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Interference mitigation method in VAMOS – Discussion Paper
1. Introduction

When two or more users are paired in MUROS, co-channel interference (CCI) will increase as will the over all interference in a cell. To mitigate this problem in this paper a network controlled Forced Discontinuous Transmission (FDTX) mechanism is proposed where, given a QoS bound, one of the users in a MUROS channel is forced to buffer speech data for a few time slots whereas the other user is transmitting speech data and vice versa. FDTX is achieved in a way that is different from the conventional DTX.
According to [1], up to four callers can be on one MUROS TCH (with AHS5.9 of equal RF power levels). The simulation results shown below are reflecting CCI performance of a DARP mobile terminal. The carrier is the total RF power levels of the two desired users as required in MUROS studies.
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Fig 1: CCI analysis in MUROS
The results in Figure 1 show that 

1. Mobile terminal when used in MUROS mode needs reasonable RF conditions.

2. MUROS is particularly sensitive to ACI (Adjacent Channel Interference) and CCI.

3. The above figure shows the DTS 1 spec points and the actual FER at the reference C/I value. 

4. It is also important to limit the ACI and to keep the spectrum as narrow as possible.

5. So there is a need to provide interference mitigation techniques for MUROS when two users are paired.

2. IntroducING Forced DTX
In a conventional DTX mechanism the UE on the uplink, based on the Voice activity detection in the UE, indicates to the base station on the trigger of the DTX mechanism. On the downlink the base station based on the availability of voice frames to transmit indicates the triggering of the DTX mechanism. In other words, for uplink the cessation of voice activity at the UE is what triggers the DTX mechanism and for downlink the cessation of voice frames from the other party (no voice frames at the base station) is what will trigger DTX. 

In this paper we propose the “Forced DTX” (FDTX) mechanism that differs in the way the DTX is triggered at the UE and at the base station. The DTX is not triggered by the cessation of voice frames but by the interference profiles posed by the users on each other in a paired condition.

The triggering is based on a new proposed logic at the base station where based on the interference for a given pair of users, the base station calculates the paired user that needs to be in a buffering mode and indicates the same to either the UE (for Uplink) or the “DTX control logic” at the base station to get into a FDTX mode (for Downlink). The diagrams in Figures 2, 3 and 4 show the difference between the conventional DTX and FDTX approach.
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Fig 2: Conventional DTX vs. FDTX triggering mechanism
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Fig 3: Conventional DTX TX architecture
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Fig 4: proposed FDTX TX architecture
On the Uplink, the DTX is forced by the network and is not based on the detection of “voice activity cessation” at the UE as would happen in the conventional approach for DTX.

On the downlink, the Network will control the Forced DTX operation based on the interference profile between users in a paired MUROS scenario. This will evaluate which of the paired users should be forced into DTX. The FDXT mechanism relies on a non-VAD based DTX triggering mechanism. What is proposed is an interference profile based DTX triggering mechanism, where the mutual interference between paired users is evaluated by the base station and trigger FDTX buffering for the interfering user for calculated periods of time.

The following figures in Fig 5 and 6 show the conventional DTX vs. FDTX flows.
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Figure 5: Conventional DTX flow
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Figure 6: proposed FDTX flow
3. CONclusionS
In this paper we proposed a new mechanism of network controlled discontinuous transmission at a GERAN Tx side. The proposal is to have an interference driven base station controlled DTX for both uplink and downlink. 
Simulation results covering the impact of the proposed mechanism on the interference profiles will be submitted in the subsequent meetings.
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