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	1rst Change


3.2
Symbols

For the purposes of the present document, the following symbols apply:

() 



without a mode-set, e.g. in the Open Offer

(0,2,4,7)



with mode-set=0,2,4,7.

(...)



with or without a mode-set.
AMR()



AMR Codec without a mode-set
AMR (0,2,4,7)



AMR Codec with mode-set=0,2,4,7

FR_AMR(...)



AMR Codec on the Full Rate GERAN traffic channel
HR_AMR(...)



AMR Codec on the Half Rate GERAN traffic channel

UMTS_AMR2(...)

AMR Codec on the UTRAN traffic channel

AMR-WB()



AMR-WB Codec without a mode-set
AMR-WB-8



AMR-WB Codec with the biggest possible AMR-WB Onion
AMR-WB (0,1,2)

AMR-WB Codec with mode-set=0,1,2
AMR-WB-2



AMR-WB Onion with mode-set=0,1,2; synonym to AMR-WB(0,1,2)
FR_AMR-WB(...)

AMR-WB Codec on the Full Rate GERAN traffic channel

UMTS_AMR-WB(...)  
AMR-WB Codec on the UTRAN traffic channel
EVS()



EVS Codec with all its operational modes, i.e. in the Open Offer
EVS-FB-11



EVS Codec with the biggest possible EVS Onion of primary modes
EVS-NB (...)



EVS Codec in Narrow-Band operation

EVS-NB-6



EVS Codec with the biggest possible EVS-NB Onion of primary modes
EVS-WB (...)



EVS Codec in Wide-Band operation
EVS-WB-11



EVS Codec with the biggest possible EVS-WB Onion of primary modes
EVS-SWB(...)



EVS Codec in Super-Wide-Band operation
EVS-SWB-11



EVS Codec with the biggest possible EVS-SWB Onion of primary modes 

EVS-FB(...)



EVS Codec in Full-Band operation
EVS-FB-11



EVS Codec with the biggest possible EVS-FB Onion of primary modes
EVS-IO (...)



EVS in AMR-WB Inter-Operable operation
EVS-IO-8



EVS Codec with the biggest possible EVS-IO Onion of AMR-WB IO modes

<=>

is used when two Codecs are TrFO-compatible, i.e. no transcoding is required;
example: AMR(0,2,4,7) 
<=> HR_AMR(0,2,4);
example: EVS-IO(0,1,2)
 <=> AMR-WB(0,1,2).


<=/=>

is used when transcoding is required;
example: AMR(0,2,4,7) <=/=> UMTS_AMR2(0,2,5,7); 

example: EVS-NB() <=/=> FR_AMR(0,2,4,7).

	2nd Change


11
Codec Compatibility
================> snip <==================

11.3
The Onion Principle
For a simplified, unified discussion, this document extends the Onion Principle of EVS to AMR and AMR-WB as well. This allows an elegant description of the compatibility relations for call setup, for handover and for Rate- and Band-Control during the call.

Definition: the term "mode" is used in this paper for the combination of "(audio)band(width)+(bit)rate".

11.3.1
The EVS Onions
Table 11.3.1-1 shows the all EVS Onions for all EVS Primary modes.

Table 11.3.1-1: The complete EVS (Primary) Onion (without the mandatory EVS-IO Onion)
	Rate
(kbps)
	Rate
index
	Narrow-Band

	Wide-Band

	Super-Wide-Band

	Full-Band


	128
	11
	
	EVS-WB11
	EVS-SWB-11
	EVS-FB-11

	96
	10
	
	EVS-WB-10
	EVS-SWB-10
	EVS-FB-10

	64
	9
	
	EVS-WB-9
	EVS-SWB-9
	EVS-FB-9

	48
	8
	
	EVS-WB-8
	EVS-SWB-8
	EVS-FB-8

	32
	7
	
	EVS-WB-7
	EVS-SWB-7
	EVS-FB-7

	24.4
	6
	EVS-NB-6
	EVS-WB-6
	EVS-SWB-6
	EVS-FB-6

	16.4
	5
	EVS-NB-5
	EVS-WB-5
	EVS-SWB-5
	EVS-FB-5

	13.2
	4
	EVS-NB-4
	EVS-WB-4
	EVS-SWB-4
	

	9.6
	3
	EVS-NB-3
	EVS-WB-3
	EVS-SWB-3
	

	8.0
	2
	EVS-NB-2
	EVS-WB-2
	 
	

	7.2
	1
	EVS-NB-1
	EVS-WB-1
	 
	

	5.9 (VBR)
	0
	EVS-NB-0
	EVS-WB-0
	 
	


Each of the 35 EVS Onions in Table 11.3.1-1 is fully specified and named by its "upper right corner" in this table. 
EVS-FB-11 is the biggest EVS Onion. It comprises all defined EVS (primary) modes and all other EVS Onions. 
The SDP notation for EVS specifies EVS-FB-11 by: encoding name=EVS; br=5.9-128, bw=nb-fb.
Important examples for EVS Onions are EVS-WB-2, EVS-SWB-4 and EVS-FB-6. These are candidates for EVS over Circuit Switched networks. 
The EVS Onion principle mandates: 
All EVS Modes (rates and bandwidths) in Table 11.3.1-1, left and below its upper right corner, 
are included in the EVS Onion that is named by its upper right corner.  
Therefore follows:

All possible EVS Onions are TrFO-compatible to each other. 
The intersection of EVS Onions leads always to an EVS Onion. 
Transcoding free interworking between two or more different EVS Onions may use all common EVS Modes, 
i.e. the intersection of all EVS Onions in the call path.
The resulting EVS Onion at call setup (or after Handover, or after Codec renegotiation), negotiated by SIP/SDP- or CS-Signalling, is named the "Framework Onion" for this call. EVS Rate- and Band-Control by CMR may shrink or expand the "active Onion", but never expand the active Onion beyond the boundaries of the Framework Onion.
For completeness, each EVS Onion shall have a complementing EVS-IO Onion. 
The EVS Channel-Aware modes are included, as far as maximum bit rate and bandwidth of the EVS Onion allow this.
The name of an EVS Onion determines also the name for the corresponding CMR Command. Example:
CMR-SWB-7 commands the remote partner(s) to shrink or expand the active EVS Onion to EVS-SWB-7 (at maximum).
11.3.2
The EVS NON-Onions
If only one lower bandwidth or one lower rate is not included in an EVS Configuration, as negotiated by SIP/SDP signalling, then this paper names this Configuration an "EVS NON-Onion". One example is the IMS Selected Codec as specified by: encoding name=EVS; br=9.6-128, bw=swb. This document calls this "EVS-SWBOnly-11 NON-Onion".
EVS NON-Onions are not TrFO-compatible to EVS Onions.
Most EVS NON-Onions are only TrFO-compatible to itself.

Note that interworking between an EVS Onion and an EVS NON-Onion requires transcoding and this leads always to lower speech quality, than provided by the upper right corner of the involved EVS Onion or the best mode of the EVS NON-Onion. Note that an EVS Onion allows operating a call end-to-end in a single selected audio bandwidth, e.g. only in SWB, as long as all nodes in the path allow the necessary bandwidth and bit rates.The EVS-SWB-11 Onion includes the EVS-SWBOnly-11 NON-Onion in that sense. Nevertheless, transcoding must be inserted between these two at call setup (or handover). Adaptation by CMR commands between these two is not possible.
The EVS standard allows many Configurations in SIP/SDP outside the EVS Onions. 
The four main EVS NON-Onions are EVS-NBOnly-6, EVS-WBOnly-11, EVS-SWBOnly-11 and EVS-FBOnly-11.

Table 11.3.2-1 shows the example of the NON-Onion EVS-SWBOnly-11, which consist of the 9 EVS NON-Onions 
EVS-SWBOnly-3 to EVS-SWBOnly-11. These are all TrFO-compatible to each other, but not to any other EVS Configuration, especially not to any of the EVS Onions. 

Note: One could be tempted to call the EVS-SWBOnly an Onion of its own Codec Type, the EVS-SWBOnly Codec Type. This could, however, create more confusion that help and is therefore not recommended.
Table 11.3.2-1: The complete EVS-SWBOnly-11 NON-Onion (without the mandatory EVS-IO)

	Rate
(kbps)
	Rate
index
	Narrow-Band

	Wide-Band

	Super-Wide-Band

	Full-Band


	128
	11
	
	
	EVS-SWB-11
	

	96
	10
	
	
	EVS-SWB-10
	

	64
	9
	
	
	EVS-SWB-9
	

	48
	8
	
	
	EVS-SWB-8
	

	32
	7
	
	
	EVS-SWB-7
	

	24.4
	6
	
	
	EVS-SWB-6
	

	16.4
	5
	
	
	EVS-SWB-5
	

	13.2
	4
	
	
	EVS-SWB-4
	

	9.6
	3
	
	
	EVS-SWB-3
	

	8.0
	2
	
	
	 
	

	7.2
	1
	
	
	 
	

	5.9 (VBR)
	0
	
	
	 
	



The EVS standard allows even more and smaller EVS NON-Onions, like EVS-SWBOnly5-6, which includes only two modes in the middle of the EVS-SWBOnly-11 NON-Onion (see Table 11.3.2-1). These kind of Configurations provide very little TrFO-compatibility (here not even to the EVS-SWBOnly-11 NON-Onion) and they should be used with care.
11.3.3
The AMR Onions
Table 11.3.3-1 shows for completeness the AMR Onions and defines the names of the modes.

Table 11.3.3-1: The complete AMR-7 Onion

	Rate
(kbps)
	Rate
index
	AMR
(100...4000Hz)

	12.2
	7
	AMR-7

	10.2
	6
	AMR-6

	7.95
	5
	AMR-5

	7.40
	4
	AMR-4

	6.70
	3
	AMR-3

	5.90
	2
	AMR-2

	5.15
	1
	AMR-1

	4.75
	0
	AMR-0



This paper uses these AMR Onions only for discussion. Standards and real life networks do not apply AMR Onions.
 In a BICC-based Codec Negotiation, TS 26.103 defines the offered and selected AMR Configuration with "Active Codec Set" (ACS) and "Supported Codec Set". Both are bit maps with 8 bit each, every bit corrsponding to one mode (7...0) of the AMR Codec Type. The AMR-7 Onion would be represented like ACS = SCS = 0b 1111.1111. 
In a SIP-based Codec Negotiation, RFC 4867 defines the AMR Configuration as "mode-set". Not including the mode-set in the SDP offer or SDP answer represents the AMR-7 Onion. The answerer may shrink this AMR-7 Onion to a smaller AMR Onion or to a NON-Onion. Due to the specific SIP/SDP negotiation rules in RFC 4867, mode-set=0,1,2,3,4,5,6,7 is not exactly the same as the AMR-7 Onion: the answerer cannot shrink this offer, but must accept it as is. That is a detail, not discussed further.
Real-life networks do not use any AMR Onion. Only AMR-NON-Onions are in use - with interworking issues.
11.3.4
The AMR-WB and EVS-IO Onions
Table 11.3.4-1 shows the AMR-WB and EVS-IO Onions and defines the names of the modes.

Table 11.3.4-1: The complete AMR-WB-8 and EVS-IO-8 Onions

	Rate
(kbps)
	Rate
index
	AMR-WB

	EVS-IO


	23.85
	8
	AMR-WB-8
	EVS-IO-8

	23.05
	7
	AMR-WB-7
	EVS-IO-7

	19.85
	6
	AMR-WB-6
	EVS-IO-6

	18.25
	5
	AMR-WB-5
	EVS-IO-5

	15.85
	4
	AMR-WB-4
	EVS-IO-4

	14.85
	3
	AMR-WB-3
	EVS-IO-3

	12.65
	2
	AMR-WB-2
	EVS-IO-2

	8.85
	1
	AMR-WB-1
	EVS-IO-1

	6.60
	0
	AMR-WB-0
	EVS-IO-0



This document uses the AMR-WB Onions only for discussion. Standards do not define AMR-WB Onions. 

In a BICC-based Codec Negotiation, TS 26.103 defines the allowed AMR-WB Configurations with a 3-bit "Config-WB-Code". Most AMR-WB Onions are not representable in this form. The AMR-WB-2 Onion corresponds to Config-WB-Code = 0, often abbreviated as "AMR-WB (Set0)" or "AMR-WB (0,1,2)".
In a SIP-based Codec Negotiation, RFC 4867 defines the AMR-WB Configuration as "mode-set". Not including the mode-set in the SDP offer or SDP answer represents the AMR-WB-8 Onion. The answerer may shrink this AMR-WB-8 Onion to a smaller AMR-WB Onion or to a NON-Onion. Due to the specific SIP/SDP negotiation rules in RFC 4867, mode-set=0,1,2,3,4,5,6,7,8 is not exactly the same as the AMR-WB-8 Onion: the answerer cannot shrink this offer, but must accept it as is. That is a detail, not discussed further.

Few AMR-WB NON-Onions are defined and rarely used: AMR-WB(mode-set=0,1,2,4); AMR-WB(mode-set=0,1,2,8); AMR-WB(mode-set=8).
Real-life networks use today AMR-WB-2 in CS and IMS networks and AMR-WB-8 in IMS networks. Since both are AMR-WB Onions, they are TrFO compatible. 3GPP defines the AMR-WB-2 Onion as mandatory for all GERAN, UTRAN and CS Network that support wideband speech. AMR-WB-2 is also mandatory for all VoLTE networks that support wideband speech. VoLTE<=>VoLTE calls apply mainly AMR-WB-8. 
11.4
Transcoding Free Operation

Nowadays Transcoding Free Operation (TrFO) is of key importance to many voice service aspects. High Definition Voice services (HD Voice) is an important example (although – strictly speaking – transcoding occurs also in some HD Voice calls). The Codecs used at both ends of the communication must be TrFO-compatible (TFO-compatible) to achieve best possible quality, as transcoding always degrades quality. 

In its simplest form Codec 1, left of the MGW and Codec 2, right of the MGW, are identical. The MGW detects this and "shortcuts" both links. It is, however, not strictly required that both Codecs are identical to avoid Transcoding. It is sufficient that both Codecs are TrFO-compatible. Table 11.4-1 list the most important TrFO-compatible 3GPP Codecs.
Table 11.4-1: Important TrFO-compatible 3GPP Codecs (selection)

	               Codec 2
Codec 1
	GSM
EFR
	AMR
(7)
(NON-Onion)
	AMR
(0,2,4,7)
(NON-Onion)
	AMR-WB
(0,1,2)
(one AMR-WB Onion)
	AMR-WB
or EVS-IO
Onions
	EVS
Onions
	EVS
NON-Onion
(NB / WB / SWB / FB)

	GSM EFR
	TrFO
	SID-Con
	
	
	
	
	

	AMR(7) (NON-Onion)
	SID-Con
	TrFO
	
	
	
	
	

	AMR (0,2,4,7)
(NON-Onion)
	
	
	TrFO
	
	
	
	

	AMR-WB (0,1,2)
(one AMR-WB Onion)
	
	
	
	TrFO
	Rate-ctrl
CMR ≤ 2
	Mode-ctrl
CMR-IO ≤ 2
	(TrFO)

	AMR-WB 
or EVS-IO
Onions
	
	
	
	Rate-ctrl
CMR ≤ 2
	TrFO
	Mode-ctrl
CMR-IO ≤ 8
	(TrFO)

	EVS
Onions
	
	
	
	Mode-ctrl
CMR-IO ≤ 2
	Mode-ctrl
CMR-IO ≤ 8
	TrFO
always
	

	EVS
NON-Onion
(NB / WB / SWB / FB)
	
	
	
	(TrFO)
	(TrFO)
	
	TrFO
only to itself
(NB<=>NB etc.)



The diagonal "upper-left to lower-right" of Table 11.4-1 shows "TrFO" in all squares: Codec 1 and Codec 2 are identical or TrFO-compatible by Rate- or Mode-Control. Empty squares indicate: transcoding is required.
The green marked area indicates the TrFO-compatibility section of the EVS Onions in combination with the EVS-IO Onions. If TrFO is put in brackets (TrFO) in some squares, then side conditions must be fulfilled for compatibility. For example an EVS NON Onion may include the EVS-IO-8 Onion and then this is TrFO-compatble to AMR-WB-2 or any other EVS-IO Onion or AMR-WB Onion. 
The AMR-WB(0,1,2) == AMR-WB-2 is explicitly listed, although it belongs to the AMR-WB Onions, because it is an important and well-known CS-Codec.
11.4.1
GSM_EFR and AMR (mode-set=7)

GSM_EFR and AMR (mode-set=7) are "nearly" TrFO-compatible: the Speech frames are compatible, i.e. a GSM_EFR encoded frame can be decoded by AMR and an AMR (7) encoded frame can be decoded by GSM_EFR. The SID frames of both are, however, different and a "SID Conversion" (SID-Con) is needed. The term "SID Transcoding" is not used here, as the conversion is done without full decoding/encoding. SID frames describe the background noise in speech pauses and a small deviation in background noise is typically not perceivable by end-users, so we can call GSM_EFR and AMR(7) TrFO-compatible. GSM_EFR and AMR(7) play still an important, although decreasing role in many GERAN and UTRAN networks. AMR(7) is a NON-Onion Codec.
11.4.1.1 Side Conditions for TrFO-Compatibility for GSM_EFR

GSM_EFR and AMR (mode-set=7) are single-rate-single-band Codecs. They are specified in all parameters in a way that they are always TrFO-compatible. DTX may be switched ON/OFF in the encoding side in 2G networks, but the decoding side and all network elements in the path must be able to handle DTX. In 3G networks DTX in uplink is always mandatory.
11.4.2
AMR
Also for AMR the Onion principle could have been applied. However, for historical reasons and some signalling limitations in GERAN, no AMR Onion is used today in 3GPP networks.
Far more important are AMR(0,2,4,7), AMR(0,2,4) and AMR(0,2). These are members of the same AMR NON-Onion with mode-set=0,2,4,7, to which also AMR(0) belongs. Not all of these Codecs are listed explicitly in  Table 11.4-1 to keep the table readable. Please note that these four Codecs should be kept formally as four different Codecs: same Codec Type, but different Codec Configurations. They are all TrFO-compatible under the important assumption that the Rate Control rules are strictly followed by all terminals and all nodes in the voice path! For details see chapter 9. 

Example: Codec 1 == HR_AMR(0,2,4)  ----- Codec 2 == AMR(0,2,4,7) ----- Codec 3 == UMTS_AMR2(0,2)/SF=256.

This cascade of a GERAN----Core----UTRAN call is transcoding free for the two AMR-modes 0 (4.75) and 2 (5.90). Rate Control end-to-end (CMR ≤ 2) ensures that the maximum Rate is 5.90, i.e. mode=2. If one of the partners would not comply to AMR Rate Control rules, then transcoding would have to be included with lower voice quality than AMR(5.90) end-to-end. Otherwise one side of the call could end in "silence", e.g. if the GERAN side sends with AMR(4) the UTRAN side could not receive this and would go muting. Even worse: the AMR-SID frames, sent in speech pauses, would be able to pass and be decoded: the UTRAN side would not be totally silent, but background noise and some speech clips could be heard.

The term "SF=256" denotes here the WCDMA Spreading Factor 256 and SF=128 the WCDMA Spreading Factor 128.
Another important AMR NON-Onion is AMR (mode-set=0,2,5,7). This is not TrFO-compatible to AMR (mode-set=0,2,4,7), as most NON-Onions are not compatible to other NON-Onions.
11.4.2.1 Side Conditions for TrFO-Compatibility for AMR

The most used AMR NON-Onion, AMR(mode-set=0,2,4,7), is a multi-rate-single-band Codec. It is deployed in GERAN and UTRAN and MTSI with different options for the transport of rate-control-commands and the rate switching. Not all these options are TrFO-compatible - unfortunately. It is therefore important to obey some rules. It is not recommended to deploy the AMR in another way, as there is no obvious advantage. These rules and side conditions are the following.

GERAN allows to change the rate in media-sending and media-receiving direction every second speech frame, i.e. every 40ms, but not in between. Changing the rate in between, at the wrong phase, causes a severe decoding error and a substantial, potentially catastrophic quality loss. Every remote partner that wants to be TrFO-compatible with GERAN must obey this side condition. Typically, rate changes occur far less often than every 40ms and this side condition is de facto no disadvantage, but not obeying it causes either the need for transcoding or severe quality degradations.
The Codec Type UMTS_AMR allows the encoder changing the rate every frame. UMTS_AMR is therefore not TrFO-compatible to GERAN and not recommended for any use today.
The Codec Type UMTS_AMR2 obeys this side condition and is therefore the recommended multi-rate Codec in UTRAN.
MTSI deploys the AMR, but allows a multitude of options for rate switching. The SDP Parameters "mode-change-capability" and "mode-change-period" (see RFC 4867) allow negotiating this GERAN-side condition. Because it is typially unknown at call setup (or handover or re-negotiation), where a call is routed to and which access is used at the remote end, it is recommended to always set mode-change-capability=2 in the SDP Offer. TS 26.114 table 6.1 mandates this. If that is not included in the SDP offer towards a CS Network with GERAN (and UTRAN), then transcoding must be inserted. 
GERAN mandates an AMR Encoder switching the rate only one step up or down. This second side condition was intended for optimal channel decoding at the radio receiver side (most likelihood decoding in case of bad radio channels). Every GERAN mobile obeys this rule in uplink. In downlink, however, it is necessary to accept also other changes, because handover or other events may change the rate unpredictably. In good radio conditions, this is no problem and therefore this second side condition is less stringent. Nevertheless, it is recommended to obey it by every AMR Encoder. The SDP Parameter "mode-change-neighbor" (see RFC 4867) allows negotiating this side condition. If this is not achieved, then the call may continue without Transcoding: the degradation to be expected is less severe than transcoding.
In CS Networks speech transport is always sending one speech frame in one RTP packet or Iu PDU Type 0, typically every 20ms. Several alternative transport solutions exist due to history and development of the standard, like AoTDM and AoIP, but these are simply selected depending on the version of the control protocol. This guarantees minimal transport delay and simple interworking. 
RCF 4867, however, allows a multitude of packing options, e.g. packing of multiple speech frames into one RTP packet in order to reduce the number of packets per second and to reduce the packet overhead. This increases the speech path delay. RCF 4867 allows also sending a speech frame redundantly several times in several consecutive RTP packets in order to reduce the rate of lost frames. Also this increases the speech path delay. Other options are octet-aligned or bandwidth-efficient packing, or inclusion of CRC, or robust sorting. 
These different transport conditions are, however, no problem for TrFO-compatibility! If different packing methods are deployed along a speech path, then MGWs must be inserted to re-pack and, if necessary deploy buffering, but they do not need transcoding, as long as both codecs at both sides are TrFO-compatible with respect to the other rules. 
GERAN transports the Codec Mode Request (CMR) endlessly repeated in every second speech frame, i.e. every 40ms. Always the "active Mode Restriction" is sent; there is no "neutral" CMR-value defined. This litte overhead (2 bit every 40ms) guarantees that the CMR-status is always clear and transmission errors are quickly healed, rate changes are achieved as fast as possible.
In UTRAN and the CS Core Network, Rate Control Commands are transported totally different: only on demand, i.e. only when a Rate Restriction has changed. The receiver of such a Rate Control on demand must remember always the latest received one. It needs a CMR-Status memory. MGWs in the CS Core Network terminating GERAN must translate these different signalling means. That is no severe problem as long as no transmission errors occur. In case of transmission errors (e.g. loss of an on-demand Rate Control Command), it takes quite a while, until the error is detected and corrected. This is, however, not judged as a TrFO-compatibility problem.

In MTSI every the RTP packets includes a CMR-bit-field. It was for long time not clearly mandated that this CMR-bit-field contains always the active Mode Restriction, as in GERAN. A CMR-code-point "CMR=15" was defined with ambiguous meaning, leading to severe interworking issues. Now (since 2015) this is clarified: CMR=15 has exactly the same meaning as "the active Mode Restriction is equal to the maximum mode of the selected mode-set". An important consequence of this definition must be obeyed for the case that two different AMR mode-sets are selected at both sides of a MGW, e.g. AMR (mode-set=0,2,4) <==> MGW <==> AMR (mode-set=0,2,4,7). Such a situation can occure e.g. due to SRVCC or handover. If the MGW receives CMR=15 on the left side, then it must (!) translate this to CMR=4 on the rigth side. If the MGW does not perform this correctly, then the call may go into muting on the left side! If the MGW receives CMR=15 on the right side, then it should (!) translate this to CMR=4 or CMR=7 on the left side. CMR=7 is - strictly speaking - outside the selected mode-set on the left side, but its clear and tolerable. CMR=15 on the left side is possible, but not recommendable. 
This Rate-Control side condition is not a severe TrFO-compatibility problem, but MGWs must obey it, otherwise transcoding would be required, or the call fails (muting), with no gain and only higher costs and quality degradation.
Some implementations have been observed in the past that did not obey a received CMR or Rate Control Command, because they did not observe any local reason to restrict the rate. This behaviour is clearly outside the AMR standard and is not acceptable.
The 2G network may enable/disable DTX in the encoding side. In most 2G networks DTX is enabled in uplink and disabled in downlink. 3G networks always enable DTX in the encoding side (at least in UEs). The decoding side and all network elements in the path must be able to handle DTX, i.e. transport and decode SID frames.
11.4.3
AMR-WB and EVS-IO
The AMR-WB and the EVS-IO are interchangeable Codec Types with 9 modes and bit rates each. The complete AMR-WB Onion is named AMR-WB-8 and comprises in total 9 Onions that are all TrFO-compatible (AMR-WB-0 to AMR-WB-8). The complete EVS-IO Onion is names accordingly EVS-IO-8 and comprises 9 Onions (EVS-IO-0 to EVS-IO-8). The EVS-IO is an integral part of the EVS Codec.
A lot of market dynamic is nowadays in deploying AMR-WB as "HD Voice" service. AMR-WB(0,1,2), i.e. the AMR-WB-2 Onion is deployed world-wide in UTRAN as UMTS_AMR-WB(0,1,2)/SF=128 and in GERAN as FR_AMR-WB(0,1,2). 
In VoLTE the higher modes of AMR-WB are deployed, too, notably the highest mode 8 (23.85). AMR-WB (mode-set=8) is a NON-Onion (!) and therefore not TrFO-compatible to any other AMR-WB Configuration. In order to allow TrFO-Interworking between GERAN, UTRAN and VoLTE an AMR-WB Onion must be used, i.e. at least mode-set=0 or better, i.e. the mode-set=0,1,2 must be included in all Codecs in the path. It is recommended to deploy AMR-WB(), i.e. the AMR-WB with all 9 modes in VoLTE, i.e. the full AMR-WB-8 Onion. All other AMR-WB Onions could also be used and TrFO would always be guaranteed.
A VoLTE<=>VoLTE call may use all 9 modes AMR-WB(0,1,2,3,4,5,6,7,8), i.e. the AMR-WB-8 Onion or the EVS-IO-8 Onion.

A VoLTE <=> CS call with AMR-WB-8 <=> AMR-WB-2 may use the three lower modes, "striking out" the higher modes by Maximum Rate Control: end-to-end Rate Control takes care that no mode higher than 2 is allowed: CMR≤2. Essential is that the VoLTE-UE (any MTSI-client) follows the Rate Control commands strictly and as fast as possible. An important rule for Codec Negotiation is set in RFC 4867: "If an SDP Offer is recieved without a mode-set, then the Selected Codec may contain any mode-set, or no mode-set". The SDP Offer without mode-set is called "Open Offer". The SDP Answer without mode-set is called "Open Answer".
It must be stressed again that AMR-WB(0,1,2) in end-to-end TrFO is BETTER than AMR-WB(0,1,2) plus transcoding to AMR-WB(8), although it looks at the first glance: AMR-WB(8) must be better on the VoLTE side: it is not.
Interworking between any AMR-WB Onion and any EVS-IO Onion is always transcoding free.

There are many AMR-WB NON-Onions (!) with limited or no TrFO-compatibility to other AMR-WB NON-Onions. None of the AMR-WB NON-Onions is compatible to any AMR-WB Onion. AMR-WB NON-Onions should be avoided.
11.4.3.1 Side Conditions for TrFO-Compatibility for AMR-WB and EVS-IO

The same side conditions as for AMR apply also for AMR-WB and EVS-IO.
11.4.4
EVS
The most recent 3GPP Codec is the Codec for Enhanced Voice Services (EVS). EVS supports four different audio bandwidths (NB, WB, SWB and FB) and a wide range of bit rates (5.6 ... 7.2 up to 128 kbps). The AMR-WB is included within the EVS as "EVS AMR-WB IO", in short EVS-IO in this paper.  CMR Comamnds support seamless transitions between all EVS Primary modes and between EVS Primary and EVS-IO modes during the call by. Again, as for AMR and AMR-WB, all Codecs in the speech path must follow the EVS CMR rules strictly.
All EVS Onions are TrFO-compatible to each other and using EVS Onions in SIP/SDP negotiation guarantees always best possible interworking. 
EVS NON-Onions in SIP/SDP negotiation have no obvious advantages compared to EVS Onions and their usage - if at all - should be carefully justified. Selecting an EVS Onion in SIP/SDP allows operating the call as if an EVS-NON-Onion was negotiated. The EVS Onion allows, however, a seamless transition into another EVS Onion, if some side conditions change, which could make the EVS Non-Onion to break the call.
A call may be setup with several different EVS Onions in the path, reflecting different preferences or limitation of the involved UEs and different interworking operators. The common "Framework Onion" guarantees end-to-end TrFO-compatibility. Rate- and Band-Control by CMR during the call may adapt the active EVS Onions in both directions of the speech path to changing transport conditions. The adaptation of the active EVS Onion stays always within the Framework Onion, as negotiated at setup, or renegotiated during the call.
Every EVS implementation includes the EVS-IO. Every offered and selected EVS Onion shall include a parallel EVS-IO Onion. EVS Onions are strictly speaking not TrFO-compatible to EVS-IO Onions. However, the EVS Codec allows by design a seamless (i.e. inaudible) transition between both Onions. This is important for interworking between EVS and AMR-WB, especially when mid-call modifications occur, like SRVCC, or other handover, or mid-call services are invoked. A call may be setup end-to-end with an EVS Onion, e.g. EVS-SWB-4 and a seamless transition to EVS-IO-2 allows continuation, without transcoding, after SRVCC to AMR-WB-2.
11.4.4.1 Side Conditions for TrFO-Compatibility for EVS

All EVS-Onions are TrFO-compatible to each other. An Initial SIP Offer with an EVS Onion will always find a remote partner that can accept it, although the SDP response may include a smaller EVA Onion - or even an EVS NON Onion. That means the br parameters in the SPOD Offer should always be set to br1=5.9 and the bw parameters should alwways be set to bw1=nb. Within such an offered EVS Onion an EVS NON-Onion may be deployed, as long as all side conditions allow this. Including an EVS-IO Onion in the SIP/SDP negotiation guarantees also TrFO-compatibility to AMR-WB-2, provided the side conditions as for AMR-WB are obeyed.
An Initial SIP/SDP Offer should not (only) include EVS NON-Onions, because the answerer may not be able to accept it. It should be considered to delete EVS NON-Onions from the SIP/SDP negotiation!
The standardization for EVS over Circuit-Switched networks is still ongoing (status 2015). The tendency is to allow only EVS Onions in the CS Codec Negotiation.
As for AMR and AMR-WB the RTP packing rules allow a multitude of options. If different RTP packing options are used "right" and "left" of a MGW, then the MGW must repack, but transcoding is not required. In CS Networks it is mandatory to send one speech frame in one packet.

11.5
Transcoding Free Operation at call setup

Codec Negotiation at call setup tries to ensure that all nodes in the path, including the end terminals, agree on the optimal combination along the voice path, ideally a TrFO-compatible combination of Codecs. As said: these Codecs need not be identical, but they must be TrFO-compatible. This task is not trivial, especially when the call is setup between different networks and these operators follow different strategies or have different historical background and/or different access technologies.
In general the various Codecs a long a speech path, i.e. on sub-links of the speech path, are different, even when TrFO-compatible. Very important is therefore that the call starts in a Codec Mode that is supported by all Codecs in the path. This so-called "Initial Codec Mode" depends - obviously - on the "smallest" Codec in the path.
Again here the example of a 
GERAN       <=>     Core           <=> UTRAN call with









AMR(0,2,4) <=> AMR(0,2,4,7)
 <=> AMR(0,2).

The Initial Codec Mode must be equal or smaller than mode=2 in this example, otherwise the UTRAN side is muted, until the Codec Mode Request from UTRAN to GERAN has brought the Codec Mode down into the common mode-set.
In case of AMR and AMR-WB this Initial Codec Mode is not negotiated end-to-end (would have been better), but is defined by a static rule: "The ICM shall either be the lowest mode of the selected mode-set or the second lowest, if the mode-set contains 4 modes". 
The example shows that every node in the path sees another selected mode-set. The standard defined the ICM rule for such examples. Unfortunately, not every implementation/deployment follows this rule. Interworking issues immediately after call "through-connected" are observed.
TS 26.114 defines the Initial Codec Mode for EVS in a similar way in. Without going into details, these current Initial Codec Mode rules for EVS do not fulfil the requirements in many call scenarios with different EVS Onions along the speech path. This potential deficit became obvious during the discussion for EVS over CS. 
It seems necessary to reconsider these EVS-ICM rules and potentially introduce an end-to-end Negotiation for the EVS-ICM. This discussion is ongoing (status 2015) for the EVS Codec in CS networks. This discussion is also relevant for EVS Codec deployment in MTSI.


11.6
Transcoding Free Operation after Handover


Already at call setup it is very important to consider potential subsequent handover cases.
Many calls undergo handover in frequencies like one handover in 10 seconds. Often the handovers change also the radio access technology, GERAN<=>UTRAN, LTE<=>WiFi, LTE<=>UTRAN and so on. Especially during network-migration phases it might happen that a new Codec is inserted into the ongoing voice path and this Codec is sometimes not TrFO-compatible to another Codec already in use.

Very often these handover aspects are ignored or forgotten during network design. The current SRVCC procedure is such an example. Important is also to consider that e.g. after a SRVCC from LTE to UTRAN a subsequent handover may follow from UTRAN to GERAN or any other combination or sequence. To guarantee end-to-end TrFO in all these (practically infinite) call scenarios requires strict rules for network design and inter-operator and inter-vendor agreements.
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