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Abstract: A low-complexity channel estimation algorithm is proposed to improve performance of two high frequency
standardised waveforms: MIL-STD-188-110B Appendix C standard and STANAG 4285. In the proposed estimation
algorithm, the channel impulse response is modelled as a linear-time function within a frame and the least square criterion is
adopted. With the estimated CIRs, the authors study and compare bit-error-rate (BER) performance and complexity of three
turbo equalisation (TEQ) schemes, including the minimum mean-square error (MMSE), the MMSE with decision feedback
equalisation (DFE) (MMSE-DFE) and the soft-feedback interference-cancellation (SFIC) turbo receivers. The authors then
propose a hybrid TEQ scheme that uses the MMSE-DFE equaliser for the first iteration and the SFIC equaliser for the rest.
Simulation results show that the proposed channel estimation algorithm performs well and the TEQ schemes realise a
significant performance improvement as compared with a non-iterative receiver. Moreover, the proposed hybrid TEQ scheme
achieves the best trade-off between BER and complexity for the MIL-STD-188-110B Appendix C standard, whereas the
SFIC-TEQ scheme is optimal for the STANAG 4285 standard.

1 Introduction

For high frequency (HF) communications, the
MIL-STD-188-110B Appendix C standard [1] and the
STANAG 4285 norm [2] are popular HF waveforms
recommended by the USA and North Atlantic Treaty
Organisation, respectively. In the subsequent description,
these standards are referred to as MIL-STD and STANAG
for simplicity. The frequently adopted HF channel model is
ITU-R F.1487 channel model. HF channels suffer from fast
time variation and large delay spread, resulting in severe
time-varying inter-symbol interference (ISI).

Turbo equalisation (TEQ) [3, 4] is an effective technique to
mitigate ISI. Recently, TEQ has been adopted by wireless
communications [5], underwater acoustic communications [6,
7], optical fibre communications [8] and cooperative
communication systems [9]. Both the soft-in soft-out (SISO)
equaliser and SISO decoder are required for TEQ. In
practice, a linear equaliser or a decision feedback
equalisation (DFE) is commonly used as the SISO equaliser,
since optimal equalisers, such as maximum a posteriori
probability (MAP) estimators, are too complicated to
implement. Accordingly, Tuchler and Singer [4] proposed a
linear minimum mean-square error (MMSE) filter with
time-varying filter coefficients. In [10], the authors replaced
the optimal equaliser with a soft-interference canceller. In
[11], a soft-feedback interference-cancellation (SFIC)-based
equaliser was proposed and its complexity depends only
linearly on the channel memory length.
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If the channel estimation is perfect, reduced-complexity
TEQ schemes will achieve good performance. However, it
is very difficult to achieve a perfect estimation for an HF
channel in practice. In [12], a minimax scheme and a
competitive scheme were studied, which incorporated the
uncertainty in channel information to equaliser design in
order to improve robustness. Although in [13], a doubly
selective fast-fading channel was estimated using a fixed-lag
Kalman filter, which is followed by a zero-phase low-pass
filter, functioning as a smoother. However, these schemes
increase again the complexity of TEQ algorithms. Adaptive
algorithms, such as recursive least square (RLS) [10] and
least-mean square (LMS) algorithms [14], are thus proposed
to track the channel wvariations for each frame.
Unfortunately, these algorithms do not work well under the
ITU-R F.1487 HF channel conditions, mainly because of
error propagation in updating the time-varying channel
coefficients.

In [15], the authors proposed an least square (LS)-based
method with linear interpolation to estimate the
time-varying channel coefficients accurately, where the
channel impulse response (CIR) of the fast fading channel
is modelled as a linear function of time within a frame. An
LS-based method was then proposed for time-varying
channel estimation. It eliminates the need for a
adaptive-tracking algorithm and the associated error floor.

In the existing HF waveform standards, separate
equalisation and decoding are used at the receiver. This
leads to poor bit-error-rate (BER) performance. In this
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paper, we incorporate turbo receivers to improve BER
performance for the conventional HF standards. However,
because of the fast time variation and large delay dispersion
of HF channels, optimal channel estimation methods and
SISO equalisation algorithms are not feasible in practical
implementation. In addition to high level modulation
constellation in both HF standards, we have also
investigated practical applications of some low-complexity
adaptive channel estimation methods and SISO equalisers.
More specifically, we first compare adaptive LMS, RLS and
LS-based linear-time interpolation channel estimation
algorithms. Simulation results have shown that both LMS
and RLS algorithms perform poorly over HF channels.
Therefore we choose the LS-based linear time interpolation
channel estimation algorithm. Most importantly, no data
feedback is needed for the chosen algorithm, thus the
estimation algorithm is just needed to be performed once.

Furthermore, we have also studied and compared various
low-complexity equalisation algorithms, such as MMSE,
MMSE-DFE and SFIC algorithm. In addition, we have also
analysed their computational loads. Based on this analysis,
we further propose a hybrid turbo receiver to achieve the
best tradeoff between computational complexity and BER
performance. Numerical results show that TEQ schemes
can significantly improve the BER performance as
compared to that of a non-iterative receiver. Moreover, the
proposed hybrid TEQ scheme achieves the best trade-off
between BER and complexity for the MIL-STD standard
with 8PSK, in which the complex matrix inversion
operation is only required during the first iteration. On the
other hand, the SFIC-TEQ scheme is the best choice for the
STANAG standard with 8PSK, where only linear
operations are necessary.

The rest of this paper is organised as follows. In Section 2,
the two HF waveforms and their frame structures are
described. In Section 3, we present the proposed LS-based
linear time interpolation channel estimation algorithm and
study its MSE performance. In Section 4, we study several
low-complexity TEQ schemes and compare their BER
performance with the proposed channel estimation method.
Comparison of implementation complexity among various
TEQ schemes are presented in Section 5 and a new hybrid
TEQ scheme is also proposed. The conclusion is given in
Section 6.

2 System description

In Fig. 1, the block diagram of a baseband HF waveform is
depicted. At the transmitter, a convolutional encoder with a
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constraint length of seven is used to encode information
bits. The encoded bits are fed into an interleaver.
Specifically, it is a block interleaver for the MIL-STD
standard and a convolutional interleaver for the STANAG
standard. Multiple interleaving lengths have been defined in
both standards. In this paper, we restrict ourselves to the
case of the ‘very long’ interleaving length, that is, there are
72 frames for the MIL-STD standard and 10.24 s for the
STANAG standard. After puncturing, the resulting code
rate is 3/4 and 2/3, respectively, for the MIL-STD and
STANAG standards. Coded bits are then interleaved with a
scrambling sequence generated by the scrambler. The
resulting sequence is mapped to an 8PSK Gray mapping
constellation. The frame structures of both standards are
shown in Fig. 2. For the MIL-STD standard, an initial
287-symbol preamble is followed by 72 frames of
alternating data and known symbols. Each data frame
contains a data block consisting of 256 data symbols,
followed by a mini-probe consisting of 31 symbols of
known data. All the preamble symbols, known symbols and
data symbols are chosen from an 8-PSK constellation. In
the STANAG standard, the symbols to be transmitted are
structured in recurrent frames with a frame duration of
106.66 ms. A frame consists of 256 symbols, which can be
broken down into 80 synchronisation symbols, 48 reference
symbols and 128 data symbols. The 176 reference and data
symbols are scrambled by a scrambling sequence with eight
phase states of length 176. The synchronisation sequence
uses binary PSK modulation and the modulation rate is
equal to 2400 bauds. The reference and data symbols are
divided into four blocks: the first three blocks consist of 32
data symbols followed by 16 reference symbols and the last
block consists of 32 data symbols. All the reference
symbols are represented by the symbol 0.

The modulated data sequence is passed through an ITU-R
F.1487 LM channel model. This model is symbol-spaced and
a delay spread of five symbol intervals (2.1 ms) is used
instead of the 2.0 ms defined for the channel. The channel
consists of two independent Rayleigh fading taps with a
Gaussian fading spectrum affected by a 20 Doppler spread
of 1 Hz. The additive white Gaussian noise (AWGN) is also
considered.

The received signal can be expressed as

~

—1

ry = hn(l)xn—l + Zn (1)

\
Il
=]

where L is the CIR length and z, is zero-mean AWGN with
variance of . In addition, x, is the transmit symbol and
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Fig. 1 Block diagram of the baseband HF waveforms
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where uo(/) and u(/) are the 2L parameters to be estimated in 1223 %222 Y3142 Y223-L+1
each frame. From (1) and (2), the received signal r, can be Xo564L—1  X25641—2 X)57 X256
rewritten as
L X335 X334 X335-142  X335-L+1 |
rn=xn(u0+nul)+zn (3)
e @13-50)xL
where X, = [X,, Xy 1, -y Xu— 1 +1] € C' X is the transmitted 7
vector, and ;= [1,(0), u,(1), ..., u(L — 1)]€ C**" for j=
0,1. With the known training symbols, the received samples , ) )
contributed by the training symbols can be written into a and T is a diagonal matrix defined as
matrix format given by
T=diag{L—-1, ..., 79, 112+L—1, ..., 127,
u, 160+L—-1, ..., 175, 2084+L—1, ..., 223, (8)
r=[4 TA][u1]+z X 256+L—1, ..., 335)
T 213-5L)x1
r= [rLfl"'r79 Fri24r—1"""127 T160+L—1"""T175  T208+L—1"""7223 ’”256+L71""’335] e (f ) %)
T 213-5L)x1
2=z 17279 Ziogr-1 211 Zie0+L—1° 2175 ZaostL—1° 2203 Zaseri—1cZ33s] € ct > (6)
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Fig. 3 MSE of various channel estimation algorithms against SNR

According to [15], based on the LS criterion, the estimated
N AT AT1T .
0= [ugulT] can be derived as

a_[ A4 ATTA [ Ay ©)
T | A"T4 A"T*4 A Tr

Using the matrix-inversion lemma, we compute # recursively
[15]. With the estimation of the parameters &, and &, the
CIRs of the entire frame can be obtained from (2).

Fig. 3 depicts the time-average MSE versus signal-to-noise
ratio (SNR) computed by various channel estimation
algorithms under the ITU-R F.1487 LM channel profile.
The channel fading is assumed to be independent from
block to block. As the HF channels suffer from fast time
variation and large delay dispersion instead of block fading,
it is very complex to use the optimal channel estimation
algorithm to evaluate and track HF channel coefficients.
Thus, in this paper, we consider several low-complexity
channel estimation algorithms. To highlight the advantage
of the LS-based linear time interpolation algorithm for HF
channels, we use the term ‘perfect RLS’ as a reference. In
the perfect RLS algorithm, it is assumed that the data
symbols are known. Actually, when the number of pilots is
large enough, the RLS algorithm performs close to ‘perfect
RLS’. It can be seen that for both standards, the LS-based
linear-time interpolation algorithm has the smallest average
MSE as compared with that of the other two algorithms.
We observe that as the SNR increases, the average MSE of
the proposed algorithm decreases faster than that of the LS
algorithm without the channel tracking and the perfect RLS
algorithm.

Table 1 Number of required operations per pilot and data
symbols using varying channel-estimation algorithms, where L
Is the CIR length

LS RLS Proposed method
pilot symbol  6L%2+3L/5L%2 6L2+3L/5L%2  4(6L%+ 3L) — 6L/
4(5L2)
data symbol 0/0 6L2+3L/5L2 L/L
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On the other hand, we can see that the average MSE of each
algorithm for the standardization agreement (STANAG)
waveform is smaller than that of the corresponding one for
the MIL-STD waveform. This is because there are more
pilot symbols embedded in the STANAG waveform.

An important aspect of the channel-estimation algorithms
is their computational complexity. In the following, we
consider the LS algorithm (without channel tracking), the
proposed LS-based linear-time interpolated method, and
the adaptive RLS algorithm for comparison as all of the
algorithms employ the LS estimator.

Table 1 shows the required number of real multiplications
and additions per pilot, and data symbols to estimate the CIR.
In this table, X in X/Y denotes the required number of real
multiplications, whereas Y denotes the required number of
real additions. The LS and RLS require 6L*+3L real
multiplications and 5L* real additions per pilot symbol, and
the proposed method requires about four times as much as
that of the LS algorithm. To track the time-varying channel
using the data symbols, the LS method has no extra
operations, since the CIR is assumed constant for the entire
burst. The RLS algorithm requires the same number of
computation operations as for the pilot symbols. However,
the proposed method requires only L real multiplications
and L real additions in updating the CIR for the data
symbols. We need to highlight that the proposed algorithm
only needs to perform once while the RLS algorithm needs
to perform one time during each iteration.

It is shown that the the proposed method can effectively
combat the Doppler frequency up to 300 Hz. Since the
maximum Doppler frequency in both standards is less than
10 Hz, we do not present the corresponding simulation
results in this paper.

Since the LS-based linear-time interpolation channel
estimation algorithm gives better performance for the two
HF waveform standards, we will adopt it in the TEQ
receivers.

4 Low-complexity TEQ schemes and their
performance

Both the SISO equaliser and the SISO decoder are important
components for TEQ receivers. Since a log-MAP algorithm is
normally used to decode data, in this section, we explore
several low-complexity SISO equalisation algorithms. In the
following descriptions for equalisation algorithms, the
estimated CIRs instead of perfect CIRs are used.

4.1 Linear SISO MMSE equaliser

The linear MMSE equaliser processes a length-N window of
T
observations r, = (”anz”anerl "'rn+N1) , N=N;j+Ny+

1, to compute the estimated symbol %,. We assume that the
transmitted symbols x, are circularly symmetric, thus we
can omit the pseudovariance. Following that, the estimates
X, can be computed as

_ff(rn - Hn'i-n) +)_Cnsn

T 1+ (1=,

1 10
fn:(O-ZIN—i_HnVnH{l{) ]hn ( )
Sy =S b,
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Fig. 4 Principle block diagram of the SFIC-based equaliser

where V, = diagfg[vn_L_]\,ﬁ_lvn_L_N2+2 o ~vn+Nl], in which

v, is the variance of the feedback symbol at the previous
T

x,,wl) , in which

X, 1s the mean of each feedback symbol, and

1teration, Xx, = (xn7N27L+1xn7N2,L+2 s

h, 0 - 0
0 h, --- 0

H, = _ (11)
0 -~ 0 h,

h, = [h,(L—1)--h,(0)] (12)

i’n = Hn[OIX(N2+L—1) 1 01><N1 ]T (13)

Assuming that the filtered signal is Gaussian distributed, we
calculate the extrinsic log-likelihood ratio (LLR), Ay (xY),
of the jth bit in %, as [4] (see (14))

where A (x%)) is the a-prior LLR of x¥’ fed back from the
decoder durmg the previous iteration.

4.2 SISO MMSE-DFE equalisation

An MMSE-DFE equaliser consists of a length-N feedforward
filter with N=N; + N, + 1, and a length-N,, feedback filter. To
effectively remove the ISI, we choose N, =0, N,=L — 1 and
N;=N — 1. Assuming that the DFE is error free and by using
the MMSE criterion, we can obtain the optimal filter of the
SISO MMSE-DFE equaliser which has the same form as

(10) with ¥V, =diag[vij_, i Vi v, Ve coVar
N—1] and X, = (x;_p,, "'xZ—l Xt XnpN-1 )T' Here,

x? and v/ are the mean and variance of the past estimated
symbol for the current iteration, respectively. The
calculation of the soft output information for the
MMSE-DFE equaliser is also identical to that of the MMSE
equaliser.

4.3 SFIC equalisation

The SFIC equaliser consists of three linear filters as shown in
Fig. 4. In Fig. 4, )\p%( g)) represents the decoded posterior

LLR of the jth bit of x, during the previous iteration,
b, and b, are the estimated feedback vectors. Note that
filter P is a matched filter with filter coefficients p =h*,
filter Q, is strictly anti-causal and filter Q, is strictly causal.
We denote their tap coefficients by ¢ =[g_r+1, ..., g_1]"
and @=[q\, ..., q_i]", respectively. Note that ¢, =
SESRG=DhG), | E[-L+1, ..., =1, 1, ...,
L —1]. According to [11], the equalised symbol can be
expressed as

[\

—1

%, =Y Ih,0)’x, + 4 (%, —b,) — 5 (£, — b,) +2,

- (15)

with
%= [Msts o0 Y] (16)
R LT (17

and
by =[Forrots -oos Tnt] (18)
by=[%rs o oos Tupar]' (19)

where X, denotes the mean value of the feedback symbol Itis
worth notlng that x,, in (18) is estimated according to )\p% (xJn),
whereas X, in (19) is predicted using this present channel
information Aot () plus the soft output channel decoder’s
extrinsic 1nf0rrnat10n /\ext( (”) In addition, the equivalent

noise term is

L—1
2= D ()2 (20)
i=0

We can compute the mean and variance of X, as
Ry (v,) = Yo b, ()Px, and 9, = g diag{1 — b, }q,+
g5 diag{1 — b, }q,, respectively. Assuming %, is a Gaussian
distributed variable, we can calculate its output LLR as (see
(21))

Using these SISO equalisation algorithms, we carry out
simulations to evaluate the BER performance of TEQ
schemes for both HF waveforms over ITU-R F.1487 LM
channels. The channel fading is assumed to be independent
from block to block. From the simulations, we observe that
the TEQ receiver with the RLS channel estimation
algorithm does not converge for a few frames because of a
significant estimation error. Therefore we do not present the

(1=7,)5.)))) e exp( =220 ()

N (e
5 &0 (= (% = 57) /(1 = s,/ (1 +

(1- vn)sn))>) i eXp(—xn )’\E:?t( )) (14)

— (%) |2)/(An))) [Tiz exp(— (k)’\g?t( (k)))

Ao <x£j)) ' an:xgj)zo exp<_ (<|5Cn
an :xg D_y exp <_ ( ({ ;Cn
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Fig. 6 Performance comparison between the MMSE and the SFIC-TEQ schemes over ITU-R F.1487 LM channels

BER performance of TEQ receivers with a RLS channel
estimator here. Instead, the LS-based linear time
interpolation channel estimation algorithm is adopted for all
simulations. Fig. 5 shows the BER performance
comparisons between the MMSE-TEQ and
MMSE-DFE-TEQ schemes. The filter length is set to N=
20 for both receivers, and 15 precursor and 5 postcursor
taps are employed for the SISO equaliser. The interleaving
length is 72 frames for the MIL-STD standard and 10.24 s
for the STANAG standard, respectively. From Fig. 5, we
can conclude: (i) for the STANAG standard, the required
SNR to achieve a certain BER over an ITU-R F.1487 LM
channel is lower by more than 1 dB for the MMSE-DFE
TEQ as compared to the DFE-based receiver, whereas the
iterative gain is at least 2 dB for the MMSE equalisation
algorithm. Moreover, we observe that the SNR gains after
iterations are more significant for the MIL-STD standard;
(i) the MMSE-TEQ scheme outperforms the
MMSE-DFE-TEQ scheme after convergence, whereas it is
the opposite for the case without iterations; (iii) there is a
2-3 dB performance loss for these TEQ schemes with
respect to the case of no ISI; and (iv) for an ITU-R F.1487
LM channel, 1 iteration (i.e. two times equalisation and
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decoding) is enough for the STANAG waveform, whereas
the other waveform requires 1 iteration and 2 iterations for
the MMSE-DFE-TEQ scheme and the MMSE-TEQ
scheme, respectively.

In Fig. 6, we present the simulation results using the
SFIC-TEQ scheme over ITU-R F.1487 LM channels. It
shows that the SFIC-TEQ scheme has comparable BER
performance as the MMSE-TEQ scheme after convergence.
However, the BER performance is very poor at the initial
stage because of severe ISI resulting from a matching filter
without any a priori information. In addition, the required
number of iterations is 2 for the STANAG waveform, while
it is 3 for the other one.

5 Complexity analysis and the proposed
hybrid-TEQ scheme

The turbo receiver consists of two components, namely, the
equaliser and the decoder. For different schemes, only the
equaliser is different, whereas the log-MAP algorithm is
used in the decoder for all the schemes. For an §8-PSK
constellation and an ITU-R F.1487 LM channel, it has the
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Table 2 Operations in units of equivalent additions required

per received symbol per iteration using various SISO
equalisation algorithms

Algorithm MMSE/MMSE-DFE SFIC
operation 24N?+6L%2 — 14N+ 12L 8L2+26L — 24

Table 3 Operations in units of equivalent additions required
by various TEQ schemes for the STANAG 4285

Algorithm MMSE MMSE-DFE SFIC Hybrid
number of iterations 1 1 2 1
operations 16 994 16 994 11709 12400

Table 4 Operations in units of equivalent additions required
by various TEQ schemes for the MIL-STD-188-110B Appendix C

Algorithm MMSE  MMSE-DFE SFIC Hybrid
number of iterations 2 1 3 1
operations 23890 15926 15612 11 866

parameter values of ¢ =8, L=6 and N=20, where ¢, L and N
denote the alphabet size of the constellation, CIR length and
the number of filter taps, respectively. We assume that the
statistics X, and v, of x,, are available for all » and we do
not consider the computation of A, (x’). Any overhead
due to initialisation (one-time operations for all iterations) is
neglected. Moreover, in this analysis, we do not include
memory read/write and the number of memory required,
because the memory management is very dependent on the
programming and implementation method. The number of
required real-valued operations (multiplications or
additions) per received symbol per iteration of the several
algorithms mentioned above are shown in Table 2. Note
that the matrix inversion operations in the MMSE and the
MMSE-DFE equalisers are implemented through a fast
time-recursive update algorithm introduced in [16]. In
addition, we assume that the transmitted symbols x, are
circularly symmetric, so that the pseudovariances can be

S} MIL-STD-188-110B Appendix C
It T T T T T

discarded. With the given code rate and the modulation
level, the equivalent complexity per information bit per
iteration is 1/2 and 4/9 times of that per symbol per
iteration for the STANAG and MIL-STD waveforms,
respectively. On the other hand, the complexity of the
log-MAP decoder is (4p+50)x2" — 19 per bit per
iteration, where the encoder memory length is M=6, and
the code rate is 1/p=1/2. Evidently, the number of
iterations has significant influence on the total
computational load. Tables 3 and 4 show the total
operations per bit for both standards.

To achieve better trade-off between complexity and BER
performance, we propose a new hybrid TEQ (hybrid-TEQ)
scheme. In this scheme, the MMSE-DFE equalisation is
adopted for the first iteration, and the SFIC algorithm is
used for the subsequent iterations. This is because the
MMSE-DFE scheme produces better performance without a
priori information.

Fig. 7 shows the BER performance of the proposed
hybrid-TEQ scheme. It is observed that this scheme can
converge after 1 iteration. Accordingly, it has comparable
performance with the MMSE-TEQ after convergence. At
BER =107, the SNR improvement exceeds 2 dB. The
required number of operations for the TEQ algorithm are
shown in Tables 3 and 4.

It can be observed that the SFIC-TEQ scheme has the least
computational load for the STANAG waveform; however, the
hybrid-TEQ scheme is the simplest for the MIL-STD
waveform. In general, these low-complexity TEQ schemes
still perform well.

Note that for MMSE and MMSE-DFE algorithms, since
the channel is time variant, we update the coefficient vector
and compute the estimates X, for each n. We can further
simplify their complexity by assuming that the coefficient
vector is approximately time invariant during a short period
of time at the cost of some performance loss.

In summary, we first estimate CIRs using the LS-based
linear-time interpolation algorithm, which is just needed to
be performed once before performing the TEQ algorithms.
With the estimated CIRs, we carry out the SFIC-TEQ
algorithm for the STANAG standard, and perform the
proposed hybrid-TEQ algorithm for the MIL-STD
waveform iteratively until a predefined maximum number
of iterations.

STANAG 4285
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102k
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1st iteration
2nd iteration|
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v+ DO+

160 ' ;
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10 11
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L

10 11 12
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Fig. 7 Performance comparison between the MMSE and the hybrid schemes over ITU-R F.1487 LM channels
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6 Conclusion

In this paper, we have investigated practical applications of
several low-complexity channel estimation algorithms and
TEQ schemes for both HF waveform standards. We have
also proposed a new hybrid-TEQ scheme. It has been
shown that conventional LMS and RLS channel estimation
algorithms perform poorly over ITU-R F.1487 LM channel
models. However, the LS-based linear-time interpolation
estimation algorithm is a suitable choice for these models.
Moreover, this estimation algorithm is only executed once.
As expected, TEQ schemes can significantly improve the
BER performance of a non-iterative receiver. In terms of
the tradeoff between the BER performance and the
achievable complexity, the proposed hybrid-TEQ scheme is
a good candidate scheme for the MIL-STD-188-110B
Appendix C waveform, whereas the SFIC-TEQ is suitable
for the STANAG 4285 waveform.
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