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Abstract—Understanding the TCP congestion control mech-
anism from a global optimization point of view is not only im-
portant in its own right, but also crucial to the design of other
transport layer traffic control protocols with provable proper-
ties. In this paper, we derive a global utility function and the
corresponding optimal control law, known as TCP control law,
which maximizes the global utility. The TCP control law cap-
tures the essential behaviors of TCP, including slow start, con-
gestion avoidance, and the binary nature of congestion feedback
in TCP. We find that the utility function of TCP is linear in
the slow start phase and approaches the well-known logarithm
function as the data rate becomes large in the congestion avoid-
ance phase. We also find that understanding the slow start phase
with a fixed threshold is critical to the design of new transport
layer control protocols to enable quality of service features. Fi-
nally, we design an optimal, minimum-rate-guaranteed (MRG)
traffic control law that shares the same utility function with the
TCP control law, aiming at achieving fair share of network re-
sources with TCP. By design, the MRG control law and the TCP
control law jointly maximize the global utility and achieve glob-
ally stable control. Our preliminary simulation study of the
MRG control law indicates that it is indeed TCP friendly and
can provide minimum rate guarantee as long as the percentage
of network resource consumed by the MRG flows is moderately
small. Consequently, the MRG control law has the potential to
be used to provide minimum rate guarantee for low-bandwidth
Internet applications, such as live streaming media.

I. I NTRODUCTION

The window-based congestion control used in the current
Transmission Control Protocol (TCP) is a fully distributed,
end-to-end traffic control mechanism. It relies solely on
single-bit binary information feedback as input for the con-
trol, i.e., whether the forwarding path is congested or not.
This binary information is acquired on the basis of source
inferable information only, such as repetitive acknowledge-
ments (ACKs) of the same segment, measured round-trip de-
lay, and/or ACK timeout, without the assistance of the net-
work nodes for the control and regardless of the link technol-
ogy and queuing mechanism used in the network nodes. This
makes TCP highly scalable and deployable at global scale.

The outstanding performance of TCP in dealing with net-
work congestion has motivated researchers to look for a
possible interpretation of TCP congestion control from an
optimization-based, distributed traffic control framework [9]
[10] [19]. The implication of finding such an interpretation
is significant for two reasons. First, such an interpretation
will unveil whether or not the TCP congestion control leads
to globally stable operation and if so, what is the underlying
global design objective the TCP congestion control protocol
strives to achieve. Second, such an interpretation will pave
the way for the design of new end-to-end congestion control
protocols, which jointly with TCP, achieve globally optimal
and stable traffic control.

Significant research efforts have been made on the gen-
eral understanding of optimization-based, distributed control
laws [1-4][6-12][17-21]. Some work also focuses on the un-
derstanding of TCP behavior from an optimization perspec-
tive [9] [10] [19]. In their seminal work, Kelly et al. [9]
demonstrated that a user utility function oflog(x) form (x is
a flow data rate) leads to a control law that exhibits additive-
increase-and-multiplicative-decrease (AIMD) behavior, re-
sembling the TCP congestion avoidance phase. This encour-
aging observation has triggered significant research interests
in an attempt to further understand the TCP behavior from an
optimization point of view. In [10], Kunniyur, et al. showed
that the TCP behavior without the slow start phase can be
modeled using a framework based on a utility function mi-
nus a cost function. By taking into account randomness of
packet loss, their model leads to a user utility function of the
form −1/x asx becomes large. Low [19] studied the vari-
ous variations of TCP using a primal-dual nonlinear program-
ming technique, that directly solves the original utility max-
imization problem. While the primal algorithms capture the
TCP window control behavior (without the slow start phase)
at the TCP source node, the dual algorithms translate into
given active queue management (AQM) algorithms running
in the network nodes.

The above TCP models successfully capture important as-
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pects of the TCP congestion control, especially some vari-
ations of TCP that involve network nodes. However, in the
existing work, the aperiodic, binary nature of end-to-end TCP
congestion control is not well captured and the slow start
phase of TCP control is not modeled. Based on the Sliding
Mode technique in control theory, the family of optimization-
based, distributed control laws found in [22] successfully ad-
dresses the case where information feedback for the control
is discontinuous, aperiodic, and binary. On the basis of the
family of control laws given in [22], in this paper, we aim
at developing a more accurate model for end-to-end TCP
congestion control and also a new end-to-end minimum-rate-
guaranteed (MRG) control law.

This paper makes two major contributions. First, a util-
ity function of TCP and the corresponding control law, called
TCP control law, are derived. The control law captures the
slow start, congestion avoidance, and the aperiodic, binary
nature of the information feedback in TCP. The slow start
phase is found to correspond to a linear term in the util-
ity function. This term indicates that the user fairness can
be improved by setting the slow start threshold to a larger
fixed value for a flow with longer round-trip-time (RTT).
In the congestion avoidance phase, the utility function con-
verges to the well-known logarithm function as the data rate
becomes large, which provides the so called weighted pro-
portional fairness with the weight equal to the ratio between
the additive increase rate and multiplicative decrease factor.
These findings are tested against the ns-2 simulation results.
Second, an MRG control law is derived, based on the same
utility function as TCP, which by design, ensures fairness to
TCP. The MRG control law and the TCP control law jointly
achieve globally stable and optimal control. The simula-
tion results indicate that the MRG control law is indeed TCP
friendly and can provide minimum rate guarantee as long as
the percentage of network resource consumed by the MRG
flows is moderately small. These results provide insights on
the possible design of an optimal, end-to-end MRG trans-
port layer protocol to support low-bandwidth Internet appli-
cations, such as live streaming media and Voice-over-IP.

The rest of the paper is organized as follows: Section II
derives the utility function of TCP and TCP control law. The
proposed TCP model is tested against ns-2 simulation results
in Section III and IV. Section V designs and tests an MRG
control law. Finally, Section VI concludes the paper and de-
scribes our future work.

II. U TILITY FUNCTION OF TCP

In this section, we derive the global utility function of TCP
based on a large family of distributed control laws that max-
imize the global utility of a very general form proposed in
[22]. We first state the results in [22], which are relevant to
the modeling of TCP. The problem can be stated as follows:

max

F∑

i=1

Ui(xi) (1)

subject to network constraints
∑

i:l∈Ł
xi ≤ Bl, l ∈ Ł (2)

whereUi(xi) is the utility function for flowi; F is the total
number of flows in the network;xi is the rate of flowi; Ł is
the set of links in the network; andBl is the bandwidth of
link l in Ł.

For the best effort (BE) service, the distributed control law
[22] that solves the above problem is given by (for simplicity,
we omit the indexi),

ẋ = (z(t, x)[f(x)− (1− c̄g)])+x=0 (3)

with
f(x) = 1− e−∂U(x)/∂x (4)

and

(y)+x=0 =
{

max(y, 0) if x = 0
y if x 6= 0

(5)

wherex is the flow rate;U(x) is a differentiable concave and
strictly increasing function ofx; z(x, t) is a strictly positive
function; andcg is the binary congestion indicator (cg=1 if
the packet forwarding path is congested and 0 otherwise);c̄g
is the logical negation ofcg.

Note that the above control law can faithfully capture the
discontinuous, aperiodic, and binary nature of any end-to-
end traffic control, such as the end-to-end TCP congestion
control. This is because the required minimum input for the
above family of control laws is a binary indicator,cg, indicat-
ing whether the forwarding path is congested or not. More-
over, it is shown in [22] that the above control laws are glob-
ally stable and converge to the optimal rate allocation. It is
also shown that the corresponding control laws in discrete
time domain with a finite time interval lead to stable and near
optimal control.

On one hand, for any given concave user utility functions,
a family of distributed control laws with positivez(x, t) func-
tions can be readily derived from Eqns. (3)-(5). On the other
hand, an empirically designed, elastic control protocol, such
as the TCP congestion control mechanism, can be reverse en-
gineered by matching its behavior with the above family of
control laws. This matching process may lead to a control
law that best describes its behavior and an underlying utility
function this control law maximizes. We take this latter ap-
proach. Namely, we derive the utility function and the control
law that closely matches with the TCP congestion control be-
havior.
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In this paper, we do not model the timeout effect of
TCP. In other words, we model multiplicative-increase-
and-multiplicative-decrease (MIMD) behavior in the slow
start phase and additive-increase-and-multiplicative-decrease
(AIMD) behavior in the congestion avoidance phase. More-
over, we assume that the threshold ratexs between the slow
start phase and the congestion avoidance phase is fixed.
Namely, we model the steady state TCP behaviors where the
threshold converges to a constant.

For x < xs, i.e, in the slow start phase, assume that the
increase rate isαx (α >0) and the decrease rate isβx (0 <
β ≤ 1). In the absence of congestion, i.e.,cg = 0, the control
law in Eqn. (3) is given by1

ẋ = z(t, x)f(x) = αx (6)

In the presence of congestion, i.e.,cg = 1, we have

ẋ = z(t, x)[f(x)− 1] = −βx (7)

Then we have the utility function

U(x) = xlog(1 +
α

β
) (8)

and
z(t, x) =

αx

f(x)
= (α + β)x (9)

U(x) is a differentiable, concave, and strictly increasing
function, andz(t, x) is positive forx > 0. So the MIMD
control law achieves globally optimal rate allocation, max-
imizing a linear utility. The scale factor of the utility de-
pends on the ratioα/β. A flow with a larger increase fac-
tor (α) or smaller decrease factor (β) has higher utility. For
the slow start phase in TCP, assumeα=1 andβ=1/2, then
U(x) = xlog3.

For x > xs, i.e., in the congestion avoidance phase, as-
sume the additive-increase rate isµ > 0, and multiplicative-
decrease rate isβx. In the absence of congestion, i.e.,cg = 0,
the control law is given by

ẋ = z(t, x)f(x) = µ (10)

In the presence of congestion, i.e.,cg = 1, we have

ẋ = z(t, x)[f(x)− 1] = −βx (11)

Then we have

U(x) = (
µ

β
+x)[log(µ+βx)−1]−x[log(βx)−1]+C (12)

1Here we assume the rate of a flow is positive after the flow initiates. In
other words, the flow has a positive initial rate. For example, the initial flow
rate is two packets per RTT in TCP-Reno

and
z(t, x) = µ + βx (13)

whereC is a constant;U(x) is a differentiable, strict concave,
and increasing function; andz(t, x) is positive. Hence the
AIMD control law achieves globally optimal rate allocation
maximizing utility function described in Eqn. (12). In the
TCP congestion avoidance phase,β = 1/2, thenU(x) =
(2µ + x)[log(µ + x/2) − 1] − x[log(x/2) − 1] + C. Note
that theβ value is found to be larger than 1/2 in [10] and
[16]. However, our analysis in the next section shows thatβ
value has limited effect on the equilibrium rate allocation and
hence, we simply letβ = 1/2.

We setC at a value such thatU(x) is continuous at this
point. Then we have

C = xslog[
(α + β)xs

µ + βxs
]− µ

β
log(µ + βxs) +

µ

β
(14)

Eqns. (6), (7) (forx < xs) and (10), (11) (forx > xs) are
called the TCP control law, which maximizes the utility func-
tion given by Eqns. (8) (forx < xs) and (12) (forx > xs).
The TCP control law captures the steady state TCP behav-
iors where the slow start thresholdxs is a constant. More
specifically, TCP uses a dynamic slow start threshold. In the
absence of TCP timeout, a flow always adjusts its slow start
threshold to be half of the peak rate (the rate at the instance of
congestion). When TCP is in the steady state, the peak rate
is fixed and so is the slow start threshold. Whenever a con-
gestion occurs, the rate is set to the slow start threshold and
the flow immediately enters the congestion avoidance phase.
As a result, the steady state TCP behavior is modeled by Eqn.
(10), (11), and (12). In other words, the slow start phase plays
an important role only during the initial TCP ramp-up phase.

The proposed, normalized utility function withµ = 0.1
andxs = 1, as well as the logarithm utility function (log(1+
x)) are presented in Fig. 1. We see that the utility in the slow
start phase constitutes a significant part of the proposed util-
ity function. A flow achieves more utility in the slow start
phase than that in the congestion avoidance phase. Hence,
flows with larger slow start thresholds tend to grab the net-
work resource more aggressively.

In the congestion avoidance phase, whenβx >> µ,
U(x) ' (µ/β)log(x) + const. For TCP,U ' 2µlog(x) +
const. Namely, when the flow rate is large, TCP achieves
the well-known weighted proportional fairness [9] with the
weight value equal toµ/β, explicitly proportional to the ad-
ditive increase rateµ. For TCP, the congestion window size
is increased by one packet per RTT. As a result, the additive
increase rate is inversely proportional to its RTT. A flow with
a shorter RTT has higher additive increase rate. Hence, the
utility, and thus the allocated rate, for a flow with a shorter
RTT in a shared link is higher than that of a flow with a
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Fig. 1. Utility Functions

longer RTT. If the additive-increase rate is set to a constant
value for every flow, then each flow has the same utility func-
tion and hence achieves the same allocated rate in a shared
link, independent of RTT. This explains why keeping con-
stant additive-increase rate in TCP leads to fair allocation of
traffic rate to every flow, as observed in [5] and [13]. Util-
ity functions with dependence on RTT were also proposed in
[23] in the context of pricing models and in [19] based on
AQM algorithms.

III. R ATE ALLOCATION BASED ON UTILITY FUNCTION

The TCP control law (i.e., MIMD in the slow start phase
and AIMD in the congestion avoidance phase) and the corre-
sponding utility function in the previous section are derived
in the continuous time domain without taking into account
the effect of TCP timeout. A natural question to be asked
is how accurate the control law and the corresponding utility
function describe the TCP behavior. In this section, we test
the accuracy of the proposed model by first comparing the
measured TCP utility against the optimal utility, and then the
measured rate allocation of TCP sessions against the optimal
rate allocation.

Fig. 2. Network topology I

Let us consider a network with a total number of 12 nodes,
as shown in Figure 2. Assume there are 4 flows in the net-

work. Flow i that starts at the source nodeSi and ends at the
destination nodeDi (i=1, 2, 3 and 4). The link bandwidth
for each of the links between nodesR1 andR2, R2 andR3,
andR3 andR4 is 100 Mbps (Mega bit per second) and the
link bandwidth for each of the rest of links is 200 Mbps. The
three 100 Mbps links are the bottleneck links, each of them
is shared by two flows. Three different propagation delays
(t0, t1 and t2) are assumed for different links as shown in
Figure 2. We study three different cases with different link
propagation delays as shown in Table I.

TABLE I
L INK PROPAGATION DELAY OF THREE CASES

t0 t1 t2

Case I 5 ms 5 ms 5 ms
Case II 2 ms 5 ms 5 ms
Case III 5 ms 5 ms 2 ms
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Fig. 3. Measured average TCP Utility

We first estimate the utility function in Eqns. (8) and (12)
for the equilibrium rate allocations of TCP-Reno and com-
pare it with the theoretical optimal utility. In TCP, the thresh-
old of the slow start phase is dynamically adjusted based on
the current congestion window size. Whenever congestion is
detected, the slow start threshold is set to half of the current
window size. In the simulation, we first measure an average
threshold value (in Mbps) for each flow which is computed as
the average threshold window size (in Mega bits) divided by
the average measured RTT (in seconds). Then the theoretical
maximum utility is calculated based on the measured aver-
age thresholds, and the measured utility of TCP at timet is
estimated based on both the measured average thresholds and
the average rates from time 0 tot of all the TCP flows. Both
theoretical and measured average network utility for Case I
are given in Figure 3 (similar results are obtained for Cases
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II and III, which are not given here). The close match of
the two curves indicates that the proposed model captures the
underlying utility of TCP well.

To further test the accuracy of the proposed TCP model, we
compare the measured rate allocations of TCP flows against
the theoretical ones that maximize the proposed utility func-
tion. As mentioned before, a TCP flow is always in the con-
gestion avoidance phase in the steady state, assuming that the
timeout is ignored. Hence, the utility of each flow can be cal-
culated based on Eqn. (12), assuming it is always in the con-
gestion avoidance phase. Denote the additive increase rate
and slow start threshold of flowi areµi andxi

s, respectively.
Then the utility of the system is

U(x1, x2, x3, x4) =
4∑

i=1

{(µi

β
+ xi)[log(µi + βxi)− 1]

−xi[log(βxi)− 1] + Ci} (15)

subject to
xi + x4 ≤ B for i=1, 2 and 3

where B is the shared link bandwidth. Since flows 1,
2 and 3 have the same RTT, the flow rates and the ad-
ditive increase rates of these flows are the same, i.e.,
x1 = x2 = x3 = x = B − x4 andµ1 = µ2 = µ3 = µ.
Then the maximum utility is achieved by setting
∂U(x1, x2, x3, x4)/∂x4=0, i.e., the optimal rate,x4,
satisfies the following equation:

[
µ/β + B − x4

B − x4
]3 =

µ4/β + x4

x4
(16)

In Eqn. (16), the power coefficient takes value 3 because flow
4 traverses 3 bottleneck links. In general, the power coeffi-
cient will ben if flow 4 traversesn bottleneck links. When
x = B − x4 >> µ/β (in all three cases of the simulation,
βx/µ > 50), Eqn. (16) can be approximated by

x4

x
=

x4

B − x4
' µ4

3µ
(17)

The flow allocation is dependent on the additive increase rate
and the number of bottleneck links, but is independent ofβ
andB. For that reason, we have simply setβ = 1/2. The
flow rate is proportional to the additive increase rate and in-
versely proportional to the number of shared bottleneck links.
Hence TCP achieves proportional fairness: inversely propor-
tional to the RTT and the number of shared bottleneck links.
Whenµ = µ4, the flow ratiox4 : x ' 1 : 3, the same as the
optimal rate allocation for the logarithm utility function with
a constant scale factor.

In the congestion avoidance phase, the congestion window
is increased by one packet per RTT. If the packet size isw

bits, the additive increase rate of a flow isw/RTT . In our
simulation, the packet size is set to 1,000 bytes, i.e.,w =
8000. Table II gives the theoretical rate ratios based on Eqn.
(16) for all three cases. Here the RTT is simply taken to be
the round-trip propagation delay. The RTTs for flow 4 and
other 3 flows in all three cases are: 30 ms and 50 ms in Case
I; 18 ms and 50 ms in Case II; and 30 ms and 38 ms in Case
III.

TABLE II
THEORETICAL OPTIMUM RATE ALLOCATION FOR THREE CASES

Rate Ratio Case I Case II Case III

x4:x 0.2 0.12 0.26

Although not tightly coupled with the queuing mecha-
nisms in use in network nodes, the family of control laws
presented in the previous section does implicitly assume that
different flows sharing the same congested link should have
equal opportunity to sense the congestion. Hence we let all
the flows share a single Random Early Detection (RED) first-
in-first-out (FIFO) queue at each router. Flows are generated
by TCP-Reno. Each simulation run is 300 seconds and the
statistics are collected during the last 100 seconds.

Figures 4 - 6 show the flow ratio versus time for three
cases, respectively. The flow ratex for the three cases is com-
puted as the average rate of flows 1, 2 and 3. Here, we ob-
serve that the measured TCP flow ratios are close to the the-
oretical ratios for all three cases. These results demonstrate
that the derived utility function and hence the TCP control
law captures the essential behavior of TCP.
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Fig. 4. Rate Ratio, Case I

IV. EFFECT OFSLOW START THRESHOLD

For TCP using dynamical slow start threshold, the slow
start phase has no impact on the equilibrium rate allocation
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Fig. 6. Rate Ratio, Case III

among flows, given that the TCP timeout is a rare event. To
test the linear utility function for the slow start phase, we
modify TCP-Reno by setting a fixed threshold valuexs for
every flow in the network. Then we run this modified TCP-
Reno on the same network topology with propagation delay
given in Case I. We considerxs > B/2 and xs < B/2,
separately.

For fixedxs andxs > B/2, due to the linear utility func-
tion in the slow start phase, the theoretical optimal rate al-
locations are approximately:x1 = x2 = x3 ' xs and
x4 ' B − xs, independent of RTT. Forxs = 80 Mbps,
x4 ' 20 Mbps, x1 = x2 = x3 = x ' 80 Mbps, i.e.,
the ratiox4 : x ' 0.25; Forxs = 100 Mbps, x4 ' 0,
x1 = x2 = x3 '100 Mbps. Figures 7 and 8 present the
simulation results for TCP-Reno with fixed threshold atxs =
80 and 100 Mbps. We see that the rate ratiox4 : x is around
0.24 forxs = 80 Mbps, very close to the theoretical ratio.
The rate of flow 4 is close to 0 forxs = 100 Mbps. For
the linear utility, a flow sharing a single bottleneck link with

a flow that traverses multiple bottleneck links tends to grab
all the available link bandwidth. These results strongly sug-
gest that the utility of TCP in the slow start phase is a linear
function.
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Fig. 7. Rate allocation, with fixed thresholdxs=80 Mbps
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Now let’s look at the case wherexs is fixed andxs < B/2.
Due to the linear part in the utility function, the optimal rate
of each flow in the steady state is above the slow start thresh-
old xs. Among all the flows, flow 4 has the longest RTT
and thus the smallest average and peak rate (x4

p) in the steady
state. First consider the case wherexs < x4

p/2. When con-
gestion occurs, the rates of all flows are reduced to half of
their respective peak rates. The rate of flow 4 is reduced to
x4

p/2, larger thanxs. By ignoring the timeout effect, when
congestion occurs, the flow rates are reduced by half and then
all the flows enter the congestion avoidance phase immedi-
ately. So the utility function for flows with a fixed small slow
start threshold is expected to be the same as that for TCP with
a dynamic threshold.



7

For the case wherexs < B/2 andxs > x4
p/2, the peak

rate of flow 4 (i.e.,x4
p) is less than2xs and greater thanxs

(above the threshold) in the steady state. When congestion
occurs, flow 4 goes to the slow start phase due to the fact that
the rate is reduced tox4

p/2 which is below the threshold. In
this case, flow 4 goes back and forth between the congestion
avoidance phase and the slow start phase. In this particular
case, it is difficult to analytically derive the optimal rate allo-
cations using the utility function given in Eqns. (8) and (12).
To simplify the analysis, here we derive an approximate util-
ity function, which can be easily used to estimate the optimal
rate allocation. Note that, after flow 4 goes to the slow start
phase, it enters the congestion avoidance phase at flow rate
xs after one RTT. So flow 4 is in the additive increase phase
most of the time. If we consider the rate change from the
peak value to the slow start threshold to be a single rate de-
crease at ratex − xs, then the flow can be viewed as always
in the congestion avoidance phase. The control law can be
approximately modeled as: (1) the rate increases at rateµ in
the absence of congestion (the same as in Eqn. (10)), and (2)
the rate decreases atx−xs in the presence of congestion, i.e.,

ẋ = z(t, x)f(x) = −x + xs (18)

Then the utility function derived from Eqns. (10) and (18) for
this approximated control law can be expressed as

U2(x) = (µ+x−xs)log(µ+x−xs)− (x−xs)log(x−xs)
(19)

Now the optimal rate of flow 4 can be computed from the
utility function expressed in Eqn. (19). Let us study the rate
allocation in Case I using fixedxs at 10, 20, and 40 Mbps.
For xs =10 and 20, the peak rates of flows 1, 2, and 3 in
steady state are over2xs, and the utility function of these
flows is given by Eqn. (12), denoted asU1(x). For flow 4,
the peak rate in steady state is less than2xs, and its utility
function is given by Eqn. (19). In this case, the optimal rate
allocation maximizes the total utilityU(x1, x2, x3, x4) =∑3

i=1 U1(xi) + U2(x4). For xs=40, the peak rates of all
four flows in steady state are less than2xs. In this case, we
haveU(x1, x2, x3, x4) =

∑4
i=1 U2(xi). The optimal rate al-

location with different slow start thresholds are given in Table
III.

TABLE III
THEORETICAL OPTIMUM RATE RATIO WITH DIFFERENTSLOW START

THRESHOLDS

Rate Ratio xs=10 xs=20 xs=40

x4:x 0.223 0.373 0.769
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Fig. 9. Rate Allocation for fixed thresholdxs=10
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Fig. 10. Rate Allocation for fixed thresholdxs=20
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Fig. 11. Rate Allocation for fixed thresholdxs=40

Figures 9-11 show the simulated rate allocation of four
flows atxs = 10, 20 and 40 Mbps, respectively. The rate ra-
tios (x4 : x) are close to their theoretical counterparts for all
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three cases. We observe that despite the fact that flow 4 tra-
verses three critical links and has a larger RTT value than the
rest of the flows, its rate increases as the threshold increases
and stays above or close to the threshold value. This suggests
that the fixed slow start threshold could play a key role for
providing user fairness, provided that it does not exceed in
certain value (xs < B/2 for the current case).

Based on these results, we conclude that the linear part in
the utility function plays a key role for rate allocation. Al-
though the slow start phase does not play an important role in
TCP (assuming TCP timeout is a rare event) due to its use of
a dynamic slow start threshold, understanding the slow start
phase provides valuable insights on how to design new end-
to-end transport layer protocols, in particular, the protocols
that can provide guaranteed rate services. In summary, we
verify that the utility functions in the slow start phase is lin-
ear.

V. CONGESTIONCONTROL LAW FOR M INIMUM RATE

GUARANTEED SERVICE

The above TCP model indicates that a flow with a longer
RTT and sharing more bottleneck links achieve lower rate.
As a result, it cannot be used to support applications requiring
rate guarantees. So an interesting question to be answered is
the following: is it possible to design an end-to-end conges-
tion control protocol to support Minimum Rate Guaranteed
Service (MRGS)? As a first step towards answering this ques-
tion, in this section, we derive a minimum-rate-guaranteed
(MRG) congestion control law. This control law possesses
the following three desirable features. First, it maximizes the
same utility function as the TCP control law does, i.e., the
utility function given in Eqns. (8) and (12). Hence, by design,
the MRG control law is TCP fair and friendly. Second, just
like end-to-end TCP, it is end-to-end in the sense that it can
be implemented without involving the network nodes. Third,
flows using the MRG control law can coexist with the flows
using the TCP control law, and they jointly drive the network
to a globally stable and optimal state. In what follows, we
present this control law and provide preliminary testing re-
sults based on simulation.

According to [22], the optimal control law for single path
MRG service (MRGS) can be generally expressed as follows,

ẋ = (z(t, x)[f(x)− (1− c̄g × rm)])+x=0 (20)

with

rm(x) =
{

1 if x ≥Θ
rm
max > 1 if x < Θ (21)

whereΘ is the targeted minimum rate andrm
max is a tunable

parameter. Letting the utility function be the one in Eqns. (8)
and (12), we have the MRG control law as follows: (1) when

the ratex is above the targeted minimum rateΘ, the control
law is the same as the TCP control law; (2) when the rate
x is smaller than the targeted minimum rateΘ and the path
is congested, the decrease rate is -x/2, the same as the TCP
control law. Without congestion, the increase rate is

ẋ =
{

(3rm
max − 1)x/2 if x < xs

(rm
max − 1)x/2 + µrm

max otherwise
(22)

If rm
max = 1, the MRG control law degenerates to the TCP

control law. If rm
max is greater than 1, the exponential in-

crease rate for the MRG control law is faster than TCP in the
slow start phase, and the increase rate is still exponential in
the congestion avoidance phase, but at a lower rate. In our
implementation of the MRG control law, the rate of a flow
at timet is calculated as the congestion window size at time
t divided by the average measured RTT at timet. We also
use a dynamic slow start threshold. In other words, when the
path is congested, the slow start rate is set to half of the cur-
rent flow rate and the rate is reduced by half. However, the
increase rate is always exponential if the rate is smaller than
the target rate. Hence the target rate plays a role similar to
the fixed threshold and hence it may provide rate guarantee.

From Eqn. (22), we note that ifrm
max = 3, the increase

rate isx + 3µ ' x, i.e., the flow rate is doubled every RTT.
If the rate is reduced by half from the target rate when con-
gestion occurs, such increase rate brings the flow rate back to
the target rate in one RTT. A largerrm

max results in a larger
increase rate. However, a largerrm

max still takes the flow rate
back to the target rate in one RTT, the same as the case of
rm
max = 3. Hence anyrm

max for rm
max > 3 has the similar

effect asrm
max = 3. rm

max > 3 has an impact only for the
case that a flow senses continuous congestions and goes back
to initial slow start rate. Hence we only considerrm

max in a
range between 1 and 3.

We conducted preliminary simulation testing of the MRG
control law. Consider a network topology with 14 nodes as
shown in Figure 12. In this network, each link has a band-
width of 20 Mbps and the propagation delay of each link is
given in Figure 12. There are 5 flows running in this network.
Flow i starts at the sourceSi and ends at the destinationDi

(i =1, 2, 3, 4 and 5). The RTTs excluding queue delay for
flows 1 to 5 are 12, 14, 50, 22, and 80ms, respectively. As-
sume that flow 4 requires 3 Mbps minimum rate guarantee,
whereas all other flows are elastic BE flows.

First, we run all five flows using TCP-Reno. Figure 13
shows the average rate of the five flows. The rates of flows
1, 2 and 3 are around 12 Mbps , the rate of flow 5 is about
5 Mbps. The rate of flow 4 is below 2 Mbps, much smaller
than its required minimum rate of 3 Mbps.

Now we run MRG control law for flow 4 and TCP-Reno
for other flows. We find that the target rate for flow 4 can be
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Fig. 12. Network topology II
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Fig. 13. Flow Rate Allocation, TCP-Reno for all Flows

achieved whenrm
max is 2 or above. Whenrm

max is less than
2, the average rate of flow 4 is increased but cannot reach its
target rate. Figures 14 and 15 show the average rate of five
flows. The rate of flow 4 reaches its target rate at bothrm

max =
2 and 3, respectively. Note that in both cases (see Figures 14
and 15), the four TCP flows incur minor rate losses compared
with the respective rates in Figure 13. When the target rate
of flow 4 (not presented here) is increased further to 4 Mbps,
the MRG control law can provide about 3.5 Mbps, less than
its target rate, while the other flows incur very little further
rate losses. This indicates that the MRG control law is TCP
friendly. In other words, it has the ability to better exploit
the available network resource than TCP to achieve its tar-
get rate. In the meantime, when the network resource is not
sufficient to sustain its target rate, it has the ability to back
off to ensure friendliness to TCP flows. These observations
are encouraging but preliminary. It is of practical importance
to understand, from a theoretical point of view, under what
conditions, the target rate can be achieved,which will be ex-
ploited in our future work.

The proposed MRG control law has great potential to be
used to support low-bandwidth Internet applications with
minimum rate guarantee, such as live streaming media and
Voice-over-IP. For example, it can be applied to the popular
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Fig. 14. Flow Rate Allocation, MRG Control Law for flow 4 with
rm
max=2.0
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Fig. 15. Flow Rate Allocation, MRG Control Law for flow 4 with
rm
max=3.0

P2P live streaming media applications, such as PPlive [14]
and PPStream [15]. There are mainly two types of P2P mul-
timedia applications: live streaming data and multimedia file
downloads. Both applications use TCP as its reliable data
transport. The first type of applications requires guaranteed
average throughput rate performance, which is usually a few
hundreds of Kbps. The received data in a peer is buffered
for a few minutes before its replay. Hence, a short rate de-
crease does not affect the replay quality if the average rate
reaches its target rate at a timescale of tens of seconds. The
second type of applications is elastic. Due to the relatively
small bandwidth demand of live streaming applications, sup-
port such applications using the proposed MRG control law
is expected to have limited impact on other elastic traffic.
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VI. CONCLUSIONS ANDFUTURE WORK

The TCP congestion control mechanism used in today’s In-
ternet is a fully distributed, end-to-end traffic control mech-
anism. It uses only resource inferable, single-bit binary in-
formation as input for the source control, i.e., whether the
forwarding path is congested or not. These salient features
make TCP highly robust and deployable at global scale.

This paper aimed at understanding, interpreting, and mod-
eling of end-to-end TCP behavior on the basis of a global
optimization framework. First, we derived a utility function
of TCP and its corresponding control law, called TCP con-
trol law. The TCP control law captures the TCP slow start,
congestion avoidance, and the aperiodic, binary nature of the
TCP information feedbacks. We found that the utility func-
tion in the slow start phase is linear. This term indicates that
the user fairness in terms of achievable user utilities can be
improved by setting the slow start threshold at a fixed, larger
values for flows with longer RTT values. Second, a Minimum
Rate Guaranteed (MRG) control law is derived based on the
same utility function of TCP. The MRG control law and the
TCP control law jointly achieve globally stable and optimal
control. The preliminary simulation results indicated that the
MRG control law can provide minimum rate guarantee under
certain conditions. These results provide significant insights
on the possible design of an MRG transport layer protocol
to support emerging Internet applications, such as P2P live
streaming media.

As our future work, we will study, from both theoretical
and engineering perspectives, under what conditions the tar-
get rate of a flow using the proposed MRG control law can
be achieved. We also plan to develop other possible optimal,
end-to-end traffic control laws and protocols to meet various
application needs, such as assured forwarding service and up-
per bounded rate service.
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