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1. Introduction:

SA4 thank SA1 for their LS on quality of service for voice handover. 
In the action section of their LS, SA1 requested SA4 to inform SA2 of the interruption time requirements for voice service handover. In particular, for handovers between CS voice services over GERAN radio/UTRA and PS voice services (VoIP) over EUTRA. In the text body of their LS, SA1 requested that SA4 study this assuming that current state-of-the–art codecs convert interruption times due to handovers into quality degradation.
First note that for many years many companies and SDOs (e.g. ITU) attempted to define recommended maximum voice handover interruption times. These attempts were not successful so far. Therefore SA4 doesn’t feel in a position to specify such firm requirement. However SA4 understand that guidance is needed by SA1 and SA2. SA4 agreed the following response.
2. SA4 response to requested actions:

SA4 understand that the AIPN Stage 1 specification (latest version attached) contains requirements for the capability of providing seamless voice service handover, including CS voice to PS voice, with no interruption and/or disruption in the service as experienced by the user.
The definition section of TS 22.258 states the following:

Seamless Service: Services provided across access systems and terminal capabilities. Provisioning of this service is continued between and within access systems and between terminals with minimal degradation and no interruption in the service as seen by the user, while adapting to the capabilities of each access system.

The strict interpretation of “seamless” in a conversation requires that the decoder receives all frames correctly and in time for decoding. I.e. there should not be any interruption at the application layer. A less strict interpretation of seamless is that current CS voice services in GERAN and UTRAN are currently seamless although the interruption times during HO are not zero.
However, speech decoders can accept a certain number of lost or erroneous frames until the decoder produce noticeable effect. This ability for speech decoders to handle missing or erroneous frames is described as Bad Frame Handling (BFH). Although AMR and AMR-WB speech decoder specifications contain example BFH algorithms, BFH algorithms in implementations can be proprietary. Therefore their performances are not specified. However it is reasonable to expect that implementation perform at least as well as the examples specified. Note that speech interruptions in the order of 20 or 40ms may with a certain likelihood occur during regular conversation – outside handovers. Such interruptions can be rendered virtually inaudible provided that they are sufficiently infrequent. Proper BFH handling may not be possible in case the interruption comes along with a decoder re-initialization, which is the case when the decoder is changed after the handover. We assume  that the codec is changed during handovers between CS voice services over GERAN radio/UTRA and PS voice services (VoIP) over EUTRA.
The effect resulting from interruptions is highly dependent on the content being decoded. For example, an interruption during silence will have minor effects, whereas an interruption during speech can distort/discard syllables or even full words depending on the interruption length and the language.

The consequences on the user are highly dependent on the task being performed. For example, in a casual conversation where both parties exchange non critical information, losing one syllable or even a word could be compensated by the user with the help of the context (providing these interruptions are infrequent). But during an exchange of e.g. a series of digits (phone number, banking services etc), the loss of one digit will probably be very annoying to the user. 
Taking the above into account in addition from experience of SA4 WG participants, we can draw the following guidelines:
· Interruption times at the application layer should be minimized as much as realistically possible;
· Interruptions should be as infrequent as possible;
· The average Frame Erasure Rate seen by the decoder during a call should be less than 1% taking into account the handover interruptions;
· It is not possible to set a maximum recommended limit to the interruption time. However, outside silence periods:
· Losing 80ms of speech will most probably affect intelligibility;
· Losing 20ms of speech, if not properly concealed by BFH, may affect short syllables and affect intelligibility in critical content (e.g. digits);
· Losing from 40 to 80ms of speech may  affect syllables or even short words.
We hope SA1&SA2 will be able to progress based on this input from SA4.

3. Actions:

To SA1&SA2 group.

ACTION: 
SA4 kindly asks SA1&SA2 to take the above guidelines considerations into account.
4. Date of Next TSG-SA4 Meetings:

TSG-SA4 Meeting #39
15th – 19th May 2006

Dallas, US.
TSG-SA4 Meeting #40 
28th August – 1st  September 2006
Sophia Antipolis, France.

