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Performance evaluation of supporting DTX for conversational service
1 Introduction

Discontinuous Transmission (DTX) is a very important feature for conversational services, especially for VoIP, which could benefit channel efficiency and save mobile battery. As pointed out in [1], DTX can not be supported in GERAN because of two reasons, one is that a frequent Ack/Nack message needs to be sent in the uplink direction, and the other is that a frequent uplink allocation is needed in order that voice activity can be indicated to the network in time when the user is in silence. 
To solve this problem, a solution was outlined in [1]. At GERAN #40 concerns were expressed that AB (Access Burst) used for TA (Timing Advance) synchronization would in some cases overlap the proposed PB (Piggyback Burst). This paper addresses these concerns and provides some simulation results of the use cases. 
2 Background
In [1], a solution was proposed to support DTX for conversational service in GERAN, which suggested a new burst (PB) to carry the Ack/Nack bits and VAD (Voice Activity Detection) indicator bit to the network so that no uplink radio blocks need to be allocated frequently to users in silence. 
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Figure 1 Time Frames with PB sent
As shown in Figure 1, PB is randomly sent at the end of either a PTCCH/U or an idle frame, i.e. without being allocated by the network. Each Ack/Nack bit corresponds to radio block(s) received within a 20ms period so 3 bits are needed for a report period of 60ms. 
Synchronization offsets for both AB and PB were simulated, collision probability between two users sending PBs on the same channel was calculated [1] and they all turn out to be positive for this PB solution. 

If more than 1 PDCH is assigned to a TBF the network needs to indicate to the mobile which channel should be used for sending PB, and the PDCH with the fewest number of PBs received should be selected first so that collision probability could be kept as low as possible. 
3 Discussion
3.1 Piggyback Burst

The structure of PB is optimized so that it is more robust than that in [1] and can resist more overlapping with AB. 
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Figure 2 New structure of piggyback burst
With this new structure used as in Figure 2, no user ID field needs to be sent and different users are identified by using different training sequence codes (TSC). An encoded sequence (ES) of 16 bits is sent right after TSC. Tail Bit (TB) and Guard Period (GP) have the same meaning as that of AB. 

A set of 16 sequences with the largest possible Hamming distance was found by computer search. Each combination of 4 bits, i.e. 3 Ack/Nack bits and 1 Cause bit (to indicate VAD), is encoded as one of the encoded sequences as shown in Table 1. 
Table 1 Coding of PB

	TSC i (User a)
	Ack/Nack:
000 to111
(Cause = 0)
	Encoded Sequence (ES):

0011 1100 1010 1010

0000 0000 0000 0101

0100 0011 0111 1010

0111 1111 1101 0101

1000 0100 1101 0010

1000 0111 1010 1001

1001 1000 0111 1001

1001 1011 0000 0010
	Ack/Nack:
000 to 111
(Cause = 1)
	Encoded Sequence (ES):

1010 1001 1001 1100

1010 1010 1110 0111

1011 0101 0011 0111

1011 0110 0100 1100

1100 1101 0100 1111

1100 1110 0011 0100

1101 0001 1110 0100

1101 0010 1001 1111


3.2 Overlapping of PB and AB

One of the concerns raised at GERAN #40 was the overlapping of PB and AB. When PB is sent during the remaining time of PTCCH/U, PB and AB sent by different users will share the same time slot. Note that all access bursts are sent without timing advance, and PB is always sent with the latest timing advance value, so the overlapping amount depends on the distance from the mobile sending the AB burst to the BTS. 
The Access Burst was designed for RACH. The “Synchronization Sequence” is used for the network to estimate the timing advance and the “Encrypted Bits” are used to carry the CHANNEL REQUEST message. When the burst is sent on PTCCH/U the “Encrypted Bits” are filled with fixed bits because the burst is only used for timing advance purpose. So even if PB and AB overlap like in Figure 3, i.e. the “Synchronization Sequence” is not overlapped, the performance of TA value estimation is not impacted. 
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Figure 3 PB and AB overlapping
Calculations yield that AB could be delayed by 51 symbols, supporting a cell of radius 28Km (=3.69x51x10-6x3x105/2).

Assuming that this PB solution is only used in a cell with radius less than 28Km, only the interference from AB to PB is discussed below. 
As shown in Figure 4, the further away from the BTS the mobile is, the more is the overlap. If all mobiles sending AB are less than 8.5Km away from the BTS no overlap occurs. In a cell with radius of 22Km, the maximum delay of AB is 41 symbols, so the longest overlapping part is 26 symbols. 
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Figure 4 Overlapping of AB and PB vs. Distance from MS sending the AB to the base station
In Figure 5, the BLER of PB for different amounts of overlap between AB and PB is simulated. The simulations include time masks for both PB and AB as specified in 3GPP TS 45.005, Figure B.1 and Figure B.3. The power ramp up and down outside the burst is very rapid and does not have a noticeable influence on the performance.
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Figure 5 BLER of PB Sensitive Limited Scenario 
According to Figure 5, BLER of PB is less than 1% for Eb/N0 of 13dB, and according to Figure 9, MCS-2 with PAN also works at this point if BLER of 10% for the first transmission is adopted. So the performance of PB without overlapping is acceptable if it is used together with VoIP. 

We define the power offset (PO) as the difference in received signal strength at the BTS between PB and AB. As shown in Figure 5, a larger power offset is needed when the overlap is larger, i.e. the mobile sending the PB needs to be much closer to the BTS than those sending AB. 
When the overlap is 5 symbols (corresponding to that the mobile sending the AB is 11Km from the BTS) a power offset of at least 3dB is needed at 1% BLER. Using the COST231 Hata path loss model [5] this value is achieved if the mobile sending the PB is at most 9Km from the BTS. In Table 2 we show similar calculations for the cases with 10 and 26 symbols overlap, respectively. 
Since one PTCCH/U is shared by up to 16 users it is very unlikely that all users sending AB are at the cell border simultaneously. It is thus very probable that some overlap is less than 5 symbols and that the actual performance is much better than the simulation results show. 
Table 2 Usable area vs. cell radius
	Overlap
	5 Symbols
	10 Symbols
	26 Symbols
	Note

	Cell radius
	11.1Km
	13.8Km
	22.7Km
	According to Figure 4

	Pathloss at cell border
	165.1dB
	168.5dB
	176.0dB
	According to COST231 Hata path loss model (see TS 25.996)

	PO needed
	3dB
	7dB
	10dB
	According to Figure 5, at 1% BLER the performance loss with this PO is negligible.

	Distance for (Pathloss – PO)
	9.1Km
(162.1dB)
	8.7Km
(161.5dB)
	11.8Km
(166.0dB)
	According to COST231 Hata path loss model (see TS 25.996)


The network estimates the distance between the user and the BTS according the TA value of the user, and decides if this PB solution could be used by the user. If the user is in the green area in Figure 6 this solution is usable, otherwise not.
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Figure 6 Areas where PB could be sent

To conclude, AB will never be interfered by PB as long as the cell radius is less than 28Km. For a cell radius less than 8.5Km no overlapping happens; and for a cell radius larger than 8.5Km, overlapping happens but PB could still be used in an area of ~10Km without performance loss. 
In an urban scenario the cell radius is usually a few hundred meters and there are also many suburban scenarios where the cell radius is less than ~10Km. Therefore, overlapping is not a problem in most real networks and if the cell radius is too big for this PB solution the legacy solution with USF (Uplink State Flag) scheduled every 40ms could be used. 
3.3 Mouth-to-Ear Delay
Concerns were also raised at GERAN#40 meeting whether the 60ms reporting period of PB could meat the requirement of mouth-to-ear delay of voice. This section shows some simulation results when VoIP is used between two wireless clients over a GERAN network with the RTTI (Reduced Transmission Timing Interval) and PB features implemented. Similar simulations have been made in [3] and [4] and they both conclude that with PAN introduced, 300ms mouth-to-ear delay can be met in GERAN. 

When one or more downlink data blocks are received incorrectly a PB will be sent to the network at the first possible transmission opportunity. Because PB is only one frame long the delay over Um and Abis interface is 5ms while all other delay values are the same as in [4]. 
Table 3 Delay budget for a RLC data block with 1 retransmission
	
	BSC + BTS
	Abis
	Um
	MS
	Sum

	BSC (
	10
	10
	10
	
	30

	(  MS
	
	5
	5
	0
/10/20/30/40/50
	

	BSC (
	10
	10
	10
	
	70/…/120


Note: If IP over Abis is used, the delay over Abis could be negligible and the overall delay is much less. 

It is assumed that the VoIP client puts two AMR7.95 frames per IP packet, corresponding to 40ms of speech per IP packet. Further that ROHC is used (leading to an average header size of 4 bytes) together with 1 byte SNDCP header and 6 bytes LLC header [2]. The resulting 55 (= 22 x 2 + 4 + 1 +6) bytes of RLC/MAC payload is then sent in two MCS-2 radio blocks or one MCS-5 radio block. 

Two different scenarios are considered corresponding to two different C/I conditions: 9dB (in this case RTTI MCS-2 is used) and 15dB (in this case RTTI MCS-5 is used). The delay values given are for two wireless links.
Assume that the VAF (Voice Activity Factor) = 0.5 and that no data block is sent in uplink during the silence period, i.e. VoIP is the only uplink application in the mobile. If the PAN solution is used, it can be assumed that one downlink Ack/Nack control message is sent every 40ms during the silence period giving a channel utilization of 0.5 (= 1/4 x 2) channels. 
1% BLER of PB is used, and BLERs of MCS-2 and MCS-5 are determined by Figure 10 and Figure 11, respectively. 
Table 4 Simulation results for two wireless links and different C/I
	　
	Mouth-to-Ear Delay (ms)
	IP packet loss
 (%) 
	Channel Utilization (UL) 
	Gain 
(%)

	
	Mean
	95%
	98%
	
	PAN
	PB
	

	C/I= 9dB (MCS-2) 
	174
	262
	290
	1.04
	0.84

	0.59
	43


	C/I= 15dB (MCS-5)
	135
	208
	227
	0.6
	0.54
	0.29
	87


Table 4 shows that the required E2E delay of 300ms is well met at the 98th percentile for all scenarios. Using receiver diversity in the uplink and Abis over IP will lower the delays even further. For PB solution, because of no uplink channel is required during the silence period, the channel utilization is much less than that of the PAN solution. About 43% of the channels could be saved when the channel quality is bad and 87% of the channels could be saved when the channel quality is good. 
3.4 VAD Delay

Another concern raised was whether the 60ms reporting period of PB could meat the delay requirement for voice activity detection. In this section, we have compared the delay from detecting voice activity to receiving the first AMR frame at the BTS for the two RTTI cases as above. This delay is in the following defined as the VAD delay. When voice is detected for the first time during a silence period the mobile encodes 2 AMR frames into a packet and sends this packet at the first up-coming transmission opportunity. For MCS-2, every packet needs two radio blocks and the first AMR frame can only be decoded after both blocks are received. For MCS-5, one radio block is enough for decoding the first AMR frame. Because of this difference the VAD delay for MCS-2 will be somewhat longer than for MCS-5. 
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Figure 7 VAD delay with USF scheduled every 40ms (legacy behaviour)
Figure 7 shows the VAD delay with USF scheduled every 40 ms. The delay from the moment when voice is detected to the moment when a voice frame is received by the network is in average 100ms for MCS-5 and 140ms for MCS-2.
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Figure 8 VAD delay with PB sent every 60ms (new proposal)
Figure 8 shows the VAD delay of the proposed solution. With this solution the mobile can indicate voice activity to the network without waiting for the packet being available to transmit. The network will allocate uplink radio resources to the mobile immediately when receiving a PB with Case = 1. In average the total delay is 105ms for MCS-5 and 115ms for MCS-2, respectively.
This shows that the VAD delay of the PB solution is actually quite close to that with USF scheduled every 40ms. For the case of MCS-2 the delay is sometimes even shorter. Even without knowing the exact requirement of VAD delay we can see it should not be a problem for this solution. 

The time of “Waiting for PB” is defined as the time from when voice activity is detected until it is possible to send the PB burst. Assuming the first AMR frame is ready for transmission 55ms after voice activity has been detected, and if the time of “Waiting for PB” is < 10ms the first uplink transmission opportunity occurs before the data packet is available for transmission. In this case the network have to allocate one more USF than actually needed for the first packet after voice activity is detected resulting in a delay of 80ms and 90ms for MSC-2 and MCS-5, respectively. 
3.5 Impact on time for searching/measuring other cells
With PB sent during the search time, there is a possibility that the time to search neighboring cells for type 1 mobiles could be shorter than that without PB sent. In [1], 1 UL + 1 DL configuration was investigated and the conclusion was that the time would still be acceptable. During GERAN #40 concerns were raised about the feasibility in other configurations and Table 5 shows the case with a 2 UL + 2 DL configuration. 
Table 5 Length of Search frame in non-DTX and DTX mode with/without PB sent

	
	Length of Search Time

	Non-DTX
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	DTX with PB sent
	[image: image10.wmf]9 slots

DL:

0

1

2

3

4

5

6

7

Idle

Idle

2

3

4

5

6

7

0

1

UL:

0

1

2

3

4

5

6

7

PB

Idle

2

3

4

5

6



	DTX without PB sent
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With a 2 UL + 2 DL configuration, the search frame with our solution is 11.5 slots (= 9 x 50% + 14 x 50% if PB is sent with a probability of 50%), which is still longer than the 11 slots of the non-DTX mode. Usually PB is sent with a probability far less than 50% (in the simulation of Table 4, it is 44% for MCS-2 and 27% for MCS-5), giving a search frame much longer than 11.5 slots. For other configurations the length of the search frame is different but compared to the non-DTX mode case our solution will not reduce the search time.
4 Conclusion

According to the simulation results overlapping of PB and AB is not a problem if the cell radius is less 8.5Km or if the distance from the user sending PB to the BTS is less than ~10Km when the cell radius is bigger than 10Km which are thought to be able to cover most of the actual scenarios. 
It is also shown that the proposed solution introduces no additional VAD delay. It is even so that the delay could be shorter in the case of bad channel quality. 
Impacts on cell search/measurement time for two configurations (1+1 and 2+2, resp.) are presented. The result shows that the cell search/ measurement time for our solution is not reduced compared to that of non-DTX mode. If the search time is acceptable for non-DTX mode it is also so for DTX mode with PB sent.
Without using diversity in the uplink direction and Abis over IP, the delay with this PB solution meets the latency requirement of 300ms for VoIP. Based on these new results Huawei still believes that the proposal in [1] is a feasible way to make DTX possible for conversational services besides also providing higher channel efficiency and lower network interference.
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Annex A: Link Level Simulation
The same parameter settings as in [3] are used: 
Table 6 Link Level Simulation parameter

	Parameter
	Value

	Channel profile
	Typical Urban (TU)

	Terminal speed
	3 km/h

	Frequency band
	900 MHz

	Frequency hopping
	Ideal

	Interference
	Co-channel

	Direction
	Downlink for MCS-2 and MCS-5

	
	Uplink for PB

	Antenna diversity
	Single Antenna

	Equalizer

   - 8PSK
	Decision Feedback Seq. Est. (DFSE)


Annex B: Protocol Level Simulation
The same parameter settings as in [3] are used: 

Table 7 Protocol Level Simulation

	Parameter
	Value
	Comment

	Radio Conditions
	TU3iFH, C/I 9dB and 15dB
	-

	RLC re-transmission scheme
	RLC non-persistent mode


	Limit to 1 retransmission for VoIP service

	AMR encoding delay
	40+15 = 55ms
	Only applicable to the VoIP cases.

40ms speech (2*AMR frames) packed into one IP packet plus 15ms processing time. 

	AMR decoding delay
	15ms
	Only applicable to the VoIP cases.

Processing time.

	Abis delay, UL/DL
	10/10
	Abis improvement from today’s 20 ms.

	TTI
	10ms
	Applicable both to data and RLC/MAC control signaling.

	Application data to Um synchronization, UL/DL
	0..10/0..10 
	Um slot waiting time UL and DL in a single-user case.

	MCS
	2,5
	2 and 5 used for VoIP

	Receive diversity
	y / n
	Receive diversity on the UL, utilized with MRC.


Annex A: Link simulation results
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Figure 9 MCS2 Performance in Noise Limited Scenario with/without PAN
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Figure 10 MCS-2 Performance in Interference Limited Scenario with/without PAN
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Figure 11 MCS-5 Performance in Interference Limited Scenario with/without PAN









































































































































































































































































































� It is assumed that 0ms reaction time could be possible for mobiles sending PB, and if not, a little more delay will be added. 


� Without DTX considered, the channel utilization is 1.18 for MCS-2 case. With DTX considered and PB solution is adopted, the channel utilization would be 0.59 = 1.18 x 0.5 + 0 x 0.5. With USF scheduled every 40ms in the silence period, the channel utilization would be 0.84 = 1.18 x 0.5 + 0.5 x 0.5. 





