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Abstract—Active queue management (AQM) is an effective means to enhance congestion control, and to achieve trade-off between
link utilization and delay. The de facto standard, Random Early Detection (RED), and many of its variants employ queue length as a
congestion indicator to trigger packet dropping. Despite their simplicity, these approaches often suffer from unstable behaviors in a
dynamic network. Adaptive parameter settings, though might solve the problem, remain difficult in such a complex system. Recent
proposals based on analytical TCP control and AQM models suggest the use of both queue length and traffic input rate as congestion
indicators, which effectively enhances stability. Their response time generally increases however, leading to frequent buffer overflow
and emptiness. In this paper, we propose a novel AQM algorithm that achieves fast response time and yet good robustness. The
algorithm, called Loss Ratio-based RED (LRED), measureditigg ¢xtesa geatketrpgingtidparuandadt psoxideshpmlétit to queue length
portant role in congestion control 1, 2. However, the congestion notification (ECN) 4 is enabled) before buffer

two main objectives of buffer management, namely, high
link utilization and low packet queuing delay, often conflict
with each other. Specifically, given that most end-nodes
employ the responsive Additive Increase and Multiplicative
Decrease (AIMD) TCP congestion control, a small buffer
generally achieves a low queuing delay, but suffers from
excessive packet losses and low link utilization, and vice
versa. In addition, a simple policy like the widely used
First-In-First-Out (FIFO) Tail-Drop often causes strong
correlations among packet losses, resulting in the well-
known TCP synchronization problem 3.

To mitigate such problems, Active Queue Management
(AQM) has beenintroducedinrecentyears 2,3, 5,6, 7,
8,9, 10, 11, 12, 13, 14. The basic idea is to actively

overflow. Obviously, the drop probability should depend on
the degree of congestion. The de facto AQM standard,
Random Early Detection (RED) 5, and many of its variants
employ queue length as a congestion indicator to trigger
packet dropping. Despite their simplicity, these approaches
often suffer from unstable behaviors in a dynamic network.
Adaptive parameter settings, though they might solve the
problem, remain difficult in such a complex system. Recent
proposals based on analytical TCP control and AQM models
suggest the use of both queue length and traffic input rate as
congestion indicators, which effectively enhances stability.
Their response time generally increases however, leading to
frequent buffer overflow and emptiness.

In this paper, we argue that packet loss ratio, which has

never been explored in previous AQM studies, is another
important index. The packet loss ratio is measured as the
fraction of the packets dropped by the router and is
updated over time. Intuitively, for a well-designed AQM
algorithm, the loss ratio should be close to the desired drop
probability in a steady-state, and it deviates from the
desired drop probability if the buffer is (or tends to)
overflow or empty. In other words, an increasing packet
loss ratio implies that congestion occurs, and a decreasing
implies that the congestion is relieved.

Given the above observations, we propose a novel AQM
algorithm, LRED, which incorporates the packet loss ratio
as a complement to queue length for congestion estimation.
We stress two salient features of this hybrid design: First,
the calculation is simple and fast for both measures, which
is desirable for high-throughput routers second, it enables a
multigranular update for the packet drop probability: upon
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Fig. 2. Evolution of packet loss ratio 8&Prand packet drop probability &pbin a simulation. (a) Time duration from 0 to 200. (b) Time duration from 40

to 43.

where wy, is a weighting factor. In order to promptly catch
loss changes, we setwp, to a small value.

Given the estimated packet loss ratio and the instanta-
neous queue length, a straightforward way to meet the
design rules (to control the queue length around an
expected steady-state value) is to use a linear function,
pvsl&kbp & R where pis the packet drop probability
and q is the instantaneous queue length. It is, however,
often difficult to choose an optimal . In particular, if 1&pis
large and is set too small, the packet drop probability for a
small queue length g would still be quite high, resulting in
low link utility. To avoid this, in LRED, we let p increase
with the measured loss ratio; in other words, we have:

q
pvalkbPp I&HEYy b

where > 0 is a preconfigured constant. Intuitively, the
adjustment of the packet drop probability should be related to
traffic rate change, in order to avoid buffer overfigw or buffer
emptiness. In (3), this adjustment is set to kg ok
which uses square-root funqion of 1&PR This square-root
function can guarantee that IkBg bis proportional to
the percentage of traffic rate change, if we assume traffic flows
are TCP. This is because the TCP throughput is reversely
proportional to the square-root of the stable packet loss ratio
[15]. Furthermore, given that & @Pdepends on both the
value of stable traffic rate and the peggentage of traffic rate
change, the product of &@ @Pand I&pbdepends on the
percentage of traffic rate change only. Our analysis in
Section 5 also shows that (3) ensures stable control. In the
case of nonuniform packet sizes, different drop probabilities
may have to be applied to packets with different sizes.
Specifically, larger packets might have higher drop prob-
abilities. In this case, we can maintain the expected queue
length counted in bytes and, therefore, improve the fairness
among TCP connections with different packet size.

ap

It can be seen from (2) and (3) that LRED updatesi&pand p
at different time scales. |&bpis updated every measurement
period (see Fig. 1), while the packet drop probability p is
recalculated each time a new packet comes. In a steady-state,
1&pcould converge to a stable value. However, the AIMD
mechanism in TCP implies that a TCP sender will always try
to decrease (or increase) its sending rate if it detects packet
loss (or not); therefore, the queue length in routers will
unavoidably fluctuate and the packet drop probability pthus
fluctuates around &R This is illustrated in Fig. 2, where we
can seeladOp |Alp |HA2P 43P 0:12 When t %410,
|31p 0:12. When t< 410, the packet drop probability
fluctuates around 0.12.

We can observe from (3) and Fig. 2 that: 1) In between two
adjacentinstantsk and k p 1, when pis updated according to
(3), I&kbremains constant and, therefore, p depends only on
the control error & bk or more precisely, it is proportional
tod bPonly. 2) In a steady-state, I&kbwill be close to the
stable value and, therefore, pis still proportional to the control
error & bin this case. As such, we believe that LRED is
closer to a proportional controller.

Detailed operations for LRED can be found in Fig. 3
where @ is assumed to 100. We will further discuss its
parameter settings and prove its stability with the square-
root function in Section 5.

4 MobDEL oF CoMBINED TCP/AQM SYSTEMS

In this section, we first review an analytical model for a
combined TCP/AQM system [11], [14]. We then make
several important observations on the model, which serve
as the basis for designing a stable AQM algorithm, in
particular, for LRED proposed in this paper.

4.1 The Combined TCP/AQM Models

We consider an abstract network of a single bottleneck with
multiple TCP connections. Its status can be represented by a
3-tuple aN; C; RB where N is the number of TCP flows, C is
the bottleneck link capacity, and R is the round-trip time
(RTT). With the assumption that TCP flows are long-lived
persistent and packet size is constant, the system equation
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/* Parameters */
q, :the expected value of queue length;

p : the calculated packet drop probability;
0 : weighting factor (=0.001 in this paper);
M :the number of the latest periods to measure /ossRatio

/* Initialization */
arrPktNum=0; drop PktNum=0;
M=4;

allArrNum=0;

wn =0.1; 6=0.001; t
LossRatioMeasure() /* Called every ¢, seconds */

dropNum[index]=drop PktNum;
arrNumlindex]=arrPktNum;
arrPktNum=0;

dropPktNum=0;

index++;

if (index==M) index=0;

for (i=0; i<M; i++) { allDropNumt=dropNum]i]; }
for (=0; i<M; i++) { allArrNum+=arrNum[i]; }
lossRatioTemp=allDrop Num/allArrNum;
lossRatio=lossRatio *wy+lossRatioTemp*(1- wy,);
allDropNum=0,

allArrNum=0;

O gNP LW N~

allDropNum=0,

q :the current instantaneous queue length;
lossRatio : the estimated packet loss ratio;
tn :the measurement period;
; Wm : the measurement weight;
index=0;
lossRatio=0.0;

q, =100;
»=1.0;

Enqueue() /* Called upon each packet arrival*/

1 arrPktNum++;

2 p=lossRatio + BlossRatio(q — ¢,);
3 p= max(0, min(l, p));

4 random=uniformRandom(0, 1);

5 if (buffer is full) {

6 Drop the packet;

7 dropPktNum++;

8

9 else if (random> p) {Enqueue the packet; }
10  else { Drop the packet;

11 dropPktNum++;

12}

Fig. 3. Pseudocode of the LRED algorithm.

for the TCP congestion window dwp and the queue length
d0p can be approximated as [11]:

Wvefow pp vt WOPWOL RP e Re 84b
R R
, N
qYa gdw; pb Ya ﬁwétb C; 05p

where p is the packet drop probability, and is a parameter
depending on TCP implementations. Let bbe the number of
packets acknowledged by a received acknowledgement
(ACK), we have ¥ 3=2b[15]. Equations (4) and (5) give a
model of combined TCP/AQM system with long-lived
flows and constant packet size. It is worth noting that the
actual traffic mix in real Internet might be more complex;
for example, flows can start and end all the time and the
packet sizes may vary for different applications. Yet,
existing studies have shown that this model offers a good
approximation [11], [12], [14].

If we let f éw; pp % 0 and gdw; pp ¥4 0, the TCP congestion
window w, and packet drop probability p, in a steady-state
can be calculated as:

2
Y.

RC
Wy Ya—; pPo¥e < 1:
N
For ease of exposition, we assume each ACK acknowl-
% 1:5. The

steady-state throughput of gpsingle TCP flow given by the

edges only one packet; therefore, b% 1 and

32 L. . .
above model becomes % Ya "Pe/ which is consistent with

the well-known TCP throughput equations [15].

From (4) and (5), it is clear that the combined TCP/AQM
system is nonlinear. Let w 4w wyand p %4p py be the
mismatches (i.e., the deviations from the steady-state
values) for the TCP congestion window and the packet

drop probability, respectively. Equations (4) and (5) can be
locally linearized around a stable point dwp; poP by assuming

woth  wot RP as follows:
. @f @f
v, = 1 I .
W/4@Ww|o@pp/4 iKyywpKppdt Rp; 47
.., @g @g
1 1 .
qYa @WW b@pp Ya Ko W; o8p

2L, Ko %8BS, and Koy % 8 [11]. All of them

are positive constants related to the network parameters.
Applying Laplace transform to (7) and (8), we have the

where K1, Y

following system equations:

SWosb ¥4 4K ;;Wasb p K 1,Pdsbe RS ; 39p

sQ0dsb ¥4 K o; W dsh: 010p
In (9) and (10), there are three unknown variables: W dsp,
Pdsb, and Qdsb. Hence, it is necessary to find one more
equation to solve the problem. This can be achieved by
bridging Pdsb and Qdsp through AQM. As discussed earlier,
our proposed LRED is a proportional controller; we thus
focus on the proportional AQM control in our analysis.
Consider an AQM proportional control mechanism that
determines p according to the instantaneous queue length q.
Its general control equation can be formulated as:
pYH:q: 011p

The corresponding system equation can be written as:

Pasp ¥a He  Qdsb; 012p

where H¢ > 0 is a predefined parameter.
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4.2 General Properties of Proportional AQM Control

From (9), (10), and (12), we can obtain the characteristic
equation for such a system as:

s pKyspKcHee Rv,0;

where K¢ % K Ko % §7

The stability of the above system depends on whether
the root of (13), s% pj!', lies in the left half-complex
plane. To facilitate its stability analysis, we have made the
following observations on (13).

First, if the root of (13) strictly lies in the left half-complex
plane, the combined system, defined by network para-
meters ON; C; RP and AQM control parameter Hg, is stable.
Hence, given 0N;C;RbP, we can choose H to satisfy this
condition. On the other hand, given control parameter H,
only some of the system dN; C; RP can be stably controlled.
Specifically, when R % 0, the root of (13) is:

Ky K3 4K Hc

2

which strictly lies in the left half-complex plane irrespective
of K2 4K H¢or K% < 4K H.. Therefore, the system with
zero delay is stable.

When R > 0 and letting s ¥4
calculated as follows:

013p

014p

SYaSy Ya

pbj! , the root of (13) can be

2 12pK;; pKcHe R cosdR! b % 0; d15b

21 pKy!  KcHee R sindR! b Y 0: d16b

Clearly, the imaginary part 8! P of root s is nonzero;
otherwise, (15) will be invalid. Also note that s changes
continuously in the complex plane when N, C, R, or H¢
changes continuously. Assume the first time that S meets
the imaginary axis is at R% RP. When 0 R<RP, s
should strictly lie in the left half-complex plane, and the
system is thus stable. The remaining problem therefore is to
find the value of RP.

We first consider the absolute imaginary root ds % j! b
with !> 0 (the case of ! < 0 is symmetric). When R > 0,
(13) can be rewritten as:

e FK H
TésbYa——> 1, 1:

SaSb K1P 817

Given (17), the following conditions on magnitude and
angles must be met,

JTO)! PjYal; Tl b¥%d2kp 1p; k Y0; 1; 2;

and ! can be calculated as:

10N; C;R;HPp ¥a! Y /yoN; C; R; H b=2; 018b
YON;C; Ry H b ¥a /K Y, P 4K 2H2  K3j; 319b
!
R! barctan(K—) b§1/4 2k p 1p; k %0;1;2: 020p
11
Since K;; is a decreasing function of R, and K is

independent of R, we have that ! dN;C;RqQ;HP is an
increasing function of R, if H¢ is independent of or an

increasing function of R. Therefore, RP corresponds to the
smallest R satisfying (13) and (17). Now, the problem is to
determine the value of Kk that yields the smallest R, which
can be solved through the following lemma.

Lemma 1. When k% 0, (18), (19), and (20) yield the smallest
value of R and !, if H¢ is independent of or an increasing
function of R. Also, (20) can be simplified to:

021p
K11 2

!
R! p arctan (—) Ya—:
Proof. We prove this by contradiction. Assume that
k ¥ 0Ri;!kp, k>0, R¢> 0, and !¢ > 0. According to
(20), we have:

| |
Rk Rolo%2k p [arctan <—0) arctan <—k)}
K1 K
> 92k =2>0:

Assume Ry Rj, we have ! ! according to (18)
and (19), if H¢ is independent of or an increasing function
of R.Since Ry Rpand !y !, wehave Rk Rg!ly,
which contradicts that R¢!y Rg!g> 0 . Hence,
Rk > Ry, or equivalently, (18), (19), and (20) yield the
smallest value of R and ! when k % 0. L8

Lemma 2. Given network parametersdN; Cb and AQM control
parameter He. Assume that RP satisfies:

|
RPI o arctan (K—> 1/45; RP > 0 922b

11
where | is the solution to (18) and (19). If function
YyON; C; R;H P in (19) is an increasing function of R, then
the system is stable for all R < R P, and RP is unique.

Proof. Since ydN; C;R;H P is an increasing function of R,
according to Lemma 1, RP is the smallest R that satisfies
(13) and (14), and is unique. It also means that the first
time the root meets the imaginary axis is at R ¥4 RP.
Therefore, the system is stable for all R <R b, L

Lemma 3. Given network parameters 6C; RP and AQM control
parameter Hc. Assume that N satisfies:

|
R! barctan(K'—H) 1/4§;N > 0;

d23p

where | is the solution to (18) and (19). If function
yoN; C; R; H b in (18) is an increasing function of R and a
decreasing function of N, then the system is stable for N > N

Proof. Let RINP be the solution to (13) with N >N . If
R <RONP, from Lemma 2, the system is stable for all
N >N . Since ydN;C;R;HP in (18) is a decreasing
function of N, we have:

1ONPYION;C;R;HpP <! 6N ;C;R;HpP Y ! N b:

Moreover, Ky; is an increasing function of N, which
implies:

!
R! 6N P barctan('KaN p) <R! N p

10N p
barctan( K )1/4—:
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Since RONP! dNP p arctant! INP=K; Y5, we have
R3NP >R and, hence, for all N>N , the system is
stable. o

Lemma 4. Given network parameters dN; C; Rb, and assume that
H satisfies:

I
R! p arctan (K_> Ya 5; H. > 0; 024p

1
where | is given by (18) and (19). If function yoN;C; R; H cp
in (19) is an increasing function of both R and Hc, then the
system is stable for all He < H .

Proof. Similar to that of Lemma 3. L
Theorem 1. Let the network parameters be N ;C; RPb, and

assume that HP satisfies:

!
RP! barctan(—) Ya—;HP > 0; 825p

K 11 2
where ! is given in (18) and (19). If function yoN;C;R; H cp
in (19) is an increasing function of R, a decreasing function of
N, and an increasing function of H, then the system is stable
for He<HP,N>N ,and R<RP.

Proof. Directly follows Lemmas 2 through 4. Lt

5 ANALYSIS oOF LRED AND PARAMETER SETTINGS

5.1 Stability Analysis of LRED

We now investigate the stability of LRED and discuss the
settings of several important parameters, in particular,
Since the packet loss ratio is close to the stable packet drop
probability py in LRED, i.e., Ikb  py, we can approximately
rewrite (3) as:

pvmb Poia o 026p
where, according to (6), pp ¥%a N 2=3R?C?p. It follows that:
p Ya pm a; 027p
or
Pasb Vs PpyQosp; 528

and the system transfer function of LRED (see (12)) is thus
given by:

He V4 Pasb=Qosb ¥ "y 529P

Substituting (29) for H¢ in (18) and (19), we have the
following lemma.

Lemma 5. For LRED, function yoN;C;R;HP in (19) is a

decreasing functign of N, and an increasing function of .

2 32N p?

Moreover, if < —sgseap—, it is an increasing function of R.

Proof. For LRED, ydN; C; R; H (P in (18) can be calculated as:

4 202 2
YON; C;R;H o ¥ (2N)p4 c (2’\');

p
R2C R?2 R2C 830

It can be easily observed that ydN;C;R;HP is a
decreasing function of N and an increasing function of

JANUARY 2007

We now consider its relation with R. The derivative of
function y with respect to R is:

4 202
@y, ‘Wor ‘R AONP
—— 4
R 4 4 2C2 R5C2
@R 5. fsap p 1S
f,6RD
Yo7 b f 43R
*f,3Rp P

Note that y is an increasing function of R if gf? 0,
which is equivalent to:

64 212 32Np'  2ROCS

2 ¢ )

#,0RP T,0RPZ f23RD Y R > 0;
It follows that < p2 52N p2=3R3C3p. ]

Theorem 2. Given network parameters SN :C;RPb, and
assume that  satisfies:

|
RPI tan( — | Ya=: o> 0; §31p
b arc an(K > a50 0 0 3

11

where! is defined in (18) and (19), and H¢ Ya pm in LRED. If

PosoN b4> _

< Py m; . i
Amin| o) SRPPC3

the system is stable for any N >N and R < RP.

Proof. Directly follows Lemma 5 and Theorem 1. Lt

Given Theorem 2, it is easy to find that guarantees
the stability of the system. For example, consider a
network in which the mean packet size ¥ 500 bytes, C Y
2;500 packets=sec (or equivalently, 10 Mbps), N ¥4 300,
and RP % 0:35 seconds. The AQM parameter P is thus
0.001, and, for any < P the system is stable with all
N>N and R<RP.

5.2 Response Time Analysis and Comparison

Since enhancing stability and minimizing response time often
conflict with each other, existing algorithms such as PI [12]
and REM [13] have tried to find a trade-off between them. If
network parameters, in particular, N and R, are known a
priori, these algorithms can achieve a stable control with
minimized response time. In a dynamic network, however, it
is difficult to accesses these parameters precisely. Hence, they
generally resort to a conservative design that guarantees
stability, but may sacrifice the corresponding response time.
For example, the default parameter for PI in NS2 Simulator
[16]issetbased onasmallN andlarge R. When N increases or
R decreases, it will yield a long response time, though the
system remains stable.

In this section, we provide a simple analysis on the
response times of the typical AQM schemes. We focus on a
highly dynamic scenario: at time t% 0, N TCP flows
become active simultaneously, where N is large enough
such that the buffer is fully filled before the system
converges to a steady state with packet drop probability
Po and expected queue length o).

We first consider PI [12], which periodically updates its
packet drop probability with a sampling frequency fp,
(Hz). Each update is as follows:

pokp ¥4 pok Q) bk  1p d32p

1b p aligdkp O ;
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where a> 0 and b>0 are two constants [12]. We can
assume that pdob %2 0 and gdkP  Q before reaching a steady-
state, where Q is the maximal buffer size. It follows that:

pdkp  kda PIQ qb: 033p

Denote pdkob ¥ py. The lower bound of the response time
of PI dRT P is thus:

Ko Po .
— Y :
fp| 66Q q)béa U3fp|p

RTp, d34p

In REM [13], packet drop probability is also periodi-
cally updated with a sampling frequency frem (Hz), as
follows [13]:

pokb Vi 1 udke. 835p
uskb audk 1pp tgpkb 81 bopk 1p qob;  336P
udokpP ¥4 max00; udkpb; 037b

where > 1, > 0,and > 0 are three constants, and their
optimal values are derived in [13]. Similarly, we can also
assume that udop %2 0, udkp 1, and gdkP  Q before reach-
ing the steady-state, which follows that:

udke  k 0Q qb; 038b
PLy uskpln
Kb ¥, 1 udkp 17, 1 -
poke ¥4 ) ; ilp 830b
udkPln Y%k 0Q qbln;

and the lower bound of the response time for REM (RTggy )
is thus:

Ko
frem

Po
0Q @pPln

From (34) and (40), we can see that the response times of
PI or REM mainly depend on the following parameters:
buffer size Q, expected queue length ¢, and packet drop
probability py (which is an increasing function of TCP flow
number N, and a decreasing function of round-trip time R
and link capacity C). Consequently, under heavy conges-
tion or with a high drop probability, PI and REM suffer
from long response times. When bulffer size Q is small, the
responsiveness of PI and REM becomes worse as well.

In LRED, the response time is mainly influenced by the
period 8tyb to measure the packet loss ratio. In particular,
under heavy traffic (e.g., when N is large and/or R is
small), packets will be dropped frequently and the packet
loss ratio can be accurately estimated within a couple of
measurements. As a result, LRED is very responsive in this
case, while PI and REM perform poorly given that p, is
high. More importantly, when network conditions change
dramatically, LRED can quickly converge to new steady
states. When the traffic load is light (e.g., when N is small
and/or R is large), there are few packet losses, and more
rounds of measurement are thus needed for accurately
estimating the stable packet loss ratio. In this case, the
response time of LRED would slightly increase, but remain
comparable to that of PI and REM, as will be shown in our

RTrem Ya

040b
frem

Fig. 4. Network topology for simulations.

simulations. In summary, LRED decouples the response
time and packet drop probability, making its response time
almost independent of the congestion levels.

6 SIMULATION RESULTS

In this section, we examine the performance of LRED
through NS2 [16] simulations. We also compare it with
existing AQM schemes, in particular, PI [12] and REM [13].
For loss ratio measurement in LRED, we set wy, ¥4 0:1,
tm ¥4 1:0 second, and M % 4; is set to 0.001 according to
Theorem 2. The network topology for the simulation is the
commonly used dumb-bell topology (see Fig. 4). In this
topology, five clients are linked to router 1, and five servers
are behind router 2. The capacity of each link is 10 Mbps,
and the link between router 1 and router 2 thus becomes a
bottleneck. The link delay between router 2 and any server
is 2.5 ms, and the delays between the clients (c; through cs)
and router 1 are heterogeneous, denoted by a 5-tuple
0d;; dy; ds; dy; dsp. All the flows in the network are uniformly
distributed among the pairs of client ¢; and server s;. The
default packet size is 500 bytes. The buffer size of each
router is 200 packets unless another value is explicitly
configured such as in Experiment 6. We run each simula-
tion for 200 seconds, which is long enough to observe both
transient and steady-state behaviors of an AQM scheme.

The following parameter settings are used in our simula-
tions. 1) For REM [13], % 1:001, ¥ 0:1, % 0:001, and the
sampling interval is 2 ms. These values are adapted from [13]
and [16].2) For PI[12], we use two settings: default and optimal,
respectively, denoted by P1 and PI . The default values for PI
are a ¥ 0:00001822, b¥% 0:00001816, and the sampling fre-
quency is 170 Hz, which are adapted from [16]; the optimal
values for PI arederived according to the designrulesin[12],
which depend on network parameters 3N ; C; RPb. Here, N
is the minimum number of the TCP flows and RP is the
maximal round-trip time. Hence, the optimal values for PI
are not fixed for the experiments.

In our study, we focus on the following key performance
metrics: goodput, average queue length, average queue
deviation, and packet loss ratio. The goodput is the overall
throughput of the system excluding retransmissions, the
average queue length is calculated as the arithmetic mean of
the instantaneous queue lengths, and the average queue
deviation is the average of the absolute deviations of the
instantaneous queue lengths from the mean.
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Fig. 7. Experiment 3: Comparisons of (a) goodput, (b) average queue length, (c) average queue deviation, and (d) packet loss ratio.

response leads to longer queue length than the other three
schemes (as shown in Fig. 8), which in turn reduces the loss
ratio and increases the goodput. On the contrary, LRED,
PI , and REM effectively realize the expected average queue
length and, thus, have almost the same packet loss ratio.
Compared to PI and REM, LRED has a higher goodput
when @ is smaller than 60, as shown in Fig. 7a. Moreover,
LRED has the smallest queue deviation. Fig. 8 presents the
instantaneous queue lengths for the AQM schemes when q,
equals 20 and 160. It can be seen that LRED achieves better
trade-off between the average queue length and other QoS
performance measures, including goodput and loss ratio.

6.2 Nonhomogenous Traffic: Hybrid Flows

Experiment 4: Adding unresponsive UDP flows. In this
experiment, we investigate the performance of the AQM
schemes with the existence of unresponsive UDP flows. In
addition to the 100 persistent TCP flows, we introduce
100 UDP flows arriving in interval [50 sec, 150 sec]. Each is
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an ON/OFF flow, where the durations of the ON and OFF
states are exponentially distributed with a mean of
1.0 second. The density of the UDP traffic over the total
traffic, , ranges from 0.1 to 0.9, and the rate of each UDP
flow is r %4 10 Mbps=100 during the ON period. Other
settings are the same as those in Experiment 1. Accordingly,
we choose N ¥ 100 and RP % 450 ms for PI .

Fig. 9 presents results of the goodput, average queue
length, average queue deviation, and packet loss ratio, as
functions of the UDP traffic density. It can be seen that
LRED generally outperforms PI, PI , and REM in all these
performance measures, especially when the UDP traffic
density is high. Note that REM achieves better perfor-
mance than PI in this experiment; however, it is stable
with quite restricted network conditions only, as shown
in Experiment 2.

We also present the instantaneous queue lengths for the
AQM schemes in Fig. 10. There are two interesting
observations. First, when increases, LRED can still
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Fig. 8. Experiment 3: Queue length for AQM schemes. (a) ¢ ¥ 20. (b) gy ¥4 160.
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Fig. 9. Experiment 4: Comparisons of (a) goodput, (b) average queue length, (c) average queue deviation, and (d) packet loss ratio.

regulate the queue length to the expected value with much
smaller under or overshoots than PI, PI , and REM. Second,
the buffers of PI, PI , and REM are overflowed (or empty)
for a long time when the UDP flows start arriving from
50 seconds (or stops after 150 seconds), especially if is
large, i.e., 0.9. This is due to the slow responsiveness of PI,
PI , and REM, which result in low goodput and high loss
ratio. On the contrary, there is only a short-term increase (or
decrease) at time 50 seconds (or 150 seconds), which implies
that LRED has a much shorter response time.

Experiment 5: Adding short-lived tcp flows. Besides
unresponsive UDP flows, short-lived TCP flows can also
affect the performance of an AQM scheme. In this set of
experiments, we introduce short-lived TCP flows, which
arrive in intervals [50 sec, 150 sec] following to a Poisson
process. The mean arrival rate  varies from 10 flows/
second to 100 flows/second, and the length of each short-
lived TCP flow is uniformly distributed in [1.0 sec, 2.0 sec].

Other parameters are the same as those in Experiment 4 and
N % 100 and RP % 450 ms are still set for PI .

The average queue lengths, average absolute queue
deviations, goodputs, and packet loss ratios for the three
AQM schemes in this experiment are compared in Fig. 11.
Clearly, LRED outperforms PI, PI , and REM in all these
measures. In addition, Fig. 12 shows the instantaneous queue
length for PI, PI ,REM, and LREDfor ¥ 30and 100.LREDis
again more stable due to its good responsiveness.

We also compare LRED with AVQ [10] in such a
heterogeneous traffic environment. AVQ is known to be
effective in regulating the queue length and achieving high
link utilization [10]. In the design rules of AVQ in [10],

< 0:2 is required to guarantee stability for this scenario
(N %100, RP ¥, 450 ms, and C ¥ 2;500 packets=seconds).
Hence, we let parameter vary from 0.01 to 0.15 and set the
expected utility of AVQ, , to 0.98. To make a fair
comparison, we also set @y in LRED to small values (10
and 20), which match the average queue length in AVQ.
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Fig. 11. Experiment 5: Comparisons for Pl, REM, and LRED. (a) Goodput, (b) average queue lengths, (c) average queue deviations, and (d) packet

loss ratios.

The performance measures are presented in Fig. 13. When
decreases, AVQ achieves higher goodput and lower loss
ratio, but larger average queue length as well as queue
deviation. When 60, LRED with ¢ % 20 is better than
AVQ. When > 60, LRED with q) ¥ 10 outperforms AVQ.
It implies that LRED achieves better performance than
AVQ), if assigned with a small q.

According to [17] and [18], the Pareto distributions of file
sizes and durations could contribute to the self-similar
characteristics of the Internet traffic. Hence, we have also
conducted experiments with the packet interarrival time
and flow’s duration being set to Pareto distributions, with
the same means in the previous experiment. The results are
presented in Fig. 14, for PI, PI, REM, and LRED,
respectively. It shows that LRED still has faster response
and better performance, and the difference between the
results of Poisson and Pareto distributions is generally
insignificant. However, it is worth noting that the Pareto
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Fig. 12. Experiment 5: Queue lengths for the AQM schemes, where

(b) ¥ 100 flows=second.

distribution is not necessary the best Internet traffic model,
particularly considering that the Internet traffic has always
been changing with such emerging new technologies and
applications as peer-to-peer communications. We expect
that, in our future study, more results can be obtained using
up-to-date Internet traces or advanced traffic models, e.g.,
the Fractional Gaussian Noise (FGN) distribution [19].

6.3 Two-Way Traffic: Forward and Reverse
Direction

Experiment 6: Two-way traffic and two-way congestion. In
this experiment, we introduce two-way traffic: 1) In the
reverse direction, namely, from the clients to the servers
(see Fig. 4), only short-lived TCP flows with a Poisson
arrival process of a 200 flows/second arrival rate are
configured. The other parameters related to short-lived TCP
flows are the same as that in the Experiment 5. 2) In the
forward direction, or from the servers to the clients, there
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Fig. 13. Experiment 5: Comparisons between LRED and AVQ. (a) Goodput, (b) average queue lengths, (c) average queue deviations, and (d) packet

loss ratios.

are 300 persistent TCP flows. We setN %200 and RP ¥
600 ms for Pl . Note that congestion will occur in both

directions of the link connecting Routers 1 and 2 in Fig. 4.

We set the simulation time to 100 seconds, which enables
20,000 short-lived TCP flows, and is long enough to
discover the performance difference among the AQM

schemes (see Figs. 15 and 16).

We collect the queue length for the AQM schemes in
both directions of the congested link. In Fig. 15 (g ¥ 100
and Q ¥ 200), we can see that, all the AQM schemes have
noticeable overshoots in this case with bidirectional con-
gestion on the same link; yet, LRED controls the queue
length better than others. The forward traffic that consists of
persistent TCP flows is influenced more noticeably than the
short-lived TCP flows in the reverse direction (Fig. 15b). To
avoid buffer overflow (see in Fig. 15b), we increase the
buffer size from Q %200 to Q ¥ 400 The results are
presented in Fig. 16, where both Pl and Pl still show
slower response and bigger overshoot. Although REM
responds more quickly, its queue length is often below the

Fig. 14. Experiment 5: Queue lengths for the AQM schemes when the
short-lived TCP flows follow a Pareto process 8 ¥ 100 flows=secondp

expected value (100), leading to lower goodput. On the

contrary, LRED still regulates queue length around the

expected value (100) and achieves better control effect than
other schemes.

6.4 Summary

Our simulation results suggest that LRED achieves fast
response even under heavy congestion and its performance
is quite good in terms of goodput, queue length and queue
deviation, and packet loss ratio. Pl and REM, however, have
slower response, which leads to performance degradation
under dynamic network environments. Specifically, their
packet dropping probability is iteratively computed (see
(32) and (35)); if po is high (e.g., when the RTT R is low and
the number of TCP flows N is large), Pl and REM need a
long time for the drop probability p to converge to po. The
convergence rate and response time of LRED are almost
independent of pg, as shown in Fig. 5, but mainly influenced
by the measurement period. More importantly, when the
network is highly dynamic, LRED can quickly converge to a
new stable state through its multigranular update.

LRED relies on the measured packet loss ratio and,
therefore, the parameters involved in measurement should
be carefully configured. Specifically, the measurement
weight dwvy,Pin (2) should be set to a small value in order
to capture the latest packet loss. Regarding measurement
period &b if it is too small, the measurement could be
inaccurate; but if it is too big, the response time can be
longer. Our experience shows that wy, ¥40:1 and tp, Y2 1.0
are reasonable choices in most scenarios.

Another parameter in LRED is , whose guideline is
given by Theorem 2. Note that, if is too big, the packet
drop probability calculated by (3) will be either bigger than
1 (when g > qp) or smaller than 0 (when g < qp). In this case,
LRED behaves like a virtual Tail-Drop with a virtual buffer
size of gp. Fig. 17 presents the simulated results for such a
scenario, where %, 10. It can be seen that the packet drop
probability almost equals 1 or 0, and the queue length stays
below 100, like in a traditional Tail-Drop buffer.
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7 CoNcLUSIONS AND FUTURE WORKS

In this paper, we have proposed a novel AQM algorithm,
LRED, which incorporates packet loss ratio as a comple-
ment to queue length for congestion estimation. In LRED,
the packet drop probability is updated over multiple grains:
on a fine grain, LRED uses the instantaneous queue length
mismatch to update the drop probability upon each packet
arrival; on a coarse grain, LRED adjusts the drop probability
according to the packet loss ratio, which has never been
considered in existing AQM algorithms. We have devel-
oped an analytical model for LRED, which suggests that
this multigranular update improves not only the stability of
the system, but also its responsiveness. Such observations
have been validated by our simulation results under
various configurations. We have also compared LRED with
existing AQM algorithms, including PI, REM, and AVQ.
Our results have showed that LRED remains quite stable
when the number of TCP flows and round-trip times vary
significantly, or when many short-lived flows or unrespon-
sive UDP flows exist in the network. Moreover, it can
effectively control the queue to the expected length, and
achieves a better trade-off between the goodput and queue

length. Finally, LRED achieves reasonably good perfor-
mance under two-way traffic.

There are many possible future works for enhancing the
LRED algorithm. We are particularly interested in extending
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Fig. 17. LRED dynamics with a large (N ¥ 400, ¢ ¥ 100).
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LRED to support differentiated QoS, where packets with
different priority may have nonuniform dropping probabil-
ities. Meanwhile a quantitative analysis of LRED’s response
time is very important to more precisely evaluate LRED’s
performance. The effect of substituting packet dropping with
packet marking is also worth investigating. Another challen-
ging work is to model LRED’s performance for short-lived
TCP flows, which will complement our existing analytical
results with long-lived flows. Finally, we are interested in
examining the performance of LRED under more realistic
Internet traffic traces, or more sophisticated traffic models
that reflects the recent Internet development, e.g., Fractional
Gaussian Noise (FGN) distribution [19].
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