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Abstract
In this paper wexplorethe packet starvation effe¢PSE)thatoccurs inEthernet controllerslue to the unfairness of
the CSMA/CD algorithm. The PSEauses some packets to experience latencies 4pQadimes the average or to
completely starve out due to 16 collision§he PSEcauses some packets to experienigg delays atrealistic offered
loads adow as40% and causes complete starvationsafme packets at offered loadsles as60%. The PSHEnakes
CSMA/CD LANSs unsuitable foreal-time traffic except atffered loadsnuch lesghan100%. It is the limitingactor in

the usable bandwidth of the bus.

As an alternative to CSMA/CD, we present ffer Dual DistributedQueue (FDDQ)algorithm. Underigh load,
FDDQ uses a single reservation mini-gbetr packetind atree-based collision resolutiaigorithm (CRA) to maintain
two distributed queues of waiting senders. Tievides twopriority FCFS access tthe network. FDDQ provides
utilizations and average latencies very similar to those of CSMA/CD but isviair at extremeliigh offered loads. The

protocol is stable for a constant number of senders, is simple enough to be practical, should be implementable in

firmware, and completely eliminates the PSE.

1. Introduction

Much literature hadeen devoted tthe study of the
CSMA/CD algorithmfor collision resolution, but most of
it has concentrated on tlstability of the algorithm, the
average fairness of itand the average delay and
utilization it canprovide. These papers have shalvat
while CSMA/CD is unstable atffered loadsnuch higher
than 100% and with smallpackets[5], in practice it can
achieve utilizations inthe range of 90-97%[2]. This
contradicts the conventionalwisdom of network
administrators, which holdthat Ethernet. ANs[15] (as
defined bythe IEEE 802.3 standardbghave very badly
at offered loadsmuch higherthan 50%. Part of this
problem is due to errors iathernet implementations, but
the majority of the problem is due tothe inherent
unfairness of CSMA/CD.

We used an accurate Ethernet simulatayuantify the
unfairness of CSMA/CD for aange of realistioffered
loads. We tested loadsmilar to the continuougueue
model used fothe measurements published Bgggs,
Mogul and Kent[2], a data trafficmodel based on the
measurements by Gusella[@hd acombination of this
data traffic with loads designed tmodel MPEGvideo
streams.

network. We term this theacket starvation effe¢PSE),
and it occurs because packets have a probability of getting
access tothe networkinversely proportional totheir
currentbackoffvalue. When amew packet competes with
an old one, the newer packeds a higheprobability of
gaining accessand theprobability of the older packet
winning a competitiorfor access exponentially decreases
with the number of failed attempts the ofshcket
participatesn. At highload, when there anesually two

or more packets in contention ftire network, thiseffect
causes a significant portion of packets to experience
excessive delays or to be droppedter 16 failed
retransmission attempts.

While the PSEhas notbeenmuch of a problem in the
past (as shown by the overwhelmimsgiccess of the
Ethernet) it isbecoming a problem for modern traffic
mixes which requirehigher bandwidthsand real-time
assurances on packet latency. In addition, the PSE
completely disallowsthe use of admission control
schemes, such athat described byFerrari[6], which
provide real-time traffic guarantees.

While the simulations in this paper haveen based on
the 10Baseband 10Base2 versions dhe IEEE 802.3
standard, the results of this paper showldo be
applicable to the 10BaseT standard, althougtdifierent
topology of 10BaseTwill result in different collision

For the simulated loads, the standard deviation ofPatterns andnaychange the results slightly. In addition,

packet latency is oftetwo to five times theaverage

because the emerging 100Mbps 802.3 standards

latency, and at offered loads above 60%-70% a significant(100BaseT, etc.are designed to be virtually identical to

portion of packets starve oahdnevergain access to the



the 10BaseTstandard whewriewed fromthe MAC layer,

overview ofthese papers[2]. Whilsome of these papers

these results should apply to these new standards as wellpoint out that at highloads thestandard deviation of

Since real-time traffic is the primary driving force
behind faster LANs, we suggesitat the MAC layer
should be considered carefully. The IEEE 802.12
committee is working otthe 100BaseVGstandard which

solves these problems. As an alternative to reworking theeffect.

packet latency is two to five timéisat of theaverage, and
Bux[3] showsthat Ethernets are not asitable forreal
time traffic as tokeming LANs, we are not aware of any
papersthat explain andanalyze the packet starvation
Nichols[17] analyzethe suitability of Ethernets

entire standard, wpropose a new MAC scheme called for real-time video traffic, and conclud#sat it issuitable

the Fair Dual DistributedQueue (FDDQ)algorithm.

only up to an offered load @&0%, which agrees with our

FDDQ is simple enough to be easily implemented in conclusions.

firmware as an alternative to CSMA/CD, provides two

priority FCFS access tthe LAN, is stable for constant
numbers of senderand provides utilizationand average
delays very close t&€SMA/CD. By removing thg@acket
starvationeffect, it will allow LANs to berun at up to
95% utilization asopposed tahe 60% to 70% the PSE
limits current Ethernets to.

At least as many papers have been published on
collision resolution algorithms(CRAs) for broadcast
channels. Like FDDQ, almostall of these algorithms
have the controllers monitor the network constantly to
provide better collision resolution behavioithe first of
this class of algorithmsvas published irl977. It is the
tree-based collision scheme of Capetanakis[4]. It was

FDDQ is one of a class of Collision Resolution followed upwith improved variations biassey[13] and

Algorithms (CRAs)thatrelies on all controller&eeping
track of the current state of the netwokDDQ provides
two priority FCFS access tthe network bymaintaining

Gallager, Tsybakov,andMikhailov [7, 21]. All of these
algorithms assume #ully slotted networkwith fixed
packet lengths, where tleost of a collision is equal to

two globally distributed queues of waiting senders across that of apacket send. Whilsome of thesalgorithms

the controllers. FDDQ works like CSMA/CDuntil a
collision occurs, at which timall sites notethat the
network is congested, enteongested modegnd create

claim FCFS schedulinghey only dividethe senders into
the group of senders currently beingsolvedand the
waiting senders. Since the current group of senders can

two bucketsof senders, one on each queue. The senderde large, thiggreatly limits the scheduling resolution of

who were involved in the collision ptheir packets into a
bucket,and only attempt to sendhat packet whertheir
bucket comes tthe top of the highest priorityon-empty
gueue. Each packet sent while ¢gongested mode is
succeeded by aordering slot Hosts reserve spots in the
distributed queues by sending Be ordering packets in
these ordering slots.

When multiple packet®ccur inthe samebucket, a
CRA with the sameeffect asthe tree-based Capetanakis
algorithm[4] is used to arbitratbetweenthem. This
algorithm repeatedly divideshe top bucket into two
buckets, with each hosthatwas inthat bucket randomly
choosing one of th@ew bucketsuntil there isonly a
single sender in each bucket.

their FCFS access. Some protocols have been proposed
which use "control minislots" (CMS) to provide better
utilization bounds, including the announced arrival
randomaccess protocols[18nd adistributed queuing
algorithm[22]. Theseprotocols involvehaving senders
announce their arrival imne of a series of minislots
before theycan send, similar to the single orderisigt
used by FDDQ. They both assutiat the length of the
minislots isvery small compared to the length of a data
packet, and sotypically use 3 or moreminisiots per
packet send.This istoo expensive for LANsuch as the
Ethernet. The distributed queuing algorithm is similar to
FDDQ in manyregards, but itusesthree minislots to
achieve stability and stops using the minislots for

Section 2 describes previous work. Section 3 describesordering while the top group of senders in theeue is

the simulatormethodology used irthe study and the
metrics used. Section 4 describ@sd quantifies the
packet starvatiorffect, and Section 5 presentthe Fair
Dual Distributed Queualgorithm. Finally, Section 6
compares FDDQ to CSMA/CDand Section 7 draws
some conclusions.

2. Previous work

A large number of papers haveen written on the
analysis, simulationand measurement of th€ SMA/CD
algorithm. Boggs et al. provides a representative

being resolved. Because tifis, it is less efficient for
LANs than is FDDQ, and it has alower scheduling
resolution for its FCFS delivery.

3. Methodology

In order to analyze the performance @SEMA/CD
Ethernets, weised a detailed network simulator[1]. We
chose to use a network simulat@ther thananalytical
methods because tie knownproblems with analytical
models of CSMA/CD: overly-pessimistic estimation of
delays at high network loads [17], and simple



approximations of network layouand packet length
distributions. Furthermore, using a network simulator to
analyze the performance of Etherrdiowed usgreater
flexibility in setting loads than if we had taken
measurements of a real networkNetwork simulators
have been shown to be highly accurate whesed
correctly[20]. We have taken great careuse realistic
parameters and wehave validated our Ethernet

video stream is modeled with a packet-train for each
frame[11]. A packet-train is seoff 25 times a second
and is ofvariable length with a mean of KB. Every
packet, ottrain car, isfull except forthe last and there is
only aminimal delay of 7Qus betweercars, representing
the time required to get the data to the Ethernet
controller. The resultingyideo stream is 2.2Mbps, or
22% of the available bandwidth. When multiplieleo

simulation performance against published measurementstreams aranodeled togetherthe start of theirpacket

in [2].
3.1 Simulator methodology

For the simulations in thistudy, a 10 Mbp&thernet
was modeled. The maximumbus length of 2579m was
used for all simulations, with thehosts uniformly
distributed along a single cablélhe simulator waised
takes into account the position of hosts on ks and
usesthis toaccurately simulate collisions. All simulation
runs included atleast 30,000 packets sewoter the
network.

We modeled continuously queued sourcegta
sources,and video sources irthis study. Continuously
gueued sources each havedfered load close td00%.
Everytime that acontinuously queued source successfully
transmits a packet it waifer the 9.6ps inter-packet gap
and thenoffers another packet of the same length to the
network.

Data traffichas longbeenthe primaryuse for LAN's.
Numerous measurement studies[2, 8] have shtven
packet lengths have a primarily bi-modal or multi-modal
distribution. We based oudength distribution orthat
measured in Gusella’s study[8].This distribution is
shown in table 3.1. The lengths include th&cket
headers, and the average packet length is 649.1 bytes.

Describing the inter-packet arrival times of datfic
is more difficultand anactive area of researclsee for
example thevork in [12] onthe self-similar nature of the
distribution.  For our simulations we have used an
exponential distribution for inter-packedrrival times.
Although this is a simplification, it haseen shown to
closely approximate real measurememtger all but the
shortest time intervals[20].

For our simulations of
Length | Probability | video traffic, we have used a
64 0.304 rough  approximation  of
144 0.083 MPEG, believing that the
220 0.08 more  complex  proposed
576 0.1 approaches[14, 23pffer few
1072 0.25 advantages since the small
1500 0.183 increase in accuracy is

achieved atthe expense of

Figure 3.1: Data ) . :
generality. In our simulation a

length distribution

trains is synchronized. Thisproducesthe burstiest
possible combination of the video streams.

3.2 Performance metrics

Performance metrics are defined as functionsffefred
load. The individualoffered load foreach station is
calculated byunning thestation by itself orthe network
and measuring its throughput. Thlembined offered
load is the summation of the offered loads of each station.

The primary metrics analyzed in this study are:

« Utilization:  the actual throughput of théus,
measured by dividing the sum of the lengths of the
packets successfullsent (including their headers) by the
amount of time of the simulation. Unlikesome
studies[2], we do not include the inter-packet gap or the
propagation delay in the utilization calculation.

» Average Delay: the average time it takes to send a
packet, measured from the time it arrives at the controller
to the time it issuccessfullysent or is canceled due to 16
collisions. We also calhis statistic theaverage packet
latency. Becausthis study dealsvith the MAC layer, no
concept of higher level buffering was taken into account.

e Standard Deviation of Delay: the standard
deviation of the packet latency.

» Percentage of Starved Packets:the percentage of
packetsthat suffer unacceptable delays or completely
starve out due to 16 collisions. Packetat areinvolved
in 16 collisionsare dropped by the controllandlost. In
this study, three separate statistics of thigpe are
measured: the percentagepatcketsthat suffer delays of
at least 50 ms, the percentage of pacttessuffer delays
of at least 100 msand thepercentage of packethat
starve out completely.

e Stability: if the utilization of thebus decreases as
the offered load increases, the protocol is unstable.

4. The packet starvation effect (PSE)

The packet starvatiogffect(PSE) causes some packets
to experience extremely lordelaysand some to starve
out due to 16 collisions. Ithis section, we describe the
reasons fothe packet starvatioeffect,and themguantify
the extent of thieffect as a factor of offereldad. We



showthatfor the tested loadsthe effect usuallybecomes
significant starting at aoffered load of betwee®0% and
70%, andgets worse athe offered loadincreasesand as
the number of stations increase. sbme caseshe effect
is significant at offered loads as low as 40%.

4.1 Explanation of the PSE

The reason for the packet starvation effect is that when
two packets compete for access under CSMA/CD, the

probability of one packet getting access over the other is
approximately proportional to the ratio of their maximum
backoff values. When two packets become ready (due to

new arrival or to the end of a backoff) at approximately
the same time, the two controllers will both wait until

they see that the network is free and then attempt to send

colliding with each other. When this occurs, they both
backoff a random amount based on the number of
collisions (N) that the packet has been a part of. If N is

less than or equal to 10, the backoff is between 0 Mad 2

1. Itis between 0 and 1023 otherwise. The probability

that an older packet selects a smaller backoff value than
newer packet with fewer collisions is less than the ratio of

the newer packet's maximum backoft(2 or 1023)

divided by the older packet's maximum backoff. Because
this value increases exponentially, unless a packet comes
ready when no other host is ready to send, it will usually

either get access to the bus very quickly or it will

experience 16 collisions and starve out. Under high load,

there is usually another packet waiting to send, and so

long delays and packet starvation occurs to a significant

percentage of packets.

We offer anexample of thigproblem here. Consider
two packets, an old packet whittascollided three times
and anew packet whicthas notbeen in a collision. If
thesetwo collide, the old packet (N=Aow) will select a
backoff between @&nd 15 and theew packet (N=1) will
select a backoff betweendhd 1. Theonly case where
the old packet will geaccess beforthe new packet is if
the new packet selects and theold packet selects 0,
which has gprobability of 1/32. Ifthey both select the
same value, they will collideand backoff again
(probability 2/32). Otherwisdhe new packet gets to
request thébus again beforethe old packe{probability
29/32). Because ofhis effect, the old packet wilusually
keep on backingff until it is the only packettrying to
accessthe network oruntil it starves out after 16
collisions.

4.2 Quantification of the PSE

This section quantifieshe packet starvatioaffect for
threeclasses of traffic: continuously queued sourdasa
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Figure 4.1: Packet Latency for 1000 Video Packets

traffic, and combinations of datandvideo traffic. The
continuously queued sourceme very similar to the
sources measured in [2], except that the network length of
2759m for our simulations is longéran the910mused

in thatstudy. This study showedhat while the average
latency scaled pretty much linearly as a function of
offered load fortheir tested caseshe standardieviation

of latency was at least 2 to 5 timi® mearfor the very
high offered loadghatthey tested. Although we omit the
graphs here, our simulatiol®th agreed witlhis result
and generalized it to theéesteddata andvideo sources.
We foundthat thisaverage latency/standard deviation of
latency ratio started sma#ind increased quickly with
offered load. It becaménigher than 2 abetween 50%
and 65% offered load, and increased to a maximum of
between 4and 5. Thereason forthis extremely high
variance is in large part due to the P9Q#ost packets get
through in a reasonable amount of tinbef some take
extremely long times to get through.

A graphic example of this shown in figure 4.1.This
graphshowsthe simulated packdatency experienced by
the first 1000 consecutive packets from a video hokis
graph is takenfrom a scenario with 3sideo streams
(offered load65.4%) and 40 datastations(offered load
6.5%) which togethepffer a total load ofonly 71.9%.
The averagéatency forthe packets inthis graph isonly
3.4 msyetthere are numeroysckets which haveelays
over100 msand the standardeviation of latency is 12.6
ms.

Figures 4.2 through 4.5 show the percentage of packets
that experience the PSE at three different levels. The
mildest level is packets that experience what we call
partial starvationfor at least 50 ms. These are blocked
from access to the bus for at least 50 ms before they
finally manage to get through, usually because a backoff
ends when no other host is offering a packet. The second
level consists of packets that experience partial starvation
for at least 100 ms, and the final level consists of packets
that completely starve out due to 16 collisions. On
average, it took a starved packet approximately 225 ms
before it finished its 16th collision and starved out, and
this varied all the way from 75 ms to nearly 400 ms.
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Figure 4.3: PSE for 20, 40, and 60 Data Sources

Figure 4.3showsthe same statistider 20, 40, and 60
data hosts. Theurves forthe three host configurations
arevery similar, with the PSEBecoming more extreme as
Figures ahd 4.5
show the same statisticlor combined videoand data
For clarity in the graphs, the 50 ms partial
starvation level is1ot shown. Theffered load for these
graphs consists of between &and 5 video streams,

the number of stations increases.

traffic.

Offered Load Offered Load
Figure 4.2: PSE for Continuously Queued Sources Figure 4.4: PSE for Video Packets,Combined Loads
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Figure 4.5: PSE for Data Packets, Combined Loads

load was increase imcrements of approximately 1.5%,
which bounds the accuracy of the figures.

From this table, we can drasomegeneralizations for
some sample scenarios. To supplrard” real-time
traffic, which can notfford to experience any losses or
delays above 50 mand which conforms to ourata
model, a CSMA/CD busnust berun atsomethingless
than 40% load. As shown by the continuous queuing

combined with data traffic from 40 hosts added in roughly tests (see Figurd.2) this number willdecrease as the

6% increments.

The testeddata andccombined loads have between 3%

and15% of theirpackets completely starve outddfered
loads muchabove 100%.
should not beallowed toreach 100%offered load, even
for short periods of time.

A critical question is at whakevel of offered load a

CSMA/CD LAN can runbefore an unacceptablportion

of its packetstart experiencingnacceptable levels of the

PSE. Figure 4.6 answers thigiestion forthe loads

tested, foithe thredevels of packet starvatiogffect, and

for differing percentages of packetsat experiencethat
effect. This table lists theminimum offered loadthat

produceghe givenlevel of PSE in at lea€.01%, 0.1%,
and 1% of thepackets sent.The table entries marked as
“All” indicate that all offered loads forthat number of

ideo streams producelke given PSHevel. The offered

This indicateshat Ethernets

average packet length increasmsd as the number of
sources increases. A second scenario tiseifnetwork is

to be used primarily for TCP/IBata traffic such afle
transfers across a connected WAN. this case, having
more than 1% of thepackets experience 100ndelays

will greatly degrade the performance of these streams
because of the Van Jacobson congestion caalgorithm

[10]. This algorithm assumes that all dropped packets are
due to congestiorand will reducethe window size to 1
packet. For thdaested traffic patternsthis occurs at
around 75% offered load. The final case is the
combination of compressed videsireams with data
traffic. If differencing based compression is usben it

is not acceptable to have eved.1% of the packets
experience 50 ms delay, which occurs at 69% with one
video stream and a65% with two video streams. This
case is most similar to thgpes of traffic we expect to see

in the future.



PSE >=0.01 % PSE >=0.1% PSE >= 1%

Sources >=50 | >=100 | Starved | >=50 | >=100 | Starved | >=50| >=100 | Starved
20 Data 43 % 49 % 69% | 53% 62 % % | 71% 76 % 86 %
40 Data 40 % 52 % 66% | 52% 60 % 2% | 66% 72 % 83 %
60 Data 37 % 49 % 62% | 50% 59 % 74% | 68 % 75 % 80 %

5% 69 % 80% ] 69% 75% 84% | 81% 88 % 101 %
48 % 60 % 9% 65% 2% 8l% | 771% 85 % 105 %

1 Vid, 40 Data (Video
2 Vid, 40 Data (Video

N = [— ~—

3 Vid, 40 Data (Video All All 70 % All All 80% | 68% 80 % 94 %
4 Vid, 40 Data (Video All All Al Al Al Al All|  88% 94 %
1 Vid, 40 Data(Data) All 45 % 66% | 51% 57% 1% | 66% 1% 81 %
2 Vid, 40 Data(Data) All All 60% | 48% 54 % 71% ]| 65% 1% 81 %
3 Vid, 40 Data(Data) All All All All All 74 % All 70% 84 %
4 Vid, 40 Data(Data) All Al All All All All All All All
Figure 4.6: PSE threshold levels in terms of offered load
to send.
5. The Fair Dual Distributed Queue algorithm
5.1 Slots
The Fair Dual DistributedQueue (FDDQ)algorithm
remedies thgroblemsthat CSMA/CD has by providing During congested modehe FDDQ algorithm makes
two-priority FCFS scheduling of packet deliveryhis is use ofslots (also known as mini-slots in some of the
done by usingslots to maintaintwo globally distributed literature) toconveyinformation to all of thecontrollers

gueues of waiting senders acrdbg bus, one forhigh on thebus. A slotconveyswhether 0, 1, or more senders
priority (real-time) traffic and one for low priority are waiting to send. Alot has thevalue of eithelEmpty
(datagram) traffic. Each position in one of the queues is(E), High Priority (H),Low Priority (L), or Collision (C).
termed abuckef andmay have 0, 1, or more members. There arewo types of slotserdering slotsandcollision
Under low load, senders usdhe same policy as  resolution slots

CSMA/CD--they waituntil they seethat thenetwork is During thecongested mode, orwdering slotfollows
empty and then attempt teend theirpacket. When a  each packethat is sent.Controllers carreserve space in
collision occursthe controllers declarthat thenetwork the distributedqueues bysending a 3%yte packet at the
is now congestedind allpackets must get a place in one beginning of an ordering slot. Thiscket consists of the
of the distributed queuesefore theycan be sent. By 14 byteEthernet headebllowed by 21 bytes ogither all
monitoring the network, each controller keeps track of the 0's for ahigh priority packet orall 1'sfor a low priority
bucketsthat currently exist,and which buckets it has packet. If a collision is detected, a JAM signal is sent out,
packetsin. Thetop bucketis defined aghe firstbucket in exactlythe sameway as it isdone in the IEEE 802.3
in the highpriority queue if one existgand as thdirst standards.Because sendecanonly start sending at the
bucket inthe low priority queue otherwise. Only the beginning of an ordering slot, the minimum lengétket
packetsthat are in theop bucketare allowed to attempt  used in these slots is reduced frohe CSMA/CD 64
bytes to 35 bytes.

A Min Prop B .. .

Sends | Space | A>B | Sends Ethernet Zero or more collision resolution slots precede each

Byes) 12 01029 6410152 packetthat is sent. These araused to resolvéhe cases
where the tofpucket doesiot containexactly one sender.

A Mi Empty S P B Empt i i

B | n | ey Space Pop |8 Empy If there_ are nopackets_ inthis bucket, an empty event
occurs inthe slot,and if there ardoo many packets a

(Bytes) 12 64 0-29  64-1526

collision event occurs.

. . The overall cost of each slot depends on a number of
Sends | Space [ Ase | Sens [moe | Space | Sencs o factors and varies between 18 and 72 bytes. Figure 5.1
By 12 T I TRRET] TRET illustrates this cost. The first diagram shows two
successful sends in a row on a standard Ethernet. The
A v ropaos Joomson lroe Jum o Calision minimum space between packets and the propagation
Sends | Space | &BSends | &JAM B->C | Space | Sends Slot delay between senders always occur between two sends,
(Byes) |12 0-29 6 0-29 12 64- 1526 and so are not considered as part of the cost of a slot. The

Figure 5.1: FDDQ Slots second diagram shows an empty slot. Each controller



MONITORING RULES

Not Congested Mode

C: Gointo congested mode

S, E: Remain in not congested mode

Congested Mode, Successful Send
S: Remove top bucket from queue
If this bucket was marked as DQPAIR (if so, it
will be from the high priority queue), then
Find the first bucket in the low priority queue
marked as DQPAIR and unmark it

Congested Mode, Ordering Slot
E: No change
H, L: Add a new bucket on the end of the appropriate
queue
If we were the sender for this event, then
Put our packet in this bucket
C:  Add a new bucket on the end of each queue
Mark each bucket as DQPAIR
If we participated in this event, then
Put our packet in the new bucket with the
same priority as the packet

Congested Mode, Collision Period Slot
C: Remove the bucket from the front of the highest
priority, non-empty queue
Add two new buckets to the front of this queue
Mark the top bucket as TICP
If we participated in the collision, then
Randomly pick one of the top two buckets
and put our packet into it

E: If the top bucket of the highest priority non-empty

queue is marked as TICP, then
If we have a packet in the bucket immediately
following this TICP bucket
Remove our packet from this bucket
Randomly pick either our old bucket or the
TICP bucket and put our packet into it
Else if the top bucket is marked as DQPAIR (if
S0, it is in the high priority queue), then
Find the first bucket in the low priority
queue marked as DQPAIR
Unmark it
Split it into two buckets
If we have a packet in this low priority
bucket, then
Randomly pick one of the two buckets
to put our packet into

must seethe bus be empty for twdimes the maximum
propagation time plus the minimum length of time
needed to detect a packet pltise minimum space
between packetsThis makes arempty slot alwaysost
64 bytes. The third diagramshows a full slot, which
incurs thecost ofsending a nevminimum lengthpacket
(35 bytes) plus its associated propagatiatelay and
minimum space, for a totatost of between 4and 76
bytes.

The last diagramshows a collision slot. Irthis
diagram, Bactually stands for a set of multiple senders.
One of themembers of B detectbe collision within one
propagation time plus the minimumpace between
packetsand thensends out a JAMsignal. After the
collision is finished, there is another propagati@hay to
the next sender which takes at most the maximum
propagation delay of theus plusanother minimunspace
betweenthe end of theJAM signal and the beginning of
the new packet, for a total dfetween 18and 47bytes.
These calculations assuntkeat the slot is being used
between twopacket sends. If multiple slots occur in a
row, then the extra minimunspace and propagation
delay costs (shown inthe first diagram) must be
amortized over these slots.

5.2 Basic algorithm

Figure 5.2: The FDDQ algorithm

TRANSMISSION RULES
Not Congested Mode
If we have a packet to send, then
Wait until the bus is free and attempt to send it
If a collision occurs, then
Stop transmission, but do not discard packet
Send a JAM signal, as per 802.3 rules

Congested Mode, Ordering Slot
If we have a packet to send that is not in a bucket, then
Send a minimum packet of 35 bytes, with the
data field containing our requested priority
If a collision occurs, then
Stop transmission, discard minimum length
packet
Send a JAM signal, as per 802.3 rules

Congested Mode, Collision Period Slot
If we have a packet to send that is in the top bucket in
the highest priority queue, then
Attempt to send it.
If a collision occurs, then
Stop transmission, but do not discard packet
Send a JAM signal, as per 802.3 rules




When in thecongested mode, controllers place a the controllers all enter uncongested mode agaidstay
packet of theirs into ducket on one ofhe queues by in this mode until the next collision occurs.
participating in the first ordering slthat startsafter the
arrival of thatpacket. If only one controller sends in an 5.3: Optimizations
ordering slotthen allcontrollers add aew bucket to the
end of thequeue ofthe packet's priorityand thatsender The basic protocol performs quite well withnly two
places its packet iit. If morethanone controller sends integer variables required per controller. When multiple
in an ordering slot, a collisiomccursand all of the  senders collideand redistribute themselves into two
controllers add oneew bucket tdhe end of eaclqueue. buckets, they maxll choosethe samebucket, in which
The sendershat were involved inthat collision then put case an empty bucket is creatétthen thisempty bucket
themselves intdhe new bucket inthe queue withtheir is processed, it will create an empty collision resolution
priority. A controller may have mordanone packet in  slot. If thisempty bucket ishe higherpriority of the two
the queues at a time, although it aamly have one per  buckets,the occurrence othe empty slot indicateshat
bucket. The number of packets that a controller may havethe lower priority buckethas at leastwo packets in it.

in the queues at a time should be limited thygherlevel The bestthing to do in thiscase is to dividehe lower
protocol. priority bucket into two bucketgndhave themembers of

When a controller has packet in the tofucket, it this bucket randomly pick one of the two new buckets.
waits until the network is emptyand an orderinglot is This optimization requires keeping track tefo flags

no in progress, and them tries to send this packet. Since per bucket, ondor eachtype of slotthat cancreate this
bucket may have morehanone packet irit, a collision  case. Iftwo bucketsare creatediue to a collision in a
resolution scheme must be used to restiteeorder of the  ordering slottheyareboth marked as members of a Dual
senders within @ucket. When a collision occurs, the QueuePair (DQPAIR). Wherthe topbucket inthe high
FDDQ algorithmdividesthe topbucketinto two buckets  priority queue is removednd was marked asDQPAIR,
and each senderthat was involved inthe collision the topbucket inthe low priority queuethat is marked as
randomly puts itself into one dfie two buckets. Irthis DQPAIR isunmarked. Thikeepsthe pairsassociated
way, the number of senders in the tbpcket is reduced together, sathat thetop DQPAIR bucket inthe high
by an average of one half with each collision, although priority queue is associated withe topDQPAIR bucket
some empty buckets may be created with this policy. in thelow priority queue. Ifthis unmarking idlue to an

A bucket is removed after it the topbucketand it is empty bucketthen thelow priority DQPAIR bucket is
detected to be empty. If it is empty wherbéicomes the  split into two.
top bucket, then it will leave an empty event in a collision  |f two bucketsare createddue to a collision in a
resolution slotand beremoved. If it contains a single collision resolution slot, the top one is marked as Top In
sender when ibecomeshe topbucket,then thissender  Collision Pair (TICP). Both packets do not need to be
will successfullysend its packeand thebucket will be marked in this case because if the bojket ofthe pair is
removed. When both queuasereduced to zero buckets, empty (the optimizedcase)then thelower bucket must

A: Video Host B, C, D: Data Hosts
A BCD A C (Arrivals)
S(A) JCBC, |E S(C) H(A) S(A) E CBD) |E S(D) E S(B) SCC) |E
D)
Uncongested Collision Ordering Ordering Collision Ordering Uncongested
Mode Period Slot (*) Slot Period Slot (*) Mode
Distributed [D] A
Queues
BCD || c[T] ||BD B.D BD B.D [T D B B
D]
[ B,D B,D B
Note: Not drawn to scale [T]: Top In Collision Pair
(*): Followed by empty collision period [D]: Dual Queue Pair




always immediatelyfollow it in the queue. So when an
empty slot occurs abe result of @ducketthat is marked
as TICP, the next bucket in that queue is split into two.

As shown by theprevious set of rules, FDDQ igery
simpleand should executeery quickly. The amount of
state needed isiinimal. Each controlleneeds to know
the size of theyueue (if any)the position in thejueue of

5.4 FDDQ rules

Figure 5.2 lists the rules of thEDDQ algorithm.
These rules assumbat FDDQ or someother protocol
hasalready split up the actual signals from thesinto a

its bucket (if any)and a list ofwhich bucketsare marked
as TICP or DQPAIR.The firsttwo pieces ofnformation
arejust integersandwhile the lasipiece requires a more
complicated data structure, this can beemoved if
necessary, withonly a mild average packetatency

series of events. Each returnedent is either a full penalty. The maximum utilization numbers are not
packet send from a single controller (S), a slot containingaffected by thes@ptimizations. Because many of the
a collision betweentwo or more controllers (C), an current Ethernet chipsetallow the collision detection
ordering slot filled with one sender (H or L) or ampty  signal to be inpufrom an external sourc&DDQ should
slot (E). When the net is in uncongesteade, any event  be implementable in firmware in a single microcontroller
can be returned, with C evemstting the controllers into  or other chip added to an Ethernet board.

congested mode. Collision period slotn be oftype E
or C. Ordering slots can be of type E, C, H, or L.

A sample set of these events is shown in figbu®
along with the resultingqueues. The threeclasses of
events (ordering slots, collision period slots,

5.6 Analysis of FDDQ

The FDDQ algorithm guaranteesFIFO sending

and behavior between buckefEhere is one ordering slot per
successful sendgye demarcated by ttseiccessful sends,

successful send, sbe number of senders in obecket is

marked in bold. Immediately succeeding each send is arimited to the number that arrivieetweerthe ends of two

ordering slot.
ordering slotandbeforethe next send arepllision period
slots.

5.5 Implementation of FDDQ
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Utilization for Combined Video and Data

The events, if any, immediately after the consecutive successful sendis is equal to the time it

takes to send a maximum length packet (1.2 ms) plus the
maximum length of theollision period between packets,
which is easily bounded b©®.5 ms. This is equal to
slightly morethan 8 collsion slots,and soroughly 256
senders would have to sendla same time toausethis
many collisions in a row. So evehough the order of
packets sentwithin a bucket is arbitrary, the FDQ
algorithm guarantee$-CFS behavior of packetthat
arrive at least 1.7 ms apart.

A very nice feature of FDDQ ithat itactually behaves
better as theffered loadncreases, as long as the number
of sendersand the number gbackets theycan offer at
once staygonstant. If the sendeddfer morethan100%
load, and back up, FDDQ turns into a round robin
scheduler. As one packet siccessfullysent, if this
controller is backedp, it will immediately request spot
in the next ordering slot. Sin@dl of the othersenders
are in the queues, it will get into the bucket by itself. This
is the ideal case for FDDQ, where exactly one slot is spent
per packet sent.Because othis, FDDQ is stable for a
constant number of senders.

6. Comparison of FDDQ with CSMA/CD

In this section, we use simulations to compare the
utilization, averagelelay,and standardeviation ofdelay
between CSMA/CDand FDDQ. We showthat, for the
tested loads, CSMA/CD only achievieigher utilizations
than FDDQ at offered loadgreaterthan 90%. Because
the PSE makes this range of operatiwon-viable for
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CSMA/CD, FDDQ providesitilization at least akigh as
CSMA/CD for all practicalloads. The comparison of
average delaynirrors that of utilization. Weshow that

the standard deviation of delay for FDDQ is much smaller

than that of CSMA/CD, reflecting thefact that FDDQ
completelyeliminates the PSENd provides twopriority
FCFS access.

6.1 Utilization

Figures 6.1and 6.2showthe utilization ofCSMA/CD
and FDDQ for the testeddata loadsand combineddata
and video loads. The combined loads consisted of
between land 4video streams with data traffic from 40

Latency (Part of Combined Load)

loads with two or more videstreams, FDDQ actually has
higher utilization but this isbecause it igiving prioirity
to the longer video packets.

6.2 Average packet latency

Figures 6.3and 6.4showthe average packéatency
for CSMA/CD compared with FDDQ. Figu&3 shows
the averagdatency for20, 40, and 60 dataosts. In this
case, FDDQ outperforms CSMA/CD from 606&ffered
load to 80%offered load, and isworse at levelsabove
85%. Figure 6.4howsthe averagelelay suffered by the
video packets ithe combined loads. Becauseitf two-
priority FCFS access, FDDQ provides lower average

hosts added on incrementally. For both of these figuresjatency to the video packets than CSMA/CD does.

FDDQ is almost identical to CSMA/CD up to affered
load of around 80%. From 80% to 90%DDQ has a
higher utilizationthan CSMA/CD, probably due to the
numerous starvationthat occur in this range. Above
90%, CSMA/CDshows autilization up to 5% higher
than FDDQ for data packetsand for some combined
loads.However, atthis range CSMA/CD is experiencing
2% to 15% starvations, depending on the exdfered
load and thetype ofload. Thislevel of starvations is
unacceptable for most applications, dbe extra
utilization is not usable in practiceNote that for the

6.3 Standard deviation

The main point ofFDDQ is to provide dual-priority
FCFS access titne bus This greatly reduceghe standard
deviation of packet latency, as shown by figures 6.5 and
6.6. The deviatiorthat does exist for FDDQ in these
graphs is primarily from the burstiness of the sources.

Although we do not providgraphsfor it, we notethat
the PSE isompletelyeliminated by FDDQ. Fothe case



of 60 data sources and an offered load of 149% there
0.06% of thepackets which experiencettlay of at least
50 ms, which is reasonable since the averdgay for
this case wag85.5 ms. Thisvasthe only tested casthat
hadany packets experience a delay of at leagnSpand
there was not a single packet starvation in all of the tests.

7. Conclusions and future work

We have shownthat Ethernets withCSMA/CD
experience the packet starvatigifect (PSE) which
causes some packets to experiemegy high delays at
high offered loads. This is the primary reasothat the
standard deviation of pack&tency is two to fivetimes
the mearfor these loads. Ahigh offered loadsthe PSE
causes real-time traffic teuffer unreasonable delays and
loss rates, and limits the usable utilization of a CSMA/CD
Ethernet. We quantified the point athere the PSE
becomessignificant, andconcludedthat 60% to 70% is
probably a realistic offered load limit for current
Ethernets unless only one or two sources are involved.

While the simulations in this paperere based on the
10Base5 version ofhe IEEE 802.3 specificatiorthey
will have at least limited applicability to theew 100
Mbps CSMA/CDstandards beingroposed bythe 802.3
committee. Therewould have beenthree main
differences tothe simulations if thenew 100 Mbps
standards halleen used instead tife 10Mbps 10Base5
standard. First, all of thatency measurementsould
have beeri/10th whatthey were. This will decrease the
cost of packet starvations when comparedhtaman
reaction timeand video frame rates. Seconthe traffic

This is avery powerful tool, for with the use of
adaptive streanprotocols (such as TCP/IP), a btmat
utiizes FDDQ can beused at very close tits full
capacity. Senders can set up awhdvideo streamghat
push the networklose t0100% capacityand they will
still see lowjitter. Whenbursty datagram traffic arrives
at the network, the instantaneaffered load magxceed
100% for ashort while, butthis will not affect the real
time traffic,and the dat#&affic will adjust itself sahat it
does not exceed the capacity of the bus.

Planned futurework involves further simulation of
FDDQ to quantifyits performance in th&ace of noise on
the line or controller faults. Work in progrdsasshown
that FDDQ can provide verytight statistical guarantees
on maximum packet latency when used in conjunction
with admission control schemes such #® Tenet
scheme[6]. Implementation pfototype 10 Mbps FDDQ
Ethernet controllers isunderway, with 100 Mbps
prototypes eventually planned.
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