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1. Introduction
This contribution discusses the need for Active Queue Management (AQM) in the UE for non-GBR bearers. In particular, we argue that:

· UE support for AQM is needed in LTE for non-GBR bearers (typically carrying TCP traffic):
· to ensure responsiveness of the service;

· to ensure reasonable end-to-end delays;

· to ensure optimal link utilization;

· Unspecified AQM behavior may lead to unpredictable UE performance for non-GBR bearers;

· queue-size based AQM algorithms do not perform well with bandwidth variations;
· scheduling and radio resources determine instantaneous bandwidth and variations; 

· AQM for non-GBR bearers should be controlled by the network;
· a set of configurable parameters should be defined;

Consequently, we suggest that:

· AQM can reuse the already agreed SDU Discard mechanism defined in PDCP:
· a delay-based AQM approach is better suited for bandwidth variations;

· UE behavior for AQM should be specified in PDCP;

· should be applied on PDCP SDU, if possible;

· AQM is specified using 3 parameters:

· a 1st parameter to make AQM independent of the instantaneous link data rate;

· a 2nd parameter to ensure the UE does not drop from an almost empty queue;
· a 3rd parameter to ensure the UE does not drop multiple packets from the same TCP window

The following sections provide more details on our reasoning, as well as a text proposal to TS 36.323.
2. Background
SDU Discard function in PDCP

The SDU Discard function in LTE uses one SDU Discard timer per PDCP SDU. This timer is located in the PDCP layer and is started when a packet is delivered by the higher layers. When the SDU discard timer expires, a PDCP SDU is discarded to keep the transmission delay of individual SDUs below a configured limit (i.e. the packet delay budget, for GBR flows). 
This paper proposes to also use the SDU discard function for AQM, for non-GBR flows.
L2 Buffer Requirements

For TCP based applications, the amount of data in the UE buffer used to store incoming packets from the application layer can be very large, basically as large as the TCP window. The preferred TCP window size depends on the data rate and latency, but should be at least large enough to cover the variation in the outstanding TCP segments due to TCP congestion control. As a rule of thumb, the TCP window size could be roughly twice the bandwidth delay product. Assuming 75 Mbps data rate and 100 ms RTT, this corresponds to roughly 2 Mbytes.

The size of the incoming packet buffer can lead to very high buffering times with lower data rates. When the network has the means to control the queue management in the UEs, this can be mitigated.

3. AQM for non-GBR bearers in LTE
3.1. On the Need for AQM for non-GBR bearers
AQM can be used to control the size of the queues and corresponding queuing delays. AQM achieves this by actively dropping packets and forcing higher layer protocols such as TCP to reduce their send rate. When TCP reduces its send rate, the queue sizes and queuing delays are reduced. AQM is a sender-side function, where the decision to drop packets can be based on a threshold e.g. on the size of a queue or 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.
Benefits of AQM
A properly implemented and configured AQM function will maintain queue sizes in the UE to reasonable levels, and will in turn limit the total number of packet drops.
Problems when AQM function is not properly implemented / activated 
If a UE does not activate AQM, the result might be:
· a significant increase of the end-to-end delay, possibly beyond an acceptable threshold;

· a reduction of the responsiveness of the service;
· bursts of packet drops; if more than one segment from the same TCP window is lost, this can result is spurious timeouts and retransmissions.
If a UE does not implement AQM properly, larger queues will build-up. Packets could be either tail-dropped or dropped from the front to leave room for other packets; the queue will remain filled for a long period of time and the end-to-end delay and responsiveness will not improve.

· Unspecified UE AQM behavior might impair TCP performance for non-GBR bearers.

It is our view that an LTE L2 transmitter should maintain a reasonable queue size, to provide reasonable queuing delays and responsiveness. The method should be simple and configurable by the network, instead of leaving it up to the UE implementation. The latter approach is currently taken in WCDMA platforms and leads to unpredictable, and often non-optimal, UE behavior.

For non-GBR bearers, the size of the RLC SDU queue typically increases over time, due to the characteristics of TCP congestion avoidance. With increasing queue size, the SDUs remain longer in the queue, and finally spend almost 500 ms there before a segment of an IP packet is transmitted in an RLC PDU towards the receiving peer. 
Proposal 1: 
An AQM function for the UE should be specified in LTE for non-GBR bearers.

Queue Size based AQM
In fixed networks where the available bandwidth is rarely varying, AQM typically use an algorithm that is based on the buffer’s queue size. The threshold for the queue size is typically based on the pipe capacity. The size of the buffer in bytes is also directly connected to the pipe capacity, which is in turn based on the bandwidth of the link. The pipe capacity is the minimum amount of data a TCP flow needs to have in-flight to fully utilize the bandwidth of the bottleneck link.
In wireless networks and thus with LTE, the instantaneous bandwidth will vary; the pipe capacity will then change over time, and for AQM to always use the correct threshold is not trivial. With varying radio conditions and varying bandwidth, the UE buffers will have a varying queue size making it difficult to derive a threshold for the queue size based AQM. Similarly, the optimal size of the buffer will also vary with time. Finally, pipe capacity requires RTT estimations. 

There is thus inherent complexity for a UE to dynamically adjust its AQM behavior based on a queue size AQM algorithm, and its configuration is non-trivial.

· Optimal AQM UE behavior is difficult to achieve with queue size AQM algorithms:

· Varying bandwidth makes queue-size based AQM difficult to configure properly; 

· Complexity could be a hinder for widespread activation of AQM functions in UEs. 
Delay-based AQM
In LTE, the eNB schedules UEs using shared resources based on radio conditions and available data; thus the bandwidth can vary rapidly, and thus so will the pipe capacity. An AQM function that is independent of the instantaneous bandwidth and instead takes into account the delay of the packets in the buffer when deciding which packet to drop performs better and would be simpler to configure.
· The AQM function in LTE should be delay-based
3.2. Details of the AQM Function for non-GBR bearers
For non-GBR flows, the AQM behavior should be specified in the PDCP layer. One possibility is that the AQM function discards only uncompressed, unciphered PDCP SDUs. However, it would still be an acceptable alternative to discard compressed and/or ciphered PDCP PDU.
Proposal 2: 
The AQM function should be specified in PDCP.

The SDU Discard mechanism can be used for AQM. AQM can reuse the SDU discard timer already associated to each PDCP SDU for the AQM function. The discarded PDU does not necessarily correspond to the SDU for which the timer expired.
Proposal 3: 
The AQM function is based on the SDU discard function.

Proposed parameterization of the delay-based function

For LTE, the realization of a delay-based AQM function requires three important conditions to be fulfilled, each of which can be parameterized with one single parameter:
1) AQM must be independent of the instantaneous link data rate:

AQM_Min_Age_Threshold: this parameter is the maximum queuing delay for a packet.
2) the UE must not drop from an almost empty queue:

AQM_Lower_Drop_Threshold: This parameter is needed to ensure that there are packets in the buffer left to trigger a duplicate TCP acknowledgement, to trigger TCP’s fast retransmit and to avoid retransmission timeouts. It represents a minimum number of packets to be present in the buffer when a packet is dropped. 
3) The UE does must drop multiple packets from the same TCP window:

AQM_Min_Inter_Drop_Time: This parameter indicates the minimum amount of time between packet drops, to prevent consecutive packet drops which would lead to e.g. TCP timeouts thereby reducing data rate more than intended.
Proposal 4: 
AQM is defined using three parameters: AQM_Min_Age_Threshold, AQM_Min_Inter_Drop_Time and AQM_Lower_Drop_Threshold. 

Proposal 5: 
The parameters of the AQM function should be configured by RRC at establishment of the radio bearer.
Proposed realization of the delay-based function

The following behavior characterize the AQM behavior in PDCP using the above parameters: when data is fetched 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 (the “age”) by subtracting the stored arrival time (i.e. information already available for the SDU Discard function) from the current time. If this age exceeds a configurable AQM_Min_Age_Threshold, the packet shall be dropped and the next packet shall be fetched from the buffer.

In addition, 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 SDU

Store the current time

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 pseudo-code.

4. Conclusion
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.

It is proposed that RAN2 discusses and agrees on the proposals listed in this contribution:

Proposal 1: 
An AQM function for the UE should be specified in LTE for non-GBR bearers.
Proposal 2: 
The AQM function should be specified in PDCP.

Proposal 3: 
The AQM function is based on the SDU discard function.

Proposal 4: 
AQM is defined using three parameters: AQM_Min_Age_Threshold, AQM_Min_Inter_Drop_Time and AQM_Lower_Drop_Threshold. 

Proposal 5: 
The parameters of the AQM function should be configured by RRC at establishment of the radio bearer.

If RAN2 agrees to this, text proposal to TS 36.323 that reflects proposals 1-4 is provided below.
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------------------------------------- Text Proposal to TS 36.323 -----------------------------------------

------------------------------------------- Sections Omitted -----------------------------------------------

5.9    PDCP discard

When the Discard_Timer expires for a PDCP SDU the UE shall discard the PDCP PDU along with the corresponding PDCP SDU. If the corresponding PDCP PDU has already been submitted to lower layers the discard is indicated to lower layers.
At the time when an SDU is handed over to either the header compression function, if configured, or to the ciphering function for processing, the UE shall:
· if the PDCP buffer size is larger than the value of AQM_Lower_Drop_Threshold; and
· if current time - arrival time of the SDU in the buffer > AQM_Min_Age_Threshold; and
If AQM_Min_Inter_Drop_Timer is not running; then
-
Discard one SDU from the PDCP buffer
-
Start the AQM_Min_Inter_Drop_Timer
------------------------------------------- Sections Omitted -----------------------------------------------

7.1
State variables
This sub clause describes the state variables used in PDCP entities in order to specify the PDCP protocol.
All state variables are non-negative integers.
The transmitting side of each PDCP entity shall maintain the following state variables:

a)
Next_PDCP_TX_SN

The variable Next_PDCP_TX_SN indicates the PDCP sequence number of the next PDCP SDU for a given PDCP entity. At establishment of the PDCP entity, the Next_PDCP_TX_SN is set to 0.

b)
TX_HFN

The variable TX_HFN indicates the HFN value for the generation of the COUNT value used for PDCP PDUs for a given PDCP entity. At establishment of the PDCP entity, the TX_HFN is set to the value indicated by upper layers.

The receiving side of each PDCP entity shall maintain the following state variables:

c)
Next_PDCP_RX_SN

The variable Next_PDCP_RX_SN indicates the next expected PDCP sequence number by the receiver for a given PDCP entity. At establishment of the PDCP entity, the Next_PDCP_RX_SN is set to 0.

d)
RX_HFN

The variable RX_HFN indicates the HFN value for the generation of the COUNT value used for the received PDCP PDUs for a given PDCP entity. At establishment of the PDCP entity, the RX_HFN is set to the value indicated by upper layers. 
e)
AQM_Lower_Drop_Threshold
The variable AQM_Lower_Drop_Threshold indicates the minimum amount of SDUs in the PDCP buffer. At establishment of the PDCP entity, the AQM_Lower_Drop_Threshold is set to the value indicated by upper layers.
f)
AQM_Min_Age_Threshold
The variable AQM_Min_Age_Threshold indicates the maximum queuing delay for a SDU in the PDCP buffer. At establishment of the PDCP entity, the AQM_Min_Age_Threshold is set to the value indicated by upper layers.
7.2
Timers

The transmitting side of each PDCP entity for user plane radio bearers shall maintain the following timers:

a) Discard_Timer

The value of the timer is signalled by upper layers. In the transmitter, a new timer is started upon reception of an SDU from upper layer.

The receiving side of each PDCP entity, for user plane radio bearers that are mapped on RLC AM, shall maintain the following timers:

b) Flush_Timer

The value of the timer is signalled by upper layers. The timer is started when upper layers indicate that a handover has occurred. 

c) AQM_Min_Inter_Drop_Timer
The value of the timer is signalled by upper layers. The timer is started when the AQM function discards an SDU.
------------------------------------------- Sections Omitted -----------------------------------------------



















































































































































































