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Abstract

[ 1st year]

Because the Internet traffic increases
rapidly, the Internet Protocol (IP) has
become very popular. Large
transmission bandwidth is required to
provide more services. The Dense

Wavelength  Division  Multiplexing
(DWDM) technology is growing in
optical fiber transmission and can
provide a lot of transmission capacity.

Currently many companies have the

network architectures as IP over ATM
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over SDH/WDM. Because these
architectures have too many layers, they
need a lot of processing power in the
host and the router. Thus the
architectures must be simplified to make
efficient use of resources. A new IP over
WDM protocol with routing and
transport capabilities is proposed. This
protocol utilizes the concept of label
switching and wavelength information
of Wavelength Division Multiplexing
(WDM). The transport adaptation and
encapsulation scheme of this protocol is
simple and transparent to protocol data
unit. It also integrates the Multiprotocol
Label Switching (MPLS) traffic
engineering control concept as the IP
transport and switching control plane.
On the other hand, we have fulfilled the
performance analysis for two types of
asynchronous Wavelength  Division
Multiplexing (WDM) optical routers
that can handle asynchronous and
variable length packet switching for
high-speed Internet core networks. We

compare the network using Partially

Shared Buffer (PSB) and using Multiple
Path Routing (MPR) by simulation
results. We conclude that a PSB type
asynchronous WDM optical router using
the same number of input/output ports as
the re-circulation ports without using
void filling algorithm is more suitable
for handling IP traffic in the high-speed
optical core networks.

Keywords: dense wavelength division
multiplexing (DWDM), multiprotocol
label switching (MPLS), router, partially
shared buffer (PSB), multiple path

routing (MPR)

[2nd year ]

Multiple Protocol Label Switch

Optical

integration is a trend for future all

(MPLS) and Switching
optical networks. We had proposed a
very stable protocol with transport and
switching capabilities. Based on this
protocol, we study the feasibility of
using this protocol on burst switching
and packet optical wavelength switching

architecture. The architecture may fulfill
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the requirements of both burst switching
and packet switching networks. The
architecture can switch variable length
packets asynchronously, i.e., the input
packets are not necessary to enter the
switch at the inputs ports simultaneously.
This property will simplify the buffer
design. The result shows that the

throughput of this switch is very high.

A modemn switch must provide
multicasting to allow multiple copies of
an incoming packet to be sent to their
destinations  simultaneously.  Such
feature is necessary to support video
conferencing, video-on-demand, distant
learning, etc. An enhanced version of
the variable length self-routing packet
switch is proposed to perform multicast
switching. The optimal design rule and
switching of

analysis of multicast

variable length packets are discussed in

this report.

Keywords: switch, MPLS, burst
switching, packet switching, optical
switching, variable length packet,

asynchronously

[3rd year]

Optical fiber is an important
medium of the wireline communication
systems. Passive optical network (PON)
is considered to be a solution to realize
full-service access networks (FSAN). It
is a point-to-multipoint optical network
with no active devices through the signal
transmission. The network is easy to
maintain and to be upgraded. Combining
Ethernet frame with PON (EPON) is a
promising candidate for next-generation
broadband access networks. PON uses
time division multiple access (TDMA)
and asynchronous transfer mode (ATM)
in upstream and down stream direction.
The two schemes have fixed time slot
and are not suitable to variable length
packets, such as IP packets and Ethernet
frames. We proposed an EPON
configuration using optical code division
multiple access (OCDMA) in its

upstream direction. The downstream

direction is still broadcasting in nature,
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which is the same as the ordinary EPON.

We proposed a synchronous OCDMA
code: Perfect difference code (PDC).
PDC has better performance than the
other codes when the multiple user
interference (MUI) canceller is used. We
also proposed an asynchronous OCDMA
code: optical orthogonal codes (OOCs)
with nonideal cross correlation. Given
the same code weight and code length,
the size of the proposed new codes is ten
times more than that of ideal optical
orthogonal codes. It can thus
accommodate more simultaneous users
and increases the network utilization.
The proposed system can achieve the
goal of broadband access networks.

Keywords: Passive optical network
(PON), Perfect difference code (PDC),
multiple user interference (MUI), optical

orthogonal codes (OOCs), cross

correlation

= &dmBH

[(55—%]
The explosive growth of Internet traffic
demands more bandwidth on the core
networks. While IP backbone systems
are being realized using Synchronous
Optical Network / Synchronous Digital
Hierarchy (SONET/SDH) and
Asynchronous Transfer Mode (ATM)
existing

technologies, transport

networks  will not yield the
bandwidth-effective transporting and
routing schemes for IP traffic. The
integration of IP and Dense WDM
(DWDM) has been the most popular
research and development area for next
generation Internet. These new emerging
technologies, ie., Generalized
Multiprotocol Label Switching (GMPLS)
and the related signaling protocols play
an important role of the control plane
that could integrate IP and DWDM
capability. They aim at providing an
end-to-end

efficient and flexible



lightpath for IP centric and non-IP

centric services. MPLS is rapidly
emerging as an Internet Engineering
Task Force (IETF) standard. MPLS
intends to enhance the speed, scalability,
and service provisioning capabilities in
the Internet. MPLS uses the technique of
packet forwarding based on labels, to
enable the implementation of a simpler
high-performance packet-forwarding
engine. MPLS is best viewed as a 2.5th
layer protocol, integrating layer 2 and
layer 3 functions. With this point of
view, optical label switching has been
deemed as the most probable technique
for the future all optical networks.
However, at the present time, due to
the gap to success of optical elements,
optical labeling is not so realizable.
Other  techniques using  optical
sub-carriers to carry the labels may
suffer the optical transparent problem in
all optical networks. For this sake, we
need to reconsider 1) the properties of

optical transmission, 2) the properties of

IP traffic, and 3) future requirements for

IP backbone traffic. What we need are
as follows: 1) an IP over WDM transport
mechanism that can handle physical
framing, data link delineation and part of
layer 3 routing functions at the same
ttime. This mechanism also needs to
speed up the processing, while keeping
all possible optical networks transparent
2) As for IP traffic properties, we need
additional traffic engineering models as
the control plane for IP networks. In
other words, we need a high-speed
transport mechanism

asynchronous

integrating  with  label  switching
techniques and the advantages of control
plane functions. This mechanism must
be able to migrate to future all optical
networks smoothly.

could

Although GMPLS support

packet, Time Division Multiplexing
(TDM), wavelength, waveband and fiber
switching, it still treats DWDM as a big
bandwidth pipeline and acts more like
cross-connect provisioning mechanism.

This may not be the most efficient and

flexible solution that could be achieved
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directly by combining the advantage of

DWDM with all optical packet
switching capabilities to yield WDM
optical router for IP centric services.
However, at the present time, due to the
elements,

availability = of  optical

all-optical  packet  switching and
processing are not so realizable. Almost
switching  using

all-optical  packet

optical-to-electrical-to-optical (O-E-O)
techniques for the header processing is
more practical. At the same time, the
optical buffer can only be emulated by
using fiber delay lines with fixed delay
unit. On the other hand, considering the

present Internet network scenario and IP

properties, the transfer mode based on

variable length packets and
asynchronous operation is more
effective.
[5E 4]

Recently, the traffic of backbone

and access networks increase
dramatically. The transmission capacity

of optical networks doubles every nine

months. However, the switching and

routing capacity increases slowly
compared with the transmission capacity.
Many switching or access schemes are

[1]-[4].

integration of MPLS and wavelength

proposed Among  them,

division multiplexing technologies is a

promising choice.

Combination of electronic and
optimal routing for the hybrid Internet
Protocol (IP) networks is inevitable. A
WDM optical packet switch consists of
input interface unit, the switch fabric,
the output interface unit and the control
unit. In a conventional switch, the input
interface unit processes the packet
header information extraction, packet
delineation and  alignment. The
switching fabric is the most important
element. The output interface unit
regenerates the optical signals. Based on
the information in the packet header, the
control unit controls the switch. Because

of the synchronization requirements, the

packet size must be fixed. Currently, the



packet header can be out-of-band

signaling including sub-carrier
multiplexing and dual wavelength, or

in-band-signaling.

In this report, we propose a self-routing
variable-length packet switch, which can
provide unicast and multicast switching.
The performance of the switch operating
in unicast or multicast switching is
verified both by simulation and
queueing analysis. The first part of this
report focuses on the unicast switching,

and the second part discusses the

multicast switching.

[5=4]

Recently, fiber-optic  code-division
multiple-access (CDMA) systems have

attracted much attention. Because

synchronous optical CDMA (SOCDMA)
systems are more efficient to utilize the
bandwidth than any asynchronous
optical CDMA systems, many studies of
SOCDMA systems have been reported

in the literature. There are several

possible ways to achieve slot
synchronization. One way is that we add
a synchronizer node located at the star
coupler. This node broadcasts a pulse
called the sync pulse periodically. Using
the periodic pulses, the synchronization
may be achieved among all the
transmitters. One of the major concerns
of designing a  direct-detection
SOCDMA system is the multiple-user
interference (MUI)  because the
performance of this system is usually
interference limited. That is, there is an
asymptotic error floor no matter how
much power the receiver received.
Unlike in the electric domain, the
signature sequence in a direct-detection
SOCDMA consists of unipolar (0, 1),
sequences. As a result, there are no strict
orthogonal codes under the constraint
that the total number of codes is equal to
the code length. We study the “perfect
difference sets” and propose a new
SOCDMA system using these sets as the

signature code sequences instead of

modified prime sequences. The perfect

9



difference codes have the following
interesting characteristics:

1) Any two distinct codes are
cyclic-shifted with each other.

2) The cross correlation between any
two distinct codes is exactly one.
However, the modified prime sequence
codes have the cross correlation either
one or zero. Although these codes are
not strictly orthogonal, we may say that
they are quasi-orthogonal. Using the
first property, we propose a simple
transmitter structure, in which the code
sequence can be cyclic-shifted to get

another transmitter. Using the second

property, we also can easily design the

receiver to remove the effect of the MUI

However, from the viewpoint of

asynchronous systems, the perfect
difference codes are basically identical
because they are cyclically shifted with

one another. In other words, we have

only one code for asynchronous systems.

Therefore, we must modify the perfect

difference codes to get a larger code size.

To do so, we consider the case that the

correlation is relaxed to two. When the
two codes are not aligned—that is, they
are cyclically shifted with each
other—the cross correlation between the
two codes is exactly one. In such a
violate the

situation, it does not

constraint of correlation. However,
when there is no cyclic shifting between
them, the value of the cross correlation
is equal to the code weight, which is far
from the constraint. To overcome this,
we can drop some marks appropriately
from marks of each code, such that the
modified code weight is reduced and the
code length is still equal to original size.
Moreover, the cross-correlation property
should satisfy the constraint.

We further discuss the implementation
of OCDMA system in high-speed access
networks. EPON is promising a solution
service

of broadband full access

networks and is illustrated in Fig. 1.

ONU
CNU
CNU
ik itk
ol e ONU
OLT o
[ed]

10



Fig. 1. An EPON configuration

The downstream direction is a
point-to-multipoint transmission and is
broadcasting in nature. Downstream
packets are sent from the optical line
terminal (OLT) and received by optical
network units (ONU) according to the
specific address. In the upstream
direction, each ONU transmits packets
to the OLT and may collide with other
packets if more than one packet arrive at
the OLT simultaneously. To solve this
problem, three multiple access schemes
can be used: time division multiple
access (TDMA), wavelength division
multiple access (WDMA), and code
division multiple access (CDMA). In
TDMA, each ONU is allocated a time
slot telling when to send data and for
how long. This allocation can be static
or dynamic. In WDMA, each ONU
transmits data at different wavelengths.
The WDM components such as tunable

laser and tunable optical receiver are

much more expensive than that of

TDMA and CDMA. The operation and
maintainence are also more complicated.
Thus makes WDMA not suitable for
FSAN.

We propose an EPON configuration
using synchronous OCDMA (SOCDMA)
direction. The

in its  upstream

downstream direction 1s still
broadcasting in nature, which is the
same as the ordinary EPON.
Bidirectional transmission is performed
over a single fiber by wavelength
multiplexing of 1.5 ym wavelength in
the downstream direction and 1.3 ym
wavelength in the upstream direction. In
the downstream direction, the packets
are broadcasted to all ONUs from the
OLT. Only the frames with the desired
ONU'’s Ethernet address are extracted by
that ONU and the others are discarded.
In the upstream direction, Ethernet
frames from the ONU are spread by a
spreading circuit, which uses PDC as the
code signature. The OLT decodes the
incoming OCDMA signals by using the

despreading receivers. Upstream packets

11



of different addresses can be received
simultaneously without collision. The
EPON configuration with maximum
range of at least 20km can split at most
32 subscribers. The synchronization
strategy is worked out as the following.
In the proposed network, the OLT has a
very high precision clock. When there is
an Ethernet packet to be sent, the OLT
just transmits the packet. Otherwise the
OLT transmits the preamble signal. Thus
the OLT plays the role of master clock
and transmits clock information to the
downstream ONU. Initially, when an
ONU is powered, the local clock of the
ONU locks the down stream -clock
signal transmitted from the OLT. In
order to synchronize all the ONUs, the
OLT polls the inactive ONUs
sequentially and periodically. The polled
ONU responses immediately and the
OLT will estimate the round trip delay
and send synchronization information
ONU

back to the ONU. The

synchronizes the local clock and sends

training packet to the OLT. The

procedure will be repeated until

satisfactory synchronization is obtained.

=~ HRERXRER

[5%—%]
A. An IP over WDM Protocol with
Routing and Transport
Capabilities

The concept of the proposed IP over
WDM protocol is not merely an IP over
DWDM adaptation and encapsulation
scheme, but also the concept of utilizing
MPLS Label Distribution Protocol
(LDP/CR-LDP) as the DWDM network
signaling protocol. It also integrates
MPLS traffic engineering control for
optical network elements. However,
each transport protocol does have its
own framing and encapsulation method.
In this section, we will first introduce

the transmission format of the newly

proposed IP over WDM protocol.
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2bytes 2bytes 2bytes 2bytes 6 bytes /Len_gm 4 bytes

Label [CRC-16| Length CRC-16\Conlrol Packet Payload CRC-32
11

Label {CRC-16( Lengthj CRC-16( Control

Fig. 2 Physical and Data Link Layer Frame Delineation of the Proposed IP over WDM Protocol

The transmission format of the proposed
protocol is shown in Fig. 2. The frame
encapsulation is done by using <Label>
<CRC-16>  <Length> <CRC-16>
<Control> and followed by the protocol

data unit of variable length and a

<CRC-32> field as the trailer for

payload CRC checking. As shown in Fig.

2, the “Label” field has two bytes and is
used as the label switching function. The
with  generating

CRC-16  circuit

polynomial: g(x)=x"+x"+x"+1, is
used to check if the “Label” field is
correct or not during searching process
of re-framing. These bytes with “Label”
framing

field together form the

indication of physical layer. The
“Length” field together with the second
CRC-16 bytes is used to indicate the
length of the protocol data unit, and to
be the data link layer frame delineation.

Once the framer arrives at the “Sync”

state, the CRC-16 check circuit is

triggered as the single-bit error
correction circuit (so does at the ‘“Post
Sync” state). So, the framer just need
one CRC-16 and one logic control
circuit which records the status of the
framer and controls the operation of
CRC-16 circuit to be multiple errors
detection or single-bit error correction.
This simplifies the hardware of the
framer a lot. “Control” field is used to
indicate the type of protocol data unit,
scrambler synchronization status and
maintenance information. In order to
avoid the inefficiency of using preamble
techniques as the bit synchronization
method, there must have the inter-packet
fills to maintain the channel continuity.
Those idle inter-packet fills contain only

the necessary <Label>, <CRC-16>,

<Length> and <CRC-16> fields.

Maintenance packets like those to

13



deliver OAM messages will have
additional <Control> and <CRC-32>
fields. These OAM packets will
periodically be inserted into optical
channel with higher priority than the
normal data packets.

We propose 16 bits for labels in the
proposed IP over WDM protocols. To
accommodate all the addressing range,
i.e., 2%°, and incorporate the technologies
of wavelength routing, we adopt 16
different wavelength, 4,,4,--,4,, as a
group of MLPS path addresses. In that
way, we can fully utilize the wavelength
information while keeping electrical
labels as small as possible. In this case,
it is possible that we could integrate the
MPLS technologies with wavelength
routing. These similarities between
wavelength and label have been used for
combining MPLS traffic engineering
control with optical cross-connects
(OXCs). Additional need for a General
Switch Management Protocol (GSMP)
or GSMP-like protocol to interface the
optical router also be

gear may

considered.

L Analysis of Framing and

Encapsulation Performance
To find the frame in “Sync” state at
the first time that the system is powered
up or at the time of re-framing after loss
of frame detected, the framer is in
“Hunt” state. The framer uses
byte-by-byte search to find the first valid
CRC-16 sequence of label field. The
framing and delineation state transition
diagram of the proposed IP over WDM
protocol is shown in Fig. 3. The framing
state transition diagram consists of four
distinct states:

“Hunt”, “Presync”,

“Sync” and “Post Sync” states.

. Labd’s
Length’s Correctable
CRC Found CRC Found

Labd’s
Correctable
CRC Not Foun

Length’s
Correctable
CRC Found

Length’s
Correctable
CRC Not Found

Labd’s
CRC Not Found

Fig. 3. Framing and Delineation State Transition

Diagram
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The procedure of framing and
delineation is as follows: When the
framer is first powered up or in the state
of re-framing, the framer tries to find out
field in a

the first wvalid Label

byte-by-byte shifting and checking
manner. If no valid header is found, the
framer continues the shifting and check
processes, i.e., staying in the “Hunt”
state. Once upon finding such a valid
CRC-16 sequence, the framer moves to
the “Presync” state, and records the
status of framing. The control logic of
framer, at this state, continues to
perform the second CRC-16 checking
for the subsequent specific 4 bytes
(Length field + second CRC-16 field) to
find out the second correct CRC-16
pattern of Length field. If the framer
fails in finding the second valid CRC-16
pattern after subsequent 4 bytes, it then
returns back to the “Hunt” state. If it
finds the second valid CRC-16 sequence,
the framer goes into “Sync” state. At

that point, the framer is considered in

frame. The framer determines from the

Length field to find out how many bytes
there are until the beginning of next
Label field of next frame.

Once the framer gets into the “Sync”
state, the control logic circuit of framer
enables the CRC-16 error checking
circuit into a single-bit error correction
circuit. The framer now detects the
CRC-16 sequence with no error bit and
with one error bit pattern for the Label
and Length field of next frame. If it does
not find the next single-error correctable
CRC sequence, it goes back to the
“Hunt” state to perform the searching
process again. If the framer detects the
first correctable CRC sequence of Label
field of next frame, it goes into “Post
Sync” state (with CRC-16 as a single-bit
error correction circuit). The framer then
continues identifying the subsequent 4
bytes with CRC-16 as single-bit error
correction circuit to see if they are
correctable for the Length field. If not
correctable, the framer goes back into
“Hunt” state to perform shifting and

checking process. If the framer finds out

15



the correctable CRC-16 sequence of the
Length field, it goes into “Sync” state
again and maintains the CRC-16 circuit
in single-bit error correction status. This
process continues until lost of frame
detected and all the re-framing processes
go over again. We analyze the

performance of the proposed protocol as

follows.

II. Probability of Loss of Frame

It is worth to note that at the receiver
side, the framer is first delineated using
<Label> and <CRC-16> to arrive at
“Presync” state and then using
<Length> and second <CRC-16> fields
to get into “Sync” state. Probability of
loss of frame (PLF) is directly a function
of optical channel bit error rate (BER).
Once the synchronization is achieved,
single-bit error correction is activated.
Thus, for a loss of frame, more than one
error in the <Label> and <CRC-16>
fields or less than one error in <Label>
and <CRC-16> fields but more than one
second

error in  <Length> and

<CRC-16> fields is required. Since all
these fields are 2 bytes and the single-bit
error  correction is enabled, the
probability of the frame loss due to the
in framing and

channel corruption

delineation is:

PLF = PLF,, + PLF

Length
where, PLF,,, is the probability that loss

of frame happened in checking valid

CRC-16 sequence of Label field and

PLF,, , is the probability that loss of

frame happened in checking valid
CRC-16 sequence of Length field. These
two probabilities are shown as follows:

PLF,,, =1-[1-P)" +32P.(1-P)"]

PLF,

Length

=PLF, (1-PLF,)

where, F, is the optical channel BER.
Fig. 4 shows the probability of loss of
frame of the proposed IP over WDM

protocol.

Probability of Frame Loss
3

10" 10" 10° 10f
Channel Bit Emor Probability



Fig 4. Probability of Frame Loss versus Channel

BER.

After we obtain the PLF, we can
roughly estimate the ‘“Mean Time To
Frame Loss” (MTTFL) which can be

expressed as follows:

1
PLF * FrameRate

MTTFL =

where, FrameRate is equal to
Channel Bit Rate! Frame Length . However,
since the transport is asynchronous and
with variable packet length, we can’t get
the accurate ‘“Mean Time To Frame
Loss”, unless we know the packet length
distribution. We only can roughly
estimate this parameter with a given
packet length. Fig. 5 shows the graph of
mrTFL (in Years) versus packet length
(in Bytes) at optical channel bit rate
10Gbps and BER 102 We can see
MTTFL even at very small packet length

distribution can still get almost a billion

years!

10 —
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Fig. 5. Mean Time To False Frame versus Packet

Length

IIl.  Probability of False Frame

When parsing the frame byte-by-byte
in search of a valid header, it is possible
that the valid CRC-16 pattern is found
inside the protocol data unit. This is the
case that the CRC-16 header is
simulated by the payload data. And the
probability of false frame (PFF) is equal
to the probability of two consecutive
CRC-16 matches and is shown as
follows:

PFF = (zi) =(2)=2.33x10"

Even if “false framing” happens, the
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framer does not stay in “Sync” state for
the coming frames unless it finds more
consecutive two CRC-16 matches at the
right places. It could be an exact match
or a match with only one bit in error.
This means that the probability of
falsely staying in “Sync” state is Prob
(false sync) = (33x27'%) 2= 25x10®. This
makes the probability of rejecting false
frame becomes 1 - 25x10”® and is equal
to 0.99999975. From this, we can see
that the probability of rejecting staying
in false “Sync” state of the proposed

protocol is nearly equal to 1.

Iv. Mean Time To Frame

Re-frame refers to the transition from
“Hunt” state to “Sync” state as shown in
Fig. 3. Re-frame time, or mean time to
frame (MTTF), is the duration of time
required for a frame alignment circuit to
re-establish frame alignment from being
powered up or from a misalignment
condition. A re-frame procedure consists

of two separate processes: search and

search

confirmation. A process

sequentially searches the CRC-16
sequence for Label header to identify the
beginning of each packet. If there is a
match, the position is provisionally
accepted as a candidate and a
confirmation process is called in to test
validity of the candidate position. If the
confirmation criterion is met with the
candidate position, frame alignment is
declared. If not, a search process is
another

reinitiated, followed by

confirmation process and so on.

1. MTTF Search Process

To consider the worst case, a search
process is initiated just one byte after the
frame

correct position.

alignment
Therefore, all the » bytes in each
packet, where n is variable for each
packet, have to be checked. For the first
(n-1) byte position, a search process
takes time to verify them wrong. If the
payload simulates the CRC-16 sequence,
a confirmation process is called in to

detect its falsehood. After the falsehood
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i1s detected, the search process is
re-initiated and the next byte position is
checked. At thenth byte position the
search process accepts it. Using the
technique of probability of generating
function (PGF) in the generalized state
transition diagram, we can derive the
transition diagram of search

state

process as shown in Figure 6.

confirmation process takes 4/n packet
to detect its falsehood. The probability
of CRC-16 pattern is simulated by the
payload is p, which is equal to /2" .
The

probability of not being simulated as the
CRC-16 pattern is ¢4, which is equal to

If the simulation continues

1-p, .
happening, the framer will go into the

false framing state and the probability of

Fig. 6 Falsehood Detection Process in Search Process

The search process moves from the byte

position i to i+l in one byte
duration. Since the proposed protocol is
a packet based framing and delineation
architecture, the more meaningful units
in qualifying the MTTF duration is in
packets. So, we denote one byte duration
as 1/n packet, where n is the packet
length in bytes. If the CRC-16 pattern of

header is simulated, the

Label

staying in “Sync” state and “Post Sync”
state is p, which is equal to 33xp,
and the probability of back to “Hunt”
state is ¢, which is equal to 1-p, .
From Fig. 6, we then can show that the
PGF of the state transition from state i

to i+1 is given by:

n-4

1 1 4 4 n-4 4

4
a Fr ry 7 R Pl " H
qsZ" + PZ"[qZ" + psZnquZ " + pZn guZ"]
1-pyZ
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The maximum mean time to frame
requires the falsehood detection for the
first (n—1) byte position and a correct
CRC-16 pattern for the last nth byte
position. Therefore if the correct
CRC-16 pattern is not corrupted by
optical channel bit errors, the search
process takes the signal transfer function

©(Z) to the right position, where (2)

is given by:

1

©(2)=[q,2" A+PZ)]"'Z"

=q,"'ZQ+PZ")"

£,7(z)

qDZ%

Fig. 7. Reframe Declaration Procedure

2. MTTF Confirmation Process

After the correct position of CRC-16

pattern is found, the confirmation
process is called in. Fig. 7 shows the
state transition diagram of the reframe
declaration procedure. After the correct

position is found, the probability that the

framer goes into “Presync” state is P, .
And P, is equal to the (1-P)*, where
P, is the optical channel BER. The
probability that the CRC-16 pattern is
corrupted by the channel noise is g¢,,
which is equal to1- P, .

The overall transfer function from the

“Hunt” state to “Sync” state is given by

4

pat(Z)Z"

4
1-gpt(Z)[1+ p,Z7]

Pep(2) =

which is the PGF of maximum average
MTTF. Therefore, the maximum average

MTTF, T, is given by
Tpr = RF(l)

1 . 4
=—ltM+—-psl

Pp n

Fig. 8 (a) to (d) show the maximum
MTTF with packet length 65535 bytes,
1500 bytes, 354 bytes and 576 bytes,
respectively. The packet length of 1500
bytes is the maximum transfer unit
(MTU) of Ethernet and the length of 576

bytes is the length that all routers must

support.
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From Fig. 8 (a) to (d), we can see that
when optical channel BER is less than
107, the maximum average MTTF is
almost equal to one frame. This is quite
straightforward, since the proposed
protocol is actually in “Sync” state in
less than one packet duration. The
maximum average MTTF will be at
most one packet to get into “Sync” state.
This is much faster for the framing of
variable packet length than in
conventional one. Each different length
packet arriving at “Sync” state is almost
the same at channel BER less than 10,
We can see that although the packet
length is a random variable and will
affect the accuracy of actual MTTF
results, we still can conclude that the
MTTF will be almost less than one
packet.

B. Performance Analysis of

Asynchronous  WDM  Optical
Router under Long Range
Dependence Traffic

We first analyze the performance of
the feed forward type asynchronous
WDM optical routers under LRD traffic.
In order to validate the impact of LRD
traffic on the contention resolution
techniques used in optical packet
switching and the benefit of void filling
algorithm, we have done programming
in an ad-hoc discrete event simulator
(DES) using raw C++ code to perform
the analysis. In all the following
simulations, we use an aggregated
ON-OFF process modulated with a
Pareto distribution to simulate LRD
traffic. The Pareto distribution with
cumulative distribution function (CDF),
P[X <x]=1-(b/x)*, for o > 0, has the
degree of self-similarity, H=(3-a)/2,
where He (0.5, 1) and ac (1, 2). All
the traffic parameters for our simulations
are Hurst parameter, # =09, load of
each source, L, =0.8, and the location
ON time Pareto

parameter of the

distribution, b=400 Dbytes. The

switching  parameters are 16x16
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input/output ports, 16 wavelengths/port.
The buffer depth is limited to 10 fiber
delay lines for both of the main output
buffers and common shared buffers.
Wavelength conversion is activated in
all input and re-circulation ports. The
number of re-circulation allowed in the
router is 30, which is a reasonable limit.
The system void records for each output

and re-circulation port are 40.

I. Feed Forward Type Asynchronous

WDM Optical Router

We first validate the effect of excess
load caused by asynchronous and
variable length packets on optical
buffers with fixed delay time, and the
benefit of using void filling algorithm as
shown in Fig. 9. We can see that
hardly

switching  performance is

improved by using  wavelength
conversion solely, which can improve
the performance significantly for the
synchronous and asynchronous optical
packet switch under Bemoulli and

bursty traffic. We also see the effect of

excess load caused by voids in the fiber
delay line buffers. The longer delay line
length for each fiber delay line is, the
more packet contention occurs and more

packets are dropped.

~—— FeadForward Type Witheut Vod Fiing
— FeedForward Type With Void Filling

Log(PPL)

0 1000 2000 3000 4000 5000
Delay Line Length (Bytes)

Fig. 9 Performance of feed forward type

WDM optical router under LRD traffic

Fig. 10 is the performance analysis for
the same router using multiple path
routing (MPR). The three-category
means that input packets are divided into
three different types of traffic: type 1,
80% of the total traffic, not allowing to
adopt MPR, type 2, 10% of the total

traffic, allowing to have one chance to

choose the second output port while the
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original output buffers are full and type
3, 10% of the total traffic, allowing to
have two chances to choose the alternate
output port. On the other hand, the
percentages of six-category traffic
are P1=0.2% for type 1, P2 =30% for type
2, P3=23% for type 3, P4=20% for
type 4, P5=25% for type 5 and
P6 =1.8% for type 6. From Fig. 10, we
believe that MPR is a good technique for

asynchronous WDM optical router.

e Without Void Filling

- With Void Filling

= = Without Yoid Filling + MPR (3 Categories)
----- With Void Filling + MPR (3 Categories)
*+ o= - Withaut Void Filling + MPR (6 Categeries;
=== With Void Filling + MPR (6 Categories)

-25

Log(PPL)

-35

w
RERRAOST Ty

s : : ; ;
0 1000 2000 3000 4000 5000

Delav Line Lenath (Bvtes)

Fig. 10 Performance of feed forward type WDM

optical router using MPR under LRD traffic

PSB Type Asynchronous WDM Optical

Router

From our architecture of asynchronous
WDM optical routers shown in Fig. 11,
we force the delay line length of the
re-circulation ports equal to the delay
line length of the main output buffers in
order to share the common fiber delay
lines. In the following simulation we set
the initial unit delay the same as the
delay line length of fiber delay lines of
the main output buffers. We simulate
two extreme cases for the PSB type
WDM optical routers. One is with single
re-circulation port and the other is to use

16 re-circulation ports.
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Fig. 11 Architecture of Asynchronous WDM router
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Fig. 12 Performance of feed forward type optical
router versus PSB type optical router using 1

re-circulation port under LRD traffic

Fig. 12 shows the performance of feed

forward type WDM optical routers with
and without activating void filling
algorithm versus PSB type WDM

optical routers using single
re-circulation port operating at the same
modes. We can see that the performance
of PSB type routers using single
re-circulation port looks like the
performance of feed forward type
routers in various operating modes.
Although, the performance of PSB type
routers using single re-circulation port is
superior to the feed forward type routers,
the improvement is only a little. The

function of the re-circulated common

shared buffers acts as buffers with larger
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buffer depth for the feed forward type
routers. The improvement of switching
performance is regulated by LRD traffic.
In this case, the PSB type routers using
single re-circulation port can only play
the role of buffer depth extension. It
doesn’t show any benefit of coping with
asynchronous and variable length packet
switching. However, during the period
of packet-by-packet verification for our
simulator, we find that there are two
driving forces in the PSB type routers
affecting the probability of packet loss.
One is the increase of delay line length
in the buffers. The longer the delay line
length is, the higher probability of
packet contention is. The other is traffic
smoothing capability due to the common
shared re-circulation buffer. The longer
the delay line length is, the more
powerful the traffic  smoothing
capability is. These two driving forces
cancel the effect of each other on the
probability of packet loss due to LRD

traffic.

In order to compare this phenomenon

thoroughly, we analyze another extreme
case of the PSB type routers using 16
re-circulation ports and without using
void filling algorithm in Fig. 13. To
compare with various operation modes
in feed forward type routers, we depict
the performance of 16 re-circulation
ports PSB type routers without using
void filling and with MPR activated in
the same figure. We see that the PSB
type WDM optical routers using 16
re-circulation ports without void filling
can have comparable performance as the
feed forward type routers without void
filling but with MPR activated in the
region of longer delay line length. We
also find the same result in Fig. 13, for
the performance comparison between
the PSB type routers using 16
re-circulation ports with MPR activated
but without void filling and the feed
forward type routers with both void
filling algorithm and MPR capability
activated in the region of longer delay

line length. Surprisingly, we find that

the performance of the PSB type WDM
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optical routers using 16 re-circulation
ports has the similar properties with the
feed forward type routers with void
filling algorithm activated for the delay
line length in both of with and without
MPR activated modes.

This not

phenomenon is

straightforward as the void filling
algorithm. We observe that during the
period of packet-by-packet verification
for our simulator, the driving force from
the traffic smoothing is more powerful
than the increase of packet contention
probability resulted from the longer
delay line length of the fiber delay line
buffers. When there are more packets
coming into the routers by using larger
delay line length, it will cause more
packets dropped in feed forward type
routers. If we use shorter delay line
length, the packet will come out from
the re-circulation buffers more quickly.
However, since the input traffic is LRD,
it means that the traffic has a heavy
tailed probability of having very long

packet length. These long packets will

Log(PPL)

occupy the output buffers for a long time.
Then, the packets coming out from the
re-circulation  buffers have to
re-circulate in the routers again and
again. This will cause higher packet loss
probability. These results show that we
can use the PSB type router with

suitable re-circulation ports to handle

asynchronous and variable length
packets without using the
computing-consuming  void  filling

algorithm at the expense of system

complexity.

e - gediorward Without Void Filling
~eme Fg@diforward With Void Filling

— — Feedferward Without Void Filling + MPR
----- Faedforward With Void Filling + MPR
----- P3B Witheut Void Filling
e PSH Without Void Filling + MPR

2000 3000 4000 5000
Delay Line Length (Bytes)

Fig. 13 Performance of PSB type WDM optical

router with MPR activated under LRD traffic
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Fig. 1. The architecture of the NTU switch,

Fig. 1 depicts the architecture of the
proposed optical switch, called NTU
Switch. There are N input ports (output
ports). The transmission speed of an
input line and an output line is the same
as that of the switching fabric. A header
and a trailer will be attached to each
incoming IP packet in linecards. The
output port address, which is assigned
according to the IP address, is placed in
the header. The trailer acts as an ending
delimiter. We let everyG input ports of

the switch group together to share a

preprocessor. The number of output
lines of the preprocessor is G-R ,
where R is an expansion ratio. An output
line of the preprocessor is connected to
an input line of the sequencer followed
by the crossbar switching planes. We
denote the number of planes and the
number of sequencers of each plane by
P and NR/P respectively. Each
crossbar switching plane consists of
which

N’R/P switching elements,

form an (NR/P)xN matrix. The

structures of all switching elements are
identical except with differently stored
output port addresses. The outputs of

switching planes are connected

to N multiplexers. Each multiplexer

has P inputs and single output.

L Preprocessor

the

Each preprocessor accepts

packets from a group ofG input ports
and distributes them to appropriate

sequencers  associated  with  the

preprocessor. The bit stream of an

incoming packet arrives on an eight-bit
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word bus. The sequencer will append a
control bit to this word to form a
nine-bit word before sending this packet
into the crossbar switching plane. The
control bit of a header and a trailer is set
to 1. For a data byte, it is set to zero. The
packet format with nine-bit words is
illustrated in Fig. 2. Note that the format
of the trailer is identical with that of the
header but it consists of an invalid

output port address.

——— 1l word-9bity —m8 ——
Data[8) Data[0]

1t 1 [ [ | 1 |

only at pre-assigned time points, which
are illustrated in Fig. 3, wherer is the
propagation delay of an output port busy
indicator signal in the plane from the
first switching element to the last
switching element in the same column.
When the packet is successfully
transmitted to the destination port via a
certain switching element, the switching
element will send a feedback signal to
inform the sequencer continuing the

transmission until finished. Otherwise

the sequencer will retransmit the packet

Header 1
(2 words)

Output Port Address at the next allowable entering time point.

The sequencer may buffer more than

Payload

one packet. If a packet is not

successfully transmitted after several
Trailer
(2 words)

Invalid Qutput Port Address

attempts, the sequencer may send the
next packet waiting in the buffer to the
Fig. 2. The packet format of the NTU switch,

switch plane at the following allowable

entering time points.
1I Sequencer

The sequencers associated with the
same plane send the packets into the
plane in a round robin fashion. All

sequencers can start to send the packets
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Fig. 3. The timing diagram of the sequencers in the same plane. We show the
case with 4 sequencers.

111 Crossbar Switching Plane
The switching fabric is composed
of P planes. For each plane, the

switching elements in the same column
corresponding to a single output port are
connected to the output buffer via a
vertical bus and an output port busy
indicator line. The switching elements in
the same row are connected to the
horizontal bus and a feedback signal line
associated with the sequencer. The
schematic diagram of one switching
element is shown in Fig. 4. It has two
states: cross and bar. Initially, all the
switching elements are in the bar state.
The feedback signal and the output port

busy indicator signal are idle. The

switching element always listens to the

horizontal bus. The control bit 1 will
activate the correlator to examine the
address in the nondata word. If the
two-word packet address matches the
prestored output port address and the
output port busy indicator signal is idle,
then the switching element changes its
state to cross and activates its connector
to route the packet to the output port. At
the same time it sends a feedback signal
to the sequencer and sets the output port
busy indicator. When any nondata words,
which do not match the output port
address, are detected, the switching
element releases its connector and resets
the output port busy indicator line and
line idle.

the feedback

signal
Simultaneously the state is changed back

to its initial bar state. Because the trailer
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of a packet is designed to consist of an
invalid output port address, it will
always reset the switching element to
the initial state and therefore finish

transmission of the current packet.

From .
Sequencer 7
e, 9 ||
£
wd
g Correlator
2
'_2 Match
-;‘ Busy ) - ¢ L
:z:: Miatch >»\ v-—o—;{ Connccetor I;j
< -
e -
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&
2| l(Wired-ANDY
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Ta SWE
. . l L.
Sequencer Reserve (Wired-AND)

Fig. 4. The block diagram of the switching element.

V. Analysis of the crossbar

switching plane

We analyze a single crossbar
switching plane first because it is the
place where blocking of the packet
streams occurs. Then we use the result
evaluate the

of this analysis to

performance of the overall system.

1. Model Assumptions

In an M x N crossbar switching

To output buffer

plane, each sequencer has a buffer with

storage capacity of K  packets,
including the transmitting one. The
system time is divided into slots,
and M slots are grouped into one frame.
Each slot is equal tor and set to one.
Each sequencer is assigned permanently
to a slot in the frame. The backlogged
sequencer can send one packet in its
assigned slot to the plane to perform
self-routing  switching. The packet
arrival process of each sequencer is i.i.d.
(independent and identically distributed)
Bernoulli process with rate o and the
length of each packet is i.i.d. geometric
distributed with mean u™' slots. Each
packet chooses one of the N output ports
as its destination with equal probability.
The late arrival model with delayed
access is used in our analysis and

We delayed

simulation  [8]. use
replacement rule when a packet arrives
in the last slot of a packet transmission
time and the buffer is full, that is, the
sequencer does not accept such a packet

and packet loss occurs [9].
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2. State Definition

The modes of a sequencer are: idle,
backlogged, and transmission. The
sequencer with empty buffer is in the
idle mode, and it is in the transmission
mode while transmitting a packet. The
backlogged sequencer has packets in its
buffer and is waiting for its assigned slot
to start self-routing. In addition, the
number of packets in the buffers is
necessary for the sequencer to determine
whether to accept the arriving packets or
not. Moreover, after a packet departure,
the mode of the sequencer is determined
by its buffer status. Hence, we classify
the sequencers as idle, backlogged or
transmission with k packets in its buffer,

where £=1,2,---,K.

Packet arrival and departure in each
sequencer occur during one slot with the
probabilities o and u respectively.
However, at the beginning of one slot,
only the assigned sequencer can start

self-routing. The self-routing sequencer

will start transmitting if it doesn’t

collide with others, otherwise, it will

enter backlogged mode. For

convenience, we number all the
sequencers from 1 toM and rotate the
number with progress of slots, i.e., in the
next slot, Sequenceriin the current slot
will become Sequenceri+1 (mod M ).
Without loss of generality, the current
slot is assigned to Sequencer 1 which
can start self-routing if it has packets
waiting in its buffer. We observe the
system at the beginning of slot ¢ and
vector

define the state

as  VO=(VO,...VvO..VvO)
(0. Bt 0.0 (1)

whereV})—(zf.),bf.,,),...,b;},t“,...,tj,K)

and i” =Pr{Sequencer jis idle in the

time slot t], b} =Pr[Sequencer j is
backlogged with k packets in its buffer in
the time slot t], tj.f,’c= Pr[Sequencer j is

transmitting packets with k packets in its
buffer in the time slot t]. For

Sequencer j , we have

K K
O] O} ) — =
it +;bj,k+;t“—l Vji=1,2,,M.
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Note that we have defined a

multi-dimensional Markov chain

{V(‘),t = 1,2,-.-,00_}.

The stochastic behaviors of

Sequencers 1,..., M are identical and

independent.  Therefore, we can

determine the state probabilities of
Sequencer 2, ..., M in the next slot given
the state probabilities of Sequencer

1,...,M —1in the current slot:
v =v@.C, Vj=23M
where C is the routing probability matrix.
Because self-routing is possible for
Sequencer 1, and the probability of
successful switching is determined by

the modes of the transmitting sequencers,

we have

Vi =(1-5) VY D, +sV -D,
where s =Pr[self-routing is successful],
and D,(D,) is the routing probability

matrix given that self-routing fails

(succeeds). The collision will occur if
the self-routing packet is destined for an
output port to which one of Sequencer
2,..., M is transmitting. Based on the
assumption of uniform traffic and using

the law of total probability, we have

where T, =Pr[There are m transmitting

sequencers among Sequencer 2,..., M ].
When the buffer of a sequencer can store
only one packet, the corresponding

routing matrices are given as follows.

-0 o 0
C=| 0 1 0o |
g 0 1-up
-0 o 0
D,=| 0 1 0 |
“u 0 1-u
-0 0 o
D,=| 0 0 1 [
g 0 1-p
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C= (C“[P,(I] 0 J
C,l[pr.q] C,lp.q]

b

D=(D”[p’Q] Dlz[P,q]J
D, [p.q] D,lp.q]

where
l-o,ifp=¢q,1< p<K, u(l-o),ifp=¢q,1<p<K -1,
o, fp=g-1L1<p<Kk, uO, ifp=qg-1L1<p<K-1I,
Clp.q)= . C,.[p.q]= _ d
1, ifp=g=K+1, U, ifp=qgq=K,
0, otherwise. 0, otherwise.
(I-o)1-p),ifp=¢q,l<p<K-I,
oc(l-u), ifp=gq-1L1<p<K-1,
C22[psq]= .
1-p, ifp=q=K,
0, otherwise,
f - 'f —_— —
R(I-O'), lfP=q,25P5Ka 1 1-R).if 1.2 K
. -c - ,1 =qg+1,2<p<K,
D,[p.ql={ R, ifp=qg=K+], Dn[P,q]=( ) ),p 7 P
Ro, ifp:q_l’lspsK, 1-R, 1fp=]-(+1,q=K,
o, otherwise. 0, otherwise.
(u(1-0),ifp=gq=1,
Ru(l-o),ifp=¢q,2<p< K -1,
D,([p.ql={ Ry, ifp=q=K,
Ruo, ifp=qg-11<p<K-1,
0, otherwise.
(1-o)0-p)+uoc(1-R), if p=q,1<p<K-1,
1-p, if p=g=K,
u(1-o)(1-R), if p=qg+1,2<p<K-1,
D,,[p.q]= .
y(l-—R), if p=K,qg=K-1,
0'(1—;1), if p=¢g-1,1<p<K-1
0, otherwise,

where o and u are defined in the assumption of traffic model. According to the

definition, D, (D) is equal toD with R =1 (0).
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V. Limiting Probabilities

We assume the system is in the
steady state and denote the steady state
vector by V . Using the above equations,
we have

V.=V, .CVj=2, M,

and

V,=(1-s)V,,-D,+sV, -D, .

The steady state probabilities are in
terms of V,, which satisfies a nonlinear

equation

V,=V,-C"".[(1-5)D, +sD, |

We  define the  generating
function[10] to count the events that m

sequencers are transmitting packets: .S (x)

= lﬂl|:1+(x-—l)itj’k} . In S(x), we

have counted the probabilities of

transmission for Sequencer j, i.e.,z,, by

associating them with x . Hence, T, is
equal to the coefficient of x”inS (x)
and hence S (0)/m!. Because Cis a
have

stochastic matrix, we

K
i+ (B +t,)=1

k=1

Finally, we can solve for V, by using
Newton’s Method for systems of

nonlinear equations.

VL Analysis of performance metrics

1. Definition

We denote the throughput of the
switch by y, which is defined as the
average utilization factor per output port.
The generating function which counts
the number of sequencers in the

transmission mode is

1"(x)=I—E4=1 {ij + Z; (bj,k +X-t;, )} The

coefficient of x™ inI"(x) is the probability

that there are m sequencers iIn
transmission mode. Hence the expected
number of transmitting sequencers
isT"(1). After using the normalization
M
=

K
.. . r ¢
condition, we obtain y=C0=%"%"%4
1 k=1

Because of conservation of the traffic
flow, we have <(1-pf)=y; in the
steady state, where we denote S as the
blocking probability. Hence,

35



B=1-(mo/oM)

We define the delay experienced by
each packet in the sequencer as the total
time it spends from the instant it arrives
at the sequencer buffer to the instant
when it finishes transmission. The

associated generating function for the

ox)y =

H}JZ] %f + 211;1 (bj,k +, )xk } . The

x" in Q(x) is the

system size is

coefficient of
probability that there are m packets in
the system in the steady state. Therefore
the expected systems size isQ (1) . Using
the well-known Little’s Law [10], we

obtain the packet delay as follows

M

T=0 (1)/ Nou=3 3 k(b +1,,) /Nm

Jj=1 k=1

—_

2. Validation of the Model

We use a stochastic self-driven
discrete event simulation to verify the
correctness of our analytic model. The
assumption of simulation is identical

with the analytic model. We measure the

time average utilization per output port
as the throughput. The delay is measured
by averaging over all the packets.
Finally, the blocking probability is
defined as the ratio of the total number
of discarded packets due to overflow of
the buffers to the total number of
arriving packets. Fig. 5 plots the
comparison of simulation results with
the analytic model. Both the unbuffered
case (K =1) and general case (K =4)
are verified. It can be seen that the

results obtained through the analytic

model agree with simulation very well.
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Fig. 5. Comparison of the simulation and analytic result for (a)throughput, K=1, ,u'l =4,
(b)delay, K=1, 12™' =4, (c)blocking probability, K=1, 12" =4, (d)throughput, K=4, & =0.1,
(e)delay, K=1, o =0.1, (f)blocking probability, K=1, o =0.1.
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VII. Performance of the
multiplane switch

We assume that the packet arrival
processes at the linecards are i.i.d.
Bernoulli process with rate 4 . The
incoming packet will be sent to the
connected preprocessor, where it
chooses one of the connected sequencers

with the same probability. Hence, the

arrival rate of the Bernoulli process at

each sequencer 7 is equal to A/R ,

where R is the expansion ratio.

1. Throughput for Infinite Buffer

Let us assume for the moment that
the storage capacities of input and
output buffers are infinite. Thus, we are
considering a no-loss system. We denote
the throughput per output port of the

crossbar switching plane by y . The

overall switch throughput per output

port is the aggregate throughput of the

outputs of the planes

P
¥, = D%, =Py. We are interested

I=1
in the maximum throughput y, which
occurs at saturation. When the system is
at saturation, there are always packets
waiting in the buffer of the sequencer to
be sent. Thus, there are no idle modes
and the vector V

state equals

(bl,,,...,bM’,;t,yl,...,tM,,). We have the

routing probability matrix
o - [ 1 0 ]
Mo l-p
R 1-R
and D = . The
Ru 1-pu+p(1-R)

associated generating function with
M

throughput is S(x) = H[l +(x-1)¢, ] :
i=2

Then we can use the state transition

equations and the normalization

M
conditionZ(b“ +1, ) =1to solve for
i=1
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the steady state vector V . Finally, the

M
maximum throughputisy, = %Zr Ix

Jj=1

Fig. 6 shows the maximum
throughput with different expansion
ratio R and number of planes P. We see
that the HOL blocking is alleviated by
increasing the number of planes and
expansion ratio. Moreover, the mean
also affect the

packet length will

maximum throughput. For
a 32x32 switch, we see that 100%
throughput is attained with four planes
and expansion ratio 1.5 if the mean
packet length is larger than 207 . This is
because when the packet length is larger
compared to the frame duration, the
fraction of time the sequencer spends in
waiting its turn to perform self-routing
will be smaller. However, the large
packet will also block the transmission
of the other packets destined for the
same output port. Hence, the gain of

throughput will decrease as the packet

length increases.
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Fig. 6. The maximum throughput for infinite
buffer for (a)R=1, (b)R=1.5.

2. Blocking Probability

In this and next subsection, we
consider a loss system. Assume that the
buffer capacity in each sequencer
is K packets and the output buffer of
each output port can store K packets. An
output queue for each output port is
shared by all P planes and no
backpressure mechanism is used. We

model the output buffer by a discrete

time Geom/Geom/1/K, queueing
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system. The offered load of the output
buffer is Py, and the departure rate is
4 . We can use a Markov chain analysis
state probability of

to derive the

the Geom/Geom /1/ K, system [11]

P _ PO [la(l_lu)J , n=1,---,K

! _1—/,! lu(l—/lo)

and
P=(u-A —4,|
v =(1-2,)/ |1 o(ﬂ(l_l)
whered, =P-y-u.

Because of the BASTA property of
the arrival process [12], the blocking
probability at the output buffer (7,,) is
equal to the probability of state K, that

is, Py, = F . Using conservation of

packet flows for an N x N switch, we

have 7(1-P)=Py(1-R,)

where P, is the overall blocking

probability.  Therefore, we have

P.y.
Py=1- ; Iu(l—PBz)'

Fig. 7 shows the blocking
probability of al6 x16 switch, where we

denote by L the mean packet length.

We find that the blocking probability is
almost the same when the packet length
is 10 or 100 for R =1.5 and P =4. This is
because when packet length is larger
than 8 the maximum throughput of
a 16x16 switch has attained 100%
if R=1.5and P=4, and hence the
performance of the switch doesn’t
change greatly with the packet length.
The blocking probability is more
sensitive to the change of output buffer
capacity than that of input buffer
capacity. Increasing the capacity of the
output buffer will obtain more gain in
blocking probability than increasing the
capacity of the input buffer. However,
the more the input buffer capacity is, the
more the gain is obtained when we
increase the output buffer capacity.
There exists an upper bound beyond
which the gain doesn’t increase
especially in the light load. Finally, we
see that the maximum throughput with
infinite buffer capacity can be attained if
we increase both the capacities K

and K, . When R=1and P=2, the

40



switch is input buffer limited and
therefore the gain of the blocking
probability doesn’t increase as the
output buffer capacity increases when
the input buffer capacity is small. The
blocking probability will be smaller
when the mean packet length is 100.
case R =1.5

Comparing with the

and P =4, we see that the more

alleviation of blocking effect using more

planes and larger expansion ratio.
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3. Waiting Time
The waiting time is defined as the
time interval from the time an arbitrary
packet enters the buffer to the time the
buffer.

packet leaves the

Storing-and-forwarding  switching 1is
used in our model, hence the minimum
waiting time is twice the packet length.

We denote the mean waiting time of the

switch by W . Clearly, W=T+T, ,
where T is the mean waiting time spent
in the sequencer buffer and 7, is the
mean waiting time spent in the output

buffer. 7 is obtained by using Little’s

Law:

K,
T, =ZnPn/ﬂ., (1-B,)
n=1

Fig. 8 shows the mean waiting time
of packets in units of mean packet length
ina 16x16 switch. We see that packets
with mean length of 100 will spend less
time in units of mean packet length
waiting then to the packets with mean
length of 10. The difference in the

behavior of the waiting time is more
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Fig. 8. The normalized mean
waiting time of a 16 x16 switch for
(a)P=4, R=1.5, (b)P=2, R=1.

obvious when the switch is input buffer
limited, ie, R=1 and P=2

Therefore, it is more efficient to operate
in longer packet length when the switch
is input buffer limited. Note that when
the switch is output buffer limited, that
is, R=15 and P =4, increasing the
input buffer capacity will obtain much
gain in the blocking probability if the
sufficient output buffer capacity is used.

This is attained at the expense of

increase in the mean waiting time.
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VIII. CONCLUSION

We analyze the queueing system of
the crossbar switching plane, where
blocking of packet streams occurs. The
maximum throughput, blocking
probability, and waiting time of the
overall system are obtained based on
this analysis. As seen in the analysis,
although the input port expansion and

multiplane structure increase the switch

complexity a little, it will significantly

improve the throughput. Our result

shows that a reasonably sized NTU
and 1.5

switch with four planes

expansion ratio will have 100%
maximum throughput, which matches

0OQ switches. the result

Moreover,
shows that the blocking probability and
waiting time of the switch is output

buffer limited when enough planes and

expansion ratio are used.

B. Multicast Switch

There are many multicast switches
proposed and analyzed in the literature
[13]. However, a little is done about the
multicast scheduling of variable length
packets. In this report we assume that an
incoming  packet has  multiple
destinations and is of variable length
without being fragmentized into cells.
Hence a new architecture must be
designed to solve output contention
among all the multicast destinations, to
replicate the packets and finally to route
their destinations

these copies to

respectively. The complication arises
because the availability of outputs is of

random nature.

Multicast queueing disciplines were
discussed in [14] for fixed length
packets. It was shown that the multicast
service with Fanout splitting has better
throughput and delay performance.
However, the performance of a switch
capable of handling variable length
packets is not discussed. In this report,

we assume a random HOL service with

Fanout splitting. Multiple copies of an
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incoming packet can be served at the
same time, depending on the availability
of the destinations. The HOL packet in
an input is completely served if all its
copies are transmitted. Then the next
fresh packet in the queue can move into
the HOL position. It will be shown that
the maximum throughput depends on
not only the mean of the Fanout
distribution as expected, but also on a
quantity termed Fanout Function, whose
characteristics will be surveyed in detail.
The mean waiting time will also be

derived.

The HOL queueing discipline for
multicast packets with variable length is
more complicated than that for fixed

length  packets because of the

asynchronous  nature of  output
availability. Hence, it is difficult to
schedule the routing of all the multicast
copies by a central arbitrator. Instead,
replication,

distributed packet

decentralized output contention

resolution and self-routing are very

desirable. In this report we propose a
multicasting switch based on the

previous  architecture to provide

multicast  switching function with

randkom HOL service and Fanout
splitting. This switch, which is a
combined input output queue switch,
can achieve 100% maximum throughput
and hence emulates an Output Queue

switch by using multiple planes, input

grouping and expansion techniques.

1. Multicast Switch Operation

BedA

utput_Busy

4

AN

K Residual j

Reservation

Fig.9. The switching element of

multicast switch.
The architecture is Fig.9. For

multicast  switching, the linecard
generates a multicast address packet and
a data packet for each incoming packet.
The multicast address packet consists of
a truncated bit map of the incoming

packet's multicast destination set, and
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the multicast data packet carries the data
unit of the incoming packet. Each output

has a preassigned bit in the bit map. For
example, in a bit map {b,:i=1,2,",N },
b; is set to 1(0) if output i is(not) in the
multicast destination set, for i =1,2,-N.
The transmission of the whole bit map is
not necessary when outputi are not in
the multicast destination set for
i =1+1,7,N, where/ is the last output
port number in the multicast destination
set. Because both kinds of packets are of

variable length, trailers are appended to

indicate the ending.

The linecard sends the multicast
address and data unit of its HOL packet
to one of the shared sequencers via the
coordination of the preprocessor. The
sequencer can broadcast a packet to all
the switching elements connected to it.
The schematic diagram of the switching
element is shown in Fig.9. A switching
element consists of a multicast bit,
which is represented by the output of a

J-K Flip-Flop as shown in Fig.9. The

switching elements in the same column
of a plane are connected to the same
output and interconnected by an output
busy indicator line. Once the multicast
address packet is sent to a sequencer, the
sequencer will broadcast this packet
immediately. The connected switching
element will check whether it is in the
multicast destination set and if so, its
multicast bit will be set to high, or else it
is set to low. Note that the multicast
address packet of an incoming packet is
sent only one time to solve the multicast

addressing problem.

The sequencers in the same plane
must send a data packet in a round-robin
fashion to prevent output conflict. The
sequencer waits for its preassigned time
point to broadcast the multicast data
packet. When a data packet arrives, the
switching element, whose multicast bit
is high, will check the output busy
indicator line output busy. If this line is
high, the switching element will route

the incoming data packet to the
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connected output, reset its multicast bit
to low, and set the connected output
busy indicator line output busy to low.
Otherwise, the switching element
discards the data packet and sends a
NACK signal to the sequencer through
the signal Reservation. The switching
elements must also send the updated

multicast bit to the sequencer through

the signal Residual.

Then, the sequencer checks signals
Reservation and Residual. If Reservation
is high, it means that there are no
switching elements able to route the data
packet and hence the sequencer will
terminate this transmission. This data
packet will be transmitted again at the
next allowable time point. If Reservation
is low, the sequencer will check
Residual. If Residual is high, the data
packet is already sent to all the multicast
destinations and the  sequencer
completes the processing of the packet
after this transmission. Otherwise, the
the next

sequencer will wait for

allowable time point to transmit the data
packet again. This process is repeated
transmission

until completion, i.e.

Residual is high.
II.  Performance Analysis

Assume that the packet arrival
process at each input is independent and
identical Poisson process with rate A, .
The length of each packet is
independently and identically
exponentially distributed with mean 1/pu.
For multicast switching, a packet may
request delivery to multiple destinations.

This multiplicity denoted by F is termed

Fanout, and its probability mass function
is p,2Pr[F=f ],V f=1,..,N. The

multicast destination set of each packet
is a random sample without replacement
of all the N outputs. That is, the first
copy chooses one of the N outputs
randomly, the second copy chooses one
of the remaining N -1 outputs randomly,
and so on. When A is much larger than
the mean Fanout, we can approximate

the destinations of a multicast packet to
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be independently and uniformly

distributed for all outputs, since the
resulting event of having two identical
becomes

destinations in a packet

unlikely for large N . Therefore, the

packet copy flows are spread evenly into

all of the N outputs.

The buffer capacity of each

linecard is assumed to be infinite.
Ignoring the overhead of preprocessor,
we can model the G linecards and the
associated G- R sequencers by an M/G/c

queueing system, where the number of

servers ¢ is G'R and packet arrival rate

is G- 4,,. The service time is defined as

the time each packet spent in the

sequencer.

1. Service Time in Sequencers

The service time distribution of

each multicast copy, denoted by
X, ,i=1,...,F, is exponential with rate ¢q:
N el Eleivy g , \
[/ v R N v s A M M
FAPYEED ‘.l i !
A S
AR H ik

And an incoming packet spends time

X in the sequencer. The mean of X is

E|X = “’m:—--z Uy py
PP RIL L‘}' F
,I f’ f’ll‘l
where
, L‘[_.[[fy’ A [.‘
o M 2N

P, 2(Np) is the input load, and 7 is

the Fanout Function. The coefficient of
variation of X depends only on the

random variable F:

where

S
(\‘2 i— A e = 1.
XUENE T EAT

022 (1 and 43 2 ST 02

2. Maximum Throughput
The maximum throughput per

output, denoted by S, is attained when

CAm (X =1,
We can solve A, under the saturation

condition as
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R-P-pu

‘Aiu -

Then, we have the maximum throughput

/Xﬁi. I F u
Min (— l)
H

R-P

as

—  Min (—Ql .
R Py

3. Output Buffering Condition
For given multicast traffic with
Fanout Function 7 and the 100%
maximum throughput requirement, i.e.

S=1, we can express the optimal values

R Py
P = —or R, — —L
T

of R, andP, as

For multicast switching with finite

mean Fanout, 0<p<l, and without
expansion, R=1, it is necessary to use
obtain 100%

multiple planes to

throughput. Moreover, the smaller 7 is,

more planes are required.

The required R or P, is smaller in

P LE|Hy + R-EF|

the multicast switching than in the

unicast  switching.  Therefore, a
configuration of our system to emulate
output buffering in unicast switching
always also attains 100% maximum
throughput in the multicast switching

casc.

4.  Mean Waiting Time in Linecards

Because there is no exact solution
of the M/G/c queueing system, we use
the following approximations to

evaluate the mean waiting time

1

. . . « I’( < Trgcexn
EWy, =il piagm - p——= LI

X
where
fep” B PN {epd ]
- iepi p - ! LA
L _—% 3. l,l T : ’
GALetil pi Liso & [OER BT
¢ =~ I': aY 8 Q ,"v ‘Y
~ =11 - C “'J—f.—l 1 (~'Y_u‘
; X el - -

c=G-R.op— L2l |\
The normalized mean waiting time,
E[W,] p, is a function of the input load
P, and the Fanout distribution. The

Fanout will affect the mean waiting time

through C2.
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C. Numerical Result

Assuming a 64x64 switch with P
planes and R expansion ratio, the Fanout
distribution can be deterministic or
truncated Geometric distributed, both
with the same mean Fanout E[F]. The
deterministic Fanout is a fixed value of
E[F].The truncated Geometric Fanout
has possible values of 1,2,3,...,64. We
use these two distributions to evaluate
the maximum throughput and optimal
expansion ratio as shown in Tables 1
and 2 respectively. The simulation
values in Table 1 are obtained by using
deterministic Fanout and the bound of
95%
(SimL,SimU). As a

deterministic distribution is a good

confidence interval given as

result, the

candidate for Fanout distribution in
performance evaluation because its
Fanout Function is easy to evaluate and
doesn't differ very much from other

distributions.

A multicast switch with small
expansion ratio and multiple planes will
eliminate the HOL blocking, as shown
in Table 2. As the mean Fanout E[F]
increases, it can lower the switch
complexity to less than N? by using
enough planes. For example, if we use
three planes when the mean Fanout E[F]
is four, the switch complexity is

0.6931N2? for Geometric Fanout.

Although the number of linecards
per preprocessor, G, doesn't affect the
maximum throughput, it can lower the
mean waiting time in the linecards as
shown in Fig.10. When four linecards
are grouped to share a preprocessor,the
normalized mean waiting time is smaller
than that when two linecards share a

preprocessor.
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2 SimL (LDD5HT (.5915 0,795 0.8910)
Sim (1.56HT 0).6056 (L8131 (O.N80975

Siml’ (L.H7THR (1.6TON (.8251 0.9111

Dedt. 0.6207 1.6626 0.90400 0.9910

(reo. ().6:155 {1,686 0.5530 1.0000)

3 Sl ().605%8 0.G300 0.9032 0.97H9
Simn 0.6121 06168 0.9150 {,9592

Sionl’ (.6G190) 0.65:16 (.9269) 1.0000)

Det. (0.GHTH 0.6973 (.9796 1.0000)

(Feo. (.6GX39 (1.7220) 1.0000 1.0000)

| Siml (L6112 (0.6738 (L9759 1.0000)
Sim 0.6G197 0.6507 (.O%GO 1.0000)

Sinl’ 0.6551 0.687T 0.9960) 10000

Table 1. The maximum throughput.

l

EF P 2 3 :

1 Al 2 1.5 1.3333
5 Del. 1.5000 1.1250 1.0000)
- (Fco. 1.3863 1.0397 (0.9212
} Det. 1.2222 N.9167 08118
’ (Feo. 1.0986 (1.8240 0.7321
1 Det. 1.0417 0.7313 0.601-1

(ieo. 0.92:12 0.6931 0.6161

Table 2. The optimal expansion ratio.



D. Conclusion

We generalized the performance

analysis of variable length packet

unicast switching to random HOL
multicast service with Fanout splitting.
The Fanout F affects the maximum
throughput through the Fanout Function,
7. We formulate the maximum
throughput analytically as a design

guide.

The performance simulation results

match the analytical calculation. The

4 |—
> -
€
-
o
g s
T
3 eF
I o p—
= -——-—-——-3
%2_ — e 4
£ G=4
2

Fig. 10. The normalized mean waiting time.

n

optimal number of planes and expansion
ratio are derived to emulate the output
buffer switch. The input grouping with
larger G can lower the mean waiting
time. It is known that the condition of
the switch for unicasting is more
stringent than multicasting and we can
lower the number of switching elements
to provide multicasting. In particular, the
complexity of the switch can be lowered

to less than N? by using multiple planes

in multicast switching.

Input Load, P
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A. Perfect Difference Code

Definition: Let W be the v-set of the

integers 0, 1, 2, ..., v-1 modulo v. A set

D={d,.d,,...,d, } is a k-subset of W. For
every a #0 (mod v), there are exactly

A ordered pairs (d;,d;), i# j, such

that

d~d; =a(modv).

(M

A set fulfilling these requirements is
called a perfect difference set. Since
there are k(k-1) pairs and the total

number for a# 0 (mod v) is (v-1), the

relation among v, k, A is
1= k(k-1) ' @
v-1

We can construct perfect difference
codes C, ={c, o,C,1sCrp}> TEW,

based on the cyclic difference set with

the rule
1, forieD,
c..=
“ 10, otherwise.
3)

The code weight, code length, and total

number of codes are k, v, v, respectively,
where v =k’ —k+1. The cyclic-shifted
property of perfect difference codes
of a tunable

makes the design

transmitter or a tunable receiver
simpler.

The application of the perfect
difference sets in the SOCDMA
systems is investigated first time. We
also propose a new SOCDMA system
using these sets as the signature codes.
Based on the cyclic-shifted and unity
cross correlation properties of these
codes, we propose the transmitter and

receiver structures as shown in Fig.1

and Fig. 2.

Fig. 1. Tunable transmitter structure.
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N delay controller
input pulse ( s/ =1 output pulse
L _
N

Fig. 2. Delay line selector in the ith

branch.

An optimal divider shown in Fig. 3
is used in the receiver to enhance the
system performance. The numerical
result with consideration of shot noise,
thermal noise, APD bulk, and surface
leakage currents is shown in Fig. 4.
PDC with the proposed receiver
structure can effectively eliminate the
MUI and the asymptotic error floor,
which appears in the SOCDMA
systems with modified prime sequence
codes. Moreover, the proposed system
can provide reliable communication
even under heavy load without reducing
the number of usable codes. It is
believed that the proposed system
performs better than other SOCDMA

systems.

Fig. 3. The fixed receiver structure

with optimal divider.

.

p=17 (Na272} ]

p=11(N=110)
S~ [/ pe13(Nx158)

(N=183) (Na273)
102 [[| — — without 2 divider |
[ |- - o - intederence estimator | ~
with &n optimel divider ‘ .
1 10 12 14 18 8 20
Received power per pulse P nw
Fig. 4. Bit error probability

comparisons under different code

weights and full load.

B. Optical orthogonal codes with
nonideal cross correlation
Recently, the construction and

performance analysis of OOCs for

optical code division multiple access

(OCDMA) systems have been

investigated widely. A (v,w,4,,4,) -

OOC is a family of (0, 1) sequences

with code length v, code weight w, the
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maximum value of  off-peak
autocorrelation A,, and the maximum
value of cross correlation A, . Most
studies paid attention to (v,w,1)-OOCs

with 4, = 4, =1 for the sake of

synchronization and  minimizing
interference. However, under the
constraint of the ideal auto- and

cross-correlation properties, the code

size is upper bounded
by |(1/w)|(v=)/(w=1)|| , which is
linear to the code length, where |x ]
denotes the greatest integer not greater
than x. Therefore, the code size is very
sparse with respect to the code length.
In order to obtain a larger code size, we
should relax the constraint. We drop
some marks appropriately from & marks
of each code, such that the modified
code weight becomes w and the code
length is still equal to v. Moreover, the
cross-correlation property should satisfy
the constraint of A, =2, even when the
two codes are aligned with each other.

For example, the set {0, 1, 3, 7, 15, 31,

36, 54, 63} is a (73, 9, l)-perfect

difference set, where each element

means the mark position. We can drop

the first and the last five elements from
the set, respectively, to form two
subsets. Therefore, the two subsets form

a family of (73, 4, 1, 2)-O0Cs. We can

further use the follow algorithm to

obtain the code with maximal code size.
1) Construct a perfect difference set
with elements according to (A),
where k=q +1 and
v=g"”+q"+1, g is a prime
number and r is a positive integer.

2) Each element of an extended field
F =GF(qg")U{oc} , which also

contains k elements, is related to

one element of the perfect
difference set.

3) Choose all the possible subsets
with w elements from F and reserve
the subsets fulfilling the property of
a circle, where w=g¢q+1.

4) Each circle is related to w elements
of the perfect difference set. The w

elements form a code word with

code length v and code weight w,
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where each element represents the
mark position. The codes form a
family of (v,w,1,2)-O0Cs.

The total number of codes is given by
q2r _ 1
qg-1

T=g"" )

Fig. 5 shows the bit error probability
versus the received power per pulse of
the systems using the four classes of
OOCs under the number of
simultaneous users N=200 and code
length v=6643. When the received
power P, is small, these systems are
power limited. When £, is large,
these systems are MUI limited. It also
shows that the proposed codes with
reversed codes perform better than ideal
OOCs and Yang’s codes. Moreover, the
proposed codes have the largest code
bit error

shows the

size. Fig. 6

probability versus the number of
simultaneous users under the fixed

received power FB, =05p W. At
BER <107, the systems with the ideal
OOCs have only about eight (with w=3)

or 25 (with w=4) simultaneous users.

The systems with Yang’s codes have
about 52 (with w=5), 83 (with w=6), or
115 (with w=7) simultaneous users. On
the other hand, the systems with the two
proposed codes accommodate about
190 users and have more users than the

conventional coding schemes.

> 2
] S
-«
10 ve6643 L AR PRIV £ I i
E N=200 & wes
= 107 .
& NI STV
00 | | o ideal 00Cs AN :
F |- -~ Yang's codes S weld i
* — without reversed codes R -

© - - with reversed codes

1 DW 1 A

01 045 02 025 03 035 04 045 OS5
W

Received power per putse

Fig. 5. The bit error probabilities versus
the received power under v=6643 and

N=200.
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Number of simultaneous users

Fig. 6. The bit error probabilities versus
the number of simultaneous users under

v=6643 and P, =0.5uW.

We propose two new classes of
OOC:s. For the first time, we show that
it is possible to construct a code family
with code size larger than the code
length. Compared with ideal OOCs and
Yang’s codes (v,w,],2)under the same
code length and code weight, the
performances of the systems with the
four classes of codes are almost the
same as one another. However, the
proposed codes accommodate the users
10 times (which depends on the values
of k£ and w) more than ideal OOCs for
larger code length. To increase the
number of simultaneous users for a

given BER, we may increase the code

weight and reduce the code size. We
show that it is possible to accommodate
many more simultaneous users with the
proposed codes than ideal OOCs and

Yang’s codes.

C. Jitter Performance Analysis of

SOCDMA-Based EPON Using
Perfect Difference Code

For the spread spectrum
technique of wireless communication
system, PN sequence is usually used as
a signature pattern. However, the
SOCDMA code structure is designed
under some correlation constrain and
we can’t further assume it at random.
Therefore, we discuss the correlation
property of PDC, which has better
performance than other codes in the
literature. We have the following
observations. The codes with weight &
and length v=4k’>-k+1 have k-1
codewords with first chip of value “1”
and k-1 codewords with last chip of
value “1” but not both. These 2k-2

codes are called margin_1 codes. There
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exists only one “special code” with both
first chip and last chip of value “1”. The
rest codes are named margin_0 codes as
shown in Table. I. Note that the
margin_1 codewords do not include the
special code, which has chip “1” at both
first and last chip position. We also
observe that each codeword has two
codes. For

corresponding  burden

example, the desired receiver codeword

“000001010000110010000 has
corresponding burden codes
“000000101000011001000” and

“000010100001100100000” which are,
respectively, the right shifted and left
shifted versions of the desired code. We
call it burden code because the
cross-correlation between desired code
and burden code is larger than the other
codes. In the following analysis we will
show that the burden code jitter has
major impact on BER performance.

We can classify the receivers into
three categories: the margin 1 receiver,

the margin_0O receiver, and the special

code receiver. A margin_1 receiver has

the margin 1 code as the signature
codeword. When time error occurs, the
correlator output of the last chip 1
receiver is influenced by the next
transmitted data bit of the interfering
users. On the other hand, the
first_chip 1 receiver is influenced by
the previous transmitted data bit. The
two kinds of receivers have the same
correlation properties. Without loss of
generality, we consider only the
last chip 1 receiver in the following
analysis and the analysis of the other
kinds is similar.

We suppose that the signal
waveform of APD output is rectangular.
Moreover, the output waveform after
entering an ideal low pass filter with
bandwidth much larger than the signal
bandwidth (e.g. filter bandwidth is five
times of signal bandwidth) is very
closed to rectangular. The thermal noise
and shot noise in this receiver are much
than MUI and will not

smaller

significantly influence the system

performance. Therefore, we can assume

57



a rectangular signal waveform in our
analysis without loosing the accuracy.
We evaluate the jitter properties of three
different receivers as the following.
A. The Receiver with Correlator

For the receiver using a correlator,
if the desired signal has time error ¢,

and the correlation error in each chip is

A, , the autocorrelation has the

following property:

={(1—Ad)-k+y~Ad,if specialcode 1)
(1-A,)-k +A,,otherwise

where y is binomial distributed with
equal probability that the desired signal
has bit 1 or 0 in neighbor transmitted
data bit.

The calculation of
cross-correlation of PDC is

more

complicated than that of autocorrelation

because the cross-correlations of

codewords with first chip 1 and
last_chip_1 are different. Assume N,
is the number of interfering users
transmitting bit 1 in present bit duration

and N, is the number of interfering

users transmitting bit 1 in next bit

then

duration, N, and N, are

statistically independent. The

cross-correlation between the i-th

interfering user and the desired

last_chip_1 receiver in present data bit
duration C, is given by:

1 ,if 7hasfist_chip0
G= 1-Ax, ,if ihasfirst_chipl . @)
1+(k-2)-Ax, ,if i isaburdencode

The cross-correlation of the last _chip 1

receiver with the i-th user in next

transmitting bit is

,if next bit transmits 0 3)

0
C =
" {A,.zi ,if nextbit transmits1

where
1 ,if late ti

X, = 1 ate III.le €Iror (4)
0 ,if early time error
1 ,if next bit1

z, = . . &)
0 ,if next bit 0

Assuming that bit “1”, bit “0”, late time

and early time errors have the

probability equal to % Let n and m be

the number of interference users with
first_chip 1 transmitting bit 1, then the

total cross-correlation is given by:
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-
n

(1-A.x,) ZAZ +(N, —n)

,if no burden code appears
(1-4,x, )+ZA z,+(N, -n)
i=1 i=1
+(k-2)-A,x,

,if one burden code apprears

Z(l A,x, )+ZA z, +(N, —n)

i=1

+(k-2)-A,x

i=1

M=

0
I

oA (k=2)A,x,

6
The special code receiver has the
special code as its signature codeword.
It has similar correlation property as (2)
of the margin 1 receiver. The total
cross-correlation of the special code

receiver can also be derived as:

( n

S(-ax)+2 ZAZ +(N, —n)

i=1
,1f no burden code appears

2(1 Ax )+2- ZAZ +(N, -n)

i=]
C={+(k=2)-4,x,
,if one burden code appears

3 (1-8,x,)+2¢ ZAZ +(N, —n)

i=1

+(k=2)-A,x, +(k=2)-A, .x,.
| ,1f two burden codes appear

(7

A margin_0 receiver has the margin 0
code as the signature codeword. The

cross-correlation property is given by:

, 1f two burden codes appear

c - 1+ (k-1)-A,x, ,if iisaburden code
0 1 ,otherwise

@®)

The total cross-correlation of margin_0

receiver can be derived as:

Nl

,if no burden code appears
N, +(k-1)-A,x,

,if one burden code appears
N, +(k-D-A,x, +(k-1)-A,.x,.

,if two burden codes appear

c=

©)

B. The Receiver using Simple Sampler
Here we analyze a receiver using
simple sampler to reduce the jitter
impact when the maximum jitter is less
than one half of the chip duration. The
receiver structure is shown in Fig. 4.

The sampling point is at the center of

the chip and the sampling rate is equal

to the chip rate. In this receiver
structure, the output is correct as long as
the sampling instant falls within the
corresponding chip duration. When the
tracking loop is used in the receiver, the

autocorrelation 4 will always be correct

and A=k.
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For the margin_1 receiver, we may
follow the previous procedure and
obtain the last chip 1 receiver
correlation value. The results of the
first chip 1 receiver and the special
code receiver can be derived in the
same way. The cross-correlation of the

margin_1 receiver is given by:

1
,if ihas first_chip O
1- aiﬁi
,if 7 has first_chip1
|1+ (k-1-B,)a,

1+ (k-1)a,

(10)
where «, is the probability that the
burden code has time error exceeding
0.5 chip and is binomial distributed

with probability given by:

pla, =1)= L‘m fsm, f(&, ,8,)dede,

(11)
where ¢, is the jitter of tracking loop
and &, is the jitter of the burden code.

Assuming &, and &, are statistically

independent, then their joint probability

,1f iis a burden code with first_chip1

,if i1is a burden code with first_chip 0

density function is

f(e,.6,)=f(g) f(&)

£s

__ 1 202 1
270 26
(12)
and S is binomial distributed with
equal probability

1 ,if next bitis 0
p-{

0 ,if nextbitisl
(13)

The total cross-correlation is given as:

Nl _n+zn:(1_aiﬂi)

,if no burden code appears

N] ~n+(Zn:(1_aiﬂi))+(k_l_ﬂb)ab

J ,if only one burden code with first chip lappears

N, _n‘*{z’l: (l—aiﬂi))+(k_l)ab

i=1

C=

,if only one burden code with first_chip 0 appears

n

N, —n+(2(1—a,.,3,.)]+(k~1—ﬁb, )a, +(k-a,.

i=1

,if two burden codes appear

(14)
The cross-correlation of the margin 0

receiver is given by:

1+(k-Da,
C - ,if jitter >0.57, and iis burden code
°h
, otherwise

(15)
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The total cross-correlation of the

margin_0 receiver is

-

Nl

, if no burdne code appears
N, +(k-1)-a,

,if one burden code appears
N, +¢k-D-a, +(k-1)-a,

| if two burden codes appear

(16)

C. The Receiver using Joint Jitter
Estimator and Canceller

We have defined two burden codes,
which are right shifted and left shifted
version of the desired code. Burden
codes will cause additional
multiple-user interference (MUI) as (2),
(8) in the receiver with correlator and as
(10), (15) in the receiver using simple
sampler. Note that a left shifted burden
code has additional MUI effect when it
has early time error but no effect when
late time error occurs. The case is
similar for the right shift burden code.
In order to improve the system
performance, such additional MUI due

to burden code jitter must be cancelled.

We propose a joint jitter estimator and

canceller (JJEC) as shown in Fig. 5. The
upper part is the data detection circuit
with MUI canceller and the lower part
is noncoherent delay-locked tracking
loops. Two DLLs are employed in the
lower part of the receiver, which act as
two burden code jitter estimators. Let

DLLI1 track the time information of one
of the burden codes 7., which is the
right shift version of the receiver
signature pattern. DLL2 tracks the time
information of the other one 7,.. In the
correlator receiver, JJEC estimates the

time error and calculates the amount of

jitter. Assuming that the burden code

jitter is £, =T,~-T,, (£=b,b") and

A, =

correlation error is £ A

decision circuit with zero threshold
value is used to detect whether the
burden code has the early or late time
error, which may cause additional MUI.
When additional MUI is induced, then

the output of JJEC canceller is

¢=A_e-§,where
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or (k}:l) .
“S) k-2

GT.

(17)
where G is the APD gain. In the simple
sampling  receiver, the average
cross-correlation of a burden code to the

desired receiver is k for the margin 0
receiver or (k- % ) for the margin 1

receiver when the jitter exceeds

+0.57,. In order to detect and cancel

the large cross-correlation of the burden

code, the decision threshold of 8;. is

set to -0.57, and 5;,, is set to 0.5T,.

<05 7T, or e,

b

If ¢.

b

>0.5 T, ,

additional MUI will be induced. The

amount of cancellation is set

¢ =GT, ﬁ/:—l)ll for the margin 0

h-L-1)

receiver and ¢ =G7, ——]f—ﬂl for

the margin _1 receiver.
The BER of the receiver using

correlator under various signal power

and maximum peak jitter A, Wwhen

,1f margin_O0receiver

A, ,if margin_lreceiver

the system is full-loaded and code
weight k=12 is shown in Fig.8. We
observe that BER degrades with
increasing A and elevates as signal
power increases. Figs. 9-10 compare the
BER performance of the receiver using
correlator and the receiver using simple

sampler for various received signal

power assuming &, =057,, 04T,
and o, =0.0025 T, , respectively.

Numerical results show that the
performance of the correlator receiver is
power limited when no JJEC is used.
This is because the MUI of burden
codes dominates the performance
degradation. If we increase the signal
power, it also enhances MUIL The
receiver with JJEC can significantly
improve the BER and the performance
depends on the accuracy of NC/DLL.
The smaller the tracking error of
NC/DLL is, the better performance
JJEC can be achieved. These figures

also show that the receiver using simple

sampler has better BER performance
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than the correlator receiver. The use of
JJEC in the simple sampling receiver
has good BER performance closed to
the ideal case (no jitter) under the
condition of small time error & and
NC/DLL performing well. This is
because the sampling point falls within
the chip boundary and the effect of MUI
caused by burden code can be
accurately detected and cancelled. Figs.
11-12 show the BER performance as
functions of number of simultaneous
users. The BER degrades when the
number of simultaneous users increases.
In addition, the receiver without JJEC
has poor BER performance even in low

user population. JJEC can indeed make

the system robust against jitter.

bit error rate (BER)

Fig. 8. Bit error rate (BER) of correlator
receiver with various signal power and
maximum peak-to-peak jitter &,
when k=12.

01 T T T

9 correlator without JUEC |-
—&— sampier without JJEC

bit error rate (BER)

10 E I i L
10 12 14 18 18 20

signal power (uW)

Fig. 9. Bit error rate (BER) with various
signal power of correlator receiver and
peak sampling receiver when k=12,
Emx =05 T, and tracking
=0.0025T,.

€ITror
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0.001

© @ correlator without JJE|

- -B- - corelator with JJEC
—o— sampler without JJE
—*— sampler with JJEC

B R ideal {no jitter)

bit error rate (BER}

10 12 14 16 18 20

signal power (uW)

Fig. 10. Bit error rate (BER) with
various signal power of correlator
receiver and peak sampling receiver
when k=12, ¢, =047, and tracking
error =0.00257,.

0.0001 el

e

8

Y - d

£ 10" e <o without JJEC
g Yo —E— sampler without JJEC
3

10 # ] - -@- - comelator with JJEC
7 ~—>— sampler with JJEC
ideal (no jitter)

simultaneous user

Fig. 11. Bit error rate (BER) with
various simultaneous user of correlator
receiver and peak sampling receiver
when k=12, g, =0.5T,, signal power
=10 uW and tracking error =0.00257, .
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simultaneous user

Fig. 12. Bit error rate (BER) with
various simultaneous user of correlator
receiver and peak sampling receiver
when k=12, g ,=0.4T,, signal power
=10 uW and tracking error =0.00257, .



class code sequence

010000000001010000110
000000001010000110010
000000010100001100100
000000101000011001000
Margin_0 codeword 000001010000110010000
000010100001100100000
000101000011001000000
001010000110010000000
010100001100100000000
000110010000000001010
001100100000000010100

011001000000000101000

Margin_1 codeword First 110010000000001010000
chip_1  100000000010100001100
code 101000011001000000000

100001100100000000010

Last 001000000000101000011
chip_1  000000000101000011001
code 010000110010000000001

000011001000000000101

Special code

100100000000010100001
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