EECS122: Introductionto CommunicatiorNetworks

Homeawork 9
(6 points)

Due: 1999-Nos-05-Fri(in class,or 467 Cory by 2pm)

Problem 1. TCPis fair if we considerstoragein the network to be the resourcebeing
sharedpecauseompetingT CP connectiongendto getthe samewindow size. But if we
considebandwidthto bethesharedesourcethenTCPis unfair because€onnectionsvith
longerround-triptimesgetlower throughput.

a) (2 points) If we wantedfairnessin termsof bandwidth,what simple and crude
modificationcould we make to TCP (on all hosts)to achieve this? (Hint: How do
web browsersincreaseheir throughput?)

b) (food-for-thought) How couldthe sameideabe appliedlesscrudely by adjusting
the parametersf the congestiorcontrolalgorithms?

Problem 2. If TCP’'sretransmissiotimeoutis too small,a slow pacletwill be misinter
pretedasbeinglost, andanunnecessaryetransmissionvill be sent. Beforetheintroduc-
tion of congestiorcontrolin 1988,thiswasa minoranngance—if5% of the pacletswere
mistalenly thoughtto be lost, thenthe sourcewould sendat 105% of the rate it needed
to. But with congestiorcontrol,every window of pacletsthatexperiencestleastoneloss
causeghe congestiorwindow to be halved. This will causea connectiorthat mistalenly
thinks 5% of its paclets arelost to have an averagewindow size of aboutfour paclets,
evenif thenetwork is uncongestedFor apacletlossprobabilityof p, theaveragewindow
sizewill beroughly \/1/p paclets.) This is why the additionof congestiorcontrol was
accompaniedby animprovementin round-triptime estimation. The old methodusedan
exponentiallyweightedmoving averageof the meanonly, andthe retransmissiotimeout
wassetto amultiple of theestimatednean.RFC793suggested factorbetweerl.3and2.

a) (1 point) Supposea TCP connectionexperiencesound-trip times of 10 ms for
80% of its paclets,and100msfor 20% of its paclets(perhapecausesomeother
sourceis bursty, causinga routerqueueto fluctuatebetweerbeingemptyandmostly
full). Supposeno pacletsactuallygetlost. If the estimatedneanis closeto thetrue
mean,andthetimeoutis setto 2 timesthe estimatednean thenwhatfractionof the
pacletswill TCP mistakenly believe arelost?

b) (1 point) The nev methodestimatedoth the meanandthe meandeviation (the
meandeviationis the averageabsolutedistanceof sampledrom the mean)andsets



thetimeoutto themeanplusa multiple of themeandeviation (let's saythefactor4 is
used).If the connectiorfrom part(a) usesthis new method,andthe estimatednean
and meandeviation are closeto their true values,what fraction of the pacletsare
mistalenly believedto belost?

c) (food-for-thought) Thecodefor updatingthetimeoutgivenanew round-triptime
samplelooks somethindik e this:

err = sanp - nean;
nmean += a * err; (0<a<1)

dev += b * (abs(err) - dev); (0<b<1)
ti meout = mean + ¢ * dev; (c>0)

It might be niceto guarante¢hatthetimeoutis never lessthanthethe latestsample
(becausef it happensonce,it could easily happenagain). Derive a necessarand
sufficient conditionon a, b, andc to make this guarantee TCP usesa = %, b= %1,

¢ = 4. Doesit make this guarantee?

Problem 3. (2 points) A standardanalogtelevision signal containsfrequenciesaup to
5 MHz. If we samplethe signallosslesslyandquantizethe samplessothatthe signal-to-
guantization-noiseatiois about48 dB, thentheresultingbit rateis atleastwhat?



