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1 Introduction

O
ptical networks employing wavelength division
multiplexing (WDM) are now a viable technol-
ogy for implementing a next-generation net-

work infrastructure that will support a diverse set of exist-
ing, emerging, and future applications [10]. WDM
bridges the gap between the lower electronic switching
speeds and the ultra high transmission speeds achievable
within the optical medium. WDM divides the enormous
information carrying capacity of a single mode fiber into
a number of channels, each on a different wavelength and
operating at the peak electronic speed, making it possible
to deliver an aggregate throughput in the order of Ter-
abits per second. While WDM technology initially was
deployed in point-to-point links, and has also been exten-
sively studied, both theoretically and experimentally, in
wide area or metropolitan area distances [9], a number of
WDM local area testbeds have also been implemented [8]
or are currently under development [7, 1]. To realize
WDM local area networks, a passive star coupler is em-
ployed as a broadcast medium to connect all nodes in the
network. Since the entire path between source and desti-
nation in such a network is entirely optical, and no elec-
tro-optic conversion of the signal is necessary, these net-
works are also known as single-hop WDM networks [10].

Multicasting, the ability to transmit a message from
a single source node to multiple destination nodes, has
emerged as one of the essential features of current and fu-
ture networks [2]. With the development of computer
and communication applications such as distributed
computing, audio and video conferencing, software and
video distribution, and database replication, support for
multicasting must be an integral part of network design,
rather than an afterthought, regardless of the network’s
underlying technology, data rates, or geographical reach.
In this paper, we survey some of the approaches and tech-
niques proposed in the literature to transport multi-desti-
nation traffic in broadcast WDM local area networks.

In a point-to-point network, a transmission by a
node is received only by the node at the other end of the
link. In a single-channel broadcast network, on the other
hand, a transmission by a node is received by all the
nodes attached to the channel. WDM broadcast net-
works occupy the center of the spectrum between these
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two extremes by providing a unique one-to-many trans-
mission. Specifically, a transmission by a node in a broad-
cast WDM network on a given channel (wavelength) is
received by all nodes listening on that channel at that
point in time. This feature makes it possible to imple-
ment a number of different approaches for carrying
multi-destination traffic in such a network, ranging from
separately transmitting a copy of a message to each of its
destination nodes, to transmitting multiple copies of the
message with each copy received by a subset of the desti-
nation nodes, to transmitting a single copy of the message
to all destinations at once. The main challenge in the de-
sign of efficient multicast scheduling algorithms (MSA)
for broadcast WDM networks is in exploiting the one-to-
many transmission feature to provide a balance between
two conflicting goals, namely, minimizing the number of
copies of a message that need to be transmitted (a mea-
sure of the bandwidth efficiency of the algorithm) and
maximizing concurrency (a measure of the ability of the
algorithm to efficiently utilize the available wavelengths).
Providing such a balance is important in order to achieve
the maximum possible utilization of the channel, re-
ceiver, and transmitter resources within a network with
multi-destination traffic [20, 19].

This survey paper is organized as follows. In Section
2 we first present a model of the broadcast WDM net-
work with multi-destination traffic, we define perfor-
mance measures relevant in a multicast setting, and we
also point out and discuss the various network parameters
and characteristics that affect the design of multicast
scheduling algorithms. In Section 3, we present and clas-
sify a number of strategies and algorithms for carrying
multi-destination traffic in a broadcast WDM network.
Since in any realistic environment multi-destination traf-
fic will coexist with single-destination traffic, in Section 4
we discuss several strategies to support a combined load
of single- and multi-destination traffic. We conclude the
paper in Section 5.

2 Broadcast WDM Networks
As seen in Figure 1, an optical broadcast WDM net-

work consists of a set N� {1,2, . . . ,N } of nodes inter-
connected by a passive star coupler that supports a set
C �{�1,�2, . . . ,�C } of wavelengths. In a typical net-
work, the number of channels C is at most equal to the
number of nodes N, C � N. When the number of chan-
nels is strictly less than the number of nodes, we will say
that the network is wavelength (or bandwidth) limited.
Each node is equipped with a number of either fixed
tuned or tunable transmitters and receivers that can be
used for data communication. For simplicity, we assume
that the tunable components (either transmitters or re-
ceivers) can tune to, and transmit/listen on any of the C
wavelengths. If the operation of the network relies on the
presence of a control channel, then a separate pair of

transceivers is required for every node. In general, this
pair of transmitter and receiver is fixed tuned to the pre-
determined wavelength of the control channel, and can-
not be used for data communication.

The network is packet switched, with fixed size pack-
ets. Time is slotted with the slot time equal to the packet
transmission time, plus, possibly the tuning latency (if it
is assumed small compared to the packet transmission
time). The tuning latency is defined as the time taken by
transceivers to tune from one wavelength to another. All
the network nodes are synchronized at the slot bound-
aries. Since we consider multicast traffic in this paper,
we let g �N� {1,2, . . . ,N } represent the destination
set (multicast group) of a packet. We also let G represent
the number of currently active multicast groups. In gen-
eral, at any given time, G will be considerably smaller
than the possible number of multicast groups which is
equal to 2N.

We define the wavelength throughput S, S � C of the
network as the average number of packets transmitted on
the C channels per unit of time (slot). We note, however,
that while high wavelength throughput is certainly desir-
able, this traditional definition of throughput does not
accurately reflect the performance of a network with mul-
ticast traffic, as it fails to capture the degree of efficiency in
the use of channel bandwidth. A measure of this effi-
ciency is the average number l� of times a packet is trans-
mitted before all members of its multicast group receive
it. Thus, both S and l� are important in characterizing the
performance of the network. For example, a system that
can achieve high wavelength throughput only by unnec-
essarily replicating each multicast packet (resulting in a
highl� value) may actually be inferior to one with a some-
what lower wavelength throughput but which is very effi-
cient in how it transmits packets (i.e., it achieves a very
low value for l� ).

Let a multicast completion denote the completion of a
multicast transmission of a packet to all receivers in its
multicast group. We define the multicast throughput D of
the system as the average number of multicast comple-
tions per slot. This definition of throughput is independ-

Figure 1: A broadcast WDM network.
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ent of how multicast is actually performed (i.e., by per-
forming a single or multiple transmissions), and thus is
applicable to any network with multicast traffic. The
multicast throughput is related to wavelength throughput
and the degree of efficiency through the expression: D �
S/l�. As we can see, the multicast throughput D combines
both parameters S and l� in a meaningful way, and it nat-
urally arises as the performance measure of interest in a
WDM network with multicast traffic.

In a broadcast WDM network, users contend for re-
sources including the data and control channels and the
transmitters and receivers at the various nodes. Successful
and efficient transmission of multicast packets requires
careful coordination and scheduling of these resources.
Some form of coordination is necessary because a trans-
mitter and a receiver must both be tuned to the same
channel for the duration of a packet’s transmission. Also,
the network must avoid or minimize packet loss due to
collisions, which take place when two or more nodes si-
multaneously transmit on the same channel, and destina-
tion conflicts, which arise when two or more packets, each
on a different channel, are addressed to a single receiver
in the same slot. These issues become more difficult to
tackle in the presence of multi-destination traffic in the
network. Thus, at the heart of every media access control
protocol for broadcast WDM environments is a schedul-
ing algorithm responsible for coordinating access to the
available channels.

The design of strategies or scheduling algorithms for
carrying multi-destination traffic is strongly dependent
on the underlying assumptions regarding the architecture
and parameters of the broadcast WDM network. Differ-
ences in issues ranging from the existence of a control
channel to the tunability characteristics of each node to
the tuning latency of the optical transceivers can result in
radically different scheduling algorithms. For the rest of
this section we take a closer look at the issues which can
affect the design of algorithms for scheduling multi-desti-
nation packets in a broadcast WDM environment.

Number of transceivers per node and tunability
characteristics. The number of transceivers per node
used for data communication and their tunability charac-
teristics can have a profound effect not only on the design
but also the performance of multicast scheduling algo-
rithms (MSAs). In the papers surveyed, the transmitters
can be either fixed tuned or tunable, but the receivers are
always tunable. This node structure is not surprising given
the fact that tunability at the receiving end can support
multicasting in a natural and flexible manner by allowing
a single packet transmission on a certain wavelength to be
received by multiple destinations which have tuned their
receivers to that wavelength. It has also been observed that
the presence of multiple tunable receivers per node may
significantly increase the maximum achievable through-
put [4, 16, 17]. Employing additional tunable compo-
nents allows the designer greater flexibility in the design

of an MSA by alleviating the problem of destination con-
flicts (discussed below), which can be a severe one when
multicast traffic is considered. On the other hand, having
multiple tunable transceivers per node can increase the
complexity of the MSA, especially when the tuning la-
tency cannot be neglected. In this case, minimizing the ef-
fect of the tuning latency in the schedule involves careful
coordination not only among the various nodes, but also
among the various tunable transceivers at each node.

Tuning latency. While optical device technology has
made great advances in the past few years, electronic
speeds are also increasing to 10 Gigabits per second and
beyond. Consequently, depending on the packet size and
the data rate in the network, the value of the transceiver
tuning latency relative to the packet transmission time
can have a significant impact on the complexity of the
MSA. If the tuning time is negligible compared to packet
transmission time [26, 12, 3, 16, 5], it can be accounted
for by including appropriate guard bands around the data
packet within each slot. In this case, simpler preemptive
scheduling algorithms can be employed, since, at the end
of each slot, a transceiver can tune to a different wave-
length without incurring any cost (i.e., without increas-
ing the length of a schedule). If tuning latency is large, in-
cluding it within each slot is inefficient and can lead to
very long delays and low throughput. Thus, sophisticated
MSAs that explicitly address the tuning latency are
needed. Typically, non-preemptive algorithms are em-
ployed [20, 19] which prevent frequent retunings by hav-
ing a transceiver tune to a wavelength and complete a
number of packet transmissions/receptions before tuning
to a different channel. The design of non-preemptive al-
gorithms is more complex compared to preemptive ones.
Non-preemptive algorithms also have higher running-
time requirements, but they can effectively mask the tun-
ing latency and thus significantly reduce the amount of
time required to clear a set of traffic demands.

In-band vs. out-of-band signaling. Most broadcast
WDM architectures that have appeared in the literature
require the use of a control channel. The control channel
is mainly used for the exchange of queue and traffic infor-
mation among the nodes in the network, for slot reserva-
tion, as well as for other functions including network
management and monitoring and global clock distribu-
tion. In general, one additional wavelength is required for
the exchange of control information, and this wavelength
cannot be used for data transmission. Systems with a cen-
tralized architecture, such as the ones in [12, 16], require
two wavelengths for out-of-band signaling, one for send-
ing and another for receiving control information from
the scheduler. On the other hand, it is also possible to use
in-band signaling that does not require a separate channel
for control information. One example of an architecture
which employs a distributed reservation protocol [24] to
transmit the information needed by the MSA along with
the transmission of data can be found [20, 19].
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Bandwidth allocation. Three different approaches
have been proposed in the literature for allocating the
bandwidth among the network nodes. In the pre-alloca-
tion approach [26], the channel bandwidth is divided
into slots and slots are pre-allocated to each node. In each
pre-allocated slot, two nodes tune their transmitter and
receiver, respectively, to the same channel for communi-
cation. The slot pre-allocation can be fixed (i.e., inde-
pendent of incoming traffic) or it could be dynamic to
handle traffic variations. For dynamic pre-allocation, all
the participating nodes in the network compute a sched-
ule. Schedule computation can be distributed or central-
ized. This approach can generate large allocation tables
and can be computationally intensive when there are
many multicast groups and/or groups of large size.

In the reservation-based approach [5], nodes reserve
the slots for transmission. The reservation process is car-
ried out on a separate control channel. Access to the con-
trol channel can be pre-allocated or random. The reserva-
tion-based approach may result in large packet delays for
multicast packets with large destination sets. In the ran-
dom access approach [16], nodes randomly access the
channels to transmit packets. If there is a collision or des-
tination conflict, nodes retransmit after a random or fixed
interval, depending on the protocol. This approach is
similar to conventional media access protocols such as
Ethernet, and uses the broadcasting ability of the passive
star coupler. This approach has the advantage of simpler
scheduling compared to other approaches but it may lead
to low throughput.

Centralized vs. distributed architecture. In a dis-
tributed architecture, schedule computation is performed
by each node independently [3, 5, 22]. All the nodes
share the necessary queue information and other traffic
parameters using the control channel, and use the same
algorithm to construct identical deterministic schedules.
In a centralized architecture [12, 16], there is a single
scheduler at the passive star coupler. This approach re-
quires two control channels, one for sending control in-
formation to the scheduler and the other for receiving the
schedule from it. In a centralized system, the scheduler
knows the state of the network at any instant and it can
schedule a retransmission immediately with out the over-
head that is incurred in a distributed computation. The
scheduler must continuously perform three tasks: receive
a request, compute a schedule, and assign a slot for trans-
mission to each node. Since these three tasks are per-
formed by a single entity, as the number of channels
and/or the data rate at which they operate increases, the
load on the scheduler can be enormous. To reduce the
processing requirement on the centralized scheduler, it is
suggested in [12, 16] that very simple scheduling algo-
rithm be employed. The centralized schedule computa-
tion approach is more suitable when the nodes are closely
spaced (e.g., in a rack). For geographically distributed
nodes, distributed schedule computation can reduce the

control overhead and offers robustness against network
failures.

3 Scheduling Algorithms for Multi-
Destination Traffic

In this section we present and discuss the various
MSAs for broadcast WDM networks that have appeared
in the literature. We will use the framework introduced in
[13] to classify the different MSAs. This framework was
developed in the context of an N � N multicast packet
switch. We note that a packet-switched WDM network
with N nodes and C wavelengths can be modeled as a
bandwidth-limited N � N input-queued space-division
switch operating in a time-slotted mode. The bandwidth
limitation is due to the fact that the number of wave-
lengths available with tunable optical devices is smaller
than the potential number of nodes (C � N ). As a result,
in each time slot, a maximum of C nodes may transmit
their packets into the optical medium. On the other
hand, a multicast switch with no bandwidth limitation
(C � N ) is potentially capable of switching packets from
all N nodes (input ports) to their destinations (output
ports) in one time slot.

Using the terminology of [13], the strategies under-
lying the various MSAs can be classified in three broad
categories. Note that the term fanout refers to the number
of destinations of a multicast packet (i.e., the multicast
group size).
1. Unicast  (sequential) service. One copy of a multi-

cast packet is separately transmitted to each of the
destinations in the multicast group. Hence, the trans-
mission of a packet takes at least as many slots as the
number of destinations. This strategy results in high
wavelength throughput but low multicast throughput
(see Section 2), since essentially the same data packet
is transmitted again and again.

2. Multicast service with no fanout splitting. Instead
of transmitting a multicast packet to its destinations
one at a time, another extreme is to insist that all des-
tinations receive the packet in the same time slot. This
strategy makes very efficient use of the bandwidth,
since each multicast packet is transmitted exactly
once. However, when the active multicast groups are
not disjoint, this strategy can have poor performance
in terms of both multicast throughput and delay.

3. Multicast service with fanout splitting. In between
the above extreme strategies we have the multicast
service discipline of fanout splitting, with better
throughput and delay performance than either ex-
treme. A multicast packet can be transmitted to more
than one destination in a given time slot, depending
on the availability of the destinations. The remaining
destinations (if any) are served in later slots. In
essence, the destination set of a multicast packet is
partitioned into subgroups, and the packet is sequen-
tially transmitted to each subgroup. A number of dif-
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ferent fanout splitting strategies may be implemented
based on the manner in which the destination set is
partitioned, and will be discussed later. We also note
that this is the most general service strategy, since uni-
cast service and multicast service with no fanout split-
ting are special cases where the number of subgroups
is equal to the fanout and one, respectively.

Finally, we note that the work in [6] also considered
the problem of switching multicast traffic in a time-slot-
ted switch with no fanout splitting. Specifically, it was
shown that the problem of finding a conflict-free assign-
ment of input queued packets to output slots so as to
minimize the schedule length is NP-hard. Conse-
quently, it is not surprising that all the MSAs that have
appeared in the literature are based on heuristics.

In Table 1 we classify the MSAs that have appeared
in the literature according to the strategy they implement,
and according to their assumptions regarding the under-
lying network environment. In the following subsections,
we consider each strategy separately, and we discuss in de-
tail the algorithms, which appear in Table 1.

3.1 Unicast service
With this strategy, one copy of a multicast packet is

sent to each member of the packet’s destination set, with
each copy transmitted in a different time slot. The main
advantage of this approach is that it makes it possible to
employ unicast scheduling algorithms which have been
extensively studied, are well-understood, and are signifi-
cantly simpler and computationally more efficient than
corresponding multicast scheduling ones. As pointed out
in [13], an approximate analysis of this strategy can be
carried out by analyzing the corresponding WDM net-
work with unicast traffic and ignoring the batch arrivals
of multicast packets. The main drawback is that this strat-
egy does not take advantage of the one-to-many transmis-
sion feature of broadcast WDM networks. Consequently,
unicast service may result in the transmission of a large
number of copies leading to inefficient use of the avail-
able bandwidth, i.e. it achieves a low degree of efficiency,
and thus low multicast throughput. It was shown in
[22,21] that unicast service is appropriate when the aver-
age multicast session is short and the average multicast
group size is small relative to the number of nodes in the

network. In such an environment, the total number of
multicast packets in the network will be a small fraction
of the unicast packets, and the overhead of implementing
and running a specialized MSA may not be justified.

3.2 Multicast service with no fanout
splitting

The multicast protocols presented in [5, 3, 25, 12]
all use MSAs that implement multicast service with no
fanout splitting. Under this strategy, the source of a mul-
ticast packet insists on transmitting a single copy of the
packet in a time slot, which guarantees that all members
of the packet’s destination set will receive it. In other
words, the algorithms require the simultaneous availabil-
ity of all the three network resources involved in the
transmission of a packet, namely, one transmitter of the
source node, one receiver at each of the destination
nodes, and one channel. While achieving the highest pos-
sible degree of efficiency, usually these algorithms achieve
low wavelength throughput, and thus low multicast
throughput.

The performance of multicast with no fanout split-
ting was studied in [4]. By making a number of protocol-
free assumptions, namely, a distributed transmission pro-
tocol with no control overhead, collision-less transmission,
and no propagation delay on the control channel, an ana-
lytical model was developed to determine the performance
limits of the network. For the model, tuning latency is as-
sumed to be zero, packet arrivals are taken to be Poisson,
and packet lengths are exponentially distributed (note that
this work is the only one to assume variable size packets).
Each node has a buffer that can hold exactly one packet,
and packets that cannot be immediately transmitted to all
nodes in their multicast group are dropped. With these as-
sumptions, the network was modeled as a birth-death
queuing system, and expressions for throughput and
packet drop probability were obtained. It was shown in [4]
that while wavelength throughput is low in such a net-
work, receiver throughput, defined as the average number of
busy receivers, could be higher. The latter result is due to
the fact that multiple nodes are involved in (i.e., receive)
each packet transmission. The results are in agreement
with [22, 21] were it was shown that multicast with no
fanout splitting works well only when the average multi-

Multicast Service with

Schedule Tuning No Fanout Splitting Fanout Splitting

Computation Latency Reference Node Structure Reference Node Structure

Centralized Zero [12] CC2-FT1-TR1 [16] CC2-TT1-TRm

Zero [3] CC1-TT1-TR1 [14] [15] CC1-TT1-TR1

Distributed Zero [4] CC1-TTn-TRm [17] CC1-TT1-TRm

Arbitrary [5] [25] CC1-TT1-TR1 [19] [20] FT1-TR1

Table 1: Classification of MSAs (CC: control channel, FT: fixed transmitter, TT: tunable transmitter, TR: tunable receiver).
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cast session is long and the average multicast group size is
comparable to the number of nodes in the network. (i.e., a
broadcast or nearly broadcast scenario).

The four MSAs [5, 3, 25, 12] share a number of as-
sumptions regarding the underlying network environ-
ment. Specifically, they all assume the presence of a con-
trol channel and the availability of tunable transmitters
and receivers for data communication. The protocols dif-
fer in their assumptions regarding the tuning latency, the
mechanism used to access the control channel and the de-
tails of operation of the MSA, as discussed in the follow-
ing subsections.

3.2.1 TDMA access to the control channel
The multicast protocol in [5] uses TDMA in the

control channel. Each node accesses the control channel
in a round-robin fashion and transmits a control packet.
The control packet contains a multicast address identify-
ing the multicast group nodes. Upon receiving a control
packet, all nodes in the network simultaneously run the
MSA in a distributed and deterministic fashion to deter-
mine the time slot and the channel on which the source
of the control packet will transmit to the multicast group.
Since all nodes have access to the same information and
run the same algorithm, they will compute the same
schedule, and both the source and the intended receivers
will know when and in what wavelength to tune for the
multicast packet transmission to be successful.

The MSA employed is relatively simple, and it is
based on the earliest availability of all necessary resources:
channel, transmitter and receivers. First, the earliest time
Tr at which all the receiver nodes in the group become
free is determined. Next, the earliest time Ts at which
both the source transmitter and the channel on which it
is currently tuned are free is computed. If both are free
then a new transmission can be scheduled on this chan-
nel, avoiding a tuning delay at the transmitter. If the
channel is busy but the transmitter is free, then Ts is com-
puted as the earliest time that another channel becomes
free. At time t � max {Ts , Tr} all the receivers in the mul-
ticast group tune to the channel to receive the multicast
transmission. Note that both Tr and Ts are computed so
as to account for the tuning time at the transmitter and
receivers, thus, this algorithm can accommodate arbitrary
transceiver tuning latencies.

While computing the earliest times Tr and Ts , the al-
gorithm reserves the receivers of a multicast group as they
become free until all receivers in the group become avail-
able. This feature can significantly limit the achievable
throughput since reserved receivers cannot be used for
other communication. To improve the performance, a
modification was suggested in [25]. The modified MSA,
known as Backtrack MSA improves the throughput by
scheduling additional multicast transmissions to some of
the free receivers, which are waiting for other busy re-
ceivers to become free.

The Backtrack MSA works as follows. First, the
MSA in [5] is run to obtain a schedule as before. Now
consider a new multicast request with source s and multi-
cast group g. Instead of running the MSA to find Tr and
Ts for this request, the current schedule is first searched
for slots in which a transmitter of s and a receiver for
each node in g are free (possibly waiting for some busy
receiver(s) to become free). If consecutive slots with this
property are found that can accommodate the request,
then the schedule is modified to include the multicast
transmission from s to g in these slots. By satisfying this
request without increasing the schedule length, the Back-
track MSA improves network performance in terms of
both average packet delay and throughput. Overall, how-
ever, wavelength throughput can be very low for both
protocols [5, 25].

A different protocol and scheduling algorithm for
the same problem is presented in [12]. Each node sends
its multicast (and unicast) transmission requests to a cen-
tral controller via a control channel, the controller com-
putes the schedule and broadcasts it to all nodes, again on
the control channel. The controller uses a slot decompo-
sition technique, similar to that used in satellite-switched
TDMA (SS/TDMA) systems [11] to construct a slot ma-
trix (schedule) which defines how transmissions should
take place within the slots. For purposes of scheduling,
unicast packets are assigned a weight of 1, while multicast
packets to a group of size k are assigned a weight of 1/k.
The slot matrix is constrained to have elements with val-
ues of at most 1. The slot decomposition algorithm con-
structs a slot matrix free of any conflicts, and such that a
multicast packet is transmitted in a single slot (i.e., no
fanout splitting).

3.2.2 Random access to the control
channel

The multicast protocol presented in [3] also employs
an MSA that insists on transmitting a packet to all desti-
nations in its multicast group, but it uses a different ac-
cess method for the control channel. Time on the control
channel is divided into two phases, a “contention” phase
and a “contention-less” phase. During the contention
phase, nodes use the slotted Aloha protocol to transmit
reservations for multicast transmissions. A reservation is
considered successful if all three conditions hold true: (1)
the reservation does not collide with other requests in the
contention phase of the control channel (no control
channel collision), (2) the multicast group specified in the
reservation does not have any nodes in common with the
groups specified by reservations transmitted in previous
slots within this contention phase (no destination con-
flict), and (3) the total number of previously successful
reservations is less than the number of available data
channels (no data channel collision).

If a node fails to reserve a transmission slot due to
any of the above conflicts, it wins a slot in the “con-
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tention-less” phase of the next cycle of the control chan-
nel. Again, before allocating a mini-slot in the “con-
tention-less” part in the next cycle, all of the above three
conflicts should be resolved. Every node in the network
monitors the control channel and is aware of the reserva-
tions that have been successful at any given time. Once a
successful reservation is made, all the receivers in the mul-
ticast group tune to the transmitter node’s wavelength;
the algorithm assumes that tunable devices take a negligi-
ble time to tune to a different wavelength. Since it is as-
sumed that the multicast transmission is completed in
one slot, the control channel can become a bottleneck, as
it is necessary to incur the reservation overhead for each
and every multicast packet.

3.3 Multicast with fanout splitting
When fanout splitting is used, the multicast group of

a packet is partitioned in subgroups, and the packet is se-
quentially transmitted to each subgroup. This strategy
can result in a dramatic improvement in network per-
formance, since packet transmissions can take place
whenever a transmitter of the source node and a receiver
at one or more destination nodes are available, without
having to wait for all receivers to become free. Two issues
arise in this case: (1) how to split (partition) groups with
common receivers and (2) how to coordinate (schedule)
the tuning of subgroups of receivers across the various
channels. In the following subsections we consider three
approaches that have appeared in the literature to address
these issues.

3.3.1 Greedy scheduling algorithms
The work in [14] is based on the same architecture as

in [5], with the exception that tuning latencies for the re-
ceivers are considered negligible. To improve the channel
utilization of the network, [14] employs fanout splitting,
and arranges the multicast transmissions in the schedule
with the objective of minimizing the average receiver
waiting time. The problem of scheduling multicast trans-
missions to subgroups of receivers is defined and referred
to as the Multicast Partition Problem. Two greedy heuris-
tics are then developed to solve the problem. The first
heuristic, called the Earliest Available Receiver (EAR),
schedules a transmission by the source to the first receiver,
which becomes free. If additional receivers become avail-
able during this transmission, a transmission by the
source to these receivers is scheduled immediately after
the completion of the first one.

The second greedy approach, called the Latest Avail-
able Receiver (LAR), first schedules a transmission at the
time the last receiver in a group becomes available. Next,
LAR attempts to schedule earlier transmissions to other
members of the group without creating any channel or
receiver conflicts. A third variant called the Best Available
Receiver (BAR), combines EAR and LAR to obtain

schedules that minimize the receiver waiting time.
Though BAR constructs better schedules than either
EAR or LAR, its running time is higher than the other
two heuristics. All three heuristic MSAs make the as-
sumption that receivers take negligible time to tune
across channels.

A different approach was presented in [15], where
the problem of partitioning the destination set of each
packet and scheduling the transmissions so as to mini-
mize the packet delay is studied. The problem is shown to
be NP-hard, and a heuristic is presented and compared
to an algorithm with no fanout splitting. The main idea
behind the heuristic is to schedule as many destinations
as possible to receive the packet in the same slot. Simula-
tion results indicate that partitioning the multicast group
performs well when the network is not bandwidth lim-
ited. Otherwise (i.e., when the number C of channels is
small compared to the number N of nodes), the no
fanout splitting strategy can perform better in terms of
packet delay.

3.3.2 Random scheduling algorithms
The work in [17] models a broadcast WDM net-

work with N nodes and C wavelengths as a bandwidth
limited time-slotted N � N switch, and extends the
analysis first presented in [13] to obtain the saturation
throughput when the nodes have one or more tunable re-
ceivers. It is assumed that tuning latency is negligible, and
that a separate channel is used to carry relevant control
information. The analysis considers a random selection
policy at both the transmitting and the receiving ends.
Specifically, at each time slot, a random set of C nodes is
selected from among the N nodes and are allowed to
transmit their multicast packets (note that since the per-
formance parameter studied is saturation throughput, all
the nodes are assumed to be constantly backlogged). Des-
tination conflicts are also resolved in a random manner.
In particular, if two or more nodes in a slot have packets
for the same receiver, then the receiver selects one of the
multicast packets destined for it with equal probability.
By making the assumption that, when a node is selected
to transmit, each of the nodes in its multicast group re-
ceives the packet with a constant probability independ-
ently of other receivers, a queuing model is developed
from which the saturation throughput and average packet
delay are obtained. The analysis is also extended to the
case when each node has multiple receivers. It is shown
that, if the number C of channels is small, then network
performance is limited by insufficient bandwidth. How-
ever, if the number of channels is relatively large, per-
formance is limited by the occurrence of destination con-
flicts, and thus, employing multiple receivers per node
can significantly increase the throughput and decrease the
average delay.

The work in [16] also employs fanout splitting, and,
as in [17], tuning latencies are taken to be negligible and
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nodes are constantly backlogged and may have multiple
receivers. Unlike in [17], however, the algorithms are de-
signed for a centralized architecture in which a master
scheduler maintains complete information about the
state of the network, and instructs transmitters and re-
ceivers to tune to the appropriate channels.

At the transmitting end, the algorithm uses a ran-
dom selection policy such that, when a node completes
the transmission of a multicast packet (i.e., as soon as the
packet is received by all members of its multicast group),
another node, not currently in the middle of a multicast
transmission, is randomly selected to transmit on this
channel in the next slot. (Note that, since C � N, C
nodes are involved in a multicast transmission during any
given slot, while N � C nodes are backlogged and wait-
ing to start a multicast transmission.) Two transmission
policies are considered and analyzed. In the first, a node
repeatedly transmits a packet until all nodes in the multi-
cast group receive it. This policy has an important draw-
back. When several nodes have packets for the same re-
ceiver, a likely situation at high loads and for large
multicast group sizes, the destination conflicts will persist
over long periods of time, aggravating the head-of-line
blocking effect and resulting in poor performance. To im-
prove the situation, another transmission policy is pro-
posed in [16]. Instead of continuously transmitting a
packet, a node waits for a random delay between retrans-
missions. Since other nodes may access the channel be-
tween retransmissions, this policy alleviates the head-of-
line blocking problem and achieves higher throughput.

The resolution of destination conflicts, an important
issue in a multicast setting, is also considered in [16]. If
two or more transmitters have packets for the same node,
that node must decide which packet to receive. The con-
flict resolution algorithm may base its decision on traffic
priorities, the time of arrival or the fanout size of the mul-
ticast packets, the amount of delay accumulated by the
contending packets, etc. In [16] three conflict resolution
policies are compared: one that randomly selects a packet,
one that selects the packet with the earliest arrival time
(FCFS), and one that selects the packet with the smallest
number of (remaining) destinations. The intuition be-
hind the last policy is that it maximizes the probability
that a message will be released (received by all its destina-
tions), thereby making way for a new message. Analytical
and simulation results indicate that this policy performs
better than either the FCFS or the random policies. As in
earlier works, it is also shown that an improvement in
performance is achieved when nodes have multiple re-
ceivers.

3.3.3 The virtual receiver concept
The MSAs discussed in the previous two sections at-

tempt to simultaneously solve the two issues that arise in
fanout splitting, namely, the partitioning of the multicast
groups and the scheduling of transmissions. Both issues

are difficult to deal with, especially in the presence of
non-negligible tuning latencies (note that all algorithms
discussed so far ignore tuning latencies) and when re-
ceivers may belong to multiple multicast groups. Further-
more, all algorithms attempt to partition the destination
set of each packet into subgroups, an approach that has
two drawbacks. First, since each packet is considered in-
dependently of others, the algorithms may not achieve
good performance for the network overall. Second, sig-
nificant overhead is incurred when a partitioning and
scheduling decision has to be made for each packet.

The virtual receiver concept was developed in [19,
20] as a novel way to perform fanout splitting that over-
comes these problems. A virtual receiver V �N is a set
of physical receivers that behave identically in terms of
tuning. Thus, from the point of view of coordinating the
tuning of receivers to the various channels, all physical re-
ceivers in V can be logically thought of as a single receiver.
A virtual receiver set V is defined as a partition of the set
N of physical receivers into a number of virtual receivers.
Given a virtual receiver set V, a multicast packet with des-
tination set g must be transmitted to all virtual receivers
V � V such that V contains a destination of the packet
(i.e., g � V � �). All receivers in V have to filter out
packets addressed to multicast groups for which they are
not a member, but they are guaranteed to receive the
packets to all groups of which they are members.

In effect, a virtual receiver set transforms the original
network with N transmitters, N receivers, and multicast
traffic, to an equivalent network with N transmitters,
hVhreceivers, and unicast traffic. Thus, the virtual re-
ceiver concept decouples the problem of determining
how many times a multicast packet should be transmitted
(i.e., of partitioning the multicast groups) from the prob-
lem of scheduling the packet transmissions. As a result,
one can take advantage of a wide range of algorithms that
have been designed for unicast traffic, have well-under-
stood properties, and which can handle arbitrary tuning
latencies. For instance, [20] uses the algorithms devel-
oped in [23].

The work in [20] concentrates on the problem of
optimally obtaining a virtual receiver set that maximizes
multicast throughput, which is shown to be NP-hard.
Four heuristics of varying degree of complexity are then
presented for selecting the virtual receivers so as to pro-
vide near-optimal performance. Since the virtual receiver
set is selected by considering the total traffic demand to
the network, this approach achieves better performance
than is possible when each packet is considered inde-
pendently of others.

4 Combined Scheduling of Single- and
Multi-Destination Traffic

In any realistic environment, the network load will
consist of a mix of single- and multi-destination traffic.
This problem was specifically studied in [21, 26], and it
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has also been addressed by several other authors. This sec-
tion discusses strategies for scheduling such a combined
traffic load.

In [22], the observation was made that the schedul-
ing algorithm to be used will depend on the relative
amount of each type of traffic offered to the network.
Three types of multicast traffic were identified, and it was
suggested that different algorithms be used to schedule
this traffic along with unicast traffic.
• Type 1 multicast traffic is such that the typical multi-

cast session lasts for a short time, but the average mul-
ticast group size is large (a broadcast or nearly broad-
cast scenario). For this type of traffic it was suggested in
[22] that all nodes in the network periodically tune
their receivers to the same channel in the same slots
(called broadcast slots) to receive multicast transmis-
sions (nodes must then filter out transmissions not in-
tended for them).

• Type 2 multicast traffic is such that both the typical
multicast session and the average group size is small. In
this case, it is suggested that multicast packets be repli-
cated and transmitted to each destination separately.

• Type 3 multicast traffic is such that the duration of
the average multicast session is long (the average group
can be of any size). Since multicast traffic can be a sig-
nificant component of the overall traffic, it was sug-
gested that multicast packets be transmitted in special
slots, called multicast slots. Multicast slots are defined
for each group, and all nodes in a group tune their re-
ceivers to the same channel in the group’s multicast
slots to receive transmissions from a certain source.
Adaptive multicast protocols were designed in [22] to
dynamically allocate multicast slots so as to keep chan-
nel utilization at high levels.

The work in [26] defines a two-dimensional multi-
cast threshold which is a function of the session duration
and the group size, and which quantifies some of the
ideas developed in [22]. The main conclusions regarding
scheduling of a combined load of single and multi-desti-
nation traffic are very similar to those in [22].

The following strategies have appeared in the litera-
ture for scheduling both single- and multi-destination
traffic.
1. Unicast Traffic as Special Case of Multicast Traffic.

Many protocols that have appeared in the literature,
including [16, 17 ,5], account for unicast traffic by al-
lowing multicast groups of size one. By appropriately
selecting a distribution of multicast group sizes, it is
possible to study (analytically or via simulation) the
performance of the network under a wide range of
traffic scenarios. One of the advantages of this ap-
proach is that a single scheduling algorithm is used in
the network. The strategy was extensively studied
using simulation in [21], and it was found that it pro-
duces good schedules under a wide range of traffic
scenarios and network parameters.

2. Multicast Traffic Treated as Unicast Traffic. As we
mentioned above, replicating each multicast packet
and separately transmitting it to each destination
works well only for Type 2 multicast traffic [22]. This
result was confirmed by the study in [21] where it was
shown through comprehensive simulation results that
this strategy is appropriate only under limited circum-
stances, namely, when there are few and short multi-
cast sessions and the group sizes are small.

3. Separate Scheduling of Unicast and Multicast Traf-
fic. With this strategy, two schedules are obtained one
for unicast traffic and one for multicast traffic. Each
schedule is constructed by employing an appropriate
unicast or multicast scheduling algorithm, respec-
tively. A schedule for the overall traffic is then ob-
tained by concatenating the two schedules. The main
disadvantage of this approach is that two different al-
gorithms must be run in order to compute the overall
schedule. However, it was shown in [21] that this
strategy produces short schedules, and thus, has good
performance in terms of multicast throughput in
most network environments regardless of the specific
mix of single- and multi-destination traffic.

4. Schedule Merging Heuristics. An alternative to sep-
arate scheduling, this strategy first constructs two
schedules, one for unicast and one for multicast traf-
fic, and then merges the two to obtain a schedule for
the overall traffic. As shown in [22], careful merging
of the two schedules can result in a schedule that can
have good performance in terms of average packet
delay and channel utilization. A somewhat similar ap-
proach [26] starts with a single schedule for unicast
traffic, and appropriately modifies it to include multi-
cast transmissions, by having several receivers tune to
the same channel in a slot that was previously desig-
nated for unicast transmission.

5 Conclusion
We have surveyed algorithms and strategies for

scheduling multi-destination traffic in broadcast WDM
networks. Due to extensive work in the last few years, this
research area is now well understood, and efforts are cur-
rently under way to put our knowledge into practice by
implementing some of these techniques in testbed envi-
ronments [7, 1]. One open area that will benefit from fu-
ture research is the provision of quality-of-service (QoS)
for multi-destination traffic in a broadcast WDM envi-
ronment.
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