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Abstract

In this paper, trellis-coded M -ary CPFSK with noncoherent envelope detection and adaptive channel equalization
are investigated to improve the bit error rate (BER) performance of microcellular digital wireless communications
systems. For the same spectral efficiency, the trellis-coded modulation (TCM) schemes studied outperform minimum
shift keying (MSK) with noncoherent or differentially coherent detection in Rayleigh fading channels. For the
case of frequency-selective fading channels, adaptive channel equalization is applied to mitigate the time-variant
intersymbol interference (ISI). A new equalizer structure is proposed which, in its feedback path, makes use of
fractionally spaced signal samples instead of symbol-spaced hard decisions on transmitted symbols. Computer
simulation results indicate that the soft-decision feedback equalizer (SDFE) can significantly improve the system’s

performance.

1. Introduction

Continuous-phase modulation (CPM) is an attractive
modulation scheme for digital transmission on mobile
and indoor radio channels. It has been selected for
the second-generation European digital cellular sys-
tem, i.e., the Group Speciale Mobile (GSM) [1], as
well as the Digital European Cordless Telecommuni-
cations (DECT) system [2]. The advantages of CPM
include: (i) a constant RF envelope, permitting the use
of power-efficient nonlinear amplifiers without causing
undue nonlinear distortion of the transmitted signal; (ii)
arelatively high bandwidth efficiency and low out-of-
band power. Trellis-coded continuous-phase frequency
shift keying (CPFSK) has been investigated in order
to achieve either an even higher spectral efficiency, or
else a better transmission performance than its uncoded
counterpart MSK (minimum shift keying). Anderson
et al. [3] and Ho et al. [4] have presented a compar-
ison between different classes of trellis-coded CPM
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schemes with optimal coherent demodulation in an
AWGN channel and have investigated design rules
for good trellis codes with CPM for the same chan-
nel. They have shown that, with an optimal coher-
ent receiver, some trellis-coded modulation (TCM)
schemes can achieve either a doubled spectral effi-
ciency or a 5.0 dB asymptotic gain in bit error rate
(BER) performance, compared with coherent MSK.
The performance improvement of the encoded systems
is at the expense of increased receiver complexity: they
require a large number of coherent matched filters, and
a Viterbi decoder with up to hundreds of states. Further-
more, in mobile and indoor radio channels, coherent
detection receivers suffer severely from carrier phase
jitter due to rapidly changing channel conditions, so
that the comparatively long acquisition time of carrier
and clock recovery circuits results in high error floors
[5]. Consequently, noncoherent detection of coded CP-
FSK signals has attracted considerable attention due to
its lower circuit complexity, fast synchronization and
robustness under fading [6, 7].
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It has been shown that the DECT system with
uncoded GMSK (Gaussian filtered minimum shift key-
ing) fails to provide satisfactory bit error rate (BER)
performance, i.e. BER < 1073, for reliable digital
voice transmission in an indoor radio channel when
the channel delay spread is relatively large [8]. Diver-
sity reception has been studied for achieving better
performance. However, in the case of a large delay
spread, the system with diversity can provide only
marginal performance at best. Therefore, other chan-
nel impairment mitigation techniques are necessary to
combat system performance degradation. In this paper,
trellis-coded CPFSK with noncoherent detection and
adaptive channel equalization are investigated as two
techniques for better performance.

The intersymbol interference (ISI) due to muiti-
path propagation in an indoor radio channel is one
of the dominant disturbance factors in a high bit rate
time-division multiple access (TDMA) system. This
interference can be reduced considerably by the prop-
er application of adaptive channel equalization tech-
niques. Conventional decision-feedback equalization
techniques are less effective in the system consid-
ered here, due to its characteristics of: (i) nonlinearity
introduced by both nonlinear modulation and enve-
lope detection, and (ii) the channel delay spread small-
er than a symbol duration, A new adaptive channel
equalizer structure is proposed which, in the feedback
path, makes use of fractionally spaced signal samples
instead of symbol-spaced hard decisions on transmitted
data, as in a conventional decision feedback equalizer
(DFE). The soft-decision feedback equalizer (SDFE)
can significantly reduce BER floors of the system stud-
ied here.

This paper is organized as follows: The system
model (including transceiver structures and indoor fad-
ing channels) is described in Section 2. The structure of
the newly proposed SDFE is discussed in Section 3. In
Section 4, the performance improvement achieved by
TCM and by channel equalization over indoor wireless
channels is investigated through computer simulations.
Conclusions are presented in Section 5.

2. System Model
2.1. Transceiver
The trellis-coded M -ary CPFSK system model is illus-

trated in Fig. 1. The transmitter consists of a data
source, a serial to parallel converter, a rate k/n trellis

encoder, an M -level natural mapper, a CPFSK mod-
ulator and a frequency up converter for RF transmis-
sion. The data source generates an independent and
identically distributed (i.i.d.) binary sequence which
is converted into a sequence of independent k-bit
information words: af = {al,a?,...,a*}. The out-
put of the encoder is a sequence of coded n-bit words:
b = {b},b2,...,b2}, where b} € {0,1}. The natu-
ral mapper outputs one of the M = 2™ possible out-
put symbol values according to the following mapping
rule:

n
C; = Zbgznﬂ—l ~M+1, i=1,2,.,M. (1)

=1

The symbols b} and b are referred to as the most sig-
nificant bit (MSB) and the least significant bit (LSB),
respectively. C; is then used to choose the signal fre-
quency transmitted over ¢ € [iT, (¢ + 1)T):

Cih

fi=fc+0ifd=fc+ﬁ‘v (2)

where f. is the RF carrier frequency, f, is the fre-
quency deviation, h is the modulation index and T'
is the symbol duration. The complex bandpass rep-
resentation §;(t) of the RF transmitted signal over
t € [iT, (i + 1)T] can be expressed as:

5(t) = A exp{j[27C; fa(t — iT) + 6;]} exp[j2n f.t],
(3)
where 6; is the carrier phase at t = iT'.

The basic modules contained in the receiver
are the soft-decision feedback equalizer (SDFE), a
soft-decision noncoherent demodulator and a Viterbi
decoder. The receiver has the knowledge of all pos-
sible frequencies of the transmitted signal, but has no
information about the carrier phase. In the demodu-
lator, noncoherent detection is performed over all the
possible frequencies. The necessary M decision vari-
ables for each symbol interval are evaluated in M par-
allel branches, each containing noncoherent in-phase
(1) and quadrature (Q) correlators followed by an evel-
ope detector, as shown in Fig. 2. In order to achieve the
gain of TCM, no hard decision is made at the output of
the demodulator. All the envelope detector outputs are
used in the Viterbi decoder for soft-decision estimation
of the original transmitted information sequence “a”.
Details of the SDFE are discussed in Section 3.



273

TCM
L LI ¢ 3 50
binary serial to [T rate k/n [ M-level i | frequency | S
data |—wt parallel [ V| trellis | : [ natoral {—e ((T’I(;FISK —> qup g =
source converter [~ encoder [~ mapper modulator) &~ | converter
indoor wireless (_9
o channel ?
AWGN
e 4
frequency adaptive soft- » . [2T parallel binary
| down |-»| SDFE decision |-y Viterhi | o serial |—»] data
}‘i(t) converter (optional) gg;%‘:iui;etgr ] €OCOCCT| 2 converter sink

Fig. 1. Functional block diagram of the trellis-coded CPFSK system model.

2.2. Indoor Radio Channel Model

The received signal 7;(t) is assumed to be corrupted
by a time-variant multipath radio channel with impulse
response h(t, 7) and by additive white Gaussian noise
(AWGN) 7i(t) described by one-sided spectral density
Np. In general, the complex baseband channel impulse
response can be represented as [9]

L
he(t,7) =

—

)

ay(t) expljeu (1))6[r — n(B)],  (4)

=1

where © is the system time, 7 is the instant of applica-
tion of the input impulse, L(7) is the number of paths
taken into account and 7 is the propagation delay of the
{-th path. Existing indoor radio channel measurements
indicate that, for the [-th path, the amplitude distor-
tion a;(t) is a Rayleigh distributed random process,
the carrier phase disturbance ;(%) is a random process
uniformly distributed over [0, 27] and the signal prop-
agation delays 7;(t) form a Poisson point process [9,
10]. The power spectral density of a;(¢) is given by the

classical Doppler spectrum formula

_ $ P/Imfo/1=(f/fp)}], If| < fp
Sl(f).—{o, Ifl>fp
(5)
where P, is the average received power for the [-th
path, and fp is the maximum Doppler frequency shift.
The fading channel is also characterized by its root-
mean-square (RMS) delay spread, o, defined as

My (M
=\ <Mo)’ (6)

Mo = / P(t)dt, M= / tP(t)dt, and
0 0

where

M, = / 2 P(t)dt;
0

P(t) is the power delay profile for a given 7. The

channel delay spread can be sufficiently large to cause

severe intersymbol interference in a high bit rate

TDMA system. At a given 7, the equivalent baseband

waveform r;(¢t) of the received signal is

ri(t) = 8;(t) ® he(t, 7) + n(2). )
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Fig. 2. Soft-decision noncoherent demodulator.

In general, the value of fpT determines the signal
fading rate. When fpT < 1.0, the channel exhibits
slow fading, For example, in the DECT system, fp is
a few Hz and T is less than one microsecond, so that
fpT is of the order of 10~°. For such a slowly fading
channel, it would take a large amount of computer time
to obtain an accurate estimate of the BER performance.
Therefore, in the following computer simulations, the
value of fpT is chosen in the neighborhood of 0.005,
which still characterizes a slowly fading channel.

A six-path Rayleigh fading channel model with
exponential power delay profile is used [8]. The clas-
sical Doppler spectral spread of each of the paths in
this profile is generated using the simulation method

described in [11]. This model reasonably represents
radio propagation in and around buildings at and
around 1.9 GHz (proposed for the DECT system). The
typical RMS delay spread for indoor, indoor to out-
door and outdoor environments ranges from 50 to 250
ns, corresponding to approximately (0.05 ~ 0.25) - T},
(where T} is one bit duration) for the DECT system;
that is, the RMS delay spread is smaller than one sym-
bol duration. Table 1 gives three power delay profiles
of the indoor channel model, which are used in com-
puter simulations to be discussed later. The first and
second profiles are single exponential, and the third
is double exponential. Taking into account the ampli-
tude distortion, carrier phase disturbance introduced



Table 1. Power delay profiles of the indoor channel ($P; = 1.0).

T/T, profile 1: P profile 2: Py profile 3: P,
(0/Ty =0.125) (c/Ty =0.163) (a/Ty = 0.250)

0.000 0.6000 0.3526 0.3452
0.125 0.2388 0.2497 0.2178
0.256 0.0954 0.1576 0.1543
0.375 0.0426 0.1114 0.0973
0.500 0.0168 0.0790 0.1729
0.625 0.0066 0.0497 0.0000
1.250 0.0000 0.0000 0.0124

by the fading channel, and the fact that the noncoher-
ent demodulator integrates the product of the received
signal and the local oscillator waveform over the whole
symbol interval, the resultant ISI can degrade the sys-
tem performance severely.

3. Seft-Decision Feedback Equalizer

Frequency-selective fading of the indoor radio chan-
nel introduces linear distortion to both the amplitude
and carrier phase of the received RF signal, as men-
tioned in Section 2. Although the amplitude variations
can be removed by amplitude control units, the phase
disturbance will result in nonlinear distortion after the
nonlinear demodulation. The ISI components at the
demodulator output are generated nonlinearly due to
the envelope detectors. If equalization is performed at
baseband after the demodulator, then the correspond-
ing nonlinear components of the transmitted signal
should be introduced to the equalizer for canceling the
ISI. If the number of distinct paths in the time-varying
channel is larger than two, then it will be very difficult
to remove the nonlinear IS (if not impossible). Anoth-
er way to equalize the fading channel is to implement
the equalization function at passband before the non-
linear demodulator. In this case, the equalizer needs to
combat the linear ISI caused only by the fading chan-
nel. It is well known that a DFE is more effective than
a linear equalizer in combating ISI in the presence of
moderate to severe amplitude distortion (e.g., in the
case of indoor radio channels) [12, 13]. Decision feed-
back equalization uses previously detected symbols
to synthesize the postcursors of the discrete impulse
response that are subsequently subtracted from the
received samples through a feedback loop. However,
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conventional symbol-spaced decision feedback equal-
ization is not effective in mitigating the ISI in this case,
because of (i) the nonlinearity of the link introduced
by the nonlinear modulator and noncoherent demod-
ulator, and (ii) the RMS delay spread being smaller
than a symbol duration. In the following, a new adap-
tive channel equalizer structure is proposed, which can
significantly improve the system performance.

3.1. Post-estimation of the Carrier Phase for
Passband Equalization

Passband equalization requires information on the ini-
tial carrier phase of the currently received symbol,
which is not directly available with noncoherent detec-
tion. In the case of a slowly fading channel, the channel
impulse response is approximately time-invariant over
a m-symbol interval if (fpmT) < 1.0. The parame-
ters of an adaptive equalizer obtained from the signals
received m-symbol intervals earlier can therefore be
used to equalize the currently received signal. The ini-
tial carrier phase of the previously received symbols
can be obtained after the symbols have been correctly
detected (or decoded). As a result, passband chan-
nel equalization becomes possible for slowly fading
channels. With the noncoherent envelope detector, the
carrier phase can be estimated from the correlator out-
puts of the in-phase (I) and quadrature (Q) paths, and
from the detected transmitted symbols. For simplicity,
no ISI and input noise are considered in the following
derivation. The equivalent passband (IF) waveform of
the received CPFSK signal is

rirr(t) = Ay cos[wuzt + 27I'Cifd(t - iT) + ¢i],
te[iT,(i+1)T) ®)

where wrp is the IF radian frequency, A;; = Aay;
is the amplitude of the signal, taking account of the
amplitude Rayleigh fading of the first path a;; = a;(t),
t € [iT, (i + 1)T], and ¢; = 6; + 1 is the initial
carrier phase of the i-th symbol (to be estimated) taking
account of the carrier phase disturbance ¢1; = ¢;(¢),
t € [iT, (i + 1)T), introduced by the fading channel.
The signal generated by the jth receiver in-phase local
oscillator (Fig. 2) is

I1;(t) = coslwrrt + 270, f4(t —iT) + o],  (9)

where ¢ is the carrier phase of the oscillator at ¢ = T,
C; fa is the frequency offset of the oscillator over ¢ €
[T, (i+1)T). The output of the jth in-phase correlator



iT+T
erj = / ’I‘up(t)ljj(t)dt
iT
= (AliT/Z)sinc[(Ci - Cj)de]
cos[(C; — Cj)m faT + s — aj].  (10)
The signal generated by the sth receiver quadrature
local oscillator is

lg;(t) = sinfwrrt + 27C; fa(t — iT) + a;], (11)
and the output of the jth quadrature correlator is

iT+T
cas = [ rura;(tit

—(AuT/2)sinc[(Ci - Cj )de]
sin[(C’i - Cj)?l’de + ¥ — Oéj]. (12)

i

Let
¢; = arctan[—eq;/er;]
= (C; = Ci)nfal + s — oy,  (13)
then
M
¢ = ¢
7=1
M
= MCinfyT + My = > _(CynfuT + ;)
=1
= M[Ciﬂ'de + ’lbz] 14

In deriving (14), the fact that 3,7, C; = 0 and

EjA; a; = 2nm (n is an integer) has been taken into
account; the latter is the case when all the receiver
local oscillator signals are generated from one master
oscillator in a frequency synthesizer. From (14) and the
detected symbol C;, an estimate of the carrier phase
can be obtained

M

n 1 A

i = i { E arctan[—eq;/er;] — MCin faT 3 .
i=1

(15)
It should be pointed out that: (i) the carrier phase esti-
mate will have an error component due to the signal
component with frequency 2w at the output of the
correlators; (ii) there may exist phase ambiguity of
(2nw)/M due to the phase averaging operation of (15),
which can be detected and removed. Due to the exis-
tence of residual intersymbol interference and input

noise, the carrier phase estimate will unavoidably con-
tain some error, which is negligible in the case of the
input signal having a high E; /N, value.

3.2. The Receiver Structure with SDFE

Figure 3 shows a more detailed receiver function-
al block diagram at passband and baseband. For
TCM schemes, the decision device contains a Viterbi
decoder and a parallel-to-serial converter. If the decod-
ing depth of the Viterbi decoder is m, then the decision
device introduces a time delay of mT (= mNTs),
where NV is the number of samples in each symbol inter-
val and T, is the sampling interval. The carrier phase
estimator takes the input signals from the noncoherent
demodulator and the natural mapper, and estimates the
initial carrier phase v¥;.,, = B + @1(i—m) of the
(¢ — m)th symbol according to (13)~(15). The trellis
encoder and the natural mapper generate the estimated
symbol C;_,, based on the decision variable 4%_, .
With C;_,, and 4, the baseband CPFSK modula-
tor (baseband representation of a CPFSK modulator)
regenerates an estimated complex baseband signal of
the (¢ — m)th symbol as

= exp2nCi_pm fa(t —iT — mT)
+%im], tE[T,G+1T].  (16)
The received passband signal is delayed by mT" and
converted into a complex equivalent baseband signal

by the baseband signal extractor, which for a given 7
can be represented as

’I‘,;(t - TTLT)
= it = mT) Q he(t — mT,7) + n(t — mT),
t € [iT,iT + T 17)

The detailed structure of the baseband SDFE is given
in Fig. 4. The delays for the digital shift registers of
the feed-forward and feedback transversal filters are
ﬂlTs < T (with M, taps) and 62T3 <T (with M,
taps) respectively, where (; and 3, are integers. The
essential difference between a conventional DFE and
SDFE is that the feedback signal of the SDFE contains
multiple samples of the regenerated CPFSK signal in
each symbol interval; therefore, the feedback filter of
the SDEE is fractionally spaced which results in effec-
tive equalization for delay spreads smaller than one
symbol interval. In this way, the SDFE can combat
the ISI effectively. The recursive least-squares (RLS)
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Fig. 3. Receiver structure with SDFE.
algorithm is used in the equalizer due to its fast con- where
vergence when compared with the least-mean-square Yiltn —mT))|
(LMS) algorithm [14]. The RLS algorithm operates e tn=nfTs
on the following input signals: the discrete received My ‘
baseband signal Z cj(n)ri(tn —mT — jB:T) ;
=0 t,=nfBT,
r(n) = 1i(tn —mI)|; _ppr. M,
= {Ti(tn ”‘mT)ari(tn_mT_ﬂlTs)ama _ Zdj(n)gi(tn —mT_td"j,B2Ts) 21)
Ti(tn —mT = MiBi T}, —npr, » (18) =1 tn=nBT,

where ¢, € [¢T,iT + T}, n is an integer, and § =
min{fy, 3, }; the soft-decision feedback signal
8(n) = 8i(tn —mT —ta)l;, —npr, (19)
= {§i(tn ~mT — tg), §,;(tn —mT — BT — )
s anny §z(tn —mT — Mz,@sz - td)}ltnz'n,BTs s
where ty = DT < T is the time delay of the decision
feedback signal (D is an integer), and the correspond-
ing innovation is
é(n) = &(t, —mT)
= 3i(tn —mT) — y;(tn — mT)ltn=n5Ts(20)

is the output of the equalizer with c(n) = {co(n),
ci(n),....,em(n)} and d(n) = {di(n),d2(n),...,
du,(n)} being the previously calculated equalizer
complex coefficients for the feed-forward and feed-
back transversal filters, respectively. The complex tap
coefficients are set to provide both amplitude and carri-
er phase compensation. The RLS algorithm optimizes
the coefficients of the two filters under a criterion of
minimizing the exponentially weighted squared error
at time ¢4, = ¢, + 87T, namely

n+1
Jn+1) = Y A5t — mT)

=0
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—r* ()T () + s*(HaT ()] (22)

4=1T,
where the superscripts * and 7 indicate complex con-
jugation and transposition, respectively, and A is a
positive number close to, but less than 1.0 in order for
the SDFE to track the variations of the channel impulse
response with time. The RLS algorithm calculates the
complex equalizer coefficients w(n+1) = {c(n+ 1),
d(n + 1)} recursively as

wn+1)=wn)+k(n+ 1) (n+1), (23)

where k(n + 1) is a gain vector, the calculation of
which is detailed in [14].

The equalizer coefficient vector w(n + 1) is then
used in the passband SDFE, which has the same struc-
ture as the baseband SDFE, as shown in Fig. 5. The
received passband complex signal at ¢, = n37 is

Tirp(tn) = Ti(tn)exP(jwlFtnNtn:nﬁTd ,  (24)

and the feedback signal is z;77 (¢, —tg). In the case of
very slowly fading channel, the tap coefficient vector

w(n + 1) need not be updated for every time interval
of (BT). The update rate depends on the channel fad-
ing rate. As we can see from the above discussion, the
baseband SDFE depends on the feedback signal sam-
ples which are regenerated according to the decisions
from the Viterbi decoder.

4, Performance Evaluation

The performance of the TCM schemes is studied along
with that of MSK, to provide a reference. The trans-
mitted signal bandwidth B is defined here as the 99
percent energy bandwidth: the signal power within
that bandwidth is equal to 99 percent of the total signal
power. For the MSK signal, B = 1.19/T}, where T}, is
the bit duration [15]. Therefore the spectral efficiency,
Ry /B (where R, = 1/T, is the bit rate), for MSK
is 0.84 bits/s/Hz. For the same spectral efficiency, the
modulation index h is 1/6 for a rate 1/2 trellis-coded
four-level CPFSK signal, 2/9 for rate 2/3 trellis-coded
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Fig.5. Passband SDFE.

Table 2. Convolutional encodes for the investigated TCM schemes.

TCM Scheme 4-state 8-state

Rate 1/2 convolutional code with 4-level CPFSK  (7,2)  (15,2)
Rate 1/2 convolutional code with 8-level CPFSK  (7,2) (15,4
Rate 1/2 convolutional code with 16-level CPFSK (5,2) (15,2)

eight-level CPFSK, and 2/11 for rate 3/4 trellis-coded
sixteen-level CPFSK. For the rate 2/3 and 3/4 TCM
schemes, the trellis encoder contains a path for one
or two uncoded MSB’s and a rate 1/2 convolution-
al encoder for the remaining bit. The convolutional
encoder is described by means of octal numbers for
the upper and lower connection polynomials. Table 2
lists the convolutional codes for the TCM schemes to
be investigated; these codes were found in [3] and [4]
to be good codes for an AWGN channel and modula-
tion indices which we used.

The performance of the TCM schemes is studied
via Monte Carlo computer simulations. A system sim-
ulation model (Fig. 1) is developed within the Block
Oriented Systems Simulator (BOSS) simulation pack-

age under a UNIX programming environment. The
simulation results are given with 90 percent confi-
dence intervals of (0.8 BER, 1.2 BER); the tradeoff
here is computer time. The decoding depth of the Viter-
bi decoder is set to at least 6(K + 1) to balance the
decoder complexity and performance, where K is the
constraint length of the code. The Ej, /N, value of the
received signal is defined as the ensemble average ratio
of the one-bit energy of the input signals from all paths
to the one-sided power spectral density of the input
white Gaussian noise.

4.1. Performance Improvement by TCM

Figure 6 shows the performance of the TCM schemes
in a flat Rayleigh fading channel. The performance
of MSK with both noncoherent and differential detec-
tion is also given, for comparison. The fading rate
foT (= 0.005) is the same for all coded and uncoded
schemes. It can be observed that noncoherent detection
has a much lower error floor (especially with the TCM
schemes) when compared with differentially detected
MSK. Also the rate 1/2 TCM with 4 and 8 states has
better performance than MSK with differential detec-
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Fig. 6. BER performance of trellis coded and uncoded CPFSK schemes in a flat Rayleigh fading channel with fpT' = 0.005.

tion when the Ey /N, ratio is larger than 37.5 dB. The
rate 2/3 and 3/4 TCM schemes (with 4 and 8 states)
have a BER very close to each other. They outperform
differentially detected MSK when the Ej /Ny ratio is
larger than (30 ~ 32) dB.

Figure 7 shows the performance of the investigated
modulation schemes over a six-path Rayleigh fading
channel with delay spread o = 0.125T} (which cor-
responds to 108.5 nanoseconds for the DECT system,
a typical value for an indoor environment). The bit
rate is the same for all schemes, with fp7;, = 0.005.
MSK with noncoherent detection is seen to have a
lower error floor than MSK with differential detection.
The 4-state TCM schemes outperform MSK with dif-
ferential and noncoherent detection when the E;/Ng
ratio is larger than (15 ~ 17.5) dB, and have an error
floor that is lower by more than one order of magni-
tude. Figure 8 illustrates the modulation performance
over a six-path Rayleigh fading channel with the delay
spread increased to o = 0.163T3 (which corresponds
to 141.0 nanoseconds for the DECT system, and is a

typical value for indoor to outdoor and outdoor envi-
ronments). For this case, the performance improve-
ment of the TCM schemes with noncoherent detection
over MSK is significant. The error floor is also reduced
by more than one order of magnitude. However, it is
also observed that an increase of the delay spread cor-
rupts the performance of all the schemes investigated.
With this delay spread, even the TCM schemes cannot
provide satisfactory performance (which is defined as
a BER < 1073 for digital voice transmission). Diver-
sity reception has been investigated to improve the
performance of uncoded systems over a frequency-
selective Rayleigh fading channel. It has been shown
[8] that with the same delay spread, the performance
of the DECT system is marginal even when diversity is
used. Figure 9 shows the performance when the delay
spread is further increased to o 0.2507, (which
corresponds to 217.0 nanoseconds for the DECT sys-
tem, and is the worst case for an indoor channe}).
Although the TCM schemes have an obvious per-
formance improvement over MSK, the bit error rate
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is still unacceptable for a reliable voice transmission.
With such a large delay spread, uncoded systems with
diversity reception also fail to provide acceptable per-
formance [8].

Comparing the performance in a flat Rayleigh fad-
ing channel and a frequency-selective Rayleigh fading
channel with increasing delay spread, in Figs. 6-9, we
observe that: (i) the TCM schemes outperform MSK
in Rayleigh fading channels, especially in frequency-
selective Rayleigh fading channels; (ii) With increas-
ing delay spread, the performance of all the schemes
deteriorates significantly; the error floor is increased
by more than one order of magnitude when the delay
spread is increased from 0.125T; to 0.25T}; (iii) The
rate 3/4 TCM scheme yields the best performance in
frequency-selective fading channels; because the bit
rate is the same for all the schemes investigated, the
symbol duration T of the rate 3/4 TCM is 3 times that of
MSK and 1.5 times that of the rate 2/3 TCM; with larger
T, the value of (¢ /T') is smaller, so that the effect of the
delay spread o on the BER performance degradation

is reduced; (iv) In the case of large delay spread, Figs.
8-9, even the TCM schemes cannot provide an accept-
able bit error rate; therefore, other channel impairment
mitigation techniques (e.g. equalization) are required
for better performance.

4.2. Performance Improvement by Channel
Equalization

In the computer simulations, perfect post-estimation of
the initial carrier phase and the ideal feedback signals
at baseband and passband are assumed. A SDFE with
2-tap feed-forward transversal filter and 5-tap feed-
back transversal filter is implemented in the system
model. T, /T, = 16 and the RLS algorithm parameter
A = 0.985 is chosen because of the slow time-varying
fading channel.

The choice of the time delay ¢4 for the first tap in
the feedback transversal filter is crucial for system per-
formance improvements. For the case of a low E, /N
environment, a large ¢4 should be used, because other-
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wise the large noise component in the received signal
will make the RLS algorithm pick up the feedback
signal of the first tap as an equalized signal. As a
result, a “false” equalization is performed since the
difference between the ideal signal and the feedback
signal can be much smaller than the noise component
if £4 is small. On the other hand, for the case of a
high Ej, /Ny environment, a small ¢4 should be chosen
in order to effectively remove the ISI resulting from
the multipath signals with small delays (less than a bit
duration). Therefore, the equalizer parameter ¢4 should
be selected adaptively according to the E,/Np value
of the received signal. In the following computer sim-
ulations, ¢4 ranges from 7} to 0.3757 as the value of
E}, /Ny changes from 15 dB to 45 dB. In a conventional
DFE, the value of (t4 + 5;7T) is equal to T, which is
larger than that of the SDFE used in the simulations.
Figures 7-9 illustrate the BER performance of the
investigated modulation schems (with a 4-state trel-
lis code) over a six-path Rayleigh fading channel with
delay spreads of 0.1257, 0.1637} and 0.2507), respec-

tively. From the figures, we can observe that when the
SDFE technique is applied to the system: (i) the perfor-
mance of the TCM schemes is improved still further;
(ii) the rate 2/3 TCM has better performance than the
rate 3/4 TCM because it incurs more ISI to be equal-
ized; (iii) the performance improvement by the SDFE
is significant, particularly for ¢ = 0.2507; (Fig. 9),
where the BER error floors are reduced by more than
one order of magnitude due to the fact that the SDFE is
more effective in canceling the ISI components from
multipath signals with larger delays relative to the first
path. ISI components with time delays less than the
feedback signal delay £4 + 3,1 cannot be completely
removed. We have also determined that, a conventional
symbol-spaced DFE using the same tap numbers and
RLS algorithm with the same simulation parameters
does not reduce the BER floors at all.

In practical applications, an ideal passband feed-
back signal is not available at the receiver. The equal-
ized passband signal, i.e. the output of the passband
SDFE, should be used, as shown in Fig. 3. This signal
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is not regenerated from hard decisions and is not noise-
free. For the case in which the first path signal experi-
ences deep fading, the instant signal-to-noise ratio of
the received first path signal at passband is dramati-
cally reduced, which will result in a large equalization
error. This problem can be solved by the use of properly
designed channel precoding (transmitter-based equal-
ization) for which an ideal and noise-free passband
feedback signal is available [16].

5. Conclusions

Three trellis-coded M -ary CPFSK schemes with non-
coherent detection have been studied, and their perfor-
mance compared with MSK in Rayleigh fading chan-
nels. The TCM schemes with noncoherent detection
significantly outperform MSK, with both differential
and noncoherent detection.

A new adaptive channel equalizer has been stud-
ied in this paper for trellis-coded CPFSK schemes

in an indoor wireless channel with slow fading. The
soft-decision feedback equalizer can effectively miti-
gate channel impairments when: (i) the channel delay
spread is smaller than a symbol duration; (ii) a non-
linear modulation scheme is used; and (iii) noncoher-
ent (envelope) demodulation is used in the receiver.
The results of computer simulations with ideal feed-
back signal samples show that the bit error rate floors
of the trellis-coded CPFSK schemes are reduced by
more than one order of magnitude by the equalizer.
The TCM schemes combined with the equalizer can
provide a satisfactory bit error rate for reliable digital
voice transmission in indoor, indoor to outdoor and
outdoor micro-cellular environments.

The TCM schemes with the newly proposed soft-
decision feedback equalizer are especially suitable for
applications where spectral efficiency, constant enve-
lope and noncoherent detection are the preferred char-
acteristics, such as in indoor portable and mobile com-
munications.
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