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Abstract—The load-balanced Birkhoff-von Neumann switching
architecture consists of two stages: a load balancer and a deterministic input-queued crossbar switch. The advantages of
this architecture are its simplicity and scalability, while its main
drawback is the possible out-of-sequence reception of packets
belonging to the same flow. Several solutions have been proposed
to overcome this problem; among the most promising are the
Uniform Frame Spreading (UFS) and the Full Ordered Frames
First (FOFF) algorithms. In this paper, we present a new algorithm called Padded Frames (PF), which eliminates the packet
reordering problem, achieves 100% throughput, and improves the
delay performance of previously known algorithms.

Fig. 1. Basic load-balanced architecture.

Index Terms—Birkhoff-von Neumann switch, load-balanced
switch, scheduling.

I. INTRODUCTION
HE continued explosive growth of the Internet fuels
research in the problem of designing scalable, fast
switching architectures. The change from output-queued
switches to input-queued switches reduced the speedup of
to 1, where
is the number
the switching fabric from
of input ports. The solution to the Head-of-Line Blocking
problem through the introduction of virtual output queues
(VOQs) made it possible to achieve 100% throughput with
input-queued switches, using queue-length based algorithms to
resolve contention among cells [1], [2]. The Maximum Weight
Matching Algorithm can find a solution to this problem but,
[3], which
unfortunately, has a complexity of
makes it difficult to implement in practice. Several heuristics
have been proposed to lower the complexity to
with Maximal Matching [4] at the cost of increased speedup in
with randomized algorithms at
the switch fabric, or
the cost of increasing cell delay significantly [5], [6]. Another
possible solution is to trade off a lower complexity with a
greater delay by using a frame-based matching algorithm [7],
[8], which runs only periodically once every few time slots.
An entirely different approach is the load-balanced
Birkhoff-von Neumann algorithm (see Fig. 1), first introduced by Chang et al. in [9] and [10], which is implemented
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using a two-stage architecture. The first stage is a load balancer,
which spreads the input traffic uniformly among the intermediate VOQs. The second stage is a deterministic input-queued
crossbar switch. Both stages execute the same sequence of
configurations, such that every input and every intermediate
queue is served deterministically
th of the time. It has
been proved that this switch can provide 100% throughput
under a broad class of traffic patterns. The main drawback is
that, due to the existence of
parallel paths from each input
to each output , it is possible for packets belonging to the
same flow
to get out of order. To avoid having to reorder
the packets at the output, several modifications to the basic
load-balanced architecture have been proposed. See Section III
for an overview of these algorithms.
The contribution of this paper is threefold. First, we present
a new approach to solve the reordering problem in a load-balanced switch. Our new algorithm is called Padded Frames (PF).
Second, we compare the performance of PF with two of the
most promising algorithms for this architecture, Uniform Frame
Spreading (UFS) and Full Ordered Frames First (FOFF), which
were first proposed by Keslassy et al. [11]. Third, we compare the performance of PF against algorithms for other architectures, specifically the ideal output-queued switch and iSLIP
(which is designed for input-queued switches).
The rest of the paper is organized as follows. Section II
describes the load-balanced switching architecture. Section III
presents a brief overview of existing algorithms and their
advantages and disadvantages. Section IV describes the Padded
Frames algorithm. In Section IV-A we prove that our algorithm
is stable under any admissible traffic pattern. In Section V
we propose a modification to the original PF algorithm which
enhances its performance, and in Section V-A we prove that
it is stable. Section VI presents some simulations that confirm
the analysis, and shows the performance improvement of
Padded Frames with respect to existing algorithms. Section VII
contains some comments about the implementation complexity
of PF. Finally, Section VIII provides concluding remarks and
presents some future research directions.
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II. LOAD-BALANCED SWITCH ARCHITECTURE
In this section, we present a brief overview of the load-balanced architecture to help the reader understand the PF algorithm to be presented later. A load-balanced switch is formed
switching stages, and a set of
by two identical
FIFO buffers at the input side of the second switching stage.
We refer to the inputs at the second stage as intermediate inputs. At every intermediate input we have buffers, called virtual output queues (VOQ), one per output. Each switching stage
goes through the same predetermined cyclic shift configuration,
so that every input is connected to each intermediate input (and
every intermediate input is connected to each output) exactly
th of the time. A possible way to do so is to connect input
(intermediate input) , at time , to intermediate input (output)
, if we index inputs, intermediate inputs
and outputs from 1 to .
To understand how a load-balanced switch works, it may be
helpful to follow the path of a packet arriving at input and directed to output . If it is assumed that only one packet arrives
in one time slot at each input port, then no queues are needed
at the inputs of the load-balanced switch. Indeed, immediately
after its arrival, the packet is placed in some intermediate input
, depending on the time of its arrival, as described in the previous paragraph. More precisely, a packet directed to output is
stored in the th VOQ of the th intermediate input. Then, some
time later, depending on the occupancy of the queue, the packet
will be transferred through the second stage, from intermediate
input to its final destination , where it will be transmitted on
the output link.
In [9] it was proved that a load-balanced Birkhoff-von Neumann switch can provide 100% throughput for a wide class
of arrival traffic scenarios, including Bernoulli i.i.d. traffic,
on-off Markov bursty traffic, and Fractional Gaussian Noise
traffic [12]. The fact that a completely deterministic switch can
adapt to a stochastic arrival process may seem counterintuitive.
However, this can be intuitively explained as follows. Consider
crossbar switch.
a traditional single stage, input queued,
If every input VOQ is served exactly one time slot every ,
with a cyclic deterministic sequence as described above, then
such a switch can achieve 100% throughput if the input traffic
is uniform Bernoulli i.i.d. Note that nothing can be guaranteed
if the traffic is not uniform. If we consider again the two-stage
switch, it is now easy to see that, even if the input arrival
process is not uniform, the input traffic seen by the second stage
is uniform enough to be sustainable by the switch, because the
packets have been spreaded uniformly over the intermediate
input by the load balancer.
Since the load-balanced switch is completely deterministic,
it does not require any centralized scheduler to choose which
input to serve. Due to the absence of a scheduling algorithm,
its complexity is not dependent on the number of inputs, i.e.,
. Hence, this architecture is suitable for the design of
it is
scalable, high performance switches.
However, the low complexity of the load-balanced switch
comes at a cost. The main drawback of this architecture is that
packets from a flow can get reordered within the switch. Indeed,
parallel paths for every input-output
due to the presence of
pair, two packets belonging to the same input-output flow will
be generally stored in two different intermediate input queues.

Fig. 2. Example of packet reordering in a load-balanced switch. The state of
the intermediate input queues is presented at the end of time slot 2.

Note that the VOQ in which they are placed depends only on
their destination, but not on their input port. Hence, different
inputs may send packets to the same intermediate queue. It follows that there is no guarantee that two different intermediate
VOQs associated to the same output have the same length.
The simple example of Fig. 2, adapted from [13], can be
helpful to illustrate the reordering phenomenon. Let us consider
a 3 3 load-balanced switch. Assume that the traffic pattern is
as follows. At time 0 input 1 receives a packet directed to output
1 which is immediately sent to intermediate input 1. At times 1
and 2 input 3 receives two packets directed to output 1 that are
sent to intermediate inputs 1 and 2 respectively. Since the packet
that arrived later finds a shorter queue, it will be transferred earlier through the second stage, and the packet flow is reordered.
It would be natural to think about putting the packets in a
resequencing buffer placed at the output of the switch, before
sending them on the output link. However, consider the fact that
the length of this resequencing buffer depends on the maximum
amount of reordering suffered by the packets, which depends
on the maximum difference between the lengths of the intermediate VOQs. Now, it can be easily seen that this length difference cannot be bounded. Imagine repeating the example over
a long period of time. In this case the length of the first queue
tends to diverge, and so does the amount of reordering. Since the
amount of reordering in a simple load-balanced switch cannot
be bounded, it is not feasible to simply solve the problem a posteriori. Hence, it is necessary to introduce some algorithm to
solve the problem. The Section III presents a brief overview of
solutions that have been proposed so far.
III. EXISTING ALGORITHMS
To overcome the packet reordering problem in a load-balanced switch, without losing its simplicity and scalability, several solutions have been proposed. In this section we briefly review them.
A. First Come First Served
With the First Come First Served (FCFS) algorithm [10],
packets are stored in the intermediate inputs according to both
their arrival times and their flows. The intermediate inputs act as
jitter control buffers, and ensure that the packets arrive in order
at the output, so that no resequencing buffer is needed at the
switch output. The main advantage of FCFS is that its computational complexity is independent of the switch size. However, it
requires the intermediate buffers to have a speedup equal to ,
so its implementation may be quite hard.
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B. Earliest Deadline First
The Earliest Deadline First (EDF) algorithm [10], [14] assigns to every packet a target departure time, i.e., the time in
which the packet should leave an ideal output-buffered switch.
Then, packets are scheduled not according to their arrival time
(as with FCFS), but according to their time stamp. Because EDF
needs to pick up the packet with the minimum target departure
time among all the stored packets, it is difficult to implement in
a high performance switch.
C. Full Frames First
The Full Frames First (FFF) algorithm [15] is an attempt to
simplify EDF by eliminating the resequencing buffer. To do so,
no time stamp is calculated, but, to maintain order, packets are
stored at the intermediate inputs according to their input-output
pair. As a consequence, the intermediate buffer becomes much
more complex, since 3-D queues are needed.
D. Application Flow-Based Routing
The idea of the Application Flow-Based Routing (AFBR) algorithm [13] is that reordering is harmful to network performance only if it occurs among packets belonging to the same
application flow. So, AFBR hashes the header field of every
packet (source and destination IP addresses and protocol identification) to get a value from 1 to . Then, this hash value is
used to determine to which intermediate input the packet will be
sent. Since all packets belonging to the same application flow
take the same path through the switch, reordering among them
is avoided. The main drawback of AFBR is that it performs well
only if the traffic pattern is made up of several, and small, applications flows. Otherwise, no throughput guarantee can be given.
E. Uniform Frame Spreading
The Uniform Frame Spreading (UFS) algorithm [13] prevents
reordering by adopting a frame-based approach. At every input
VOQs, one per each output, where packets are
UFS needs
buffered. Then, an input is serviced only when it has at least
packets (i.e., a frame) waiting in the queue. Every packet of
the frame will be placed in a different intermediate input, from
1 to . The second stage works exactly the same as in a basic
load-balanced switch.
It is easy to see that with UFS all the intermediate inputs
have the same length. Thus, no reordering occurs in the switch,
because every packet suffers the same queuing delay independently of the path it takes from its input to the output. Moreover,
it has been proved in [13] that UFS achieves 100% throughput
under any admissible traffic pattern.
The main disadvantage of the UFS algorithm is that packets
may experience a long delay. Since an incomplete frame is not
allowed to be scheduled, waiting for the frame to get full could
lead to a significant delay, or even starvation of the less loaded
flows traversing the switch.
F. Full Ordered Frames First
The Full Ordered Frames First (FOFF) algorithm [11], [13]
allows a certain amount of reordering in order to reduce the
delay suffered by packets. As in the case of UFS, FOFF requires
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VOQs at every input, to store packets acthe presence of
cording to their output. FOFF will serve full frames whenever
it is possible, but when no full frames are available, FOFF will
serve the other queues in a round-robin order. Also in this case,
the second stage works exactly the same as in a basic load-balanced switch.
Note that if there is always a full frame to schedule, FOFF is
exactly the same as UFS, and there is no reordering. Reordering
takes place only when an incomplete frame is served. However,
it has been proved [13] that with FOFF the amount of reordering
is always bounded. Hence, reordered packets can be ordered
correctly by a finite buffer placed at the output of the switch.
As in UFS, under FOFF packets leave the switch in order.
Moreover, FOFF guarantees 100% throughput for any admissible input traffic scenario. Finally, since flows can be served
even if they do not have full frames in queue, the delay suffered
by packets with FOFF, at lower loads, is less than the delay with
UFS. In this paper we will study both UFS and FOFF using simulations and compare them to the PF algorithm that we propose
here. See Section VI for the details.
IV. PADDED FRAMES ALGORITHM
Padded Frames is a frame-based scheduling algorithm for
load-balanced switching architectures. We use the term frame
to refer to either a set of packets, or to a set of time slots,
is the size of the switch, i.e., the number of input
where
and output ports in the switch. Every input of the first stage is
equipped with VOQs. An arriving packet to input directed
. PF prevents packet reordering
to output is placed in
by assuring that all the intermediate input queues have the same
time slots PF schedules for
length. In order to do so, every
service with higher priority those input queues which have a
full frame, choosing among them in round-robin order. If there
is always a full frame to be transferred at each input port, PF
behaves exactly as the UFS algorithm. When no full frames can
be found at an input port, then PF chooses the largest nonempty
queue from the VOQs at the input. As in the FOFF algorithm,
serving the VOQs which do not have a complete frame, albeit
at a lower priority, avoids long delays if the load is low, or starvation of smaller flows.
The distinctive feature of our algorithm is that, in order to
deliver packets in sequence to the outputs, if it is necessary to
; then PF will
transfer an incomplete frame of length
fake packets to obtain a padded frame. Sending
insert
such fake packets could eventually lead to an increase in the
arrival rate to the intermediate inputs, and therefore produce instability. One of the contributions of this paper is to show that
if the amount of padding is controlled, then this does not result
in either instability or throughput loss.
To achieve this, we regulate the amount of padding present
in the intermediate inputs with the use of a threshold : we
schedule a padded frame destined to output only if the length
of the intermediate input VOQs for output is less than . The
idea is that the lengths of the queues are a form of congestion indication. Indeed, if the intermediate queues are long, then transferring fake packets could result in a throughput loss. On the
other hand, if the intermediate queues are short, then the fake
packets do not adversely impact switch stability. The intuitive
reason for the stability of PF is that padding is necessary only at
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light loads, so it does not result in a throughput reduction. Conversely, at heavy load, the probability of having a full frame is
high; hence padding is not needed nor desired.
From an architectural point of view, since PF prevents packet
reordering, it does not require an output buffer to resequence the
packets.
As in the load-balanced Birkhoff-von Neumann switch, in PF
each of the two switching stages goes through the same predetermined cyclic shift configuration. The chosen configuration
in our algorithm will assure that every input will send packets
starting from intermediate input 1 all the way through intermediate input in an increasing order, and that every output will
serve intermediate inputs in the same order.
Scheduling proceeds according to the following steps.
1) An arriving packet to input directed to output is
.
placed in input
2) Each of the two switching stages of the load-balanced
switch goes through the following predetermined cyclic
shift configuration: at time , input is connected to inand intermediate
termediate input
is connected to output .
input
time slots, the algorithm
3) At every input, and every
will search in round-robin order among the input VOQs
that have at least packets (one full frame).
4) If there exists no such input VOQ, the algorithm searches
among the nonempty queues looking for the largest one.
Without loss of generality, consider only input . Asis the largest queue. Let
sume that input
be the length of the th VOQ of intermediate input 1,
and let be an integer parameter. Then perform the fol, then schedule input
to
lowing test. If
.
be served. Else, do not serve input
5) When spreading packets from an input to the intermediate inputs, always start sending packets to intermediate input 1, and then continue serving intermediate inputs in an increasing order until intermediate input is
reached. When serving an input VOQ that was scheduled in step 4), if there is no packet to send, send a fake
packet to the intermediate inputs. Otherwise, send the
stored packets.
6) In the second stage, PF uses VOQs per intermediate
input (one per each output), and behaves exactly like the
basic load-balanced switch: when intermediate input
is connected to output , intermediate input
will be served.
To help clarify the algorithm, please refer to Appendix A for
a pseudocode description of it.
Before concluding this section, we make a few comments
, then
on the PF algorithm. First, notice that if we set
we are back to the UFS algorithm. Thus, PF is a generalization of UFS. Second, notice that when we are performing the
test on the queue length to limit the number of padded frames
in the intermediate input, we only have to look at the number
of packets in intermediate input 1. Since packets are uniformly
spread on all the intermediate inputs, and either 0 or (real
or fake) packets are transferred, all the intermediate inputs have
the same length. This information can be very useful in reducing
the amount of information exchanged by the line cards. Finally,
a comment on step 5). Suppose that a packet directed to output
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arrives at input , exactly when the input is serving
.
is strictly less than
Suppose that the length of the input
, so that padding is necessary. Then, in this case, packet
can be used to preempt the fake packet which was scheduled to
be transfered. Generally, this means that fake packets could be
intertwined among real packets, thus improving the efficiency
of the switch.
A. Stability
As is the case in AFBR, FFF, UFS, and FOFF, for simplicity
we assume that all incoming packets are segmented into fixedsize cells, which we will simply call packets, and then reassembled at the output before leaving the switch. We also assume
that there is at most one arrival per time slot at each input, and
arrivals occur first in a time slot before departures.
We will prove that our algorithm achieves 100% throughput
by comparing the load-balanced switch using the PF algorithm
with the ideal output-queued switch.
The following lemma, proved in [16], will be useful in our
proof.
Lemma 1: Consider a work-conserving server, and let
and
respectively denote its cumulative number of arrivals
and services until time . Assume that its service capacity is one
packet per time slot. Then for all

Theorem 1: The PF algorithm has the same throughput, i.e.,
the same average number of packets served per time slot, as an
ideal output-queued switch irrespective of the arrival process.
Proof: Without loss of generality, consider only output
and suppose that at time
there are no packets in the queues.
Define the following variables:
: cumulative number of packet arrivals up to time
•
at the inputs of the load-balanced switch destined to output
.
: cumulative number of packet arrivals up to time
•
at the intermediate inputs of the load-balanced switch
destined to output .
: cumulative number of packet departures up to time
•
of the load-balanced switch at output .
: cumulative number of packet departures up to
•
time of a work-conserving server of unit capacity with
.
arrivals given by
•
: cumulative number of packet departures up to
time at output of an output-queued switch with arrivals
.
given by
: queue length at the inputs of the load-balanced
•
switch for packets destined to output .
: queue length at the intermediate inputs of the load•
balanced switch for packets destined to output .
Since the cumulative number of departures is always less than
or equal to the cumulative number of arrivals, it is easy to see
that
(1)
Observe that at any input, from the time instant the last packet
in a full frame arrives until the next time the VOQ is considered
time slots. It is also
for scheduling, there can be at most
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important to notice that at every time slot, only one input can
send a packet to the first intermediate input, so the maximum
can experience from the instant it is scheduled to
delay a
time slots.
be served until it actually gets service is
We will now show that the queue length at the inputs is
packets
bounded. Note that there can be at most
in any input without having a full frame. Also, the presence
of a full frame ensures that the input will start serving packets
,
(with a delay bounded by
as explained in the previous paragraph); thus, at any time
instant the maximum number of packets in any input is
(after service) and this
number cannot increase any further since we assume that there
is at most one arrival per time slot at each input. Hence, all
packets
inputs have at most
destined to output . Thus

and since an output-queued switch can be modeled as a workconserving server with unit capacity we have

Thus for (3) we have
(6)
The only way to get to state (4) is through (3), where (5)
holds for the first time slot when the new state is reached. After
that, the switch cannot generate fake packets any longer; it only
serves the remaining ones on the queues, which can be at most
. Thus the difference in service between our
algorithm and the work-conserving server can only increase up
packets. Therefore, for any time such that
to
(4) holds, and using Lemma 1 and (2), we have

(2)
Now, let us analyze the second switching stage. We will show
the difference between cuthat if arrivals are given by
mulative departures in an ideal work-conserving server and the
second stage can be bounded; this, in conjuction with (2), will
allow us to bound the difference in service between the loadbalanced switch implementing PF and the ideal output-queued
.
switch when arrivals are given by
Since we always uniformly send packets to the intermediate
inputs, by the pigeonhole principle if the intermediate input
one can only schedule
queue size is greater than or equal to
or more packets destined to
full frames. Thus, if there are
output at the intermediate inputs, then the PF algorithm can
only schedule real packets to the intermediate stages. Further, if
the number of packets destined to output is less than or equal
, then each input can send packets (whether fake or
to
real) over the next time slots to the intermediate stage. This
means that when

Thus
(7)
From (6) and (7), since the number of packets served by
PF is within a constant of the number of packets served by
an ideal output-queued switch, it follows that PF has the same
throughput of the output-queued switch, irrespective of the arrival process.
V. IMPROVEMENTS TO PF

the load-balanced switch will only send full frames to the intermediate inputs.
At any time the load-balanced switch can only be in either
of the following two states:
(3)
(4)
For a time such that (3) holds we have the following:

Hence, from (1), Lemma 1, and (2) we have

(5)

Although the original algorithm is stable as proved in
Section IV-A, it can be further improved. Recall that when
fake packets are being sent, they have to be processed at the
intermediate inputs as real packets, and discarded only when
they arrive at the outputs. The time slots consumed serving fake
packets lead to an increase in the average delay of the switch,
so it is beneficial to further control the maximum amount of
fake packets that are generated.
A first idea is to keep track of the number of fake packets
in the intermediate inputs, and when they reach a threshold
the algorithm is only allowed to send full frames. The problem
with this approach is that the counter which keeps track of fake
times every time slot, once
packets has to be updated up to
when a fake packet is being sent to the intermediate inputs and
once when the packet is discarded at the outputs. Further, this
approach is not convenient under high load, when it is extremely
important to minimize any additional processing due to fake
packets.
This concern lead us to consider a different approach: keeping
track of the number of padded frames at the intermediate inputs
counters, one
destined for every output. Now there will be
per output, and they will only need to be updated every time
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slots, either during scheduling or at the end of serving a padded
frame at the output. Additionally, since the number of padded
frames, rather than fake packets, is being upper-bounded, under
heavy load the number of fake packets in the intermediate inputs
is reduced, because the probability of serving a padded frame
with a large number of fake packets decreases.
The idea is that we should only schedule a padded frame destined to output if the length of the intermediate input VOQs
for output is less than and if the number of padded frames in
intermediate inputs that need to be sent to output is less than
the threshold . Recall that the parameter in the original algorithm was used to guarantee stability, whereas is used here
to improve packet delay under light load. In Sections VI and VII
we will empirically study the tradeoff in both parameters.
This reasoning leads us to the following modifications to the
original algorithm. The improved algorithm will now be called
PF+.
• Modify step 4) as follows. Assume that at input input
was scheduled to be served. Let
be a counter
that keeps track of the number of padded frames in the intermediate inputs destined to output . Let be an integer
and be defined as in the original
parameter, and let
and if
. If
PF algorithm. Then check if
.
so, then keep the schedule, and update
.
Else, do not schedule input
• Modify step 5) as follows. When serving an input VOQ that
was scheduled in step 4), if there is no packet to send, send
a fake packet to the intermediate inputs. Otherwise, send
the stored packets. During the service time if packets arrive
to the input VOQ in such a way that it is not necessary to
.
send fake packets, update counter
• Add a new step after step 6): At output , once it completely receives a padded frame from the intermediate in.
puts, update
To help clarify the algorithm, please refer to Appendix B for
a pseudocode description of the changes done to PF in PF+.
or
, then the PF+ algoNotice that if either
rithm reduces to the UFS algorithm, since no padding is allowed.
Hence, PF+ is a generalization of UFS.
A. Stability of PF+
In PF+ we are adding one more constraint to send padded
frames, so the number of padded frames sent can only decrease
with respect to PF. With that in mind, we state the following
theorem.
Theorem 2: The PF+ algorithm has the same throughput (i.e.,
the same average number of packets served per time slot) as an
ideal output-queued switch irrespective of the arrival process.
Proof: The proof follows from the proof for Theorem 1.
The only difference is that since now we have one more conto schedule padded frames the number of fake
straint
packets generated decreases, which in turn means that the
difference between the number of packets served by PF+ and
the ideal output-queued switch is smaller than the difference in
case PF would have been used.
In this case the maximum amount of fake packets in the intermediate inputs can be at most
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For a time such that the switch is in state (3), the result still is
the same as in Theorem 1
(8)
And for a time such that the switch is in state (4), using (2) and
Lemma 1, we have the following:

Thus
(9)
From (8) and (9), since the number of packets served by
PF+ is within a constant of the number of packets served by
an ideal output-queued switch, it follows that PF+ has the same
throughput as that of the output-queued switch, irrespective of
the arrival process.
VI. SIMULATIONS
In our simulations, we use a Bernoulli traffic model, where the
has random
matrix of arrival rates at input for output
entries subject to

The parameter indicates the load on the switch and will be
varied to study the performance of the switch at various loads.
The unit of time for all simulations is one time slot. All our simulations have been run for 200 000 time slots. Each figure presented is the average of 30 randomly generated runs, where the
error bars show the 95% confidence intervals. Our simulations
showed that in the case of PF+, the average delay for low load is
or
determined by the most stringent parameter, whether it is
: once either threshold is reached the algorithm starts sending
only full frames, no matter the state of the other threshold. However, under high load the probability of having high queue sizes
at the intermediate inputs increases; thus, the parameter is the
one that affects the performance of the algorithm in this region.
is not that important, since full frames become
In this case
more likely. Besides, under heavy load it is undesirable to send
fake packets, since they increase the average packet delay of the
switch, so acts as a controller that avoids this undesirable effect for heavy traffic loads. As an illustration, in Figs. 3 and 4 we
show the performance of PF+ compared with the performance
of using only or . It can be seen that PF+ behaves better
than PF which uses only the parameter.
Since UFS and FOFF seem to be the most promising algorithms to avoid resequencing in load-balanced switches, we
compared PF and PF+ to these two algorithms.
In Figs. 5 and 6 we compare both PF and PF+ against UFS.
As can be seen, the improvement under low load is quite significant. This is because UFS can only send packets when there is
a full frame, while in our case we can send padded frames. In
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Fig. 3. Performance of PF+ for a 20
dent Bernoulli arrivals.

Fig. 4. Performance of PF+ for a 50
dent Bernoulli arrivals.
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2 20 switch under nonuniform indepen-

2 50 switch under nonuniform indepen-

Figs. 7 and 8 we compare our algorithms with FOFF. Still our
algorithms show a significantly better performance. See Tables I
and II for a quantitative comparison. It can be seen in the tables
and
that the improvement can be as high as 49.05% for
using PF+.
45.70% for
While programming the FOFF algorithm for our simulations
we found out that if a crossbar model is used for the two
switching stages, as opposed to the mesh model proposed in
[13], one can no longer use FIFO queues for the input buffering
in the FOFF. In fact, we noticed that when using a FIFO queue,
the throughput of the algorithm seems to be limited to around
2/3 of the maximum possible throughput of the switch. The
intuition behind this is that since FOFF keeps track of the last
intermediate input the flow from input to output sent a
packet, it can only start sending packets once the crossbar is in
the right configuration. Due to this, it is possible to come up
with an adversarial traffic pattern that will make the algorithm
time slots before it can start sending
always wait for up to
packets for the VOQ that is in service, even if you are sending
full frames only. This would make the queues at the inputs to
grow unbounded.

Fig. 5. Average delay comparison against UFS for a 20
nonuniform independent Bernoulli arrivals.

Fig. 6. Average delay comparison against UFS for a 50
nonuniform independent Bernoulli arrivals.

Fig. 7. Average delay comparison against FOFF for a 20
nonuniform independent Bernoulli arrivals.

2 20 switch under

2 50 switch under

2 20 switch under

As suggested to us by one of the developers of the FOFF
algorithm (Isaac Keslassy), this problem can be solved by using
random access memory (RAM)-based queues both at the input
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Fig. 8. Average delay comparison against FOFF for a 50
nonuniform independent Bernoulli arrivals.

2 50 switch under

Fig. 9. Average delay comparison against FOFF-LQ for a 20
nonuniform independent Bernoulli arrivals.
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2 20 switch under

TABLE I
IMPROVEMENT OF PF AND PF+ COMPARED TO FOFF FOR
NONUNIFORM INDEPENDENT BERNOULLI ARRIVALS

N = 20 UNDER

Fig. 10. Average delay comparison against FOFF-LQ for a 50
under nonuniform independent Bernoulli arrivals.
TABLE II
IMPROVEMENT OF PF AND PF+ COMPARED TO FOFF FOR
UNDER NONUNIFORM INDEPENDENT BERNOULLI ARRIVALS

N = 50

and output. To be fair, we included this modification to FOFF in
our simulations. It is important to note that our simulations were

2 50 switch

not run using the mesh model for the two switching stages of
the load-balanced switch, since we only focused on the crossbar
model.
Additionally, we explore the question whether FOFF’s performance can be improved dramatically compared to PF+ by
choosing nonfull frames to serve using queue length information. Recall that PF+ selects the longest queue to serve when a
full frame is not available. Thus, it is possible that the performance of PF+ is primarily due to the longest queue first policy,
and not due to the use of padded frames. In Figs. 9 and 10 we
compare the performance of FOFF with longest queue first (that
we will call FOFF-LQ) against PF+. We see that PF+ continues
to perform better, indicating that the use of padded frames is
important to achieve good performance. In other words, eliminating the reordering buffer in FOFF is evidently critical to improve performance.
Finally, we compare the load-balanced switch with PF+
against another architecture for the input-queued switch and
the ideal output-queued switch. For the input-queued switch
we decided to compare our algorithm to iSLIP, which is known
to be easy to implement and has been successfully deployed
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Fig. 11. Average delay comparison against iSLIP for a 20
nonuniform independent Bernoulli arrivals.

Fig. 12. Average delay comparison against iSLIP for a 50
nonuniform independent Bernoulli arrivals.
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2 20 switch under

2 50 switch under

commercially. (For the convenience of the reader, we provide a
brief description of the iSLIP algorithm in Appendix C.) In [4]
it is proven that iSLIP converges in at most iterations, where
is the switch size, but it is stated that through simulations
they have found that usually the expected number of iterations
. For our
needed to converge is less than or equal to
simulations, we compare our algorithm against 1-SLIP, 2-SLIP,
and
.
and 5-SLIP in the case when
In Figs. 11 and 12, where we used nonuniform independent
Bernoulli arrivals, it can be observed that although in the lowload region PF+ performs poorly compared to both iSLIP and
the output-queued switch, in the high load region our algorithm
outperforms iSLIP, showing that our algorithm tends to be more
stable under high loads.
In [4] it is stated that a more realistic traffic model is one
with bursty arrivals. This is due to the fact that real network
traffic is highly correlated and packets tend to arrive in bursts,
corresponding to packetized files. So we decided to compare the
two algorithms, using the same bursty traffic model used in [4].
Packets are generated by an on–off arrival process modulated
by a two-state Markov chain such that at every input the source

Fig. 13. Average delay comparison against iSLIP for a 20
bursty arrivals.

Fig. 14. Average delay comparison against iSLIP for a 50
bursty arrivals.

2 20 switch under

2 50 switch under

generates a busy period of packets (with the same destination)
followed by a period of inactivity. The number of packets in
the busy and idle periods are geometrically distributed, and the
destination for a burst is uniformly distributed over all outputs.
In Figs. 13 and 14 we present the result of the simulations,
where the mean of the busy periods is 128 packets. Although not
shown here, we also run simulations with busy period means of
16, 32, and 64 packets. We were able to observe that the bigger
the bursts the closer PF+ approaches the output-queued average
delay, especially at higher loads. It should be noted that in high
loads PF+ still outperforms iSLIP, although not as dramatically
as in the case of Bernoulli arrivals. We point out that PF+ is
provably stable at all loads whereas iSLIP can not achieve 100%
throughput (the reader is referred to [9] for an example showing
that iSLIP cannot achieve 100% throughput). We also run simulations of both UFS and FOFF under this traffic model and our
algorithm continued to have a better average delay than these
two algorithms. These results are not shown here since the figures are quite repetitive. It is interesting to note that our algorithm has a performance similar to that of the output-queued
switch for bursty arrivals. This is due to the fact that under bursty

JARAMILLO et al.: PADDED FRAMES: A NOVEL ALGORITHM FOR STABLE SCHEDULING

1221

Fig. 17. Example of a comparison tree when
the ID of the largest queue.

N = 4. The root node indicates

TABLE III
VARIATION OF OPTIMAL
AND
FOR A GIVEN
UNDER UNIFORM I.I.D. BERNOULLI ARRIVALS

T

Fig. 15. Variation of average delay of PF+ for a 20
traffic models.

Fig. 16. Variation of average delay of PF+ for a 50
traffic models.

W

N

2 20 switch under different

2 50 switch under different

traffic the algorithm does not generate as many fake packets as
under Bernoulli traffic, so the performance penalty incurred decreases substantially, as can be seen in Figs. 15 and 16.

VII. IMPLEMENTATION COMPLEXITY
Let us first analyze the PF algorithm. It must be noted that
step 1) requires storing a packet in its input VOQ, which takes
time. Steps 2), 5), and 6) do not differ significantly from
time [9].
the original load-balanced switch, which runs in
Steps 3) and 4) need a more careful analysis though. The
round-robin search in step 3) can be implemented in
time [17]. In step 4) we first need to find the largest nonempty
queue in a given input. This can be done by using a comparison tree circuit where the leaf nodes indicate the queue lengths
and the root indicates the ID of the largest one, as depicted in
gate delays. Next we have
Fig. 17. This design incurs
has been reached or
to determine whether the threshold
not. We stress that we do not need to know the value of the

variable but only if the threshold has been reached. Furthermore,
only intermediate input 1 updates the value of , so all inputs
only require a read access. Thus the communication between
linecards only requires a shared bus used to broadcast a -bit
vector indicating whether the thresholds have been reached or
time. We also
not. Thus this concurrent read requires only
highlight that since only one update is required per frame, comth of the line rate.
munication between linecards occurs at a
PF+ is similar, but with the difference that now we have an
and counters
that need to be
additional threshold
increased/decreased by the inputs and outputs. For the threshold
, a solution similar to the one found for can be used, so we
only need to focus on how to share and update the counters.
An option is to implement each counter in its respective output
and share with
and let the output do the comparison
each input the one-bit result with a shared bus similar to the
one proposed previously for and . Each input only needs
to convey a two-bit vector to its output indicating whether the
counter should be increased, decreased, or left untouched. Note
that since scheduling is done once every frame, communication
th of the line rate.
between linecards occurs at a
For our algorithms we need to generate fake packets at the
inputs, and the outputs must be able to differentiate between real
and fake ones, since fake packets must be discarded. In this work
we assumed that all incoming packets are segmented into fixedsize cells, and then reassembled at the outputs before leaving
the switch. One easy way to distinguish between fake and real
cells is to include a bit in the header of the segmented cells,
where “1” could mean “real.” The generated fake packets would
be branded “0” meaning “fake.” Thus, the outputs only have to
discard packets that have a bit header of “0” and reassemble the
remaining ones.
One interesting question is how the optimal parameters and
vary when you change . In particular, if and
are very
sensitive to either or the traffic load model, then the algorithm
would be difficult to implement in practice. This is important
since a real switch may not have a static configuration, but instead network providers must be able to increase or decrease the
number of line cards according to their needs. Table III shows
the optimal parameters for different values of . To find these
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2

= 3 and T = 4

2

= 3 and T = 4

2

= 3 and T = 4

Fig. 20. Average delay for a 20 20 switch using PF+ with T
under nonuniform independent Bernoulli arrivals.

2

= 3 and T = 4

Fig. 21. Average delay for a 50 50 switch using PF+ with T
under nonuniform independent Bernoulli arrivals.

Fig. 18. Average delay for a 20 20 switch using PF with T
under nonuniform independent Bernoulli arrivals.

Fig. 19. Average delay for a 50 50 switch using PF with T
under nonuniform independent Bernoulli arrivals.

values we used a Bernoulli traffic model, where the arrival rate
has uniform entries such that
matrix

and
In extensive simulations, we found that the optimal choice of
and
for the uniform i.i.d. Bernoulli traffic model seems to
perform well for nonuniform Bernoulli loads and bursty arrivals
as well, and the optimal parameter only changes slightly.
remains constant for a large range of ,
As can be seen,
changes slightly. However, if you use a suboptimal
while
the change in the performance is not dramatic,
value of
especially for PF+ as can be seen in Figs. 18–21, where the subfor
becomes optimal under
optimal parameter
nonuniform Bernoulli arrivals. This means that an Original
Equipment Manufacturer (OEM) implementing our algorithms
has at least two choices: keep the parameters constant to avoid
reconfiguration, or make changes if changes dramatically.
Although surprising at first sight, the relatively small changes
in and are due to the fact that they are thresholds for frames

composed of packets. Hence, although these parameters are
and the traffic load,
nearly constant over large variations in
the threshold in terms of the number of packets changes.
We summarize the implementation characteristcs of PF+
below.
i) PF+ is easy to implement, requires only FIFO queues, and
does not need reordering buffers at the output ports.
ii) One may argue that a possible disadvantage is that one
to ensure good
has to choose the parameters and
reduces PF+
performance. For example,
to UFS, which has poor performance at low loads. On
are quite
the other hand, we have shown that and
and the traffic model.
insensitive to the switch size
Thus, having to choose these parameters does not seem
to be a significant issue.
VIII. CONCLUSIONS AND FUTURE DIRECTIONS
In this paper we have presented Padded Frames, a novel
scheduling algorithm for load-balanced Birkhoff-von Neumann switching architectures. Through the insertion of fake
packets into the intermediate input queues, PF prevents packet
reordering and starvation of lightly loaded queues. We also
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presented PF+, a modification of the original algorithm that improves the average packet delay while maintaining the stability
and throughput guarantees of PF.
The algorithm requires no speedup and is decentralized. In
addition, we showed that the information that needs to be shared
between line cards is not going to have a significant impact on
the implementation of high-speed switches since it is minimal
th of the line rate.
and exchanged at a
We have shown, by means of both analysis and simulation,
that both PF and PF+ are stable for any admissible traffic patterns, and their performance is significantly better than those of
existing algorithms such as Uniform Frame Spreading and Full
Ordered Frames First.
We also compared our algorithm against the input-queued
switch implemented with iSLIP and the ideal output-queued
switch. From our results we showed that our algorithm outperforms iSLIP under heavy traffic loads, and that in the case of a
traffic model with bursty arrivals our algorithm approaches the
average delay performance of the output-queued switch.
In the present work we focused on proving the stability of our
algorithms, and the next step would be to present a theoretical
analysis of the delay performance of the algorithm. It would also
be interesting to show analytically that the optimal values of
both and are relatively insensitive to the switch parameters.
APPENDIX I
PSEUDOCODE DESCRIPTION OF PF
function ProcessIncomingPacket (Packet)
Input

function FirstStageSwitch (Time)
for Input in 1 to N do
if Scheduled [Input] == True then
Output

ServeInputVOQ [Input]

0

[ (Input + Time

IntInput

1 ) mod

N ] +1

if SeqNo [Input] == IntInput then

P

if

PopInputVOQ (Input, Output)

P == ; then
P FakePacket

PushIntInputVOQ (IntInput, Output,

P)

(SeqNo [Input] +1) mod

SeqNo [Input]

N

if SeqNo [Input] == 0 then

N

SeqNo [Input]
return
function SecondStageSwitch (Time)
for Output in 1 to N do
[ (Output + Time

IntInput
Packet

0)

2 mod

N ] +1

PopIntInputVOQ (IntInput, Output)

6 ; and Packet 6

if Packet =

= FakePacket then

Departing (Packet, Output)
return

APPENDIX II
PSEUDOCODE DESCRIPTION OF PF+
The following pseudocode summarizes the changes implemented in PF+:
function ScheduleInputVOQ(Time, Priority)

N ) == 0 then
N do
for i in 0 to N 0 1 do

if (Time mod

FindInput (Packet)

Output
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FindOutput (Packet)

for Input in 1 to

PushInputVOQ (Input, Output, Packet)

Priority[Input] +i
=3 Length of unscheduled packets 3=

return

Output

function ScheduleInputVOQ (Time, Priority)

N ) == 0 then
for Input in 1 to N do
for i in 0 to N 0 1 do

if (Time mod

Length

InputVOQ(Input, Output)

if Length

 N then

ServeInputVOQ[Input]

i

Output

Priority [Input] +

=3 Length of unscheduled packets 3=

Priority[Input]

Length

InputVOQ (Input, Output)

break

if Length

 N then

Priority [Input]

Scheduled[Input]
for Input in 1 to

Output +1

Scheduled [Input]

Output

Length
NoPF

6 ; then

if Output =

if Length

=3 Length of VOQ at intermediate input 1 3=
if Length

NoPF

IntInput1VOQ (Output)

Scheduled [Input]
else
return
return ServeInputVOQ, Priority, Scheduled

IntInputPF(Output)

< T and NoPF < W then
NoPF +1

UpdateIntInputPF(Output, NoPF)

=3 End of change 3=

< T then

ServeInputVOQ [Input]

IntInput1VOQ(Output)

=3 Start of change 3=

LargestInputVOQ (Input)

Length

LargestInputVOQ(Input)

6 ; then

=3 Length of VOQ at intermediate input 1 3=

N do

if Scheduled [Input] == False then
Output

N do

if Output =

True

break
for Input in 1 to

True

if Scheduled[Input] == False then

Output

ServeInputVOQ [Input]

Output

Output +1

Output

ServeInputVOQ[Input]

True

Scheduled[Input]

True

else
return
return ServeInputVOQ, Priority, Scheduled

Output

1224

IEEE/ACM TRANSACTIONS ON NETWORKING, VOL. 16, NO. 5, OCTOBER 2008

function FirstStageSwitch(Time)
for Input in 1 to

N do

if Scheduled[Input]
Output
IntInput

P

+ Time 01) modN ] +1
== IntInput then

[(Input

if SeqNo[Input]
if

== True then

ServeInputVOQ[Input]

PopInputVOQ(Input, Output)

P == ; then
P FakePacket
=3 Start of change 3=
FkPkt

True

=3 End of change 3=

P)
+1) modN

PushIntInputVOQ(IntInput, Output,
SeqNo[Input]

(SeqNo[Input]

==0 then
N
=3 Start of change 3=

if SeqNo[Input]

SeqNo[Input]

if SendingPaddedFrame()
if FkPkt

== True then

== False then

NoPF

IntInputPF(Output)

NoPF

NoPF

01

UpdateIntInputPF(Output, NoPF)
else
FkPkt

False

=3 End of change 3=
return
function SecondStageSwitch(Time)
for Output in 1 to
IntInput
Packet

N do

[(Output

+ Time 02) modN ] +1

PopIntInputVOQ(IntInput, Output)

=3 Start of change 3=
if Packet == FakePacket then
PaddedFrame

True

=3 End of change 3=
if Packet 6= ; and Packet 6= FakePacket then
Departing(Packet, Output)

=3 Start of change 3=
if IntInput == N and PaddedFrame == True then
PaddedFrame

False

NoPF

IntInputPF(Output)

NoPF

NoPF

01
UpdateIntInputPF(Output, NoPF)
=3 End of change 3=
return

APPENDIX III
DESCRIPTION OF ISLIP
Here we present the basic form of the iSLIP algorithm as
presented in [4].
1) Request. Each unmatched input sends a request to every
output for which it has a queued cell.
2) Grant. If an unmatched output receives any requests, it
chooses the one that appears next in a fixed, round-robin
schedule starting from the highest priority element. The

output notifies each input whether or not its request was
granted. The pointer to the highest priority element of
the round-robin schedule is incremented (modulo ) to
one location beyond the granted input if and only if the
grant is accepted in step 3) of the first iteration.
3) Accept. If an unmatched input receives a grant, it accepts
the one that appears next in a fixed round-robin schedule
starting from the highest priority element. The pointer
to the highest priority element of the round-robin schedule
is incremented (modulo ) to one location beyond the accepted output if and only if the acceptance is given in the
first iteration.
Through several iterations of the steps described above, the
algorithm tries to find a maximal matching for every time slot:
the largest match without removing the connections found in
previous iterations. The number of iterations then determines
the name of the algorithm, e.g., if you use iSLIP with two iterations you call it 2-SLIP.
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