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ABSTRACT

Simulation of large-scale networks remains to be a challeal
though various network simulators are in place. In this pape
identify fundamental issues for large-scale network satiah, and
propose new techniques that address them. First, we exjptit
mistic parallel simulation techniques to enable fast etienuon
inexpensive hyper-threaded, multiprocessor systemsor8eave
provide a compact, light-weight implementation framewdthiat
greatly reduces the amount of state required to simulage{acale
network models. Based on the proposed techniques, we grovid
sample simulation models for two networking protocols: Taw®

There is a deliberate need for large-scale simulation abuamet-
working protocols in order to understand their dynamicsr €0
ample, there are several issues in routing that need to berund
stood, such as cascading failures [1], inter/intra-dormaiting sta-
bility, and interactions of policy-based routing with BG@afures
[2]. One needs to perform large-scale simulations of idtamain
routing protocols along with various traffic engineeringemsions,

in order to observe their dynamics causing or effectingoariper-
formance problems in the current Internet.

We address this need using two techniques. First, we leseang

OSPF. We implement these models in a simulation environment optimistic synchronization protocol to enable efficientextion on

ROSSNEet, which is an extension to the previously develoged o
timistic simulator ROSS. We perform validation experingefdr
TCP and OSPF and present performance results of our te@miqu
by simulating OSPF and TCP on alarge and realistic topokggsh

as AT&T's US network based on Rocketfuel datée end result of
these innovations is that we are able to simulate millionenoét-
work topologies using inexpensive commercial off-thefsiyper-
threaded multiprocessor systems consuming less than 1.4fGB
RAM in total.
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nization protocol
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a hyper-threaded, multiprocessor system. Here, simulatijects,
such as a host or router, are allowed to process events umsync
nized without regard for the underlying topology or timesgedis-
tribution. If an out-of-order event computation is detectde sim-
ulation object is rolled back and re-processed in the cotimes-
tamp order. Unlike previous optimistic protocols, such amer
Warp [3], the rollback mechanism is realized usiegerse com-
putation Here, events are literally allowed to execute backward to
undo the computation. This approach greatly reduces theiaimo
of state required to support optimistic event processingelsas
increases performance [4].

Next, we devise an extremely light-weight model implemg&ata
framework called ROSSNet that is specifically designed dogé-
scale network simulation. If we examine state-of-the-gaitrfe-
works, such as Ns[5], SSFNet [6], DaSSF [7] and PDNS [8], we
find models that are highly detailed almost to the point ohbei
full-protocol network emulators. For example, these frawonks
provide support for a single end-host to have multiple fategs, a
full UNIX socket API for connecting to real applications,caother
details that we believe are not necessarily relevant fagelscale
simulation studies. The end result is that these systemsreea|-
most super-computer amounts of memory and processing gower
execute large-scale models.

In contrast, our framework poses the questiaat do you really
need to model in order to answer a particular protocol dynesni
question in a large-scale scenarid?or example, are all layers in
a protocol stack really necessary? Can a host just be a T@Rrsen
or just a TCP receiver? Does the simulated host really nebé to
both? By asking these kinds of questions, our framework lesab
a single TCP connection to be realized in just 320 bytes {btath
sender and receiver) and 64 bytes per each packet-event.



These innovations enable the simulation of million nodevoek
topologies using inexpensive commercial off-the-shelfipnoces-
sor systems consuming less than 1.4 GB of RAM in total.

The remainder of this article is organized as follows: Sec®,
provides a description of our simulation framework, ROSSbied
parallel simulation engine, ROSS. Sections 3 and 4 desthide
implmentation of our TCP and OSPF models respectively. Ehe r
sults from our validation study for both models are presgrite
Section 5 followed by a performance study in Section 6. $aci
describes related work and Section 8 presents the conchuBiom
this research and future work.

2. ROSS & ROSSNET

ROSS is an acronym for Rensselaer’s Optimistic Simulatigsr S
tem. Itis a parallel discrete-event simulator that exexateshared-
memory multiprocessor systems. ROSS is geared for runaigg
scale simulation models. Here, the optimistic simulatansists
of a collection oflogical processe®r LPs, each modeling a dis-
tinct component of the system, such as a host or router. Lis co
municate by exchanging timestamped event messages. Like mo
existing parallel/distributed simulation protocols, wesame LPs
may not share state variables that are modified during tha-sim
lation. The synchronization mechanism must ensure thét EBc
processes events in timestamp order to prevent events mirthe
ulated future from affecting those in the past. The Time Waip
mechanism uses a detection-and-recovery protocol to synizie
the computation. For the recovery, we employ a techniquecal
reverse computation

2.1 Reverse Computation

Under reverse computation, the roll back mechanism in thie op
mistic simulator is realized not by classic state-saving,ly lit-
erally allowing to the greatest possible extent events tarij@o-
cessed in reverse order, effectively undoing the stateggwarmhus,
as models are developed for parallel execution, both theaiat
and reverse execution code must be written.

The key property that reverse computation exploits is thataa
jority of the operations that modify the state variables ‘a@n-
structive” in nature. That is, the undo operation for suclrafions
requires no history. Only the most current values of thealdeis
are required to undo the operation. For example, operatiots &
++, ——, 4+ =, — =, * = and/ = belong to this category. Note,
that thex = and/ = operators require special treatment in the case
of multiply or divide by zero, and overflow/underflow conditi.
More complex operations such eiscular shift (swapbeing a spe-
cial case), and certain classes of random number geneton
belong here [4].

Operations of the fornu b, modulo and bit-wise computa-
tions that result in the loss of data, are termed tadbstructive
Typically these operations can only be restored using ctioeal
state-saving techniques. However, we observe that maryesét
destructive operations are a consequence of the arrivaltafabn-
tained within the event being processed. For example, imQR
model, the last-sent time records the time stamp of the kchei
forwarded on a router LP. We use th@apoperation to make this
operation reversible. We will show more examples of how this
technique was used in our implementation of the TCP model be-
low in Section 3.4.

2.2 ROSS Implementation

The ROSS API is kept very simple and lean. DevelopedNis|

C, the API is based on a logical process or LP model. Services
are provided to allocate and schedule messages betweenA_Ps.
random number generator library is provided based on L'Ecsy
Combined Linear Congruential Generator[9]. Each LP by ulefa
is given a single seed set. All memory is directly managedhby t
simulation engine. Garbage or “fossil” collection, as dedirin
the seminal Time Warp research of Jefferson [3], is drivernhay
availability of free event memory. Fossil collection freeies are
controlled with tuning parameters and start-up memorycation.
The event-list priority queue can be configured to be eitheakh
endar Queue[10], Splay Tree [11] or a binary heap. For nétwor
models, the Splay Tree is considered to provide the bestlbver
performance (i.e., is not sensitive to the event timestaisipilou-
tion).

To reduce garbage collection overheads, ROSS introduceslke
processes (KPs). A KP contains the statistics and processed-
list for a collection of LPs. With KPs there are fewer eventd to
search through during garbage collection, thereby impigpyier-
formance, particularly when the number of LPs is large. FRer t
experiments presented here we typically allocate 4 to 8 K#®s p
processor irrespective of the number of LPs. We observe Ks a
similar to DaSSF timelines [7] and USSF clusters [12].

2.3 ROSSNet

By using ROSS as the simulation kernel, we are currently ldeve
oping a network simulator called ROSSNet. Unlike converdlo
network simulators (e.g., Ns [5], JavaSim [13]) ROSSNesuke
flat programming environment of C rather than an objectrteie
paradigm and leverages pointers to functions in the placeiof
tual methods”. Here, developers set function pointers éth lend
hosts and routers alike to obtain the desired level of fonetity. If
a host is to behave like a TCP connection, it will set the epeot
cessing function for TCP, likewise if a router is forwardipackets
based on either a static routing table or OSPF, it will sdtitstion
pointer appropriately.

Additionally, ROSSNet attempts to combine or reduce theneve
population and total number of events processed. For exampl
in the router model, both the forwarding plane and contrahpl
functionality are all realized within the same logical pees (LP).
Thus, event processing on the control plane side, will imatety
effect the forwarding plane without the need for explicieets to
be passed between the two planes.

ROSSNet will also make use of global data structures. Famexa
ple, in OSPF, each router maintains a map of the whole network
In simulation, this is not necessary. One can simply keembad|
data structure in the simulation such that all the routersreach

it. This way redundant usage of memory is avoided.

Last, ROSSNet eliminates unnecessary layers of the priattamk.
For example, if one is interested in simulating behavior thas-
port layer protocol, lower layers could be simplified sucét tthey
require less resources. This was done in our TCP model coafigu
tion.

Figure 1 shows the structure of ROSSNet. ROSSNet basiaatly ¢
structs a shell on top of the ROSS kernel, which handles syste
management issues such as event-list management, ojtipnist
cessing of events including rollback and recovery, and nmgmo
management. ROSSNet provides basic components for network



fer to those segments that re-acknowledge a segment fohtnc
ROSSNet sender has already received an earlier acknowledgmehe TFT€P
sender receives three duplicate acknowledgments for the data,

it assumes that a packet loss has occurred. In this caserttlerse
now retransmits the missing segment without waiting fotirter
to expire. This mode of loss recovery is called “fast retnait’s

S Imu |at|0 n TCP’s flow and congestion control mechanisms work as follows
Shell ﬂ TCP uses a window that limits the number of packets in flighe, (

unacknowledged). Congestion control works by modulathrig t
window as a function of the congestion that it estimates. $taRs

Simulation with a window size of one segment. As the source receives ac-
Ke m e| knowledgments, it increases the window size by one segnmant p
ROSS acknowledgment received (“slow start”), until a packetast] or
Memory the receiver window (flow control) limit is hit. After this ent

Manager

it decreases its window by a multiplicative factor (one halfd
Event uses the variables_t hr esh to denote its current estimate of the
Queue Optimistic network bandwidth-delay product. Beyosd_t hr esh the win-
Event . . . . ..
Processor dow size follows a linear increase. This procedure of adglin-
crease/multiplicative decrease (AIMD) allows TCP to opeia an

efficient and fair manner [15].

The various flavors of TCP (TCP Tahoe, Reno, SACK) differ pri-
Figure 1: Structure of ROSSNet. marily in the details of the congestion control algorithrtrgugh
TCP SACK also proposes an efficient selective retransmitgsro
_ dure for reliability. In TCP Tahoe, when a packet is lostsitie-

simulation such as node, link, and queue. On top of thes@ basi (gqteq through the fast retransmit procedure, but the wiridset
networking components, ROSSNet implements protocols 88ch 4, 5 yajue of one and TCP initiates slow start after this. T@RARR

OSPF and TCP. In this paper, we only present our OSPF and TCPtempts to use the stream of duplicate acknowledgmentsfdo i

models. the correct delivery of future segments, especially forahse of
occasional packet loss. It is designed to offer 1/2 rouipdtime

3. ROSSNET: TCP MODEL (RTT) of quiet time, followed by transmission of new packedtsil

3.1 TCP Overview the acknowledgment for the original lost packet arrivesfodn-

nately Reno often times out when a burst of packets in a window
are lost. TCP NewReno fixes this problem by limiting TCP’s-win
dow reduction during a single congestion epoch. TCP SACK en-
hances NewReno by adding a selective retransmit procecheesw
the source can pinpoint blocks of missing data at receiveiscan
optimize its retransmission. All versions of TCP would tivoe if

the window sizes are small (e.g., small files) and the traresie
counters a packet loss. All versions of TCP implement Jautbs
RTT estimation algorithm (that sets the timeout to the me@m R
plus four times the mean deviation of RTT, rounded up to thene
est multiple of the timer-granularity (e.g., 500 ms)). A quarative
simulation analysis of these versions of TCP was done byarall
Floyd[16].

The Internet relies on the TCP/IP protocol suite combineth wi
router mechanisms to perform the necessary traffic manageme
functions. TCP provides reliable transport using a endrd-window-
based control strategy [14]. TCP design is guided by the-tend
end” principle which suggests that “functions placed atltwveer
levels may be redundant or of little value when compared ¢o th
cost of providing them at the lower level” As a consequencePT
provides several critical functions, including reliatyilicongestion
control, and session/connection management.

While TCP provides multiplexing/de-multiplexing and erdetec-
tion using means similar to UDP (e.g., port numbers, chaulksu
one fundamental difference between them lies is the fat{iG®
is connection oriented and reliable. The connection ogigngature
of TCP implies that before a host can start sending data theno 3.2 TCP Host Functionality

host, it has to first setup a connection using a 3-way reliaated- Our implementation follows the TCP Tahoe specification. oel
shaking mechanism. are the specific capabilities of the ROSSNet TCP sessioniogle s
host.

The functions of reliability and congestion control are gied in
TCP. The reliability process in TCP works as follows:

e Logs: The system has the ability to log sequence numbers,

When TCP sends the segment, it maintains a timer and waitisefor and congestion control window information. This informa-
receiver to send an acknowledgment on the receipt of thespalék tion was used in our validation study. For performance runs,
an acknowledgment is not received at the sender beforenits ti logging was disabled.

expires (i.e., a timeout event), the segment is retransdhitAn-

other way in which TCP can detect losses during transmission e Receiver side:Data is acknowledged when received. If the
through duplicate acknowledgments, which arise due to tingue received packet’s sequence number is NOT equal-to AND
lative acknowledgment mechanism of TCP wherein if segnmeets is greater-than the expected sequence number, it is stored i
received out of order, TCP sends a acknowledgment for the nex the receive buffer. Next, an acknowledgment is sent for the

byte of data that it is expecting. Duplicate acknowledgreeet wanted packet (duplicate acknowledgment). When a packet



with the expected sequence number is received, the next ap-

propriate acknowledgment is sent according to the receive
buffer's contents.

Sender side:The sender will be in slow-start until the con-
gestion window is greater than the slow-start thresholderAf
that, congestion avoidance is started. If three duplicate a
knowledgments are observed by the sender, then fast retrans
mission is performed (see below). If the acknowledgment

We are currently examining ways inwhich to optimize thigatton
as well.

Router state is kept small by exploiting the fact that mosthef
information is read-only and does not change for the statitimg
scenarios described in this paper. Inside each router,quréying
information is kept along with a packet loss statistics.

There is a global adjacency list which contains link infotiom.

sequence number is greater then the lowest unacknowledgedThis information is used by the All-Pairs-Shortest-Pagoathm
sequence number, the sender assumes that a gap was fillego generate the set of global routing tables (one for eacterpu

and sends the appropriate packet.

Fast retransmission: When three duplicate acknowledgments
are observed, fast retransmission is started. Here, the slo
start threshold is set to half the minimum congestion window
size or the maximum of the receive window. If this value is
less than two times the maximum segment size, the slow start
threshold is reset to that value. The congestion windowtis se
to maximum segment size.

Slow start: In slow start, two packets are sent for every ac-
knowledgment. Here, the congestion window grows by one
maximum segment size every acknowledgment.

Congestion avoidance:The window grows by one maxi-
mum segment size every window’s worth of acknowledg-
ments. Here, one packet per acknowledgment is normally
sent and two packets are sent every congestion window’s
worth of acknowledgments.

Round trip time (RTT): The RTT is measured one segment

at a time. When sending a packet and RTT is not being
measured, a new measure is initiated. When retransmitting,
cancel the current RTT measurement if ongoing. The RTT

measurement process is complete upon receiving the first ac-

knowledgment that covers the RTT packet which is being
measured.

Round trip timeout (RTO): We approximate RTO using a
weighted average of the past values of RTO and RTT. We are
currently implementing Jacobson'’s tick-based algoritiom f
computing round trip time, which provides more of adampen
RTO computation by including the deviation its measure.[14]

3.3 TCP Model Implementation

In the implementation of the TCP model there are three maia da
structures. The message, which is the data packet, is semtiost

to host via the forwarding plane. The router’s LP state nzéistthe
queuing information along with the packet loss statistiémally
the host LP’s data structure keeps track of the transfeoimtata.

A message contains the source and destination address dttes
dresses are used for forwarding. The message also has gtk len
of the data being transferred which is used to calculatertmester
times at the routers. The acknowledgment number is alsaded
for the sender to observe which packets have been receivesl. T
sequence number is another variable which indicates wiiabkc

of data is being transferred.

Now, in our model the actual data transferred is irrelevadttaere-

fore it was not modeled. However in the case that an appbicati
was running on top of TCP, such as the Border Gateway Protocol
(BGP), packet data is required for the correctness of thalation.

Each table is initialized during simulation setup and csitssonly
of the next hop/link number for all routers in the network.

Given the link number, a router can directly lookup the neogi’
IP address in its entry of the adjacency list. The adjaceistyhas
an entry for each router and each entry contains all the exd{@es
for that router. Along with the router neighbor’s addresspntains
the speed, buffer size, and link delay for that neighbor.

The host has the same data structures for both the sendee-and r
ceiver sides of the TCP connection. There is also a globatadry

list for the host, however there is only one adjacency pet. Hos

our model, a host is not multi-homed and can only be conneoted
one router. There is also a read-only global array whichainat
the sender or receiver host status, and size of the netwank-tr
fer. The maximum segment size and the advertised window size
were also implemented as global variables to cut down on memo
requirements.

The receiver contains a “next expected sequence” varialdeaa
buffer for out-of-order sequence numbers. On the senderafid

a connection the following variables are used to completeT@P
model implementation: the round trip timeout (RTO), the mead
round trip time (RTT), the sequence number that is being ase t
measure the RTT, the next sequence number, the unacknadledg
packet sequence number, the congestion control windowdgnw
the slow-start threshold, and the duplicate acknowledgmeumt.

For all experiments reported here, the RTO is initializedhi@e
seconds at the beginning of a transfer, along with the slaut st
threshold being initialized to 65,536. The maximum conigest
window size is set to 32 packets, however this value is easilg-
ified. In addition to the variables needed for TCP, the hostJaai-
ables for statistics collection. Each host keeps track @filmber
of packets sent / received, the number of timeouts and itsunea
ment of the transfer’s throughput.

Our implementation of the routing table contains only thet tep
link number.Here, the maximum number of links per router is
67. Therefore the routing table could be represented in a by
per entry instead of consuming a full integer size addressin
our simulation we have an entry in the routing table for eachar.

If we had to have an entry for each host, the routing tabledduoel
extremely large. The hosts were addressed in such a wayhthat t
router they are connected to can be inferred and therefaretimg
table of only routers is acceptable. In the case that it cabeo
inferred, we could have a global table of hosts and the reutet
they are connected to. This one table is a lot smaller thampav
a routing table in each router with every host. We note thateso
topologies are such that a routing table is not needed, ssich a
hypercube. In these topologies the next hop can be infeasedd
on current router and the destination.



ack = SV->unack; For war d:
SV->unack = M>ack + g_nss;

/* other operations x/ M >dest = SV->cwnd;
M >ack = ack; SV->cwnd = 1,
Rever se:
Figure 2: LP state to message data swap example for acknowl-
edgment process. SV->cwnd = M >dest;
Last, we perform a scheduling optimization for routers timat Figure 3: Swap of the congestion window in a timeout.

plement a drop-tail queuing policy. Here, routers need rapk

a queue of packets to be sent. Instead, the routers scheatiKetp For war d:

based on the service rate (bytes per seconds) and the tinpesfa

the last sent packet. As an example, lets assume we haveea buff whi | e( SV- >out _of order[cur_var]){
size of two packets, a service time of 2.0 time units per packe M >RC. dup_count ++;

and 4 packets arrive at the following times: 1.0, 2.0, 3.0 aufid SV->out _of order[cur_var] = 0;
Clearly, the last packet will be dropped, but lets examine @ cur _var ++;

can implement this without queuing them. If we keep trackhef t -

last send time, we see that the packet at 1.0 will be schediled

3.0, following 5.0 and 7.0. Thus, when the last packet astitiee Rever se:

last sent time is 7.0. If we subtract the arrival time of lasthet,

3.0 from the last sent time of 7.0, this says there are 4.0 tiniks for(i = M>RC.dup_count; i >0 ; i--) {
worth of data to be sent, which when divided by the servicetim SV->out of or der_[ cur_var] = 1;
yields there are two packets in the queue. Thus, this padkeiev cur_var--; B

dropped. We are currently examining how this approach cbald
extended to other queuing policies and dynamic routingasies
We note here, that other simulation frameworks, such as B§8S
appear to perform this optmization as well.
Figure 4: Forward and reverse code for the out-of-order bufer.

3.4 Reverse Computation
The TCP model uses both reverse computation and incremental

state saving. However, as opposed to using a logging steuf], each buffer entry has a one or a zero depending if the packet is
we reuse data space contained within the event that is ¢lyrten ~ the buffer. The buffer is circular starting with the next exfed
processed. This not only reduces the complexity of our sitfan sequence number. The only time the buffer changes stateatiram

engine by not having to perform complex memory management on ically is when a sequence number fills in a gap. The acknowledg
logs, but also increases data locality. Because we knowttieat ~ Mentis sent for next missing sequence number. All buffeatioas
page of memory a message is located will be accessed as a conWould be set to zero up to the next gap. Because the buffer loca

time) will not increase by having to swap data between LRestat 2€ro and record that number as seen in Figure 4. The revezse ev
and existing message data. handling code uses the packet which was acknowledged and the

count to revert the previous values from zero back to one.
As an example of how the swap operation is used in our TCP
model, consider the processing of an acknowledgment easnt, 4 ROSSNET OSPF MODEL
shown in Figure 2. A swap operation is performed between the .
message’s acknowledgment valie— > ack and the unacknowl- 4.1  OSPF Overview
edged sequence number contained within the LP’s state > Routing protocols in the Internet could be classified into main
unack. This is done to effectively state-save the unacknowledged groups:link-state routinganddistance-vector routingTypically in
sequence number prior to is being overwritten with new aakno the current Internet, distance-vector routing protocelg.( BGP)
edge sequence number. The message acknowledgment value caare used for inter-domain routing (i.e., routing among Agimous
be recreated by subtractimgmss from the unacknowledged se-  Systems (ASs)), while link-state routing protocols (eQ@SPF, and
guence number. We also use the message destination to ssvap thlS-IS) are used for intra-domain routing. As all the othekistate
congestion windowewnd since the packet is already at the desti- routing protocols, OSPF maintainsnaap of the network (which

nation. Figure 3 shows the forward and reverse code for taps typically corresponds to one AS in the Internet) at all rosit&ach

router collects their local link information and floods thetwork
Additionally, we find the receiver’s state and the out of orolaffer with that information so that all the routers have a globaproé
could consume a significant amount of space if copied priordd- the network.

ification as part of state-saving. The reason for this is beedhe

whole window’s worth of packets could be acknowledged whig t In OSPF, routers send HELLO packets to their neighbors tolche

correct sequence number. Thus, the buffer would be coniplete whether they are up or down. HELLO packets are sent perithgica

empty after processing the “acknowledgment” event, respin at every Hellolnterval. If the neighbor does not respondragome

the whole buffer being copied prior to modification. period of time, then itis assumed dead. This period of tincaled
the RouterDeadlnterval, and is typically four times thelblater-

To avoid this degenerative case, we take a different apprdéere, val.



Each router maintains link status announcements (LSAsived
from other routers. Collection of these LSAs is called a L8thate
Database (LS-Database), which in fact shows the global rhéqeo
network. The routers run Dijkstra’s or some other shorteast pl-
gorithm to find the routes in the network. When a link goes down
or comes up, the routers detects the change via HELLO message
After updating its local LS-Database, the router send atJp8ate
message which conveys the change to other routers. Norrh&Hy

and refresh the self-generated LSAs periodically.

In the case of a link outage, the router connected to thatdak
tects the change, and schedules an LS-Update, which coosist
the new LS-Header. In the simulation, we reflect this linkamat
by updating the LIT. Routers receiving the LS-Update canthee
LIT to run the shortest-path algorithm, and calculate itsvirding
table. This method works well for a single link outage befthre

Update messages are sent when a change in the LS-Database ocetwork converges. However, a problem with the above glyate

curs. Such a change can happen either because of a locabtink,
because of an LS-Update message received from elsewheree Th
is also LS-Refresh messages sent across the OSPF routets. Ea
OSPF router floods its LS-Database to other routers at ev@Rek
freshinterval, which is typically 45 minutes.

For scalability purposes, OSPF divides an AS into areas and ¢
structs a hierarchical routing among the areas. For eaah are
corresponding Area Border Router (ABR) is assigned. Intamidi

to ABRs, there are Backbone Routers which are the routersnode
among which inter-area routing takes place. Among ABRs and
Backbone Routers, one router is assigned as the BoundartgriRou
which is responsible for routing to/from other ASs. All thegs-
signments of routers are typically done manually in the entrr
Internet. Multi-area routing in OSPF helps scalability. AsSare
flooded only in the area, rather than the whole AS. ABRs floed in
ternal LSAs to other areas as Summary-LSAs. This scalesifigod
of LSAs. Also, routing among Backbone Routers occurs bagsed o
address prefixes, which scales routing tables.

4.2 OSPF Model Implementation

The OSPF messages can become fairly large (for exampldatata
description packet-exchange and subsequent LS Updatesaonse
to the LS Requests). These long messages can be a big impmedime
to model scalability. In order to keep messages as smallssitype,
we use pointers to a message, instead of the actual largegeess
data structure. Under this approach, the router which esetde
message, allocates the memory and fills in the requiredrder
tion, and just sends across the pointer. Depending upotypleeof
message, the memory allocated is freed by the entity rexgthie
message or the entity originating the message.

arises when there are multiple and frequent link outages@w
eries in the simulated scenario. Here, nodes in the netwdtk w
observe different states of the network depending on tlieahor-
der of LS-Updates. For example, assume there are two sudrsequ
link outages that happened for links A and B. It will such thane
nodes will hear outage of link A earlier than outage of linkaBd
some other nodes will hear the other way around. So, if there a
multiple link changes within one convergence time, then svafy
handling the situation in the model are more complicated.

One possible method of solving this problem is to use mutipl
copies of the LIT, each for one possible arrival order of Lgd&ite
messages. In this approach, the recipient of LS-Updateagess
selects which copy of the LIT to use based on the previous LS-
Update messages it has received. One fundamental problgm wi
this approach, is that the size of LIT is enormous for a nétwath
millions of nodes and links. So, each copy is a significantear

in terms of memory consumption, which is the main bottlerfeck
simulation scalability.

Finally, we note here that our OSPF model lacks the revemseuex
tion code path to support optimistic parallel executionafffunc-
tionality will be available in the very near future. Conseqtly, all
our OSPF results are based on sequential model execution.

5. EXPERIMENTAL VALIDATIONS

In this section we will present simple simulation scenaridgre

we can demonstrate that our implementations of TCP and OSPF
protocols are valid and accurate. In order to validate oulP TiG-
plementation, we show the matching between our TCP implemen
tation and SSFNet's TCP implementation. To validate our BSP
implementation, we run our OSPF implementation on a fouteio

In the OSPF model, HELLO messages appear to take the largestnetwork and observe changes in the forwarding tables as sbme

share of total event/message population. Typically, therene
event to wake up the interface after every HELLO Intervald an
then one event to send the actual HELLO message. This meatns th

two events are required to generate one HELLO message. In our

model, we schedule just one event to wake up the router, @amd th
the router sends the HELLO messages with some randomization
out of every interface. This significantly reduces the numddfe
events in the simulation.

The LS-Database consumes up the largest share of memonh whi
is stored on every router. This is the biggest limitationdalability
(in terms of number of routers) of an OSPF simulation modee T
information required to compare two LSAs, when an LS-Update
received, is stored in the LS-Header. In practice, the lirfirima-
tion is replicated at every router and in every LSA. We sirtauthis
by storing only one Link Information Table (LIT) that incled one
copy of each link in the topology. So, in our simulation, weret
only one copy of the link information (for each link in the tp
ogy) globally as shared among all the routers, instead ohbaa
redundant separate copy for each. We store the LS-Headatlylo
at each router, so that routers are able to individually bgd-5As

the links are taken down or up.

5.1 TCP Validation

SSFNet [6] has a set of validation test which shows the basic b
havior of TCP. Because of space limitations, we only show how
ROSSNet’s TCP compares with SSFNet for the Tahoe fast getran
mission timeout behavior. This test is configured with aseand

a client TCP session with a router in between. The bandwgiéh i
Mb/sec from the server to the router with 5 ms delay and thentli

to the router had a bandwidth of 800 kilobit per second witld@ 1
ms delay. The server was transferring a file of 13,000 bytes.

As can be seen from Figures 5-a and 5-b, our implementatitn wi
respect sequence number and congestion window behavier per
forms very similar. The packet drop happens at similar tiees

so does the fast retransmission.

5.2 OSPF Validation

In order to validate our OSPF simulation, we experiment amalls
topology as shown in Figure 6. There are four routers nunabere
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Figure 5: Comparison of SSFNet and ROSSNet TCP models based ¢a) sequence number, (b) congestion window for TCP Tahoe
fast retransmission behavior. Top panel is ROSSNet and batim panel is SSFNet.

from 0 to 3, and four end-nodes numbered from 4 to 7. Routers ar Table 1 shows the observed routing tables at the four routes
shown as gray nodes in the Figure 6. Links among the routers ar during the three stages of the simulation. Please note, avadti
include entries for end-nodes for simplification. A 255 netre

all 10 Mb, while the links connecting routers to end-nodes af
1 Mb in capacity. In Figure 6, numbers written on each linkreep
sents the OSPF weight (or cost) for that link. Also, numbbat t
are written at the beginning of each arrow represents tred &wi-
meration of the link at that node. These enumerations aressacy

for forwarding of the packets.

We simulated a scenario where there are two TCP flows. Oneof th
TCP flows starts at node 4 and ends at node 7. The other TCP flowg_1 Configuration

starts at node 5 and ends at node 6. The TCP flows were run for agr experiments were conducted on a dual Hyper-Threadaiifen
4 Xeon processor system running at 2.8 GHiyper-Threading
is Intel's name for a simultaneous multithreaded (SMT) dech
ture [18]. SMT supports the co-scheduling of many threageor

total simulation

link (i.e., the two one-way links) in between routers 0 ando2g
down. Later at time 250, it comes back up. We observed thégut

time of 500 seconds. At time 50, the bi-dii@nal

tables at the routers and behavior of the two TCP flows.

next node is “self”.

Observe that router nodes correctlyusidj

themselves in response to the two link changes. There isnalso

change in the

behavior of TCP flows, because their routesinema

the same and are not affected by the link changes.

6. PERFORMANCE RESULTS

cesses to fill-up unused instruction slots in the pipelinesed by
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Table 1: Routing tables for three stages of the simulation 'oOSPF validation.

Simulation | Router 0 Router 1 Router 2 Router 3
Stage
Desti- | Next Desti- | Next Desti- | Next Desti- | Next
nation | Node nation | Node nation | Node nation | Node
0 255 0 0 2 0 1
0-50 1 0 1 1 0 1 0
2 2 2 2 255 2 0
3 1 3 3 1 3 255
Desti- | Next Desti- | Next Desti- | Next Desti- | Next
nation | Node nation | Node nation | Node nation | Node
0 255 0 0 0 0 1
50-250 1 0 1 1 0 1 0
2 1 2 2 255 2 0
3 1 3 3 1 3 255
Desti- | Next Desti- | Next Desti- | Next Desti- | Next
nation | Node nation | Node nation | Node nation | Node
0 255 0 0 2 0 1
250-500 | — 0 1 1 0 1 0
2 2 2 2 255 2 0
3 1 3 3 1 3 255

\
'

0

Figure 6: Topology for experimental validation of OSPF simu

lation.

control or data hazards. Because the system knows thatdhare
be no control or data hazards between threads, all threagioor
cesses that are ready to execute can be simultaneouslyusathed
In the case of threads that share data, mutual exclusioraisigd

by locks. Consequently, the underlying architecture nextdkmow
about shared variables or how they are used at the progragh lev
Additionally, because the threads assigned to the samecphys
processor share the same cache, there is no additional dva&dw
needed to support a cache-coherency mechanism.

Intel's Hyper-Threaded architecture supports two ingtomcstreams
per processor core [19]. From the OS scheduling point-efvyi
each physical processor appears as if there are two diptioces-
sors. Under this mode of operation, an application mustieatied
to take advantage of the additional instruction streams diral-
processor configuration behaves as if it was a quad procegser
tem. Because of multiple instruction streams per procesger
denote instruction stream (IS) count instead of processontcin
our performance study to avoid confusing the issue betwhgs-p
ical processor counts and virtual processors or separst@igion
streams.

The total amount of physical RAM is 6 GB. The operating system
is Linux, version 2.4.18 configured with the 64 GB RAM patch.
Here, each process or group of threads (globally sharing) dsit
limited to a 32 bit address space, where the upper 1 GB isveser
for the Linux kernel. Thus, an application is limited to 3 Gids

all code and data (both heap and stack space and threadlcat&ro
structures).

For all experiments, each TCP connection used a uniformgonfi
ration. The transfer size was infinite, allowing the trarste run

for the duration of the simulation. The maximum segment sias

set to 960 bytes. The total size of all headers was 40 bytes. Th
initial sequence number was initialized to zero and the stant
threshold was 65,536.

All clients and servers were connected in the way that thetfat



Table 2: Performance results for N = 4, 8, 16, 32 synthetic topology network for low (500 Kb), medium (1.5 Mb)and high (45 Mb)
bandwidth scenarios on 1, 2 and 4 instruction streams using dual Hyper-Threaded 2.8 GHz Pentium-4 Xeon. Efficiency is tk net
events processed (i.e., excludes rolled back events) digdlby the total number of events. Remote is the percentage dfe total events
processed sent between LPs mapped to different threads/imsction streams.

Number of NodesN | End Host Bandwidth Num IS | Event Rate| Efficiency | % Remote| Speedup|

4 500 Kb 1 441692 NA NA NA

4 500 Kb 2 535093 99.388 7.273 1211
4 500 Kb 4 660693 97.411 14.308 1.495
4 1.5Mb 1 386416 NA NA NA

4 1.5Mb 2 440591 99.972 7.125 1.140
4 1.5 Mb 4 585270 99.408 14.195 1.516
4 45 Mb 1 402734 NA NA NA

4 45 Mb 2 440802 99.445 7.087 1.094
4 45 Mb 4 586010 99.508 14.312 1.612
8 500 Kb 1 210338 NA NA NA

8 500 Kb 2 270249 100 7.273 1.284
8 500 Kb 4 331451 99.793 10.746 1.575
8 1.5 Mb 1 177311 NA NA NA

8 1.5Mb 2 237496 100 7.313 1.339
8 1.5Mb 4 287240 99.993 10.823 1.619
8 45 Mb 1 176405 NA NA NA

8 45 Mb 2 221182 99.999 7.259 1.253
8 45 Mb 4 257677 99.996 10.758 1.460
16 500 Kb 1 128509 NA NA NA
16 500 Kb 2 172542 100 7.091 1.342
16 500 Kb 4 199282 99.987 10.600 1.550
16 1.5Mb 1 100980 NA NA NA
16 1.5 Mb 2 137493 100 7.092 1.361
16 1.5 Mb 4 153454 99.998 10.626 1.519
16 45 Mb 1 99162 NA NA NA
16 45 Mb 2 117312 100 7.102 1.183
16 45 Mb 4 145628 99.999 10.648 1.468
32 500 Kb 1 80210 NA NA NA
32 500 Kb 2 108592 100 7.058 1.353
32 500 Kb 4 126284 100 10.586 1.57
32 1.5Mb 1 75733 NA NA NA
32 1.5Mb 2 90526 100 7.052 1.20

Table 3: Memory requirements for N = 4, 8, 16, 32 synthetic topology network for low (500 Kb), medium (1.5 Mb)and high (45 Mb)
bandwidth scenarios on 1, 2 and 4 instruction streams using dual Hyper-Threaded 2.8 GHz Pentium-4 Xeon. Optimistic pr&essing
only required 7000 more event buffers (140 bytes each) on a&ge which is less 1 MB.

Number of Nodes)N | Host Bandwidth] Max Event-list Size] Memory Requirements

4 500 Kb 4,792 3 MB

4 1.5Mb 5,376 3 MB

4 45 Mb 5,376 3 MB

8 500 Kb 45,759 11 MB

8 1.5Mb 85,685 17 MB

8 45 Mb 86,016 17 MB
16 500 Kb 522,335 102 MB
16 1.5 Mb 1,217,929 202 MB
16 45 Mb 1,380,021 226 MB
32 500 Kb 5,273,847 1,132 MB
32 1.5Mb 6,876,362 1,364 MB




of hosts randomly connected to the second half of hosts.eTwas lookahead which is a consequence of link delay (ranging &etw

a distinct client-server pair for each TCP connection ingimeu- 5 to 30 ms) and a large amount of remote events (ranging betwee

lation. Because of the random nature of connections, thaseav 7% to 15%).

high percentage of “long-haul” links that result in a largenber of

remote events scheduled between processors / instruttézss. The observed speedup ranges between 1.2 and 1.6 on the dual-
hyper-threaded processor system. These speedups are wehy m

Last, ROSS is configured with a binary heap for all TCP experi- in line with what one would expect, particularly given themury

ments. However, we have recently implemented a Splay Tree fo size of the models at hand relative to the small level-2 catkie

event-list management and find it produces a 50 to 100% perfor note that we were unable to execute tNe= 32, 45 Mb band-

mance improvement over the binary heap. All OSPF experigent width case. This aspect and memory overheads are discumnstfed i

have ROSS configured with the faster performing Splay Tree. paragraphs below.

6.2 Synthetic Topology Experiments The memory footprint of each model is shown as a function of
The synthetic topology is fully connected at the top and luas f nodes and bandwidth in Table 3. We report a steady increase in

levels. A router at one level is connectedNolower level routers memory requ[rements and e\{ent-llst size as bandwidth @witm- .
or hosts. The total number of nodes is equaWtb+ N + N2+ N. ber of nodes in the network increase. The peak memory usage is

N was varied between, 4, 8, 16, and 32. The nodes are numberecd®Most 1.4 GB of RAM for theV = 32, 1.5 Mb bandwidth sce-

in such a way that the next hop can be calculated based on thenario. T_he gmount of additional memory allocated for opsii
destination at each hop. processing is 7000 event buffers which is less than 1 MB. Thus

for 524288 TCP connections, this model only consumes 2.6 KB
per connection including event data. By comparison, Niedl [

The bandwidth, delay and buffer size for the synthetic togglis X
reports that Ns consumes 93 KB per connection, SSFNet (&ava v

as follows: - . -
sion) consumes 53 KB, JavaSim consumes 22 KB per connection
and SSFNet (C++ version) consumes 18 KB for the “dumbbell”
e 2.48 Gb/sec, a delay of 30 ms, and 3 MB buffer, model which contains only two routers.
e 620 Mb/sec, a delay between 10 ms to 30 ms, and 750 KB [ ast, we find that there is an interplay in how the event pdjnrids
buffer, effected by the network size, topology, bandwidth and sifeice.
In examining the memory utilization results, we find that tinexi-
* t1)5g Mb/sec, a delay of 5 ms, 10ms and 30ms, and 200 KB mum observed event population differs by only a moderateuaimo
ulter, for 1.5 Mb versus 45 Mb case whé¥i = 16 despite a rather signif-
e 45 Mb/sec, a delay of 5 ms, and 60 KB buffer, icant change in network buffer capacity. However, we werabls
to execute the 45 Mb scenario wh@h = 32 because it requires
e 1.5 Mb/sec, a delay of 5 ms, and 20 KB buffer, more than 17,000,000 events, which is the maximum we can al-
locate for that scenario without exceeding operating sysimits
e 500 Kb per second, a delay of 5 ms, and 15 KB buffer (" 3 GB of RAM). This is because there are many more hosts at

a high bandwidth, resulting in much more of the availablefdyuf
capacity to be occupied with packets waiting for servicesthase
results in a 2.5 times increase in the amount of required mgmo
This suggested, model designers will have to perform sopacza
ity analysis, since networks memory requirements may ebgpéd-
ter passing some size, bandwidth or buffer capacity thidslas
happened here.

We consider three bandwidth scenarios: high, which has 2.48
Gb/sec for the top-level router link bandwidths, and eachelo
level in the network topology uses the next lower bandwidiihn
above yielding a host bandwidth of 45 Mb/sec, @igdium which
starts with 620 Mb/sec and goes down to 1.5 Mb/sec at the end
host, and (iii)low, which starts with 155 Mb/sec and goes down
to 500 Kb/sec at the end host. These bandwidths and link slelay
are realistic relative to networks in practice [20]. We pdavmore 6.2.1 Hyper-Threaded vs. Multiprocessor System
information about the AT&T topology below in Section 6.3. In this series of experiments we compare a standard quagégroc
sor system to our dual, hyper-threaded system in order terbet
Our experiments were run on 1, 2 and 4 instructions strea®)s (I  quantify our performance results relative to past proaessnol-
The synthetic topology is mapped with each core router dritsal ogy. The network topology is the same as previously desdribe
children assigned to the same processor. with N = 8, thus there are 4680 LPs in this simulation. We did
however modify the TCP connections such that they are mere lo
Table 2 shows the performance results for all synthetic logpo cally centered. In total 87% of all TCP connections were imithe
scenarios across varying numbers of available instruditeams same kernel process (KP).
on the Hyper-Threaded system. For all configurations, wertep
an extremely high degree of efficiency, as shown in the higitdid We observe that the dual processor out performs the quadgsoc
column. The lowest efficiency is 97.4% and to our surprise live 0 system by 16% despite that the quad processor having twe thee
serve a large number of zero rollback cases for 2 and 4 ingtruc ~ amount of level-2 cache (each quad processor has 512 KB ¢er a t
streams resulting in 100% simulator efficiency. We obsehat t  tal of 2 MB of cache). The respective speedups relative tio then
the amount of available work per instruction stream (ISands sequential performance are 3.2 for the quad processor rforl.
the rate of forward progress of the simulation, particylas N the dual hyper-threaded system, which is 80 to 85% of therélteo
grows and the bandwidth increases. Thus, remote messages ar ical maximum. If we compare cost-performance, the dual hype
ahead of when they need to be processed resulting in almdetpe  threaded system ("$7000 USD) is the clear winner over thd qua
simulator efficiency. This result holds despite an inhdyesinall processor system ("$24,000 USD) by over a factor of threegst



Table 4: Performance results for N = 8 synthetic topology network medium bandwidth on 1, 2 and 4 insuction streams (dual
Hyper-Threaded 2.8 GHz Pentium-4 Xeon) vs. 1, 2 and 4 processs (quad, 500 MHz Pentium-IIl).

[ Processor Configuratioh Event Rate] % Efficiency | % Remote| Speedup|

11S, Hyper-Threaded | 220098 NA NA NA
21S, Hyper-Threaded | 313167 100 0.05 1.42
4 1S, Hyper-Threaded | 375850 100 0.05 1.71
1 PE, Pentium-Ill 101333 NA NA NA
2 PE, Pentium-Ill 183778 100 0.05 181
4 PE, Pentium-III 324434 100 0.05 3.20

costs less than 1/3 the price at the date of purchase.

Additionally, we observe 100% simulator efficiency for adirpllel
runs. We attribute this phenomenon to the low remote message
and large amount of work (event population) per unit of satioh
time.

6.3 AT&T Topology Experiments
For our performance study we used AT&T'’s network topology ob
tained from the Rocketfuel Internet topology database.[22]

As shown in Figure 7, the core US AT&T network topology con-
tains 13173 router nodes and 38164 links. What makes Iriterne
topologies like the AT&T network both interesting and cbkaljing
from a modeling prospective is its sparse connectivity amag-
law structure [22]. In the case of AT&T, there are less thamis|
per router on average. However, at the super core there gha hi
degree connectivity. Typically, an Internet service pdevis super
core will be configured as a fully connected mesh. Consefyent
backbone routers will have up to 67 connections to otherersut
some of which are other backbone or super core routers aed oth
links to region core routers. Once at the region core lelielnum-
ber of links per router reduces and thus the connectivityéen
other region cores is sparse. Most of the connectivity iSadeed

to connecting local points of presence (PoPs).

In performing a breadth-first-search of the AT&T topolodyeite
are distinct eight levels. At the backbone, there are 414ersu

At each successive level yields the following router coud861,
5021, 1117, 118, 58, 6 and at the final level there are 5 nodes.
There were a number of routers not directly reachable frothimi
this network. Those routers are most likely transit routpg
strictly between autonomous systems (AS). With the transiiers
removed, our AT&T network scenario has 11670 routers. Link
weights are derived based on the relative bandwidth of theifi
comparison to other available links. In this configuratiooyting

is keep static.

The bandwidth, delay, and buffer size for the AT&T topologyas
follows:

e Level 0 router:9.92 Gh/sec, a delay randomly between 10
ms to 30 ms, and 12.4 MB buffer.

e Level 1 router:2.48 Gb/sec, a delay randomly between 10
ms to 30 ms, and 3 MB buffer.

e Level 2 router: 620 Mb/sec, a delay randomly between 10
ms to 30 ms, and 750 KB buffer.

Level 3 router:155 Mb per second, a delay of 5 ms, and 200
KB buffer.

e Level 4 router:45 Mb per second, a delay of 5 ms, and 60

KB buffer.

Level 5 router: 1.5 Mb/sec, a delay of 5 ms, and 20 KB
buffer.

Level 6 router:1.5 Mb per second, a delay of 5 ms, and 20
KB buffer.
e Level 7 router:500 Kb per second, a delay of 5 ms, and 5
KB buffer.

link to all hosts: 70 Kb per second, a delay of 5 ms, and 5
KB buffer.

Hosts are connected in the network at PoP level routers. eThes
routers only have one link to another higher-level router.

The first configuration is medium size, with 96,500 nodes os LP
(hosts plus routers) total, and the second is large, with1B86LPs.

In each configuration, one half the host population estagtisa
TCP session to mndomly selecteteceiving hostWe observe this
configuration is almost pathological for a parallel netwosknu-
lation because the amount of remote network traffic will bemu
greater than is typical in practiceThe amount of remote message
traffic is much greater than the synthetic network topologgause
of the network’s sparse structure. Our goal is to demoressiatu-
lator efficiency under high-stress workloads for realigifmologies.

We observe over 99% efficiency for the 2 and 4 IS runs as shown
in Table 5, yet there is a substantial reduction in the oletal

tain speedup. Here, we report speedups for the 4 IS casegof 1.
for the medium size network and 1.29 for the large. We atteibu
this reduction to enormous amount of remote messages sent be
tween instruction streams/processors. A parallel sinaraising

the AT&T network topology with a round-robin mapping of LP to
processors results 50 to 80% of the all processed eventg bein
motely schedule. We hypothesize that these high remoteagess
rates reduce memory locality and results in much highereatbs
rates. Consequently, all instruction streams are spemdorg time
stalled waiting for memory requests to be satisfied.

The memory requirements for the AT&T scenario were 269 MB for
the medium size network and 328 MB for the large size network,
yielding a per TCP connection overhead of 2.8 KB and 1.3 KP re-
spectively. The reason for the reduction per connectionawing
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Figure 7: AT&T Network Topology (AS 7118) from the Rocketfuel data bank for the continental US.

Table 5: Performance results for AT&T network topology for medium (96,500 LPs) and large (266,160) on 1, 2 and 4 instruoti
streams (IS) using the dual-hyper-threaded system.

Configuration]| Event Rate] % Efficiency | % Remote| Speedup|

medium, 1 1S | 138546 NA NA NA
medium, 2 IS | 154989 99.947 52.030 1.12
medium, 4 1S | 174400 99.005 78.205 1.25
large, 11S 127772 NA NA NA
large, 2 IS 143417 99.956 51.976 1.12
large, 4 1S 165197 99.697 78.008 1.29

Table 6: OSPF with TCP Performance results for AT&T topology (96,500 LPs) scenarios on 1 instruction stream using a dual
Hyper-Threaded 2.8 GHz Pentium-4 Xeon. Simulates 100 secds of network traffic.

| Configuration | Event Rate] Max Event-list Size| Events Processe Memory Requirements

OSPF, no TCP | 419286.66 | 150000 796200468 1.92 GB
OSPF with TCP| 197954.02 | 1800000 1783473402 2.29 GB

from medium to large configuration is because the amount®f ne routing tables (i.e.N? for N routers in an area) and we are in

work buffer space which effects the peak event populatiomoi effect simulating a pathological OSPF scenario as the &prale
change, yet the number of connections went up by almost arfact of thumb” for OSPF limits the number of routers per area toZ3) [
of three. with an operational upper bound between 200 to 1000 evenanith

optimized router.Our area is 12 to 200 times those design limits
However, despite these modeling extremes we are able tdaganu
6.4 Initial OSPF Results this scenario in conjunction with TCP background trafficsaswn
Our OSPF experiments use the same AT&T topology configuratio in our performance results (see Table 6).
as described for the medium network size(i.e., 96,500 ntatas
in the network). However, we do increase the bandwidth feelke As shown in Table 6, we observe that the event rate is keptlhigh
5, 6 and 7 to 45 Mb/sec. Thus, the amount of traffic generated by the Splay Tree for OSPF without TCP flows, however as we add
the TCP hosts is much greater in this scenario. We also nate th TCP flows the event population increases by a factor of 12K150
we configure all routers in the AT&T network to be insidsiagle to 1.8 M). With this increase, the event-list managementlwads
OSPF area. Consequently, this results in extremely largeFOS rise by a factor of two which results in a sharp decrease ievkat



rate.

The memory utilization is quite large for our models, rampirom
1.9 to 2.3 GB of RAM. We attribute high memory usage to the
size of the adjacency matrix and routing tables. Recal, tiodel

model could be executathsynchronizedvith a negligible amount
of error.

The model was implemented as lean as possible which alloared f
the million node topology to be executed on an inexpensivd@ £0

configures OSPF as a single area. While our state compressionmultiprocessor system. We observed model memory requiveme

techniques do in fact reduce memory consumption, this pagho
cal runtime configuration still requires substantial meymeiquire-
ments. In practice, we anticipate much smaller tables fdtiratea
OSPF scenarios and significantly less memory.

7. RELATED WORK

Much of the current research in parallel simulation for rerkyv
models is largely based on conservative algorithms. PDNS [8
is parallel/distributed network simulator that leveragtisA-like
technology to create a federation of Ns [5] simulators. S&H6I,
TasKit[24] and GloMoSim [25] all use Critical Channel Trase
ing (CCT) [24] as the primary synchronization mechanismSSEa
employs a hybrid technique call&&bmposite Synchronizatiffi,
where both the asynchronous CCT algorithm and a barrietsgnc
nization are combined to avoid channel scanning limitatiasso-
ciated CCT while at the same time reducing the frequency lzagjlo
barrier must be applied.

Recent optimistic simulation systems for network modetduide
TeD [26], which is a process-oriented framework for constru
ing high-fidelity telecommunication system models. Presramd
Nicol [27] implement a TCP model in TeD, however no perfor-
mance results are given. USSF [12] is an optimistic simoati
system that dramatically reduces model run-time state byad-P
gregation, and swapping LPs out of core. Additionally, U$Ss-
poses to execute simulations unsynchronized using theiriM@
approach. Based on the results here, a NOTIME synchrooizati
could prove beneficial for large-scale TCP models. Ungerét.
simulate a large-scale ATM network using an optimistic appgh
[28]. They report speed-ups ranging from 2 to 7 on 16 proassso
and indicate that optimistic outperforms a conservativeqmol on

5 of the 7 tested ATM network scenarios. Finally, a new fixethp
optimistic approach, called Genesis has been proposedyy8e
ski et. al.[29]. This approach yields speedups up to 18 onr@6 p
cessors for 64 to 256 node TCP models. Super-linear perfaena
is attributed to a reduction in the number of events schealtiess
machines because of the statistical aggregation of evdnitdhvs
employed by this approach.

8. CONCLUSIONS AND DISCUSSIONS

In this paper, we propose solutions for the problem of sgatiet-
work simulations to millions of nodes. Based on the propdset-
nigues, we develop scalable simulation models for the OSBF r
ing protocol and TCP transport protocol. We ran simulatiohs
these models on a very large and realistic topology. To dhi®,
capability has not been demonstrated.

With the use of optimistic parallel simulation techniquesigled
with reverse computation, speedups of 1.7 for a hyper-tiega
dual processor system and 3.2 for a quad processor system-are
ported. These speedups were achieved with an insignifioamiat

of additional memory for optimistic processing (i.e.,1 megabyte

in practice).

The parallel TCP model proved to be extremely efficient withyv
few rollbacks observed. Parallel simulator efficiency ehdpe-
tween 97 to 100% (i.e., zero rollbacks). This suggests tmat t

between 1.3 KB to 2.8 KB per TCP connection depending on the
network configuration (size, topology, bandwidth and budfgpac-

ity).

The hyper-threaded system was able to provide a low cost-/ per
formance ratio. What is even more interesting is that thgse s
tems blur the lines in terms of sequential versus paraltegssing.
Here, to obtain higher rates of performance from a singlegso
sor, one has to resort to executing the model in parallel. hss t
technology matures to even high clock rates, we anticipatges
processors having many more instruction streams, whidhpvat
vide an even greater opportunity for parallel simulatioolscand
techniques.

There have been many ideas that have come about during ttks wo
In the future, we plan to develop a scalable simulation mdoiel
BGP and investigate inter-domain routing issues. We wabal
be working on the implementation for a faster event-list ag
ment algorithm to reduce priority queue overheads. Alsarttpde-
mentation of TCP functionality such as delayed acknowlesigs)
ticks for round trip time calculation, and Reno capabiiteee work

in progress. The concept of creating a hierarchical addnegping
scheme from a random network topology as well as a better LP to
processor mapping scheme to reduce remote events is atsp bei
examined.

Finally, in the creation of these models, we leveraged iexjshod-

els in both the Ns-2 and SSFNet frameworks. We find that “port-
ing” model functionality to our platform is relatively stggt for-
ward. In the future, we plan to devise porting guidelines prat
vide detailed case studies of how we have ported OSPF, T@P, an
BGP for use as a reference.
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