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1.    Introduction

Nowadays, many telecommunication operators in the developing countries have involved into the situation that the number of GSM speech users increasing successively. This causes the great capacity enhancement pressure for GSM networks. Therefore, it’s urgent for GSM operators to enhance the voice capacity in the GSM evolution. 
Some new techniques are under consideration, which can improve the voice capacity on the basis of existing network hardware equipments and certain radio resource. One possible technique is to multiplex multi-users into one time slot (MUROS). This paper will give some concern on the investigation to such techniques. OSC is a solution under discussion now, some of technical analysis is based on that.
2.
Discussion
2.1
Analysis on new technologies for voice service capacity enhancement
If the voice capacity is improved significantly based on current frame and slot/burst structure of GSM system, the technique of multi-user using the same radio resource simultaneously need be introduced in principle, i.e. the identical time slot is assigned to two users or even more, which is different from the way of time division multiplexing of existing half-rate channel. 
For instance, assuming that two users use the same timeslot with the same carrier frequency, the voice capacity could be theoretically doubled with the same radio resource. As a proposed solution, Orthogonal Sub Channels described in [1], constructs a MIMO system in uplink, which different MS transmit signals through their own antenna and base station (BS) receives signal with two or more Rx antennas. In downlink, multiple users’ data should be transmitted in parallel, be transmitted by higher-order modulation mode (QPSK is currently considered) and separately received by each user on its own specific way.

However, the actual capacity gain of employing the MUROS technique depends on many factors.
(1) The capacity gain is restricted by the penetration of MS supporting the MUROS technique and the proportion of couple-users which can utilize this technique. Therefore, the new technique should be compatible with the legacy MS.
(2) The co-channel and adjacent interference increases with the number of users, which leads to the decrease of C/I and the frequency reuse. The balance between low frequency reuse and high timeslot reuse should be considered carefully.  

(3) If the sub-channels allocated in the same time slot within the same frequency, the influence of the inevitable inter-symbol interference (ISI) on voice quality and actual proportion of couple-users cannot be ignored.
2.2
Consideration of new technologies impact
Based on the considerations above, several considerations about new technique design are listed as follows.
1. Power control (PC). The BS transmits and receives the couple users' signals in the identical slot, so their PC management should be performed jointly. Therefore, the strategy of user combination and the adjustment of the combination according to the changes of channel situation during a call are crucial issues.
2. The Receiver Capability. The compatibility with the legacy MS should be considered. For the MS adapted with the MUROS technique, if any advanced receiver needs to be introduced, the costs and the impacts should be kept in an accepted level.

3. Interference cancelling (IC). The co-channel and adjacent interference might increase after introducing the MUROS technique, to maintain the voice quality, specific interference cancelling algorithm should be investigated.
The impact should be considered to both MS and BTS when the new mechanism is investigated. The complexity of BTS and operation to legacy MS should be carefully considered.

2.3
KPIs to be evaluated after introducing the new technology for voice capacity enhancement
The impact of the new capacity enhancing technology on the network KPIs should be analyzed, including the system operating state indicators, the access capability indicators and the call maintainability indicators and so on.

1. The operating state indicators contain the traffic, average traffic per channel at the busy, channel utilization and so on. These indicators should be improved after introducing the new capacity enhancing technique. Because of the multiplexing of different users into single time slot, the increased number of user supported by the each slot leads to the increase of average traffic per channel, the total traffic and channel utilization should be increased accordingly.

2. The access capability indicators include congestion ratio, call set-up success ratio, SDCCH access success ratio, TCH allocating success ratio, random access success ratio and so on. These indicators should not be affected when introduce the new technique.
3. The call maintainability indicators refer to the UL/DL average BLER of RLC layer, frame error ratio, the UL/DL average MOS, the ratio of dropped calls, the proportions of various causes for dropped calls, the ratio between dropped calls and traffic, handover success ratio, the average TRX power of handsets, the proportion of full-power-transmitting handsets and so on. It can be predicted that, these indicators will be deteriorated due to the lower C/I caused by new technique without corresponding interference cancellation techniques. In addition, the strategy of users coupling and dynamic channel allocation (DCA) will make intra-cell handover more frequently, the influence degree of which on the rate of dropped calls caused by handover should be educed.

Besides the capacity gain, we also attention other KPIs mentioned above. There should be simulation results in system level to show how they are looked like before we decide a specific solution.
3.     Conclusion

Based on above analysis, multi-user time slot multiplex can be considered as a technique for voice capacity enhancement in GSM and its evolution. However, there are still some open issues for further investigation and discussion. All the evaluation work should be done and the optimal solution proposed seems to be necessary before the specific solution is decided.
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