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Abstract—Orthogonal time frequency space (OTFS) is a
promising candidate waveform for the next generation wireless
communication systems. OTFS places data in the delay-Doppler
(DD) domain, which simplifies channel estimation in high-
mobility scenarios. However, due to the 2-D convolution effect
of the time-varying channel in the DD domain, equalization
is still a challenge for OTFS. Existing equalizers for OTFS
are either highly complex or they do not consider intercarrier
interference present in high-mobility scenarios. Hence, in this
paper, we propose a novel two-stage detection technique for
coded OTFS systems. Our proposed detector brings orders
of magnitude computational complexity reduction compared to
existing methods. At the first stage, it truncates the channel by
considering only the significant coefficients along the Doppler
dimension and performs turbo equalization. To reduce the
computational load of the turbo equalizer, our proposed method
deploys the modified LSQR (mLSQR) algorithm. At the second
stage, with only two successive interference cancellation (SIC)
iterations, our propose detector removes the residual interference
caused by channel truncation. To evaluate the performance of
our proposed truncated turbo equalizer with SIC (TTE-SIC), we
set the minimum mean squared error (MMSE) equalizer without
channel truncation as a benchmark. Our simulation results show
that the proposed TTE-SIC technique achieves about the same
bit error rate (BER) performance as the benchmark.

I. INTRODUCTION

In recent years, orthogonal time frequency space modulation
(OTFS) has emerged as a highly promising candidate wave-
form for the next generation wireless communication systems
[1]. OTFS is an attractive candidate due to its high resilience to
the Doppler spread in high-mobility environments, where the
wireless channel is time-varying. In contrast to orthogonal fre-
quency division multiplexing (OFDM), which multiplexes the
modulated data symbols in the time-frequency (TF) domain,
OTEFS transmits data symbols in delay-Doppler (DD) domain
[2]. The channel in the DD domain varies much more slowly
than in the TF domain, which allows for channel estimation
to be performed with a small pilot overhead, even in high-
mobility scenarios [3]. Despite this, channel equalization and
data detection for OTFS are challenging tasks due to the 2D
convolution effect of the time-varying channel [4].

There exists a large body of literature on equalization and
detection for OTFS [5]-[11]. However, only a small number
of these works consider a coded system [9]-[11], which is the
topic of interest to this paper. With regards to coded OTFS,
the authors of [9] developed an iterative parallel interference
cancellation (PIC) detection scheme applicable to orthogo-
nal precoded TF modulations. An iterative linear minimum
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mean squared error with PIC (LMMSE-PIC) equalizer was
developed in [10]. This method makes use of component-wise
conditionally unbiased LMMSE estimator (CWCU-LMMSE)
and first order Neumann series approximation. However, in [9]
and [10], the channel is assumed to be locally time invariant
across a block of samples. In high-mobility scenarios, where
the channel is highly time-varying, due to the presence of inter-
carrier interference (ICI), this assumption becomes invalid.
Therefore, these methods suffer from performance penalty or
MMSE equalization becomes highly complex in tackling the
ICI issue. In [11], the authors investigated the performance of
low-density parity check (LDPC) coded OTFS. However, the
technique proposed in [11] relies on hard decision output from
the LDPC decoder, and is therefore prone to error propagation.
The authors of [12] proposed a turbo receiver which uses a
sparsified correlation matrix to implement MMSE equalization
with reduced complexity. However, this method uses the com-
putationally complex factorized sparse approximate inverse
(FSPAI) algorithm which limits its use in practical scenarios.

Hence, the existing methods in the literature do not provide
a low complexity practical data detection method in high-
mobility scenarios. To address this shortcoming, we propose
a novel low-complexity truncated turbo equalizer with suc-
cessive interference cancellation (TTE-SIC) for coded OTFS.
Our proposed method has two stages; in the first stage, we
reduce the equalization complexity by truncating the channel.
For channel truncation, we introduce a criterion based on the
maximum Doppler shift. To further reduce complexity, we uti-
lize the low-complexity modified LSQR (mLSQR) algorithm
from [13]. With this approach, we obtain the soft estimate
of the transmitted symbols and the post-equalization signal to
interference noise ratio (SINR) information. Using the output
from mLSQR, we derive expressions for the log-likelihood
ratios (LLRs) for soft-output detection. In the second stage,
we compensate for the performance loss due to channel
truncation with a low-complexity SIC procedure using the
channel coefficients remaining after truncation. We evaluate
our proposed method via simulations and show that after only
two SIC iterations, it achieves similar bit error rate (BER)
performance as our benchmark, i.e., MMSE equalization with-
out channel truncation. We also analyze and compare the
computational complexity of our proposed technique with the
existing literature. We calculate expressions for computational
load in terms of the number of complex multiplications (CMs).
We show that our proposed technique has around 10* and 10
times lower complexity than our benchmark and the simplest
method in the literature, respectively.

The rest of this paper is organized as follows. In Section II,
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Fig. 1: Block diagram of the proposed TTE-SIC receiver.

we introduce the system model under consideration. The pro-
posed TTE-SIC and its computational complexity analysis are
provided in Section III. The simulation results are presented
in Section IV and the paper is concluded in Section V.

Notations: Superscripts ()T and (-)! denote transpose and
Hermitian, respectively. Bold lower-case characters are used
to denote vectors and bold upper-case characters are used to
denote matrices. x[n] denotes the n-th element of the vector
x. The function vec(X) vectorizes the matrix X by stacking
its columns to form a single column vector, and ® represents
the Kronecker product. The p x p identity matrix and p X ¢
all-zero matrix are denoted by I, and 0, respectively. The
round-up operator, [-], rounds the value inside to the nearest
integer towards plus infinity.

II. SYSTEM MODEL

We consider a coded OTFS system with M delay bins,
N Doppler bins, and a k/r rate forward error correction
(FEC) code. At the transmitter, the FEC encoder converts
the information bits, b € {0,1}MN* 0 ¢ € {0,1}MN"
coded bits. After bit-wise interleaving, the coded bits are
mapped onto @ = 2"—QAM modulation constellation to form
the DD domain transmit data symbols x € CMN*1 After
symbol-wise interleaving, the DD domain data symbols are
rearranged as the M x N matrix X. In this paper, we consider
the full cyclic prefix (CP) OTFS system in which a CP is
appended at the beginning of each block of M samples in the
delay-time (DT) domain !. The DT domain transmit signal is
formed by taking N-point IDFT across the Doppler dimension,
i.e., the rows of X. Therefore, the OTFS transmit signal is
given by S = A, XFL where Fy is the N-point unitary
discrete Fourier transform (DFT) matrix with (I, k) elements
Tlﬁeﬂ’%“@ forl,k=0,...,N—1. Acp = [Jep, Ins] is the CP
addition matrix where J¢, is composed of the last M., rows
of I,;. After parallel to serial conversion, the time-domain
signal is represented in vectorized form as

s = vec(S) = (Fy ® Agp)x, (1)

where x = vec(X). The transmit signal then undergoes analog
to digital conversion and is transmitted through the LTV chan-
nel. The continuous time received signal is thus represented
by r(t) = [ [ h(r,v)s(t — 7)e??*™ =T drdy + n(t), where
h(r,v) 25;01 hpd (T — 1)8(v — 1), is the DD domain
channel impulse response (CIR), which consists of P channel
paths, and 7(t) is the complex additive white Guassian noise
(AWGN) with variance 2. The parameters h,, 7, and v,

IThe proposed solution in this paper is also applicable to the case where
only one CP is appended at the beginning of each OTFS block.

represent the channel gain, delay and Doppler shift associated
with path p of the channel, respectively.

The received signal is then sampled with sampling period
T to obtain the discrete-time received signal, given by

2

where npp is the M N x 1 AWGN vector and Hpt is the
MN x MN DT domain channel matrix. The received signal
is then demodulated and converted back to the DD domain
by performing an N-point DFT operation across the time-
domain samples. Thus, the received signal is given by y =
(Fn ® Rep)r. This can be alternatively expressed as

r = Hprs + npr,

3)

where Hpp = (Fy ® Rep)Hpr(FY ® A.p) is the effective
DD domain channel matrix, R, = [0 Mx Meps IM] is the CP
removal matrix and 7pp = (Fy®Rcp)npr is the DD domain
noise vector.

III. PROPOSED JOINT EQUALIZATION AND DECODING

ypp = Hppx + 1pp,

In this section, we present our proposed equalization and de-
tection technique, as shown in Fig. 1. Our proposed technique
has two-stages. In the first stage, we reduce the equalization
complexity by truncating the DD domain channel matrix along
the Doppler dimension to only include the significant Doppler
coefficients. In the second stage, we deploy SIC to remove
the residual interference caused by the channel truncation.
Furthermore, in the first stage, we use the low-complexity
mLSQR algorithm from [13] to equalize the channel, obtain
the soft estimate of the transmitted symbols and find the
post-equalization SINR information. We use the output of the
mLSQR algorithm to derive expressions for the extrinsic log-
likelihood ratios for soft-output detection. In the following
subsections, we provide a detailed explanation of the stages of
our proposed technique, beginning with the channel truncation.
A. Channel truncation

At the OTFS receiver, linear equalization techniques such
as least square (LS) and MMSE can be performed in either
the DT, TF or DD domains. However, these methods are
not viable solutions for practical implementation due to the
computational complexity of computing the inverse of the
MN x M N channel matrix. To reduce the equalization com-
plexity, we truncate the channel along the Doppler dimension.
This truncation naturally results in performance loss for the
linear equalizer which we compensate for with interference
cancellation later in the procedure using the soft output from
the decoder.

The DD domain channel matrix Hpp, as seen in Fig. 2a,
is a block circulant matrix with M x M subblocks. In Fig. 2,
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each small square represents an M x M submatrix. The
structure of Hpp can be viewed as a block banded matrix
where the subblocks close to the main diagonal have the
most significant magnitude. The magnitude of the off-diagonal
subblocks reduces as we move away from the main diagonal.
This is because the interference is more severe in the subblocks
whose indices along the Doppler dimension correspond to the
maximum Doppler spread [14].

On this basis, we define the significant subblocks of Hpp
as the ones at each Doppler index which are contained within
the truncation bandwidth, B = [ fpmaxM NTy ], where fpmax
is the maximum Doppler shift and 75 is the sampling period.
Thus, with the channel truncation, we consider only 2B + 1
significant Doppler coefficients for channel equalization. The
insignificant subblocks of Hpp are defined as those not con-
tained within the t{uncation bandwidth.~Hence, we decompose
Hpp as Hpp = Hpp + App, where Hpp and App are the
DD domain channel matrices with significant and insignificant
Doppler indices, respectively. We now rewrite (3) as

ypp = Hppx + AppX + npp.- 4)

In the proposed receiver, we use SIC to remove the inter-
ference caused by App based on the soft output from the
decoder. Based on the assumption that the soft output becomes
more accurate after every iteration, we can approximate (4) as,

YpoDp = ITIDDX + Mpp- (5)

Based on (5), in our proposed method, we use the mLSQR al-
gorithm to equalize the truncated channel and to obtain the soft
output based on the MMSE criteria [15]. The computational
complexity of mLSQR is directly related to the number of non-
zero elements in the channel matrix. By utilising the truncated
channel matrix, we reduce the computational complexity of
equalization further by using the LSQR algorithm.

B. Modified LSQR Algorithm

The proposed method uses the mLSQR algorithm to equal-
ize the channel from [13], which is listed in Algorithm
1. LSQR is a well-known iterative algorithm for solving
problems of the form ypp = Hppx + npp, [16]. At each
iteration, k, LSQR uses Golub-Kahan bidiagonalization and
QR decomposition to obtain an estimate of the transmitted
symbol x; [16]. A simple recursive method for updating
this estimate within each iteration was proposed in [17]. The
iterative process continues until either the norm of the residual
reaches a pre-determined tolerance, €, or the maximum number
of iterations I1,gsqr is reached. LSQR can also be regularized
by including the noise variance o2 as a damping parameter

Algorithm 1 Modified LSQR Algorithm

1: Input: ﬁDDa YDD and o2

2: Initialize: y = [yZ,,07]T, App = [HE,,oI%, T,
Bo = Iyl wo = ¥/Bo, a0 = [[Apugl, vo =
AP pug/ag, wo = vo, ¢o = Bo, o = ao, Xo = Onrnx1,

Wi = 5Iux, Wo = Ounxmn, G = 1 and
¢k—pk—1fork<0

3: for k=1: ILSQR do

4 Br = ||AppVi—1 — Gp—1Uk—1||

5 up = (AppVik—1 — Gp—1Uk—_1)/Brk

6 ap=|[Appur — Brvi—1

7: vi = (ABpuk — Bivi—1)/ak

8 o= k1 Bl zx = 252, sk = 25, Op = spay

9% P =aPro1, (= 05, gy =

10: b = —SkPr—1, Pk = —ZkYk

11: X = Xg—1 + GWg—1

12: WE = Vi — Y Wg_1

13: Compute €2, using (7)

14 if ||y — Hppxy|| < e, break

15: end for

16: Compute pz[n] and vg[n], Vn using (8) and (9)
17: Output: X = xj, py and v

to improve the semi-convergence property of the algorithm.
After several iterations, LSQR provides a performance similar
to MMSE but with a substantially lower complexity [16].

We note that the conventional LSQR algorithm does not
provide the post-equalization SINR information which is re-
quired for computing the LLRs. Therefore, we use the mod-
ified LSQR algorithm from [13], to obtain this information.
LSQR computes x;, at each iteration using a simple recursion.
However, similar to the conjugate gradiant method in [18], xj
can also be computed using an LSQR equivalent equalization
matrix which depends on the iteration index k. The LSQR
equivalent equalization matrix at iteration k is defined as
W, HE . and x; can be written as x; = WkHDDy From
[13], W}, can be obtained recursively as

Vi Ckpr—3br—3

W, =W,_1+ — = (Wk72 - Wk*S) +
Ch—2Pk—1Pk—1
Crbr—20r—2(1 +¥7_1)
e Y Sk ABLADpD
Ch—1Pk—1Pk—1 Pr—10k—1
X (Wi_1 — Wy 2),

(6)
where App = [HE,, o1}, y]T, Wy = Iun, Wi =

_ Po¢0
O NxMN for £k <0, C(): 1 and ¢k' = pi = 1 for £ < 0.

Once W, is obtained, the post-equalization SINR on each
symbol in x;, can be calculated.

Let Gpp = WngDHDD. The post-equalization chan-
nel gain on element n of xj; is given by the diagonal
elements Gpp, i.e., uz[n] = Gppln,n]. The variance of
the interference-plus-noise on element n of xy is calculated
using the off-diagonal elements of Gpp and is given by



vx[n] = >, man [GoD[N, m]|?>+Cpp[n, n]o?,where Cpp =
GppWi.

While this method provides the exact post-equalization
SINR information, it is computationally expensive due to the
MN x M N matrix multiplication in (6). We can reduce the
complexity of this computation by making the assumption that
the channel matrix is approximately a block circulant matrix
with circulant blocks (BCCB). Under this assumption, Hpp
can be converted to a diagonal matrix in the TF domain via
Hrr = (Fy®F ) Hpp (F y®F ). By using the properties
of BCCB matrices [5], we can also easily obtain the TF do-
main equivalent of AR App as Al Arp = HipHrp+021.

Note that W is initialized as a diagonal matrix and hence,
‘W, retains the BCCB structure of the AgDADD for k > 2.
This means that the entire recursion can be performed in the
TF domain with diagonal matrices only. The recursion in (6)
can now be formulated in the TF domain as

¢/3_2Ck:ﬁk73¢75k73

Qp =1+ - (Qp—2 — Qp—3) +
Ch—2Pk—1Pk—1
Chpr—20k—2(1 +7_y)
T _Cik—A'}I‘IFATF
Ch—1Pk—1Pk—1 Pr—10k—1
X (o1 — Qp—2)
(7N
where €, is the TF domain equivalent of Wy, and is initialized
with € = ﬁgégIMN and Q, = Opynxymn for B < 1.

Since this recursion only involves diagonal matrices, it can
be performed with a low complexity.

We can now use €2j to calculate the approximate post-
equalization SINR information. To this end, we calculate
the TF domain equivalents of Gpp and Cpp as Grr =
Q. HY;Hrp and Crp = QHY HrpQ)!, respectively. The
reverse process in obtaining Hrp from Hpp can then be used
to calculate approximations of the DD domain matrices Gpp
gllld Cpp, ie.,, Gpp = (FN ® F]LI)HGTF(Fy ® FM)~and
Cpp = (FN®FM)HCTF(FN ®FM) Since Gpp and Cpp
are BCCB matrices, their respective rows are simply shifted
versions of each other. Therefore, under this approximation,
each symbol experiences the same SINR, the post-equalization
channel gain is given by

ﬁ,}[n} == G’DD[l7 1], (8)
and the variance of the interference-plus-noise is given by
MN-1 B
x[n] = Y |Gop[l,m]|> + Copll, 1], 9)
m=2

C. LLR Computation
After performing symbol-wise de-interleaving upon the es-

timated symbol vector output from the mLSQR algorithm, the
soft symbol demapper computes the extrinsic information of
the coded bits in terms of log-likelihood ratio. The extrinsic
LLR, Lextlcn k], 0 < n < MN —1,0 < k < Q—1,1s
the information of the coded bits ¢, , contained in Y and
the a-priori information of ¢,/ , ¥n' # n. This extrinsic
information is then fed to the decoder which computes the
a-posteriori information. During the i iteration of TTE-SIC,

the mLSQR algorithm computes the estimate x* € CMN*1,
the mean i, € CMN*! and the variance vy € CMN*1,
Using the output from mLSQR, we can compute the extrinsic
information of the coded bits as

Léxt [Cn,k‘ji [n]] =

> P(iz[n”(’n =a;) [I Pleam = amm)

voy: VE K £k
In arr =0
Z P(iz[nﬂcn = al) H P(Cnm/ == Ollm/)
VO : VE':k'£k
al,k:1
(10)
where €, = [Ch0,Cnly--sCrmy---s ch,l]T, o =
[Oél(),olll7 sy Qmy e 7alQ71]T with Cnm; Qim € {07 1}7 0 S

1 <29 —1 [15]. In order to simplify the LLR derivation, we
assume P(2%[n]|c, = ay) ~ CN(qijis[n], Ui [n]), where q; is
the modulated symbol in symbol constellation corresponding
to the binary vector ¢;. This assumption is widely used in
turbo equalization methods [19]. Hence, (10) is simplified as

Lext [enrl2[n]] =

2 [n]—qpal[n]|? 1—2a, 4/
Z eXp(—l [ ]ngln]m[ I )‘1’2 2 .k L[Cn,k;/}

qEeZY vk’
In Wk
3t —qit 2 1-2 ’
Z eXp(— |x [n]ﬂz‘%ﬁ]x[n” )"’E gq"k L[C’n,k/}
QGZé * vk’
k'#£k

(an

where Z) and Z} are the sets of modulated symbols cor-
responding to input signal vector with 0 and 1 in the k"
position, respectively. In (11), a4k is the bit &' in the
input vector which is mapped to g. Furthermore, using max-
log approximation, [20], and omitting the constant terms,
L [cnk]Z[n]] can be computed as,

L e8] =, 0] - P 4] — o
(12)
where the SINR at the output of equalizer is defined as
Y = (’27%[["73])2 . This extrinsic information is fed to the decoder,
which computes the a-posteriori information of the coded bits,
Aen, k|2 [n]]. The a-priori information of each code bit can
then be calculated as

)\"[cn,k] =\ [cnkm’[nu — L, [cnk|§:’[n]] .

The a-priori information of all encoded bits is then collected
in a vector A* € RMN" to perform interference cancellation.

13)

D. Interference Cancellation

Using the a-priori information of the codewords, the soft
symbol estimates can be obtained. After performing bitwise
deinterleaving on A’, the soft symbol mapper calculates the
new refined soft symbol estimates as

piln] = qP(d'[n] = g),

qeZ

(14)



Algorithm 2 Proposed TTE-SIC Technique

Input: YDD, ﬁDD and ADD
Initialize: © = 0 and y¥ = ypp
for i =1:Ig:" do
Calculate y}) using (16)
Obtain X', iz and Vg using Algorithm 1
Calculate L;xt [en k|2 [n]] as in (12)
Calculate \'[c,, ] using (13)
Obtain the soft output, uf{ [n] using (14)
end for
Output: Obtain b from decoder output

R e A U ol e

._
4

where P(#'[n] = ) = []% 4 (1+(ozq])tanh( Nlenaly),
with &g ; = 2a4 j—1. We then use the soft symbol estlmates
from (14) to remove the interference caused by the insignif-
icant DD domain channel coefficients which remains in the
received signal. The received signal at iteration ¢ + 1 after
interference cancellation is expressed as

YIZZ)+]Z)1 = YDD
where pi = [p%[0],..., i [MN —1)]T. The computational
complexity of this interference cancellation procedure can be
reduced by implementing it in the TF domain. Since App
has a BCCB structure, each of the N — B’ circulant M x M
sub-matrices can be diagonalized using an M — point DFT,
where B’ = 2B + 1. Therefore, the interference cancellation
in (15) can be performed in TF domain as

Appp, (15)

1+1

Y =Yhe — (16)

Arp ity

where y%p, Arp and [Li are obtained from ykp, App
and uf{ respectively by multiplying them with (Fy ® Fa)
from left and (Fy ® FM)H from right. Since Arg can
be pre-computed, the interference cancellation at iteration ¢
can be performed with M N(N — B’) element-wise complex
multiplications and yiiy = (Fy @ Fa)ly i (Fy @ Fuy).
Finally, our proposed technique is summarized in Algorithm 2.

E. Computational Complexity

In this section, we analyze and compare the complexity
of the proposed TTE-SIC with the existing methods in lit-
erature in terms of the number of CMs. We consider the
full MMSE equalizer without channel truncation followed
by a decoder as a benchmark which has the computational
load of O(M3N3). The computational complexity order for
mLSQR is O(MNP'I sqr), where P’ is the number of
non-zero elements in a column of Hpp and Iigqr is the
number of LSQR iterations [16]. In a scattering rich en-
vironment with fractional Doppler shifts, P’ = NL, and
hence, the complexity order will be O(M N?LI1sqr). Using
the truncated channel, LSQR complexity in step 5 of TTE-
SIC in Algorithm 2 is O(MNBLI1sqr). The soft symbol
mapping and demapping in steps 6, 7 and 8 of Algorithm
2 require a total of 2(Q + 1)M N CMs. Furthermore, by
performing the interference cancellation in TF domain, step

——Full MMSE
—-©-MP [6]
—~LSMR-SIC [8]
—&-Proposed TTE-SIC

Computational Complexity

107 /ﬁ/*/"

20 30 40 50 60
N

Fig. 3: Computational complexity comparison of our proposed
TTE-SIC technique with the existing methods.

TABLE I: Computational Complexity Comparison

[ Equalization Methods |
Full MMSE

Complexity Order
O(M3N?3)
MP [6] O(MN*LQInmp)
LSMR with SIC [8] O(A[NQLIIS]\,IRII:I'(NR)
Proposed TTE-SIC O(M. VI;C‘ (B'LILsqr +2Q+ N — B’ +4— % logy M + log, N))

4 requires (N — B YO(Mlogy(M)) + MN(N — B') +
O(MN logy(MN)) CMs. The MP equalizer in [6] and the
LSMR with SIC receiver in [8] require O(M N?LQI\p) and
O(MN? LI smr IEER-) CMs, respectively. The MP detector
requires Iyp iterations and LSMR with SIC receiver requires
I svr iterations for LSMR and I%ISCMR iterations for SIC.
The computational complexities of different techniques are
summarised in Table I. It should be noted that, the equalizers
in [6] and [8] do not consider the soft information available at
the output of the decoder. Therefore, for a fair comparison, the
computational complexity associated with the decoders are not
included. Fig. 3 shows the computational load of the proposed
TTE-SIC receiver compared to different methods from the
literature as a function of N. For this comparison, we consider
L=17Q=4, Iyp =30, ILsmr = Tusqr = 20, IKYR =5
[8]. For the proposed TTE-SIC technique, we used B = 2,
and Isplrgp' = 3 for SIC. As seen in Fig. 3, our proposed
technique is around 10* and 10 times simpler than full MMSE
and LSMR-SIC equalizers, respectively.

IV. SIMULATION RESULTS

In this section, we evaluate the performance of our proposed
TTE-SIC technique via simulations. We consider an OTFS
system with M = 128 and N = 16. At the transmitter, the
information bits are encoded using a 1/2 rate convolutional
encoder with (2,1,3) configuration and are mapped on to
4—QAM constellation. In our simulations, we use the extended
vehicular A (EVA) channel model, [21], with a carrier fre-
quency of f. = 5.9 GHz, a sampling period of Ty = 370.3 ns
and a relative velocity of 500 km/h between the transmit and
receive antennas which corresponds to fpmax = 2.73 kHz.
We set the MMSE equalizer with the full channel, i.e., no
truncation, as a benchmark in our evaluations.

Fig. 4 shows the BER performance of our proposed TTE-
SIC method versus SNR for different values of SIC itera-
tions and the parameter B. Fig. 4a shows the BER perfor-
mance for the channel truncation bandwidth given by the
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Fig. 4: BER performance of the proposed TTE-SIC technique at a relative velocity of 500 km/h.

criterion described in Section III-A, which corresponds to
B = [ fpmaxM NTy]| = 3. It can be seen that, only 2 iterations
are sufficient for our proposed technique to provide about the
same performance as that of our benchmark. In Fig. 4b, we
repeat our evaluations for B = 4 to assess the validity of
our channel truncation criterion. This analysis reveals that
increasing B brings only marginal performance gain when
Iglrgp' = 1 and negligible gain when I;lgp' > 2. This confirms
that our criterion defines sufficient level of channel truncation.
Based on the results in Fig. 4 and Section III-E, our proposed
TTE-SIC technique achieves a similar BER performance to
the benchmark with several orders of magnitude lower com-
putational load.
V. CONCLUSION

In this paper, we have proposed a novel low-complexity
TTE-SIC receiver for coded OTFS systems in high-mobility
scenarios. In our proposed technique, we exploit the block-
banded structure of the DD domain channel to truncate the
channel and reduce the complexity of equalization. Our pro-
posed TTE-SIC technique deploys the low-complexity mL-
SQR algorithm for both channel equalization and to obtain
the post-equalization SINR necessary for computing the LLRs
for soft-output detection. To compensate for the performance
loss due to the channel truncation, we take a low-complexity
interference cancellation approach using the decoder output
and insignificant Doppler coefficients left over from the trun-
cation. Our simulation results demonstrate that, after only 2
iterations, the proposed TTE-SIC technique offers about the
same performance as the full-channel MMSE benchmark with
orders of magnitude lower computational load.
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