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ABSTRACT
The main objectives of a congestion control algorithm are
high bandwidth utilization, fairness and responsiveness in
changing environment. However, these objectives are con-
tradicting in particular situations since the algorithm has
to constantly probe available bandwidth, which may affect
its stability. This paper proposes a novel congestion con-
trol algorithm that achieves high bandwidth utilization pro-
viding fairness among competing connections and, on the
other hand, is sufficiently responsive to changes of avail-
able bandwidth. The main idea of the algorithm is to use
adaptive setting for the additive increase/multiplicative de-
crease (AIMD) congestion control scheme, where parame-
ters may change dynamically, with respect to the current
network conditions.

Categories and Subject Descriptors
C.2.2 [Network Protocols, Internetworking]: [TCP];
F.2 [Analysis of Algorithms and Problem Complex-

ity]

General Terms
Algorithms, Performance, Design

1. INTRODUCTION
With its explosive growth, the Internet backbone faces the
challenge of operating at its capacity. The main conges-
tion points today are links connecting local Internet Ser-
vice Providers (ISP’s) to the backbone and intra-domain
links between domains run by different large ISP’s. When
TCP acquires information about the current network condi-
tions, there exists a strong tension between needing to keep
a large amount of data in flight in order to fill the band-
width delay product versus having to wait lengthy periods
of time to attain feedback regarding a changing environ-
ment, especially at the onset of congestion. Moreover, in

most cases the Internet does not provide any explicit infor-
mation about the network state, it is up to the transport
protocol to form its own estimates, and then to use them
to adapt as efficiently as possible. For these reasons conges-
tion avoidance and control have become critical to the use of
the Internet. TCP congestion control based on additive in-
crease/multiplicative decrease (AIMD) has been introduced
by Jacobson [10]. This scheme avoids the congestion col-
lapse, as shown by Floyd and Fall [6].

In recent years, significant research efforts have been devoted
to modeling such a complex protocol as TCP. Under certain
assumptions of synchronized feedback, Chiu and Jain [5]
have shown that an AIMD control scheme converges to a
stable and fair operating point efficiently utilizing the net-
work resources (see also [14]). Yang and Lam [23] investigate
tuning of the AIMD congestion control parameters. Kelly
[13] and Low et al. [17, 18, 16] consider TCP congestion
control as an algorithm seeking the global optimum under
a certain utility (cost) function and infer the functions im-
plicit in the existing protocols. A number of mechanisms
have been designed for providing more fine grained conges-
tion related feedback from routers [15].

While TCP congestion control is appropriate for applica-
tions such as bulk data transfer, some real-time applica-
tions find halving the sending rate in response to a single
packet loss to be unnecessarily severe because it results in
drastic degradation in the user-perceived quality. A num-
ber of alternative TCP congestion control algorithms have
been proposed. Bansal and Balakrishnan [3] study binomial
congestion control algorithms, which are a nonlinear gen-
eralization of AIMD. Floyd et al. [7] introduce the TFRC
algorithm that adjusts its sending rate as a function of the
measured loss rate. Bansal et al. [4] investigate the be-
havior of slowly-responsive congestion control algorithms.
However, to be safe for deployment in the Internet these al-
gorithms must be stable and interact well with TCP. A re-
cently proposed solution is the TCP-friendly paradigm [19].
A congestion control mechanism is TCP-friendly if its band-
width usage, in the presence of a constant loss rate, is the
same as that of TCP.

Our work. We suggest an adaptive AIMD scheme, in which
the parameters may change dynamically with respect to the
obtained feedback1. In a nutshell, each positive feedback in-

1The feedback indicates whether any packets in the prior



creases the additive increase term (while resetting the mul-
tiplicative decrease factor), and each negative feedback in-
creases the multiplicative decrease factor (while resetting the
additive increase term). Notice that basically our scheme
has an inherent multiplicative increase rule of the additive
increase term. This strategy, on the one hand, achieves high
bandwidth utilization providing fairness among competing
connections and, on the other hand, is sufficiently responsive
to changes of available bandwidth in dynamic environment.
In particular, we demonstrate that (1) the length of a con-
vergence period of our algorithm depends logarithmically on
the available bandwidth (comparing to the linear time of
the existing AIMD algorithms); (2) in a steady state the
bandwidth utilization is close to the optimal; (3) the time it
takes for a connection to reach its fair share is proportional
to the square of the logarithm of the available bandwidth.
This algorithm, as we will show, is not TCP-friendly, i.e.
when competing with TCP for a bottleneck resource, it will
consume a larger fraction of the bandwidth. Our algorithm
demonstrates good theoretical characteristics and we believe
that the proposed scheme may suggest new lines for further
research in TCP congestion control.

Related work. Jin et al. [11] propose a TCP-friendly
congestion control algorithm called SIMD (Square-Increase/
Multiplicative-Decrease), which utilizes history information.
Namely, the increase in window size is proportional to the
square of the time elapsed since the detection of the last loss.
Our scheme is similar to SIMD in sense that the increase
rate also depends on the history, but contrary to [11], the
decrease rate depends on the history as well.

Karp et al. [12] and Arora and Brinkman [1] study a model
in which an adversary controls the available bandwidth and
present almost optimal policies for regulating the rate of a
single connection using multiplicative increase/multiplicative
decrease (MIMD) approach. Garg and Young [9] analyze
another MIMD-based protocol and demonstrate that un-
der certain assumptions the network throughput is near the
maximum possible. However, it is well known that the
MIMD scheme is unfair while our adaptive AIMD scheme
is able to achieve high utilization as MIMD does without
sacrificing fairness.

The congestion control algorithm has been often modeled as
a system with a binary feedback function indicating conges-
tion. Shenker [22] introduces a simple flow control scheme
in which sources make synchronous rate adjustments, and
applies it to a network of Poisson sources and exponential
servers. Unlike [22], we make no assumptions regarding the
traffic generation process. Piccolboni and Schindelhauer [21]
investigate the problem of predicting the bandwidth avail-
able. In contrast to [21], we compare our algorithm with an
optimal strategy rather than the best constant prediction
strategy.

Bar-Noy et al. [2] study dynamic bandwidth allocation that
takes into account latency and utilization and the goal is to
minimize the number of bandwidth allocation changes. In
this work we do not care about the number of bandwidth
allocation changes, but instead we concentrate on the other
objectives.

window encountered congestion in the network.

Recently, Floyd et al. [8] proposed a modification of TCP
congestion control that adapts the increase strategy (makes
it more aggressive) for high bandwidth links. The idea to
make the sending algorithm adaptive is also reinforced by
the recent work of Maor and Mansour [20]. They introduced
AdaVegas, an adaptive version of TCP Vegas, that updates
the increase rate dynamically, and using simulations com-
pared it to TCP Vegas.

The rest of the paper is organized as follows. In Section 2
we present our model. Section 3 describes our congestion
control algorithm. In Section 4 we analyze the convergence
of our algorithm. Section 5 contains analysis of long connec-
tions. In Section 6 we study the interaction of our algorithm
with TCP. We conclude with Section 7.

2. MODEL DESCRIPTION
In this section we describe our model. We consider multiple
connections sharing a network that has available bandwidth
R (see Figure 1). We assume that all connections run the
same congestion control algorithm, and have the same round
trip time (RTT ).

The connections can join and later leave the system. Time
is divided into successive rounds. At the start of a round,
each connection transmits a window of packets and at the
end of a round, each connection receives a feedback. We
assume that there is always data pending at the source while
the connection is active. Next we introduce a few useful
definitions.

Definition 2.1. We denote by St the set of active con-
nections in the system at time t. We denote the sets of
connections joining and leaving the system at time t by Jt
and Lt, respectively. Namely, St+1 = St ∪ Jt \ Lt.

Definition 2.2. We denote by wt(i) the window of the
i-th connection at time t. We denote by Wt the cumulative
window at time t, that is Wt =

P
i∈St

wt(i).

Next we relate the cumulative window size to the transmis-
sion rate. Note that since we assume identical RTT’s, the
total sending rate is proportional to the cumulative window
size.

Definition 2.3. We denote by Rt the total transmission
rate at time t, which equals Wt/RTT .

We also define the target cumulative window at which the
available bandwidth is fully utilized and no packets are dropped.

Definition 2.4. We denote by B the target cumulative
window for which Rt = R, i.e. B = R ·RTT .

By the end of a round t, all connections receive a binary
feedback from the network Ft

2. If Wt ≤ B then Ft = 0,
2This mechanism is similar to the Explicit Congestion No-
tification (ECN) protocol.
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Figure 1: The network model.

which indicates a successful transmission of all packets sent.
Otherwise, if Wt > B then Ft = 1, which indicates drop-
ping of one or more packets. There is also a cost function
associated with dropped packets.

Definition 2.5. In case Ft = 1, the overshooting cost
at time t is defined as Lt = α(Wt − B), where α ≥ 1 is a
parameter that reflects the cost of losing packets3.

Now we turn to define the objectives of a congestion control
algorithm. In case the set of active connections does not
change during sufficiently long period of time, we would like
the congestion control algorithm to reach a steady state in
which the throughput of the algorithm is close to the avail-
able bandwidth R.

Definition 2.6. The congestion control algorithm A is
said to stabilize if there exist constants MR and CR such
that if the set of connections does not change during [t0, t

′]
then |Rt′ −R|/R ≤ CR, where t′ > t0 +MR. We call to CR
the stability constant.

The goal of a congestion control algorithm is to maximize
the number of packets transmitted and at the same time to
minimize the loss incurred. Next we define the notion of so
called “effective” gain.

Definition 2.7. We define the effective gain of the con-
gestion control algorithm A as:

GAt =

�
Wt Ft = 0,

Wt − Lt Ft = 1.

Notice that in a steady state the effective gain of a conges-
tion control algorithm during every round is at least B(1 −
αCR). Given an input sequence σ, we define the value func-
tion of the congestion control algorithm A as:

V A(σ) =
Plength(σ)
t=1 GAt .

3Our analysis can be extended to deal with non-linear cost
functions. For example, a more realistic function may be a
linear cost function with an additive constant term, that is
Lt = β + α(Wt −B).

Notice that the value function may even be negative for some
policies. However, as we will demonstrate, the value of our
algorithm is always positive.

Now we define the utilization ratio of a congestion control
algorithm A as the worst-case ratio between the value ob-
tained by A and the value obtained by an optimal algorithm
OPT taken over all input sequences. If the worst case ra-
tio is negative, then we define the utilization ratio as zero.
(Notice that a trivial policy that transmits no packets has
utilization ratio equal to zero.)

Definition 2.8. The utilization ratio UA of the conges-
tion control algorithm A is the minimum non-negative ra-
tio, over all input sequences σ, between the value of A and
the value obtained by an optimal algorithm OPT , that is
max{minσ(V

A(σ)/V OPT (σ)), 0}.

Observe that in our model the optimal value of the input
sequence σ equals to the sum of the bandwidth-delay prod-
uct over all periods in which at least one connection in the
system is active, i.e. V OPT (σ) = B · |{t : |St| > 0}|. That is
due to the fact that even a single connection in the system
may fully utilize the bandwidth.

Next we introduce a relative fairness function for a conges-
tion control algorithm, which states that after a pre-defined
period of time in the system the connection must reach at
least the average window size with respect to the other ac-
tive connections minus a fairness index.

Definition 2.9. The congestion control algorithm is said
to be fair if there exist constants MF and CF such that if a
connection i is active during [t0, t

′] then Wt′/|St′ |−wt′(i) ≤
CF , where t′ > t0+MF . We call to CF the fairness constant.

3. ADAPTIVE CONGESTION CONTROL
In this section we present our congestion control algorithm.
The algorithm uses a TCP-like additive increase/multiplicative
decrease scheme. The novel idea of the algorithm is to up-
date the additive increase term γ and the decrease factor β
with respect to the received feedback. We initialize γ to 1
and multiply it by φ > 1 each time after a successful trans-
mission. Similarly, we start with β equal to ψ > 1 and



multiply it by ψ after obtaining a negative feedback. The
congestion control algorithm proceeds as follows.

Adaptive Congestion Control – ACC(φ,ψ)

Round 0: /* Initialization. */

w0 = 1;

β0 = ψ;

γ0 = 1;

Round t:

send(dwte); /* Send window of dwte packets. */

If Ft = 0 Then /* No loss. */

wt+1 = wt + γt;

γt+1 = γt · φ;

βt+1 = ψ;

Else /* Loss occurred. */

wt+1 = max(wt/βt, 1);

βt+1 = βt · ψ;

γt+1 = 1;

To complete the description of the ACC(φ,ψ) algorithm it
remains to find proper φ and ψ that will ensure convergence
and at the same time allow the algorithm to respond quickly
to bandwidth changes. The former can be done by assigning
φ and ψ values that are close to 1 while the latter is assured
by exponential growth of γ and β. Intuitively, AIMD rule
has inherent fairness characteristics and the algorithm in-
deed guarantees fairness, as we prove below. Now we define
a property that is necessary for convergence of the ACC
algorithm.

Definition 3.1. We say that φ and ψ are well-behaved

if φ > ψ and for all 1 < k ≤ D(φ, ψ) = d
q

2 logψ φ+ 1/4 −

1/2e the following holds

k > d
q

2 logψ(φ− (φ− 1)/ψk(k+1)/2) + 1/4 − 1/2e.

We also define

C(φ,ψ) = max((1 − 1/ψ), (φ− 1)(1 − 1/ψ)).

For example, the values φ = 1.4 and ψ = 1.1 are well-
behaved, and C(1.4, 1.1) ≈ 0.09.

4. CONVERGENCE
In this section we analyze convergence of the ACC algorithm
starting from an arbitrary state assuming that the set of
connections in the system remains unchanged during the
convergence period. We assume that there are N concurrent
connections and B � N .

4.1 General Properties of the ACC Algorithm
In this section we study general properties of the ACC al-
gorithm. It will be convenient for us to divide the run into
phases, as follows.

Definition 4.1. We denote by a phase a maximal se-
quence of consecutive window increases followed by a se-
quence of decreases. We call the former sequence an increase
sub-phase and the latter sequence a decrease sub-phase.

The following claim states that the maximal overshooting
of the ACC(φ,ψ) algorithm during an increase sub-phase is
bounded by φ − 1 times the difference between the cumu-
lative window size at the end and at the beginning of the
sub-phase plus the number of connections.

Claim 4.1. For an increase sub-phase I = [t1, t2] the fol-
lowing holds:

Wt2 ≤ B + (φ− 1)(B −Wt1) +N .

Proof. The claim trivially holds for t1 = t2. In what
follows we assume that t2 > t1. Observe that for a round
t ∈ I s.t. t > t1, the increase term of a connection i is
γt(i) = φt−t1 . Therefore,

wt(i) − wt1(i) =

t−1−t1X
j=0

φj =
φt−t1+1 − 1

φ− 1
.

Thus, we obtain that:

γt(i) = (φ− 1)(wt−1(i) − wt1(i)) + 1.

After summing over all connections we get:

NX
i=1

γt(i) ≤
NX
i=1

((φ− 1)(wt−1(i) − wt1(i)) + 1)

= (φ− 1)(Wt−1 −Wt1) +N.

Notice that there is no loss at time t2, i.e. Wt2 ≤ B. Hence,

Wt2+1 = Wt2 +

NX
i=1

γt2(i)

≤ B + (φ− 1)(Wt2−1 −Wt1) +N

≤ B + (φ− 1)(B −Wt1) +N.

The next corollary follows immediately from Claim 4.1.

Corollary 4.2. The maximal cumulative window size is
bounded from above by φB, for Wt1 ≥ N/(φ− 1).

Since the number of connections is negligible in comparison
with the buffer size, in the sequel we will ignore the additive
term of N in the bound of the above claim. Now we show
that the length of a decrease sub-phase is bounded by a
constant.



Claim 4.3. The length of a decrease sub-phase I = [t1, t2]

is at most d
q

2 logψ c+ 1/4 − 1/2e if Wt1 ≤ cB for a con-

stant c > 1.

Proof. Let us define k = length(I). During I the cu-
mulative window Wt consequently decreases by a factor of
ψ(i) (i = 1, . . . , k). Notice that the total decrease factor up

to time t2 + 1 is
Qk
i=1 ψ(i) = ψk(k+1)/2, that is Wt2+1 =

Wt1

ψk(k+1)/2 . The claim follows since Wt2+1 ≤ B and Wt1 ≤

cB.

Claim 4.3 and Corollary 4.2 imply the next corollary.

Corollary 4.4. The maximal length of a decrease sub-
phase is D(φ, ψ) rounds.

4.2 Analysis of a Single Connection
In this section we study the single connection case, i.e. N =
1. The next theorem shows that the ACC(φ,ψ) algorithm
converges to a steady state and has a reasonably small sta-
bility constant for appropriate values of φ and ψ.

Theorem 4.5. The ACC(φ,ψ) algorithm for a single con-
nection converges to a steady state starting from an arbitrary
state after

MR = D(φ, ψ)(logφB +D(φ, ψ))

rounds and has a stability constant of

CR = C(φ, ψ),

assuming that φ and ψ are well-behaved.

Proof. We first prove that theACC algorithm converges
to a steady state and then present a bound on the duration
of the convergence period MR. The proof of convergence
is by induction on the phase number. We introduce the
following notation:

f(n) =

�
D(φ, ψ) − min(n, (D(φ, ψ) − 1)) n ≥ 0,

∞ n = −1.

Let g(x) = x(x+ 1)/2.

Induction Hypothesis. For the n-th phase the window
size at the end of the increase and decrease sub-phases is at
most B(1+ (φ− 1)(1− 1

ψg(f(n−1)) )) and at least B/ψg(f(n)),

respectively.

Induction Basis (n = 0). By Corollary 4.2, the maximal
window size is bounded by φB. The corresponding decrease
sub-phase continues at most D(φ, ψ) rounds according to
Corollary 4.4. Hence, the window size at the end of the first
decrease sub-phase cannot drop below B/φg(D(φ,ψ)).

Induction Step. Suppose that the induction hypothesis is
satisfied for all n′ ≤ n and let us prove that it is also fulfilled
for the (n + 1)-th phase. By the induction hypothesis, the

window size at the end of n-th phase is at least B/ψg(f(n)).
Claim 4.1 implies that the window size at the end of the in-
crease sub-phase is bounded by B(1+(φ−1)(1− 1

ψg(f(n)) )).

From the Claim 4.3 and the fact that φ and ψ are well-
behaved it follows that the number of rounds in the de-
crease sub-phase is at most f(n+1). Thus, the window size
at the end of (n + 1)-th phase is bounded from below by

B/ψg(f(n+1)).

We have shown that after D(φ, ψ) phases the ACC algo-
rithm converges to a steady state in which the window size
changes between B/ψ and B(1 + (φ − 1)(1 − 1/ψ)), which
establishes the stability constant. Now we derive an upper
bound on the length of the convergence period. Clearly,
the duration of an increase sub-phase is bounded by logφB
rounds while Corollary 4.4 implies that the duration of a
decrease sub-phase is at most D(φ, ψ) rounds, which yields
the theorem.

For φ = 1.4 and ψ = 1.1, in a steady state the connection
rate will vary between 0.9 · R and 1.04 · R, which is a fairly
good bandwidth utilization.

4.3 Analysis of Multiple Connections
In this section we study the case of multiple concurrent con-
nections. First we extend the analysis of utilization and
convergence of the single connection case. Then we analyze
fairness of the ACC algorithm.

Observation 4.6. All connections have the same values
of γ and β after getting the first negative feedback.

In the sequel we assume that the connections have already
received at least one negative feedback and thus are being
synchronized (as we show later, it takes at most logφ(B/N)
rounds). The following theorem establishes convergence of
the ACC algorithm.

Theorem 4.7. The ACC(φ,ψ) algorithm for multiple con-
nections converges to a steady state starting from an arbi-
trary state after

MR = D(φ, ψ)(logφ(B/N) +D(φ, ψ))

rounds and has a stability constant of

CR = C(φ, ψ).

for well-behaved φ and ψ.

Proof. (Sketch) The proof of convergence is analogous
to that of Theorem 4.5. We derive a better bound on the
duration of the convergence period since the duration of an
increase sub-phase is bounded by O(logφ(B/N)) rounds due
to the fact that the cumulative window grows N times faster
than in the single connection case.



Now we proceed to study fairness of the ACC algorithm.
First we define the so called “excess” window of a connec-
tion, that is the difference between the connection window
and the fair share if the connection window is above the fair
share and zero otherwise. The cumulative excess window of
the system is the sum of the excess windows of all individual
connections.

Definition 4.2. We define the excess window of the i-th
connection at time t to be et(i) = max(wt(i) −Wt/|St|, 0).
We denote by Et the cumulative excess window at time t,
that is Et =

P
i∈St

et(i).

We present an upper bound on the number of rounds that
is needed for a connection window to reach at least the fair
share minus the fairness constant. We concentrate on the
dynamics of the cumulative excess window in the system.
The following observation states that the system is guaran-
teed to get to a fair operating point when the cumulative
excess window drops below CF .

Observation 4.8. If Et ≤ CF then for all i ∈ St, wt(i)−
Wt/|St| ≤ CF .

The next claim shows that the cumulative excess window
does not change during an increase sub-phase.

Claim 4.9. For any increase sub-phase I = [t1, t2], Et1 =
Et2 .

Proof. Consider a round t ∈ I. Notice that the windows
of all connections are increased by the same term γt. We
show that the cumulative excess window remains constant:

Et+1 =
NX
i=1

et+1(i) =
NX
i=1

max(wt+1(i) −Wt+1/N, 0)

=

NX
i=1

max((wt(i) + γt) − (Wt + γtN)/N, 0)

=

NX
i=1

max(wt(i) −Wt/N, 0)

= Et.

In the following claim we demonstrate that the cumulative
excess window is decreased by a factor of at least ψ during
a decrease sub-phase.

Claim 4.10. For any decrease sub-phase I = [t1, t2], Et2 ≤
Et1/ψ.

Proof. Consider a round t ∈ I. Observe that the win-
dows of all connections are decreased by the same factor

βt ≥ ψ. We show that the cumulative excess window is
decreased by a factor of ψ:

Et+1 =
NX
i=1

et+1(i) =
NX
i=1

max(wt+1(i) −Wt+1/N, 0)

=

NX
i=1

max((wt(i)/β) −Wt/(βN), 0)

=
1

β

NX
i=1

max(wt(i) −Wt/N, 0)

= Et/β.

The next theorem establishes fairness of theACC algorithm.

Theorem 4.11. The ACC(φ, ψ) algorithm will converge
to the fair share starting from an arbitrary state after

MF = logψ(B/CF )(logφ(B/N) +D(φ, ψ))

rounds and has a fairness constant of CF .

Proof. By Claim 4.9 the cumulative excess window does
not change during an increase sub-phase. Moreover, ac-
cording to Claim 4.10 each decrease sub-phase reduces the
cumulative excess window by a factor of ψ. Thus, after
logψ(B/CF ) phases the total excess window will fall below
CF . The theorem follows by Observation 4.8 and the fact
that the duration of a phase is bounded by logφ(B/N) +
D(φ, ψ) rounds.

5. LONG CONNECTIONS
In this section we study the bandwidth utilization of the
ACC algorithm when each connection remains in the system
for al least L � MF rounds, where MF is the convergence-
to-fairness period of Theorem 4.11. We assume that the
maximal number of concurrent connections is bounded by
N while the set of connections in the system can change dy-
namically. We show that the utilization ratio of theACC(φ,ψ)

algorithm is 1 − 2(lnN+1)·MR
L

− αC(φ, ψ), where MR is the
convergence period of Theorem 4.7. (Recall that α is a pa-
rameter that reflects the cost of losing packets.)

Theorem 5.1. The utilization ratio of the ACC(φ,ψ) al-
gorithm is at least

UACC(φ,ψ) = 1 − 2(lnN+1)·MR
L

− αC(φ, ψ)

assuming that all the connections have duration of at least
L > 2MF rounds.

Proof. We divide the schedule of the ACC algorithm
into periods. A period starts upon arrival of a connection to
an empty system and terminates when the system is empty



again. Each period is further partitioned in phases of length
L. We assume that such a partition is possible.

By Theorem 4.7, in a steady state the ACC algorithm has
a stability constant of at least C(φ, ψ). Thus, in a steady
state the effective gain during a phase is at least B · L −
αC(φ, ψ) ·B ·L. In addition, some extra cost may be paid in
case of overshooting or some bandwidth may be lost (with
respect to OPT ) in case of underutilization due to arrival or
departure of connections. (Note that in every phase OPT
sends B · L packets.) We call to the former the overshoot-
ing cost and to the latter the opportunity cost. We argue
that during a phase the incurred overshooting cost is zero
and the opportunity cost is bounded by 2B(lnN + 1) ·MR

packets, which implies that the utilization ratio of the ACC

algorithm is at least 1 − 2(lnN+1)·MR
L

− αC(φ, ψ).

Observe that when a new connection arrives and there are
already some active connections in the system, it starts with
the initial window of 1 and thus has no affect on the stability
of the ACC algorithm, i.e. the incurred overshooting cost
is zero. Moreover, a connection can enter an empty system
only during the first phase of a period. By Theorem 4.7, the
convergence period is bounded by MR rounds. Hence, the
incurred opportunity cost at most B ·MR. Notice that no
connection can leave the system during the first phase.

Now let us focus on departing connections. When the last
connection leaves the system, the phase ends. Otherwise, if
there remain some active connections, the system can be-
come unstable. If the i-th connection leaves the system at
time t then till the system stabilizes the opportunity cost
is at most wt(i) ·MR packets. A trivial bound on the total
opportunity cost of departing connections during a phase is
B ·N ·MR. Next we derive a more accurate bound using the
fairness properties of the ACC algorithm. The improved
bound depends logarithmically rather than linearly on the
number of connections.

Let us consider the k-th phase Ik = [t, t + L). Notice that
the connections leaving the system throughout Ik should
have arrived during Ik−1 or earlier. Let S′ ∈ St be the set
of connections that arrived before t−MF and let N ′ = |S′|.
By Theorem 4.11, all connections in S′ at time t have the
same window size, which is at most B/N ′. Observe also
that all connections in S′ always update their windows syn-
chronously. Therefore, the opportunity cost incurred by the
i-th departing connection from S′ is at most B

i
·MR. Since

N ′ ≤ N , the total opportunity cost incurred by connections
in S′ is bounded by

NX
i=1

(
B

i
·MR) ≤ B(lnN + 1) ·MR.

It remains to bound the opportunity cost incurred by con-
nections in S′′ = St\S

′. The earliest possible departure time
for these connections is t+ L−MF . Since L −MF > MF ,
their opportunity cost is also bounded by B(lnN + 1) ·MR,
which yields the theorem.

6. INTERACTION WITH TCP
In this section we study the case in which the link is shared
by an ACC connection and a regular TCP Reno connec-

tion. We analyze the relative fairness of the ACC algorithm.
We assume that the TCP Reno connection is in congestion
avoidance phase (steady state of TCP) having the increase
term of 1 and the decrease factor of 2.

Theorem 6.1. The fairness constant of the system with
an ACC(φ,ψ) connection and a TCP Reno connection is at
least CF ≥ Ω(B − logφB).

Proof. (Sketch) The worst case scenario with respect to
fairness is as follows. The same sequence of window sizes
is repeated in all phases. Each increase sub-phase finishes
when the maximum unfairness is reached and the following
decrease sub-phase continues just one round. Let wa and wr
be the window of the ACC(φ, ψ) connection and the window
of the TCP Reno connection at the end of the increase sub-
phase, respectively. Note that the window sizes must satisfy
logφ(wa(1 − 1/ψ)) = wr/2 and wa +wr ≤ φB. It is easy to
see that max(wa − wr) = Ω(B − logφB).

Thus, an ACC connection could consume a larger fraction
of the available bandwidth when competing with a regular
TCP connection.

7. CONCLUDING REMARKS
In this paper we propose a novel end-to-end congestion con-
trol algorithm, based on adaptive additive increase/
multiplicative decrease scheme. The proposed algorithm
attains almost optimal utilization in a steady state provid-
ing fairness between competing connections and at the same
time responds quickly on bandwidth changes. Even though
our algorithm cannot be implemented without additional
work, we believe that the proposed scheme may suggest new
directions for further improvement of the current TCP con-
gestion control.

Some challenging future directions are making the algorithm
TCP-compatible, studying more complex network topolo-
gies and performing simulations with real traffic to find the
optimal ACC parameters. Possible extensions of our model
are: connections receiving distinct feedbacks, connections
having different RTT’s and a fluid model rather than dis-
crete rounds.
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