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Multimedia - MAC Protocol: Its Performance
Analysis and Applications to WDM Networks
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Abstract| The design of the Medium Access Control
(MAC) protocol is the most crucial aspect for high-speed
shared medium Local and Metropolitan Area Networks
(LANs/MANs) since the decisions made at this level de-
termine the major functional characteristics of these net-
works. Most of the previously proposed MAC protocols
are not suitable for multimedia applications since they have
been designed and \optimized" with one generic tra�c type
in mind. As a result, they perform quite well for the traf-
�c types they have been designed for, but poorly for other
tra�c streams with di�erent characteristics. In this paper,
we propose an integrated MAC protocol (herein termed as
Multimedia Medium Access Control protocol (Multimedia-MAC))
which integrates di�erent MAC protocols into a hybrid pro-
tocol in a shared medium network to e�ciently accommo-
date various types of multimedia tra�c streams with di�er-
ent characteristics and QoS demands, namely, a constant-
bit-rate (CBR) tra�c, bursty tra�c (say, variable-bit-rate
(VBR) tra�c) and emergency messages (say, control mes-
sages). We have developed a mathematical framework for
the analysis and performance evaluation of our Multimedia-
MAC protocol which involves a queueing system with vaca-
tion. We have applied our Multimedia-MAC design approach
to a wavelength division multiplexing (WDM) network and eval-
uated its performance under various tra�c conditions.

I. Introduction

Future generation Local and Metropolitan Area Net-
works (LANs/MANs) will be required to provide a wide
variety of services requiring di�erent bandwidth and delay
characteristics. The low-speed and non-quality-of-service-
oriented services could be handled by evolutionary versions
of the conventional networks. However, the high-speed and
QoS-oriented services require a new generation of LANs
and MANs. Since the performance of LANs/MANs de-
pends on how the hosts access the shared medium, the
design of MAC protocols is the most challenging part. A
plethora of MAC protocols have been proposed for wireline
LAN/MANs, such as Metaring [6], FDDI [11], CRMA [9]
to name a few [14]. In addition, a large number of MAC
protocols have been proposed for wireless LAN/MANs as
well [10], [12].

The objective of this paper is to propose a new hy-
brid protocol which best serves the various types of tra�c
with widely varying characteristics and evaluate its perfor-
mance. The proposed MAC protocol is termed as Multi-
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media Medium Access Control (Multimedia-MAC) proto-
col. We also develop an analytical framework for the per-
formance evaluation of our MAC protocol under di�erent
tra�c and networking environments.

This paper is organized as follows. Section 2 gives an
overview of MAC protocols. Section 3 introduces our
Multimedia-MAC protocol. In section 4, we derive an ana-
lytical model for the performance evaluation of our proto-
col. We present an example application of our Multimedia-
MAC protocol for wavelength division multiplexing net-
works in Section 5. Finally, Section 6 concludes the paper.

II. Overview of MAC Protocols

MAC protocols have been the subject of rigorous re-
search over the past two decades. Conceptually, we can
classify the MAC protocols into three categories: pre-
allocation access protocols, reservation protocols and ran-
dom access protocols [14].

� Preallocation-based protocols: The nodes access the
shared medium in a predetermined way. A node having
packets to send (backlogged node) is allocated one or more
slots within a frame.
� Reservation-based protocols: A backlogged node has to
reserve one or more time slots within a frame before the ac-
tual packet transmission can take place. The reservation is
typically done using dedicated control slots within a frame
or a separate reservation channel.
� Random access protocols: The nodes access the shared
medium with no coordination among themselves. Thus,
when more than one packet are transmitted at the same
time slot, collision occurs and all the transmitted packets
are lost. The collision resolution mechanism dictates the
performance of these protocols (and thus is an integral part
of these protocols).

One can classify the multimedia tra�c streams depend-
ing on their data burstiness and delay requirements as
shown in Figure 1. For example, video/audio streams and
plain old telephone service (POTS) have small data bursti-
ness but require almost constant transmission delay and
almost �xed bandwidth in order to guarantee their QoS.
On the other hand, applications such as image networking
and distance learning are less stringent in terms of their de-
lay requirements, but their tra�c streams are very bursty.
Finally, there are other applications that require a very
low delay while their tra�c streams are bursty. Examples
of this type of applications include control messages for
video-on-demand systems or interactive games, and net-
work control and management signaling. These di�erent
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Fig. 1. Multiple tra�c stream features and their appropriate MAC
protocols.

tra�c streams are better served by di�erent MAC proto-
cols. Video/audio data streams and other constant-bit-rate
(CBR) tra�c streams bene�t best from allocation-based
MAC protocols since they can guarantee that each node
has a cyclic and �xed available bandwidth. The best MAC
protocols for this purpose would be a simple round-robin
time division multiplexing access (TDMA) scheme. On the
other hand, reservation-based MAC protocols are very well
suited for applications where the tra�c streams are bursty
(i.e., VBR Tra�c) or the tra�c load of the nodes is un-
balanced, since reservation-based MAC protocols schedule
the transmission according to a particular transmission re-
quest. Finally, random access (contention) MAC protocols
have the potential of meeting the delay requirements of
very urgent messages since their access delay is relatively
small (when the load is reasonably low). Some examples
of these urgent messages (e.g., call setup) are listed in Fig-
ure 1. Although these applications do not generate a large
amount of tra�c data when compared to the other appli-
cations, they require a very low delay.

As we can see, none of these MAC protocols serves all
types of tra�c well although each one of them is ideal for
a particular type of tra�c stream whereas in a real world
LAN/MAN network, tra�c of all types would prevail [14].
In view of this, we propose an e�cient access scheme for
shared medium networks that:

1. Integrates di�erent types of MAC protocols into a sin-
gle MAC protocol;
2. E�ciently supports di�erent types of tra�c;
3. Can be widely applied to various kinds of shared
medium networks.

We call this protocol as multimedia medium access control

(Multimedia-MAC).

III. The Multimedia-MAC Protocol

The Multimedia-MAC protocol consists of three sub-

protocols - namely, pre-allocation (wherein nodes access
the shared medium in a predetermined way), reservation
(wherein the nodes reserve one or more time slots within
a frame before the actual packet transmission starts) and
contention protocols (wherein the nodes access the shared
medium with no coordination between them) - each of
which serves a certain type of tra�c. Note that the
video/audio data (basically constant-bit-rate tra�c, in our
case) streams are best served by allocation based protocols
(denoted by TDM). Similarly, the bursty (VBR) tra�c is
served best by reservation based MAC protocols (denoted
by RSV) and �nally the urgent messages are best handled
by contention based (denoted by CNT) protocols. Obvi-
ously, the integration of these three protocols would serve
a wide range of multimedia tra�c streams quite well.

A time division multiplexing scheme controls the three
di�erent access strategies into a single protocol. When-
ever a protocol uses the medium, the medium access is
controlled according to the discipline of that protocol. A
cycle in a Multimedia-MAC consists of a �xed time frame

(of length Lframe slots) which consists of three segments
namely TDM segment (of length LTDM slots), RSV seg-
ment (of length LRSV slots) and CNT segment (of length
LCNT slots) in that order.

IV. Analytical Modeling of the Multimedia-MAC

Protocols

In our analysis of Multimedia-MAC, we are particularly
interested in its performance with respect to the QoS met-
rics, namely the deadline missing rate (DMR) and the
mean delay of packets. DMR is de�ned to be the proba-
bility that the waiting time of an arbitrary packet exceeds
a given deadline. The DMR is useful in �nding whether a
given packet has missed its transmission deadline or not.
Our model involves a queueing system with vacation (see
Figure 2). The probability measure evaluated is the wait-
ing time distribution of packets served by the di�erent sub-
protocols. Then we employ a numerical method to evaluate
the distribution and obtain its moments. From the com-
puted moments, we approximately determine the DMR of
packets served by the sub-protocols.

In the Multimedia-MAC protocol, the packets belong-
ing to di�erent tra�c streams are served by di�erent sub-
protocols, which control the access to the shared medium
during di�erent segments in the �xed time frame. This
is analogous to a queueing system with vacation (server
unavailable for random time). This justi�es our approach
to model the queueing situation encountered by packets in
the Multimedia-MAC protocol using queueing models with
vacation. Here we successfully apply an approach which
uses the decomposition properties of a general queueing
system with vacation to compute the moments of the wait-
ing time distribution from its Laplace-Stieltjes Transform
(LST). Also an approximation for the tail probability from
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Fig. 2. Our approach to model and analyze the Multimedia-MAC
protocol.

the moments is computed.

A. Queueing Models with Vacation for modeling Multimedia-

MAC Protocol

In this subsection, we study di�erent queueing models
with vacation (The reader is referred to [20] for the corre-
sponding queueing models without vacation).

The delay time of a packet from its arrival to its de-
parture consists of three components: the queueing time,
the service time and the vacation time. According to the
decomposition property [7], [15], [17] in a general GI/G/1
queue under appropriate conditions, the waiting time is the
sum of two independent random variables: the waiting time
in the queueing system without vacation and forward re-

currence time in the vacation. Let V be a random variable
of the time from the arrival of a tagged customer during a
vacation period up to the end of the frame and let V �(s)
be the LST of the distribution of V . Use Wd to denote
the total delay time (waiting time plus the service time)
with vacation and W �(s) be the LST of the correspond-
ing distribution. Also use W �

1 (s) to denote the LST of the
distibution of W1 (which denotes the waiting time in an
analogous queue without vacation). We use B�(s) to de-
note the LST of the distribution of the service time random
variable B(t). Then,

W�(s) =W1

�(s)B�(s)V�(s) (1)

We use this as the key relationship to derive the LST of
the distribution for the waiting time of packets served by
di�erent sub-protocols in our Multimedia-MAC protocol.
As mentioned earlier, a cycle in a Multimedia-MAC pro-
tocol consists of a �xed time frame. Let Tframe denote
the frame time and Lframe is the frame length in bits.
Given the channel transmission rate is R and neglecting
the gaps between frames, we have R = Lframe=Tframe.
The frame is further divided into several segments corre-

sponding to the three sub-protocols. The segment lengths
of the the TDM sub-protocol, the RSV sub-protocol and
the CNT sub-protocols are denoted by LTDM , LRSV and
LCNT , respectively. The segments are further divided into
�xed-length slots which are of length lslot bits. For simplic-
ity, we will measure the Lframe; LTDM ; LRSV ; and LCNT

in units of lslot.

A.1 TDM sub-protocol model

The transmission using a TDM sub-protocol is controlled
by a pre-allocated scheduling table. Each node, in turn,
takes a TDM-segment to transmit its packets. Hence, from
the point of view of the queue on each node, the transmis-
sion can be permitted only in its allocated TDM segment.
The server is in vacation otherwise. Because we assume
the transmission is slotted using �xed-length slots, which
is of the same size as the packet size, the service time B(t)
can be considered as a deterministic service. Thus, the
corresponding LST is given by,

B�(s) = e�s=� (2)

where � is the service rate in packets/sec. Because of the
�xed transmission cycle of the TDM sub-protocol, the va-
cation period is also �xed in length. The tra�c intensity is
deterministic with mean �TDM . The arrival instant of an
arbitrary (tagged) packet is uniformly distributed during
the vacation period. Hence the forward recurrence time is
given by,

V �(s) =
1� e��Lvs

s�Lv
(3)

where Lv = Tframe � TTDM is the vacation period. Using
the decomposition property and noting that the waiting
time in a D/D/1 queue is 0, we have for the LST of the
distribution for delay,

W �

TDM (s) =
(1� e��Lvs)e�s=�

sLv�
(4)

A.2 RSV sub-protocol model

In the RSV sub-protocol model, a node keeps on reserv-
ing the RSV segment in the next frame until its backlogged
packets are served (until then, it holds the token). Thus,
a node may get more than one RSV segment for transmit-
ting all the packets. Hence, one service cycle consists of
the sum of service times of packets backlogged in all nodes.
In this case, the distribution of the vacation time is quite
complicated to obtain [17]. For the purpose of analytical
simplicity, we assume that the service times (at a node)
are independent and exponentially distributed. Then, the
summation of the service time for all nodes is Erlang-k dis-
tributed [17], where k is the number of transmitting nodes.
Assume a symmetric system where the tra�c load is iden-
tical on each node and a fair system where each node gets
identical service. Then the probability that a node gets a
transmission chance in a network with N nodes is p = 1=N .
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Suppose the mean time of the service time obtained by each
node is Tr, then the LST of the distribution for vacation
time for each of the nodes is:

V �(s) =

�
N

N + sTr

�N
(5)

The RSV sub-protocol is designed for bursty tra�c trans-
mission. In particular, the packet arrival is modeled as
a Poisson process with bulk arrivals. We know that for
M (x)=G=1 queue, the following result for the LST of the
distribution of the waiting time W1 holds [20],

W �

1 (s) =
(1� �)

s� �+ �G[B�(s)]

(1�G[B�(s)])

g[1�B�(s)]
(6)

where, � = �g
� and G(:) is the arrival distribution of the

bulk length random variable with geometric distribution
with mean g.

From the decomposition property, we get the LST of the
packet delay of the RSV sub-protocol as follows:

W �

RSV (s) =
(1� �)

(s� �RSV + �RSVG[B�(s)])

�
s(1�G[B�(s)])

(g[1�B�(s)])

�
N

N + sTr

�N
B�(s) (7)

A.3 CNT sub-protocol model

The CNT sub-protocol is a random access protocol. It
best serves applications which produce messages of rela-
tively small size but require low delay.

The system assumed in this work for the CNT sub-
protocol is a slotted ALOHA system with �nite nodes (�-
nite user population) N and �nite bu�er size of L packets.
For L!1, the case of in�nite bu�er capacity is obtained.
Following are the assumptions:

1. The CNT segment within the �xed time frame of M-
MAC protocol is divided into lslot in bits, i.e., transmission
time of each packet is one slot.
2. Defer �rst transmission principle (DFT ) is employed.
The transmission probabilities for the deferred packet is p.
3. The channel is noise free. The collision is the only
reason for an unsuccessful transmission. No packet survives
a collision.
4. All packets are of the same length with one slot of
transmission time. A station would know the transmission
status (success or failure) of a packet immediately after it
had �nished the transmission. If the transmission is suc-
cessful, the packet is departed immediately. If the trans-
mission fails, the packet is retransmitted in next slot with
probability p.
5. The arrival process of packets follows the Bernoulli's
process. That is, a packet arrives in a slot with probability
� and no packet with probability 1� �.
6. The serving of packets in a queue of each user is on
�rst come �rst served (FCFS) basis. The arriving packets
�nding the queue full get dropped and do not return.

7. We also assume that all nodes are statistically identical
in terms of arrival rate and service time.

With the above assumptions, it is clear that the queue of
packets in the bu�er in the CNT sub-protocol is modeled
as a Geo/Geo/1/K queue with deterministic vacation. For
analysis we use the tagged user approach (TUA) used in
[16]. Note that in the contention protocols, a packet service
time in a user queue depends on the behavior of all other
users (user queues) in the system. The in
uence of a user
on the channel depends on its busy probability pb

1 and its
retransmission probability p. ps is the probability that a
user transmits a packet successfully in a slot given that it
makes a transmission in that slot. In [16], it has been shown
that the probability generating function (PGF) B(z) of the
packet service time is given by,

B(z) =
ppsz

1� (1� pps)z
(8)

where

pps = p(1� pbp)
N�1 (9)

Equation (8) is in fact the PGF of geometrical distribution
with parameter pps. Note also that the mean service rate
(�) is given by � = pps. Also, the state probabilities pi i =
1; 2; : : : ; L� 1 is given by

pi =

�
�(1� �)

�(1� �)

�i�1
�

�(1� �)
p0; 1 � i � L� 1(10)

pL =
�

�

�
�(1� �)

�(1� �)

�L�1
p0 (11)

Using total probability law, we �nd

p0 =

 
�

�� �
�

�2

�(�� �)

�
�(1� �)

�(1� �)

�L�1!�1
(12)

In order to solve for the two unknown variables � and p0,
from (9) and (12), a numerical algorithm proposed in [16]
is used here. Now the response time or delay (r) is de�ned
as the time duration from when a packet enters the queue
until its successful departure. The PGF of system response
time is given by

R(z) =
p0

1� pL

�
1 +

�
�

1� �

��
1

1� (1� �)z

�
 
1� [xB(z)]

L�1

1� xB(z)

!#
B(z) (13)

where x = �(1��)
�(1��) . Using Little's law, the average response

time is therefore given by

E(r) =
E(l)

�(1� pB)
(14)

1A user is said to be idle if its queue is empty otherwise it is busy.
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where E(l) is the mean queue length E(l). By decomposi-
tion property (1), the Z transform of the delay distribution
of packets in a CNT sub-protocol is given below.

D�CNT (s) =
R(z)

Lv

�
1� z�Lv

1� z�1

�
(15)

B. Numerical Evaluation of the Waiting Time Distribution

In the previous section, we have derived the LST of
the waiting time of packets belonging to a tra�c type
served by di�erent sub-protocols within the framework of
the Multimedia-MAC. However, it is often very di�cult or
even impossible to analytically invert the LST of a contin-
uous probability distribution or the Z - transform of a dis-
crete probability distribution [3]. A Fourier-series method
which can numerically invert the Laplace transforms and
generating functions by a numerical method is discussed in
[1], [2], [3]. Here we give the gist of the method [5] which
computes the nth moment of a given continuous (discrete)
random variable from the LST (PGF) of its distribution.

To begin with we give some de�nitions. For a non-
negative discrete random variable X , let pk = PrfX =
kg; k = 0; 1; :::, then its probability generating function is
de�ned by

G(z) = E[zX ] =
1X
k=0

pkz
k jzj < 1 (16)

When X is a continuous variable, the cumulative distribu-
tion function of X is denoted by F (x), then the LST of
F (x) is given by

F �(s) = E[e�sX ] =

Z
1

0

e�sxdF (x) For Re(s) � 0 (17)

The moment generating function (MGF) of a continuous
random variable X is a function M : R ! [0;1) given by
M(t) = E[etX ]. Let �n represent the nth moment of X ,
then, �n =M (n)(0). Note that,

M(z) =
1X
n=0

�n
n!
zn (18)

Recall the de�nition of Z-transform of a sequence wn,

W (z) =

1X
n=0

!nz
n (19)

Note that M(z) = W (z) with wn = �n
n! from (18). Also,

note that,

W (z) =M(z) =

�
F �(�z) continuous case
G(ez) discrete case

(20)

From the above equation, it is enough if we develop an al-
gorithm to invert the Z - transform. For the inversion of
the Z - transform, we use the lattice - Poisson algorithm
[5]. The idea is to use the Cauchy integral formula for the

sequence wn and compute numerically this integral using
m - point trapezoidal rule. To avoid large discretization
errors due to either too fast or too slow an increase in �n

n! ,
an adaptively modi�ed moment generating function is in-
verted to get the nth moment of the given MGF (PGF).
This involves the inclusion of the factor called adaptive de-

cay rate �n in the argument of MGF to de�ne the modi�ed
MGF. If we are given the MGF M(z), in order to compute
�n, from

Wn(z) =M(�nz) =
1X
k=0

�kn
�k
k!
zk (21)

where

�n = (n� 1)
�n�2
�n�1

n � 3 (22)

For �n n = 1; 2, we use the following procedure: we arbi-
trarily set �1 = 1 and compute �1. Next using �0 (which
is 1 by de�nition) and �1 and using (22) we compute �2.
We give only the �nal expression for the moments and the
discretization error:

�n = n!!nn=�
n
n

=
n!

2nlrnn�
n
n

fWn(rn) + (�1)nWn(�rn) +

2

nl�1X
j=1

Re(Wn(rne
�ij=nl)e��ij=l)g � �e (23)

where,

�e =

1X
j=1

�2ljnn

n!

(n+ 2ljn)!
�n+2ljn10

�
j

rn � radius of the contour

l � is some integer to control the round o� error

For more details of its derivation the reader is referred to
[5] where it has been shown that the method is reasonably
accurate.

C. Deadline Missing Rate: The Tail of the Waiting Time

Distribution

DMR is the probability FDMR(D) that the waiting time
of an arbitrary packet served by a sub-protocol exceeds a
given deadline (D), i.e., FDMR(D) = PrfW > Dg. The
DMR is useful in characterizing the QoS of a given tra�c.
(Note that FDMR(D) is the tail of the waiting time dis-
tribution). However, given an arbitrary deadline (D), the
computation of waiting time distribution is quite di�cult
because of the number of moments required to produce an
adequately accurate result is unknown, although we can
get quite a number of moments with reasonable accuracy
by the method we discussed in the previous sub-section.
Therefore, we need to �nd an approximation to obtain the
tail probability. In view of this, we draw the attention of
the approximation [5] which is given below,

FDMR(x) � Ae��x (24)
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where � = limn!1 �n and �n = n�n�1=�n and A =
limn!1An and An = �nn�n=n!. With the above equations,
we can obtain the DMR of an arbitrarily given deadline for
waiting time.

D. Admissible Region

The DMR (for a particular type of tra�c) depends on
the given deadline and the waiting time distribution. The
waiting time distribution of packets in turn depends on the
parameters of the queueing system modeled namely, the
arrival, the service and vacation time distributions. Note
here that the performance of a queue in the \generic node"
is dependent on the queues in the other nodes although we
made an assumption that this queue is studied indepen-

dently2. Hence, the quantity DMR gives an idea about
the QoS o�ered by the network to the incoming calls. In
particular, the DMR can be used for the call admission
control as given below: Given the F t

DMR(D), the DMR
at time t (with deadline D) when a new call arrives (with
DMR demand 	 and other parameters like its arrival rate,
etc.), we can estimate the F t+

DMR(D+), the DMR at the
next time instant t+ (with required new deadline D+). If
F t+
DMR(D+) < 	, then the tra�c is admitted or else it

is rejected. In our case, the DMR of aggregate tra�c at
any time for the three sub-protocols (the resulting queues
modeled by individual sets of arrivals, service and vacation
disciplines) is computed. Therefore the relation between
the DMR, the deadline and the tra�c load gives fairly an
idea about the network status. This is plotted in Figure
3 using the previously described analytical methods. The
space shown in the �gure is divided by a surface. At any
point on the surface given the deadline and tra�c load, if
the required DMR is above the (computed) DMR corre-
sponding to this point (for the same deadline), the tra�c
can be admitted. Hence the region (called admissible re-

gion) which is above the surface corresponds to those points
where the tra�c can be admitted.

To summarize, given the tra�c type (whether it is served
by any of the three sub-protocols), tra�c arrival, service
and vacation distributions and deadline (D), the above
mentioned surface can be computed. Then, using this sur-
face and the call admission control, we can decide whether
a call can be admitted or not. The advantage of this
method is that the decision is instantaneous rather than
using time consuming methods based on estimation of long-
term statistics (which are done conventionally).

V. The Application of Multimedia-MAC on WDM

Networks

The Multimedia-MAC design presented in the previous
section can be applied to a wide variety of shared medium
networks [18], [19]. Here, we apply the Multimedia-MAC
to WDM networks. Based on the idea of our proposed

2This is clear in particular in view of the fact that the performance
of contention and reservation protocols are very much dependent on
the queues on the other nodes.
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Multimedia-MAC protocol, together with the consideration
of the physical transmission characteristics of WDM net-
works, we propose a MAC protocol for single-hop WDM
networks, which combines the advantages of three types of
MAC protocols within a single framework to serve well a
wide range of tra�c streams for multimedia applications.
This MAC protocol is called as Multimedia-WDMA (M-
WDMA).

A. The M-WDMA Architecture

We consider the single-hop topology where a WDM op-
tical network is con�gured as a broadcast-and-select net-
work in which all the inputs from the various nodes are
combined in a passive star coupler, and the mixed optical
information is broadcast to all destinations. The nodes in
a WDM network can transmit and receive messages on any
of the available channels by using and tuning one or more
tunable transmitter(s) and/or tunable receiver(s). Con-
sider a M-WDMA network with N nodes which are con-
nected by a star-coupler and having C channels. Each
node has a �xed channel (home channel) with wave-length
�i (i = 1; 2; ::; C). The home channels are intended for the
destination nodes to receive packets. In case the number
of available data channels C < N , several nodes (dNC e)
may share one single home channel. The destination nodes
can then accept or discard the packets by checking the ad-
dresses associated with these packets.

The M-WDMA MAC protocol consists of three inte-
grated MAC sub-protocols, namely, a TDMA protocol, a
reservation-based protocol and a random-access protocol
each of them active in a segment in the �xed time frame.
We have data channels and control channels to transmit
the data and control informations respectively.
Data channel: A time division multiplexing scheme con-
trols the three di�erent access strategies into a single pro-
tocol. Whenever a protocol uses the medium, the medium
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access is controlled according to the discipline of that pro-
tocol. A cycle in a Multimedia-MAC consists of a �xed

time frame (of length Lframe slots) which consists of three
segments namely TDM segment (of length LTDM slots),
RSV segment (of length LRSV slots) and CNT segment (of
length LCNT slots) in that order. Note that in the TDM
and RSV sub-protocols, only a single node can access a
channel at a time since they are all protocols based on pre-
allocation and reservation in advance. But, in the CNT
sub-protocol, multiple nodes can access the same channel
at the same time.
Control Channel Con�guration: The control chan-
nel operates in a TDMA manner independent of the data
transmission (and is coincident). One cycle consists of N
mini-slots, each of which is designated to a node. Based
on the broadcast information over the control channel (of
cycle length Tcntrl) all the control procedures can be done
by the nodes locally and network-wide synchronously. The
control messages include: 1) reservation requests which are
used by the reservation sub-protocol; and 2) collision ac-
knowledgments in the CNT sub-protocol. For the reser-
vation of RSV protocol we use a bit map to represent the
reservation request, each node taking a bit ("1" to denote
that the node wants to transmit and "0" to denote that
there are no transmission requests). Similarly, we use the
bit map (of length Lcnt slots corresponding to the number
of slots in the data channel) to indicate the success (de-
noted by 1) or failure (denoted by 0) during the contention
in a CNT sub-protocol. Note that the length of a mini-slot

is N+Lcnt. Hence, the cycle time Tctrl =
N(N+Lcnt)

R where
R is the channel bit rate. To realize the frame-by-frame
reservation and collision detection, the control cycle has to

complete within a frame time, that is, N(N+Lcnt)
lslot

< Lframe

where lslot is the slot length in bits. We �nd that from the
above inequality,

N <
Lcnt
2

 s�
1 +

4lslotLframe

L2
cnt

�
� 1

!

This may lead to a network scale limitation. For example,
if we choose, Lcnt = 10 slots, Lframe = 30 slots, lslot =
424 bits, then the number of nodes should be N < 107.
By adding an exclusive receiver for the collision detection
at each node, the inequality becomes N <

p
lslotLframe

(which is 113 for the example above). Alternatively, we
can increase the packet size to increase the network size.

Transmitter and Receiver Con�guration: Each node
has three tunable transmitters corresponding to the three
sub-protocols. The three transmitters are used to serve
the three di�erent classes of tra�c streams. These three
transmitters operate in a pipeline fashion. That is, when
one transmitter is transmitting a packet, the other trans-
mitters tune to the next channel. Thus the simultaneous
transmission of three types of tra�c is avoided. An ex-
ample of a con�guration for transmission channels from
all nodes in our M-WDMA MAC protocol is illustrated
in Figure 4. In this �gure, the X-axis denotes the time-
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Fig. 4. A M-WDMA transmission schedule example.

slot and the Y-axis denotes spatial location of the back-
logged nodes. The white segments denote the TDM seg-
ments, the light-shaded segments are the RSV segments
and the dark segments are the CNT segments. The num-
bers in the TDM segments identify the home channel num-
ber that the underlying TDM segment ties to, according
to the TDM protocol. For example, in the second row
and fourth frame, the frame id is 6, that means at that
time, the current TDM segment is transmitted on chan-
nel 6. Next, the �fth frame, the frame will be transmitted
on channel number 7. All these transmissions happens at
node 2, i.e., the TDM transmitter on node 2 is tuned to
channel 7 at the time the �fth frame comes. From the �g-
ure, we can see, ideally, all channels can be utilized and all
nodes are transmitting even though some of their trans-
mitters may be in a non-transmitting mode (tuning to a
certain channel). The tuning time (�) satis�es the follow-
ing relationships: LTDM +LRSV > �, LTDM +LCNT > �
and LCNT + LRSV > �. It follows that Lframe > 3�=2.
In particular, the length of the frame directly a�ects the
bandwidth allocated to TDM segments. Hence, the total
TDM bandwidth is given by: BTDM = LTDMR

Lframe(N�1)
where

R is the channel bandwidth.

B. The M-WDMA Protocol

The M-WDMA MAC protocol is an integrated protocol.
It includes three sub-protocols: A TDM sub-protocol, a
RSV sub-protocol, and a CNT sub-protocol. Under the
regulation of a M-WDMA frame format, these three sub-
protocols operate independently.

B.1 The TDM Sub-protocol

The operation of the TDM sub-protocol within our M-
WDMA network is basically an interleaved TDMA MAC
protocol [13]. The only di�erence between our TDM sub-
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protocol and ITDMA are that in a M-WDMA network we
take tuning time into consideration. Using the M-WDMA
protocol, at the border between a TDM segment and a
RSV segment, the TDM transmitter starts to tune to the
next channel. Note that the TDM sub-protocol does not
need any control information to be transmitted over the
control channel.

B.2 The RSV Sub-protocol

In a M-WDMA MAC protocol, the RSV packet trans-
mission is controlled using a multiple token method [4]. An
obvious advantage of using a token-based scheme in our
RSV sub-protocol is that it can e�ciently support bursty
tra�c streams and its implementation can be simple. The
disadvantage of this scheme is that the channel e�ciency
may not be high when compared to a perfect scheduling
scheme since in a frame only one single node is allowed to
access the RSV segment at a time.

Each channel is associated with a 'token'. A node can
send its packets onto the destination channel only if it holds
the corresponding token. In each cycle of the control chan-
nel, the M-WDMA nodes broadcast their transmission re-
quests to all nodes. At the end of the cycle, all nodes syn-
chronously execute a token rotation algorithm to determine
the token distribution in the next frame. The token rota-

tion algorithm is depicted below. Here we use the round
robin scheme for the pre-�xed order. This allows all the
nodes to get equal chances for transmitting or receiving
packets. It is worth to note that there are no transmis-
sion con
icts among nodes when using the token rotation
algorithm, since each node can only send one transmission
request and there is only one token available for any partic-
ular (destination) channel. The token rotation is executed
according to the control channel timing.

B.3 The CNT Sub-protocol

The CNT sub-protocol of our M-WDMA MAC protocol
is similar to the interleaved slotted ALOHA [13]. The active
nodes compete for the slots in the current CNT segment. In
case there is a collision, the retransmission is scheduled af-
ter a random number of slots (In particular, the geometric
transmission attempts is assumed). In the context of the
M-WDMA, two issues need to be addressed: handling of
acknowledgement and the retransmission of collided pack-
ets. In M-WDMA, there are two receivers at each node,
one is the home channel receiver and the other is the con-
trol channel receiver. Hence, the collision at the receiver
side would be detected and the control channel keeps track
of these collisions. Then, the retransmission of the packets
by the same node would be attempted by the nodes. The
second issue that needs to be addressed is the retransmis-
sion of collided packets. The collided packets have to be
retransmitted within the current CNT segment, otherwise
it will collide with the other types of transmissions. Hence,
when a node encounters the last slot of a CNT segment its
CNT segment counter stops counting. When the �rst slot

[Token Rotation Algorithm]

Put all the tokens with their holder into a token list;
Put all the nodes with a request into checking list;
For every token do f
Check if the token holder still needs the token

If (it is true and does not exceed the
token holding time)
then f

allocate the token to the current holder;
remove the node from the checking list;
remove the token from the token list;
continue to the next token;

g;
Find another node waiting for the token in a
pre-�xed order;

if (Found) f
Allocate the token to that node.
remove the node from the checking list;
remove the token from the token list;

g
g

For each of the token remaining in the token list, do f
Find a node in the checking list, which dose not have

any token;
Allocate the token to the node;
remove the node from the checking list;
remove the token from the token list;
g

of a CNT segment arrives, the counter starts to tick again.
Hence, the retransmission can be carried out across frames.

C. Modeling of the M-WDMA network

This section investigates the performance of the M-
WDMA MAC protocol analytically and through simula-
tions. In a M-WDMA MAC protocol, three sub-protocols
operate independently and one can think of these proto-
cols operating in three di�erent networks. These three vir-
tual networks have bandwidth equal to the bandwidth al-
located to that sub-protocol in a M-WDMA network. This
is reasonable under the assumption that the three classes
of tra�c are independent of each other (called protocol in-

dependent assumption). With this assumption, the three
sub-protocols can be studied independently. One can think
of a (transmitting) node (logically) consists of N�1 queues
each corresponding to N � 1 receivers (apart from itself).
The transmitter polls one queue at a time to serve (trans-
mit) a packet. Also, since a particular sub-protocol is ac-
tive in its own segment, these logical queues can be modeled
using a queue with vacation.

We assume that all the nodes in the M-WDMA network
are statistically identical, i.e., arrival and service process of
packets have identical distributions (and thus the system is
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symmetric). Let � be the network normalized tra�c load,
then �TDM , �RSV , and �CNT are the mean tra�c loads
for the individual segments of the respective sub-protocols.
Then, �i =

Li
Lframe

� where i can be TDM , RSV or CNT .

We consider a system of N nodes and C channels. Logi-
cally, each node has 3C queues corresponding to C channels
and the three types of tra�c. We assume each queue has
in�nite capacity and uses FCFS discipline. Let B(x) be the
distribution function for the service time, with 1=� being
its mean and B�(s) being its Laplace-Stieltjes Transform
(LST). We denote the random variable of vacation length
(in terms of slot time) as V , its LST as V �(s) and its mean
as E[V ]. By applying the analytical results of suitable
queueing models with vacation (as given in Section IV)
for the queue encountered by the packets belonging to dif-
ferent tra�c streams, we obtain the performance measure
namely, the mean delay of packets and the DMR.

C.1 The TDM Sub-protocol Model

According to a TDM sub-protocol, node i gets a chance
to transmit Ltdm packets to node j in every N � 1 frames.
Hence the vacation length in the (logical) queue (at node
i) of packets destined to node j is given by vi = (N �
1)LframeTslot. By tra�c independent assumption and sta-
tistical similarity of nodes, the queue is generic with vaca-
tion period given by,

V = (N � 2)LframeTslot + (Lframe � LTDM )Tslot (25)

Using Lv to denote the number of slots constituting the
vacation period in the `generic' queue, we have for Lv,

Lv = (N � 2)Lframe + (LTDM � Lframe) (26)

Noting that � = R (where R being the channel bandwidth),
the delay (waiting time plus the service time) distribution
is given by (4). Further the numerical evaluation method
presented in sub-section IV-B allows one to compute the
mean delay which is a performance measure studied here.

E[WTDM ] =W
�(1)
TDM (0) = �1 (27)

Computing the nth moment of the waiting time distri-
bution from (23) and using the approximation (24) given in
Section 4, we compute the deadline-missing rate (DMR).
Here, we use �rst n� moments for the estimation of DMR
where n� is selected such that the error introduced in the
estimation of DMR using �rst n� moments and �rst n�+1
moments is < 2%. Figure 5 show our analytical results for
the TDM model and discrete-event simulation results cor-
responding to DMR. Although going through a quite com-
plicated computation process, the results are quite close
to each other, which implies good accuracy of our TDM
model. 3

3The analytical model for the mean delay is even more accurate
than that for the DMR. It is not shown here graphically, because
of the limitation imposed by the IEEE Transactions on Communica-
tions Editorial Board on the maximum number of �gures that can
be included in any paper which is set to 10. As a result, we are
not including the �gures that correspond to mean delay for all sub-
protocols. However, these can be supplied at a moment notice.
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Fig. 5. TDM model validation in terms of DMR.

C.2 The RSV Sub-protocol Model

In a M-WDMA, the RSV sub-protocol is a token-based
protocol. Once a node i gets a token corresponding to the
destination (or channel) j, the RSV segment is reserved for
it until all of its packets are transmitted. (Hence, it might
take more than one time frame). Whenever the queue cor-
responding to destination node j is in service, new arrivals
are automatically added to the queue (backlogged pack-
ets) or immediately served when the queue is empty. For
simplicity, we assume all the tokens rotations to be mutu-
ally independent and the rotation is of round-robin fash-
ion. The vacation time for an output queue at a node i
destined to node j is the sum of the frame times that this
token (corresponding to destination node j) is withheld by
the other nodes. The service time for a packet is determin-
istic (we ignore the packet length variations) and hence
the LST of the service time distribution (B�(s)) is given
by B�(s) = e�s=�. Note that the service time for a given
message (composed of packets) depends on the bulk size
(number of packets). Hence the number of frames a node
takes to transmit a message depends on the size of the bulk
(G). The LST of the delay of a packet (D�RSV (s)) in the
RSV protocol model can be obtained using (6). (Note that
the parameter Tr can be obtained from 1=� and the distri-
bution of G). Note that here, we assume bulk arrivals with
a mean �RSV in which the bulk arrivals are geometrically
distributed with mean g. That is the PGF of the bulk size
G is given by,

G(z) =
1

g(g + 1� z)
(28)

Now, the queueing situation is similar to the case analzsed
in sub-section IV-A.2 and the mean waiting time and
DMR can be obtained. The LST of the delay of a packet
(D�RSV (s)) in the RSV protocol model can be obtained us-
ing (6). (Note that the parameter Tr can be obtained from
1=� and the distribution of G).

Computing the nth moment of the waiting time distri-
bution from (23) and using the approximation (24) given in
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Section 4, we compute the deadline-missing rate (DMR).
As usual we use the �rst n� moments for the estimation of
DMR where n� is selected such that the error introduced
in the estimation of DMR using �rst n� moments and �rst
n�+1moments is< 2%. Similar to the TDMmodel, we can
calculate the DMR according to (24). Figure 6 compares
the analytical results with the simulation results. The two
results are close to each other especially when the tra�c
load is light.

C.3 CNT Sub-protocol Model

Since, all the slots in a given CNT segment can be used
by any node, the vacation time for a queue (corresponding
to any node j) at node i is the sum of the TDM and RSV
segments, i.e., V = (LTDM+LRSV )Tslot (unlike the queues
in the RSV and TDM sub-protocol). The expression for
the delay in this case is obtained from (15) with Lv =
LTDM + LRSV . Figure 7 illustrates the validation of our
analytical model in terms of the DMR parameter. As we
can see, again the results are reasonably close to each other.
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C.4 Admissible Region Comparison

As illustrated previously, the admissible region can be
e�ectively used by an admission control policy to decide
whether to admit a tra�c stream or not. By calculating
the DMR of TDM, RSV and CNT sub-protocols, for nor-
malized tra�c load and a range of required deadlines, we
can obtain the corresponding admissible region as shown
in Figures 8, 9 and 10.

In Figures 8, 9 and 10, we show three types of sur-
faces, the lowermost surface is generated from our analyti-
cal modeling results. The top layer surfaces are an upper-
bound computed according to Chebyshev's inequality [8],
which are used as modeling references (in fact, a simple up-
per bound). The middle layer surface is obtained through
intensive simulation.

By comparing these three �gures, we can see the admis-
sible region of a TDM sub-protocol is quite 
at. This is
because in a M-WDMA, the TDM sub-protocol has the
highest priority for bandwidth allocation. This results in a
lower DMR (analytical) bound even when the tra�c load
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is high. For high tra�c loads, the (analytical) DMR is
not very high in the case of RSV sub-protocol. This is the
advantage of the RSV sub-protocol because the RSV sub-
protocol is primarily used for bursty tra�c with relatively
loose delay requirements. However, when the deadline be-
comes strict, the QoS of a RSV sub-protocol is eventually
worse than that in TDM - as is expected.

The CNT admissible region is realistic only in very low
tra�c areas. That is under light tra�c conditions - which is
again expected from contention-based protocols. However,
a very low DMR can be achieved even when the deadline
is very strict. Thus, some urgent packets (e.g., for net-
work control, for example) can exploit this feature when
the tra�c load is low. As a general observation, one can
also see that the simulation results are much closer to the
analytical modeling results than that of the upper bound.

VI. Conclusion

This paper introduces a new methodology that com-
bines di�erent types of MAC protocols into a single shared
medium network to better serve a wide variety of multi-
media applications. Some of the goals of this approach
are: 1) To keep the advantages of the individual MAC pro-
tocols with respect to speci�c types of tra�c streams; 2)
To e�ciently support a large range of tra�c streams with
di�erent characteristics and QoS requirements in a single
shared medium network; and 3) to be applied to wide va-
riety of shared medium networks. We have also derived a
detailed analytical model that can be used to determine the
admissible region given various practical parameters (e.g.,
tra�c load, type of tra�c, deadline missing rate). This
admissible region can readily be used by an admission con-
trol policy to decide whether to admit an arriving stream
or not while satisfying its QoS and at the same time not
altering the QoS of the already admitted streams.

We have illustrated the usage of our MAC protocol de-
sign and analytical model through a wavelength division
multiplexing network. We have shown that our general

framework can readily be used for such networks. If addi-
tion, we have shown that our analytical results are reason-
ably accurate when compared to simulation. In particular,
our analytical model can e�ectively be used with admis-
sion control algorithms for providing QoS guarantees to
multimedia applications.

We believe our framework can be applied to many other
types of shared medium networks, especially in the next
generation of networks where the integrated or multimedia
services are provided in a single physical network.
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