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Abstract — The explosive growth of Internet with the ever
increasing demand of network bandwidth makes critical the
issue of congestion control in the emerging high-speed
Internet. In this paper we propose classical control theory to
model the congestion control algorithm of the Internet's
Transmission Control Protocol (TCP) and the Smith
principle to design a new algorithm for congestion control in
high-speed Internet. The analysis provides a theoretical
insight into the congestion control mechanisms of TCP along
with a method to modify and improve this mechanism in a
way that is backward compatible. The proposed control
algorithm generalizes today’s TCP congestion control
algorithm using a generalized advertised window which is
obtained by means of round trip time measurements.

Keywords — Congestion control; Transmission Control
Protocol/Internet Protocol.

1. INTRODUCTION

The Transmission Control Protocol Internet/Protocol (TCP/IP)
was originally designed to provide reliable data delivery over
conventional (wired) networks for a limited range of transmission
rates and propagation delays. It provides a connection oriented,
reliable communication channel to upper layers. One of TCP
strengths lies in its congestion control mechanism proposed in the
cornerstone paper by Van Jacobson [1]. Nowadays, data transfers
over communication paths with ever-larger bandwidthxdelay
product, quality of service (QoS) requirements for interactive
traffic and communication over wireless links, are shifting the
domain for which TCP was originally engineered. As a
consequence, active research is in progress to extend the domain
of TCP operability [2]-[7], [11], [15].

The congestion control algorithm used in the TCP/IP protocol is a
sliding window mechanism that uses packet loss to detect
congestion. In particular, the end-systems probe the network state
by gradually increasing the window of packets that are
outstanding in the network until the network becomes congested
and drops packets. When a packet drop is detected, first the
window is shrunk and then it starts to increase until a packet drop
is again detected. Note that this control strategy obeys the
principle that the network is a ““black box” that cannot supply any
explicit feedback information to the data sources. Thus, packet
loss is an implicit feedback 1o indicate congestion. The drawback
is that losses cause retransmissions, oscillatory behavior of the
source input rate and links under-utilization. A consequence is
that today's TCP/IP is effective for pure best-effort data transfer
with little or no sensitivity to delay or packet loss of individual
packets, but makes problematic to support interactive
applications.

The paper is organized as follows: in Sec 2 the data network
model is described; in Sec. 3 classical control theory is used to
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model a flow-controlled network; in Sec 4 the control law is
designed using the Smith principle. Sec. 5 describes today's
TCP/IP congestion control algorithm whereas Sec. 6 describes
our control algorithm. In Sec. 7 computer simulations are
reported, whereas Sec. 8 draws the conclusions.

2. THE DATA NETWORK MODEL

In this section we describe the model of a general network that
employs a store-and forward packet switching service, that is,
packets enter the network from the source edge nodes, are then
stored and forwarded along a sequence of intermediate nodes and
communication links, finally reaching their destination nodes [8]-
[10]. The network can be considered as a graph consisting of:

a) A set N={n;} of nodes (routers) which store and forward the
packets along the communication path. A node consists of a
set of input queues where incoming packets are stored and of
a set of output queues where outgoing packets are stored.
Each node is characterized by the processing capacity 1/,
(packets/sec) where 1, is the time the router / needs to take a
packet from the input and place it on the output queue. It is
assumed that the processing capacity of each node is larger
than the total transmission capacity of its incoming links so
that congestion is caused by transmission capacity only.

b) A set L={};} of communication links which connect the nodes
to permit the exchange of information. Each link is
characterized by the transmission capacity c¢;=1/; (packets
/sec) and the propagation delay 1, For each node ie N, let
0(i) < L denote the set of its outgoing link and let /(i) c L
denote the set of its incoming links.

The network traffic is contributed by source/destination pairs
(S,D)eNX N. To each (5,D) connection is associated a Virtual
Circuit (VC) or a flow mapped on the path p(5,D)=(n,, na,...n,).

A deterministic fluid model approximation of packet flow is
assumed, that is, each input flow is described by the continuous
variable u(r) measured in packets/sec.

In high-speed networks, the bandwidth delay product £;/4; is an
important parameter which affects the stability of closed loop
control algorithms. It represents a large number of packets “in
flight” on the transmission link. These packets are also called in
pipe packets.

We assume that each router output link maintains Per-flow First
In First Out (FIFO) queuing. This assumption has important
implications. In fact, per-flow buffering, differently from FIFO
queuing, separates packets according to the flow to which they
belong [9]-[11]. This assumption leads to a control problem
design that is a single-input/single-output ($1SO) problem design,
where the input is the connection rate and the output is the
bottleneck queue level. On the other hand, if many sources share
the same FIFO queue, then the control problem design requires
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more complex feedback information travelling through the
network, and more computational effort [12]. The fact that each
flow has exclusive buffers, i.e. the flows are uncoupled, allows an
algorithm entirely implemented at the source to effectively and
easily control congestion {9].

The dynamic model of a network queue is a simple integrator. Let
x;(£)20 be the queue level associated with connection (S,D;) and
link /;. By writing the flow conservation equations, the queue
level x;(t), starting at t=0 with x;(0)=0. is

w0 = [ Ll -Ty-dgolae

where 1(1)20 is the inflow rate due to the i-th flow, T} is the
propagation delay from the i-th source to the j-th queue, and
di(20 is the rate of packets leaving the j-th queue, that is, the
bandwidth which is available on link /; for the i-th flow. Notice
that the available bandwidth dj(#) depends on the global traffic
loading the link.

3. CLASSICAL CONTROL APPROACH TO MODEL A FLOW-
CONTROLLED DATA NETWORK

In this section the dynamics of network data queues in response
to input traffic is described using classical control approach. The
block diagram of a closed loop controlled-flow, with its
interaction with network traffic and bottleneck queue, is shown in
Fig. 1.
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Fig.1: Model of the controlled TCP flow

In particular, it consists of?

1) An integrator described in the Laplace domain by the transfer
function 1/s. It models the per-flow buffer which is the
bottleneck for the considered TCP flow. Notice that the
bottleneck is the only queue along the path of the considered
TCP connection which is greater than zero. The output x;(?) is
the bottleneck queue length of the connection i at link j;

A disturbance dy(r), which models the bandwidth that is
available for the i-th flow at bottleneck link j. It is the
bandwidth left unused by other flows sharing the bottleneck
link. We assume that it is not possible to measure d;(r).
Notice that the “best effort” available bandwidth di(r) is
modeled as an unknown deterministic function rather than a
stochastic process, and that, by means of this disturbance
dii(t), all traffic scenarios are easily modeled;

. ~T 4 i:8 .
The transfer function e ¥°, which models the

propagation time Tj.; from the i-th flow source to the
bottleneck queue at link j;

2)

3)

. T .ii8 . .
4) The transfer function e ¥, which models the propagation
time T, ; from the bottleneck queue at link j to the destination

and then back to the source f;
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5) The controller transfer function G {(s);
6) The input rate w;(f) of the i-th TCP connection;
7) The reference signal ri(1).

The feedback control scheme consists of two inputs: the reference
signal r(t) and the disturbance di{s). The difference ri(t)-xy(r)
reaches the destination and is relayed back to the source after the
backward propagation time Tp,;. The controller G.(s), which is
located at the source, calculates the input rate. The input rate
reaches the queue after the forward propagation delay Tj.;;
Notice that the round trip time (RTT;) of the i-th TCP connection
is always RTT;=Tj,;+Tj,; anywhere the connection bottleneck
link j may be positioned along the connection path. This means
that the proposed control scheme models also the general case of
bottleneck that moves along the connection path. In case the
contribution of the bottleneck gqueuing time to the to the RTT
cannot be neglected, then the queuing time can be considered part
of Ty The disturbance dj(r) directly empties the bottleneck
queue.

Due to the possibly large propagation delays in the controf loop,
queue level dynamics might exhibit oscillations, and even
become unstable. Therefore, the design of the linear controller
G.(s) must be carried out carefully. Herein, we propose to design
the controller G.i(s) following the Smith principle [13], [16). The
Smith predictor is well known as an effective dead-time
compensator for a stable process with large time delay. The main
advantage of this technique is that the time delay is eliminated
from the characteristic equation of the closed loop system. Thus
the design problem for the process with delay can be transformed
to the one without delay.

4. THE CONTROL LAW

The objective of the control law is to guarantee that the source
input rate promptly utilizes all available bandwidth even in the
presence of available bandwidth dj(s). At the same time, buffer
overflow must be avoided. These goals can be formally stated via
the two following conditions:

[

where 7’ is the queue capacity, which guarantees that the
bottleneck queue is always bounded, i. . no packet loss, and

1) stabiliry: Xij N<r0 fort>0

2) full link wtilization: x,'j(r) >0 for t 2T =RTT (V)
which guarantees that the bottleneck queue is never empty, i. e..
full utilization of the bottleneck link because the link has always
data to send. Notice that, due to propagation time, 7 can never be
less than the round trip propagation time and that, due to time
varying disturbance, it is never possible to reject the disturbance
during the transient, which is the normal operation mode of
communication networks.

The plant consists of an integrator with a delay in cascade. We
assume that the delay is well-known so that a controller can be
successfully designed following the Smith principle [13]. We will
further discuss this assumption when we will apply the designed
control law to TCP/IP.

The key idea is to look for a controller G.(s) so that the input-
output dynamics of the system reported in Fig. 1 becomes equal
to the input-output dynamics of the system reported in Fig. 2. A
major advantage of such system is that it is a simple first order
system with a delay in cascade. The first order system is obtained
by choosing a proportional controller & for the delay—free plant.
As a consequence, letting the set point r;(f) be the step function
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" 1), where r” is the capacity of the bottleneck queue, the

output exponentially converges to a steady state without
oscillations or overshoots. :

ri{t)
e_s ij,ij —

P

O._» kol 1 T’ T xy(1) >

Fig. 2: Desired input-output dynamics

Now we are ready to derive the controller.

Proposition 1: The transfer functions X(s)/R(s)' of the

systems reported in Fig. 1 and Fig. 2 are made equal by using the
controller described by the transfer function

k

1+1‘-(1 —e‘T“)
s
Proof:

By equating the transfer functions of the systems reported in Fig.
1 and Fig. 2

Ge(s)= Q3)

Gefs) TS k
K} =8 _,Ts
14 8el) T K
s s
the controller (3) is derived after a little algebra. ]

Looking at the controller (3) shown in Fig. 3, it is easy to write
the rate control equation that is

u(t)=k(r(t ~Tp)-xt-Ta) - [l u(@)- dr) @

—i x(t=Ty)

_T,
et
+ o

1

u(t)

Fig. 3: Smith’s predictor

! From now on, the subscripts in x(t), dy(t), GAt), uit), T;, which
are used to refer the j-zh output link and the i-th connection, are
dropped.

This equation can be intuitively interpreted as follows: the
computed input rate is proportional, through the coefficient k, to
the space which is free in the bottleneck queue, that is
r(t—Tﬂ,)—x(r—Tﬂ,), decreased by the number of packets

released by the VC; during the last round trip time 7, i. €., the "in
flight packets".

Mathematical analysis that shows that the control law (4) satisfies
stability and full link utilization conditions is here omitted for
brevity.

5. TopAY'S TCP/IP CONGESTION CONTROL ALGORITHM

TCP/IP congestion control mechanism has two parts: the flow
control mechanism that prevents the sender from overflowing the
receiver’s buffer, and the congestion control mechanism that
prevents the sender from overloading the network [9].

5.1 The flow control mechanism

Let MaxRcvBuffer be the size of the receiver buffer in bytes,
LastByteRcvd the last byte received and NextByteRead the next
byte to be read. On the receive side TCP must keep

LastByteRcvd—NextByteRead<MaxRcvBuffer
to avoid overflow. Therefore it advertises a window size of
AdvertisedWindow=MaxRcvBuffer—(LastByteRcvd~NextByteRead)

which represents the amount of free space remaining in the
receiver buffer. The TCP on the send side computes an Effective
Window W that limits how much outstanding data it can send [9]

W= EffectiveWindow=AdvertisedWindow—LastByteSent—LastByt
eAcked)=AdvertisedWindow—Outstanding Packets (5)

5.2 The congestion control mechanism

In order to keep the sender from overloading the network, TCP
maintains the variable called Congestion Window. The congestion
window plays, in congestion control, the role of the advertised
window in flow control. TCP computes the minimum of the
congestion window and the advertised window. Therefore the
Effective Window is computed as follows [9]

MaxWindow=MIN(CongestionWindow,AdvertisedWindow)
EffectiveWindow=MaxWindow—Outstanding Packets (6)

Now, since TCP assumes no explicit feedback from the network,
the problem is how TCP comes to learn an appropriate value for
the Congestion Window. Van Jacobson’s paper [1] defines an
increase/decrease mechanism to throttle the size of the congestion
window. This mechanism probes the network capacity by
increasing the load until packet loss is experienced. When a loss
is experienced the window size is reduced.

For a detailed description of TCP-Tahoe and TCP-Reno see {14].
The following description of the window evolution is sufficient
for our purpose.

1 Tahoe/Reno
After every non-repeated ack:
if W<W,set W=W+1; /slow start phase. W, is a window
threshold.
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else set W=W+[1/W]. /congestion avoidance phase. [x]
denotes the integer part of x
2 Tahoe

After a packet loss is detected (when timer expires or the
number of repeated ACKs exceeds a threshold):

set W,=W/2;

set W=1.
2 Reno

When the number of repeated ACKs exceeds a threshold,
retransmit “next expected” packet;

set W,=W/2, then set W=W,;

resume congestion avoidance phase using new window
once retransmission is acknowledged.
3 Reno

Upon timer expiry, the algorithm goes into slow start phase
as before:

set W,=W/2;

set W=1.

The key feature of the TCP congestion control algorithm is that it
assumes no explicit feedback from the network. Therefore, the
congestion window size oscillates around its equilibrium value
because packet losses are intentionally provoked in order to probe
network capacity. This causes link under-utilization when the
congestion window is small, and packet loss when the congestion
window is large. Moreover, increasing the congestion window
until packets are lost fills the buffers. This increases queuing
delays that are harmful for delay-sensitive applications.

In the next Section, the control equation (4) will be applied to
TCP/P protocol. A surprising similarity with today's TCP flow
control will be shown.

6. APPLICATION TO TCP/iP: THE GENERALIZED ADVERTISED
WINDOW (GAW) VIA ROUND TRIP TIME MEASUREMENT

In this section we apply the control law (4) to the TCP/IP
congestion control mechanism. So far, we have described a
control scheme that computes the input rate. In fact, the rate-
based control Eq. 4 is derived for controlling best effort traffic in
a general packet switching network modeled as a graph of nodes
(switches or routers) and links. The round trip time (RTT) is the
sum of the round irip propagation time T, which is constant, and
queuing time T, which is stochastic. Now it is worth noting that a
consequence of using per-flow buffering is that the only queue
level, along the connection path, which is greater than zero, is the
bottleneck queue. Thus, the queuing time is the time a packet
waits queued in the bottleneck buffer. Let x(f) be the queue level
at time #, when a packet enters the queue. Then the queuing time
T, is the time necessary to empty the level x(f) given the depletion

1+T,
rate d(-) in the interval [1, 1+T,}, that is x(z) =j “d(r)dT . As
!

a consequence the round trip time RTT=T,+T, is time-varying
since T, depends on x(z) and on the depletion rate d(-). When the
connection is started T, is zero and RTT=RTT,;,=T,.

Control of time-varying delay systems is a complex topic. To
preserve the simplicity of the algorithm herein derived, we try to
extend this algorithm to the case of time-varying RTT by simply
updating the RTT used by the controller via on line measurement.
The validation of this extension will be carried out via computer
simulations.

The congestion control algorithm in the current TCP uses a
window-based control equation. In order to preserve as much as
possible the features of today's TCP congestion control
mechanism, we transform to a window-based control equation the
rate-based control equation (4) as follows:
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ut)- T=r2G-Tp)-x=Tp)~|[_y u(®)-dt M

We can interpret the amount of data u(t)-7 as a Window (W) of

unacknowledged data that can be sent a time f. The window W
represents an impulse of data sent every sampling time Ty =7 .

The outstanding packets are the packets sent by the source and
not yet acknowledged. Therefore it results that

OutstandingPackets= [ _ 1 u(t)-dt

Noting that this integral comes from the Smith predictor, it can be
concluded that the Smith predictor takes into account the in flight
packets.

The quantity @ - Tﬂ,) - x(t - Tﬂ,) is the space that is free at

the bottleneck buffer. It is the minimum free space over all the
buffers encountered along the connection path, including the
Receiver’s Buffer. In other words, letting B; be the free space
remaining in the i-th buffer, where the i-th buffer is exclusively
used by the considered TCP flow at the i-th router, we let

o - be) - x(t— ij) =GAW be the Generalized Advertised
Window (GAW) as follows:

GAW = min {B;, AdvertisedWindow} (8)
i€ path

Every packet (IP packet in this case), at the destination, carries

stamped on its header the minimum amount of free space

remaining in the buffers it traverses along the forward path. Thus,

Eq. 4 can be rewritten in window form as:

W = GAW —OutstandingPackets (C))]

Every time the source gets a GAW in an acknowledgment packet,
a window of W packets is sent. Note that the window control
equation inherently takes into account the jitter in RTT. In fact,
the number of outstanding packets inherently takes into account
the fact that RTT is time varying due to queuing time.

Eq. (9) is identical to (5) and (6) except for the GAW. In
particular, considering that the outstanding packets are the result
of the Smith predictor, it can be concluded that the TCP flow and
congestion control Egs. (5) and (6) already implement the Smith
predictor to avoid the overflow of the receiver’s buffer and to
control the congestion of the network.

To implement the control algorithm (9) into today's TCP, it is
required that each router stamps, in the header of IP packets, the
space that is free in the buffer associated to a TCP flow only if
this value is less than the one previously stamped in the IP header
by upstream routers. At the destination end system an IP packet
will carry the minimum free space encountered along the path.
The minimum between this value and the Advertised Window is
the GAW, which is relayed back to the source in the TCP header
of the returning ACK packet. Notice that the GAW feedback is
stored where today's TCP stores the Receiver’s Advertised
Window. Thus, the TCP on the send side reads the GAW instead
of the Receiver's Advertised Window and runs completely
unchanged as follows:

MaxWindow=MIN (CongestionWindow,GWA) [§10)}
W=EffectiveWindow=MaxWindow—Outstanding Packets (1

Authorized licensed use limited to: Politecnico di Bari. Downloaded on May 14,2026 at 10:06:32 UTC from IEEE Xplore. Restrictions apply.



Since TCP with GAW derives from Eq. 4, we expect no packet
loss. Thus, TCP with GAW does not probe network capacity by
inducing packet loss. As a consequence, the slow start, the
congestion avoidance and the multiplicative decrease phases of
the current TCP could be no more triggered due to packet loss.
As a consequence, the congestion window would increase more
and more and it would result:

GAW=MIN (CongestionWindow, GAW)
W=GAW-OutstandingPackets (12)
that is exactly the Eq. 9. Moreover, notice that the Congestion
Window continues to play its role in Eq. (11) through the Eq. (10)
in case the bottleneck router is not enabled to stamp the GAW.

Remark 3: The application of Eq. 4 to TCP has revealed that
today's TCP already implements the Smith predictor to control
the receiver’s buffer. The application of Smith’s principle to TCP
leads to substitute the Receiver’s Advertised Window with the
Generalized Advertised Window. The GAW-TCP is effective
over connection paths with any bandwidthxdelay product. Since
it is not based on packet loss to detect congestion, it results also
suitable for data transfer over wireless links where packet loss
will occur more often due to unreliable links than due to
congestion [15]. The proposed Generalized Advertised Window
(GAW) requires only minor modifications to the existing protocol
stack and it is completely backward compatible allowing GAW
routers to interact with non-GAW routers in an architecture as the
one described in [6].

6.1 The GAW using round trip time measurement

Now we assume that the Generalized Advertised Window cannot
be supplied by network nodes as is the case of nowadays routers.
We propose to estimate the GAW via the measurement of the
round trip time as follows. The propagation time 7, is first
obtained by measuring RTT=RTT,;, when the TCP connection is
started. Then, the time varying queuing time 7, is obtained as
T,=RTTHRTT)ni, where RTT is measured via the returning
acknowledgment packets. The estimate x(s) of the bottleneck

queue level is obtained as (1) =T, x<d(t)>, where
<d()>= (T, )j "9 d(r)dr
= ],

is the average of the depletion rate d(#) in the interval [£,+T,]
obtained by averaging the rate of the acks. We assume that the
source sets the per-flow buffer capacity r” allocated at each router
along the path of the TCP connection. Thus, the GAW is
estimated as follows:

GAW= ¥~ (RTT~RTT )X <d()> a3

and the Maxwindow to be used in (11) is computed as

MaxWindow=MIN(CongestionWindow,GAW,AdvertisedWindow)

(14)
W= MaxWindow-QOutstandingPackets (15)
Notice that this implementation does not require any
modifications to network routers. The only modification to

today's TCP is the implementation of (13) and (14) at the sender
side of the TCP protocol stack.
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7. SIMULATION RESULTS

In this section computer simulations are carried out.to show the
performance of the proposed TCP using the GAW. Fig. 4 shows
the simulated network topology, whereas Tab. 1 describes the
simulated traffic scenario. In particular, Tab. 1 reports the number
of active TCP connections that share the bottleneck link during
the simulation time. For instance, during the interval {4700,6000],
ten connections share the bottleneck each one getting one tenth of
available bandwidth (see Fig. 5) . A typical high-speed link today
has a transmission capacity of 155 Mb/s. Propagation time is,
roughly, two third of light speed. We report the dynamic behavior
of a TCP connection with a bandwidthxdelay product of 1000
packets, which can correspond to 1000 outstanding TCP
segments of 1200 bytes each, for instance along a high-capacity
packet satellite channel (e.g. DARPA’s Wideband Net) or along a
terrestrial fiber-optical path of roughly 6.000 km. The bottleneck
link capacity a is normalized to unity. The round trip time is
expressed in time slots, where a time slot is the time necessary to
transmit a packet. Thus, RTT is numerically equal to the
bandwidth-delay product. We assume a sampling time 7,=250, a
gain £=1/1000, a buffer capacity r’=1-(t+RTT)=2000 packets,
where RTT = 1000. We simulate the control algorithm (13), (14)
and (15) which is based on RTT measurements to estimate the
GAW. Figs. 6-7 show the bottleneck queue and the control
window dynamics. The dynamics are very similar to those
obtained using explicit GAW, which are here omitted (see [17]).
Therefore, Eqs. (13)-(15) represents a simple and effective
application of control equation (4) to TCP/IP protocol that can be
easily implemented with only few changes the to the sender side
of the TCP protocol stack.

8. CONCLUSIONS

Smith’s principle has been proposed to design the congestion
control algorithm for the TCP Internet protocol. The analysis
reveals that the congestion control algorithm of today’s TCP
already implements a Smith predictor to control congestion
although has been derived by communication engineers using
heuristic arguments. The application of the proposed control law
to TCP leads to a generalization of window advertising via round
trip measurements, which is completely backward compatible.
Ongoing researches are comparing the proposed algorithm with
the TCP-Reno, the TCP-RED and the TCP-EBN [17].
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Dio
Fig. 4: Network topology: ten (S;,D;) connections sharing a
bottleneck link
Number of active | Time interval
connections
0 {0,1120]
2 [1120,2480}
4 [2480,3790]
1 [3790,4700]
10 [4700,6000]
3 [6000,7500]
1 {7500,15000]
Tab. 1: Traffic scenario
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Fig. 5: Time varying bandwidth available for the TCP connection
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Fig. 6: Bottleneck queue length time waveform
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Fig. 7. Control Window time waveform
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