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Reducing Communication Latency
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Abstract—Reducing communication latency, which is a performance bottleneck in optically interconnected multiprocessor systems,
is of prominent importance. A conventional approach for establishing connections in multiplexed networks uses a set of independent
time slots (or virtual channels) along a path for each connection. This approach requires the use of switching devices capable of
interchanging time slots, and thus introduces latency in addition to hardware and control complexity. In this paper, we propose an
approach to all-optical Time Division Multiplexed (TDM) communications in multiprocessor systems. The idea is to establish a
connection along a path using a set of time slots (or virtual channels) that are dependent on each other, so that no time-slot
interchanging is required. We compare the proposed approach with the conventional one in terms of the overall communication
latency. We found that, despite the possibility that establishing a connection may take a longer time, the proposed approach will
result in lower overall communication latency as it eliminates the delays introduced by the time-slot interchanging switching devices.
Index Terms—Communication latency, fiber-optical interconnects, switching networks, time division multiplexing, time slot
interchangers.
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1 INTRODUCTION

O

PTICAL interconnects offer many advantages over its
electronic counterpart including high connection density and relaxed bandwidth-distance product [1], [2], [3].
They are now widely accepted by telecommunications industries and have also been considered in the design of
commercial multiprocessor systems to reduce the wiring
density and to increase the system scalability [4], [5]. We
believe that Time-Division Multiplexed (TDM) communications in optically interconnected multiprocessor systems is
a way to achieve significant advancement in performance
beyond the state-of-the-art.
Time-Division Multiplexed (TDM) communication techniques are useful in creating multiple virtual channels, each
of which corresponds to a time slot on a single physical link
in interconnection networks. Having virtual channels increases bandwidth utilization and facilitates adaptive routing
algorithms as well as the static mapping of the communication requirements of various applications [6], [7], [8]. TDM
techniques are also useful for tolerating the propagation
latency in optically interconnected multiprocessor systems
[9], [10], [11], [12], and for reducing the control complexity
of channel allocation in TDM systems [13], [14], and in
Wavelength Division Multiplexed (WDM) systems [15], [16].
A key issue to be addressed in optically interconnected
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multiprocessor systems is the reduction of the communication latency which is a performance bottleneck in such systems. In this paper, we describe a new multiplexing approach for establishing all-optical connections in multiprocessor systems, and compare it with a conventional multiplexing approach.
The paper is organized as follows. In Section 2, we provide motivations for considering circuit-switching, and describe possible ways to achieve global synchronization
which is required for TDM communication. In Section 3, we
describe how connections, especially virtual connections,
are established in multiplexed networks. Specifically, a
conventional approach, which we call Link Multiplexing (or
LM), is described in Section 3.1. Using LM, a connection
may be established by selecting a time slot on each link independently of the time slots selected on the other links
along a path. Thus, in order to transfer messages between
two possibly different time slots, the switches in the network are required to have the capability of interchanging
time slots [17], [18], [19]. The proposed approach, called
Path Multiplexing (or PM), is described in Section 3.2. Using
this approach, the time slots selected on the links along a
path are dependent on each other such that no time-slot interchanging is needed to transfer messages along the path.
For example, a connection may be established along a path
by selecting the same time slot on every link. Network control, or signaling, involved in selecting the time slots to establish a connection is described in Section 3.3.
In Section 4.1, we examine the components of the overall
communication latency and compare these components in
the two approaches. Intuitively, given a network containing
a set of existing connections, it is more likely that a set of
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independent time slots, rather than a set of time slots that are
dependent on each other, is available for establishing a new
connection. Therefore, the conventional LM may result in
shorter blocking time. However, time-slot interchanging in
LM introduces delays as a part of network propagation
latency. Thus, PM may reduce the overall communication
latency, as well as the hardware and control complexities
due to the elimination of time-slot interchanging. In the rest
of Section 4, we present both analytic and simulation results
which show that, for the range of parameter values we considered, the proposed PM approach reduces the overall
communication latency when compared to the LM approach. Thus, PM may be used in the design of high performance, low complexity optically interconnected multiprocessor systems. We conclude this paper in Section 5.

2 COMMUNICATIONS IN TDM NETWORKS
We consider a network which consists of switches having a
fixed number of inputs and outputs. Some of these inputs
and outputs are used to interconnect with other switches
through a set of external links, while the others are used to
connect to a local processing element through a set of internal links. Fig. 1 shows an example with a mesh-like topology. Each switch in this network has four pairs of external
links to adjacent switches and one pair of internal links to a
processing element (PE). Each of these links can be timemultiplexed to create multiple virtual links in multiple time
slots. As high bandwidth is easier to obtain with optical
interconnects than with electronic ones [1], [2], [3], we propose to use fiber links (connected with optical switches) as
an alternative to support multiprocessor communications.

Fig. 1. A direct network with a mesh-like topology.

2.1 Circuit Switching
Processors communicate with each other by sending and
receiving messages, which can be done via either circuitswitching or packet-switching. In this paper, we study circuitswitched networks, and, in particular, focus on the communication latency in the two TDM circuit-switching methods, LM and PM, which will be described in details in Section 3.1 and Section. 3.2, respectively. What motivates this
study is that with optical interconnects, packet-switching
would require conversions between electronic and optical
signals at intermediate switching nodes for address decoding purposes. Such conversions are expensive in both time
and implementation cost. On the other hand, since an optically interconnected system has enough bandwidth, circuit-

switching can be used to trade in some bandwidth for the
elimination of such conversions. In addition, with high
available bandwidth, software (or protocol) latency and/or
hardware (or network communication) latency become the
performance-limiting factors. Using light weight protocols
such as compiled communications [20], [21], and memory
mapped interfaces [22], [23], [24], software latency can be
significantly reduced. In such cases, it is important to reduce the network communication latency.

2.2 Synchronization
Optical clock distribution systems offer less clock skew and
better noise immunity than electronic ones. The relatively
larger fan-out of optics makes it possible to distribute a
global clock generated by a high-power laser to hundreds
of receiver modules at a high frequency [25]. An optical
clock distribution system in which each processor or switch
receives an identical copy of the global clock signal was
recently implemented in the Cray T90 Series with up to 32
processors.
We consider a TDM network, in which global synchronization is required at the data packet level, not at the bit
level. More specifically, multiplexing of different messages
is done based on time slots, and the duration of a time slot
is typically equal to the duration of several hundreds of
bits. For synchronization purposes, a guard band at each
end of a time slot can be used to accommodate possible
drifting or jitters. For example, if the duration of a time slot
is 276 ns, which includes a guard band of 10 ns at each end,
then 256 ns can be used to transmit data. If the transmission
rate is 1 Gb/s, then a packet having 256 bits can be transmitted during each time slot. The issues related to the optimal duration of a time slot, which depends on many factors including the transmission technology as well as the
communication requirements of the applications, will not
be addressed in this paper.
In a TDM network, each physical link is timemultiplexed at the rate of time slots. Specifically, the time
horizon on each link is divided into intervals of K time
slots, for some K. Each time slot corresponds to a virtual
channel, and each interval of K time slots is referred to as a
frame, where K is called the frame size, or the multiplexing
degree. Typically, the time for a signal to travel each link (at
most a few feet) is less than the duration of a guard band.
Hence, the processors and switches in the network can be
synchronized under a global time slot clock. A connection
can be established by using a set of time slots, one on each
link on a physical path from a source to a destination. For a
given link, if time slot i (0 i K − 1) of a frame is used to
establish a connection, then for the duration of the connection, the same time slot of the next frame is also used for that
connection. However, as will be discussed later, different
time slots may or may not be used on different links depending on whether LM or PM is used.

3 ESTABLISHING VIRTUAL PATHS
In order to establish a connection, a physical path (PP) from
a source to a destination is chosen first. Afterwards, a virtual path (VP) consisting of several time slots, one on each
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link of the physical path, is selected and the connection is
established. How a PP can be selected has been studied extensively and is well understood [26]. In what follows, we
illustrate how a connection can be established assuming that
a PP has been selected. Specifically, in the following two subsections, 3.1 and 3.2, we give detailed descriptions and examples of how time slots should be selected on two adjacent
links, and what kind of switches are required using the conventional Link Multiplexing (LM) and the proposed Path Multiplexing (PM) approaches, respectively. Then in Subsection
3.3, we describe network control or signaling, that is, how
control information needed to establish a VP is exchanged.

3.1 Link Multiplexing (LM)
One way to establish a VP in a TDM network is the socalled Link Multiplexing (LM) approach. More specifically, a
VP may be established over a set of independent time slots
along a PP. This, however, calls for the use of Time Slot Interchangers (TSIs) in order to transfer the information carried over the same connection from one time slot on one
link to another time slot on the next link along the path.
A TSI capable of interchanging K (> 1) time slots can be
viewed as a “black box” having one input and one output,
each being multiplexed with K virtual channels, or equivalently, each carrying frames of K time slots. In Fig. 2a, K is
assumed to be 4, and thus an input or output frame has
four time slots. The TSI switches time slots 0, 1, 2, and 3 of
the input frame to time slots 2, 0, 3, 1 of the output frame,
respectively. By setting the TSI properly, any time slot of
the input frame can be switched to any idle time slot of the
output frame (i.e., any time slot to which no other time slots
of the input frame has been switched).

Fig. 2. TSI and TST switches.

A more generalized form of a TSI is the so-called TimeSpace-Time (TST) switch which has S  1 inputs and outputs. When S = 1, a TST switch becomes a TSI. When S > 1,
a TST switch may be viewed as an augmented S  S switch
with each input and output being multiplexed with K time
slots. By setting a TST properly, any time slot of any input
can be switched to any idle time slot of any output. Fig. 2b
shows a TST with S = K = 4, in which time slot 0 of input Q
is switched to time slot 2 of output Y.
We now illustrate the LM approach using an example.
As shown in Fig. 3, each switch in a network is required to
be a TST switch. Assume that a VP needs to be established
on two physical links X and Y. Since switch D can interchange time slots, the message may arrive during any time
slot i on X and then leave during any time slot j on Y, where
0 i, j K − 1, as long as these two time slots are not being
used by other connections. That is, when establishing the
connection using LM, time slots i and j will be selected independently on links X and Y, respectively.
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Fig. 3. Establishing a connection with LM.

3.1.1 Electronic TSIs
A TSI (or TST) can be implemented either electronically or
optically. An electronic implementation of a TSI for K = 4 is
shown in Fig. 4. An Optical-to-Electronic (O/E) conversion
circuit (i.e., receiver) at the input side converts the incoming
optical signals to electronic ones. The converted signals
from time slots 0, 1, 2, and 3 are then stored in input buffers
0, 1, 2, and 3, respectively. The 4  4 crossbar switch between the input and the output buffers is then set such that
the content of a given input buffer is copied to a desired
output buffer (Fig. 4 shows the setting used in the TSI in
Fig. 2a). Finally, an Electronic-to-Optical (E/O) conversion
circuit (transmitter) transmits the content of the output
buffers 0, 1, 2, and 3 in that order.

Fig. 4. An electronic implementation of a TSI.

One of the drawbacks of an electronic implementation of
a TSI (or TST) is the expensive high speed receiving and
transmitting circuits inside each switch, which also makes
the TSI (or TST) nontransparent to bit-rate. Specifically, in a
network consisting of S  S TSTs, in addition to one pair of
receiving and transmitting circuits at the processor-tonetwork (or processor-to-switch) interface, another S − 1
pairs are needed inside each switch, one for each inputoutput link. Since these circuits are designed for a specific
receiving and transmitting speed (say at 1 Gb/s), one will
have to replace all of them to achieve higher bit-rate transmissions (say at 2 Gb/s).
Another drawback that is of special interest to us in this
paper is the delay introduced in the process of buffering
(and interchanging) time slots because both the input and
output frames need to be aligned according to a frame
clock. Specifically, if frame integrity is desired, that is, all the
incoming time slots belonging to an input frame need to be
in the same output frame, then every incoming time slot
will need to be delayed by at least K time slots. Some of the
incoming time slots will be delayed additionally because of
the need to change their relative positions in the output
frame. For example, incoming time slot 0 will be delayed
for 4 + 2 = 6 time slots in order to become outgoing time
slot 2. Even if frame integrity is not desired, an incoming
time slot may also have to be delayed. For example, in
Fig. 4, since incoming time slot 1 needs to become outgoing
time slot 0, it has to be transmitted in the next frame, resulting in a delay of three time slots.
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3.1.2 Optical TSIs and TSTs
A TSI (or TST) can also be implemented optically using fiber-loop delay lines and Lithium Niobate directional couplers (also called switches) [17], [27], [19]. Fig. 5 shows an
optical TSI for K = 4. The TSI consists of five 2  2 switches,
each of which can be set to either straight (“=“) or cross
(“X”) (the symbol “?” in the figure stands for “don’t-care”).
A fiber-loop delay line with one time slot delay is placed on
the lower link between the first and second switches as well
as between the fourth and fifth switches. In addition, a delay of two time slots is placed between the second and third
switches as well as between the third and fourth switches.
With each of the five switches set to its sequence of states as
shown in the figure, incoming time slots 0, 1, 2, and 3 become outgoing time slots 2, 0, 3, and 1 after being delayed
for 4, 1, 3, and 0 time slots, respectively (Fig. 5 shows the
setting used in the TSI in Fig. 2). Note that in this implementation, the output frame is not aligned with the input
frame. However, because incoming time slot 3 needs to become outgoing time slot 1, the output frame can not start
until time 2. In other words, the output frame needs to be
delayed by two time slots. If incoming time slots 0 and 3
need to become outgoing time slots 3 and 0, respectively,
then incoming time slot 0 should be delayed for a maximum delay of six time slots, which is why the total number
of delays available in the TSI is six.

Fig. 5. An optical implementation of a TSI.

Note that although such an optical implementation
eliminates E/O and O/E conversions during the switching,
therefore providing bit-rate transparency, optical TSIs are not
without drawbacks. For one thing, they, like electronic TSIs,
will introduce delays as a part of propagation latency of a
network as illustrated above. In addition, not only are the
control and hardware more complex, optical TSTs will introduce additional crosstalks and attenuations of optical
signals. These undesirable effects could be detrimental to
the performance of optically interconnected multiprocessor
systems. In the next section, we describe an approach that
can establish all-optical connections without using TSTs.

3.2 Path Multiplexing (PM)
Before we describe the proposed approach in details, we
first review a connection paradigm, called Reconfiguration
with TDM (RTDM), which was previously developed for
indirect networks [13], [14].
Using the RTDM, an indirect network, such as a crossbar
or a Multistage Interconnection Network (MIN), behaves

like a Time-Multiplexed Switch (TMS). More specifically, the
network repeatedly goes through a sequence of configurations, one during each time slot. Fig. 6 illustrates a possible
sequence of four (4) configurations that a 4  4 switch may
go through. Like the TST switch shown in Fig. 2b, each input
and output of the TMS is multiplexed with degree K = 4.
However, unlike that TST, a time slot i of any input link is
switched to the same time slot i of an output link in the
TMS, as shown in the figure. This means that such a TMS
does not have the capability of interchanging time slots as a
TST switch does. As a result, the signals arriving at a given
input during time slot i will go to an output which depends
solely on the switch setting during that time slot.

Fig. 6. Connecting inputs to outputs in TMS.

In an S  S switch, all possible S2 connections can be established by multiplexing the switch with degree K = S [28],
[29]. However, this may result in an unnecessarily long latency because a given input-output connection is established once every S time slots. RTDM provides efficient
multiprocessor communications through either static [13] or
dynamic [14] reconfiguration which reduces the multiplexing degree K by establishing only those required connections. Note that one can easily adapt K in a TMS according
to application requirements [13], [14], whereas, in an optical
TST, K is fixed by the architecture. The proposed Path Multiplexing approach extends the principle of RTDM to establishing a connection in a direct network consisting of TMS
switches multiplexed with degree K.
Fig. 7 illustrates the idea of the PM approach. Let us assume that a VP needs to be established along links W, X,
and Y, and that switch D can be set to interconnect link W
with link X during time slot i (0 i < K). Consider the case
in which the propagation delay on link X is negligible when
compared to the duration of a time slot. Since any message
carried on the connection will arrive at switch E also during
time slot i, we have to be able to set switch E so that link X
is interconnected with link Y during time slot i. (in the figure, this means j = i). Note that if the link propagation delay
on X is not negligible (say, equal to LP time slots), then the
connection can be established only if during time slot j =
(i + LP) mod K, switch E can be set so that link X is interconnected with link Y. In either case, the time slot to be used on
link Y (which is j) is dependent on the time slot used on link
X (which is i). In general, when using the PM approach, the
time slots on the links along a path are selected in such a
way that packets can flow through the links without being
buffered as no time slot interchanging is required.
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Fig. 7. Establishing a connection with PM.

3.3 Network Control
In this section, we describe how a connection can be established, assuming that a physical path has already been chosen. We assume that in addition to the data network, which
uses time-multiplexed optical interconnects, there is a control network which is used to exchange control information
needed to establish virtual (and physical) paths. Although
the control network may have a physical topology different
from the data network, we will assume that the same
physical topology is used to interconnect routers (or communication coprocessors) that are attached to the switches.
As will be discussed next, the amount of bandwidth required for exchanging control information is relatively low
compared to that required for exchanging data. For example, the address of a node in a system having 1,024 nodes is
only 10-bits long. A control packet may thus be about 20 to
30 bits long, which is about one-tenth of a data packet
(assumed to contain 256 bits). Thus, the control network
may operate at a bit-rate that is much lower than the data
network, which makes it feasible to implement the control
network in electronics.
Many techniques developed for establishing a PP in a direct network can be applied to establish a VP. One way to
reserve/release a PP in a hypercube was described in [30].
A way to reserve/release a connection (including a PP and
a VP according to the RTDM paradigm) in MINs was described in [13]. Although there are many variations as to
how a VP can be established, we will concentrate only on a
basic scheme under distributed control in the following
discussions. In particular, we will describe a scheme for PM
as the case for LM is similar.
Let the set of available time slots on a link L be maintained in a list denoted by Avail(L). This list can be implemented as a K-bit string, where K is the number of time
slots in a frame. In addition, there are two lookup tables
called the PP-table and the VP-table, which store information about the links that form a PP and the time slots that
are assigned to a VP, respectively. These information are
distributed among the routers. Specifically, each router has
access to the Avail(L) lists of all the outgoing links of the
switch it is attached to. It also has access to the part of the
PP-table which specifies which of these outgoing links to
use for a given PP, and the part of the VP-table which specifies which time slot on a particular outgoing link has been
assigned to a given VP.
Control information can be exchanged among the routers
in the forms of packets for reserving and releasing VPs as
follows: A source constructs a reservation packet Res_VP,
buffers a copy of the request, sends the request to its local
router, and waits for an acknowledgment (either positive or
negative). The Res_VP packet specifies the source and destination addresses or simply the ID of a PP. It also contains a
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list of time slots, denoted by Init (also implemented as a K-bit
string), during which the processor wishes to transmit.
Upon receiving the Res_VP packet, a router identifies the
outgoing link L based on its PP table. The router then performs the following “set-intersection” operation Init = Init 
Avail(L) (implemented with a bit-wise AND operation),
which updates the list in the packet. If the resulting Init list
is not empty, then a part of the Avail(L) list, which includes
the set of time slots in Init, will be “locked” to prevent them
from being used by other VPs. The Res_VP packet is then
forwarded to the next router along the PP until the destination is reached.
When Res_VP reaches its destination, a time slot from its
Init list, denoted by ts, is selected by the destination processor, which constructs an acknowledgment packet, Ack_VP,
containing ts. The Ack_VP packet is then sent back to the
source processor in the direction opposite to the one taken
by Res_VP. Upon receiving Ack_VP, each router “unlocks”
the part of Avail(L) list previously “locked” by Res_VP.
Time slot ts is deleted from that part (and from Avail(L))
and assigned to the VP. The router also sets the switch it is
attached to so that data carried on the VP will be switched
to time slot ts on link L. Finally, Ack_VP is sent to another
router until the source is reached.
Upon receiving Ack_VP, the source can start message
transfer at the beginning of the next transmitting time slot,
which may or may not be during the current frame. If a
message is divided into m data packets, then the message
transfer will be completed after m frames since one data
packet is sent in a time slot during each frame. Upon the
completion of the message transfer, the source constructs a
release packet, Rel_VP, and sends it to the destination. The
time slot assigned to the VP can then be released.
If the resulting Init list in a Res_VP packet becomes
empty at an intermediate router after the “set-intersection”
operation, the router will drop Res_VP, and construct an
Nack_VP packet. The Nack_VP packet will be sent to the
source in a way similar to that an Ack_VP is sent. The difference is that this time, only the “unlock” operation will be
performed at each router. After the source receives
Nack_VP, it may send a copy of the Res_VP packet at a later
time.
We note that signaling can be done in LM in a similar
way, except that there is no need to maintain the Init list or
perform the “set-intersection” operation. A Res_VP packet
will “lock” an arbitrary time slot from the Avail(L) list at each
intermediate router. These locked time slots will be
“unlocked” by either an Nack_VP or an Ack_VP packet, as
in PM. In the latter case, the time slots previously locked
are then assigned to the VP.
We also note that when the control network operates at
100 Mbs, which is one-tenth of the bit-rate of the data network we have assumed (i.e., 1 Gbs), the time needed to
transmit a control packet is a few hundreds of nanoseconds,
which is about one time slot. Assuming that processing a
control packet at a router also takes a few hundreds of
nanoseconds, then the time for a control packet to go from
one router to the next is about two time slots. The maximal
time a source has to wait before it receives an acknowledgment is about 4H time slots, where H is the number of hops
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between the source and destination. This amount of time is
a modest overhead when compared to the time for a message to be received by the destination.

4 COMPARING PM WITH LM
Since TST switches have higher control and hardware complexity than TMS switches, it is more expensive to adopt
the LM approach than the proposed PM approach, especially if the former uses electronic TSTs. In addition, when
it comes to choosing an appropriate multiplexing degree for
an application, the PM approach is much more flexible than
the LM approach especially if the latter uses optical TSTs.
Complexity and flexibility aside, what we will focus on in
this comparative study, is the performance of these two
approaches in terms of the communication latency they will
introduce. As mentioned earlier, it may take longer to be
able to establish a VP in PM than in LM because a request
that has to reserve the same time slot on different links (as
in PM) is more likely to be blocked than a request that can
reserve possibly different time slots (as in LM). On the
other hand, since the TMSs used in PM do not introduce
delays for buffering and interchanging time slots, data can
flow through the network with less delay in PM than in
LM, once a VP is established. Hence, the overall communication latency in the PM approach may be smaller than that
in the LM approach. In the next three subsections, we first
examine the components of the communication latency,
and then compare the PM and the LM approaches via
analysis and simulations.

4.1 Communication Latency
In circuit-switching, the communication time includes both
message-transmission time and communication latency. If a
message is divided into m packets (of 256 bits each), then
the time required for transmitting the message into the
network is Km time slots in either LM or PM, as described
in Section 3.3. For a large message size (i.e., a large m), the
bandwidth, not the latency of the network, is important. On
the other hand, for a small message size, the latency becomes more important. It is well known that optical interconnects are suitable for high-bandwidth communications,
that is, when the message size is large. One of our focuses
in this paper is to study ways to reduce latency in optically
interconnected systems where the message size is small
(say between 512 bits and 2,048 bits, or 2 m 8). Since the
message-transmission time is the same in LM and PM, it
will not be considered in this comparative study of LM and
PM.
The communication latency is the sum of two component values: circuit-establishment latency, LE and networkpropagation latency, LN. The former includes blocking time,
denoted by LB, and signaling overhead. The blocking time is
largely due to the intervals between the time a request fails
and the time the failed request is resubmitted. Specifically,
it is the duration of the period from the time a connection
request is first generated by a source till the time the first
packet can be sent over the established connection, excluding the signaling overhead, which is the amount of time to
exchange control information. Since the signaling overhead

depends on many factors such as the network topology and
the control scheme used (e.g., either centralized or distributed) is about the same for both LM and PM, it will not be
considered in this comparative study of LM and PM. In
other words, we will use LB in place of LE.
The second component of the communication latency,
LN, is the time for a signal to traverse an established path
from a source to a destination. Like the circuitestablishment latency, LN is further composed of two parts:
link propagation latency and switching latency. The first part
is the time for an optical signal to traverse the external links
along a path. Since in a reasonable network topology, even
the longest path has less than a few tens of hops, and since
an optical signal can traverse each hop in much less than a
nanosecond in a multiprocessor system, the link propagation latency is often negligible relative to the duration of a
time slot (a few hundreds of nanoseconds as discussed in
Section 2).
The second part of LN, the switching latency, is the time
for a message to go through the switches along a path. If
PM is used, then this part is also negligible since an optical
signal traverses a switch in the optical domain without being buffered. Accordingly, LN can be ignored if PM is used.
However, as discussed in Section 3.1, a TST switch capable
of interchanging time slots introduces a delay because a
signal has to be buffered in either the optical or the electronic domains, which could vary between 0 and 2K − 1
time slots depending on the implementation of the TSTs as
well as on how the time slots need to be interchanged. For
simplicity, we assume that each incoming time slot will be
delayed, on average, by K time slots when going through a
TST. Assuming that the distance between a source and a
destination is H hops, the total switching latency along the
path, excluding the source or destination points, is (H − 1) 
K. Accordingly, if LM is used, LN, which is about (H − 1) 
K, can no longer be ignored.
To summarize, if we let the average blocking time in PM
and LM be LB(PM) and LB(LM), respectively, and we denote
the communication latency in the two approaches by L(PM)
and L(LM), respectively, we have
L(PM) = LB(PM)
L(LM) = LB(LM) + (H − 1)  K

(1)
(2)

Throughout our comparative study of the LM and PM
approaches, we will focus on the value of L(PM) as defined
in (1) and the improvement ratio, I, which is defined as
follows:
I =

a f a f
a f

L LM - L PM
¥ 100%
L LM

(3)

Hence, I will be at most 100% when L(PM) = 0. The
larger I is, the better PM becomes when compared to LM.
For example, I = 50% means that L(PM) = L(LM)/2 while
I = 75% means that L(PM) = L(LM)/4.
Our comparative study involves two parts: analytical work
and simulation. In both cases, a direct network whose links are
time-multiplexed with degree K is studied and the communication latency resulted from LM and PM is evaluated. Common assumptions to both the analysis and simulation that
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simplify our evaluation processes are made. These assumptions are:
1) A predetermined shortest path is used to establish a given
connection (even though alternate paths may exist).
2) Each PE has a request buffer of size b. During each
time slot, if the buffer is not full, then the PE generates, with probability r, a new request to transmit a
message of average length of m packets, m  1. Thus,
the message (request) generation rate is r, and the
traffic (packet) rate is r ′ = m ¹ r.
3) A copy of the rejected request is resubmitted after t
time slots, where t is a multiple of the frame duration,
K. Note that our previous study in [14] has shown
that normalized service time [31] is minimized when K
is around 3 to 5. Hence, we will focus on the results
obtained with a small K.
4) The destination of each message is randomly chosen
among all the processors.
We will elaborate on these assumption as we go along.

4.2 Probability Analysis
In this section, we study the probability that a requested
connection can be established using either PM or LM when
the network is in a steady-state. This probability will then
be used to calculate LB. We consider an N  N torus in
which each switch has four pairs of external links, and the
average length of a connection in terms of number of hops
is about N/2.
We will first consider the case in which there is no timemultiplexing. In order to facilitate our analysis, we assume
that the traffic is evenly distributed in the network. Hence,
the traffic at all switches is statistically identical. Moreover,
at each switch, the traffic on the input (or output) links is
also statistically identical.
We will use the model illustrated in Fig. 8 to study the
steady-state behavior of the network. We denote by u the
probability that a given time slot on any external link is
occupied by a connection. In addition, we denote by v the
probability that a given time slot on the internal link from a
PE to its switch is occupied by a connection (originating
from PE). Then, the probability that a given time slot on the
other internal link (from the switch to the PE) is occupied
by a connection (destined to PE) is also v.
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and there are 4N2 links in a torus, the probability that a
given link is occupied is u = vN2 H/4N2. That is,
u = vH/4

(4)

Alternatively, the above relationship between u and v can be
derived by treating u and v as some fraction of a connection
carried on an external input link and an internal output link,
respectively. Since the probability that a given connection
will terminate at any switch is 1/H, we have v = 4u/H.
We will use the notation P[H, K] (the success probability)
or P [ H , K ] (the failure probability which equals 1 − P[H, K])
to denote the probability that a given connection can or cannot be established between a source and a destination
which is H hops away when the multiplexing degree is K.
In a trivial case where K = 1 (which is equivalent to having
no time-multiplexing), the LM and the proposed PM approach are not different and will result in the same P[H, 1].
More specifically, since a connection can be established
only if all the H external links along the path are available,
we have
PLM[H, 1] = PPM[H, 1] = (1 − u)

H

(5)

When the multiplexing degree K > 1, PM and LM approaches will result in different success probabilities. Consider first the case in which PM is used. We may begin with
the probability that none of the K time slots is available on
all the H links. Based on (5), this probability is

d

PPM H , K = 1 - PPM H , 1

H K

K

i = e1 - a1 - uf j

Since a connection can be established as long as there is
one out of K time slots such that the same time slot is available along all the H links, we have

e a

PPM H , K = 1 - PPM H , K = 1 - 1 - 1 - u

H K

fj

(6)

We now consider the case in which LM is used. For a
given link, the probability that none of the K time slots is
K
available is u , thus the probability that at least one time
K
slot is available on that given link is 1 − u . Since a connection can be established as long as on each of the H links
along the path, one of the K time slots is available, we have
K H

PLM[H, K] = (1 − u )

(7)

To simplify our analysis, we assume that the effective
packet generation rate r ′ is independent of time. Since P
(which is either PPM or PLM) is the success probability, and v
is the probability that a connection originating from a PE is
established, we have
v = r′ ¹ P

(8)

Since P is a function of u (see (6) or (7)), which in turn is
related to v, we can combine (4) with (6) to get the following equation for PM,
H K

Fig. 8. A switch in a steady-state torus network.

Let H be the average length of a connection (in terms of
number of hops). Since the total number of established
connections is vN2, each occupying an average of H links,

r′ ¹ [1 − (1 − (1 − u) ) ] − 4u/H = 0

(9)

Similarly, by combining (4) with (7), we get the following
equation for LM,
K H

r ′ ¹ {(1 − u ) − 4u/H = 0

(10)

Given H, K, and r ′, we can solve (9) iteratively, using the
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Secant method for example, to obtain the steady-state value
of u for PM. Similarly, we can obtain the steady-state value
of u for LM by solving (10).
In Fig. 9, we plot the solutions to (9) and (10) for specific
H, K, and r ′. As expected, the value of u increases with r ′.
The fact that for a given r ′, the value of u increases with K is
consistent with previous results which show that, in general, multiplexing can improve both bandwidth utilization
and network throughput [14], [15], [16]. Our results have
also shown that for a given r ′ and K, u decreases with H.
This is due to the fact that a longer path has a smaller
chance of being established successfully.

approaches. If a request is satisfied the first time it is submitted, which occurs with probability P, the first packet can
be sent after K/2 time slots on average. If t is the resubmission interval after each failure, then the connection will experience a latency (due to blocking) of (t + K/2) time slots
with probability P(1 − P), and a latency of (2t + K/2) time
slots with probability P(1 − P)2, and so on. Therefore,

a

fb

g a
= P ¥ Â a1 - Pf bi ¥ t + K / 2g

LB = P ◊ K / 2 + P 1 - P t + K / 2 + P 1 - P
•

f b 2t + K / 2 g + L
2

i

(11)

i=0

which results in
LB = K / 2 +

a

t◊ 1- P
P

f

(12)

Therefore, we may calculate the blocking time LB(PM)
and LB(LM) by substituting PPM and PLM for P in the above
equation. As a result, we can determine the communication
latency L(PM) and L(LM) according to (1) and (2), respectively, as follows:

a f

L PM = K / 2 +

a f

L LM = K / 2 +

Fig. 9. Steady-state link occupancy probability u when H = 8.

After we obtain u, the success probability P can be obtained using (6) and (7) for PM and LM, respectively. Fig. 10
shows the steady-state success probability when r ′ = 0.2,
which, similar to u, increases with K and decreases with H.

c

c

t ◊ 1 - PPM H , K
PPM H , K

t ◊ 1 - PLM H , K
PLM H , K

h

h + K ◊ aH - 1f

(13)

Finally, we can determine the improvement ratio I according to (3).
Assuming that r ′ = 1.0, K = 4, and t = 4 and 8, respectively, Table 1 shows some of the results obtained through
the above probability analysis. From Table 1, one can see
that in all cases, PM results in reduced communication latency when compared to LM. Note that since a larger t
means a larger penalty for PM, the improvement ratio decreases with t. In addition, since the success probability of
both PM and LM decreases with H exponentially, and the
switching latency of LM alone increases with H linearly, H
can affect the improvement ratios in both positive and
negative ways. Our studies have found that in almost all
the cases, I decreases with H as the negative effect dominates. These results are verified by our simulations, as will
be discussed in the next subsection.

4.3 Simulation Study

Fig. 10. Analytic results of steady-state success probability when r  = 0.2.

Having obtained the success probability P for either PM
or LM, we can now determine the blocking time in the two

In order to keep the above analysis simple, we have assumed that the probability of establishing a connection
does not depend on the message length, nor on the message
buffer size. In addition, the analysis assumes a nodesymmetric network such as a torus. As a complementary
part of our comparative study, simulations have also been
conducted to evaluate the LM and PM approaches in a two
dimensional N  N mesh.
The simulation program is written in C using the libraries from the YACSIM [32]. Statistical measures on the circuit-establishment latency resulted from PM and LM are
collected with a confidence level no less than 90% and a
confidence interval no larger than 0.1. In addition, average
distances in hops between a source and a destination of all
the connections established are also collected. These are
used for the average values of H in (2), which, together with
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TABLE 1
ANALYTIC RESULTS OF CONNECTION LATENCY AND IMPROVEMENT RATIO
K=4
t=4
t=8
2
4
6
8
2
4
6
8
H
L(PM)
L(LM)
I

2.88
6.37
54.8%

7.80
16.75
53.4%

14.53
27.82
47.7%

22.64
39.12
42.1%

the multiplexing degree K, can be used to determine L(LM)
and therefore the improvement ratio I. For example, we have
simulated meshes with different sizes and found that the
average value of H in an N  N network is about 0.66N,
which is consistent with the analytical result obtained with
the following equation:
H =
=

1
N

4

2
N2

N

◊

N

N

N

ÂÂÂÂdi - k +

j-l

i

i =1 j =1 k =1 l =1
N N

◊

ÂÂci - k h

(14)

i =1 k =1

The simulation results presented in Figs. 11, 12, 13, 14,
and 15 are obtained by limiting the message rate r not to
exceed a certain point, beyond which the network will be
saturated as indicated by a steady or even a decreasing
network throughput. In practice, the actual traffic applied
to the network would (and should) not exceed the saturation point. Our simulation results have indicated that
within the range of parameter values we considered, the
PM approach will always result in lower communication
latency than the LM approach.
In Fig. 11, both improvement ratio I and communication
latency in PM, L(PM), are shown. These results are obtained
using the following parameter values: the network size 100
(N = 10); the multiplexing degree K = 4; resubmission interval t = 4 time slots; each message contains m = 2 packets
and each processor has a message buffer of size b = 2. Our
simulation results indicated that the network is near saturation when message rate r reaches 0.3. At this point, the
improvement ratio and communication latency in PM approach 60% and 13 time slots, respectively. At a low message rate (e.g., r = 0.02), the improvement ratio is almost
100%. This occurs because at a low message rate, L(PM) is

3.76
6.75
44.3%

13.60
19.51
30.2%

27.07
33.64
19.5%

43.29
48.25
10.3%

near 0 while L(LM) is dominated by the switching latency,
which is about 22 time slots. We also observe that the improvement ratio decreases with message rate. This is because, while the difference in the network propagation delay LN between PM and LM remains almost constant (e.g.,
22 time slots), the difference in the success probability between PM and LM increases with the network traffic load.
Hence, the difference in the blocking time LB between the
two approaches increases with the network traffic load.
In Fig. 12, the effect of the buffer size, b on both the improvement ratio and the communication latency in PM is
shown. It can be seen that in all cases, the improvement
ratio is above 50%, although for a given message rate, the
improvement ratio decreases with b. This is consistent with
the previous observation because a larger value of b translates into a heavier traffic load for the same message rate.

Fig. 12. Effect of buffer size b.

Fig. 11. Simulation results for different message rates.

Fig. 13 shows that although the improvement ratio
decreases with t, it is about 70% at r = 0.14 even for the
case t = 16. This is due to the fact that one-time failure probability in establishing a connection is higher in PM than in LM
(see (6) and (7)) and, thus, a larger t penalizes PM more than
LM. Put differently, a larger t magnifies the disadvantage of
PM relative to LM when establishing a connection (see (12)).
Fig. 14 shows that the improvement ratio increases with K.
When K = 1, L(PM) is the same as L(LM), resulting in I = 0
(the horizontal line). Our simulation results have indicated
that the network can tolerate a heavier traffic load with a
larger K. In this regard, a larger K helps PM as much as LM in
reducing the blocking time LB. However, a larger K means a
larger switching latency and hence a larger communication
latency in LM. The result is a larger improvement ratio I.
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Fig. 13. Effect of resubmission interval t.

Fig. 14. Effect of multiplexing degree K.

In order to investigate the effect of network size independently of the effect of traffic load, we compare L(PM)
and L(LM) when the per-link load is the same for different
values of N. One way to fix the per-link load is to use an r
so that the average number of messages generated in a
network is R ¹ N for some R. Specifically, because each message travels an average distance on the order of N from its
source to its destination, and the number of links in the
network is of order N2, then per link load is fixed if the total
number of messages in the network is proportional to N.
Note that, since there are N2 PEs, each PE will generate a
request with probability r = RN/N2, or r = R/N.
Our simulation results have indicated that although the
absolute value of the communication latency in both PM
and LM increases with N2, their difference also increases
due to the increase in the average distance between a
source and a destination H, which is linear in N. Therefore,
as can be seen from Fig. 15, with a given value of R, the improvement ratio in networks of different sizes is about the
same. It is worth noting that because of the finite buffer size

2

Fig. 15. Effect of network size (I versus log N ).

b, having the same R in networks of different sizes can not
guarantee that the actual load is also the same.
Finally, in order to investigate the effect of message length
m independently of the traffic load, we obtain the improvement ratio resulted from the same r′ but with different m and
r. In addition, we have set the buffer size b so that the same
number of packets (instead of messages) can be buffered. As
can be seen from the results shown in Fig. 16, the improvement ratio increases slightly with m. This is because a larger
m means that each connection is kept longer and a fewer
connections need to be established to transfer the same number of packets. As a result, the negative effect of the blocking
time of PM on the overall communication latency decreases.
Therefore, PM gains more advantages over LM as m, which
is proportional to the temporal locality in the communication,
increases. Note that if the message size is large, then the message transmission time may dominate the communication
time (see Section 4), making the reduction in the communication latency achieved in PM less important. However, in
distributed shared-memory systems, message transfers are
triggered by memory references, and the message size is
usually small. In addition, since software latency in these
message transfers is low, reducing hardware latency such as
LB and LN via the use of PM becomes important.
To summarize, our comparative study has shown that PM
is effective in reducing the communication latency in a wide
range of practical situations. More specifically, as long as a
network is not saturated with heavy traffic, an improvement
ratio of at least 10% can be obtained. In particular, the improvement ratio increases with multiplexing degree and the
temporal locality of communications (which is proportional
to the message length), and scales with the network size. We
note that in our simulations, uniform message routing (i.e.,
random destinations) is assumed. In many applications, spatial locality exists in communication patterns. For example, a
processor may send a message to the processors within certain distance (i.e., number of hops) with a higher probability
than to the other processors [33]. The effect of such nonuniform message routing on the latency reduction achievable in
PM needs to be investigated further.
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