arXiv:2404.10233v1 [eess.SP] 16 Apr 2024

Little Pilot is Needed for Channel Estimation with Integrated Super-Resolution Sensing and Communication

Jingran Xu*, Huizhi Wang*, Yong Zeng*†, and Xiaoli Xu* *National Mobile Communications Research Laboratory, Southeast University, Nanjing 210096, China †Purple Mountain Laboratories, Nanjing 211111, China Email: {jingran xu, wanghuizhi, yong zeng, xiaolixu}@seu.edu.cn

Abstract—Integrated super-resolution sensing and communication (ISSAC) is a promising technology to achieve extremely high sensing performance for critical parameters, such as the angles of the wireless channels. In this paper, we propose an ISSACbased channel estimation method, which requires little or even no pilot, yet still achieves accurate channel state information (CSI) estimation. The key idea is to exploit the fact that subspace-based super-resolution algorithms such as multiple signal classification (MUSIC) do not require a priori known pilots for accurate parameter estimation. Therefore, in the proposed method, the angles of the multi-path channel components are first estimated in a pilot-free manner while communication data symbols are sent. After that, the multi-path channel coefficients are estimated, where very little pilots are needed. The reasons are two folds. First, compared to the conventional channel estimation methods purely relying on channel training, much fewer parameters need to be estimated once the multi-path angles are accurately estimated. Besides, with angles obtained, the beamforming gain is also enjoyed when pilots are sent to estimate the channel path gains. To rigorously study the performance of the proposed method, we first consider the basic line-of-sight (LoS) channel. By analyzing the minimum mean square error (MMSE) of channel estimation and the resulting beamforming gains, we show that our proposed method significantly outperforms the conventional methods purely based on channel training. We then extend the study to the more general multipath channels. Simulation results are provided to demonstrate our theoretical results.

I. INTRODUCTION

Integrated sensing and communication (ISAC) has been identified as one of the six usage scenarios for IMT-2030 (6G) [1]. In particular, the concept of integrated super-resolution sensing and communication (ISSAC) is further proposed [2], which uses super-resolution algorithms in ISAC systems to achieve extremely high sensing performance for those critical parameters, such as delay, Doppler, and angle of the sensing targets. Furthermore, due to the spatial sparsity, high-frequency channels such as millimeter wave (mmWave) and TeraHertz (THz) are dominated by only a small number of multipath components. Therefore, those channels can be modeled in a parametric form, in terms of the path angles of departure/arrival (AoD/AoA) and the corresponding path gains [3]. As a result, the mm-wave or THz channel estimation problem can be transformed into the estimation of path directions and channel gains, rather than the estimation of the entire multiple input multiple output (MIMO) channel matrix.

For conventional pilot-based channel estimation methods [4], in order to obtain an accurate channel state information (CSI), least squares (LS) and linear minimum mean square error (LMMSE) methods are usually used by scrutinizing the relationship between the received signals and known pilot sequences. Maximum likelihood estimation (MLE) employs a likelihood-based approach to maximize the probability of observed signals given the pilot sequence. However, massive MIMO will result in increased pilot symbols and high computational complexity for conventional pilot estimation method due to the substantial number of antennas, thereby impacting spectral efficiency and real-time processing demands. Channel sparsity together with various compressive sensing (CS) algorithms are used to reduce the training overhead for massive MIMO systems [5]. However, the underlying requirement of the high signal-to-noise ratio (SNR), an appropriate dictionary matrix, and perfect measurement feedback for users to base station (BS) is a matter of concern. An alternative lowrank model for massive uniform linear array (ULA) are proposed [6], which exploits angular information via array signal processing. Techniques such as discrete Fourier transformation (DFT) [7], multiple signal classification (MUSIC) algorithm [8] and estimation of signal parameters via rotational invariance technique (ESPRIT) using the subspaces estimated by matrix or tensor decompositions [9], have been leveraged to estimate the unknown parameters in angular channel models.

The conventional channel estimation methods that using angle information rely on transmitting pilot signals [7]– [9], and thus abundant pilot resources are still needed. In this paper, we propose an ISSAC-based channel estimation method, which requires little or even no pilot, yet still achieves accurate CSI estimation. The key idea is that subspace-based super-resolution algorithms, such as MUSIC, can accurately estimate parameters without using a priori known pilots. Therefore, we can first accurately estimate the angles of the multi-path channel components during the phase of data transmission without using any pilot. After that, by exploiting the beamforming gain with angles obtained, the multi-path channel coefficients are estimated, where very little pilots

Fig. 1: A SIMO system, where the channel from the UE to the BS includes L paths.

are needed with much fewer parameters compared to the conventional channel estimation methods. To rigorously study the performance of the proposed method, we first analyze the MMSE of channel estimation and the resulting beamforming gains in the basic line of sight (LoS) channel. Then the study is extended to the more general multipath channels. Simulation results are provided to demonstrate that our proposed method significantly outperforms the conventional methods purely based on channel training.

II. SYSTEM MODEL

As shown in Fig. 1, we consider an uplink mmWave communication system, with a single-antenna user equipment (UE) communicating with a BS equipped with M ≫ 1 antennas. For the conventional channel estimation scheme [10], the symbol transmission is divided into two phases during each channel coherence time, where the pilot transmission period is needed first to estimate the channel. In particular, denote by ρ and κ the length of uplink training and data transmission sequence, respectively. Let P_t and P_d denote the transmit power by the UE in pilot and data transmission phases, respectively. Further denote by φ(n) the pilot sequence

sent by the UE with^ρ ∑ i=1 |φ (i)|^2 = ρ, which is known to the

receiver. Then the received signals by the BS during the pilot symbol durations can be written as

y_t(n) = √ P_thφ (n) + z_t(n), n = 1, ..., ρ. (1) Denote the i.i.d. information-bearing symbols of UE as s(n), which follows circularly symmetric complex Gaussian (CSCG) distribution with normalized power, i.e., s(n) ∼ CN (0, 1). Then the received signals during data symbol durations can be written as

y_d(n) = √ P_dhs (n) + z_d(n), n = ρ + 1, ..., ρ + κ, (2)

where z_t(n) and z_d(n) denote the i.i.d. CSCG noise with zeromean and variance σ^2. Further we denote the receive signalto-noise ratio (SNR) of the pilot and data transmission at the BS without beamforming as SNR_t and SNR_d, respectively, i.e., SNR_t =^{Pt}_{Mσ2} ‖h‖^2, SNR_d =^{Pd}_{Mσ2} ‖h‖^2.

With the pilot symbol φ (n) known at the BS, the LS estimation of h can be written as [10]

ĥ_{cp} = 1√ P_tρ^2 ρ∑ i=1 y_t (i) φ^∗ (i) = h + 1 √ P_tτ^2 z^′_t, (3) where z^′_t =^ρ ∑ i=1 z_t (i)φ^∗ (i) is the resulting noise vector. It can

be shown that z^′_t is i.i.d. CSCG noise with power ρσ^2, i.e., z^′_t ∼ CN ( 0, ρσ^2I_M ) . To detect the communication signal, a receive beamforming vector v_{cp} =^{ĥcp}‖_{ĥcp} ‖ is used. Then the resulting signal is written as

y_{d,cp}(n) = v^H_{cp}y_d(n) = √ P_dv^H_{cp}hs (n) + z_{d,cp} (n), (4)

where z_{d,cp} (n) = v^H_{cp}z_d(n) denotes the CSCG noise with zero-mean and variance σ^2. The expected SNR of the signal in (4) is

γ_{cp} = E

[ P_d|vH_{cp}h|^2

σ^2 ] = P_d σ^2 h^HE [ v_{cp}v^H_{cp} ] h. (5)

Theorem 1: The expected SNR of the signal in (5) can be further approximated as

γ_{cp} ≈ P_d‖h‖^2 σ^2

(1 − ξ), (6)

where ξ =^{1− 1M}_{ρSNRt+1} is the penalty loss caused by imperfectly estimated channel.

Proof: Please refer to Appendix A.

It is noted that ξ increases with M, which undermines the performance of data transmission. This is because the beamforming gain is not exploited during the channel training phase. Furthermore, it is shown in (6) that the expected SNR γ_{cp} increases monotonically with ρSNR_t, which can be defined as the pilot energy consumption. There exists an upper bound for γ_{cp} as

γ_{cp} < γ_{cp,upper} = P_d‖h‖^2 σ^2

, (7) which can be reached when ρSNR_t → ∞.

On the other hand, it is obvious that the estimation accuracy can be improved for longer pilot length by calculating the minimum mean square error (MMSE) of h as

e_{cp} = E [‖ ‖ĥcp − h ‖ ‖^2 ] = Mσ^2 P_tρ . (8) Therefore, it seems that we need to make the pilot sufficient long, in order to obtain accurate channel estimation results and higher SNR. However, this may introduce overhead and reduce the spectral efficiency. In this paper, we ask the following question: Is it possible to use little amount of pilots while still guarantee the communication performance? In order to answer this question, we first introduce the channel model in the parametric form, in terms of the path angles of AoD/AoA and the corresponding path gains in [3].

Specifically, we let h =^L ∑ l=1 α_la (θ_l) denote the

channel from the UE to the BS, where L is the number of multipaths, α_l denotes the complex-valued path coefficient, and a (θ_l) denotes the BS array response vector. For ULA with half-wavelength spacing, a (θ_l) = [ 1, e^{jπ sin(θl)}, · · · , e^{jπ(M−1) sin(θl)} ]_T

∈ C^{M×1} .

Let Θ = (θ_1, · · · , θ_L), A (Θ) = [a (θ_1) , · · · , a (θ_L)], α = [α_1, · · · , α_L]^T, and h can also be written as h = A (Θ)α. (9)

Fig. 2: Comparison between the conventional channel estimation method and the ISSAC-based channel estimation method with little pilot.

Typically, the channel estimation process include the estimation of the angle of arrivals Θ (AoAs) and the complex-valued path coefficient α. It is noted that Θ and α alter with different timescales. Specifically, Θ usually changes much slower than the complex-valued path coefficient α, which can be assumed unchanged during each path-invariant block [11]–[13]. On the other hand, α varies between different channel coherence time.

III. ISSAC-BASED CHANNEL ESTIMATION

In this section, we propose an ISSAC-based channel estimation method where little or even no pilot is needed.

A. Characteristics of the Proposed Method

Different from prior works in angle-aided channel estimation [7]–[9], which are based on dedicated pilot signals. In our proposed method, both the existing pilot and data symbols can be utilized to estimate the angles of the multipath channel components based on subspace-based superresolution algorithms. Furthermore, based on the fact that the path AoA Θ remains unchanged during several coherence time durations, the estimation result in the former coherence blocks is still valid for the following ones. In addition, with angles obtained during each path-invariant block, the beamforming gain can be enjoyed when pilots are sent to estimate the channel path gains α, which can further improve the accuracy of channel estimation.

Specifically, the proposed channel estimation scheme involves two stages, as shown in Fig. 2. First, the BS estimates the path directions based on classical sensing algorithms such as the periodogram [14] algorithm, spectral-based algorithms such as MUSIC [15] or ESPRIT [16]. Then, the BS utilizes little pilot and performs the receive beamforming by matching the path directions obtained in previous stage to estimate the complex-valued path coefficients.

B. Performance Analysis

Next we elaborate the performance of the proposed channel estimation based on ISSAC for channel estimation and signal decoding.

1) Free-space LoS Channel: In this case, the channel is dominated by the LoS path and hence we can assume L = 1, and channel vector can be written as h = αa (θ). To exploit the data from multiple block shots, we use the Bartlett estimation method, which is a power spectra estimation method that is able to reduce the variance of the periodogram [17].

Denote the covariance of y_t(n) in (1) and y_d(n) in (2) as R_y, which is approximated by its sample average of the received signal with its conjugate transpose

R_y ≈ 1 ρ + κ ( ρ∑ i=1 y_t(i)y^H_t (i) + κ∑ i=1 y_d(i)y^H_d (i)). (10)

By performing the 1-D spectral search of the Bartlett pseudospectrum P_{Bartlett} (θ) = a^H (θ) R_ya (θ), the estimation of angle θ̂ can be obtained.

After estimating the angle θ̂, the receive beamforming vector v_{lp} =^a(^{θ̂})‖_a(_{θ̂})‖ can be used at the BS to detect communication symbols, and the resulting signal is

y_{d,lp}(n) = v^H_{lp}y_d(n) = √ P_dv^H_{lp}hs (n) + z_{d,lp} (n), (11)

where z_{d,lp} (n) = v^H_{lp}z_d (n) denotes the CSCG noise with zero-mean and variance σ^2.

Theorem 2: The expected SNR of the signal in (11) can be written as

γ_{lp} = E

[ P_d|vH_{lp}h|^2

σ^2 ] = P_d‖h‖^2 σ^2 | | |a^H (^ θ ) a (θ) | | |^2 ‖ ‖a(θ̂) ‖ ‖^2‖a (θ)‖^2

. (12)

Proof: By substituting v_{lp} =^a(^{θ̂})^√_M into (12), we have

γ_{lp} =^{Pd}_{Mσ2} | | |a^H (^ θ ) h_{lp} | | |^2, and Theorem 2 can be obtained.

Theorem 2 shows that the expected receive SNR depends on the accuracy of the angle estimation. When the angle is perfectly estimated, i.e., θ̂ ≈ θ, we have γ_{lp} ≈^{Pd‖h‖2}_{σ2} . Therefore, when the angle estimation is accurate, the expected SNR can reach the upper bound γ_{cp,upper} in (7).

In order to further demodulate the communication symbol, the complex-valued path coefficients needs to be estimated. In this case, little pilot signal is used to perform the receive beamforming towards θ̂ as yt(n) = a^H (^ θ ) ‖ ‖a(θ̂) ‖ ‖ yt(n) = √ Ptα a^H (^ θ ) ‖ ‖a(θ̂) ‖ ‖ a (θ) φ(n) + zt(n), (13)

where z_t(n) =^{aH}(^{θ̂})‖_a(_{θ̂})‖ z_t(n). Since the pilot symbol φ(n) is known, y_t(n) can be projected to φ^∗(n), which gives yt^′ = 1 √ Ptρ^2 ρ∑ i=1 yt (i) φ^∗ (i) = α a^H (^ θ ) ‖ ‖a(θ̂) ‖ ‖ a (θ) + 1 √ Ptρ^2 zt^′, (14) where z^′_t =^ρ ∑ i=1 z_t (n)φ^∗ (n) is the resulting noise vector, with z^′_t ∼ CN ( 0, ρσ^2 ) . The LS estimation of α can be written as

α̂ = ‖ ‖ ‖a(θ̂) ‖ ‖ ‖ yt^′ a^H(θ̂)a (θ) (a) ≈ yt^′ ‖ ‖ ‖a(θ̂) ‖ ‖ ‖ = yt^′ √ M , (15)

where (a) holds by assuming θ̂ ≈ θ. Furthermore, the estimation error of h can be written as

h̃_{lp} = α̂a(θ̂) − αa (θ) = y^{t′}√ M a (^ θ ) − αa (θ) = α M a^H (^ θ ) a (θ) a (^ θ ) − αa (θ) + 1 √ Ptρ^2M zt^′a (^ θ ) (a) ≈ 1 √ Ptρ^2M zt^′a (^ θ ) . (16)

Therefore, the MMSE of channel h can be accordingly written as e_{lp} = E [‖~ h_{lp} ‖ ‖^2] = α^2M − α^2 M | | |a^H (θ) a (^ θ )| |^2 + σ^2 Ptρ (a) ≈ σ^2 Ptρ . (17)

Compared with e_{cp} in (8), it can be shown that the MMSE of the channel estimation we proposed is M times smaller than that using pilot-consuming channel estimation method.

2) Multipath Channel: Next we further consider the more general case with L > 1. Since the MUSIC algorithm can operate efficiently only if the L propagation paths are independent, we use the spatial smoothing technique to handle this problem [18].

Assume that the antenna array of the BS is divided into P subarrays that overlap each other and the number of elements of each subarray is M_{sub} = M − P + 1. Then the output of the p-th forward subarray during pilot transmission in (1) can be written as

y_{t,p}(n) = [ y_{t,p}(n), · · · , y_{t,(p+Msub −1)}(n) ]_T

= A_p (Θ)α √ P_tφ(n) + z_{t,p}(n), (18)

where y_{t,p}(n) is the p-th element of y_t(n). z_{t,p}(n) = [ z_{t,p}(n), · · · , z_{t,(p+Msub −1)}(n) ]_T

∈ C^{Msub ×1}, p = 1, ..., P . y_{t,m}(n) and z_{t,m}(n), m = 1, ..., M is the m element of y_t(n) and z_t(n), respectively. Furthermore, we have A_p (Θ) = [a_p (θ_1) , · · · , a_p (θ_L)] ∈ C^{Msub ×L}, where

a_p (θ_l) = [ e^{j 2πλ dp sin(θl)}, · · · , e^{j 2πλ d(p+Msub −1) sin(θl)} ]_T ∈ C^{Msub ×1}. Let D = diag [ e^{−j 2πλ d sin θ1} , · · · , e^{−j 2πλ d sin θL} ] , and (18) can be expressed as

y_{t,p}(n) = A_1 (Θ)D^{p−1}α √ P_tφ(n) + z_{t,p}(n). (19)

Similarly, the output of the p-th forward subarray during data transmission in (2) can be written as

y_{d,p}(n) = A_1 (Θ)D^{p−1}α √ P_ds(n) + z_{d,p}(n). (20)

Denote the covariance of p-th subarray in (19) and (20) as R_p, which is approximated by its sample average of the received signal with its conjugate transpose

R_p ≈ 1 ρ + κ ( ρ∑ i=1 y_{t,p} (i) y^H_{t,p} (i) + κ∑ i=1 y_{d,p} (i) y^H_{d,p} (i)).

(21) By averaging the covariance matrices of the P subarrays and using M_{sub}-order exchange matrix, the bidirectional spatial smoothing covariance matrix can be obtained [18]. When the number of elements of each subarray M_{sub} satisfies M_{sub} ≥ L + 1, and the number of subarrays P satisfies 2P ≥ L, the bidirectional spatial smoothing covariance matrix is full rank. Therefore, by following the standard MUSIC algorithm, the angles of the multi-path channel components can be estimated.

Next we construct the receive beam beamforming matrix, which consists of the beam beamforming vectors that match the L multipaths, respectively, as W = a ( θ̂_1 ) ‖ ‖a ( θ̂_1 )‖ ‖ , · · · , a ( θ̂_L ) ‖ ‖a ( θ̂_L )‖ ‖ H = 1 √ M A^H ( Θ̂ ) ∈ C^{L×M} . (22) Then the resulting signal at the BS can be written as

Yt,MP = √ PtWhφ^H + WZt = √ Pt √ M A^H (^ Θ ) A (Θ) αφ^H + 1 √ M A^H (^ Θ ) Zt. (23)

Similar to the analysis in Section III-B1, Y_{t,MP} can be projected to the known pilot sequence φ, which gives

y_{t,MP} = 1 ρ Y_{t,MP}φ = √ P_t √ M A^H (^ Θ ) A (Θ) α + 1 √ Mρ^2 A^H (^ Θ ) z^′_t,

(24)

where z^′_t is i.i.d. CSCG noise with power ρσ^2. The LS estimation of α can be written as

α̂ = √ M √ Pt (A^H(Θ̂)A(Θ))^{−1}yt,mp (b) ≈ √ M √ Pt (A^H(Θ̂)A(Θ̂))^{−1}yt,mp,

(25)

where (b) is based on Θ ≈ Θ̂. Then the estimation of h_{lp} can be formulated as ĥ_{lp} = A ( Θ̂ ) α̂, and the estimation error of h_{lp} can be written as

h̃_{lp} = ĥ_{lp} − h_{lp} = A(Θ̂)α̂ − A (Θ) α = √ M √ Pt A (^ Θ )( A^H (^ Θ ) A (^ Θ ))−1 yt,MP − A ( Θ ) α. (26)

When the angle is perfectly estimated, (26) can be written as

h̃_{lp} = 1√ Ptρ^2 A (^ Θ )( A^H (^ Θ ) A (^ Θ ))−1 A^H (^ Θ ) z^′_t. (27)

Then the MMSE of h can be written as

e_{lp} = E [‖~ h_{lp} ‖_2] = Lσ^2 P_tρ . (28)

The proofs are omitted for brevity. Compared with e_{pc} in (8), it can be shown that when L < M, the MMSE of the little pilot channel estimation scheme is smaller than that using pilotconsuming channel estimation method.

In order to further detect the communication symbol, the receive beamforming matrix v_{lp} =^{ĥlp}‖_{ĥlp}‖ is used, and the resulting signal is written as

y_{d,lp}(n) = v^H_{lp}y_d(n) = √ P_dv^H_{lp}hs (n) + z_{d,lp} (n), (29)

where z_{d,lp} (n) = v^H_{lp}z_d (n).

Theorem 3: The expected SNR of the signal in (11) can be written as

γ_{lp} =E [ P_d | |v^H_{lp}h | |^2

σ^2 ] = P_d σ^2 h^HE [ v_{lp}v^H_{lp} ] h. (30)

The upper bound of the expected SNR can be written as

γ_{lp} ≤ γ_{lp,upper} = P_d σ^2

‖h‖^2. (31)

The proofs are omitted for brevity.

IV. SIMULATION RESULTS In this section, simulation results are provided to compare the performance of the conventional channel estimation method and the proposed ISSAC-based channel estimation method. The number of all path components is set as L = 3. The path gains α_l are generated as following: α_l ∼ CN (0, 1). Define P̄_t =^{Pt}_{σ2} and P̄_d =^{Pd}_{σ2} as the transmit signal-to-noise ratio (SNR) by the UE in pilot and data transmission phases, respectively. Unless otherwise stated, we set ρ = 3, P̄_t = P̄_d = −10dB, and the number of BS antennas is M = 32. To achieve the angle information, we use MUSIC algorithm for high resolution.

Fig. 3a and Fig. 3b plot the channel error e_{cp} and e_{lp,MP} and their theoretical value versus P̄_t and the number of antennas, respectively. It can be observed that the theoretical values of both methods perfectly match with the actual values. Specifically, it is shown that the channel error is independent of the number of antennas for the conventional pilot-consuming channel estimation method, while for the other method, it decreases as the increase of the number of antennas. Besides, the normalized root mean squared error (NRMSE) of the channel estimation method based on ISSAC is much smaller than the conventional channel estimation method, which is consistent with our theoretical analysis.

Fig. 4 plots the cumulative distribution function (CDF) of γ_{cp} and γ_{lp} when decoding data signals in (5) and (30). It can be observed that γ_{lp} is larger than γ_{cp} with the consideration of 90-percentile SNR, which indicates that the SNR performance of data transmission using channel estimation based on ISSAC is much better than that of the conventional channel estimation method.

Fig. 5a and Fig. 5b plot the receive SNR when decoding data signals using two methods in (5) and (30) and their approximation value and upper value in (6) and (31) respectively versus the M and P̄_d, respectively. It can be observed from Fig. 5a that the approximation value and upper value in (6) and (31) are very close to the exact values in (5) and (30). It is observed in Fig. 5b that within a certain range, e.g., roughly -30dB to 5dB, the receive SNR for the method we proposed is much higher than that of the conventional channel estimation method, and this gap is widest at around -20dB. This indicates that the little pilot scheme we proposed can provide more accurate channel estimation under poor SNR.

V. CONCLUSION In this paper, we propose an ISSAC-based channel estimation method, which requires little or even no pilot, yet still

(a) NRMSE versus transmit SNR in pilot transmission phase P̄t.

(b) NRMSE versus the number of antennas M.

Fig. 3: NRMSE comparison of two methods.

Fig. 4: CDF of receive SNR.

achieves accurate CSI estimation. For the proposed method, we first estimate the angles of the multi-path channel components in a pilot-free manner during the phase of data transmission. Then, by using very little pilots, the multi-path channel coefficients are further estimated with the beamforming gain. The basic LoS channel is first considered to analyze the MMSE of channel estimation and the resulting beamforming gains, which indicates that our proposed method significantly outperforms the conventional methods purely based on channel training and obtain higher SNR without pilots. Then the study is extended to the more general multipath channels. Simulation results are provided to demonstrate our theoretical results.

(a) Receive SNR versus the number of antennas M in the phase of data transmission.

(b) Receive SNR versus transmit SNR P̄_d in the phase of data transmission.

Fig. 5: Receive SNR comparison of two methods.

VI. ACKNOWLEDGMENT

This work was supported by the National Natural Science Foundation of China with grant number 62071114.

APPENDIX A PROOF OF THEOREM 1 The derivation of the closed-form expression of (5) is nontrivial. To gain more insights, we approximate E [ v_{pc}v^H_{pc} ] in (5) as E [ vpcv^H_{pc} ] = E [^ hpcĥ^H_{pc} ‖ ‖ĥ_{pc} ‖ ‖^2 ] ≈ E [ ĥ_{pc}ĥ^H_{pc} ] E [‖^ hpc ‖ ‖^2]

= E [( h + h̃pc ) ( h + h̃pc

)_H]

E [‖ ‖ ‖h + h̃pc ‖ ‖^2 ] = hh^H +^{σ2}_{Ptρ} IM ‖h‖^2 +^{Mσ2}_{Ptρ} , (32)

where the approximation holds for M ≫ 1. According to (32), the expected SNR of the signal in (5) can be further approximated as γpc ≈ P_d‖h‖^2 (_{Pt ρ} Mσ2 ‖h‖^2 +^1_M ) σ^2 (_{Pt ρ} Mσ2 ‖h‖^2 + 1 ) = P_d‖h‖^2 ( ρSNRt +^1_M ) σ^2 (ρSNRt + 1) = P_d‖h‖^2 σ^2 ( 1 − 1 −^1_M ρSNRt + 1 ) . (33)

REFERENCES

[1] ITU-R, DRAFT NEW RECOMMENDATION, “Framework and overall objectives of the future development of IMT for 2030 and beyond,” June 2023.

[2] C. Zhang, Z. Zhou, H. Wang, et al., “Integrated Super-Resolution Sensing and Communication with 5G NR Waveform: Signal Processing with Uneven CPs and Experiments,” arXiv:2305.05142, 2023.

[3] A. Alkhateeb, O. El Ayach, G. Leus, and R. W. Heath, Jr., “Channel estimation and hybrid precoding for millimeter wave cellular systems,” IEEE J. Sel. Topics Signal Process., vol. 8, no. 5, pp. 831–846, Oct. 2014.

[4] S. K. Sengijpta, “Fundamentals of statistical signal processing:

Estimation theory,” Oxford, U.K.: Taylor & Francis, 1995. [5] S. L. H. Nguyen and A. Ghrayeb, “Compressive sensing-based channel estimation for massive multiuser MIMO systems,” in Proc. IEEE WCNC, Shanghai, China, Apr. 2013, pp. 2890–2895.

[6] H. Xie, F. Gao, S. Zhang and S. Jin, “A unified transmission strategy for TDD/FDD massive MIMO systems with spatial basis expansion model,” IEEE Trans. Veh. Technol., vol. 66, no. 4, pp. 3170–3184, Apr. 2017.

[7] J. J. van de Beek, O. Edfors, M. Sandell, S. K. Wilson, and P. O.

Borjesson, “On channel estimation in OFDM systems,” in Proc. IEEE Vehicular Technology Conf. (VTC), 1995, pp. 815–819.

[8] T. S. Rappaport, R. W. Heath, Jr., R. C. Daniels, and J. N. Murdock, Millimeter Wave Wireless Communications. London, U.K.: Pearson, 2015.

[9] Baoguo Yang, K. B. Letaief, R. S. Cheng and Zhigang Cao, “Channel estimation for OFDM transmission in multipath fading channels based on parametric channel modeling,” IEEE trans. communi., vol. 49, no. 3, pp. 467–479, Mar. 2001.

[10] B. Hassibi and B. M. Hochwald, “How much training is needed in multiple-antenna wireless links?” IEEE Trans. Inf. Theory, vol. 49, no. 4, pp. 951–963, Apr. 2013.

[11] A. Duel-Hallen, “Fading channel prediction for mobile radio adaptive transmission systems,” Proc. IEEE, vol. 95, no. 12, pp. 2299–2313, Dec. 2007.

[12] Z. Xiao, Y. Zeng, D. W. K. Ng, and F. Wen, “Exploiting double timescales for integrated sensing and communication with delay-Doppler alignment modulation,” in Proc. IEEE Int. Conf. Commun. (ICC), 2023.

[13] H. Lu and Y. Zeng, “Delay-Doppler Alignment Modulation for Spatially Sparse Massive MIMO Communication,” IEEE Trans. Wireless Commun., Nov. 2023.

[14] C. Sturm, “Joint implementation of communication and radar based on OFDM,” Ph.D. dissertation, Karlsruhe Institute of Technology, 2011.

[15] R. Schmidt, “Multiple emitter location and signal parameter estimation,” IEEE Trans. Antennas Propag., vol. AP-34, no. 3, pp. 276–280, Mar. 1986.

[16] R. Roy and T. Kailath, “ESPRIT-estimation of signal parameters via rotational invariance techniques,” IEEE Trans. Acoust. Speech, Signal Process., vol. 37, no. 7, pp. 984–995, 1989.

[17] Godara, L., “Application of antenna arrays to mobile communications, Part II: Beam-forming and direction-of-arrival considerations,” Proceedings of the IEEE, Vol. 85, No. 8, pp. 1195–1245, Aug. 1997.

[18] S. U. Pillai and B. H. Kwon, “Forward/backward spatial smoothing techniques for coherent signal identification,” IEEE Trans. Acoust., Speech, Signal Process., vol. 37, no. 1, pp. 8–15, Jan. 1989.