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Working Assumptions and Open Points
Introduction

The attached draft CR is based on the latest draft of TR 43.903-003. 

Working Assumptions

What we can agree so far.

1) Codec Negotiation between BSS and CN is needed
    The MSC shall have better knowledge on BSS capabilities
    The AMR Configurations must be exchanged.


2) Codec Re-Negotiation after Handover is and remains optional.
    This is already specified in CN TSes (TS 23.153, Stage 2).

    So far no need is identified to modify these.

3) Signalling for Inter-BSS handover shall be based on existing
    specifications with the necessary extensions (tbd).


4) MSC-PCL (MSC => BSC) is needed (in some form) per call
5) Speech Codec (chosen) (BSC => MSC) is needed per call


6) The standard must provide means to support TDM and IP 
     in the MSC-PCL at the same time


7) Intra-BSS handover with compatible Codec Types and Interface Type (95% case)
    The handover Handling (e.g. IP address handing) is BSS-implementation and invisible to the CN.
    BSS informs the MSC with “Handover Performed”.
    Included is (in addition to the cell identifier, etc)
    Option 1) nothing, if the Codec Type on radio interface did not change during handover

    Option 2) the Speech Version (chosen) if the Codec Type changed (e.g. FR_AMR <=> HR_AMR)
             and the Speech Codec (chosen)   if the Codec Type changed (e.g. FR_AMR <=> HR_AMR)

8) RTP Profile for GSM_HR (just to write it down) 


9) IP-Multiplexing on A-I/F
    As an option: yes. 
    As specified for Nb ? yes.

10) Data and FAX

    Include separate chapters for this: agreed.
    Alternative 1: use RFC4040 and leave the Rate Adaptation and architectural split as today

11) AoIP-Container IE (IP address plus UDP Port Number)
      Principle agreed: Yes. But the name can change and the coding anyway.
      Details (Stage 3) to be defined !

Open Points
1) The exchange of BSC-capabilities is open
     Option 1) per call
     Option 2) periodical per whole BSS

2) Is Speech Codec (used) (BSC => MSC) needed?

3)  The Speech Version (chosen) at Assignment Complete and Handover Request Acknowledge
     and Handover Performed
     Speech Version (chosen) can be extended or a new IE “Speech Codec (chosen)” can be defined:
     Speech Version (chosen) == Codec Type
     Speech Codec   (chosen) == Codec Type + AMR Configuration 
                                                                        + Interface Type


4a) Intra-BSS handover in IP case with incompatible Codec Types and/or Configurations 
    Alternative 1: we use the existing Inter-BSS procedure (Transcoder-pair in MGW)
                           This is the slowest way to do this handover


    Alternative 2: we apply a new GERAN-specific User Plane signalling     (Transcoder-pair in MGW)
                           This is the fastest way to do this handover
                           the MGW informs the MSC afterwards
                           “Handover Performed” (BSC to MSC) reports the new Radio Codec == AoIP Codec


    Alternative 3 (in addition to Alternative 1):
                          Mainly for the transition Any Codec to GSM_HR or EFR to HR_AMR 
                          due to cell overload.
 

The BSS inserts a Transcoder-pair; this is not visible to the MGW. 
                          “Handover performed” reports the new Radio Codec =/= AoIP Codec to MSC.
                          Does this have impact on Stage 3? Yes !
                          Question: do we need to differentiate this from normal HO Performed?
                          Shall Handover Performed include the BSC-SCL (or similar) to allow the MSC 
                          to trigger a second handover to resolve 2 TC-pairs in BSS and MGW? 
4b) Intra-BSS handover in TDM with incompatible Codec Types and/or Configurations
    Alternative 1: we use the Inter-BSS procedure
    Alternative 0: we do as today, no changes, no improvements    


4c) Intra-BSS handover when Interface Type changes 
     Alternative 1: we use the existing Inter-BSS procedure
5) Time Alignment for compressed speech on AoIP (and Nb)
     Alternative 1: do not allow it, follow the IETF road in VoIP
     Alternative 2: allow it as option, standardize GERAN-specific (RTCP-)signalling for it

6) PCM packetization time
     Alternative 1:   5 ms (preferred because lower delay, but higher IP overhead)
     Alternative 2: 20 ms (lower IP overhead, but sometimes 15 ms more delay)
     Goal: decide on paper only one, not negotiate it.
     Note: with IP-Mux the overhead is substantially lower in both cases
7) Data and FAX

    Alternative 2: change the architectural split, …..ffs 

8) RTP Parameters: only one mandatory set for each Codec :
     20ms, no redundancy, no ….
9) AoIP-CIC for Call identifier to release hanging calls (e.g. if MSC goes down)

    Do we need it? Is it better for MSC-in-Pool for example?

    Or can we rely on User Plane mechanisms: RTCP….?




































































































































































































































































































