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	1rst Change


11
Codec Compatibility
11.1
Digital Mobile Communication

In all digital communication system the analogue voice signal (Microphone signal) is in one of the very first processing steps A/D-converted into a digital signal representation. The used sampling frequency (sf) has to be at least twice as high as the highest frequency of the voice band that is to be transmitted. The resolution of the signal amplitude has to be sufficiently high in order to not loose quality in this first step. Typically 12, better 16 bit resolution is today regarded as sufficient for real time communication. In most practical implementations today this A/D-conversion (and the D/A-conversion at the end) can be regarded as de facto loss-less, negligible. 
Not negligible is the limitation in the voice bandwidth: Narrowband (300-3.400 Hz), Wideband (100-7.000 Hz), Superwideband (50-14.000 Hz) or even Fullband (0-20.000 Hz).
Some further (optional) steps in digital voice processing are then Acoustic Echo Cancellation (AEC), Automatic Gain Control (AGC), Noise Reduction (NR) and maybe more, just to mention some of these, often proprietary algorithms. The resulting digital signal is still in “linear presentation” and has still a very high bit rate: too high for a commercially viable transmission in most wireless systems.
Therefore a very important step for interworking follows: the reduction of the bit rate with as little as achievable loss in signal quality.This step – in fact a series of quite complex mathematical algorithms - is called “Encoding” (ENC) and results in a substantially reduced bit rate. This is now much better suited for transmission over long distances and especially over wireless connections.
At the receiving side the counterpart, the “Decoding” (DEC) has to take place, typically followed by Gain Control (GC) - and more - and finally the D/A-conversion back into an analogue signal, which feeds the loudspeaker (Lsp).
Figure 11.1-1 shows the principle of this typical voice processing within two terminals A and B.
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Figure 11.1-1:  Principle of voice processing within two terminals A and B.

In this Technical Report a specific transmission link is named with the used Codec for that link. It is obvious that Encoder and Decoder on both ends of the coDec-link must fit together, must “talk the same language”.
“As little as achievable loss” means that in most commercial systems there is a small loss in voice quality within the Encoding process. Over time the Encoding algorithms have improved and this loss could be reduced, but it is still not negligible. In this report the Decoding is regarded as loss-less, all loss of a Codec is (per definition) counted in the Encoding. Further losses in voice quality occur in the microphone, in these proprietary pre- and postprocessing steps and – notably – in the loudspeaker. In fact the main bottlenecks for voice quality are nowadays not in the Codec, but in the audio input/output of the terminals.
11.2
Transcoding
Figure 11-1 simplifies the connection between the terminals dramatically. In reality this connection is quite complex and often both terminals do not support the same Codec, therefore “Trans-Coding” has to take place. Transcoding is the “translation” from one Codec-language into another Codec-language. This Transcoding is performed within “Media GateWays” (MGW), see Figure 11-2.
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Figure 11.2-1:  Principle of Transcoding.

The typical Transcoding is a cascase of the Decoding of the signal on the incoming link back into the linear presentation and then the Encoding for the outgoing link. This second Encoding step causes another voice quality degradation.These two Codecs, Codec 1 and Codec 2, are called here to be “in tandem”. Tandem Free Operation (TFO) was the first attempt to avoid this quality loss for the call cases, where both Codecs, “right” and “left”of the MGW, or right and left of a PCM-coded link, were TFO-compatible.
11.3
Transcoding Free Operation
Nowadays Transcoding Free Operation (TrFO) is of key importance to many voice service aspects. High Definiton Voice services (HD Voice) is and important example (although – strictly speaking – transcoding occurs also in some HD Voice calls, see below). 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 11-1 list the most important TrFO-compatible 3GPP Codecs.
Table 11.3-1: Important TrFO-compatible 3GPP Codecs (selection)
	               Codec 2
Codec 1
	GSM_EFR
	AMR
(7)
	AMR
(0,2,4,7)
	AMR-WB
(0,1,2)
	AMR-WB
()
	EVS-IO
()
	EVS
()

	GSM_EFR
	yes
	SID-con
	
	
	
	
	

	AMR(7)
	SID-con
	yes
	
	
	
	
	

	AMR(0,2,4,7)
	
	
	yes
	
	
	
	

	AMR-WB(0,1,2)
	
	
	
	yes
	Rate-ctrl
	Rate-ctrl
	Mode-ctrl

	AMR-WB()
	
	
	
	Rate-ctrl
	yes
	yes?
	

	EVS-IO()
	
	
	
	Rate-ctrl
	yes?
	yes
	

	EVS()
	
	
	
	Mode-ctrl
	
	
	yes


The diagonal “upper-left to lower-right”of Table 11-1 shows “yes” in all squares: of course, because Codec 1 and Codec 2 are identical. 
Interesting is that also 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” 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 devistion in background noise is typically not perceiveable 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.
Far more important are AMR(mode-set=0,2,4,7), AMR(mode-set=0,2,4) and AMR(mode-set=0,2). Not all of these are listed in the table to keep the table readable. Please note that these three should be kept formally as three different Codecs: same Codec Type, but different Codec Configurations.They are 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 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 woudl 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.
A lot of market dynamic is nowadays in deploying AMR-WB as “HD Voice” service. AMR-WB(mode-set=0,1,2) 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). In order to allow TrFO-Interworking between GERAN, UTRAN and VoLTE 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. 

A VoLTE<=>VoLTE call may use all 9 modes AMR-WB(0,1,2,3,4,5,6,7,8).
AVoLTE<=>CS call may use the three lower modes AMR-WB(0,1,2,3,4,5,6,7,8). End-to-end Rate Control takes care that no mode higher than 2 is allowed. Essential is that the VoLTE-UE (any MTSI-client) follows the Rate Control commands strictly and as fast as possible. 
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.
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 wider range of bit rates (2.8 up to 128 kbps). The AMR-WB is included within the EVS as “EVS AMR-WB IO”, in short EVS-IO in this paper. Seamless transitions between all audio bandwidths as well as between EVS Primary and EVS-IO are supported during the call by “Rate and Mode Control”. Again, as for AMR and AMR-WB, all Codecs in the speech path must follow the EVS Rate and Mode Control rules strictly.
11.4
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 no 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.
Some overview and discussion is provided in 3GPP SA4 document S4-150326 Discussion Paper on Offer-Answer for AMR and AMR-WB. The considerations hold as well for EVS.
11.5
Transcoding Free Operation after Handover
As important as call setup (maybe more) is to consider subsequent handover cases! 
Many calls undergo handover in frequenties 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 anlther one 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 alos 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 stict rules for network design and inter-operator and inter-vendor agreements.
	End of Changes


