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4
SRVCC Reference Architecture

Figure 4-1 shows the Reference Architecture for SRVCC, as used in this Technical Report. 
=======> Snip <=======
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Figure 4-1: Reference Architecture for SRVCC

=======> Snip <=======

5
SRVCC Reference Procedure

=======> Snip <=======
Figure 5.1-2 is ... the simplified ... Reference Procedure of SRVCC.
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Figure 5.1-2: Reference Procedure of SRVCC from LTE to GERAN

8
Speech Quality and Media Handling Aspects
	Begin of Changes


8.1 
General

This clause discusses the Speech Quality and Media Handling Aspects of the current 3GPP standard procedures for SRVCC, based on the discussion of the example SRVCC scenarios in clause 6. It shows the deficits and reasons.
8.2 
Blind Selection of the Target RAN Codec

As explained in clause 6 the SRVCC MSC has to select the Target RAN Codec without sufficient knowledge about the ongoing call and therefore in many scenarios SRVCC MSC and/or ATCF insert transcoding, although TrFO would be possible.
Unnecessary transcoding does not only waste MGW resources, either in the CS-MGW or in the ATGW (in worst case in both), but increases also the speech path delay, with negative influence on the overall user perception of the communication: longer delay causes more irritation by slower communication and increased likelihood of double talk.
The additional intrinsic voice quality distortion is the most important negative influence, caused by this transcoding.
Editor's Note: add here a small table with POLQA-MOS estimates for selected scenarios and speech samples.
8.3 
Unnecessary speech break by missing Rate Control
Even in scenarios, where the Target RAN Codec is TrFO-compatible to the IMS Selected Codec, the speech break during SRVCC may be longer than necessary due to high Codec Modes on the IMS side, which the CS-Side cannot handle.
Examples are SRVCC from AMR (0,2,4,7) to HR_ AMR (0,2,4); or SRVCC from AMR-WB () to UMTS_AMR-WB (0,1,2); or SRVCC from EVS (br=5.9-64; bw=nb-fb) to EVS (br=5.9-24.4; bw=nb-fb). 
Although all these Codec pairs are TrFO-compatible, the CS-side receives for a short while (round trip time) too high Codec Modes, until the Maximum Mode Control with CMR has brought the Codec Modes used in the remote end into the common Configuration. During this time, the CS-side mutes the loudspeaker during active speech segments, while the IMS-side does not perceive a problem. Even worse: the CS-side handles received SID frames as usual and generates Comfort Noise in speech pauses, while muting occurs in active speech segments.
UEs, which do not follow the Codec Mode Requests, or not fast enough, intensify this problem.
Speech muting is obviously the worst thinkable effect, especially if only one side perceives it, while the other side experiences undisturbed reception.
8.4 
Unsynchronized, early Handover switching by ATGW
Figure 8.4-1 shows the relationship of speech signals travelling in various segments of the speech path before, during and after SRVCC for the case, where the ATGW switches the speech path earlier than the UE changes the radio access.
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Figure 8.4-1: Timing relations for SRVCC with hard switching in the ATGW before the UE changes the RAT
In figure 8.4-1, time is running downwards. Every speech path has an unavoidable limited transport speed and therefore a speech path delay. The higher the speech path delay, the steeper the lines in this timing diagram.

Speech sent by the local 4G-UE travels for a while, until it reaches the ATGW. In this assumed example, the 4G cell is unloaded and the delay is comparably small in uplink and downlink, smaller than the corresponding delay in 3G. The path to and from the remote is "long" in terms of speech path delay, so it takes a while to receive from or send the remote end. This longer speech path delay with respect to the remote end is not immediately perceivable. Only in case of an active communication (Question - Answer), or in case of a Codec Mode Request from one side and the reaction to it back to this side, this speech path delay is observable (round trip delay).

At a certain point in time the ATGW gets the command from the ATCF (not shown) to switch from 4G to 3G, in uplink and in downlink. Some speech packets are still travelling downlink and reach the 4G-UE, before it mutes its output. The next frames after switching are travelling to the 3G RAN (and maybe onto air), but the UE is still in 4G and does not get these first frames.
The hard switching in the ATGW cuts the uplink path from 4G-UE to ATGW sharp, packets in this uplink pipe are lost, as well as several following packet, which the 4G-UE sends until the UE leaves the 4G access. After a while, the remote side notices this sharp break and goes muting.
Some time span after the ATGW performed the switching the Handover Command reaches the 4G-UE and the UE leave 4G access and connects to the 3G access: it becomes a 3G-UE.
Because the 3G RAN receives downlink speech since some time from the ATGW the 3G-UE may quickly start decoding and unmuting its output. The speech break in downlink ends.

The first frames from the 3G-UE in uplink need to travel the uplink pipe, until they reach the ATGW, which then forwards them to the remote side. Then the uplink speech break ends. 
The example in Figure 8.4-1 does not show the Target MGW. It considers the Target MGW as through-connected both-ways, not blocking the uplink path. In real networks, following the current SRVCC stage 2 specification this Target MGW blocks, however the speech path and by that increases the uplink speech break even more.
In general, the speech break in uplink is noticeably longer than the break in downlink. Both are far longer than the time span in which the UE "disappears" on air.
The more the system or UE delay the handover on air with respect to the hard switching by the ATGW, the longer both speech breaks are. This fact leads to the attempt to "synchronize" both events by sending the Handover command earlier to the 4G-UE, before the ATCF/ATGW could perform the switching.
8.5 
Synchronized hard Handover

Figure 8.5-1 illustrates the (theoretical) example, where the hard switching within the ATGW exactly synchronized to the handover on air. The speech breaks in uplink and downlink are smaller than in the (more realistic) example before, but they are still not as small as they could be.
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Figure 8.5-1: Timing relations for SRVCC with synchronized hard switching

Some last speech packets from 4G-UE are lost in the pipe, because the ATGW ignores them. Some speech packets in downlink are lost, because the 4U-UE does no longer listen. In addition, the speech break in downlink is increased by the longer speech path delay in the 3G access (at least in this example, where the 4G cell is not loaded).
In uplink the ATGW ignores some speech frames from the 4G-UE, which are still in the uplink pipe; the longer speech path delay in 3G increases the uplink break, too.
The dominant disadvantage of this approach: the SRVCC MSC sends the Handover Command before the ATCF reports the successful allocation of resources in the ATGW. This leads in some situations to handover failure and call break.
The third approach, described in the following clause avoids that too early (unconfirmed) sending of the Handover Command and minimizes the speech break in both directions, regardless when the ATGW or UE execute the switching: synchronization between both events is not a prerequisite.
8.6 
Ideal SRVCC Handover

As described in the previous clause, it is essential for a save SRVCC, that the SRVCC MSC waits, until the ATCF responds positively to the SIP Invite, indicating that all resources are available. At this point in time, the ATGW has already started to handle the SRVCC handover, similar to the case in clause 8.4. 
If, however, mainly at call setup and in the Pre-Alerting State, the ATCF response negatively, indicating that the resources are (still) not available, then the SRVCC MSC does not send the Handover Command, but either waits for a (short) while or rejects the PS-to-CS Handover Request. The call continues in 4G access, until the resources are available and the 4G access request the SRVCC handover again.
The Handover Command reaches in that approach unavoidably the 4G-UE some span after the ATGW started the handover handling. However, different to the approach in clause 8.4 the ATGW continues to send speech in downlink to the 4G radio access. The speech break in downlink starts exactly then, when the UE leaves the 4G access. Meanwhile the ATGW send speech already also to the 3G access and speech is "on air" in both, 4G and 3G simultaneously for a short while. The present document calls this "bi-casting".
Similar in uplink: the ATGW continues to listen to the 4G uplink path and forwards all speech packets as they arrive to the remote side. Simultaneously the ATGW starts to listen also to the 3G access. When the UE leaves the 4G access, the ATGW gets for a short while (uplink pipe) the last speech packets, before this 4G uplink stream stops. Later the ATGW receives then speech frames from the 3G access. The uplink break is as short as can be and only determined by the time, the UE "disappears" on air and the time-difference between 3G-uplink-delay and 4G-uplink-delay. The present  document calls this handling "intelligent-combining".
In the good case (majority), the SRVCC Handover is successful. Then the ATGW does not get speech from 4G after 3G and it never gets speech from both uplink channels. In the bad case, when the UE cannot access the 3G radio, the UE falls back to the 4G access, and stays there. In both cases, the ATGW may autonomously, or on command from the ATCF, stop bi-casting and intelligent-combining after a while and return to its normal operation.
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Figure 8.6-1: Ideal SRVCC handover with bi-casting and intelligent combining

This handling decouples the ATGW operations totally from the handover timing on air. This handling is extremely robust in all kinds of load situations or radio conditions. The perceived speech gap times depend now mainly on the time span the UE "disappears" on both radio accesses.
An interesting artefact: it may happen (theoretically) that the local UE receives and decodes some short part of the remote speech twice, because the 4G-downlink has a substantially shorter speech path delay compared to the 3G-downlink. Some speech frames on 4G-DL "bypass" other speech frames on 3G-DL.
The audible / measurable speech gap in downlink is now only dependent on the implementation skills in the UE, i.e. on the time the UE is not receiving on either access (unfortunately some UEs exist with quite bad performance).
The uplink path has a somewhat longer gap than the downlink path, because here the "disappearing time" and the difference between 3G-UL-delay and 4G-UL-delay add up. Please note that the shown example represents a situation with rather small load in 4G. With higher load, or a marginal uplink radio performance at the edge of the 4G cell, the 4G-UL-delay increases and the Uplink gap gets shorter.
Summary Conclusion: bi-casting in downlink and intelligent-combining in uplink minimize both speech gaps and provide an extremely robust handling in real life networks. This handling in the ATGW allows the SRVCC MSC to wait for the response from the ATCF, indicating that the resources are available in the ATGW and that the ATGW has started this handover handling.

Final note: This presentation here is a bit simplifying, ignoring the jitter buffers in downlink and uplink. It may well be that an optimal implementation in the UE brings the downlink speech gap sometimes close to zero. This is possible in cases of high downlink jitter, because the 4G access may sometimes fill the jitter buffer with frames before the UE changes the access and the UE can decode for a while from this filled jitter buffer. It is, however, not reliable and not predictable what exactly happens in a specific event.
Important is still to note that a good implementation in the UE does not reset the Speech Encoder and Decoder in these many cases, where the LTE Used Codec is identical to the Target RAN Codec. SRVCC may in these cases be nearly seamless and inaudible.
	End of Changes


