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1 Introduction

LTE will provide data rates between ~100 kbps and ~100 MBps on the radio interface. Consequently, also the time required to transmit a certain amount of data varies significantly (transmission delay for 1 MByte: 80 seconds @ 100 kbps, 0.08 s @ 100 MBit). 
In this paper we therefore propose to use an SDU Discard mechanism for Active Queue Management (AQM), i.e., to control the size of the (IP) queue and corresponding queuing delays. AQM achieves this by actively dropping packets and forcing higher layer protocols such as TCP to reduce their send rate, thereby leading to a reduction of the queue size and queing delays (see ‎[4] for more background information). AQM is a sender-side function, where the decision to drop packets can be based e.g. on the size of a queue of on the age of the queued packets; knowledge about the type of queued packets can be used for optimizations but is not a stringent requirement.
2 Discussion
In contribution R2-074689 ‎[4], we provide some background on AQM and propose that an AQM mechanism be specified for LTE; the proposal is motivated by the need to ensure that an LTE L2 transmitter maintains a reasonable queue size to provide reasonable queing delays and responsiveness. The same contribution also proposes to use SDU discard to realize the AQM mechanism for LTE, and that the queuing be modeled in PDCP. Consequently, it is also proposed that the SDU discard should be located in the PDCP ‎[4].

2.1 Delay Based SDU Discard algorithm

As already stated in the stage 2 description we think that SDU Discard should be timer based.
The SDU discard procedure of the UTRAN RLC (‎[1], section 9.7.3) aims to avoid excessive buffering of RLC SDUs in the RLC transmitter, to reduce the end-to-end latency and to improve performance. The timer based SDU Discard mechanism without explicit signaling, as defined in ‎[1] for RLC UM, provides basic means for an AQM mechanism. It starts a timer
 for each higher layer SDU entering the RLC entity, and discards the SDU when the timer expires.

We suggest defining a similar mechanism to realize the AQM function for LTE. The advantage of a timer based mechanism is that the parameters are almost independent of the actual data rate and therefore easy to configure.
The reasoning for using a delay-based SDU discard algorithm to realize the AQM function is based on the fact that packets should be dropped when the queuing delay exceeds a reasonable value.
A reasonable value for the maximum queuing delay can be determined based on expected user experience, based on requirements of higher layer protocols sharing the same radio bearer, and based on maintaining a sufficient amount of data in the queue to avoid underutilization of the link.
Taking the example of TCP traffic, the amount of data needed in the queue is at least one bandwidth-delay product (BDP), i.e., the data rate of the bottleneck link times the end-to-end round trip delay. This means that the queue must contain a sufficient amount of data to serve the underlying (radio-)link for one end-to-end round trip time. Consequently, AQM should drop a packet only once the time an SDU resides in the queue of incoming packets exceeds one end-to-end round trip time. A value in the order of ~500 ms, to provide some margin for varying Internet delays and possible increase in data rates, can ensure that there is always enough data in the queue. Finally, it is always possible to drain the queue in about 500 ms, which is acceptable from the perspective of both the end-user and the transport layer protocols (delay experienced by cross-traffic).
Proposal 1: The SDU Discard mechanism takes the queuing delay into account rather than the stored number of bytes.
From a UE implementation perspective, this means that the PDCP records the time when the PDCP SDU was delivered by the higher layer, and store this value together with the data block in a buffer. At this point, it is preferable that no PDCP sequence number is assigned, and consequently that the buffering is performed on the uncompressed, unciphered PDCP SDU. When data is fetched data from the buffer (either upon a transmission request by lower layers or when deciding to perform header compression and ciphering), the UE shall determine the queuing delay (“age”) by subtracting the stored arrival time from the current time. If this age exceeds a configurable AQM_Min_Age_Threhold, the packet shall be dropped and the next packet shall be fetched from the buffer.
Furthermore, it is preferable to avoid burst drops as older TCP versions react with a too drastic decrease in their send rate. Therefore, any consecutive drops shall be avoided for a configurable AQM_Min_Inter_Drop_Time. A reasonable value is in the order of a few hundred milliseconds.
Finally, SDUs shall only be dropped if more than AQM_Lower_Drop_Threshold packets are queued. It is recommended to set this value to be at least 3 packets, as TCP needs at least 3 segments to trigger a fast retransmit and to avoid a timeout.

A resulting pseudo code could look as follows:
If Queue size > AQM_Lower_Drop_Threshold; and
If age > AQM_Min_Age_Threshold; and

If time since last drop > AQM_Min_Inter_Drop_Time; then


Discard first packet from the queue


Store the current time
Proposal 2: The SDU Discard mechanism has three parameters configurable by RRC: AQM_Min_Age_Threhold, AQM_Min_Inter_Drop_Time and AQM_Lower_Drop_Threshold.
The amount of data being processed by the UE, i.e., removed from the PDCP SDU buffer but not yet transmitted by layer 1, should be small compared to the size of the queue controlled by AQM. If it is not, the amount of data or the resulting additional delay must be taken into account when computing the age in the AQM algorithm. If a UE implementation ciphers and header compresses data for approximately 50 ms, this value must be added to the age determined in the above-mentioned pseudo code.
The intent of the proposed AQM algorithm is not to enforce the Maximum Bit Rate (MBR) per flow or to enforce an aggregate MBR (AMBR) per UE; but the intent is rather to ensure reasonable end-to-end round trip times, and thereby to improve the responsiveness experienced by the end-user.

3 Conclusion
In this document, we propose to use an SDU Discard mechanism to realize an Active Queue Management mechanism for the LTE UE. The purpose is to  

· actively control the size of the SDU buffer

· achieve reasonable queuing delays 

· provide responsiveness among multiple data flows from the same UE

· avoid transmission of outdated information. 

The particular advantage of a timer based mechanism is that the AQM parameters do not need to be adapted to the instantaneous data rate so that no further signaling after bearer setup is required. A small set of SDU Discard parameters should be configurable via RRC signaling. 

In particular, we propose

Proposal 1: The SDU Discard mechanism takes the queuing delay into account rather than the stored number of bytes.

Proposal 2: The SDU Discard mechanism has three parameters configurable by RRC: AQM_Min_Age_Threhold, AQM_Min_Inter_Drop_Time and AQM_Lower_Drop_Threshold.
Depending on the stage 2 decisions, the actual location of the SDU discard functionality could be in PDCP or RLC. We have enclosed a text proposal for TS 36.323 ‎[5] in section ‎5. However, the actual SDU discard mechanism in the section 5.1.3.1 is not dependent on the PDCP specification, and could be used for RLC based SDU discard as well.
4 References

[1] TS 25.322, “Radio Link Control (RLC) protocol specification”

[2] TS 36.300, “E-UTRA and E-UTRAN Overall description, Stage 2” 

[3] Sågfors M., Ludwig R., Meyer M., Peisa J., “Queue Management for TCP Traffic over 3G Links”, Proceedings of IEEE WCNC 2003, March 2003
[4] R2-074689, “SDU Discard”, Ericsson
[5] TS 36.323, “Packet Data Convergence Protocol (PDCP) specification”, V1.0.0 
5 Text Proposal
4.4
Functions

PDCP provides its services to the NAS / RRC at the UE or the relay at the evolved Node B (eNB).
The Packet Data Convergence Protocol supports the following functions:
-
SDU Discard to control the size of the queue of PDCP SDUs.
-
header compression and decompression of IP data flows using the ROHC protocol,(the version is FFS) at the transmitting and receiving entity, respectively.

-
transfer of data (user plane or RRC data). This function is used for conveyance of data between users of PDCP services.

-
maintenance of PDCP sequence numbers for radio bearers.

-
in-sequence delivery of upper layer PDUs at HO;

-
duplicate detection of lower layer SDUs;

-
ciphering and deciphering of user plane data and control plane data; 

-
integrity protection of control plane data

PDCP uses the services provided by the Radio Link Control (RLC) sublayer.
******* Next modified section *********
5.1.2
Reception of a PDCP SDU from higher layers

At reception of a PDCP SDU from higher layers the UE shall:
-
store the incoming PDCP SDU with a timestamp (current time) in an SDU queue.
5.1.3
Processing a PDCP SDU 

Upon receiving a transmission request from the lower layers the UE shall:

-
if the SDU discard functionality has been configured:

-      perform SDU discard according to sub-clause 5.1.3.1.
-
if the SDU queue is not empty: 

-
retrieve the oldest stored SDU from the SDU queue.
-
associate the PDCP Sequence Number corresponding to Next_PDCP_TX_SN to this PDCP SDU.

-
use the COUNT based on the current value of the variable TX_HFN and the associated PDCP sequence number for integrity protection and ciphering (if applicable) for the PDCP PDU generated based on this PDCP SDU.
-
increment the variable Next_PDCP_TX_SN;

-
if the variable Next_PDCP_TX_SN is larger than the maximum PDCP Sequence Number:

-
set the variable Next_PDCP_TX_SN to 0;

-
increment the variable TX_HFN;
5.1.3.1
SDU Discard
For each SDU in the SDU queue, the UE shall: 

-
compute the age of the oldest queued SDU as the difference between the current time and the timestamp associated with the SDU; 
-
if the age of the SDU exceeds the AQM_Min_Age_Threshold; and 
-
if difference between the current time and the value of the variable AQM__recent_drop_time exceeds Min_Inter_Drop_Time; and 
-
if the size of the SDU queue exceeds AQM_Lower_Drop_Threshold:

-
remove and discard the oldest queued SDU;

-
update the variable AQM__recent_drop_time with the current time.
� Note that an implementation does not need to start a timer but may actually store the arrival time of the data packet and determine the queuing delay when removing it from the queue.






