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A historical perspective of orthogonal frequency-division mul-
tiplexing (OFDM) is given with reference to its literature. Its ad-
vantages and disadvantages are reviewed, and its performance is
characterized over highly dispersive channels. The effects of both
time- and frequency-domain synchronization errors are quantified,
and a range of solutions proposed in the recent literature are re-
viewed. One of the main objectives of this review is to highlight the
recent thinking behind adaptive bit allocation and turbo coding in
the context of OFDM. This paper concludes with a wide-ranging
throughput comparison of the schemes discussed herein under the
unified constraint of a fixed target bit error rate of 10�4.
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I. INTRODUCTION

High-data-rate communications are limited not only by
noise but—especially with increasing symbol rates—often
more significantly by the intersymbol interference (ISI) due
to the memory of the dispersive wireless communications
channel [1]. Explicitly, this channel memory is caused by
the dispersive channel impulse response (CIR) due to the dif-
ferent-length propagation paths between the transmitting and
the receiving antennas. This dispersion effect could theoreti-
cally be measured by transmitting an infinitely short impulse
and “receiving” the CIR itself. On this basis, several mea-
sures of the effective duration of the impulse response can be
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calculated, one being the delay spread. The multipath prop-
agation of the channel manifests itself by different echos of
possibly different transmitted symbols overlapping at the re-
ceiver, which leads to error rate degradation.

This effect occurs not only in wireless communications but
also over all types of electrical and optical waveguides, al-
though for these media the relative time differences are com-
paratively small, mostly due to multimode transmission or
incorrect electrical or optical termination at interfaces.

In wireless communications systems, the duration and the
shape of the CIR depend heavily on the propagation environ-
ment of the communications system in question. While in-
door wireless networks typically exhibit only short relative
delays, outdoor networks, like the global system of mobile
communications [2], can face delay spreads on the order of
15 s.

As a general rule, the effects of ISI on the transmis-
sion-error statistics are negligible as long as the delay spread
is significantly shorter than the duration of one transmitted
symbol. This implies that the symbol rate of communica-
tions systems is practically limited by the channel’s memory.
For higher symbol rates, there is typically significant deteri-
oration of the system’s error rate performance.

If symbol rates exceeding this limit are to be transmitted
over the channel, mechanisms must be implemented in order
to combat the effects of ISI. Channel equalization techniques
[1] can be used to suppress the echoes caused by the channel.
In order to perform this operation, the CIR must be estimated.
Significant research efforts were invested into the develop-
ment of such channel equalizers, and most wireless systems
in operation use equalizers to combat ISI.

There is, however, an alternative approach toward trans-
mitting data over a multipath channel. Instead of attempting
to cancel the effects of the channel’s echos, orthogonal
frequency-division multiplexing (OFDM) [1] modems
employ a set ofsubcarriersin order to transmit information
symbols in parallel—in so-calledsubchannels—over the
channel. Since the system’s data throughput is the sum
of all the parallel channels’ throughputs, the data rate per
subchannel is only a fraction of the data rate of a conven-
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tional single-carrier system having the same throughput.
This allows us to design a system supporting high data rates
while maintaining symbol durations much longer than the
channel’s memory, thus circumventing the need for channel
equalization.

The outline of this paper is as follows. Section II com-
mences with a historical perspective on OFDM, highlighting
the associated research issues with reference to the literature.
Based on the above overview of the state-of-the-art, Sec-
tion III characterizes the performance of OFDM over dis-
persive, wide-band channels, while Section IV quantifies the
effects of synchronization errors on OFDM, leading to Sec-
tion V, which highlights the range of synchronization solu-
tions proposed by the research community at large. Again
commencing with a literature survey, the key topic of adap-
tive bit allocation over highly frequency-selective wireless
channels is the subject of Section VI, while Section VII is
dedicated to the closely related subject of preequalization and
channel coding. Our discourse is concluded in Section VIII
with a wide-ranging throughput comparison of the schemes
discussed in the paper under the unified constraint of a fixed
target bit error rate (BER) of 10 .

II. ORTHOGONAL FREQUENCY-DIVISION MULTIPLEXING

A. Historical Perspective

Frequency-division multiplexing or multitone systems
have been employed in military applications since the
1960’s—for example, by Bello [3], Zimmerman [4], Powers
and Zimmerman [5], and others. Orthogonal frequency-di-
vision multiplexing, which employs multiple carriers
overlapping in the frequency domain, was pioneered by
Chang [6], [7]. Saltzberg [8] studied a multicarrier system
employing orthogonal time-staggered quadrature amplitude
modulation (O-QAM) on the carriers.

The use of the discrete Fourier transform (DFT) to re-
place the banks of sinusoidal generators and the demodula-
tors—suggested by Weinstein and Ebert [9] in 1971—sig-
nificantly reduces the implementation complexity of OFDM
modems. This substantial implementational complexity re-
duction was attributable to the simple realization that the
DFT uses a set of harmonically related sinusoidal and cosi-
nusoidal basis functions, whose frequency is an integer mul-
tiple of the lowest nonzero frequency of the set, which is re-
ferred to as the basis frequency. These harmonically related
frequencies can hence be used as the set of carriers required
by the OFDM system. For a formal proof of this, the inter-
ested reader is referred to [1].

In 1980, Hirosaki [10] suggested an equalization algo-
rithm in order to suppress both intersymbol and intersub-
carrier interference (ISCI) caused by the CIR or timing and
frequency errors. Simplified OFDM modem implementa-
tions were studied by Peled [1] in 1980, while Hirosaki [12]
introduced the DFT-based implementation of Saltzberg’s
O-QAM OFDM system. Kolb [13], Schüßler [14], Preuss
[15], and Rückriem [16] conducted further research into the
application of OFDM. Kalet [17] introduced the concept
of allocating more bits to subcarriers, which were, for

example, near the center of the transmission frequency band
and hence were less attenuated than those near the edge of
the transmission band. However, since Kalet’s discussions
were cast in the context of slowly varying channels, the
concept of near-instantaneously adaptive transmission was
not introduced at this early stage of OFDM research. This
concept was often referred to as “water-filling” in the
frequency domain. A few years later, Cimini [18] provided
early seminal results on the performance of OFDM modems
in mobile communications channels.

More recent advances in OFDM transmission are pre-
sented in the impressive state-of-art collection of works
edited by Fazel and Fettweis [19], including research by
Fettweiset al., Rohling et al., Vandendorpet al., Lindner
et al., Kammeyeret al., and Meyret al. [20], [21], but the
impressive individual contributions are too numerous to
mention.

While OFDM transmissions over mobile communications
channels can alleviate the problem of multipath propagation,
recent research efforts have focused on solving a set of in-
herent difficulties regarding OFDM, namely, on reducing the
associated the peak-to-mean-power ratio fluctuation, on time
and frequency synchronization and on mitigating the effects
of cochannel interference sensitivity in multiuser environ-
ments. These issues are addressed below in more depth.

1) Peak-to-Mean Power Ratio:It is plausible that
the OFDM signal—which is the superposition of a high
number of modulated subchannel signals—may exhibit a
high instantaneous signal peak with respect to the average
signal level. Furthermore, large signal amplitude swings
are encountered, when the time-domain signal traverses
from a low instantaneous power waveform to a high-power
waveform. Similarly, the peak-to-mean power envelope
fluctuates dramatically, when traversing the origin upon
switching from one phasor to another. Both of these events
may result in a high out-of-band (OOB) harmonic distortion
power, unless the transmitter’s power amplifier exhibits an
extremely high linearity [1] across the entire signal dynamic
range. This potentially contaminates the adjacent channels
with adjacent channel interference. Practical amplifiers
exhibit a finite amplitude range, in which they can be
considered near linear. In order to prevent severe clipping
of the high OFDM signal peaks—which is the main source
of OOB emissions—the power amplifier must not be driven
into saturation and hence they are typically operated with
a certain so-called backoff, creating a “head-room” for the
signal peaks, which reduces the risk of amplifier saturation
and OOB emission. Two different families of solutions have
been suggested in the literature, in order to mitigate these
problems, either reducing the peak-to-mean power ratio or
improving the amplification stage of the transmitter.

More explicitly, Shepherd [22], Jones [23], and Wulich
[24] suggested different coding techniques that aim to min-
imize the peak power of the OFDM signal. According to
their approach, different data encoding or mapping schemes
are employed before modulation. A simple example is con-
catenating a number of dummy bits to a string of informa-
tion bits with the sole aim of mitigating the so-called Crest
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factor or peak-to-mean signal envelope ratio. Müller [25],
Pauli [26], May [27], and Wulich [28] suggested different al-
gorithms for postprocessing the time-domain OFDM signal
prior to amplification, while Schmidt and Kammeyer [29]
employed adaptive subcarrier allocation in order to reduce
the Crest factor. Dinis and Gusmão [30]–[32] researched the
use of two-branch amplifiers, while the so-called clustered
OFDM technique introduced by Daneshradet al. [33] oper-
ates with a set of parallel partial fast Fourier transform (FFT)
processors with associated transmitting chains. More explic-
itly, clustered OFDM allows a number of users to share a
given bandwidth amongst a number of users on a demand
basis, potentially supporting a peak data rate identical to that
of a single-user OFDM system. The bandwidth assigned to a
particular user is typically constituted by a number of subcar-
rier clusters, which are spread sufficiently far apart from each
other, in order to provide frequency diversity. OFDM systems
with increased robustness to nonlinear distortion have been
proposed—for example, by Okadaet al.[34] as well as by
Dinis and Gusmão [35].

2) Synchronization:Time and frequency synchroniza-
tion between the transmitter and receiver are of crucial
importance in terms of the performance of an OFDM link
[36]–[40]. A wide variety of techniques has been proposed
for estimating and correcting both timing and carrier-fre-
quency offsets at the OFDM receiver. Rough timing and
frequency acquisition algorithms relying on known pilot
symbols or pilot tones embedded into the OFDM symbols
have been suggested by Claßen [20], Warner [41], Sari [42],
and Moose [43], as well as Brüninghaus and Rohling [44].
Fine frequency and timing tracking algorithms exploiting
the OFDM signal’s cyclic extension were published by
Moose [43], Daffara [45], and Sandell [46].

3) OFDM/CDMA: Combining OFDM transmissions
with code division multiple access (CDMA) allows us
to exploit the wide-band channel’s inherent frequency
diversity by spreading each symbol across multiple sub-
carriers. This technique has been pioneered by Yeeet al.
[47], by Chouly et al. [48], and by Fettweiset al. [49].
Fazel and Papke [50] investigated convolutional coding in
conjunction with OFDM/CDMA. Prasad and Hara [51]
compared various methods of combining the two techniques,
identifying three different structures, namely multicarrier
CDMA (MC-CDMA), multicarrier direct-sequence CDMA
(MC-DS-CDMA), and multitone CDMA (MT-CDMA).
Like nonspread OFDM transmission, OFDM/CDMA
methods suffer from high peak-to-mean power ratios, which
are dependent on the frequency-domain spreading scheme,
as has been investigated by Choiet al. [52].

4) Adaptive Antennas:Combining adaptive antenna
techniques with OFDM transmissions was shown to be ad-
vantageous in suppressing cochannel interference in cellular
communications systems. Liet al. [53]–[56], Kim et al.
[57], and Münsteret al.[58] have investigated algorithms for
multiuser channel estimation and interference suppression.
The employment of adaptive antennas is always beneficial
in terms of mitigating the effects of multiuser interference,
since with the aid of beam-steering it becomes possible to

focus the receiver’s antenna beam on the served user, while
attenuating the cochannel interferers. This is of particularly
high importance in conjunction with OFDM, which exhibits
a high sensitivity against cochannel interference, potentially
hampering its application in cochannel interference limited
multiuser scenarios.

5) OFDM Applications: Due to their implementational
complexity, OFDM applications have been scarce until quite
recently. Recently, however, OFDM has been adopted as the
new European digital audio broadcasting (DAB) standard
[59]–[63], as well as for the terrestrial digital video broad-
casting (DVB-T) system [42], [64]. The hostile propagation
environment of the terrestrial system requires concatenated
Reed–Solomon [2] (RS) and rate-compatible punctured
convolutional coding [2] (RCPCC) combined with OFDM.
These schemes are capable of delivering high-definition
video at bit rates of up to 20 Mbits/s in slowly time-varying
broadcast-mode distributive wireless scenarios. Recently,
a range of DVB system performance studies were also
published in the literature [65]–[68], portraying the DVB-T
system.

For fixed-wire applications, OFDM is employed in
the asynchronous digital subscriber line (ADSL) and
high-bit-rate DSL (HDSL) systems [69]–[72], and it has
also been suggested for power-line communications systems
[73], [74] due to its resilience to time-dispersive channels
and narrow-band interferers.

More recently, OFDM applications were studied within
the European Fourth Framework Advanced Communications
Technologies and Services (ACTS) program [75]. Specifi-
cally, the Pan-European Median project investigated a 155-
Mbit/s (Mb/s) wireless asynchronous transfer mode (WATM)
network [76]–[79], while the Magic WAND group [80], [81]
developed a wireless local-area network (LAN). Hallmann
and Rohling [82] presented a range of different OFDM-based
systems that were applicable to the European Telecommuni-
cation Standardization Institute’s (ETSI) third-generation air
interface [83].

Lastl, the recently standardized high performance
local-area network standard known as HIPERLAN/2 was
designed for providing convenient wireless networking in
indoor environments and also invoked OFDM. The wireless
provision of high-bit-rate services appears a more attractive
alternative than installing wireline based networks. The
HIPERLAN standard specifies the air interface and the
physical layer, in order to ensure the compatibility of
different manufacturers’ equipment, while refraining from
standardizing the higher layer functions of the system.
The HIPERLAN standard constitutes a member of the
broad-band radio access networks family often referred to as
BRAN [84], [85]. The BRAN family of recommendations is
constituted by the HIPERLAN/1 and /2 systems operating in
the 5-GHz frequency band. Further members of the family
include the so-called HIPERACCESS standard contrived
for fixed wireless broad-band point-to-multipoint access
and the HIPERLINK recommendation designed for wireless
broad-band communications in the 17-GHz frequency band.
The system’s parameters are summarized in Table 1.
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Table 1
HIPERLAN/2 Physical Layer Parameters [86]

B. OFDM Modem Structure

The principle of any FDM system is to split the informa-
tion to be transmitted into parallel streams, each of which
modulates a carrier using an arbitrary modulation technique.
The frequency spacing between adjacent carriers is, re-
sulting in a total signal bandwidth of . The resulting

modulated and multiplexed signals are transmitted over
the channel, and at the receiverparallel receiver branches
recover the information. A multiplexer then recombines the

parallel information streams into a high-rate serial stream.
The conceptually simplest implementation of an FDM

modem is to employ independent transmitter/receiver
pairs, which is often prohibitive in terms of complexity and
cost [12]. Weinstein [9] suggested the digital implementa-
tion of FDM subcarrier modulators/demodulators based on
the DFT.

The DFT and its more efficient implementation, the FFT,
are employed for the base-band OFDM modulation/demod-
ulation process, as can be seen in the schematic shown in
Fig. 1. The associated harmonically related frequencies can
hence be used as the set of subchannel carriers required by the
OFDM system. However, instead of carrying out the modu-
lation/demodulation on a subcarrier by subcarrier basis, as in
Hirosaki’s early proposal, for example [10], all OFDM sub-
channels are modulated/demodulated in a single inverse DFT

Fig. 1. Schematic ofN -subcarrier OFDM transmission system.

(IDFT)/DFT step. For more detailed explanations and signal
waveforms, the interested reader is referred to [1].

The serial data stream is mapped to data symbols with
a symbol rate of 1 , employing a general phase and
amplitude modulation scheme, and the resulting symbol
stream is demultiplexed into a vector of data symbols
to . The parallel data symbol rate is 1 , i.e., the
parallel symbol duration is times longer than the serial
symbol duration . Hence the effects of the dispersive
channel—which are imposed on the transmitted signal as
the convolution of the signal with the CIR—become less
damaging, affecting only a fraction of the extended signaling
pulse duration. The inverse FFT of the data symbol vector
is computed and the coefficients to constitute an
OFDM symbol, as seen in the figure. Since the harmonically
related and modulated individual OFDM subcarriers can
be conveniently visualized as the spectrum of the signal to
be transmitted, it is the IFFT—rather than the FFT—which
is invoked, in order to transform the signal’s spectrum to
the time domain for transmission over the channel. The
associated modulated signal samplesare the time-do-
main samples of the OFDM symbol and are transmitted
sequentially over the channel at a symbol rate of 1.
At the receiver, a spectral decomposition of the received
time-domain samples is computed employing an -tap
FFT, and the recovered data symbols are restored in
serial order and demultiplexed, as seen in Fig. 1.

The underlying assumption in the context of OFDM upon
invoking the IFFT for modulation is that although fre-
quency-domain samples produce time-domain samples,
both signals are assumed to be periodically repeated over
an infinite time-domain and frequency-domain interval,
respectively. In practice, however, it is sufficient to repeat
the time-domain signal periodically for the duration of the
channel’s memory, i.e., for a duration that is comparable to
the length of the CIR. This is, namely, the time interval re-
quired for the channel’s transient response to die down after
exciting the channel with a time-domain OFDM symbol.
Once the channel’s transient response time has elapsed, its
output is constituted by its steady-state response constituted
by the received time-domain OFDM symbol. In order to
ensure that the received time-domain OFDM symbol is
demodulated from the channel’s steady-state—rather than
from its transient—response, each time-domain OFDM
symbol is extended by the so-called cyclic extension (C. Ext.
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Fig. 2. Stylized plot ofN -subcarrier OFDM time-domain signal
with a cyclic extension ofN samples.

in Fig. 1) or guard interval of samples duration, in order
to overcome the inter-OFDM symbol interference due to the
channel’s memory. The signal samples received during the
guard interval are discarded at the receiver and the-sample
received time-domain OFDM symbol is deemed to follow
the guard interval of samples duration. The demodulated
OFDM symbol is then generated from the remaining
samples upon invoking the IFFT. We note, however, that
since the transmitted time-domain signal was windowed to
the finite duration of samples, the corresponding
transmitted frequency-domain signal is convolved with
the sinc-shaped frequency-domain transfer function of the
rectangular time-domain window function. As a result of
this frequency-domain convolution, the originally pure
line-spectrum of the IFFT’s output generates a sinc-shaped
subchannel spectrum centered on each OFDM subcarrier.

The samples of the cyclic extension are copied from
the end of the time-domain OFDM symbol, generating
the transmitted time-domain signal ( ,

) depicted in Fig. 2. At the receiver, the
samples of the cyclic extension are discarded. Clearly, the
need for a cyclic extension in time-dispersive environments
reduces the efficiency of OFDM transmissions by a factor
of . Since the duration of the necessary
cyclic extension depends only on the channel’s memory,
OFDM transmissions employing a high number of carriers

are desirable for efficient operation. Typically, a guard
interval length of not more than 10% of the OFDM symbol’s
duration is employed. Again, for further details concerning
the operation of OFDM modems, please refer to [87], [1],
[88].

C. Modulation in the Frequency Domain

Modulation of the OFDM subcarriers is analogous to
the modulation in conventional serial systems. The modu-
lation schemes of the subcarriers are generally quadrature
amplitude modulation or phase shift keying (PSK) [1] in
conjunction with both coherent and noncoherent detection.
Differentially coded star-QAM (DSQAM) [1] can also be
employed. If coherently detected modulation schemes are
employed, then the reference phase of the OFDM symbol
must be known, which can be acquired with the aid of
pilot tones [89] embedded in the spectrum of the OFDM
symbol, as will be discussed in Section III. For differential
detection the knowledge of the absolute subcarrier phase
is not necessary, and differentially coded signaling can be

invoked either between neighboring subcarriers or between
the same subcarriers of consecutive OFDM symbols.

III. OFDM TRANSMISSION OVERFREQUENCY-SELECTIVE

CHANNELS

A. System Parameters

Based on the above advances in the field of OFDM
modems, below we will characterize the expected perfor-
mance of OFDM modems using the example of high-rate
wireless asynchronous transfer mode (WATM) systems
[76]–[78], [80], [81]. Specifically, the system parameters
used in characterizing the performance of various OFDM
algorithms closely followed the specifications of the ACTS
Median system [76]–[79], which is a proposed wireless
extension to fixed-wire ATM-type networks. In the Median
system, the OFDM FFT length is 512, and each symbol is
padded with a cyclic prefix of length 64. The sampling rate
of the Median system is 225 Msamples/s, and the carrier
frequency is 60 GHz. The uncoded target data rate of the
Median system is 155 Mb/s.

OFDM modems were originally conceived in order to
transmit data reliably in time-dispersive or frequency-selec-
tive channels without the need for a complex time-domain
channel equalizer. In this contribution, the techniques
employed for the transmission of QAM OFDM signals
over a time-dispersive channel are discussed and channel
estimation methods are investigated [1].

B. The Channel Model

The channel model assumed in this paper is that of a finite
impulse response (FIR) filter with time-varying tap values.
Every propagation path is characterized by a fixed delay

and a time-varying amplitude , which
is the product of a complex amplitude and a Rayleigh
fading process . The Rayleigh processesare indepen-
dent from each other, but they all exhibit the same normalized
Doppler frequency .

The ensemble of the propagation paths constitutes the
impulse response

(1)

which is convolved with the transmitted signal.
The channel model employed in this contribution is the

worst case operating environment for an indoor wireless
ATM network similar to that of the ACTS Median system
[76]–[79]. We assumed a vehicular velocity of about 50 km/h
or 13.9 m/s, resulting in a normalized Doppler frequency
of . We note here that the normalized
Doppler frequency in this contribution was related to the
OFDM symbol duration rather than to the time-domain
signal’s sample duration. This relationship will be formally
defined in (5). Hence, suffice to say here that the normalized
Doppler frequency in this sense is typically 512 times lower
than the conventional normalized Doppler frequency due to
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(a) (b)

Fig. 3. WATM channel: (a) impulse response (b) frequency-domain channel transfer functionH(n)
experienced by a specific OFDM symbol.

having 512 samples per PFDM symbol. The significance
of this will become more clear in the context of adaptive
OFDM schemes, where the predictability of the channel’s
frequency-domain transfer function between consecutive
OFDM symbols depends explicitly on the duration of the
symbol.

The vehicular velocity of 50 km/h constitutes the highest
possible speed of for example an indoor forktruck in a
warehouse environment. Again, this worst case speed was
employed in order to provide performance results character-
izing the worst possible scenario in the context of adaptive
OFDM transceivers, which are sensitive to rapid CIR or
transfer function variations. This issue will become more
explicit during our further discourse. The impulse response
was determined by simple ray-tracing in a warehouse-type
environment and is shown in Fig. 3(a), where each CIR
tap corresponds to a specifically delayed propagation path.
We note that this indoor CIR is not particularly dispersive;
however, at the 155-Mb/s WATM rate, the dispersion
corresponds to 11 sample periods, which would require a
high-performance channel equalizer in a serial modem.

The last CIR path arrives at a delay of 48.9 ns due to the
reflection with an excess path length of about 15 m with re-
spect to the line-of-sight path, which again, corresponds to 11
sample periods. The impulse response exhibits a root mean
squared (RMS) delay spread of 1.527610 s and is shown
in Fig. 3(a). The resulting frequency-domain transfer func-
tion for this WATM impulse response is given in Fig. 3(b),
which exhibits an undulating behavior across the 512 subcar-
riers. This suggests that the high-quality subcarrier may be
able to use several bits per subcarrier, while others may have
to be disabled. This issue will be further detailed during our
later discourse.

C. Effects of Time-Dispersive Channels

The effects of the time-variant and time-dispersive chan-
nels on the data symbols transmitted in an OFDM symbol’s
subcarriers are diverse. First, if the impulse response of the
channel is longer than the duration of the OFDM guard
interval, then energy will spill over between consecutive
OFDM symbols, leading to inter-OFDM-symbol interfer-

ence. We will not elaborate on these effects here, since the
length of the guard interval is generally chosen to be longer
than the longest anticipated CIR.

If the channel is changing only slowly compared to
the duration of an OFDM symbol, then a near time-in-
variant CIR can be associated with each transmitted
OFDM symbol, which, however, slightly changes be-
tween consecutive OFDM symbols. In this case, the
frequency-selective transfer function of the channel re-
sults in a frequency-dependent multiplicative distortion
of the received frequency-domain OFDM symbols. This
frequency-domain phenomenon is somewhat analogous to
the time-domain effects of a time-domain fading channel
envelope in a serial or single-carrier modem.

Let us now briefly view the system in the time domain
again. The role of the guard interval was discussed in
depth before. Hence, suffice to state here that if the CIR
duration is shorter than the OFDM guard interval, then
no inter-OFDM-symbol interference is experienced. More
explicitly, if the “memory” or the “echoes” of the dispersive
CIR have died down during the guard interval, i.e., before
the commencement of the information-bearing OFDM
symbol section, the consecutive OFDM symbols will not
interfere with each other. This scenario is analogous to a
narrow-band or nondispersive fading channel in the context
of a serial modem. This will be elaborated on in Sec-
tion III-C1. A rapidly time-varying channel, however, will
introduce intersubcarrier interference due to the channel’s
time-variant impulse response. The effects of this will be
studied in Section III-C2.

1) Effects of the Slowly Time-Varying Time-Disper-
sive Channel:Here a channel is referred to as slowly
time-varying if the CIR does not vary significantly over
the duration of one OFDM symbol, but it is time-variant
over longer periods of time. In this case, the time-domain
convolution of the transmitted time-domain signal with
the CIR corresponds simply to the multiplication of the
spectrum of the signal with the channel’s frequency-domain
transfer function , as seen in (2)

(2)
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(a) (b)

Fig. 4. BPSK OFDM modem performance in a fading narrow-band channel for normalized Doppler
frequencies off = 5 � 10 , 1 � 10 , and2 � 10 and FFT lengths between 16 and 4096, where
F = f � NT = f � N .

where the channel’s frequency-domain transfer function
is the Fourier transform of the impulse response

(3)

Since the information symbols are encoded into the
amplitude of the transmitted spectrum at the subcarrier fre-
quencies , the received symbols are the product of
the transmitted symbol with the channel’s frequency-domain
transfer function plus the additive complex Gaussian
noise samples

(4)

We note here that the additive time-domain noise imposed
by the channel becomes correlated due to the filtering effect
of the demodulator’s FFT operation. Let us now consider the
effects of rapidly time-varying channels.

2) Rapidly Time-Varying Channel:A channel is classi-
fied here as rapidly time-varying if the CIR changes sig-
nificantly over the duration of an OFDM symbol. In this
case, the frequency-domain transfer function is time-variant
during the transmission of an OFDM symbol and this time-
varying frequency-domain transfer function leads to the loss
of orthogonality between the OFDM symbol’s subcarriers.
The amount of this intersubcarrier interference depends on
the rate of change in the impulse response.

The simplest environment to study the effects of rapidly
time-varying channels is the narrow-band channel, whose
impulse response consists of only one fading path. If the
amplitude of this path is varying in time, then the received
OFDM symbol’s spectrum will be the original OFDM spec-
trum convolved with the spectrum of the channel variation
during the transmission of the OFDM symbol. Since this
short-term channel spectrum is varying between different
OFDM transmission bursts, the effects of the time-varying
narrow-band channel have to be averaged over a high
number of transmission bursts for the sake of arriving at
reliable performance estimates.

Since the interference is caused by the variation of the CIR
during the transmission of each OFDM symbol, we introduce
the “OFDM-symbol normalized” Doppler frequency

(5)

where
FFT length;

1 sampling rate;
Doppler frequency characterizing the fading
channel;
conventional normalized Doppler frequency.

The BER performance for an OFDM modem for a set of
different FFT lengths and different channel Doppler frequen-
cies was determined by simulation, and the simulation re-
sults for binary phase shift keying (BPSK) are given in Fig. 4.
Fig. 4(a) depicts the BER performance of an OFDM modem
employing BPSK with perfect narrow-band fading channel
estimation, where it can be observed that for any given value
of the different FFT lengths and channels behave simi-
larly. For an value of 0.0256, a residual BER of about 2.8
10 is observed, while for the residual BER

is about 0.37%, where—again— .
3) Signaling over Time-Dispersive OFDM Chan-

nels: Analogously to the case of serial modems in
narrow-band fading channels, the amplitude and phase vari-
ations inflicted by the channel’s frequency-domain transfer
function upon the received symbols will severely
affect the bit-error probabilities, where different modulation
schemes suffer to different extents from the effects of the
channel transfer function. Coherent modulation schemes
rely on the knowledge of the symbols’ reference phase,
which will be distorted by the phase of . Hence if such
a modulation scheme is to be employed, then this phase
distortion has to be estimated and corrected. For multilevel
modulation schemes [1], where the magnitude of the re-
ceived symbol also bears information, the magnitude of

will affect the demodulation. Clearly, the performance
of such a system depends on the quality of the channel
estimation.

A simpler approach to signaling over fading channels is
to employ differential modulation, where the information is
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encoded in the difference between the individual modulated
symbols mapped to consecutive subcarriers of the OFDM
symbol. Differential phase shift keying (DPSK) employs the
phase of the previous modulated symbol conveyed by the
previous subcarrier as phase reference, encoding information
in the phase difference between consecutive modulated sym-
bols. DPSK is thus only affected by the differential channel
phase distortion between two consecutive symbols assigned
to consecutive subcarriers, rather than by the channel phase
distortion’s absolute value. We note here that differential en-
coding between the corresponding identical-frequency sub-
carriers of consecutive OFDM symbols could also be in-
voked, although the associated channel phase change would
be more substantial and hence the former approach to differ-
ential encoding is more advantageous.

IV. OFDM PERFORMANCE WITHFREQUENCY AND TIMING

ERRORS

In this section, we will highlight the effects of time-
and frequency-domain synchronization errors on the per-
formance of an OFDM system. Furthermore, a number of
synchronization algorithms will be briefly highlighted for
time-domain burst-based OFDM communications systems
based on the recent advances in the literature.

The performance of the synchronization subsystem, in
particular, the accuracy of the frequency and timing error
estimations, is of major influence on the overall OFDM
system performance. In order to demonstrate the effects of
carrier frequency and time-domain FFT window alignment
errors, a series of results will be presented over different
channels. For all the additive white Gaussian noise (AWGN)
channel experiments rectangular time-domain pulse shaping
was assumed.

A. Effects of Frequency Shift on OFDM

Carrier frequency errors result in a shift of the received
signal’s spectrum in the frequency domain. If the frequency
error is an integer multiple of the subcarrier spacing ,
then the received frequency domain subcarriers are shifted
by . The subcarriers are still mutually orthogonal, but
the received data symbols, which were mapped to the OFDM
spectrum, are in the wrong position in the demodulated spec-
trum, resulting in a BER of 0.5.

If the carrier frequency error is not an integer multiple
of the subcarrier spacing, then energy is spilling over be-
tween the subcarriers, resulting in loss of their mutual orthog-
onality. In other words, interference is observed between the
subcarriers, which deteriorates the BER of the system. The
amount of this intersubcarrier interference can be evaluated
by observing the spectrum of the OFDM symbol.

The spectrum of the OFDM signalis derived from its time-
domain representation transmitted over the channel. A single
OFDM symbol in the time domain can be described as

rect (6)

which is the sum of subcarriers , each modulated by
a QAM symbol and windowed by a rectangular window
of the OFDM symbol duration . The Fourier transform
of this rectangular window is a frequency-domain sinc-func-
tion, which is convolved with the dirac-delta subcarriers, de-
termining the spectrum of each of the windowed complex ex-
ponential functions, leading to the spectrum of theth single
subcarrier in the form of

(7)

Replacing the radian frequenciesby frequencies and using
the relationship , the spectrum of a subcarrier
can be expressed as

sinc (8)

The OFDM receiver samples the received time-domain
signal, demodulates it by invoking the FFT, and—in case
of a carrier frequency shift—generates the subchannel
signals in the frequency domain at the sampling points

. These sampling points are spaced from each
other by the subcarrier spacing and misaligned by
the frequency error . This scenario is shown in Fig. 5.
Fig. 5(a) shows the sampling of the subcarrier at frequency

at the optimum frequency raster, resulting in a maximum
signal amplitude and no intersubcarrier interference. If the
frequency reference of the receiver is offset with respect to
that of the transmitter by a frequency error of, then the
received symbols suffer from intersubcarrier interference,
as depicted in Fig. 5(b).

The total amount of intersubcarrier interference experi-
enced by subcarrier is the sum of the interference ampli-
tude contributions of all the other subcarriers in the OFDM
symbol

(9)

Since the QAM symbols are random variables, the
interference amplitude in subcarrier, , is also a random
variable, which cannot be calculated directly. If the number
of interferers is high, however, then the power spectral
density of can be approximated with that of a Gaussian
process, according to the central limit theorem. Therefore,
the effects of the intersubcarrier interference can be modeled
by additional white Gaussian noise superimposed on the
frequency-domain data symbols.

The variance of this Gaussian processis the sum of the
variances of the interference contributions

(10)

The quantities are the variances of the data symbols,
which are the same for allin a system that is not varying the
average symbol power across different subcarriers. Addition-
ally, because of the constant subcarrier spacing of, the
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(a) (b)

Fig. 5. Stylized plot of OFDM symbol spectrum with sampling points for three subcarriers. The
symbols on the curves signify the contributions of the three subcarriers to the sum at the sampling
point: (a) no frequency offset between transmitter and receiver (b) frequency error�f present.

interference amplitude contributions can be expressed more
conveniently as

sinc (11)

The sum of the interferer powers leads to the intersubcarrier
interference variance expression of

sinc (12)

The value of the ISCI variance for FFT lengths of
, and and for a range of frequency errors is

shown in Fig. 6. It can be seen that the number of subcar-
riers does not influence the ISCI noise variance for OFDM
symbol lengths of more than 64 subcarriers. This is due to the
rapid decrease of the interference amplitude with increasing
frequency separation, so that only the interference from close
subcarriers contributes significantly to the interference load
on the subcarriers.

In order to quantify the accuracy of the Gaussian approx-
imation, histograms of the measured interference amplitude
were produced for quadrature phase shift keying (QPSK)
and 16-QAM modulation of the subcarriers. The triangles
in Fig. 7 depict the histograms of ISCI noise magnitudes
recorded for a 512-subcarrier OFDM modem employing
QPSK and 16-QAM in a system having a frequency error of

. The continuous line drawn on the same graph
is the corresponding approximation of the histogram by a
Gaussian probability density function (pdf) of the variance
calculated using (12). It can be observed that the Gaussian
curve is a reasonable approximation for both histograms in
the central region, but that for the tails of the distributions
the Gaussian function exhibits high relative errors. The
histogram of the interference caused by the 16-QAM signal
is, however, closer to the Gaussian curve than the QPSK
interference histogram.

The frequency mismatch between the transmitter and re-
ceiver of an OFDM system not only results in intersubcar-
rier interference but also reduces the useful signal ampli-
tude at the frequency-domain sampling point by a factor of

sinc . Using this and , the theoretical in-
fluence of the intersubcarrier interference, approximated by
a Gaussian process, can be calculated for a given modulation

Fig. 6. Intersubcarrier interference variance due to a frequency
shift �f FFT lengths ofN of 64, 512, and 4096, for normalized
frequency errors�f=�f between zero and one.

scheme in a AWGN channel. In the case of coherently de-
tected QPSK, the closed-form expression for the BER
at a channel signal-to-noise ratio (SNR)is given by [90]

(13)

where the Gaussian -function is defined as [90]

erfc (14)

Assuming that the effects of the frequency error can be
approximated by white Gaussian noise of varianceand
taking into account the attenuated signal magnitude
sinc , we can adjust the equivalent SNR to

(15)

where is the average symbol power andis the real
channel SNR. Comparison between the theoretical BER cal-
culated using and QPSK simulation results for frequency
errors of and 0.2 are shown in Fig. 8(a).
While for both frequency errors the theoretical BER using
the Gaussian approximation fits the simulation results well
for channel SNR values of up to 12 dB, the predictions and
the simulation results diverge for higher values of SNR. The
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(a) (b)

Fig. 7. Histogram of the ISCI magnitude for a simulated 512-subcarrier OFDM modem using
QPSK or 16-QAM for�f = 0:3�f ; the line represents the Gaussian approximation having the same
variance.

(a) (b)

Fig. 8. The effect of intersubcarrier interference due to frequency synchronization error on the BER
over AWGN channels. (a) Bit-error probability versus channel SNR for frequency errors of 0.15�f

and�f for a QPSK modem. (b) BER versus channel SNR for frequency errors of 0.05�f and 0.1�f

for a 16-QAM modem. In both graphs, the black markers are simulated BER results, while the white
markers are the predicted BER curves using the Gaussian intersubcarrier interference model.

pessimistic BER prediction is due to the pronounced discrep-
ancy between the histogram and the Gaussian curve in Fig. 7
at the tail ends of the amplitude histograms, since for high
noise amplitudes the Gaussian model is a poor approxima-
tion for the intersubcarrier interference.

The equivalent experiment—conducted for coherently
detected 16-QAM—results in the simulated and predicted
BER’s depicted in Fig. 8(b). For 16-QAM transmission,
the noise resilience is much lower than for QPSK. Hence
for these experiments, smaller values of
and have been chosen. It can be observed that the
Gaussian noise approximation is a much better fit for the
simulated BER in a 16-QAM system than for a QPSK
modem. This is in accordance with Fig. 7, where the
histograms of the interference magnitudes were depicted.

B. Effect of Time-Domain Synchronization Errors on
OFDM

Unlike frequency mismatch, as discussed above, time syn-
chronization errors do not result in intersubcarrier interfer-
ence. Instead, if the receiver’s FFT window spans samples

from two consecutive OFDM symbols, inter-OFDM-symbol
interference occurs.

Additionally, even small time-domain misalignments of
the FFT window result in an evolving phase shift in the fre-
quency-domain symbols, leading to BER degradation. Ini-
tially, we will concentrate on these phase errors.

If the receiver’s FFT window is shifted with respect to that
of the transmitter, then the time shift property of the Fourier
transform, formulated as

(16)

(17)

describes its effects on the received symbols. Any misalign-
ment of the receiver’s FFT window will introduce a phase
error of 2 between two adjacent subcarriers. If the
time shift is an integer multiple of the sampling time ,
then the phase shift introduced between two consecutive sub-
carriers is , where is the FFT length em-
ployed. This evolving phase error has a considerable influ-
ence on the BER performance of the OFDM system, clearly
depending on the modulation scheme used.
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(a) (b)

Fig. 9. BER versus channel SNR performance for 16-level PSA-QAM in an AWGN channel for
different pilot subcarrier spacings in the presence of a fixed FFT window misalignment of� = 10T .
The OFDM FFT length is 512. (a) PSAM interpolation using ideal low-pass interpolator. (b) PSAM
using linear interpolator. In both graphs, the line marks the coherently detected 16-QAM performance
in absence of both FFT window misalignment and PSAM.

1) Coherent Modulation:Coherent modulation schemes
suffer the most from FFT window misalignments, since the
reference phase evolves by 2throughout the frequency
range for every sampling time misalignment . Clearly,
this results in a total loss of the reference phase, and hence
coherent modulation cannot be employed without phase
correction mechanisms, if imperfect time synchronization is
to be expected.

2) Pilot Symbol Assisted Modulation:Pilot-symbol-as-
sisted-modulation (PSAM) schemes [89], [1] can be
employed in order to mitigate the effects of spectral attenu-
ation and the phase rotation throughout the FFT bandwidth.
Pilots are interspersed with the data symbols in the fre-
quency domain and the receiver can estimate the evolving
phase error from the received pilots’ phases.

The number of pilot subcarriers necessary for correctly
estimating the channel transfer function depends on the
maximum anticipated time shift . Following the notion
of the frequency-domain channel transfer function
introduced in Section III, the effects of phase errors can be
written as

(18)

Replacing the frequency variableby the subcarrier index
, where and normalizing the time

misalignment to the sampling time , so that
, the frequency-domain channel transfer function can be

expressed as

(19)

The number of pilots necessary for correctly estimating
this frequency-domain channel transfer function is
dependent on the normalized time delay. Following the
Nyquist sampling theorem, the distance between two
pilot tones in the OFDM spectrum must be less than or equal
to half the period of , so that

(20)

The simulated performance of a 512-subcarrier 16-QAM
PSAM modem in the presence of a constant timing error of

in an AWGN channel is depicted in Fig. 9 for both
ideal low-pass and for simple linear interpolation. Following
(20), the maximum acceptable pilot subcarrier distance
required for resolving a normalized FFT-window misalign-
ment of is ,
requiring at least 20 pilot subcarriers equidistantly spaced
in the OFDM symbol. We can see in both graphs of Fig. 9
that the BER is 0.5 for both schemes, if fewer than 20
pilot subcarriers are employed in the OFDM symbol. For
pilot numbers above the required minimum of 20, however,
the performance of the ideal low-pass interpolated PSAM
scheme does not vary with the number of pilots employed,
while the linearly interpolated PSAM scheme needs higher
numbers of pilot subcarriers in order to achieve a similar
performance. The continuous lines in the graphs show the
BER for a coherently detected 16-QAM OFDM modem in
the absence of timing errors, while utilizing no PSAM. Ob-
serve in the figure that there is a BER penalty for PSAM in
a narrow-band AWGN channel, since the pilots are affected
by noise, which is interpreted by the PSAM schemes as a
channel-induced fluctuation, which has to be compensated.

3) Differential Modulation: As stated before, differ-
ential encoding [1] can be implemented both between
corresponding subcarriers of consecutive OFDM symbols
or between adjacent subcarriers of the same OFDM symbol.
The latter was found more advantageous, since there is less
channel-induced—rather than modulation-induced—phase
rotation between consecutive subcarriers of an OFDM
symbol than between the identical-frequency subcarriers of
consecutive OFDM symbols. Hence differential encoding
between adjacent subcarriers was employed here. Simu-
lations have been performed for a 512-subcarrier OFDM
system, employing DBPSK and DQPSK for different FFT
window misalignment values.

The BER performance curves for timing errors of up to
six positive and negative sampling intervals are displayed in
Fig. 10. The figure suggests that in case of time-advanced
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(a) (b)

Fig. 10. BER versus SNR over AWGN channels for a 512-subcarrier OFDM modem employing
DBPSK and DQPSK, respectively. Positive time shifts imply time-advanced FFT window or delayed
received data.

(a) (b)

Fig. 11. BER versus SNR over AWGN channels for a 512-subcarrier OFDM modem employing a
postamble of ten symbols for DBPSK and DQPSK, respectively. Positive time shifts correspond to
time-advanced FFT window or delayed received data.

data (bold markers in the figure) or time-delayed FFT win-
dows, the BER degrades due to including samples of the pre-
vious OFDM symbol in the current FFT window, while ne-
glecting some of samples belonging to the current OFDM
symbol. This data-dependent error is the reason for the fluc-
tuating BER in the figure. Note that one sample interval mis-
alignment represents a phase error of 2512 between two
consecutive samples, which explains why the BER effects
of the simulated positive timing misalignments marked by
the hollow symbols are negligible for DBPSK. Specifically,
a maximum SNR degradation of 0.5 dB was observed for
DQPSK.

Positive FFT window time shifts correspond to a delayed
received data stream, and hence all samples in the receiver’s
FFT window belong to the same quasi-periodically extended
OFDM symbol. In the case of negative time shifts, however,
the effects on the BER are much more severe due to inter-
OFDM-symbol interference. Since the data are received pre-
maturely, the receiver’s FFT window contains samples of the
forthcoming OFDM symbol, not from the cyclic extension of
the wanted symbol. This scenario can only be encountered in
conjunction with imperfect OFDM symbol synchronization,
when the OFDM symbols are received prematurely.

This nonsymmetrical behavior of the OFDM receiver with
respect to positive and negative relative timing errors can be
mitigated by adding a short postamble, consisting of copies
of the OFDM symbol’s first samples. Fig. 11 shows the BER
versus SNR curves for the same offsets, while using a ten-
sample postamble. Now, the behavior for positive and nega-
tive timing errors becomes symmetrical. Clearly, the required
length of this postamble depends on the largest anticipated
timing error, which adds further redundancy to the system.
This postamble can be usefully employed, however, to make
an OFDM system more robust to time misalignments and
thus to simplify the task of the time-domain FFT window
synchronization system.

V. SYNCHRONIZATION ALGORITHMS

The results of Section IV indicate that the accuracy of
a modem’s time- and frequency-domain synchronization
system dramatically influences the overall BER perfor-
mance. We have seen that carrier frequency differences
between the transmitter and the receiver of an OFDM system
will introduce additional impairments in the frequency do-
main caused by inter-subcarrier interference, while FFT
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window misalignments in the time domain will lead to phase
errors between the subcarriers. Both of these effects will
degrade the system’s performance and have to be kept to a
minimum by the synchronization system.

In a time-division multiple access (TDMA)-based OFDM
system, the frame synchronization between a master sta-
tion—in cellular systems generally the base station—and the
portable stations has to be also maintained. For these sys-
tems, a so-called reference symbol marking the beginning of
a new time frame is commonly used. This added redundancy
can be exploited for both frequency synchronization and
FFT-window alignment, if the reference symbol is correctly
chosen.

In order to achieve synchronization with a minimal
amount of computational effort at the receiver, while also
minimizing the amount of redundant information added to
the data signal, the synchronization process is normally split
into a coarse acquisition phase and a fine tracking phase,
if the characteristics of the random frequency and timing
errors are known. In the acquisition phase, an initial estimate
of the errors is acquired, using more complex algorithms and
possibly a higher amount of synchronization information in
the data signal, whereas later the tracking algorithms only
have to correct for small short-term deviations.

At the commencement of the synchronization process,
neither the frequency error nor the timing misalignment are
known; hence synchronization algorithms must be found
that are sufficiently robust to initial timing and frequency
errors. In the forthcoming sections, we will briefly review
the associated literature before providing some performance
figures for the sake of illustration.

A. Coarse Transmission Frame and OFDM Symbol
Synchronization

Coarse frame and symbol synchronization algorithms
presented in the literature all rely on additional redundancy
inserted in the transmitted data stream. The Pan-European
DVB system uses a so-called null-symbol as the first OFDM
symbol in the time frame, during whose duration no energy
is transmitted [91], and which is detected by monitoring
the received baseband power in the time domain, without
invoking FFT processing. Claßen [20] proposed an OFDM
synchronization burst of at least three OFDM symbols
per time frame. Two of the OFDM symbols in the burst
would contain synchronization subcarriers bearing known
symbols along with normal data transmission carriers, but
one of the OFDM symbols would be the exact copy of
one of the other two. This results in more than one OFDM
symbol synchronization overhead per synchronization
burst. For the so-called ALOHA environment, Warner
[41] proposed the employment of a power detector and
subsequent correlation-based detection of a set of received
synchronization subcarriers embedded in the data symbols.
The received synchronization tones are extracted from the
received time-domain signal using an iterative algorithm for
updating the synchronization tone values once per sampling
interval. For a more detailed discussion on these techniques,
the interested reader is referred to the literature [20], [41].

B. Fine Symbol Tracking Overview

Fine symbol tracking algorithms are generally based on
correlation operations either in the time or in the frequency
domain. Warner [41] and Bingham [92] employed fre-
quency-domain correlation of the received synchronization
pilot tones with known synchronization sequences, while
de Couasnon [93] utilized the redundancy of the cyclic
prefix by integrating over the magnitude of the difference
between the data and the cyclic extension samples. Sandell
[46] proposed to exploit the autocorrelation properties of
the received time-domain samples imposed by the cyclic
extension for fine time-domain tracking.

C. Frequency Acquisition Overview

The frequency acquisition algorithm has to provide an ini-
tial frequency error estimate, which is sufficiently accurate
for the subsequent frequency tracking algorithm to operate
reliably. Generally, the initial estimate must be accurate to
half a subcarrier spacing. Sari [42] proposed the use of a pilot
tone embedded into the data symbol, surrounded by zero-
valued virtual subcarriers, so that the frequency-shifted pilot
can be located easily by the receiver. Moose [43] suggested a
shortened repeated OFDM symbol pair, analogous to his fre-
quency tracking algorithm to be highlighted in the next sec-
tion. By using a shorter DFT for this reference symbol pair,
the subcarrier distance is increased, and thus the frequency
error estimation range is extended. Claßen [20], [21] pro-
posed to use binary pseudonoise (PN) or so-called CAZAC
training sequences carried by synchronization subcarriers,
which are also employed for the frequency tracking. The fre-
quency acquisition, however, is performed by a search for the
training sequence in the frequency domain. This is achieved
by means of frequency-domain correlation of the received
symbol with the training sequence.

D. Frequency Tracking Overview

Frequency tracking generally relies on an already estab-
lished coarse frequency estimation having a frequency error
of less than half a subcarrier spacing. Moose [43] suggested
the use of the phase difference between subcarriers of
repeated OFDM symbols in order to estimate frequency
deviations of up to one-half of the subcarrier spacing, while
Claßen [20] employed frequency-domain synchronization
subcarriers embedded into the data symbols, for which the
phase shift between consecutive OFDM symbols can be
measured. Daffara [45] and Sandell [46] used the phase
of the received signal’s autocorrelation function, which
represents a phase shift between the received data samples
and their repeated copies in the cyclic extension of the
OFDM symbols.

E. The Effects of Oscillator Phase Noise

In practice, a carrier recovery loop has to be employed,
in order to synchronize the local oscillator with the remote
oscillator and once the synchronization loop is locked, there
is no carrier frequency offset. However, the synchronization
loop is prone to oscillator phase noise or phase jitter.
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(a) (b)

Fig. 12. Phase noise characterization: (a) spectral phase noise density (phase noise mask) and (b)
integrated phase jitter for two different phase noise masks.

This becomes a particularly grave problem in high-fre-
quency, high-bandwidth applications found, for example, in
155-Mb/s WATM systems operating at 60 GHz, such as the
applications considered in this contribution. The 60-GHz
band is attractive in terms of having a relatively high propa-
gation pathloss due to vapor attenuation and the phenomenon
of oxygen-absorption and hence it conveniently curtails
cochannel interferences [2]. Furthermore, there is sufficient
spectrum available for the 200-MHz bandwidth required by
our 155-Mb/s WATM system. However, at this extremely
high frequency, there is a paucity of high-quality oscillators,
since no standard systems operate in this frequency band
at the time of writing. Hence in this section, we consider
briefly the issue of phase noise.

The presence of phase noise is an important limiting factor
for an OFDM system’s performance [36], [37], [94] and
depends on the quality and the operating conditions of the
system’s radio-frequency hardware. In conventional mobile
radio systems around a carrier frequency of 2 GHz, the phase
noise constitutes typically no severe limitation, however, in
the 60-GHz carrier frequency, 225-MHz bandwidth WATM
system considered here, its effects were less negligible and
hence had to be investigated in more depth. Oscillator noise
stems from oscillator inaccuracies in both the transmitter and
receiver and manifests itself in the baseband as additional
phase and amplitude modulation of the received samples
[95]. The oscillator noise influence on the signal depends on
the noise characteristics of the oscillators in the system and
on the signal bandwidth. It is generally split in amplitude
noise and phase noise , and the influence of the
amplitude noise on the data samples is often neglected.
The time-domain functions and have Gaussian
histograms, and their time-domain correlation is determined
by their respective long-term power spectra through the
Wiener–Khintchine theorem.

If the amplitude noise is neglected, imperfect oscillators
are characterized by the long-term power spectral density
(PSD) of the oscillator output signal’s phase noise,
which is also referred to as the phase noise mask. The
variable represents the frequency distance from the
oscillator’s nominal carrier frequency in a bandpass model,

or, equivalently, the absolute frequency in the baseband. An
example of this phase noise mask for a practical oscillator
is given in Fig. 12(a). If the phase noise PSD of a
specific oscillator is known, then the variance of the phase
error for noise components in a frequency band
is the integral of the phase noise spectral density over this
frequency band as in [95]

(21)

where is the carrier power and the factor two represents the
double-sided spectrum of the phase noise. The phase noise
variance is also referred to as the integrated phase jitter,
which is depicted in Fig. 12(b).

The phase noise contribution of both the transmitter and
receiver can be viewed as an additional multiplicative effect
of the radio channel, like fast and slow fading. The perfor-
mance of the carrier recovery is affected by the phase noise,
which in turn degrades the performance of a coherently de-
tected scheme.

For OFDM schemes, multiplication of the received time-
domain signal with a time-varying channel transfer func-
tion is equivalent to convolving the frequency-domain spec-
trum of the OFDM signal with the frequency-domain channel
transfer function. Since the phase noise spectrum’s band-
width is wider than the subcarrier spacing, this results in
energy spillage into other subchannels and therefore in in-
tersubcarrier interference, an effect that will be quantified
below. Let us now consider the phase noise model employed
in our performance study.

1) Colored Phase Noise Model:The integral of (21)
characterizes the long-term statistical properties of the os-
cillator’s phase and frequency errors due to phase noise. In
order to create a time-domain function satisfying the standard
deviation , a white Gaussian noise spectrum was filtered
with the phase noise mask depicted in Fig. 12(a),
which was transformed into the time domain. A frequency
resolution of about 50 Hz was assumed in order to model the
shape of the phase noise mask at low frequencies, which led
to an FFT transform length of samples for
the frequency range of Fig. 12(a).
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Table 2
Two-Sided Phase Noise Mask Used for Simulations:
f —Frequency Distance from Carrier,N =C—Normalized
Phase Noise Density

The resulting time-domain phase noise channel data are
a stream of phase error samples, which were used to distort
the incoming signal at the receiver. The double-sided phase
noise mask used for the simulations is given in Table 2.

Between the points given in Table 2, a log-linear interpo-
lation is assumed, as shown in Fig. 12(a). As the commercial
oscillator’s phase noise mask used in our investigations was
not specified for frequencies beyond 1 MHz, two different
cases were considered for frequencies beyond 1 MHz: 1) a
phase noise floor at90 dB and 2) a law. Both of these
extended phase noise masks are shown in Fig. 12(a). The in-
tegrated phase jitter has been calculated using (21) for both
scenarios, and the value of the integral for different noise
bandwidths is depicted in Fig. 12(b).

For the investigated 155-Mbits/s WATM system’s
[76]–[79] double-sided bandwidth of 225 MHz, the integra-
tion of the phase noise masks results in phase jitter values
of rad and rad for the phase
noise mask with and without noise floor, respectively.

The simulated BER performance of a 512-subcarrier
OFDM system with a subcarrier distance kHz
over the two different phase noise channels is depicted in
Fig. 13 for coherently detected BPSK and QPSK. In addition
to the BER graphs corresponding to the colored phase noise
channels described above, graphs of the modems’ BER
performance over white phase noise channels with the
equivalent integrated phase jitter values was also plotted in
the figures. It can be observed that the BER performance for
both modulation schemes and for both phase noise masks
is very similar for the colored and the white phase noise
models.

The simulated BER results shown in Fig. 13 show virtu-
ally indistinguishable performance for the modems in both
the colored and the white phase noise channels, when using
BPSK. By contrast, a slight BER difference can be observed
for QPSK between the Type 1 and Type 2 phase noise
masks, where the corresponding white phase noise results in
a better performance than the colored noise. This difference
can be explained with the interference’s being caused by
fewer dominant interfering subcarriers compared to the
white phase noise scenario, resulting in a non-Gaussian
error histogram.

In summary, phase noise, like all time-varying channel
conditions experienced by the time-domain signal, results in
intersubcarrier interference in OFDM transmissions. If the
bandwidth of the phase noise is high compared to the OFDM
subcarrier spacing, then this interference is caused by a high
number of contributions from different subcarriers, resulting
in a Gaussian noise-like interference. In addition to this noise

inflicted upon the received symbols, the signal level in the
subcarriers drops by the amount of energy spread over the
adjacent subcarriers. The integral over the phase noise mask,
termed as phase jitter, is a measure of the signal-to-interfer-
ence ratio that can be expected in the received subcarriers, if
the phase noise has a wide bandwidth and is predominantly
white. For narrow-band phase noise, this estimation is pes-
simistic.

Following the above overview of the associated syn-
chronization issues, we will investigate two different
synchronization algorithms, both making use of a reference
symbol marking the beginning of a new time frame. This
limits the use of both algorithms to systems whose channel
access scheme is based on TDMA frames.

F. BER Performance with Frequency Synchronization

Here we refrain from characterizing the performance
of all the previously reviewed synchronization algorithms
and refer the interested reader to [1] for implementa-
tion-specific details. However, as a representative example,
Fig. 14(a) depicts the BER versus channel SNR for BPSK,
QPSK, and 16-QAM in an AWGN channel with a fre-
quency error of . The white symbols in the
graph portray the BER performance of an OFDM modem
employing no frequency synchronization. It can be seen
that the uncorrected frequency errors result in heavy in-
tersubcarrier interference, which manifests itself as a high
residual BER of about 5% for BPSK and QPSK and about
20% for 16-QAM. The lines in the graph characterize the
performance of the modem in the absence of frequency
errors. The black markers correspond to the BER recorded
with the frequency synchronization algorithm in operation.
It can be seen that the performance of the modem em-
ploying the frequency synchronization algorithm is nearly
indistinguishable from the perfectly synchronized case.
In Fig. 14(b), the modem’s BER curves for an AWGN
channel at a frequency error of 7.5 are depicted. Since
the synchronization algorithm’s accuracy does not vary
with varying frequency errors, the modem’s BER perfor-
mance employing the synchronization algorithm consid-
ered at is the same as at . The
BER for the nonsynchronized modem is, however, 50%
and the corresponding markers are off the graph.

The synchronized modem’s BER performance in
wide-band channels is characterized in Fig. 14(c) and (d).
The impulse response used was the WATM impulse response
of Fig. 3(a). Perfect knowledge of the CIR was assumed for
perfect phase and amplitude correction of the data symbols
with coherent detection. Again, the BER curves for both
the nonfading and the fading channels show a remarkable
correspondence between the ideal performance lines and the
performance of the synchronized modems. The modem’s
performance was unaffected by the estimation accuracy
of the time-domain reference symbol synchronization
algorithm in all the investigated environments.

In summary, the effects of frequency and timing errors
in OFDM transmissions have been characterized. While
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(a) (b)

Fig. 13. BER versus channel SNR for a 512-subcarrier OFDM modem in the presence of phase noise.
Type 1 represents the colored phase noise channel with the phase noise mask depicted in Fig. 12(a)
assuming a noise floor of 90 rad=Hz, while Type 2 is the channel without phase noise floor. The
curves designated “white” are the corresponding white phase noise results. The lines without markers
give the corresponding results in the absence of phase noise.

(a) (b)

(c) (d)

Fig. 14. BER versus channel SNR performance curves for the 512 subcarrier OFDM system in
the presence of fixed frequency errors. The lines indicate the performance for perfectly corrected
frequency error, and the white symbols show the performance for uncorrected frequency errors.
The black symbols indicate simulations based on frequency error estimation using the time-domain
correlation technique. The WATM CIR is shown in Fig. 3(a).

frequency errors result in frequency-domain intersubcarrier
interference, timing errors lead to time-domain inter-OFDM
symbol interference and to frequency-domain phase rota-
tions. In order to overcome the effects of moderate timing
errors, a cyclic postamble and the use of pilot-symbol
assisted modulation or differential detection were recom-
mended. Different frequency and timing error estimation
algorithms were reviewed and characterized. Let us now in

the next section consider the recent advances in the field of
sophisticated adaptive OFDM schemes.

VI. A DAPTIVE OFDM

A. Survey and Motivation

Steele and Webb [97] proposed adaptive modulation for
exploiting the time-variant Shannonian channel capacity of

626 IEEE PROCEEDINGS OF THE IEEE, VOL. 88, NO. 5, MAY 2000



Fig. 15. Instantaneous channel SNR for all 512 subcarriers versus
time, for an average channel SNR of 16 dB over the channel
characterized by the impulse response of Fig. 3.

fading narrow-band channels, which stimulated further re-
search by Sampeiet al. [98], Goldsmithet al. [99], Pearceet
al.[100], Lau and McLeod [101], and Torranceet al. [102],
[103]. The associated principles can also be invoked in the
context of parallel modems, as has been demonstrated by
Kalet [17], Czylwiket al. [104], and by Chowet al. [105].

Based on the philosophy of the above contributions,
below we summarize the ideas behind adaptive modulation.
We have seen in Section III that the bit-error probability
of different OFDM subcarriers transmitted in time-disper-
sive channels depends on the frequency-domain channel
transfer function. The occurrence of bit errors is normally
concentrated in a set of severely faded subcarriers, while
in the rest of the OFDM spectrum, often no bit errors are
observed. If the subcarriers that will exhibit high bit-error
probabilities in the OFDM symbol to be transmitted can
be identified and excluded from data transmission, the
overall BER can be improved in exchange for a slight loss
of system throughput. Since the frequency-domain fading
deteriorates the SNR of certain subcarriers, but improves
others’ above the average SNR value, the potential loss of
throughput due to the exclusion of faded subcarriers can be
mitigated by employing higher order modulation modes on
the subcarriers exhibiting high SNR values.

As a further conceptual augmentation of the above ideas,
let us consider the following example. The associated
channel SNR of an adaptive OFDM modem is shown in
a three-dimensional form in Fig. 15, which was generated
with the aid of the FFT of the Rayleigh-faded CIR of Fig. 3.
Observe that the instantaneous channel SNR is a function of
both time and frequency. An example of the associated time-
and frequency-dependent modulation scheme allocation
for an adaptive OFDM modem carrying 578 data bits per
OFDM symbol at an average channel SNR of 5 dB is given
in Fig. 16(a) for 100 consecutive OFDM symbols. The
unused subbands with indexes 15 and 16 contain the virtual

(a)

(b)

Fig. 16. An example of modem mode allocation for a 578- and
1458-bit fixed-throughput adaptive OFDM modem over fading
time-dispersive channels at 5-dB average channel SNR.

carriers, and therefore do not transmit any useful data. It
can be seen that the adaptation algorithm allocates data
to the better quality subcarriers on a symbol-by-symbol
basis, while keeping the total number of bits per OFDM
symbol constant. As a comparison, Fig. 16(b) shows the
equivalent overview of the modulation schemes employed
for the substantially higher—nearly tripled—fixed bit rate
of 1458 bits per OFDM symbol. It can be seen that in order
to achieve the throughput target, hardly any subbands are in
“no transmission” mode, and overall predominantly higher
order modulation schemes, such as QPSK and 16-QAM,
have to be employed.

In addition to excluding sets of faded subcarriers and
varying the modulation modes employed, other parameters
such as the coding rate of error correction coding schemes
can also be adapted at the transmitter according to the
perceived channel transfer function.

Adaptation of the transmission parameters may be based
on the transmitter’s perception of the channel conditions
in the forthcoming TDMA/time-division duplex (TDD)
duplex timeslot. Clearly, this estimation of future channel
parameters can only be obtained by extrapolation of previous
channel estimations, which are acquired upon detecting
each received OFDM symbol. The channel characteristics
therefore have to be varying sufficiently slowly compared to
the channel estimation interval.

Adapting the transmission technique to the channel
conditions on a timeslot-by-timeslot basis for serial modems
in narrow-band fading channels has been shown to consider-
ably improve the BER performance [106] for TDD systems
assuming duplex reciprocal channels. However, the Doppler
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fading rate of the narrow-band channel has a strong effect
on the achievable system performance. If the fading is rapid,
then the prediction of the channel conditions for the next
transmit timeslot is inaccurate, and therefore the wrong set
of transmission parameters may be chosen. If, however,
the channel varies slowly, then the data throughput of the
system is varying dramatically over time, and large data
buffers are required at the transmitters in order to smoothen
the bit rate fluctuation. For time-critical applications, such
as interactive speech transmission, the potential delays can
become problematic. A given single-carrier adaptive system
in narrow-band channels will therefore operate efficiently
only in a limited range of channel conditions.

Adaptive OFDM modems channels can ease the problem
of slowly time-varying channels, since the variation of the
signal quality can be exploited in both the time and the fre-
quency domain. The channel conditions still have to be mon-
itored based on the received OFDM symbols, and relatively
slowly varying channels have to be assumed, since we have
seen in Section III-C2 that OFDM transmissions are not well
suited to rapidly varying channel conditions.

B. Adaptive Techniques

Adaptive modulation is only suitable for duplex commu-
nication between two stations, since the transmission param-
eters have to be adapted using some form of two-way trans-
mission in order to allow channel measurements and sig-
naling to take place. These issues are studied below.

Transmission parameter adaptation is a response of the
transmitter to time-varying channel conditions. In order to
efficiently react to the changes in channel quality, the fol-
lowing steps have to be taken.

• Channel quality estimation:In order to appropriately
select the transmission parameters to be employed
for the next transmission, a reliable estimation of
the channel transfer function during the next active
transmit timeslot is necessary.

• Choice of the appropriate parameters for the next
transmission:Based on the prediction of the channel
conditions for the next timeslot, the transmitter has
to select the appropriate modulation modes for the
subcarriers.

• Signaling or blind detection of the employed param-
eters: The receiver has to be informed, as to which
demodulator parameters to employ for the received
packet. This information can either be conveyed within
the OFDM symbol itself, at the cost of a loss of
effective data throughput, or the receiver can attempt
to estimate the parameters employed by the remote
transmitter by means of blind detection mechanisms.
These issues will be made more explicit in the context
of Fig. 17.

1) Channel Quality Estimation:The transmitter requires
an estimate of the expected channel conditions for the time
instant, when the next OFDM symbol is to be transmitted.
Since this knowledge can only be gained by prediction from
past channel quality estimations, the adaptive system can

(a)

(b)

Fig. 17. Signaling scenarios in adaptive modems.

only operate efficiently in an environment exhibiting rela-
tively slowly varying channel conditions.

The channel quality estimation can be acquired from a
range of different sources. If the communication between the
two stations is bidirectional and the channel can be consid-
ered reciprocal, then each station can estimate the channel
quality on the basis of the received OFDM symbols and adapt
the parameters of the local transmitter to this estimation. We
may refer to such a regime asopen-loop adaptation, since
there is no feedback between the receiver of a given OFDM
symbol and the choice of the modulation parameters. An in-
door TDD system in the absence of interference is an ex-
ample of such a system, and hence a TDD regime is assumed
for generating the performance results below. Channel reci-
procity issues were addressed, for example, in [107], [108].

If the channel is not reciprocal, as far as the up- and
down-link are concerned, as in a frequency-division du-
plex (FDD) system, then the stations cannot determine
the parameters for the next OFDM symbol’s transmission
from the received symbols. In this case, the receiver has
to estimate the channel quality and explicitly signal this
perceived channel quality information to the transmitter in
the reverse link. Since in this case the receiver explicitly
instructs the remote transmitter as to which modem modes to
invoke, this regime is referred to asclosed-loop adaptation.
The adaptation algorithms can—with the aid of this tech-
nique—take into account effects such as interference as well
as nonreciprocal channels. If the communication between
the stations is essentially unidirectional, then a low-rate
signaling channel must be implemented from the receiver
to the transmitter. If such a channel exists, then the same
technique as for nonreciprocal channels can be employed.

Different techniques can be employed to estimate the
channel quality. For OFDM modems, the bit-error proba-
bility in each subcarrier is determined by the fluctuations
of the channel’s current frequency-domain channel transfer
function with the aid of the channel transfer function
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estimates provided by the pilot symbols, provided that no
interference is present. The estimate of the channel transfer
function can be acquired by means of pilot-tone based
channel estimation. More accurate measures of the channel
transfer function can be gained by means of decision-di-
rected or time-domain training sequence based techniques.
The estimate of the channel transfer function does not
take into account effects, such as cochannel or intersub-
carrier interference. Alternative channel quality measures
including interference effects can be devised on the basis of
the error correction decoder’s soft output information or by
means of decision-feedback local SNR estimations.

The delay between the channel quality estimation and the
actual transmission of the OFDM symbol in relation to the
maximal Doppler frequency of the channel is crucial to the
adaptive system’s performance. If the channel estimate is
obsolete at the time of transmission, then poor system per-
formance will result. For a closed-loop adaptive system, the
delays between channel estimation and transmission of the
packet are generally longer than for an open-loop adaptive
system, and therefore the Doppler frequency of the channel is
a more critical parameter for the system’s performance than
in open-loop adaptive systems.

2) Parameter Adaptation:Different transmission param-
eters—such as the modulation and coding modes—can be
adapted to the anticipated channel conditions. Adapting the
number of modulation levels in response to the anticipated
local SNR encountered in each subcarrier can be employed,
in order to achieve a wide range of different tradeoffs be-
tween the received data integrity and throughput. Corrupted
subcarriers can be excluded from data transmission and left
blank or used, for example, for Crest-factor reduction. A
range of different algorithms for selecting the appropriate
modulation modes have been proposed in the literature [109],
[110].

The adaptive channel coding parameters include code rate,
adaptive interleaving and puncturing for convolutional and
turbo codes, or varying block lengths for block codes [1].
These techniques can be combined with adaptive modulation
mode selection.

Based on the estimated frequency-domain channel
transfer function, spectral preequalization at the transmitter
of one or both communicating stations can be invoked, in
order to partially or fully counteract the frequency-selective
fading of the time-dispersive channel. Unlike frequency-do-
main equalization at the receiver—which corrects for the
amplitude and phase errors inflicted upon the subcarriers by
the channel—spectral preequalization at the OFDM trans-
mitter can deliver near-constant signal-to-noise levels for all
subcarriers. Hence the above concept can be interpreted as
power control on a subcarrier-by-subcarrier basis.

In addition to improving the system’s BER performance
in time-dispersive channels, spectral preequalization can be
employed in order to perform all channel estimation and
equalization functions at only one of the two communicating
duplex stations. Low-cost, low-power consumption mobile
stations can communicate with a base station that performs
the channel estimation and frequency-domain equalization

of the up-link, and uses the estimated channel transfer func-
tion for preequalizing the down-link OFDM symbol. This
setup would lead to different overall channel quality on the
up-link and down-link, and the superior down-link channel
quality could be exploited by using a computationally less
complex channel decoder having weaker error correction
capabilities in the mobile station than in the base station.

If the channel’s frequency-domain transfer function is to
be fully counteracted by the spectral preequalization upon
adapting the subcarrier power to the inverse of the channel
transfer function, then the output power of the transmitter
can become excessive, if heavily faded subcarriers are
present in the system’s frequency range. In order to limit
the transmitter’s maximal output power, hybrid channel
preequalization and adaptive modulation schemes can be de-
vised, which would deactivate transmission in deeply faded
subchannels, while retaining the benefits of preequalization
in the remaining subcarriers.

3) Signaling the Parameters:Signaling plays an impor-
tant role in adaptive systems, and the range of signaling
options is summarized in Fig. 17 for both open-loop and
closed-loop signaling, as well as for blind detection. If
the channel quality estimation and parameter adaptation
have been performed at the transmitter of a particular link,
based on open-loop adaptation, then the resulting set of
parameters has to be communicated to the receiver in order
to successfully demodulate and decode the OFDM symbol.
If the receiver itself determines the requested parameter
set to be used by the remote transmitter—the closed-loop
scenario—then the same amount of information has to be
transported to the remote transmitter in the reverse link. If
this signaling information is corrupted, then the receiver
is generally unable to correctly decode the OFDM symbol
corresponding to the incorrect signaling information.

Unlike adaptive serial systems, which employ the same
set of parameters for all data symbols in a transmission
packet [102], [103], adaptive OFDM systems have to react
to the frequency-selective nature of the channel, by adapting
the modem parameters across the subcarriers. The resulting
signaling overhead could become significantly higher than
that for serial modems, and can be prohibitive, for example,
for subcarrier-by-subcarrier modulation mode adaptation.
In order to overcome these limitations, efficient and reliable
signaling techniques have to be employed for practical
implementation of adaptive OFDM modems.

If some flexibility in choosing the transmission parame-
ters is sacrificed in an adaptation scheme, like in the subband
adaptive OFDM schemes described below [110], [109],
then the amount of signaling can be reduced. Alternatively,
blind parameter detection schemes can be devised, which
require little or no signaling information, respectively. A
simple blind modulation scheme detection algorithms will
be highlighted in Section VI-D2 [110], [109].

The effects of transmission parameter adaptation for
OFDM systems on the overall communication system have
to be appraised in at least the following areas: data buffering
and latency due to varying data throughput [102], the effects
of cochannel interference and bandwidth efficiency [103].
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C. Choice of the Modulation Modes

In [110] and [109], the two communicating stations use
the open-loop predicted channel transfer function acquired
from the most recent received OFDM symbol, in order to
allocate the appropriate modulation modes to the subcarriers.
The modulation modes were chosen from the set of BPSK,
QPSK, 16-QAM, as well as “No Transmission,” for which no
signal was transmitted. These modulation modes are denoted
by , where is the number of data bits
associated with one data symbol of each mode.

In order to keep the system complexity low, the modula-
tion mode was not varied on a subcarrier-by-subcarrier basis,
but instead the total OFDM bandwidth of 512 subcarriers was
split into blocks of adjacent subcarriers, referred to as sub-
bands, and the same modulation scheme was employed for
all subcarriers of the same subband. This substantially sim-
plified the task of signaling the modem mode and rendered
the employment of alternative blind detection mechanisms
feasible, which will be discussed in Section VI-D.

Three subband modulation mode allocation algo-
rithms were investigated in the literature [109], [110]: a
fixed-threshold controlled algorithm, an upper bound BER
estimator and a fixed-throughput adaptation algorithm.

1) Fixed-Threshold Adaptation Algorithm:The
fixed-threshold algorithm was derived from the adapta-
tion algorithm proposed by Torrance for serial modems
[111]. In the case of a serial modem, the channel quality
was assumed to be constant for all symbols in the timeslot,
and hence the channel had to be slowly varying, in order
to allow accurate channel quality prediction. Under these
circumstances, all data symbols in the transmit time slot em-
ployed the same modulation mode, chosen according to the
predicted SNR. The SNR thresholds for a given long-term
target BER were determined by Powell optimization [111].
Torrance assumed two uncoded target BER’s: 1% for a
high-data-rate “speech” system, and 10for a higher
integrity, lower data-rate “data” system. The resulting SNR
thresholds invoked for activating a given modulation
mode in a slowly Rayleigh fading narrow-band channel
for both systems are given in Table 3. Specifically, the mod-
ulation mode is selected if the instantaneous channel
SNR exceeds the switching level.

This adaptation algorithm originally assumed a constant
instantaneous SNR over all of the transmission burst’s sym-
bols, but in the case of an OFDM system in a frequency-se-
lective channel the channel quality varies across the different
subcarriers. For subband adaptive OFDM transmission, this
implies that if the subband width is wider than the channel’s
coherence bandwidth [1], then the original switching algo-
rithm cannot be employed. In the performance evaluations,
the lowest quality subcarrier in the subband was employed
for the adaptation algorithm based on the thresholds given in
Table 3. The performance of the 16-subband adaptive system
over the WATM Rayleigh fading channel of Fig. 3 is shown
in Fig. 18.

Adjacent or consecutive timeslots have been used for the
up-link and down-link slots in these simulations, so that

Table 3
Optimized Switching Levels for Adaptive Modulation over
Rayleigh Fading Channels for the “Speech” and “Data” System,
Shown in Instantaneous Channel SNR dB (from [111])

Fig. 18. BER and bit per symbol (BPS) throughput performance
of the 16-subband 512-subcarrier switching level adaptive OFDM
modem employing BPSK, QPSK, 16-QAM and “no transmission”
over the Rayleigh fading time dispersive channel of Fig. 3 using the
switching thresholds of Table 3.

the delay between channel estimation and transmission was
rendered as short as possible. Fig. 18 shows the long-term
average BER and throughput of the studied modem for the
“speech” and “data” switching levels of Table 3 as well as
for a subcarrier-by-subcarrier adaptive modem employing
the “data” switching levels. The results show the typical
behavior of a variable-throughput adaptive OFDM system,
which constitutes a tradeoff between the best BER and best
throughput performance. For low SNR values, the system
achieves a low BER by transmitting very few bits and
only when the channel conditions allow. With increasing
long-term SNR, the throughput increases, without signif-
icant change in the BER. For high SNR values, the BER
drops as the throughput approaches its maximum of 4
bits per symbol, since the highest order constellation was
16-QAM.

It can be seen from the figure that the adaptive system per-
forms better than its target BER’s of 10and 10 for the
“speech” and “data” system, respectively, resulting in mea-
sured BER’s lower than the targets. This can be explained
by the adaptation regime, which was based on the conserva-
tive principle of using the lowest quality subcarrier in each
subband for channel quality estimation, leading to a pes-
simistic channel quality estimate for the entire subband. For
low values of SNR, the throughput in bits per data symbol is
low and exceeds the fixed BPSK throughput of 1 bit/symbol
only for SNR values in excess of 9.5 and 14 dB for the
“speech” and “data” systems, respectively.
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Fig. 19. Histograms of modulation modes versus channel SNR for the “data” switching level adaptive
512-subcarrier 16-subband OFDM modem over the Rayleigh-fading time-dispersive channel of Fig. 3
using the switching thresholds of Table 3.

The upper bound performance of the system with subcar-
rier-by-subcarrier adaptation is also portrayed in the figure,
shown as 512 independent subbands, for the “data” opti-
mized set of threshold values. It can be seen that in this case,
the target BER of 10 is closely met over a wide range of
SNR values from about 2 to 20 dB, and that the throughput
is considerably higher than in the case of the 16-subband
modem. This is the result of more accurate subcarrier-by-
subcarrier channel quality estimation and fine-grained adap-
tation, leading to better exploitation of the available channel
capacity.

Fig. 19 shows the long-term modulation mode histograms
for a range of channel SNR values for the “data” switching
levels in both the 16-subband and the subcarrier-by-subcar-
rier adaptive modems using the switching thresholds of Table
3. Comparison of the graphs shows that higher order modu-
lation modes are used more frequently by the subcarrier-by-
subcarrier adaptation algorithm, which is in accordance with
the overall throughput performance of the two modems in
Fig. 18.

The throughput penalty of employing subband adaptation
depends on the frequency-domain variation of the channel
transfer function. If the subband bandwidth is lower than
the channel’s coherence bandwidth, then the assumption of
constant channel quality per subband is closely met, and the
system performance is equivalent to that of a subcarrier-by-
subcarrier adaptive scheme.

2) Subband BER Estimator Adaptation Algorithm:We
have seen above that the fixed switching level based algo-
rithm leads to a throughput performance penalty, if used in a
subband adaptive OFDM modem, when the channel quality
is not constant throughout each subband. This is due to the
conservative adaptation based on the subcarrier experiencing
the most hostile channel in each subband.

An alternative scheme taking into account the non-
constant SNR values across the subcarriers in the
th subband can be devised by calculating the expected

overall bit-error probability for all available modula-

Fig. 20. BER and BPS throughput performance of the
16-subband 512-subcarrierBER estimator adaptive OFDM
modem employing BPSK, QPSK, 16-QAM and “no transmission”
over the Rayleigh-fading time-dispersive channel of Fig. 3.

tion modes in each subband, which is denoted by
. For each subband, the

mode having the highest throughput, whose estimated BER
is lower than a given threshold, is then chosen. While
the adaptation granularity is still limited to the subband
width, the channel quality estimation includes not only
the most corrupted subcarrier, which leads to an improved
throughput.

Fig. 20 shows the BER and throughput performance for
the 16-subband adaptive OFDM modem employing the BER
estimator adaptation algorithm in the Rayleigh-fading time-
dispersive channel of Fig. 3. The two sets of curves in the
figure correspond to target BER’s of 10 and 10 , re-
spectively. Comparing the modem’s performance for a target
BER of 10 with that of the “speech” modem in Fig. 18, it
can be seen that the BER estimator algorithm results in sig-
nificantly higher throughput, while meeting the BER require-
ments. The BER estimator algorithm is readily adjustable to
different target BER’s, which is demonstrated in the figure
for a target BER of 10 . Such adjustability is beneficial
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when combining adaptive modulation with channel coding,
as will be discussed in Section VI-E.

D. Signaling and Blind Detection

The adaptive OFDM receiver has to be informed of the
modulation modes used for the different subbands. This in-
formation can either be conveyed using signaling subcarriers
in the OFDM symbol itself, or the receiver can employ blind
detection techniques in order to estimate the transmitted sym-
bols’ modulation modes, as seen in Fig. 17 [109], [110].

1) Signaling: The simplest way of signaling the modu-
lation mode employed in a subband is to replace one data
symbol by an PSK symbol, where is the number
of possible modulation modes. In this case, reception of
each of the constellation points directly signals a particular
modulation mode in the current subband. For four modu-
lation modes—and assuming perfect phase recovery—the
probability of a signaling error , when employing one
signaling symbol, is the symbol error probability of QPSK.
Then the correct subband mode signaling probability is

(22)

where is the bit-error probability for QPSK

erfc (23)

which leads to the expression for the modulation mode sig-
naling error probability of

erfc (24)

The modem mode signaling error probability can be
reduced by employing multiple signaling symbols and max-
imum ratio combining of the received signaling symbols

, in order to generate the decision variableprior to
decision

(25)

where is the number of signaling symbols per subband,
the quantities are the received symbols in the signaling
subcarriers and represents the estimated values of the
frequency-domain channel transfer function at the signaling
subcarriers. Assuming perfect channel estimation and con-
stant values of the channel transfer function across the group
of signaling subcarriers, the signaling error probability for

signaling symbols can be expressed as

erfc (26)

Fig. 21 shows the signaling error rate in an AWGN
channel for one, two, four, and eight signaling symbols
per subband, respectively. It can be seen that doubling the
number of signaling subcarriers improves the performance
by 3 dB. Modem mode detection error ratios (DER’s)
below 10 can be achieved at 10-dB SNR over AWGN
channels if two signaling symbols are used. The signaling
symbols for a given subband can be interleaved across the

Fig. 21. Modulation mode DER if signaling with maximum ratio
combining is employed for QPSK symbols in an AWGN channel for
one, two, four, and eight signaling symbols per subband, evaluated
from (26).

entire OFDM symbol bandwidth, in order to benefit from
frequency diversity in fading wide-band channels.

As seen in Fig. 17, blind detection algorithms aim to
estimate the employed modulation mode directly from the
received data symbols, therefore avoiding the loss of data
capacity due to signaling subcarriers. Two algorithms have
been proposed in the literature [109], [110], one based
on SNR estimation and another one incorporating error
correction coding. Let us briefly highlight the conceptually
more simple one in the next section.

2) Blind Detection by SNR Estimation:The receiver has
noa priori knowledge of the modulation mode employed in a
particular received subband and estimates this parameter by
quantising the defaded received data symbols in the
subband to the closest symbol for all possible modu-
lation modes for each subcarrier index in the current
subband. The decision-directed error energybetween the
ideal constellation phasor positions and the received phasors
is calculated for each modulation mode according to

(27)

and then the modulation mode , which minimizes , is
chosen for the demodulation of the subband.

The DER of the blind modulation mode detection algo-
rithm described in this section for a 512-subcarrier OFDM
modem in an AWGN channel is depicted in Fig. 22. It can be
seen that the detection performance depends on the number
of symbols per subband, with fewer subbands and therefore
longer symbol sequences per subband leading to a better de-
tection performance. It is apparent, however, that the number
of available modulation modes has a more significant effect
on the detection reliability than the block length. If all four le-
gitimate modem modes are employed, then reliable detection
of the modulation mode is only guaranteed for AWGN SNR
values of more than 15–18 dB, depending on the number of
subbands per OFDM symbol. If only and are em-
ployed, however, the estimation accuracy is dramatically im-
proved. In this case, AWGN SNR values above 5–7 dB are
sufficient to ensure reliable detection.
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Fig. 22. Blind modulation mode DER for 512-subcarrier OFDM
systems employing(M ; M ) as well as for(M ; M ; M ; M )
for different numbers of subbands in an AWGN channel.

Fig. 23 shows the BER performance of the fixed-threshold
“data”-type 16-subband adaptive system in the fading
wide-band channel of Fig. 3 for both sets of modulation
modes, namely, for and
with blind modulation mode detection. Erroneous mod-
ulation mode decisions were assumed to yield a BER of
50% in the received block. This is optimistic, since in a
realistic scenario the receiver would have no knowledge of
the number of bits actually transmitted, leading to loss of
synchronization in the data stream. This problem is faced by
all systems having a variable throughput and not employing
an ideal reliable signaling channel. This impediment must
be mitigated by data synchronization measures.

It can be seen from Fig. 23 that while blind modu-
lation mode detection yields poor performance for the
quadruple-mode adaptive scheme, the twin-mode scheme
exhibits BER results consistently better than 10.

E. Subband Adaptive OFDM and Channel Coding

Adaptive modulation can reduce the BER to a level where
channel decoders can perform well. Fig. 24 shows both the
uncoded and coded BER performance of a 512-subcarrier
OFDM modem in the fading wide-band channel of Fig. 3, as-
suming perfect channel estimation. The channel coding em-
ployed in this set of experiments was a turbo coder [112] with
a data block length of 1000 bits, employing a random inter-
leaver and eight decoder iterations. The log-MAP decoding
algorithm was used [113]. The constituent half-rate convolu-
tional encoders were of constraint length three, with octally
represented generator polynomials of (7, 5) [1]. It can be seen
that the turbo decoder provides a considerable coding gain
for the different fixed modulation schemes, with a BER of
10 for SNR values of 13.8, 17.3, and 23.2 dB for BPSK,
QPSK, and 16-QAM transmission, respectively.

Fig. 25 depicts the BER and throughput performance
of the same decoder employed in conjunction with the
adaptive OFDM modem for different adaptation algo-
rithms. Fig. 25(a) shows the performance for the “speech”
system employing the switching levels listed in Table
3. As expected, the half-rate channel coding results in a

halved throughput compared to the uncoded case but offers
low-BER transmission over the channel of Fig. 3 for SNR
values down to 0 dB, maintaining a BER below 10.

Further tuning of the adaptation parameters can ensure
a better average throughput while retaining error-free data
transmission. The switching-level-based adaptation algo-
rithm of Table 3 is difficult to control for arbitrary BER’s,
since the set of switching levels was determined by an
optimization process for uncoded transmission. Since the
turbo-codec has a nonlinear BER versus SNR characteristic,
direct switching-level optimization is an arduous task.
The subband BER predictor of Section VI-C2 is easier to
adapt to a channel codec, and Fig. 25(b) shows the perfor-
mance for the same decoder, with the adaptation algorithm
employing the BER-prediction method having an upper
BER bound of 1%. It can be seen that the less stringent
uncoded BER constraints when compared to Fig. 25(a) lead
to a significantly higher throughput for low SNR values.
The turbo-decoded data bits are error-free; hence a further
increase in throughput is possible while maintaining a high
degree of coded data integrity.

The second set of curves in Fig. 25(b) show the system’s
performance if an uncoded target BER of 10% is assumed.
In this case, the turbo decoder’s output BER is below 10
for all the SNR values plotted and shows a slow decrease
for increasing values of SNR. The throughput of the system,
however, exceeds 0.5 data bits per symbol for SNR values
of more than 2 dB. In closing, we note that it is an attractive
adaptive OFDM property that the adaptive modulation mode
selection results in less bursty error statistics than fixed mod-
ulation, which improves the achievable performance of the
channel codec.

VII. PREEQUALIZATION

We have seen above how the receiver’s estimate of the
channel transfer function can be employed by the transmitter
in order to dramatically improve the performance of an
OFDM system by adapting the subcarrier modulation modes
to the channel conditions. For subchannels exhibiting a low
signal-to-noise ratio, robust modulation modes are used,
while for subcarriers having a high SNR, high-throughput
multilevel modulation modes can be employed. An alterna-
tive approach to combating the frequency-selective channel
behavior was proposed in [114], applying preequalization
to the OFDM symbol prior to transmission on the basis of
the anticipated channel transfer function. We will highlight
a range of related topics in this section.

A. Motivation

As discussed above, the received data symbolof sub-
carrier over a slowly time-varying time-dispersive channel
can be characterized by

(28)

where
transmitted data symbol;
channel transfer function of subcarrier;
noise sample.
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(a) (b)

Fig. 23. BER and BPS throughput performance of a 16-subband 512-subcarrier adaptive OFDM
modem employing (a) No Transmission (M ) and BPSK (M ) or (b) (M ; M ; M ; M ), both
using the data-type switching levels of Table 3 and the SNR-based blind modulation mode detection
of Section VI-D2 over the Rayleigh-fading time-dispersive channel of Fig. 3.

Fig. 24. BER performance of the 512-subcarrier OFDM modem
in the fading time-dispersive channel of Fig. 3 for both uncoded and
half-rate turbo-coded transmission, using eight-iteration log-MAP
turbo decoding, 1000-bit random interleaver, and constraint length
of three.

The pilot-based frequency-domain equalization at the
receiver—which is necessary for nondifferential detection
of the data symbols—corrects the phase and amplitude of
the received data symbols using the estimate of the channel
transfer function as follows:

(29)

If the estimate is accurate, this operation defades the con-
stellation points before decision. However, upon defading,
the noise sample is amplified by the same amount as the
signal, therefore failing to improve the SNR of the received
sample.

Preequalization for the OFDM modem operates by scaling
the data symbol of subcarrier, , by a preequalization
function , computed from the inverse of the anticipated
channel transfer function, prior to transmission. At the re-
ceiver, no equalization is performed; hence the received sym-
bols can be expressed as

(30)

Since no equalization is performed, there is no noise ampli-
fication at the receiver. Similarly to the adaptive modulation

techniques illustrated above, preequalization is only appli-
cable to a duplex link, since the transmitted signal is adapted
to the specific channel conditions perceived by the receiver.
As for other adaptive schemes, the transmitter needs an esti-
mate of the current frequency-domain channel transfer func-
tion, which can be obtained from the received signal in the
reverse link, as seen in Fig. 17.

B. Preequalization with Subband Blocking

Direct channel inversion at the transmitter is not practical,
as the output power fluctuations are prohibitive; excluding
those subcarriers that are faded too low can be used to limit
the necessary transmit power. Analogously to the adaptive
modulation schemes above, the transmitter decides for all
subcarriers in each subband whether to transmit data or not.
If preequalization is possible under the power constraints,
then the subcarriers are modulated with the preequalized data
symbols. The information on whether a subband is used for
transmission or not is signaled to the receiver.

Since no attempt is made to transmit in the subbands that
cannot be preequalized, the power not employed in the blank
subcarriers can be used for “boosting” the data-bearing
subbands. This scheme allows for a more flexible preequal-
ization algorithm than the fixed-threshold-based method
described above, which is summarized as follows.

• Calculate the necessary transmit powerfor each sub-
band , assuming perfect preequalization.

• Sort subbands according to their required transmit
power .

• Select subband with the lowest power , and add
to the total transmit power. Repeat this procedure

with the next lowest power, until no further subbands
can be added without the total power exceeding
the power limit .

Fig. 26 depicts the 16-QAM BER performance over the
WATM channel of Fig. 3. Three different blocking thresh-
olds, namely, 0, 6 and 12 dB, were used, where subbands
requiring more power than the allowable maximum were
blocked from transmission. The BER floor stems from the
channel variability, due to the time delay between channel
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(a) (b)

Fig. 25. BER and BPS throughput performance of 16-subband 512-subcarrier adaptive turbo-coded
and uncoded OFDM modem employing(M ; M ; M ; M ) for (a) speech-type switching levels of
Table 3 and (b) a maximal estimated subband BER of 1% and 10% over the channel of Fig. 3. The
turbo-coded transmission over the speech system and the 1% maximal BER system are error free for
all examined SNR values, and therefore the corresponding BER curves are omitted from the graphs.

Fig. 26. BER performance of the 512-subcarrier 16-QAM OFDM
modem over the fading WATM channel of Fig. 3 employing
16-subband preequalization with blocking and a delay of one
timeslot between the instants of perfect channel estimation and
reception.

estimation and transmission. The average throughput figures
for the 6- and 12-dB symbol power limits are 3.54 and 3.92
bits per data symbol, respectively. It can be noted that the
BER floor is lower for dB than for dB. This is
because the effects of the channel variation due to the delay
between the instants of channel estimation and reception in
the faded subcarriers on the equalization function are much
more dramatic for low-quality subbands requiring more
“power boosting” than in the higher quality subcarriers.
The lower the total symbol power limit, the fewer the
number of low-quality subcarriers used for transmission.
Although not explicitly shown in the figure, we note that
for both and dB, the BER performance of the
blocking modem is better than that of a modem employing
full channel inversion, provided that one timeslot delay is
assumed. Again, the reason for this is the exclusion of the

deeply faded corrupted subcarriers. If the OFDM symbol
power is limited to 0 dB, then the BER floor drops to
1.5 10 at the expense of the throughput, which attains
2.5 BPS.

Fig. 26 depicts the mean OFDM symbol power histogram
for this scenario. It can be seen that—as expected—the 6-dB-
limited scheme has a more compact symbol power pdf, which
is associated with less dramatic power fluctuation.

C. Adaptive Modulation with Spectral Preequalization

The preequalization algorithm discussed above inverts the
channel’s anticipated transfer function in order to transform
the resulting channel into a Gaussian-like nonfading channel,
whose SNR is dependent only on the path loss. Subband
blocking has been introduced above, in order to limit the
transmitter’s output power, while maintaining the near-con-
stant SNR across the used subcarriers. The preequalization
algorithms discussed above do not cancel out the channel’s
path loss but rely on the receiver’s gain control algorithm to
automatically account for the channel’s average path loss.

We have seen in Section VI on adaptive modulation al-
gorithms that maintaining Gaussian channel characteristics
is not the most efficient way of exploiting the channel’s
time-variant capacity. If maintaining a constant data
throughput is not required by the rest of the communications
system, then a fixed BER scheme in conjunction with error
correction coding can assist in maximizing the system’s
throughput. The results presented for the target-BER adap-
tive modulation scheme in Fig. 25(b) showed that for the
particular turbo-coding scheme used an uncoded BER of 1%
resulted in error-free channel coded data transmission, and
that for an uncoded target BER of 10%, the turbo-decoded
data BER was below 10 . We have seen that it was impos-
sible to exactly reach the anticipated uncoded target BER
with the adaptive modulation algorithm, since the adaptation
algorithm operated in discrete steps between modulation
modes.
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Table 4
Required Target SNR Levels for 1% and 10% Target BER for the
Different Modulation Schemes over an AWGN Channel

Combining the target-BER adaptive modulation scheme
and spectral preequalization allows the transmitter to react
to the channel’s time- and frequency-variant nature, in order
to fine-tune the behavior of the adaptive modem in fading
channels. It also allows the transmitter to invest the energy
that is not used in “no transmission” subbands into the other
subbands without affecting the equalization at the receiver.

The combined algorithm for adaptive modulation with
spectral preequalization described here does not intend to
invert the channel’s transfer function across the OFDM
symbol’s range of subcarriers; it is therefore not a pure
preequalization algorithm. Instead, the aim is to transmit a
subband’s data symbols at a power level that ensures a given
target SNR at the receiver, that is constant for all subcarriers
in the subband, which in turn results in the required BER.
Clearly, the receiver has to anticipate the different relative
power levels for the different modulation modes, so that
error-free demodulation of the multilevel modulation modes
employed can be ensured.

The joint adaptation algorithm requires the estimates of the
noise floor level at the receiver as well as the channel transfer
function, which includes the path loss. On the basis of these
values, the necessary amplitude of required to transmit a
data symbol over the subcarrierfor a given subcarrier SNR
of can be calculated as follows:

(31)

where is the noise floor at the receiver. The phase of
is used for the preequalization, and hence

(32)

The target SNR of subcarrier, , is dependent on the
modulation mode that is signaled over the subcarrier and
determines the system’s target BER. We have identified
three sets of target SNR values for the modulation modes,
with uncoded target BER values of 1% and 10% for use
in conjunction with channel coders, as well as 10for
transmission without channel coding. Table 4 gives an
overview of these levels, which have been read from the
BER performance curves of the different modulation modes
in a Gaussian channel.

Fig. 27 shows the performance of the joint preequalization
and adaptive modulation algorithm over the fading time-dis-
persive WATM channel of Fig. 3 for the set of different target
BER values of Table 4, as well as the comparison curves

Fig. 27. OFDM symbol power histogram for 512-subcarrier
16-subband preequalization with blocking over the WATM channel
of Fig. 3 using 16-QAM. The corresponding BER curves are given
in Fig. 26.

Fig. 28. BER performance and BPS throughput of the
512-subcarrier 16-subband adaptive OFDM modem with spectral
preequalization over the Rayleigh-fading time-dispersive WATM
channel of Fig. 3, and that of the perfectly equalized 16-QAM
modem. The half-tone BER curve gives the performance of the
adaptive modem for a target BER of 10 with no delay between
channel estimation and transmission, while the other results assume
one timeslot delay between up-link and down-link.

of the perfectly equalized 16-QAM modem under the same
channel conditions. It can be seen that the BER achieved by
the system is close to the BER targets. Specifically, for a
target BER of 10%, no perceptible deviation from the target
has been recorded, while for the lower BER targets the devi-
ations increase for higher channel SNR’s. For a target BER
of 1%, the highest measured deviation is at the SNR of 40
dB, where the recorded BER is 1.36%. For the target BER
of 10 , the BER deviation is small at 0 dB SNR, but at an
SNR of 40 dB, the experimental BER is 2.210 . This in-
crease of the BER with increasing SNR is due to the rapid
channel variations in the deeply faded subcarriers, which are
increasingly used at higher SNR values. The half-tone curve
in the figure denotes the system’s performance, if no delay is
present between the channel estimation and the transmission.
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(a) (b)

Fig. 29. BPS throughput versus average channel SNR for nonadaptive and adaptive modulation as
well as for preequalized adaptive techniques, for a data BER of 10. Note that for the coded schemes
the achieved BER values are lower than 10. (a) fixed-throughput systems: coded (C-) and uncoded
BPSK, QPSK, 16-QAM, and fixed-throughput (FT) adaptive modulation. (b) Variable-throughput
systems: coded (C-) and uncoded switching level adaptive (SL), target-BER adaptive (BER) and
preequalized adaptive (PE) systems. Note that the separately plotted variable-throughput graph also
shows the lightly shaded benchmark curves of the complementary fixed-rate schemes and vice versa.

In this case, the simulated BER shows only very little devi-
ation from the target BER value. This is consistent with the
behavior of the full channel inversion preequalizing modem.

VIII. SUMMARY AND DISCUSSIONS

We commenced with a historical perspective on OFDM
transmissions with reference to the literature of the past 30
years. The advantages and disadvantages of various OFDM
techniques were considered briefly, and the expected perfor-
mance was characterized for the sake of illustration in the
context of WATM systems. Our discussions deepened as we
approached the subject of adaptive subcarrier modem mode
allocation and channel coding. Here we would like close with
a brief discussion comparing the various coded and uncoded,
fixed, and adaptive OFDM modems and identify future re-
search issues.

Specifically, Fig. 29 compares the different adaptive
modulation schemes discussed. The comparison graph
is split into two sets of curves, depicting the achievable
data throughput for a data BER of 10 highlighted for
the fixed-throughput systems in Fig. 29(a), and for the
time-variant-throughput systems in Fig. 29(b).

The fixed-throughput systems—highlighted in black in
Fig. 29(a)—comprise the nonadaptive BPSK, QPSK, and
16-QAM modems, as well as the fixed-throughput adaptive
scheme, for both coded and uncoded applications. The non-
adaptive modems’ performance is marked on the graph as
diamonds, and it can be seen that the uncoded fixed schemes
require the highest channel SNR of all reviewed transmission
methods to achieve a data BER of 10. Channel coding em-
ploying the turbo-coding schemes considered dramatically
improved the SNR requirements, at the expense of half the
data throughput. The uncoded FT adaptive scheme, marked
by the filled triangles, yielded consistently worse data
throughput than the coded (C-) fixed modulation schemes
C-BPSK, C-QPSK, and C-16-QAM, with its throughput

being about half the coded fixed scheme’s at the same SNR
values. The coded FT-adaptive (C-FT) system, however,
delivered a fairly similar throughput to the C-BPSK and
C-QPSK transmissions, and were capable of delivering a
BER of 10 for SNR values down to about 9 dB.

The variable-throughput schemes, highlighted in
Fig. 29(b), outperformed the comparable fixed-throughput
algorithms [110]. For high SNR values, all uncoded
schemes’ performance curves converged to a throughput of
4 bits/symbol, which was equivalent to 16-QAM transmis-
sion. The coded schemes reached a maximal throughput of
2 BPS. Of the uncoded schemes, the “data” switching-level
(SL) and target-BER adaptive modems delivered a similar
BPS performance, with the target-BER scheme exhibiting
slightly better throughput than the SL adaptive modem. The
adaptive modem employing preequalization (PE) signifi-
cantly outperformed the other uncoded adaptive schemes
and offered a throughput of 0.18 BPS at an SNR of 0 dB,
although its crest-factor PDF is slightly less attractive.

The coded transmission schemes suffered from limited
throughput at high SNR values, since the half-rate channel
coding limited the data throughput to 2 BPS. For low
SNR values, however, the coded schemes offered better
performance than the uncoded schemes, with the exception
of the “speech” SL-adaptive coded scheme, which was
outperformed by the uncoded PE-adaptive modem. The
poor performance of the coded SL-scheme can be explained
by the lower uncoded target BER of the “speech” scenario,
which was 1%, in contrast to the 10% uncoded target BER
for the coded BER- and PE-adaptive schemes. The coded
PE-adaptive modem outperformed the target-BER adaptive
scheme, thanks to its more accurate control of the uncoded
BER, leading to a higher throughput for low SNR values.

It is interesting to observe that for the given set of four
modulation modes, the uncoded PE-adaptive scheme was
close in performance to the coded adaptive schemes; and
that for SNR values of more than 14 dB, it outperformed all
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other studied schemes. It is clear, however, that the coded
schemes would benefit from higher order modulation modes
or higher rate channel codecs at high SNR, which would
allow these modems to increase the data throughput further
when the channel conditions allow.

Based on these findings, adaptive-rate channel coding is an
interesting area for future research in conjunction with adap-
tive OFDM, adaptive beam-stearing, and interference can-
cellation. Provided that these OFDM enhancements reach a
similar state of maturity to the OFDM components used in
the current standard digital audio and video broadcasting,
WATM, ADSL, and power-line communications proposals,
OFDM is likely to find a range of further attractive applica-
tions in wireless and wireline communications both for busi-
nesses and in the home.
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