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Abstract. DAVID (Data And Voice Integration over D-WDM) is a research
project sponsored by the European Community aimed at the design of an opti-
cal packet-switched network for the transport of IP traffic. The network has a
two level hierarchical structure, with a backbone of optical packet routers inter-
connected in a mesh, and metropolitan areas served by sets of optical rings
connected to the backbone through devices called Hubs. The paper focuses on
nodes and Hubs architecture, and on the operations of the media access proto-
col to be used in the DAVID metropolitan area network. A simple access pro-
tocol for datagram (not-guaranteed) traffic is defined and its performance are
examined by simulation.

1   Introduction

The DAVID (Data And Voice Integration over D-WDM) project is part of the IST
(Information Society Technology) Program sponsored by the European Community.
Its aim is the design of an optical packet-switched network for the transport of IP
traffic over metropolitan, national and international distances.

The DAVID network is designed to offer an optical transport format independent
of the traffic type; the clients of the DAVID network are mainly IP routers and/or
switches that collect traffic from legacy networks. The network is based on a hierar-
chical architecture consisting of several metropolitan area networks, named DAVID
Metro networks, interconnected by a wide area optical backbone. We focus on the
DAVID Metro network in this paper.

The DAVID Metro Network consists of several uni-directional slotted optical
physical rings interconnected in a star topology by a Hub. No optical buffering is
required in the Metro; all the buffering is done in electronics at access nodes. The
Hub functionality is ring interconnection; since the Hub is buffer-less, it behaves
basically as a space switch. Ring interconnections are dynamically modified at the
Hub following a scheduling algorithm. The aim of the scheduling algorithm is to
provide an amount of bandwidth to ring pairs close to instantaneous (short-term)
bandwidth requirements. The scheduling is based both on measurements at the Hub
and on congestion signals issued by nodes. A WDMA/TDMA based MAC (Medium



Access Control) protocol is defined to regulate access to shared network resources. A
fairness protocol is proposed to guarantee throughput fairness among nodes on each
ring.

The remainder of the paper is organized as follows. In Section 2 we give an over-
view of the DAVID network architecture. In Section 3 we focus on the metropolitan
network describing both the node and the Hub architecture. In Section 4 the MAC
protocol and the scheduling algorithm at the Hub are described. In Section 5 we pres-
ent some preliminary simulation results to assess the performance of the proposed
scheme. We conclude the paper in Section 6, where we describe future research di-
rections.

2   Network Architecture

An overview of the two-level DAVID network architecture is shown in Fig. 1: several
Metro networks are interconnected by a wide area network (WAN) backbone. Both
network parts operate in packet switched mode. The backbone network consists of
optical packet routers interconnected by a mesh network, while each Metro network
comprises one or more rings interconnected through a Hub. Each ring collects traffic
from several nodes and each Hub is connected to an optical packet router in the
WAN. Access points to the network are provided both in the Metro network and in
the WAN, and the traffic is collected by IP routers and switches connected to local
area networks (LANs).
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Fig. 1. General overview of the DAVID network

The network uses a mixed WDMA/TDMA access protocol: each fiber carries up to
32 wavelength channels at 2.5 or 10 Gbit/s and time is divided into fixed size slots,
each carrying an optical packet which consists of a header and a payload.



In packet switched networks buffering inside routers is needed to solve contentions
arising among packets arriving in a given node and headed to the same output port. In
the DAVID WAN, optical packet routers provide buffering in the optical domain by
means of fibre delay lines.

No packet buffering in the optical domain is instead performed for packets flowing
among ring nodes in the same Metro network. In a similar way, optical buffering is
completely avoided along the node-to-Hub path for traffic exchanged among Metro
nodes and nodes outside the Metro. Indeed, packets are buffered in ring nodes in the
electrical domain, and are sent on the Metro network only when there are enough free
resources on the Metro to travel from source to destination without being stored at
any intermediate node. Thus, buffers are pushed towards the edge of the Metro net-
work and sharing of rings resources among nodes must be regulated by a properly
designed MAC protocol.

The interfaces between WAN and Metro network are critical points where conten-
tions involving traffic flowing between the backbone and the Metro networks might
arise. This is worsened by the fact that optical packets could need either format or bit-
rate translation (or, eventually, both) while travelling up and down the network hier-
archy. Therefore, buffering and translation functions are implemented in Gateways
placed between optical packet routers and Hubs (see Fig.1).

In DAVID, the Hub has connection points to the Metro rings and towards a WAN
Optical Packet Router through a Gateway. A certain number of Hub ports (wave-
lengths) are devoted to connections towards the Gateway. The remaining Hub ports
connect the Hub to the optical packet rings of the MAN. Since the Hub is buffer-less,
as described later, it performs space switching and wavelength conversion only. Opti-
cal/electrical memories are present in the Gateway to solve contentions in the time
domain for optical packets going from Metro network to WAN and vice versa.
Moreover, the Gateway will participate in the MAC protocol, such that, from a logi-
cal point of view, the connections from and to the Gateway appear to the Hub as
additional Metro ring connections.
   We will focus on the DAVID Metro network in the remainder of the paper.

3   Metro Network

In general, a DAVID Metro Network consists of several uni-directional optical physi-
cal rings interconnected in a star topology by a Hub. On each fibre, a fixed number of
wavelengths is available by WDM partitioning. Logical rings can either be physically
disjoint (i.e., run on different fibres), or be obtained by partitioning the optical band-
width of one fibre into disjoint portions. Nodes belonging to the same logical ring
access the same set of shared resources. Recall that one logical ring may represent the
WAN/MAN gateway functionality. In the remainder of the paper we use the term ring
to identify a logical ring; any reference to physical rings will be explicit. The number
of rings in a Metro network is denoted by Nring

While the number of wavelengths on each ring can be in general different, we as-
sume that it is a multiple of the same number. In DAVID demonstrators this is dic-



tated by technological constraints, since SOA arrays are used at each ring node to
select the wavelengths from/to which packets are received/transmitted. Up to 32
wavelengths are available on each physical ring (fibre), and all wavelengths run at
either 2.5 or 10 Gbit/s. We also assume that all the nodes of a ring can transmit and
receive on any wavelength used in that ring. The latter is a rather essential assump-
tion, since the access scheme would be much more complex if nodes could have a
limited tunability on the wavelengths of the ring they belong to. In particular, in this
paper we assume for simplicity that the same number of wavelengths (Nchan=4 wave-
lengths) is available on any ring.

Ring resources are shared by the nodes of the Metro network using a statistical
time/wavelength/space division scheme. Indeed,

x each wavelength is time slotted (TDM) and the slot duration is about 500 ns,
x several slots are simultaneously transmitted through wavelength division (WDM),
x rings can be disjoint in space (SDM).

Thus, resource sharing is based on a WDMA/TDMA scheme, i.e. a combination of
Wavelength Division Multiple Access and Time Division Multiple Access.

Time slots are aligned on all wavelengths of the same ring, so that a multi-slot (a
slot in each wavelength) is available to each node in each time slot. Slot alignment
among different Metro rings is dealt with at the Hub; we assume for simplicity that
the propagation delay on each ring is an integer multiple of the slot size. One of the
wavelengths (hence a slot in each multi-slot) is devoted to management and network
control purposes. We assume that this control slot can be read and written by all
nodes independently of their data transmissions and receptions in other slots of the
multi-slot. The control information contained in a multi-slot refers to data slot in the
same multi-slot; thus, a delay is added in each node to process information contained
in the control slot. Wavelengths are (dynamically) assigned to ring-to-ring communi-
cations by the Hub on a time-slot basis: all the wavelengths in the multi-slot are de-
voted to transmissions to a given destination ring, identified with a label in the control
slot. Any wavelength in the multi-slot may be used by a ring node to reach any node
in the destination ring.

Metro ring nodes are subject to collisions and receiver contentions. By collision,
we mean multiple transmissions in the same time slot, the same wavelength and the
same physical ring. By receiver contention we mean having in the same multi-slot
and the same ring a number of packets (in different wavelengths) to be received by a
given node larger than the number of receivers available at that node.

Both collisions and contentions are avoided at each source node thanks to the
MAC protocol, by monitoring the state of the incoming multi-slot, and giving priority
to in-transit traffic. To avoid collisions, no new packet can be transmitted on a busy
channel; to avoid contentions, if the number of packets in the current multi-slot for a
given destination exceeds its capacity (i.e. number of receivers), no new packet can
be transmitted to that destination.

It is important to observe that contentions may arise also at the Hub; contentions
are avoided by defining the Hub as a space switch and by running a proper slot
scheduling algorithm.



3.1   Ring Node Architecture

We assume that the number K of transceivers at each Metro ring node is smaller than
the number of WDM channels; this means that a node can only transmit and receive
on at most K channels at the same time, i.e. in each multi-slot. We typically consider
the case K=1; thus, each node has a single tunable transceiver: tuning actions are
executed before transmitting and receiving independently at the transmitter and the
receiver. We also assume that all the nodes of a ring can transmit and receive on any
WDM channel used in the ring they belong to.

The board of a ring node is basically composed of two parts: an optical part and an
electronic one. For the optical part, the ring node can drop, add and erase any packet
on any wavelength at each time slot; switching is forbidden for in-transit traffic, in
the sense that no operation is allowed on data not addressed to the node. Data are
taken off the ring when they arrive at their destination.

The electronic part is composed of the following portions: a segmentation (reas-
sembly) stage to create fixed size data units from variable size packets (viceversa), a
queuing stage, in which packets are grouped and stored per destination ring to avoid
HoL (Head of the Line) blocking [1], and a load balancing stage, to distribute the
packets evenly over the available wavelengths. The HoL blocking is typical of FIFO
queues: a packet at the head of the FIFO queue that cannot be transmitted to avoid
collisions or contentions on the ring may prevent a successful transmission of another
packet following in the FIFO order. Note that this queue architecture is very similar
to the VOQ (Virtual Output Queue) architecture used in IQ (Input Queued) switches
[2], where, at each input port, packets are stored in separate queues on the basis of the
destination port they should reach.

Since resources (multi-slots and wavelengths) in DAVID are allocated to ring-to-
ring communication, queues are organized per ring destination, i.e., at each node a
FIFO queue is available to store packets directed to all the nodes belonging to a given
ring. This avoids HoL blocking due to collision avoidance (since multi-slots are asso-
ciated with destination rings), but does not solve HoL blocking due to receiver con-
tentions, which would require a per-destination-node queuing scheme. The consid-
ered per-destination-ring queuing is however simpler to implement and to control,
and scales much better to large network configurations.

The electronic interface is used also to solve the contention problem by running
the MAC protocol and to drive the packet insertion on the ring in a free slot.

3.2   Hub Architecture

The role of the Hub is to switch packets between Metro rings, and from Metro rings
towards the WAN (and vice-versa). Being all-optical, the Hub includes only a space
switching stage, a wavelength conversion stage, and a WDM synchronisation stage;
3R regeneration may be added if necessary. Note that the target switching capacity in
DAVID, given that in a typical Metro network Nring=4 rings running 32 wavelengths at
10 Gbit/s are envisioned, is 1.28 Tbit/s.



In every time slot, the Hub operates a permutation from input rings to output rings,
as depicted in Fig. 2 for the case of four rings. This permutation is the same for all
wavelengths of each ring and is known for each time slot in each ring: we can assume
that each multi-slot is labeled by the Hub with the identity of the ring to which pack-
ets transmitted in the multi-slot will be forwarded by the Hub.
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Fig. 2. A ring-to-ring permutation at the Hub

Since we are assuming that the number of wavelengths in each ring is the same, no
congestion occurs at the Hub: each incoming multi-slot can be forwarded to Hub
outputs. The Hub must act as a non-blocking switch that is re-configured in every
time slot. It does not have to operate in the time domain, but it may have to perform
wavelength conversion when the wavelengths used in the input ring are different
from those used in the output ring (this always happens when the two rings are ob-
tained in wavelength division on the same fibre).
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Fig. 3.  Scheduling at the Hub

The computation of the sequence of permutations operated by the Hub is a sched-
uling problem [3, 4], as shown in Fig. 3. Several approaches can be envisaged to
solve this problem, ranging from complex optimisations to simple heuristics, and are
based onto an estimation of the ring-to-ring traffic pattern (note that the complexity of
the scheduling problem depends on the number of rings, not on the number of nodes:
this allows good scalability features). The scheduling algorithm is described in Sec-
tion 4.4.

Given this Hub behaviour, each multi-slot traverses a sequence of rings, e.g. as il-
lustrated in Fig. 4, where roman number indicate successive positions of the multi-



slot, the upper slot is the control slot where the multi-slot destination ring is written,
and numbers within the multi-slot represent node destinations. Nodes of ring x trans-
mit data to be received by nodes of ring y (Steps II to IV). Ring x can be viewed as
the “upstream” ring, where transmissions occur, while ring y can be viewed as the
“downstream” ring, where receptions occur. Note however that when the considered
multi-slot traverses the downstream ring y (Steps VI to VIII), it gathers transmissions
for the next ring, say ring z, so that the traversal of a ring can be viewed as a down-
stream path for transmissions done in the previous ring, and as an upstream path for
receptions in the following ring.

Space reuse of slots is possible in the DAVID Metro: a node receiving a packet
leaves free the corresponding slot, which can be reused in the same ring, possibly by
the same receiving node, for another transmission (see the transmission from node 1
to node 3 in Step I of Fig. 4). This also means that, in the example above, transmis-
sions on upstream ring x can also be directed to other nodes of ring x (in addition to
transmissions to nodes of downstream ring y). Note that transmissions to destinations
belonging to the same ring of the source node must go through the Hub when the
destination precedes the source in the ring, hence Hub permutations in which the
input and the output ring are the same are possible and required.

We inhibit these slot reuse capabilities in our simulation experiments, and force all
traffic to pass through the Hub before being removed from the ring.

4   MAC Protocol and Scheduling at the Hub

In this section, we first describe the contention and collision problem in a DAVID
Metro. Then, a simple access control scheme is proposed, and a fairness control is
introduced to overcome the unfair behaviour of ring architectures.  Finally, the
scheduling algorithm at the Hub is discussed in detail.

4.1   Contention and Collision Resolution

Receiver contentions are not recoverable (packets would be lost), unless very com-
plex receiver architectures are used. The proposed approach to solve contentions and
collisions avoids packet losses in the path from the source node to the destination
node, and is presented in the sequel. It is mainly achieved by the nodes, so that the
operations and the implementation of the Hub are drastically simplified. In particular,
no packet buffering, nor packet switching in the time domain, is required at the Hub.
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Fig. 4. Multi-slot forwarding in the MAN. Number in slots represent packet destinations

4.2   The Access Control Scheme

In the description of the access control scheme, we assume for simplicity that the
number of wavelengths supported on each ring is the same.

The choice of a ring for the DAVID Metro network significantly impacts the un-
derlying framework in which the MAC protocol operates. Although the generic solu-
tions befitting switches with VOQ architecture can be adapted to the ring topology,
the nature of the ring, where the signal has to pass through all nodes taking a round
trip time for the collection of reservations, makes token based solutions more advan-
tageous for this environment.

The status of each slot of the multi-slot is reflected in suitable fields of the control
slot. Each node that has packets to send must monitor the control wavelength seeking
an empty slot in any O of a multi-slot that will be forwarded by the Hub to the corre-
sponding destination ring. The node grabs the slot by setting the corresponding slot
status field also adding the destination address in the relevant field. The node must
check before grabbing the slot that the intended destination does not already appear in



as many other Os as the number of available tunable receivers (K=1 in this paper), in
which case it refrains from getting this slot and waits for the next opportunity.

Ring nodes also monitor the control wavelength looking for any instance of their
address, in which case they tune to the indicated O to receive the data contained in the
corresponding slot. Again we assume at each node a delay in processing multi-slots
larger than the tuning time required to set the receiver to the proper O.

In summary, receiver contentions are solved assuming that the source node knows
how many receivers are available at the destination node: transmission of a packet is
forbidden if the number of packets sent by upstream nodes in the current multi-slot to
the destination exceeds the reception capacity. To avoid collisions, an empty-slot
protocol is used: incoming slots are inspected, and transmission is permitted only if
the slot in some wavelength is free, i.e., no upstream node transmitted in that slot and
that wavelength. Note that this gives some advantage to upstream nodes, i.e., to nodes
preceding others along the signal propagation direction: a given node can be com-
pletely starved by continuous transmissions of upstream nodes. This raises fairness
issues, so that a protocol that provides fairness control is needed.

4.3   Fairness Control

As noted above, the proposed empty-slot operation can exhibit fairness problems
under unbalanced traffic; this is particularly true in the ring topology, in which up-
stream nodes have generally better access chances than downstream nodes.
Credit-based schemes, such as the Multi-MetaRing [5] previously studied in the con-
text of single ring can enforce throughput fairness. MetaRing [6] was proposed by Y.
Ofek for ring-based, electronic metropolitan area networks. It is basically a generali-
sation of the token-ring technique: a control signal or message, called SAT, is circu-
lated in store-and-forward mode from node to node along the ring. A node forward-
ing the SAT is granted a transmission quota: the node can transmit up to Q packets
before the next SAT reception. When a node receives the SAT, it immediately for-
wards the SAT to the next node on the ring if it is satisfied (hence the name SAT), i.e.
if

x no packets are waiting for transmission on the ring, or
x Q packets were transmitted since the previous SAT reception.

If the node is not satisfied, the SAT is kept at the node until one of the two conditions
above are met. Thus, SAT are delayed by nodes suffering throughput limitations, and
SAT rotation times increase whit the network load. To be able to provide the full
bandwidth to a single node, the quota Q must be at least equal to the number of data
slots contained in the ring, i.e., proportional to the ring latency (propagation delay)
measured in slot times. In overload, each node sends exactly Q packets per SAT rota-
tion time.

In the case of the DAVID MAN, several rings exist, and multi-slots traverse pairs
of rings. We therefore need a SAT for each ring pair (upstream ring, downstream
ring). SAT signals can be carried in the multi-slot control wavelength.



The Hub must be able to store Nring

2 SATs, where Nring is the number of rings at-
tached to the Hub. Since SATs do not carry any information, Nring

2 boolean variables
SATi,j do the job; SATi,j is TRUE when the SAT regulating transmissions from ring i
to ring j is at the Hub. When the Hub issues on ring i a multi-slot that will be
switched, upon return to the Hub, to ring j, if the SAT ioj is currently at the Hub
(i.e., if SATi,j=TRUE), the SAT is loaded in the control slot of the multi-slot, by set-
ting a suitable bit, and by setting SATi,j to FALSE.

Each node inspects the control slot of incoming multi-slots, and operates on SATs
as described above for the single ring case. Recall that each queue is regulated by a
different SAT and transmission opportunities are regulated by a MetaRing quota Q
that may be different for each queue; however, the quota Q must be greater or equal
to the ring latency to allow a single node to grab all the available bandwidth; thus,
since in this paper we assume that all ring latencies are equal, we use the same value
of the quota Q for all queues.

SAT are also used to trigger congestion notification signals from ring nodes to the
Hub. This information is used by the Hub to determine the scheduling in successive
frames as described later.

4.4   A Simple Scheduling Algorithm

We describe the approach followed to compute the scheduling at the Hub; the al-
gorithm is run in a centralised fashion at the Hub. Multi-slots are labelled at the Hub
according to the outcome of the scheduling algorithm, using the control slot to iden-
tify the ring to which the multi-slot will be forwarded upon return to the Hub. Only
unicast transmissions are considered, i.e. multicast transmission are considered as
multiple unicast transmissions.

The Hub scheduler is driven by an Nringu Nring request matrix R. Each element Ri,o in
R contains the number of multi-slots that must be transmitted from input ring i to
output ring o, i.e., the number of multi-slots labelled with o in the control channel that
the Hub must send on ring i, and, upon arrival at the Hub, switch to ring o. This re-
quest matrix is obtained by mixing periodic measurements and congestion signals
issued by nodes as described in Section 4.4.1.

According to combinatorial theory [7], R can be scheduled in at most F time slots,
where the frame length F is equal to:
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by using a sequence of F switching matrices P(i), i�{1, 2,..., F}, of size Nringu Nring. A
switching matrix is a binary matrix whose element Pi,o is 1 when input ring i is con-
nected to output ring o, and 0 otherwise. The resulting scheduling in F is then re-
peated an integer number of times, until a new value for R becomes available and a
new matrix decomposition can be computed. Traffic flows from ring i to ring o are
served with a rate proportional to Ri,o/F.



Since each input ring can be connected to at most one output ring and each output
ring can be connected to at most one input ring in each time slot, a switching matrix
always contains at most one non-null element in each row and in each column. Thus,
the sum of each row and column in P is either equal to 0 or 1. Each switching matrix
represents the Hub switching configuration in a given time slot; recall that we need to
obtain a set of F ring permutations as the outcome of the Hub scheduling algorithm.
Thus, in each time slot one and only one element from each row and one and only
one element from each column must be equal to 1 in P. In other words, we are inter-
ested in doubly stochastic switching matrixes, i.e. matrices P such that

io
o

oi
i

oi � � ¦¦      ,1               ,1 ,, PP

The outcome of the scheduling algorithm is a sequence of F doubly stochastic
switching matrices; this scheduling satisfies a matrix RF where each row and each
column sum to F, a condition that in general does not hold for R. We artificially add
integer quantities, representing ring to ring multi-slot requests, to some elements in
the original matrix R, to obtain the matrix RF to be scheduled. Any algorithm can be
used to obtain a matrix RF satisfying this condition; see e.g. [8].

The matrix R may be associated with a bipartite graph G having 2 Nring nodes. Each
node represents either one input or one output of the switch, and input node i is con-
nected to output node j by one edge only if Ri,oz0. A matching on G is a subset E of
the edges in G such that, each node in G is incident to at most one edge in E. The
number of edges in E is the size of the matching, and a matching is said to be maxi-
mum when it has maximum size.

We may apply a maximum size algorithm [9] on RF to obtain the Hub scheduling,
i.e., a sequence of doubly stochastic P(i), i�{1, 2,..., F}.

Another possible algorithm that may be used is a critical maximum matching on R.
Any input i for which

F
o

oi  ¦ ,R

and any output o for which

F
i

oi  ¦ ,R

is said to be critical, since it must be served in every time slot if R must be scheduled
in F slots. The request matrix R is decomposed into F switching matrices through
iterated application of the critical maximum matching algorithm [4]. A critical maxi-
mum matching is a maximum matching which covers all the critical input and output
nodes.

At step i, the decomposition algorithm computes the switching matrix P(i) as a
critical maximum matching on R. When the matching has size lower than Nring, matrix
P(i) is completed so that all input rings are always connected to all output rings. Fi-
nally, P(i) is subtracted from R, and a new iteration is started.



At the end, the matrices P(i) are randomly shuffled to uniformly distribute ring to
ring pairs on the F time slots of the frame, to reduce traffic burstiness.

4.4.1   Traffic Measurement
The request matrix R used by the scheduling algorithm is estimated on the basis of
traffic measurements performed at the Hub during consecutive observation windows
(OW); the duration of each OW is fixed and roughly equal to 10 ring propagation
times.

The key idea of the algorithm is that, as long as the network is not overloaded, the
throughput is a good estimator of the offered load. When one or more traffic relations
among different ring pairs become overloaded, congestion control mechanisms are
introduced to modify the bandwidth allocation in the network. Note that overloading
conditions depend on the scheduling at the Hub. If the scheduling determined at the
Hub is not matched to the traffic distribution, some ring experience overloading con-
ditions until the scheduling is not modified, since the scheduling determines band-
width allocation among ring-to-ring pairs.

The matrix R that must be scheduled is computed, at the end of each OW, as the
sum of 3 contributions Nringu Nring matrices):

R = ªSM + E IC  + J ECº

with E and J positive constants where:

x SM (smoothed measure) is a measure of the (long term) average number of multi-
slots transmitted among ring pairs, where each element is a real number ranging
between 0 and OW; this is an absolute throughput measure

x IC  (implicit congestion) is the percentage of filled slots, where each element is
represented as a real number between 0 and 1; this is a relative throughput meas-
ure

x EC (explicit congestion) takes into account explicit congestion signals sent by ring
nodes, where each element is either 0 or 1.

The Hub stores in each element M i,o of matrix M  (measured) the number of packets
flowing from ring i to ring o during each OW. The matrix M  is then passed through
an exponential filter to smooth out measurement errors, obtaining matrix SM. Thus, a
new value for SM is computed at the end of each OW as a function of the last meas-
ured matrix M  and of the values assumed by SM at the end of the previous OW:

SMnew=D SMold + (1-D) M /Nchan

where D � [0,1] is a constant, Nchan is the number of wavelengths channels available
on a logical ring, which we assume to be equal for all Metro rings; matrix M  is di-
vided by Nchan to convert number of packets in number of multi-slots. Therefore, ele-
ment SMi,o of SM is the average number of multi-slots transmitted from ring i to ring
o during one OW, roughly averaged over the last 1/D observation windows.

Matrix IC  gives the ring to ring connections throughput measured at the Hub, i.e.,
the occupation of scheduled slots. Each element IC i,o is the ratio of the number of



packets sent from ring i to ring o over the number of slots available for transmission
on the same traffic relation in one OW. If IC i,o is close to 1, this is a signal of potential
congestion between i and o.

Matrix EC is a binary matrix which provides information on the ring congestion
level on the basis of nodes queue length. Congestion signals are triggered at nodes by
SAT transmissions. Each node on ring i, when releasing SATi,o, checks the length of
the queue toward ring o; if the queue exceed a given threshold, i.e. it contains more
than Lthr t Q packets (where Q is the MetaRing quota), the node sends, on the control
channel, a congestion signal to the Hub. Note that we use the control channel to send
congestion signal to the Hub instead of SAT messages, since SAT messages may be
delayed by downstream nodes experiencing difficulties in channel access. Each ele-
ment ECi,o in EC is set to 1 at the Hub, if the Hub has received at least one congestion
signal toward ring o from a node on ring i during the last OW. The value of Lthr is
related (equal in our simulation experiments) to the MetaRing quota Q; the rationale
is that the quota represents, for each node, transmission opportunities toward a given
ring between two consecutive node SAT reception. We assume congestion if the
number of packets already in the queue when releasing the SAT is greater than the
MetaRing quota, since the node will not be able to transmit all the packets in the
queue in the following SAT rotation time.

Note that the two congestion signals operate on two different time scales: the first
indication, stored in IC , is related to the observation window, which is fixed; the
second indication, stored in EC is triggered by SAT arrivals, and depends on the SAT
rotation time, which in turn depends on the number of nodes in the network. Moreo-
ver, the implicit congestion signal can be used as an early congestion signal indica-
tion, to trigger an increase in slot allocation to a given ring pair without waiting until
the queue size in a node exceeds the threshold.

The presented algorithm has some important properties that we want to highlight.
Suppose that the network is not overloaded, since the scheduling algorithm at the Hub
provides enough slots (bandwidth) to each ring-to-ring traffic relation. This means
that the scheduling determines a slot allocation “matched” to the offered traffic, i.e. a
slot allocation that satisfies all traffic relations, which are never congested. This is the
solution we would like to obtain with our algorithm under stationary traffic condi-
tions. Congestion signals are never issued, since nodes do not experience congestion.
Thus, the frame length is determined by the scheduling on matrix R=SM; the meas-
ured average slot occupation is proportional to OW via the network load U. All the
simulation results show that if the network is not overloaded, the frame length is close
to this value. This feature is obtained because the measurement interval is fixed. If we
had a variable measurement interval proportional to the frame length, we would have
obtained a shrinking frame length, since each measurement would create a matrix R
where each element is on average reduced by a factor U with respect to the value
assumed in the previous interval. On the other hand, a fixed measurement interval
raises the problem of deciding a value for such interval, which indirectly decides also
the granularity in bandwidth allocation and control. Recall that we chose the meas-
urement interval to be equal to 10 ring latencies in our simulation experiments.



Finally, we must ensure that the scheduling provides at least a multi-slot for each
ring to ring pair, i.e. at least a set of covering permutations must be scheduled in the
frame, so that at least one multi-slot is available in each ring to send packets to any
other ring. Otherwise, if no traffic exist on a given ring-to-ring pair, it is not possible
to measure any slot occupation, the SAT cannot be sent and explicit congestion sig-
nals cannot be raised by nodes and no implicit congestion signal may be measured at
the node. We enforce the scheduling to provide this set of Nring covering permutations
in each frame.

5   Simulation Results

We present some simulation results to assess the performance of the proposed access
scheme. We do not exploit the space reuse capability described at the end of Section
3.2: if a multi-slot on ring x is labelled with destination ring z, it is used only to send
traffic to nodes in ring z. Moreover, we force each multi-slot on ring x labelled with
destination ring x (inter-ring traffic) to pass through the Hub; this is required to allow
the Hub to perform traffic measurement for all ring pairs.

In our simulation experiments the Metro network comprise Nring=4 rings, with 10
nodes on each ring. For each ring-to-ring communication Nchan=4 data channels are
available; thus, each multi-slot comprise 5 slots, 4 for data traffic and 1 for control
and management. Each nodes store packets in 4 queues, one for each destination ring.
Each queue is 1000 packets long, and the packet size is matched to the slot size.

The values used in our simulation experiments for the parameters defined in the
measurement algorithm are the following: E=1, J=3, D=0.9. The ring round trip time
is assumed equal to 44 time slots, the MetaRing quota is Q=44 and the threshold
Lthr=Q. The observation window is OW=440 time slots.

We consider two traffic patterns: a uniform traffic pattern and an unbalanced traf-
fic pattern. Define the weight matrix W, of size NringuNring, where the value assumed
by each element W i,o is a real number ranging between 0 and 1 representing the per-
centage of traffic generated on ring i toward ring o with respect to the total network
load U. Clearly,

o
i

oi �d¦    ,1,W               i
o

oi �d¦    ,1,W

In the uniform traffic pattern W i,o=1/Nring �i,o. For the unbalanced traffic pattern
W i,o=0.7 when i=o, and W i,o=0.1 otherwise; in other words, the ratio among intra-ring
traffic and inter-ring traffic is 7.

Packets are generated at ring nodes according to a Bernoulli distribution whose av-
erage is derived from the weight matrix described above.

We first plot the throughput (ratio between used and allocated slots) for each desti-
nation ring on ring 0; this is a steady-state value obtained using statistically signifi-
cant measures by simulation. Note that, although we plot the throughput for a single



ring, the same behaviour holds for all other rings due to ring symmetries. Nodes on
the same ring do not exhibit throughput unfairness thanks to the MetaRing algorithm.

In Fig. 5 we report the throughput for each destination ring on ring 0, and the
overall network throughput (black square markers) as a function of offered load under
uniform traffic. Each destination ring is treated fairly and the total network utilisation
is close to 0.95. Note that we significantly overload the network, since U ranges from
0.1 to 3, but the algorithm behaves well even under this extreme condition.
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Fig. 5. Throughput under uniform traffic

The 5% utilisation loss is small, given the complexity of the system, and it can be
shown to be mainly due to receiver contentions, which can be analytically evaluated
with a combinatorial analysis.

Fig. 6 shows the frame length as a function of time. We start with a uniform
scheduling with a frame equal to Nring slots. As expected, the system converges to a
frame length roughly equal to OW u U; once this value is reached, the frame length
changes slowly following traffic fluctuations. The convergence speed is determined
by the value of the parameter D.

In Fig. 7 we report the throughput for each destination ring on ring 0, and the
overall ring throughput (black square markers) as a function of offered load under
unbalanced traffic. For values of U ranging from 0.1 to 1, the throughput is propor-
tional to the weight matrix defined for the unbalanced traffic scenario. As soon as the
offered load U increases to values that create congestion, the scheduling algorithm
treats all ring-to-ring connections fairly according to a max-min like fairness criteria
[10]; the intra-ring throughput decreases steadily until it reaches the same throughput
obtained by inter-ring connections. Also in this scenario each destination ring is
treated fairly and the total network utilisation is close to 0.95.
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Fig. 6. Frame length as a function of time under uniform traffic
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We examine in Fig. 8 the bandwidth allocation determined by the scheduling algo-
rithm for ring 0 under unbalanced traffic for U=0.6 (similar curves are observed for
other values of U). The allocation is sampled at interval lasting OW, the observation
window. The ideal scheduling algorithm would allocate steadily bandwidth equal to
0.7 for the connection from ring 0 to ring 0, and 0.1 to all other inter-ring connec-
tions. In our experiment, the initial scheduling algorithm is matched to a uniform
traffic pattern, which is clearly not optimal for unbalanced traffic. We can observe a
transient behaviour of less than 2000 slot times (roughly 4 observation windows); this



value depends on the choice made for the parameters defined in the measurement
algorithm. Then, the allocation is close to the optimal one, with some small variations
of few % around the ideal value; these differences are due to traffic fluctuations, to
which the scheduler tries to adapt the bandwidth allocation, and to inaccuracies in the
traffic measurement process. The choice of the parameters should be optimised to
control these fluctuations under all traffic conditions. We observed that the algorithm
does not exhibit any drift from the optimal values also under heavily loaded condi-
tions.

0

0.2

0.4

0.6

0.8

1

0 2000 4000 6000 8000 10000
Time

B
an

dw
id

th
 a

llo
ca

tio
n

0->0

0

0.2

0.4

0.6

0.8

1

0 2000 4000 6000 8000 10000
Time

B
an

dw
id

th
 a

llo
ca

tio
n

0->1

0

0.2

0.4

0.6

0.8

1

0 2000 4000 6000 8000 10000
Time

B
an

dw
id

th
 a

llo
ca

tio
n

0->2

0

0.2

0.4

0.6

0.8

1

0 2000 4000 6000 8000 10000
Time

B
an

dw
id

th
 a

llo
ca

tio
n

0->3

Fig. 8. Bandwidth allocation for unbalanced traffic with U=0.6

Finally, in Fig. 9 we show the queue occupancy (in packets) in overload (U=2.0)
for a given node on ring 0 (all other nodes show similar queue length behaviours),
sampled every 100 slot times. Whereas the queue length for intra-ring traffic saturates
since this connection is overloaded, all other queues show oscillating behaviours,
since each inter-ring connection becomes congested only when the scheduling does
not allocate enough slots to this connection. Remarkably, although the algorithm aims
only at fair bandwidth allocation, the queue occupancy level is fairly well controlled,
at values smaller that 100 packets, a value not far from the ring propagation time, the
time constant under which any bandwidth control cannot be achieved in this network.
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Fig. 9. Queue length for unbalanced traffic with U=2.0

6   Conclusions and Future Work

Although the presented simulation results are encouraging and the algorithm shows
good performance, several issue remain to be addressed.

First, other traffic scenarios should be studied to prove the algorithm robustness to
different environments. Different traffic pattern should be examined, and traffic gen-
eration should be extended from Bernoulli to on-off and/or heavy-tailed traffic mod-
els.

Then, an accurate analysis of the effect of the parameter setting must be provided,
to obtain a set of values that provides good performance under different conditions.
Transient behaviours must be carefully analysed to test the ability of the algorithm to
follow short-term traffic fluctuations.

Finally, we want to extend the proposal to deal with multiple classes of traffic, to
provide QoS guarantees similar to those of the DiffServ environment defined by the
IETF for Internet.
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