arXiv:2010.15396v3 [cs.IT] 21 Jan 2021

This work has been submitted to the IEEE for possible publication. Copyright may be transferred without notice, after which this version may no longer be accessible.

© 2020 IEEE. Personal use of this material is permitted. Permission from IEEE must be obtained for all other uses, in any current or future media, including reprinting/republishing this material for advertising or promotional purposes, creating new collective works, for resale or redistribution to servers or lists, or reuse of any copyrighted component of this work in other works.

Channel Estimation and Equalization for CP-OFDM-based OTFS in Fractional Doppler Channels

Noriyuki HASHIMOTO^†, Noboru OSAWA^†, Kosuke YAMAZAKI^†, and Shinsuke IBI^{††} †KDDI Research, Inc.,^{††}Doshisha University {ni-hashimoto, nb-oosawa, ko-yamazaki}@kddi-research.jp, sibi@mail.doshisha.ac.jp

Abstract—Orthogonal time frequency and space (OTFS) modulation is a promising technology that satisfies high-Doppler requirements for future mobile systems. OTFS encodes information symbols and pilot symbols into the two-dimensional (2D) delay- Doppler (DD) domain. The received symbols suffer from inter- Doppler interference (IDI) in fading channels with fractional Doppler shifts sampled at noninteger indices in the DD domain. The IDI has been treated as an unavoidable effect because the fractional Doppler shifts cannot be obtained directly from the received pilot symbols. This paper provides a solution to channel estimation for fractional Doppler channels with lower computational complexity than a conventional channel estimation method using a pseudo sequence. The proposed estimation provides new insight into the OTFS input-output relation in the DD domain as a 2D circular convolution with a small approximation. According to the input-output relation, we also provide a lowcomplexity channel equalization method using the estimated channel information. We demonstrate the error performance of the proposed channel estimation and equalization in a high- Doppler channel by simulations. The simulation results show that the proposed channel estimation method outperforms the conventional channel estimation. The results also show that the proposed equalization method has a similar performance to the minimum mean square error equalizer using matrix inversion.

I. INTRODUCTION The requirements for future mobile systems are extremely various and strict [1]. For example, the mobility requirement is up to 500 km/h in 5G. Moreover, future mobile systems will require mobility of more than 500 km/h. Future mobile systems are also expected to be launched for nonterrestrial coverages, e.g., underwater, unmanned-aerial-vehicles (UAVs), and low-earth-orbit (LEO) satellites. Due to high Doppler shifts in these environments, orthogonal frequency division multiplexing (OFDM) designed for lower-Doppler environments is no longer effective for these applications.

Orthogonal time frequency and space (OTFS) modulation is a promising technique for addressing this challenge. OTFS was first proposed in [2], [3] where the authors demonstrated that OTFS has outstanding performance compared to the performance of OFDM in high-mobility environments with higher orders of MIMO systems and millimeter-wave systems. Many studies have been performed on OTFS in high-mobility environments [4]–[8] and its application to underwater acoustic channels [9].

In OTFS, all information symbols are mapped onto the two dimensional (2D) delay-Doppler (DD) domain, and the wireless channel is also represented in the DD domain. In [4], unavoidable inter-Doppler interference (IDI) is reported to occur in wireless channels composed of multiple paths with the fractional Doppler that cannot be expressed in an integer index in the DD domain. We will refer to these channels as fractional Doppler channels. The reason why the IDI is unavoidable is that the system cannot obtain the fractional Doppler of each path directly. The message passing (MP) algorithm is also proposed for signal detection to mitigate the IDI in the paper, but this fractional Doppler degrades the sparsity of the channel matrix and complicates the algorithm. In principle, the IDI can be avoided if the fractional Doppler is obtained because the OTFS input-output relation in the DD domain can be expressed as a linear equation. The general channel estimation method for OTFS is to obtain the channel response of the transmitted pilot signals in the DD domain [5]. Using this method, the system can only obtain the channel response indexed to integer numbers in the DD domain. It is possible to mitigate the IDI effect by increasing the resolution in the Doppler domain, but this reflects on lengthening the scheduling interval of the radio resources. In [7], the pseudo-noise (PN)-sequencebased channel estimation method is proposed to estimate the Doppler shift of each path, but the system requires a heavy computational load for accurate estimation of the fractional part.

In this paper, we propose a novel channel estimation method that can handle the fractional Doppler using the pilot response in the DD domain. We also propose a novel low-complexity channel equalization method for OTFS by using the estimated channel information. Our contributions can be summarized as follows:

• We analyze the IDI caused by the fractional Doppler and the observed channel response of pilot signals in the DD domain. Based on the analysis, we propose a novel crosscorrelation-based channel estimation algorithm.

• We formulate an OTFS input-output relation expressed as a 2D circular convolution with a small approximation derived from general channel characteristics. We also propose a novel low-complexity channel equalization method based on this convolutional expression using the proposed channel estimation method.

• Using simulation, we show that the OTFS system using

Fig. 1. System model for OTFS with rectangular pulse shaping and cyclic prefix (CP-OFDM-based OTFS).

the proposed channel estimation has better performance than the PN-sequence-based estimation and similar performance with matrix inversion type equalizer in highmobility channels.

Notation: Boldface capital letters represent matrices, and lower-case letters represent column vectors. The transpose, conjugate, conjugate transpose, and inverse of a matrix are denoted by (·)^T, (·)^∗, (·)^H, and (·)^{−1}, respectively. ⊛ is the circular convolution operation. The operator vec{} denotes the vectorization of a matrix. (·)_M is the modulo operator of divider M.

II. SYSTEM MODEL In this section, we first review the basic principle of OTFS proposed in [2]. Then, we explain the CP-OFDM-based OTFS system [8] that we consider in this paper. The overview of the CP-OFDM-based OTFS system is shown in Fig. 1

A. Basic principle of OTFS

In the OTFS modulation, information symbols (e.g., QAM symbols) are mapped onto the DD domain. The transmitter converts DD domain symbols X^{DD}[l, k] into the frequencytime (FT) domain symbols X^{FT}[m, n] using the inverse symplectic finite Fourier transform (ISFFT) as

X^{FT}[m, n] = 1 √ MN N−1∑ k=0 M−1∑ l=0 X^{DD}[l, k]e^{−j2π}(^{mlM − nkN} ). (1) where M and N are the numbers of delay and Doppler bins in the DD domain, respectively.

A time-domain transmit signal s(t) is given by applying the Heisenberg transform to X^{FT}[m, n] as described by s(t) = N−1∑ n=0 M−1∑ m=0 X^{FT}[m, n]e^{j2πmΔf (t−nT )}g_{tx}(t − nT ) (2) where g_{tx}(t) is the transmit pulse shape, and T and Δf are the sampling and frequency intervals, respectively, in the FT domain.

The time-domain received signal r(t) in the doubly-selective fading channels is expressed as described by r(t) = ∫ ∫ h(τ, ν)e^{j2πν(t−τ )}s(t − τ)dτdν (3) where h(τ, ν) is the complex-valued Doppler-variant channel impulse response characterized by delay τ and Doppler frequency ν. Assuming a ray-based quasi-static propagation channel, h(τ, ν) is given as

h(τ, ν) = P∑ p=1 h_pδ(τ − τ_p)δ(ν − ν_p) (4)

where P is the number of propagation paths, and δ(·) denotes the Dirac delta function. Each path is represented by attenuation h_p, delay τ_p, and Doppler frequency ν_p for the p-th path. The delay and Doppler values for the p-th path is given as τ_p =^{lτp}_{MΔf} and ν_p =^{kνp +κνp}_{NT} , where l_{τp} and k_{νp} represent the integer indices of the delay and the Doppler bins in the DD domain, respectively, and κ_{νp} is the fractional Doppler that uses a noninteger index to represent ν_p. We consider fractional delays outside the system using the fractional delay filter theory [10].

The receiver performs matched filtering with the receive pulse shape g_{rx}(t). This operation is known as the crossambiguity function A_{grx ,r}(τ, ν) and is given by A_{grx,r}(τ, ν) ≜ ∫ e^{−j2πν(t−τ )}g^∗_{rx}(t − τ)r(t)dt. (5)

The FT domain received symbols Y^{FT}[m, n] is obtained by sampling the cross-ambiguity function A_{grx ,r}(τ, ν) according to Y^{FT}[m, n] = A_{grx,r}(τ, ν)|_{τ =nT,ν=mΔf} . (6) This transformation from the 1D continuous signal r(t) to the 2D symbols Y^{FT}[m, n] is called the discrete Wigner transform and is the inversion of the Heisenberg transform.

Finally, the receiver performs the symplectic finite Fourier transform (SFFT) to obtain the DD domain received symbols Y^{DD}[l, k] as described by

Y^{DD}[l, k] = 1 √ MN N−1∑ n=0 M−1∑ m=0 Y^{FT}[m, n]e^{−j2π}(^{nkN − mlM} ). (7) B. Rectangular Pulse Shaping with Cyclic Prefix To simplify the basic principle of OTFS, let us define the system model in the matrix representations. We consider the OFDM system using the cyclic prefix time guard interval (CP- OFDM) based OTFS system with a single transmit antenna and single receive antenna. The CP-OFDM-based OTFS system is characterized by the rectangular transmit pulse shape that is 1/ √ T for t ∈ [0, T ) and 0 at all other values, and rectangular receive pulse shape, which is 1/ √ T for t ∈ [−T_{CP}, T ) and 0 at all other values, where T_{CP} is the length of CP.

By introducing the rectangular transmit pulse shape, (2) can be expressed by a symbol-by-symbol block S ∈ C^{M ×N} as S = 1 √ T F^H_M X^{FT} = 1 √ T X^{DD}F^H_N (8)

where X^{FT} ∈ C^{M×N} and X^{DD} ∈ C^{M ×N} are matrices composed of X^{FT}[m, n] and X^{DD}[l, k], respectively, and F_M ∈ C^{M ×M} and F_N ∈ C^{N×N} are the discrete Fourier transform (DFT) matrices. The CP-OFDM-based OTFS system adds N_{CP}-length CP for each OFDM symbol s_n ∈ C^M that corresponds to s(t) for (n − 1)T ≤ t < nT in (2) and the column vector of S (= [s_1, s_2, . . . , s_N ]), to avoid the inter-symbol interference (ISI) among the OFDM symbols via the CP addition matrix A_{CP} ∈ C^{(M +NCP )×M} . Finally, the transmitter performs parallel to serial conversions to obtain a transmit signal with CPs s ∈ C^{(M +NCP )N} in the time domain as described by

s = vec{A_{CP}S} = 1 √ T vec{A_{CP}X^{DD}F^H_N }. (9) Due to the rectangular pulse shape and avoidance of the ISI with CPs, the n-th received OFDM symbol r_n ∈ C^M after CP removal can be given by

r_n = H_ns_n + z_n (10)

where H_n ∈ C^{M×M} is the channel matrix of the n-th OFDM symbol, and z_n ∈ C^M is the additive noise vector with a zeromean complex normal distribution with variance σ. Assuming a ray-based quasi-static propagation channel, H_n is expressed as H_n = P∑ p=1 h_pe^{jϕp} Δ_{n,kνp ,lτp} Π_{lτp} (11) where ϕ_p ∈ [0, 2π), Δ_{n,kνp ,lτp} ∈ C^{M ×M} , and Π_{lτp} ∈ R^{M×M} denote the initial phase, the Doppler shift matrix, and the delay matrix, respectively, for the p-th path. The Doppler shift matrix is expressed by Δ_{n,kνp ,lτp} ≜ diag[ω^{(M+NCP)(n−1)+NCP−lτp} , ω^{(M+NCP)(n−1)+NCP−lτp +1}, .., ω^{(M+NCP)n−lτp −1}] where ω = e j2π(kνp +κνp ) (M +NCP)N . The delay matrix

Π_{lτp} is the forward cyclic shifted permutation matrix according to delay l_{τp} in the DD domain.

The receiver performs M-point DFT on the n-th OFDM symbol in the time domain to obtain the frequency domain symbol vector y^{FT}_n ∈ C^{M×1} as

y^{FT}_n = F_M r_n

= F_M (H_ns_n + z_n) = F_M H_nX^{DD}f^*_n + F_M z_n

(12)

where f_n ∈ C^N is the n-th column vector of F_N . Let Y^{FT} ≜ [y^{FT}_1 , y^{FT}_2 , ..., y^{FT}_N ] ∈ C^{M ×N} denote the 2D received symbols in the FT domain. Applying the SFFT to Y^{FT}, we obtain the DD domain symbol matrix Y^{DD} ∈ C^{M ×N} as

Y^{DD} = F^H_M Y^{FT}F_N = N∑ n=1 F^H_M y^{FT}_n f^T_n

= N∑ n=1 H_nX^{DD}f^∗_nf^T_n + z_nf^T_n .

(13)

Based on (11) and (13), each element Y^{DD}[l, k] of Y^{DD} without the noise term can be expressed as

Y^{DD}[l, k] = N∑ n=1 M−1∑ l^′ =0 N−1∑ k^′ =0 [_P ∑ p=1 h_pδ((l − l^′)_M − l_{τp} )e^{jϕp} ·e^{j2π(kνp +κνp )} (M +NCP)(n−1)+NCP−lτp +l (M +NCP)N ]

· X^{DD}[l^′, k^′]e^{−j2π (n−1)(k−k′ )N} = M−1∑ l^′ =0 N−1∑ k^′ =0

X^{DD}[l^′, k^′]Λ_l[(l − l^′)_M , (k − k^′)_N ].

(14)

∵ Λ_l[(l − l^′)_M , (k − k^′)_N ] ≜ P∑ p=1 h_pe^{jϕp} δ((l − l^′)_M − l_{τp} ) · Υ_N ((k_{νp} + κ_{νp} − (k − k^′))_N ) · ψ_p[l] ∵ Υ_N (x) ≜ N∑ n=1 e^{j2π(n−1) xN} = sin(πx) sin ( π^x_N ) e^{jπ x(N −1)}N

∵ ψ_p[l] ≜ e^{j2π(kνp +κνp )} NCP−lτp +l (M +NCP)N

The vectorized version of Y^{DD} can be represented as

y^{DD} = vec{Y^{DD}}

= (F_N ⊗ I_M )H(F^H_N ⊗ I_M )x^{DD} + (F_N ⊗ I_M )z = Φx^{DD} + (F_N ⊗ I_M )z

(15)

where H = diag[H_1, H_2, . . . , H_N ], x^{DD} = vec{X^{DD}}, z = [z^T_1 , z^T_2 , . . . , z^T_N ]^T, and Φ = (F_N ⊗ I_M )H(F^H_N ⊗ I_M ).

III. FRACTIONAL DOPPLER ANALYSIS Equation (14) indicates that the received symbols Y^{DD}[l, k] are affected by the fractional Doppler through Υ_N ((k_{νp} + κ_{νp} − (k − k^′))_N ). Considering Υ_N (k + κ), k ∈ Z, κ ∈ [0, 1), Υ_N (k + κ) is localized at k only in the absence of fractional Doppler (κ = 0). By contrast, nonzero values of 0 < |Υ_N (k + κ)| < N appear according to κ at any k when κ ≠ 0. Thus, this is the source of the IDI.

Let us consider the channel response H̃^{DD}_{i,j} [l, k] of a pilot signal X^{DD}_{i,j} [l, k] in the DD domain

X^{DD}_{i,j} [l, k] = { 1 if l = i, k = j 0 otherwise

. (16)

From (14), the channel response of the pilot signal can be written as

H̃^{DD}_{i,j} [l, k] =^P ∑ p=1 h_pδ((l − i)_M − l_{τp} )e^{jϕp} ψ_p[l] · Υ_N ((k_{νp} + κ_{νp} − (k − j))_N ).

(17)

The pilot signal is observed from the above equation as multiple paths with an integer Doppler shift that is different from the actual Doppler shift in the Doppler domain over the fractional Doppler channels. Since the observed Doppler shifts are different from the actual Doppler shift, the direct use of the information from (17) for signal detection results in detection error unless the inversion operation in (14) is performed.

IV. CHANNEL ESTIMATION In this section, we propose a channel estimation method using the cross-correlation of H̃^{DD}_{i,j} [l, k] with Υ_N (k+κ) across Doppler domain elements. As shown in (14), the channel can be expressed with following parameters of each path. The proposed method estimates them.

h_p Path gain l_{τp} Path delay represented in the DD domain k_{νp} + κ_{νp} Path (fractional) Doppler represented in the DD domain ψ_p Phase shift due to the Doppler shift ϕ_p Initial phase

The normalized cross-correlation function for all k between H̃^{DD}_{i,j} [l, k] on the l-th delay bin and Υ_N (k +κ) with parameter κ corresponding to the fractional Doppler is given by

R_{Hl,Υ}(k + κ) = 1 N^2 N−1∑ k^′ =0

H̃^{DD}_{i,j} [l, k^′]Υ^∗_N ((k^′ − (k + κ))_N ).

(18)

Algorithm 1 Proposed Channel Estimation Input: Pilot response matrix H̃^{DD}_{i,j} , thresholds α and β, and noise variance σ^2 Initialize p̂ ⇐ 1 for each delay l do Initialize a vector h^′ ⇐ H̃^{DD}_{i,j} [l, :] repeat

for each integer Doppler k and fractional Doppler κ do Calculate R_h′_{,Υ}(k+κ) using h^′, and form a vector R_h′_{,Υ} end for Find k̂ + κ̂ with the maximum value of |R_h′_{,Υ}| if |R_h′_{,Υ}(k̂ + κ̂)| > ĥ_{p̂−1} then

break end if Estimate k̂ν_{p̂} + κ̂ν_{p̂} , l̂τ_{p̂} , ĥ_{p̂}, ψ̂_{p̂}, and ϕ̂_{p̂} according to (19) Update h^′ ⇐ h^′ − ĥ_{p̂}e^{jϕ̂p̂}ψ̂_{p̂}[l̂τ_{p̂} ]ΥN (k̂ν_{p̂} + κ̂ν_{p̂} ) Update p̂ ⇐ p̂ + 1 until Stopping criteria of (20) end for Output: Path parameters k̂ν_{p̂} + κ̂ν_{p̂} , l̂τ_{p̂} , ĥ_{p̂}, and ϕ̂_{p̂} for all p̂

For simplicity, let us consider a channel having a single path on the l-th delay bin and the pilot signal in the DD domain of i = j = 0. When the estimated Doppler index k̂ + κ̂ matches the actual Doppler index k_{νp} + κ_{νp} of the p-th path, this function reaches the highest magnitude, i.e., |R_{Hl,Υ}(k̂ + κ̂)| = h_p. Therefore, by finding the highest magnitude of the function with k̂ + κ̂, we can completely estimate the channel parameters for the l-th delay bin as follows:

k̂_{νp̂} + κ̂_{νp̂} = k̂ + κ̂, l̂_{τp̂} = l, ĥ_{p̂} = |R_{Hl ,Υ}(k̂_{νp} + κ̂_{νp} )|, ψ̂_{p̂} = e^{j2π(k̂ν}p̂^{+κ̂ν}p̂^{) NCP−l̂τp̂}(M +N_{CP})N , e^{jϕ̂p̂} = R_{Hl,Υ}(k̂_{νp̂} + κ̂_{νp̂} ) |R_{Hl,Υ}(k̂_{νp̂} + κ̂_{νp̂} )| ψ̂^{−1}_{p̂} .

(19)

For multipath scenarios, the estimated path based on (19) is removed from the pilot response H̃^{DD}_{i,j} , and then the estimation is iteratively executed as described in Algorithm 1.

The estimation algorithm for delay l stops when |R_H′_{,Υ}(k̂+ κ̂)| for the estimated Doppler index k̂ + κ̂ satisfies at least one of the following criteria: | |RH′ ,Υ(k̂ + κ̂) | | < { α | |∑N_{i=1} H̃_{DDi,j} [l, i] | | βσ. (20)

where α and β are tuning factors that affect the number of paths to be estimated (let us denote by P̂ ), which is reflected in the performance and computational load. By using the fast Fourier transform (FFT) algorithm for the crosscorrelation, the computational complexity of the algorithm can be expressed by O(P̂ DMN log N), where D is the resolution of the fractional Doppler κ to find, e.g, D = 10 (=0.1 interval). Once the tuning factors are optimized, it does not require to re-tune them. However, the number of paths to be estimated can be varying since it depends on the channel and noise level. The computational load can be controlled by limiting the upper bound of the number of paths to be estimated if there is a restriction in the computational load.

V. CHANNEL EQUALIZATION Based on (14), Λ_l[(l − l^′)_M , (k − k^′)_N ] can be regarded as an effective channel in the DD domain, but it represents different channels according to the delay index l because of the Doppler shift ψ_p[l]. If ψ_p[l] is constant (e.g., no Doppler shift) at any l, the received symbol matrix can be expressed as Y^{DD} = X^{DD} ⊛Λ_l, where Λ_l ∈ C^{M ×N} is the matrix composed of Λ_l[l, k] for l = 0, ..., M −1, k = 0, ..., N −1. Even if ψ_p[l] is not constant, we can observe that differences in ψ_p[l] between a delay bin l and adjacent delay bins are negligibly small. This is because the differences depend on the Doppler index k_{νp} + κ_{νp} and the frame length (M + N_{CP})N from (14), but the frame length is dominant (i.e.,^{kνp +κνp}_{(M+NCP)N} ≪ 1).

In addition, Y^{DD}[l, k] is composed of X^{DD}[l^′, k^′] and Λ_l[(l− l^′)_M , (k−k^′)_N ] with an index l^′ that can only be a close value to the index l in practice because the channel impulse response h(τ, ν) is usually localized (i.e., l_{τp} ≪ M) in the delay domain i.e., Λ_l[(l − l^′)_M , (k − k^′)_N )] = 0 if (l − l^′)_M − l_{τp} > 0. These observations indicate that the l-th symbols of Y^{DD} can be represented by the 2D circular convolution of X^{DD} and Λ^′_l, which is a matrix generated from the constant phase shift ψ_{p,l} defined by the delay index l of Y^{DD}[l, k] instead of ψ_p[l] in (14), as Y^{DD}[l, k] ≈ (X^{DD} ⊛ Λ^′_l)[l, k]. (21)

Since Λ^′_l can be derived from the estimated path parameters described in the previous section, we can obtain the estimated transmit symbols on delay bin l by applying the 2D Wiener deconvolution [11] as

F(X̂^{DD}_l )[η, ξ] =

F(Λ^′_l)^∗[η, ξ] |F(Λ^′_l)[η, ξ]|^2 + σ^2

F(Y^{DD})[η, ξ], (22)

X̂^{DD}[l, k] = F^{−1}(F(X̂^{DD}_l ))[l, k], (23)

where F(·) denotes the 2D DFT, ξ = 0, ..., N − 1, and η = 0, ..., M − 1. The dominant computational complexity of this operation arises from the constructing Λ^′_l rather than the deconvolution, which complexity is O(M^2N log MN). The complexity is O(P̂ M^2N^2) according to (14). This is because Λ^′_l has an M × N size matrix and has a different version of each delay l at the most. Also, the complexity of Υ as a part of Λ_l is O(N). By contrast, the equalization based on the matrix inversion of (15) has O(M^3N^3) complexity.

Note: If channel estimation error exists in Λ_l, the Wiener deconvolution can be empirically adjusted by two following options. The noise variance term in (22) can be considered an adjustable empirical parameter chosen to balance sharpness against noise [11]. Alternatively, the denominator of (22) should be modified locally to avoid zero division or division by a small value when high SNR [12].

TABLE I SIMULATION PARAMETERS

Parameter Value Carrier frequency 0.8 GHz # of subcarriers (M) 256 # of OFDM symbols (N) 14 Subcarrier spacing (Δf) 15 kHz CP length (N_{CP}) 17 samples (6.67% of M) Modulation 16-QAM Channel coding Turbo (1/2 coding rate) w/ 8 iterations Channel profile EVA [13] User speed 500 km/h Resolution of fractional Doppler to find (D) 10

VI. SIMULATION RESULTS

This section presents the bit error performance of the OTFS system with the proposed channel estimation and equalization under different parameters and environments. Table I provides relevant parameters for all evaluations.

For the channel model, fractional delay filters using Farrow structures [10] are used to implement the fractional delay. Each of the Doppler shift is given by Jakes’ formula as

ν_p = ν_{max} cos θ_p (24)

where ν_{max} is the maximum Doppler shift determined by the user speed and angle-of-arrival θ_p that is uniformly distributed over [−π, π). In all simulations, the pilot signals are ideally distorted by the same channel with the information signal and the complex Gaussian noise of the same level as the information signal for simplicity.

We use α and β in (20) of 1/50 and 1/10, respectively. These values show the smallest computational load, which is the smallest number of path to be estimated, within the best performance parameter sets in our prior verification.

To compare the proposed channel estimation method, we consider the PN-sequence-based estimation [7] with the same length of the sequence as the information signal using a successive estimation algorithm similar to the proposed estimation method. The stopping criteria for the algorithm is adjusted so that the number of paths to be estimated is closer between the PN-sequence-based and proposed to be a fair comparison. In this case, we can represent the computational load of the PN-sequence-based estimation by O(P̂ N_{CP}^{νmax}_{Δf} DN^2(M + N_{CP}))^1.

We first study the computational load of the proposed channel estimation and equalization compared to the PN-sequence-based channel estimation and the minimum mean square error (MMSE) equalizer based on (15). We here calculate them

1The computational complexity of the cross-correlation with (M +N_{CP})N length sequences is O((M + N_{CP})N). In order to estimate a path, it is required to calculate the cross-correlation and search for the highest value of cross-correlation among all possible Doppler shifts in [−ν_{max}, ν_{max}] with an arbitrary resolution and delays up to N_{CP}. When the resolution for Doppler is the same with the proposed method, the complexity is O(N_{CP}^{νmax}_{Δf} DN^2(M + N_{CP})). This process will be executed P̂ times.

Fig. 2. Comparison of computational load for the proposed channel estimation (Proposed CE), the PN-sequence-based channel estimation (PN-based CE), the proposed equalization (Proposed EQ), and the MMSE equalization using matrix inversion (MMSE EQ).

with the number of paths to be estimated P̂ of 9, which is the number of paths in the EVA model. Fig. 2 shows a comparison of the computational load within the parameters shown in Table I with different numbers of the subcarriers. The computational loads of the proposed channel estimation and equalization methods are much less than the conventional methods.

Then, we evaluate the block error rate (BLER) performance of the proposed channel estimation and equalization methods. Fig. 3 shows that the proposed channel estimation outperforms the conventional PN-sequence-based channel estimation. We can also see error floors in each channel estimation methods because of the channel estimation error, but the proposed estimation method is much lower. It means that the estimation accuracy of the proposed method is much higher than the conventional one. The proposed method is very close to the performance compared to the ideal channel estimation, except for the error floor. Also, there is a small gap in comparing the proposed equalization with the MMSE equalization using matrix inversion. This gap comes from the approximation in the proposed method described in section V. This result shows that the approximation has little effect on performance. Compared to OFDM, the result also shows that OTFS is much robust against Doppler since the equalization against Doppler shifts of each path is incorporated in operation.

VII. CONCLUSION

We analyzed the effect of the fractional Doppler in the delay-Doppler domain for OTFS. This analysis allowed us to establish a novel channel estimation method using the pilot response in the delay-Doppler domain. Based on the estimation, we also proposed a novel low-complexity equalizer.

Evaluation results show that the proposed estimation method displays higher channel estimation accuracy and lower computational complexity than the conventional PN-sequence-based channel estimation in a high-mobility EVA channel. The results also show that the proposed equalization method has lower complexity and similar performance with the MMSE equalizer using matrix inversion.

Fig. 3. BLER vs. SNR (dB) for OTFS with different combinations of channel estimation and equalization methods and OFDM with the MMSE equalizer using ideal symbol-by-symbol channel impulse responses as a reference.

REFERENCES

[1] N. Rajatheva et al., “White Paper on Broadband Connectivity in 6G,” arXiv:2004.14247 [eess], Apr. 2020. arXiv: 2004.14247.

[2] R. Hadani, S. Rakib, M. Tsatsanis, A. Monk, A. J. Goldsmith, A. F.

Molisch, and R. Calderbank, “Orthogonal Time Frequency Space Modulation,” in 2017 IEEE Wireless Communications and Networking Conference (WCNC), pp. 1–6, Mar. 2017.

[3] R. Hadani, S. Rakib, A. F. Molisch, C. Ibars, A. Monk, M. Tsatsanis, J. Delfeld, A. Goldsmith, and R. Calderbank, “Orthogonal Time Frequency Space (OTFS) modulation for millimeter-wave communications systems,” in 2017 IEEE MTT-S International Microwave Symposium (IMS), pp. 681–683, June 2017.

[4] P. Raviteja, K. T. Phan, Y. Hong, and E. Viterbo, “Interference Cancellation and Iterative Detection for Orthogonal Time Frequency Space Modulation,” IEEE Transactions on Wireless Communications, vol. 17, pp. 6501–6515, Oct. 2018.

[5] M. Kollengode Ramachandran and A. Chockalingam, “MIMO-OTFS in High-Doppler Fading Channels: Signal Detection and Channel Estimation,” in 2018 IEEE Global Communications Conference (GLOBE- COM), pp. 206–212, IEEE, Dec. 2018.

[6] P. Raviteja, K. T. Phan, and Y. Hong, “Embedded Pilot-Aided Channel Estimation for OTFS in Delay–Doppler Channels,” IEEE Transactions on Vehicular Technology, vol. 68, pp. 4906–4917, May 2019.

[7] K. R. Murali and A. Chockalingam, “On OTFS Modulation for High- Doppler Fading Channels,” in 2018 Information Theory and Applications Workshop (ITA), pp. 1–10, IEEE, Feb. 2018.

[8] W. Shen, L. Dai, J. An, P. Fan, and R. W. Heath, “Channel Estimation for Orthogonal Time Frequency Space (OTFS) Massive MIMO,” IEEE Transactions on Signal Processing, vol. 67, pp. 4204–4217, Aug. 2019.

[9] M. J. Bocus, A. Doufexi, and D. Agrafiotis, “Performance of OFDMbased massive MIMO OTFS systems for underwater acoustic communication,” IET Communications, vol. 14, pp. 588–593, Mar. 2020.

[10] V. Välimäki and T. I. Laakso, Fractional Delay Filters—Design and Applications. Boston, MA: Springer US, 2001.

[11] G. Dougherty and Z. Kawaf, “The point spread function revisited: Image restoration using 2-D deconvolution,” Radiography, vol. 7, pp. 255–262, Nov. 2001.

[12] I. Pitas, Digital Image Processing Algorithms and Applications. USA:

John Wiley & Sons, Inc., 1st ed., 2000.

[13] 3GPP TS36.104: Evolved Universal Terrestrial Radio Access (E-UTRA);

Base Station (BS) Radio Transmission and Reception. 3rd Generation Partnership Project (3GPP), Mar. 2017. Release 14.

APPENDIX PROOF OF (14): OTFS INPUT-OUTPUT RELATION IN THE

DELAY-DOPPLER DOMAIN

We start with defining elements of each matrix composed of (14). By using the Dirac delta function, each element of the delay matrix Π_{lτp} can be written as Π_{lτp} [l, l^′] = δ((l − l^′)_M − l_{τp} ). (25) Therefore, each element of H_n can be expressed as

H_n[l, l^′] = P∑ p=1 h_pe^{jϕp} δ((l − l^′)_M − l_{τp} ) · e^{j2π(kνp +κνp )} (M +NCP)(n−1)+NCP −lτp +l (M +NCP)N (26)

The signal part of (13) can be written as N∑ n=1 H_nX^{DD}f^∗_n f^T_n = N∑ n=1 H_nX^{DD}Ω_n (27) ∵ Ω_n[k, k^′] = e^{−j2π (n−1)(k−k′ )N} Based on (26) and (27), Y^{DD}[l, k] can be obtained as shown in (28), which completes the proof.

Y^{DD}[l, k] = N∑ n=1 M−1∑ l^′ =0 N−1∑ k^′ =0

H_n[l, l^′]X^{DD}[l^′, k^′]Ω_n[k, k^′]

= N∑ n=1 M−1∑ l^′ =0 N−1∑ k^′ =0 [_P ∑ p=1 h_pδ((l − l^′)_M − l_{τp} )e^{jϕp} e^{j2π(kνp +κνp )} (M +NCP)(n−1)+NCP −lτp +l (M +NCP)N ] X^{DD}[l^′, k^′]e^{−j2π (n−1)(k−k′ )N}

= M−1∑ l^′ =0 N−1∑ k^′ =0

X^{DD}[l^′, k^′] P∑ p=1 h_pδ((l − l^′)_M − l_{τp} )e^{jϕp} N∑ n=1 e^{j2π(kνp +κνp )} (M +NCP)(n−1)+NCP−lτp +l (M +NCP)N e−j2π (n−1)(k−k′ ) N

= M−1∑ l^′ =0 N−1∑ k^′ =0

X^{DD}[l^′, k^′] P∑ p=1 h_pδ((l − l^′)_M − l_{τp} )e^{jϕp} e^{j2π(kνp +κνp )} NCP−lτp +l (M +NCP)N N∑ n=1 e^{j2π(kνp +κνp ) n−1N} e^{−j2π (n−1)(k−k′ )N}

= M−1∑ l^′ =0 N−1∑ k^′ =0

X^{DD}[l^′, k^′] P∑ p=1 h_pδ((l − l^′)_M − l_{τp} )e^{jϕp} e^{j2π(kνp +κνp )} NCP−lτp +l (M +NCP)N N∑ n=1 e^{j2π(n−1) (kνp +κνp )−(k−k} ′ ) N

= M−1∑ l^′ =0 N−1∑ k^′ =0

X^{DD}[l^′, k^′]Λ_l[(l − l^′)_M , (k − k^′)_N ] (28)