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This module presents an overview of digital guided lightwave communication systems, emphasizing
the differences between lightwave and other types of communication systems. Communication
systems transmit information (voices, images, or data) from a source to a destination. Modern
communication systems first map information into electronic signals that can be either analog or
digital for the purpose of transmission. Analog systems map information into a continuous physical
quantity. An example is a microphone that transforms a continuous sound signal into a continuous
voltage waveform. A digital process maps or encodes information into a sequence of discrete logical
symbols. If the original information source is analog (such as voice) it can be transmitted digitally
by first digitizing the continuous waveform into a sequence of digital symbols using sampling and
quantization.

A guided lightwave communication system transmits signals carrying information through an optical
fiber . The lightwave signal consists of an optical field modulated in some manner to transmit
information.

1.1 Digital Communication Systems

A digital symbol takes its value from a discrete set of possible values. The most common digital
symbol has two possible values, and is called a bit. One value of the symbol is referred to as one
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or high or mark and the other value is called zero or low or space. We shall use the word mark
to denote one logical state of a bit and space to denote the other. Other symbols can have more
than two states. As an example, the keyboard character “$” is commonly mapped into an eight-bit
symbol. This information could be sent as eight separate two-state symbols (bits) or it could be
sent as a single 256-state symbol. While most existing systems use binary modulation and transmit
bits, new long-haul lightwave systems are being designed where each symbol has four states and
can encode 2 bits of information. The modulation format of choice is called quadrature phase-shift
keying (QPSK) where one of four phases separated by 90o is transmitted for each symbol. Two of
these QPSK modulated signals are then transmitted on separate polarizations. Thus in one symbol
interval T , four bits of information are transmitted instead of one. These systems will be discussed
in Chapter 6 in Modules 13 and 14.

1.1.1 Layer Models

Every digital communication system transmits data between a source and a destination. Starting
with the source, this information is typically handled at multiple conceptual layers before being
transmitted over a communication channel . The lowest level of this hierarchical communication
process is known as the physical layer or the modulation layer, with each higher layer providing
additional communication attributes. For communication networks such as the Internet, the addi-
tional layers establish connections and routing, append source and destination addresses, and other
information to control the transmission errors.

Communication systems are organized by layers where each layer is responsible for specific attributes
of the system. These layers have been standardized as part of the Open Systems Interconnection
effort into seven layers. At the bottom is the Layer 1 which is the physical layer. This layer
is responsible for the specific components that comprise a communication system. For lightwave
communication systems these are specified by standards such as SONET/SDH (Synchronous Optical
Networking or Synchronous Digital Hierarchy) and OTN (Optical Transport Network. Layer 2 is
the data link layer and involves issues with transfer data from a source to a destination. This layer
can also detect and possibly correct for errors in the physical layer. Aspects of these two layers are
often combined into a single standard such as Ethernet or IEEE 802.3. This is a set of that defined
both the Physical Layer and the layer two function of media access control (MAC). A large number
of variants of this standard for lightwave communications with signaling rates up to 100 Gbit/s
(802.3ba). The next layer is called the network layer and defines the protocols for transferring data
over a network that can have many intermediate nodes between a source and destination. In modern
networks, the Internet Protocol (IP) is almost universally used for this function. The transport layer
is Layer 4 with the most common protocols being the Transmission Control Protocol (TCP) and
User Datagram Protocol (UDP). As the name indicates, this layer is responsible for controlling
reliable service. For example, the TCP protocol has provisions to set the rate of data transfer for
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each of the sources when the network experiences congestion and is quite similar the traffic control
lights used for highway access. These first four layers are typically combined into a single system
with TCP/IP over Ethernet being the dominant singling protocol. The next three layers are the
Session Layer, Presentation Layer and Application Layer. These layers are common to all forms of
data transmission.

The design of modern lightwave communication systems requires an understanding of how the first
four layers interact to provide reliable end-to-end service in a networked environment. This typically
requires cross-layer optimization and is a topic of current research interest with the CIAN ERC.

1.1.2 Physical Layer

The essential differences between lightwave and other types of communication systems are a result
of the differing physical transmission mechanisms used at the physical layer for generating, trans-
porting, and sensing information-bearing signals. There are two basic operations that are performed
at the physical layer. One is the mapping or encoding of the information into a sequence of digital
symbols. This is called channel coding . The second is the mapping of the symbols into a physical
quantity (voltage, current, or the phase of a sinusoidal signal) to enable transmission over the phys-
ical medium. This is called modulation. The goal of modern physical layer digital communication
system engineering is to use the combined process of channel coding and modulation to provide
the physical layer with specific attributes. These attributes include reliability, security, and the
efficient use of the communication channel. To provide these attributes, all digital systems modify
or append the “raw” data in some fashion during the channel coding process. As a simple example,
memory in high-speed computing systems usually has some form of error correction capability pro-
vided by additional data derived from the raw data. A second example is provided by high data
rate transmission between semiconductor chips on a printed circuit board. For these systems, the
frequency response of a metal circuit board trace used to connect the chips is often modeled as a
lowpass filter. The data signal that is transmitted from one chip to another degrades because of
high frequency attenuation. The overlap of the electric fields that carry the information on two (or
more) adjacent traces can also introduce a form of noise called crosstalk . To compensate for the
frequency dependent attenuation, the raw data from the source chip can be modified to control the
shape of the modulated signal as well as the order in which the bits are sent. This process is called
equalization because it balances or equalizes the received frequency components.

Commonly, the process of modulation has been treated separately from the process of coding. This
separation has its roots in early communication systems that were exclusively analog in nature.
Modulation therefore loosely refers to the mapping of a K-state sequence of symbols into an analog
waveform. Demodulation is the recovery of a noisy analog replica of the sequence of symbols at the
receiver. The additional process of mapping of the data into a sequence of K-state logical symbols
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is called coding while the mapping of the noisy analog replica of the sequence at the receiver back
into the original sequence is called detection and decoding .

In summary, the design of the physical layer of a digital lightwave communication system involves:

1. The mapping or encoding of an initial information sequence dj into an appropriate sequence
of discrete symbols s of length M called codewords. The process is called channel coding and
produces a set of possible codewords {sm} where the subscript m indexes the codeword sm.

2. The generation of a continuous physical quantity sm(t), called the baseband signal , that repre-
sents each codeword in the set {sm}. Often, the baseband signal is transformed into another
modulated signal s̃m(t) to enable transmission.

3. The transmission of the signal s̃(t) over a medium. This produces a transformation of s̃(t)
at the input of the transmission medium into a distorted replica, s̃r(t), at the output of the
transmission medium. The received signal r̃(t) is then a combination of this distorted replica
and noise.

4. Sensing and demodulating the received signal r̃(t). For many communication systems, the
sensing is linear and is followed by a demodulation process that produces a baseband signal
r(t). For many lightwave systems, the sensing and demodulation are often combined in a single
nonlinear operation that generates the sensed, demodulated signal i(t). The transformation
of the transmitted signal into the received signal is described by a channel model that includes
the distortion and noise mechanisms.

5. Given a signal i(t), detecting which sequence ŝm was the most probable transmitted codeword,
and decoding ŝm back into the original information sequence dj .

In modern communication systems, the separation between modulation and coding need not be rigid
and the combination of the two is referred to as coded modulation. The coding of the sequence is used
to control the distribution of symbols sent as well as control transmission errors. The modulation
process controls the form of the analog signal that represents the data symbols. The goal of the
communication design process is to develop a channel model, and then create a set of codewords
and a modulation format specific to that transmission medium that upon subsequent demodulation
and detection can map the demodulated lightwave signal i(t) back into the original data sequence
dj with a low probability of demodulation error.

We will consider all aspects of the communication system that relate to the transmission of a
sequence of symbols from a source to a destination as part of the physical layer. For lightwave
communication systems, the most common symbol is the two-state bit, and the most common
coded-modulation method uses two equally probable lightwave signal power levels. The complete
process is called run-length limited on-off keying (OOK). Coding is provided at the physical layer
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to ensure that the transmitted marks and spaces are equally probable regardless of the input data
sequence and to limit long runs of marks or spaces.

1.2 Lightwave Communication Systems

The combined sensing and demodulation for this typical lightwave communication system using a
single data transmission interval T for the detection process is shown in Figure 1.2.1.
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Figure 1.2.1: Simplified schematic of a binary lightwave communication system.

For each time slot, the demodulated sensed waveform, i(t), is filtered to produce another waveform,
y(t). This waveform is sampled at kT to produce a single value yk for each sample point. This
value is then compared to a threshold z to produce an estimate ŝ of the transmitted symbol. The
sequence of detected symbols is an estimate of the original codeword sm. The codeword is then
decoded to correct for transmission errors thereby yielding the original data sequence dj if the
system is working properly. In practical systems, the lightwave signal may contain more than one
wavelength, propagate through one or more fiber spans, and contain optical amplifiers to compensate
for loss.

The accuracy of this process depends on the specific form of the detection. If the detection is
done on a symbol-by-symbol basis, as is often the case in lightwave systems, the probability of
symbol error , pe, is used to quantify the performance. If the symbols are binary symbols, then
the performance is expressed in terms of a probability of bit error, usually called the bit error rate
(BER) and pe = BER.

The bit error rate is a fundamental physical-layer performance metric for binary lightwave commu-
nication systems. It is typically specified directly or through other physical-layer attributes. For
the simple system shown in Figure 1.2.1, the bit error rate depends on the type of detection filter,
the amplitude threshold for the decision, and the time the filtered waveform is sampled to produce
yk.

When more complex detection techniques are used that involve processing sequences of symbols
(codewords) or if the transmission medium has random propagation characteristics, then errors
tend to cluster and the BER may be less useful as a system-level performance metric. In this case,
the term codeword error rate is more appropriate.
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Minimizing pe subject to a set of system constraints is the fundamental design goal at the physical
layer. For the example of a circuit-board-level communication system, the key constraints are the
overall time delay, or latency, of the modulation-demodulation process, and the dissipated power.
For wireless systems, the transmitter power is constrained and typically so is the size of the receiver.
The dominant signal degradation mechanism in wireless systems is random interference between
propagation paths or users. For high data rate, long-distance lightwave systems, a major signal
impairment is dispersion which arises because different frequency or polarization components of the
signal propagate at different velocities which spreads the information-bearing waveform. Modulation
techniques for lightwave systems are also constrained by the complexity of the coded-modulation
format with respect to the available processing power. We are interested in designing lightwave
communication systems that minimize pe subject to these constraints.

1.3 Lightwave Signals

Three common models are needed to study the physical characteristics of lightwave signals: geo-
metrical optics, electromagnetic optics, and quantum optics.

Geometrical optics models lightwave signals as light rays. The simplicity of geometrical optics,
or ray theory, provides an elementary description of lightwave signal propagation. Ray theory is
accurate when the wavelength, λ of the light is small with respect to the dimension, d, of the
guiding structure. When d ' λ, ray theory is no longer valid. Ray theory cannot used to assess
noise characteristics.

Electromagnetic optics models lightwave signals as continuous electromagnetic waves described by
Maxwell’s equations. The application of these equations to an optical waveguide results in char-
acteristic spatial patterns called modes and a corresponding dispersion relationship that governs
the propagation characteristics of lightwave signals. Geometrical optics is the limiting form of
electromagnetic optics when λ� d.

Quantum optics models lightwave signals as discrete photon streams. Each photon has an energy
E = hf = ~ω where h is Planck’s constant, ~ = h/2π, f is the frequency of the light, and ω = 2πf .
The mean lightwave signal power P (t) is related to the photon arrival rate Φ(t) via

P = Φhf =
Φhc
λ
,

where λf = c is the phase velocity of light in the medium. At 1.55 µm, a power of −30 dBm 1

(1 µW) corresponds to approximately 7800 photons per nanosecond.

1dBm is the power in the signal referenced to 1 mW expressed in terms of decibels. For example, 0 dBm = 1 mW,
and -30 dBm = 1µW.
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Although these models can be reconciled at the level of the underlying physics, at the level of
communication theory that we are interested in, there are significant differences in the models.

1.3.1 Optical Sensing

The conversion of a lightwave signal into an electrical signal is accomplished by an optical sensor .
We shall use the term “sensing” to describe the physical conversion process of a lightwave signal
into an electrical signal. We shall use the term “detection” to describe the system-level algorithmic
process that determines the most probable transmitted symbol.

The sensing process is most accurately described using a quantum optics model. The lightwave
signal is modeled as a discrete photon signal or rate Φ(t). Specifying the expected photon rate,
Φ(t), as a constant over a time T , then the corresponding photon number signal , n is

n = ΦT. (1.3.1)

with an optical energy

E = hfn. (1.3.2)

The probability that a photon is sensed is the quantum efficiency η. The incident photon signal
Φ(t) produces a corresponding discrete signal w(t) within the sensor, where w(t) = ηΦ(t). The
mean of this discrete signal is then filtered by the sensor to produce a continuous sensed signal i(t).
The units for the sensed signal depend on the signal model. When a continuous signal model is
used, then i(t) is expressed as a current. When a discrete signal model is used, then i(t) is scaled by
1/e and is expressed as a sensed photon arrival rate (photons/second). Over an interval of duration
T , when i(t) is constant, then the sensed number of photons, m, is m = iT . The units for m are
either photons if i(t) is expressed as sensed photon arrival rate or charge if i(t) is a current. Both
are used depending on how the lightwave signal is modeled. If the sensor is ideal, then η = 1 and
there is no filtering within the sensor. In this case, all of the signals are equal, Φ(t) = w(t) = i(t),
and the incident photon number n is equal to the sensed photon number m.

Some example of the numbers involved may be useful. If P = 1 µW at 850 nm, then Φ ≈ 1012

photons/s. This large number means that we can often treat lightwave signals as continuous quan-
tities when discussing propagation characteristics and defer treating the quantum nature of the
signal until it is sensed. Most treatments of lightwave communication then use a combination of
electromagnetic and geometrical optics to model signal propagation characteristics within the fiber
and use a discrete, quantum optics model to describe the discrete signal, w(t), generated internally
within the sensor. This method is called a semiclassical approach because the lightwave signal and
any noise sources before sensing are treated as continuous quantities while a quantum-optics model
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is used for the discrete signal within the sensor. The corresponding energies are scaled by a factor
of hf .

When continuous quantities are used for lightwave signals, the sensed signal is often expressed in
term of the incident lightwave signal power P

i(t) = RP (t) (1.3.3)

where R is known as the responsivity, and the sensed signal i(t) has the units of current. The
responsivity can be expressed in several equivalent forms

R = η
e

hf
= η

eλ

hc
.

The optical sensing process is inherently nonlinear because the sensed signal i(t) is proportional
to the lightwave signal power P which is related to the square of the lightwave signal. Therefore,
optical sensors are called square-law sensors.

1.4 Modulation and Demodulation

The logical symbols that represent the digital data must be converted into a physical quantity in
order to be transmitted. The analog signal s(t) representing the digital information is called the
baseband signal . In many communication systems, the baseband signal s(t) modulates a determin-
istic carrier signal cos(2πfct) specified by a carrier frequency fc. The carrier frequency is always
higher than the bandwidth B of the baseband signal s(t) which is a measure of the range of frequen-
cies contained in the information signal. The signal at the carrier frequency is called a passband
signal . The process of modulation translates the low-frequency baseband signal to a higher carrier
frequency so that the baseband signal can be effectively transmitted.

1.4.1 Amplitude Modulation

Modulation requires modifying the carrier’s amplitude A or its phase φ. To highlight the differences
between lightwave and other systems, we consider the differences between two forms of analog
amplitude modulation.

In the first format, the modulated signal is formed by multiplying or mixing the baseband signal s(t)
with the carrier signal cos(2πfct) to produce the modulated signal s̃(t) = s(t) cos(2πfct) where s(t)
is a real function. The multiplication operation translates the frequency content of the baseband
signal producing a passband signal centered at fc. If the range of frequencies in the baseband signal
is much less than the carrier frequency fc so that B � fc, then the passband signal is narrowband
with the baseband signal s(t) varying slowly with respect to the carrier frequency fc.
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In the absence of noise, signal demodulation recovers s(t) by multiplying the modulated signal s̃(t)
with another sinusoidal signal that has a known frequency and a fixed phase difference with respect
to the carrier. The resulting signal is then time averaged over a time that is long with respect to
1/fc, but short with respect to the fastest time variation of s(t) which is approximately 1/B. The
received baseband signal r(t) may then be written as

r(t) = s(t) cos(2πfct)× cos(2πfct)

= s(t)
(

1
2 + 1

2 cos(4πfct)
)

= 1
2s(t) (1.4.1)

where the overbar represents a time average.

This form of demodulation is called coherent or phase-synchronous demodulation and assumes that
the sensor is linear so that the sensed signal is proportional to the incident signal and preserves
all the amplitude and phase information. The local oscillator signal used for the demodulation
is generated at the receiver by a local oscillator (LO) circuit. If the circuit generates the same
frequency as the carrier, as in (1.4.1), then the demodulation process is called homodyne demodu-
lation. If the circuit generates a different frequency, then the process is heterodyne demodulation
with the frequency difference called the intermediate frequency (IF). The combined modulation and
demodulation process is called the modem format.

Two conditions must be satisfied in order for synchronous demodulation to operate correctly. First,
both the carrier and the local oscillator must be phase-synchronous so that the phase difference
∆φ = φ1 − φ2 between the two signals is known. Second, both the carrier and the local oscillator
must have a single frequency component, or at a minimum, the range of frequency components ∆f

that comprise both the carrier and the local oscillator must be much less than the bandwidth B

of the baseband signal. If the signals are not phase synchronous or if ∆f ≈ B, then there will be
additional amplitude variations in the demodulated signal that are not present in the information-
bearing signal. These additional variations can produce errors during the detection process.

The second amplitude modulation format we consider demodulates the signal without requiring
knowledge of the carrier phase. This format can be implemented if the signal is modified by trans-
mitting additional power at the carrier frequency. The form of the transmitted signal is then

s̃(t) = [1 + s(t)] cos(2πfct)

where we assume that |s(t)| < 1. An example of this signal is shown on Figure 1.4.1.

The additional power at fc and the requirement that |s(t)| < 1 means that the envelope 1 +

s(t) is never negative. Signals of this form can be demodulated without a phase reference. The
received signal (see Figure 1.4.1a) is first passed through a nonlinear rectifier to remove the negative
amplitude components as shown in Figure 1.4.1b and then lowpass-filtered to remove the high
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(a) Modulated AM Signal (b) Retified AM Signal (c) Filtered Baseband Signal

Figure 1.4.1: Noncoherent demodulation for on-off keyed (OOK) modulation. The received signal
is first rectified to remove the negative amplitude components and then lowpass filtered to remove
the carrier frequency leaving the baseband signal.

frequency components leaving only the baseband signal s(t) shown in Figure 1.4.1c. This lowpass
filtering requires no knowledge of the phase and thus this type of demodulation is called asynchronous
or envelope demodulation.

The combination of adding additional power at the carrier frequency and the nonlinear rectification
process replaces the requirement for a local oscillator. Envelope demodulation does not require a
single-frequency carrier fc because the carrier is removed at the output by filtering. The cost of this
simple demodulation process is that at least half the total transmitted power carries no information
because it consists of the unmodulated carrier. This wastes power and can cause additional errors
because constant unmodulated signals can be more efficient in producing nonlinear effects in optical
fibers.

Optical sensing performs a form of envelope demodulation because optical sensors respond to the
time average of the square of the optical field. This square-law demodulation produces a sensed
signal i(t) that is proportional to |s(t)|2

i(t) ∝ |s(t)|2 .

If the baseband signal s(t) represents a sequence of pulses, then the modulation format is pulse
amplitude modulation(PAM). If the pulses are restricted to two amplitude values representing a
mark and a space, the format is called amplitude shift keying (ASK). The additional requirement
that the amplitude is never negative is called on-off keying (OOK) or unipolar amplitude keying
and is shown in Figure 1.4.1a.

1.4.2 Noncoherent Carriers

Creating stable, single frequency carriers and local oscillators is done routinely for communication
systems where quartz crystal oscillators are used as frequency references well into the Gigahertz
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range of frequencies. As a consequence, many communication systems in this frequency range are
phase-synchronous.

The equivalent operations of producing nearly single frequency sources, stabilizing these sources us-
ing a frequency reference, and preserving the amplitude and phase information of signals when they
are mixed are more difficult to implement at the Terahertz frequencies of lightwave communication
systems. Lightwave carriers can have larger, intrinsic, random amplitude and phase fluctuations.
We shall refer to such carriers as noncoherent carriers2, typically consisting of a complicated distri-
bution of frequency components with a random phase relationship making the detection of phase-
synchronous demodulation formats more difficult. A distinct advantage of square-law demodulation
is that it does not require knowledge about the phase of the carrier. Modulation formats are covered
in Modules 13 and 14.

1.5 Lightwave Channel Models

A typical point-to-point lightwave communication system consists of a transmitter that uses nonco-
herent OOK modulation, one or more spans of optical fiber with optical amplifiers, and a receiver.
A schematic is shown in Figure 1.2.1. After the optical sensor performs square-law demodulation,
the output signal i(t) is a noisy distorted replica of the input signal s(t). In general, the noise can
be generated in the transmitter, in the fiber transmission medium, and in the receiver.

A channel model is an abstraction of the distortion and noise mechanisms of the transmission
medium that may include characteristics of the transmitter and receiver. A simple channel model
that is often used in radio frequency (RF) wireless communication systems is shown in Figure 1.5.1a.
The modulated RF signal plus noise is sensed by an antenna and converted into an electrical signal.
This linear sensing operation preserves both the amplitude and the phase information of the incident
signal. The demodulated baseband signal r(t) can then be written as

r(t) ∝ sr(t) + ne(t) (1.5.1)

where sr(t) is the distorted, baseband signal, and ne(t) is noise. The linearity of this system means
that noise added at any stage of the process can be treated as one equivalent noise source by proper
scaling. The type of channel model is called an additive noise model .

The most common channel model for noncoherent lightwave systems is shown in Figure 1.5.1b.

The incident lightwave baseband signal plus additive optical noise no(t) caused by amplification is
incident on a square-law sensor. Electrical noise ne(t) is then added to this signal after sensing so

2The term incoherent is used in many optics texts. The term noncoherent is used in many communication texts.
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Figure 1.5.1: (a) Channel model of typical wireless communication system.(b) Channel model of
typical lightwave communication system.

that the square-law sensor output i(t) can be written as

i(t) ∝ |sr(t) + no(t)|2 + ne(t).

The square-law operation mixes the distorted signal sr(t) and optical noise no(t) producing signal
dependent noise term that depends on the lightwave signal. The noise added after sensing, ne(t), is
independent of the signal. This type of channel model is a signal dependent noise model .

For lightwave systems when no(t) ≈ 0, we have

i(t) ∝ |sr(t)|2 + ne(t)

= RP (t) + ne(t).

The resulting equation is in the form of an additive noise model given in (1.5.1). However, this
continuous model of the transmission medium does not include a fundamental noise source, called
shot noise, that is generated from the discrete random nature of the incident photon stream because
the channel model assumed that sr(t) was only distorted by the channel and thus was noise-free.
In a semi-classical model, the signal dependent shot noise is incorporated into a channel model that
includes the sensing process. Both noncoherent channel models belong to the class of intensity-
modulated direct-detection systems. The channel model for a phase-synchronous or coherent light-
wave system has characteristics that are similar to the wireless channel model shown in Figure
1.5.1a.

The appropriate channel model depends on the modulation format, the signal impairments specific
to that format, and the relative magnitude of additive optical noise, additive electrical noise, and
shot noise. The lightwave transmission medium and the distortion mechanisms are covered in
Modules 3-6 while lightwave devices are covered in Modules 7-12.
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1.6 Coded Modulation

The second major component at the physical layer is coding. Coding has been used since the
first telegraphs implemented Morse code to map the characters of the alphabet into a sequence of
pulses—dots and dashes—in order to transmit the information.

Coding in modern communication systems can be divided into source coding and channel coding .
Source coding transforms raw data from an input source into a more efficient form for transmission.
This is commonly referred to as data compression, but in addition to compressing the data, most
have additional error control features.

Channel coding creates patterns called codewords designed to control errors that arise from the
specific form of the channel. Coded modulation refers to the process of combining channel coding
and modulation into a single entity designed for a specific channel model. The goal of this coded
modulation process is to create patterns of modulated codewords and the subsequent demodulation
and detection process that can map the received waveform i(t) back into a codeword sm with a
low probability of codeword error. The system performance metric is then a codeword error rate.
This aspect of communication system design has seen an explosive growth due to the exponential
increase in available processing power. Channel coding techniques are in Module 15.

1.7 Multiplexing

Multiplexing refers to the ability of a physical medium to carry multiple, independent data streams.
These techniques can be divided into those that involve a single carrier frequency and those that
use multiple carrier frequencies. A further division is whether the information is multiplexed in
time or multiplexed in frequency or wavelength. In broadcast radio and television, the available
transmission frequencies are divided into channels with each station assigned a carrier frequency fc

and a baseband bandwidth B. This is a form of frequency division multiplexing .

Lightwave systems use a combination of both techniques. Individual lower rate data streams are
first time-division multiplexed (TDM) so that the frequency content of the total multiplexed signal
fills the available bandwidth B. The advantage of this approach is that only a single source and
modulator are required.

The TDM signals are then wavelength multiplexed using multiple wavelength carriers. This is called
wavelength division multiplexing (WDM) and is shown on the right side of Figure 1.7.1.

The advent of practical fiber amplifiers has driven the development and deployment of these systems.
The bandwidth of the fiber is exploited by spacing wavelength channels throughout the wavelength
region of a fiber where there is low loss which occurs near 1.5 µm. The advantage of this type of
system is that each wavelength channel can operate at a lower data rate relative to a single carrier

13 The authors would like to acknowledge support from the National Science Foundation through CIAN NSF ERC
under grant EEC-0812072.



Time Division Multiplexing

TDM

N channels at R bit/s/channel

M channels at R N bits/s/wavelength

WDM

Wavelength Division Multiplexing

DRM bit/s/fiber

Figure 1.7.1: Most long-distance lightwave communication systems use a combination of time-
division multiplexing and multiple wavelength carriers to transmit information.

TDM system. The disadvantage is that the channel spectral width and spacing must be accurately
controlled. Crosstalk between the channels, both linear and nonlinear, becomes a significant system
impairment.

In another form of multiplexing, all data streams share the same spectral bandwidth, but trans-
mit using different codewords. The codewords are designed to prevent interference. This type of
multiplexing, called code division multiple access (CDMA), is common in mobile communications.

The presence of additional signals within the transmission medium produces signal impairment
mechanisms that do not occur in single carrier systems. These effects include nonlinear crosstalk
due to the increased total power in the fiber, nonlinear phase noise, as well as transient effects in
fiber amplifiers when wavelength channels are added or removed.

1.8 Channel Capacity

The capacity C (bits/s) of a communication system to carry information at a very small probability
of symbol error, pe, depends on the channel model. For a linear, additive noise channel with no
distortion, in which the maximum power P is not constrained, the capacity C depends on the
bandwidth B of the transmission medium and on the average signal-to-noise ratio (SNR). This is
defined as the ratio of the average signal power to the average noise power. When the noise in the
system can be modeled using a gaussian distribution, the relationship between C and B is called
the Hartley-Shannon theorem

C = B log2 (1 + SNR) . (1.8.1)

For this model, the capacity may be less than indicated by (1.8.1), but it can never be larger. Other
channel models that are more common in lightwave communication systems have different capacities
owing to the presence of both linear and nonlinear distortion as well as non-gaussian noise sources.

14 The authors would like to acknowledge support from the National Science Foundation through CIAN NSF ERC
under grant EEC-0812072.



A measure of the bandwidth efficiency of a channel is the ratio of the information capacity to the
bandwidth C/B, measured in bits per second per Hertz. Often, the bandwidth B (Hz) and the
data rate C (bits/s) are used interchangeably, but this usage is incorrect. The channel capacity
depends on B, but without specifying the SNR, one cannot determine C from B. A low-bandwidth,
low-noise system can have the same information capacity as a high-bandwidth, high-noise system.
For a given transmission medium and SNR, different modem formats can yield different channel
capacities. The design of communications systems that can efficiently use bandwidth to achieve
high information capacity is one of the major goals of communication engineering.

The ratio of the channel capacity C to the carrier frequency fc = ωc/(2π) is another useful measure
of the efficiency of a passband communication system. As an approximate rule, the ratio of C/fc

is on the order of 1% for simple modem techniques such as OOK and can be in excess of 20% for
sophisticated formats. As an example, the most common wavelength used for long distance fiber
optic telecommunications is λ = 1.5 µm. Using fcλ = c where c is the speed of light in vacuum,
fc ≈ 1014 Hz. Suppose that C = 0.01fc, then C ≈ terabits/s (1012 b/s). This enormous potential
information carrying capacity is due to a carrier frequency that is many orders of magnitude larger
than carriers used by any other type of communication system and is the principle reason why
lightwave systems are the backbone of current wide-area communication networks.

1.9 Historical Perspective

It is reasonable to state that the origins of lightwave communication systems predate all other
forms of electronic communication by many centuries because of our native ability to sense light.
Signal towers were constructed in antiquity and signaling lamps are still used for some ship-to-ship
communications. These systems were actually digital in a time when most systems were analog.
The use of light for communication was more recently proposed by Alexander Graham Bell who
made his “photophone” work over a distance of 200 meters in the late 1800’s. It was also realized
in antiquity that practical free-space lightwave communication systems were limited due to highly
variable loss in the atmospheric propagation path from smoke, fog, or dust.

The development of the technologies that enabled practical lightwave communication systems has a
long history. Among these technology developments, two proved to be seminal. The first was based
on two independent analyses in 1966: one by Kao and Hockham, and and a second by Werts3.
They argued that if it were possible to produce glass with sufficiently low loss, then optical fibers
would be a viable alternative to electrical wires. Subsequent research led to the publication in
1970 by Kapron, Keck and Mauer of the first optical glass with an attenuation of 20 dB/km. The
second breakthrough was the development of semiconductor lasers that could operate at or near
room temperature. This was reported by several groups at about the same time.

3Kao received the Nobel prize in physics in 2009 based in this work.

15 The authors would like to acknowledge support from the National Science Foundation through CIAN NSF ERC
under grant EEC-0812072.



The combination of these two key developments led to a 44.7 Mbit/s prototype system being de-
ployed in Chicago in 1977. Rapid development has occurred since that time with current capacities
of several terabits/s for advanced wavelength-division multiplexed (WDM) systems.

1.10 References

There are many excellent texts on communications. At the undergraduate level see [1], [2], and [3].
At the graduate level see [4], and [5]. Lightwave communications systems are covered in [6], [7], and
[8]. The initial techniques for guided wave lightwave communications were discussed in [9] and [10].
The first low-loss fiber was demonstrated in [11].

1.11 Problems

1. Spectrum of AM Modulated Signals
Let s(t) be a bandlimited baseband signal with a frequency content S(f) given by 1 −
|f |

fmax
, where f is the frequency and fmax is the maximum frequency of the baseband sig-

nal. This baseband signal is multiplied by cos(2πfct) to produce a modulated AM signal
s̃(t) = s(t) cos(2πfct) where fc is the carrier frequency and fc � fmax.

(a) Sketch the amplitude of the frequency spectrum of the baseband signal S(f).

(b) Sketch the amplitude of the frequency spectrum of the modulated signal S̃(f).

(c) The AM signal is coherently demodulated by multiplying s̃(t) by cos(2πfct). The signal
is then filtered by an ideal lowpass filter with a cut-off frequency fmax. Sketch the
amplitude of the frequency spectrum of the demodulated signal.

2. Frequency Demodulation Errors
Here we consider the effect of a frequency error in the demodulation. An AM signal s̃(t) =

s(t) cos(2πfct) is demodulated using cos(2πfc[1+x]t) where x is a relative frequency error, and
s(t) is given in Problem 1. Sketch the amplitude of the frequency spectrum of the demodulated
signal for: (i) x = 0, (ii) x = fmax/(10fc), and (iii) x = fmax/fc. Comment on the results.

3. Phase Demodulation Errors
An AM signal s̃(t) = A cos(2πfct) where A is a constant is demodulated by cos(2πfct + φ)

where φ represents a phase error.

(a) Determine an expression for the demodulated signal as a function of φ.

(b) The demodulated signal is now integrated over a time period T . What is the maxi-
mum phase error φ that can be tolerated for the demodulated signal to ensure that the
amplitude is within ±10% of the amplitude without a phase error (φ = 0)?

16 The authors would like to acknowledge support from the National Science Foundation through CIAN NSF ERC
under grant EEC-0812072.



4. Envelope Detection
Consider an AM modulated waveform

s̃(t) = s(t) cos(2πfct)

where s(t) = cos(2πf1t) and f1 � fc. If this signal is demodulated using envelope detection,
what is the resulting form of the baseband signal in terms of s(t)?

5. Energy in the Modulated and Demodulated Signal
Assume that the energy in the modulated signal s̃(t) can be written as

E =
ˆ T

0
s̃(t)2dt

where T = 1/fc is the period of the carrier. Let s̃(t) = A cos(2πfct).

(a) Determine the energy in s̃(t) in terms of A and T .

(b) Determine the energy in the demodulated signal r(t) listed in (1.4.1) and compare this
with the result in part (a).

(c) Compare both energies to that of a constant signal A over a time T .

6. Sensitivity of a Lightwave Receiver
Assume that a noncoherent lightwave communication system requires 10,000 photons per bit
to achieve a bit error rate of BER = 10−9.

(a) If the data rate is 1 Gb/s, η = 0.9 and λ = 1.5 microns, what is the required lightwave
signal power at the receiver? Express in dBm.

(b) Determine the receiver’s responsivity R.
(c) Determine the output current i(t).

(d) Determine the electrical power gain in dB required after sensing to produce a 1 V signal
into a 50 Ω resistor.

(e) Now assume that we place an optical amplifier before the sensor. Determine the light-
wave signal power gain in dB required to produce the same 1 V signal if no electrical
amplification after sensing is used.

(f) Comment on the results of parts (d) and (e).

7. Dependence of Capacity on Bandwidth and SNR
A system has a bandwidth B and an SNR=1. You are given two choices:

(a) The bandwidth B of the system is doubled.

17 The authors would like to acknowledge support from the National Science Foundation through CIAN NSF ERC
under grant EEC-0812072.



(b) The SNR of the system is tripled.

Which of these changes results in a higher capacity if the capacity is given by (1.8.1).

18 The authors would like to acknowledge support from the National Science Foundation through CIAN NSF ERC
under grant EEC-0812072.
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