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[bookmark: _Toc437248772]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: nNarrow-Bband (e.g. 300-3.400 Hz), wWide-Bband (e.g.100-87.000 Hz), sSuper-wWide-Bband (e.g. 50-16.000 Hz) or even fFull-Bband (e.g. 20-20.000 Hz).
Some further (optional) typical 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 PCM representation" 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.
[image: ]
Figure 11.1-1: Principle of voice processing within two terminals A and B.
In the present document 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 will fit together, will "talk the same language"have to use identical or compatible codec algorithms.
"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 post-processing steps and – notably – in the loudspeaker. 
Every Encoding - Decoding step causes Indegradation in speech quality. In fact, the main bottlenecks for voice quality are nowadays not in the Codec, but in the audio input/output of the terminals.
[bookmark: _Toc437248773]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 11.2-1.
[image: ]
Figure 11.2-1: Principle of Transcoding.
The typical Transcoding is a cascade 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	EVS configurations
11.3.1	General
The SDP media parameters and the RTP payload format of the EVS codec are specified in TS 26.445 Annex A [8]. The EVS Codec includes EVS Primary modes and EVS AMR-WB IO modes.
For EVS Primary modes, the specification of the RTP payload format of the EVS codec includes media parameters in SDP to specify/negotiate bit rates (symmetric or asymmetric) and audio bandwidths (symmetric or asymmetric). For simplicity of the discussion, only the symmetric SDP parameters 'br' and 'bw' are considered in the following. An excerpt of the definitions of 'br' and 'bw' is provided below.
Begin of cite from TS 26.445:
br:		Specifies the range of source codec bit-rate(s) for EVS Primary mode (...) to be used in the session, in kilobits per second, for the send and the receive directions. The parameter can either have: a single bit-rate (br1); or a hyphen-separated pair of two bit-rates (br1-br2). If a single value is included, this bit-rate, br1, is used. If a hyphen-separated pair of two bit-rates is included, br1 and br2 are used as the minimum bit-rate and the maximum bit-rate respectively. br1 shall be smaller than br2. br1 and br2 have a value from the set: 5.9, 7.2, 8, 9.6, 13.2, 16.4, 24.4, 32, 48, 64, 96, and 128. 5.9 represents the average bit-rate of source controlled variable bit rate (SC-VBR) coding, and 7.2, …, 128 represent the bit-rates of constant bit-rate source coding. Only bit-rates supporting at least one of the allowed audio bandwidth(s) shall be used in the session.
bw:	Specifies the audio bandwidth for EVS Primary mode (...) to be used in the session for the send and the receive directions. bw has a value from the set: nb, wb, swb, fb, nb-wb, nb-swb, and nb-fb. nb, wb, swb, and fb represent narrowband, wideband, super-wideband, and fullband respectively, and nb-wb, nb-swb, and nb-fb represent all bandwidths from narrowband to wideband, super-wideband, and fullband respectively.
End of cite from TS 26.445.
For EVS AMR-WB IO modes, the specification of the RTP payload format of the EVS codec includes the same 'mode-set' media parameter in SDP as AMR-WB (RFC 4867) for compatibility reasons.
A comprehensive list of EVS operating points is illustrated in Table 11.3-1, together with AMR and AMR-WB operating points.
Table 11.3-1: The complete set of EVS bit rates and audio bandwidths (with AMR and AMR-WB modes for comparison). Numbers are in kbps
[image: ]
Note 1: The EVS-VBR mode of operation has an expected average bit rate of 5.9 kbps in active periods of speech. This 5.9 kbps does not correspond to any physical bit rate. Instead it is composed of three constant bit rate modes of 2.8, 7.2 and 8.0 kbps, as marked in this table. 
Note 2: At 13.2 kbps there are two EVS modes of operation, the "normal" constant bit rate mode and the "channel-aware" mode (EVS-CA), with dynamically varying "primary" and "secondary" (redundant) parts inside the constant net bit rate.
NOTE: This document does mainly consider the parameters for bit rates and audio bandwidths for EVS Primary and EVS AMR-WB IO modes. It should be noted that for overall interworking all media type parameters are taken into consideration.
In the following two types of EVS configurations are discussed: Bottom-up configurations and single-audio bandwidth configurations, which belong to the biggest class of all, the "Punctured Configurations".
11.3.2	The EVS Bottom-up Configurations

EVS "Bottom-up Configurations" are characterized by two important facts: 
a) they always include all lower bit rates, from 5.9 kbps up to their maximum bit rate;
b) they always include all lower audio bandwidths, from nb up to their maximum audio bandwidth.
Table 11.3.2-1 shows the complete table of EVS Primary modes that constitute also all possible Bottom-up Configurations. The mandatory EVS AMR-WB IO modes are not shown in this table. 
Table 11.3.2-1: The complete table of EVS (Primary) modes
	Rate
(kbps)
	Narrow-Band
bw=nb
	Wide-Band
bw=wb
	Super-Wide-Band
bw=swb
	Full-Band
bw=fb

	br=128
	
	(br=128; bw=wb)
	(br=128; bw=swb)
	(br=128; bw=fb)

	br=96
	
	(br=96; bw=wb)
	(br=96; bw=swb)
	(br=96; bw=fb)

	br=64
	
	(br=64; bw=wb)
	(br=64; bw=swb)
	(br=64; bw=fb)

	br=48
	
	(br=48; bw=wb)
	(br=48; bw=swb)
	(br=48; bw=fb)

	br=32
	
	(br=32; bw=wb)
	(br=32; bw=swb)
	(br=32; bw=fb)

	br=24.4
	(br=24.4; bw=nb)
	(br=24.4; bw=wb)
	(br=24.4; bw=swb)
	(br=24.4; bw=fb)

	br=16.4
	(br=16.4; bw=nb)
	(br=16.4; bw=wb)
	(br=16.4; bw=swb)
	(br=16.4; bw=fb)

	br=13.2
	(br=13.2; bw=nb)
	(br=13.2; bw=wb)
	(br=13.2; bw=swb)
	

	br=9.6
	(br=9.6; bw=nb)
	(br=9.6; bw=wb)
	(br=9.6; bw=swb)
	

	br=8.0
	(br=8; bw=nb)
	(br=8; bw=wb)
	 
	

	br=7.2
	(br=7.2; bw=nb)
	(br=7.2; bw=wb)
	 
	

	br=5.9 (VBR)
	(br=5.9; bw=nb)
	(br=5.9; bw=wb)
	 
	



Each of these 35 EVS Primary modes is an "upper right corner" of one of the 35 EVS "Bottom-up Configurations". 
EVS (br=128; bw=fb) is the biggest EVS mode and the upper right corner of the biggest EVS Bottom-up Configuration. 
The SDP notation for EVS specifies "EVS (br=128; bw=fb)" by: encoding name=EVS; br=128; bw=fb.
The biggest EVS Bottom-up Configuration is EVS (br=5.9-128; bw=nb-fb) and it contains all 35 EVS Primary modes.
Important other EVS Bottom up Configurations are 
EVS (br=5.9-8;       bw=nb -wb), 
EVS (br=5.9-13.2; bw=nb-swb) and 
EVS (br=5.9-24.4; bw=nb-fb). 
These are candidates for EVS over Circuit Switched networks and important for MTSI clients, too. 
EVS Bottom up Configurations have important properties:
1. All possible EVS Bottom up Configurations are TrFO-compatible to each other. 
2. The intersection of EVS Bottom up Configurations leads always to an EVS Bottom up Configuration. 
3. Transcoding free interworking between two or more different EVS Bottom up Configurations may use all common EVS Modes, i.e. the intersection of all EVS Bottom up Configurations in the call path.
The resulting EVS Bottom up Configuration at call setup (or after Handover, or after Codec Renegotiation), negotiated by SIP/SDP- or CS-Signalling, is named the "Framework Bottom up Configuration" for this call. The Framework Bottom up Configuration can only be changed by Codec Renegotiation, typically resulting in a speech path interruption.
EVS Mode Control by EVS-CMR may shrink or expand the "active Bottom up Configuration", but never expand the active Bottom up Configuration beyond the boundaries of the Framework Bottom up Configuration. EVS Mode Control by EVS-CMR does not cause speech path interruptions.
For completeness, each EVS Bottom up Configuration has a complementing EVS AMR-WB IO Configuration.
By definition in this document, the EVS Channel-Aware (EVS-CA) mode is always included in the Framework Bottom up Configuration, as far as maximum bit rate is at least 13.2 kbit/s and bandwidth of the Framework Bottom up Configuration is at least wb.
The EVS-VBR mode of operation is always included in all Framework Bottom up Configurations.
The name of the biggest EVS mode in a requested active Bottom up Configuration determines also the name for the corresponding EVS-CMR command. Example: "EVS-CMR (br=24.4; bw=swb)" commands the remote partner(s) to shrink or expand the active Bottom up Configuration to EVS (br=5.9-24.4; bw=nb-swb).
The Maximum Mode Control signalling is typically started by the media-receiver, which sends in its EVS-CMR the highest possible EVS mode in is prepared to receive. Each node in the speech path (e.g. MGW) may modify the EVS-CMR on the fly according to the Maximum Mode Control principle, i.e. it may shrink the requested active Bottom up Configuration, but never expand it. In this way the (modified) EVS-CMR, which is finally received by the media-sender, indicates the biggest possible active Bottom-up Configuration in that very moment, for the whole path from media-sender to media-receiver.

11.3.3	The EVS Punctured Configurations
If one or more lower audio bandwidths than the maximum negotiated bandwidth or one or more lower bit rates than the maximum negotiated bitrate are not included in an EVS Configuration, as negotiated/selected by SIP/SDP signalling or CS-signalling, then this EVS Configuration is not a Bottom up Configuration and such an EVS Configuration is not TrFO-compatible to any of the EVS Bottom up Configurations. Such an EVS Configuration is called a "Punctured Configuration". Punctured Configurations are typically not TrFO-compatible to most other EVS Configurations.
Example 1:
EVS (br=7.2-24.4; bw=nb-swb) in client 1 is NOT TrFO compatible to the EVS Bottom-up Configuration 
EVS (br=5.9-24.4; bw=nb-swb) in client 2, because the EVS-CMR has been defined to indicate only the maximum mode (maximum bit rate and maximum audio bandwidth). EVS-CMR (br=7.2; bw=swb) from client 1 to client 2 would not disallow EVS (br=5.9; bw=wb) to be used by the media-sender in client 2, although client 1 is not allowed to use it.
Vice versa, EVS-CMR (br=5.9; bw=wb) from client 2 would not be followed by client 1.
Example 2:
EVS (br=13.2;        bw=nb-swb; CA=on) in client 1 is NOT TrFO compatible to the EVS Bottom-up Configuration 
EVS (br=5.9-13.2; bw=nb-swb; CA=on) in client 2 due to the Maximum Mode Control, although EVS-CA mode of operation is included in both Configurations and EVS AMR-WB IO is also included in both.

11.3.3.1	EVS Configurations with single audio bandwidth
It is possible to use EVS at a single audio bandwidth by specifying a single bandwidth value (e.g. "bw=swb"). These single audio bandwidth Configurations form specific classes of Punctured Configurations.
The EVS SDP parameters and the RTP Payload Format (TS 26.445 [8]) and the profiling in TS 26.114 [5] allows many Punctured Configurations and many single-audio bandwidth Configurations in SIP/SDP. The "biggest" single audio bandwidth Configurations are as shown in Table 11.3.2-1:
EVS-NB	(br=5.9-24.4; bw=nb); 
EVS-WB	(br=5.9-128; bw=wb); 
EVS-SWB	(br=9.6-128; bw=swb); 
EVS-FB	(br=16.4-128; bw=fb).
The advantage of such single audio bandwidth configurations is that they can guarantee that the specified single audio bandwidth is used, as far as the audio input signal provides it. They can allow testing the EVS codec in a well-defined operation point and simplify the usage of the EVS codec. The disadvantage is that lower bit rates are not always allowed, potentially compromising the radio error performance in marginal radio conditions and requesting higher cell capacity in case of network overload.
Only the set of single audio bandwidth Configurations with (br=5.9-brmax; bw=nb) contains Bottom-up Configurations. All other single-audio bandwidth Configurations are Punctured Configurations and not TrFO-compatible to Bottom-up Configurations and not to each other.
Important property:
Two single audio bandwidth Configurations are only TrFO-compatible, if they share the same audio bandwidth and the same lowest bit rates. 
Example 1: EVS (br=9.6-24.4; bw=swb) and EVS (br=9.6-13.2; bw=swb) are TrFO-compatible. 
The latter is candidate for EVS over CS networks (called "Set 3").
Example 2: EVS (br=9.6-13.2; bw=swb) and EVS (br=9.6-128; bw=swb) are also TrFO compatible. 
Punctured single audio bandwidth Configurations consist themselves of many TrFO-compatible punctured Configurations of the same single audio bandwidth. EVS (br=9.6-128; bw=swb) has in total 9 TrFO-compatible Configurations, see Table 11.3.2-1. In some sense, these single audio bandwidth Configurations represent Codecs like AMR or AMR-WB, which have only one bandwidth, but a set of bit rates. 
Note that EVS (br=13.2-128; bw=swb) includes another set of Configurations, which are not compatible to the one above.
NOTE 1: Interworking between any EVS Bottom up Configuration and a punctured single audio bandwidth Configuration requires always transcoding and this leads always to lower speech quality. Even the fall back to the EVS AMR-WB IO mode of operation reduces the resulting speech quality, although TrFO is possible.
NOTE 2: An EVS Bottom up Configuration allows operating a call end-to-end in a single selected audio bandwidth, e.g. in swb, as long as all nodes in the path allow the necessary bandwidth and bit rates. The Bottom up Configuration EVS (br=5.9-128; bw=nb-swb) includes the single-audio bandwidth Configuration EVS (br=9.6-128; bw=swb) in that sense. Nevertheless, transcoding is inserted between these two at call setup (or handover). Adaptation by EVS-CMR between these two Configurations is not possible, because EVS-CMR specifies and changes always only the maximum allowed mode, but does not exclude lower rates or lower bandwidths.
NOTE 3: The media-sender in client 1, setup with the punctured single audio bandwidth Configuration 
EVS (br=9.6-24.4; bw=swb; mode-set=0,1,2) may indeed use all EVS primary modes of the following punctured Configuration: EVS (br=9.6-24.4; bw=nb-swb; mode-set=0,1,2), if the audio input signal is classified by the EVS encoder as nb or wb or swb. This is inherent to the EVS Codec algorithm.
However, rule is that client 1 sends EVS-CMR within the local Configuration, i.e. use only bw=swb and br between 9.6 and 24.4. All MGWs in the path do not modify the EVS-CMR to command a mode below/outside the selected Configuration. The sent and/or received media stream may, however, contain speech packets with EVS (br=9.6 ... 24.4; bw=nb ... swb) and client 1 accepts and decodes these.
[bookmark: _Toc437248774]11.43	Transcoding Free Operation
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