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Foreword

This Technical Report has been produced by the 3rd Generation Partnership Project (3GPP).

The contents of the present document are subject to continuing work within the TSG and may change following formal TSG approval. Should the TSG modify the contents of the present document, it will be re-released by the TSG with an identifying change of release date and an increase in version number as follows:

Version x.y.z

where:

x
the first digit:

1
presented to TSG for information;

2
presented to TSG for approval;

3
or greater indicates TSG approved document under change control.

y
the second digit is incremented for all changes of substance, i.e. technical enhancements, corrections, updates, etc.

z
the third digit is incremented when editorial only changes have been incorporated in the document.

Introduction

Single Radio – Voice Call Continuity (SRVCC) is an existing standard ([3], [4]), specifying the handover of a Voice or Video call from LTE access to CS radio access, either to GERAN (2G) or to UTRAN (3G) or other CS networks. This Technical Report considers only SRVCC for voice calls between 3GPP accesses. 

In the IMS Core Network the voice call is typically anchored in the ATCF/ATGW (Access Transfer Control Function / Access Transfer Gate Way). The SRVCC procedure, as specified, may cause additional transcoding between the target radio leg and the ATGW, even though in theory it would be possible to avoid it. As a result, the SRVCC procedures may add one or more unnecessary transcoding point(s) for the call and thereby degrade the quality of the ongoing call unnecessarily.

Transcoder free Operation (TrFO) is always desirable to achieve good voice quality. Furthermore TrFO preserves network resources, i.e. by avoiding transcoding. TrFO is especially important for HD Voice. 

The Mobility Management Entity (MME) of the LTE-RAN, which sends the PS-to-CS Handover Request to the Target Network, does not know the IMS Selected Codec, which is in use before the SRVCC in the ongoing call towards the remote end. Thus the MME cannot support the Target Network for selecting the optimal Target RAN Codec. The Target Network thus selects this Target RAN Codec on own criteria; often the Target RAN Codec is then not compatible to the IMS Selected Codec. Transcoding is then the immediate reaction.

While it is possible for the ATCF, based on the current procedure, to renegotiate the IMS Selected Codec with the remote end to fit any selected Target RAN Codec at call transfer, this may extend the perceived time it will take to conclude the call transfer and this might extend the speech interruption time that might result due to the time the additional negotiation with the remote end will take. The ATCF was introduced for exactly that reason: avoid renegotiation with the remote end – accelerate SRVCC.

But even worse: in a substantial number of call scenarios the remote end may not be able to support the arbitrarily chosen Target RAN Codec and the transcoding cannot even be avoided by that renegotiation.

The first attempt must be to optimize the Target RAN Codec to fit the IMS Selected Codec. If that is impossible or not optimal, then the renegotiation with the remote end might be attempted. The last resort has to be transcoding; sometimes it is unavoidable.
1
Scope 
Single Radio – Voice Call Continuity (SRVCC) is an existing standard ([3], [4]) specifying the handover of a Voice or Video call from LTE access to CS-radio access, either to GERAN (2G) or to UTRAN (3G) or other CS networks. This Technical Report considers only SRVCC for voice calls between 3GPP accesses. 

This study assumes that the Codecs defined in TS 26.114 are used on the LTE access and the Codecs defined in TS 26.103 on the CS accesses. 

In the IMS Core Network the voice call is typically anchored in the ATCF/ATGW (Access Transfer Control Function / Access Transfer Gate Way).

The SRVCC procedure, as specified, may cause additional transcoding between the target radio leg and the ATGW, even though in theory it would be possible to avoid it. As a result, the SRVCC procedures may add one or more unnecessary transcoding point(s) for the call and thereby degrade the quality of the ongoing call unnecessarily.

The main objectives of this study are to analyse example call scenarios and find potential solutions to minimize the number of transcoding cases. Another objective is to optimize the interworking and the transition between EVS and AMR-WB during SRVCC. The study should also show the reasons and potential solutions for too long speech path interruptions during SRVCC.

The present Technical Report has the following detailed objectives: 

-
Identify relevant SRVCC scenarios, especially with Codec Mode Control 
from AMR-WB and/or EVS in VoLTE to AMR-WB and/or EVS in CS;
but also other important Codecs, such as AMR and G.722 shall be included.

-
Analyse Speech Quality Aspects and Media Handling Aspects, based on these scenarios.

-
Analyse Codec Mode Control before, during and after SRVCC;
recently SA4 has clarified some essential details on Rate Control for AMR and AMR-WB;
Rate Control and Audio Bandwidth Control for EVS are still under discussion to some extent.

-
Analyse the existing SDP Offer – Answer protocol between Target MSC and Anchor-ATCF during SRVCC,
as specified in TS 23.216 Stage 2;
This analysis shall include the whole SRVCC procedure for at least one essential scenario 
(e.g. SRVCC to GERAN) and shall identify the potential reasons for transcoding and too long speech path interruptions.

-
Clarify the existing Codec Compatibility aspects for SRVCC;
especially the interworking between CS and IMS for AMR, AMR-WB and EVS needs to be documented.

-
Propose enhancements for media and quality aspects of SRVCC with the aims: 
a) to avoid transcoding cases as much as possible;
b) to minimize the speech path interruption time during SRVCC;

-
Support the SA2 SETA work by SA4 expertise in speech quality and media handling.

2
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3
Definitions, symbols and abbreviations
3.1
Definitions 
For the purposes of the present document, the terms and definitions given in 3GPP TR 21.905 [1] and the following apply. A term defined in the present document takes precedence over the definition of the same term, if any, in 3GPP TR 21.905 [1].
Codec Type:
defines a specific type of a speech coding algorithm, applied on a specific radio or other transport technology, e.g. GSM FR, FR_AMR, AMR, AMR-WB, EVS, G.722, G.711, see also TS 26.103.

Codec Mode:


defines a specific mode of a Codec Type, e.g. the 12.2 kbps mode of the AMR.

Codec Configuration: 
defines the full set of attributes to a certain Codec Type, e.g. the set of Codec Modes.
Codec:




The term "Codec" is used for the combination of Codec Type plus Codec Configuration, 
 






as used in Codec Negotiation, like in the SIP/SDP Offer - Answer procedure 
 






or in BICC IAM - APM signalling.

Target RAN Codec:
The Codec chosen by the Target Network for the Target RAN leg after SRVCC;







example: FR_AMR(0,2,4,7), HR_AMR(0,2,4), UMTS_AMR2(0,2,4,7).

IMS Selected Codec:
The Codec selected for the call before SRVCC from the ATGW towards the remote end;







example: AMR(0,2,4,7), AMR-WB(), EVS(), G.722, G.711.

CS PS Codec:


The Codec for the Interface between CS- and IMS-network







example: G.711, AMR(0,2,4,7), AMR-WB(0,1,2), EVSoCS(...).

LTE Used Codec:

The Codec used on the LTE RAN leg before SRVCC between local UE and ATGW







example: AMR(0,2,4,7), AMR-WB(), EVS().

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 (0,1,2)

AMR-WB Codec with mode-set=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-NB (...)



EVS Codec in Narrow-Band operation

EVS-WB (...)



EVS Codec in Wide-Band operation
EVS-SWB(...)



EVS Codec in Super-Wide-Band operation
EVS-FB(...)



EVS Codec in Full-Band operation

EVS-IO (...)



EVS in AMR-WB Inter-Operable operation 


<=>

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).

3.3
Abbreviations

For the purposes of the present document, the abbreviations given in 3GPP TR 21.905 [1] and the following apply. 
An abbreviation defined in the present document takes precedence over the definition of the same abbreviation, if any, in 3GPP TR 21.905 [1].
ATCF
Access Transfer Control Function (on Control Plane)

ATGW
Access Transfer Gate Way (on User Plane)

BICC
Bearer Independent Call Control
IAM
Initial Application Message 


(functionality-wise like SIP Invite)
APM
Application Transport Mechanism 
(functionality-wise like SIP Response)
AMR
Adaptive Multi-Rate (Codec)

AMR-WB
Adaptive Multi-Rate WideBand (Codec)

EVS
Enhanced Voice Services (Codec)

MSC
Mobile Switching Center

sMSC
SRVCC MSC

tMGW
Target Media GateWay

tRAN
Target RAN
RAN
Radio Access Network
SID-Con
SID-Conversion between EFR-SID and AMR-SID

SID
Silence Descriptor 
eNB
evolved Node Base-station
4
SRVCC Reference Architecture

Figure 4-1 shows the Reference Architecture for SRVCC, as used in this Technical Report. In this Reference Architecture the "SRVCC MSC" (sMSC) has direct control over the "Target RAN" (tRAN). 

Note:
In many life networks there is, however, another  "Target MSC" inserted between the SRVCC MSC and the Target RAN. This has the advantage that only the SRVCC MSC has to be updated for the communication with MME and ATCF, while the Target MSC can be left SRVCC-agnostic. The interface between SRVCC MSC and Target MSC is as for any legacy Inter-MSC handover. It can be regarded in the context of this Technical Report as a "solved problem" and so it is sufficient to concentrate on the shown Reference Architecture.
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Figure 4-1: Reference Architecture for SRVCC

Figure 4-1  introduces also terms to be used within thisTechnical Report.

It is assumed that there is a VoLTE call already set up and ongoing between the UE at the "left side" of the ATGW and a partner at the remote end. The ATCF/ATGW are inserted in the call as Anchor, if SRVCC is supported by all necessary nodes, especially the UE.

On the "left side" of the ATGW the so called "LTE Used Codec" is chosen. Candidates for the LTE Used Codec are primarily AMR(...), AMR-WB(...) and EVS(...).

On the "right side" of the ATGW the so called "IMS Selected Codec" is used to transport voice to/from the remote end. Candidates for the IMS Selected Codec are AMR(...), AMR-WB(...) and EVS(...), but also G.711, G.722  (e.g. if the remote party is fixed access terminal). Transcoding may be performed in the ATGW already before SRVCC.

If all Codecs in the voice path are identical or TrFO-compatible (see chapter 11), then end-to-end TrFO is reached with the best possible voice quality under the given constraints. If  LTE Used Codec and IMS Selected Codec are not TrFO-compatible, then the ATGW inserts transcoding. 

Real life call scenarios at VoLTE setup might be quite complex. The control and media path between ATGW and remote end might be "long", e.g. due to call forwarding or roaming. 

In order to keep SRVCC execution delay and speech path interruption short, the ATCF and ATGW are inserted into the voice path, "as close as possible" to the local LTE RAN. This measure isolates the local SRVCC from the rest of the control and media path, until SRVCC is completed. ATCF and ATGW are the "Anchors" at this side of the call. They stay in the media and signalling path before, during and after SRVCC.

Figure 4-1 defines also the terms "Target RAN Codec" and "CS PS Codec". Those codecs are used after SRVCC on the interfaces indicated in the figure. If the chosen Target RAN Codec and the IMS Selected Codec  are not TrFO-compatible, then either the Target MGW or the ATGW has to transcode. In the worst case there is a third non-compatible codec between them and two transcoding stages are required. In the best case Target RAN Codec and IMS Selected Codec are TrFO-compatible and no transcoding is needed.

Note that two "Handover Switching Points" exist, as in every handover. 

-
One is the "Handover on Air": The local UE must disconnect from the LTE RAN and reconnect to the Target RAN (here GERAN or UTRAN). 

-
The other is the "Handover in the ATGW". It is theoretically and practically impossible (!) to synchronise both Handover Switching Points in time exactly.
Please note that the local UE is not connected to both radio accesses simultaneously, as the figure seems to suggest. "Single Radio" connectivity is the basis for SRVCC.

5
SRVCC Reference Procedure

5.1
General
Figure 5.1-1 is a direct reprint of 3GPP TS 23.216 Figure 6.2.2.1-1, showing the essential SRVCC for the simplest case of an active voice call, without a parallel data session, from LTE to GERAN.
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Figure 5.1-1 (3GPP TS 23.261 Figure 6.2.2.1-1): SRVCC from E-UTRAN to GERAN without DTM support

Figure 5.1-2 is a substantially simplified version of 3GPP TS 23.216 Figure 6.2.2.1-1, focusing on the purpose of this Technical Report, referring to the simplified Reference Architecture and the introduced terms.
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Figure 5.1-2: Reference Procedure of SRVCC from LTE to GERAN

In this simplified version message 13 "PS to CS Response" is sent by the Target MSC before it got confirmation from the ATCF by message 11b "SIP Response". This is Stage 2 behaviour. The idea behind this timing sequence is to synchronize the handover in the ATGW as close as possible with the handover on air.

This Reference Procedure, shown in Figure 5.1-2, will be used as basis in this Technical Report.

5.2
Codec Selection during SRVCC

The local UE is moving through the radio networks and is continuously observing and measuring its radio environment. It is reporting these measurements to the LTE base station (eNB). Some when the eNB may decide that a GERAN (or UTRAN) radio cell is better suited for the voice call and may send a Handover Required message to the MME, including the wanted Target Radio. The MME sends this information to the relevant SRVCC MSC as PS-to-CS Handover Request message.

This PS-to-CS Handover Request message contains also the "UE Supported Codec List" (UE-SCL), as supported by the Local UE for the Target Radio Network(s), i.e. for GERAN and/or UTRAN.

The UE-SCL may contain all specified GERAN Codecs: 
FR_AMR-WB, FR_AMR, HR_AMR, EFR, HR, FR. 
The UE-SCL may contain all specified UTRAN Codecs: 
UMTS_AMR-WB, UMTS_AMR2, UMTS_AMR and (in future) EVSoCS.

This PS-to-CS Handover Request message does not include the IMS Selected Codec and not the LTE Used Codec, because the MME has no knowledge about the Application Layer.

The Target MSC decides, based on the received UE-SCL and the known Target RAN Capabilities, which Codec is the locally optimal Codec for the Target RAN. This Target RAN Codec is based on local Target RAN criteria, without sufficient knowledge about the ongoing call.

The MSC takes the best possible Codec Type and Configuration, as locally preferred (set by the operator) for the Target RAN, given the received UE-SCL. Assignment Request is sent to GERAN (or RAB Assignment to UTRAN) and the voice path between Target RAN and Target MGW is setup, including all necessary details on Target MGW Context, MGW Termination properties, IP addresses1, UDP Ports1 and whatever is required.

Then, when all these preparations are done, the MSC sends a SIP Invite message to the ATCF to initiate the session transfer. This SIP Invite contains the so called "MSC Preferred Codec List2" (MSC-PCL2), with the Target RAN Codec on first place (i.e. most preferred). It also contains the connectivity data of the Target MGW (IP Address2 and UDP Ports2, etc.). 

This MSC-PCL may contain at least the Target RAN Codec (or the SIP representative of it). Typically it contains many more Codecs, like AMR-WB(0,1,2), G.711, G.722, maybe more, depending on the Target MGW and its Transcoding capabilities. In some implementations even different Configurations of the AMR are included, like AMR(0,2,4,7), AMR(0,2,4), AMR(0,2), AMR(7), AMR(), even AMR(0,1,2,3,4,5,6,7) has been observed; similar for AMR-WB and (in future) EVSoCS. Many open options make life harder.
The ATCF/ATGW-pair takes the MSC-PCL2 and decides on own capabilities (ATGW Supported Codecs, ATGW Supported Transcodings, whatever), considering the IMS Selected Codec, which Codec to use as CS PS Codec. 
Then the ATCF sends the SIP Response back to the SRVCC MSC, including the CS PS Codec, including the connectivity data of the ATGW (IP Address3 and UDP Ports3, etc.). 

In the ideal case IMS Selected Codec, CS PS Codec and Target RAN Codec are TrFO-compatible and the call continues after SRVCC without Transcoding (at least at this end of the call).


5.3
Voice Path Switching during SRVCC

As long as the SRVCC MSC prepares the Target RAN leg and the voice path between Target RAN and Target MGW, the call continues on the LTE access leg without disturbance by these SRVCC preparation procedures. If these procedures take some longer time, e.g. due to network load, then the voice path switching is shifted in time, but this has no influence on the voice path interruption. This phase of SRVCC preparation is rather uncritical. Of course: waiting too long might result in a lost LTE connection, before the new connection is up; in that case the call is lost.
Then at time "T0" the MSC sends the SIP Invite to the ATGW and the PS-to-CS Handover Response to the MME. According to Stage 2 description both messages are sent more or less at the same time. 

The PS-to-CS Handover Response forwards the necessary parameters, like Target Cell and Target RAN Codec to the UE in the Handover Command. The ATGW switches the call leg from the LTE access towards the Target MGW, when the ATCF sends the SIP Response back to the MSC. 
The Handover Command, after travelling through the LTE access, triggers the UE to change to the prepared Target RAN channel. How fast the UE changes, is implementation dependent.

Shortly after T0 the voice path downlink to the LTE access is interrupted by the ATGW. The LTE "pipe", notably the sender buffers in ATGW and eNB may have still some few speech packets stored to be sent. So the speech path interruption will be observed some time later at the radio input of the UE and some processing time later at the loudspeaker output of the UE, here at "T1". A substantial part of the processing time might be hidden inside the Adaptive Jitter Buffer (AJB) within the UE. The time difference between "T0" and "T1" varies, depending on LTE parameter setting, the cell load and actual LTE radio performance, between about 40 ms and (much) more than 100ms.

Shortly after "T0" also the voice path uplink to the remote end is interrupted in the ATGW. There could be still some speech packets in the pipe from the UE to the ATGW, notably inside the UE, but these are ignored by the ATGW. 
The pipe from ATGW to the remote end might have a long delay, depending on the voice path and the remote access technology. At time "T2" the Decoder at the remote end runs empty and the voice output gets muted. The delay between ATGW and remote end has no influence on the duration of the interruption at the remote end.
Shortly after "T0" also the voice path pipe downlink to the Target MGW is filled with speech packets, coming from the remote end. So the downlink pipe of the Target Radio leg is started to be filled. It takes in the order of 100ms, until the first speech frame can be sent onto air.
Like the speech packets travelling with finite speed through the LTE RAN, also the Handover Command takes a while across the LTE radio access, depending on load and radio conditions. So we have a "racing problem" between Control Plane and User Plane. In fact the race starts, when the SRVCC MSC sends the SIP Invite and PS-to-CS Handover Response. Ideally the UE would get the Handover Command at the same time as the last speech frame from the ATGW and would switch immediately after that to the new Target RAN leg. In real life networks that cannot be guaranteed.

As soon as the UE accesses the Target RAN the radio connection is established and downlink speech packets may arrive at the UE – depending how fast the downlink pipe is filled. Also in uplink the UE starts to send speech packets and fill the uplink pipe. 

According to the SRVCC standard, however, the uplink path in the Target MGW is blocked, until the MSC has received a "Handover Complete" message from the UE. Then speech packets are through-connected. They arrive at the ATGW and are forwarded to the remote end. When they finally arrive at the remote end the uplink speech break ends.
6
Selected example scenarios for SRVCC
6.1
General

In the following chapters a series of example scenarios is presented. 
The chapter headlines have the following convention: 
6.x


SRVCC <IMS Selected Codec>  to  <Target RAN Codec>
Example:

6.2


SRVCC AMR(...) to FR_AMR(...)

In many cases it is immediately obvious that transcoding is required after SRVCC, in some cases transcoding depends on the Codec Configurations, like AMR(0,2,4,7) to UMTS_AMR2(0,2,5,7), which requires transcoding, although the Codec Types are identical or at least from the same Codec Family.

Editor’s note: the first scenarios are de facto the prototypes for all the others. These will be discussed more intensively; the others follow then the same principles, with differences.
In all scenarios a voice call is setup and in operation, with an LTE RAN on the local side, as shown in Figure 4-1. Local side means: the side, where the SRVCC is executed. For simplicity of the discussion it is assumed than no other session to this local UE is setup. The local UE indicated support for SRVCC and the IMS Core has inserted an ATCF/ATGW pair as local Anchor of the call. The call setup negotiation ended in the IMS Selected Codec as assumed in each scenario. The local UE is assumed to support all currently standardized 3GPP Codecs in 2G and 3G and 4G.

6.2
SRVCC AMR(...) to AMR(...)

The IMS Selected Codec is in this example AMR(...), with different possible mode-sets. There are more than 50 AMR Configurations thinkable, only few of them have real life relevance and only one of these is recommended for all 3GPP networks: mode-set=0,2,4,7. Operators have the choice to influence the AMR Configuration in the IMS Core. Inter-Operator calls should be considered in this choice, as well as subsequent SRVCC to CS networks and sub-subsequent Intra-CS Handovers.

The LTE Used Codec is here also AMR(...), typically with the same Configuration as for the IMS Selected Codec. In fact there is no obvious reason, why the configurations should be different; in principle it is possible. The LTE Used Codec will discontinue existing due to SRVCC; remaining is the IMS Selected Codec. If there would be a difference between LTE Used Codec and IMS Selected Codec and transcoding would exist in the ATGW, then this would be irrelevant after SRVCC. It is assumed here that the LTE Used Codec and the IMS Selected Codec use the same AMR Configuration.

The remote end determines to a large extend the IMS Selected Codec, if we assume that the local UE and the IMS network are capable of all mandated and recommended 3GPP Codecs: AMR(...), AMR-WB(...) and EVS(...)  including EVS-IO(...). 

Also the voice path between the shown IMS Core and the remote end has substantial influence, especially, if the call crosses network boundaries. These questions are, however, not discussed in this Technical Report.

Important in this scenario for SRVCC is that the IMS Selected Codec is fixed to AMR(...) in the ATGW.

In the ideal case IMS Selected Codec, CS PS Codec and Target RAN Codec are TrFO-compatible and the call continues after SRVCC without Transcoding; recommended: AMR(0,2,4,7), or subsets, everywhere, see table 6.2-1
Table 6.2-1: SRVCC result for the recommended AMR(0,2,4,7) to AMR(0,2,4,7) or a sub-set
	Target RAN Codec
	TrFO ?
	CS PS Codec
	TrFO?
	IMS Selected Codec

	UMTS_AMR2 (0,2,4,7)
	yes
	AMR (0,2,4,7)
	yes
	AMR (0,2,4,7)

	FR_AMR          (0,2,4,7)
	yes
	AMR (0,2,4,7)
	yes
	AMR (0,2,4,7)

	HR_AMR         (0,2,4)
	yes
	AMR (0,2,4,7)
	yes
	AMR (0,2,4,7)

	UMTS_AMR2 (0,2) 

	yes
	AMR (0,2,4,7)
	yes
	AMR (0,2,4,7)



Although the call continues in all these cases without Transcoding, the maximum bit rate may be very different, depending on the load situation in the Target RAN. The effects of these differences are discussed in <chapter xxx>.
In any case it would be a bad choice to use AMR() or AMR(0,1,2,3,4,5,6,7) as IMS Selected Codec, as these would not be TrFO-compatible to any CS network.

6.3
SRVCC AMR(...) to AMR-WB(...)

As in scenario 6.2 the IMS Selected Codec is AMR(...), let’s assume it is AMR(0,2,4,7), the recommended Codec.

As described in chapter 5.2 the SRVCC MSC determines the Target RAN Codec based on the received UE-SCL and the known Target RAN Capabilities without knowledge about the IMS Selected Codec. The MSC takes the best possible Codec and Configuration, as locally preferred (set by the operator) for the Target RAN, given the received UE-SCL. 

If the Target RAN is updated to FR_AMR-WB(0,1,2) and/or UMTS_AMR-WB(0,1,2), but not to even better Codecs, then one of these will be selected by the SRVCC MSC as Target RAN Codec and the Target RAN leg will be prepared. In SIP Invite towards the ATCF this Codec will be listed as AMR-WB(0,1,2). 

The SRVCC MSC will send the SIP Invite to the ATCF, with the MSC-PCL containing the AMR-WB(0,1,2) on first place, followed by other Codecs, see chapter 5.2. 

The ATCF has no other possibility than to insert Transcoding between Target RAN Codec and IMS Selected Codec; the only freedom left is where to place the transcoding. From call setup it is obvious that the remote end does not support a WB Codec, because otherwise AMR-WB would have been the IMS Selected Codec. Therefore it is not reasonable trying to re-negotiate the IMS Selected Codec with the remote end.

The ATCF could select the AMR-WB(0,1,2) as CS PS Codec, taking the burden of Transcoding fully into the ATGW.
The ATCF could select the AMR(0,2,4,7) as CS PS Codec, shifting the burden of Transcoding fully into the Target MGW. 
The third choice, for completeness, if offered by the MSC, would be to select an "intermediate" Codec as CS PS Codec, such as G.711 or G.722 or "lin.PCM128", with 8 kHz sampling and 16 bit "linear" resolution == 128 kbps.
Table 6.3-1: SRVCC result for the recommended AMR(0,2,4,7) to AMR-WB(0,1,2)
	Target RAN Codec
	TrFO ?
	CS PS Codec
	TrFO?
	IMS Selected Codec

	AMR-WB (0,1,2)
	yes
	AMR-WB (0,1,2)
	no
	AMR (0,2,4,7)

	AMR-WB (0,1,2)
	no
	AMR (0,2,4,7)
	yes
	AMR (0,2,4,7)

	AMR-WB (0,1,2)
	no
	 lin.PCM128
	no
	AMR (0,2,4,7)



The choice is implementation dependent. Often the ATCF selects the IMS Selected Codec also as CS PS Codec. This is "egoistic", as the burden is shifted to the Target MGW. But it has a substantial advantage: it indicates to the SRVCC MSC that the choice of the Target RAN Codec was not optimal. The SRVC MSC has then the opportunity to execute a Mid-Call Modification of the Target RAN Codec to reach TrFO again, after SRVCC is successfully executed.

So in this scenario SRVCC is executed and transcoding resources are added, typically in the Target MGW. Then, after a short while, Mid-Call Modification of the Target RAN leg may remove the inserted Transcoder again. This additional Mid-Call Modification is implementation specific.
6.4
SRVCC AMR(...) to EVSoCS(...)

As in scenario 6.1 and 6.2 the IMS Selected Codec is AMR(...), e.g. AMR(0,2,4,7), the recommended Codec. The SRVCC MSC determines the Target RAN Codec based on the received UE-SCL and the known Target RAN Capabilities without knowledge about the IMS Selected Codec.
If the Target RAN is updated to EVSoCS, then it may be selected as Target RAN Codec. But which of the Configurations (still under discussion) would the SRVCC MSC select?
Configuration 1 with Spreading Factor SF=64 provides the best possible quality and is optimal, if the IMS Selected Codec is EVS-FB or EVS-SWB. But it is the most costly alternative for the Target RAN.

Configuration 2 with Spreading Factor SF=128, needs less radio capacity and is a decent compromise.
Configuration 3, with Spreading Factor SF=256, needs least radio capacity, provides lowest voice quality.
The decision could and will be based on the load in the Target RAN. Sometimes there is no other choice than Configuration 3.

The problems and solutions are similar, a bit more negative, compared to the scenario 6.3. The temporarily inserted Transcoder (EVS <=/=> AMR) is even more complex and resource hungry. The temporary radio load is potentially high without gain.
An optional Mid-Call Modification of the wrongly selected Target RAN Codec is the only escape, after such an SRVCC as specified currently.
6.5
SRVCC AMR-WB(...) to AMR(...)

In this scenario the call setup resulted in the IMS Selected Codec being AMR-WB(...). Maybe even AMR-WB() is selected, with all 9 modes allowed. This is an important scenario today in VoLTE<=>VoLTE calls. But also AMR-WB(0,1,2) provides impressive HD Voice quality.

Unfortunately, in this scenario, the Target RAN is not updated and does not support AMR-WB yet. The SRVCC MSC selects AMR(0,2,4,7) instead. Transcoding is required between Target RAN Codec and IMS Selected Codec.

Other than in the scenarios before (6.2 – 6.4) there is a chance to renegotiate the IMS Selected Codec with the remote end and achieve end-to-end TrFO again, although in AMR(0,2,4,7) quality.

This Codec Renegotiation is optional. In any case it should be performed after SRVCC is successfully finished.
7
Identified Problems with current SRVCC

8
Speech Quality and Media Handling Aspects

9
Codec Mode Control before, during and after SRVCC

10
SDP Offer–Answer between MSC and ATCF

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: Narrow-Band (300-3.400 Hz), Wide-Band (100-7.000 Hz), Super-Wide-Band (50-16.000 Hz) or even Full-Band (20-20.000 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 post-processing 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 11.2-1.
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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
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, 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 11.3-1 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
	TrFO
	SID-Con
	
	
	
	
	

	AMR(7)
	SID-Con
	TrFO
	
	
	
	
	

	AMR(0,2,4,7)
	
	
	TrFO
	
	
	
	

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

	AMR-WB()
	
	
	
	Rate-ctrl
	TrFO
	TrFO
	

	EVS-IO()
	
	
	
	Rate-ctrl
	TrFO
	TrFO
	

	EVS()
	
	
	
	Mode-ctrl
	
	
	TrFO



The diagonal "upper-left to lower-right" of Table 11-1 shows "TrFO" in all squares: of course, because Codec 1 and Codec 2 are identical. Empty squares indicate: transcoding is required.
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" (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.

Far more important are AMR(0,2,4,7), AMR(0,2,4) and AMR(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 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.

A lot of market dynamic is nowadays in deploying AMR-WB as "HD Voice" service. AMR-WB(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).

A VoLTE<=>CS call may use the three lower modes AMR-WB(0,1,2,3,4,5,6,7,8), "striking out" the higher modes by Maximum Rate Control: 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 (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. 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 S4-150326 "Discussion Paper on Offer-Answer for AMR and AMR-WB". The considerations hold as well for EVS, see also S4-150858 "On Interworking Guidelines 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 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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