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Abstract 
 
The optical fiber is a very attractive communication medium since it offers a 
large bandwidth and low attenuation and can therefore facilitate demanding 
services such as high-quality video transmission. As the reach of optical fiber is 
being extended to the access network it is economically attractive to share 
fibers between different users without adding active components in the 
network. The most common multiple access method for such passive optical 
networks is time division multiple access (TDMA), but lately there has been an 
increased interest in using wavelength division multiple access (WDMA) and 
optical code division multiple access (OCDMA). This thesis evaluates forward 
error correction as a method to improve the performance of passive optical 
networks, in particular OCDMA networks. 
Most studies of OCDMA use simple channel models focusing only on the 
multiple access interference. However, beat noise is the main performance 
limitation for many implementations of OCDMA. Beat noise occurs when 
multiple optical fields are incident on a receiver, because of the square-law 
detection. To make a realistic evaluation of OCDMA, channel models which 
take interference, beat noise and other noise types into account are studied in 
this thesis. Both direct sequencing CDMA and fast frequency hopping are 
considered as spreading methods. An efficient simulation method was 
developed in order to simulate systems with forward error correction (FEC) 
and soft decoding. The simulations show that the performance is significantly 
overestimated when the beat noise is neglected. In order to decrease the error 
rate without using overly complex equipment the bandwidth has to be 
increased. Simulation results show that it is beneficial to use error correction 
codes in addition to spreading codes for the bandwidth expansion. The 
efficiency can be further improved by using soft decoding; therefore maximum 
likelihood decoding methods for the OCDMA channels are developed and 
demonstrate a significant reduction in the error rate. Frequency hopping and 
direct sequencing are also compared with each other, and the results show that 
temporally coded OCDMA is more sensitive to beat noise.  
In addition, the performance of a low complexity soft decoding method for 
Reed-Solomon codes is evaluated. Soft decoding of Reed Solomon codes has 
not yet found practical use because the earlier proposed methods do not offer 
sufficient performance gains to motivate the increased complexity. The bit-
level Chase-decoding algorithm evaluated here can be easily implemented 
using any algebraic decoder. 
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Glossary 
 
ADSL Asymmetric digital subscriber line 
ANSI American national standards institute 
APD Avalanche photodiode 
APON ATM passive optical network 
ASE Amplified spontaneous emission 
ATM Asynchronous transfer mode 
AWG Arrayed waveguide grating 
AWGN Additive white Gaussian noise 
BCH Bose-Chaudhuri-Hochquenghem codes 
BER Bit error rate 
CDMA Code division multiple access 
CSMA/CD Carrier sense multiple access with collision detection  
DBA Dynamic bandwidth allocation 
DFB  Distributed feedback  semiconductor laser 
DS-CDMA Direct sequencing CDMA 
EDFA Erbium doped fiber amplifiers 
EPON Ethernet passive optical network 
FBG Fiber Bragg grating 
FEC Forward error correction 
FH Frequency hopping 
FSAN Fullservice access network 
FTTB Fiber to the building 
FTTC Fiber to the curb 
FTTCab Fiber to the cabinet 
FTTH Fiber to the home 
FWHM Full width at half maximum 
GFP Generic framing procedure 
GMD Generalized minimum distance 
IEEE  Insititute of Electrical and Electronics Engineers, Inc. 
ITU International Telecommunication Union  
LAN  Local area network 
LED Light emitting diode 
MAC Medium access control 
MAI Multiple access interference 
MAN Metropolitan area network 
OCDMA Optical code division multiple access 
OLT  Optical line terminal  
ONU Optical network unit 
OOC Optical orthogonal codes 
OOK On off keying 
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Pdf Probability density function 
PIN Photodiode with a lightly doped, intrinsic, 

semiconductor region between the p-type and n-type 
regions  

PON Passive optical network 
PPM Pulse position modulation 
RS Reed-Solomon codes 
SDH Synchronous digital hierarchy 
SNR Signal to noise ratio 
SOA Semiconductor optical amplifiers 
SONET Synchronous optical network  
TDM Time division multiplexing 
TDMA Time division multiple access 
WDM Wavelength division multiplexing 
WDMA Wavelength division multiple access 
Z-channel A binary channel where only one symbol is subject to 

errors 
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Outline 
 
The thesis begins with some background on the development of access 
networks and passive optical networks. This sets the context of the solutions 
presented in the thesis. The second Chapter treats the properties of optical 
communication systems and should give a clear picture of the main problems in 
the design of optical access networks. In the third Chapter some fundamental 
properties of asymmetrical channels are considered using information 
theoretical tools for the design of optical CDMA systems. After concluding that 
a separate error-correcting code will be a sufficient solution, error correction is 
explained in Chapter four. Chapter five contains an explanation of how 
efficient simulation methods can be used for the evaluation of communication 
systems. In Chapter six these methods are used to evaluate the efficiency of 
error correcting codes with soft decoding for WDM passive optical networks 
using spectral slicing. In Chapter seven related work on optical CDMA is 
reviewed and the main open issues are discussed; channel models with the 
main performance limitations included are also presented. Chapter eight 
contains simulation results for optical CDMA channels and the thesis is 
concluded in Chapter nine. 
 
Contributions of this thesis 
 
The contributions of this thesis cover several different areas. One of the major 
contributions is an efficient simulation method for multi-user channels with 
soft decoding of block codes. In general efficient simulation methods have to 
be constructed for each individual problem, whilst the method used in this 
thesis can be extended for use on other channels with multiple states. By using 
efficient simulation methods it has also been possible to evaluate the 
performance of a simple soft decoding method for Reed-Solomon codes, which 
improved the performance significantly at relevant error rates. It has the 
important property that it can be implemented using existing hardware. An 
important contribution has been to develop and evaluate error control coding 
for OCDMA, taking into account the beat noise, which has been observed to be 
a major performance limitation for OCDMA. Earlier work on error correction 
coding for OCDMA has often neglected the effect of beat noise, therefore the 
methods have not been optimized and evaluated for realistic network scenarios. 
In the thesis a model of an optical frequency hopping channel with an 
incoherent source has been developed. To the best of my knowledge no other 
model takes into account both beat noise and interference with the same 
accuracy. The receivers proposed in this thesis are based on well known 
principles such as maximum likelihood decisions and Chase algorithms. The 
application to the channels presented in this work has been developed and 
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evaluated for this thesis. These receivers should be able to efficiently utilize the 
OCDMA channels with reasonable complexity. Parts of the results have been 
accepted for publication at the Opticomm and Globecom 2003. 
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1. Passive optical networks 
 
 
There has been a fast development in the area of data communications over the 
last years. On one hand, there has been a convergence in the sense that many 
different services can be carried over the same network. On the other hand, 
many different types of physical networks are used to carry the same services. 
Therefore, high capacity network technologies, which can simultaneously offer 
many services, are important to develop. Networks can be separated into 
different types, such as wide area networks, metro area networks, access 
networks and local area networks. The focus in this thesis is mainly on 
solutions for access networks, but many of the principles can also be used for 
local area networks (LAN). The access network is an important element for the 
operators to offer new revenue generating services.  
 
One trend in networking is that optical communication is being used more 
widely. Optical fibers have two very attractive properties: the attenuation is 
very low, hence large distances can be covered, and the bandwidth is very 
large. Therefore, optical transmission has taken over in the backbone networks 
during the last decade and is continuously being deployed closer to the edge of 
the networks. In the access network there is an increased interest in fiber to the 
home (FTTH), fiber to the building (FTTB), fiber to the curb (FTTC) and fiber 
to the cabinet (FTTCab). For access networks and LANs, low cost is a very 
important factor; hence the focus of the thesis has been on solutions with low 
complexity.  
 
1.1 Access networks and LANs  
 
Local area networks connect computers, printers and other equipment within a 
limited area such as a building. Typically a LAN is used by an organization 
within an office and the number of connected computers is relatively low. 
Much of the communication is internal to the network, for example between a 
PC and a server. Therefore, the technologies used for LANs can be optimised 
to provide efficient internal communication. It is common to use a shared 
medium to connect the stations, for example in a ring or a star topology.  
 
An access network is used to connect stations to a larger network. Typically, it 
is owned by an operator and is used to connect either end-customers or other 
network equipment, for example base stations for wireless networks. Only a 
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small fraction of the traffic is between the computers on the access network. 
Therefore, there is no benefit of using a shared medium in the same way as for 
a LAN. However, a shared medium is attractive from an economical point of 
view, especially since the distances can be larger than for LANs and the cost of 
installing separate cables can be significant. A tree topology is the most 
common alternative for a shared medium in an access network. The node that 
connects the stations to the larger network always has an important role in an 
access network. It handles all the traffic in the network whereas a LAN does 
not require any special node to handle all the traffic. 
 
1.2 LAN technologies 
 
The most common LAN technology is Ethernet. Ethernet was developed for a 
shared medium, such as a shared bus or star topology. The multiple access 
protocol is carrier sense multiple access with collision detection (CSMA/CD). 
CSMA/CD allows multiple users to share a medium without central 
coordination, by letting the stations listen for other transmissions both before 
starting a transmission and also during the transmission. With CSMA/CD only 
a single user can transmit at a time, and the protocol uses a random contention 
resolution method. However, today most Ethernets are built using switches, so 
that the medium does not have to be shared and CSMA/CD is not needed.   
Because of the success of Ethernet, the equipment is cheap; the cost of a 
network interface card for Gigabit Ethernet is negligible compared to the cost 
of a PC today. Therefore, any competing LAN technology has to offer very 
high performance with a low complexity in order to compete with Ethernet.  
 
1.2.1 Optical broadcast and select networks 
 
Today high-capacity LANs often use optical fiber and Ethernet switches, but it 
would also be possible to build LANs with passive optical components. For 
optical LANs a star topology can be built with a passive star coupler as the 
central node. The star coupler splits the incoming signal to all the outgoing 
fibers. Since the signal is split, the power on each outgoing fiber is merely a 
fraction of the incoming power, which limits the size of the network. The 
receiving stations then have to select the signal addressed to them. Several 
protocols have been suggested as random access protocols for broadcast-and-
select networks. The protocols range from simple Aloha to reservation 
protocols with separate signalling channels for the reservations, for example 
using separate wavelengths. In practice, broadcast and select networks have not 
been deployed since there has not been sufficient advantages compared to 
technologies such as Ethernet.  
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1.3 Access network technologies 
 
Common technologies for broadband access networks are ADSL and cable 
modems. Since ADSL is deployed over the existing telephone wires and cable 
modems over the existing cable TV networks, the required investment is low. 
By advanced signal processing the capacity of the copper cables is used 
efficiently. The maximum capacity is however still small compared to optical 
fiber.  
 
Fiber optical networks have been deployed in some areas to connect offices and 
households. One benefit is the high bandwidth that makes it possible to offer 
many different services, such as TV, internet connection, telephony and 
telemetry services. Another benefit is the long reach, which has made optical 
access networks attractive for rural areas. With optical fiber the available 
bandwidth guarantees that it will provide enough capacity for many years, even 
if new demanding services and applications are deployed.  
 
1.3.1 Optical access networks 
 
Passive optical networks (PON) are probably the most attractive alternative for 
optical access networks. A PON does not contain any active components, i.e. 
components that require power, between the sender and the receiver. Typically 
it is built using passive splitters to distribute the signal to several users, without 
using excessive amounts of fiber. Therefore, the cost of installation and 
maintenance is low. The central node in a PON, which is the gateway to the 
main network, is called optical line terminal (OLT). The terminals at the user 
premises are called optical network units (ONU). Figure 1 shows the topology 
of a typical PON. 
 

OLT 

ONU 

 
 
Figure 1. The topology of a PON with an optical line terminal (OLT), a passive 
splitter and several optical networking units (ONU). 
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1.3.2 PON standards 
 
There are two main categories of PONs, ATM PONs (APON) and Ethernet 
PONs (EPON). The difference is the higher layer protocols that are used. 
APONs usually follow the full service access network (FSAN) standard of the 
ITU-T where asynchronous transfer mode (ATM) is used for the higher layer 
protocols. ATM is a virtual circuit switched technique where 53-byte cells are 
used as transmission units. Support for several types of services with different 
quality requirements is included. The typical capacity of the FSAN standard is 
either 155 Mb/s or 622 Mb/s. Several vendors have FSAN compliant PONs, 
and PON line cards are available for some ATM switches. 
 
EPONs are currently being standardised by the IEEE. Since Ethernet is also 
being used in metro area networks (MAN), EPON is an economical way of 
using Ethernet in the access network to connect MANs and LANs. PON is a 
new physical layer for Ethernet with a shared medium, however, the medium 
access control will not be CSMA/CD based. Instead a centralized access 
control will be used, where the OLT will send grants to the ONUs in order to 
coordinate the transmissions. 
 
Lately it has also been proposed to use the generic framing procedure (GFP) 
for PONs. GFP has been developed for the so-called “next generation 
SONET/SDH”. Synchronous optical network (SONET) and synchronous 
digital hierarchy (SDH) are similar standards for optical transmission networks 
from ANSI and ITU respectively. They were originally developed for 
telephony and thus are not very flexible for transporting data traffic. The next 
generation products that are now emerging will improve the flexibility through 
GFP, virtual concatenation and a link capacity adjustment scheme. PONs with 
GFP would be a natural extension of SONET and SDH to the optical access 
network. 
 
Hence, PONs can be part of different network types, but the functionality will 
be similar regardless of the higher layers. The common characteristics include 
the duplexing which is usually handled by wavelength division multiplexing. 
By using a wavelength of 1.55 µm for the downstream and 1.3 µm for the 
upstream they can both be sent over the same fiber. The ITU standard supports 
up to 32 ONUs and distances of up to 20 km. Due to different distances 
between the OLT and the different ONUs the power can vary as much as 15 dB 
between transmissions from the different ONUs. Therefore, the receivers need 
a dynamic range of at least 15 dB. The varying distances also need to be taken 
into account by the multiple access protocol, therefore a procedure is used to 
estimate the delay between the OLT and each ONU. 
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1.4 Multiplexing methods for PONs 
 
1.4.1 Time division multiplexing 
 
Most PONs rely on time division multiplexing (TDM) for the sharing of 
capacity between different users. The early ITU standards used static TDM 
where each user received the same capacity, but new standards are being 
developed where the capacity can be dynamically assigned to different users 
according to their changing requirements [14]. The dynamic bandwidth 
allocation (DBA) scheme firstly requires signalling between ONUs and the 
OLT in order to inform the OLT of the capacity needs for each ONU. Secondly 
the OLT needs to inform each ONU about the allocation of capacity. The 
protocol is based on request messages from the ONUs to the OLT, which 
decides about the best allocation of capacity and responds with grant messages. 
For APONS the grants indicate the number of cells an ONU is allowed to send. 
For EPONS a maximum transmission window in bytes can be granted instead, 
since the Ethernet frames can have different lengths [47].  
 
1.4.2 Wavelength division multiplexing  
 
A further improvement of PONs is to add more wavelengths using wavelength 
division multiplexing (WDM). These can both be used for separate services or 
as a method to offer separate wavelengths to different ONUs [27]. In cases 
where broadcast services are offered WDM will only be needed in the 
downstream whereas it will also be required for the upstream if it is used to 
separate users. If a separate wavelength is used to offer another service, such as 
TV broadcasting, the change in the network can be limited to a new sender at 
the OLT and receiver at the ONUs. To use separate WDM channels for 
different ONUs the power splitter should preferably be changed to a 
wavelength router or demultiplexer, which separates the wavelengths and 
forwards them to the receivers. By splitting the wavelengths less power is lost 
compared to simple power splitting. The wavelength router can be 
implemented by passive components, using an arrayed wavelength grating 
(AWG) or fiber gratings for example. 
 
From an economical point of view an interesting implementation of a WDM 
PON is based on spectral slicing of light from a broadband light source. Other 
implementations use separate light sources for each WDM channel. For an 
access network the cost of several light sources can be too high to be feasible. 
A serious problem with the spectral slicing solution is that a large part of the 
signal power is wasted. The power budget can be a problem even when 
multiple light sources are used and the problem will be accentuated when 
spectral slicing is used. The limited output power of LEDs is a major problem, 
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which may have to be solved by optical amplification in order to build large 
network [40]. Compared to single wavelength PONs, the WDM PONs need to 
take into account the interference from other wavelengths when the power 
budget is calculated [18]. Since the received power from each ONU depends on 
the attenuation of the particular channel the interference can be a significant 
problem. One possible solution would be to equalize the power from the 
different ONUs. Since the attenuation is approximately constant over time the 
power could be measured in a similar fashion as the ranging procedure, and the 
output power from each ONU could be adjusted accordingly.  
 
1.4.3 Code division multiplexing 
 
Another possible multiplexing method for PONs is code division multiplexing 
(CDM). CDM is a spread spectrum technique, which increases the physical 
bandwidth of the channel by applying a spreading code. The spreading can be 
made either by direct sequencing where the data bits are multiplied by a code 
sequence and thereby divided into shorter pulses known as chips, or by 
frequency hopping where the communication is spread between several 
frequency channels. Several users can share the same channel by using 
different codes for their communication. The codes should have low correlation 
with each other, thereby separating the different users with low interference 
between them. The suggested implementations of code division multiple access 
(CDMA) for optical PONs differ in how much complexity will be added in 
electronics and optical components, respectively. There are no standards or 
commercial implementations available; therefore the question of the best 
implementation method is still open. Furthermore, it is not clear whether 
CDMA is a suitable solution for optical networks. According to studies by Stok 
and Sargent CDMA can offer a higher capacity than WDMA for local area 
networks if noise is neglected [53]. However, when shot noise and thermal 
noise is taken into consideration CDMA is much more sensitive to the signal to 
noise ratio than WDMA [54]. Therefore, it is not clear that the comparison will 
hold when also other noise types are taken into account.   
 
CDMA is frequently used in radio networks, where the wider spectrum is 
advantageous because of the properties of the channel. Since a radio channel 
typically suffers from fading at different frequencies the performance can be 
improved substantially by the frequency diversity that results from using 
CDMA. An optical fiber does not have the same problem with fading. 
Conversely, a wide spectrum leads to problems with dispersion. Therefore, the 
gain of using spread spectrum methods is less applicable than for radio 
networks [35]. The main advantage of using CDMA in an optical network is 
that it allows a flexible multiple access method for asynchronous traffic with a 
graceful degradation at high interference. Furthermore, variable requirements 
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on error-rates and bit-rates can be satisfied by suitable choices of codes. As an 
example, Tao et al. propose a system where the majority of the traffic use long 
frequency hopping codes, and traffic that requires high bit rates use shorter 
codes [59]. For traffic that requires lower error probability several frequency 
bands can be used in parallel for temporal codes. An additional advantage is 
that some processing can be moved into the optical domain, which is important 
since certain operations can be implemented with very low complexity using 
optical components. Even though it is possible to implement advanced 
receivers for radio CDMA systems it has to be taken into account that the bit 
rates are several orders of magnitude higher for optical systems. Hence, it is 
important that simple optical implementations are possible rather than the 
digital electronic signal processing at the rates common for radio systems.  
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2. Characteristics of optical systems 
 
 
This chapter gives a brief background on the properties of optical networks and 
the components they are built from. The purpose is to describe where the 
specific problems of optical CDMA access networks lie.   

 
2.1 Components of optical networks 
 
2.1.1 Light sources 
 
There are two main categories of light sources that differ significantly in their 
characteristics: thermal light sources such as light emitting diodes (LED) and 
non-thermal light sources such as lasers.  
In thermal sources, photons of different energy are emitted spontaneously, 
therefore the light contains a wide spectrum of frequencies. Since the 
spontaneous emissions of photons depends on the temperature, the efficiency 
and the spectrum of a thermal source is temperature dependent. The spectral 
range of the light can be calculated by considering the physical photon 
generation process, which gives the expression:  

h

kT
f

3.3=∆  

where k is Boltzmann’s constant, h is Planck’s constant and T is the absolute 
temperature. The bandwidth is usually measured as the full width at half 
maximum (FWHM), which is the bandwidth where the power is less than 3 dB 
lower than the maximum power. The FWHM can be in the order of 10 THz at 
room temperature for a LED.  
 
Lasers are based on stimulated emission of light of a certain wavelength. The 
spectrum of the emitted light is very narrow, but multiple peaks outside the 
main one can exist. The linewidth is the bandwidth of one such peak whereas 
the total bandwidth containing all the peaks is known as the spectral width. The 
linewidth can be approximately expressed as:  

( )
P

R
f

π
β

4

1 2+
=∆  

where β is the linewidth enhancement factor, R is the rate of spontaneous 
emission and P is the average power. The linewidth can be in the order of 1-10 
MHz for a typical distributed feedback semiconductor laser (DFB).  
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There are also other types of both thermal and nonthermal light sources; for a 
more detailed overview of optical sources refer to [29]. 
 
2.1.2 Optical detectors 
 
Optical detectors are based on photodiodes that can be used in different 
configurations, the most common is the PIN photodiode. The output current is 
proportional to the input optical power also known as the light intensity. The 
efficiency can be measured either by the responsivity or by the quantum 
efficiency. The responsivity is the output current divided by the input power 
whereas the quantum efficiency is defined as the number of output electrons 
divided by the number of input photons.  
 
To minimize the effect of thermal noise, the output current can be amplified 
within the detector by a process called avalanche multiplication. A detector 
with this property is called an avalanche photodiode (APD). A large bias 
voltage is used to give the primary electrons from the photodetection such high 
energy that they can generate secondary electrons, thereby starting an 
avalanche effect. Both the output current and the shot noise are amplified in the 
process, but the shot noise power is proportional to the square root of the 
output signal power. A drawback of APDs is that the bandwidth is lower than 
for a PIN since the avalanche process takes time.  
 
2.1.3 Optical amplifiers 
 
To improve the reach of optical transmission systems optical amplifiers have 
been frequently deployed during the last decade. Before optical amplifiers were 
invented the light signal had to be electrically regenerated at regular intervals. 
With optical amplification, the number of regenerators can be reduced, and the 
distance between regenerators will not be limited by attenuation but by 
nonlinearities and dispersion. There are two different types of optical 
amplifiers, semiconductor optical amplifiers (SOA) and erbium doped fiber 
amplifiers (EDFA). Since EDFAs have more attractive properties than SOAs, 
only EDFAs will be described here. SOAs are described in [29]. An EDFA is a 
piece of erbium-doped fiber, with a pump laser that sends light into the fiber. 
The light will excite electrons in the fiber to a higher energy state and when the 
signal passes through the fiber it will stimulate electrons to switch to the lower 
energy state and thereby release photons that amplify the light signal. Some of 
the electrons will also change state without being stimulated by the light signal, 
which causes spontaneous emission of photons. The spontaneously emitted 
light will also be amplified, therefore it is known as amplified spontaneous 
emission (ASE). An EDFA amplifies the signal over a wide spectral range, 
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which is an advantage for WDM systems, where it can simultaneously amplify 
the signal of all wavelengths. 
 
An EDFA can also be used as a broadband light source if no external signal is 
added, rather the ASE is the only light produced.  
 
2.1.4 Additional components of OCDMA networks 
 
Optical CDMA can be implemented in several different ways. The most 
promising implementations are the ones that use optical components for parts 
of the processing, even though it can also be performed electronically. 
The spreading of bits into chips at the sender and the autocorrelation at the 
receiver can be implemented by the same type of device. One possible 
implementation of a temporal OCDMA coder is to use an optical splitter to 
split the optical signal into the different chips. Each chip is then sent over a 
delay line of different lengths, which gives the temporal encoding of the signal. 
The autocorrelation receiver is implemented as a matched filter, essentially a 
time-reversed version of the encoder.  
 
For frequency hopping a similar construction can be used, the optical splitter is 
replaced with a device that splits the frequency bands, or wavelengths, to the 
different delay lines. Several implementations can be considered for the optical 
filters. Common implementations in WDM networks are to use filters based on 
thin film or waveguide gratings. Another solution is fiber gratings, which can 
be used to implement frequency hopping encoding in a single component. A 
fiber grating consists of a fiber where certain patterns have been written into 
the fiber to reflect light within a specific wavelength window, hence it works as 
a bandpass filter. By using several gratings in the same fiber and tuning them to 
different wavelengths, the wavelengths will be reflected with different time 
shifts. The implementation proposed by Fathallah et al. use identical gratings 
that are tuned to different wavelengths dynamically, which is a significant 
advantage since it allows dynamic allocation of codes [17].  
 
One type of component that could improve the performance in OCDMA 
networks is an optical hard limiter. The functionality would be to limit the 
optical power at a certain level. The implementation could be based on 
alternating materials with different nonlinearities [10]. However, such 
components are still under investigation but could prove an important 
component of future OCDMA networks. Shalaby discusses the impact of non-
ideal optical hard limiters on OCDMA receivers and shows that a chip-level 
receiver performs better [46]. 
 
To facilitate coherent detection of light signals another category of components 
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is necessary. One approach is using Mach Zender interferometers. In research 
laboratories coherent systems for optical CDMA have been demonstrated with 
very high performance [51]. The spectral efficiency is an impressive 1.6 
bits/s/Hz which is achieved by using QPSK.  
 
2.2 Limitations for optical networks 
 
2.2.1 Power budget 
 
The attenuation of optical fibers is very low compared to other transmission 
media such as air or copper; this allows optical transmission to cover large 
distances in a cost effective way. For a PON a large portion of the power losses 
occur in optical splitters since only a fraction of the original signal reaches each 
receiver. Therefore, the power budget is an important limitation on the number 
of users and fiber length in a PON.  For a competitive implementation the light 
sources and receivers cannot be allowed to cost too much.  
A possible remedy is to add an optical amplifier after the encoding. The cost of 
the system will be increased, but it would still not require any active 
components to be placed away from the ONU or OLT.  
 
2.2.2 Dispersion and nonlinearities 
 
The signal propagation speed in optical fibers depends on the wavelength of the 
light, therefore the light pulses will be dispersed. Dispersion can potentially be 
a significant problem for OCDMA because of the large bandwidth of the 
signal. Fortunately the propagation distance is not long in an access network, so 
intersymbol interference is usually not a problem. For frequency hopping 
systems, the dispersion can be compensated by introducing a time offset 
between the chips at the different frequencies [39].   
 
Nonlinear effects in fibers can also be a problem, but mainly for long-distance 
communication. The nonlinearities are dependent on the intensity of the signals 
and are not significant at low power. The effects include stimulated Raman 
scattering, stimulated Brillouin scattering, four wave mixing, and self- and 
cross-phase modulation [29]. For a passive optical access network these effects 
will be insignificant because of the limited distances.  
 
2.2.3 Noise 
 
Several different types of noise are present in optical transmission systems. 
Like in other communication systems there is a thermal noise which has a 
power of: 
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where T is the absolute temperature, k is Boltzmann’s constant, Be is the 
electrical bandwidth and R is the receiver resistance. In an optical transmission 
system with a PIN detector the thermal noise is normally the main limitation. 
However, if an APD detector is used, the shot noise usually is a more severe 
problem than the thermal noise.  
 
Shot noise arises because of the particle properties of light. The receiver can be 
considered as a device that counts the photons of the received signal. The 
photon arrival process can be seen as a Poisson process with a rate that is 
proportional to the light intensity. The variance of the arrival process is the 
power of the shot noise and can be expressed as 

esh qIB22 =σ  
where q is the electron charge and I is the light intensity. To be more precise 
the shot noise also has a component proportional to the dark current that is 
present at the photodetector even when no light is incident on it. Usually the 
noise contribution from the dark current is small in comparison to the intensity 
dependent shot noise. Hence, the power of the shot noise is approximately 
proportional to the square root of the power of the output current. Thus it will 
increase when several signals are superposed in an optical CDMA system. 
However, the beat noise, which arises because of the wave properties of the 
light, increases proportional to the square of the light intensity and is therefore 
a more severe problem.  
 
In optically amplified systems another type of noise appears, namely amplified 
spontaneous emission  (ASE). The ASE is a form of beat noise that occurs 
because of the spontaneous photon emissions over large bandwidths in optical 
amplifiers. The ASE noise can be divided into the signal-noise beating and the 
noise-noise beating. If the signal is generated by a spontaneous emission light 
source, the signal-noise beating will behave the same way as the noise-noise 
beating. Therefore, the properties of ASE noise are similar to incoherent beat 
noise.  
 
2.3 Beat noise   
 
The main limitation of the OCDMA systems studied in this thesis is the beat 
noise, which occurs when different optical signals are combined. The beat 
noise is caused by the optical detector, which give an output proportional to the 
square of the incident light intensity. This section contains a simple derivation 
of how beat noise arises, more detailed derivations are covered by [13, 16].  
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The focus is on incoherent sources, such as light emitting diodes, which 
produce light with large bandwidth. Coherent light sources, such as lasers, 
which have a very narrow bandwidth are briefly covered.  
 
2.3.1 Coherent light 
 
When two narrow-band signals are added and squared the resulting signal is 

)sin(sin2)(sinsin))sin((sin 222 φφφ +⋅+++=++ xtxtxtxtxtxt  
The square terms consists of one direct current part and one signal at the double 
frequency that will be filtered out. The last term, the inner product, depends on 
the phase difference, which changes slowly and causes the beat noise. The 
distribution of the beat noise follows a two-pronged distribution if the phase 
difference φ is assumed to be uniformly distributed between 0 and 2π [55]. The 
equation can be generalized to adding several signals with different phase 
shifts, and in that case the distribution of the beat noise can be approximated to 
a Gaussian by the central limit theorem. We have used a Gaussian 
approximation for all numbers of users, which can give a slight difference in 
the values when compared to the exact distribution.   
 
2.3.2 Beat noise for incoherent light 
 
For broadband incoherent light sources the noise contains a beat noise 
component that depends on the power. The autocorrelation function a(t) of a 
noise signal at a frequency f0 can be written as 

τπττ 02cos)()( fars =  
From signal theory it is known that the autocorrelation of the square of a signal 
is given by 
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Since the signal will be squared in the detector the resulting autocorrelation 
function is 

τπτττ 0
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The corresponding spectrum will then be 
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where Q(f) is the spectrum corresponding to a2(t) and δ(f) is a Dirac impulse. If 
a(t) has a rectangular spectrum, i.e. constant spectral density within its 
bandwidth, Q(f) is a triangular spectrum. After low pass filtering the remaining 
spectrum is: 

)()()0()( 2 fQfafRu += δ  
For a broadband light source with constant spectral density within the 
frequency band the corresponding spectrum is depicted in the left part of Figure 
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2. The power of the noise is approximately proportional to the ratio of the 
optical bandwidth and the electrical bandwidth. This relation can be best 
explained by the right part Figure 2, where the low frequency part of the 
spectrum Ru(f) is shown. The part of the spectrum that contributes to the beat 
noise is within the electrical bandwidth, and the power is inversely proportional 
to the optical bandwidth. Therefore, the beat noise will be approximately 
proportional to the ratio of the electrical and optical bandwidths, multiplied by 
the square of the light intensity. 

o

e

B

B
cI 22 =σ . 

The constant c depends on the degree of polarization and the responsivity of 
the detector. In this paper c has been set to one, which is a reasonable value 
since the responsivity is normally slightly less than one and the polarization 
between one and two. Demeechai and Sharma derive expressions for the beat 
noise in OCDMA systems with Gaussian and Lorentzian spectra, and the beat 
noise is proportional to the bandwidth ratio and the square of the intensity also 
in these cases [13].   

 
Figure 2. The left figure shows the spectrum of the signal before the square 
law detector, the right figure shows the spectrum for the square of the signal. It 
consists of a Dirac pulse and a triangular spectrum. Since only the lowest 
frequencies are filtered out in the electrical domain it is only the noise within 
the electrical bandwidth that has to be considered.  
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3. Channel capacity for asymmetrical channels  
 
 
In this chapter the asymmetrical properties of optical channels are discussed 
and treated from an information theoretical point of view. The purpose is to 
investigate whether there is any gain in taking the asymmetry into account. 
 
3.1 Asymmetry of optical channels  
 
Most optical communication channels have asymmetrical properties, for 
example in on-off keying, the ones are more affected by shot noise than the 
zeros. A different argument for the asymmetry is that photons will not be 
spontaneously created in the channel, hence, errors will not occur when zeros 
are sent. However, photons might not be detected, therefore errors should only 
occur when ones are sent [28]. Furthermore, in an OCDMA system the errors 
will mainly be caused by multiple access interference (MAI) and beat noise. 
MAI increases the received power and it can change a zero into a one, whereas 
the beat noise mainly affect the ones and makes them more error prone. When 
these effects are considered at once, it is not clear whether the error probability 
will be higher for zeros or for ones. In fact the threshold at the receiver could 
be set so that the error probability is identical for zeros and ones, but in general 
that is sub-optimal.  
 
In this thesis the focus is on channels with beat noise, for example WDM 
implemented by spectral slicing where the noise is stronger for ones than for 
zeros. Therefore, it would be better to send more zeros than ones because it 
would improve the average SNR. Another explanation for the asymmetry is 
that the error probability is lower for zeros when the optimal threshold is used.  
 
3.1.1 The OCDMA channel 
 
Another example of an asymmetric channel is an optical CDMA channel where 
the noise is neglected. A major difference compared to the beat noise channel 
in the previous section, is that the error probability in this case is decreased 
because the interference is reduced when less ones are sent. However, the error 
probability of the ones is actually lower than for the zeros, if there are many 
interfering users.  
 



 24 

One approach to take the asymmetry of OCDMA channels into account is by 
using asymmetric error correcting codes. Such codes can correct one type of 
errors, for example zeros that are changed into ones, but not the other way 
around. The advantage is that the error correction capability is higher than for 
symmetric error correction. Two methods have been suggested, either to apply 
the asymmetric error correction separately or embedded in the spreading 
coding scheme [28] [62]. Zhang models the OCDMA-channel as a Z-channel 
where all errors are due to multiple access interference (MAI) and 
demonstrates the advantage of separately applied asymmetric codes compared 
to symmetric codes [62]. Kamakura and Sasase considers an encoding scheme 
where the asymmetric code is combined with the spreading code, and a Reed-
Solomon code is used as a second error correcting code [28]. The analysis 
shows good performance for the encoding scheme based on the assumption that 
all errors are caused by either MAI or shot noise. A problem with the 
asymmetric codes is that there are no long codes developed with efficient 
implementation of encoding and decoding. 
 
When the beat noise is taken into account and the optimal threshold is used, the 
error probability is not very asymmetric. Actually, it is difficult to say whether 
the ones or the zeros are more likely to cause errors. Therefore, the analysis in 
this chapter starts from the information theoretic capacity of an asymmetric 
channel instead. 
 
3.2 Possible optimizations for asymmetric channels 
 
There are also other approaches to optimize the performance of asymmetric 
channels. One possibility is to control the number of ones sent over the 
channel. With pulse position modulation the information content of each pulse 
can be increased by a higher time resolution. Since the information per pulse 
grows as the logarithm of the number of positions the efficiency decreases 
quickly and therefore PPM is not further considered here.  
 
Another possibility is to change the line coding. For example gigabit Ethernet 
uses 8B10B coding, which codes eight bits of data into ten bits. Among the 
goals of line coding is to provide synchronization information and a good 
balance between zeros and ones. It may not be optimal to have the same 
number of zeros and ones for an asymmetric channel; instead the line code is a 
trade off between achieving good synchronization and low error probability. In 
addition to the line code it is also necessary to use error correction coding to 
efficiently utilize the channel. The redundancy added by the line code should 
be considered as a synchronization and data redistribution function. 
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As an example, an 8B10B code contains 1024 possible code words. If the 
optimal fraction of ones is 40% it would be possible to choose code words with 
four ones instead of five. There are 210 code words that contain four ones, but 
some of them have to be discarded because of unfavorable synchronization 
properties. In total 256 data words and approximately 10 signaling words must 
be represented; hence some code words with five ones have to be used.  
 

3.3 Capacity of an asymmetric channel  
 
We consider a binary channel as depicted in Figure 3. 

Px1

Px0

Pe1

Py0

Pe0

Py1

 
Figure 3. The binary channel is asymmetric when the probabilities Pe0 and Pe1 
are not identical. 
 
The probabilities Py0 and Py1 are given by      
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To measure the channel capacity it is first necessary to define the entropy of a 
discrete signal, X, where the probability of each possible value of the signal, x, 
is p(x), as:  

))(log()()( xpxpXH
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∑
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=  

The entropy is a measure of how much information the signal contains [48]. 
Furthermore, the mutual information between two signals, X and Y, is defined 
as  

)|()();( YXHXHYXI −=  
The mutual information is a measure of how much uncertainty remains about X 
if Y is known.  
The channel capacity of a channel is the maximum of the mutual information 
between the insignal and the outsignal. For the channel above the mutual 
information is:  



 26 

 





 −

−++







+
−

−+−−=

=−=−=−=

1

11
11

1

00
00

0

11
11

0

00
001100

10

)1(
log)1(log

log
)1(

log)1(loglog

)1|()0|()()|()();(

y

ex
ex

y

ex
ex

y

ex
ex

y

ex
exxxxx

yy

P

PP
PP

P

PP
PP

P

PP
PP

P

PP
PPPPPP

PYXHPYXHXHYXHXHYXI

 (2) 

Where H(X) denotes the entropy of X. The channel capacity is the maximum of 
expression (2) with respect to Px0 and Px1.  
 
3.4 Numerical evaluation 
 
In Figure 4 the mutual information (2) is plotted as a function of the probability 
distribution of the input signal X. It can be seen that the optimal fraction of 
ones is actually very close to 0.5, and that the gain by modifying the input 
distribution is small. Actually, it requires a bit error probability of 0.3 for one 
bits to change the optimal distribution to 0.4. The explanation for this is that in 
(2) the term H(X|Y) is small compared to H(X) as long as the error probability 
is low. Therefore, a reduction of H(X|Y) does not provide much gain in 
capacity compared to the loss of entropy in the sent signal H(X) when X is 
asymmetric.  
 
Equivalently, the reduction of entropy in the sent signal means that the sending 
rate, and hence the noise bandwidth, would have to be increased to maintain 
the same information rate. Therefore, the system performance is worse, except 
in the case of extremely error prone systems. 

 
Figure 4. The transinformation for asymmetric channels with different error 
probabilities. Channel capacity is the maximum of the transinformation.  
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3.5 Conclusion 
 
Since the evaluation of asymmetric channels shows that there is not much to 
gain by taking the asymmetry into account, at least not for the channels 
considered in this thesis, the same codes that are used for symmetrical channels 
can be used. Therefore, common error correcting codes will be used separate 
from the spreading code and line coding.  
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4. Forward Error Correction 
 
 
Forward error correction is a well-known concept that has successfully been 
applied in many communication systems. The principle is to systematically add 
extra information, which can be used to correct errors that occur in the 
transmission. In this Chapter FEC techniques are reviewed and the choice of 
the solutions investigated in the following chapters is motivated. 
 
4.1 Error correction for packet based networks 
 
Channel coding for packet-based networks can be handled in different ways 
depending on the requirements on delay and complexity. The first possibility is 
to use channel coding to correct bit errors with a code that is adapted to suit the 
characteristics of the channel and uses as much information as possible from 
the channel to improve the efficiency, for example by using soft decoding. In 
addition to reducing the bit error rate by error correction it is also useful to use 
error detection to see whether a packet has been correctly received, otherwise it 
may have to be retransmitted. The retransmission function can be optimised by 
the use of incremental redundancy, which means that the receiver combines all 
information it has received in the original transmission and retransmissions of 
the packet. In this case the retransmissions can either consist of the same data 
as in the original transmission or extra redundancy information from the 
encoding operation. For example, one common method is to use convolutional 
codes where puncturing is used to reduce the redundancy information the first 
time a packet is sent, and in the retransmission send only the bits that were 
deleted in the puncturing.  
 

4.1.1 Block codes and convolutional codes 
 
There are two main types of error-correcting codes, convolutional codes and 
block codes. Convolutional codes are based on encoding the signal with a finite 
impulse response filter, this encoding does not require the bitstream to be 
divided into blocks. Convolutional codes can be decoded by the Viterbi-
algorithm, which is a maximum likelihood decoding method that finds the best 
path through a trellis of states and state transitions. An important property of 
the Viterbi-algorithm is that it is simple to extend it to soft input decoding. In 
order to limit the required memory length a survival depth is defined. The 
survival depth is the maximum number of bits that are used in the computation 
of the metric before a definite decision is taken about the first bit in that 
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sequence. Thus it puts an upper limit to the delay that is incurred in the 
decoding. The complexity of the Viterbi-algorithm increases with the number 
of states in the encoder. Therefore, it is not feasible to use codes with a low 
amount of redundancy; instead puncturing is used. That is, bits are deleted at 
the sender according to a certain pattern and the receiver inputs a metric value 
that corresponds to no information being available.  
 
With block codes the data is divided into blocks of fixed size, and each block is 
encoded individually. Any block code can be expressed in systematic form so 
that the original data remains in an unmodified sequence and the parity 
symbols are added at the end. For block codes it is usually not necessary to use 
puncturing in order to achieve a suitable code rate since the complexity of the 
decoding process is mainly determined by the length of the code. Hence, a 
suitable code can be chosen also for a channel where the overhead has to be 
kept low. For block codes several decoding methods with different 
complexities exist, but the different methods all give the same result.  
 
Puncturing can also be used for block codes, where it is particularly important 
for packet based networks. Since the packet lengths not always match the block 
length of the code it is necessary to adapt the code length. Block codes can 
always be written in systematic form, so that the data bits come first and the 
parity bits at the end of the code words. For systematic codes the zeros which 
are inserted in the puncturing will appear at the same positions after encoding. 
The zeros do not have to be transmitted to the receiver; instead the receiver will 
insert zeros at the appropriate positions to fill the block. The error correction 
capability will be the same as for the original, non-punctured, code. 
 
Since we expect that the networks should be run at low bit error rates it seems 
more appropriate to investigate block codes than convolutional codes. In the 
following sections we have concentrated on block codes, namely BCH codes. 
 
4.2 Channel coding for optical networks 
 
Optical networks have been considered to provide such good communication 
that it was not worthwhile to use FEC. Following a fast development in 
electronics which has reduced the cost of channel coding the situation has 
changed in the last few years. The initial interest for FEC was for submarine 
links where it is important to extend the distances between optical amplifiers 
and regenerators to reduce the cost. Reed-Solomon codes were therefore 
applied to add coding gain to the power budget. The ITU has standardized the 
use of RS(255,239) which adds approximately 7% of coding overhead and 
provides a gain of approximately 7 dB at the error ratios acceptable for optical 
transmission (~10-8) [41]. During the last years channel coding has not only 
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been used in submarine networks, but also in other long-haul transmission 
equipment and there is commercially available hardware for encoding and 
decoding at bit rates of 10 Gb/s.  
 
For communications over shorter distances error correction is still not used in 
optical networks. However, as processing power becomes cheaper it is likely 
that error correction will also be economically beneficial to use it in access 
networks. FEC is considered in the standardization process for EPON. Since 
the standardization process is still at an early stage it is too early to draw any 
conclusions about the kind of codes that might be used. As Reed-Solomon 
codes are already in use for optical networks and the necessary hardware is 
available it would be a reasonable solution.  
 
4.3 Soft decoding 
 
4.3.1 Binary block codes 
 
It is difficult to implement ideal soft decoding for block codes since it involves 
calculating the distance metric from the received sequence to all allowed code 
words. In order to implement soft decoding non-ideal approximations have to 
be made. One very useful soft decoding method is the Chase algorithm, in 
which the idea is to choose the bits that have the “worst” distance metric and 
try different hypotheses for them [11]. First hard decisions are taken about all 
bits, and then different bit patterns are added to the bit sequence in order to get 
several candidate sequences. The added patterns are intended to test the most 
unreliable bits in the sequence. Then all sequences are decoded, using hard 
decoding, and encoded again. The resulting code words are compared to the 
received soft bits and the code word with the minimum distance is chosen. 
Since several sequences have to be encoded and decoded the complexity is 
higher than for hard decoding, where only one sequence is decoded.  
 
There are different versions of the Chase algorithm that differ in how the test 
patterns are generated. The versions we have used are versions two and three, 
which generate 

� �
2/2 d  and  2/)1( −d  sequences, respectively, where d is the 

Hamming distance of the code. For Chase-2, d/2 bits are chosen and all 
possible bit patterns for these bits are tested. For Chase-3, d-1 bits are chosen 
and the test patterns start with all zeros and then each new pattern adds ones in 
two bit positions, starting from the bits with the worst metric. 
 
The complexity of the Chase-algorithms can easily be compared with hard 
decoding by counting the number of hard decoding attempts required for each 
block. For the codes simulated in this thesis the complexities of the soft 
decoding algorithms are given in table 1. 
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Table 1. The complexity of the soft decoding algorithms in this thesis counted 
as number of hard decoding iterations. 

Code Algorithm Complexity  
BCH(63,57) Chase-2 2 
BCH(63,51) Chase-2 4 
BCH(63,45) Chase-2 8 
RS(255,239) Chase-3 8 
 
With maximum likelihood detection the probability P(x|r) is maximised, i.e. to 
find the most likely code word x for a given received signal r. If the channel is 
white, i.e. the noise is independent between different bits, the likelihood of a 
codeword is the product of the probability of each symbol. The metric we use 
is the logarithm of the ratio between the conditional probability density 
functions f(x|1) and f(x|0) which is the maximum likelihood decoding rule. A 
quantized estimation of the likelihood ratio is calculated and saved to give 
realistic results for an implementable receiver. Since we assume that we have 
knowledge about the number of active users during a block, we always use the 
appropriate distribution. In practice it would be necessary to keep a table of the 
likelihood ratios for different number of users and choose the correct one 
depending on the estimated number of active users. 
 
It can also be noted that for hard decoding, the optimal threshold is given by 
the intersection between the two probability density functions if zeros and ones 
are equally likely.  
 
4.3.2 Soft decoding of Reed-Solomon codes 
 
Soft decoding is a significantly more complex problem for nonbinary block 
codes than for binary ones. For binary block codes Chase algorithms are 
suitable for low complexity soft decoders that basically work by using multiple 
hard decodings guided by soft information. For nonbinary block codes it is 
possible to use generalized minimum distance (GMD) decoding, which makes 
use of error and erasure decoding. One drawback of GMD decoding is that it 
does not use soft information at the bit level, only at the symbol level. Since the 
soft information is often available at the bit level, for example in optical 
communications where binary modulation is normally used, other decoding 
algorithms have been developed [60] [42]. However, the complexity of these 
algorithms is significantly higher. Tang et al. describe how GMD and Chase-2 
decoding can be combined to create low-complexity soft decoding of RS-codes 
[58]. The algorithm first chooses the least reliable symbols, like GMD 
decoding. Within the chosen symbols the Chase algorithm is applied in order to 
try the most likely bit patterns for these symbols. 
 



 33 

Another drawback of the proposed soft decoding methods for Reed-Solomon 
codes is that they require different algebraic decoders than the ordinary hard 
decoders. In fact, new hardware for soft decoding of Reed-Solomon codes is an 
important research topic [1] [19]. However, the existing hardware for hard 
decoding of Reed-Solomon codes cannot be used. Therefore, we propose a 
low-complexity soft decoding algorithm that can use existing hard decoders. In 
similarity to the reduced-complexity version of the decoding method proposed 
by Tang et al. we use soft decoding at the bit level for the least reliable bits. 
However, to reduce the complexity further we use the Chase-3 algorithm that 
has a lower complexity than Chase-2 and our algorithm does not use any 
symbol level soft information. The advantage is that it simplifies the 
calculation of soft information. The disadvantage is that it lowers the 
performance, since the structure of the Reed-Solomon code is not used.  
 
4.4 Performance evaluation of error-correction coding 
 
The performance of error correction codes is in general hard to calculate 
exactly, but there are methods to approximate the performance, for example the 
union bound [11]. Analytical methods can usually give good approximations of 
the performance at high SNR. Another possibility is to use simulations for the 
performance evaluation, with the advantage that non-ideal receivers and 
decoding methods can be evaluated easier. As opposed to analytical methods, 
simulations are better suited for evaluation at low SNR, whereas low error 
probabilities can cause difficulties due to the long simulation times needed. In 
this thesis simulations are used because of the complicated channel models that 
make it difficult to use ideal receivers and analytical evaluation.  
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5. Efficient simulation of channels with FEC and 
soft decoding 
 
 
A common problem with stochastic simulation is that it may require lengthy 
simulations to observe rare events. One example is observing errors in 
communication networks where the bit error probability can be in the order of 
10-9. Since many errors have to be observed before the result of the simulation 
will have the required accuracy, a straight-forward simulation may not be 
feasible. This is the case for the channels in this investigation, therefore 
efficient simulation methods are required.  
 
5.1 Importance sampling 
 
One approach is to use importance sampling. The idea is to generate a high 
number of errors by drawing the random variables for the simulation from a 
different distribution f*(v) than the actual one f(v). In order to obtain the correct 
results for the original channel, the error probabilities have to be compensated 
with a weight factor. If the purpose of the simulation is to estimate the function 
h(x), for example the average bit error rate, the estimate is given in (5.1). The 
weight should be f(v)/f*(v) to get the correct result as can be seen from the 
following equation 
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where E*[X] is the expectation with respect to f*(x). 
 
As an example, consider a communication system where on-off keying with 
amplitude one for the ‘on’ level is used and Gaussian noise with standard 
deviation 0.1 is added in the channel. To generate more errors several choices 
for the f*(v) distribution can be considered. One alternative is to generate noise 
with a higher variance, another alternative is to generate samples with the same 
variance but with a different mean. In general it is hard to know how to reach 
the maximum reduction in variance for the estimated parameter, but for the 
case with additive Gaussian noise it can be shown that the optimal solution is to 
shift the mean to be identical to the threshold value and keep the variance 
unchanged [26].  
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A problem with importance sampling is that it does not work well for channels 
with memory. When simulating communication systems with block codes, the 
memory of the system is the same as the block length. If each bit would be 
drawn from a modified distribution all the weights would be multiplied, which 
would lead to a very low weight. A better alternative is to only use the 
modified distribution for some of the bits in the block. Since the error 
correction capability of the code is known, it is suitable to choose a number of 
modified bits slightly higher than the number of correctable bits. This is to 
obtain a high number of errors without reducing the weight too much. Using 
this approach the variance can be reduced substantially, but still the simulation 
time proved to be excessively long for the systems considered in this thesis.  
 
5.2 Conditioning 
 
A second approach is to condition on events that with a high probability will 
cause errors, and multiply the resulting estimate with the known probability of 
that event. The difference between this method and importance sampling is 
illustrated in Figure 5. With a hard decoder the error events always occur when 
the number of hard decision bit errors exceed a certain number, and this event 
could be conditioned on in order to find the bit error level after decoding. For a 
system with soft decoding it is not as clear which events should be conditioned 
upon. Bian et al. suggest to condition on the event that hard decoding would 
result in an error [7]. This implies that soft decoding should always work better 
than hard decoding. However, there is also a possibility that hard decoding can 
correctly decode where soft decoding fails. As an example, consider a code 
with Hamming distance three, which can correct one error. If the three bits with 
the worst metric are all zeros and the received soft values for these bits are 
0.51, 0.51 and 0 the hard decoding will fail and the soft decoding will succeed. 
On the other hand, if the received values are 0.49, 0.49 and 1 the soft decoding 
will fail and the hard decoding will succeed. The latter scenario is of course 
less likely, and at high SNR the probability that soft decoding will fail where 
hard decoding succeeds is very small so the method works well. At low SNR it 
is not necessary to use a specific method for efficient simulation, since Monte 
Carlo simulation will be efficient enough. Therefore, we have used Monte 
Carlo simulation for scenarios with high error probability and an extended 
version of the algorithm given by Bian et al. when the error probability is low.  
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Figure 5.  An illustration of the difference between importance sampling, on 
the left, and the conditioning method used for most of the simulations in this 
thesis.  

 
We condition on different numbers of hard decoding errors per block. For 
example, if the number of correctable errors is three we may simulate the 
channel conditioned on four, five or six bit errors in a block. For each number 
of errors a large number of blocks are simulated and the estimate of the error 
probability is found by multiplying the average error rate with the probability 
of the given number of hard decision bit errors. The sum of the error estimates 
is used as the final result. Figure 6 illustrates what the received samples would 
look like with this simulation method when three errors have been introduced 
in a block. 

 
Figure 6. One block of 63 bits with three bit errors is shown, where the x-axis 
is a time axis and the y –axis is the signal level. The correct value, 1 or 0, is 
indicated by an x and the received level is indicated by an o. The channel is the 
OOC-channel described later and the threshold is chosen to minimise the error 
probability. 
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The simulation algorithm also has to be extended to work for multi-user 
channels. If we want to condition on the fact that an error has occurred, we also 
have to take into account that the error probability depends on the number of 
interfering users. Therefore, the following method of generating a specific 
number, n, of errors in a block is used: 
- First the block is rendered error free. 
- Then the n bit positions that should contain errors are chosen randomly. 
- The probability distribution of the number of interferers conditioned on a 

bit in error is used to draw the number of interferers.  
- The noise level for this bit is drawn, conditioned on n interferers and a hard 

decoding error.  
This simulation method can be used for other multi-user channels as well, but it 
requires knowledge about how the error probabilities depend on the 
interference.  
 
5.3 Simulation accuracy 
 
Even though much work has been put into finding efficient simulation methods 
the simulations still require several days. Therefore, it has not been possible to 
achieve very exact results for all simulated scenarios. In many of the scenarios 
the analytically calculated “raw” error rate, before applying error correction, is 
included as a reference. The block error rate for hard decoding is also exact, 
since it can be easily calculated from the bit error rate. The remaining bit error 
rate after hard decoding only contains the variance stemming from the error 
distribution when a decoding error is made. For some codes this distribution is 
known, and the average bit error rate can be calculated; for other codes it has to 
be evaluated numerically. Actually, the distribution is known for Reed-
Solomon codes, however in this thesis we have not used it for converting from 
block error rate to bit error rate. For soft decoding the error probability cannot 
be easily assessed, only approximate analysis is possible. Since the errors not 
only depend on the number of hard decision errors but the actual noise values 
throughout the block, the variance of the simulation results will be higher than 
for the hard decoding.  
 
With the simulation method described previously a problem is that errors occur 
conditioned on different numbers of hard decision errors. Since the ‘raw’ bit 
error probability is usually in the order of 10-2 to10-4 the estimated error 
probability varies significantly depending on the number of errors. In the 
following chapters simulation results for both a BCH code with a block length 
of 63 bits and a RS code with a block length of 2040 bits are presented. 
Simulation of the shorter code is notably simpler since the soft decoding is in 
most cases only able to correct one more hard decision error than the hard 
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decoding. For the longer code the number of introduced errors before the first 
soft decoding error varies significantly which naturally increases the variance 
of the estimated error probability.  
 
To assess how reliable the simulation results are we only consider the block 
error rate for soft decoding, since the bit error rate is closely related and hard 
decoding certainly results in a lower estimation error. Disregarding the 
conditioning, the results of each simulated block is Boolean, either the block is 
correct or incorrect. The number of block errors in a simulation run of N blocks 
is binomially distributed with mean Np where p is the block error probability. If 
the number of blocks is large enough the binomial distribution can be 
approximated by a Gaussian distribution, for Np(1-p)>10 it is known to be a 
good approximation. The parameters of the Gaussian distribution will remain 
the same as for the binomial, that is mean Np and variance Np(1-p). The 
variance of the estimate of p will therefore be inversely proportional to N. The 

ratio between the standard deviation and the mean is 
Np

p−1
 which is a 

measure of the relative error. Since the distribution is approximately Gaussian 
the relative error can be translated to a confidence interval, for example a 90% 
confidence interval is given by adding 1.65 times the standard deviation on 
each side of the mean. Hence, the required number of simulations to limit the 
relative error to a certain percentage can be calculated.  
 
However, for the simulation method used in this paper the estimate should also 
be multiplied by the conditioning probability, which is not a problem as long as 
the soft decoding almost always fails at the same number of bit errors. For the 
simulations of the shorter BCH code this is the case in all simulations. The 
relative error in the BCH code simulations is less than 10% with 90% 
confidence. For the longer Reed-Solomon code the problem is more difficult; 
particularly at low error probabilities the number of errors that can be corrected 
by soft decoding varies significantly from block to block. Therefore, the 
approximation described above is not valid, and the accuracy of the simulations 
has to be evaluated in a different fashion. The exact analysis has not yet been 
completed, but the accuracy of the estimates is slightly worse than for the 
simulations of the binary BCH codes. 
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6. Performance evaluation of soft decoding for 
spectrally sliced WDM PONs 
 
 
In this chapter the error correction methods described earlier are applied to the 
passive optical networks using WDM implemented by spectral slicing of a 
broadband light source. Efficient simulation is used to evaluate the 
performance of FEC and it is shown how soft decoding can be used to improve 
the performance in a realistic system.  
 
6.1 Spectral slicing WDM 
 
When WDM is used in passive optical networks the cost of the equipment has 
to be kept lower than for wide area networks. Therefore a spontaneous 
emission light source, such as a high power LED, can be used and different 
wavelengths separated by optical filters based on thin film or waveguide 
gratings [27, 36]. As described in Chapter two, beat noise will occur at the 
receiver because of the broadband light signal. The beat noise creates a floor 
for the bit error rate where the error probability cannot be improved by 
increasing the power. The most promising solution to lower the error floor is to 
use FEC.  
 
In this analysis we will assume that a PIN receiver is used and that the thermal 
noise has higher power than the shot noise. Therefore the sum of thermal noise 
and shot noise is approximately independent of the intensity. If an APD 
receiver would be used the beat noise would still be the dominating noise 
contribution. The total noise power is  

o

e
t B

B
cIN 22 +=σ    (6.1) 

where Nt contains the thermal noise and the shot noise, and the second term is 
the beat noise. I is the light intensity, c is a constant that depends on the 
polarization and responsivity, Be is the electrical bandwidth and Bo the optical 
bandwidth. The noise can be approximated as Gaussian. 
Expression (6.1) shows that for systems with on-off keying (OOK) the noise 
will be stronger for ones than for zeros. That has to be taken into account at the 
receiver by setting the threshold at the optimal level or using the appropriate 
metrics for soft decoding.  
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For an additive white Gaussian noise (AWGN) channel the log-likelihood 
function is: 
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With identical values for σ1 and σ2 this results in the euclidian distance 
between the received signal and the code word. For an asymmetric Gaussian 
channel the σ1 and σ2 are not identical and will remain in the metric.  
 
6.2 Simulation results 
 
In order to reduce the simulation time, the efficient simulation method 
developed by Bian et al. has been used [7]. Therefore, the results cover realistic 
bit error rates that are comparable to other optical network solutions. Figure 7 
shows that the bit error rate can be reduced significantly when FEC soft 
decoding is applied. It can be seen that the low complexity soft decoding 
method reduces the required SNR by approximately 0.7 dB for a bit error rate 
of 10-8. The code in this example is the same RS(255,239) code that is used in 
the ITU-T G.975 standard and the soft decoding is the bit-level Chase-3 
algorithm. The bandwidth expansion because of the channel codes has been 
taken into account by using approximately seven percent higher noise power 
for the coded case. The ratio between optical and electrical bandwidth in the 
simulations varies from 16 to 45 and beat noise is the dominating noise source.  
Of course, the optimal threshold is used in the hard decoding, and the threshold 
level varies approximately between 0.29 and 0.37 of the level of a one bit.  
The soft decoding algorithm requires 16 hard decodings in this case, hence, a 
10 Gb/s decoder could be used to decode a 622 Mb/s channel with soft 
decoding.  
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Figure 7. The bit error rate for a channel with and without RS(255,239) 
coding. 
  
In Figure 8 the code is the binary BCH(63,51) and both Chase-2 and Chase-3 
decoding are compared to hard decoding. It can be seen that the gain of soft 
decoding is more substantial in this case since the Chase-2 algorithm works 
well for this code. Thus illustrates that the Chase-3 algorithm does not provide 
any large gain in general, but the gain also depends on the length and the 
Hamming distance of the code. Therefore Chase-3 decoding offers more gain 
for the Reed-Solomon code.  
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Figure 8. The block error rate for a channel with BCH(63,51) coding with 
different decoding options.  
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6.3 Conclusion 
 
The simulations show that FEC is an efficient method for improving the 
performance of spectral slicing WDM networks. The proposed low complexity 
soft decoding method improves the error rate approximately by approximately 
0.7 dB at relevant error probabilities. Considering that the Chase-3 algorithm in 
general is not very powerful, this is not a bad performance. However, since soft 
decoding of Reed-Solomon codes is an active area of research, it can be 
expected that more efficient methods will be supported also by hardware 
implementations within the coming years.  
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7. Optical Code Division Multiple Access  
 
 
This chapter contains the main results of the thesis. The performance of 
OCDMA systems is evaluated with a realistic model for the noise and 
interference, whereas most other studies neglect the major limitation – the beat 
noise. Simulations are used to evaluate the impact of the degree of coherence 
and the performance of different alternative ways of expanding the bandwidth 
of the signal.   
 
7.1 Limitations 
 
Two of the main problems with incoherent OCDMA systems are that the 
performance is limited due to 1) unipolar signaling and 2) the beat noise. Since 
no negative pulses exist, the interference is a more significant problem than for 
coherent systems. Good spreading codes should have as low cross correlation 
as possible, a high auto correlation peak at zero and no other strong auto 
correlation peaks. Possible solutions to mitigate the interference are coherent 
receivers or optical hard limiters, which would limit the optical power to make 
the channel appear to have fewer interfering users [61].  
 
The receiver is assumed to be incoherent, which means that beat noise will be a 
major performance limitation. Depending on whether the light source is 
coherent or incoherent the characteristics are different, but in both cases there 
are studies that indicate that beat noise can be the main limitation in the system 
[2, 13, 16, 49, 55].  
 
7.2 Implementation 
 
Implementations of OCDMA can differ in many ways, for example the 
spreading code can be temporal, spectral or a combination of the two, the 
system can be synchronous or asynchronous, and the processing can be 
differently divided between the optical and electrical domains. 
 
In the early work on OCDMA by Salehi, temporal codes were considered and 
the most widely considered implementation used optical splitters and delay 
lines [43]. Later work introduced spectral coding and frequency hopping. The 
choice of the spreading method depends to a large extent on the cost and 
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complexity of the implementation. The limits of the performance is also limited 
by different factors, for example temporal codes need to be very long to admit 
a large number of users, hence very short pulses are required to implement a 
high bit rate. Fast detectors and light sources or modulators are more expensive 
than slower ones, which is one reason that spectral coding and frequency 
hopping are attractive alternatives.  
 
Both fast frequency hopping, where the frequency is changed several times 
within the same bit, and slow frequency hopping, where the frequency changes 
on a slower time scale have been investigated for optical systems. Kiasaleh 
evaluates slow frequency hopping for optical LANs and proposes FEC as a 
way to improve the performance [30]. However, fast frequency hopping has 
more attactive implementation possibilities, for example Fatallah et al. describe 
a fast frequency hopping (FFH) system including the implementation with 
Fiber Bragg Gratings (FBG) [17]. In the evaluation the asymmetric codes 
proposed in [8] are used. A receiver where power measurements during a bit 
interval provide is used as side information is proposed and evaluated by 
simulations. The conclusion is that FFH works better than DS-CDMA. The 
paper covers implementation from component level to performance analysis, 
but noise is neglected in the performance evaluation. FFH systems with FBGs 
have also been experimentally verified to work properly with up to 16 users 
and a throughput of 1.25 Gbit/s [25]. Stok and Sargent define a normalized 
throughput metric to compare different OCDMA systems, both frequency 
hopping direct sequence systems with different codes. For the metric an infinite 
user population is assumed to get a Poisson arrival pattern. To achieve the high 
loads considered in the comparison it should also be taken into account that the 
cardinality of the codes may not allow static code allocation, rather the 
allocation may have to be done dynamically. The conclusion is that two-
dimensional OOC are more efficient than one-dimensional OOC and 
asymmetric prime hop codes. Furthermore it is found that the optimal weight 
for the OOC is four to five chips per codeword. It should be noted that noise is 
not taken into account in the comparison. 
 
Other possible implementations include complementary coding with 
differential receivers, where the code word for a zero and the code word for a 
one contain an equal number of one chips. The receiver correlates the received 
sequence with the one codeword and the zero codeword and measures the 
difference. The contributions from interfering users will be cancelled when 
correlated with the codeword of the given user and therefore provide truly 
orthogonal codes. However, the transmitted energy for zeros is increased which 
leads to a higher power of the beat noise and the shot noise [35]. In fact, the 
noise limits for spectral encoding CDMA are derived by Smith et al. and the 
results show that the beat noise is the limiting factor [50]. Furthermore, the 
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interference will not be completely cancelled because of the imperfections in 
the optical components. Huang and Yang investigate the MAI in a fiber Bragg 
grating based OCDMA network with differential detection, where the 
imperfections in the optical filtering and the spectral profile of the light source 
are taken into account [21]. To reduce the MAI the authors suggest that only 
the central range of the spectrum of the light source is used, and a method of 
using a compensation module is proposed to mitigate the effect of nonideal 
fiber Bragg gratings. Differential receivers are a promising solution for 
OCDMA, but a similar improvement can be achieved for a CDMA PON by 
using an adaptive receiver with side information as explained later in this 
Chapter.  
 
An important component for achieving good performance in OCDMA systems 
is the receiver. For temporally coded CDMA a significant part of the energy is 
not utilised when an optical correlation receiver is used. The fraction of the 
energy that is received from the correlator is inversely proportional to the 
weight of the code. An alternative is to sample each chip individually with a 
chip level receiver [44]. The performance of a chip-level receiver is higher than 
a correlation receiver, and the interference is treated more efficiently. A 
drawback of the chip level receiver is that the sampling must be done at a 
higher rate than for a receiver with an optical correlator. However, Shalaby et 
al. also suggest an implementation which only requires electrical sampling at 
the bit rate by using a separate photodetector for each chip. An all-serial coding 
architecture was proposed by Kwong and Prucnal as an alternative approach to 
reducing the power loss of OCDMA encoders and decoders [33]. 
 
Inaty et al suggest a different approach to reducing the problem of interference 
by adding hardware to the system in [22]. The performance has been improved 
by using separate frequency bands for the transmission of zeros and ones, 
respectively. Of course, the bandwidth is expanded significantly, but the 
receiver can be simplified since a fixed threshold provides sufficient 
performance. 
 
A further alternative is to perform both the encoding and decoding in the 
electrical domain. Ahn and Park suggest a PON-system with Walsh codes in 
both the upstream and the downstream and use a protocol channel for 
synchronisation of the upstream. Since the Walsh codes are orthogonal, the 
performance is limited by the beat noise [2]. The advantage of synchronized 
receivers has also been demonstrated by Kwong et al. [32]. The improvement is 
a result of the reduced cross-correlation between the synchronized code words 
compared to asynchronous code words. 
 



 48 

To implement multiple services with different requirements on throughput over 
a CDMA network, both the power and the length of the spreading code can be 
used to differentiate the services. For optical CDMA both approaches are 
possible, for example, Kwong and Yang propose wavelength-time codes for 
multimedia applications. All codewords have the same weight, but the length 
varies, hence the bit-rate is adaptable for different applications [34]. Inaty et al. 
propose a system where power control is used to differentiate between different 
service classes, so that the MAI is minimized [23]. Optical attenuators are used 
to reduce the sent power to the minimum level sufficient for reaching the 
required error rate for each class. In both of the mentioned papers the encoding 
and decoding is made by FBGs. Inaty et al. also investigate the effect of 
increasing the bitrate to a level where the multiple bits are overlapping, hence 
creating more interference. The analysis show that when a high number of 
frequencies are available the bitrate can be significantly increased while an 
acceptable signal to interference ratio is maintained [24]. 
 
The most compelling properties of OCDMA are the flexibility and the 
possibility to move some of the processing to the optical domain. This keeps 
the equipment simple. For systems that implement most of the processing in 
the electrical domain, the benefits of OCDMA reduce significantly for optical 
access networks. Since the MAI not only causes problems by itself, but also 
raises the noise level it is not possible to reach the same performance as a 
TDMA system. Therefore, we have considered systems with a high degree of 
optical processing as the most interesting approach to study in this thesis.  
 
7.3 Bandwidth expansion 
 
From information theory it is well known that the capacity of a communication 
system can be increased either by increasing the power or the bandwidth. When 
beat noise is taken into account it does not make sense to increase the power 
since it will not improve the capacity. For low complexity optical receivers, 
which only implement matched filtering and sampling at the bit rate, there are 
two approaches to improve the performance in terms of allowing more users 
while maintaining a low bit error rate. The first approach is to use longer 
spreading codes to reduce the interference. The second approach is to use error-
correcting codes to reduce the error rate. Both methods expand the bandwidth 
to reduce the error rate. A combination of spreading code and error-correcting 
code is evaluated by Azmi et al. and the performance is found to be improved 
[5]. However, the solution requires detection at chip rate, which we try to avoid 
in this study, since it would remove one of the most important advantages over 
TDMA solutions. Therefore, we limit our study to separate spreading and error 
correcting codes. 
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7.4 Related work on FEC for OCDMA 
 
Hayashi and Yahima propose to use received power in a bit period as side 
information to make erasures in the decoding process [20]. The suggested 
codes are BCH codes, as in this paper, but only MAI is considered. The 
performance is evaluated for different widths of the erasure zone and compared 
to hard decoding and uncoded. It is shown that the bit error rate decreases when 
erasure decoding is used. Erasure decoding can be considered as a simpler 
variant of soft decoding than the Chase algorithm, where the quantization only 
has three levels: 0, 1 and erasure. Hence, it can be expected that the Chase 
algorithm performs better than erasure decoding.  
 
An interference limited synchronous CDMA network with prime codes is 
considered by Wu and Wu [61]. The performance improvements are evaluated 
by using BCH codes and an ideal optical hard-limiter to reduce the 
interference. The results show that the performance is improved when some of 
the bandwidth expansion is used for error correction. Dale and Gagliardi have 
come to the same conclusion when they compare convolutional coding, RS 
coding and pulse position modulation (PPM) as different means to increase 
performance of OCDMA [12]. Since PPM lowers the throughput it is also 
considered as a channel coding scheme. Convolutional and RS coding 
outperforms PPM, but combinations of the different coding schemes are not 
considered. The limiting factors are MAI and detector noise, but beat noise is 
neglected in their work. When error correction is not considered, however, 
PPM does outperform OOK for a temporally encoded OCDMA system, as 
Shalaby has recently shown [45]. 
 
Muckenheim et al. introduce a combination of channel coding and 
retransmissions to achieve an improved performance [37]. An algorithm for 
setting the parameters is introduced and the delay and throughput are evaluated. 
The investigation shows that the performance at the link layer is improved 
when channel coding is used.  
 
Kim evaluates turbo codes for optical CDMA systems with binary PPM [31]. It 
is assumed that APD detectors are used and that the limiting noise is shot noise. 
Argon and McLaughlin analyse the use of turbo product codes for DS-CDMA 
on-off keying (OOK) systems [3]. Since only interference is considered and no 
noise, the channel is a Z-channel. The codes are OOC codes. It is shown how 
soft information can be extracted, and how the decoding complexity can be 
reduced by approximations. With the longer code length of the turbo codes, the 
BER can be substantially reduced compared to shorter codes. These papers are 
interesting since they use more powerful coding, but the channel models 
neglect the main problem of OCDMA. 
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7.5 Receiver structures  
 
There are mainly two different types of networks where OCDMA is plausible 
to deploy, namely local area network and access networks. As described in the 
first Chapter, an important difference is that in a LAN the media can be shared 
without any central coordinating node, whereas in an access network the 
headend receives the transmissions from all other stations. In the latter network 
the channels to and from the headend can be separated, thereby reducing 
interference. Since the headend receives the traffic from all nodes, it has to 
know how many senders are active at any particular moment. This information 
can be used to improve the receiver, for example by using an optimal threshold 
or by using erasure coding [20, 6]. It is also possible to use more advanced 
multi-user detection to obtain estimates of the exact interference for each bit, 
but it requires significantly more processing [57]. A more advanced multiuser 
detection algorithm would use information about the codes of the different 
users to mitigate the interference. Brandt-Pearce and Aazhang describe single 
and multiuser detectors for OCDMA and show that they can reduce the effect 
of the MAI efficiently [9]. The analysis considers only the shot noise, as 
opposed to this thesis, which also takes the beat noise into account. Since the 
noise power is higher compared to the multiple access interference, there is less 
gain from efficient multiuser detection. Therefore, lower complexity receivers 
are considered here.  
 
For a star topology a receiver does not know how many other transmissions are 
ongoing, therefore it is harder to adapt the receiver to the interference level. 
However, it can measure the total received energy and from that estimate the 
number of active users [38]. The measurement should be made over an 
appropriate interval, for example for each bit or over an entire block. When the 
noise is taken into consideration it is clear that a measurement during a longer 
interval, such as a block, should give a better estimate. In a tree topology the 
stations receiving transmissions from the headend do not have more 
information than in a star topology. Shalaby proposed several different 
interference cancellers for OCDMA systems in [44]. The methods are intended 
for a synchronous temporally coded system with prime codes. The code words 
of prime codes can be divided into groups where the cross correlation is zero 
between the codewords of the same group, and one for code words of different 
groups as long as the senders are synchronized. This property is used for the 
interference cancellation; hence it cannot be used for other types of codes. 
 
For these reasons we assume that the receiver can use side information about 
the number of active users during a transmission block. Thus, an optimal 
threshold for the hard decoding is used and in the soft decoding the metrics 
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take the number of users into account. Furthermore, it has been assumed that 
the received power from each sender is equal. For a PON where the distances 
to different receivers are not identical this requires the senders to adapt their 
transmitted power. Since the attenuation does not vary significantly over time, 
it is enough to measure the attenuation of the channel once and adjust the 
output power accordingly.  
 

7.6 Models of OCDMA channels with beat noise 
 
7.6.1 Temporal codes 
 
In this section a model of the distribution of both noise and interference for 
temporally coded channels is described. The interference depends on the 
number of active users and the properties of the code. The optical orthogonal 
codes (OOC) have attractive properties in terms of auto correlation and cross 
correlation. The auto correlation peak is equal to the weight of the code, there 
are no other side lobe peaks higher than one, and the cross correlation of any 
two codes is never higher than one [43]. The price for these attractive 
properties is that there are few possible code words, and hence few possible 
users. For codes of length L and weight w the maximum number of users is 
given by: 
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There are other codes that allow more users, see for example Zhang et al. [63], 
Kwong et al. [32] or Azizoglu et al. [4]. The drawback of these codes is that 
they have worse correlation properties. The probability that the chips from a 
different user collide with the chips of the user of interest depends on the 
spreading code. For OOC the multiple access interference from n-1 other users 
can be calculated as  
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For simplicity it has been assumed that the chips from different users arrive 
synchronously. This gives an overestimation of the error probability [43]. In all 
simulations we have assumed that there is also signal independent additive 
white Gaussian noise, like for example thermal noise, but that the power of that 
noise is so small that the errors are mainly caused by interference and beat 
noise. The thermal noise in the simulations would correspond to a BER of 
approximately 10-12 if it were the only noise source. The probability 
distributions of the signal, conditioned on a zero and a one respectively, are: 



 52 







+





−







 −
=

−−−

=
∑ 2

22

1221

0

,,
2

1
2

1
)0|(

w

bwr
i

w

i
xN

L

w

L

w

i

n
xf th

ini
n

i

σ  

�
�

�

�

�
�

�

�
�
�

�
�
�

�

+++��
�

�
��
�

�

−��
�

�
��
�

�
��
�

�
��
�

�
−

=
−−−

=
∑ bwr

w

i

w

i
xN

L

w

L

w

i

n
xf th

ini
n

i

2
2

1221

0

1,1,
2

1
2

1
)1|( σ  

In the equations N is the pdf of a Gaussian distribution, bwr is the ratio between 
electrical and optical bandwidth. As can be seen from the expression, the 
variance of the noise is proportional to the square of the total intensity of the 
user signal and the interference. The pdfs can be seen in Figure 9. The optimal 
threshold is chosen as the point where the conditional pdfs are equal. It is not 
obvious that there is only one such point for these pdfs, but for the parameters 
we have used in the simulations it has been verified by the simulation results.  

 

Figure 9. The probability distribution of the received signal for an OOC 
channel with code length 1008, weight seven and bandwidth ratio 25 and five 
active users. The channel resembles an asymmetric Gaussian channel.  

 
7.6.2 Frequency hopping 
 
Fast frequency hopping is an alternative to temporal codes, where each bit from 
a user is encoded both in time and frequency. As for temporal codes the 
construction of codes for frequency hopping can be made by algebraic 
methods, Einarsson describes construction methods for both synchronous and 
asynchronous systems, based on cyclic codes [15]. A description of prime 
codes, which can be modified for FH is given by Kwong et al. [32]. The 
autocorrelation function for these codes has sidelobes that are higher than one, 
therefore they are not optimal from a synchronisation point of view. There is a 
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risk that the receiver will lock its synchronisation at a side lobe instead of the 
main lobe. However, prime codes can allow many simultaneous users in 
synchronous systems. Eqc/prime codes for frequency hopping are introduced 
and the possibility to eavesdrop is analysed by Tancevski and Andonovic [56]. 
These are asymmetric codes that can handle many users with a maximum cross 
correlation equal to two. 
 
In the following analysis it is assumed that symmetric codes are used so that 
the number of frequencies is equal to the weight of the code. The analysis 
could be extended to other types of codes but the results are not likely to differ 
significantly. For a channel with n-1 interfering users, f frequencies and 
temporal length L the multiple access interference is:  
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This is essentially the same expression as for the temporal codes if the product 
of the temporal length L and the number of frequencies f is considered as the 
total code length. The first sum is the probability distribution for the number of 
users sending ones, which is binomial with probability 0.5. The second sum is 
the probability distribution for the interference conditioned on i ones. 
 
When the expression for the interference is combined with the beat noise we 
have to take into account the distribution of the interference over the frequency 
bands. If two chips from different users collide with the codeword we are 
interested in on different frequency bands the intensity at each of the bands will 
be 2/w. Conversely, if they interfere on the same frequency the intensity will be 
3/w at that frequency and 1/w at the other frequency. Since the beat noise 
power is proportional to the square of the intensity on each frequency, the first 
case will give a power proportional to two times four and the latter will give 
one plus nine. The distribution of the interference over the frequencies can be 
modelled as multinomial. If the number of active interferers is j the average 
number of interferer-interferer terms is 
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where j i is the number of interferers at frequency band i. If a zero is sent these 
are the only terms contributing to the beat noise. If a one is sent there is also a 
contribution from the signal-interferer terms and from the chips that are not 
affected by interference. The number of signal-interferer terms is j and the 
average number of frequency bands without any interference is jw)/11( − . 
Hence, the resulting probability distribution functions for the signals are: 
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For frequency-hopping channels with coherent light sources a corresponding 
expression is derived by Tancevski [55]. Figure 10 shows the probability 
distribution of the signal strength conditioning on the zero and one 
respectively, for a frequency hopping channel with weight five, temporal length 
25, five frequencies and ten active users. 
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Figure 10. The conditional probability density functions for a FH channel 
when a zero and a one is sent respectively. 
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8. Performance evaluation of OCDMA with 
error correction 
 
 
The simulations focus on the performance of different receivers in systems 
with beat noise. The parameters are chosen to be representative without 
specifying the exact implementation. Hence, the results should apply to 
systems with different types of light sources, detectors and possibly amplifiers. 
 
8.1 Coherent and incoherent light sources 
 
First we evaluate how the performance depends on the degree of coherence of 
the signal. For the coherent temporally coded systems it is assumed that the 
chips from the same user are added coherently. Hence, there is no beating 
between them, but light from interfering sources will cause beat noise.  
The receiver is assumed to be incoherent since the complexity of a coherent 
receiver is higher. If a coherent receiver is implemented, it is also possible to 
use negative pulses by shifting the phase 180 degrees. Therefore, both the 
interference and the noise could be significantly reduced compared to the 
systems in this study. 
 
Figure 11 shows the BER for an OOC channel with code length 1008 and 
weight seven. The bandwidth ratios range from 10 to 1000. In addition, a 
coherent light source is included as well as the result when the beat noise is 
omitted. It can be seen that the coherent light source has similar performance to 
the incoherent with ratio ten between optical and electrical bandwidth. For the 
higher bandwidth ratios the incoherent sources give less bit errors. From the 
figure it can also be concluded that the error probability is substantially 
underestimated when the beat noise is not taken into account. Note that the 
error rates in the figure are achieved when the number of active users is known 
and an optimal threshold is used. Figure 12 shows the effect of beat noise is 
less severe for frequency hopping channels than for temporally coded channels.  
 
The drawback of a large optical bandwidth is that the spectral efficiency is 
worse. For example, if OCDMA is used in combination with WDM the optical 
bandwidth should not be larger than the distance between the wavelengths. In 
addition, a large bandwidth can lead to problems with high dispersion and a 



 56 

non-flat spectral density [34, 39]. Therefore, the bandwidth ratios in this study 
are chosen to be significantly smaller than in some other studies [13, 49]. 
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Figure 11. The bandwidth ratio effect for an OOC channel. 
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Figure  12.  The effect of different bandwidth ratios for an FH channel. 

 
8.2 Optimal threshold value 
 
Because of the higher noise power for one bits, the decision threshold should 
be shifted downwards, however the additional power from the interfering users 
will shift the optimal threshold level upwards. In the following simulation the 
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fixed threshold was set to 0.65. The spreading code has a length of 169 and a 
weight of 13. In Figure 13 it can be seen that the bit error rate is higher for a 
fixed threshold except around 15 to 25 users where the optimal threshold is 
close to 0.65.  
 
In the rest of the simulations the optimal threshold is always used for the 
uncoded and hard-decoded cases. The figure also shows the improvement in bit 
error rate that can be achieved by channel coding. The bit error rate is reduced 
by several orders of magnitude for all number of users. However, we have not 
yet taken the bandwidth expansion into consideration. We also remark that it 
might be more relevant for many higher layer protocols to consider the block 
error rate than the bit error rate, nevertheless we have chosen to study the bit 
error rate because it is easier to compare with the uncoded case and the block 
error rate is closely related to the bit error rate as can be seen in the figure.   
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Figure 13. The importance of choosing the optimal threshold can be seen 

from the lower error rate. The block error rate is approximately one order of 
magnitude higher than the bit error rate in this scenario. 

 
8.3 Coding gain 
 
To evaluate the coding gain of FEC, systems with equal total bandwidth and 
equal throughput are compared with respect to the bit error probability. The 
bandwidth expansion is divided differently between error correction coding and 
spreading. It is assumed that the same light source and detector are used; the 
optical bandwidth and the chip rate are also fixed so that the bandwidth ratio is 
25. However, if a shorter OOC is used, the extra bits can then be used for FEC 
without expanding the bandwidth further.  
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In the simulations the weight is seven and the code length is 1008 when no 
FEC is used. When FEC is applied the length of the code is reduced, for 
example it is 912 when BCH(63,57) coding is used which corresponds to 
identical total chip rate. Figure 14 shows that FEC performs better. This is 
quite intuitive if the length of the code is taken into consideration. It is well 
known that channel coding is more powerful the longer the code is. Therefore, 
the error correction codes that cover many bits work better than the spreading 
codes for a single bit do. However, with a shorter spreading code a lower 
number of users can be supported and the decoding complexity of the block 
code increases.  
 
As a further illustration we make a different comparison of channels with 
different protection against errors for FH channels. The cost of applying 
channel coding can be considered in terms of increased interference due to 
transmission of redundant information from other users. In Figure 15 we have 
adjusted the number of users to reflect that some of the capacity is used for 
redundancy. For example, when the number of users for the BCH(63,45) code 
is 35 in the figure, the actual interference in the simulation corresponds to 49 
users since a 2/7th share of the traffic is redundant. The weight of the spreading 
code in this case is seven and the length is 49. Figure 15 shows the error rate 
for a BCH(63,57), a BCH(63,51) and a BCH(63,45) code respectively, using 
soft decoding. Also in this case the lowest bit error rate for the same 
normalized number of users is achieved by the code with the highest amount of 
redundancy. 
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Figure 14. The performance for equal total bandwidth expansion. FEC is more 
efficient than spreading. 
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Figure 15. The performance is improved by channel coding also when the 
increased amount of sent data is considered, in this case for a FH-channel. 
 
8.4 Frequency spreading versus time spreading 
 
The bandwidth expansion can either be implemented through temporal coding, 
that is direct sequence CDMA, or by frequency hopping. The performance of 
the two possibilities would be identical unless the beat noise was taken into 
account. Since the frequency bands are assumed to be disjoint, the effect of 
beat noise is less severe for FH than for temporally coded systems. Figure 16 
shows the bit error rate for OOC and FH channels both when the beat noise is 
neglected and when it is taken into account. The length of the OOC code is 343 
and the weight is seven, the weight of the FH code is also seven, the temporal 
length is 49 and the number of frequencies is seven, hence the total code 
lengths are equivalent. Thus, the comparison is fair from that respect. However, 
it should be noted that FH offers an extra degree of freedom which makes it 
possible to find more efficient codes that for purely temporal codes [52].  
 

Another advantage of FH systems, which is not taken into account here, is that 
the power loss in the spreading and autocorrelation is not as severe as for direct 
sequencing. This is because the spectral slicing ensures that all energy in the 
signal can be used in the receiver as opposed to a power splitter [17]. An 
advantage for direct sequencing systems is that it is simpler to expand the 
bandwidth. When all this is taken into account together with the 
implementation possibilities it is not trivial to make a completely fair 
comparison between temporal codes and frequency hopping. However, our 
results show clearly that frequency hopping systems are less affected by beat 
noise. 
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Figure 16. The performance of temporal coding and frequency hopping is 
identical as long as the beat noise is neglected, but FH is better when beat 
noise is taken into account. 

 
8.5 Hard versus soft decoding 
 
The gain that soft decoding can provide compared to hard decoding depends on 
the noise distribution. We compare the gain of using soft decoding for an 
OCDMA channel with the gain on a common AWGN channel. For the 
different channels we also evaluate the gain by adding more complexity to the 
decoding by using finer quantization or a more powerful Chase decoding 
variant. 
 
We first show results in Figure 17 for a symmetric Gaussian channel with a 
SNR that will yield a similar BER as the OCDMA simulations. At a bit error 
rate of 10-8 it can be seen that the noise power is 0.175 when soft decoding is 
applied and 0.145 when hard decoding is applied. This corresponds to a gain of 
1.8 dB for soft decoding. The gain of using ideal soft decoding asymptotically 
approaches 3 dB for high SNR for this channel [11]. The Chase algorithm has 
slightly worse performance than ideal soft decoding which partly explains the 
1.2 dB difference.  
 
Figure 18 shows the bit error rate as a function of the number of users for hard 
decoding, Chase-2 and Chase-3 decoding, respectively. The length of the OOC 
code is 1000 chips and the weight is ten.  The effect of different quantization 
granularity can also be seen. The channel code is a BCH(63,45) code both in 
this simulation and the simulation of the AWGN channel. It can be seen that 
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the gain from using soft decoding is similar for the OCDMA channel as for the 
AWGN channel. 
 
Figure 19 shows the error rates for a frequency-hopping channel with the same 
types of soft decision decoding as above. The channel code in these 
simulations is a BCH(63,45) code and the spreading code has length 25 and 
weight five. By comparing the results in Figure 15 and Figure 18 the effect of 
the code length is also clear. With a short code of length 25, the bit error rate is 
10-6 when the number of users is as low as ten.  

 

Figure 17. Hard and soft decoding for a symmetric Gaussian channel. 
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Figure 18. Simulation results for an OOC channel. Soft decoding can decrease 
the bit error probability substantially if enough bits are used in the 
quantisation. The more complex method performs better as expected. 
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Figure 19. Soft decoding with different Chase variants for a frequency-hopping 
channel with code length 25, weight five and bandwidth ratio four. 
 
8.6 CDMA-PON systems 
 
The results so far have focused on key aspects of OCDMA systems such as 
beat noise, FEC and soft decoding. In this section the results are used together 
with parameters of realistic order to evaluate the performance of a PON based 
on FH implemented by filtering light from an LED. 
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The main reasons for using binary BCH codes in the simulations was that the 
simulation time could be kept reasonable and that the Chase-algorithms for soft 
decoding works well with binary BCH codes. In an actual implementation a 
Reed-Solomon code would be a better alternative due to the longer code length 
and the existing implementations of Reed-Solomon coders and decoders. The 
following simulations show the coding gain with the RS(255,239) code from 
the ITU standard and with the same soft decoding method presented in Chapter 
four. 
 
The output power of the LEDs is assumed to be -10 dBm and the bandwidth 2 
THz. With FH the spreading and correlation will not waste any power except 
for losses due to non-ideal filtering. The attenuation of the fiber will contribute 
approximately -5 dB over 10 km. Other losses in connectors and the optical 
filtering are assumed to be 5 dB. For a system with 32 users the loss in the 
optical splitter will be at least 15 dB. To make up for that loss an optical 
amplifier can be added after the spreading at the sender. A typical PIN detector 
will be able to detect the signal with a noise power from thermal noise of -20 
dBm. The shot noise and dark current noise can be assumed to be lower than 
the thermal noise, since a PIN detector is used. The electrical bandwidth is set 
to 500 MHz, which gives a ratio of 100 to the optical bandwidth of 50 GHz for 
each frequency band. With a bandwidth of 500 MHz a bit rate of 622 Mb/s 
would be possible. 
 
Figure 20 show the block error rate for this system as a function of the number 
of simultaneous users. If we an acceptable block error rate is 10-4 this implies 
that the number of users should not exceed 15. Since the number of users is 
small, the gain of statistical multiplexing is not large, and the probability of 
having more than 15 users active simultaneous cannot be neglected. Therefore, 
it might be necessary to use a medium access control protocol on top of 
OCDMA.  
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Figure 20. A realistic low-complexity CDMA-PON can support approximately 
15 simultaneous users with an acceptable error rate. The gain of using the 
simple soft decoding algorithm for Reed-Solomon codes is quite limited in this 
case. 
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9. Conclusions 
 
 
In this thesis we have investigated passive optical networks and how forward 
error correction can be used to reduce the bit error rate. By studying the 
properties of PONs and the components they are built from it was found that 
spectral slicing WDM networks and OCDMA both have asymmetric 
properties. This makes it interesting to investigate error correction methods 
tailored for such networks. Since these types of networks both have a problem 
with error floors, FEC is an important component when designing them. For 
spectral slicing WDM networks, the performance was improved by using 
Reed-Solomon codes and the bandwidth expansion introduced can be further 
exploited by using the proposed soft decoding method.  
 
The OCDMA channels are more complex and therefore offer an important 
research problem. A fundamental problem with OCDMA is that the noise in an 
optical receiver increases when the light intensity is increased. This is a 
consequence of the physical properties of light, and will therefore always limit 
the capacity of an OCDMA system where several signals are superposed. The 
main arguments for using OCDMA are the flexibility of an asynchronous 
access method, increased security and graceful degradation.  
 
Most studies of OCDMA use simple channel models where the beat noise is 
neglected. As our results show, that does not give a good estimation of the 
performance. The main objective of this study was to study a model where both 
the limiting factors, beat noise and interference, are taken into account and to 
find methods to improve the performance. The interference can be reduced by 
interference cancellation or multi-user detection at the receiver, but the noise 
will limit the performance once the interference is reduced. Therefore, it does 
not make sense to use too advanced receivers. In order to decrease the error 
rate without using overly complex equipment the bandwidth has to be 
expanded. Our results show that it is beneficial to do that by using error 
correction codes in addition to spreading codes.  
 
Even though the thesis provides guidelines on how to reduce the error 
probability of OCDMA it cannot be claimed as a sufficient solution to make it 
ready for deployment with these additions. On the contrary, it is probably 
necessary to await further developments in optical component technology 
before the advantages overshadow the problems.  
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9.1 Future work 
 
One issue that remains to be investigated is the effect of errors in the estimation 
of the number of active users. This would give an idea of the performance 
difference between a star-topology LAN and a tree topology access network, 
and also the difference between upstream and downstream performance in a 
tree topology.  
 
Different spreading codes could also be used to improve the performance, since 
the main concern in this thesis has been on the error correction coding. It 
should also be considered whether it is feasible to use combined spreading and 
error correcting codes with low complexity receivers. In addition, differential 
receivers are a promising approach to improving the performance of OCDMA. 
The combination of error correction methods with differential receivers is an 
interesting topic for further research. 
 
The combination of error correction and traffic control by MAC protocols is 
also of interest. The question to answer is whether there is any gain in using 
such a combination, since one of the main motivations for OCDMA networks 
is the ability to work without coordination of a MAC protocol.  
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