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Abstract. This paper introduces an analytical model of an access scheme for Wide Area
Network (WAN) resources. The model isbased on the Transmission Control Protocol (TCP)-
modified Engset model of Heyman, Lakshman, and Neidhardt. The proposed model employs
a Local Area Network (LAN) with arbitrary topology as the access network and is able to
take into consideration files of arbitrary size. Through simulations, we show that our model
is applicable for the multiple source case where each source corresponds to a different Web
server at a possibly different location on the Internet. The average reception time of a file

computed analytically isacceptably closeto the smulation results.
1. Introduction.
Nowadays the Transmisson Control Protocol (TCP) is omnipresent. TCP indedl is Internet
itself and it makes the network transparent for any applicaion wing this protocol as a
transport service. A complete TCP utilization requires appropriate models that can describe
the behavior of TCP under certain condtions and retwork patterns. Various gudies have been
dore in this diredion. The new research dredion in this area relates to new TCP
modifications[1,2,3,4 such as TCP Reno and TCP Sad that perform dynamic flow control.

The mgjority of previous gudies consider the TCP model for a single source-destination
pair, where the source is a particular server or a station like arouter, which accumulates
traffic from different sources. Detailed studies of TCP under the single source-destination
asumption have dlowed researchers to develop more cmplex and redistic models of
networks. Our work is based on ae such model proposed in [5] by Heyman, Lakshman and
Neidhardt. That model considers an access network to Internet resources, such as Web
servers, for users working from terminas through Integrated Services Digital Network

(ISDN) lines. The model gives an analytical description for the processof Web page retrieval



from a remote server residing on a Wide Area Network (WAN) and conneded to loca
terminals by a badkbone link. Each terminal is described by average idle time (or average
thinking time, which is the arerage time between successve page retrievals) and average file
Size requested from the remote Web server. Such a processin which each station alternates
between working and thinking states is cal ed an alternating renewal process The stealy state
probabili ty of finding a station in working state depends only on the average idle time and the
average file size requested by that station [5, p.26. Hence, it is posshble to use amemoryless
distribution for both idle time and busy time which in turn alows modeling of terminal
behaviour as an ardinary birth-deah process

The ontribution d our paper is the following. First, we extend the TCP-Modified
Engset model [5, pp.3031] to the general case of an aacess network which is a Local Area
Network (LAN) with arbitrary topdogy. The performance measure of interest is the average
reception time of a file for a station residing on the LAN. Second, we introduce the
description d a slow start phase in the TCP-Modified Engset model, which all ows us to take
into consideration small file sizes. As recent studies $ow [6,7], the average file size of Web
traffic tends to be small. However, the model in [5] considers the average fil e size requested
by a station to be sufficiently large so that the dfed of the slow start phase of the TCP
protocol can be negleded. In this conrection, the simulations in [5] use an average fil e size of
200 Kbytes. In ou model, we do nd have any constraints on file size. Finaly, through
simulations we show that the improved model can be gplied to the multiple source (i.e., Web
servers) case which implies variable Internet delay for padkets daring the same badbone
link.

The paper is organized as follows. In sedion 2,we discussa general model describing
TCP behavior over a baottlenedk channel. In sedion 3, we present an improved model for the
LAN —WAN access €heme and the particular case where the accessnetwork is Ethernet. We

verify the analytical model through simulationsin sedion 4and concludein section 5.



2. TCP behavior: contest for the pipe.

TCP is a windowv based protocol, which provides reliable transport between source and
destination pants. The reliability is provided by the fealbadk medanism through
ACKnowledgements (ACKs). Moreover, TCP alows dynamic flow control by adjusting the
size of the window ac®rding to the danging traffic. During the mnnedion establi shment
phase, the recever and the sender agree on a maximum window size, which depends on the
maximum amourt of datathat can be handled by the receiver. The arrent window size, W, at
a given instant denotes the maximum number of padets that can be sent to the receiver

withou receving any ACKs.

2.1. TCP description.

We oonsider amodel for TCP Reno, which is currently one of the most popuar protocols on
Internet. From this paint on, we refer to TCP Reno as TCP. This protocol al ows for dynamic
tuning of the cnnedion windonv size based on fealbadk information received through
adknowledgements. Each adknowledgement carries information abou the next byte the
recaever is expeding. There aetwo operating phases of TCP cdled slow start and congestion
avoidance[8, pp.285286,310317. When the sender starts transmitting at the beginning of a
conredion, it isin the slow start phase and W is equal to 1. Uponreceving each successul
ACK, the sender increments W, by 1. When W, becomes large enough to create angestion,
padket losses occur. Padket losses are detected by the sender through dupi cae ACKs (usualy
a threshold of 3 is used) or timeouts. When the sender deteds padet losses by dupicae
ACKs, it halves W, records the value in W, and enters the ngestion avoidance phase. When
losses are deteded by timeouts, TCP halves W, records the value in W;, sets W, to 1, and
enters the slow start phase (if it is aready naot in it). During the @ngestion avoidance phase,
W isincremented by 1 each time W, padkets are successully adknowledged. When TCPisin

the slow start phase and W, reaches W, it enters the ngestion avoidance phase (note that this



canna happen in the first slow start phase dter connection establi shment). The actions taken
on padket lossdetection when TCP isin the congestion avoidance phase ae the same & those

in the slow start phase. If we summarize the &ove, we have:

1. Uponestabli shing connedion, set W, = 1, W = <an arbitrarily high value >
2. Slow start phase: On each succesgul ACK
if Wz < W, increment window size by 1
else enter congestion avoidance phase
3. Congestion avoidance phase: On each successul ACK
We = W+ /W,
4. Action onlossdetedion for either phase:
(1) When the number of duplicate ACKsis greater than fixed threshold
W= W,/2
We= W
congestion avoidance phase
(i) When sent padket times out
W= W,/2
W;=1
slow start phase
In the next sedion we present the TCP conredion model used in this work for an

abstrad source and destination pair with a persistent source

2.2. TCP connection model.
Let us consider the behavior of TCP for an arbitrary source and destination pair conneded by
alink where the sourceis persistent. The link is charaderized by the transmisson speed S the

roundtrip delay D (which includes channel transmisson and popagation delays for a padket
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Figure 1. Smple data transmisson model.

and an acknowledgement), and the transmitter buffer capadty B. This communicaion scheme
is howninFigure 1.

There ae two communication petterns that are possble under the given assumptions.
The first one takes placewhen the transmisson speal of the sourceis lessthan or equal to the
link bandwidth. In this case, congestion in the buffer canna occur, and datais transferred at a
rate equal to the sourcetransmisson speeal. Thisisthetrivial case andit is not interesting for
modeling purposes. The seand ore happens when the link bandwidth is less than the
transmisson speal o the source and thelink is the bottlened. In this case, the TCP agorithm
increments W, which after some time causes congestion in the buffer (i.e., some padets will
be dropped). The value of W at the point of congestionis cdled the mngestion window size
and is denoted by Whighes. Hence, for the case of aways droppng a single padket upon
congestion, W, oscillates between Whighes and Whignes/2. When padkets are lost and
consequently W is reduced, the transmisson poceeds with a rate less than the link
bandwidth. The goal isto estimate this reduction in transmissonrate.

A detail ed description d the TCP model construction can be foundin [3,5). Therein, the
discussonis based onestimating the dhannel capadty, that is the number of packets that cen
reside in the dhannel between source and destination. Right before @ngestion accurs, the
channel corntains D/P+B padkets [5, p.2§, where P; = Pi/Sis the time required to transmit

one TCP padket of size P, by the battleneck link sincethe buffer isfull before cngestion.



Asauming that loss detedion happens only through dupicate ACKs, after TCP
discovers a packet loss it halves W, and enters the cngestion avoidance phase. During this
phase, W increases by 1 starting from Whighes/2 UP t0 Whighet €21 D time units. We remark
that in the last part of this growing phase when the popuation d packets in the dannel has
readied its maximum value, padkets dart accumulating in the buffer, and W, will be
increasing by 1 in larger time intervals than D due to the queueing of packets in the buffer.
When bufer sizeis snall, we can negled the nonlinearity of the growth duing this last phase
and assume that W, grows linearly. When the dhannel is full, the source transmits with a rate
equal to the link bandwidth. Due to the linear growth assumption d W, we can estimate the
TCP degradation factor using the normalized lowest and largest windowv sizes of the
conredion. Normalization hes to be dore with resped to the link capadty excluding the
buffer size since padets accumulated in the buffer do nd contribute to a servicerate increese.
In ather words, padets are served with maximum paossble speed equal to Swhen the dannel
isfull, and the situation daes nat improve with additional padetsin the buffer.

The maximum number of padkets that can fit to the dhannel istherefore

Whighes = D/Pi+B. (1)
The lowest padket popuation size of the @wnredion is the highest packet popuation size
divided by 2 for each packet discarded dueto bufer overflow. In ather words,

Wiowest = 2'[(D/P+B), )
where | is the number of packets lost in a angestion. In [5], various cases for different
gueueing service disciplines and lower layer protocols sich as ATM are mnsidered. There it
is shown that when each TCP padket is divided into more than ore lower layer cell depending
on the service pdlicy of the router, it is possble to lose up to 3 TCP padkets in a mngestion
[5, p.29. For the sake of simplicity, in o model we consider the cae in which TCP padets
are not segmented, that is, ead TCP packet can fit into ore cdl of the lower layer protocol.

Under this assumption, orly one padket islost per congestion at the router’s buffer.



As dated before, namalization hes to be dore with resped to channel capadty
excluding buffer size, i.e., D/P;.. Hence, the correspondng normalized values of Whighest and
Wiowes Can bewritten as [5, p.29

Whighest = Whighest /(D/Py) = 1+D, (©)
Wiowest = Wiowest/(D/Py) = 27 (1+D), (4)

where b = B/(D/P;) isthe normalized bufer size.
The TCP degradation fador, p, is the arerage of the normalized padet popuation owver

the increase of W from Whignhest t0 Wiowest [5, p.3]:

((1_ Wiowest )+)2
2 mwhighest - Vvlowest) .

p=1- ®)

Note that when whigres €Xceals 1, p remains equal to 1. The positive operator enables

handling the cae where W is always greaer or equal to D/P; (i.e., channel isaways full).

3. Multiple sour ce-destination model.

Let us consider a typical model of accessfor locd users to Internet resources (seeFigure 2).
Local users are sharing a ommon LAN (e.g., campus network) and this network is conneded
by a dedicaed link to the Internet. Usually the bandwidth of the dedicaed link is snaller than
the transmisgon rate of the LAN as well as the throughpu of the Internet server. In this case,
the Internet link can be mnsidered as a battlened along the way from a local user to an
Internet resource. For the case where the LAN is the bottlened, the access €heme can be
considered to be amodel of TCP over a particular LAN type (e.g., Ethernet, token ring, star).

In thiswork, we @mnsider the channel as the bottlenedk.



e < >
- channel
router | router L

Internet

D

DL

Figure 2. Accessto Internet from LAN stations.

The coommunicdion pettern for the @ove access scheme is the following. Local users
request files from servers residing on the Internet, which may have different network
distances to router |1 and hence different Internet delays. We assume that this delay is a
randam variable with mean D,. We dso assume that the number of bytes (e.g., Web page size)
requested by ead station has the same distribution with mean fs for all stations. Let t; denote
the average reception time of afile for a station. Uponretrieval of afile, a station enters the
idle phase (i.e., thinking state) which has mean t. Such a processin which locd stations
oscill ate between idle and working states is caled an alternating renewal process[9, p.64.
Previous gudies of such a process iows that the long run probabili ty of a station keing in the
working state does not depend onthe distribution functions of these on and off periods but it

depends only ontheir means [9, p.67:

t
P(stationis active) = —— . (6)

t, +t




This fad alows us to use exporential distribution for the on and df periods. Hence one can
model the acess network behavior as an ordinary birth-death process with respectively the

following birth and deéh rates:

B;=(m-j)4, j=01,..,n-1, (7)
o, =i, j=L12..n, (8)

where A = 1/t is the rate of exit from the idle state, n is the number of stations on the LAN,
and u = 1/t; istherate of fileretrieval from the server.

Under the given assumptions, when the Internet link is the bottlened, each station
competes to aajuire the resource which in turn leads to congestion. So, the situation in the
channel will be the same & that of the single source @mmunication scheme we mnsidered
before. That is, channel efficiency will be reduced by the factor p (see euation (5)). We
remark that for the multiple station case, Whighes aNd Wiowest are respedively the highest and
lowest total number of padkets that can reside onthe channel for al sessons. Let us aso nae
that in order to be ale to determine the measure p for the multi ple source-destination model,
the roundtrip delay of subsection 2.2 las to be extended by the delays padets experience in
the LAN (D,) and the Internet (D)). In this case, the file transfer (i.e., deah) rate can be

expressed as
. ]=12,...,n 9)

Such a system has the trivial product-form solution[10, p.92

E(Bo Dgl D"'mj—l
6,8, 0..03,

P =R , ] =12,...n, (20)

where P, is the probability of having j adive stations and Py is the normali zation coefficient

[10, p.92 given by
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P = = ) (11
n n B, 0.8, _
1+ZPJ. 1+27g . @J !
]= 1= 1 a e J
Now, let
p5
r =t = 12
T (12

denate the file transmisson rate of each active station when there are j active stations. Then

the average fil e transmisson rate can be expressed as
r=>» P [I. (13
JZ !

In the next subsedion we extend ou modd to the cae of small file size and in the second

subsedion we @nsider the particular case of Ethernet as the accessnetwork.

3.1. Adaptation to small file size.

In the previous discussgon, we did na take into consideration the slow start phase of TCP. We
assumed that W always oscill ates between Wigwess and Whignes: When Whignes is large enough,
a onrection hes to spend a relatively significant amount of time to reac this threshaold.
Moreover, if we onsider small file sizes, the time spent to read Whighes, Will be significant
compared to the total time required for fil e transmisgon.

For the case of small files, we make the following observation. The file size can be so
small that W does not exceel Whignes. That is, TCP does nat enter the congestion avoidance
phase and the results obtained in sedion 2and ealier in this edion are not appli cable. Before
we start discusgng this extreme cae, let usfirst consider the processof window growth in the
slow start phase.

By definition (see TCP description in sedion 2, W, of a single @mnnedion starts
growing from 1. After D time units (recdl that D for the multiple source-destination case is

extended by delays D, and D,), the sender is acknowledged uponthe successul transmisson
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of the first padket. In resporse to this event, the sender increments W, by 1 and emits two new
padkets. The first new packet is transmitted because the very first padket has already been
adknowledged. The second rew padket is transmitted because W, = 2 and there is only one
unadknowledged padket. So, it is easy to see that each D time units, the number of padketsin
the dhannel is doulded. Based onthis observation, we can determine the duration of the slow
start phase for the multiple station case & follows. By using the total popuation d padets
residing in the dhannel and the number of adive stations, we can find the largest window size
for each active wnnrection. Then the duration d the slow start phase is given by

Dy ¢ = DII0gx(Whighes)+ 1), (14)
where V\/higheﬂ Whighes /] is the largest window size per active wnnedion when there are j
adive stations.

To determine the average retrieval time of a file taking into accourt the slow start
phase, we have to dvide the total number of padkets required to transmit afil e of average size
fs into two groups: padets transmitted during the slow start phase,

Ns= 2Whighes =1, (15)

and padkets transmitted during the foll owing congestion avoidance phase(s),
Nea= fs/Ptep—Ns. (16)
Thus, the total average retrieval time of a file for an adive cnrection when j stations are

adive can be expressd as
t{ =Ng (R, /(p[8/ j) +Dy 4. 17

Thereafter, the modified deah rates for the system are given by the foll owing:

- df /R, =N, P, . U .
1/51':'[#/]:% tpp[S/J. tp"'DD]ng(Vvhighest/J"':l-)E{J- (18)
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Let us now return to the extreme cae in which the file size is snaller than the number
of padkets transmitted during the slow start phase. In this case, since Ns = /Py, the largest
window size is obtained from equation (16) as

Wgs = (fo/Pipt+1)/2. (19

Hence the arerage retrieval time of afile using equation (14) is given by

t4s = D [log, W) +1). (20

Finally, the deah rates for the system in general can be written as

E]/tsfsi [zmwhigh%t/j)_l] |:lptcp> f

21
@ / t otherwise (21

i~

3.2. A case study: Ethernet asthe LAN.

We onsider an application d our model where the acess network is Ethernet. The
communicaion scenario remains the same. We asame that the LAN stations do nd
communicae with each ather except for the mwmmunicaion ketween ead station and the
router, which is also a station onthe LAN. Stations request files of average size fs from a
remote server on the Internet. Between successve requests, each station spends an arbitrary
amournt of time with mean t in the idle state. In order to adapt our model to this
communicaion scheme, we have to estimate the roundtrip delay experienced by a padet of a
conredion. The LAN delay D, is equal t0 Dgmhenet, Which is the average delay padkets
experience on the Ethernet. For Dgihernet, We USe the following result derived in [11, p.230

(see gpendix for detail s).

-yT
Dp . =m+T+T QU 2+1/v) - 12" Spory-2my+
%ms(ow eI

y[[]m +20D+712+20m+T) QT /v) +T2 {2~ v)wz]
1-ym+1-T/v)

(22)
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Here:

. E,W arerespedively apadket’s average transmisgontime and its £@nd moment,

e T = 21, where 1 isthe maximum propagation delay between any two stations,

e visthe probability of succesful transmisson (note that Dggernet 1S Minimized when v is
equal to Ve[11, p.23]),

o yisthe aygregateinpu arrival rate,

* B(2) isthe z-transform of the number of padkets that arrive during the padket transmisson
timemandtime T, andis given by

B(2) =M (y(1-2)e”"?, (23

where M(s) is the Laplacetransform of the packet transmisgontime m.

All inpu parameters for Dgnenet (SUCh as Ethernet transmisson speed, propagation
delay, etc.) are well defined. The only parameter we have to determine is the inpu rate
imposed on the LAN. According to ou model, D is caculated for the case when padket
popuation reades it highest value, Whighes. IN this case, the dannel is full and padkets are
transmitted with the maximum paossble speel (i.e., the danne rate S). Based on this
observation and the fad that each padket is acknowledged by the recaver, the total inpu rate
tothe LAN in padkets per unit time can be expressd as foll ows:

y= 28Pp. (24)

In the following sedion, we present simulation and analytical results for the multiple

source-destination LAN-WAN accessscheme with Ethernet asthe LAN.

4. Simulations and analytical results.
In our simulations, we consider a network with the following parameters:
* LAN: Ethernet, 10Mbps, 300m cable segment, 20 a 30 stations,

e Internet link: 512Kbps, 512bytes TCP padkets, end-to-end propagation delay is 0.1 sec.,

13



Internet delay with mean D, modeled as Gamma distribution (see [12, p.290 for a
justification) with shape parameter b taking the values 1, 2, o 4, and D, taking the values
0.1 o 0.2 sec (note that when b = 1 we have the exporentia distribution; we dso run
simulations for the single source case, i.e., when Internet delay is constant),

» Buffer size of Internet link router: 20 packets,

» Averagefilesize: 20, 60, 100, 140, 18Qbytes,

 Aveageidletime: 2 sec

The simulation program implements the full Carrier Sense Multiple AccesgColli sion
Detedion (CSMA/CD) algorithm with exporential bad off. The TCP simulation includes the
slow start and congestion avoidance phases. For a particular simulation, 1,000events (i.e., file
retrievals) per station are generated. Confidence intervals of 90% with 9 degrees of freedom
are omputed for the average retrieval time of a file in seconds. Analyticd and simulation
results with confidence intervals for the model in sedion 3are presented in Tables 1-3 for 20
stations, in Table 4 for 30 stations and in Table 5 for 40 stations onthe LAN.

For the chosen parameters, in all cases the analyticd model provides an upper boundfor
the average retrieval time of a file. According to the analyticd and simulation results, the
average retrieval time of afile increases amost linealy with average file size. The difference
between anayticd and simulation results is relatively larger for small average file sizes. Our
explanation is the following. When the average file sizeis smnall, we are more likely to have a
smaller average number of active stations, and a larger average number of files can be
transmitted within the slow start phase. In this case, conrections canna fill the dhannel to
crede mngestion; that is, there ae no collisions and TCP never leaves the slow start phase.
However, traffic is bursty since uponrecaving eadh ACK, the sender increments the arrent
window size by one and therefore amits two padkets douling the number of padets in the

channel each round trip delay. Therefore, packets are not distributed uniformly acrossthe

14



Tablel.D,=0.1, 20stations

file size | analytical constant b=1 b=2 b=4
20 4.718| 4.267+0.025  4.307+0.013  4.290+0.025  4.277+0.026
60 17.628| 16.721+0.075 16.706+0.067 16.756+0.077 16.761+0.088
100 30.671| 29.144+0.163 29.322+0.120 29.347+0.119 29.424+0.149
140 43.724| 41.633+0.116 41.956+0.116 41.949+0.164 41.887+0.190
180 56.781| 54.095+0.166 54.837+0.252 54.733+0.091 54.428+0.193
Table2.D, = 0.2, 20stations
file size | analytical constant b=1 b=2 b=4
20 5.157| 4.378+0.024 4.480+0.014  4.456+0.022 4.442+0.020
60 18.386| 16.727+0.075 16.801+0.069 16.807+0.109 16.822+0.100
100 31.810| 29.151+0.164 29.518+0.126 29.500+0.127 29.547+0.151
140 45.253| 41.635+0.115 42.328+0.125 42.290+0.174 42.162+0.115
180 58.701| 54.099+0.167 55.374+0.251 55.142+0.232 54.777+0.380
Table 3. D, = 0.3, 20stations
file size | analytical constant b=1 b=2 b=4
20 5.582| 4.644+0.024 4.750+0.017 4.712+0.025 4.685+0.026
60 19.077| 16.782+0.074 16.941+0.070 16.864+0.089 16.916+0.093
100 32.820| 29.182+0.164 29.768+0.128 29.671+0.165 29.695+0.126
140 46.590| 41.661+0.115 42.706+0.107 42.668+0.090 42.455+0.195
180 60.367| 54.118+0.166 55.969+0.264 55.515+0.225 55.164+0.303
Table4. D, = 0.1, 30stations
file size | analytical constant b=1 b=2 b=4
20 7.737| 7.262+0.024 7.254+0.025 7.244+0.037  7.240+0.030
60 27.290| 25.950+0.126 25.951+0.088 26.003+0.081 26.054+0.097
100 46.876| 44.617+0.123 44.814+0.134 44.756+0.097 44.658+0.104
140 66.465| 63.642+0.136 63.571+0.209 63.482+0.146 63.297+0.235
180 86.055| 82.311+0.131 82.448+0.241 82.214+0.405 82.366+0.144
Table 5. D, = 0.1, 40 stations
file size | analytical constant b=1 b=2 b=4
20 10.909| 10.306 +0.031 10.292+0.030 10.294+0.041 10.300+0.044
60 37.025| 35.226+0.114 35.250+0.085 35.259+0.108 35.267+0.088
100 63.146| 60.316+0.198 60.329+0.128 60.210+0.159 60.014+0.184
140 89.267| 85.356+0.224 85.265+0.234 85.099+0.388 85.263+0.097
180 115.388| 110.131+0.218 109.994+0.253 110.284+0.163 110.243+0.269

channel. For instance, in Table 1 the “constant” column for average file size of 20 Kbytes has

a value which is within 10% of the analyticd result, whereas for average file size of 60

Kbytes the aror is 6%.

Analytical results improve for alarger number of stations (compare Tables 1, 4and 5).
Moreover, analyticd results for an average file size of 60 Kbytes or larger for al considered
cases are within 126 of the simulation results (note that for D, = 0.1 sec. they are within 6%).

Finally, the quality of the analytical results degrades as D, becomes larger (compare Tables 1,

2.and 3.
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5. Conclusion.

In this paper, we have extended the TCP-Modified Engset model to the general case of an
aacessnetwork for locd users that are on a LAN with arbitrary topdogy and delay function.
We have dso introduced modifications that enable us to consider files of arbitrary size. We
have shown through simulations that our model can be gplied to the multiple source cae.
The simulation results $iow that the analyticd model provides a good estimation for the

averageretrieval time of afilein this LAN-WAN access €heme.
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Appendix.

The derivation d the analyticd expresson for average padket delay of the Ethernet in

equation (22) is based onthe foll owing basic assumptions:

1. The aggregate input processhas general distribution with finite mean and second moment.

2. The number of stations on the Ethernet is unlimited; therefore, each new arrival from the
aggregate input processcan join an empty station and compete for the channel with ather
badklogged packets.

The seacond assumption is smewhat unredistic when the aggregate inpu rate is sufficiently
high and the Ethernet contains a small number of stations. In this case, anaytical results can

be quite inacawrate asill ustrated in Figure 3.

Dethernet B %10
(seq)

son ETadn *

0 a0n 1000 1500 2000 2a00

_ (packets/seq)
— model + 20 stations
# 30 stations & 15 stationz
+ 25 stations & 10 stations

Figure 3. Accuracy of the Ethernet analyticd model.
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