EECS122: Introductionto CommunicatiorNetworks
Homeawork 9 Solutions

Solution 1.

a)

b)

The TCP congestioncontrol algorithm causeseach competingconnectionto get
roughlythesamewindow size(W) onaverage A connectionsthroughpuisW/RTT.
To provide roughly equalbandwidth(throughput)to eachconnection, TCP could
mapeachconnectioronton independensubconnectionsyhereeachsubconnection
hasits own window andrunsthe TCP congestiorcontrol algorithmindependently
The sourcewould divide the datato be sentamongthe subconnectiongndthe sink
would memge it backtogether Now eachsubconnectiorendsup with roughly the
samewindow size,soeachconnectiorgetsa throughpubof (W/RTT) - n. If nis cho-
sento be proportionalto RTT, theneachconnectiongetsa throughputproportional
toW, which aswe saidbeforeis roughlythe samefor all competitors.

Let's try to roughly emulatethe behaior of n independensubconnectionsvith a
truly singleconnection.Let’'s assumehe connectionsisecongestioravoidancebut
not slow start(which is just a performanceoptimizationthat would complicateour
analysis) Whentherearen independensubconnectiongachoneincrease#ts win-
dow by onepaclet perRTT, sothe sumof then windowsincreasedy n pacletsper
RTT. Whena lossoccurs,only one of the subconnectionsesetsts window. If the
individualwindows wereaboutthesame thenthe sumof thewindows goesdown by
afactorof about(n— 1) /n. Therefore a singlenew-style connectiorthatincreases
its window by n pacletsper RTT anddecrease#s window by afactorof (n—1)/n
whenit detectsa lossshouldgetaboutthe samethroughputhatn old-styleconnec-
tions would have gotten. If nis still chosento be proportionalto RTT (andnow n
neednotbeaninteger),thenthe new algorithmwill allocateroughlythe sameband-
width to competingconnections. [Note that this new-style algorithm violatesthe
IETF standard$or TCPR, which requirethe normalcongestioravoidancealgorithm.]



Solution 2.

a)

b)

ThetruemeanRTT is 0.8-10ms+0.2- 100ms= 28 ms We have assumedhatthe
estimatedneanis closeto the true mean,sothetimeoutis setcloseto 56 ms. 80%
of thepacletshave RTTs lessthanthetimeout,and20% have RTTs greaterthanthe
timeout,so 20%aremistalenly believedto belost.

Thetruemeandeviationis 0.8 |10ms—28mg +0.2-|100ms— 28 mg = 28.8 ms
We have assumedhat the estimatedneanand meandeviation are closeto the true
values sothetimeoutis setcloseto 28 ms+ 4-28.8 ms= 1432 ms All thepaclets
have RTTs lessthanthetimeout,sononearemistakenly believedto belost.

In the derivation below, eachstatements equivalentto the onebeforeit. We begin
by makingsubstitutiondasedn the code:

timeout > samp
mean + c- dev > samp
oldmean+a-err +c- [olddev+b- (|err| — olddev)] > samp
oldmean+ a- err 4 c- [olddev+ b- (|samp — oldmean| — olddev)] > samp

Thenwe splitinto two casesandcollectterms:

samp < oldmean A

(1—a+cb)oldmean+ (a— cb— 1)samp+ (c—cb)olddev > 0
V samp > oldmean A

(1—a+ cb)oldmean+ (a+ cb— 1)samp+ (c—cb)olddev > 0

which canberewritten:

samp < oldmean A
(1— a+ cb)(oldmean— samp) + (1 —b)(c)olddev > 0
VvV samp > oldmean A
(1—a+ cb)oldmean+ (a+ cb— 1)samp+ (1—b)(c)olddev > 0

For the samp < oldmean case all thefactorsarepositive, sotheinequalityis simply
true. (Recallthatwe aregiven0 < a,b < 1 andc > 0.) For theothercase noticethat
the history of RTT samplescan causedev to becomearbitrarily large, but because
of theway dev is updatedjt cannever be negative. Therefore the (1 — b)(c)olddev
term canbe any nonngative numberincluding zero,sowe candrop thatterm, and
theresultinginequalityis alwaystrueiff theoriginalinequalityis alwaystrue.

samp < oldmean Vv (1—a+cb)oldmean+ (a+cb—1)samp >0



samp is nonngative, andbecaus®f theway mean is updatedjt is alwaysnonnea-
tivealso,but it canbezero.Thecoeficient1— a-+ cbis nonngative. Therefore our
conditionis alwaystrueiff a4+-cb—1>=0, or:
c> 1-a
~— b
TCPusesa= 1/8,b=1/4,c= 4, which satisfieghe condition,so TCP guarantees
thatthetimeoutis never lessthanthelatestsample.

Solution 3. Thebandwidthof thesignalis 5 MHz. FromNyquist'ssamplingtheoremwe
know thatwe have to samplethis signalat atleasttwice this frequeng, thatis, at 10 MHz.
In orderto achieve a signal-to-quantization-noisatio of at least48 dB, we have to useat
Ieast%8 = 8 bits persample.At a samplingrateof 10 MHz, this resultsin a digital signal
with bit-rate8- 10 = 80 Mbps. In practice,digital videois almostalwayscompressedso
its bit-rateis lower.



