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1. Overall Description:

In “Reply LS on Verification of security principles” in Tdoc R2-072191, RAN2 asked if there is a time between the HO and the key-change interruption which would be acceptable from the VoIP codec point of view. In particular, RAN2 asked the following question: 

Q2: From a codec application point of view, would it matter whether an interruption due to an LTE state transition (<100ms) occurs within milliseconds, within seconds or within minutes after an interruption due to a handover from, e.g., UTRAN to LTE? 
On the impact of interruptions in VoIP, the following can be said in general (extract from Tdoc S4-060168 “Reply LS on quality of service for voice handover” sent from SA4 to SA1 and SA2):

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.
On the impact of the delay between two interruptions in VoIP (within milliseconds, within seconds or within minutes), SA4 has no test results available to give well-justified preference for one over the other. Anyway, no specific concerns were expressed at SA4#44 from the VoIP codec point of view on timing the two interruptions within 5-10 seconds as preferred by SA3 (or stretching up to 30 seconds). 
2. Actions:

None.
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