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Abstract—Orthogonal time frequency space (OTFS) modula-
tion is a promising solution to handle doubly-selective fading,
but its channel estimation is a nontrivial task in terms of
maximizing spectral efficiency. Conventional pilot assignment
approaches face challenges: the standard embedded pilot-based
scheme suffers from low transmission rates, and the single
superimposed pilot (SP)-based scheme experiences inevitable
data-pilot interference, leading to coarse channel estimation. To
cope with this issue, focusing on the SP-based OTFS system in
channel coded scenarios, we propose a novel pilot assignment
scheme and an iterative algorithm. The proposed scheme allocates
multiple SPs per frame to estimate channel coefficients accu-
rately. Furthermore, the proposed algorithm performs refined
interference cancellation, utilizing a replica of data symbols
generated from soft-decision outputs provided by a decoder.
Assuming fair and unified conditions, we evaluate each pilot
assignment scheme in terms of reliability, channel estimation
accuracy, effective throughput, and computational complexity.
Our numerical simulations demonstrate that the multiple SP-
based scheme, which balances the transmission rate and the
interference cancellation performance, has the best throughput
at the expense of slightly increased complexity. In addition, we
confirm that the multiple SP-based scheme achieves further im-
proved throughput due to the proposed interference cancellation
algorithm.

Index Terms—OTFS modulation, superimposed pilot, interfer-
ence cancellation, throughput analysis, channel coding.

I. INTRODUCTION

Orthogonal time frequency space (OTFS) modulation [2]
offers a promising solution for high-mobility communication
scenarios, including high-speed trains and unmanned aerial
vehicles. OTFS modulates the information symbols on the
delay-Doppler (DD) domain providing robust equalization
for doubly-selective (time and frequency) fading caused by
serious Doppler shifts. However, OTFS modulation processes
large information blocks across time and frequency resources,
increasing latency and complexity [3]. Several detectors have
been proposed for OTFS, such as message passing (MP)
[4], linear minimum mean square error [5, 6], and maximal
ratio combining [7], each designed to exploit the sparsity and
block circulant property of channel matrices, thereby offering
low-complexity detection. More recent approaches, such as
variational Bayes [8], unitary approximate message passing
[9], and deep learning-based detection methods [10–12], aim
to enhance detection accuracy and computational efficiency.
While these studies assume perfect knowledge of channel state
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information (CSI), practical OTFS systems require effective
channel estimation to account for real-world uncertainties.

Prior studies [13–16] assume channel estimation using
known pilot symbols between the transmitter and the re-
ceiver, resulting in reduced throughput. In particular, the most
typically considered embedded pilot (EP)-based scheme [13]
realizes low-complexity accurate channel estimation using a
single pilot symbol surrounded by sufficient guard space [17].
In high-mobility scenarios, the EP-based scheme requires
large guard space depending on a maximum Doppler shift to
avoid data-pilot interference, which results in further decreased
spectral efficiency. An alternative approach to improve spectral
efficiency is the superimposed pilot (SP) [18], which overlays
data and pilot symbols without requiring guard space, thereby
maximizing transmission capacity. Therefore the SP-based
channel estimation scheme achieves high transmission rate at
the cost of potentially lower channel estimation accuracy. For
example, a data-aided channel estimation algorithm is pro-
posed in [19], which places a single SP symbol in the frame in
the DD domain. The single SP-based scheme realizes accurate
channel estimation using an iterative detection process, but
suffers from residual data-pilot interference in the high signal-
to-noise ratio (SNR) region.

In order to improve reliability, channel estimation accuracy,
and peak-to-average power ratio (PAPR), a number of SP-
based OTFS channel estimation schemes [19–24] have been
proposed. To introduce a few examples, in [21], Jesbin et al.
proposed the SP-based scheme with sparsely arranged pilot
symbols in the DD domain, which realized better reliability
and channel estimation accuracy compared to the single SP-
based scheme. In [22], Liu et al. proposed a novel pilot
assignment scheme with several SP symbols on the different
delay axis in the DD domain, which realized PAPR reduction.
Furthermore, in [23], Chen et al. proposed another SP-based
scheme which arranged one pilot for each delay tap to reduce
PAPR. These studies [19, 21–23] focused on evaluating each
pilot assignment scheme in terms of bit error rate (BER) and
normalized mean squared error (NMSE) of the estimated chan-
nel matrices, thus the advantage of the SP-based scheme in
terms of spectral efficiency has not been clarified. Exceptions
can be found in [20, 24]. In [20], Mishra et al. evaluated the
SP-based scheme in terms of the spectral efficiency, but it
assumed uncoded scenarios. In [24], considering coded sce-
narios, Liu et al. proposed a sophisticated channel estimation
algorithm with the Turbo equalization concept, which achieved
better BER and spectral efficiency compared to benchmark
schemes [16, 20], at the cost of computational complexity due
to matrix operations for pilot cancellation and signal detection.
These prior studies [20, 24] derived the spectral efficiency by
signal-to-interference-and-noise ratio (SINR), assuming ideal
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continuous input signals which follows Gaussian distribution.

Given this background, we propose an SP-based channel
estimation scheme suitable for coded scenarios, which consists
of a novel pilot assignment approach and an iterative algo-
rithm for improved interference cancellation. Furthermore, we
demonstrate the advantage of our proposed scheme, through
numerical simulations in terms of effective throughput, which
is a practical spectral efficiency metric for discrete input
signals such as quadrature amplitude modulation (QAM). The
major contributions are summarized as follows.

1) We propose a novel frame structure with multiple super-
imposed pilots, which provides sufficient guard space
among each pilot to avoid interference. Averaging the
estimated channel coefficients given by multiple pilot
symbols, we can realize the channel estimation and
interference cancellation simultaneously.

2) Focusing on a property that the quality of interference
cancellation depends on estimated data symbols, we
propose an iterative algorithm for the SP-based OTFS,
which utilizes the capability of the channel coding. In
our proposed algorithm, log likelihood ratios (LLRs)
corresponding to the information bits are obtained from
the channel decoder and used to generate soft-decision
replicas of data symbols. The error-corrected data sym-
bols contribute to accurate channel estimation. While
our proposed algorithm requires additional operations,
we can alleviate the increased complexity by switching
two iterative processes: uncoded and coded iterations.

3) Assuming a practical scenario with 5G compliant low
density parity check (LDPC) codes, we show the advan-
tage of the SP-based scheme in terms of BER, NMSE,
and throughput. Through the complexity analysis, we
confirm that the impact on the increased computational
complexity is negligible compared to the conventional
scheme. We conduct fair comparisons for the EP-based
and SP-based schemes under a proper SNR definition
which offers unified signal power.

The rest of this paper is organized as follows. The overview
of the OTFS system is summarized in Section II, and the
OTFS channel estimation schemes are reviewed in Section III.
Section IV introduces the proposed iterative algorithm for
coded scenarios, including its computational complexity anal-
ysis. The simulation results are shown in Section V. Finally,
we conclude this paper in Section VI.

Notations: Throughout this paper, (·)∗, (·)T, and (·)H denote
the complex conjugation, transposition, and Hermitian transpo-
sition, respectively. The notation E[·] denotes the expectation
operator. The operation ⊗ represents the matrix Kronecker
product and a = vec(A) is the column-wise vectorization of
a matrix A to a vector a. Contrary, A = vec−1(a) denotes the
inverse vectorization of a vector a to form a matrix A. The
notations diag[·], δ(·), [·]n, and ∥ · ∥F express the diagonal
matrix, the Dirac delta function, the modulo by an integer n,
and the Frobenius norm of a matrix, respectively. Finally, let
R,C, and Z be sets of real, complex, and integer numbers,
respectively.

II. OVERVIEW OF AN OTFS SYSTEM

In this section, prior to summarize the overview of an OTFS
system, we introduce some notations about the time-frequency
(TF) and DD domain with reference to [25]. Fig. 1 illustrates
the block diagram of the SP-based OTFS system in coded
scenarios. Assuming the OTFS system with N timeslots and
M subcarriers, the discrete TF domain is defined as the M×N
array of points on Λ = {(l∆f, kT ), l = 0, · · · ,M − 1, k =
0, · · · , N − 1} , where T denotes the duration per one time
slot and ∆f denotes the subcarrier spacing. The discrete TF
samples at points on Λ are collected as the matrix Xtf [l, k] ∈
CM×N .

By contrast, the discrete DD domain is defined as Γ =
{( m

M∆f ,
n

NT ),m = 0, · · · ,M − 1, n = 0, · · · , N − 1}, where
1

M∆f and 1
NT are the resolutions of the path delays and

the Doppler shifts, respectively. We define the discrete DD
samples of the OTFS waveform at the points on Γ as the
matrix X[m,n] ∈ CM×N .

A. OTFS Modulation [25]

The DD domain data matrix X[m,n] is mapped to the
TF domain matrix Xtf [l, k] on Λ via inverse symplectic fast
Fourier transform (ISFFT), i.e., [25]

Xtf [l, k] =
1√
NM

N−1∑
n=0

M−1∑
m=0

X[m,n]ej2π(
nk
N −ml

M ). (1)

Next, the TF domain matrix Xtf [l, k] is converted to the
continuous-time signal s(t) using the transmitter pulse-shaping
waveform gtx(t) as [25]

s(t) =

N−1∑
k=0

M−1∑
l=0

Xtf [l, k]gtx(t− kT )ej2πl∆f(t−kT ), (2)

which is referred to as the Heisenberg transform. Here, re-
garding the ISFFT as a combination of the M -point discrete
Fourier transformation (DFT) of the columns and the N -point
inverse DFT (IDFT) of the rows, the discrete time domain
vector s ∈ CNM×1 is obtained from (1) and (2) as [25]1

s = vec(GtxF
H
MFMXFH

N) = (FH
N ⊗Gtx)x, (3)

where FN ∈ CN×N represent the N -point DFT matrix, the
diagonal matrix Gtx ∈ CM×M has the samples of gtx(t) as
its entries, and x ∈ CNM×1 is the vectorized form of X.

B. OTFS Demodulation [25]

The continuous-time received signal r(t) is converted to
the TF domain received matrix Ytf [l, k] ∈ CM×N with the
Wigner transform, which is given by [25]

Ytf [l, k] =

∫
r(t′)g∗rx(t

′ − t)e−j2πf(t′−t)dt′|f=l∆f,t=kT ,

(4)

1We use the property given by vec(ABC) = (C⊗A) · vec(B) when C
is a symmetric matrix.
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Fig. 1. Block diagram of the SP-based OTFS system in coded scenarios.

where grx(t) is the receiver pulse-shaping waveform. The DD
domain received matrix Y[m,n] ∈ CM×N is obtained from
the TF domain received matrix Ytf [l, k] via SFFT as [25]

Y[m,n] =
1√
NM

N−1∑
n=0

M−1∑
m=0

Ytf [l, k]e
−j2π(nk

N −ml
M ). (5)

As with (3), the relation between the DD domain received
vector y ∈ CNM×1 and the discrete time domain vector r ∈
CNM×1 can be expressed by [25]

y = FH
MFMGrxvec

−1(r)FN = (FN ⊗Grx)r, (6)

where the diagonal matrix Grx ∈ CM×M has the samples of
grx(t) as its entries, and y is the vectorized form of Y.

C. Channel Model [25]

Practically, a wireless channel with small-scale fading (also
known as multipath fading) has a limited number of propa-
gation paths with distinct delay and Doppler shift parameters,
which makes the DD channel response sparsely, i.e., [25]

h(τ, ν) =
P∑
i=1

hiδ(τ − τi)δ(ν − νi), (7)

where P denotes the number of propagation paths and hi ∈
C, τi ∈ R≥0, νi ∈ R (i = 1, 2, · · · , P ) are the path gain, the
delay shift, and the Doppler shift corresponding to the i-th
path, respectively.

Assuming the actual delay shift τi and the Doppler shift νi
as the integer multiples of the resolution ( 1

M∆f ,
1

NT ) on the
DD domain grid Γ, the normalized delay and Doppler shift
li ∈ Z≥0, ki ∈ Z are given by [25]

τi =
li

M∆f
≤ τmax =

lmax

M∆f
and (8)

νi =
ki
NT

with |νi| ≤ νmax =
kmax

NT
, (9)

where lmax, kmax ∈ Z≥0 are the normalized taps associated
with the delay-Doppler spread τmax, νmax ∈ R≥0, which
correspond to the propagation distance and relative velocity
of the reflectors.

D. System Model [26]
The time domain input-output relation between the contin-

uous signals s(t) and r(t) can be expressed by [26]

r(t) =

∫∫
h(τ, ν)s(t− τ)ej2πν(t−τ)dτdν + w(t), (10)

where w(t) denotes the additive white Gaussian noise
(AWGN) term. From (7) and (10), after the cyclic prefix (CP)
removal, the discrete received signal r = {r(n)}NM−1

n=0 is
sampled at the rate fs = M∆f as [26]

r(n) =

P∑
i=1

hie
j2π

ki(n−li)

NM s([n− li]NM ) + w(n). (11)

We can rewritten (11) in the vectorized form, i.e., [26]

r = Gs+w. (12)

The time domain channel matrix G ∈ CNM×NM is generated
from three parameters hi, li and ki as [26]

G =

P∑
i=1

hiΠ
li∆ki , (13)

where Π is the permutation matrix to perform a forward cyclic
shift, given by [26]

Π =


0 · · · 0 1

1
. . . 0 0

...
. . . . . .

...
0 · · · 1 0

 ∈ {0, 1}NM×NM (14)

and ∆ ∈ CNM×NM is the diagonal matrix with the phase
shift term z = e

j2π
NM , given by [26]

∆ = diag[z0, z1, · · · , zNM−1]. (15)

The matrices Πli and ∆ki model the delay-Doppler shifts
associated with i-th path.

Substituting (3) and (6) into (12), the DD domain input-
output relation in vectorized form is given by [26]

y = (FN ⊗Grx)G(FH
N ⊗Gtx)︸ ︷︷ ︸

H

x+ (FN ⊗Grx)w︸ ︷︷ ︸
w̃

. (16)

where H denotes the DD domain channel matrix and w̃ is the
effective noise vector.2

2Since we have the same assumption as [26], the rectangular waveforms,
the diagonal matrices Gtx and Grx are equivalent to an M × M identity
matrix IM, resulting in the same statistical properties of w and w̃.
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III. OTFS CHANNEL ESTIMATION SCHEMES

In this section, three OTFS channel estimation schemes: EP-
based [13], single SP-based [19], and our proposed multiple
SP-based schemes, are reviewed and compared in a fair man-
ner. Each frame structure is exemplified in Fig. 2. Note that
each has a common approach using a threshold to distinguish
data and pilot symbols.

There exists other SP-based approaches, such as the SP-full
[20], SP-sparse [21], SP-scattered [22], SP delay-wise (SP-
DW) [23] schemes. But, the SP-full scheme [20] is unable
to estimate delay and Doppler shifts (li, ki), and has to be
used together with the EP-based scheme. The others [21–23]
mainly focus on improving PAPR and rely on different channel
estimators, resulting in unfair comparisons in terms of the
effective transmission power. Thus, in order to evaluate the
effects of increased number of SPs, we consider the multiple
SP-based scheme of Fig. 2(c) that can maximize the number
of SPs.

A. EP-based Scheme

In the EP-based scheme, the DD domain samples matrix
XEP ∈ CM×N consists of data symbols xd[m,n] ∈ C, one
pilot symbol xp ∈ C, and a guard space, which is given by

XEP[m,n] =


xp m = mp, n = np,

0

{
mp − lmax ≤ m ≤ mp + lmax,

np − 2kmax ≤ n ≤ np + 2kmax,

xd[m,n] otherwise.

(17)

As given in (17) and Fig. 2(a), (2lmax + 1)(4kmax + 1)
symbols are allocated for the guard space to avoid the data-
pilot interference in the EP-based scheme, which realizes high
channel estimation accuracy at the cost of low transmission
rate. Since the amount of the guard space depends on the
delay-Doppler shift parameters lmax and kmax, the transmis-
sion rate decreases correspondingly, which becomes a serious
issue in high-mobility scenarios.

B. SP-based Scheme

Since the SP-based scheme superimposes data and pilot
symbols in the same slot to increase the transmission rate,
the DD domain samples matrix XSP ∈ CM×N is given by

XSP[m,n] =

xp + xd[m,n]

{
m = mpj , n = npj ,

j = 1, 2, · · · , Np,

xd[m,n] otherwise,

(18)

where mpj
, npj

denote the indices of the j-th pilot symbol on
the DD domain and Np is the number of pilot symbols per
frame. In (18), the case with Np = 1 corresponds to the single
SP-based scheme [19] and the case with Np ̸= 1 corresponds
to proposed multiple SP-based scheme.

The multiple SP-based scheme has the constraint on
the pilot placement to avoid inter-pilot interference, which
determines the maximum number of assignable SPs.

Specifically, multiple SPs have to be apart from each other
at least 2kmax + 1 slots on the N axis and lmax + 1 slots
on the M axis. For example, assuming (N,M) = (9, 9)
and (lmax, kmax) = (2, 1), the maximum number of
SPs is 9 with a pilot arrangement given by (lp, kp) =
{(0, 1), (0, 4), (0, 7), (3, 1), (3, 4), (3, 7), (6, 1), (6, 4), (6, 7)},
which is illustrated in Fig. 2(c).

C. Common Channel Estimator

Each scheme has almost the same channel estimation pro-
cess despite of the different frame structures. Ignoring the
noise term, we focus on the input-output relation between the
data symbols X and received symbols Y given by [25]

Y[m,n] =

P∑
i=1

hiz
ki(m−li)X[[m− li]M , [n− ki]N ]. (19)

Substituting the indices m = mpj + li, n = npj + ki into
(19), the received pilot symbol associated with the i-th path
and j-th pilot symbol can be rewritten as

Y[mpj + li, npj + ki] ≈ hiz
kimpjX[mpj , npj ]

=

{
hiz

kimpj xp, (EP)
hiz

kimpj (xp + xd[mpj
, npj

]). (SP)
(20)

The received pilot symbols Y[mpj + li, npj +ki] are disturbed
by the noise and data-pilot interference terms, causing channel
estimation errors. From (20), the estimated channel gain ĥi ∈
C can be obtained by

ĥi =
1

Np

( Np∑
j=1

Y[mpj
+ l̂i, npj

+ k̂i]

zk̂impj

)
/xp, (21)

where l̂i ∈ Z≥0, k̂i ∈ Z denote the estimated delay shift and
Doppler shift, respectively. In (21), an average of the received
SPs is calculated, which realizes the channel estimation and
interference cancellation simultaneously, resulting in accurate
estimation of hi.

Next, we describe how to estimate the normalized delay-
Doppler shifts l̂i, k̂i used in (21). Let b[l, k] ∈ {0, 1} denote
whether a path with delay shift l and Doppler shift k exists
or not, the presence of each path can be distinguished by
comparing the received signal power to the specific threshold
γ, i.e.,

b[l, k] =

{
1,

∑Np

j=1 |Y[mpj
+ l, npj

+ k]| ≥ γ,

0, otherwise.
(22)

In (22), the estimated delay-Doppler shifts l̂i and k̂i are
obtained when we find the indices (l, k) which satisfies
b[l, k] = 1, and the number of paths is P̂ =

∑
l

∑
k b[l, k].

The threshold γ of (22) depends on the specific frame
structure. When using an inappropriate threshold, it becomes
difficult to accurately estimate the delay-Doppler shifts l̂i and
k̂i, leading to channel estimation errors. The causes of such
errors are classified into two cases:

1) A smaller threshold makes the power of the received
interference terms more likely to exceed the threshold,
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Fig. 2. Transmission frame structures for the three OTFS channel estimation schemes considered in this paper.

resulting in the detection of non-existing paths. In (21),
the channel gain ĥi is estimated by dividing the received
symbol Y[mpj

+ l̂i, npj
+ k̂i] by the pilot symbol xp.

Since the received symbol Y composed of interference
and noise has lower power than the pilot symbol xp, its
impact on the channel estimation accuracy is negligible.

2) A larger threshold makes the power of the received
pilot symbols more likely to fall below the threshold,
resulting in the failure to detect existing paths. Assuming
a channel with a uniform power profile, missing even
one path causes a more serious performance degradation
in terms of channel estimation accuracy compared to the
first case.

Based on these characteristics, we need to determine a proper
threshold.

The EP-based scheme has a noise-dependent threshold given
by [13]

γEP = 3
√
σ2, (23)

where σ2 is the noise variance. Similarly, the SP-based scheme
has a threshold depending on the noise and interference terms,
i.e.,

γ
(0)
SP = 3

√
Np(σ2 + σ2

d), (24)

where σ2
d is the average power of data symbols. The SP-

based scheme employs the threshold γ
(0)
SP in the initial stage

of an iterative interference cancellation algorithm, which is
composed of channel estimation and symbol detection. In the
subsequent iteration stages, the threshold should be updated to
a smaller value according to the remaining interference terms.
But, deriving the optimal updated threshold is a challenging
task, as the progress of the interference cancellation depends
on the accuracy of the estimated data symbols and channel
matrices for each trial. Thus, after the initial stage of the
algorithm, the threshold γ

(0)
SP is updated to an interference-

independent threshold given by

γ
(r)
SP = 3

√
Np · σ2 (25)

for r ≥ 1, where r is an iteration index.

The estimated channel matrix Ĥ ∈ CNM×NM is finally
generated from these channel parameters ĥi, l̂i, k̂i and P̂ .

IV. PROPOSED ALGORITHM FOR CODED SCENARIOS

In this section, we propose the iterative algorithm which
eliminates data-pilot interference precisely, utilizing the error
correction capability of the channel coding. We also describe
key techniques used in the proposed algorithm: symbol detec-
tion, channel coding, and interference cancellation process. In
addition, the computational complexity analysis is performed
for the EP-based and SP-based schemes.

A. Symbol Detection

We apply the MP detection algorithm [4], which offers
better performance and lower complexity than the linear
minimum mean square error detection due to the sparsity
of channel matrix. Although outputs of the MP detection
x̂ ∈ CNM×1 are typically given by hard decisions on the
received symbols, the channel decoder requires the LLRs for
every bit. Therefore, we focus on the probability mass function
(PMF) P ∈ RNM×L, corresponding to the probability of the
information symbols on the constellation points of size L,
which is updated in the process of the MP detection. In order
to obtain the LLR information, the matrix Z ∈ RNM×L, which
denotes the logits for every symbol, is calculated by

Z[i, j] = logit(P[i, j]) = log

(
P[i, j]

1−P[i, j]

)
(26)

for i = 0, 1, · · · , NM − 1 and j = 0, 1, · · · , L− 1. The LLR
vector L ∈ RRc is obtained from the matrix Z as

L[k] = log

(
Pr(c[k] = 0|Z)
Pr(c[k] = 1|Z)

)
(27)

for k = 0, 1, · · · , Rc − 1, where Rc denotes the number of
coded bits and c ∈ {0, 1}Rc is the coded bit sequence. From
(26) and (27), the LLR vector L for every bit is passed to the
decoder as input information.
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B. Channel Coding

The channel encoder has the number of the coded bits Rc

and information bits Rb as input parameters, and the coding
rate rc is defined as rc = Rb/Rc. Then, the information bit
sequence b ∈ {0, 1}Rb is encoded to the coded bit sequence
c via the encoder.

By contrast, the channel decoder is designed with the
iterative belief propagation (BP) algorithm, which requires the
number of iterations ILDPC as an input parameter. The BP
decoder performs error correction using the input LLR vector
L, and provides the estimated bit sequence b̂ ∈ {0, 1}Rb and
the updated LLR vector L̂ ∈ RRc as outputs. At the end
of the iterative algorithm, the hard-decided bit sequence b̂
is provided. Considering the interference cancellation process,
the decoder provides the soft-decision output, i.e., the updated
LLR vector L̂.

Note that we implement 5G compliant LDPC codes based
on Sionna3, which is an open source library for simulating the
physical layer of wireless and optical communication systems.

C. Proposed Iterative Algorithm

In the SP-based scheme, the received symbols contain
inevitable data-pilot interference, resulting in poor channel
estimation accuracy. Thus, the most of SP-based schemes
perform the interference cancellation for the iterative channel
estimation, using the estimated channel Ĥ and data symbols
x̂d ∈ CNM×1, i.e.,

ỹp = y − Ĥx̂d, (28)

which extracts the received pilot symbols ỹp ∈ CNM×1 from
the received symbols y. By contrary to (28), to perform the
iterative symbol detection, the received data symbols ỹd ∈
CNM×1 are extracted from the received symbols y as

ỹd = y − Ĥxp, (29)

where xp ∈ CNM×1 denotes the pilot symbols known a priori.
Although the refined symbols ỹp and ỹd are used for the
iterative channel estimation and symbol detection, remained
interference induces the error floor in the high SNR region,
which is an open issue in the SP-based scheme.

Against this challenge, to further improve channel estima-
tion accuracy, we propose the iterative algorithm illustrated in
Fig. 3. It is also summarized in Algorithm 1. The proposed
algorithm utilizes the LLR information to generate replicas of
the data symbols, which is motivated by a prior study in a
physical layer security [27].

As opposed to the conventional algorithm in [19], the
proposed one receives the LLR vector L from the MP detector
through (26) and (27), instead of the estimated data symbols
x̂d. The updated LLR vector L̂ is obtained through the LDPC
decoder, and it is converted to the updated logits matrix
Ẑ ∈ RNM×L. Here, the logit Ẑ[i, j] is given by a log

3https://nvlabs.github.io/sionna/

Algorithm 1 Proposed iterative algorithm.
Input: Received symbols y and known pilot symbols xp

1: Initialization: Iteration index is set to r = 1.
2: repeat
3: Channel estimation: Channel parameters P̂ , ĥi, l̂i, and

k̂i are estimated by (21) and (22). The estimated chan-
nel matrix Ĥ is obtained by (13)–(16).

4: Pilot symbol cancellation: The received data symbols
ỹd are extracted by (29).

5: MP detection: The MP detection is performed to obtain
the estimated data symbols x̂d and LLR vector L by
(26) and (27).

6: if r ≤ runc. then
7: The uncoded iteration is applied and the estimated

data symbols x̂d are obtained as outputs of the MP
detector.

8: else
9: The coded iteration is applied and the LLR vector L

is obtained as an output of the MP detector.
10: LDPC decoder: The LDPC decoder performs error

correction to obtain the estimated bit sequence b̂ and
updated LLR vector L̂.

11: LLR to logits: The LLR vector L̂ is converted to the
updated logits matrix Ẑ by (30).

12: Logits to PMF: The logits matrix Ẑ is converted to
the updated PMF matrix P̂ by (31).

13: Symbol replica generation: As described in (32),
the soft-decision symbol replicas x̂d are generated
from the PMF matrix P̂.

14: end if
15: Data symbol cancellation: The received pilot symbols

ỹp are extracted by (28), which is utilized for the next
channel estimation instead of y.

16: r ← r + 1.
17: until A stopping criteria is satisfied.
Output: Estimated bit sequence b̂ obtained in Line 10

probability for j-th symbol point xj ∈ C on a constellation
set X of size L, i.e.,

Ẑ[i, j] = log(Pr(xj ∈ X |L̂i))

=

K−1∑
k=0

log

(
1

1 + exp (−L̂i[k]b(xj)k)

)
, (30)

for k = 0, 1, · · · , log2 L − 1, where L̂i ∈ Rlog2 L is the LLR
information vector corresponding to each symbol, and b(xj)k
represents the k-th bit label of xj , with 0 replaced by −1.
The logits matrix Ẑ is converted to the updated PMF matrix
P̂ ∈ RNM×L, which can be calculated by

P̂[i, j] =
1

1 + exp (−Ẑ[i, j])
. (31)

The soft-decision symbol replicas x̂d are generated by com-
puting a sum of the weighted constellation points xj according
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Fig. 3. Proposed iterative algorithm with channel coding.

to its probability distribution, i.e.,

x̂d[i] =

L−1∑
j=0

P̂[i, j] · xj , (32)

which are finally utilized to the data symbol cancellation given
by (28).

As described in Algorithm 1, there exist two iterative
processes, uncoded and coded iterations. On one hand, the
uncoded iteration process, which is identical to the conventinal
algorithm in [19], has low computational complexity but it
suffers remained interference in the high SNR region. On the
other hand, the coded iteration process eliminates data-pilot
interference precisely, but it has increased computational com-
plexity because of additional operations such as the decoding
and symbol replica generation. Here, let runc. and rcod. be the
number of uncoded and coded iterations, respectively, which
are thresholds for switching two processes. The total number
of iterations is given by rend = runc.+ rcod. and is a stopping
criteria for the iterative algorithm. Considering a trade-off
between the channel estimation accuracy and computational
complexity, we can adjust these parameters runc., rcod., and
rend so as to implement the proposed algorithm in a flexible
manner. Details are discussed in Section V.

D. Computational Complexity
The computational complexities of the EP-based [13],

single SP-based [19], and multiple SP-based schemes are
summarized in Table I, where IMP denotes the number of
iteration for the MP detection. From (21) and (22), channel
estimation processes have the complexity depending on the
channel parameters P, lmax, kmax, and the number of pilots
Np. From (28) and (29), the interference cancellation pro-
cesses are expected to have quadratic complexities due to
matrix multiplications, but actual complexities are alleviated
because the channel matrix H and pilot symbols xp have only
P and Np nonzero elements in each column, respectively.
According to [4], the MP detector has a linear complexity
in N and M . The BP-based LDPC decoder has a complexity
of O(JRcILDPC) ≈ O(RcILDPC), assuming a sparse parity-
check matrix which contains J ones in each column, i.e.,
Rc ≫ J [28]. From (30), the LLR information for log2 L
bits is converted to the logits information for L constellation
points, resulting in a complexity of O(NML log2 L). From
(31) and (32), the conversion of the logits to PMF and the
symbol replica generation have complexities of O(NML).

As shown in Table I, the SP-based schemes have high
complexities compared to the EP-based scheme, because of
the iterative processes such as the interference cancellation
and symbol replica generation. By contrary, the computational
complexities of the single SP-based and multiple SP-based
schemes are almost identical because the number of pilots
Np only affects the channel estimation and pilot symbol
cancellation processes, which are not dominant factors in the
practical assumption, i.e., N,M,Rc ≫ P, lmax, and kmax.

V. SIMULATION RESULTS

In this section, we compare the EP-based [13], single SP-
based [19], and proposed multiple SP-based schemes. As a
reference, the perfect CSI (PCSI) case is considered for the
SP-based arrangement in order to investigate the optimality
of the proposed algorithm. In addition, we demonstrate the
advantage of the proposed algorithm through numerical sim-
ulations. Unless otherwise specified, we consider an LDPC-
coded OTFS system with QPSK signaling (L = 4) and the
coding rate of rc = 0.75 where the number of timeslots
and subcarriers are N = M = 15, the carrier frequency is
fc = 4 GHz, and the subcarrier spacing is ∆f = 15 KHz.
We apply the doubly-selective fading channel with the number
of paths P = 4, where each channel gain follows i.i.d
complex Gaussian distribution with uniform power profile
hi ∈ CN (0, 1/P ), which follows [29]. The normalized
delay shift li and Doppler shift ki are randomly generated
in the intervals [0, lmax] and [−kmax, kmax], similar to [19].
Note that we set fixed maximum delay shift lmax = 4
and Doppler shift kmax = 2, which correspond to delay
spread τmax = lmax/(M∆f) = 17.8 µs and Doppler spread
νmax = kmax/(NT ) = 2.0 kHz, respectively. Given these
parameters, the maximum number of pilots is Np = 9 for the
multiple-SP scheme, in accordance with the constraint of the
pilot assignment scheme described in Section III.

A. SNR Definition

In the prior studies [13, 19], symbol-by-symbol data and
pilot SNRs are defined individually. Since the EP and SP-based
schemes have different number of data symbols per frame, the
conventional definition causes unfair comparisons in terms of
the effective transmission power. Thus, we apply a proper SNR
definition to perform fair comparisons between each scheme.

Firstly, an effective SNR, which considers the power of
data and pilot signals together, is defined by SNR = Es/N0,
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TABLE I
COMPUTATIONAL COMPLEXITIES ASSOCIATED WITH THE EP-BASED [13], SINGLE SP-BASED [19], AND MULTIPLE SP-BASED SCHEMES.

EP-based scheme Single SP-based scheme Multiple SP-based scheme
Channel estimation 6P + (lmax + 1)(2kmax + 1) = O(P + lmaxkmax) O(rend(P + lmaxkmax)) O(rendNp(P + lmaxkmax))

Pilot symbol cancellation O(P +NM) O(rend(P +NM)) O(rend(PNp +NM))
MP detection O(IMPNMPL) [4] O(rendIMPNMPL)

LDPC decoder O(RcILDPC) [28] O(rcod.RcILDPC)
LLR to logits - (rcod. − 1)O(NML log2 L) = O(rcod.NML log2 L)
Logits to PMF - (rcod. − 1)O(NML) = O(rcod.NML)

Symbol replica generation - (rcod. − 1)O(NML) = O(rcod.NML)
Data symbol cancellation - (rend − 1)NM(P + 1) = O(rendNMP )

where Es denotes the total transmission power per frame and
N0 = σ2 · NM is the noise variance associated with NM
symbols. The total power Es is distributed to data and pilot
power denoted as Ed and Ep, which satisfies Es = Ep +Ed.
Using a parameter α ∈ [0, 1], the superimposed pilot power
ratio is given by Ep/Ed = α/(1−α). Next, the average power
of data and pilot symbols are defined by σ2

d = Ed/Nd and
σ2
p = Ep/Np, where Nd and Np denote the number of data

and pilot symbols per frame. Finally, assuming the normalized
noise variance σ2 = 1, data and pilot symbols are generated
as |xd[m,n]|2 = σ2

d and |xp|2 = σ2
p.

Setting the pilot power ratio α is a nontrivial task. A low
α induces poor channel estimation accuracy due to data-pilot
interference, whereas a high α worsens reliability because of
insufficient data power. The optimal α depends on multiple
factors, such as SNR, modulation order, and the specific
pilot assignment scheme, making it challenging to derive a
closed-form solution. Therefore, in this paper, α is explored
through preliminary simulations to minimize the uncoded BER
performance. The parameter search is conducted separately for
the EP and SP-based schemes, as the optimal α differs between
the two. The search range is set from α = 0.1 to α = 0.9, with
a step size of 0.1. By adaptively determining α for each SNR,
the data and pilot power can be allocated in such a way that
each scheme achieves near-optimal throughput performance.
These simulations only need to be computed once offline, and
both the time and space complexities are negligible.

B. Performance Metrics

To characterize the performance of each scheme in a
comprehensive manner, we apply three metrics; reliability,
channel estimation accuracy, and spectral efficiency. Following
prior studies, reliability and channel estimation accuracy are
evaluated by BER and NMSE, respectively. The NMSE of the
channel matrices is defined as

NMSE =
E[∥Ĥ−H∥2F]

E[∥H∥2F]
. (33)

As a performance metric for spectral efficiency, we focus
on the effective throughput which depends on the block error
rate (BLER), defined as [30]

T̄u ≜
(1− BLER)Ndrc log2 L

NM
. (34)

This metric is suitable to evaluate system performance, taking
into account multiple factors such as the modulation order, the
coding rate, and the pilot overhead.

C. Effects of the Switching Parameters (runc., rcod., rend)

To confirm the advantage of the proposed algorithm, we
investigated the relation between the channel estimation accu-
racy and iteration parameters such as runc., rcod., and rend. In
this section, we consider the multiple SP-based scheme with
the maximum number of SPs, i.e., Np = 9.

Fig. 4 shows NMSE comparisons upon increasing the
number of iteration with a fixed stopping criteria rend = 5
and SNR values 10, 12.5, and 15 dB. Since the parameter
runc. denotes the number of the uncoded iterations, the case
of runc. = 0 corresponds to the proposed algorithm composed
only of the coded iterations. Contrary, in the case of runc. = 4,
it is composed of the uncoded iterations, except for the last
stage of the algorithm. As can be seen in Fig. 4, a smaller
value of runc., i.e., a larger number of coded iterations, resulted
in better channel estimation accuracy. This characteristic was
significant at the high SNR. It was also found that the proposed
algorithm improved channel estimation accuracy by increasing
the number of iterations r, but it tended to converge after a
few trials. Based on these results, a stopping criteria is set to
rend = 4 in following simulations.

Fig. 5 shows an NMSE comparison for the number of
uncoded iteration 0 ≤ runc. ≤ 3. In Fig. 5, the superimposed
pilot power ratio is fixed at α = 0.5.4 Note that in the case of
runc. = 3, the LLR information is not used for symbol replica
generation, which is equivalent to the conventional algorithm
[19] in coded scenarios. It can be observed from Fig. 5 that
the coded iteration process improved the channel estimation
accuracy and its advantage was clear in the high SNR region.
For runc. = 0, 1, and 2, the NMSE characteristics changed
depending on a specific SNR, because the accuracy of the
symbol replicas depends on the error correction capability of
the decoder. These results indicate that runc. = 0 is the best
parameter setting in terms of the channel estimation accuracy.

In addition, Fig. 6 shows computational complexity com-
parison as a function of the number of iterations r, which is
calculated from the complexity orders summarized in Table I.
As expected, computational complexity increased depending
on the number of iterations. The coded iteration requires
additional processes such as decoding and symbol replica
generation, which result in increased complexity.

4Since the channel estimation accuracy depends on the pilot power,
employing an adaptive α leads to fluctuations in NMSE performance
as SNR increases. In order to investigate the effects of the parameters
(runc., rcod., rend), a fixed α is appropriate for NMSE comparisons.
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Fig. 4. NMSE comparison upon increasing the number of iterations r, where the stopping criteria was rend = 5.
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Fig. 5. NMSE comparison for the multiple SP-based scheme with the number
of pilots Np = 9, where we set iteration parameters 0 ≤ runc. ≤ 3 and a
fixed stopping criteria rend = 4.
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Fig. 6. Computational complexity comparison upon increasing the number
of uncoded iteration runc., based on the complexity orders summarized in
Table I.

From Figs. 4–6, we observed the trade-off between the
channel estimation accuracy and computational complexity.
Since the iterative parameters are mutable under the condition
runc. + rcod. = rend, the proposed algorithm can be adjusted
to achieve the desirable performance while minimizing com-
putational complexity.

D. Performance Comparison

Through performance comparisons among the EP-based,
single SP-based, and multiple SP-based schemes, we con-
firmed the advantage of our proposed approaches. Before a
detailed discussion, we describe the parameter settings for
following simulations. The multiple SP-based scheme allo-
cates Np = 3, 6, and 9 pilots per frame. For the single
and multiple SP-based schemes, we employed the iterative
parameters runc. = 3 and rend = 4, corresponding to
the conventional algorithm [19]. In addition, we employed
runc. = 0 and rend = 4 for the SP-based scheme with
Np = 9, which is labeled as Iter. alg. in the following figures.
As clarified in the previous section, these parameters realize
the best interference cancellation performance with a high
computational complexity trade-off.

First, Fig. 7 shows a coded BER comparison. It can be seen
from Fig. 7 that the EP-based scheme achieved the best BER
performance at the cost of guard space, resulting in a lower
transmission rate. Comparing the SP-based schemes with the
conventional algorithm, the BER performance was improved
by increasing the number of pilots Np. In addition, the BER
performance was further enhanced by applying the proposed
algorithm for the multiple SP-based scheme with Np = 9.
These results demonstrated the advantage of the proposed pilot
assignment scheme and iterative algorithm.

Next, Fig. 8 shows an NMSE comparison for each scheme.
As in Fig. 5, the superimposed pilot power ratio is fixed at
α = 0.5. As with the case of the BER comparison in Fig. 7, it
can be seen from Fig. 8 that the EP-based scheme achieved the
best NMSE performance and the multiple SP-based scheme
outperformed the single SP-based scheme. Due to the refined
symbol replicas based on the LLR information, the proposed
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Fig. 7. Coded BER comparison for the EP-based [13], single SP-based [19],
and multiple SP-based schemes with the number of pilots Np = 3, 6, and 9.
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Fig. 8. NMSE comparison for the EP-based [13], single SP-based [19], and
multiple SP-based schemes, where the parameters were the same as those
used in Fig. 7, except for the superimposed pilot power ratio α.

algorithm achieved comparable NMSE performance to that of
the EP-based scheme in the intermediate-to-high SNR region.

Thirdly, Fig. 9 compared the normalized effective through-
put given by (34), where we considered the EP-based scheme
with QPSK, 8-PSK, and 16-QAM. The effective throughput
performance under the PCSI assumption was also plotted as
a reference. In Fig. 9(a), we considered the equal coding rate
rc = 0.75, and the different transmission rate between the EP-
based and SP-based schemes. The number of data symbols Nd

for each scheme is given by{
Nd,EP = NM − (2lmax + 1)(4kmax + 1),

Nd, SP = NM.
(35)

Then, the SP-based schemes improved the transmission rate
by 56% in our simulation parameters. As a result, except for
the result assuming PCSI, the EP-based scheme with QPSK
showed the throughput gain in the low SNR region, while the
multiple SP-based scheme with the coded iteration process
achieved the best performance in the intermediate SNR region.

Given a specific target rate for each scheme, which one
achieves the largest gain? To investigate the best scheme in
terms of throughput, Fig. 9(b) compared the normalized ef-
fective throughput, where we adjusted the coding rates among
the EP-based and SP-based schemes to match the transmission
rate to almost 1.5 bit/sym. Through the transmission rate
matching, the coding rates of the EP-based scheme with
8-PSK and 16-QAM were determined as rc ≈ 0.78 and
rc ≈ 0.59, respectively. The EP-based scheme with QPSK was
also evaluated in Fig. 9(b) as a benchmark, but it exceptionally
assumed the uncoded scenario because the transmission rate
in that case was less than 1.5 bit/sym despite rc = 1.

Under the equal transmission rate assumption, the multiple
SP-based scheme with Np = 9 achieved the best throughput
performance in entire SNR region. In terms of the effective
throughput, it can be seen from Fig. 9(b) that maximizing
the number of pilots Np for the multiple SP-based scheme
is the best solution, compared to adjust the modulation order
and coding rate for the EP-based scheme. We also found that
the effective throughput is further enhanced by employing
the proposed algorithm under the optimal parameter setting
demonstrated in Fig. 5.

E. Effects of the Increased Modulation Order

Through a performance comparison with 16-QAM signaling
(L = 16), we investigated the effects of the increased
modulation order. To compensate for the reduced reliability
caused by the higher modulation order, we set the coding
rate rc = 0.5 for the SP-based schemes. As for the EP-based
scheme, we set rc = 0.5 as well, and in order to match the
transmission rates among all schemes, we also set rc ≈ 0.78.

Finally, Fig. 10 compared the normalized effective through-
put with 16-QAM signaling. To match the transmission rates
among all schemes, we set the coding rate rc ≈ 0.78 for the
EP-based scheme. As shown in Fig. 10, the SP-based schemes
achieved better throughput compared to the EP-based scheme,
even in the case of 16-QAM signaling. Focusing on the SP-
based schemes with the conventional algorithm, the case of
single SP showed the best throughput, which indicates that the
multiple SP-based schemes reduce interference cancellation
performance due to the increased modulation order. Contrary,
the SP-based scheme achieved throughput improvement by
employing the iterative algorithm with symbol replica gen-
eration. This result demonstrated that the advantage of the
proposed algorithm is independent of the modulation order.

VI. CONCLUSION

In this paper, we proposed the novel pilot assignment
scheme with multiple SPs and iterative algorithm suitable
for coded OTFS systems. While the conventional single SP-
based scheme suffered serious data-pilot interference in the
high SNR region, the proposed scheme with multiple SPs
realized the channel estimation and interference cancellation
simultaneously, resulting in the improved throughput. Contrary
to the EP-based scheme, the multiple SP-based scheme did
not require the guard space, which also contributed to the
increased throughput. Focusing on the property that the quality
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Fig. 9. Normalized effective throughput comparisons where we considered the EP-based scheme with QPSK, 8-PSK, and 16-QAM.
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Fig. 10. Normalized effective throughput comparison with 16-QAM signaling.

of the interference cancellation relies on the accuracy of data
symbols, we incorporated the channel decoder into the iterative
algorithm. As a result, utilizing the refined symbol replicas
based on the LLR information, the proposed algorithm further
enhanced the throughput performance. In addition, based on
the unified transmission rate and fair SNR definition, we
demonstrated the advantage of the proposed pilot assignment
scheme and iterative algorithm in terms of the effective
throughput, compared with the conventional EP-based and
single SP-based schemes, with QPSK and 16-QAM signaling.
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