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1. Introduction
In this contribution we present a method for sharing the amount of UL resources given to one UE among its RBs according to the operator requirements described in [1].
2. Discussion

In R’99 and HSUPA, the UL TFC and E-TFC selection algorithms need to apply a strict priority rule which maximizes the transmission of bits from the highest priority logical channels.

This rule has the merit and inconveniences of being simple. The priorities (derived from the logical channel attributes) are semi-static and won’t change unless logical channel priorities change. On the other hand, this rule generates RB starvation is a higher priority RB has a continuous flow of incoming data to transmit.

For LTE, the approach we want to take to solve this problem is to rely on priority as well as on bandwidth. Indeed, in WCDMA, priority at the MAC level is currently the only way one can provide improved QoS to a certain RB; as we saw above, this leads to starvation. Operators may also be reluctant to provide equal priority to different RBs since in this case, it is up to the UE to decide how the RBs will be treated relative to one another and thus different UEs may have different behaviors.

We propose to generalize the current priority scheme to allow operation of specific RBs in the absolute priority scheme and at the same time allow other RBs to have different priorities but not grab the entire bandwidth.

Generalizing the priority scheme can be done simply by defining a bandwidth ratio which characterizes how much of the UL bandwidth a RB can grab. If the bandwidth ratio is set to 100% for a specific RB, it operates in absolute priority mode (it is envisioned that SRBs and VoIP would be operated in this mode). If the bandwidth ratio is lower than 100%, the RB is still served according to its priority but it can only grab a share of the bandwidth.
In the following section, we explain how this method works.
2.1. Details on the bandwidth sharing
For sake of explanation let us assume the following call configuration
The call has 4 priority levels

· Priority 1: SRBs 100%
· Priority 2: VoIP traffic 100%
· Priority 3: HTTP 60%
· Priority 4: FTP 40%

The SRB and VoIP RBs are given a 100% share of the bandwidth which indicates they operate in absolute priority mode. This simply means that if they have pending data to transmit, they can grab as much resource as they need.

The HTTP and FTP RBs are respectively given 60% and 40% of the bandwidth which means that once the RBs operating in absolute priority mode have been served, they can share the remaining bandwidth according to this ratio.

One should note that the priority and bandwidth ratios will only be exercised when the provided bandwidth is not sufficient to clear the UL buffers.

The ratio itself (60/40) can be realized in many different ways. We propose to realize it by providing the minimum number of consecutive bytes that should be scheduled from each RB.

In this example, by choosing 30 and 20 we indicate that we will not schedule any FTP traffic before 30 bytes of HTTP have been sent. 
Also, since HTTP is configured with a higher priority than FTP, we transmit the bandwidth share of HTTP before the FTP bandwidth share.

This method is illustrated in the figure below.

If the bandwidth available for priorities above 2 is larger than (20+30)=50 bytes as in (1) below, the UE simply makes sure the bandwidth ratio is respected.
If the bandwidth available for priorities above 2 is smaller than (20+30)=50 bytes as in (2) and (3) below, the UE sends 30 bytes worth of HTTP before switching to FTP and then starting again. HTTP in this case is scheduled first because it was configured with a higher priority.

Depending on the available grant and how the 60/40 ratio was realized, the duty cycle of the HTTP and FTP traffics may become too low. If for example the 60/40 ratio is realized with 600 bytes / 400 bytes, FTP would have to wait for 600 bytes worth of data to be transmitted before being transmitted. If on the contrary, the 60/40 ratio is realized with 12 bytes / 8 bytes, the duty cycle of the HTTP and FTP traffics would increase (they would be transmitted more often) but so would the minimum overhead due to RLC segmentation.
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In essence, this scheme consists of a proportional round robin which requires very little information to signal at RB setup (one bandwidth ratio number per RB) and provides operators with a simple way to provide QoS on the UL by controlling both the priority and the bandwidth.
2.2. Dynamic change of priority

In addition to the bandwidth sharing method described above, it is conceivable that RT traffic flows are operated in a bandwidth sharing mode (instead of absolute priority mode). A video telephony flow for example may only require a portion of the bandwidth and thus there is no reason to operate it in absolute priority mode. In those cases, if the UL bandwidth becomes insufficient to sustain the source data rate, the amount of buffered packets will grow and the discard timer on some packets may expire, discarding the packets.

In order to prevent that problem, the allocated bandwidth ratio can be dynamically increased (up to 100% which means the flow would operate in absolute priority mode) if the head-of-queue delay, the buffer size or the error rate passes a certain threshold. After a few packets have been expedited, the head-of-queue delay or the buffer size will naturally come down and the allocated bandwidth ratio can come back to its original value.

This dynamic change can be realized by configuring a delay threshold for the head-of-queue packet (or a buffer size threshold or an error rate threshold) and the bandwidth ratio that applies when the head-of-queue delay is above the configured threshold. 
3. Conclusion

We propose to discuss the proposed scheme in the context of the UL TFC selection and capture the proposal in the TR.
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