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Channels—Part I:
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Abstract—This paper describes the performance of OFDM/FM
modulation for digital communication over Rayleigh-fading mo-
bile radio channels. The use of orthogonal frequency division
multiplexing (OFDM) over mobile radio channels was proposed
by Cimini [1]. OFDM transmits blocks of bits in parallel and
reduces the bit error rate (BER) by averaging the effects of fading
over the bits in the block. OFDM/FM is a modulation technique
in which the OFDM baseband signal is used to modulate an
FM transmitter. OFDM/FM can be implemented simply and
inexpensively by retrofitting existing FM communication systems.

Expressions are derived for the BER and word error rate
(WER) within a block when each subchannel is QAM-modulated.
Several numerical methods are developed to evaluate the overall
BER and WER. An experimental OFDM/FM system was imple-
mented and tested using unmodified VHF FM radio equipment
and a fading channel simulator. The BER and WER results
obtained from the hardware measurements agree closely with
the numerical results.

I. INTRODUCTION

HE demand for data communication over mobile radio
channels has increased steadily over the last few years
and will likely continue to grow [2], [3]. A common ap-
plication is found in mobile data terminals (MDT’s) used
for emergency, law and order, public utility, and a host of
commercial services such as courier, dispatch, and inven-
tory control. MDT’s allow remote mobile users direct access
to computerized databases, resulting in greater productivity.
Another benefit is the more efficient use of the allocated
(and increasingly scarce) radio spectrum. Features such as the
transmission of graphical information or the use of encryption
for secure communication can also be readily implemented.
The design of a VHF/UHF mobile radio data communica-
tion system presents a challenging problem [4]. In most areas
multipath propagation causes a moving receiver to experience
severe and rapid fluctuations of received signal strength. In a
commonly used and proven model [4], [5], it is assumed that
there is no line-of-sight path from the transmitter to the re-
ceiver; rather, the received signal is made up of a large number
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of component waves scattered by buildings and other objects
near the mobile. Under certain conditions, it can be shown
that over short distances the amplitude of the received signal
can be well approximated by a Rayleigh distribution. During
a deep fade the received signal strength may be reduced to
an unacceptably low level. If a conventional serial modulation
scheme is used, the bits “hit” by such a fade will be lost.

Recently, Cimini [1] proposed the use of an orthogonal
frequency division multiplexing (OFDM) scheme in which the
bits in a block (packet) are transmitted in parallel, each at a
low baud rate. The intent of the scheme is to spread out the
effect of the fade over many bits. Rather than have a few
adjacent bits completely destroyed by a fade, the hope is that
all the bits will only be slightly affected. Another technique
[6] uses a chirp filter to spread individual signaling pulses
over time.

The OFDM signal is generated using digital signal pro-
cessing (DSP) techniques at baseband and this signal must
then modulate an RF carrier. In Cimini’s [1] proposal the
signal is translated directly to the RF frequency, resulting
in a system that we call OFDM/SSB. Frequency modulation
(FM) can also be used, resulting in our proposed OFDM/FM
system. An OFDM/FM system has the advantage that it
can use existing unmodified FM radio equipment and can
therefore be implemented more quickly and at lower cost than
an OFDM/SSB system which requires precise and relatively
complex coherent reception.

The following section briefly describes the Rayleigh fading
channel and OFDM/FM. A simple model for the OFDM
channel is introduced and used to derive the bit and word
error rates for OFDM/FM in Section III. Section IV describes
several numerical methods that can be used to evaluate the
performance of OFDM/FM while Section V describes experi-
mental measurements on an OFDM/FM system and compares
the experimental and numerical results.

II. PRELIMINARIES

A. VHF |UHF Mobile Radio Channel

The channel model used in this paper is a nonfrequency-
selective (flat) Rayleigh fading model in which additive white
Gaussian noise is the major noise source. Field measure-
ments [7]-[12] have shown that the flat fading assumption is
reasonable for narrow-band (under 20 kHz bandwidth) signals.
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Fig. 1. An implementation of an OFDM system.

B. Orthogonal Frequency Division Multiplexing

Description: OFDM uses frequency division multiplexing
with subcarrier frequencies spaced at the symbol (baud) rate.
That is, if the block duration is 7, the subcarrier frequencies
are at 1/T,2/T,3/T,---. This frequency spacing makes the
subcarriers orthogonal over one symbol interval [13]-[17].
Modulation is done by using several bits (typically two to
five) to set the amplitude and phase of each subcarrier.
An OFDM modulator can be efficiently implemented by
using an inverse discrete Fourier transform (DFT) to convert
the complex phase/amplitude data for each subcarrier into
a sampled OFDM signal. Similarly, demodulation can be
performed with a DFT which extracts the phase and amplitude
of each subcarrier from the sampled OFDM signal.

Because OFDM can be used to efficiently multiplex many
bits into one block (symbol), the baud (symbol) rate can be
greatly reduced compared to conventional serial modulation
methods. The symbol rate is typically reduced by hundreds or
thousands of times.

Previously, OFDM modems have been used for data trans-
mission over telephone channels [17]-[21]. OFDM-like multi-
carrier modems have also been used on HF (3 to 30 MHz)
radio channels [22]-[26].

The DFT extracts the phase and amplitude information for
N/2 (complex) subchannels from the N (real) samples in
the block. Some subchannels may not be usable because the
signal-to-noise ratio (SNR) at that frequency may be too low.
If the fraction of subchannels that are usable is p and M
bits can be transmitted on each subchannel, then the number
of bits per block is N, = pMN/2. The block duration is
T = N/f, where f, is the sampling rate. The bit rate is
therefore R = Ny/T = fspM/2.

Implementation: Fig. 1 shows a block diagram of an OFDM
implementation. The modulator collects a block of bits from
the data source, encodes them into complex (QAM) data
values, and converts the data to signal samples using an
inverse FFT. The digital-to-analog (D/A) converter produces
the analog baseband OFDM signal.

This baseband signal modulates an RF transmitter. The mod-
ulated signal is transmitted over the fading channel. A receiver
recovers the baseband signal from the received RF signal
which may have been corrupted by fading and additive noise.

The demodulator collects a block of samples from the
analog-to-digital (A/D) converter, converts the samples to
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Fig. 2. The equivalent baseband channel model.

complex data values using an FFT, and decodes the complex
data values back into bits.

III. OFDM BIT ERROR RATE ANALYSIS

In this section, a simple and general model for the mobile
radio channel, the equivalent baseband channel (EBC) model,
is described and then used to obtain an expression for the
bit error rate (BER) of OFDM. The assumption that errors
accur independently is used to determine the word error rate
(WER). The final subsection describes how the EBC model
can be applied to the OFDM/FM channel.

A. The Equivalent Baseband Channel Model

The model used to predict the performance of OFDM over
mobile radio channels must include all significant effects and
yet be kept simple enough for analysis and efficient numerical
work. Towards this end, the EBC model converts the effects of
fading at IF (or RF) into equivalent effects at baseband. Two
effects are considered: time-varying channel gain (fading), and
additive noise. .

Fig. 2 is a diagram of the EBC model. The received
samples, y = {yo,¥1, "+, Yn-1}, are the sum of the received
data and noise samples. The received data samples are the
transmitted data samples z scaled by the channel gain vector
s. The received noise samples are zero-mean Gaussian random
variables scaled by the channel noise gain vector n.

Both s and n are functions of r, the IF signal-to-noise
ratio (SNR) vector. We assume that the IF noise level is
fixed so that r is proportional to the IF signal level. The
functions s = fs(r) and n = f,(r), define what we call
the SN curves of the receiver. The SN curves can be obtained
either from analysis of ideal receiver performance [4] or from
measurements (Section V).

The model assumes that the receiver SN curves are mem-
oryless. This allows the average signal and noise powers to
be obtained by averaging the instantaneous signal and noise
powers. Such a quasi-static approximation is valid when the
Doppler rate is less than the baseband bandwidth [27], [28],
as is the case with land mobile radio applications.

B. BER Analysis

An expression for the BER of a given OFDM block trans-
mitted over the equivalent baseband channel is derived in this
section. The notation a indicates a vector {ag,a1,*-,an—1}
and (a) denotes the time average of the variable a over N
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samples, ie., (a) = 1/N(ap+ a1+ -+ an—1). The word
sample is used for quantities in the time domain, while the
term value is used for quantities in the frequency domain.
Mean and Variance of the Received Value: In Appendix A,
the ensemble average of the m-th received data value Y,
over the set of all possible transmitted data vectors with the
m-th data value fixed at X,,, = D(D = %1 £ j) and over all
possible noise vectors w is found conditioned on a given fixed
signal level vector r (and the corresponding s and n) as

E[Yo|Xm = D, X_m = D*,7] = D(s). @

The conditional variance (given the same conditions as for
the mean) of a received data value Y,,, is found to be

var(Yop | Xm = D, Xy = D*, 1) = 2(<s2> — (s}’ + (n2>).
2

Bit Error Rate Within a Block: Since the interference
(between subchannels) on each subchannel is caused by a large
number of independent subchannels, the central limit theorem
indicates that the distribution of this interference should be
approximately Gaussian. This is confirmed by measurements
of the interference distribution in the experimental OFDM/FM
system described in Section V. Since the effect of the channel
noise is also Gaussian (because of the linearity of the DFT)
and independent of the interchannel interference (because r
is fixed), the sum of the noise and interference will also be
Gaussian and their powers will add.

Using signal-space arguments [29] it is then possible to ob-
tain the BER within a block for the QAM encoding described
in Section IV-C as

BERbock(a, 3,7) = % erfc(

V2(8 - a? +7))

o
= Q| ——= ©)]
V(B -a?+7)
where o = (s), B = (s2), and v = (n?).
Evaluating the Overall BER: The overall BER can be
obtained by using the joint distribution of ¢, 3, and v, i.e.,

BER — /0 /U /O BERplock(e 8, 7)p(ct, B,) dy dB dav.
%)

To obtain estimates of the overall BER, the joint distribution
of o, B, and + is required. Unfortunately, no closed-form
expression is available for this joint distribution, p(c, 3,7). In
Section IV, a Monte—Carlo numerical integration procedure is
described that can be used to evaluate this expression.

C. WER Analysis

In many data communication systems, any error within
a related group of bits (a word) invalidates all of the bits.
In such systems the performance measure of interest is the
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word error rate (WER). The assumption of random bit errors
would simplify the prediction of the error rate of words
contained within an OFDM block. Experimental results (see
Section V) showed that the independent error assumption is a
good approximation for the system that was studied.

In order to predict the WER it will be assumed that the
bit errors are independent. Such an assumption would not
be valid for a conventional serial modulation scheme on a
fading channel. With this assumption, the block WER can be
expressed easily in terms of the block BER, namely,

WERblock =1- (1 - BERblock)NW (5)

where N, is the number of bits per word.

D. Modeling the OFDM/FM Channel

Baseband Noise Distribution: Although the probability dis-
tribution of the FM discriminator output noise depends on the
SNR [30], the noise values after the DFT demodulator can
be assumed to be Gaussian because the DFT sum makes any
noise distribution approximately Gaussian.

Baseband Noise Spectrum: The spectrum of the discrimina-
tor noise output also depends on the IF SNR. The distribution
of the noise power among the subchannels thus depends on
the IF SNR. The distribution of the noise among the different
subchannels will vary from block to block because fading
causes the IF SNR to vary. To simplify the analysis, however,
it was assumed that the blocks were sufficiently long so that the
distribution of noise power among the subchannels was almost
the same for all blocks. It was also assumed that differences in
subchannel SNR’s due to the uneven spectral distribution of
the noise were corrected by changing the allocation of power
among the subchannels in the transmitted baseband signal. The
noise spectrum was therefore assumed to be independent of
the IF SNR. The validity of this assumption was later verified
experimentally.

Experimental measurements of the noise powers in the
different subchannels in the presence of fading showed that
subchannels at lower frequencies had more noise. This caused
subchannels at lower frequencies to have higher error rates.
Measurements of the error rates in the different subchannels
showed that the error rates could be made approximately equal
by using a —10 dB per decade preemphasis at the transmit-
ter in addition to the built-in +20 dB per decade standard
pre-emphasis.

Random FM Noise: The spectrum of the “random FM” noise
at the discriminator output is independent of the SNR and
decreases as (1/f) for frequencies above the Doppler rate
[27]. The effect of random FM at a given Doppler rate can be
included in the model by modifying the ‘N’ portion of the SN
curves. However, this was not necessary since the level of the
random FM noise was not significant at any of the Doppler
rates measured as shown by the measurements described in
Section V-F.

Clipping Noise: Clipping in the FM transmitter was modeled
as an additional source of additive white Gaussian noise.
Although the clipping is not independent of the signal level,
it should normally form a relatively small portion of the total
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Fig. 3. Theoretical and measured SN curves.

noise power. For example, in the experimental measurements
the modulating signal level was set so that clipping distortion
had no measurable effect on the BER.

Squelch: Squelch can be incorporated into the SN curves
by setting the values of s and n to zero when the IF SNR
level falls below the squelch threshold. This assumes an ideal
squelch circuit that has no hysteresis or delay.

FM Receiver SN Curves: Fig. 3 shows typical measured and
theoretical FM receiver SN curves. This example shows the
nonlinear SN curves of an FM discriminator. The measured
curves show the effect of baseband SNR limiting due to
clipping. The maximum baseband SNR (“limiting baseband
SNR”) is about 18 dB. A similar effect would be produced
by random FM.

IV. EVALUATION OF ERROR RATES

This section describes three methods to evaluate the BER
and WER performance of OFDM. These are 1) a computation
for very short or very long block lengths, 2) a Monte—Carlo
integration, and 3) a baseband signal processing simulation.
The results obtained using these methods will be compared to
experimental results in Section V.

A. BER for Very Short and Very Long Blocks

When the block duration is very short relative to the average
fade duration, the received signal level will be constant during
the block. Thus, (s) = s, (s?) = &%, and (n2> = n2. The
bit error rate for each block, BERyoc, as a function of
the IF SNR can be averaged over the Rayleigh signal level
distribution to obtain the average overall BER. That is,

o
BERshort block :/ BERu1ock (s(r), s%(r), n?(r))p(r) dr.
0
(6)
Note that since the signal level is constant over the block

(s)” = (s?) and (3) simplifies to

BERjoek(a1 8,7) = Q(%) - Q(%) @
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Fig. 4. The numerical integration method.

When the block is very long, each block will have the same
statistics and therefore each block will have the same BER.
The overall BER will be the block BER for the average block
statistics. That is, if

a= /Ooos(r)p(r) dr, A= /Ows2(r)p(r) dr,

and ¥ = /Ownz(r)p(r) dr, ®)

then

BERiong block = BERbock (@, B, 7). )

B. Monte—Carlo Integration

The second method uses a Monte—Carlo numerical
integration technique to evaluate the BER given by (4). The
method involves generating random fading waveforms and
then using their o, 3, and  statistics to compute the expected
overall BER.

Fig. 4 shows the steps in this procedure. A Monte—Carlo
procedure is used in which signal level vectors r are chosen at
random from a waveform which is Rayleigh distributed with
the appropriate Doppler rate. From each r the values of a, £,
and v and the resulting BERy,oc are calculated. The arith-
metic mean of these BERp ook values gives the overall BER.

This method can be used to evaluate the BER for any
channel that can be accurately described by the EBC model.
It is faster than the more detailed simulation described in
the following section because it does not involve generating
random data or noise or computing DFT’s.

C. Software Simulation of the Equivalent Baseband Channel

The OFDM system can be studied in more detail by
generating a sampled baseband OFDM waveform and pass-
ing it through an equivalent baseband channel. This method
involves performing most of the baseband signal processing
for an OFDM system. It allows testing of signal processing
procedures that cannot be included in the EBC model or whose
effect is too complex to analyze. However, this approach
is considerably slower' than the Monte—Carlo integration
method.

Fig. 5 shows the steps involved in the baseband simulation.
A block of bits from a pseudo-random bit sequence (PRBS)
generator is QAM-encoded into a block of complex values.
The inverse FFT generates the baseband OFDM signal by
converting each block of N/2 complex values into N samples.
The Rayleigh-fading generator produces the signal envelope.
The SN lookup table and the channel simulator implement the

1 A typical simulation (about 3 million samples for each of four SNR’s and

three block sizes) required about 8.5 h CPU time on a Sun 3/50 compared to
about 1.5 h for the numerical integration procedure.
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Fig. 5. Simulation using the equivalent baseband channel.
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Fig. 6. Block diagram of experimental setup.

equivalent baseband channel (shown in Fig. 2) and combine
the baseband signal and Gaussian noise. The FFT demodulates
the OFDM -signal and the QAM decoder recovers the binary
data. The final step in the simulation is to compare the
transmitted and received bit sequences and to compute the
BER and WER.

The QAM data encoding is done by using two bits per sub-
channel: one bit for the imaginary (quadrature) component and
one bit for the real (in-phase) component. A 0 b is converted
to a value of —1, and a 1 b to a +1. Unused subchannels are
set to zero. The decoding is done by comparing the received
values to a threshold of zero.

A more detailed simulation that includes the IF stages of
the receiver could be used to study other effects but would
require significantly more computation.

V. EXPERIMENT

This section describes a laboratory experiment used to
demonstrate the feasibility of OFDM/FM using unmodified
commercial VHF FM radio equipment. The performance of
this experimental system is compared to results obtained using
the methods of Section IV.

A. Experimental Hardware

Fig. 6 shows a block diagram of the experimental setup. The
various components used are described below. The transmitter
and receiver were placed in cast aluminum boxes and their
power supply leads were passed through EMI filters to provide
RF shielding. An 11 dB 50 ohm attenuator was mounted inside
the transmitter shielding box to reduce the RF output level
to 12.5 dBm.

Transmitter: The transmitter was an Icom model IC-2AT
narrow-band FM transceiver designed for operation in the
144 to 148 MHz amateur band. Its specifications are similar
to those of commiercial land mobile radio equipment [31].
The audio processing circuitry contains a +20 dB per decade
preemphasis network, a limiter (peak clipping) circuit and

187

Mini-Circuits ZHL-2-8
RF (noise source)

Fig. 7. Fading channel simulator.

a low-pass filter. The frequency deviation was measured to
be 5 kHz.

Channel Simulator: Fig. 7 shows the channel simulator. The
simulator consists of a Rayleigh-fading simulator [32], an RF
attenuator, a noise source, and a combiner/splitter.

The signal and noise levels were measured at RF. To ensure
that the IF SNR and the RF SNR were equal, the receiver’s
internal noise was masked by adding noise to the RF signal.
The level of noise added ensured that the noise added by the
receiver had a small (<0.5 dB) effect on the IF SNR.

Receiver: The FM receiver was another Icom model IC-
2AT transceiver. The receiver IF filter bandwidth specification
is £7.5 kHz at —6 dB and +15 kHz at —60 dB. The receiver
uses a Motorola MC3357 “Low Power Narrow-Band FM IF”
IC for most of the IF and AF signal processing functions. The
FM detector is a quadrature-type discriminator [33], [34]. The
squelch level was set to minimum so that the receiver audio
output was always on.

Computer: An IBM PC/AT-compatible computer was used
for all of the digital signal processing tasks as well as test data
generation and BER and WER measurement. All of the signal
processing computations were done using JEEE-standard 32 b
floating point numbers.

A/D and D/A Board: The analog interface circuit was
designed and built for this project. It contains a 10 b A/D
converter, a 12 b D/A converter, a sample-and-hold amplifier,
buffer amplifiers, and a timing circuit.

Reconstruction and Antialiasing Filters: A Krohn—Hite
model 3342 filter was used to reconstruct the analog waveform
from the D/A output samples. The reconstruction filter used
one eighth-order Butterworth low-pass section with a —3 dB
frequency of 4 kHz and a one eighth-order Butterworth high-
pass section with a —3 dB frequency of 100 Hz. The high-pass
section was used to provide AC coupling to the transmitter.

A second Krohn—Hite model 3342 filter was used to low-
pass filter the receiver AF output signal to avoid aliasing. This
anti-aliasing filter used two cascaded eighth-order Butterworth
low-pass sections with —3 dB frequencies of 4 kHz.

Audio Attenuator: An audio attenuator was used to reduce
the D/A output (approximately 140 mV rms) to a level
suitable for modulating the transmitter (approximately 6 mV
rms). The attenuator circuit included a low-pass filter to reduce
RF leakage and a switch to turn the transmitter on and off.

B. Experimental Software

The simulation program used in Section IV was modified
to make BER and WER measurements over the experimental
channel. Instead of using a subroutine that simulates the
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channel, the OFDM signal samples are written to the D/A
and read from the A/D. Two additional processing steps were
added for use on the hardware channel as follows [35]:
* periodic extension to provide guard times around each
block, and
* correction for phase and amplitude (linear) channel dis-
tortion.

Fig. 8 shows the signal processing steps for the experi-
mental measurements. A block of pseudorandom bits is QAM-
encoded and modulated into a block of OFDM samples. The
block of samples is extended to add guard times before and
after the block. The samples are sent to the D/A and the
resulting analog audio signal modulates the FM transmitter.
The recovered baseband (audio) output of the FM receiver
is sampled and A/D converted. The received samples are
demodulated and the complex data values corrected for the
linear distortion effects of the channel. The received complex
data values are then decoded into bits which are compared
to the transmitted data to compute the BER and WER. The
program can also compare the transmitted and received data
values on each subchannel to measure the signal and noise
powers. This was used to measure the SN curves.

C. Measuring the Baseband SN Characteristics

In order to predict the performance of OFDM over a fading
channel, knowledge of the channel’s SN curves is required.
This section describes the measurement of the SN curves.

The level of the modulating signal will affect the amount
of clipping and therefore the SN curves. A reasonable strategy
is to set the modulating signal level as high as possible but
not so high that distortion due to clipping prevents the system
from meeting its BER performance objectives. The modulating
signal level was set to give a limiting baseband SNR of
17.5 dB, a level for which the BER was very small? (< 10~¢).

Clipping distortion thus limits the total power of the OFDM
modulating signal. This power must be divided among all
the subchannels. For the transceivers used in the experiment,
the subchannels with the highest SNR’s are located around
the middle of the baseband frequency range. Determining
which subchannels to use involves a compromise between
using only the best subchannels to reduce the BER and using
more subchannels to increase the bit rate. Brief measurements
of BER as a function of E;/N, using various subchannel
frequency ranges showed that a reasonable choice was to use

2The effect of clipping is different from block to block since the data (and
thus the modulating signal) varies.
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frequencies between 1 and 3 kHz and to divide the power
equally among the subchannels. An approach that was not
tested but is often used [17], [20], [21], [36] is to encode
more bits on subchannels with higher SNR’s.

SN Curves Measurement Method: The SN curves were
measured by transmitting an OFDM signal over the channel
and measuring the received baseband signal power and noise
power. An OFDM test signal was used for several reasons.

First, the IF filter does not have constant gain across
its passband. The power at the input of the discriminator
will thus depend on the IF (or RF) spectrum of the FM
signal. Therefore, to make SN curve measurements that will
apply to OFDM modulation, a signal with same IF spectrum
as an OFDM signal is required. Second, the effect of the
transmitter’s preemphasis filter and the receiver’s deemphasis
filter will depend on the baseband spectrum of the modulating
signal. Third, the effect of the clipping at the transmitter will
depend on the probability distribution of the modulating signal.
The signal used to measure the SN curves must have the
same probability distribution as the OFDM signal in order
to properly measure the amount of distortion due to clipping.

There is no crosstalk between subchannels when there is
no fading. In this case, the noise received on each subchannel
is due solely to additive noise and to distortion effects such
as clipping and it is possible to measure the “N” portion of
the SN curves.

The simulation program was modified to make SN curve
measurements. The signal power (S) was computed as the
square of the mean of the received data values. The noise
power was computed as the variance (second central moment)
of the received data values. The signal and noise powers
were measured as an average over the subchannels that were
used (1-3 kHz).

SN Curve Results: The measured SN curves are given in
Fig. 3 along with those of an ideal discriminator [4]. Each
point is an average of 64 1024-sample measurements. The
measurements are normalized to give a maximum signal (S)
level of 0 dB.

D. BER and WER Measurements

The BER and WER performance of the experimental
OFDM/FM system over the nonfrequency-selective Rayleigh-
fading channel were measured and compared against results
obtained using the numerical techniques.

BER Resuits: The Doppler rate used in the experimental
work and the simulations reported here was 20 Hz, corre-
sponding to a vehicle speed of 25 km/h at a carrier frequency
of 850 MHz. The nominal baseband bandwidth was 4 kHz
(fs = 8 kHz) and subchannels between 1 and 3 kHz were used
(p = 0.5) with 4 QAM modulation (M = 2) giving a bit rate
(R) of 4000 bps. The spectrum of the transmitted OFDM/FM
RF signal was measured. It was found that the bandwidth is
+4 kHz at —30 dB, +6 kHz at —40 dB, +7.5 kHz at —50 dB,
and +9 kHz at —60 dB.

Blocks of N = 256, 1024, and 4096 samples were used
corresponding to N = 128, 512, and 2048 b/block and block
durations (T') of 32, 128, and 512 ms, respectively. IF SNR’s
of 10, 15, 20, and 25 dB were used. The IF bandwidth is
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Fig. 9. BER results for f; = 20 Hz and for short and long blocks. The error

bars show the 95% confidence intervals. The error bars offset to the right are
. for the Monte—Carlo (M.C.) integration results, those to the left are for the

simulation results, and those that are centered are for the measured results.

14.9 kHz, so that the corresponding values of Ej/N, were
16, 21, 26, and 31 dB.

Fig. 9 compares the BER results obtained using 1) the
Monte—Carlo integration (Section IV-B), 2) the baseband sig-
nal processing simulation (Section IV-C), and 3) the experi-
mental OFDM/FM system. The Monte—Carlo integration and
the baseband signal processing simulation used the measured
SN curves (Section V-C) shown in Fig. 3. The SN values were
interpolated from the measured values over the range from
—60 to +50 dB in 0.1 dB steps.

The measurements were organized as 12 trials of 60 blocks/
trial with 4096 samples/block. For the simulation and the
experiment, this represents about 1.5 million bits. For the
Monte—Carlo integration this represents a fading waveform
duration of about 6 min. As shown by the 95% confidence
interval error bars [37], [38], there are large uncertainties at
low BER’s. The three different BER evaluation methods give
results that are within about 1 dB. The BER curves for short
and long block lengths (Section IV-A) are shown in Fig. 9.

WER Results: Fig. 10 compares the experimental WER
measurements to the predicted WER. The predicted WER
was obtained by finding the arithmetic mean of the block
WER’s computed using (5). The block BER’s used in (5)
were obtained from the Monte—Carlo integration program. A
word length (N,,) of 128 b was used. The two curves agree
to within about 1 dB. This indicates that the independent error
assumption can be useful in predicting the WER.

The reason why the WER curves for different block lengths
intersect in Fig. 10 is as follows. A burst error channel has
a lower WER than a random error channel with the same
BER because the bit errors tend to be concentrated into fewer
words. Making blocks longer (thus putting more words into
each block) reduces the variation in the BERpjock from word
to word. The bit errors therefore appear to be more random
and this results in an increased WER. However, increasing
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Word Error Rate

20
I.F. SNR (dB)

Fig. 10. Measured and computed WER.

the block length also reduces the BER and this will reduce
the WER.

At low SNR’s the different block sizes have approximately
the same BER as shown in Fig. 9. Thus, at low SNR’s using
shorter blocks will produce more bursty errors and a lower
WER than longer blocks. At high SNR’s, the longer blocks
have much lower BER’s than the shorter blocks and this leads
to lower WER’s for longer blocks. This explains why the WER
curves in Fig. 10 intersect.

E. Effect of Block Duration and Doppler Rate (T f,)

The BER performance of OFDM is determined by the time
averages of three variables during a block. If the duration of
the block is made longer and the fading rate is decreased
proportionately, the time statistics of the averages will not
change. It would therefore be expected that the OFDM BER
performance is determined by the product T'fy of the block
duration T and the Doppler rate f;. This relationship should
hold until the Doppler rate is high enough to produce a
significant amount of random FM noise (see Section V-F).

Fig. 11 shows the measured BER performance for Doppler
rates of 20 and 80 Hz (100 km/h at 850 MHz) and block
sizes of 256, 1024, and 4096 samples. As expected, the BER
performance remains almost the same for a given T fy product.

F. Random FM

Random FM adds a noise component that increases with
the Doppler rate and is independent of the IF SNR. At high
Doppler rates the random FM noise power might limit the
achievable baseband SNR. Available theoretical analyses of
the baseband noise produced by random FM [4], [27] could
not be used since they do not take into account the effect
of deemphasis.

The average baseband SNR over the 1-3 kHz range at
a high (nominally 75 dB) IF SNR was measured while the
carrier was fading to see if random FM noise power might have
a significant effect. The level of the modulating signal was
reduced so that the noise due to random FM could be measured
above the noise due to clipping. The modulating signal level
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Fig. 12. Random FM and clipping noise power versus Doppler rate.

was reduced by 3.5 dB so that the limiting baseband SNR
increased to about 24 dB. Fig. 12 shows the combined clipping
and random FM noise power as a function of Doppler rate.

At a Doppler rate of 120 Hz (over 140 km/h at 900 MHz)
the random FM noise reduced the baseband SNR to about
20.5 dB. Since the limiting baseband SNR due to clipping
during the BER measurements was 17.5 dB, random FM
noise should not cause significant performance degradation
for 4 QAM subchannel modulation.

VI. CONCLUSION

A new modulation method, OFDM/FM, has been pro-
posed for data communication over mobile radio channels.
OFDM/FM systems can be implemented simply and inexpen-
sively by retrofitting existing FM radio systems.

A simple and versatile model for the mobile radio FM
channel, the equivalent baseband channel (EBC) model, was
developed to study the performance of OFDM/FM. A simple
expression was derived for the bit error rate (BER) within a
block when each channel is QAM-modulated. An expression
was also obtained for the word error rate (WER) by assuming

IEEE TRANSACTIONS ON COMMUNICATIONS, VOL. 39, NO. 5, MAY 1991

that errors occur randomly within the block. Several numerical
methods were developed to evaluate the overall BER and
WER. Simple BER expressions were obtained for the cases
where blocks are very short or very long relative to the
average fade duration. An efficient Monte—Carlo numerical
integration method can be used to evaluate the BER and WER
for intermediate block lengths. A baseband signal-processing
simulation that simulates the effects of fading on the baseband
OFDM signal was also written. This allows the study of
various coding and signal processing techniques.

An experimental OFDM/FM system was implemented us-
ing unmodified commercial VHF FM radio equipment and a
fading channel simulator. The BER and WER results obtained
from the hardware measurements agreed closely with the
results obtained using the numerical methods. This agreement
shows that the EBC model can be used to accurately predict
the performance of OFDM/FM systems.

A subsequent paper will address several methods for
improving the performance of OFDM/FM. These include
switching diversity, forward error correction (FEC) coding
and a decision feedback correction technique developed for
OFDM.

APPENDIX
THE CONDITIONAL MEAN AND VARIANCE OF THE ERROR

A.1 Notation

Let a denote the vector {ag,a1,--,an—1}. The discrete
Fourier transform (DFT) of a is defined as A = DFT[q]
where

N-1
Ap =Y a,Wmn 10
n=0

and the inverse DFT (IDFT) of A is defined as a = IDFT[4]
where

1 N-1
an = > Apwmn 11)
n=0
and
W = e=327/N, (12)

The notation (a) is used to denote the average of the vector
o over N samples, that is,

1 N1
(a) = i Zai.

13)
=0
The notation 6;; is used for
0 if ¢#j
b = . 14
7 { 1 if i=j 4
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A.2 Assumptions

The received signal y (see Fig. 2) is the sum of received
data and noise samples. The received signal samples are the
transmitted samples x scaled by the channel signal gain s.
The received noise samples are Gaussian random variables w
scaled by the channel noise gain n. Both s and n are functions
of the RF signal level r which is Rayleigh distributed. The
functions s = f,(r) and n = f,(r), depend on the type of
modulation and the characteristics of the receiver used.

Since the data, signal level, and noise (before fading) are
generated by physically independent processes, z, w, and r
are assumed to be statistically independent.

It will also be assumed that the spectrum of s is small above
a certain frequency. Since the spectrum of r lies below the
Doppler rate fp the spectrum of s will also be concentrated
below fp if the “S” portion of the SN curve is smooth so that
there are few nonlinearities in s to produce harmonics.

A.2.1) Data: The transmitted data X is a block of N
complex data values, each with energy o%. For example, for
OFDM-QAM X,,, = +1+ for all m so that 0% = 2. The N
real signal samples & which are transmitted over the channel
are generated by an inverse DFT (IDFT). For the N samples
to be real X,, = X3%_, (or equivalently X,, = X* ).
This means that only N/2 of the complex data values are
determined by the data and the remainder are their complex
conjugates.

Most practical channels are bandpass channels so that
frequencies at the low and high ends of the channel cannot be
used. The data values for the unused channels are set to zero at
the transmitter. In particular, it is assumed that X and X N2
(both of which have only a real component) are set to zero.

A.2.2) Noise: The N real, ii.d. (white) noise samples w
are taken from a zero-mean Gaussian distribution having a
variance o2.

A.3 Conditional Mean

The ensemble average of the mth received data value Y,
over the set of all possible data vectors with the mth data value
fixed at X, = D (D is complex) and over all possible noise
vectors w is found conditioned on a given signal level vector
7 (and the corresponding s and n). For notational convenience
the conditions will often be omitted from the expected value
operators although they are implied.

The received signal samples are

Yn = SnTn + NpWn. (15)

By using the definition of the DFT, the received value on
the mth data subchannel is
N-1
Y, = Z (8nZn + npwn) W™, (16)

n=0
The conditional mean of the received data values is
E[Ypn|Xm =D,X_,, = D*,7]

N-1
= E(E[snxn] + Elnawa))W™™. (17)

n=0
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Since r (and thus n) is fixed, and the noise w is zero-mean,

E[n,wy) = n,E[w,] = 0. ’ (18)

Since s is fixed,

E[spzn] = spElz,). (19)

To evaluate E[z,] note that since the data values are zero-
mean,

E[Xk] = Dégm + D*(Sk(_m) 20)
so that
1 N1 g V-t
_ —nk| _ —nk
Elz,] = E{N S W ] =5 > EX W
k=0 k=0
1
- —nm *wnm] 21
N [DW + D*W ] 21

Substituting (18) and (21) in (17),

N-1 p
EYn|Xm=D,X_p=D"r]= Y snr W
n=0
N-1
D*
n an+nm
+ nzz;]s N
N-1
1 1
= _— n D*—
DN 1;)3 + N
N-1
CY s WL (22)
n=0

The term 2:;5 $,W2m™ is the DFT of s evaluated at a
frequency of twice the subchannel of interest (S, ). If the
spectrum of s is concentrated below m = 2L(S,, < Sg
for |m| > 2L) then for m between L and N/2 — L the
contribution of the second term will be small so that

EYp|Xm =D, X_m =D*r]~D(s).  (23)

A.4 Conditional Variance

The conditional variance (given the same conditions as for
the mean) of a received data value Y,,, is

var(Yyn|Xm = D, X_, = D*,7) = E[Y,,)Y;X] — |E[Ys)%.
(24

Using the definition of the DFT, the first term can be
rewritten as

N-1N-1

ElY,,YX=E Z Z (siz; + nyw;)

=0 j=0

. (Sj:l]' +'rijj)*WTniW*mj . (25
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Using the linearity of the expectation operator, and since z, Substituting (32) and (33) in (29),
w, s, and n are real (so that z} = z;, w} = w;, etc.) this can N1 Nel Ne1
=y ' -
be expanded as E[YnY:] = Z ( > $2 4 o2n? >W7n(z—1 + Z Z
N—-1 N-—1 =0 =0 j=0
E[YmYJI] = Z Z (E[SiziSj:L‘j] + E[S,':E,'n]"w]'] . 8;8; 1 —D (W—Tn(H-J) Wm(i-i—j))wm(i—j)
=0 j=0 IN?
i N-1
+ E[ngw;sjz;] + Elnwinjw;)) W™=, (26) zag{% Zs +No anz
=0 =
i q . ] No1nN-d , ‘
ince s and n are constant because of the conditions + Yo D2 }: E 3:8; (W~2m] _ W2mz). (34)
N-1 N-1 =0 j=0
ElY,Y,] = sis;Elziz;] + sin; E[ziw;]
; JZ_:O v ! The last term in (34) can be simplified to
+ n;s; Elw;z;] + ninjE[wiwj])W"‘(i_j). @y | No1nNa 4 '
mD2 i85 (W—ij _ WZmz)
i=0 ;=0
Since thc=j noise is zero-mean (E[w;] = E[w,] = 0), and w 1 L N1 N L N=iN-a
and z are independent, =5 D? N sist—ng N sisjwz'"i
=0 j=0 =0 j=0
Elz;w;] = Elwz;] =0 (28)
1, N-1 o 1 N-1 N-1 i 1 N-1
—_ . —emj . . _ .
so that =wP LS DIEED DU D DL
3=0 i=0 i=0 j=0
N-1N-1 o N-1 N-1
ElYnYn]l= )" Y (sisiBlziz;]+nin; Elwsw;]) W), = %Dz(s) 3 s WIS WL (35)
=0 j=0 j=0 i=0 /
@9) ’

As in Section A.3, the sums are the DFT’s of s evaluated at
+2m, S4o.,,. Under the same conditions as in Section A.3 the
Using the definition of IDFT sums (Si2,) can be assumed to be negligible compared to
So = N(s), so that
1 N-1

—ikyrr—il N-1 N-1
1ZJ] N2 kz_;) g E[Xle]W w . (30) N(S) — Zsi > Z Siw:l:?m‘i. (36)

i=0 i=0

Using the conditions, and since the data symbols are zero- Using Chebyshev’s inequality [39],

mean,
o% for k = —1 7 25 2 () €y
E[XX1] = { D%m + (D*)*6—my fork=1 (31) i=
0 otherwise and [D* = 6%, we find
so that 1= = mi
ok 2 5 2 IDF () > D5 s>ZWiz
1 , . i=0 =0
Elz;z;] = N2 Z WwE—dk 4 N2 D impy—im (38)

Thus, from (34)
+ —(D*) wimwim

o2 ~ E[Y,Y, ]~0X Zs +Naw an, (39)
= b +mD2W ) - DI & N &

- i §is + D2(W‘m('+’) Wm(i_,_j)) (32) and the conditional variance of the received data value is

N2
var(Ym|Xm = D, X _m = D*,r) mo%(s?) + NoZ(n?)
since D? = —(D*)? for D = +1+3. — |D|*(s)%. (40)
Since w is real and i.i.d. with zero mean,
So that the ratio of s and n corresponds to the ratio of the
Elww;] = 626,;. (33) baseband signal and noise, the noise power, o2, must be

w?
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set equal to the baseband signal power o2. For the case of
D= *1=j,02 =2/N and 0% = |D|” = 2, we have

var(Yo | Xom = D, X = D*,7) = 2(<s2> — (s + <n2>)

18]
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