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Abstract

The Canadian digital audio broadcast (DAB) system uses a multicarrier modulation
technique known as coded orthogonal frequency division multiplexing (COFDM).
Several modes of operation are available. Mode IV, which has the longest symbol
duration, allows transmitting antennas to be spaced more widely than other modes of
operation providing a saving in broadcast infrastructure. However, the longer symbol
duration also causes partial loss of coherence in subsequent symbol epochs that can cause
a noticeable degradation in audio quality at velocities exceeding 92 km/hr in a typical
urban propagation environment. This thesis identifies several advanced demodulation
techniques that can be used in a receiver that will operate at higher vehicle velocities.
One of these techniques. an iterative decision directed linear predictive receiver, has not
been previously discussed in the literature. Simulation results indicate that the maximum

vehicle velocity can be increased to 144 km/hr using this new receiver design.
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Introduction

1.1 ADVANCED DEMODULATION TECHNIQUES FOR DIGITAL AUDIO BROADCASTING

1.1.1 COFDM and digital audio broadcasting

Digital audio broadcasting (DAB) services are intended to supplement and eventually replace
existing amplitude and frequency modulated broadcast services. The chief advantage of the
proposed digital technology is an improvement in sound quality to the level currently available
on an audio compact disk (CD). In addition, there is the potential for transmission of data

services along with the audio signal.

In Canada, the DAB service will conform to the European Telecommunication Standards
Institute (ETSI) ETS 300 401 standard [8]. This standard is based on a modulation scheme
termed Coded Orthogonal Frequency Division Multiplexing (COFDM). Not surprisingly, this
refers to an Orthogonal Frequency Division Multiplexing (OFDM) scheme where the data are
error protected by means of convolutional encoding prior to modulation. OFDM itself is a

multicarrier modulation technique that uses a rectangular pulse shape. Multicarrier modulation is



a term that refers to a number of schemes where data are modulated onto many synchronized

carriers closely spaced in frequency. These are usually referred to as subchannels or subcarriers.

An advantage of multicarrier modulation is that the many subcarriers allow transmission of high
data rates using a relatively long symbol interval. This considerably simplifies the symbol
synchronization and equalization problem in dispersive channels [3]. In fact, the DAB
specification has been designed so that no channel equalization is normally required. For OFDM
transmission over an ideal channel with no dispersion, the orthogonality of the adjacent
subchannel is ensured when the subcarriers are spaced by the inverse of the symbol duration. In
dispersive channels, the symbol interval is lengthened somewhat to provide a guard interval. As
long as the guard interval is longer than the duration of the channel impulse response, the OFDM
signal can be demodulated without any equalization and there will be no intersymbol
interference. A crucial feature of OFDM with a guard interval is that it allows multiple
transmitters to be interspersed throughout a broadcast region. The multiple signals arriving from
these transmitters will appear to the receiver as a single signal transmitted over a channel with a
long impulse response. For this reason, the DAB specification calls for a rather long guard

interval.

Four transmission modes with different subcarrier spacing and symbol duration are defined by
the DAB specification. These four modes are designed primarily for optimality at different radio
frequency bands. Mode IV operation, the main focus of this thesis, uses symbol intervals of

0.623 ms and subcarrier spacing of 2 kHz.

1.1.2 COFDM over wireless mobile channels

Wireless channels are affected by multipath propagation caused by scattering of the RF signal
from many objects [33], [45]. The signal reaches the receiver by many paths having different
attenuation and phase shift. Furthermore, as the receiver moves, the number, length and
attenuation of the scattering paths changes with time. The nature of these scattering interactions

is usually so complex that the wireless channel cannot be characterized deterministically but

must be treated as a random time varying system.

[88)



The superposition of the randomly changing multiple paths at the receiver causes the modulus
and phase of the received signal to vary randomly. When the modulus of the signal is very low, a
condition referred to as a fade, the channel background noise may be larger than the signal,
resulting in bit errors. Also, if the phase of the received signal is changing rapidly enough that it
Is not relatively constant over many subsequent symbol intervals, a condition referred to as fast
fading, coherent detection of the signal becomes difficult. To counteract this effect, the COFDM
signal used in DAB is differentially encoded prior to transmission. However, a bit error rate
(BER) floor is associated with differential demodulation of these signals in fast fading
conditions. Rather than continuing to decrease as the signal to noise ratio increases, the BER
asymptotically approaches an error rate floor. For example, a conventional differential detector
(CDD) operating in a vehicle traveling at highway speeds in a typical urban environment would

achieve a BER no lower than about 0.08 regardless of how high the signal to noise ratio.

Another effect of the mobile channel is to induce a Doppler frequency shift on the received
signal. This shift will not be constant for all of the OFDM subcarriers and consequently may
cause some of the energy from a given subcarrier to spill over into the adjacent subchannel

resulting in interchannel interference.

The COFDM system is designed to compensate for these mobile channel effects. The
convolutional encoding introduces redundancy in the transmitted signal. This redundancy is
interleaved in time and frequency so that it is unlikely that all of the information about any single
bit will be lost in a fade. This is a necessary condition for effective decoding using the Viterbi
algorithm. To combat the BER floor encountered by the differential demodulation it is necessary
to select an operating mode that has a symbol duration short enough so that the signal phase is
relatively constant over subsequent symbol intervals. At the frequency designated for operation

in Canada, mode II fulfills this requirement.

However, the DAB guard interval is specified to be one fifth of the symbol duration in all
operating modes. Thus selecting a short symbol interval has the undesired effect of also reducing
the duration of the guard interval mentioned in the previous section. This means that there must
be more lower power transmitter antennas to cover a given area. For mode II, typical broadcast
tower spacing is 10-12 km for urban areas and 20-25 km for rural areas. Mode IV has a symbol



interval (and consequently also a guard interval) that is twice that of mode II. Broadcast tower
spacing can be twice the distance for mode I allowing a significant saving in infrastructure.
Unfortunately, this long symbol duration increases the BER at high vehicle velocities so that in a
typical urban propagation environment, differential detection based DAB receivers suffer
degraded performance at highway velocities. This is clearly unsatisfactory and motivates the

study of advanced demodulation techniques to combat this effect.

1.1.3 Advanced demodulation techniques for DAB

It has been demonstrated that CD quality sound can be achieved when the BER in the
compressed audio signal is less than 10~ [12]. The design criteria for a DAB receiver is to have a

decoded BER less than this value for a signal to noise ratio E,/Ng in the range of 15 to 20 dB.

The BER floor that results from differential demodulation of signals transmitted over fast fading
channels is a well-known phenomenon and several techniques to mitigate this effect have been
studied. All of these techniques exploit known or estimated statistical properties of the channel to

obtain a decision procedure that is superior to a CDD. Four possible techniques are analyzed in

this thesis:

* a decision directed linear predictive demodulation technique. This technique feeds back L
symbol decisions and uses these to form the minimum mean squared error prediction of the

subchannel gain for the current symbol epoch. This estimate is then used to demodulate the

current symbol.

e a maximum likelihood sequence detection (MLSD) technique. This technique is related to
the linear predictive technique because an approximation allows the maximum likelihood
metric to be updated recursively by the Euclidean distance between the actual received signal
and the linear prediction of the received signal. This linear prediction is based on the
previous L symbols. The receiver can then use per-survivor processing to search efficiently

for the sequence that minimizes the accumulated Euclidean distance over all possible symbol

sequences.

® atechnique based on a series expansion of the random process describing the time varying

channel and processing by a filter bank matched to each of the series terms

4



* a maximum a-posteriori probability technique that can be used in an iterative soft decision

feedback manner similar to turbo decoding of serial concaienated codes

The second and fourth techniques are judged to be promising to make mode IV operation
feasible. The third technique listed above is shown to be unsuitable for OFDM demodulation

because it introduces an unacceptably high intercarrier interference (ICI) component.

The first technique on its own is not adequate to provide a sufficiently low BER for mode IV
operation. This is a consequence of errors in the decisions that are fed back to form the linear
prediction of the channel gain. If the error rate in these fed back decisions could be reduced by
some means, the linear predictive (LLP) detector would be adequate to meet the BER criteria. The
convolutional encoding of the compressed audio program data provides such a means. The errors
in the decisions can be corrected using Viterbi decoding, then the corrected sequence can be re-
encoded and used in a second iteration of the LP detector. This process can be repeated any
number of times and if the channel conditions are not too extreme it will converge at a BER

close to what could be achieved with no errors in the fed back decisions.

This iterative scheme has not, to our knowledge, been previously applied to the problem of
demodulating COFDM signals in fast fading conditions. A Matlab simulation was written to
evaluate the performance of this receiver design. The simulation results indicate that this iterative
decision feedback LP receiver can achieve the BER objective in the required range of Ey /Ny at

vehicle velocities up to 144 km/hr.

It is always of interest to evaluate the practicality of any new receiver design and the potential
widespread application makes it even more so in this case. An estimation of the processing speed
and memory (i.e. memory and computational complexities) required for the receiver indicates
that implementation of the receiver algorithm on a DSP microcomputer would require execution

at a speed around 1100 MIPS and about 5 Mbytes of memory.

1.2 THESIS ORGANIZATION

Chapter 2 of this thesis is devoted to an in-depth discussion of the COFDM modulation

technique and its application to digital audio broadcasting.



Chapter 3 of this thesis presents a detailed discussion of modeling and analysis techniques used
for mobile wireless channels. These are then applied to a COFDM signal and the limitations of a

CDD based receiver are demonstrated.

Chapter 4 an analysis of four advanced demodulation techniques that could potentially be
applied to the COFDM signal used in DAB. This chapter also discusses how the decision
directed linear predictive detector can be applied in an iterative manner to largeily eliminate the

performance deterioration resulting from incorrect decisions in the fed back symbol sequence.

Chapter 5 is entirely devoted to presenting the results of simulations on the iterative decision
directed linear predictive receiver operating with the multiptath channel model developed in

chapter 3.

Chapter 6 discusses practical issues related to implementation of the iterative decision directed
linear predictive receiver. A discussion of receiver timing as it pertains to processing delay is

followed by an estimate of the receiver memory and computational complexity.

The thesis concludes with chapter 7 providing a summary as well as a discussion of the research

contributions and recommendations for further study.



2

Coded Orthogonal Frequency
Division Multiplexing

When digital data must be transmitted at a high rate over a wideband channel, they can be
interleaved over several symbol streams and each stream can be modulated onto a carrier at a
different frequency. If the carriers are synchronized, they can be spaced closely together without
any co-channel interference. This type of transmission scheme is referred to as multicarrier
modulation [3]. A number of schemes for realizing this type of modulation have been developed
[4], [30], [44]. The data transmission technique referred to as Orthogonal Frequency Division

Multiplexing (OFDM) is a type of multicarrier modulation.

Coded Orthogonal Frequency Division Multiplexing (COFDM) [22], [36] is an OFDM
multicarrier modulation technique that is suitable for use over mobile wireless channels. Prior to
being modulated onto the multiple carriers, the data are encoded using some type of error
correcting code and interleaved across time and frequency. COFDM has been proposed for use
in digital television broadcast [7] and also cellular mobile telephony [29]. The digital audio

broadcasting standard [8] currently in use in Europe and soon to be introduced in Canada is a

COFDM based system.



2.1 ORTHOGONAL FREQUENCY DIVISION MULTIPLEXING

2.1.1 OFDM basics

A double sideband pulse amplitude modulated (PAM) signal modulated on to a sinusoidal carrier

at frequency f; is represented by

s(t) = Refs, (1)e /2% } @.1)

where the signal s(r) is the lowpass equivalent of the transmitted signal and is given by

/25
5, (1) = - Y ¢, p(t—nTy) (2.2)
S n

The function p(¢) is a unit magnitude rectangular pulse that is zero outside the interval [0,75] and

Ts is the symbol duration. The variable c, represents the complex valued symbol being
transmitted in the n™ symbol interval and E; is the energy per transmitted symbol. Two
sequences of symbols ¢, ¢ and c,,; modulated onto two carriers offset by Af can be represented by

the following lowpass equivalents.

2F
So®)= < ch.op(' —-nTy)
TS n (7 3)
2 . _ ’
s[_l (I) = 'ES zcn'leﬂW(l—nTs)emﬂ p(t __nTS)
S n

where 6, is an arbitrary phase shift. In the signal space representation, the inner product

(x(t)] ¥()) can be defined as

(x]y@) = [ x(t)y" @)dr 24
and therefore
) ) (n+1)T, "’
<51.o(‘)I51.1 (1)> = ~TE‘ Zc,,_oc,:',e"e" Ie‘l-’mf“-"T,)d,
s n aT, | (25)
— Y cpoch e 1-e /2T
T n0%n.l 2-7[Af
s n J



It can be seen that under the condition Af=Kk/Ts, k being an integer, (2.4) evaluates to zero so the
two signals are orthogonal. This suggests a multicarrier modulation scheme where N symbol
sequences designated {c,«}, k=0, 1, 2, ..., N-1 are modulated onto N carriers separated by
Af=1/Ts. Equation (2.4) indicates that if the symbol intervals for each data stream are
synchronized, the signals on each carrier will be orthogonal. This scheme for multicarrier
modulation is referred to as OFDM. The signals on the individual OFDM carriers are orthogonal
and can thus be separated by a correlation receiver. It is common to refer to the individual
carriers as subcarriers or subchannels. The lowpass equivalent of an OFDM signal referenced to

a carrier frequency f; centered in the range of N subcarriers is

2E N2
s(1)= T S z ZC,,'ke’M‘(' nTs) I Ts p(t—nTg), for Neven (2.6)
S n k=l-N72

where c,, « represents the symbol in the n™ symbol interval on the " subcarrier.

2.1.2 OFDM susceptibility to intersvmbol and interchannel interference

One can interpret the OFDM signal as being an expansion over an orthonormal basis defined by

W)= 2E5 Y €, 1 X0 i (1)
nk

xn.k (t) = p(t — nTS ) ejwsu—"TS) v
v TS

The subscript I which has been used to designate a lowpass equivalent signal is not used in (2.6).

2.7)
fsTg =1

From this point forward, all signals are to be interpreted as lowpass equivalents unless otherwise
indicated. The information symbols may be obtained from s(r) by projecting on to this set of

basis functions.

Xnk (I)> = zcm.l <xm.1 (t) Xn k (I)> =Cnk (28)
m/

én.k = <S(t)lxn.k (t )> = <2 CmiXmt (t)
mJl

This is what is commonly referred to as a correlation receiver because the inner product
operation is essentially a correlation in the time domain. When the signal passes through a linear
channel the received signal consists of a weighted sum of the channel responses to the individual

basis functions. In general, these responses will be distorted in such a way as to loose their



orthogonality. Even with no such distortion, there can be a loss of orthogonality due to imperfect
receiver synchronization in time and errors in the carrier frequency estimate. This loss of

orthogonality causes intersymbol interference (ISI) and interchannel interference acn.

To alleviate this effect, OFDM signals are transmitted with a guard interval. The total duration of

the OFDM symbol interval is made longer than the inverse of the frequency separation.

ZE N/2 - _
s(1) = LY Y, e p (1 —nTg), where f,T, =1, Neven (2.9)

Ty 5 s=ionia
The symbol interval Ts now consists of a guard interval T followed by a useful symbol interval
Ty. Ey refers to the energy per symbol in the useful symbol interval. The function ps(?) is a unit
pulse function that is zero outside the interval [-T,Ty]. One can analyze what happens when the
transmit signal s(z) is passed through a linear time invariant channel and then detected by

correlating with the following set of orthonormal functions.

. _ Py (t—nT; +6) J2rfy (1-nTs+6)
Xoi(8) = e ,
vIy

where o represents a timing error in the receiver and pu(?) is a unit pulse function that is zero

fuTy =1 (2.10)

outside the interval [0,Ty]. The duration of the impulse response plus the receiver error is
assumed to be less than the guard interval. The received signal r(r) is the convolution of the

transmit signal with the channel impulse response.

rt) = j h(T)s(t - T)dT 2.11)

The functions in the above integrand are plotted in figure 2-1 for ¢ = nTs. From this, it is apparent

that the above integral for t € [nTs-6, nTs+Ty] is equal to

NI2 T
2EU 2 C"‘k J:h(rkij[(l—f)-’lTS]dr (2.12)

Ty ieicwn 0

r,(1)=

which evaluates to

2£.U & J 2kt (1-nTs)
r,(t)= Y H(kf )c, e/ ™0 s (2.13)
U k=1-N/2
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where H(f), the channel transfer function, is the Fourier transform of the channel impulse
response. The receiver decision variables are retrieved by projecting the received signal on to the
set of functions {x, ()} from (2.10).

Vi = (r®)|x, . ) (2.14)

The interval where x, (¢) is non-zero is contained completely within the interval where r,.(t) is

defined so one may write

2EU "TS -TU )

Yok == N Hf, )c, oW inTs) g2y i=aTs =5 4y (2.15)
u nTg~& 4
which is equal to
Yuk =V 2Eye P H i ), (2.16)

nth symbol T h(D S(IITS- D

interval ~—
/ Guard

interval
Useful symbol 1 -
interval
— T

T, 0 T. T,

Figure 2-1 Graphical representation of integrand factors in the convolution of the
channel impulse response with the OFDM signal.

The demodulated symbol is equal to the transmitted signal multiplied by a complex constant
equal to the channel transfer function H(f) evaluated at kf; and phase shifted by a linear term
which is proportional to the timing error J. There is no contribution from the transmitted symbols
in any other symbol interval or any other subcarrier. One can conclude that as long as the

duration of the guard interval is greater than the duration of the channel impulse response plus

the timing error, i.e.

11



there will be no ISI or ICI. The converse has not been demonstrated but it can be demonstrated

that if condition (2.17) is not fulfilled, than there will be both ICI and ISL.

Expression (2.15) for the received signal reduces to (2.16) because the limits of integration are
over an integer number of cycles of a complex exponential and thus are zero when ! # k. This
simple expression in the integrand of (2.15) occurs as a result of the signal transmitted in the
guard interval, commonly referred to as a cyclic prefix. Without the cyclic prefix signal, the
integral in (2.15) would not reduce to zero when / # k£ and there would be ICI terms in the
received variable ynx. The cyclic prefix causes the total energy transmitted per symbol to be

iarger than the energy in the useful symbol interval.

T
E; =-TLEU (2.18)
U

The receiver however only uses the useful interval for detection. Therefore, in an additive noise
channel, it will perform as if the energy per symbol was only Ey rather than Es. This results in an

effective loss of 10 log;o(Es/Ey) dB in SNR performance.

2.1.2 Use of DFT for modulation and demodulation

Let the OFDM signal (2.8) be sampled at N equally spaced instants over the n™ useful symbol

interval where N is a power 2 of that is larger than N.

km
T_ 2 N/2 jzﬁ—. -
:[nTS + m-‘/ )Esn[m]= Ey Z c..¢ Y, m=0,1,---,N-1 (2.19)
N V Ty ici=ni2

Define a rearranged symbol sequence ¢, as:

Cokr  OSk<SN/2
Cak ={C i N-N/2+1Sk<N-1 (2.20)
0, otherwise

The negative indexed cn« values, have been placed at the end of the rearranged sequence and

zeros have been padded in between. Equation (2.19) becomes



§

2E, Y31 -
s,[m]= / £y &4 ¥, m=0,1,---,N-1 (2.21)
TU k=0

This is the expression for an N -point inverse discrete Fourier transform (IDFT) except for a

missing multiplicative factor of 1/N . One familiar with the periodic properties of the IDFT

could obtain (2.21) from (2.19) by inspection. A sampled version of the OFDM signal in the n"
useful symbol interval can thus be obtained by passing the modified sequence c,, through an
IDFT. Since we have chosen N to be a power of 2, the inverse fast Fourier transform (IFFT) can

be used to generate the sampled signal in a computationally efficient manner. The sampled

version of the cyclic prefix signal for symbol interval n is simply generated by taking the last
I_TGN /Ty, _l values of s,[m]. The sampled signals can then be passed through a digital-to-analog

converter to generate the transmitted OFDM signal.

At the receiver, the signal (2.13) can again be sampled at N equally spaced instants over the

interval [(nTs-0, nTs+Ty-9) to obtain

mT,, 2E, N/2 - j2nf, s jarn -
r(nTs + —%-8)=r,[m]= Y Hfy)e ?™0c, e’ 8, m=0,1,--, N-1 (2.22)
N U k=I-N/2
Once again define
H (kf,, ye ™ 12™v® 0<k<N/2
Hkfy)={H((k~N)f,)e Z4M0d & _Nidsl<k<N-1 (2.23)
0 otherwise

and rearrange the above terms to obtain

N-l j2nm -
r,[m]= /zfu 2 H(kfu)E,,_keJ ¥, m=0,1,---,N-1 2.24)
: U k=0

This is simply the IDFT of the modified sequence H (kfy )€, so one can retrieve this sequence

using the DFT:
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2 ~ N-i -jl:rﬂ
2Ly H ks, )T, =i.2 rmle ¥, k=0,1,---,N -1 (2.25)
U m=0

Finally, the complex symbols are obtained after rearranging the sequence according to the

inverse of (2.23):

2E,
TU

Yok = H(kf,)e 77, (2.26)

The detected symbols are equal to the transmitted symbols multiplied by a constant gain factor
and a channel gain factor, and phase shifted by a linear term. This result is analogous to that

obtained using the correlation detector in the previous section.

2.1.3 OFDM over an AWGN channel

The system block diagram shown in figure 2-2 depicts OFDM transmission over a linear, time
invariant additive white Gaussian noise (AWGN) channel. Since the sampling and DFT are

linear operations, one may calculate the DFT of the sampled noise process and add it to (2.24) to

obtain the signal plus noise DFT output. The signal is sampled at a frequency N/ T, so it should
be passed through an ideal anti-aliasing filter with bandwidth N/ 2T;, prior to sampling. Assume

that N is large enough so that the information signal is not affected by the anti-aliasing filter.
The complex low pass equivalent of a real noise process with power spectral density Ny/2 has a
power spectral density of 2Np. After passing the signal through the filter and sampling one

obtains discrete, zero mean, white, complex Gaussian random process n, with variance

ol = ?.I\A/N0 /Ty .If one takes N of these from the n™ symbol interval and passes them through a

DFT one obtains (see appendix A) N independent zero mean complex Gaussian random

variables v, with variance o2 = 2N, /Ty . The combined signal at the DFT output is then

’ 2E -7
Yoi =‘/ = LH(kfy e *™S¢ , +v,, 2.27)
U

The system of figure 2-2 can thus be treated as consisting of N discrete AWGN channels with a

sample frequency of 1/Ts. To further simplify, the outputs can be normalized resulting in
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Vi = Hlkfy)e P8¢ +w,, (2.28)

and the variance the w,; is 0’3. =Ny/E,.

Sample and
MUX DEMUX
Cao * /= ¥ 2.0
C n l_. I: g ‘n.l
4 AWGN Channel /
o - L ¥,
AWGN
Cn_\:’l'.‘—.l =2 i
0 —» N (=2, -~
v | /%
0 DAC Hi ——ft\ F / DFT
. L Al ‘ LP| * .
: IDFT . ] (7)) -+ . .
0 —»
Cotean™®
Cozon™®
e —e . — Y,

Figure 2-2 Block diagram depicting OFDM transmission over AWGN channel

2.1.4 Other multicarrier modulation techniques

As discussed briefly above, the OFDM signal with no guard interval can be considered as an
expansion of the transmitted signal over an orthonormal basis as defined in (2.6). Each member
of this basis consists of a rectangular pulse of duration Ts which is time and frequency shifted to
obtain a basis that spans all of L(R), the set of square integrable functions. Another basis which
can be used for multicarrier modulation is obtained by using a sinc(fsr) shaped signaling pulse
having a rectangular spectrum whose frequency shifted versions do not overlap at all. This can

be considered as the dual of the OFDM system.

It is well known that abrupt cutoffs in either the time or frequency domain generally impose
constraints on transmitter and receiver design that are difficult to meet. These constraints are
mitigated somewhat by the use of a guard interval as discussed above, but this requires a waste
of transmitted power and transmission capacity. It is therefore natural to look for an orthonormal
basis whose members can be obtained as time and frequency shifted versions of a lowpass pulse

having time and frequency domain characteristics that roll off gradually. In fact such bases do
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exist [22] but they require that the symbol length be related to the frequency spacing by fsTs =

172. In this case, the inner product for the signal space is redefined as

(x| y@)), = Re{f x(0)y" ()t} (2.29)

and the basis functions are defined as

X1 (1) = j" e x(t = nTy) (2.30)

The most common multicarrier scheme requires that the following condition is met for

orthogonality of the basis functions.

X(f)=0 [ fI2 fs
| XUOP +IX(f = fP=1fs 05 f<fq (2.31)
[ XOP XU+ f)P=Vfs ~fs<f<0
where X(f) represents the Fourier transform of the signaling pulse x(r) which must be an even
function. The signaling pulse is defined here to be centered at 7 = 0 as opposed to starting at zero

as in the previous section. An example of such a pulse spectrum is the haif cycle cosine function

which has the spectrum

L cos 2
X(f)= \/—fs_cos 2fs If IS fS (232)

0 otherwise

and the time domain representation

() = 4fs cos2afs1) (2.33)
) 7(1-16f?) '

Using this scheme, an information sequence may be transmitted using the signal

s =2Es ¥ cpuXni () (2.34)
nk

In the conventional OFDM scheme transmitted symbols were allowed to take complex values
and could be retrieved by performing the inner product operation as defined in (2.4). However,
with the modified definition of inner product given by (2.29), only the real portion of a complex

transmitted signal can be retrieved using a correlation receiver. Consequently the transmitted

16



symbols must now be real numbers. One is still able to transmit the same amount of information

in a given bandwidth because of the modified relation between the subcarrier spacing fs and the

symbol interval T.

The actual signal transmitted can be obtained from the lowpass equivalent representation (2.34)

See (1) _ 2 ’: Ec;'kx(t—nTs)Cos 2n(f. +kfs i + EC;.L-X(’ —nTg)sin 2z (f. + kfs )IJ+

V-?-ES keven| neven n odd

(2.35)
D [ Y c; i x(t —nT)cos 27(f, + kfs )t + Y ¢l x(r = nTs)sin 272( £, + kf )x]
kodd |_nodd neven

The signal on each subcarrier is an offset quadrature amplitude modulated (OQAM) signal [28].

The modified information sequence ¢, has some of the signs changed from the original

sequence.
n+k
, Cox (1) 2 ,forn+ k even 5
C"J‘ = n+k+l (--36)

c,. (1) * . forn+kodd

As in the case of OFDM, there are efficient digital signal processing techniques that can be used

to generate the signal [31], [32]. Other pulse shapes that will ensure the orthogonality of the basis

functions (2.30) are discussed in [22].

2.2 COFDM SYSTEM

2.2.1 System description

Coded Orthogonal Frequency Domain Multiplexing (COFDM) refers to an OFDM system with
some form of error control coding used on the symbols ¢, prior to transmission. A block
diagram of a COFDM system is shown in figure 2-3. This is a simplified version of the scheme
used in the European and Canadian Digital Audio Broadcasting (DAB) standard discussed in

more detail in the section 2.2.2. This block diagram is the basis for most of the analysis and

simulation discussed in this thesis.

The sequence of binary information symbols is encoded using a convolutional code. For our

simulations we have used a rate 1/2 convolutional code with constraint length K=7 as depicted in
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figure 2-4. Here constraint length is defined to be number of memory elements in the encoder

plus one. The two interleaved outputs of the encoder are a modulo 2 convolution of the input

sequence with the generator sequences gi” and gs". It is common to specify encoders by

writing the generator sequences in right justified octal format resulting in g{” =133 and

g =171 for our code.

Transmitter
Data source |—pj R V2FEC| ) Time | | QPSK |, Frequency
encoder interleaver encoder interleaver
<
Differential [DET ol Channel
encoder
-4
Symbol . .
synch. and —# DET > Differential L » F.rcquency QPSK
detector deinterleaver demodulator
sampler
L 1.
Time Viterbi .
deinterleaver [ |  decoder Data sink
Receiver

Figure 2-3 COFDM system block diagram.

The next block is the time interleaver which rearranges the sequence of the coded bits by
delaying a bit by n frames where a frame is 59,136 bits long. The delay n is determined by bit
reversing a binary representation of its position in the coded sequence modulo 16. Figure 2-5
shows a diagram of how the bits are delayed according to this formula. For example, the binary
representation of position 4 is 0100. A bit reversal of this gives 0010: a delay of 2 frames. Thus

the bit in position 4 of frame i is placed in position 4 of frame i+2 in the interleaved sequence.
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The bit in position 20 of frame i would also be delayed by 2 frames since 20 modulo 16 is equal

to 4.
Interieave
X, D D » D D D N
o HD—F (-
Figure 2-4 Rate 1/2 convolutional encoder used for COFDM simulations. The
symbol D represents a delay element.
Coded data sequence
frame {

fo:vi2]3 4151617189 f10inizi3ai15; ( PJoir 23 als. s

! ' H I

i ’ v v
0000 0100 1000 1100
D G 4 .
0000 0010 0001 0011

: ! ‘, 3 frame delay ———»

' : I frame delay ——

! ~ 2 frame delay :

A A ¥ »
Iotr;z:‘a;usjs}ﬂejg i lofrjzgsu;s;s;na!\ <. Joiviz2;a3, 47\ 1

frame ¢ frame i+ frame i+2

Interleaved data sequence

Figure 2-5 Time interleaving scheme for COFDM system used in DAB specification.

This interleaving scheme means that one frame of coded data is dispersed throughout the
subsequent 15 frames of the interleaved sequence. Also a single frame of interleaved data
contains bits from the previous 15 frames of the coded sequence. Thus an n frame long sequence
of coded data will result in an n+l1S frame long sequence of time interleaved data. When
simulating the COFDM system, the first frame of interleaved data requires the coded bit
sequence from 15 previous non-interleaved frames. When the simulation starts, these 15 frames
are not available. The second frame of interleaved data requires bits from the first coded frame

and 14 other previous frames which are not available and so on. The first 15 frames of
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interleaved data will thus have some positions for which data are not available. There needs to be
some means to initialize the time interleaved sequence when simulating the COFDM system.
This can be done simply by entering random bit values in positions where coded bits are not

available. A similar situation occurs in the last 15 frames of time interleaved data.

The time interleaved bit sequence is mapped to complex 4-PSK symbols which will be assigned

to the OFDM subcarriers. Let b; represent the i bit in the time interleaved sequence.

1 C
(= 2byyy + jA 2B ) 2.37)

Ap k) = \/-;
where a, is the symbol corresponding to the '™ symbol interval and the & subcarrier, N is the
number of subcarriers, and 7(k) represents a permutation of the integers k=0, 1, ..., N-1. This
permutation accomplishes the frequency interleaving portion of the system. The permutation

used for DAB is rather lengthy to specify and the reader is referred to [8] for the details.

Prior to modulation onto the OFDM subcarriers, the symbols a, are differentially encoded. We

have used two differential encoding schemes for simulations.

_ -jrla
Cnk = AnkCn-14€ (2.38)

and

(2.39)

Cnk = 8niCn-1k
The second scheme is called 774-shift 4-DPSK and is the technique actually used in the DAB
standard. The two schemes differ in that (2.38) produces symbols c, € {1, j, -1, -j} that form a 4-
PSK constellation while (2.39) produces symbols Coi € (€'} m=-3, -2, ..., 4 that form an 8-

PSK constellation. This has no effect on differential detection of the symbol sequence but does

have ramifications for some of the other detection techniques that will be discussed.

The symbols ¢, are OFDM modulated using the IDFT approach and transmitted across the
channel. The channel model is a lowpass equivalent channel so there are no RF carrier
modulation and demodulation blocks in the system baseband representation. A block that
performs symbol synchronization and Sampling is shown. In the simulations and analysis that
follow, it is assumed that the symbol synchronization function has been realized perfectly. After
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the FFT retrieves the symbols on the individual subcarriers, the receiver performs differential

detection:

-~ - izl $
Qpi = YorYnru€’ (2.40)

for ordinary 4-DPSK and

Qi = Vo Ynols (2.41)

for m4-shift 4-DPSK. The de-interleaving functions are the inverse of the corresponding
transmitter functions except they are operating on the real and imaginary parts of the differential
detector output rather than on binary digits. The final block in the receiver is a Viterbi decoder

which performs maximum likelihood decoding of the convolutional code.

The digital audio broadcast (DAB) standard [8] adopted for use in Europe and Canada is a
COFDM system. Four modes of transmission referred to as modes I to IV, are defined in this
specification. The fundamental difference in these modes is the spacing of the subcarriers and the
related symbol duration. Since all modes must operate in a fixed allocated bandwidth, this
implies that the number of subcarriers varies between modes and the overall symbol rate is the
same for all modes. A list of transmission parameters for the four modes is provided in table 2-1.
Mode I is currently not being considered for use in Canada. This thesis considers only mode IV
because it has the longest symbol interval of the remaining modes and is thus the most

vulnerable to errors caused by fast fading (as will be discussed in the next chapter).

The standard groups data into transmission frames which are 48 ms in duration for mode IV. At
the start of each frame there is a null symbol when no signal is transmitted followed by a phase
reference symbol when known symbols are transmitted on each OFDM subcarrier. These
symbols are used for receiver synchronization purposes. The data transmission capability of the
DAB standard is large enough to allow the transmission of several audio broadcasting programs.
Following the synchronization symbols, there are three symbol periods that are used for fast
information channel data. These data contain information about the multiplexing configuration of
the audio data in the remainder of the frame. To allow the receiver fast access to this

information, the time interleaving discussed above is not performed on these frames. Note that in

21



the simulations discussed in chapter 5, we will consider a COFDM system that does not include

the fast information symbols.

Value
Parameter Symbol
ModeI | Mode I | Mode Il | Mode IV
Number of subcarriers N 1536 384 192 768
Frame duration [ms] Tr 96 24 24 48
Symbol duration [us] Ts 1246 312 156 623
Useful symbol duration [us] Ty 1000 250 125 500
Guard interval duration [us] Tc 246 62 31 123
Subcarrier spacing [Hz] fu 1000 4000 8000 2000
Number of OFDM symbols per frame L 77 77 154 77
RF carrier frequency [GHz] fe 1.5
Table 2-1 DAB transmission parameters.

The discussion of the time interleaving in the previous section has specified the delay applied to
a coded bit in terms of frames. The transmission frame length for the DAB system varies for the
different modes so the time interleaving delay is actually specified in logical frames which are
the same duration for all of the modes. In our COFDM simulation, we break the data into 24 ms-
long logical frames and base the interleaving delay on these rather than on the 48 ms

transmission frames. This provides the required maximum interleaver delay of 16x24 = 384 ms.

The DAB standard allows for varying degrees of error protection on the individual audio
programs that are transmitted by means of rate compatible punctured convolutional (RCPC)
codes [13], [14]. This is a scheme where a low rate “mother code” is punctured to obtain a
desired higher coding rate. In the DAB standard, the mother code is a rate 1/4 convolutional code
which is punctured to obtain rates up to 3/4. Our simulations of the COFDM system use a rate
1/2 code to be representative of an intermediate level of error protection. The DAB standard calls

for each individual audio program data to be coded separately. In our COFDM system
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simulations the data in a transmission frame are treated as one long block that is encoded in a

continuous stream.

2.3 SUMMARY

The basic principles of the OFDM multicarrier modulation technique have been discussed in
some detail. OFDM is basically a PAM system where the pulses are rectangular windowed
complex sinusoids. By spacing the frequency of the sinusoids by the inverse of the pulse length,
the orthogonality of the pulses is ensured. Two important aspects of OFDM were discussed in
detail. It has been demonstrated that the guard interval with the cyclic prefix eliminates ISI and
ICI when the duration of the channel impulse response is less than the duration of the guard

interval. Also the use of the IDFT and DFT to synthesize and demodulate the OFDM signal was

discussed.

When an OFDM signal passes through a linear time invariant AWGN channel it is possible to
treat each subcarrier as an independent AWGN channel. This occurs because uncorrelated
Gaussian noise samples at the input to a DFT remain uncorrelated at the output. The sequence of
decision variables appearing at any DFT output tap will be equal to the data symbol sequence at
the corresponding IDFT input tap multiplied by a channel gain factor and corrupted by an

equivalent white Gaussian noise sequence.

The COFDM system that is employed for DAB is simply an OFDM modulation system where
the information sequence is convolutionally encoded and interleaved prior to being 4-DPSK
encoded and modulated on the OFDM subcarriers. The aspects of the COFDM system that are

important for the computer simulations detailed in chapter 5 have been discussed.

For DAB applications it is obviously important to know how the COFDM system performs over
wireless mobile channels. The next step in the analysis of the problem is the analysis of COFDM

transmission over this type of channel. This is the topic of the next chapter.



3

Frequency Selective Fast Fading
Channel Model

Wireless transmission of radio frequency (RF) modulated data signals between a fixed
transmitter and a mobile receiver is subject to two fundamental physical effects [28], [33], [45].
The first, multipath propagation, arises because there are many paths for the RF signal to follow
between the transmitter and the receiver. These paths have different delay, phase shift and
attenuation and the received signal is a superposition of these multipath signals. The moving
receiver gives rise to a second effect known as Doppler shift: the frequency of the received RF
signal shifts by an amount that depends on the vehicle speed and the incident angle relative to the

direction of movement.

Since the receiver is moving the length, attenuation, incident direction and number of
propagation paths change with time. This requires one to model a mobile channel as a time
varying linear system. Also the RF propagation environment is generally complex enough that a
deterministic characterization is not possible. Thus mobile channels are usuaily modeled as
randomly time varying linear systems. This chapter discusses the theory relating to randomly
time varying linear systems. Following this, a model for multipath propagation over a mobile

wireless channel is developed and the theory is applied to this model.
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Multipath propagation gives rise to a characteristic of wireless channels known as fading. The
signal varies in strength with time and position due to the random superposition of sinusoidal
signals. Channels can be characterized according to the probability density function of the signal

strength and the rate of change of signal strength. This channel characterization will be

discussed.

An important aspect of digital communication is known as diversity combining. In diversity
combining, redundant information is transmitted over uncorrelated paths and then combined at
the receiver to improve BER. The COFDM system has features that attempt to enhance
performance over a mobile channel by taking advantage of uncorrelated avenues of transmission

that exist at different frequencies and times.

The final section of this chapter is devoted to developing a discrete time statistical model for
OFDM propagation over a time varying multipath channel. This results in an expression very
similar to (2.26). This model is then applied to calculate the theoretical BER for a conventional
differential detector (CDD) operating on the COFDM signal. This model will also be the basis

for much of the analysis in chapter 4.

3.1 STATISTICAL CHARACTERIZATION OF LINEAR TIME VARYING CHANNELS

3.1.1 Linear time varying systems

A linear time varying system can be represented by its impulse response A(7, 1) which gives the
channel response at observation time ¢ to an impulse at excitation time 7 seconds in the past.
Bello [2] called this the inpur delay spread function. Since the analysis is based on processing
lowpass equivalent signals, this function takes complex values. The response to an input x(¢) can

be written as a convolution

y(t) = j x(t —T)h(z,1)dT (3.1)

It is important to realize that there is some delay between the time of transmission of an impulse
and the first response at the receiver so that in actual fact the function A(z 1) will be identically

Zero in some region 7€ (—=°,7,) . However channels are almost always characterized as if this

excess delay did not exist and the (7, ¢) is shifted appropriately so that it is zero only for 7 < 0.
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Alternate channel characterizations can be obtained by Fourier transforming the input delay
spread function in one or both variables. A summary of these appears in table 3-1. Here the

notation $_.{e} is used to represent the Fourier transform with respect to the vanable 7. For

single variable functions the capitalized Y(f) means the Fourier transform of y().

Name

Notation

Interpretation

Output

Input delay
spread function

h(z 1)

The response at time ¢
to an impulse at time
-7

y(t) = Ix(t —-D)h(r,t)dt

Time-variant
transfer
function

H(f,1)=3_{h(z.1)}

The system transfer
function at time ¢

YO = [ X(IHf el df

Delay-Doppler
spread function

U(r,v)=3,{h(r,1)}

y(@) = Hx(t -)U(r.v)e! ™ drdv

Output
Doppler-spread
function

G(f v)=3,{H(f.1)}

The response at
frequency f+vto a
complex sinusoid at

Y(f)=[Y(f -V)G(f -v.v)dv

frequency f

Table 3-1 Characterization of a linear time varying system.

3.1.2 Random linear time varying systems

For mobile channels it is usually necessary to treat the channel impulse response A(z, t) as a
sample function of a random process. One is often concemed with a second order
characterization of this random process. For this, the autocorrelation function of the process is

defined as

R, (7),75,0,,1,) = Ef{h(z,,1,)h* (,,1,)} (3.2)

In general, this is a function of four variables and is thus difficult to conceptualize. However, it is
generally accepted that it is valid to make two approximations when dealing with time varying
channels in a multipath environment. The first is called the uncorrelated scattering assumption
which says that there is no correlation between the complex scattering amplitude at different
values of the delay parameter 7. The second is that the process is wide sense stationary in the

time variable ¢ meaning that the correlation function only depends on the time difference
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At =1, - 1. Together these constitute the wide sense stationary uncorrelated scattering (WSSUS)
assumption which is employed in most modeling of wireless communication channels. In this

case, the correlation function reduces to

R, (1,At) = E{h(z,1 + At)h *(1,1)} (3.3)

In the case where we have an input signal x(r) passing through a random time varying channel,

the output will be a sample function of a random process y(z) given by

y@) = J.x(t -)h(zr,1)dT (34)

The autocorrelation function of the output of a WSSUS channel is given by

R, (t+AL)=E{y@t+An)y (D} = Ix(t +Ar—-7)x"(1 - T)R, (7,At)dT 3.5)

Using this it can be shown that if the system is excited with an impulse function x(¢r) = &i-1,),

then the autocorrelation of the output process will be

R.(1)=R,(t—1) (3.6)

where

R, (T)=R,(7,0) 3.7
It is seen that the output is a non-stationary random process whose mean power is spread over
time by the channel. The function R, (7) is called the multipath intensity profile or delay spread
profile. The duration of time where this function is non-zero or greater than some predetermined
threshold value is called the multipath spread or delay spread of the channel and is designated by

Tm-

As with deterministic time varying channels, it is possible to characterize the random channel by
Fourier transforming the channel function k(7 ). In analogy with table 3-1 the time variant
transfer function H(f, t) for a random channel is defined to be the Fourier transform of h(7, t)
with respect to the variable 7. The time variant transfer function is a sample function of a random
process and the spaced-frequency, spaced-time correlation function which for a WSSUS channel

is only a function of Af and Ar may be defined as follows



Ry (&f.An) = E{H(f +Af .t +At)H ™ (f,1)} (3-8)
Also Ry(Af,Ar) is the Fourier transform of R,(7, Ar) with respect to the variable 7. If two complex
sinusoid functions x,(r) =e’/*™ and x,(r) =e/>"* are input to the channel described by Ru(Af,
Ar) then one may calculate the cross correlation between the corresponding output processes to

be

E{y,1+Ar1),y,(t)} = /"™ /> TR, (Af A1), Af = f, - f, (3.9)
Therefore the function R4(Af, Ar) gives a measure of the correlation between channel outputs
corresponding to inputs separated by Af. If this function is zero for a region |Af] > Af,. then the
responses, yi1(¢) and y»(?), to inputs separated by more than Af will be uncorrelated. Conversely
for [Af] < Af., the two output processes will maintain some level of coherence. Thus the
parameter Af. is referred to as the coherence bandwidth of the channel. The spaced-frequency
correlation function is defined as Ry (Af)= R, (Af.,0). This is the Fourier transform of the
channel delay spread profile. This Fourier transform relationship means that Af. is proportional

to the inverse of 7,.

Returning now to equation (3.5) one can see that if the function Ri(7, Ar) is zero for |A > Al
then R\(t+As, 1) will also be zero in this same range and there will be no correlation between

samples of the output signal separated in time by more than Ar.. Furthermore, when the input to

the channel is x; (1) = e/2™" the autocorrelation of the output is
R, (Ar)=e’*"¥ R, (Ar) (3.10)
where

Ry (A1) = Ry (0,A1) = [ R, (r,And7 (3.11)

is called the spaced-time correlation function. Because of the relation (3.11) the function Ry(Ar)
is non-zero in the interval |Ar] < Arz.. From (3.10) then one sees that channel response to a
sinusoidal input maintains some degree of coherence over an interval of time that is less than Ar..

For this reason the parameter Az, is referred to as the coherence time of the channel.
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A third characterization of a time varying channel is obtained by Fourier transforming A(7, 1)
with respect to 1 obtaining the delay-Doppler spread function U(t, v). For a WSSUS channel,

this process is uncorrelated at different values of rand v. The correlation function given by

S@E.v)=E{U(t+Ar,v+AVv)U (7,v)} (3.12)
is referred to as the channel scattering function and this can be shown to be the Fourier transform
of the channel correlation function R,(7, Ar) with respect to the variable Ar. If the function
x (1) =/ s input to the channel it can be shown that the power spectral density of the output

random process is given by
S, W)=Sv-£) 3.13)

where

SW)=[S(z.v)dr=S8, (R, (A1) (3.14)

This is called the Doppler spread function of the channel. The effect of the random channel is to
spread the mean power spectrum of the input cissoid (complex sinusoidal) around the frequency
fi- The Doppler spread f; of the channel defines the region |y < f; where S(V) is non-zero or non-
negligible. Because of the Fourier transform relation (3.14), the Doppler spread of the channel is

proportional to the inverse of the coherence time Ar..

Since the delay spread profile Ry(?) is equal to R,(7, 0) and the channel scattering function is the

Fourier transform of R,(7, At) with respect to Ar, one deduces that

R, (1) = [S(z.v)dv (3.15)

Therefore integrating the channel scattering function over the variable v produces the delay
spread profile which gives an indication of how the power from a function that is perfectly
localized time (a delta function) is spread over time by the channel. Integrating the channel
scattering function over the variable 7 produces the Doppler spread which gives an indication of
how the power from a function that is perfectly localized in frequency (a cissoid) is spread over

frequency by the channel. The channel scattering function thus provides a good indication of the
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time and frequency spreading effects of the channel and in practice is often used to characterize a

time varying WSSUS channel.

3.2 TIME VARYING MULTIPATH CHANNEL MODEL

3.2.1 Multipath propagation for narrowband signals

To proceed with the analysis of DAB it is necessary to develop a model allowing the calculation
of the channel statistics discussed in the previous section for a broadcast channel. That is, a
channel consisting of multipath RF propagation between a fixed transmitting antenna and a
receiver antenna on a moving vehicle. To do this, assume that RF propagation takes place over M

paths as depicted in figure 3-1.

Transmit
antenna Path 3
) Direction
—_—

of motion
Mobile
.. antenna

Figure 3-1 Multipath propagation between fixed transmit antenna and mobile
receive antenna.

The transmitted signal is represented as

s(r) = Re{s, (1)e’ 27} (3.16)

It is assumed that the bandwidth of the lowpass equivalent signal sq(r) is several orders of
magnitude lower than the carrier frequency. This is valid for DAB in Canada as the signal
bandwidth is about 1.5 MHz and the carrier is 1.5 GHz. Under this condition, the lowpass

equivalent received signal from any particular path can be approximated as [33]
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-2 + (2
() = o5, (t —1;)e T g 12 G.17)

where the parameters ¢, f4; and 7; represent the complex attenuation, the Doppler shift and the
propagation delay for the i path. Referring to equation (3.1) one can see that the time varying

channel impulse response corresponding to this received signal is

hi(T,1) = ae” I n QI 5 1) (3.18)

To model the multipath channel. the parameters a;, f;; and 7; will be treated as random variables
and then the number of paths M will be made large enough that the central limit theorem can be
invoked. The statistical characteristics of the channel will depend on the assumptions that are

made about the statistics of these random variables.

The first assumption is that the carrier frequency f; is sufficiently large that the phase shift

9; =2n(f. + f4,)7; in (3.18) goes through so many rotations over the range of 7; that it can be

treated as uniformly distributed between —7 and 7 The random channel function is expressed as

the summation of the contribution from each path

M M _ )
hr) =Y h(r.)= Ae e/ §(r~T)) (3.19)

i=l i=l
where A;, ®;, F, and T; are independent random variables representing the complex attenuation,

the phase shift, the Doppler shift, and the delay associated with path i. This means that
E{h,(1,,1;)} = E{A;}E{e "™ \E{e/"" \E{S(1, - F))} (3.20)
and since ®; is uniformly distributed, E{e ’®} =0 and consequently

E{h (7,,1;)} =0 3.21)
Now assume further that the random variables A;, ®;, F;, and T; are independent for different
paths. This means that the random variables hy(7.z,), being functions of independent random
variables, are themselves independent random variables. Now, let o7 represent the variance of

the random variable h(7,1;). One can invoke the central limit theorem which says that as M

becomes large, the scaled random variable
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1
—h(t,,1)), 0°=0}+0+---+0} (3.22)
o

will approach a normally distributed random variable with variance 1. Let us then calculate the

autocorrelation function for the random process h(tt)

R, (7),75,0,,15) = E{h(7,,1,))h" (7,,1,)}

M M
= E{Z (1, 0) Y g (75,1, )}
k=1

=] =
M M .
=3 Y E{h(z,.0,)h; (75,1,)}
i=l k=1
The expectation in the above double summation is equal to zero for i#k since the h(7.r,) and

hu(72,12) are independent zero mean random variables for i#k. The result is that

M
R, (7,,7,.00.05) = Y E{h;(z,,1,))h (T3.15)}
=l (3.23)

M
=Y R, (7,.75.1,.1,)
i=1

The conclusion is that for a sufficiently large M, the aggregate random process will be a zero
mean complex Gaussian process with autocorrelation function given by the sum of the
autocorrelation functions of the individual processes. At this point it should be noted that the
autocorrelation functien (3.23) does not contain information about the correlation between the

real and imaginary parts of the complex process. This is discussed further in appendix B.

3.2.2 Multipath channel model
The multipath channel will be modeled using (3.19) where each path is assumed to have equal
non-random attenuation a; =1/vJM , the delays are exponentially distributed and the direction

of path incidence on the mobile unit is assumed uniformly distributed. The resulting channel

model [5], [36] is depicted in figure 3-2.
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‘ Delay

M

Figure 3-2 M path wireless channel model.

Let the random variable ©; represent the angle of incidence of the i path measured in relation to

the direction of vehicle movement. This means that the Doppler shift is given by

F;, = f,cosO, (3.24)

The maximum Doppler shift f; is given by fi=f.v/c where f. is the carrier frequency, v is the

vehicle velocity and c is the speed of light.
If ©; is uniformly distributed between —z and 7, the density function for F; will be

1

—, | fI£]
N =3 fr2 -2 ! (3.25)
0 otherwise

The density function for the delay is
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l "/a‘l
—e , 120
0, otherwise

(3.26)

where oy is the mean delay spread. Equation (3.19) will be Fourier transformed with respect to
the variable 7to obtain the time variant transfer function and then the spaced-frequency, spaced-

time correlation function for the channel model will be evaluated.

M l M . . —_
H(f )= H,(f,1)=—= e /2 p=i2AT, (3.27)
2G0T

i=1
For sufficiently large M, this channel function is a zero mean Gaussian random process. The
correlation function may be calculated as the sum of the individual process correlation functions

, 5 2
R, (Af,Ar) =Lg{el~ﬂﬁme‘!~mf’: } =_I_M)_ (3.28)
! M M 1+ j2rAfo,

where Jo(x) represents an order zero Bessel function of the first kind. The summation merely

removes the 1/M factor so that

Jo (27, Ar)
Ry (Af,Ar)y=—0"""9d" "7 3.29
u (A&f ,Ar) T+ j2n0fo, (3.29)

The details of the above calculation are shown in appendix B. The function (3.29) may be
Fourier transformed in both variables to obtain the channel scattering function.

S(t,fy=—e7oe L (3.30)

] 2

47 fi—f°
The delay spread profile for the channel has the same shape as the probability density function
for the path delays and the Doppler spread function has the same shape as the probability density

function for the path Doppler shifts.

The M path channel model discussed here will be used for computer simulations discussed in
chapter 5. The correlation functions discussed up to this point are ensemble averages. When
performing a computer simulation, one must use a particular realization of the model random
process. For any particular realization of a random process it is possible to define a time-

frequency averaged autocorrelation function as
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T F
R, (Af,An) = Fl;rgm# j j H(f +Af .1+ At)H ™ (f,1)dfdr (3.31)
; ~T~F

For the channel model under consideration, this function evaluates to

~ M YAy — i
R, (OF. A1) = Mlzef-’me j2f, (3.32)
i=1

where f; and 7, i=l, 2, ..., M are the observations of the random variables F; and T; which
correspond to a particular realization of the random process. The quantity under the summation
sign in the above is an independent observation of the random variable ¢/>%* ¢~ /**" The sum
of any M independent observations of a random variable converges to M times the expected
value of that random variable for sufficiently large M. Therefore for large M, (3.32) will
converge to

Ry, (Af,Ar) = E{e/ YT o2y _ 11%% (3.33)
which is equal to the ensemble averaged correlation function (3.29). Figure 3-3 is a plot of the
time averaged spaced time correlation function for three realizations of an M=40 path channel
model. Each realization is a plot of (3.32) for Af=0 and f; drawn independently from the density
function (3.25). The ensemble averaged function which is (3.29) for Af = 0 is also plotted in the
figure. One can see that the individual realizations do indeed appear to be converging to the

ensemble averaged function although any particular realization may deviate as Az increases.

This M path channel model provides a simulation of a channel with an exponential delay spread
profile and a uniformly distributed incident angle for the transmission paths. For typical urban
(TU) propagation, the mean delay spread oy is equal to I us. The value of the maximum Doppler
shift depends on the vehicle velocity. The value of 160 Hz depicted in figure 3-3 corresponds to
a vehicle velocity of 115 km/hr for DAB mode IV.
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Figure 3-3 Autocorrelation function for three realizations of 40 path random
delay random Doppler shift channel model (solid lines) and ideal
channel (dashed line), both with f;= 160 Hz.

3.2.3 Flat and frequency selective fast Rayleigh fading

In the previous section, it was shown that the lowpass equivalent of a multipath channel
consisting of a large number of random paths can be described by a zero mean complex Gaussian
random process. The received signal will be a linear transformation of this process and will thus
itself be a zero mean Gaussian random process. Such a process has a modulus which follows a
Rayleigh distribution. Thus the magnitude of the received signal will follow a Rayleigh
distribution. At some points in time it will be very small and at others it will be very kigh. The
situation when the signal strength is low is referred to as a fade and thus the channel is called a
Rayleigh fading channel. Physically this type of channel occurs when there are many scattered

paths between the transmitter and receiver but no line of sight path.

The fading rate of a wireless channel is a measure of how often the magnitude of the received
signal falls below a certain threshold in a given time period. The exact value of this parameter
depends on the nature of the transmitted signal and the fade threshold value. For a sinusoidal
signal passing through a Rayleigh fading channel, it can be shown [33], [45] that the fading rate

36



is directly proportional to the Doppler spread f; of the channel. Since fa is proportional to 1/At.,

one can also say that the fading rate is proportional to the inverse of the coherence time.

For wireless communication, one generally differentiates between two situations: fast and slow
fading. With slow fading, the channel coherence time is much longer than the symbol period and
the related fading rate is much lower than the symbol rate. The ratio of the symbol duration to
the channel coherence time Ts/A1. = f,Ts is a convenient parameter for describing the channel
fading rate and therefore the condition for slow fading is f;T5s << 1 [28]. This means that a
receiver can use some sort of automatic gain control and/or carrier tracking loop and essentially
operate as if the channel was unchanging. For fast fading, this is no longer the case and symbol
detection must take account of the rapidly varying channel. Transmissions over mobile channels
are typically differentially modulated and in this case demodulation only requires that the
channel coherence time be larger than the duration of a few symbols. Analysis will show that for
mode IV operation of the COFDM system used in DAB, a conventional differential detection

receiver cannot achieve the required BER for values of ;T in excess of about 0.08.

For wideband transmit signals, different frequency components are affected differently by the
channel and hence this channel condition is called frequency selective fading. The situation
where the duration of the channel delay spread is low in comparison to the duration of the
transmit signal pulse or, equivalently, when the coherence bandwidth of the channel is large in
comparison to the transmit signal bandwidth is called flat or frequency non-selective fading. In
this case, all frequency components of the transmit signal will be affected similarly by the
channel. For a flat fading channel, the received signal can be expressed as y(r) = x(z)h(r) . The
received signal is obtained by multiplying the transmit signal by a time varying gain factor. For
practical values of the channel delay spread the signal transmitted on each subcarrier of the
OFDM signal can be viewed as a narrowband signal passing through a flat fading channel. In the
next chapter, this fact will be used to adapt techniques developed for frequency non-selective fast

fading channels to the OFDM signal.

3.2.4 Diversity combining

For fading channels the technique called diversity combining refers to an attempt to decrease the

probability of a decision error by observing several random variables which are related to the
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symbol value. For example, if a replica of a symbol delayed by a length of time longer than the
channel coherence time is transmitted, the two received copies of the symbol will be
uncorrelated. It is unlikely that both copies will be in the midst of a deep fade and therefore a
proper combination of the two will result in a lower overall error probability. This would be
called taking advantage of the time diversity of the channel. For frequency selective fading

channels, one can also take advantage of frequency diversity to obtain an improvement in the

BER.

The time and frequency interleaving specified for a COFDM system are attempts to take
advantage of the time and frequency diversity in the mobile channel. The convolutional coding
of the message sequence creates a string of coded bits having some dependence on a given
information bit. The time and frequency interleaving then disperses this string across time and on
several subchannels. The hope is that in this way, a fair percentage of the coded bits related to
the value of a given information bit are likely to be detected reliably and therefore it can be
decoded correctly. The depth of time interleaving needed to ensure the necessary time diversity
is related to the coherence time of the channel which is related to the vehicle velocity. The
breadth of frequency interleaving required to achieve the necessary frequency diversity is related

to the delay spread of the channel.

3.3 OFDM TRANSMISSION OVER TIME VARYING MULTIPATH CHANNEL

3.3.1 OFDM guard interval function for wireless channels

The delay spread profile for a time varying WSSUS channel (3.7) is given by
R, (1) = E{| h(z,t)|*}. This function is negligible for 7 greater than the channel delay spread.
This means that the random variable h(T, 1) takes a value that is close to zero with high
probability for 7> 7,. This in tum means that any sample function h(7, 1) will take on negligible
values for 7> 7,. Equation (3.1) then indicates that any input occurring at time ¢ < f;-7, has

negligible effect on the output occurring at time ¢ > ¢;. This leads to the conclusion that if the

OFDM guard interval is larger than the channel delay spread, the intersymbol interference is

negligible.
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Typical urban wireless channels have delay spreads of less than 10 us [5]. From table 2-1 the
guard interval for mode IV DAB operation is 123 us, one fifth of the total symbol duration. This
is larger than required for typical values of delay spread. However, this relatively long guard
interval allows broadcasters to use multiple transmission antennas to cover a wider area. As long
as the time between the reception of the first signal from the nearest tower and the reception of
the last signal from the furthest tower does not exceed the guard interval, there will be no ISL
Since mode IV has the longest guard interval of the modes being considered for use in Canada, it
allows the widest spacing of transmit towers. This provides economic benefits to broadcasters

and is thus the preferred mode of operation.

3.3.2 Discrete channel model for OFDM signal

Consider now the system depicted in the block diagram of figure 2-2 with the deterministic
channel replaced with the M path model depicted in figure 3-2. It is useful to develop an
expression similar to (2.26) for this revised model. As discussed in section 2.1.3, it is valid to add
an equivalent AWGN component to the DFT outputs. This portion of the model will be

unchanged from the earlier discussion.

To begin, consider the response through one of the M paths. The transmitted OFDM signal is
given by (2.8). Each path adds a phase shift, a fixed attenuation, a Doppler shift and a delay to

the transmitted signal
hi(T,1) = e’%§(z - 1,)e 7" (3.34)

An expression for the received signal valid over the useful symbol intervals is

2EU i & j 25%kf; (1—nTe—7;) j2nf b
y; (1) = —-e”"z 2 Cppe’ T s TR g 128, 3.35)
MTU n k=1-N/2

providing that the delay 7 is less than the duration of the guard interval. Again it is assumed that
the anti-aliasing filter cutoff frequency is larger than the signal bandwidth so that the expression
for the sampled receive signal from the n™ useful symbol interval is

IR

N o) . N/2 jm[ . . R
Yi(nT +1T, 1 Ny = | 2Eu_pin Y e M Jeﬂ’!"‘"fs*"v’”’, [=0,1,---,N-1 (3.36)
MTU k=1-N/2
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This is then passed through a DFT to get
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The ICI function z, ,,(7;, f;) gives the effect of the transmitted symbol from the &™ subcarrier on
the detected symbol from the m™ subcarrier. The output of a DFT is normally indexed from O to

-~

N —1, but because of the periodic property of the DFT it is valid to run the index as shown in the

above expression. The ICI function is

n[z(fT, +k —m)]

f_):e—jlﬂ:fur,ejtr(l—l/l\-()(f,TU»k—m)L sl
’ 4

= (3.38)
N sin[%(fiTu +k—-m)]

Zm.l: (Ti

The magnitude of the ICI function is plotted in figure 3-4 for the case of N =8 and fiTy=0.1.

Notice that it is periodic with period N . The implication of this is that the transmitted symbol

Cn1-a72 €2n have an ICI effect on the detected symbol y, v,, despite the fact that these subcarriers
are widely separated in frequency. This is an artifact of the sampling process and can be avoided

by making N significantly larger than the number of subcarriers. The points plotted with circles
on figure 3-4 are at integer values of k-m. If the Doppler shift for the i™ path f; was equal to zero,
the curve plotted with the dotted line would shift to the right and the ICI function would be zero
for Xk # m. The parameter f;Ty = fi/fy, the ratio of the Doppler shift to the carrier spacing,
determines how much the curve plotted with the dotted line shifts and therefore the magnitude of

the ICI component.



0.8

0.6

SN

0.2 :
-2 0 2 4 6 8 10
k-m

Figure 3-4 Magnitude of ICI function for f;Ty = 0.1. Circles are plotted an integer
values of k-m.

To proceed further, let the phase shift, delay and Doppler shift for path i be random variables
with the density functions specified in (3.25) and (3.26). The expression for y!) is then

separated into a desired and an ICI component

&) _ g 6
Yom = Hn,mcn_m + nym (339)
where
HO = /;;';u % g J2TFNTs y= j200fy T, , jr1-11 ) ET, L. sin(7F;T,, ) (3.40)
U

N sin[fr FT, )
N

is the equivalent discrete time varying transfer function and

N/2 j —l.J Ty +k—m i -
o, =\/?_ E’Je!@.eﬂ)ﬂinrs 2 Cnxe-jwf"r'em(l g freiem { sinz(Fdy +k—m) (341)
MT, k=I-N/2 N sin i.[‘(F',-TU +k—-m)

N

kzm

is the ICI component for the m™ carrier.

For sufficiently large N, the summation above results in n{?) being a discrete Gaussian random
process. For an exact mathematical treatment of the problem, one should calculate the second
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order statistics of this process. However, a simplified analysis will result from treating n,‘,'}" a

white random process. That is, the ICI contribution from any DFT output is uncorrelated with the
ICI contribution from any other DFT output. Consequently the random process can be specified
knowing only its variance. This variance will be different for different subcarriers since those
near the edge of the band have fewer interfering subchannels. However, a worst case estimate
occurs when N = N , in which case the summation in the above expression is equal for all values

of m due to its cyclic nature.

The easiest way to compute the variance of (3.41) is to compute the variance of the combined
random variable (3.39) and then subtract the variance of the desired component. It can be shown
that the variance of the received symbols is

e 2
(v, P} = 22y (3.42)
: MT,

One can then compute the variance of the desired component by making some simplifications

that are valid when the normalized Doppler spread f,/fy is less than about 0.2. The result is

2E,

- 2 3.43
MT, A=-(f;Ty)7) (3.43)

E{H® com?)=

giving the result for the variance of the ICI component

E(|n), [P} =2

2 3.44
n.m MTU (deU ) ( )

One may now sum (3.39) over the M independent paths which will just remove the factor of 1/M
from the variance expressions. Finally adding an AWGN component and normalizing the

expression as in section 2.1.3 gives

yn.m = Hn.mcn.m + nICI + n, (345)

where n,c; represents the ICI component having variance

c 12(:1 = (deu)2 (3.46)

and n,. represents the AWGN component having variance.
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ol =N,/ E, (3.47)
This is the discrete channel model that will be used for analysis of the detection problem in

chapters 4 and 5.

To complete the statistical characterization of the channel, it is necessary to calculate the

correlation function for the discrete time variant transfer function.

RH (Ak,An) = E{Hn-rAnJ:.oAkHl:.k }

J2RFARTs - j2m0k T, _17 sin(zF,T, ) (3.48)
N sin(—’f— FT, )
N

This calculation can be simplified by assuming that the product f;Ty is small enough that the

=Ele

sin(x)/sin(x/N) factor in the above simplifies to N resulting in

RH (Ak,An) = E{ellﬂ'—.MTse‘f-’Mun }
_ J,Q7dnf, T,) (3.49)
1+ 27Akf, o,

This is just the result for the continuous spaced-time spaced-frequency correlation function

(3.29) sampled at the symbol rate and at the subcarrier spacing.

3.3.3 Theoretical BER for differential detection of 4-DPSK OFDM

The decision variables y,  given by (3.45) appear in the receiver at the output of the DFT. For a

conventional differential detector (CDD) the decision on the bit values is based on the real and

imaginary parts of y,,y, . Using results in [26] and [28] one can write an expression for the

probability of bit error in this case.

1- A (3.50)
V2li+ol+oi, P -ui

where 4, is the correlation between subsequent DFT outputs on a subchannel
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M =Ry (0)1)=J,Qn,Ts) @a3.51)
Figure 3-5 shows a plot of this function for DAB mode IV at various values of the normalized
Doppler spread. The parameter E, refers to the energy per information bit over the entire symbol
interval. Ny is the power spectral density of the AWGN process. For a rate 1/2 code there are two
coded bits for each information bit. Each symbol comprises two coded bits so there is one
symbol for each information bit. The useful signal interval is 4/5 of the entire interval so

Ey =4E,/5. Simulation results agreeing with the theory are also plotted in the figure. The

Matlab program used to generate these results will be discussed in chapter 5.
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Figure 3-5 Theoretical BER as a function of E,/N, for a conventional differential
detector operating on the decision variables given by equation (3.45).

A primary goal of the DAB service is to achieve compact disk quality sound. It has been
demonstrated [12] that this requires a decoded sequence bit error rate of 10™ or lower. This must
be achieved at a practical value of E,/N, which is in the range of 15 to 20 dB. It is not possible to
provide an exact analytical expression for the decoded BER but the simulation results from
chapter 5 indicate that a coded sequence BER of about 0.07 or less is required to achieve a
decoded BER less than 10™. From figure 3-5 one sees that this value is Jjust reached in the

required range of E,/N, for a normalized Doppler spread of f,;Ts = 0.08 but not for higher values
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of faTs. A normalized Doppler spread of 0.08 translates into a vehicle speed of about 92 km/hr
and one would expect significant deterioration of sound quality when the vehicle velocity
exceeds this Doppler limit. Since speed limits in Canada are higher than this limit, DAB mode
IV cannot be used with a CDD. One alternative is to use other DAB modes having shorter
symbol duration and thus higher Doppler limits. However, one would like to be able to use mode
IV because of the economic benefits related to the longer guard interval (see section 3.3.1). This
motivates the search for OFDM demodulation techniques that will provide better performance
than a conventional differential detector at higher values of f;Ts. It would be possible to improve
the performance by taking advantage of the RCPC code to achieve a lower code rate but this has
not been considered because the resulting decrease in capacity is not acceptable. Also the use of

a rate 1/2 code with a longer constraint length is not considered because it would no longer be

compliant with the DAB specification.

3.4 SUMMARY

A brief review of the theory of time varying linear systems was presented in this chapter. This
was followed by a more in-depth discussion of the theory of randomly time varying linear
systems which are usually used to model mobile wireless channels. It was seen that in the
general case, the channel transfer function is treated as a random process indexed by two
continuous time variables. As a result, the second order characterization of these systems
requires an autocorrelation function of four variables. However, one usually applies the WSSUS

assumption allowing the autocorrelation to be written as a function of a delay variable 7 and a

time difference Ar.

Alternate characterizations of the WSSUS channel obtained by Fourier transforming the random
process in one or both of the time variables were discussed and the corresponding correlation
functions analyzed. Of particular importance is the channel scattering function which indicates

the time and frequency dispersion properties of the channel.

Several important parameters used to characterize WSSUS channels were introduced. The delay
spread 7, provides a measure of how an input impulse function is spread over time by the
channel. This parameter is important for OFDM because if the guard interval is longer than the

delay spread there can be no ISL The Doppler spread f; indicates how much an input sinusoid is
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spread over frequency by the channel. For OFDM, this parameter determines the amount of ICI
caused by the Doppler frequency shifting. Other related parameters are the coherence time Ar,
and the coherence bandwidth Af.. The coherence time is a measure of how long some level of
correlation will be maintained in the output signal. Input signals with frequency components

separated by more than the coherence bandwidth will emerge uncorrelated from the channel.

Physically, a mobile channel comprises many scattered paths between the transmitter and the
receiver, and the received signal is the superposition of the signal propagating along these paths.
If the number of paths is large enough, the low pass equivalent of the received signal can be
characterized very well as a complex Gaussian random process. Periods of time when the
modulus of a sample function of this process is much lower than the RMS value are referred to
as fades. The average time between fades is proportional to the coherence time of the channel.
Fast fading channels have a coherence time and consequently an average time between fades that
does not greatly exceed the symbol duration for the digitally modulated transmit signal. Coherent
detection of signals over fast fading channels presents difficulties because the received signal
loses coherence over the span of several symbols. Differential encoding of the data symbols

helps to mitigate this effect but will exhibit a bit error rate floor when detected with a

conventional differential detector.

The concepts of time and frequency diversity were introduced and it was shown how the
COFDM system used in the DAB attempts to take advantage of both time and frequency

diversity to improve performance over fading channels.

A multipath mobile channel model that is easily adaptable to computer simulations was
discussed. The model consists of the summation of equally weighted propagation paths with
randomly chosen delay and Doppler shift. Analysis of this model showed that as the number of
paths becomes large, the random process describing the time varying transfer function is an
ergodic Gaussian random process. The spaced time spaced frequency correlation function and
the scattering function for the channel model was derived. It was shown that the scattering
function of the channel has the same shape as the density functions governing the delay and

Doppler shift of the propagation paths.
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The channel model was analyzed for its effects on an OFDM signal. It was shown that when the
Doppler spread is small relative to the subcarrier spacing, the channel introduces an ICI
component that can be modeled as a discrete white noise process added to the receiver output at
each DFT tap. It was shown that the discrete outputs of the DFT taps can be modeled as a
complex Gaussian random gain multiplied by the transmit symbol with two white Gaussian
additive noise terms: one due to ICI and the other due to thermal noise. The correlation function

for the random channel gain was derived as the continuous channel correlation function sampled

at the subcarrier spacing and the symbol rate.

The chapter concludes with a discussion of the inadequacy of a receiver using a conventional
differential demodulator for Mode IV DAB signals at highway vehicle speeds when typical
urban propagation parameters are used for the channel model. The next chapter wili discuss

advanced demodulation techniques that can be used to solve this problem.
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4

Advanced Demodulation Techniques
for COFDM in Fast Fading Channels

Section 3.3.3 shows that using a conventional differential detector (CDD) to detect the symbol
sequence does not provide adequate performance for a typical urban Rayleigh fading channel
model at normalized Doppler spreads greater than about f;Ts = 0.08. However, differential
detection does not make very good use of the statistical characterization that has been developed
for the fading channel. This chapter investigates techniques for detection of differentially
encoded PSK that perform significantly better and are appropriate when a channel model similar

to equations (3.45) - (3.47) is valid.

For a DPSK modulation scheme transmitted over a flat fading channel, the BER performance
can be improved by sampling the received signal more than once per symbol interval [6]. This
might suggest a low complexity scheme for improving the performance of the CDD. However,
the technique is not adaptable to an OFDM signal because it is not possible to separate the
individual subchannels into signals that can be sampled more than once per symbol interval. Put
another way, the retrieval of the transmitted sequence requires correlation with basis functions
that last for the duration of the useful symbol interval. This situation cannot be remedied while

maintaining the density fyTy=1 of the time-frequency lattice.
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For the discrete channel model given by (3.45) the difficulty is that the discrete subchannel gain
H, . is a random quantity. If this parameter was known or could be estimated, one could solve for
a noisy symbol value. Using the statistical model of the channel that has been developed, one can
estimate the channel gain using linear minimum mean squared error techniques. The current gain
is estimated by a linear combination of previous gain values. These can be calculated using
previous decisions on symbol values. This decision feedback linear predictive technique [9],

[(34], [35] has been shown to improve BER performance for OFDM signals in fast fading

channels.

Maximum likelihood sequence detection (MLSD) is a technique that chooses the most probable
symbol sequence given the observed sequence of detection variables at the demodulator output.
Based on the statistical channel model, one can write an expression for the multivariate
probability density function for the receiver output sequence conditioned on the transmitted
sequence, leading to ML detection [18]. This technique can reduce or even remove the BER
floor that is evident in figure 3-5 for the CDD. It can also provide several dB of improvement at
lower values of the signal to noise ratio Ey/N, before the error floor is reached. A direct
implementation of the ML detection is computationally intensive because it requires a search
over 4" possible sequences to detect an N-symbol long transmitted word. A simplification results
from using a linear predictive technique [23], [41]. (42] which allows the use of the Viterbi
algorithm to identify the ML sequence. This technique can be further developed [10] to perform

a symbol by symbol MAP detection.

A somewhat different technique for detection in flat fading channels is to expand the fading
process over a short time interval using a Karhunen-Loeve or a Taylor series. When the time
interval in question is sufficiently small compared to the coherence time of the channel, it is
valid to truncate the expansion to a few terms. Detection is then accomplished by using a filter
bank where each filter is matched to a term of the series expansion [21]. The detection variables
so produced can then be combined in various ways to make a decision on the transmitted
symbol. This technique is capable of eliminating the BER floor associated with a conventional
differential detector in a fast fading channel [38], [40], [43]. This technique will be discussed and
shown to be inappropriate for OFDM because the filters that are matched to the higher order

expansion terms introduce an unacceptably large ICI component into the output variable.
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4.1 DECISION FEEDBACK LINEAR PREDICTION OF SUBCHANNEL GAIN

4.1.1 Decision feedback linear prediction detector for OFDM
From equation (3.45) the received symbols at the output of the DFT will be given by

Voik =H 0 ) +0,, 4.1)
where n,; is a discrete Gaussian random process that is the summation of the contributions from

the ICI and the AWGN. The variance of N, i 1S

,
o’ =0}, +0? 4.2)

Also the random process n,; is white and independent of the process H,;. One would like to
predict the channel gain H,; for the n™ symbol based on the noisy channel gains ﬁ,,_, & from
previous symbols. These noisy channel gains can be calculated by

Hn-l.k = Yootk Cn-th = Hpors MY (4.3)
The true values of the Cak are not known. However, one can adopt the standard technique of

feeding back previous decisions to calculate ﬁ"_,_k - An order L linear predictor for H, is given

by
~ L "~
Hn.k = ZalHn~I.k =a”u (4-4)
I=1
where a and u are Lx1 matrices defined as follows

a”:[a, a, - aL] 4.5)
u=[1?,,_,_k ﬁ,,_u ﬁn—L.k]r

The phase of H n4 €an then be used to estimate the current symbol value

én.lc = Yok ﬁr;k / | ﬁn‘k l (46)
The estimated information symbol a,,, is then obtained by comparing the phase of ¢&,, with the

phase of the previous symbol decision c,_,, .
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One can apply standard linear prediction theory [15], [27] to determine the coefficients of the

optimum L™ order linear predictor.

a=R7'p 4.7)

where R is the correlation matrix for the fading process plus noise whose entries are given by

[R],.. =Ry (O.m-n)+0o?s, (4.8)

and

p=[R,0-1) R,(0-2) - R,0-L)J 4.9)

is a Lx1 matrix whose entries are the correlation between the current and previous channel gains.

The mean squared error in the optimum linear predictor is given by

Jomin =E(H,, -H, ,’}=1-p"R7'p (4.10)

for the normalized channel. The correlation between channel gains on different subchannels is
given by equation (3.29) and it is possible to incorporate this in a prediction based on previous
channel gain values from more than one subchannel. This is a straightforward extension of the

theory for a single channel. The predictor using K adjacent subchannels is equation (4.4) with u

redefined as the KLx1 matrix

u= [uk+M Weoyor o Wy | (4.11)

-~

u, = [Hn-l.k ﬁn-Z.k ﬁn—L.l;]
The parameter M=(K-1)/2 is the number of subchannels on either side that are used for the

prediction. The correlation matrix R is now given by

R =E{uu®) 4.12)

and p is

p= E{uH;‘k} “4.13)

The mean squared predictor error is still as given by equation (4.10).
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Direct evaluation of the prediction coefficient matrix a involves the computation of the inverse
of the correlation matrix R. For typical mobile channel correlation functions, this matrix may be
nearly singular for small values of 6” and direct evaluation of the predictor coefficients by means
of (4.7) is not possible. In this case one can resort to an alternate technique such as singular value

decomposition [11].

A drawback of the decision feedback LP approach is that it initially requires N previous known
symbol values. For the DAB signal, every subchannel transmits one reference symbol per frame.
A simple way to initialize the LP detector would be to use a CDD for the N-1 symbols following
the reference symbol providing the initial N decisions to feed back to the channel estimator. A
related technique would be to detect the symbol following the reference symbol with an N=1 LP
detector (equivalent to a CDD), then detect the next symbol with a N=2 detector, and so on until

the required number of previous decisions are available.

4.1.2 Theoretical probability of bit error for perfect decision feedback

It is not difficult to calculate the theoretical error probability when all of the fed back decisions
are correct. In this case each error in the decision of the current value of the transmitted symbol
translates into an error in the differentially encoded symbol. Therefore the BER for the 4-DPSK
symbols is equal to that for demodulation of 4-PSK with a noisy channel estimate. In appendix C
of [28], an expression for the theoretical error probability for M-PSK in a slowly fading Rayleigh

channel with a channel gain estimate is developed. The formula for 4-PSK is

_1 H
P _;[1-——] (4.14)

N2-u®

and u is a correlation coefficient between the channel estimate and the actual noisy channel gain

defined as

E{H, H; )

U= B 4.15)
VEUA, PYE( A, )
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Since the prediction error is uncorrelated with the estimate, E{H, H: LY=EH, +*}. The

variance of the gain estimate is given by the variance of the channel gain minus the mean

squared error (4.10) so the correlation coefficient evaluates to

Hyp -1
PRp (4.16)
l+o°

Equation (4.14) provides a lower bound on the BER because errors in the fed back decisions will
Cause larger errors in the channel gain estimates and thus more errors in the symbol decisions.
The actual error probability in this case is very difficult to calculate and is best determined by

simulations.

4.1.3 Application to COFDM

Figure 4-1 shows a plot of the theoretical BER as a function of Ey/Ny for the case of perfect
decision feedback at various values of the normalized Doppler spread. The BER reaches 0.07 at
Ep/No =15 dB for f3Ts = 0.1. Section 3.3.3 indicates that for soft Viterbi decoding of a CDD
output, a BER of 0.07 can be improved to the target BER value of 10™. If a similar improvement
can be obtained with soft Viterbi decoding of the LP detector outputs, then the target BER could

be met for E/No over 15 dB with normalized Doppler spreads in excess of 0.1.

In the simulation results presented in chapter 5, it will be shown that the actual performance of
the LP detector is significantly worse than the idealized performance due to fed back errors and
as a result the target BER cannot be met. To achieve a BER closer to the theoretical lower bound,
the error rate in the fed back decisions needs to be reduced significantly. An obvious way to do
this is to feed back the Viterbi decoded decisions rather than the LP detector output decisions.
This immediately suggests an iterative receiver structure as shown in figure 4-2 (a). If
convergence is achieved, the fed back error rate will tend to decrease with each successive
iteration and thus the BER at the LP detector output will approach the curves in figure 4-1. This
in turn suggests that it would be possible to meet the target BER for the decoded sequence in the

required range of Ey/Nj.

The alternative iterative receiver depicted in figure 4-2 (b) solves problems related to the

initialization of the LP detector. The first iteration of the receiver is done with a CDD requiring
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only the one reference symbol for initialization. Subsequent iterations are done using just
decoded decisions from the previous iteration and thus require no special initialization

considerations.
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Figure 4-1 Linear prediction detector theoretical BER when there are no errors in
the decision feedback. The linear predictor used N=5 previous
channel gain values and K=1 subchannel.

4.1.4 Estimation of channel correlation function

The above discussion assumes a channel model given by (3.45) with an autocorrelation function
(3.49). To calculate the optimum linear predictor, the receiver must know the normalized
maximum Doppler spread, the channel delay spread and the noise variance. The DAB
specification calls for one null symbol at the start of each frame. During this symbol, no signal is
transmitted on any of the OFDM subcarriers. This provides a convenient opportunity for the

receiver to measure the level of the additive noise.
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Figure 4-2 Block diagram of iterative decision feedback LP receiver.

One technique for estimating the maximum Doppler spread is to count the number of times the

modulus of the received signal crosses a certain level in a second. This parameter, referred to as

the level crossing rate, can be related to the maximum Doppler frequency by [45]
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where p is the crossing threshold and V2o is the root mean squared value of the received signal
modulus. To estimate the level crossing rate one can simply count the number of times the
modulus of the received signal on a certain subchannel or collection of subchannels crosses the
threshold in a certain time interval and then divide by this time interval. The channel delay
spread is only of interest when one wants to use more than one subchannel in the linear
prediction. This could be estimated by a dual process of that used for estimating f; consisting of
counting level crossings in the frequency domain: that is, observe how many times the modulus

of the received sequence Yni, k=1-N/2, 2-N/2, ..., NI2 crosses a certain threshold level.

The expression for the discrete spaced frequency, spaced time correlation function Ry(Ak, An)
(3.49) relies on certain assumptions about the channel model. The correlation function can be
calculated without any such assumption (other than ergodicity) by taking time averages of the
observed channel gain values. As discussed previously, these values are not known but may be
calculated by decision feedback. If the error rate in the fed back sequence is small the correlation
function calculated in this way will be close to the true correlation function. Using the iterative
scheme of figure 4-2 (b) the channel estimation is not required for the CDD on the first iteration.
During startup, the receiver could run for a certain amount of time using just the CDD and feed

back decoded decisions to calculate an estimate of the channel correlation function.

If one only requires a linear prediction based on a single subchannel, then the theory of adaptive
filtering can be readily applied. The well known least mean squares (LMS) and recursive least
squares (RLS) adaptive filtering techniques [15] allow for the recursive updating of the linear
predictor coefficients without the explicit calculation of the channel correlation function. To

adapt these techniques to the prediction of the channel gain H,; would require observations of
this channel gain. However, one can only observe the noisy version of the channel gain H x (by
decision feedback). To circumvent this, the adaptive filtering techniques can be used to form a

linear predictor for the noisy channel gain. Because the additive noise is assumed white and

independent of the channel gain, this predictor is exactly the same as the predictor for H, ;. The

-~

iterative receiver of figure 4-2 (b) allows one to obtain the time series H,, using the decoded
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decisions from the CDD. On higher iterations, an LMS or RLS linear predictor could then be run

using this sequence as the desired signal.

4.2 MAXIMUM LIKELIHOOD SEQUENCE DETECTION

4.2.1 Direct formulation

Maximum likelihood sequence detection selects an estimate of the transmitted symbol sequence
based on the maximum likelihood criterion: choose the transmit sequence that maximizes the
conditional probability density function for the received sequence. One means of adapting this
technique to an OFDM signal is to perform a separate MLSD on the symbols from each
subchannel. Accordingly, the following Nx1 matrices whose entries are N consecutive transmit
symbols and received variables are defined. At this point it is no longer necessary for the
development to distinguish between subchannels, and therefore the subchannel subscript & is

dropped.

yv=bn y2 - T @.18)
Cy =[Cl € - CN]T
To perform MLSD one must determine the multivariate probability density function for the
received sequence conditioned on the transmitted symbol sequence. The received random
variables y,« given by (3.45) are zero mean complex Gaussian and their Joint probability density

function is given by [27]

1 H ol
cy)= exp(-y A ) 4.19
p(ynlen) ”NIAI P-YNAT Yy ( )

The notation p(y~|ew) indicates the joint probability density function for the received sequence
¥, ¥2, --., ¥y~ conditioned on the transmitted sequence cj, C3, ..., Cy. The correlation matrix A is
given by

A= E{yyy& }=diag(c, )R 'diag(c},) (4.20)

where the m,n" entry in the matrix R is given by (4.8)

57



Because the PSK symbols have constant modulus, the determinant [A] is independent of the
symbol sequence sent. The density function (4.19) thus reaches its maximum value when the
exponent takes the lowest value and therefore one must choose the transmitted sequence that

minimizes the maximum likelihood metric

[y =y ydiag(c, )R 'diag(c}, )y, 4.21)
Conceptually this is quite simple. Substitute the observed values of the received sequence vy
into (4.21), then evaluate [y for every possible transmitted sequence cy. Choose the ¢y that
yielded the smallest value of I'x. The complexity of this approach increases exponentially with
the sequence length N. The direct implementation of this approach is thus computationally

infeasible.

4.2.2 Trellis based approach

Providing that the fading process H,; of (3.45) can be approximated by an autoregressive
process in the n index, of order L, it is possible to adopt a trellis based approach to the evaluation
of the ML metric for a symbol sequence. The states of the trellis represent the L most recent
transmitted symbols cp, Cp.i, ..., Cn.+1. The branches of the trellis emerging from each state
correspond to the possible information symbols transmitted. For 774-shift 4-DPSK there are 8
possible transmit symbols at time n. For each of these symbols there are 4 possible symbols at
time n-1 and so on. There are therefore 2(4%) trellis states. Four branches corresponding to the

four possible information symbols emerge from each state.

The development of the trellis based approach starts with theorem 1 in [23]. This says that the

inverse correlation matrix in (4.20) may be factored as follows:
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R'=U“DU

[1 -a;, -a3, —ay w19 O 0 0
0 1 —ay  o—ayana || O VS 0 - 0
=0 0 1 —ay_ vl O o 1J, 0
0 0 0 1 Lo 0 0 1y ]
[ 1 0 0 0]
—-a, 1 0 0
—a, —ay, 1 0
| ayn-t ~Ayon-2 — ay-1.N-3 1] 4.22)

where q;; is the 7 coefficient of the i order linear predictor for the fading process H, ; based on
the observed process H,i+nicrtn,. If the process H, is autoregressive of order L or if it can be
approximated by an autoregressive process of order L, then all entries in the matrix U that are
located L or more positions to the left of the diagonal can be set to zero. Also the mean squared
predictor errors J, will be equal for n>L. When this is done, the matrix product (4.22) can be

arranged in the following recursive form (leaving out the constant factor 1/J;)

® - - - - - -
Fn = Fn—l + (yncn - aL.lyn—lcn—l - aL.Z-vn-ch—Z -t aL.L yn-Lcn—L)

(VnC€n = @11 YpiCpot =L 2Vp2Cnz = —Q;  Yn-1Cn-t) (4.23)

9

L 2
L
=l T a —anaL.iyn—icn-i
i=l

The product y,_c,_; in the above is equal to the channel gain during interval n-i given that c,.;
was transmitted. The summation in (4.23) is thus an L™ order linear prediction ﬁ,, s of the

channel gain H, given that the previous L symbols were ca.1, Ca-2, --., Ca.. The product Cp 177,, *

is thus the prediction of the received signal given that the symbol ¢, was transmitted in the
current symbol interval. Therefore it can be seen that each update to the metric is the squared
Euclidean distance between the received value and the predicted received value. The ML
sequence is thus the one that for each symbol minimizes the Euclidean distance between the
actual received value and the L™ order linear prediction of that received value. Thus the ML

detector is equivalent to the decision feed back LP detector discussed previously, except that one
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searches for the minimum Euclidean distance over all possible previous L symbol sequences

rather than using the symbol by symbol decisions on the previous L symbols.

The complexity of the trellis based approach is still quite high. For instance, supposing that the

predictor order is as low as 2, one would still have to compute 4x2x4°=128 branch metrics for

each new symbol.

4.2.3 Application to COFDM

It is conceptually possible to do a ML sequence detection for the COFDM system: take every
possible information sequence, convolutionally encode it, interleave it, differentially encode it
and substitute it into the ML metric (4.21). Choose the information sequence that yields the
lowest value of this metric. If every possible information sequence is equally probable, and the
channel model is valid, this process will minimize the probability of a sequence error. This is

obviously not feasible in practice.

A suboptimal but computationally feasible procedure is to perform the MLSD, then de-interleave
the sequence and perform Viterbi decoding. As mentioned in section 3.3.3, soft Viterbi decoding
of a CDD output with a BER of about 0.07 will meet the target BER of 10™. The linear
predictive ML technique with predictor order L=2 has been shown to achieve a BER of 0.07 at
an equivalent E»/Ny of about 18 dB for a Doppler spread of f;T5= 0.1 [41]. The problem here is
that hard Viterbi decoding of the detected sequence will not provide the same error rate
improvement as soft Viterbi decoding of the CDD output. However, if the hard decisions are
weighted by some measure of how confident one is in these decisions, the Viterbi decoder will
perform much better and may be expected to achieve the same improvement in error rate as the
soft Viterbi decoder operating on CDD output. One could argue that when the channel is in a
fade, the noise component of the receiver outputs is more likely to make the metric update in
(4.8) smaller for the incorrect symbol value and thus we are likely to make a mistake in this case.

Thus a simple weighting factor to use on the Viterbi decoder inputs would be the modulus

squared of the received signal.



4.3 SERIES EXPANSION OF TIME VARYING CHANNEL

4.3.1 Double filtering approach for flat fading

For time invariant AWGN channels, matched filtering is achieved by correlating the received
signal with the complex conjugate of the received signaling pulse. In fact, the DFT processing of
the OFDM signal is essentially a discrete implementation of a filter matched to the OFDM
rectangular pulse shape. The output of the matched filter is a random variable that can be further
processed to make an optimum decision on the transmitted symbol. With a flat fast fading
channel this presents a problem because the received signal pulse shape varies with time and
matched filtering would require time varying filters. To avoid this the fading process can be
expanded in a series and the received signal can be filtered with a bank of time invariant filters,

each matched to one of the terms in the series.

If the coherence bandwidth of the time varying channel is sufficiently large then the time variant

transfer function H(f,r) is essentially constant over the bandwidth occupied by one OFDM

subchannel. In this case the received signal for the k"™ OFDM subchannel is (see table 3-1, row 2)

{25 Ak (1
v (1) = TU H(kf; 1)) €’ 0 po (1 —nT) + n(r) (4.24)
U n

The time varying gain H(kf,,r) is a complex zero mean Gaussian random process with an

autocorrelation function given by (3.29) with Af=0. In [40] the authors demonstrate that when the
normalized Doppler spread of the channel satisfies f;Ts < 0.2, it is valid to truncate the Taylor

series expansion of the fading process over symbol interval n to two terms:

Hkfy, .)=H,, (0)+H,, (1{
TS

where the H, (i) are zero mean complex Gaussian random variables having correlation

(=D/T5" d™I(R, (0.7)) (4.26)
i j! dr'’

E{Ht . OB ()=

lfzﬂs
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Substituting (4.25) into (4.24) produces the following expression for the received signal which is

valid over useful symbol interval n

Yk (1) = 2B, [Hn.kw)w‘:_’z )+ JIT—;’T Hu(lxpi,'.}.(nJcn.k +n(r) (4.27)
~Ls

The normalized expansion functions (pffz. (r) and (pf,'}c (t) are defined as

0@ (1) = Py (t;nTs)ejwa(l—nTs) 4.28)
vy
7 i ovl.

@i (1) = %}— (e=nTg =T, 12)*Me 1) p (2 — nTy) (4.29)
1%

where py(r) is a unit pulse function that is zero outside the interval [0.Ty). Thus the received
signal can be approximated over one useful symbol interval by a linear function plus noise. Both
the slope and intercept of the linear function are Gaussian random variables. For each symbol
interval the double filtering technique requires that the received signal be processed by a filter
matched to a constant rectangular pulse and one matched to a linear pulse. This filtering is

equivalent to correlating with the complex conjugate of the expansion functions (4.28) and

(4.29).

The series expansion technique for muiticarrier modulation requires that the expansion functions

(4.28), (4.29) satisfy [21]

jfawf,".}- Ol ) dr=0 (4.30)

for all k=l and i#j. That is, the expansion functions for the received random process must be
orthogonal at the different OFDM sub-carrier frequencies. In standard frequency division
multiplexing systems, this is ensured by spacing the channels far enough apart that there is little
or no overlap between occupied frequency bands. If condition (4.30) was fulfilled, the output of

the two filters would be



yr(xOL) = 2E’U Hn.k (O)Cn‘l: + n,x

T, ’ E 4.31)
yr(xl!)c = ﬁ TUHn.k (l)cn.lc +n,

The decision variables consist of z random channel gain multiplied by the transmitted symbol
plus a noise term. This is similar to the situation for the standard OFDM receiver represented by
(3.45) except that now there are two decision variables for each symbol interval. The statistics of
the channel gain processes are given by (4.26) so it is possible to adopt an optimal or sub-optimal
decision strategy for each OFDM subchannel based on the observables. For example, one could

develop an expression for the muitivariate density function for the observed random variables

and then base a MLSD on this.

In [40] a maximum likelihood decision procedure for 4-DPSK based on the observation of two
subsequent symbols is developed. For Ey/Ny > 20 dB, the BER of this detector is less than the
BER of the MLSD discussed in section 4.2.3. This MLSD based its decision on the observation
of the current received symbol and two previous received symbols, a total of one more than for
the double filtering technique. This is a good indication that the extra information gained by the
observation of the linear term improves performance. The same sort of performance
enhancement can be obtained by doing a MLSD based on observations of the received signal
more that once per symbol interval. However, as discussed in the introduction to this chapter, it
is not possible to do this for OFDM. In the range of E,/Njof interest (15-20 dB), the performance
is comparable to the MLSD.

4.3.2 ICI for double filtering technique applied to OFDM

Based on the discussion above, the double filtering technique would appear to be promising for
COFDM demodulation. However, the discussion above is only valid if condition (4.30) is
fulfilled. Unfortunately for an OFDM signal, this is not the case and the output of the filter that is
matched to the linear series expansion term has ICI components that are large enough to make it

essentially useless. Defining the ICI function as:

2" = (0% )]0l ) (4.32)

one can evaluate
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and the true expressions for the decision variables are

(0 =2E l H, ,(0)c,, +—=X {XOH (e, |+n (4.34)
‘n 9 n. n.x ~{.k n X n,.
Yok v k k /—177.3 ; Lk JC k

m _ [4 Ty ~(0.D) T (LD <
Voik =+2E H, Dc,,. +) 2 H,,0),, + 2 Hyy(Dey +n,, (4.35)
, v T k 4 z{: 1.k J Lk F_l"TS g Lk J Lk 4

The second term in (4.34) cot.esponds to the ICI term in equation (3.45) for the standard OFDM
detection technique. It has been shown that this term is manageable for normalized Doppler
spreads around f;Ts = 0.1. However, the second and third terms in (4.35) are quite large in
relation to the first term which is the desired term. This can be seen by referring to figure 4-3

which is a plot of the ICI functions for -/ varying between O and 10 subchannels. In fact the
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Figure 4-3 Magnitude of ICI functions z{,” (circles) and z{" (triangles) as a

function of k-l



variance of H, (0) is considerably larger than the variance of H, (1) so the ICI represented by
the second term of (4.35) is larger than the desired signal. This level of ICI renders the decision

variable of no use in improving the detection performance for the OFDM signal

-4.4 ITERATIVE SOFT DECISION FEEDBACK

4.4.1 Symbol by symbol MAP demodulation of OFDM signal

In section 4.2 it was shown that a trellis structure could be used to realize a ML sequence
detection for each subchannel of the OFDM signal. In [10}] this technique is extended to allow
for symbol by symbol MAP detection of a CPM or DPSK signal over a fast fading channel. The
extension is basically analogous to the generalization of the Viterbi algorithm to a forward and
backward recursion to achieve MAP decoding of convolutional codes [1], [16]. The MAP
detection alone does not provide significant performance improvement over a MLSD. The
advantage of MAP decoding is that it allows for the use of a-priori symbol probabilities and
outputs conditional a-posteriori symbol probabilities. For the COFDM system, these output
probabilities could be de-interleaved and used as the soft input to a Viterbi decoder or another
MAP decoder. This would definitely perform better than a hard input Viterbi decoding of the
MLSD outputs but may not be better than soft input Viterbi decoding using MLSD decisions and
channel state information. The greatest potential advantage of the MAP detector occurs when
there is some knowledge of the a-priori symbol probabilities. Such knowledge is available for

coded sequences and it can be practically obtained using fed back soft decisions as discussed in

the next section.

4.4.2 Iterative receiver structure with soft decision feedback

In the block diagram of figure 4-2, the Viterbi decoder is labeled as a soft input hard output
(SIHO) device. That is, it operates on the soft output sequence from the LP detector and
produces hard decisions that are fed back for a subsequent iteration of the LP detector. This hard
decision feedback entails a loss of information. If the Viterbi decoder was replaced with soft
input soft output (SISO) device such as a MAP or soft-output Viterbi algorithm (SOVA)
decoder, this loss could be avoided and the soft decisions fed back would be suitable for use as

the a-priori probability inputs to the MAP demodulator discussed above. Therefore, by replacing

65



the LP detector in figure 4-2 with a MAP demodulator and replacing the Viterbi decoder with a
soft-in soft-out decoder, one obtains an iterative soft decision feedback detector. This type of
iterative structure is similar that used for so called “turbo” decoding of serial concatenated codes

[16] which achieves a significant performance advantage at the expense of an increase in

computational complexity.

Recently published results for such a demodulation technique [19] show that this iterative
technique provides a significant performance improvement over MAP or ML detection followed
by a decoder at a normalized Doppler spread of f;Ts = 0.01. Unfortunately, there was only a
marginal improvement at f;Ts = 0.05 and this finding is likely to carry over to higher values of
normalized Doppler spread. The modulation scheme used in this reference was a single carrier 4-
DPSK with the same rate 1/2 convolutional code used in our simulations. Considering this result,
and the complexity of the iterative soft decision feedback scheme, it is deemed to be a marginal

candidate as an advanced demodulation technique for COFDM in fast fading conditions.

4.5 CONCLUSION

In chapter 3, it was concluded that a COFDM receiver using a conventional differential detector
for the first stage was unsuitable for mode IV DAB applications at normalized Doppler spreads
of f4Ts > 0.08. This chapter has discussed four advanced techniques that appear in the literature
and could potentially be adapted to remedy this. All of these techniques use statistical

information about the time varying channel to improve the error rate in the demodulated

sequence prior to decoding. They are:
® A decision feedback linear predictive OFDM subchannel gain estimation technique.

* A maximum likelihood sequence detection technique that uses a simplified ML metric
derived from OFDM subchannel gain linear predictive coefficients. The connection between

this and the decision feedback technique was discussed.

® A double filtering approach based on expanding the OFDM subchannel fading process in a
Taylor series truncated to two terms and detecting with filters matched to each term. This
technique was shown unsuitable for OFDM because the filter matched to the higher order

series term is not matched to the OFDM rectangular pulse shape and thus produces large ICL
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* A symbol by symbol MAP detector that on its own is not substantially better than the MLSD
but when used in an iterative soft decision feedback (turbo) receiver could produce a
significant performance enhancement. However, recently published results indicate that the
improvement due to the iterative processing is not likely to be significant at high values of

Doppler spread.

In addition to the review of the literature on detection of PSK and DPSK in fast fading, an
iterative hard decision feedback receiver structure that works in conjunction with the decision
feedback LP detector is proposed. The idea of using decoded decisions to improve the
performance of decision feedback systems is not new. However, it has not previously been
applied in an iterative fashion to COFDM systems. It provides an alternative to a MLSD
followed by a Viterbi decoder and is simpler than an iterative soft decision feedback receiver.

Much of the next chapter will be devoted to evaluating the performance of this receiver using

simulations.
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5

Simulation Results

As discussed in previous chapters, the ultimate goal of a DAB receiver is to produce CD quality
sound and this can be achieved with a BER of 10~ in the decoded bit sequence. It has been
demonstrated that a conventional differential detector (CDD) based receiver cannot achieve this
for mode IV DAB operation at normalized Doppler spreads greater than 0.08. It was shown in
chapter 4 that there are several advanced demodulation techniques that should be able to achieve
a lower BER than a CDD based receiver. We are particularly interested in evaluating the
performance of the iterative linear prediction receiver depicted in figure 4-2 since this type of
receiver structure has not, to our knowledge, previously been applied to demodulation of
COFDM over fading channels. Since an exact BER expression for this technique is difficult to

develop, we have resorted to computer simulations.

The simulations were written using the Matlab software package [25]. The channel model
discussed in chapter 3 was used with the number of M = 40 distinct propagation paths. This
number of paths, used in [36], achieves a realistic simulation while keeping reasonable
simulation times. To speed up the simulations, an extremely fast commercially available
software package [39] was used to do the convolutional encoding and Viterbi decoding.

Appendix C contains a detailed description of the Matlab routines.
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are 77 symbols long and start with a null and reference symbol. Many of the simulations
discussed here are done using a COFDM system that dispenses with the null and reference
symbols. This will be referred to as a “generic” COFDM system. When the null and reference

symbols are included, it will be termed a “practical” COFDM system.

The first simulation results presented here are for a conventional differential detector (CDD)
based receiver. Simulations were performed for an ideal AWGN channel and for the 40-path
fading channel model discussed in chapter 3. These results were compared to previously
published results [36] to serve as a benchmark for the simulation. Another set of simulations was
run for the decision feedback linear prediction detector based receiver without the iterative
decision feedback. These results were compared to the theoretical expressions developed in
section 3.1.2 and also to published results [9]. Lastly, the iterative decision feedback LP detector
based receiver was simulated. Results are presented both for a COFDM system having no null or
reference symbols and for a system using one null and one reference symbol per 77 symbol long

frame as specified for DAB (see section 2.2.2).

5.1 DIFFERENTIAL DETECTION RECEIVER

5.1.1 AWGN channel

The simulation was performed for a COFDM system similar to mode IV DAB but without a null

or reference symbol. The following simulation parameters were used.

Number of frames: 40
Number of symbols per frame: 77
Number of subcarriers: 768
Number of information bits per frame: 59,136
Useful symbol interval duration: 500 ps
Guard interval duration: 123 us
Code rate: 172
Code constraint length: 7

Code generating sequences (octal, right justified): g3 =133, g =171

Table §-1 List of simulation parameters.
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The convolutional encoding for this and subsequent simulations was done on a frame by frame
basis using a “tail biting” rather than a zero forcing technique [24]. For the zero forcing
technique, 6 zeros would be appended to the information sequence to force the encoder back to
the zero state at the end of the frame. With tail biting, the encoder is initialized using the last 6
information bits in the frame so that it starts and ends in the same state. This provides benefits
when the frame length is small and the fractional rate loss due to the appended all zero sequence
would be significant. We used this technique because it was simpler to program a simulation
where the coded sequence was exactly twice the length of the information sequence. For the

frame length used in the simulation the difference in performance between tail biting and zero

forcing is negligible.

For this and all subsequent simulations, soft Viterbi decoding is performed. For differential
detection, the decision variables input to the Viterbi decoder were the real and imaginary parts of

the decision variable given by (2.40) or (2.41).
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Figure 5-1 BER as a function of E,/N, for generic COFDM system transmitted
over ideal AWGN channel.

The Viterbi decoded BER as a function of E,/N, is plotted in figure 5-1. The parameter E, is the
received energy per information bit over the entire symbol interval. The decoded sequence BER

70



is nearly identical to the results presented in [36). Also the BER at the output of the differential
detector compares well with the theoretical expression for 4-DPSK over an AWGN channel [28].

This provides a measure of confidence in the coding and modulation portions of the simulation.

In this simulation. there were 40 frames of data with 59,136 information bits in each frame. At a
BER of 107 this translates to about 240 error events in the simulation. For a simulation where

error events are independent, an interval estimate of the BER is given as [20]

6, ="01+%f 5 [
“ N|  2n d}

l-a== I e™ dx
T %

(5.1

where N is the total number of bits in the simulation, n is the number of error events and the
probability that the actual BER falls between 6, and 6 is equal to 1-a For n = 240 and a= 0.1
this gives 8, = 0.9x10™ and 6: = 1.1x10™. Thus at the most critical value of BER, the 90%
confidence interval is about +10% of the computed BER. Actually, the error events are not
independent since they will tend to appear in groups after an incorrect trellis branch is selected in
the Viterbi decoder. This would tend to expand the confidence interval somewhat. For the
remainder of the simulations in this chapter, the confidence interval is not computed but the
number of frames and simulation repetitions is selected so that there are at least 240 error events

at a BER of 107,

5.1.2 Multipath channel

The multipath channel was modeled as shown in figure 3-2 with the number of paths M = 40 and
the delays and Doppler shifts drawn randomly from the density functions given by (3.25) and
(3.26). The mean delay spread was set to g; = 10 seconds which is appropriate for typical urban
propagation. Other simulation parameters were as listed in table 5-1 except that the duration of
each simulation was 80 frames rather than 40. Each curve is the average of the BER obtained for
5 different realizations of the channel. A realization of the channel is obtained by a particular
random choice of the 40 delays and Doppler shifts. The Viterbi decoder output BER as a
function of Ep/Ny is plotted in figure 5-2. Agreement between these results and those published in
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[36] for the same channel model is satisfactory. This provides a level of confidence in the

channel model and the interleaving portion of the COFDM simulator.

It is also of interest to observe the BER in the demodulated sequence prior to Viterbi decoding.

This and the decoded BER is plotted in figure 5-3. Simulation parameters other than the

normalized Doppler frequencies are the same as in figure 5-2.

It can be seen that the target decoded BER of 10 is achieved when the BER in the differentially
detected sequence is less than about 0.07. This provides a rule of thumb that was used in the
previous chapter for identifying demodulation techniques that might be suitable for achieving the

target BER of 10™ in the range of E,/N, between 15 and 20 dB.

des=0.0312
des=0.0624
des=0.075 -
des=0.0858
Ref. [36]

BER

8 10 12 14 16 18 20 22 24 26
E /Ny

Figure 5-2 Viterbi decoded BER as a function of Ey/Nj for generic COFDM
signal transmitted over 40 path typical urban channel model.
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Figure 5-3 Differentially detected (dotted line) and Viterbi decoded (solid line)
BER as a function of E,/N, for generic COFDM signal transmitted
over 40 path typical urban channel model.

5.2 DECISION FEEDBACK LP RECEIVER

5.2.1 Linear predictive detector for ordinary 4-DPSK

Simulation results for uncoded 4-DPSK signals are compared to the theoretical curves and to
results published in [9]). The simulation parameters listed in table 5-2 were used. Figure 54
shows the bit error rate as a function of signal to noise ratio for various values of the predictor
order when correct decisions were fed back and the normalized Doppler spread was JSaTs = 0.1.
Ordinary 4-DPSK as in equation (2.36) was used to encode the symbols. Also shown in the
figure are the curves for the theoretical BER as derived in section 4.1.2. The predictor order is

indicated by the parameters N representing the number of previous OFDM symbols and K
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representing the number of subchannels used in the linear predictor. Although the simulation is

done for the LP detector only, E, is still defined to be E, =5E; /4 as discussed in section

(3.3.3). This facilitates direct comparison between the BER curves in the coded and non-coded

cases.
Number of frames: 5
Number of symbols per frame: 77
Number of subcarriers: 768
Number of bits per frame: 118,272
Useful symbol interval duration: 500 us
Guard interval duration: 123 pus
Channel mean delay spread oy: 10°s
Number of channel realizations 10

Table 5-2 List of simulation parameters.

It can be seen that when correct decisions are fed back, the BER is improved by using a higher
order predictor. Also it can be seen that there is a BER floor starting to appear even with the use
of higher order predictors. This is due to the ICI term in the noise variance which is independent
of Ex/No. It is also apparent that the simulated BER is slightly higher than the theoretical. This is
because the treatment of ICI in the model as a white Gaussian process with variance (f,7y)° is
only an approximation. The BER floor was not apparent in the results presented in [9] because
the channel model used in this reference produced no ICL. As shown in figure 5-5, when ICI is
removed by the artifice of transmitting non-zero symbols only on every 20™ subchannel, the

BER floor is eliminated and the simulation results match the theoretical expression exactly.

From figure 5-4 one can see that with the higher order predictors, it is possible to achieve a BER

of 0.07 in the desired range of E,/N,. This indicates that it should be possible to reach the desired
decoded BER.

As one would expect, the BER increases when actual decisions are used to direct the linear
predictive detector. This is shown in figure 5-6 where the actual detector decisions are fed back.
Otherwise the simulation is unchanged from figure 5-4. Using more than one subchannel for the
linear predictor results in poorer performance than using only one subchannel. This is because of
the error multiplying effect associated with feeding back incorrect decisions. An error fed back

in one channel can now cause an error in an adjacent channel. At some point, this effect
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outweighs the benefit gained from using a higher order predictor. At lower values of faT's, there is
a decrease in BER obtained from using adjacent channels in the predictor, however in this case

the target BER can be easily reached using a single channel or even a CDD so this does not

interest us.
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Figure 5-4 Simulated BER vs. E/N, for decision directed linear prediction
detector operating with normalized Doppler f;75=0.1 and using
correct fed back decisions. Theoretical BER is plotted with dashed
line for K=1 and dash-dot line for K=3. E,/N, is defined as if the bits
were encoded with a rate 1/2 code prior to transmission and E is the
energy per information bit.
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Figure 5-5 Theoretical (solid lines) and simulated BER with no ICI and when
correct previous decisions are used for channel prediction. f;Ts=0.1.
Dashed line shows BER when current channel gain is also known.

E/Ny is defined with E, = SE;, /8 being the energy per encoded bit.

Another effect that occurs due to fed back errors is a phase offset in the previous subchannel gain

values that are used to predict the current channel gain. The previous subchannel gain estimates

are given by

H,ih = YoisCnik (5.2)

where ¢, is the decision made on the symbol from time interval n and subchannel &, and Ynk IS
the corresponding received signal value. For ordinary 4-DPSK, the symboi decisions c,; may
have a phase error that is a multiple of 272 resulting in a previous gain estimate with a similar
phase error. The result is that when an error is fed back, all of the subsequent decision directed
subchannel gain estimates may end up having a phase error that is a multiple of 772. When only
one subchannel is used in the predictor, the receiver just carries on working on the rotated signal
constellation and there are no errors in the differentially decoded symbols. The same is true when
more than one subchannel is used in the predictor provided that all subchannels have the same
phase offset. However, there will be some cases where adjacent subchannels are offset by a

different multiple of 772 resulting in a higher probability of making an error when a decision is
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made based on the predicted channel gain. It has been observed that when a reference symbol is
used to periodically correct the phase offsets, the performance of the multiple subchannel LP
detector can be improved. However, for f;Ts = 0.1 and a reference symbol that is available only
every 77" symbol as in mode IV DAB, the improvement is not enough to outperform a single

subchannel predictor.
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Figure 5-6 Simulated BER vs. E,/N, for decision directed linear prediction
detector operating with normalized Doppler f;75=0.1 and using actual
fed back decisions. Theoretical BER with no fed back decision errors
is plotted with dashed line for K=1 and dash-dot line for K=3. Eyv/Ny is
defined as if the bits were encoded with a rate 1/2 code prior to
transmission and E, is the energy per information bit.
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5.2.2 Linear predictive detector for w/4-shift 4-DPSK

Figure 5-7 shows what happens when the LP detector is used on a 774-shift 4-DPSK signal
where the differential encoding is performed according to (2.37). Simulation parameters here
were the same as in table 5-2. For a normalized Doppler spread of f;Ts = 0.1, the use of a
predictor of order higher than one results in a higher BER for E,/N, less than 20 dB. The reason
is that the transmitted symbols now form an 8-PSK constellation and therefore the probability of
making an erroneous decision on the transmitted symbol is higher than for the 4-PSK
constellation associated with ordinary 4-DPSK. This higher fed back error rate results in the
deterioration in performance observed in figure 5-7 as compared to figure 5-6. When correct
decisions are fed back, the performance of the LP detector on 7/4-shift 4-DPSK is equivalent to
ordinary 4-DPSK. For lower values of Doppler spread. higher order predictors will tend to show

improved performances at lower values of Ey/Ny.
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Figure 5-7 Simulated BER vs. E,/N, for decision directed linear prediction detector
with 774-shift 4-DPSK and normalized Doppler f;Ts = 0.1. Theoretical
BER is plotted with dashed line. E,/N, is defined as if the bits were
encoded with a rate 1/2 code prior to transmission and E,, is the energy
per information bit.
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5.2.3 Linear predictive receiver for COFDM

The above discussion indicates that for the m4-shift 4-DPSK modulation used in COFDM, a
decision feedback LP detector followed by a de-interleaver and Viterbi decoder has no hope of
achieving the target BER in the desired range of E,/Ny. However, when the LP detector operates
on correct fed back decisions, the uncoded BER is well below the figure of around 0.07 required
for a CDD to meet a BER of 10™ after decoding. The question is whether soft Viterbi decoding
of the LP detector outputs obtained with correct fed back decisions can provide a similar BER
improvement. As a first step, one needs to determine a suitable soft output of the LP detector. By
analogy with the soft decision output of the CDD we have used the real and imaginary parts of

-~
.

(5.3)

-k L ]
Ak = Yok I}‘; ICn-ulyn—ul
nk

where vy« is the receiver DFT output, H,, is the LP gain estimate, and Cn-1.% 1S the previous

symbol decision. The soft decision is determined by rotating the current received value by the
angle of the subchannel gain estimate, further rotating by the angle of the previous symbol
decision (to differentially demodulate), and then weighing by the magnitude of the previous

received value.

The BER obtained from soft Viterbi decoding of this LP detector output in the ideal case of no
errors in the fed back decision sequence is as shown in figure 5-8. Simulation parameters here
were identical to those listed in table 5-1 except that the simulation duration was 80 frames. The
BER was averaged over 5 channel realizations. This curve shows the target decoded BER of 10™
being achieved at E,/Ny = 15 dB for the normalized Doppler spread equal to 0.1. By feeding back
decoded decisions to the LP detector in an iterative fashion as discussed in section 4.1.3 the

receiver should be able to approach the performance in figure 5-8.
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Figure 5-8 Simulated lower bound on BER of COFDM receiver using decision
directed LP detector with no errors in fed back decisions. N = 5
previous symbols and K = 1 subchannel used for LP detector. Mean

channel delay spread 6:~=10° s.
5.3 ITERATIVE DECISION DIRECTED LP RECEIVER

5.3.1 Generic COFDM system

The term “generic” COFDM is used to refer to a system that doesn’t make use of the null or
reference symbols specified for the COFDM system used in DAB. Matlab routines (see appendix
C) were written to simulate the iterative decision feedback COFDM receiver depicted in figure
4-2 b. Figure 5-9 shows the BER performance as a function of E/N, after the third iteration of
the algorithm. The simulation parameters listed in table 5-3 were used. For JaTs = 0.1 it can be
seen that the required BER of 10 is achieved at about E,/Np = 15.6 dB. This can be compared
with the conventional COFDM receiver depicted in figure 5-3 where at the same Doppler spread,
the required BER cannot be achieved at any value of E,/No. On the other hand, one can compare
with the ideal case depicted in figure 5-8 where the LP detector used correct fed back decisions:
for a normalized Doppler spread of f;Ts = 0.1 there is only about 0.6 dB performance loss at a

BER of 10™. At lower values of f,Ts, this performance loss is even less.
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Number of frames: 80

Number of symbols per frame: 77
Number of subcarriers: 768
Number of information bits per frame: 59,136
Useful symbol interval duration: 500 us
Guard interval duration: 123 ps
Channel mean delay spread oy 10%s
Number of channel realizations 5
Code rate: 172
Code constraint length: 7

Code generating sequences (octal, right justified): gy =133, g =171

Table §-3 List of simulation parameters.

Number of iterations In figure 5-10 the error rate at the end of each of the three algorithm

iterations is plotted for f;Ts = 0.1. There is a significant improvement with each iteration. The

decoded error rate decreases and the performance can approach the case of no fed back error.
Although not shown, it has been observed that further iterations of the algorithm provide only

marginal improvement.
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Figure 5-9 BER at Viterbi decoder output after 3" iteration. N=5 previous
symbols and K = | subchannel used in linear predictor.

81



—<~ 1% jteration

e e e

i' = 279 jteration
1074 T 77 3% jteration
' | ™= perfect decision |
i feedback ;
10°5 : : : : .
10 11 12 13 14 15 16 17 18

Ey/Ny

Figure 5-10 BER at Viterbi decoder output one to three iterations with SiTs=

0.1. First iteration uses CDD. N = 5 previous symbols and K = 1

subchannel used in the linear predictor.
Linear predictor order The effects of varying the order of the predictor can be seen in figure 5-
11 where the decoded BER after the third iteration is plotted as a function of E/N,. Here the
simulation parameters listed in table 5-3 were used again. For f;Ts = 0.1, this figure actually
shows an improvement in the result with N = 3 previous samples used for the predictor over the
result with N = 5. This is believed to be a statistical effect that would disappear with longer

simulations and averaging over more channel realizations. One would expect improved

performance with a higher order predictor since it has a lower mean squared error.

Simulations were run using more than one subchannel in the predictor (i.e. K > 1) but these did
not converge at a sufficiently low BER. The reason is that at high values of f;Ts, the LP detector
using more than one subchannel requires a very low error rate in the fed back decision sequence
to provide a reasonable output BER. One possible strategy would be to use a single subchannel
predictor for the first few iterations of the algorithm and then switch to several subchannels. This
was simulated for several values of Doppler spread and the results indicate that any improvement

can only be obtained after the decoded BER for the iterations with a single channel had already



reached the required 10™. It may however be useful for applications requiring a lower BER than

DAB.
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Figure 5-11 BER at Viterbi decoder output after 3 jteration for various
predictor orders. Upper set of points for f;Ts = 0.1, lower set of
points for f;Ts = 0.05. K = 1 subchannel used in all cases.

Performance at higher Doppler spreads For the channel model used here, the normalized

Doppler spread of f;Ts = 0.1 corresponds to a vehicle velocity of 115 km/hr. Drivers have been
known to exceed this velocity so it is of interest to see how the iterative receiver performs at
larger Doppler spreads. Figure 5-12 shows the BER for normalized Doppler spreads up to 0.15.
The other simulation parameters were the same as listed in table 5-3. It can be seen that the
receiver experiences difficulties in reaching the required BER of 10™ for normalized Doppler

spread of f;7s > 0.125 which corresponds to a vehicle velocity of 144 km/hr.
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Figure 5-12 BER at Viterbi decoder output after 4" iteration. N = 5 previous
symbols and K = | subchannel used in linear predictor.

Effects of errors in Doppler spread estimation The simulations performed up to this point have

assumed that the receiver knows the Doppler spread of the channel. A technique for estimating
this parameter based on the level crossing rate was discussed in section 4.1.4. There will always
be some error in this estimation and one would like to quantify the effects of such an error.
Figure 5-13 plots the simulated BER when the actual Doppler spread of the channel is f;Ts = 0.1
but the value of Doppler spread used by the receiver varies between 0.05 and 0.2. Other
simulation parameters were as listed in table 5-3. As expected, demodulation using an incorrect
estimate of the Doppler spread results in a higher BER. The simulation results show that
underestimating the Doppler spread by 30% causes about 2 dB poorer performance at a BER of
10 while overestimating it by 40% causes about 1.25 dB poorer performance. It seems to be
better to overestimate than underestimate the Doppler spread and it may be possible to take

advantage of this by choosing an estimator that is slightly biased on the high side.
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Figure 5-13 BER at Viterbi decoder output after 3™ iteration with with LP
detector using mismatched estimate channel Doppler spread. Actual
channel Doppler spread is f;T5=0.1.

5.3.2 Practical COFDM system

As discussed in section 2.2.2 the COFDM signal used in DAB transmits a null and reference
symbol at the start of each transmission frame followed by 75 data symbols. The presence of the
null symbol presents a problem for the LP detector because there is now a symbol interval with
no received signal on which to base the decision directed subchannel gain computation. This will
affect the subchannel gain prediction for the next N OFDM symbols where N is the number of
previous samples used in the linear predictor. Several schemes for dealing with this were

investigated:

® using the computed subchannel gain from the previous symbol as the gain for the nuil

symbol;

* using the predicted gain for the null symbol as the computed gain for the null symbol;
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® using a single channel predictor of order 1 for the symbo! immediately following the
reference symbol, a predictor of order 2 for the symbol following this and so on up to some

maximum predictor order (e.g. N = 5);

¢ using the optimum minimum mean squared error linear predictor coefficients for the case
where one previous sample is missing. This requires N+1 different coefficient sets to be
stored and used as appropriate. For instance, to form the linear predictor for the first data

symbol requires a set of coefficients that are optimum when the missing sample occurred two

symbols ago.

It has been determined through simulations that only the last of these above schemes provides

satisfactory performance.

As discussed in section 5.2.1, the decision directed gain estimates used by the linear predictor
can have a phase offset due to previous errors in the fed back decisions. The presence of a
reference symbol offers an opportunity to correct this offset. This is done by comparing the
phase of the subchannel gain prediction to the phase of the subchannel gain as determined by the
reference symbol. However, with the null symbol occurring just prior to the reference symbol,
there is a significant error in this gain prediction. This combined with the more closely spaced
signal constellation for 77/4-shift 4-DPSK may result in an error in the determination of the
required phase correction. Because of this, it has been found that the simulations show slightly

better results when no phase offset correction is done at the reference symbol.

Figure 5-14 shows the Viterbi decoded BER after three algorithm iterations. The simulation
parameters here are as listed in table 5-3. For a normalized Doppler spread of f;Ts = 0.1, the

required BER is achieved at E,/N, = 16.4 dB.
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Figure 5-14 BER at Viterbi decoder output after 3" iteration. N = § previous
symbols and K = 1 subchannel used in linear predictor.

Effects of errors in Doppler spread estimation The effect of a mismatch in the receiver’'s

estimate of Doppler spread is shown in figure 5-15. The actual channel Doppler spread was
faTs = 0.1 and the estimate used by the receiver varied from 0.05 to 2. The predictorused N =5
previous symbols and K = 1 subchannel. Other simulations parameters were as listed in table 5-3.
Here one sees approximately the same performance degradation as the corresponding result for

the generic COFDM system plotted in figure 5-13.

Figure 5-16 also shows the effect of a mismatch in the value of Doppler spread that the receiver
uses in the LP detector. For this figure, the receiver used a normalized Doppler spread of
faTs = 0.1 for all of the curves but the actual channel Doppler spread was varied. The importance
of this result is that the receiver can achieve satisfactory performance up to a normalized Doppler

spread of f4Ts = 0.1 without doing any adaptive adjustment to the detection algorithm.
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Figure 5-15 BER at Viterbi decoder output after 3" iteration with the LP
detector using a mismatched estimate channel Doppler spread. The

actual channel Doppler spread is f;Ts = 0.
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Figure 5-16 BER at Viterbi decoder output after 3 iteration with the LP
detector using f;Ts = 0.1 for its estimate of the channel Doppler spread.
The actual channel Doppler spread varies as indicated in the legend.
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Linear predictor order One can observe the effects of varying the number of previous symbols
used in the linear predictor in figure 5-17. The channel Doppler spread was f;Ts = 0.1. K = 1
subchannel was used for the predictor and other simulation parameters were as lised in table 5-3.
As expected, the BER performance shows a tendency to improve with higher order predictors. In
chapter 6 it will be seen that implementing a higher order predictor requires only a marginal

increase in the overall processing load.
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Figure 5-17 BER at Viterbi decoder output after 3™ iteration for various
predictor orders. The normalized Doppler spread is f;Ts = 0.1.

Mismatch in estimate of noise variance The simulation results plotted in figure 5-18 show

that the receiver is relatively insensitive to an error in the estimation of the noise variance. The
average performance is somewhat worse than in the previous figures due to one channel
realization that resulted in particularly poor performance. However, the variation in performance

due to noise mismatch for any particular channel realization was similar to that shown for the

average.
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Figure 5-18 BER at Viterbi decoder output after 3 iteration with the LP
detector using a mismatched estimate of the noise variance. The
normalized Doppler spread is f;Ts = 0.1.

5.4 CONCLUSION

The performance objective for a DAB receiver is to achieve high channel reliability, i.e. CD
quality sound at practical values of signal to noise ratio in the range of E,/Ng = 15-20 dB. This
can be achieved if the decoded BER is lower than 10~. Conventional differential detector based
receivers cannot achieve this BER in typical urban channel conditions with Ey/Ng =20 dB for a
normalized Doppler spread exceeding f,Ts = 0.08 corresponding to a vehicle velocity of 92
km/hr. The simulation results in this chapter have demonstrated an ilerative decision directed
linear predictive receiver that can significantly extend this performance limit. For the generic
COFDM system operating under the same conditions, the Doppler spread can be increased to

about f;Ts = 0.125 corresponding to a velocity of 144 km/hr.

Other simulation results show that a decision directed linear predictive receiver operating in
typical urban channel conditions can overcome the BER floor associated with a CDD, however
another lower error floor associated with ICI effects appears. Another interesting result is that at

the relatively high values of Doppler spread investigated here, there is a significant degradation
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in actual performance of the LP detector over the theoretical performance of the ideal LP
detector due to errors in the fed back decision sequence. For 774-shift 4-DPSK, this degradation
makes the performance worse than with a conventional differential detector. However, when
Viterbi decoded decisions are used for the LP detector, a significant performance improvement

can be obtained and this results in the success of the iterative technique.

The iterative decision feedback linear predictive receiver was simulated for the case of a generic
COFDM system having no null or reference symbol and for a practical COFDM system having a
null and a reference symbol. It was found that the presence of the null symbol resulted in the
need for a slightly more complicated scheme for the LP detector and caused a slight deterioration

in performance. However, the performance requirements for a DAB receiver were achieved in

both cases.

Based on the simulation results one can conclude that the iterative decision feedback LP receiver
is a promising technology for increasing the Doppler limit of Mode IV receivers. It should be
noted however, that the simulations were done for a relatively limited range of conditions. Some

suggestions for future simulations are:

¢ studying the effects of varying the channel delay spread profile including the effects of

multiple active echoes resulting from multiple transmission towers;
¢ studying the effects of different channel models such as hilly and rural terrain;

e studying the effects of the fast information channel symbols. This will be discussed in more

detail in chapter 6.
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6

Receiver Implementation

The receiver simulations discussed in the previous chapter used a non real-time implementation
of the iterative algorithm. Each step in the detection process was performed for the entire data
file and the results stored on disk before proceeding to the next step. This allowed a considerable
simplification of the simulation programming. This chapter provides a description of how to
practically implement the iterative algorithm and presents a complexity estimate of this

implementation.

One aspect of the COFDM specification used for DAB has not been taken into account in the
simulations. This is that the three symbols following the null and reference symbols in the mode
IV transmission frame comprise a fast implementation channel that is not time interleaved but is

convolutionally encoded at a lower rate than the audio data. The effects of this on the receiver

design are discussed.



6.1 RECEIVER COMPLEXITY ESTIMATE

6.1.1 Real time receiver implementation

Figure 6-1 shows a schematic diagram of the receiver timing for the operations necessary in the
iterative receiver. The first row in the figure represents a series of encoded data frames that will
be interleaved and transmitted. The second row represents the interleaved data sequence at the
output of the DFT. The first frame in this sequence is labeled 0-15 to indicate that it contains bits
from frames O to 15 of the encoded data sequence. The diagram represents logical frames which

for mode IV are half the length of the transmission frames (see section 2.2.2).

The first operation shown in the diagram is the differential detection. This can be performed on a
symbol by symbol basis as the outputs from the DFT become available. The next step is
frequency de-interleaving of the differential detector soft outputs. This can also be performed on
a symbol by symbol basis. Next it is necessary to perform the time de-interleaving. This
operation must be delayed for 16 frames because of the time interleaver latency. Viterbi
decoding can then be performed on a frame of soft de-interleaved data. The fourth row of figure
6-1 shows the 15" de-interleaved, decoded data frame being the first one available with valid
data for subsequent processing. Furthermore, this frame is not available until the interleaved
frame containing data from frames 15-30 has been differentially demodulated. The dependency
of this frame on the previous 16 frames of differential detector output is shown by arrows on the

diagram. This completes the processing necessary for the first receiver iteration.

Notice that in the receiver block diagram of figure 4-2, a Viterbi decoder followed by a sequence
re-encoder is shown. The re-encoding process is not discussed here because the Viterbi decoder
on all but the last iteration of the receiver can be designed to output the maximum likelihood
decoded codeword rather than the decoded information sequence. This is done simply by saving

the input trellis branch labels rather than the output branch labels.
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Before the corrected sequence can be used in the decision directed linear prediction detector it
must be re-interleaved. This operation is depicted in figure 6-1 along with the associated delay.
The first complete reinterleaved, corrected frame of data is available 31 frames after the receiver
starts and it contains data from frames 15-30 of the encoded data sequence. The next operation is
the decision directed linear predictive detector using the re-interleaved decoded data sequence
for the decisions. This operates on the soft output of the DFT containing data from the same
frames 15-30 of the encoded sequence. However, this frame arrived at the receiver 16 frames
before. This illustrates a disadvantage of the iterative algorithm. Each successive iteration entails
a cumulative delay equal to the interleaver depth and also requires a buffering of the input data

equal to the interleaver depth.

The remaining steps of the algorithm are essentially a repetition of the steps after the differential
demodulation in the first iteration. Notice that on the third iteration, the re-interleaved. decoded
data sequence does not have valid data until 60 frames after the first received frame. This frame
is then used for the decision directed LP detector but it is required to operate on the DFT output
that arrived 31 frames before. Thus one sees that the receiver latency and buffer requirements are
indeed increasing with more iterations. Simulations have shown that only marginal
improvements in BER are obtained by going to more than three iterations of the algorithm.

Consequently figure 6-1 shows only three iterations of the algorithm.

0.1.2 Receiver timing

The iterative receiver described in this thesis requires more than three times as many processing
steps as a conventional differential detector based receiver. One would like to assess the
feasibility of performing the additional processing in the allotted time with currently available
technology. It is assumed that the receiver demodulates all of the DAB data. In an actual
receiver, this would not always be necessary as several audio programs are multiplexed onto the
COFDM signal. There are 75 OFDM data symbols in a mode IV transmission frame. There are
768 subcarriers and one frame is 48 ms in duration. This works out to a throughput requirement

of 1.2 mega-symbols per second or 0.833 us of processing time allowable for each symbol.
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In the following, only the baseband processing steps are considered. It is assumed that there is a
receiver front end that outputs samples of the real and imaginary samples of the lowpass
equivalent received signal. This front end would have to perform the functions of down-
conversion, synchronous quadrature demodulation and sampling of the in-phase and quadrature

signals. In an actual system, it would require some feedback from the baseband processor to

adjust for carrier shifts and symbol timing.

The operations necessary for a three iteration receiver are summarized in table 6-1. Each row of
the table contains an estimate of the number of processing steps necessary to perform the
operation on one QPSK symbol which is equivalent to one information bit (assuming a

convolutional code rate of 1/2).

The estimated number of complex multiply-adds for the DFT is calculated assuming that a 1024
point FFT is used to extract the 768 subcarrier data symbols. On one particular DSP processor, a
radix 2 FFT butterfly takes 11 instructions [37]. An N point FFT requires (NV/2)log:N butterflies.

This works out to about 80 instructions per symbol.

The differential detector can be performed with a minimum amount of processing: 2 loads and 2

stores plus a complex multiply — around 10 instructions per symbol.

The LP detector requires more processing steps than a CDD. It is assumed that the necessary
predictor coefficients are stored in a lookup table that is indexed by the receiver’s estimate of the
Doppler spread. This avoids the substantial processing associated with matrix inversion or the
less complex but still significant processing required by any adaptive filtering technique to adjust
predictor coefficients. Also since the computer simulations showed that using more than one
subchannel in the linear predictor did not have a beneficial effect, the complexity estimation
assumes a one subchannel linear predictor implying that the predictor coefficients are real. The

calculations required for the LP detector of order N are as follows.

e Compute the predicted subchannel gain. This is a FIR filtering operation on the real and
imaginary parts of the previous channel gain decisions and should take about 2N

instructions.
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® Rotate the received sample by the angle of the predicted channel gain. This requires:

- normalizing the predicted channel gain which should be done by a procedure that
avoids divide and square root operations. Probably a table lookup would be accurate
enough. About 10 instructions.

- loading the current received value — 2 instructions.

- multiplying by the conjugate of the normalized predicted channel gain - 6
instructions

® Rotate this result by the previous decision — 6 instructions
® Multiply by the previous received magnitude and store the results — 4 instructions

e Calculate the current channel estimate
- load the current decision and convert to 4-DPSK — 10 instructions

- multiply the current received value by the conjugate of the current decision — 6
instructions

- store the current channel estimate — 2 instructions

Calculate the current received magnitude - 2 instructions

Based on the above, the linear predictive receiver should take about 60 instructions per symbol

for a predictor of order N=5.

The most time consuming operation is the Viterbi decoding. Based on the benchmarks given in

[17] it would take about 200 instructions on a modern DSP processor to decode one symbol.

The de-interleaving and interleaving processing steps consist of data moves plus several

instructions to compute the address offsets. This should require no more than 10 operations per

symbol.

From the table, one sees that a total of 910 instructions on a DSP microcomputer would be
required to produce one demodulated symbol. This estimate would vary somewhat depending on
actual algorithm parameters used. For example, changing the predictor order by AN would add
approximately 4AN instructions. This is almost inconsequential compared to the total number of
instructions. A rough estimate of the processing requirement is therefore 910 instructions/symbol

x 1.2 Msymbol/s = 1100 MIPS. This is achievable with the latest in DSP microcomputer
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technology, however, the prices of these devices are currently fairly high (>$100 US per unit)

Receiver operation Estimated Number of | Total instructions
_ numl?er of repetitions per symbol
instructions per
symbol
Fast Fourier Transform 80 1 80
Differential detector 10 1 10
Frequency de-interleave 10 3 30
Time de-interleave 10 3 30
Viterbi decoder 200 3 600
Time re-interleave 10 2 20
Frequency re-interleave 10 2 20
Linear predictive detector 60 2 120
Total =910
Table 6-1 Estimated number of DSP microcomputer instructions required to implement the

iterative LP receiver.

6.1.3 Memory requirement

The largest receiver memory requirement comes from the need to buffer large amounts of data
due to the time interleaving latency. One frame of interleaved data contains bits from the
previous 16 frames of the encoded sequence and therefore it is necessary to buffer 16 frames of
interleaved data to produce one frame of de-interleaved data. For soft outputs it is assumed that
one byte (8 bits) provides sufficient resolution. Studies have shown [36] that soft outputs of a
CDD need only 4 bits of resolution for input to a Viterbi decoder so this is considered to be a
safe assumption. One logical frame of data contains 56.25 kbits so the storage requirement for 1
frame of soft data is m,=56.25 kbytes and for one frame of hard data is m;=7.04 kbytes. The
memory requirements are summarized in table 6-2. The total memory requirement is 83m,+35m,,

= 5 Mbytes. Additional memory would be required for other functions but these should not take
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more than 100 kbytes.

Data Number of frames stored Memory requirement

DFT output 32 32m;
Differential detector soft output 16 16 m;
De-interleaved soft CDD output i m;
First decoded hard output 16 16m,,
First re-interleaved hard output 1 m,
First LP detector soft output 16 16m,
First de-interleaved soft LP 1 my
detector output
Second decoded hard output 16 16m,,
Second re-interleaved hard output \ m;,
Second LP detector soft output 16 16m;
Second de-interleaved soft LP 1 myg
detector output
Final decoded hard output 1 my,

Table 6-2 Summary of memory requirements for iterative receiver.

6.2 EFFECT OF FAST INFORMATION CHANNEL

In section 2.2.2 it was indicated that the actual mode IV transmission frame included a Fast
Information Channel (FIC) which is not time interleaved. The 77 OFDM symbols in the
transmission frame actually consist of a null symbol followed by a reference symbol followed by
3 FIC symbols followed by 72 audio data symbols. The FIC is used to allow the receiver
immediate access to multiplexing information about the audio programs in the following data

symbols. To compensate for the loss in time diversity in the FIC, the data are protected with a
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rate 1/3 convolutional code and include a cyclic redundancy code (CRC) frame check sequence

(FCS). In this thesis, we have not simulated a COFDM system that includes the FIC symbols.

Encoded data sequence | 75| 75 |76 [ %6 | ees 90| 9 ]
L]
v ~,
Received interleaved sequence [ 75 ! 60-75 ] 76 | 6176 l o ] %0 l 75-90 7 ]
Lol
Differentially debectedsoft output | 75 | 60-75\] 76 [ 6176 | eee [90] 75%0 j > I¥ iteration

[60] 6 [76] 61 | wae [75] 757

De-interleaved. decoded data sequ

)
Re-interleaved, decoded data sequence | 60 | 4560 | 76 | 4661N] see | 75| 60-75 ]W

Decision directed LP demodulator soft output | 60 | 3560 [ 76 | 661 | eoae [75] 6075 ] 2™ iteration
v
De-interleaved. decoded data sequence |45 [ 45 J46] 6 IR CII
| !
Re-interleaved. decoded data sequence | 45 | 3045 [46] 3196 | eee | o] 1560 |
\l
Decision directed LP demodulator soft output| 45 | 3045 [ 46 [ 3136 | e e [60] 4560 | ? 3 iteration
!
De-interleaved. decoded data sequence [ 30| 30 [3t] = [ eee Jss | s ] p,

Figure 6-2 Modifications to receiver timing with FIC symbols.

The receiver can still operate in the presence of the FIC symbols. Figure 6-2 depicts the timing
modification to the iterative decision directed LP receiver necessitated by the FIC. In this
diagram, each frame is now split into a FIC and a data portion. The time de-interleaving and re-

interleaving operations now need only be performed on the data portion of each frame.

The FIC data could still be used by the receiver after the first iteration. It would possibly have a
relatively high error rate at this point, but any errors could be detected with high probability
using the FCS and the receiver could wait for the reception of an error free frame before acting
on the data. The primary purpose of the FIC data in higher algorithm iterations would be to

provide the corrected symbols necessary to form the linear prediction of the subchannel gain for
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the first few audio data symbols following the FIC symbols.

6.3 CONCLUSION

The iterative decision directed LP receiver entails a significant increase in complexity over a
standard CDD based receiver. Rough complexity estimates are that the receiver would require a
DSP microcomputer operating at 1100 MIPS to do the compuiations and that 5 Mbytes of
memory would be required for buffering of the signals. This estimate includes the receiver
operations from the FFT demodulation through the Viterbi decoding but does not include the

decoding of the compressed audio signal and any further DSP operations required by this signal.

The iterative receiver also has the property of adding an additional delay equal to the interleaving
latency of 384 ms for each additional iteration of the algorithm. Since 3 algorithm iterations is
sufficient to achieve the required BER, there would be slightly more than one second of delay.

This is not considered a severe problem for broadcasting applications.
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7

Conclusion

7.1 THESIS SUMMARY

The investigation described herein had the objective of developing a demodulation technique that
would improve the performance of a digital audio broadcast (DAB) receiver in fast fading

conditions. This investigation was accomplished by:
e studying the COFDM modulation technique used for the DAB signal,

® analyzing the transmission of the DAB signal through a mobile wireless channel model

appropriate for propagation in a typical urban environment,

studying published techniques for demodulation in fast fading conditions, and finally,

® proposing and simulating a COFDM receiver design.

The simulation results were encouraging so a complexity analysis of the proposed receiver



design was also performed to determine its practicality.

The receiver design is based on a decision directed linear predictive (LP) detector for the
4-DPSK signaling technique used by DAB. This detector is used with decoded decisions derived
in an iterative fashion. It is shown that the proposed receiver structure provides a significant

improvement over the BER performance of differential detector based receivers.

7.2 THESIS CONTRIBUTION

It has been shown that a receiver based on conventional differential detection of the DPSK signal
used for DAB cannot meet the bit error rate criterion of 10 at vehicle speeds exceeding 92
km/hr for mode IV operation in a typical urban propagation environment with signal to noise
Ey/No = 20 dB. Computer simulations have indicated that the proposed iterative decision directed
LP receiver can extend this limit to 144 km/hr under the same conditions. This receiver design

has not previously been applied to COFDM detection.

To operate effectively, the receiver requires an estimate of the channel Doppler spread but is
relatively insensitive to errors in this estimation. In fact, the receiver can be designed for the
maximum required vehicle velocity and its performance is still satisfactory at lower velocities

but deteriorates rapidly at higher velocities.

The receiver design is based on an assumption of a particular propagation model. It has not been
determined how well the design will perform if the actual propagation environment does not
match this model. One step that could potentially deal with this is do adopt an adaptive filtering
technique that would allow the receiver parameters to be recursively updated based on

observations of the received signal. This was discussed briefly but not simulated in this thesis.

The proposed receiver design that achieves this reliability improvement is somewhat more
complex than the standard differential detector based receiver. The standard receiver requires
differential detection, de-interleaving and Viterbi decoding. The proposed design requires one
iteration with the same processing as the standard receiver, then two subsequent iterations

consisting of re-interleaving, decision directed LP detection, de-interleaving and decoding. It is
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estimated that this design would require 1100 MIPS on a DSP microcomputer and approximately
5 Mbytes of memory. This is a significant processing load, probably requiring some operations
to be implemented in hardware ASICs. Another effect is an additional delay equal to the

interleaver latency for each algorithm iteration. This resulting delay of over 1 second is not

critical for the broadcast application.

Other possible receiver designs that could potentially be useful for fast fading conditions but
were not simulated here are a maximum likelihood sequence detector and an iterative soft
decision feedback structure (turbo receiver). However, it is expected that the turbo receiver will
only provide a marginal improvement in performance over the other feasible techniques. A
technique based on a series expansion of the fading process (double filtering) was studied and

found inappropriate for COFDM demodulation.

The channel model used in this study consists of a superposition of M independent propagation
paths, each having a randomly determined delay and Doppler shift. Analysis shows that its
spaced-frequency spaced-time correlation function matches ideal characteristics for isotropic
reception and an exponentially decaying delay spread. Furthermore, as the number of paths
becomes large, the time averaged correlation function for the channel model approaches the
ensemble average. This is desirable since computer simulations must operate on a single
realization of the channel model at a time. The computer implementation of the M path

summation is also quite straightforward.

7.3 FUTURE WORK

The iterative decision directed LP receiver was simulated using a realistic channel model for a
typical urban propagation environment. The results reported here are encouraging but it should

be noted that they were observed over a relatively limited range of channel conditions. Some

suggestions for future work are:

® Study the effects of varying the channel delay spread profile including the effects of multiple

active echoes resulting from multiple transmission antennas.
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* Study the effects of different channel models such as hilly and rural terrain.

e Study the effects of the fast information channel symbols. Based on the discussion in chapter
6, it is believed that the proposed receiver design could operate successfully when these

symbols are included in the model. However, this needs to be verified by computer

simulations.
e Run the simulations on field measured received signals.

If the further simulations listed above yield good results, the proposed receiver design should be
considered as a candidate for a working mode IV DAB receiver. If its relative merits compared
to other candidate designs appear superior, and if the market warrants, development of a working

prototype should follow.
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Appendices

A. DFT OF A WHITE GAUSSIAN PROCESS

Let x,[n] n=0, I, ..., N-1 be the N samples of a complex, zero mean, wide sense stationary,

discrete white Gaussian process in symbol interval v. The DFT of this process is'

1 &8 —jzz%
Xv[k]=pzxv[n]e k=0,1,2,---,N-1

n=0

which will also be a Gaussian process. The mean of the transformed process is

N- _ ik
n=E(X,[k]} = E{%le‘,[n]e N }

n=0
nk
—-jar= Nl
=%e "N ¥ Eix,n]} =0
n=0

Also the autocorrelation of the transformed process is given by

! Here we multiply by the factor 1/N in the DFT rather than in the inverse DFT as is usually done.
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m=0
| NZINZl oy nk—im
=— e N E{x.[n]x;[m]}
N n=0m=0

Since the noise is white and the symbol intervals do not overlap, the expectation in the sum

above is non-zero only when v=4 and n=m. Consequently

1 N-1 -'er(k-“"

J 2
E{X, [k]1X, [I]} = e Ye N E{]x,[n]]*}
n=0 (A4)
1 L NSl s _“';v”_"
=—5FE{|x, [n]|” e
~7 Ellx,[n]] }20
The summation in the above is equal to
|- i2xk=) (N k=]
N TY (A-3)
l—e /"N
Therefore
1
Ryv,A,k,l]= E{X [k]1X ;[1]} =WE“ x,[n][*}6, ;6 (A.6)

This indicates that the N outputs of the DFT will be uncorrelated Gaussian random variables.

There is also no correlation between DFT outputs from subsequent symbol intervals.
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B. CALCULATION OF CHANNEL CORRELATION FUNCTION

The time variant transfer function for one path of the channel model is given by (3.27)

H(w,t)=e ®e/¥eieT (B.1)
where Q = 27F and w = 27f. The random variables F and T have density functions defined by
(3.25) and (3.26) and ® is uniformly distributed between -7 and 7. For brevity, the subscript i

indicating i path and the factor 1/¥/M will not be used in this development. The random

variables @, Q and T are independent. The real and imaginary parts of H(a t) are given by

X(w,t) =cosPcosQrcoswT +cosPsin QrsinwT (B.2)
—sin ® cosQrsin wT +sin Psin QrcoswT -

Y(w,t) = —sin ®sin Qrsin T —sin ® cos Qr cosawT (B.3)
+cos P sin QrcoswT —cos P cos Qr sin wT '

The complex spaced-frequency spaced-time correlation function for the process is calculated as

Ry (Aw,Ar) = E{e/ | E{e~ 3T}
= E{cos QAr}E{cos AwT } - jE{cos QAr}E{sin AwT} (B.4)
_ Jolw,Ar)
T+ JAwo ,

The spaced-frequency spaced-time correlation function for the real part of the process is

Ry (Aw, A1) = E{X(w+Aw,t + A1) X (w,1)} (B.5)

Substituting (B.2) into this and doing the necessary algebraic manipulation results in

Ry (Aa),Al)=—;—E{cosQAt}E{cosAwT} (B.6)

A similar calculation for the spaced-frequency spaced-time cross correlation function between

the real and imaginary parts of the process results in

Ry, (Aw,Ar) =71-E{cosQAz}E{sin AwT} (B.7)
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For any stationary complex process H(w, f) one can show that
Ry (Aw,At)= Ry (Aw,A) + Ry (Aw, A1) — j(Ryy (Aw.Ar) - Ry, (Aw, Ar))
From this combined with (B.4), (B.6) and (B.7) it can be deduced that

1 Jo(w,Ar)
21+ (Awo,)?

Ry (Aw,Ar) = R, (Aw,Ar) =

and

1 Jo(w,AAw0,
2 1+(Awo,)?

(B.8)

(B.9)

(B.10)

If the factor 1/4/M was included in the development, the correlation functions would be the

same as above but multiplied by a factor of 1/M. If M independent paths were then summed, the

correlation functions for the resulting channel would be as shown above and the process would

become Gaussian for large enough M. For a Gaussian process, the properties (B.9) and (B.10)

are important because they allow one to write any finite order density function for the complex

process knowing only the complex spaced-frequency spaced-time correlation function

Ry, (Aw,Ar). This is not in general possible without knowing the four correlation functions for

the real and imaginary parts of the random variable [27]. From (B.10) it is also evident that the

real and imaginary parts of the channel function are independent for Aw= 0.
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C. MATLAB SIMULATION ROUTINES

Three sets of simulation routines were written. The first simulates only the linear predictive
detector. The second simulates a generic COFDM systemn that doesn’t use a null or reference
symbol and the third simulates a COFDM system that inserts a null and reference symbol every
77" transmitted OFDM symbol. The COFDM simulations use a commercially available codec

software package [39]. A rate 1/2 code is used for all of the simulations.

This appendix contains a brief description of the Matlab routines used in the simulations. More
detailed documentation for each routine is contained in the comments which can be observed

either by editing the file or by typing “help filename” from the Matlab command window.

All simulations operate in a non-real time mode where a number of operations are performed on
all of the input data and intermediate results are stored on disk. There is a separate disk file for

each transmission frame of data. The data file naming follows the following convention

filename.?7xx

where “?” is a letter indicating the type of data in the file and “xx” is a two digit tag indicating
the frame number. Frame numbering starts at 00. Data files contain either hard or soft data. For
hard data, the bit stream is segmented into 16-bit words. These are converted to 16-bit unsigned
integers and then stored in 16-bit unsigned integer format. Soft data are stored in Matlab float 32
format. Table C-1 indicates the letter designation for the various data file types. Simulation
results are stored in the \results subdirectory in *.mat files. The format and naming of the result

files varies and is detailed in the comments for each particular program.

The following sections provide a brief description of the routines used in the three simulations.

Routine descriptions are indented to indicate that they are called by the routine described above

with one less level of indentation.
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File Description Data type
i The information sequence input to the simulation Hard
c The convolutionally encoded data sequence Hard
n The interleaved, encoded data sequence Hard
r The channel output Soft
w The channel output with AWGN added Soft
f Soft detector output (either CDD of LP detector) Soft
e Hard detector output (either CDD of LP detector) Hard
g De-interleaved soft detector output Soft
u Viterbi decoded output sequence Hard
v Recoded output sequence Hard
o Re-interleaved, recoded output sequence Hard

Table C-1 Letter designation used for simulation data files.

C.1 Linear predictive detector

All of the m-files should be loaded in the same directory and this directory should be the current

directory. Subdirectories named “data” and “results” must exist to store the data and result files.

rransmit.m  This routine creates a series of binary data files that are used as input to the

simulation.
rx_lp.m This is the main routine that does the linear predictive detector simulation.
chan.m This routine performs the OFDM modulation and demodulation and passes

the data through the M-path channel model. The real and imaginary parts of
the received values are stored on disk.
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del_val.m  Returns M random delay values to be used in the channel model. The
delays are integer values that indicate the delay in sample intervals.

fdop.m Returns M random Doppler frequency shift values to be used in the
channel model.

int2bin.m  Used to convert the input data from 16-bit unsi gned integer format to
binary format.

gen_ofdm.m Generates the OFDM signal for one symbol interval.

mpath.m Passes the OFDM signal for one symbol interval through the M-path
channel model.

demod.m Demodulates the OFDM signal after it has been passed through the
channel model.

Immse_fb.m This routine does the decision feedback linear predictive detection on the

received data files.
plot_cor.m Caiculates the linear predictor coefficients.

bin2int.m  Converts the binary detected bits to 16-bit unsigned integer format
prior to saving the results.

Immse_fb_cor.m This routine simulates the LP detector for the ideal case when there

are no fed back errors.

ber_count.m Counts the number of bit errors by comparing a series of result files to a

series of input files. Also returns BER computed as the number of errors
divided by the total number of bits.

C.2 Generic COFDM system

All of the m-files should be loaded in the same directory and this directory should be the current

directory. Subdirectories named “data” and “results” should exist to store the data and result

transmit.m

This routine creates a series of data files that are the information bits for the
simulation. It also encodes these information bits and interleaves them.

ncode.m Creates the information bits and encodes them. Information and encoded

bits are saved in a series of data files.

bin2intm  Converts the binary bits to 16-bit unsigned integer format prior to



saving the results.

vcmexenc.m Does convolutional encoding of information sequence. This is a
commercially available routine [39].

intlv.m Does time and frequency interleaving on the encoded data.

int2bin.m  Used to convert the input data from 16-bit unsigned integer format to
binary format.

rx_soft_nc.m  This is the main program for the iterative receiver simulation.

chan.m This routine performs the OFDM modulation and demodulation and passes
the data through the M-path channel model. The real and imaginary parts of
the received values are stored on disk.

del_val.m Returns M random delay values to be used in the channel model. The
delays are integer values that indicate the delay in sample intervals.

fdop.m Returns M random Doppler frequency shift values to be used in the
channel model.

gen_ofdm.m Generates the OFDM signal for one symbol interval.

mpath.m Passes the OFDM signal for one symbol interval through the M-path
channel model.

demod.m  Demodulates the OFDM signal after it has been passed through the
channel model.

dif_detm  Performs differential detection on the received data for the first algorithm
iteration. Saves soft and hard decision data.

ber_count.m Counts the number of bit errors by comparing a series of result files to a
series of input files. Also returns BER computed as the number of errors
divided by the total number of bits.

de_intlv.m De-interleaves the soft decision data from the differential detector or the LP
detector.

dcode.m Does Viterbi decoding on the de-interleaved soft data.

vcmexdec.m . Does the Viterbi decoding. This is a commercially available routine
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[39].

recode.m  Re-encodes the Viterbi decoded sequence.
re_intlv.m  Re-interleaves the re-encoded sequence.

Immse_fb.m Performs the decision directed LP detection of the received data using the
decoded data sequence. Outputs both soft and hard decisions.

plot_cor.m Calculates the linear predictor coefficients.

C.3 Practical COFDM system

All of the m-files should be loaded in the same directory and this directory should be the current

directory. Subdirectories named “data” and “results” should exist to store the data and result

files.

Most of the routines for this simulation have the same names as for the simulation of the generic
system. Many of the routines are exactly the same. Chan.m is modified to insert a null and
reference symbol. Dif_det.m is modified to work with the null and reference symbol.

Immse_fb.m is replaced with Ip_0l.m which uses predictors optimized for the existence of the

null symbol.

transmit.m This routine creates a series of data files that are the information bits for the
simulation. It also encodes these information bits and interleaves them.

ncode.m Creates the information bits and encodes them. Information and encoded
bits are saved in a series of data files.

bin2int.m  Converts the binary bits to 16-bit unsigned integer format prior to
saving the results.

vcemexenc.m Does convolutional encoding of information sequence. This is a
commercially available routine [39].

intlv.m Does time and frequency interleaving on the encoded data.

int2bin.m  Used to convert the input data from 16-bit unsi gned integer format to
binary format.
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rx_soft_nc.mThis is the main program for the iterative receiver simulation.

chan.m This routine performs the OFDM modulation and demodulation and passes
the data through the M-path channel model. The real and imaginary parts of
the received values are stored on disk.

del _valm Returns M random delay values to be used in the channel model. The
delays are integer values that indicate the delay in sample intervals.

fdop.m Returns M random Doppler frequency shift values to be used in the
channel model.

gen_ofdm.m Generates the OFDM signal for one symbol interval.

mpath.m Passes the OFDM signal for one symbol interval through the M-path
channel model.

demod.m  Demodulates the OFDM signal after it has been passed through the
channel model.

dif_detm  Performs differential detection on the received data for the first algorithm
iteration. Saves soft and hard decision data.

ber_count.m Counts the number of bit errors by comparing a series of result files to a
series of input files. Also returns BER computed as the number of errors

divided by the total number of bits.

de_intlv.m De-interleaves the soft decision data from the differential detector or the LP
detector.

dcode.m Does Viterbi decoding on the de-interleaved soft data.

vemexdec.m . Does the Viterbi decoding. This is a commercially available routine [39].
recode.m  Re-encodes the Viterbi decoded sequence.

re_intlv.m  Re-interleaves the re-encoded sequence.

Ip_Ol.m Performs the decision directed LP detection of the received data using the
decoded data sequence. This function does linear prediction based on only
one subchannel. It also uses linear predictors that are optimum in the
presence of the null symbol. Outputs both soft and hard decisions.

Ip_coef_01.m Calculates the optimum linear predictor coefficients taking into
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account the presence of the null symbol.

delre.m Deletes a row and column from a matrix.
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