in some part to AMR(mode-set=0,2,4,7), but leaves other parts unmodified, e.g. AMR-WB().
The (modified) SDP Offer is forwarded to the terminating network, potentially crossing transit networks on the way. The transit networks and especially the terminating Serving Network may modify the SDP offer further, e.g. constrain the AMR-WB() to AMR-WB(mode-set=0,1,2), to set a fixed upper limit to the gross bit rate for the desired HD voice service.

In principle it is possible – and often deployed – that a Network-Network-Interface-Gateway (NNI-GW) removes certain Codecs from the SDP Offer and/or adds certain Codecs to the SDP Offer, before it forwards it. A common example is that G.711 (PCM) is added or G.722 (WB-ADPCM) to enhance the likelihood for first-time session setup to non-3GPP-clients. But also different flavours of the same Codec Type can be added, like AMR(mode-set=0,2,4,7), AMR(mode-set=0,2,5,7), AMR(mode-set=7) to list just the most prominent ones. 

Adding a Codec to the SDP Offer requires in general that a transcoder has to be inserted later in the Media Plane, if the added Codec is selected in the answer.
Finally the SDP Offer is sent to the terminating MTSI client (here in short “tUE”).

4 Answer to an Open Offer

It is clearly specified for AMR and AMR-WB that a Constraint Offer for a listed Payload Type, i.e. an offer including a mode-set, shall not be modified by the terminating client: it shall either accept the offer as is, or reject the offer for that specific Payload Type. With this in mind any terminating network can clearly specify, which options it allows and which it does not allow for the client answer. On the other hand: listing many flavours of the same Codec Type is a bit bulky and expands the SIP INVITE. The Open Offer has clear advantages for the size of the SIP INVITE.
So far TS 26.114 does not clearly specify the Answer to an Open Offer. 
Instead TS 26.114 suggests - so far - that the tUE can be configured - by the UE vendor, or the Home Operator of the subscriber - to any answer. But as many real life IMS-networks have to obey side conditions, e.g. the mode-set deployed in the associated CS-Network, most networks cannot rely on this undefined answer, if they aim for transcoding-free operation.

Therefore the CR in S4-150086 proposes a well-defined single Answer for AMR and two alternative answers for AMR-WB.

5 Preferred mode-set for AMR

The proposed Answer for AMR is AMR(mode-set=0,2,4,7), because this is the “preferred AMR Configuration” in CS-Networks for TrFO interworking and already included in TS 26.114 as preferred option. 
This mode-set spans the whole bit rate range (mode-range) from the lowest mode 0 (for survival in marginal radio conditions in GERAN and UTRAN) to the highest mode 7 for best intrinsic voice quality in good radio conditions.

Mode 2 is the highest mode to be deployed in a fully loaded UTRAN cell, where WCDMA spreading factor 256 is necessary.

Mode 4 is the highest mode to be deployed in a loaded GERAN cell, where the half-rate traffic channel is necessary.

Of course these restrictions in the CS-world are not existent in the IMS-world and an Open Answer, i.e. allowing all 8 mode of AMR, would be possible in pure IMS VoLTE(VoLTE sessions. The benefit in terms of added voice quality would, however, be marginal to not existent and not outweighing the disadvantage: non-compatibility to the CS-World.

Note that the AMR(mode-set=0,1,2,3,4,5,6,7), i.e. the one with all 8 modes, is NOT TrFO-compatible to any of the used mode-sets in any real CS-world network today. The reason lays in the specific feature of the maximum rate control for AMR, see below.

6 Preferred mode-set for AMR-WB

For AMR-WB the situation in the CS-world is subtle, but importantly different. There are exactly three mode-sets allowed for AMR-WB in CS: 

AMR-WB(mode-set=0,1,2)

in GERAN and UTRAN with spreading factor 128;
AMR-WB(mode-set=0,1,2,4)

only in UTRAN with spreading factor 64;
AMR-WB(mode-set=0,1,2,8)

only in UTRAN with spreading factor 64.

No other mode-set shall be used in order to simplify interworking and inter-vendor verification. The common denominator for these three mode-sets is mode-set=0,1,2, i.e. the configuration with the three lower modes of AMR-WB. These are used for TrFO-interworking. It has been discussed and agreed in SA4 that it is not beneficial for the resulting voice quality to transcode between the higher modes. Instead TrFO with the lower modes, e.g. AMR-WB(12.65) is preferred above transcoding, even if between AMR-WB(15.85) and AMR-WB(23.85).
In IMS we could add any other mode (or modes) to mode-set=0,1,2 and all would be TrFO-compatible to the CS-world, always with the three lower modes as common denominator.
The most promising AMR-WB mode-set among these additional ones is AMR-WB(mode-set=0,1,2,3,4,5,6,7,8), i.e. including all 9 modes. This can be simplest expressed on Control Plane by the Open Answer, i.e. AMR-WB().

Therefore it is proposed that AMR-WB(), i.e. the Open Answer, shall be the preferred Answer to an Open Offer for AMR-WB.

This has, however, one important side aspect: the higher modes of AMR-WB require noticeably more radio capacity than AMR-WB(12.65). This is the reason why they cannot be used in GERAN and not in UTRAN with spreading factor 128. This is also the reason why de facto today only AMR-WB(mode-set=0,1,2) is deployed in CS-networks: too high radio need for the other mode-sets.

In LTE this radio restriction is no longer that important and many IMS networks deploy AMR-WB(23.85) for best possible voice quality. However, not all operators believe in the gain/cost relation for these higher modes. Therefore - and for backward compatibility reasons - the alternative answer to an Open Offer for AMR-WB() may be AMR-WB(mode-set=0,1,2). As said this is fully TrFO-compatible to all the other mode-sets, including the Open Answer.
7 Interworking with CS-Networks and SRVCC with AMR(mode-set=0,2,4,7) or AMR-WB()

Setting up a VoLTE-session with AMR-WB() as IMS Selected Codec is fully compatible to any CS-Network and to SRVCC to any CS-Network: again the common denominator between IMS and CS is AMR-WB(mode-set=0,1,2), if the CS-Network supports AMR-WB. 

The Maximum Rate Control will take care that the remote MTSI-Client (remote UE) will not send media with higher modes than AMR-WB(mode-set=0,1,2) can handle on the CS-side. The CS-side will anyway never send with a mode higher than mode 2.

Setting up as VoLTE-session with AMR(mode-set=0,2,4,7) as IMS Selected Codec is fully compatible to a CS-Network and to SRVCC to a CS-Network with the same (or compatible) AMR mode-set, regardless whether or not the target CS-cell is loaded with traffic or not.

The Maximum Rate Control will take care that the remote MTSI-Client (remote UE) will not send media with higher modes than the CS-side can handle. The CMR coming from the CS-side may be CMR=7, if no mode-restriction is present; or CMR=4, in case the CS-side uses HR_AMR(mode-set=0,2,4); or CMR=2, if UTRAN with spreading factor 256 is on CS-side. CMR=0 may be received from the CS-side for a short while during handover, or if the radio condition on the CS-side are marginal.
8 Maximum Rate Control with AMR(mode-set=0,2,4,7) or AMR-WB()

The AMR Rate Control was designed for Mobile(PSTN calls and Mobile(Mobile calls. 

In the first case, Mobile(PSTN, there is typically only one bottleneck in the voice path: the radio interface, which varies over time and location and requires adaptation of the media bit rate to the channel conditions. These channel conditions may be temporary, as the radio signal strength or the radio interference fluctuates. But these channel conditions may also be permanent or semi-permanent, e.g. if GERAN needs to handover to a half-rate traffic channel to gain call capacity, or if the UTRAN needs to handover to a spreading factor 256 for the same reason.

In the second case, Mobile(Mobile, there is more than one bottleneck in the voice path: both radio interfaces may vary over time and location temporarily or semi-permanently. In general there could be even more bottlenecks in the voice path end-to-end, like overloaded Abis-interface in GERAN, or a satellite link or microwave-links somewhere.

The AMR Rate Control signalling and procedure has to cope with multiple bottlenecks in the voice path. 

Figure 8.1 shows one example of a Mobile(Mobile call with an assumed bottleneck in the Core Network (on NboIP).
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Figure 8.1: Mobile(Mobile call with two radio interfaces and an assumed bottleneck in the Core Network

The voice traffic flow is bi-directional, represented in blue colour for the direction “left to right”, i.e. MS1 => MS2 and in violet colour for the direction “right to left”, i.e. MS1 <= MS2. The Rate Control signalling in form of Codec Mode Requests (CMR) is always in the opposite direction (feedback). 

The media is transported transcoding-free end-to-end: Voice is encoded once in the sending mobile, e.g. MS1 and decoded once in the receiving mobile, e.g. MS2. This guarantees highest possible voice quality under all given radio conditions. 
Prerequisite is that the Encoder knows the smallest bottleneck in the media path!
Each media-receiver, e.g. MS1, observes its downlink radio conditions and estimates the maximum mode suitable for these conditions. This maximum mode is send backwards, e.g. as CMR1.1. In the case above radio 1 has no problem in downlink. So CMR1.1=7, i.e. the highest mode with rate=12.2 could be used. 

BTS1 may modify this CMR1.1., e.g. based on load on the incoming AoIP interface, and then send CMR1.2 forward towards the Core Network, MGW1. CMR1.2== MIN (CMR1.1 ; local max mode on AoIP1).
In the example here CMR1.2 == CMR1.1 = 7: there is no bottleneck on AoIP1.
MGW1 observes the incoming NboIP-link and detects a restriction to rate 7.40, i.e. mode=4. So MGW1 sets CMR1.3 = MIN (CMR1.2; 4) == 4 and forwards (“backwards”) CMR1.3 to MGW2.
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Figure 8.2: Reprint of Figure 8.1: Mobile(Mobile call with two radio interfaces …

The smallest bottleneck in this media flow is in this example in the uplink of radio 2. BTS2 observes this radio link 2 and estimated the maximum mode to 2, i.e. rate 5.90. 
Therefore finally CMC1.5 = MIN(CMR1.4; 2) = 2 is sent downlink to MS2 and MS2 MUST obey this “Codec Mode Command” as maximum allowed mode in uplink. CMC1.5 is the minimum of all estimated maximum modes of all bottlenecks, calculated in a distributed manner. 

Regardless where the smallest bottleneck will be: the Distributed Rate Decision always finds it!
Exactly the same procedure, with typically different result, is executed for the opposite media-direction.
Why is Rate Control transported in the User Plane (Media Plane)?

The speech path delay is an important factor for a good communication quality. The smaller the speech path delay, the more natural the communication; a long delay causes irritations to the participants. The speech path is often optimized and does not follow the same route as the Control signalling. Therefore the speech path has typically a (much) lower transport delay than the Control Channel. 

Another aspect is the tight synchronisation between media payload and codec mode request. This allows a fast and timely response in case some bottleneck changes and needs a fast adaptation. The Control Plane could not support this (not in CS at least).

In GERAN the CMR/CMC is transported in every second speech packet, endlessly repeated, until it is changed. This endless repetition has to be seen as extreme robust forward error correction code and allows a fast error recovery. A single lost or disturbed CMR values is quickly healed by the next one. There is no need for an acknowledgement for CMR! CMR is slim signalling.
On AoIP the CMR is transported in RTP packets. The CMR field (4 bit) is always reserved.
Unfortunately TS 26.102, specifying the RTP application on AoIP, is not spelling out, what the CMR value in RTP shall be, if no CMR is received from the BTS (every second frame). Input document S4-150085 proposes that also in these RTP packets the previously received CMR value shall just be repeated: 
CMR=max-mode in every RTP packet!
Also on NboIP the CMR is transported in RTP packets. Again it is not clearly specified, how the CMR-value shall be used on NboIP and S4-150085 makes a recommendation:

Always repeat the previous CMR-value, until a new one is received. Never use CMR=15 (the neutral code-point). CMR=max-mode in every RTP packet!
The author suggests to apply this rule is also in VoLTE(VoLTE calls: CMR=max-mode in every RTP packet!
9 TrFO-Compatibility for Maximum Rate Control 
In general the voice path between two end-points may be quite complex and the accesses on both ends of the voice path may be very different, like GERAN on one side and LTE on the other side. Nevertheless AMR and AMR-WB were designed to allow end-to-end transcoding free operation under all conditions.
Prerequisite is, however, that all terminals (clients), all accesses, all involved networks obey the AMR rules and use compatible AMR or AMR-WB mode-sets.

These mode-sets along the media path need not be identical. It is sufficient that they fulfil the compatibility rules as specified in TS 28.062. With simple words these rules for TrFO-compatible mode-sets are:

a) All lower modes of these mode-sets must be common to all! Examples:
AMR(mode-set=0,2,4,7) ( AMR(mode-set=0,2,4) ( AMR(mode-set=0,2)
The maximum mode in a media path including all these three mode-sets is mode=2 in this example.
b) Modes in between the common modes are not allowed! Example:
AMR(mode-set=0,2,4,7): then modes 1, 3, 5 and 6 are NOT allowed.

The reason for these rules lays in the simplicity of the Maximum Rate Control: only the upper bound can be set by sending a CMR-value backward. No mode in the middle of the mode-set can be eliminated by Rate Control. But there is also no good reason why Rate Control should be more complex.
Of course it is any time possible to re-negotiate the Codec and it’s mode-set by Control Plane signalling. But this is far slower than Rate Control and in general interrupts the media path for quite some noticeable time, while rate changes in AMR and AMR-WB are absolutely seamless, without any noticeable transient effects.

10 Rate Control Rules
Any implementation of AMR or AMR-WB in an MTSI Client shall obey the Rate Control Rules, otherwise end-to-end TrFO is impossible. 
Especially important is that every media-sender must obey the received CMR as the maximum mode it is allowed to use for media-encoding. This is true, even if the media-sender itself does not see any restriction in its access side. None of the involved clients or servers overlooks the total media path. It is only the Rate Control feedback that provides this overview, how big the smallest bottleneck is.

In a general voice session it is typically unknown to one end what the other end’s access is and it is any time possible that the conditions on one or the other end change. It is therefore important that every media-sender follows the received CMR as fast as possible. 

An important example is an handover on the far end, e.g. a GERAN-internal handover from the full-rate channel, AMR(mode-set=0,2,4,7) to the half-rate channel, AMR(mode-set=0,2,4). Immediately after the handover (in some implementations already some time BEFORE the handover) the CS network sends CMR-values of 4 and below. If a VoLTE client on the other end would not obey these CMR-values and continue with mode 7, because it does not see any problem on its LTE access, then the output on the GERAN MS will go to muting: mode 7 cannot be transported downlink on a half-rate channel.
Another important example is the SRVCC from a VoLTE(VoLTE call with AMR-WB() to UTRAN. The maximum mode in UTRAN under these conditions is always AMR-WB(2). The Target UTRAN will send Rate Control Commands through the CS-Core – AFTER SRVCC is finished - and they will be received in the ATGW within the RTP packets as CMR=2 (or lower, of course) and then forwarded to the remote VoLTE UE. Again the remote VoLTE UE MUST obey these CMR-values as maximum mode fro encoding, otherwise the UE on UTRAN side goes to muting.

In an optimal (optional) implementation the ATGW sends CMR=4 towards the remote end already at the point in time, when it becomes known that SRVCC is to be executed: This Pre-SRVCC Rate Control shortens the round trip time and allows AMR-WB(12.65) downlink to the target UTRAN immediately when setup.[image: image3.png]
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