
EECS122: Introductionto CommunicationNetworks

Homework 9 Solutions

Solution 1.

a) The TCP congestioncontrol algorithm causeseachcompetingconnectionto get
roughlythesamewindow size(W ) onaverage.A connection’sthroughputisW

�
RTT.

To provide roughly equalbandwidth(throughput)to eachconnection,TCP could
mapeachconnectiononton independentsubconnections,whereeachsubconnection
hasits own window andrunstheTCP congestioncontrol algorithmindependently.
Thesourcewould divide thedatato besentamongthesubconnections,andthesink
would merge it backtogether. Now eachsubconnectionendsup with roughly the
samewindow size,soeachconnectiongetsa throughputof � W �

RTT ��� n. If n is cho-
sento beproportionalto RTT, theneachconnectiongetsa throughputproportional
to W , which aswesaidbeforeis roughlythesamefor all competitors.

b) Let’s try to roughly emulatethe behavior of n independentsubconnectionswith a
truly singleconnection.Let’s assumetheconnectionsusecongestionavoidancebut
not slow start(which is just a performanceoptimizationthatwould complicateour
analysis).Whentherearen independentsubconnections,eachoneincreasesits win-
dow by onepacket perRTT, sothesumof then windows increasesby n packetsper
RTT. Whena lossoccurs,only oneof the subconnectionsresetsits window. If the
individualwindowswereaboutthesame,thenthesumof thewindowsgoesdown by
a factorof about � n � 1� � n. Therefore,a singlenew-styleconnectionthat increases
its window by n packetsperRTT anddecreasesits window by a factorof � n � 1� � n
whenit detectsa lossshouldgetaboutthesamethroughputthatn old-styleconnec-
tions would have gotten. If n is still chosento be proportionalto RTT (andnow n
neednotbeaninteger),thenthenew algorithmwill allocateroughlythesameband-
width to competingconnections. [Note that this new-style algorithm violatesthe
IETF standardsfor TCP, which requirethenormalcongestionavoidancealgorithm.]
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Solution 2.

a) ThetruemeanRTT is 0 � 8 � 10ms � 0 � 2 � 100ms � 28 ms. We haveassumedthatthe
estimatedmeanis closeto thetruemean,so thetimeoutis setcloseto 56 ms. 80%
of thepacketshaveRTTs lessthanthetimeout,and20%haveRTTs greaterthanthe
timeout,so20%aremistakenlybelievedto belost.

b) Thetruemeandeviation is 0 � 8 �
	10ms � 28 ms	�� 0 � 2 �
	100ms � 28 ms	�� 28� 8 ms.
We have assumedthat theestimatedmeanandmeandeviation arecloseto the true
values,sothetimeoutis setcloseto 28ms � 4 � 28� 8 ms � 143� 2 ms. All thepackets
haveRTTs lessthanthetimeout,sononearemistakenlybelievedto belost.

c) In thederivationbelow, eachstatementis equivalentto theonebeforeit. We begin
by makingsubstitutionsbasedon thecode:

timeout  samp

mean � c � dev  samp

oldmean � a � err � c ��� olddev � b ����	 err 	�� olddev ���� samp

oldmean � a � err � c ��� olddev � b ����	 samp � oldmean 	�� olddev ���� samp

Thenwesplit into two casesandcollectterms:

samp � oldmean �
� 1 � a � cb � oldmean ��� a � cb � 1� samp ��� c � cb � olddev  0�
samp  oldmean �
� 1 � a � cb � oldmean ��� a � cb � 1� samp ��� c � cb � olddev  0

whichcanberewritten:

samp � oldmean �
� 1 � a � cb ��� oldmean � samp ����� 1 � b ��� c � olddev  0�
samp  oldmean �
� 1 � a � cb � oldmean ��� a � cb � 1� samp ��� 1 � b ��� c � olddev  0

For thesamp � oldmean case,all thefactorsarepositive,sotheinequalityis simply
true.(Recallthatwearegiven0 � a � b � 1 andc  0.) For theothercase,noticethat
the history of RTT samplescancausedev to becomearbitrarily large, but because
of theway dev is updated,it cannever benegative. Therefore,the � 1 � b ��� c � olddev
termcanbeany nonnegative numberincludingzero,sowe candrop that term,and
theresultinginequalityis alwaystrueif f theoriginal inequalityis alwaystrue.

samp � oldmean
� � 1 � a � cb � oldmean ��� a � cb � 1� samp  0
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samp is nonnegative,andbecauseof theway mean is updated,it is alwaysnonnega-
tivealso,but it canbezero.Thecoefficient1 � a � cb is nonnegative. Therefore,our
conditionis alwaystrueif f a � cb � 1 ��� 0, or:

c  1 � a
b

TCPusesa � 1
�
8 � b � 1

�
4 � c � 4, which satisfiesthecondition,soTCPguarantees

thatthetimeoutis never lessthanthelatestsample.

Solution 3. Thebandwidthof thesignalis 5 MHz. FromNyquist’ssamplingtheorem,we
know thatwehave to samplethis signalat at leasttwice this frequency, thatis, at 10MHz.
In orderto achieve a signal-to-quantization-noiseratio of at least48 dB, we have to useat
least48

6 � 8 bits persample.At a samplingrateof 10 MHz, this resultsin a digital signal
with bit-rate8 � 10 � 80 Mbps. In practice,digital video is almostalwayscompressed,so
its bit-rateis lower.
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