Chapter VI: CONTROLLING NETWORKS

1. Introduction [1, 2]

Need for flav control

1.1 Ratematching

When the source can transmit dagatér than the recar can accept data, the source must be slowashdo
or the data will build up in the network, use up thweilable huffers, and preent other sources from
transmitting

1.2 Buffer exhaustion

When the offered load is greater than can be handiesh with optimal routing, queue sizes at the
bottleneck links gre indefinitely.

When the bffer is full, paclets must be retransmitted, wasting network resources, and possibly reducing
the throughput.

1.2.1 Simpleexample
finite buffer in switch

Ap=.8 Total Thruput
1.8
c=1 1.1
A B—».i €=10 Switch 4>.C21 @ 8
c=1
o -

Ag
+ Sources A,B retransmit messages that are lost as quickly as possible
« For Ag < 1, everything that arnres at he switch is forwarded

. for Ag > 1, arivals from B cannot be forwarded as fast ag/thgive, and the loffer in the switch
becomes full

« Wheneer a kuffer in the switch becomewailable, the next arvial gets the buffer.
- buffers becomewailable at the rat€ 4 oy + Fg out
° FA,out = min(FA,inv 1) and FB,out = min(FB,ina l)

- When the bffer is full, paclets from both sources are dropped, and the sources retransmit those
packets as quickly as possible.

- The input rate at the switch from B is ten times the input rate from A therefore B getsféneld
times as often as A, artts j, = 10F 5,

« Result:Fgjn =1,Fpjn =.1L andFr =1.1
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One solution: Buffer management

reserves some buffers for each path, so that none of the paths are blocked by others

1.2.2 Basidor T CP flow control

- In the Internet with fibeoptic transmission links we assume that message losses are more likely to occur
because of buffenerflow than because of transmission errors.

- Each time there is a loss, the input rate of the user is decreased, to reduce the probabifigy of b
overflow

1.3 To provide quality of service guarantees

1.3.1 Throughput requirement:
Admission control to keep aval rate at the network belothe throughput of gnlink

« If each source requires 10 packets per second, and a link carries 166 garksecond, then no
more than 10 sources can sharg lark

- If a source requests entry to the natky and there are already 10 sources on one of the links that it
must use, then the source must be denied access or all of the sources on that &hlbwiihvf their
required throughputs.

- If the arrival rate at the source is not deterministic, and there are a finite numbeffest lat the
intermediate nodes, then the sum of the rates must be far enoughlielonake the probability of
loss acceptable.

1.3.2 Delayrequirement:
Priority queueing - when there are sources with different delay requirements

1. primitive:
- sources that can sustain higher delays amndower priority
2. moresophisticated:
- Track the time that the packet must\aré the destination.
« Packets that hee a bnger time until thg must reach the destination areagi a lower priority

- Packet discard: If packets must be discarded, discard those thatdsa of a chance to reach
the destination in time
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2. Fairnessi3, 4, 56]
Objective: Cut back traffic fairly

Problems:
1. Different requirements:
- Different priorities
- Different service guarantees:
— minimum guaranteed rate and upper bound on delay - packet voice
— maximum discard rate - data
2. Different objecties

a. luser traerses n links, n users t&se 1 link

n-link user
1 2 3 n n+
1-link 1-link 1-link 1-link
user user user user

i. maxthroughput - n-link user gets 0 units, 1-link users each get 1 unit, Throughput = n units
ii. Equal throughputs - each user gets 1/2 unit, Throughput = (n+1)/2 units

iii. Equal use of network resources - 1-link user gets n/(n+1) units, n-link user gets 1/(n+1) units --
each user gets n/(n+1) link units, Throughpubh®41)/(n + 1) units

b. In an 2.11 netwrk: user A is close to its destination and transmits at 56 MBPS, and usearB is f
from its destination and transmits at 1 MBPS

i. Equaluse of the channel
Each user has the channel at most 1/2 of the time.
User A recaies a tiroughput up to 23 MBPS, and user B reegup to 0 KBPS, for a total
throughput of 23.5 MBPS
i. Eachuser has the same throughput:
56
x*10°=(1-x)*56*10°, x = =

User A has the channel slightly less than 2% of the time user B has the channel slightly more
than 98%. Each recsis ehout 980 KBPS, for a total throughput of 1.96 MBPS.

¢. Whatis the appropriate definition of fairness?

d. How do we et it?

2.1 Max-Min Fairness
« Useri obtains flowA; on every link it traverses

« The objectie is to
a. Gve every user as large a floas pssible, subject to the capacity constraints of the links
— For each linkr, 3 4 <C,

A Or

— A vector of flows is feasible if ¥ A; < C, on every link r
AOr
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b.

And, we cannot increaseyafiow without decreasing a smaller flow

— Formally, if a set of flavs between users,, is max-min fair, for ary other feasible set of fws
between those userg, if flow ys > A, then there must exist a anothemfld; < A¢ for which
W < A¢.

n+1

- In the example, max-min fairnesves each user a flo of 1/2, and the network throughpuHZ%
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2.2 Utility Functions

Frank Kelly presented a unified approach for using utility functions to assign ratesvti@Florhe utility
functions use concepts from game theory and/@dional optimization techniques. The only constraints
on utility functions is that theare continously increasing, coneaand differentable. Irother words, the
higher the rate we obtain, the more useful the adtwecomes, but increasing the rate when the ratevis lo
is more useful than when it is highele dso assumes that utilities are additiso hat the aggigete utility

for all sources i&) = > Ug(As), whered is the rate that sourceobtains. Theates assigned to the sources

S
are constrained to the feasible rat&®lly shows that this is a ceantional optimization problem that can
be solved using Lagrangian multipliers.

Proportional fairness and TCP fairness are special cases of utility furaitioest, and max-min fairness is
a limiting case.

2.3 Proportional Fairness
. Afeasible set of flws, A, is defined as being proportionally fair if for yother set of feasible fls, y,
Z Vs~ As <0

S S

— Without the denominator in the summation, we are maximizing the total throughput.

— With the denominator the higher flows argepiless weight and a zero ilds given infinite weight,
so that we neer set a flav to zero to increase the throughput.

— We weight the flows iwersely in proportion to their values, which tends toventoward equal flows.

The logarithm function satisfies the constraints for a utility function, and itsatieei satisfies the
definition of proportional dirness. Therefore, we can find a proportional fair system by maximizing

U = Y log(4;) subject to the capacity constraints.
flows

— The maximum of the utility function occursg%
dl i
_ dloghh) _ 1
dA; A

— Deviations from the maximum value afresults in reductions in the utility function
- In the example,
— A4 is the flav for each of the 1-hop flows, and is the flov of the n-hop flav.
— The constraint on each of the linkstisg+ A, =1

—U =log(A,) + nlog(1-4,)
du

1 n
= - =0
da, A, 1-2,
1
Ap=——,and A, =
" n+1 1 1

2
. s . n“+1
— The flow for A, is less than for max-min fairness, but the throughput mcreaSﬁsﬁf
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3. Flow Control
3.1 Max-Min Flow Control

Reference 1, section 6.5.2.
Far Sharing of All of the links in a Network
When
— There are multiple source-destination pairs (P) in the network, and

— Each pOP follows one fixed path.

The flov on link "a" is

. Fa = z r P
all sessiongp on link a

« C, is the capacity of linlka

Allocated rates are feasible if:
1. rp=0forall pOP, and
2. Fy=<C,forallalA

A vector of rates is max-min fair if
1. ltis feasible and
2. For eachpP r, cannot be increased, and remain feasible without decreggioga sessiorp’ for
whichr g <r
2) implies that

a. Aflow isn't constained by a fla that obtains more bandwidth
if it is we can increase the flowy and decrease the flay, wherer , >r ,, and

b. The network is carrying as muchvlas it an under the constraints
If the network isn’t, we can increase one or more flows without decreagsirghans
Definition: Bottleneck link for session p:
A link on which

. Fa = Ca,
the link cannot carry more fig

- and,r, > r for all of the other sessiorns on the link.
We annot increase our floon the link without decreasing the Woof a user with less flav than us.

Proposition: a feasible rate vector is max-min fdiedfich session has a bottleneck link

If not, we can increase the rate of the session without decreasing the rate of a session with a lower rate.
3.1.1 TheWater Filling Algorithm
3.1.1.1 Approach

1. Maximizethe network use allocated to the session with the minimum allocation

2. Oncethe use of the most constrained session is maximized, maximize the allocation oftthe ne
most constained session.
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3.
3.1.1.2 Algorithm
All flow are initially O
Incrementll flows until one or more links become bottlenecked.
Fix the flows on the bottlenecked links.
Incrementll flows that arert’fixed until one or more additional links become bottlenecked.

Fix the flows on the e bottlenecked links.

o o M 0w h P

Proceedintil all flows hae a mttleneck link.

3.1.1.3 Example:
All of the link capacities are 1

Session 4 (rate=1)

Session 1 (rate 2/3)

Session 5 (rate 1/

3)
ession 3 (rate 143}
gessmn %ra%e 1/3}

1. Increasall flows to 1/3
« Link 2-3 becomes saturated and is the bottleneck link for sessions 2,3,5
« Fix the flows of these sessions to 1/3

2. Increasdlows for sessions 1,4 to 2/3
« Link 3-5 becomes saturated and is the bottleneck link for session 1
« Fix the flov os £ssion 1 to 2/3

3. Increaséhe flav for session 4 to 1
+ Link 4-5 becomes saturated
+ Fix the flov for session 4 to 1

3.1.1.4 Modificationsto the algorithm

1. Bounded Link Delays
Set the capacity of a link 18,' < C, to bound the link delay.
When the flav on a Ink approaches the capacity of a link, the queuing delay can become infinite.

2. Priorities:

Assign priorities to some sources to provide them with greater flows than others.
Increase the high priority flows faster than others

3. Assigh max rates to elaof the flows

The initial implementation assumes that sources camayal use more capacjtyhe flows &
unconstrained

In reality if flows reach the limit that the user presents to the network, then the uger isn’
constrained by the network.

When a flav reaches its upper limit, stop increasing that flow
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Constrained flows can be modelled by inserting a channel between each constrained source and the
network, where the channel capacity is the ggaaximum rate.

Max-Min fairness on a multicast tref]

The flav is transmitted on a multicast tree, rather then a point-to-point path.

The objectie is to gve the same rate to all of the multicast reess.

Increase the rate on all of the links on the multicast tree umtlirdnsaturates, then stop.

Max-Min fairness with proportional routing:

A fixed proportion of the flar from a source is transmitted on different paths. The source uses
several paths in the network

Increase the total flofor a source at the rate of the other sources, but increasevirenfeach of
the paths by the fraction of theil@n that path.

Stop increasing the flofor the source when gof the paths saturates.

The paths assigned to a source masetgame links in common.

This is similar to priorities.

Each sub-flav is assgned a priority equal to the fraction of thenflon the link. The flows with
lower priorities are increased more slowly.

The diference between simple priorities and proportional routing is that the sub-flows & link
togetherWhen one stops incresing, yhal stop increasing.

A more general problem does not set the proportions, but allows us to change the proportions.
We @an lower the proportion of a soursdlow on a @nstrained path in order to increase thevflo
obtained by the source.

The max-min fair assignment of proportions cannot beesolising the water filling algorithmub
there is a linear programming solution



Home work

Max-min fair flov control
The network has bidirectional links with the capacity shown in each direction.

The following flows are placed on the paths shawg, is the maximum rate that thevitaan supply.

Flow Path I max
Fa 6->5->3->1 10
Fg 2->5->3->4 7
Fc 2->3->4 10
Fo 1->3->4 10

Use Max-min fair flav control to determine the rate allowed for each of the flows
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3.1.2 Bottleneckflow control [8]

- Farness objectie: To guarantee that a user gets as muclv flarough his bottleneck links asyan
other user on those links.

« The objectie is dmilar to Water Filling Algorithm. Howeer:

A. Water Filling
1. Isa centrallized algorithm that allocates bandwidth to each user
2. Ifthe users change, the algorithm is rerun
3. Theentire bandwidth can be allocated, although less bandwidth may also be allocated
to control the delay in the network
B. Bottleneckilow control
1. s distributed - each source adjusts its own rate based upon measurements that it
makes on its own path
2. thealgorithm runs continuously s that the share of the bandwidth that a user
obtains changes as users enter angelése network
3. thealgorithm is asynchronous - the sources tlonordinate the time that thhenake
changes
4. Thealgorithm uses the unused bandwidth on each link to control the bandwidth that
each source obtains, and cannot assign all of the bandwidth on the links.
+ The technique is similar to bandwidth balancing in DQDB.

— The systems do not allocate all of the bandwidth on a channel.
A user is constrained to a fraction, less than 1, of the bandwidth that is not being used by the
other users on a channel.

— Bottleneck flav control differs from BWB because aigasses wer sevaal channels.
A user is limited by the flows on its most constrained channel.

Terms
« Cy = capacity of linkk
.y, =the flav obtained by the'" user.

. fu =3 y =total flow on k™ link
r Ok
« R, =Cy — f, =unused, residual, capacity on link k
« a;x = the fraction of the bandwidth that is not used by other users on a clkatialuser can
acquire.

— 0<ar'k<1

— By giving some users a larger valueagfthose users recsi a higer fraction of the ailable
bandwidth, and hee a ligher priority.
(ie. some user may tal0% of the unused bandwidth, and other users may ordylfak

— Different values ofr are used on different links to control the delay on the links and thereby

control the network delay.
The link delays depend on both th&s of the users on the link and the number of usees. W

can control the delay by using smaller valuesrabn links with a larger number of agdi
users.
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* Vi k = ar(R¢ + ;) is the maximum bandwidth that ugecan acquire on link.

— ), Iis the value usar's bandwidth that is used to calculaigand therefordz,.

. . X
— Reference [8] uses a value<QX; y < oo instead ofa, y, with y; = X, (Rx. ax = 1+;( . The
k
calculations are equalent, but we use because it is more intuit and is closer to bandwidth
balancing.

. y° = the maximum flw that ther™ user needs, or the maximumwishat it is allowed to acquire by
a montract.

— avoice source may s¢f to the bit rate that it would likto wse.
— A data source may sgf = oo to get as manbits/sec as possible.

— Wheny,” = oo the user is an "unconstrained user"

Technique:

. . . . 0O .0 m
Userr learnsy; y for each link on its path, and adjusts its\ft y; = min d(ro, rp[lll; ek

Definition of Bottleneck Link:
Wheny; = y; k, userr is constrained by link, and link k is usem’s bottleneck link.

Farness::
Whena, i = ay for all r, k, there are no high priority users.

-« The wusers that are constrained by link, eventually all obtain the same fip
ay
Ve =av(Re+n) = Ry.

1- ay
The flows on the link are adjusted asynchronqusly corverge to he same value the same way as
in bandwidth balancing.

- and, all of the users that share the link, but are not constrained by iyerecanaller flow,
guaranteed by the minimization.
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3.1.2.1 Relationshifbetweena,  and delay

Consider a linkk with Ny users, all of whom he the same priority so that, = ay

.

The normalized delaysing Kleinrocks independence approximation, is:

Dk _ 1 Ck _ Ck

D = = = =
“OmTUEC) T (1-p) G- f R
The max. flav occurs when alN, users are all bottlenecked on this link

ayg
== R
n 1-a K

N, a
fk,max: Ny = 1_k K (Cx- fk,max)
ay
_ Nyay
T 1+ (Ny - Day

The largest assigned Woyields the smallest residual capacity:
1 _

Aggggfﬁigg,ck

1+ (N = 1)ay

And, the smallest residual capacity yields the largest queueing delay:

_ 1+ (N~ 1ay

Ck
Rk,min = Ck - fk,max =

Dk,norm,max 1-ay

Whenay = .9, and 5 users are sharing the lirik, ,om = 46 message transmission times.
In order to guarantee that the maximum delay on a ligki3$,4,

Dmax_ 1

agSs ——=———~
Nk + (Dmax_ l)

The fraction of the unused capacity that a source requests must decrease as the number of users
sharing the link increases.

Gerla and Staskauskas, reference 9 extended bottlenecatofitrol to cut-set flav control to limit the flav
across a cut instead of a single path.
A saturated user tvarses a saturated "cut" on which his flawhe flov of any ather user on that cut

Conzhou Zhou and Maxemchuk, reference 10 extended bottelneatofitrol to MANET's
The residual capacity at a node is the fraction of the bandwidth not being used by an of the nodes in a
transmission region.
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3.1.2.2 Asynchonous Distributed Implementation:
- Each packet contains:
— a field in which the source, insertsy,, its current flav rate, and

— afield, y; min, that each node that the packet passes through can write.
When the packet enters the netwakky, = . the maximum rate that the source can supply.

- At each nodek,:
— The node calculates:

1. R =Cy— 2 ¥ stwore the residual capacityailable to source.
i#r

« They; siore are the flows of the sources thavérge this node.
- If a node is inactie for a specified amount of time, itswvlds set to zero.

2. ¥k = ar kR, is the maximum capacity that souncean acquire at node
— The node lowers the valyg,, stored in the packet to mig min, Vr,kg

O
0

« At the packet destination thalue ofy; ., is returned to source, in the acknowledgement, and the
source adjusts its rate = y; min.

— The node changes its stored valug;Qforeq = Min 5(* Ve min

3.1.2.3 Synchonous Calculation of the Flows
« The distributed implementation ognges tavard a solution.

« When all of the flows on a link kia the sameazr’s, the final solution assigns the same capacity to each
flow that is constrained by this link, and all of the other flows on this link, that are manege
constrained by another link, get a smaller capacity.

« The technique for determining the final capacity is similar to the technique used for bandwidth
balancing:
The capacity that is left on the link for the rwibthat are constrained by this link, after the flows that
are more constrained by another link are subtracted is
Cv=C- 2 n-

r Oothers

— If all of the flows on the link use the samg the flows cowerge to:

. 0 ayC'y
o= = (V= D = T

— If the flavs that are constrained by the link usdedénta’s, to dbtain priorities, then we must selv
a ¢t of simultaneous equations to determine the values to which the distributed solutesgeson
For instance, ifn; of the bottlenecked flows haa,;, and n, have ay,, the simultaneous equations
that we must solvto cetermine the corergent valuesg; x andy,, are:

, O
Vi1 = akl% k= (M —Dyrax— oYk

) O
Yiok = akzg: k= Mg — (N = 1)Vr2,kD
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« Solving for the cowergent values is complicated by thect that, initially we dor’know which flows are
constrained by which links.
We resole this problem with an iterate dgorithm:

— The algorithm is similar to water filling. In each step we find the newt dloset of flows that reach
their maximum value, and cap the flows at that value.
The flows that hae reached their maximumalue are called "saturated" and the flows that hat
reached their maximum value are called "unsaturated."

— The algorithm is different than the algorithm described fatewfilling in that we do not increase the
flows incrementallybut instead calculate the xtevalue of flows that may cause flows on a particular
link to saturate.

— Initially,
All of the flows,);, are unsaturated.
The capacityaailable for unsaturated linksis the capacity of the linlG,.

— As flows determine their maximum fair value and are saturgted,y; o, the capacity wilable for
the remaining unsaturated flows on the link is reduc&@lie Cy = 3 ¥ sar-
r Ok
— On each linkk we calculate the flo y; \, as etermined by the number of unconstrained flows, their
ay x, and the capacitywailable for the unconstrained flowy.

— A source obtains the smallestiioon its path, or the maximum flo y°, that is delered by the
source.

kD

0

— When some of the flows on a link are moreesgly constrained by other links, or are moreesely
constrained by the maximum Wahat the can supplythe remaining flows share the bandwidth that
they could not use, and rea@ alditional bandwidth.

% =min g, miny,

— If all of the flows on a link are constrained by the link, or if avfie limited by the amount that a
source can supplyhese flavs hare reached their maximum capagignd are saturated. &\fan fix the
solution for these flows and subtract them from the capacity on all of the links thtatileese.

— We repeat the calculations with tk, adjusted for the saturatedvils and find the links where all of
the remaining flows on the link are constrained by that link, or thes ffme constrained by the source.
These flows hze reached their saturated capac#yd can no longer increase eViemove these flav
from the link capacities, and repeat the procedure until all of the flows are saturated.

Reference [8has shwn that at least one flowill become saturated at each iteration, so that the
algorithm will terminate.
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Algorithm: Fora, = ay:
« Initially,
— For each user,:
« Their final flav is not known.
« Their path, the links that theise, is known.

— For each linkk:

« The number of users that may be constrained byiiiskn, (0), the number of users whosewlo
is routed oer the link.

+ The flov of the saturated users on the linkFigs,(0) = O.
- On thei' iteration,

— For each linkk, with at least one unsaturated user,

- Calculate the flows for the saturated users on thefipks(i) = > ¥ sat
r Ok
« Count the number of unsaturated flows on the k).

- Calculate the fiy available for each unsaturated user as:
. . ) N
ki) = @ Ci = ) = () = Dy i)

_ ;.0 Ck=Fusali) O
O+ (ny (i) — Lay O

— For each user,:
_ . O . O
Calculatey; (i) = min e min, Vk(')m

— For each linkk:

« If y(i) = 1 k(i) For all of then,(i) unsaturated userg, . = ¥ (i), and the users are saturated.
— For each unsaturated user,

- If y,(i) = y°, a wser is constrained by his requirement gng; = y;°
« This algorithm will terminate

— The capacty offered to each unconstrained user can only increase on each iteration.
— In each iteration at least one user will saturate
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3.1.2.4 Example
ay = .5, the total flav from the users is unlimiteg,” = oo for all r.

P4

Allowed Flows
()  Fisal) k@) | P1 P> Pz Py Ps || Visa

Iteration 1

Link A 1 0 10 10 10
Link B 1 0 5 5

Link C 2 0 10/3 10/3 10/3

Link D 1 0 1/2 1/2 1/2
Link E 1 0 714 714

Link F 3 0 3/2 3/2 3/2 3/2

Link G 2 0 10/3 10/3 10/3

Link H 2 0 10/3 10/3 10/3

v (1) 1/2 3/2 3/2 10 10/3

Vr sat 1/2 10
Iteration 2
Link A 0 0 10 10 10
Link B 1 0 5 5

Link C 1 1/2 19/4 1/2 19/4 || 19/4
Link D 0 0 1/2 1/2 1/2
Link E 1 0 714 714 714
Link F 2 1/2 11/6 1/2 11/6 11/6
Link G 1 1/2 19/4 1/2 19/4
Link H 1 1/2 19/4 1/2 19/4

¥ (2) 1/2 714 11/6 10 19/4

Vr sat 1/2 714 10 19/4
Iteration 3
Link A 0 0 10 10 10
Link B 0 0 21/4 19/4
Link C 0 1/2 19/4 1/2 19/4 | 19/4
Link D 0 0 1/2 1/2 1/2
Link E 0 0 714 714 714
Link F 1 94 15/8 1/2 714  15/8 15/8
Link G 1 1/2 19/4 1/2 19/4
Link H 1 1/2 19/4 1/2 19/4

¥ (3) 1/2 714 15/8 10 19/4

Vr sat 1/2 714 15/8 10 19/4
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« The residual capacity is the capacity that is unasigned when all of the flows on a link are saturated.
« What is the residual capacity on linksGs and H in the preceding example?

« With a, =.5, the throughputs are much less than those in in max-minclatrol with link utilizations
of 1.

Similar results would be obtained if we limited the flows to a fraction of the link capacity in the max-
min algorithm

Home work
1.

Given: Qi =0azk=. 5, Qo =04k =05k = . 9 yer = oo for allr.

Find Wk

=1

y° = oo for all r. The capacity of each link 8 bps, the werage message length ig11

P,
Ps
2

P1

Ps

A. For each linkk pick thea) so that the maximum nirmalizetlenage delay is 3.
B. findy

C. Calculatghe normalized\aerage delay on each link
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3.3 CombinedOptimal Proportional Routing and Flow Control

Reference [1], section 6.5.1

Model:
« There are sral source-destination (S-D) pairs in a network
« Each S-D pair has a small number (possibly 1) route that it can use, and must dediolepibits
flow over the designated routes
We will jointly consider the proportional routing andvilaontrol problem

- The flows from the S-D pairs may be greater than thearktig able to transfeend we must decide
both hav to wlit the flows on the allowed paths and alsevhouch to limit the flows from the
different S-D pairs.

+ This problem is more ditult than that solved in max-min fair flocontrol and bottleneck flo
control, because we can consider moving flows between the different routes for an S-D pair.
There isnt a dngle link that bottlenecks an S-D, and
There arert’'necessarily other S-D pairs that share all of the congested links with this S-D pair

- We will show that the optimal routing and flocontrol problem is actually the same as the optimal
routing problem.
Adjust both the routing and the flows between all S-D pairs.
+ S-D pair w has a required flaw,
- It transfers’, over the pathsp,, OP,,, and

 Blocksy,, =r,, —r'y, from entering the network

If we minimize the cost function for routir@y = > D j(F; )
i

and let the flows',, vary, sohatO<r',, <r,,
the minimum cost (delay) solutiornwadys occurs when',, = 0.
Nothing is transmitted on the network
Therefore, we must include a penalty functiey(y,,) for reducing ,.

The optimization problem becomes:
- minimizeCy =2 D j(Fi ) + 2 Ew(Yw)
ij wiw
« subject to the constraints that:

« 2 Xp, +Yw =Ty, foralwiw
Pw OPy

* Xp, 2 0forall p,, O0P,,, wOW
+ Yy 20, for allwOW

This is the optimum routing problem with an extra path placed on the network that carriedithinitais
removed on each S-Dw
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Network
r-—-—-—--—--------------—-—-"=-"=- == al
| |
| Xp1 |
| |

Source ! Xp2 ! Destination
| |
| - |
| |
[ Xpn [
T 1
| |
L e - J
Overflav link

The combined routing and flav control problem is mathematically equvalent to the optimum routing
problem

The algorithms that va keen applied to optimum routing can be applied directly to the optimum routing
and flawv control problem

The sourcew, collects data on the sum on the first daives on he pathsp,,, calculates the first
0E,(yw)

Yw

derivative , and moves flow to the MFDL path.

The form of the penalty functio,,
1. Determinesiow willing we are to remee flows rather than sustain delays on the paths
2. Determinesvhether or not we remve flows fairly, and

3. Cangive priorities to different flows

E
We reed to specifyw rather tharg,,(y,,)

0Yw

A penalty function that has been suggested is

OEw(yw) 0 ay O
a)’w |:Irw_ywlj

This penalty function

- Has a form similar to the first deative d the delay function with the link capacity replaced by the
requested fla.

- If we try to tale dl of the flow away from a source, the penalty co

-« Whenb,, =2 delay and discarding are equally costiyt if we male b, > 2, discarding becomes
more costly

- If we male the a,, different for diferentw, we an gve piorities to sources by makit more costly
for some sources to discard part of their flows.
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4. Fair Queueing
Reference 11, sections 7.7.2-7.7.3

Far sharing of a single link by multiple sources.

4.1 SimpleFair Queueing

Each actre ©urce gets an equal share of the bandwidth on a link, up to its throughput

— If a source requires less than others, it gets its full requirement before the other sources get more than

its full requirement.

Implementation
Each flav gets its own queue

A. With fixed size packets, &ATM, perform round robin service on the non-empty queues

B. With variable size packets

a.
b.

42

Approximatebit by bit round robin.

When each packet ares calculate the time it wuld complete transmission if each weti
gueue is served bit by bit round robin

Eachtime a packt is selected for transmission, select the packet that wowidabanpleted
first in a bit by bit round robin service

Approximationof completion time for packet n+1, in queue Q, thawesrat imet, is:
to(n+1) = +maxtg(n), ta)

n+l

C/Ngx
« N, is the number of queues that areactvhen the packet aves

« In bit-by-bit round robin, the source would setuN 4 bits/sec.
« L1 is the number of bits in the packet.

« tg(n) is the time that the previous paatkin this Q completes service, or the \ari
time if the queue is empty

Thecalculation is a very rough approximatiomhe completion time can be made more

accurate by

1. Taking into account that some of the queuesildl become inaate while the packt
is being serviced in a bit-by-bit round robin

2. Byrecalculating all of the packet completion times if another queue becomes acti

before it would hae completed a bit-by-bit round robin service.
However, the rough approximation is preferred in applications.
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4.2 Weighted Fair Queueing

42

1.
2.

6.

Eachflow gets a different fraction of the bandwidth

For fixed size packets, use round robin service, lwgt gime queues one service, others 2 services,
others 3 and so on.

Ineach service roundy W,, fixed sze packets are transmitted.
i0A

Oneway to order the packet transmissions in a round is to trangfipaclets from source,
followed byW; packets from sourcg and so on.

Anoutheway to order the packet transmission is to divide a service round into sub-rounds.
a. Eachgueud has a weightV;, that is the number of packets that it transmits in a round.

b. The number of sub-rounds in a rounanaxW,.
I

Onthe first sub-round all ast queues withV, = 1 are serviced.

c
d. Onthe second sub-round all astiqueues withV; = 2 are serviced.

e. Andso on up to the maximum weight, then the first sub-round is started again
f

A round lasts> W, paclet transmission times, and a queue with weightransmitsw,
iOA
packets.

For variable size packets,

- the completion time for weighted bit-by-bit service is calculated as

n+l

to(n+1)= +max(o(n), ta)
CWo/(Z W)
i0A
« A member of this queue transmité, bits during thel” W, bits in the in a bit-by-bit service

iOA
round, and obtair\@g(\/Ql( > V\/i)gbits/sec.
i0A

- At the beginning of each pagktransmission, the queue is selected whose lead packet has the
smallest completion time.
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Home work

Weighted Fair Queueing

Consider a link that services 5 queu@sfori =1,2,3,4,5
The weights assigned to the queues/dye W, =1, W3 = 3, W, = Wy = 2.
The capacity of the link is 1000 bps

Consider the sequence of messaddedo Mg specified in the table
that arrve arive d timest,,
have lengthL bits, and
are entered into queu€s.

Complete the table, where
W, is the the weight of the acé queues when the message\asi

to() is the estimated time that the message completes transmission with bit-by-bit round robin service,
ts is the time that the message begins transmission, and
te is the time that the message ends transmission

What is the order in which the messages are transmitted?

Msg Queue | tysecs.| L(bits) Wy to() ts te
M; Q: 0 1000
M Q. 5 1000
Mj Qs .6 1000
M, Q. 1.1 500
Ms Q, 2.1 1000
Mg Qs 2.2 100
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5. CongestionControl

5.1 OpenLoop Control
- Does not depend on feed back information to regulate the entry of data to the network

- Assumes that once a source is admitted, the network can handlentlzs ftmg as the source does
not exceed the rate that it promised to send

5.1.1 AdmissionControl
Decide whether or not to admit a source to the network
Technique:
. for fixed rate sources, the sum of the rates on each link cannot exceed the link capacity

« For variable rate sources, each source specifiegsétage rate and peak rate.

Effective Bandwidth

+ An effective rate is assigned to the source - between the peakvaraja - and the #dctive rate on
each link cannot exceed the capacity of the link

Assigning according to the peak rate is corsirg. All of the sources alays get through, but the
link may not carry as mgrconnections as it could

Assigning according to the mean is aggressDccassionally the sources exceed the mean for a long
period of time and require very large buffers oréha ligh probability of losing packets.

- How aggressie we can be at a certain probability of loss depends on #nmance of the awal
process, which generally is not known.

Typically, a weighting factor is chosen &4 = p+ a * ( peak— ), where & o < 1.
— Intuitively, increaser if the loss probability is higher than is acceptable.

— If we increaser, we gve each user more bandwidth, and assign fewer users to a link

5.1.2 Plicing

- Once a source is admitted to the network, there has to be a mechanisne tum@akat the source
stays within the parameters that are agreed upon.

- Rather than discarding paak when a source exceeds its "contract", the network can mark the
packets as l@ priority, and discard them later if the network is congested
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5.1.2.1 Theleaky Bucket Algorithm
Used for policing in ATM

Objective:When a user exceeds higegage contracted rate, he is still allowed to transnuit,the packts
that exceed the contract may be discarded in congested regions of the network

« Over what period do we define the aage?
« How do we implement the algorithm?

Idea:

Pipe out

« The width of the pipe out determines the rate that the bucket can drain
The width of the pipe is analagous to the ageriate that is contracted

« The size of thelcket determines e far ahead of the output the input can get before there is an
oveflow
The size of the ble is related to the period of time that we aage oer

Implementation
- All of the packets from a source are transmitted immediately.

« There is &onceptuabucket that packets may be placed into.
The bits in the bucket are drained at the sosra®itracted rate.

« When a packet akrgs:
— If the packet fits into the bucketibnformswith the contracted rate. It is unmarked.

— If the packet doesnfit into the licket, it exceeds the contracted rate. It is marked as non-
conforming and may be dropped in a congested region of the network.
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Algorithm

Packet arrives & t,

X' =X - R(ty —tin)

Y

X' <0?

Yes

No X'=0
Y

Nonconforming _YL X'+ P> L?
Peacket
No
X=X +Pg

tin = ty
Conforming Packet

- t;, =the time that the last packet was placed in the bucket

« X =the number of bits in the leglucket att;, + £
Just after the last pa&t was placed in the blet

. t, =the time that the current packet aes

« X' =the number of bits in the buckettgt- ¢
Just befoe the current paket arrives

« X'= max%( - R(ta —tin), Og
whereR = the rate that the bucket is drained
The aveage ate negotiated by the source

« If X'+ Pg > L the cell is not placed in the bucket, and is marked as non-conforming
- L =the size of the bucket in bits

« P, =the size of the current packet
In ATM model the packets ke a fked dze. The times can be normalized to petck
transmission times, the size of thecket can be measured in cells, and thgotiated rate
can be expressed as waal$ per cell transmission time.
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5.1.2.2 DualLeaky Buckets
Used to police the peak andeeage rates

» The lealy bucket allows the instantaneous sadirate to exceed the contracted rate for a period of
time.

— It can exceed the contracted rate by gdaamount for a short period of time or a smaller amount
for a longer period of time

— We @an transmit a burst of packets that fill the bucket.
 Long bursts place a burden on network resources, and should be limited

The dual leak bucket reduces the burst size by placing the packets in a dicketothat is smaller
but has a bigger pipe.

— The lealy bucket may preent the rate fromxxeeding the \&rage rate by 10% for more than a
second

— The first lucket may preent the rate from>xxeeding twice thev@rage for more than a fraction of
a ®cond.

Little Bucket(Size = X3 bits or cells)

Big Pipe(Rate = R bits or cells per second)

Big Bucket(Size =X hits or cells)/fR

Small Pipeg(Rate = R bits or cells per second)

5.1.3 Traffic Shaping
Traffic shapers smooth out bursty traffic to makgppear more periodic. This places lessden on the
network to store long bursts from multiple inputs

5.1.3.1 Lealy bucket traffic shaper

« In ATM, cells from a source are placed incket ( a local bffer ). One cell is transmittedrery |
slots, when the buffer is not empty

— If the transmission rate of the lineRg, and the negotiated rate & thenl = R /R.
— R< Ry, or the line cannot support the negotiated rate.

— Normally, R, /R is an integer.
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- When the bucket is full, cells are discarded, or labeled for later discard
- The bucket size, determines the maximum burst size
5.1.3.2 Dken bucket traffic shaper

Periodic arnals

Token<Size K

Size N
Waiting Cells

Random Arvals_2rmving Cells | Shaped Trafic

Tokens arrive periodically and are stored up to a maximum nuntber
When a source is inaeé it builds up transmission credits for when it becomewacti

Cells arrve randomly and up to N can be stored to wait for tokens
- When there are tokensailable, and a burst of cells arg the burstiness remains

« When there are no tokensiting, the cells are remed from the licket periodically as tans
arrive.

The maximum size of a arriving burstNs+ K
The maximum size of a transmitted bursKis

WhenK =0, the token bucket shaper becomes ayléakket shaper

« The two shapers trade storage and delay for smoothness, and can be set anywhere between perfectly
smooth with long delays to bursty with no delay

Home work

Dual Lealy bucket policing algorithm with variable size packets

a. Drav a flow chart to implement the dual lepkucket with variable size packets, similar to thenflo
chart for the leakbucket with fixed size packets in the notes.

b. L;=1000 bits,L, = 10,000 bits,R; = 200bits/sec, R, = 50bits/sec.
At time t=0, both buckets are empty.

Starting at t=0, figd size packets of 100 bits agiesery .25 seconds, for arverage rate of 400
bits/sec., at what time is the first packet marked as non-conforming?

c. Repeapart b when the packets agievery second, for anvarage rate of 100 bits per second.
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5.2 Closed_oop Control
« explicit messages, recad from the network or the destination, indicate the state of the network

5.2.1 Window Flow Control
- A source can hae W wnacknowledged packets in the network
- When the destination reses a @cket it returns a permit to send another packet

- Permits can be numbered to detect lost permits
or a permit can be treated as an ACK in a pasatknowledgement protocol
ie: The packet is retransmitted to reeolost permits.

5.2.1.1 End-to-endvindows

- Simple model: a source tracks x = the packets sent - the packetsdecei
As long as x < W the source can transmit the next packet

- d=round trip delayX=packet transmission time
- As long asd < WX the source transmits continuously
« Whend > WX the source must wait for permits

. . .01 W
« The maximum packet transmission rate smlnER , Eg

5.2.1.2 TCP
(A specific End-to-End windm flow control protocol)
1. Adwertised window
» Recever sends the source the number of byteslable in its buffer
+ Prevents buffer erflow at the recerer
2. Congestiomwindow
« Max number of bytes that the source can send without congesting the network

« The congestion windw starts at a lv value and increases as long as the packets get through

successfully
ACK’s ae receved

- If a packet is lost, the winelosize is reduced to the minimum

— The maximum number of bytes that the source can send is the minimum of #résadv
window and the congestion window
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20— cOnc%astio Loss Occurs
avadan

hreshold

l l \
0 10 20 30

Round Trip times

3. Raions of operation
A. Slow Start
- initially set windav to 1 packet
- send the packet and wait for an ACK

- Each time an acknowledgment is reedi increase the number of patk that can be
outstanding by 1.

in the initial phase, one packet is sent.

- in the second phase, one ack is nesgbiand 2 packets are transmitted

in the third phase, twacks are recged, and 4 packets are transmitted

in the fourth phase, 4 acks are reedj and 8 packets are transmitted.

- The number of packets transmitted increases exponentially in each phase, as long as the
network doest’lose packets.

B. Congestioneoidance
- Initially, the slav start bound, "congestion threshold" is set to 65,635 bytes
« When the slw start phase reaches the boundwstiown the rate of increase

- instead of increasing the number of petskthat can be outstanding by 1 for each ack
receved, increase the number of outstanding packets by 1 for each phase.

- If slow start ends at 16 outstanding patk when the 16 acks are reediincrease the
number of outstanding packet to 17.

« When the 17 acks are reesd, increase the number of outstanding packets to 18, and so
on, untils a packet is lost.
or we reach the maximum advertised wiwdo
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C. Congestion

« When an ack is not reced, indicating that a packet was lost, or if a duplicate ack is
receved, indicating a lost packet that is retransmitted, or an out of ordeetpagk assume
that the cause is netrk congestion that has caused wifdr overflow, rather than a
transmission errorThis assumption is valid in fiber optic networks, but not in wireless
networks.

- the "congestion threshold" is set to the rf(ak2 o the current window ), @2

- in the xample, the first packet is lost when the wiwds 20, so the congestion threshold is
set to 10

- the windav size is reduced to 1, and slstart is used again

« note that the congestion protocol does notlwif mary messages are lost because of
transmission errors, as may happen in wireless networks.

4. Determiningvhen a packet is lost

A. Estimate thearage round trip timelRTT, as he running eerage
RTT « aRTT+(1-a)RTT
WhereRTT is the last measured time from message transmission to the reception of an ACK

B. Estimate the mean deviatidDEV, from the aerage as:
DEV ~ (1-06)DEV +6|RTT-RTT|

C. The upper bound on the ailable round trip time is calculated as:
RTO=RTT+4* DEV

D. When the delay is >, the packet is assumed to be lost

5. Thisis the standard TCP algorithm, more recently TCP Tahoe and TCP Renkeba proposed to
change the startup and badkmfocedures

5.2.1.3 Hop-by-Hopwindows
Each node has a fixed number of buffers for a path.
When the buffer is full permits are not returned

Instead of packets filling the network, a source that uses a congested link is slowed down - back pressure
This a generalization of the Beeforth protocol

5.2.2 Isarithmic Flow control
- Limit the total number of permits in the network, rather than the tokens on a specific path

- No way to keep all of the tokens from applying to a congested area of the network

- Difficult to recover lost permits
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5.2.3 ATM Networks

Congestion control is used fovallable bit rate sources (ABR)

The objectie is to gve ABR sources as much bandwidth as possible after the contracts with constant
bit rate source (CBR) and variable bit rate sources (VBR) been satistfied.

Every Ngy — 1 cells an ATM source sends a resource management cell (RM)

The RM collects information at the intermediate switches, and the destination turns the RM around
and sends it to the source.

The source uses the information in the RM to control its transmssion rate.
the information collected by RM varies with the application
Binary Feedback

+ RM cells hae a ongestion indication bit, Cl, which is initially zero

- a ongested switch, with long queues, sets a local Explicit Feedback Congestion Indicator
EFCl,to 1

- While EFCl is 1, the destination sets the CI bitto 1

- If the source recees RM's with Cl=1, or does not recad RV, indicating that thg were lost,
it decreases its rate

« If the source recees RM's with CI=0, it can increase its rate.
Explicit rate feedback

« A source puts its desired rate in the RM

+ Any switch may lower the rate in RM

- The rate returned to the source is the min rate on the path

- A switch calculates thevailable rate as B/n, where B is the bandwidth it healable for
ABR sources and n is the current number of ABR circuits in the switch

- This is a rough approximation of bottleneckafloontrol, but doest’consider flows through a
switch that are saturated elsewhere in the network, and cannot use the assigned rate.

— Enhanced proportional rate control algorithm ( EPRCA)

115
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6. Modelsfor fl ow control in wireless networks

6.1 Problems that are unique to wireless

In a wired network all of the flows that share a channel access the channel at the same source node. Each
flow can be assigned a fraction of the capacity that is considered to be its fair share.

In a wireless network:

The flows that share the channel may originate at different nodes that may 1)vbetqadrom
transmitting by the source, or 2) may interfere with the transmission from the source at ttee recie
In an 802.11 network

1. the source sends anTB signal. The RTS inhibits wmodes that rece¢ the signal from a)
agreeing to receé a fgnal from another source or b) transmitting a signalrt ® is not
necessaryAs long as the sources that reeea R'S do not recee a 'S from the receer, they
will not interfere at the recegr.

2. Theintended receer sends a CTS signal. The CTS inhibits nodes thatvedeé signal from a)
agreeing to receé a ggnal from another source, or b) transmitting a signalt R) isnt
necessary because if the node ddesteve an RTS from the source, a source that is not
inhibited from transmitting will not interfere at the rei

Transmission of a paek involves contention with the reeers in the neighborhood of the source

and transmitters in the neighborhood of the rexsi Thelevel of contention for the shared

wireless channel in a geographicajiom is dependent on the number of contending nodes in the
region.

This is fundamentally diérent from wireline and cellular channel models, wherein alvslo
perceve the same contention. The nodes that are blocked from initiating or accepting a
transmission may inhibit a d#rent set of flows from transmitting or receiving. Therefore, it is not
obvious which set of flows share a channel.

Trade-of between channel utilization and fairness:

In a a multi-hop wireless networks, the communications bandwidth in a region is shared. While
spatial reuse is very useful for increasing the utilization of the wireless channel, it introduces a
fundamental conflict between optimizing aggate allocated bandwidth and achievingjriess,
because allocating the channel to awvflaith a large contention correspondingly reduces the
channel reuse. In contrast, wireline and cellular networks do not face this problem becauss all flo
perceve the same contention.

In a wireline netvork the node that transmits on a channel has information about, and controls, all
of the flavs that use the channel. In a wireless network the flows that share the ether originate at
different nodes that may notJeaacurate information on all of the flows that anailable to
transmit on the channel atyamstance.

6.2 Cliques- A Micro-model

A graph of cliques are used to determine which sources can transmit at the same time and to assign rates to
the sources that share a transmission region.

To determine cliques we

1. Draw a graph that shows which nodes are within the transmission range of a source

2. Consideronly the nodes with paeks to transmit, and draa gaph that shows which packets will
interfere with each other.

3. Draw a bpartite graph that shows which nodes can transmit simultaneously.

Consider a simple network with 5 nodes in a linear arrangement. The dotted ellipse around aw®de sho
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the other nodes that are within the nodes transmission range. The solid liwebelonnectivity of the
network.

Figure 1 Network graph. Neighbors that interfer.

The second step is to @va ransmission contention graph. This is the set of transmissions that interfere
with each transmission. In this step we only consider node pairs in therkegvaph that are agtly
transfering pacéts. Each node in this graph represents a transmission between a node pair iriahe pre
graph that is using the channel.

For instance, assume that there arevactiansmissions betweervesy pair of connected nodes in the
previous graph. There are aai ransmissions between nodes AB, BA, BC, CB, DE, ED,H& The
graph has lines between transmissions that interfere with one another at the source or destination nodes.

The transmissions from CD and DCvhahe same interference and are drawn as a single node. The nodes
that C preents from receiving with when it transmits are the same nodes that interfer with C when C is
receving. Similarly the nodes D pkents from receiving when it transmits, peat it from receiving when

they transmit. Therefore, the set of nodes that can transmit simultaeouly with CD are the same as the set of
nodes that can transmit simultaneously with DC.

CD(3) EF(5)

AB(1)

BC(2) DE(4)
Figure 2 Transmission Contention Graph

The transmission contention graph shows which of nodes can or cannot transmit simultarfemusly
instance, 1 and 5 can transmit simultanequsgause there isnan elge connecting them, while 1 and 3
cannot. Aclique is a set of nodes that are all within distance 1 of one another and cannot transmit
simultaneously A clique is a maximal clique if we cannot add/ amore nodes to the clique withoutvirag

two nodes in the set that can transmit simultaneoustges 1 2, and 3 form two diques. Nodes 2 3

form a maximal clique. If we try adding node 4 to the clique, nodes 1 and 4 can transmit simultaneously
and if we add node 5 to the clique, nod€s dr 25 @n transmit simultaneouslyNodes can transmit
simultaneously when their distance is 2 or greater.

The maximal cliques define contention regions. At most one node in each maximal cligue can transmit
simultaeouslyThe contention regions in the transmission contention graph are (1 2 3), (2 34), and (3 4 5).
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In step 3 we dna a bpartite graph with the aei® ransmissions on one face and the contentigions on
the other The edges slwowhich actve ransmissions are in each contention region.

K(123) L(234) M(3 4 5)
Figure 3 Resource Contention Graph

The contention regions are resources. Only one of the transmission in a contegibonces occur
simultaneously Howevae, in order for a transmission to be successful, it must simultaneously be assigned
the transmission rights in all of its transmissiogioas. Tansmission 1 is successful if it obtains the
transmission rights in gion K, while Transmission 4 must simultaneously obtain the transmission rights in
regions L and M.

Note that a flv from node A to F wuld cause transmissions AB, BC, CD, DE, and ER (3B, 4, 5).
Packets from the same flointerfer with one anotherin this example, each packet in thewfloontends
with two aother packts in the same floin each of the resourcegm®ns. Ifwe allocate capacity based on
the system resources that are consumed, some €an requires seral times as much of the bandwidth in
aregon.
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6.3 Clustering- A Macro Model:

- Divide nodes into gions with groups of nodes that are near one andtistead of treating each node
individually

- Hierarchical structure allows routing andwlaontrol algorithms to be applied to a larger number of
nodes

- Effect of Node Density
With a large number of nodes the regions with nodes remains stable

New Cluster heads must be elected when node®laagon.

Obstacle Based Model
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a) Obstacles in the Transmission Region b) Approximating Obstacles by a grid

A network is comprised of obstacles and transmission regions
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a) Transmission Regions and Bottlenecks b) Super-nodes and Undirected Links

Models of the Network
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Buffer Management

7.1 Beebrth’s protocol [12]
Objective: To retain packet sequence in a virtual circuit revwhen packets are lost on a path, and to

limit the buffering at intermediate nodes

A protocol mechanism, rather than a routing discipline, such as hot-potato routing, is used to limit the
amount of buffering in the network

This protocol is particularly useful in all optical nemks. Some optical switchesveakeen proposed

that transfer signals similar to the double acks.

Implementation

37

1. first packet is the scout and reserves 1 buffer at each node

2. 2 - acks per link

3. A message is periodically retransmitted on a link until ACK 1 isvedei
Ack 1 says that the packet was successfully transferred to the next node
The node can stop transmitting the packet

The transmitting node can discard the packet, since it has been successfully forwardedgeane mak
buffer available to receie another packet.

4. Whenthe huffer becomes\ailable for the next packet, a node sends the node that transmitted the
packet ACK 2

ACK 2 is an nvitation to send the next packet in the message
If ACK 2 is lost the previous node will not transmit the next packet

ACK 2 is periodically retransmitted until the next packet is reeabi
The retransmit time of @K 2 is longer than the retransmit time for messages, so that ACK 2’
are not retranmitted when a message is lost

5. The last packet in a message contains an EOM
When a node recais ACK 1 for the EOM, it does not send ACK2, since there are no more packets
When ACK 1 is receied, the buffer is deallocated

If the final ACK 1 is lost, the node continues transmitting the packet until it ivedcei
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Node 1 Node 2 Node 3 Node 4
| | | |
Get P1 l l l
| P1 | | |
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| | | |
: ACK2(P ‘Discard P1 : ACK1(P Xfer P1
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} ACK1(P Rev P2 } }
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|
Discard P
|
|
|
|
|
|
|
|
|
|
|
|
|
|
|
|
|
|
l
v
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Homework
Beeforths Rotocol: Consider a patN; — N, — N3 — N,. Write the time sequence of messages on each
of the links for packet®;_; to packetP;,; when

A. pacletP; is lost on linkN, — Nj

B. ACK; for packetP; is lost on linkN; — N,

C. ACK; for packetP; is lost on linkN;z — N,
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7.2 Deadlocks

References 13,4, 15, 16

In Beeforths protocol we allocate at least 1 buffer pemflat each node.

We a@an share the buffers between flows, but this can result in deadlocks
Problem:

« We aquire and hold resources in a networlt the resources are not used until we acquire all of the
resources on a path, or complete transmission along a path

- Holding the resources prents others from acquiring the resources

« Several users holding resources yeet each other from completing a path

Examples
1. Message holds a buffer until a buffer at the next node is acquired

2. Bandwidth is acquired on a link on a path and held until a source-destination path is complete

Types of Deadlocks

1. Direct deadlock
User 1 blocks user 2, while user 2 blocks user 1

Other Users

Other Users

45
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2. Indirect Deadlock
A cycle of users preent each other from progressing

A solution:
Merlin and Schweitzer

« M =longest path from a source to a destination

- Divide the lffers at each node into M+lutber pools, labelled Q1,---, M each with 1 or more
buffers.

- Rule:

1. A paclet from a source can only enter the rtwhen there is an emptyffer in the luffer pool
atlevel O

2. A paclet in a luffer pool at leel i at noden,, can only progress to nodg when there is an empty
buffer in the buffer pool atlel i +1 a ng.

3. A packet at the destination wilkays leare the network

Proof that there are no deadlocks

1. A packet in a buffer atvel M can alays leare the network.
« The packet must be at the destination, since the maximum path length is M.
» Peackets at their destination camalys leare the network

2. A packet in a buffer atvel M-1 can alvays progress.
- If the path length is M-1, the packet is at the destination and cantheanetwork.

- If the path length is M, theuffer at level M at the next node will leze the network, and thatiffer
will become aailable.

3. By iteration from i=M-2 to i=0, a packet in a buffer atdé can alvays progress.
- If the path length is i-1, the packet is at the destination and cantfeanetwork.

- If the path lengtte i, the packet in theusfer pool at lgel i +1 at he next node will progress, and
the buffer will become\ailable.

45
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4. Packets from a source cawayjs enter the network.

« a packet in a buffer at \el O will always progress, and that buffer will beconvaikable.

Problems:

1. A paclet from a source may W@  wait to enter the netwk even though there is an emptyftber at
the node.

2. A packet may hee  wait to be forwardedwen though there is an empty buffer at the next node.

Modifications:

1. Increase the buffers that we can use when we enter the network.

A packet from a source with a path length K to the destination, wher& ¥ M can enter the
network in ag buffer pool at leel L, where < L < M - K.

+ The packet will reach the destination and/éetae network before its buffer pooMe reaches M+1

2. Increase the buffers we can use in an intermediate node by ugimgvannumbered buffer
A packet at leel i at noden, can be forwarded to grempty buffer at lgel L <i +1 & ng.

« All packets at leel L <i+1 will reach the destination and leathe network before itsuffer pool
level reaches M+1

3. Increase the buffers we can use in an intermediate node by using some higher numbered buffers.
A paclet at level i at node ny,, that is at distanc&y from its destination, can be forwarded to/an
buffer in nodeng at level L < M +1 - Ky, even thoughL >i + 1.

« Mod 3 compliments Mod 2, because packets whostas been reduced, can later be raised

This is not a complete solution. Lyelocks

« There may be packets avéki at nodesg andn: waiting for a buffer at node,

.

If the packet from nodeg is aways forwarded first, another packet atde may arrve & ng before
another buffer becomesaiable atn,.

.

A livelockcan exist where nod#. is blocked by a stream of packets from nage
This is a lvelock rather than a deadlock because data continuesidhilough the network.

.

Livelock can be pnented by doing round robin service of the nodes waiting for a buffer.

.

Livelock can also be pvented by giving priority to the packets thatvhaeen in the network for the
longest time.

The problem of buffer allocation and bandwidth management a& analagous

« Assume that a circuit acquires capacity on a link and holds that capacity until it acquires a complete
path to the destination.

+ Once a circuit acquires a complete path, it transmits data,ventually releases all of the acquired
capacity

- Divide the capacity on a link into pools, the same as the buifesle

- Eventually all circuits are acquired - there is no deadlocks where circuits that are holding partial paths
block each other fover.
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Homework
Deadlock Aroidance

Consider the 24 node cyclotomic shuffle-exchange network with fixed size cells:
- There is a source and destination at each node.

- A cell cannot be forwarded to the next node until a buffevadadble

Column 1 Column 2 Column 3

A. Whatis the minimum number ofuffers needed at each node to guarantee that there are no

deadlocks?

45

Column 1

000
001
010
011
100
101
110
111
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