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ABSTRACT etal.[5]in 1995 for a ratek = 0.5 convolutional coded BP-

The performance of burst-by-burst adaptive modulation is SK system. Specifically, Douillaret al.[5] demonstrated
studied in conjunction with reduced complexity turbo equal- that the turbo equalizer was capable of mitigating the ef-
ization over a wideband multi-path Rayleigh fading chan- fects of Inter-Symbol Interference (ISI), when performing
nel. By employing the reduced complexity turbo equalizer, channel equalization and channel decoding jointly and it-
higher-order modulation modes such as 64-level Quadra-€ratively. The advantages of performing the equalization
ture Amplitude Modulation (64-QAM) can be invoked, than and decoding jointly were further highlighted by Knicken-
upon using the conventional turbo equalizer. The struc- berget al.[6], who proposed a non-iterative joint equaliza-
ture of the reduced complexity turbo equalizer was also tion and decoding technique based on a supertrellis struc-
exploited in order to invoke an iterative least mean square ture. This technique yielded an optimum performance, but
channel estimator. Finally, the performance of the adaptive it Was restricted to incorporating simple interleavers due to
modulation scheme was compared to that of its constituentthe high complexity incurred by large interleaver arrays.

modulation modes and a signal-to-noise ratio gaih.o6dB Early turbo equalization investigations using the conven-
to 1.5dB was recorded for the throughput range of 0.5 to 2.0 tional trellis-based equalizer (CT-EQ) were constrained to
bits/symbol. applying Binary Phase Shift Keying (BPSK) and Quadra-
ture Phase Shift Keying (QPSK) modulation schemes [7]

I. INTRODUCTION and to limited Channel Impulse Response (CIR) durations,

since the computational complexity incurred by the CT-EQ
[1] is based on a modulation mode switching regime, in 1S dependen_t on both th.e' maximum CIR duration ?”d.o"‘
the modulation mode utilised. Hence, turbo equalization

which the modulation modes are selected according to the !
. " research has been focused on developing reduced complex-
prevalent near-instantaneous channel conditions. When the

. . ity equalizers, such as the low-complexity linear equalizer
channel quality is low, lower-order modulation modes are ; .
| : . proposed by Glavieugt al.[8], the reduced complexity In-
selected, in order to improve the mean Bit Error Rate (BER) ;
L . . phase/Quadrature-phase Equalizer (1/Q-EQ) [9] and the Ra-

performance and similarly, higher-order modulation modes .. : . :

. L ) dial Basis Function (RBF) equalizer advocated by ‘e
are activated, when the channel quality is favourable, in or-

. ) [.[10].

AQANLelated advances over nartowband channels have . Motated by these trends, th reduced-complexiy turbo
been accomplished amongst others by Sarepai [2] and equa_lllzer of [9] was mvoked_ in conjunction with AQAM
Goldsmithet al. [3]. In a wideband environment, the pres- [11]in order to improve the Bit Per Symbol (BPS) through-
ence of intersymbol interference (I1SI) is combated not only put of the system for a given BER performance.
by t_he employment o_f_ AQAM, byt also by c_hann_el equal- Il. SYSTEM OVERVIEW
ization. Hence we utilized the Signal to residual intersym-
bol Interference plus Noise ratio (SINR) at the output ofthe ~ The schematic of the system is shown in Figure 1, where
channel equalizer - termed as the pseudo-SNR - in orderthe transmitted source bits are convolutionally encoded, in-
to switch the modulation modes. In this contribution, we terleaved and modulated using a specific AQAM mode se-
will study the performance of AQAM in conjunction with  lected by the adaptive modulator. The encoder utilized a
reduced complexity turbo equalization. Previous work by half-rate Recursive Systematic Convolutional (RSC) code
Wong et al.[4] has employed the conventional turbo equal- having a constraint length a8 = 5 and octal generator
izer proposed by Douillar@t al. [5], in conjunction with polynomials ofGO = 35 andG1 = 23. A random channel
AQAM. However, due to the high complexity of the turbo interleaver ofl 2096-bit memory was employed.
equalizer, the highest-order modulation mode utilised was The modulated signal(t) is transmitted over the channel
16-QAM. characterised by the CIR(¢) and further corrupted by the

Turbo equalization [5] was first introduced by Douillard zero-mean complex white Gaussian noigé) — having a

Adaptive Quadrature Amplitude Modulation (AQAM)
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Fig. 1. Schematic of the joint turbo equalization and adaptive modulation

system.

variance ofr? = N, /2, whereN, is the single-sided noise
power spectral density — at the receiver in order to yield

the received signat(t). Since the CIRA(t) is complex,
consisting of the in-phase componén{¢) and quadrature-
phase componeritq(t), the resultant received signa(t)
is:

[h1(t) + jhq )] + nr(t) + jno(t)

(1)

where

rr(t) = sr(t) = hr(t) —SQ(t)*hQ(t) + ns(t)

rlt) = s(t) * ho(®) + sg(®) x hi(t) + ng(t)

andsz(t) andsg(t) are the l and Q components of the trans-
mitted signals(t¢), as illustrated in Figure 2. Furthermore,
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Fig. 2. Model of the complex, dispersive CIR. After transmission over the
channel having a complex CIR, the received sign@) becomes depen-
dent on the in-phase component(t) and quadrature-phase component

sq(t) of the transmitted signal, as expressed in Equations 1 and 2.
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Fig. 3. Transmission burst structure of the FMA 1 non-spread speech burst
of the FRAMES proposal [15].

marized as follows:

NOTX if Ydfe < fi
BPSK if f1 < vape < fo
Modulation Mode = ¢ 4-QAM  if fo < v4re < f3
16-QAM if f3 < ygre < f4
64-QAM i f4 < vgpe

©)

while f,,,n = 1...4 are the pseudo-SNR switching thresh-
olds. In our investigations, the switching thresholds, which
are associated with a specific channel impulse response,
have been determined following the approach of [12] us-
ing Powell’s optimization, such that the required target BER
was maintained. Accordingly, for low-quality channels the
value of the switching thresholds would be higher than the
thresholds of high-quality channels, in order to discour-
agethe excessive use of error-sensitive, but high-throughput
AQAM modes. Recent research [13, 14] reveded that
a higher throughput can be maintained, when the switch-
ing thresholds are SNR-dependent, in order to encourage
the employment of high-throughput AQAM modes under
high channel quality conditions. The NOTX mode is used
for temporarily disabling transmissions under severely de-
graded instantaneous channel conditions.

The transmission burst structure used in this system is
the FM A1 non-spread speech burst as specified in the Pan-
European FRAMES proposal [15], which is seen in Fig-
ure 3. A three-path, symbol-spaced fading channel of equal
weights was utilized, where the Rayleigh fading statistics
obeyed a normalised Doppler frequency of 3.3615 x 10 5.
At the receiver, the CIR was iteratively estimated using the
Least Mean Square (LMS) agorithm [4, 11] with the aid
of the training symbols of the transmission burst shown in
Figure 3.

1. PRINCIPLES OF
IN-PHASE/QUADRATURE-PHASE EQUALIZATION

As shown in Equation 2, the I/Q components of the re-

nr(t) gnd nQ(t) are the quadrature components of the cejved signals, namely r7(t) and r(t), become dependent
Gaussian noise(t). Subsequently, the turbo equalizer pro- g s7(t) and s (t) after convolution with the complex CIR.
cesses the corrupted received signal, in order to determinerne cross-correlation between s (¢) and s o) inrr(t) and

the transmitted source bits.

ro(t) is referred to here as cross-coupling. As a conse-

The AQAM mode was selected based on the pseudo-quence of the cross-coupling between the transmitted sig-
SNR, v4r., Where the switching methodology can be sum- nal’s quadrature components, the receiver must consider an



increased number of signal combinations, hence necessitat-
ing a high number of equalizer trellis states.

8q(t) * ho(t)
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Fig. 4. Removing the dependency of r;(t) and rq (t) on the quadrature
components of the transmitted signals, namely s;(t) and sq (t), to give
r7(t) and r(, (t), respectively. In this figure, it is assumed that the CIR
estimation is perfect, i.e hr(t) = hr(t) and ho(t) = he(t) and that the
transmitted signals are known, giving 3; (t) = s;(t) and 3g(t) = so(t).
In this case, perfect decoupling is achieved. However, in practice these
estimates have to be generated at the receiver.

However, the number of states to be considered can be
reduced significantly, when the cross-coupling is removed,
such that the quadrature components of the decoupled chan-
nel output r'(¢) are only dependent on s;(t) or sg(t), as
illustrated in Figure 4 and augmented bel ow:

r'r(t) = sp(t)*h(t) +ng(t)
= s7(t) * hr(t) + jls1(t) * hg(t)] + n(t)
r'e(t) = —sq(t) * h(t) +ng(t) (4)

= —(s(t) x hr(t) + jlsq(t) * hq(t)]) + n(t).

Thisisachieved by generating the estimates § 7 (¢) and 5¢ (t)
of the transmitted signal [8] — using the reliability infor-
mation output of the decoder — and, as shown in Figure 4,
by cancelling the cross-coupling effects of the transmitted
guadrature signals from both the | and Q received signa
components, namely from r';(¢) and r'g(t), respectively.
In the ideal scenario, where perfect signal regeneration is
possible, the cross-coupling inherent in the received signal
can be successfully removed. Undoubtedly, in practical sys-
tems errors will be introduced in the decoupling operation,
when inaccurate symbol estimates are regenerated. How-
ever, as seen in Section V, the imperfect decoupling effects
are compensated with the advent of successive turbo equal-
ization iterations and the performance approaches that of
the turbo equalizer utilising the conventional trellis-based
equalizer.

After decoupling, the modified complex channel outputs,
namely ' ;(t) and ' (t), respectively, can be viewed asthe
result of convolving both quadrature components indepen-
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Fig. 5. Schematic of the turbo equalizer employing a DFE and a SISO
channel decoder in the first turbo equalization iteration. In subsequent it-
erations, two I/Q-EQs and one SISO channel decoder is employed. The
notation 7. represents a channel interleaver, while m. 1'is used to denote
achannel deinterleaver.

dently with the complex CIR on each quadrature arm. Con-
sequently, we can equalise s;(t) and sq(t) independently,
hence reducing the number of states in the trellis signifi-
cantly. Note that in Equation 4 we have assumed that per-
fect signal regeneration and perfect decoupling is achieved
at the receiver, in order to highlight the underlying principle
of the reduced complexity equalizer.

IV. OVERVIEW OF THE
REDUCED-COMPLEXITY TURBO EQUALIZER

Figure 5 illustrates the schematic of the turbo equalizer
utilising two reduced complexity 1/Q-EQs. Since the Log-
MAP algorithm [16] is employed in the I/Q-EQ and in the
channel decoder, the soft decisionsgenerated arein theform
of Log-Likelihood Ratios (LLRs). Here, the LLR values of
the equalizer and decoder are expressed using vector nota-
tions, according to the approach of [7], but using different
specific notations. The superscript represents the nature of
the LLR, namely ‘¢’ is used for the composite a posteri-
ori [17] information, ‘i’ [17] for the combined channel and
extrinsic information and ‘e’ [17] for the extrinsic informa-
tion. Furthermore, the subscripts in Figure 5 are used to
denote the iteration index, while the argument within the
brackets ( ) indicates the index of the receiver stage, where
the equalizers are denoted as stage O, while the channel de-
coder as stage 1.

At the receiver, the CIR was iteratively estimated using
the LMS algorithm [11] and the training symbols of the
transmission burst are shown in Figure 3. Theinitial step-
size of the LM S algorithm was set to 0.05. Thisinitial CIR
estimate was then utilised during thefirst turbo equalization
iteration by the conventional Decision Feedback Equalizer
(DFE) using 15 feedforward taps and 4 feedback taps, as
seen in Figure 5. More specifically, in the first turbo equal-
ization iteration, the DFE was employed, since it was capa-
ble of providing initial estimates of the transmitted symbols
at alow complexity, as compared to the more complex CT-
EQ. Subsequently, the Soft-1n/Soft-Out (SISO) channel de-
coder of Figure 5 generates the a posteriori LLR L¢(1) and
then the extrinsic information of the encoded bits, namely



L5(1) is extracted.

Inthe next iteration, the aposteriori LLR L{(1) isusedto
regenerate estimates of the | and Q components of thetrans-
mitted signal, namely §;(¢) and ¢ (¢), asseeninthe ‘MAP
bit LLRs to symbols block of Figure 5. Since the a pos-
teriori information contains information of the transmitted
coded hits, it can be used to estimate the modulated sym-
bols [8]. At this stage, the CIR is re-estimated and refined
with a smaller step-size of 0.01 using the regenerated sym-
bols of the entire transmission burst. The estimated trans-
mitted quadraturecomponentss ; (t) and ¢ (¢) arethen con-
volved with the estimate of the CIR h(t). Subsequently, at
the decoupler block of Figure 5, the resultant signal is used
to remove the cross-coupling effect according to Equation 4
from both quadrature components of the transmitted signal,
yielding r';(t) and 7' (¢).

After the decoupling operation, r';(t) and r'¢(t) are
passed to the I/Q-EQ using the Log-MAP algorithm in the
schematic of Figure 5. The l/Q-EQ processesthese received
quadrature signals and the a priori information, which is
constituted by the extrinsic LLRs L¢(1) of the previousit-
eration, in order to generate the a posteriori information
L5(0). Subsequently, the combined channel and extrinsic
information L3(0) is extracted from both 1/Q-EQs in Fig-
ure 5 and combined, before being passed to the Log-MAP
channel decoder. Asin thefirst turbo equalization iteration,
the a posteriori and extrinsic information of the encoded
bits, namely L5(1) and L5(1), respectively, are evaluated.
The following turbo equalization iterations aso obey the
same sequence of operations, until the iteration termination
criterionis met. In our investigations, the turbo equalization
iterations are performed until no further BER performance
improvement is obtained.

V. PERFORMANCE OF AQAM SYSTEM

In this section, we will analyse the BER and BPS per-
formance of the turbo-equalized half-rate, K'=5 RSC-coded
AQAM system. In thisjoint scheme, the switching thresh-
olds, f,, of Equation 3 were chosen in order to achieve a
target BER of approximately 0.01%. The switching thresh-
olds were set as follows. f; = —1.5dB, f» = 2.5dB,
f3 = 6.5dB and f, = 10.5dB. Finally, the iterative LMS
CIR estimator was also implemented, in order to construct
apractical turbo-equalized AQAM system.

The BER and BPS performance of the amalgamated
scheme is shown in Figures 6 and 7, respectively. In
Figure 6 the AQAM performance was shown, where the
iterative CIR estimator was employed and 13 turbo equal-
ization iterations were utilized. Referring to Figure 6, the
approximate target BER of 0.01% was achieved and main-
tained after ten iterations. The BPS throughput perfor-
mance shown in Figure 7 highlighted the beneficial effect
of the AQAM switching mechanism, where the higher or-
der AQAM modeswere activated more frequently dueto the
improving channel quality. Consequently, the BPS through-
put improved as the channel SNR increased. The perfor-
mance of the fixed modulation schemes was also compared
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Fig. 6. BER performance of the joint AQAM and turbo equalization
scheme over the three-path, equal-weight, and symbol-spaced fading chan-
nel using imperfect CIR estimation, turbo equalization after thirteen itera-
tions and the transmission burst structure of Figure 3.
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Fig. 7. BPS performance of the joint AQAM and turbo equalization
scheme over the three-path, equal-weight, and symbol-spaced fading chan-
nel using imperfect channel estimation, turbo equalization after four itera-
tions and the transmission burst structure of Figure 3.

to that of AQAM in terms of the channel SNR required, in
order to achieve a certain BPS throughput for atarget BER
of approximately 0.01%. The results were compiled and
tabulated in Table I. An SNR gain of approximately 1.0dB
to 1.5dB was recorded for the AQAM scheme at an effec-
tive BPS of 0.5, 1.0 and 2.0, corresponding to the half-rate,
K=5 RSC-coded throughput of fixed-mode turbo-equalized
BPSK, 4-QAM and 16-QAM over the equal-weight, three-
path and symbol-spaced channel, respectively.

VI. CONCLUSIONS

In this contribution, we have introduced a practical
AQAM system, which utilized a reduced-complexity turbo
equalizer at the receiver. By employing the reduced-
complexity TEQ-IQ scheme, higher order modulation



BPS | Channel SNR to achieve BER~ 10~% | AQAM
Fixed Modulation | AQAM Gain
05 | 28dB 15dB 1.3dB
10 | 65dB 5.5dB 1.0dB
20 | 12.0dB 10.5dB 1.5dB
TABLEI

THE APPROXIMATE CHANNEL SNRS REQUIRED, IN ORDER TO
ACHIEVE AN APPROXIMATE BER OF 0.01% FOR BITS PER SYmBOL
(BPS) THROUGHPUT OF 0.5, 1.0 AND 2.0 FOR THE FIXED
MODULATION MODE SYSTEM AND THE AMALGAMATED AQAM AND
TURBO EQUALIZATION SYSTEM OVER THE EQUAL-WEIGHT,
THREE-PATH AND SYMBOL-SPACED CHANNEL.

modes such as 64-QAM can be utilised, in order to increase
the throughput of the system. It was observed that the BPS
throughput of the AQAM scheme exhibited SNR gains of
approximately 1.0dB to 1.5dB over the equal-weight, three-
path and symbol-spaced channel, when compared to the
half-rate RSC-coded turbo-equalized BPSK, 4-QAM, 16-
QAM and 64-QAM fixed modulation benchmarkers at the
effective throughput values of 0.5, 1.0, 2.0 and 3.0 BPS.
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