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1. Introduction

TR 25.903 [1] section 4.3 includes a concept to reduce the UL noise rise produced by the UL DPCCH by reducing the SIR_target in the Node B when the uplink is inactive for a certain time. In this document it is described how this concept can be applied to voice over IP (VoIP) traffic.
In the following VoIP transmissions are considered as unscheduled transmissions.

But note for scheduled VoIP transmissions the situation would be even easier as there would be even more control by the Node B and therefore the procedures we are going to describe would be even more reliable.

2. Motivation
According to AMR specifications TS 26.093 [2] and TS 26.193 [3], the UL VoIP traffic considers 2 different kinds of inactivities:

· A speech frame is produced every 20ms. In case of collecting that in a 2ms TTI, this leaves a gap of 18ms in between.

· In case of voice inactivity where no speech frames are produced. However, a silence descriptor (SID) is produced every 160ms.
Note that in Push to Talk scenarios, there is also "real" silence without a SID, which exactly fits to the scenario considered by the SIR_target reduction concept described in TR 25.903 [1].
TR 25.903 [1] also proposes different signalling alternatives for the SIR_target reduction:

· Layer 1 signaling (DL HS-SCCH at deactivation, special E-DPCCH sequence at reactivation)
· Layer 2 signaling (UL MAC-e PDU/scheduling information for deactivation & reactivation)
· Or by predefined/configured rules (just UL scheduling information at reactivation).
For bursty, irregular traffic (e.g. like WWW) we think that Layer 1 signaling is definitely the best. 
The signaling overhead is negligible since changes from inactivity to activity are not too frequent and the signalling amount is small.

The procedure can be under under full control of the NodeB, the delay for a reactivation, the effort for the Node B to monitor inactive users and the probability of misinterpretation of the signalling is low.

Defining rules so that NodeB and UE would switch to inactive at the same time for such an unpredictable type of traffic would be almost impossible and exposed to the danger of misinterpretation.
Exploiting the voice inactivity (a silent speaker) with the concept of SIR_target reduction the concept could be in principle similar. However, the silence descriptor would require re- and de-activation signaling every 160ms which increases the overhead.
For sure, this would be even worse when exploiting the gap between 2 voice frames, i.e. between two VoIP packet TTI’s (which appear in 20ms intervals). The gain by SIR_target reduction could turn into a loss due to the necessary deactivation/reactivation signalling overhead for each packet.
3. Concept of SIR_target reduction for VoIP
Uplink VoIP traffic follows a highly predictable pattern. Even the end of a speech burst (i.e. the start of the silence period) is exactly described in TS 26.093 [2] and TS 26.193 [3]. Retransmissions are initiated by the NodeB (by sending a NACK on the E-HICH) and thus predictable as well (timing of retransmissions is well defined).

We conclude that signaling is not needed in the case of ongoing VoIP traffic. Predefined/configured rules are actually already existing by the exact description in [2] and [3] and thereby possibly do not even need any further modification. Hence,
· the Node B reduces the SIR_target after transmitting a VoIP packet (without informing the UE for each packet, the UE is informed by definition) and restores the correct SIR_target in time before the next VoIP packet is expected, i.e. the NodeB would restart restoring the SIR_target regularly every 20ms. The cycle of the speech codec is maintained, i.e. the NodeB is still aware of the correct 20ms grid.
Note: This reducing/restoring is valid for both: speech frames (coming in 20ms intervals) and silence descriptor SID (coming in 160ms intervals).

· the only unpredictable event is when a new speech burst is produced, i.e. the speaker starts talking after a silence period.
Note that both NodeB and UE (can be informed about ConCon capabilities of the Node B when setting up the VoIP call) are aware of the reduced SIR_target. The most proper method in this case is that the UE transmits a predefined E-DPCCH sequence, possibly followed by a confirmation via HS-SCCH. This procedure can be exactly the same as already described in the SIR_target reduction with L1 signalling [1].

Note that, during the silent period, the UE is not allowed to transmit anything but the predefined E-DPCCH sequence and the regular silence descriptor, until the HS-SCCH confirmation is received.


Other parallel UL traffic/SRB:
If other traffic is present in addition to VoIP, the small VoIP packets would be somehow hidden within the other traffic. The NodeB is informed about that by Scheduling Information. The VoIP related SIR_target reduction procedures as mentioned above (most of them are transparent to the UE) would be executed if the other traffic is inactive (in TTIs where it is not transmitted).
One exception are SRBs: If SRB is to be sent, the UE should adjust its transmission such that it happens right before or right after a VoIP packet is transmitted. The received SIR would be on the rising or falling slope of the SIR_target reduction profile (see also fig.1), and in the worst case a retransmission would be initiated (it is unlikely that the NodeB does not even detect the E-DPDCH in this case).
If transmitted after a VoIP packet, the NodeB could even realize that the VoIP packet TTI has a successor and would wait with the SIR target reduction.

Parallel DL Traffic:
If downlink data is transmitted, the UE needs to transmit CQI’s and ACK/NACK’s on the HS-DPCCH. If the SIR target is reduced during that time, a detection might fail. However, since both Node B and UE are informed about the power reduction (UE could be informed at call setup whether a Node B supports SIR_target reduction and for VoIP the SIR_target reduction could be made a default setting), the UE could increase its (HS (HS-DPCCH power setting relative to UL DPCCH) while the Node B has reduced its SIR target.

Gain

The advantage of this SIR_target reduction concept for VoIP is that the UE remains power controlled at any time, i.e. the Node B never loses the control of the UE’s transmit power.
Note: An accurate closed loop power control is a highly essential part of a WCDMA UL.
No preamble is needed for power settings. Furthermore, it requires no further modifications, the E-DPCCH sequence is already contained in the existing SIR_target lowering with L1 signalling in TR 25.903 [1]. Furthermore, the concept is independent from the DL transmissions, i.e. the procedure is executed much more frequently compared with other concepts requiring both Up- and Downlink to be inactive.

[image: image1]
Figure 1 Illustration of SIR target reduction for VoIP

Finally, we will briefly analyze the gain:
In Figure 1 we have shown the SIR_target setting of the NodeB (blue dashed), and the idealized SIR at the Node B received from a UE. After each VoIP packet the NodeB reduces the SIR target and restores it before the next packet. For instance, a reduction by 3dB would take 3 slots until the UE has ramped down its power (with power control stepsize 1dB). Equivalently, the NodeB would restore the SIR_target 3 slots before it expects the next VoIP packet. The overall interference savings in this case would be 3dB in 14ms and (roughly) half of that in the ramp up/down phase of 2 times 2ms. This still leaves ~2.4dB gain in total.
Note that 3dB reduction was chosen for the sake of simplicity, [1] explains that a higher reduction is possible. Table 1 shows the resulting gain for different reduction values which can be calculated with the following equation assuming a 2ms voice packet in 20ms intervals, a 1dB PC step size per slot and S to be the SIR_target reduction in dB:
Resulting gain = [S^2 + (27- 2S) x S]/30
	SIR_target reduction
	3dB
	4dB
	5dB
	6dB

	Resulting gain
	2.4dB
	3dB
	3.7dB
	4.2dB


Table 1 Resulting gain versus SIR target reduction

4. Conclusion

In this document, we have described how the SIR_target reduction concept using L1 signalling can be applied to VoIP transmission as well, even in a simplified way.
For decision:
It is proposed to include the text proposal of section 6 into a new subsection 4.3.1.1.2 of section 4 of the TR 25.903 v0.2.0 [1].
5. References

[1]
R1-051617, "TR 25.903 v0.2.0, “Continuous Connectivity for Packet Data Users”",

RAN1 #43, Seoul, Korea, Nov. 2005.
[2]
3GPP TS 25.093 v6.0.0, " Mandatory speech codec speech processing functions, Adaptive Multi-Rate (AMR) speech codec; Source controlled rate operation (Release 6)"
[3]
3GPP TS 25.193 v6.0.0, "Speech codec speech processing functions; Adaptive Multi-Rate - Wideband (AMR-WB) speech codec; Source controlled rate operation (Release 6)"
6. Text proposal

It is proposed to capture the following text proposal as a new subsection in the existing section 4 of TR 25.903:
-v-v-v-v-v-v-v-v-v-v-v-v-v-v-v- start of the text proposal -v-v-v-v-v-v-v-v-v-v-v-v-v-v-v-

4.3.1.1.2
Handling of VoIP traffic

VoIP traffic in UL follows a predictable pattern of voice packets and silence descriptors (SID) and also the timing of HARQ retransmissions is under control of the Node B.
By setting a standard rule that the UL DPCCH SIR_target reduction is applied in the Node B between voice packets, between SIDs, as well as between voice packets and SIDs, the same SIR_target reduction scheme as in section 4.3.1.1 can be applied for VoIP services but with a reduced L1 signalling.
Note: For HARQ retransmissions the SIR_target would also be set back to normal as for voice packets and SIDs.
Only for restarting VoIP transmissions at the UE after longer speech pauses L1 signalling in form of an E-DPCCH sequence would be used which would be confirmed by HS-SCCH signalling from the Node B.
By applying a beta_hs offset in the UE the DL can be active while UL DPCCH SIR_target reduction is applied for a temporarily inactive UL.

Parallel smaller unscheduled transmissions like SRBs should be started directly before or after a voice packet or a SID where SIR_target is almost unchanged.
For other packet traffic in addition to VoIP the SIR_target reduction would only be applied by the Node B if this other packet traffic is inactive.

[image: image2]
Figure 4.3.1.1.2-1 Illustration of an ideal SIR_target reduction profile for VoIP packets every 20ms
-v-v-v-v-v-v-v-v-v-v-v-v-v-v-v- end of the text proposal -v-v-v-v-v-v-v-v-v-v-v-v-v-v-v-
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