TCP C

ONGESTION

A

VOIDANCE

U

SING

E

XPLICIT

B

UFFER

N

OTIFICATION by

S AVERIO M ASC OLO AND M AR IO G ER LA

CSD - TR980008

TCP Congestion Avoidance Using

Explicit Buffer Notification

Saverio Mascolo and Mario Gerla

Abstract

T his paper proposes to modifythe T CP congestio n control mechanism b yallo wing networ k routers to supply

Explicit Buffer Notificatio n (EBN) to the T CP data sender. T he T CP sender runs an algorith m that uses the EBN feedback to co mpute the control windo w. T he EBN plays the role of a generalized Advertised Windo w so that the EBN

T CP results to be a natural extensio n of the current T CP flo w control. T he keyfeature of the proposed congestion avoidance algorithm is that it is not based on packet loss to detect congestio n. As a conseq uence, it results to be suitable for applications that are sensitive to the delayor loss of individ ual packets, such as interactive traffic, and for data transfer over wireless links where packet loss will occur more often due to unreliable links than due to congestion. T he proposed control wor ks over connection paths with anybandwidth ´ delayproduct. Its strength lies in the fact that it is designed via classical control theor yand, therefore, its d ynamic properties, such as no cell loss and full link utilization, can be rigorouslyand easily sho wn via mathematical analysis. Finally, Fair Queuing at the router s decouples the flo ws and ensures fairness.

1. Introduction

T he T CP protocol was designed to provide reliable data deliver yover conventio nal ( wired) networ ks for a limited range of transmissio n rates and propagation delays. One of T CP strengths lies in its co ngestion co ntrol mechanism proposed in the cornerstone paper byVan Jacobson [1]. Nowadays, data transfers over co mmunication paths with everlarger band width ´ delayproduct, quality of ser vice ( QoS) requirements for interactive traffic and co mmunicatio n over wireless links, are shifting the do main for which T CP was originally engineered. As a consequence, active research is in progress to extend the do main o f T CP operability[2].

T he congestion co ntrol algorithm used in the T CP/IP protocol is a sliding windo w mechanism that uses packet loss to detect congestio n. In particular, the end-systems probe the network state b ygrad uallyincreasing the windo w of packets that are outstanding in the network until the network beco mes congested and drops packets. T his control strategy is the best one under the assumption that the network is a ^black box~ that cannot supplyany explicit feedback infor mation to the data sources. T his assumptio n is sufficient for pure best-effort data with little or no sensitivityto delayor cell loss o f individual packets, but makes problematic to support interactive applications such as telnet and web -bro wsing.

Active queue management mechanism that detects congestion before the queue over flo ws is desirable because it avoids dropping cells on queue over flo wand synchronization of loss across multiple flo ws. Rando mEarly Detectio n

(RED) is an active queue management mechanism that has been proposed to detect incipient congestio n [3], and is currently being developed in the I nternet backbone. Bydropping packets based on the average queue length exceeding a threshold, rather than o nlywhen the q ueue over flo ws, RED maintains the average queue at a smaller level, and reduces the delayexperienced b ythe flo ws. A further enhancement [4], [5] allows Red to set an E xplicit Co ngestion

Notificatio n (ECN) bit in the packet header instead of dropping the packet. T his bit has to be provided in the IP header and understood bythe transport protocol. In this way, the receiver wo uld be notified b ythe E CN of incipient congestion. T he congestion control algorithm executed at the end-system would be essentiallythat of a transport protocol where a dropped packet is used as an indication of co ngestion, that is, the source wo uld halve its congestion windo win response to an ECN indication ( multiplicative decrease).

In [6] gateways maintaining separate queues per transport-level-conversation at each o utput-port are proposed. T he idea is to control data flo wb yupdating a conver sation window that is co mputed as a function of the per-conservatio nqueue-size and the preceding windo w-size.

In this paper we propose to allowthe routers to stamp in the packet header the per-flo w available buffer room. We call this feedback E xplicit Buffer Notificatio n (EBN). T he control windo wsize is d ynamically updated based on the buffer notificatio n received fro mthe routers. In particular, the windo wis co mp uted b ymeans o f an algorithm that is the windo w-based ^equivalent~ of a rate-based algorithm for ABR traffic control in AT M networks, which has been proposed in [7]. T hanks to the explicit feedback fro m the netwo rk, the T CP congestion control algorithm is transfor med to a congestio n avoidance algorithm, where the congestion is no more intentio nallyprovo ked in order to probe the network capacityb ut is rather avoided guaranteeing no packet loss. T he advantages of the proposed algorithmare: 1) retransmissions are reduced thus improving network utilization and delivering of traffic that is sensitive to delayor cell loss; 2) since packet lo ss does not indicate congestion, the proposed congestion avoidance algorithm is suitable over wireless links, where losses occur more often due to unreliable links than co ngestion; 3) the algorithm works well over anyband width ´ delaypath, including wireless links with very large propagation delay such as satellite link.

2. The current TCP congestion control algorithm

In this sectio n, we brieflydescribe the current T CP congestion control algorithm in order to enlighten the modifications introduced b ythe E xplicit Buffer Notification. In particular, we will sho w how the proposed EBN T CP is a ^natural~ extension o f the current T CP flo wco ntrol.

T CP congestio n control mechanism has two parts: the flow control mechanism that prevents the sender fro m overflo wing the receiver buffer, and the congestion control mechanism that prevents the sender fro moverloading the network [8].

2.1 The flow control mechanis m

Let MaxRcvBuffer be the size of the receiver buffer in b ytes. On the receive side T CP must keep

LastByteRcvd

- NextByteRead £ MaxRcvBuffer

to avoid overflo w. T herefore it advertises a windo wsize o f

Advertised Window=MaxRcvBuffer - ( LastByteRcvd - NextByteRead)

which represents the amo unt of free space remaining in the receiver buffer. T he T CP on the send side co mputes an

Effective Windo w W that limits ho w much o utstanding data it can send [8]

W=EffectiveWindow=

Advertised Window - ( La stByteSent - LastByteAcked)=

Advertised Window - OutstandingPackets (1)

ù

2.2 The congestion control mechanis m

In order to keep the sender from overloading the network, T CP maintains the state variable called Congestion

Window . T he congestion windo w plays, in congestion control, the role of the advertised windo w in flo wco ntrol. T CP

comp utes the minimum of the congestio n windo wand the advertised windo w. T herefore the Effective Window is

comp uted as follo ws [8]

MaxWindow= MIN ( CongestionWindow,Advertised Window)

EffectiveWindow=MaxWindow - OutstandingPackets (2)

No w, since T CP assumes no explicit feedback fro mthe network, the problemis ho w T CP comes to learn an

appropriate value for the Congestion Window . Van Jacobson´s milestone paper [1] defines an increase/decrease

mechanismto throttle the size of the congestio n windo w. T his mechanism probes the networ k capacityb yincreasing

the load until packet loss is experienced; when a loss is experienced the windo wsize is reduced.

In detail, the T CP-T ahoe and T CP-Reno [9] maintain a current congestion windo wsize W and a threshold W

t wh ich

are updated as follo ws:

1 T ahoe/Reno

After ever y no n-repeated ack:

if W<W

t

,set W=W +1; /slo wstart phase

else set W=W +1/[ W ]. /congestion avoidance phase. [ x ] denotes the integer part of x

2 T ahoe

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

set W

t

=W /2;

set W =1.

2 Reno

When the num ber of repeated ACKs exceeds a threshold, retransmit ^next expected~ packet;

set W

t

=W /2, then set W=W

t

;

resume congestio n avoidance phase using new windo wonce retransmission is ackno wledged.

3 Reno

Upon timer expir y, the algorithmgoes into slo wstart phase as before:

set W

t

=W /2;

set W =1.

T he keyfeature of the T CP congestion co ntrol algorithm is that it assumes no explicit feedback fro mthe network.

T herefore, the congestion windo wsize oscillates around its eq uilibrium value because packet losses are intentionally

provoked in order to probe network capacity. T his causes link under-utilizatio n when the congestio n windo w is small,

and packet loss when the congestion windo wis large. Moreover, increasing the congestion windo wuntil packet are lost,

fills the buffers. T his increases queuing delays that are har mful for delay-sensitive applications [6]. Other inefficiencies

of T CP congestion control are [2], [6]:

1) slo wadaptation o f the window and, therefore, lo wperfor mance especially over path with large band width-delay

product;

2) the reaction of T CP to detection of packet loss b ymeans of T CP retransmissio n timeout may take several RT T s,

that is, it is no more up to date.

In the next Section we propose to modify the T CP allowing the networ k router to supplyexplicit feedback [4], [5].

T his is because we believe that, under the assump tion of no explicit feedback fro mthe network, the current T CP

congestion control basically alread ygives the best obtainable perfor mance.

3. The TCP with Explicit Buffer Notification

In this Section we describe the T CP with E xplicit Buffer Notification. T his algorithmmakes o ne further step in the

direction suggested in [4] and [5], where it is assumed that the net wor k feeds the data sources with a binar yfeedback

infor mation, called Explicit Co ngestion Notificatio n (ECN). Here we propose a multi-bit feedback that we call Explicit

Buffer Notification (EBN). Ever ypacket, at the destination, carries stamped on its header the minimu mamo unt o f free

space remaining in the buffers it traver ses along the co mmunication path. In other words, let B

i be the free space

remaining in the i-th buffer, where the i-th buffer is exclusively used b ythe considered T CP flow(i.e. Fair Queuing is

assumed at the router). T he Explicit Buffer Notification is

{ }

Window

Advertised i B EBN

path the of routers i

, min

Î

=

Clearly, EBN plays the role of a generalized Ad vertised Windo w.

Note that the per-flo w buffering allo ws the flo ws to be decoupled. T his assump tion is cr ucial in order to effectively

and easilyco ntrol congestion b ymeans o f an algorithm entirelyr un at the source end-system.

At the destinatio n end-system, T CP stores this EBN in the T CP header in the retur ning ACK packet. At the source

end-system, when an ACK is received, the T CP computes the size of the control windo w W as follo ws

W = EBN - OutstandigPackets (3)

Eq. 3 dynamically updates the windo w W o f unackno wledged packets based on the EBN feedback received fro mthe

network.

Due to the explicit feedback fro mthe networ k, the EBN T CP does not need to probe network capacityb yinducing

packet loss. T herefore, in an ideal setting, the slo w start, the congestion avoidance and the mul tiplicative decrease

phases of the current T CP could be no more necessar y. In a practical setting, to ensure the T CP operabilityin the case

of path with so me routers that are not EBN capable, the current T CP windo wco ntrol (2) must be used where the

MaxWindow is no w

MaxWindow=MIN ( Congestion Window , EBN )

Remark 1 : T he windo w-based feedback control (3) is a ^natural~ extension of the current T CP flo w control equatio n

(1). In fact, it can be viewed as the generalization of the T CP flo wco ntrol equation obtained b ysubstituting the

Ad vertised Windo wwith the E xplicit Buffer Notificatio n. T he EBN takes into account the space that is free in all the

buffers along the flo w path, including the Receiver Buffer.

Remark 2 : FIFO queuing, differently fro m Fair queuing (FQ), does not separate packets according to the flo wto

which they belong. T his is a problemat two different levels [8]. At one level, it makes impossible to adequatelycontrol

congestion via an algorithm imp lemented entirelyat the so urce. At another level, since the entire congestion algorithm

is run at the so urce and FIFO queuing does not provide a way to police ho w well the sources ad here to this mechanism ,

it is possible for a ill-behaved flo w to capture an arbitrar ylarge fraction of the band width. Fair queuing addresses both

these problems maintaining a separate queue for each flo w currentlybeing handled bythe router. T he fact that each

flo w has exclusive buffers, i.e. the flo ws are decoupled, allows an algorithm entirelyimplemented at the source to

effectivelyand easilyco ntrol congestion. Moreover, the router ser vices these q ueues in a round-robin manner and

enforces fairness among a set of well-behaved congestion controlled flo ws.

4. Genesis of the TCP EBN algorithm and mathematical analysis

In general, we can model a packet s witching connection as a flo w of packets going thro ugh a series o f buffers and

communication links. T his simple model captures the fundamental str ucture of data networks, including both Inter net

and AT M. We assume that ever yflo w, for instance a T CP flo w, has dedicated buffers along the co mmunicatio n path,

that is, these buffers store onlypackets of the desired connectio n ( Fair queuing ). Under this assump tion, each flo w is

completely decoupled fro mother flo ws so that router s can guarantee appropriate QoS requirements to each flo w.

Moreover, thanks to this assump tion, it is possible to effectivelyperfor m congestio n avoidance b ymeans of an

algorithm entirelyr un at the so urce.

Considering a flo w, a link along the path will be the bottleneck for this flo w. T he buffer feeding this link has the

maximum queue level over all the queue levels alo ng the path. T he congestion avoidance algorithm, entirely

implemented at the source, must guarantee that: 1) the bottleneck q ueue does not over flo w (i.e. no data loss); 2) the

bottleneck queue level is always greater than zero (i.e. full link utilization).

Fig. 1 sho ws the d ynamic model of the flo w with the corresponding bottleneck queue. T he model consists of:

1) T he integrator represented in the Laplace do main b ythe transfer functio n 1 /s . It models the buffer

associated to the link that is the bottleneck for the considered flo w;

2) T he disturbance d ( t ) , which models the link band width that is available for the considered flo w; d ( t ) is

an unkno wn and bounded function that depends on all the flows sharing the bottleneck link;

3) T he transfer function fw sT

e

-

, which models the propagation time T

fw fr o mthe data source to the

bottleneck queue;

4) T he transfer function fb sT

e

-

, which models the propagation time T

fb fro m the bottleneck q ueue to the

destinatio n and then back to the source; T

fb includes also the bottleneck queuing time in case it is not zero;

5) T he controller transfer function G

c

( s ) ;

6) T he data source input rate u ( t );

7) T he reference signal r ( t ).

T he feedback control scheme wor ks as follo ws: the so urce co mpares the reference signal r ( t ) with the delayed

bottleneck queue level x ( t˘T

fb

) and then inputs the difference into the controller G

c

( s ) whose o utput is the input rate u ( t ).

T he change in input rate reaches the bottleneck queue after the propagation delay T

fw

, whereas the queue level is fed

back to the source after the time T

fb

. It should be noted that the round trip time ( RTT ) of the co nnectio n is always RTT =

T

fw

+T

fb anywhere the bottleneck queue maybe positioned along the flo w path. Note that T

fb includes the delayd ue to the

bottleneck queuing time. T his means that the proposed model is capable to represent the case o f mo ving bottleneck.

Fig. 1 sho ws that the input rate variable u (t) fills the bottleneck queue, whereas the available band width variable d (t)

empties this q ueue. T o guarantee full utilizatio n of net wor k links in presence of the disturbance d ( t ), the control variable

u ( t ) has to pump enough traffic so that the queue is never empty. On the other hand, to guarantee stability, i.e. to avoid

queue over flo w, the control u must moderate the intensity of data pump ing.

For mally, q ueue stabilitycan be stated as the objective of designing a control law u ( t ) , for the inp ut rate, such that

the bottleneck queue level x ( t ) satisfies the follo wing stability condition :

0 for ) ( > £ t o

r t x

where r o is the buffer allocation at the network q ueues. Similarly, full utilizatio n of networ k links is guaranteed if

the bottleneck queue level o f the flo w satisfies the follo wing utilization condition :

for 0 ) ( T>t t x >

where T represents the transient time after the starting of data flo w. Clearly, this co ndition guarantees that any link

has always data to send.

No w, b yletting the bottleneck b uffer allocation r o be the reference value r ( t ), the control action tries to fill this

queue at its full capacity, whereas the available band width d ( t ) seeks to emptythe queue. Note that, due to the possibly

large propagation delays in the control loop, queue level d ynamics might exhibit oscillatio ns, and even beco me

unstable. T herefore the design of the linear controller G

c

( s ), which satisfies the stability and efficiency conditio ns, has to

be carried out carefully.

In this paper, the design o f G

c

( s ) is developed follo wing Smith´s principle, which is an important classical control

technique for time-delaysystems [10], [11]. In [7] this principle was exploited for designing a rate-based control

algorithm for ABR traffic in AT M networks.

In wide area networ ks, the connection round trip time is large and influences the stability of the congestio n control

algorithm. T he round trip time is mostly deter mined b ythe propagation delay. T his quantitycan be co mputed in

advance, when the connection is established. T o take into account the jitter of round trip time due to queuing time, a

model containing time var ying delays should be considered. Ho wever this would make mathematically difficult to deal

with the model. Fro ma practical point of view, it is possible to extend the validity of the model with constant RTT to

the case of time var ying RTT, where RTT can be estimated dynamically using T CP round trip delaymeasurements.

Moreover, we will see in Sec. 6 that the windo w-based for mo f the co ntrol equation is intrinsicallyrobust to the jitter in

RTT , that is, it inherentlytakes into account the time var ying RTT .

Byassuming a kno wn R TT , Smith´s principle can be easily exploited. In particular, the system reported in Fig. 1,

can be made equivalent to the delay-free systemsho wn in Fig. 2, where K is a constant gain. T hus, equating the transfer

functio ns of the systems reported in Fig. 1 and Fig. 2

RTT s

c sT

c sT

e

s s G e

s s G

e

s

K s

K

fw

fw

× -

-

-

+

=

+

1

) ( 1

1

) (

1

and, after a little algebra, the follo wing controller is derived

( )

RTT s c

e

s

K

s G

× - - +

=

1

1

1

) ( (4)

T he system in Fig. 2 is a first order system with the delay T

f w in cascade. Fro mco ntrol theory, it is kno wn that the

step response of a first order system delayed b y T

fw is r o [1 - exp ( t - T

fw ,

)]·1( t - T

fw ,

), where r o is the amplitude of the step

r ( t )= r o · 1( t ). T his response has two advantages: 1) it is bounded b y r o ; 2) it has no dumped oscillations.

In the time do main, the transfer function (4) gives the follo wing inp ut rate control equation [7]

÷

ø ö

ç

è æ

ò

-

× - - - = t

RTT t o d u fb T t x r K t u ) ( ) ( ) ( t t (5)

T his equation can be intuitively interpreted as follo ws: the comp uted inp ut rate is proportional, through the

coefficient K , to the available room in the bottleneck q ueue, that is ( r o - x ( t - T

fb

)), decreased bythe number of cells

released bythe source during the last round trip time . Equation (5) is a rate-based control equation that was presented in

[7] for controlling ABR traffic. In Section 6, we will transform this equation to an equivalent windo w-based for m.

In the next section perfor mance evaluation of the proposed control algorithmis carried out via mathematical

analysis. I n particular, stability is demo nstrated and buffer allocation required for full utilization is derived.

5. Performance Evaluation

Linear control theor yprovides an established set of tools which enables us to design algorithms who se perfor mance

can be predicted analyticallyrather than relying on simulations. In particular, to analyze the perfor mance of the

proposed algorithmis sufficient to use standard Laplace transfor mtechnique. T he advantage of mathematical analysis is

that the results are demonstrated in a general setting, whereas the validation using simulations is al ways restricted to the

simulated scenario. It is worth noting that the mathematical analysis is here possible thanks to the simp licity of the

proposed algorithmand to the assumption o f decoupled flows (i.e. Fair Queuing).

5.1 Stability

T he follo wing proposition shows that the bottleneck queue is bounded, that is, overflo w o f the queues alo ng the path

is avoided.

Proposition 1 : Considering the reference signal r ( t )= r o ) ( 1 t × and the controller (4), the output of the sys temsho wn

in Fig. 1 satisfies the stability condition x ( t ) £ r o , for t ³ 0.

Proof:

T he input-o utput d ynamics of the systems in Fig. 1 and Fig. 2 are equal. T herefore, considering the systemin Fig. 2,

the Laplace transfor mof the outp ut x ( t ) in response to the set point )(1 tr o × is

( ) fw sT o

e

K s s r

s X

-

×

+

=

/ 1

1

) (

Bytransfor ming X ( s ) back to time do main, it follo ws

( )

( )

o

fw fw T t K o r T t e r t x £ - × ÷

ø ö

ç

è æ

- × =

- -

1 1 ) ( (6)

that is, the queue does not overflo w.

Remark 3 : T he queue d ynamics (6) is characterized bythe time constant t = 1 /K . T herefore, the transient d ynamics

can be considered exhausted after the time T

tr

= T

f w

+ 4 t . Fig. 3 sho ws the d ynamics of x ( t ) in response to r ( t )= r o × 1( t ).

5.2 Modeling the available bandwidth as a disturbance

It is difficult for a source to kno wthe band width that is available at the bottleneck link. T his is because the path can

be a wide area connection traversing heterogeneous networks. Moreover, the band width at the bottleneck link is shared

byother flo ws so that it is impossible to predict the left over band width capacity. We assume that the data source does

not kno wthe band width that is available at the bottleneck link. T herefore, we model this band width b ymeans of the

disturbance d ( t ), which is a bounded and unmeasured function. T he reason for which we assume that d ( t ) is not

measured is that, since it is a bursty signal, it is difficult to measure it using the sampled measurements conveyed bythe

acks. In fact, the Nyquist sampling theoremrequires that, in order to reconstruct a signal, it is necessar ya sampling

frequency at least equal to two times the signal higher frequency. As a consequence, it is possible to measure onlya

lo w-pass filtered d ( t ), i.e. a time average which cut off the higher frequencies. No w, it should be noted that the queue

level is a lo w-pass filtered measurement of ( input rate - d ( t ) ) , that is, the filtered measurement of d ( t ) is an infor matio n

alreadycontained in x ( t ).

A link transmission capacitynor malized to unity is assumed so that, if all link band width is available for the

considered flo w , d ( t ) is equal to the step 1( t ). T he coexistence with other flo ws reduces the band width which is

available for the co nsidered flo w to d ( t ) = 1( t ) ˘b ( t ) ³ 0, where b ( t ) is the band width used b yother flo ws. Bydefining

{ }

) ( min t b b

t m

= it results: d ( t ) £ 1( t ) ˘b

m

·1( t ) =a × 1( t ) where a= (1 ˘b

m

)<1. In other words, a is the maximum available

band width for the considered flo w.

T he objective of the control algorithmis to keep the bottleneck q ueue level greater than zero and less than the queue

capacityin presence of a time var ying, bounded and unkno wn depletion rate d ( t ).

5.3 Full utilization of networks links

T o guarantee full utilizatio n of networ k links in presence of time var ying available band width, the utilization

condition must be satisfied. Intuitively, a buffer allocation equal to (available band width) ´ (RT T ) is necessar y to ensure

full link utilization. In fact, assuming that the available bandwidth goes instantaneo usly from zero to a , then, in the time

RTT, the amo unt of data a × RTT can be drained, whereas no feedback can reach the buffer before the round trip time

[12]. T he follo wing proposition states the minimum buffer allocation that is necessar yto fully utilize the link

band width.

Proposition 2 : T he control law(5) guarantees full utilizatio n of network links if the condition

( )

RTT a o

r + > t (7)

is satisfied.

Proof:

Byconsidering that the available band width d ( t ) is an unknown and bounded function such that d ( t ) £ a × 1( t ), with

a <1, the worst case disturbance a × 1( t ) is assumed. Using the co ntroller (4), the transfer functio n fro mthe available

band width d ( t ) to the queue level x ( t ) is given b y

RTT s

e

K s s

K

s s D s d X × -

+

+ - =

) (

1

) (

) (

which, for

s s D

1

) ( = gives

( ) ( ) ( )

( )

( )

÷

ø ö

ç

è æ

- ×

- -

- - - × - + × - = RTT t

RTT t K

e

K

RTT t RTT t t t a t d x 1 1

1

1 ) ( 1 ) (

T he dynamics of x

d

( t ) is sho w in Fig. 4.

Letting x

r

( t ) be the response to the step input r 0 × 1( t ) , the global queue d ynamics is

( )

( )

( ) ( ) ( )

( )

( )

÷

ø ö

ç

è æ

÷

ø ö

ç

è æ

- ×

- -

- - - × - + × -

+ - ×

- -

- = + =

RTT t

RTT t K

e

k

RTT t RTT t t t a fw T t fw T t K

e o

r t d x t r x t x

1 1

1

1 ) ( 1

1 1 ) ( ) ( ) ( which, for ¥ ® t , gives:

k a

RTT a o

r s x - × - =

In order to fullyutilize the band width, x

s must be greater than zero so that the output link of the queue has always

data to send. T herefore, condition (7) is derived.

Fig. 5 sho ws the global bottleneck q ueue d ynamics in response to r ( t )= r o × 1( t ) and d ( t )= a × 1( t - t

1

).

5.4 Max-min f airness

Proposition 3 : T he Fair Queuing service discipline guarantees fair allocation of available band width to each flo w.

T his functio n is perfor med independently fro mthe congestion co ntrol algorithm.

Proof:

T he queuing ser vice discipline distributes the available link band width to each flo w according to a given definitio n

of fair ness, such as, for instance, fair queuing. In other words, the queuing ser vice discipline gives a fraction a

j of the

available band width d ( t ) to each j- th flo w. T his band width a

j d ( t ) is the disturbance for the j- th flo w. Clearly, the

queuing service discipline is not ^seen~ b ythe control algorithm, that is, congestion control and queuing service

discipline are co mpletely decoupled.

6. Window based control

So far, we have described a control scheme that co mputes the inp ut rate. Eq. 5 has been derived for controlling best

effort traffic in a general packet switching network modeled as a graph of nodes (switches) and links.

No w, to applythe scheme to T CP source, we transfor mthe rate-based control equation (5) to the windo w-based

control equation (3) described in Section 3. To do this, the control equation (5) can be rewritten as

÷

ø ö

ç

è æ

× - - - = × = ò

- t

RTT t o d u fb T t x r t u

k t u

) ( ) ( ) (

) (

t t t . (8)

We can interpret t × ) ( t u as the Window of unackno wledged data that can be sent. B yconsidering that

ò

-

× = t

RTT t d u gPackets

Outstandin ) ( t t

and letting EBN be

) (

fb

T t x r EBN o - - =

Eq. 8 gives the Eq. 3

W=EBN ˘ OutstandingPackets

alreadyintroduced in Sec. 3.

Ever ytime the source gets an ack, the windo w W is updated in according to Eq. (3). Note that the windo wco ntrol

equation is robust to the jitter in RTT . In fact, the number of outstanding packets inherentlytakes into account the time

var ying RTT . T herefore, we can state that the windo w-based for m(3) of the rate-based equation (5) does not suffer the

problemof the jitter of RTT . On the other hand, it is worth noting that the traffic generated b ya wind o w controlled

source is bursty. T herefore, a T CP using the rate-based control equatio n (5) could be exploited to avoid burstytraffic.

Finally we remark that, in case so me router s along the path are not EBN capable, then the current T CP congestion

control equation (2) should be used where MaxWindow=MIN ( CongestionWindow , EBN ).

Conclusions

In this paper, a windo w-based T CP congestio n avoidance algorithm based on feeding back Explicit Buffer

Notificatio n has been presented. A major advantage is that windo wcontrol need not to be driven b ypacket loss. T he

windo wis d ynamically updated taking into account the explicit feedback fro mthe network. T he proposed algorithmis

simple and it results to be a natural extension o f the current T CP flo wco ntrol. It has a co mmo n root with a rate-based

control algorithm proposed for ABR traffic in AT M networ ks [7]. In particular, it is the equivalent wi ndo w-based for m

of that algorithm. T herefore, it is not only a natural enhancement o f the current T CP flo wco ntrol, but it offers a unifor m

mechanismfor integrating the control of Internet traffic over AT M. Since the control algorithm is simple and designed

using linear control theor y, its d ynamic properties, such as full link utilizatio n and no data loss, are rigorously sho wn

via mathematical analysis. As a consequence, the validation of the algorithm is general and it is not restricted to

simulated network scenarios.

Ref erences

[1] V. Jacobson, ^Congestio n Avoidance and Control,~ Proc. of the SIGCOMM´88 Symposium , Stanford, CA, pp.

314-329, 1998.

[2] V. Jacobson, ^T CP Extensions for High Perfor mance,~ Internet Draft Paper , February1997.

[3] S. Flo y d, and V. Jacobson, ^Rando mEarlyDetection Gateways for Congestion Avoidance~, IEEE/ACM

Transactions on Networking , vol. 1, no. 4, August 1993, pp.397-413.

[4] S. Flo yd, ^T CP and Explicit Co ngestion Notification~, ACM Co mp uter Co mmunication Review, vol. 2 4, no.

5, October 1994, pp. 10-23.

[5] K. K. Ramakrishan, S. Flo yd, ^A proposal to add Explicit Congestion Notification (ECN) to Ipv6 and to T CP~,

Internet Draft Paper , November 1997.

[6] T . Ziegler , H. D. Clausen , ^Congestion Avoidance with BUC (buffer utilization co ntrol) gateways and RFCN

(reverse feedback congestio n notificatio n)~, IEEE Int. Performance, Computing and Communications

Conference , Phoenix, February 1997, pp. 410-418.

[7] S. Mascolo, D. Cavendish, M. Gerla, ^AT M rate based congestion control using a Smith Predictor: an EPRCA

implementation~, IEEE Proc. of Infocom 96 , San Francisco, 1996.

[8] L. L. Peterson, B. S. Davie, Computer Networks, San Francisco, CA, 1996.

[9] W. Stevens, ^T CP/IP illustrated~, vol. 1, Addison Wesley, Reading, M A, 19 94.

[10] O. Smith, ^A Co ntroller to Overco me Dead T ime~, ISA J ., vol.6, no.2, pp.28-33, 1959.

[11] G. F. Franklin, J. D. Powell, A. E mami-Naeini, Feedback Control of Dynamic systems , Addison Wesley, 1994.

[12] C. Villamizar and C. So ng, ^High Performance T CP in ANSNET ~, ACM Co mp uter Co mmunicatio n Review,

v. 4, no. 5, October 1995.

Fig.1 Dynamic model of the controlled data flo w.

Fig. 2 Desired input-outp ut d ynamic

Fig. 3 Bottleneck queue level d ynamics in response to the set point r ( t )= r o × 1( t ).

Fig. 4 Bottleneck queue level d ynamics in response to the disturbance d ( t ).

G

c

( s ) u ( t ) x ( t ) d ( t )

-

- r ( t )

fw sT

e

-

s

1

fb sT

e

-

a × RTT

T

fw t 0 r o x

r

( t )

RTT

t

0 x

d

( t )

a × t + a × RTT

K

s

1

˘ fw sT

e

- r ( t )

x ( t )

Fig. 5 Global queue level d ynamics in response to r ( t )= r o × 1( t ) and d ( t )= a × 1( t - t

1

).

T

fw t 0 r o x ( t )

t

1 t

1

+RTT r o - a × RTT

r o - a × RTT - a × t