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I. I NTRODUCTION

I

NTERNET traffic continues to grow rapidly. To keep pace
with the demand, there has been a significant research
effort on high-speed large-capacity packet switch architectures
that out-perform today’s switch architectures. Because of the
memory speed constraint, most proposed large-capacity packet
switches use input buffering alone or in combination with
other schemes, such as output buffering or cross-point buffering. Input-buffered switches are required to resolve output
contention, that is, find a match between inputs and outputs
per time slot (see e.g., [3]–[7]). Thus, the issue of how
to schedule packets efficiently to achieve high throughput
and low delay for a large-capacity switch has been one of
the main research topics in the past few years. Although
several practical scheduling schemes have been proposed or
implemented (for instance [8]–[11]), most of them require a
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Abstract—The load-balanced (LB) switch proposed by C.S.
Chang et al. [1], [2] consists of two stages. First, a load-balancing
stage converts arriving packets into uniform traffic. Then, a
forwarding stage transfers packets from the linecards to their
final output destination. Load-balanced switches do not need
a centralized scheduler and can achieve 100% throughput for
a broad class of traffic distributions. However, load-balanced
switches may cause packets at the output port to be out of
sequence. Several schemes have been proposed to tackle the outof-sequence problem of the load-balanced switch. They are either
too complex to implement, or introduce a large additional delay.
In this paper, we present a practical load-balanced switch, called
the Byte-Focal switch, which uses packet-by-packet scheduling
to significantly improve the delay performance over switches of
comparable complexity. We prove that the queues at the input
need only finite buffering, and that the overall switch is stable
under any traffic matrix. Our analysis shows that the average
queuing delay is roughly linear with the switch size N , and
although the worst case resequencing delay is N 2 , the average
resequencing delay is much smaller. This means that we can
reduce the required resequencing buffer size significantly.

Fig. 1. The architecture of the load-balanced Birkhoff-von Neumann switch.

centralized packet scheduler, increasing the interconnection
complexity between the line cards and the packet scheduler,
while some schemes need a speedup of up to two [12],[13] to
compensate for deficiencies in packet scheduling. Due to the
difficulty of scheduling its switch fabric, commercial highspeed switches typically cannot guarantee 100% throughput
for all arrival traffic patterns, and this goal will become even
more difficult in the future as the number of interfaces and
the interface line speeds increase.
The load-balanced Birkhoff-von Neumann switch architecture (LB-BvN) [1], [2] introduced by C.S. Chang et al. addressed the two main problems commonly present in previous
switch architectures: centralized scheduling and the lack of
throughput guarantees. This makes the load-balanced switch
an appealing architecture to study. This architecture is based
on spreading packets uniformly (“load-balancing”) inside the
switch before forwarding them to their correct destination. The
LB-BvN switch does not require a centralized scheduler and
is thus highly scalable. At the same time, it can guarantee
100% throughput for a broad class of traffic.
As shown in Fig. 1, the basic LB-BvN switch consists
of two identical switches and does not need any scheduler.
Each of the two switching stages goes through the same predetermined cyclic shift configuration. Therefore, each input is
connected to each output exactly N1 th of the time, regardless
of the arriving traffic. The first stage is a load-balancer that
spreads traffic over all the second stage Virtual Output Queues
(VOQs). The second stage is an input-queued crossbar switch
in which each VOQ is served at a fixed rate. The first stage
supplies the second stage with a uniform distribution by
performing load-balancing using a deterministic connection
pattern. Since the second stage switch receives uniform traffic,
it can achieve 100% throughput with a fixed periodic connection.
In this paper, we propose a practical load-balanced switch
architecture, the Byte-Focal switch, which uses a resequencing
buffer to solve the out-of-sequence problem. We call the
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switch Byte-Focal to reflect the fact that packets belonging to
a flow (traffic from an input to an output) are spread to all line
cards and brought to a focal point (the destined output). The
Byte-Focal switch is simple to implement and highly scalable.
It does not need a complex scheduling algorithm, or indeed
any communication between linecards, while achieving 100%
throughput.
The rest of the paper is organized as follows. Section II discusses other load-balanced switch designs. Section III presents
the Byte-Focal switch architecture and various scheduling
schemes at the first stage. In Section IV, we prove 100%
throughput and analyze the average delay in the Byte-Focal
switch. In Section V, we run extensive simulations to study
the delay performance of the Byte-Focal switch. Section VI
concludes the paper.
II. R ELATED W ORK
Though load-balanced switches can achieve 100% throughput without centralized scheduling, the FIFO discipline, which
needs to be maintained for every traffic flow between inputoutput pairs, might be violated in the load-balanced switch.
In its simplest form, the switch mis-sequences packets by
an arbitrary amount. Several solutions have been proposed
to tackle the unbounded out-of-sequence problem and can be
categorized into two different approaches. The first approach
is to prevent packets from being received out-of-sequence
at the outputs (e.g., FFF (Full Frames First) [14], Mailbox
switch[15]). The second approach is to limit the number of
slots a packet can be out of sequence to an upper bound,
e.g., O(N 2 ), and then add a resequencing buffer (RB) at the
output to reorder the packets. Such schemes include FCFS
(First Come First Serve) [16], EDF (Earliest Deadline First)
[16], and FOFF (Full Ordered Frames First) [17].
The FFF scheme proposed in [14] is a frame-based (where a
frame slot equals N time slots) scheduling algorithm, which
uses a 3 Dimension Queue (3DQ) between the two switch
fabrics to resolve the out-of-sequence problem. The 3DQ
distinguishes packets among all flows from input i to output
k via a center buffer j. As a result, packets belonging to
different flows do not interleave at the same central buffer
queue and packets arrive at output port k in-order without any
need for resequencing. In order to efficiently deliver packets
from inputs to outputs, the FFF uses the Full Frames First
scheduling policy to maintain system performance. However,
such a scheduling algorithm requires buffer communications
across stages. The large communication overhead may become
the bottleneck for a large scale switch using FFF.
The Mailbox switch in [15] uses virtual waiting time to coordinate the packet departures. It prevents the out-of-sequence
problem by simply forcing any packet departure from the
central buffer (mailbox) not to be earlier than its predecessor.
Although the Mailbox switch prevents packets from being outof-sequence without using a resequencing buffer, it suffers
from low buffer utilization at the center stage. With a limited
amount of buffering, the Mailbox switch can only achieve 75%
throughput. The authors of [15] also suggested increasing the
Mailbox switch’s throughput by allowing a limited amount of
out-of-sequence packets, and adding a corresponding amount
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of resequencing buffer at the outputs. This modification boosts
the Mailbox switch’s throughput from 75% to 95% at the
cost of additional resequencing buffers. In [18], a simple
load-balanced switch architecture was proposed, where the
resequencing buffer size needs to be proportional to the central
buffer size to avoid the out-of-sequence problem. The reduced
buffer size requirement is at the cost of losing some throughput
as shown in the simulations.
In [16], a load-balanced switch with multi-stage buffering
is proposed to solve the out-of-sequence problem. There,
load-balancing buffers are added before the first switch, and
resequencing and output buffers are inserted after the second
switch. Two scheduling policies in the central stage are
presented in [16]: the First Come First Serve (FCFS) policy
and the Earliest Deadline First (EDF) policy. For the FCFS
scheme, a jitter control mechanism is introduced in the VOQ
in front of the second stage. Such a jitter control mechanism
delays every packet to its maximum delay at the first stage so
that every packet has the same delay before entering an input
port of the second stage. However, this scheme increases the
average delay. In the EDF scheme, every packet is assigned
a deadline that is the departure time from the corresponding
FCFS output-buffered switch. Packets are scheduled according
to their deadlines in the central buffers. Although the EDF
scheme can greatly reduce the average delay, it needs to
retrieve the packet with the smallest time stamp from a queue,
making it hard to implement in a high speed switch.
The Full Ordered Frames First (FOFF) scheme is presented
in [17]. The FOFF scheme bounds the difference in lengths of
the VOQs in the second stage, and then uses a resequencing
buffer at the third stage. It is very challenging to design
scheduling algorithms in high-speed switches given the short
time interval (e.g., if the link speed is 160 Gbps and the cell
length is 64 bytes, then each time slot is about 3 ns). The
FOFF scheme performs frame-based scheduling to relax this
timing constraint, but at the cost of wasting bandwidth. We
believe that with the low complexity scheduling algorithms
presented in this paper, packet-by-packet scheduling used by
Byte-Focal is still feasible in high-speed switches.
III. T HE B YTE -F OCAL S WITCH A RCHITECTURE
The Byte-Focal switch is based on packet-by-packet
scheduling to maximize the bandwidth utilization of the first
stage and thus improve the average delay performance. Fig. 2
shows the Byte-Focal switch architecture. It consists of two
deterministic switch fabrics and three stages of queues, namely
input queue i, center stage queue j, and output resequencing
buffer (RB) k, where i, j, k = 1, 2, . . . , N . Both switch fabrics
use a deterministic and periodic connection pattern. Thus, at
the first stage, at any time slot t, the connection pattern (i, j)
is given by
j = (i + t) mod N,
(1)
i = 1, . . . , N and j = 1, . . . , N .
Similarly, the connection pattern (j, k) at the second stage
satisfies
j = (k + t) mod N,
(2)
j = 1, . . . , N and k = 1, . . . , N .
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Fig. 2.

The Byte-Focal switch architecture.

There are two stages of VOQs in the Byte-Focal switch,
VOQ1 and VOQ2 for the first and second stage switch,
respectively. We define the flow fik as the packets arriving
at the input port i and destined to output port k. Packets from
fik are placed in VOQ1(i, k). Since, at each time slot, the
input port at the first stage is connected to the second stage
cyclically, the packets in VOQ1(i, k) are sent to the N second
stage input ports in a round-robin manner (as explained next)
and are placed in VOQ2(1, k), VOQ2(2, k), . . . , VOQ2(N, k)
according to their final destination.
Consider VOQ1(1,1) as an example. When input 1 at the
first stage is connected to input 1 at the second stage, assume
VOQ1(1,1) is selected for service by the first stage scheduling
algorithm (explained in Section III-A), then the head-of-line
packet in VOQ1(1,1) is transfered to VOQ2(1,1). The ByteFocal switch requires that packets in a flow are sent to the
second stage cyclically, i.e., the packets are sent in the order
of the second stage input 1, input 2, . . ., input N . Therefore,
the next packet in VOQ1(1,1) should be sent to input 2 at the
second stage, that is, VOQ2(2,1). From (1), at the next time
slot, input 1 at the first stage is connected to input 2 at the
second stage, then VOQ1(1,1) can transfer a cell to VOQ2(2,1)
if it is selected for service. If it is not selected for service in
this time slot, then it can only get its next opportunity to be
served when input 1 at the first stage is connected to input
2 at the second stage the next time, i.e., after N time slots.
Therefore, we can see that the Byte-Focal switch guarantees
that the cumulative number of packets sent to each second
stage input port for a given flow differs by at most one. The
VOQ2 will then be served by the second fixed, equal-rate
switch. Since the packets, in general, suffer different delays
in the second stage, they arrive at the output out of order.
A. First Stage Scheduling Algorithm Design
In improving the average delay performance, the scheduling
scheme at the first stage plays a very important role in
the Byte-Focal switch. Since the packets in VOQ1(i, k) are
cyclically distributed to the second stage, as a result, when
the first stage input port i is connected to the second stage
input port j, only some of the VOQ1s can be served. Among
all the candidate VOQ1s, we need to pick a VOQ1 at i to send
packets to j. To this end, each VOQ1(i, k) has a J pointer that
keeps track of the last second stage input to which a packet

was transferred. When the first stage input i is connected to the
second stage input j, a VOQ1(i, k) can be served only if its J
pointer is pointing to the second stage input j. If VOQ1(i, k)
is selected for service, then its J pointer will point to the next
second stage input, i.e., (j + 1)modN . Then the first stage
scheduling problem can be stated as follows:
When input i is connected with j, each
VOQ1(i, k) whose J pointer value is equal to j
sends a request to the arbiter, and the arbiter
selects one of them to serve.
As we shall see, the Byte-Focal switch performs the above
first stage scheduling independently at each input port using
locally available information. Thus, it does not need any
communication between different linecards.
Let Pik (t) be the J pointer value for VOQ1(i, k) at time t.
Define a set Sj (t) = {VOQ1(i, k)|Pik (t) = j}. Sj (t) is thus
the set of VOQ1s that can send packets to the second stage
input j at time t. To achieve small delay while maintaining
fairness among all traffic flows, an efficient arbitration is
necessary to schedule the departure of the head-of-line (HOL)
packets of the VOQ1s. We will next consider four ways of
picking a VOQ1 to serve from the set Sj (t).
1) Round-Robin: One simple way to do the first stage
scheduling is to use the round-robin scheme. To this end, the
arbiter at each of the first stage inputs maintains a round-robin
pointer. When VOQ1(i, k) is served in a time slot, the roundrobin pointer will move to the next VOQ1, i.e., (k + 1)modN .
With the round-robin scheme, the arbiter at each input port
selects one from the set Sj (t) in round-robin order starting
from the current pointer position. The round-robin mechanism
has a complexity of O(1) and is easy to implement. However,
it turns out that the round-robin scheme cannot guarantee 100
% throughput. Next, we will present three algorithms which
provably guarantee 100% throughput.
2) Longest Queue First: Although the round-robin arbitration achieves fairness among all the traffic flows, under
non-uniform traffic conditions, some congested VOQ1s could
overflow and the system becomes unstable (see the simulation
results in Fig. 5). In order to stabilize the system, we need to
give high priority to the congested VOQ1s. The longest queue
first algorithm ensures that, at each time slot, the arbiter at
each input port chooses to serve the VOQ1 from the set Sj (t)
with the longest queue. The longest queue first scheme can
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achieve good performance, and finding the longest queue has
a complexity of O(log N ).
3) Fixed Threshold Scheme: To reduce the complexity
of the longest queue first scheme, instead of picking the
longest queue, it is easier to identify the congested VOQ1s
by observing if their queue length exceeds a predetermined
threshold (TH), which we pick to be equal to the switch size
N . Let qik (t) be the length of the VOQ1(i, k), and qil (t) be
the length of the VOQ1(i, l) served in the previous time slot.
Define a subset of Sj (t) as follows:


Sj (t) = {VOQ1(i, k)|VOQ1(i, k) ∈ Sj (t)
and qik (t) ≥ T H},


then Sj (t) is the set of VOQ1s that have more than TH cells
and can send cells to j. The fixed threshold algorithm is:
1) At each time slot, if qil (t) ≥ T H, continue to serve this
queue.
2) If not, the arbiter picks round-robin among the queues

in set Sj (t) starting from VOQ1(i, l).

3) If Sj (t) is empty and qil (t) > 0, then it keeps serving
the queue corresponding to qil (t).
4) If qil (t) = 0, pick round-robin among the queues in set
Sj (t), starting from VOQ1(i, l).
As compared to the longest queue first scheme, the fixed
threshold scheme only needs to check if the queue length is
greater than the threshold which has a complexity of O(1).
4) Dynamic Threshold Scheme: For the fixed threshold
scheme, we prove that it can achieve 100% throughput if
we set the threshold to be the switch size N . However,
with threshold N , as the switch size becomes large, it will
cause large average delays. The reason is that the VOQ1
length has to reach N before being identified as congested.
Before reaching the threshold, it competes with other VOQ1s
that have much smaller queue lengths. To better identify
congested queues under different switch sizes and different
traffic loadings, we propose the dynamic threshold scheme.
We set the dynamic threshold value (TH) to Q(t)/N , where
Q(t) is the total VOQ1 queue length at an input port at time
t. Q(t)/N is therefore the average VOQ1 queue length. The
dynamic threshold scheme operates in the same way as the
fixed threshold scheme except that the threshold is now set to
the average queue length for that input. To this end, each input
port maintains a counter to keep track of the total number of
packets at an input port. The dynamic threshold scheme has
the same complexity as the fixed threshold scheme, i.e., O(1)
since a counter does not change the complexity order.
Note that for the fixed and dynamic threshold schemes,
one can also set different thresholds. However, by setting
the thresholds as described above, we can prove, in the next
section, that the two schemes can achieve 100% throughput,
which is not generally true for other threshold values.
B. Resequencing Buffer Design
To solve the out-of-sequence problem, the Byte-Focal
switch uses a resequencing buffer (RB), where the virtual input
queue (VIQ) structure is applied (as shown in Fig. 2).
At each output, there are N sets of VIQs, where each set
corresponds to an input port i. Within each VIQ set, there are
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N queues with each queue corresponding to a second stage
input j. VIQ(i, j, k) separates each flow not only by its input
and output ports i and k, but also by its second stage queue
j. Packets from input i destined to output k via second stage
input j are stored in VIQ(i, j, k), and it is easy to see that the
packets in the same VIQ(i, j, k) are in order.
We define the head of flow (HOF) packet as the first packet
of a given flow that has not yet left the switch, and the head
of line (HOL) packet as the first packet of a given VIQ(i, j, k)
queue. In each VIQ set, a pointer points to the VIQ(i, j, k) at
which the next expected HOF packet will arrive. Because of
the service discipline of the first stage switch, each input port
evenly distributes packets in round-robin order into the second
stage queues. This guarantees that the head-of-flow (HOF)
packet will appear as a head-of-line (HOL) packet of a VIQ
set in round-robin order. Therefore, at each time slot, if the
HOF packet is in the output, it is served and the pointer moves
to the next HOF packet location VIQ(i, (j + 1) mod N, k).
Since there are potentially up to N HOF packets available
at any time slot, each corresponding to one of N input ports,
more than one packet may be eligible to be served in the same
time slot. Therefore, in addition to the VIQ structure, there is
a departure queue (DQ) with a length of at most N entries that
facilitates round-robin service discipline. The DQ is simply a
FIFO queue. It stores the indices of the VIQ(i, ·, k) sets, but
at most one from each VIQ(i, ·, k) set. When the HOF packet
of VIQ(i, ·, k) set i arrives, index i joins the tail of the DQ.
When a packet departs from the DQ, its index is removed from
the head of the DQ and joins the tail of the DQ if its next
HOF packet has arrived. The advantage of using the VIQ and
the DQ structure is that the time complexity of finding and
serving packets in sequence is O(1). At each time slot, each
VIQ(i, ·, k) set uses its pointer to check if the HOF packet has
arrived, while the output port serves one packet from the head
of the DQ. As explained above, the VIQ structure ensures that
the Byte-Focal switch will emit packets in order.
IV. T HROUGHPUT AND D ELAY A NALYSIS
A. 100% Throughput
In this section, we will show that the Byte-Focal switch
with the longest queue first, fixed threshold and dynamic
threshold schemes can achieve 100% throughput. The roundrobin scheme does not have this property.
Definition 1: If Q is the total queue length of a system,
then the system is said to be stable if E{Q} < ∞.
First, we can see that the queue length at the second stage
is bounded. Since the traffic arrivals to the second stage are
uniform, if the arrival rate to an output port is λ, then the
arrival rate to an individual VOQ is λ/N . The second stage
uses a deterministic cyclic configuration, which means that the
service rate for a VOQ is 1/N > λ/N . Therefore, the second
stage queue is bounded. For the resequencing buffer, it has
been shown in [17] that the maximum resequencing buffer
size is N 2 . Therefore, we only need to show that the queue
length at the first stage is also bounded.
Let Qi (t) and qik (t) represent the total queue length at an
input port i and the individual VOQ1(i, k) length at time t,
respectively. Let qis (t) denote the length of VOQ1(i, s) being
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served at time t. Note that VOQ1(i, s) can mean different
VOQ1s, i.e., at time t, it may correspond to VOQ1(i, k1 ) that
is being served, and in the next slot, it may correspond to a
different VOQ1(i, k2 ) that is then being served, depending on
the specific scheduling algorithm.
Lemma 1: If qis (t0 ) < N and Qi (t) ≥ N (N − 1) + 1
for t ≥ t0 , then it takes at most N − 1 time slots to find a
VOQ1(i, k) with qik (t) ≥ N to serve.
The proof of this Lemma is presented in the Appendix.
Next we define a term, Qi (t) work-conserving, that we will
use.
Definition 2: Qi (t) work-conserving: an input port i is
Qi (t) work-conserving if it can be idle only if there are less
than Qi (t) packets at that input port.
With this definition, we have the following Lemma, the proof
of which can be found in the Appendix.
Lemma 2: If at time t0 , qis (t0 ) ≥ N , then input i at the
first stage is N (N − 1) + 1 work-conserving.
From Lemma 1 and Lemma 2, we can prove that the input
queue length is bounded as stated in the following theorem.
Theorem 1: The Byte-Focal switch with the longest queue
first, fixed and dynamic threshold schemes are stable for any
input traffic, and the input queue length cannot exceed N 2 .
Proof: If initially all VOQ1s are empty, when Qi (t) =
N (N − 1) + 1 for the first time, from Lemma 1, then it wastes
at most N − 1 time slots to find a queue length greater than N
to serve. After that, from Lemma 2, the system is N (N −1)+1
work-conserving. Since there is at most one arrival in a time
slot, therefore, Qi (t) is upper bounded by

By solving this recursion as shown in the Appendix, we have

N (N − 1) + 1 + N − 1 = N 2 .
We have shown that the queue length at the first stage is
upper bounded by N 2 . The queue lengths at the second stage
and the resequencing buffer are also bounded as explained
earlier in this Section. Therefore, we conclude that the ByteFocal switch is stable.
B. Average Delay Analysis
A packet in the Byte-Focal switch experiences queuing
delays at the first and second stage, and also the resequencing
delay at the output. In this section, we analyze the average delay of the Byte-Focal switch under uniform traffic. Throughout
the analysis, we assume a uniform Bernoulli i.i.d traffic model
with a rate of λ.
1) Second Stage Delay: Consider a VOQ2(j, k) and ajk (t)
is the arrival to VOQ2(j, k) in time slot t. The input j at the
second stage is connected to output k once in every N time
slots. The arrivals to this queue can be approximated by a
λ
. Assume that at time T ,
Bernoulli process with a rate of N
the VOQ2(j, k) is connected to output k. Then we have the
following recursive equation for VOQ2(j, k):
qjk (T + n) = qjk (T ) +

n


ajk (T + s),

s=1

n = 1, 2, . . . , N − 1.
qjk (T + N ) = max{qjk (T ) +

N

s=1

ajk (T + s) − 1, 0}. (3)

E{qjk (t)} =

λ
N −1
.
N 2(1 − λ)

(4)

Applying Little’s formula, the average queuing delay at the
second stage is
N −1
.
(5)
d2 =
2(1 − λ)
However, since the queue length difference is bounded by
N [19], when the Byte-Focal switch is heavily loaded, the
average delay would be smaller than (5). Consider the system
formed by all second stage queues. When the total number
of packets destined to output k for all inputs is greater than
N 2 − N + 1, then no queue is empty, and the system is workconserving and behaves like an output-queued switch. Thus
we have
qk (t + 1) = max{qk (t) + ak (t + 1) − 1, 0},
N
where qk (t) = j=1 qjk (t). The average queuing delay for
an output-queued switch is simply
N −1
λ
.
2(1 − λ) N
Table I shows the simulation results and the analysis for the
second stage queuing delay with a switch size of N = 16. In
the simulation, we use the round-robin policy. From the table,
we can see when the load is low (less than 0.59), the average
N −1
very well. However, when the loading is
delay matches 2(1−λ)
extremely high (0.99), the second stage queuing delay behaves
like an output-queued switch.
2) First Stage Delay: Consider the first stage under uniform
traffic. On the average, each VOQ1 is served once every N
time slots, and the queues will behave similarly to a TDM system as in the second stage. Each VOQ1 has Bernoulli arrivals
λ
and an approximately deterministic service time
with rate N
of N time slots. Using the same derivation as in the second
stage, the queuing delay at the first stage under uniform traffic
is
N −1
.
(6)
d1 =
2(1 − λ)
Table I shows the average first stage queuing delay for roundrobin scheme for a switch size of N = 16. Note that the
total queue length at the first stage is bounded by N 2 under
longest queue first, fixed and dynamic schemes. Therefore,
when the switch is under heavy load, the average delay would
N −1
.
be significantly smaller than 2(1−λ)
3) Resequencing Delay: To analyze the resequencing delay,
consider a tagged packet (TP) [20] in flow fik . TP arrives at
the second stage input j at frame time Fj (one frame time
slot = N time slots). Because of the FCFS discipline, the
packets which arrive at the switch after the TP cannot affect
the departure time of TP from the resequencing buffer. So we
only need to consider the packets which were in the switch
when TP arrived. The packets in the same flow are cyclically
distributed to the N intermediate second stage inputs, from
1 to N . The packets in the same VOQ2 are in order. The
resequencing delay(RD) for the TP is only decided by the
N − 1 packets ahead of it, and these N − 1 packets are sent to
the second stage queues j +1, . . . , N, 1, . . . , j −1 respectively,
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TABLE I
F IRST AND SECOND STAGE QUEUING DELAY

Second stage

Load

0.09

0.19

0.29

0.39

0.49

0.59

069

0.79

0.89

0.99

Simulation

8.23
8.24

9.21
9.26

10.40
10.56

11.87
12.3

13.73
14.71

16.11
18.29

19.22
24.19

23.34
35.71

29.26
68.18

49.16
750

0.05

0.11

0.19

0.30

0.45

0.67

1.04

1.76

3.79

46.41

8.23

9.33

10.98

13.55

17.75

24.59

35.61

53.03

86.32

322.47

N−1
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λ
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which are denoted with Pj+1 , . . . , Pj−1 . Let Fl denote the
frame time that the packet arrived at second stage queue l,
and F̂l be the time that the packet leaves second stage queue
l. Then the resequencing delay for the TP is
l

(7)

where l = j + 1, . . . , j − 1.
Then, as shown in the Appendix, the average resequencing
delay bound is
E{RD} ≤ E{(max Yl )+ }, l = 1, 2, . . . , N − 1,

0.4

0.6

0.8

1

Load

Resequencing delay for different switch sizes.

RD = max(0, max(F̂l − F̂j )),

0.2

(8)

where (X)+ = max{0, X}. Yl can be approximated as a
normal distribution with mean η = 0 and variance σ 2 =
2N p(1 − p) = 2λ[1 − λ/N (1 − λ/N )].
Then from (8), we can get the average resequencing delay
bound. Fig. 3 shows how the average resequencing delay
grows with N . We can see that the average resequencing delay
is roughly linear with the switch size N , and it is much smaller
than N 2 .
V. S IMULATION S TUDIES
Before presenting the switch performance, we outline the
simulation settings that will be used to test the various
scheduling algorithms. In our simulations, we assume the
switch size N = 32, unless otherwise noted, and all inputs
are equally loaded on a normalized scale λ ∈ (0, 1), and use
the following traffic scenarios to test the performance of the
Byte-Focal switch:
Uniform i.i.d: λik = λ/N .

Average delay under uniform traffic.

Diagonal i.i.d: λii = λ/2, λik = λ/2, for k = (i +
1) mod N . This is a very skewed loading, since input i has
packets only for outputs i and (i + 1) mod N .
Hot-spot i.i.d: λii = λ/2, λik = λ/2(N − 1), for i = k.
Normally, for single stage switches, the performance of a
specific scheduling algorithm becomes worse as the loadings
become less balanced.
We compare the average delay induced by different algorithms. As seen in Fig. 4, the frame-based scheduling scheme,
FOFF, has a much larger delay. The reason is that FOFF wastes
bandwidth whenever a partial frame is sent. At low traffic
load, many frames will be sent as partial frames, resulting
in considerable bandwidth wastage at the first stage. From
the figure, we can see that at low load, the delay difference
between FOFF and the Byte-Focal switch is quite large.
The Byte-Focal switch performs packet-by-packet scheduling
instead of frame-based scheduling, so it reduces the bandwidth
wastage. At high traffic load, the Byte-Focal switch also
achieves better performance than the FOFF. A single stage
switch like iSLIP has a smaller average delay than ByteFocal when the load is low. But when the switch is heavily
loaded, the Byte-Focal switch distributes the traffic evenly to
the second stage, thus dramatically reducing the average delay.
Fig. 5 shows the average delay of various schemes under
hot-spot loading. Although the round-robin scheme is simple
to implement, it is not stable under non-uniform loadings (as
seen in the figure, where the throughput is only about 30%).
For reference, we have also provided the performance of a
typical single stage switch, HE-iSLIP [21] and the ouputbuffered switch. The LQF scheme has the best delay per-
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Average delay for the dynamic threshold scheme.

formance among the Byte-Focal switch schemes, but, unlike
the fixed and dynamic threshold schemes, it is not practical
due to its high implementation complexity. From Fig. 5, we
can see that the dynamic threshold scheme performance is
comparable with the LQF scheme. Compared to the fixed
threshold scheme, the dynamic threshold scheme can adapt
to the changing input loadings, thus achieving a better delay
performance, while maintaining low complexity. We will
therefore focus our attention on the dynamic threshold scheme
from now on.
In Fig. 6, we study the average delay performance of
the dynamic threshold scheme under different input traffic
scenarios. As the input traffic changes from uniform to hotspot to diagonal (hence less balanced), the dynamic threshold
scheme can achieve good performance, especially for the
diagonal traffic. Diagonal loading is very skewed and difficult
to schedule using a centralized scheduling architecture. We
also tried the Log-diagonal input matrix[7], and the delay
performance is comparable to hot-spot loading. The ByteFocal switch performs load-balancing at the first stage, thus

0
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0.4

0.6

0.8

1

Load
Fig. 8. 3-stage delays under uniform traffic for the dynamic threshold scheme.

achieving good performance even under extreme non-uniform
loadings. This greatly simplifies traffic engineering design,
given the insensitivity of delay to the traffic matrix.
Fig. 7 shows the average delays for the dynamic threshold
scheme with different switch sizes with the load kept fixed at
0.95. As shown in the figure, under the input traffic models that
we considered, the delay increases as the switch size increases,
and the average delays are almost linear with the switch
size. Since the Byte-Focal switch does not use a centralized
scheduler, it can scale well, unlike switches using centralized
schedulers (e.g., iSLIP, HE-iSLIP, etc.), and can achieve good
performance even for very large switch sizes.
A cell in the Byte-Focal switch experiences queuing delays
at the first stage and second stage, and resequencing delay
at the output. Fig. 8 shows the three components of the
total delay. As can be seen, the first stage queuing delay
and the second stage queuing delay are comparable, and the
resequencing delay is much smaller compared to the other two
delays.
Since Internet traffic is bursty [22], we also study the delay
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Fig. 9. Average delay of the dynamic threshold scheme under bursty traffic.

performance under bursty traffic. Consider the same simulation
settings, but now the packets arrive in bursts. The average
burst length is set to be 10 cells. At a particular input port,
after a burst, the probability that there is another arriving
burst is μ, and the probability that there is no packet arriving
corresponding to the next burst is 1 − μ (then the loading to
10μ
). We consider two scenarios:
this input port is λ = 1+9μ
• Bursty 1: cells within the same burst are uniformly
distributed to the N output ports.
• Bursty 2: cells within the same burst go to the same
destination, which is uniformly distributed over N output
ports.
Fig. 9 shows the average delay of the Byte-Focal switch
with the dynamic threshold scheme under the Bernoulli and
bursty traffic models. We can see that the average delays
under the Bernoulli and Bursty 1 traffic scenario are identical.
In comparison with the single stage switches, the ByteFocal switch achieves considerable burst reduction, therefore
it is very effective in reducing the average delay. From our
simulations, the delay performance is worse for Bursty 2 as
compared to Bursty 1, especially when the traffic load is high.
VI. C ONCLUSION
In this paper, we present a practical high performance loadbalanced switch architecture: the Byte-Focal switch. Compared with traditional centralized-scheduler architectures, the
load-balanced switch can achieve 100% throughput and does
not need a centralized scheduler. Also, it uses only N patterns
for the switch fabric out of the possible N ! patterns and
the pattern sequence is predetermined; this simplifies the
switch fabric. In addition to these general properties of loadbalanced switches, the Byte-Focal switch has several appealing
properties:
1) Every packet leaves the switch in order.
2) It does not need any communication between stages
or linecards. This simplifies the switch control and
avoids the loss of bandwidth due to the exchange of
information.

Proof of Lemma 1: Since Qi (t0 ) ≥ N (N − 1) + 1, and
qis (t0 ) < N , therefore there exists a VOQ1(i, k) different
from the VOQ1(i, s) with queue length qik (t0 ) ≥ N . Assume
the pointer at VOQ1(i, k) points to the second stage input j,
and after T time slots (T ≤ N − 1), input i is connected to
j. At time t0 + T , we have
qik (t0 + T ) ≥ qik (t0 ) ≥ N.

(9)

This means that at time t0 + T , in set Sj (t0 + T ), there is a
queue with queue length greater than N .
For LQF, the longest queue is chosen in set Sj (t0 + T ),
therefore, qis (t0 + T ) ≥ N . For the fixed threshold scheme,

Sj (t0 + T ) is non-empty, therefore, qis (t0 + T ) ≥ T H =
N . For the dynamic threshold scheme, at time t0 + T , there
exists a VOQ1(i, k) with queue length qik (t0 + T ) ≥ T H =
Qi (t0 +T )
≥ N . With the same reasoning, at time t0 + T ,
N

qik (t0 + T ) ≥ T H, and Sj (t0 + T ) is nonempty, therefore,
qis (t0 + T ) ≥ N .
Thus for LQF, fixed threshold and dynamic threshold
schemes, we always have qis (t0 + T ) ≥ N , with T ≤ N − 1.
Proof of Lemma 2: Since qis (t0 ) ≥ N , after some time
tb > t0 , qis (tb ) might drop below N . We define a cycle from
tb , when qis (tb ) = N −1 to te = tb +T , when qis (tb +T ) = N ,
which is the duration that the queue being served stays below
N . Since Qi (t) ≥ N (N − 1) + 1, for t ∈ [tb , te ], from Lemma
1, we have T ≤ N − 1. Within each cycle, we will show
there is no time slot wasted. At the beginning of each cycle,
qis (tb ) = N − 1, and at the end of each cycle, qis (te ) = N .
From the definition of the longest queue first, fixed threshold
and dynamic threshold schemes, we can see that the scheduler
will only switch to a VOQ1 with longer queue length. Also,
since there is at most one departure in a time slot, for any
tb ≤ t < te ,
qis (t) ≥ N − 1 − (t − tb ).
Since t < te , we have
qis (t) > N − 1 − (te − tb ).
But te − tb ≤ N − 1, thus there is at least one non-empty
queue available for service with qis (t) > 0, and there is no
time slot wasted. We therefore conclude that the first stage is
N (N − 1) + 1 work-conserving.
Derivation of the second stage delay: The recursion (3) has
the solution [23]
E{qjk (T )} =

λ2
N −1
.
N 2(1 − λ)
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Then the average queue length is
E{qjk (t)} =

1
N

1
=
N
=

1
N

N
−1

n=0
N
−1


Since the packets in fik are sent to the second stage in roundrobin order, from 1 to N , without loss of generality, assume
l is a lower index than j, then we have

E{qjk (T + n)}
E{qjk (T ) +

n=0
N
−1


n


Ailk (t) − Aijk (t) = 1 or 0.
ajk (T + s)}

s=1

[E{qjk (T )} +

n=0

λ
n]
N

N −1
λ2
λ(N − 1)
=
+
N 2(1 − λ)
2N
N −1
λ
.
(11)
=
N 2(1 − λ)
Derivation of the resequencing delay: Since each VOQ at
the second stage is work-conserving at each frame time slot,
any packet in fik that arrives at the second stage input queue
j, with queue length qjk (Fj ), at time Fj will leave there at
F̂j = Fj + qjk (Fj ).

(12)

Then the resequencing delay becomes
RD = max(0, max[(Fl + qlk (Fl )) − (Fj + qjk (Fj ))]). (13)
l

Also, we have
+ Fl − Fj + [qjk (Fl ) − qjk (Fj )].
Since there is at most one departure per frame slot, Fl − Fj +
[qjk (Fl ) − qjk (Fj )] ≤ 0. Therefore,
RD ≤ max(0, max qlk (Fl ) − qjk (Fl )).
l

At each frame slot, we have, using Lemma 1.3.1 in [24],
N


qlk (F ) = max

0≤S≤F

[Ailk (F ) − Ailk (S)] − (F − S),

i=1

where Ailk (t) is the cumulative number of packets flowing
from input i to output k via the second stage l. Assume the
maximum is achieved at S  , then
qlk (F ) =

N


[Ailk (F ) − Ailk (S  )] − (F − S  ).

i=1

Similarly,
qjk (F ) = max

0≤S≤F
N


N


[Aijk (F ) − Aijk (S)] − (F − S)

i=1

[Aijk (F ) − Aijk (S  )] − (F − S  ).

i=1

Therefore,
N

qlk (F ) − qjk (F ) ≤ ( [Ailk (F ) − Ailk (S  )] − (F − S  ))
i=1
N

− ( [Aijk (F ) − Aijk (S  )] − (F − S  ))

=

i=1
N


[Ailk (F ) − Aijk (F )] − [Ailk (S  ) − Aijk (S  )].

i=1

Xi = [Ailk (t) − Aijk (t)] − [Ailk (s) − Aijk (s)], t = s,
then we have
⎧
⎪
⎨−1 with probability of p(1 − p),
Xi = 0
with probability of p2 + (1 − p)2 ,
⎪
⎩
1
with probability of p(1 − p).
N
Let Yl = i=1 Xi . Yl is the queue length difference between
any two second stage VOQs. Then the average RD is
E{RD} ≤ E{(max Yl )+ }, l = 1, 2, . . . , N − 1,

(14)

+

Fl + qlk (Fl ) − [Fj + qjk (Fj )] = qlk (Fl ) − qjk (Fl )

≥

Note that Ailk (t) − Aijk (t) = 1 means that from flow fik
there is one more arrival to the second stage l than to the
second stage k. Define the steady state values of P (Ailk (t) −
Aijk (t) = 1) = p and P (Ailk (t) − Aijk (t) = 0) = 1 − p.
Since the arrival rate of the flow fik is λ/N , we approximate
p by λ/N (1 − λ/N ), which means that there is an arrival to
second stage l, but no arrival to second stage k. Define

where (X) = max{0, X}.
According to central limit theorem, Yl can be approximated
by a normal distribution with mean η = 0, variance σ 2 =
2N p(1 − p) = 2λ[1 − λ/N (1 − λ/N )], and
2
2
1
P (Yl = k) ∼
= √ e−k /2σ ,
σ 2π

k = −N, . . . , 0, . . . , N.
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