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Continued Discussion on Supporting DTX for Conversational Services
1 Introduction

This discussion paper is a follow up on a solution first presented at GERAN #40 to implement DTX for conversational services. At that meeting a number of questions and concerns were raised and feedback to these was given at GERAN #41. In chapter 2 we recapitulate the idea of our proposal as a background and then in chapter 3 we answer the questions raised at last meeting.
At GERAN #41 the following set of questions were raised and they will be further discussed in this paper.
1. Multiplexing efficiency, see Chapter 3.1. 
2. Control Channel Robustness, see Chapter 3.2.
3. False TSC Detection probability, see Chapter 3.3.
4. SID signaling during DTX, see Chapter 2.
5. BTS impacts, see Chapter 3.3.
2 Background

In [1], a solution to support DTX for conversational service was proposed and was further revised in [2]. The proposal defines a Piggyback Burst (PB) to be sent in uplink during DTX mode to either acknowledge radio blocks or to indicate voice activity in the MS. For each TBF in RLC non-persistent mode the network assigns one PDCH where the PB shall be sent on either PTCCH/U or an idle frame. The information in PB comprises three Ack/Nack bits corresponding to three radio blocks received within a 60ms period and one bit for voice activity detection (VAD) used to leave DTX mode.

In non-DTX mode the BSS schedules uplink resources (USFs), typically every 40ms. When the BSS then detects a silence indicator (SID) frame from the MS it reduces its scheduling rate and the MS enters DTX mode. In DTX mode the scheduling rate is 0.48s for sending SID frames and measurement reports. Whenever a radio block is received in error in DTX mode a PB is sent at the first occurring PTCCH/U or idle frame, whichever comes first, on the assigned PDCH. In case no radio block is in error during a 60ms period no PB is sent for acknowledgement. When in DTX mode voice activity occurs in the MS it’s indicated by setting the VAD bit and the BSS can then resume USF scheduling.
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Figure 1 Time Frames with PB sent
In order to avoid repeating previously questions/concerns and answers to this proposal we list them here in short.

1. C: Access Bursts are always sent with TA=0 and will in many cases overlap with PB.
A: In [2, sec. 3.2] we show that in an area near the BTS the overlap will not cause a problem. Based on received TA updates from the MS the BSS can estimate the distance to the MS and order PB to be used only when it’s safe to do so. 

2. C: Reaction time for sending PAN is defined to be 40ms so 60ms may be too slow and the round trip time may be too long.
A: In [2, sec. 3.3] we show that that the proposed solution can fulfil the 300ms end-to-end delay requirement.
3. Q: Will the reporting period of 60ms meet the requirement for VAD?
A: In [2, sec. 3.4] a comparison of the VAD delay between the proposed DTX solution and the existing non-DTX solution shows that the delay is in most cases very similar. In some cases the DTX solution is even superior.
4. Q: How will the time for searching neighbouring cells be affected?
In [1, sec. 4.6] and [2, sec. 3.3] we have shown that the time for searching neighbouring cells will on the average not be affected for 1+1 and 2+2 time slot allocations, respectively.

3 Discussion
3.1 Multiplexing efficiency
One question which has been raised during previous discussions is whether the saved channel capacity can in practice be used to schedule other data flows. By assuming that during a typical speech conversation each user speaks for about 50% of the time simulation the results given in [2, table 4] show that for MCS-2, the DTX solution only needs 70% (=1/(1+0.43)) of the channel capacity used for the PAN solution. For MCS-5 the corresponding value is 53.5% (=1/(1+0.87)). Figure 2 shows 60s simulation snap-shots with and without DTX when two VoIP users share one PDCH pair. The simulations use the same speech model as MUROS but with a Voice Activity Factor of 0.5. The dark grey shaded area corresponds to channel capacity which is not used by the PB solution but used by the PAN based solution. This area can be used by the PB based solution for services with reasonable delay requirements but cannot be used by the PAN based solution.
As can be seen from figure 2 there exists periods from a few seconds up to several seconds where the PDCHs are either completely free (samples which are both light and dark grey) or partly free (samples which are only light grey). Since radio blocks can be scheduled every 10ms (RTTI) or 20 ms (BTTI) it should not be very difficult to implement a scheduler making use of this free time.
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Figure 2 Channel usage for two VoIP users share the same PDCH pair, MCS-5,
Each sample corresponds to 200 ms
3.2  Control Channel Robustness
To support a VoIP service both FANR and RTTI have to be used. Link level simulations comparing the BLER performance between PB and PAN for different coding schemes in RTTI configuration has been made for the interference limited scenario. 
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Figure 3
PB Performance with TU3iFH, Interference Limited
The performance of PB is compared with that of MCS-0, CS-1 and PAN (sent together with MCS-2/MCS-5) and is normalized for the TU channel cases so that the PB BLER is 1% when C/I is 0dB. The performance requirement for control signaling is 1% BLER. According to figure 3, the PB performance at 1% BLER is more than 1 dB better than that of control signaling in RTTI configuration. The performance requirement for PAN is 5% BLER and here the PB performance is more than 6 dB better than that of PAN in RTTI configuration. With these results in mind we don’t see any problems to detect PB in a real network.
3.3 False TSC Detection probability

At TBF assignment the network signals which TSC the mobile shall use to identify the PB burst. Since the PB is sent randomly on the PTCCH/U or the idle frame of the assigned PDCH the BTS has to firstly detect the existence of a PB. To calculate the detector performance which can be achieved we have studied a simple detector which correlates the received signal with each of the assigned TSCs and then chooses the output having the highest correlation if it is above a given threshold. When a PB has been detected the information is retrieved from the Encoded Sequence and sent forward to the PCU. All these operations can be made in software, i.e. no new hardware is needed.
With two users multiplexed on the same PDCH the BTS needs to detect the existence of two PBs (PBa and PBb). Three events can occur, 1) neither PBa nor PBb is sent, 2) PBa or PBb is sent or 3) both PBa and PBb is sent. Let Px, x ( [1, 2, 3], be the probability of false detection for the three cases.

1)
The probability of this event is independent of signal quality and has been investigated by computer simulation revealing P1= 0.0015 in an interference limited scenario. PB can at most be sent every 60ms and will in average be sent every 0.06s/0.0015 = 40s. Compared to the average silence period of 2s used by MUROS there is a low probability that a PB will be falsely detected.

2)
According to simulations P2< 2x10-4. One reason for this low value is that only the strongest one would be selected.

3)
P3 is obviously less than the collision probability which is less than 1% [1, sec. 4.5]. However, when a collision happens it is still possible to decode the strongest PB in some cases.
4 Conclusion
The great benefit of being able to use DTX to save mobile battery is unquestionable. An added benefit to using DTX in a VoIP scenario is to be able to use the channels more efficiently. The paper has answered the concerns raised at GERAN #41 and it has again been shown that the idea is feasible and can bring both of the above benefits. Although some optimizations are still possible to the details it is proposed to agree on introducing this function in TS 43.064 (Stage 2 description) and for the next meeting come back with its implementation in Stage 3 specifications.
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