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On the Introduction of FLOC in GERAN

1  Introduction 

This paper presents Siemens’ point of view with regard to the introduction of the Flexible Layer One Concept (FLOC) in GERAN, as is currently being proposed by Ericsson and Nokia. In particular the following aspects are treated:

· purpose of FLOC

· impacts of FLOC on BSS and MS architecture

· design issues of FLOC

· estimation of the additional signalling load due to FLOC (example: call set-up)

· core network aspects 

· extended testing efforts.

Finally in the conclusions section we summarise our point of view with regard to the introduction of FLOC in GERAN.

In this document we assume the following conditions for the introduction of FLOC in GERAN:

	1.  GERAN Iu mode will be a GERAN REL-5 feature.

2.  UTRAN plans to introduce UEP (Unequal Error Protection) for IMS in REL-6.

3.  FLOC will be introduced in the context of UEP support for streaming bearers as a 
GERAN REL-6 feature.


2  Purpose of FLOC

As earlier contributions from Ericsson and Nokia have described, FLOC is a feature to be introduced in the context of IP Multimedia System (IMS). This is also our point of view. In the context of IMS,

· FLOC identifies a working method to enable the support of Unequal Error Protection (UEP) over the GERAN air interface for either circuit switched (CS) or packet switched (PS) services/applications. Thus bandwidth efficiency is further maintained as known from the optimised service realisation in the past.

· FLOC enables a faster integration of new services, especially multimedia services. For those new services the QoS attributes (peak/average bitrate, tolerable delay, error rate, etc.) are mainly unknown today. FLOC enables a generic mapping of these QoS attributes to existing GERAN radio bearers with quasi configurable channel coding performance. Hence FLOC is a future proof technique for supporting new services, i.e. IP services, over GERAN.

Because FLOC may be used also for realtime streaming services over PS domain, e.g. Voice over IP (VoIP), we here restrict our considerations to FLOC in the framework of the Iu interface, supporting CS services over Iu-cs interface and PS services or streaming services over Iu-ps interface. FLOC in the context of enhanced A/Gb interface is not studied here in depth. In particular it is assumed that FLOC will be part of the GERAN Release 6 package in order to support the introduction of IMS.

3  Impacts of FLOC on BSS and MS Architecture 

In this section we investigate the impacts of FLOC on the BSS (BSC/BTS) and MS architecture. Thereby the use of FLOC both in CS domain and PS domain is investigated.

3.1  BSC

3.1.1 CS domain

The GERAN Iu-mode introduces already those entities and protocols that are needed to support FLOC (e.g. Iu-UP with RANAP, RLC in transparent mode, MAC in dedicated mode). Adaptations are necessary to support MS with and without FLOC in parallel (e.g. by including the support of FLOC in the MS classmark).

3.1.2 PS Domain (Data services)

The GSM/EGPRS channel coding schemes are sufficient for PS data services. There is no need to introduce FLOC for those services because the use of FLOC for shared channels would introduce much more overhead compared to today’s coding schemes.

3.1.3 PS Domain (Streaming Services, VoIP)

These services benefit from FLOC as it is possible to use UEP. The introduction of UEP for PS domain is discussed below.

3.1.3.1 UEP (Iu mode)

Most of the IMS services use the IP/UDP/RTP for transport and SIP for signaling. Each service has its own RTP payload type; at least AMR-NB, AMR-WB, MPEG-4 AAC, MPEG-4 Video, H.262 Video [1]. Each type may consist of several payload formats (e.g. AMR rates or different MPEG-4 frame formats). 

· TF/TFC Configuration
The BSS has to configure the Transport Formats and Transport Format Combinations that correspond to a given IMS service. For this, it has to know which payload formats have to be transmitted. The payload formats may be explicitly configured by CN (like Iu-CS) or MS or may be implicitly configured by knowledge of the service configuration that has been negotiated by the MS via SIP signaling (open: transfer of this information from MS to BSS). The BSC has to send the TF/TFV configuration both to BTS and MS. 

· Mapping IMS Payload to FLOC sub-flows
The IMS payload is sent in IP/UDP/RTP packets from a media gateway. There must be functions that

· Analyze the RTP header and media specific header (e.g. AMR codec rate in AMR header) to detect the payload format.

· Choose a sub-flow combination that corresponds to the payload format.

· Split the IMS payload into sub-flows according the chosen sub-flow combination (and vice versa).

· Header compression

After analyzing the RTP header the IP/UDP/RTP header should be compressed by the Robust Header Compression. In [2] it was proposed to add the compressed header as separate sub-flow to the sub-flow combination. 
Open: how is AMR header transmitted (especially the CMR indication)?

· RLC/MAC

FLOC for IMS requires RLC in transparent mode and MAC for dedicated channels. These functions are already provided by GERAN Iu-mode for Iu-CS.

Comparison of handling of the functions:
	Function
	Iu-CS

UTRAN R99
GERAN Rel. 5
	Iu-PS (EEP)
UTRAN R99
GERAN Rel. 5
	Iu-PS UEP 

UTRAN Rel. 6

GERAN Rel. 6 (1)

	TF/TFC Configuration


	RAB Assignment contains sub-flow combinations 
	1 sub-flow, configured according QoS
	Open

	Mapping (IMS) Payload to FLOC sub-flows
	Detection payload format
	Not needed
	Transparent
	In CN or 
BSS (e.g. PDCP)

	
	Choosing sub-flow combination
	Each Iu-UP PDU contains RFCI that indicates the sub-flow combination
	1 sub-flow
	In CN or 
BSS (e.g. PDCP)

	
	Splitting ( sub-flows
	IWF (U-MSC)
	No splitting
	In CN or 
BSS (e.g. PDCP)

	Header Compression
	Not needed
	PDCP
	PDCP


(1): In the annex there is given an example how UEP may be handled in the BSS (GERAN Release 6 Iu-mode).

3.1.3.2  UEP (Enhanced Gb)

In GERAN Enhanced Gb the entities and protocols for 

· TF/TFC Configuration,

· Mapping IMS payload to FLOC sub-flows,

· Header Compression (after detection of payload format)

must be defined new while in GERAN Iu mode those functions may be taken from UTRAN specifications. 

Additionally functions that are part of GERAN Iu-mode must also be introduced in Enhanced Gb (e.g. RLC transparent mode, MAC dedicated mode).

3.2  BTS
3.2.1 General
FLOC should be implemented as add on in the BTS. To ensure the operation of current used equipment, the FLOC applicable BTS needs to be backwards compatible.

By introducing FLOC, the BTS need to overtake additional functions.

· Store transport formats (TF) for all transport channels (TrCH).
(A manageable number of transport formats (TF) should be defined. To avoid a big overhead the number should be limited up to e.g. 32 TF.)

· Store all defined transport format combinations (TFC).

· Process the transport format indicators (TFI) from MAC (BSC/PCU) to transport format combination (TFC) and coding of TFCI.

It should be ensured to realize the handover preprocessing within the BTS. Also the multiplexing and the multiple access on the radio path will remain as described in GSM 05.02.

No stealing flags will be transmitted within the FACCH. This information will be transmitted within the TFCI field.
The inclusion of other dedicated channels will be discussed later. Possibly this will lead to a higher complexity of the BTS implementation.

The responsibility for the GPRS Radio Resource (RR) Management functions is in the BSC. The BTS must be able to process both, the RR functions as implemented in GSM and the RLC/MAC functions as implemented in GPRS.

Each connection in a cell can be seen individual. So each CS connection will have its dedicated resource (Um TS).





3.2.2 Remarks to the impacts on BTS Layer 1

The Layer 1 has to be prepared for handling FLOC. It must be ensured to provide a HW configuration with sufficient memory. New polynomials need to be introduced.

3.2.3 Remarks to the impacts on BTS Layer 2
All layer 2 information, like e.g. the SDCCH for CS signaling information will be terminated on BSS side in the in the BTS. 


· 
· 
· 


SDCCH acknowledgements may suffer in performance from RLC implementation in BSC (enhanced round trip delay). In the FLOC context the SDCCH will terminate in the BTS. Hence, the BTS must know the TFCI of the SDCCH. 
3.3  Mobile Station
We currently see no major problem in the implementation of FLOC with regard to the physical layer. Possible problems in the higher layers need further investigation, but may be solved in the implementation within a time frame of 3-5 years from now on. An implementation of FLOC is also preferred because of UTRAN harmonisation and efficient support of IMS. Link level performance investigations have been started with foreseen inputs at the next GERAN meetings.

4  Design Issues of FLOC

Three issues are listed in this section. How will the FLOC design look for a multimedia environment with realtime (RT) services? How can FLOC design provide additional flexibility for signalling channels? 

4.1  FLOC in a Realtime Multimedia Environment

The discussion here follows the considerations on ‘radio bearer multiplexing’ depicted in [3]. If FLOC is employed in a RT multimedia environment, the issue appears, which relation the FLOC will have to the media/application. In particular, two options are possible. 

a) FLOC is related to the overall RT multimedia application,i.e. the set of multimedia streams. This is illustrated in Figure 4.1-1.
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Figure 4.1-1:
FLOC is related to the entire RT multimedia application (example: video-
telephony service).

This is the way, UTRAN has defined the usage of the transport format combinations. These are related to Radio Access Bearers (RABs), consisting of several Radio Bearers (RB). However the channel bandwidth in UTRAN is 5 MHz and thus much higher than in GERAN (200 kHz) for multiplexing different streams on the same resource by adapting the spreading factor. Thus the FLOC may be defined over the entire set of streams of a RT multimedia application (e.g. video telephony service). During the connection period FLOC does not need to interact with the resource allocation unit. In GERAN the resource units (timeslots) are much smaller and a “common” FLOC will therefore interact with the resource allocation unit during the connection. 

For instance if a video call in GERAN starts with 3 timeslots in the downlink and the radio channel quality is insufficient, a fourth timeslot has to be provided from the resource allocation unit for improving the radio channel quality. If this resource is not available, the video/audio stream has to be further compressed for enabling better channel coding. This in turn has an impact on the video/audio quality. This means that in the latter case a common designed FLOC would not interact with the resource allocation procedure, but will have an impact on the source quality of the multimedia stream. On the other hand a common designed FLOC ensures a sort of synchronisation of the different multimedia streams of belonging to one application. Note, in this case a common designed FLOC yields a manifold of transport format combinations. 

b) FLOC is related to each multimedia stream of a multimedia application. This is illustrated in Figure 4.1-2.
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Figure 4.1-2: FLOC is related to one stream of the RT multimedia application.

If FLOC is related to one stream only, each stream is handled independently of all others, i.e. does not interfere the quality of another stream. On the other side each stream would have to interact with the resource allocation unit. 

Thus in the above given example, a video stream may be mapped to 3 timeslots, an audio stream to the fourth timeslot and the signalling may occupy a fifth timeslot, if available. The signalling hence can only be sent if a fifth timeslot is available. Else resource splitting has to be done, thus the audio service needs a reconfiguration to be handled on a half slot to enable the transmission of the signalling on the other half slot (as in the DTM case). This scheme has the disadvantage of some higher blocking probability delays but on the other hand enables a less complex implementation of FLOC with a lower number of TFC’s in a RT multimedia environment and thereupon ensures independent control of the individual multimedia streams.

4.2  FLOC for Dedicated Signalling Channels in CS Domain

The FLOC may be spaned also over dedicated signalling channels such as SDCCH, SACCH and FACCH. 

The use of different transport formats for the dedicated control channels belonging to CS services should be restricted however. This is true in particular because of network planning aspects, where certain robustness of the control channels has been assumed. For FACCH no efficient measurement basis exist at all due to its non-periodicity. A very low level of flexibility may be applied in the case of SDCCH and SACCH channels (e.g. 2 TFCs per channel or only one TFCI per channel). If 2 TFCs are used, one could be similar to the existing one (robust) and one TFC with enhanced data container. However the measurement accuracy required for selecting a suitable transport format may only be available for SDCCH. Thereagainst Layer 2 signalling between MS and BSS on SDCCH for acknowledgements during call setup would be further in the network terminated and hence would suffer greater delay. Hence the general use for more than one transport format for dedicated signalling channels may be questioned at all.

5  Estimation of the Additional Signalling Load due to FLOC 

One of the drawbacks that are often associated with FLOC is the amount of signalling required. The investigation in this section attempts to estimate the size of the messages needed during call set-up and, possibly, during handover. (A similar analysis had already been carried out in [4]) In order to give an estimate based on a realistic example, we will try to assess the number of bits needed for the signalling for the example of VoIP over AMR-NB presented in [2].

5.1 Estimation of the message size with FLOC

The number of bits is made up of two contributions:

1. bits needed to signal the Transport Channels and Transport Format information and 

2. bits needed to signal the Transport Format Combinations information.

5.1.1  Bits needed to signal the Transport Channels and Transport Format 
information

For each Transport Channel, the Transport Format Set needs to be signalled. To define the Transport Format Set, two types of parameters need to be defined: semi-static parameters and dynamic parameters. Semi-static parameters are configured by the RRC, and can only be changed through higher layer signalling; dynamic parameters, on the other hand, are under the control of the MAC, and can change every TTI (Transmission Time Interval). In UTRAN, semi-static parameters are the same for all the Transport Formats of one transport channel’s Transport Format Set; dynamic parameters can be different for each Transport Format.

Semi-static parameters

For UTRA FDD, the semi-static parameters include [5]:

· TTI (Transmission Time Interval)

· Channel coding type

· Coding rate

· Rate Matching Attribute

· CRC size.

	Parameter
	Values in UTRAN
	Notes
	Bits needed for GERAN

	TTI (Transmission Time Interval)
	10, 20, 40, 80 ms
	10 ms unlikely to be used in GERAN; [2] indicates that the value of 100 ms could be used as well.
	2


	Channel coding
	No coding
, convolutional, Turbo
	No Turbo coding in GERAN; according to [2], there may be the possibility of having no coding and block coding in addition to convolutional coding
	2

	Coding rate
	1/2, 1/3
	
	1

	Rate Matching Attribute
	1 to 256
	In the GERAN, a lower range for this parameter could be sufficient, for example 1 to 8 [2]
	3

	CRC size
	0, 8, 12, 16, 24
	For GERAN, [2] proposes 0, 6, 12, 24
	2


This shows that, for each transport channel, 10 bits are needed to define the semi-static parameters. Given that in the example there are 4 transport channels, 40 bits are needed.

Note that in UTRAN only block interleaving is used; in GERAN, diagonal interleaving will be used as well. Therefore, there may be the need to signal the type of interleaving for the transport channels. If all the transport channels will share the same type of interleaving and the same interleaving length
, then the parameters needed to define the interleaving will not be associated with each transport channel, but will be associated with the basic physical subchannel.
Remark:
It is worth bearing in mind that the analysis carried out in this section is approximate, and that the exact number of parameters and their values will depend on what use will be made of FLOC. At present, it is not clear whether FLOC will be used only for conversational and streaming bearers or for interactive and back-ground bearers as well, and also whether it will be required to recreate the coding schemes currently defined in the specifications (e.g. all the EGPRS coding schemes) using FLOC. For example, many coding schemes use a convolutional code with rate 1/6, and this may need to be an additional value for the coding rate. 



Dynamic parameters

The dynamic parameters, on the other hand, are [5]:

· Transport Block Size;

· Transport Block Set Size;

For the purpose of signalling, however, they are translated into the following parameters [6]:

· Transport Block Set Size

· RLC size

· Size type

· Number of Transport Block Size list

In order to simplify things, we can assume that in GERAN only one block per TrCH per TTI is transmitted, as proposed in [7] (the Transport Block Size and the Transport Block Set size will be the same). The maximum number of bits that can be transmitted during a 20 ms radio block  is 1392 bits (=3*464 bits). which corresponds to the case of an uncoded stream of data sent on an 8-PSK full rate channel. Some of these bits, however, will be used for the TFCI, so the maximum size of a transport block will be lower. In UTRAN, the TFCI is 10 bits (which means that it is possible to support up to 1024 different Transport Format Combinations per connection), and it is encoded using a (30,10) block code. It is unlikely that such a high number of Transport Format Combinations per basic physical subchannel will be needed in GERAN, and even in UTRAN there are proposals to reduce it (see [9]). It is likely that a maximum number of 32 [4] or 64 simultaneous TFCs will be sufficient, and therefore the size of the TFCI could be restricted to 5 or 6 bits. These bits could be encoded to 24 bits as suggested in [2]. This leaves at maximum 1368 bits for data per 20 ms radio block. Assuming that the TFCI is sent in every radio block and that the value of the TTI could be as high as 100 ms, the maximum number of bits per TTI is five times higher, becoming 6840 bits per TTIso 13 bits are required to encode the block size.

We will assume that there will be one IE type to code the block size, instead of several as in UTRAN. Therefore the size of the IE is fixed for each transport format, and 13 bits are needed for each TF.

In addition, for each Transport Channel the number of Transport Formats needs to be signalled. If we assume that this signaling is done explicitly and that the maximum number of Transport Formats per Transport Channel is 32, 5 bits are needed to signal the number of TFs per TrCH.

In the VoIP example, the Transport Block Set sizes would be:

TrCH1: (0x39, 1x39, 1x55, 1x61, 1x81)

TrCH2: (0x63, 1x63, 1x87, 1x163)

TrCH3: (0x16, 1x16, 1x32, 1x48)

TrCH4: (0x184, 1x184)

Using the assumptions above, it is possible to calculate the number of bits needed to signal the dynamic parameters:

	
	Bits needed to signal the number of TFs
	Bits needed to signal the block size for all TFs
	

	TrCH#1
	5 bits
	5 (13 = 65 bits
	

	TrCH#2
	5 bits
	4 (13 = 52 bits
	

	TrCH#3
	5 bits
	4 (13 = 52 bits
	

	TrCH#4
	5 bits
	2 (13 = 26 bits
	

	Total
	20 bits
	195 bits
	Grandtotal: 215 bits


In UTRAN it is possible to configure UL and DL Transport Channels independently. We will assume that in GERAN the TrCHs are the same in UL and DL; otherwise, this information has to be repeated twice, thus doubling the number of bits.

5.1.2  Bits needed to signal the Transport Format Combinations information

In UTRAN, the Transport Format Combinations are signalled using the "Calculated Transport Format Combination" (CTFC). The CTFC is a unique number that is associated with each Transport Format Combination. Looking at this number, the MS is capable of reconstructing the TFs for each TFC. The algorithm used is the one specified in clause 14.10 of 3GPP TS 25.331 [6]. A more detailed description of the algorithm is given in [8]. For each TFC, the value of the CTFC will be sent. In the MS, each CTFC in order is allocated a TFCI value (the assignment is done implicitly: the first TFC is associated the TFCI = 0, the second one the TFCI = 1, and so on): this will be the value of the TFCI assigned to the TFC corresponding to that CTFC. Therefore there is no need to signal explicitly the TFCI value associated with each TFC. 

The CTFC is calculated using the TFI values for the TFs included in a particular TFC. The following tables show the TFI value associated to each Transport Format for all the four Transport Channels. Li indicates the number of TFs for TrCH#i, and TFi ( {0, 1, …, Li – 1}. 

Transport channel #1 (L1 = 5):

	TF
	Bits
	TFI

	TF1
	0
	0

	TF2
	39
	1

	TF3
	55
	2

	TF4
	61
	3

	TF5
	81
	4


Transport channel #2 (L2 = 4):

	TF
	Bits
	TFI

	TF1
	0
	0

	TF2
	63
	1

	TF3
	87
	2

	TF4
	163
	3


Transport channel #3 (L3 = 4):

	TF
	Bits
	TFI

	TF1
	0
	0

	TF2
	16
	1

	TF3
	32
	2

	TF4
	48
	3


Transport channel #4 (L4 = 2):

	TF
	Bits
	TFI

	TF1
	0
	0

	TF2
	184
	1


The maximum number of possible Transport Format Combinations for this example would be CTFCmax = L1·L2·L3·L4 = 160.

Using the algorithm given for UTRAN, the following values of the CTFC are derived:

	TFCI
	TrCH1
	TrCH2
	TrCH3
	TrCH4
	CTFC

	0
	81
	163
	16
	0
	39

	1
	61
	87
	16
	0
	33

	2
	55
	63
	16
	0
	27

	3
	39
	0
	16
	0
	21

	4
	81
	163
	32
	0
	59

	5
	61
	87
	32
	0
	53

	6
	55
	63
	32
	0
	47

	7
	39
	0
	32
	0
	41

	8
	81
	163
	48
	0
	79

	9
	61
	87
	48
	0
	73

	10
	55
	63
	48
	0
	67

	11
	39
	0
	48
	0
	61

	12
	0
	0
	0
	184
	80


The maximum value for the CTFC is 80, which means that at least 7 bits are needed for each Transport Format Combination. Given that there are 13 Transport Format Combinations, 91 bits are needed to define the Transport Format Combinations.

NOTE: in UTRAN, the possible CTFC sizes are limited to 2, 4, 6, 8, 12, 16 and 24 bits. So, in the case of this example, the CTFC size would be chosen to be 8 bits, and the number of bits needed would increase to 104 bits.


The (worst-case) maximum number of bits needed to signal the TFCs depends on the maximum number of TFCs allowed per  connection. Restricting the maximum number of TFCs to 32 or 64, as proposed in the section 5.1.1, has the additional advantage that the size of these fields would not be excessive.
5.1.3  Totals

From the previous analysis it is possible to see that in the case of the VoIP example, about 360 bits of information are needed:

Semi-static parameters


  40 bits

Dynamic parameters



215 bits

Transport Format Combination information
104 bits

Total





359 bits
5.2  Message size without FLOC

This compares to the following bits currently needed, for example, to set up an AMR call using existing messages:

Channel type


5 bits

Channel mode


8 bits

Multirate configuration
32 to 64 bits (4 to 8 octets)
 

Total



45 to 77 bits

5.3  Result 

This investigation shows that, even for a simple example, around 360 bits of information need to be signalled during call set-up. If the service is more complicated, and requires a higher number of TFCs, an even higher number of bits will be needed. And the number of bits in a message will be even higher, given that some overhead bits will be present (message or content indication bits, branching bits, termination bits, etc.), which have not been considered in the previous analysis. The exact number of these information bits depends on the format of the message and is therefore difficult to estimate accurately, but we can predict that the final size will be around 400 information bits. 
This will have an impact on the overall call set-up delay.
Assuming the current capacity of the SDCCH (184 information bits per 235,38 ms) this would correspond to an additional signalling delay of 2 to 3 SDCCH blocks, and hence to an additional call set-up delay in the range 470 to 706 ms due to FLOC. However if the call set-up signalling for FLOC is performed in an inband signalling channel as part of the initial traffic channel configuration, i.e. being carried over a new FACCH like transport configuration channel (TCCH) with capacity 184 information bits per 20 ms, this would result in a delay of merely 40 to 60 ms for the FLOC related signalling delay.

6  Core network aspects 
With the introduction of FLOC a generic mechanism is available on the radio link. The support of a certain codec type (and mode) is not dependent on the support of the corresponding channel coding any more but on the provision of an appropriate transport format combination set. In other words an UEP mechanism is introduced which can be used for dedicated resources on the radio link. From core network point of view this will be a further alignment to UTRAN.
Network aspects: It cannot be assumed that FLOC is supported within the whole GERAN, FLOC is seen as an enhancement, which can be introduced to cells of certain areas whereas the existing mechanisms will assure the PLMN-wide coverage of basic services provided with the introduction of GERAN Iu mode.
7  Extended Testing Effort

The introduction of FLOC creates a manifold of configurations of the physical layer to be tested similar to UTRAN. This leads similar to UTRAN to the necessity of creating a set of reference test scenarios specifying the test of the most probable commercial multimedia applications. Operators and manufacturers must be aware that the specification of additional test scenarios are required which are not included in the reference set in order to obtain product compliance to the GERAN standard. The work load for the specification of those test scenarios on the other hand will only occur if the operator and the manufacturer decide to implement the related application. 

On the other hand a reduced flexibility of FLOC (if achievable) pays out here at all. It consequently reduces the risks of failure with new untested services/applications.
8  Conclusions
In this paper we have discussed the introduction of FLOC in GERAN. 

In the context of IMS services FLOC is believed to identify a valuable transport technique for GERAN similar to the use of RAB flows in UTRAN in order to adapt the radio access network quickly to future services, of which the profile is unknown by today. 

By incorporating UEP, FLOC is the right way to achieve bandwidth efficient operation in GERAN for both CS and PS domain services, the latter one merely for streaming services. For realtime PS services like VoIP, which are likely to evolve in the next decade, FLOC delivers much better performance than current defined EEP schemes defined in EGPRS [3].

Care has to be taken on the flexibility of FLOC due to the limited signalling capacity of GERAN compared to UTRAN signalling capacity. Therefore a reduction of the transport format combination set to either 32 or 64 transport format configurations is indispensable. The calculation on the signalling effort shows, that for the VoIP example depicted in [2] around 400 information bits have to be signalled at call set-up. This could be carried over a new FACCH like transport configuration channel (TCCH),  resulting in an additional call set-up delay of merely 40 to 60 ms and hence this would not be noticeable for the end user.

Annex: Example IMS/VoIP handled in BSC with UEP

This chapter gives an example how the UEP may be handled in the BSS (GERAN Iu mode). It uses a concept to analyze IMS packets in the PDCP of the BSC. This concept is based on the Header Removal concept [A1] and adapted to FLOC.

1.1  Call Setup

Steps for VoIP call setup based on SIP (see also Figure A-3; not shown is the setup of the SIP signaling bearer):

1. The MS gets the capabilities of the network for VoIP and AMR codecs/codec rates (working assumption: by the broadcast channel (PBCCH), other options possible). It uses this info to send an INVITE to the CSCF that includes the proposed AMR codecs / codec rates.

	INVITE: sip: User@icm.siemens.de SIP/2.0

…

m=audio 49120 RTP/AVP 97;

a=rtpmap:97 AMR/8000;

a=fmtp:97 mode-set:0,2,5,7;maxframes=1.


Figure A-1: SIP INVITE with AMR codec information

2.
The response should include the final set of AMR code rates and the corresponding RTP payload type (example below: 97).

	SIP/2.0 200 OK

…

m=audio 3456 RTP/AVP 97;

a=rtpmap:97 AMR/8000;

a=fmtp:97 mode-set:0,2,5;maxframes=1.


Figure A-2: SIP INVITE response with AMR codec information

3. 
After the SIP negotiation, MS and CSCF know the media type (AMR), the ACS (AMR code set) and the configuration of the RTP stream (including UDP port).

4.
The MS should include the configuration of AMR/RTP in the “Activate Secondary PDP context” – it is open how this is done (explicit parameters or a container).

5.
This configuration is also added to the RAB Assignment. At this step, the BSC has all information to define the TFs/TFCIs for each AMR code rate. The RRC of BSC configures for FLOC:

a.
PDCP: Mapping parameter FT of AMR header to a sub-flow combination (index called SFCI in Figure A-4). Additionally the RRC configures the allowed Header Compression modes.

b. RLC-TM: includes segmentation indication.

c. MAC: logical channel configuration (includes TFC set).

d. PHY (BTS): TrCH description (includes transport formats and the allowed TFC). Open: are the TF and TFCIs pre-defined for the BSC/BTS or are they configured for each call?

6.
This configuration is included in the RB Setup message to the MS. At this step, the MS has all information to handle the AMR bearer.
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Figure A-3: Call Setup for VoIP (AMR) taken from [A1], adapted to FLOC
1.2 Downlink Traffic

Assumption: the RLC runs in transparent mode.

1. The GTP-U sends a VoIP packet to PDCP (BSC).

2. The PDCP analyses the VoIP packet.

· IP was configured for the RAB (static configuration).

· IP protocol type UDP ( start UDP analysis

· UDP port as configured for the RAB ( start RTP analysis

· RTP payload type as configured (according call setup: 97) ( start 
AMR header analysis

· AMR header contains Frame Type field (FT) that indicates the AMR code rate.

· Now the PDCP is able to map the AMR payload format to a sub-flow combination (as configured for the FT).

· The IP/UDP/RTP header is compressed by the Robust Header Compression and stored as additional sub-flow.

· Open: how is the AMR header handled? It contains additionally the frame number and AMR control information (CMR).

3. The PDCP sends a request to the RLC that contains all sub-flows and an indicator for the sub-flow combination. In the Iu-UP specification, the interface Iu-UP ( RLC-TM includes the RFCI (that indicates a specific sub-flow combination). A similar identifier would be needed for the PDCP ( RLC-TM interface (in this example called SFCI).

4. The (transparent) RLC forwards the sub-flows to MAC (details implementation dependent, especially location of splitting of payload into separate sub-flows). 

5. The MAC schedules and ciphers the sub-flows according QoS parameters (may include multiplexing with other bearers, e.g. bearer for SIP signaling or RTCP). According TS 25.321 the MAC-d layer is responsible for selecting the TFI/TFCI that is to be used for each transmission time interval (TTI).

6. The sub-flows plus their TFIs are sent to the BTS. New PCU frames must be defined that contain all sub-flows and TFIs for one TTI. 

7. The BTS handles the layer1 of FLOC. This PHY layer calculates the TFCI (based on the TFIs delivered by MAC).
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Figure A-4: Downlink Traffic VoIP (AMR) by FLOC
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