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1
Introduction

At 3GPP GERAN #27, it was proposed (in [1]) to coordinate a number of proposals made within the context of GERAN Evolution with the aim of supporting Voice-over-IP in GERAN. 

In fact, in past GERAN meetings, a number of papers have been presented with an array of proposals to reduce latencies and overheads of the air interface, and to speed up some data transfer mechanisms at layer two. It seems therefore natural to attempt to organize such ideas in a more organic fashion.
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Technical Elements
2.1

Choice of MCS and burst mapping
In the existing GERAN standard, one 20 ms radio block can already fit two RLC/MAC data blocks when high code rates are used, such as MCS-7, MCS-8, and MCS-9. 

Since this means that four physical GSM bursts are carrying two RLC/MAC blocks, this also means that the mapping (and coding/puncturing) rules may be redefined to allow two physical GSM bursts to carry one RLC/MAC data block. 
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Figure 1. One RLC/MAC block mapped onto 2 TDMA frames (instead of 4)

The resulting gain is a 10 ms reduction in latency, as one individual data block would now be transferred over the air interface in a 10 ms interval (instead of 20 ms). Note that this would come to the expense of a reduction in frequency diversity. 

This idea has already been proposed in a similar form by Siemens in [2] within the context of latency reduction.
Additionally, if we adopt the new slot formats resulting from the timeslot aggregation proposed by QUALCOMM ([3]), we have now the option to send an individual RLC/MAC data block in a 2-slot aggregation within the same TDMA frame. This would result in the saving of additional 5 ms of latency over the air interface. Note that the 2-slot aggregated format would also grant some additional bits which could be used for better protection.  
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Figure 2. One RLC/MAC block mapped onto 1 TDMA frame, by making use of timeslot aggregation
2.2

Mapping of VoIP datagrams
In reference [2], it was also argued that with the use of appropriate header compression, one RLC/MAC block coded with MCS 7/8/9 can fit one VoIP frame. 

In fact, while the size of the VoIP frame depends on the employed codec, one can assume that 20 bytes are about the acceptable payload (from the MOS point of view) representing 10ms of a voice stream in VoIP networks.
This means that even with no RTP compression at all (worst case scenario) the VoIP datagram is 64-66 bytes. Taking into account RTP compression on top of this, we can end up with a 22-24 bytes VoIP datagram (not considering GERAN-specific headers such as SNDCP/LLC/RLC). 

This is summarized by the following figure. 
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Figure 3. VoIP datagram including IP/UDP/RTP headers & Header Compression

2.3

Fast feedback
In reference [4], Siemens proposed the adoption of a “short bitmap” to speed up the RLC acknowledgement process. More in general, fast ARQ techniques are employed in most if not all 3G standards, from HSDPA to 1X EV-DO, and to a good extent their introduction is feasible and beneficial in GERAN as well, in particular in the context of VoIP support.

Particularly, we note how a VoIP call is by its own nature bidirectional (while of course being a data call), and therefore the downlink/uplink symmetry can be exploited. 

In practice, this would mean that it is possible to introduce a mechanism whereas the uplink provides a fast feedback on the downlink blocks that have or have not been received, and the downlink provides a fast feedback on the uplink blocks that have or have not been received. This could be done with a modification of the RLC/MAC header. 

Note that such a feedback does not necessarily require the use of a bitmap, if we assume an implicit rule, such as, for example, that the uplink in radio block “n+1” provides feedback on the block (received or not) in block “n”. 

Incidentally, we note how this mechanism would become conceptually very similar to the Repeated FACCH and Repeated SACCH concept that have been recently approved into the GERAN specification ([5])
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Figure 3. A fast-feedback scheme for GERAN
One interesting aspect of the introduction of fast feedback is that, particularly if used in conjunction with the shorter TTI explored in Section 2.1, and with RLC/MAC non-persistent mode, it could be used to provide a faster Incremental Redundancy. This way, also a VoIP call over GERAN could enjoy the well-known Incremental Redundancy gain without incurring in an excessive delay budget hit.

Conversely, one drawback of such fast feedback scheme is its eventual interaction with DTX, since continuous communication on both links has to be ensured. One way to circumvent this limitation would be the creation of “dummy”, feedback-only, packets to be sent when user voice traffic is not present. 

2.4

Link Quality Feedback
Assuming the adoption of a fast feedback mechanism, an additional element to be considered would be the adoption of a fast link quality feedback mechanism. 

Similarly to fast ack/nack feedback, this would mean that the RLC/MAC header could be modified to accommodate some link quality measure, which would then be transmitted continuously, i.e. in all data blocks. 

This would come on top of the existing link quality measures, but would allow the network to control the link with a greater accuracy, along the lines of the CQI feedback in HSDPA, for example. 

2.5

Multiplexing aspects
The introduction of a TTI different from the existing 20 ms one would introduce a backward compatibility problem from the point of view of the multiplexing of old and new users. This was studied by Ericsson in [6], where it is showed that backward compatibility solutions can be found.

3
Conclusion
This paper has outlined a set of high-level concepts and proposals to enable VoIP support in GERAN, namely

1. Usage of MCS-7/8/9 with modified burst mapping rules and reduced TTI (latency reduction)

2. Usage of timeslot aggregation (further latency reduction)

3. Introduction of a fast feedback mechanism on both links (enabling fast IR, and the associated gain)

4. Introduction of a fast link quality measure feedback (enabling fast link control)

The goal of the combination of these proposals it to enable a duplex transmission that is reliable and that fulfils the traditional 200-300 ms delay requirement.

While it is recognized that the details of these principles do need further discussions, it is believed that they can be considered as a promising discussion starting point. Thus, it is proposed to discuss this set of techniques in the perspective of VoIP support in GERAN.
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