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Abstract—Integrated super-resolution sensing and communica-
tion (ISSAC) has emerged as a promising technology to achieve
extremely high precision sensing for those key parameters, such
as the angles of the sensing targets. In this paper, we propose
an efficient channel estimation scheme enabled by ISSAC for
millimeter wave (mmWave) and TeraHertz (THz) systems with
a hybrid analog/digital beamforming architecture, where both
the pilot overhead and the cost of radio frequency (RF) chains
are significantly reduced. The key idea is to exploit the fact
that subspace-based super-resolution algorithms such as multiple
signal classification (MUSIC) can estimate channel parameters
accurately without requiring dedicate a priori known pilots. In
particular, the proposed method consists of two stages. First, the
angles of the multi-path channel components are estimated in
a pilot-free manner during the transmission of data symbols.
Second, the multi-path channel coefficients are estimated with
very few pilots. Compared to conventional channel estimation
schemes that rely solely on channel training, our approach
requires the estimation of much fewer parameters in the second
stage. Furthermore, with channel multi-path angles obtained,
the beamforming gain can be achieved when pilots are sent to
estimate the channel path gains. To comprehensively investigate
the performance of the proposed scheme, we consider both
the basic line-of-sight (LoS) channels and more general multi-
path channels. We compare the performance of the minimum
mean square error (MMSE) of channel estimation and the
resulting beamforming gains of our proposed scheme with the
traditional scheme that rely exclusively on channel training.
It is demonstrated that our proposed method significantly
outperforms the benchmarking scheme. Simulation results are
presented to validate our theoretical findings.

Index Terms—Channel estimation, hybrid beamforming, in-
tegrated super-resolution sensing and communication (ISSAC),
little pilot
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I. INTRODUCTION

Integrated sensing and communication (ISAC) has been
identified as one of the six usage scenarios for IMT-2030
(6G) [2]. By applying super-resolution algorithms in ISAC
systems, the concept of integrated super-resolution sensing
and communication (ISSAC) is further developed [3], which
achieves exceptionally high sensing performance for key
parameters such as angle, delay, and Doppler of sensing
targets. In addition, due to the spatial sparsity caused by severe
propagation loss, high-frequency channels such as millimeter
wave (mmWave) and TeraHertz (THz) are generally dominated
by a limited number of multi-path components. Consequently,
those channels can be modeled parametrically, focusing on
the path angles of departure/arrival (AoD/AoA) and the cor-
responding path gains [4]. Therefore, high-frequency channel
estimation can be converted into the estimation of multi-path
angles and corresponding channel gains, without the need to
directly estimate the high-dimensional channel matrix.

Massive multiple input multiple output (MIMO) has drawn
tremendous attention in mmWave and THz systems, which
requires massive radio frequency (RF) chains with extremely
high power consumption and hardware cost if conventional
fully digital signal processing architectures are used [5]–
[7]. To reduce the cost of RF chains attached to antennas,
the hybrid analog/digital beamforming structure has been
extensively studied for antenna architecture design [8]–[11].
In this beamforming structure, since the receiver cannot
access the signals of all antenna elements, the corresponding
spatial covariance matrix of all antennas cannot be directly
obtained. As a consequence, the classical multiple signal
classification (MUSIC) algorithm in ISSAC systems cannot
be directly applied. In addition, traditional estimation of signal
parameters via rotational invariance technique (ESPRIT) and
spatial smoothing technique are no longer applicable due
to the destruction of the shift-invariance of array response.
Beamspace MUSIC which can be employed in hybrid structure
was studied in [12] to find directions of coherent sources.
However, the spatial smoothing therein is still performed in
the digital structure. To achieve AoA estimation, [13]–[15]
investigated a method by utilizing the maximum received
power. However, due to the restriction of Rayleigh limitation
[16], these approaches are unable to obtain super-resolution
AoA estimation. To use MUSIC algorithm, [17] proposed a
beam sweeping algorithm (BSA) to reconstruct the spatial
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covariance matrix by solving linear equations.
To fully exploit the potential gain provided by the massive

MIMO systems, it is critical to obtain accurate channel
state information (CSI). For conventional pilot-based chan-
nel estimation schemes [18], least squares (LS) and lin-
ear minimum mean square error (LMMSE) schemes can
be straightforwardly executed by examining the correlation
between the known pilot sequences and received signals.
Maximum likelihood estimation (MLE) provides superior
performance but is more complex by employing a likelihood-
based method to maximize the probability of observed signals
based on the known pilots. However, the increasing number of
antennas in massive MIMO significantly raises the dimension
of the channel matrix, which poses a severe challenge to
traditional channel estimation due to the increased length
of pilot sequence and computational complexity. To address
the challenge of CSI acquisition, channel knowledge map
(CKM) is proposed to enable a promising paradigm shift
from the traditional environment-unaware communications to
the novel environment-aware communications [19], [20]. In
addition, for the estimation of mmWave and THz channels,
a straightforward and low-complexity approach is to search
in the angular space by varying the steering directions of
the beamformer [21], [22], since mmWave and THz channels
consist of only a few dominant components. However, the
exhaustive search leads to high training overhead. To alleviate
the high pilot overhead, the compressive sensing (CS) algo-
rithms have been proposed, exploiting the angular sparsity of
massive MIMO channels [23]–[25]. However, it is non-trivial
to find a suitable dictionary matrix and the low signal-to-
noise ratio (SNR) and imperfect measurement feedback from
users to base station (BS) result in additional performance
loss. On the other hand, to avoid directly dealing with the
channel matrix, the methods of channel parameter estimation is
also effective in angular channel models by using the classical
spatial spectrum estimation (SSE) algorithms such as discrete
Fourier transformation (DFT) [26], [27], MUSIC algorithm
[28], [29] and ESPRIT [30], [31].

However, current channel parameter estimation methods
based on the SSE algorithms still rely heavily on transmitting
pilot signals to estimate angles [26]–[31], which requires
significant pilot overhead. In this paper, for mmWave and THz
communications employing hybrid beamforming, we propose
a highly efficient channel estimation scheme enabled by
ISSAC, which is able to achieve accurate CSI estimation with
very few pilots. The critical idea is that subspace-based super-
resolution algorithms, such as MUSIC, can achieve accurate
estimation of channel parameters by transmitting information-
bearing symbols rather than dedicated pilots. Specifically,
without using any pilots, the angles of the multi-path channel
components are first estimated during the phase of data
transmission. Subsequently, by utilizing the hybrid beam-
forming gain based on the obtained angles, the multi-path
channel coefficients can be further estimated with very few
pilots since much fewer parameters need to be estimated
compared to traditional channel estimation methods. Our main
contributions are summarized as follows:

• First, we model an uplink mmWave and THz communi-

cation system using a hybrid analog/digital beamform-
ing structure. For the conventional channel estimation
method, to obtain the upper bound of signal detec-
tion performance, we study the scenario of fully digital
beamforming and analyze the performance for channel
estimation and signal detection. It is revealed that high
SNR and estimation accuracy can only be guaranteed
when the pilot sequence is sufficiently long, which incurs
high overhead and reduces the spectral efficiency.

• Next, to significantly reduce the pilot overhead while
still guaranteing the communication performance, we
propose an efficient channel estimation scheme enabled
by ISSAC. For the proposed method, no dedicated pilot
is needed to estimate the angles of the multi-path channel
components, and only very few pilots are required for the
complex-valued path coefficients.

• Furthermore, we analyze the performance of the proposed
ISSAC-enabled channel estimation scheme. The MMSE
of channel estimation and the resulting beamforming
gains are first analyzed for the basic line of sight
(LoS) channels. The study is then extended to more
general multi-path channels, where both the fully digital
and hybrid analog/digital structure are studied. It is
demonstrated that the proposed method can achieve
higher receive SNR and higher estimation accuracy than
the traditional scheme. The pilot overhead is further
compared for achieving the same performance in terms
of the expected SNR. Numerical results are presented to
validate our theoretical analysis.

The rest of this paper is organized as follows. Section II
presents the system model of mmWave and THz communica-
tion with a hybrid analog/digital beamforming structure, and
analyzes the performance of the traditional channel estimation
scheme. The proposed efficient channel estimation scheme
enabled by ISSAC is further introduced. Section III evaluates
the performance of our proposed scheme by analyzing the
MMSE of channel estimation and the resulting beamforming
gains for both the LoS and more general multipath channel
models. In Section IV, numerical results are presented to
validate our theoretical studies. Finally, we conclude the paper
in Section V.

Notations: In this paper, italic letters denote scalars. The
boldface lower- and upper-case letters denote vectors and
matrices, respectively. aT, aH and ∥a∥ give the transpose,
Hermitian transpose, and Euclidean norm of a vector a,
respectively. A∗, AT and AH denote the conjugate, transpose
and Hermitian transpose of a matrix A, respectively. vec(A)
represents stacking the columns of matrix A into a column
vector. tr(B) denotes the trace of a square matrix B. ⊗
refers to the Kronecker product. IM is an M ×M identity
matrix. CM×N denotes the space of M ×N matrices with
complex entries. EX [·] is the expectation taken over the
random variable X . CN (µ, σ2) denotes the distribution of a
circularly symmetric complex Gaussian (CSCG) variable with
mean µ and covariance matrix σ2. o (x) is an infinitesimal of
x.
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Fig. 1: A mmWave/THz communication system with hybrid
analog/digital beamforming.

II. SYSTEM DESCRIPTIONS

A. System Model

For the traditional channel estimation scheme depending on
channel training [33], the length of pilots is required to be at
least the number of transmit antennas. To satisfy this constraint
and avoid the huge pilot overhead in the downlink system, we
study an uplink mmWave and THz communication system.
As shown in Fig. 1, a BS is equipped with a uniform linear
array (ULA) of M ≫ 1 antennas to serve a single-antenna
user equipment (UE). To achieve cost-effective deployment,
the BS is assumed to have MRF ≤ M RF chains, where
analog receive beamforming is applied by phase shifters.
The uplink receive beamforming is separated into RF and
baseband processing, denoted by VRF ∈ CM×MRF and
vBB ∈ CMRF×1, respectively. They are under the constraint of
∥VRFvBB∥2 = 1. Amplitude and phase adjustments are both
feasible for the baseband receive beamforming vBB, whereas
only phase modifications can be applied to the RF receive
beamforming VRF with variable phase shifters and combiners
[32]. Therefore, each entry of VRF is normalized to satisfy∣∣∣Vi,j

RF

∣∣∣ = 1√
M

, where
∣∣∣Vi,j

RF

∣∣∣ is the magnitude of the (i, j) th
element of VRF.

For the classical channel estimation method based on pilot
training [33], each channel coherence block includes two
phases. Pilots are transmitted in the first phase to estimate the
channel, followed by data transmission. Specifically, let ρ and
κ respectively denote the length of pilot and data transmission
sequence. Denote by h the uplink channel from the UE to
the BS. Pt and Pd are the transmit power by the UE during
pilot and data transmission phases, respectively. Further let
ϕ (n) denote the pilot sequence sent by the UE satisfying
ρ∑

n=1
|ϕ (n)|2 = ρ. Let s(n) denote the i.i.d. information-

bearing symbols of the UE, which follows CSCG distribution
with normalized power, i.e., s(n) ∼ CN (0, 1). The received
signals at the BS during the pilot and data symbol durations
can be respectively written as

yt(n) =
√

Pthϕ (n) + ut(n), n = 1, ..., ρ, (1)

yd(n) =
√

Pdhs (n) + ud(n), n = ρ+ 1, ..., ρ+ κ, (2)

where ut(n) and ud(n) denote the i.i.d. CSCG noise with
zero-mean and variance σ2.

In addition, denote the receive SNR at the BS without
beamforming during the pilot and data transmission phase

as SNRt and SNRd, respectively, i.e., SNRt = Pt

Mσ2 ∥h∥2,
SNRd = Pd

Mσ2 ∥h∥2.

B. Conventional Channel Estimation Method

For traditional pilot-based channel estimation, since ϕ (n)
is known at the BS, h can be estimated by performing LS
method as [44]

ĥcon =
1√
Ptρ2

ρ∑
n=1

yt (n)ϕ
∗ (n) = h+

1√
Ptρ2

u′
t, (3)

where u′
t =

ρ∑
n=1

ut (n)ϕ
∗ (n) is the resulting noise vector,

which is the CSCG noise with power ρσ2, i.e., u′
t ∼

CN
(
0, ρσ2IM

)
.

To gain more useful insights and obtain the upper bound
of signal detection performance, we first consider the fully
digital beamforming for the traditional channel estimation
method. Then, the receive beamforming vector vcon = vBB =
ĥcon

∥ĥcon∥ ∈ CM×1 can be used, where the number of RF chains
MRF = M , and the number of data streams Ms = 1. The
resulting signal can be accordingly formulated as

yd,con(n) = vH
conyd(n) =

√
Pdv

H
conhs (n) + ud,con (n), (4)

where ud,con (n) = vH
conud(n) denotes the CSCG noise with

zero-mean and variance σ2. The expected SNR of the signal
in (4) is

γcon = E
[Pd

∣∣vH
conh

∣∣2
σ2

]
=

Pd

σ2
hHE

[
vconv

H
con

]
h.

(5)

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

γcon ≈ Pd∥h∥2

σ2
(1− χ), (6)

where χ =
1− 1

M

ρSNRt+1 denotes the penalty loss resulting from
imperfect channel estimation.

Proof: Please refer to Appendix A.
It is shown that the penalty loss χ increases monotonically

with the number of antennas M . This is due to the fact that
the beamforming gain is not utilized in the channel training
stage. Note that the expected SNR γcon in (6) increases
monotonically with ρSNRt, and the upper bound of γcon can
be obtained as

γcon < γupper =
Pd∥h∥2

σ2
. (7)

It is reached when ρSNRt → ∞.
On the other hand, denote the estimation error of h as

h̃con = ĥcon − h, then the MMSE of h is

econ = E
[∥∥∥h̃con

∥∥∥2] = Mσ2

Ptρ
. (8)

It is observed that a longer pilot length improves the estimation
accuracy.
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Thus, to achieve accurate channel estimation and higher
receive SNR, it is required that the pilot length is sufficiently
long, which, however, will increase overhead and reduce the
spectral efficiency. As a result, we ask the following question:
Is it possible to use a few number of pilots while guaranteing
the communication performance? To answer this question, the
channel model in the parametric form is firstly introduced,
with regard to the angles of multipath channel components
and the corresponding path gains in [4].

In particular, the channel from the UE to the BS can

be written as h =
L∑

l=1

αla (θl), where L is the number of

multipaths, θl is the angle of the l-th path, a (θl) is the BS array
response vector, and αl is the complex-valued path coefficient.
For ULA with half-wavelength spacing, we have a (θl) =[
1, ejπ sin(θl), · · · , ejπ(M−1) sin(θl)

]T ∈ CM×1. Furthermore,
by letting Θ = (θ1, · · · , θL), A (Θ) = [a (θ1) , · · · ,a (θL)],
and α = [α1, · · · , αL]

T, h can also be expressed as

h = A (Θ)α. (9)

Therefore, the channel estimation is to estimate the angle of
arrivals Θ (AoAs) and the complex-valued path coefficient α.
It is worth noting that Θ and α vary with different timescales.
In particular, the complex-valued path coefficient α varies
between different channel coherence time, while Θ usually
alters much slower than α. It is thus assumed that Θ remains
unchanged during each path-invariant block [34]–[36].

C. Efficient Channel Estimation Enabled by ISSAC
In order to use a few number of pilots while guaranteeing

the communication performance, we propose an efficient
channel estimation scheme enabled by ISSAC with the need
of very few pilots. Different from prior works only using
dedicated pilot signals in angle-aided channel estimation [26]–
[31], both the existing pilot and data signals are employed in
our proposed method to estimate the angles of the multipath
channel components by super-resolution algorithms. In addi-
tion, since the path AoAs Θ remain unaltered over several
coherence time durations, the estimation result from previous
coherence blocks is still applicable for the subsequent ones.
Furthermore, when estimating the channel path gains α with
pilots sent, the beamforming gain can be enjoyed for the
achieved angles during each path-invariant block, which can
effectively enhance the accuracy of channel estimation.

In particular, as shown in Fig. 2, the proposed efficient
channel estimation scheme enabled by ISSAC comprises two
stages. In the first stage, the BS estimates the directions of
paths by classical sensing algorithms like the periodogram
algorithm [37], spectral-based algorithms like MUSIC [38] or
ESPRIT [39]. In the second stage, to estimate the multi-path
channel coefficients, a few uplink pilots are sent by the UE
and the receive beamforming are performed by the BS via
matching the path directions estimated in previous stage.

III. PERFORMANCE ANALYSIS OF THE PROPOSED
METHOD

Next we study the performance of channel estimation and
signal detection for our proposed channel estimation scheme.

cT cT cT

Efficient channel estimation enabled by ISSAC:

…

…

Array Signal 

Processing

Angles LS 

(Beamforming gain)

Path-invariant block

Coherence time

Coherence time

…

Pilot

Data

Conventional channel estimation:

…

1ĥ

Path gains
2ĥ

α̂

( )ˆA Θ

Θ̂

Fig. 2: Comparison of the proposed channel estimation scheme
enabled by ISSAC with the traditional channel estimation
scheme.

A. Free-space LoS Channel

We first consider the case of LoS channel, i.e., L = 1.
The channel vector is expressed as h = αa (θ). We consider
the codebook based analog beamforming, where the columns
of VRF are selected from the predetermined codebooks
V ∈ CM×M . The total number of candidate beamforming
vectors is M . For simplicity, M

MRF
is assumed as an integer.

We further assume that the candidate beamforming vectors
are chosen non-repeatedly, then the total number of possible
choices for VRF is M

MRF
, which are denoted as VRF,i, where

i = 1, ..., M
MRF

.
To utilize the data from several snapshots, we use the

Bartlett estimation algorithm, which is a power spectra es-
timation scheme with the advantage of reducing the variance
of the periodogram [40]. However, for hybrid digital/analog
beamforming structure, the BS cannot directly obtain the
signals of all the antenna elements. To estimate angle, we
will introduce two methods to obtain spatial covariance matrix,
named digital signal reconstruction method and digital covari-
ance matrix reconstruction method, which are applicable to
different transmission rates of data symbols. It is noted that
both methods mentioned here can also be applied to the angle
estimation for multi-path channels.

On one hand, if the transmission rate of data symbols
s (n) is slow, which remain unchanged during M

MRF
analog

beamforming switches, then the digital signal reconstruction
method is introduced. The resulting signal at the BS of the i-th
search after analog beamforming during the same data symbol
is written as

yRF,i(n) = VH
RF,iyd(n)

=
√
PdV

H
RF,ihs (n) + uRF,i (n) .

(10)

By concatenating yRF,i(n) in (10) for all i = 1, · · · , M
MRF

, we

have yall,RF(n) =

[
yT
RF,1(n), · · · ,yT

RF, M
MRF

(n)

]T
∈ CM×1.

Similarly, let V =
[
vRF,1, · · · ,vRF, M

MRF

]
, uall,RF(n) =
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[
uT
RF,1(n), · · · ,uT

RF, M
MRF

(n)

]T
∈ CM×1. Then (10) can be

compactly written as

yall,RF(n) =
√

PdVHhs (n) + uall,RF(n). (11)

By applying the inverse matrix of V at the BS, we have

yall(n) =
(
VH
)−1

yall,RF(n) =
√

Pdhs (n) + uall(n), (12)

where uall(n) =
(
VH
)−1

uall,RF(n), and the second last
equality holds when V is full rank. In order to meet the full
rank requirements, the DFT codebook V can be selected as

V =
1√
M


1 1 · · · 1

1 ej2π
1
M · · · ej2π

M−1
M

...
...

. . .
...

1 ej2π
M−1
M · · · ej2π

(M−1)2

M

. (13)

Denote by Ry the covariance of the signals of yall(n) in (12).
It can be approximated by taking the sample average of the
received signal multiplied by its conjugate transpose

Ry ≈ 1

κ

κ∑
n=1

yall(n)y
H
all(n). (14)

Then the angle can be estimated as θ̂ via conducting the one-
dimensional spectral search of the Bartlett pseudospectrum to
maximize PBartlett (θ) = aH (θ)Rya (θ).

On the other hand, if the data symbols s (n) vary with dif-
ferent analog applications, we use the digital covariance matrix
reconstruction method in [17]. To achieve beam sweeping, the
DFT codebook V in (13) can also be used here.

Then the resulting signal at the BS of the i-th search after
analog beamforming during data symbol s (n+ i) is written
as

yRF(n+ i) = VH
RF,iyd(n+ i)

=
√

PdV
H
RF,ihs (n+ i) + zRF,d (n+ i) .

(15)

In order to employ MUSIC algorithm and spatial smoothing
for coherent signals, we reconstruct the covariance matrix by
BSA in [17]. Denote the covariance of yRF(n+ i) in (15) as
RRF,i. When the sample size is sufficiently large, RRF,i is
represented as

RRF,i ≈
1

κ

κ∑
k=1

yRF (k + i)yH
RF (k + i)

= VH
RF,i

1

κ

κ∑
k=1

yd (k + i)yH
d (k + i)VRF,i

≈ VH
RF,iRdVRF,i,

(16)

where Rd is the covariance matrix of the received signals
before analog beamforming yd(n). In order to reconstruct Rd

from RRF,i, we first vectorize (16) as

ci = vec
(
VH

RF,iRdVRF,i

)
=
(
VT

RF,i ⊗VH
RF,i

)
vec (Rd)

=
(
VRF,i ⊗V∗

RF,i

)T
rd,

(17)

where rd = vec (Rd), and the second last equality holds
for the identity that vec (ABC) =

(
CT ⊗A

)
vec (B). Con-

catenating ci in (17) for all i = 1, · · · , M
MRF

as c =[
cT1 , · · · , cTM

MRF

]T
, equation (17) can be further extended as

c = Vrd, (18)

where

V =


(
VRF,1 ⊗V∗

RF,1

)T
...(

VRF, M
MRF

⊗V∗
RF, M

MRF

)T

 ∈ CMRFM×M2

. (19)

Since V may not be a full rank matrix, direct calculation
of (19) may be hampered by the ill-conditioned solution.
Therefore, diagonal loading can be utilized here to improve the
distribution of the eigenvalues and handle the ill-conditioned
issue [42]. Denote the diagonal loading coefficient as δ. Then
the vector rd can be solved as

r̂d =
(
VHV + δIM2

)−1
VHc. (20)

Finally, the desired spatial covariance matrix can be recon-
structed through

R̂d = unvec (r̂d), (21)

where unvec is the reverse operation of vec. To greatly reduce
the substantial computational burden that matrix inversion trig-
gers, the operator

(
VHV + δIM2

)−1
VH in (20) can be pre-

calculated off-line [17]. With the obtained spatial covariance
matrix, the angle can be estimated as θ̂ via conducting the one-
dimensional spectral search of the Bartlett pseudospectrum to
maximize PBartlett (θ) = aH (θ) R̂da (θ).

After the angle has been estimated, the hybrid receive

beamforming vector veff = vRFvBB =
a(θ̂)
∥a(θ̂)∥ is performed

at the BS to detect communication symbols, where vRF =
a(θ̂)
∥a(θ̂)∥ ∈ CM×1 and vBB = 1. That is to say, the number
of RF chains MRF = 1. Then the resulting signal after
beamforming is written as

yd,eff(n) = vH
effyd(n)

=
√
Pdv

H
effhs (n) + ud,eff (n) ,

(22)

in which ud,eff (n) = vH
effud (n) is the CSCG noise with zero-

mean and variance σ2.

Theorem 2: The expected SNR of the signal in (22) is
written as

γeff = E
[Pd

∣∣vH
effh
∣∣2

σ2

]
=

Pd∥h∥2

σ2

∣∣∣aH(θ̂)a (θ)∣∣∣2
M2

. (23)
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Proof: By substituting veff =
a(θ̂)√

M
into (23), we have

γeff = E
[Pd

∣∣vH
effh
∣∣2

σ2

]
=

Pd

Mσ2

∣∣∣aH (θ̂)h∣∣∣2
=

Pd|α|2∥a (θ)∥2

σ2

∣∣∣aH (θ̂)a (θ)∣∣∣2
M∥a (θ)∥2

=
Pd∥h∥2

σ2

∣∣∣aH (θ̂)a (θ)∣∣∣2
M2

,

(24)

then Theorem 2 is proved.

Theorem 2 indicates that the expected receive SNR is related
to the performance of the angle estimation. If the angle is
estimated without error, i.e., θ̂ = θ, there is γeff = Pd∥h∥2

σ2 .
That is to say, with the accurately estimated angle, the
expected SNR is able to achieve the upper bound γupper in
(7).

Next, to detect the communication symbol, we need to
further estimate the channel path gain. Little pilots need to be
utilized with the implement of the hybrid receive beamforming
veff towards θ̂ at the BS as

yt,eff(n) =
aH
(
θ̂
)∥∥a(θ̂)∥∥yt(n)

=
√
Ptα

aH
(
θ̂
)∥∥a(θ̂)∥∥a (θ)ϕ(n) + ut,eff(n),

(25)

where ut,eff(n) =
aH(θ̂)
∥a(θ̂)∥ut(n). Projecting yt,eff(n) to the

known pilot symbol ϕ(n), we have

y′t,eff =
1√
Ptρ2

ρ∑
n=1

yt,eff (n)ϕ∗ (n)

= α
aH
(
θ̂
)∥∥a(θ̂)∥∥a (θ) + 1√

Ptρ2
u′
t,eff ,

(26)

where u′
t,eff =

ρ∑
n=1

ut,eff (n)ϕ∗ (n) denotes the noise vector,

satisfying u′
t,eff ∼ CN

(
0, ρσ2

)
. Then α can be estimated by

LS estimation scheme as

α̂ =

∥∥∥a(θ̂)∥∥∥ y′t,eff
aH(θ̂)a (θ)

(a)
≈

y′t,eff√
M

, (27)

in which (a) holds under the assumption of θ̂ ≈ θ. Further,
the estimation error of h is written as

h̃eff = α̂a
(
θ̂
)
− αa (θ)

=
y′t,eff√
M

a
(
θ̂
)
− αa (θ)

=
α

M
aH
(
θ̂
)
a (θ)a

(
θ̂
)
− αa (θ) +

1√
Ptρ2M

u′
t,effa

(
θ̂
)

(a)
≈ 1√

Ptρ2M
u′
t,effa

(
θ̂
)
.

(28)

Then the MMSE of channel h is written as

eeff = E
[∥∥h̃eff

∥∥2]
= α2M − α2

M

∣∣∣aH (θ)a
(
θ̂
)∣∣∣2 + σ2

Ptρ

(a)
≈ σ2

Ptρ
.

(29)

Compared with econ in (8), it is observed that our proposed
method is about to achieve M times more accurate channel
estimation, compared with the conventional scheme.

B. Multipath Channel
Next, the more general case with multipath channel is

studied, i.e., L > 1. We first consider the fully digital structure
at the BS to obtain some insights about the performance of
estimation and signal detection.

1) Fully Digital Structure: Based on the fact that subspace-
based algorithms like MUSIC only works effectively when
multiple propagation paths are independent, the spatial
smoothing technique is used here to tackle the coherence
sources of different directions [41]. Divide the antenna array
of the BS into G overlapping subarrays, then the number
of elements for every subarray is Msub = M − G + 1. The
output of the g-th forward subarray in pilot transmission
phase in (1) is formulated as

yt,g(n) =
[
yt,g(n), · · · , yt,(g+Msub−1)(n)

]T
= Ag (Θ)α

√
Ptϕ(n) + ut,g(n),

(30)

where yt,g(n) is the g-th element of yt(n).
ut,g(n) =

[
ut,g(n), · · · , ut,(g+Msub−1)(n)

]T ∈ CMsub×1,
g = 1, ..., G. yt,m(n) and ut,m(n),m = 1, ...,M is the
m element of yt(n) and ut(n), respectively. In addition,
we have Ag (Θ) = [ag (θ1) , · · · ,ag (θL)] ∈ CMsub×L,
where ag (θl) =

[
ejπg sin(θl), · · · , ejπ(g+Msub−1) sin(θl)

]T ∈
CMsub×1. Let B = diag

[
e−jπ sin θ1 , · · · , e−jπ sin θL

]
, then

(30) can also be expressed as

yt,g(n) = A1 (Θ)Bg−1α
√

Ptϕ(n) + ut,g(n). (31)

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

yd,g(n) = A1 (Θ)Bg−1α
√

Pds(n) + ud,g(n). (32)

Denote by Rg the covariance of g-th subarray in (31) and (32),
which can be approximated by taking the sample average of
the received signal multiplied by its conjugate transpose

Rg ≈ 1

ρ+ κ
(

ρ∑
n=1

yt,g (n)y
H
t,g (n) +

ρ+κ∑
n=ρ+1

yd,g (n)y
H
d,g (n)).

(33)
Based on the average of the covariance matrices of all
G subarrays, the forward and backward spatial smoothing
covariance matrix can be respectively written as

Rforward =
1

G

G∑
g=1

Rg, (34)

and

Rbackward =
1

G

G∑
g=1

R̃g, (35)
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where R̃g = QMsub
R∗

gQMsub
, and QMsub

is a Msub-
order exchange matrix with zero except for the elements on
the subdiagonal, which are 1. Then the bidirectional spatial
smoothing covariance matrix is obtained [41]

Rbi =
1

2

(
Rforward +Rbackward

)
. (36)

If the number of subarrays G and elements of each subarray
Msub satisfy Msub ≥ L + 1 and 2G ≥ L, respectively, the
bidirectional spatial smoothing covariance matrix Rbi is full
rank. In this case, the angles of multipath channel components
can be estimated by standard MUSIC algorithm.

In the following, the complex-valued path coefficients α
are further estimated to detect the communication symbol,
where the direction of L multipaths should be considered when
constructing the receive beamforming matrix. Specifically, in
order to match the l-th path, the receive beamforming vector
a(θ̂l)

∥a(θ̂l)∥ can be employed with the pilot sequence ϕl, which
results in

yH
t,(l) =

√
Pt√
M

aH
(
θ̂l

)
hϕH

l +
1√
M

aH
(
θ̂l

)
Ut. (37)

Similar to the analysis in Section III-A, project yH
t,(l) to the

known pilot sequence ϕl, we have

yt,(l) =
1

ρ
yH
t,(l)ϕl =

√
Pt√
M

aH
(
θ̂l

)
h+

1√
Mρ2

ut,(l), (38)

where ut,(l) = aH
(
θ̂l

)
Utϕl is i.i.d. CSCG noise with power

Mρσ2. By concatenating yt,(l) in (38) for all l = 1, ..., L, we
have

yt,mp =
[
yt,(l), · · · , yt,(l)

]T
=

√
Pt√
M

AH(Θ̂)A(Θ)α+
1√
Mρ2

ut,mp,
(39)

where ut,mp =
[
ut,(l), · · · , ut,(l)

]T
denotes i.i.d. CSCG noise

with power Mρσ2. α can be estimated by LS method as

α̂ =

√
M√
Pt

(AH(Θ̂)A(Θ))−1yt,mp

(b)
≈

√
M√
Pt

(AH(Θ̂)A(Θ̂))−1yt,mp,

(40)

where (b) holds due to Θ ≈ Θ̂. Then the estimation of
heff is ĥeff = A

(
Θ̂
)
α̂, and the estimation error of heff is

formulated as

h̃eff = ĥeff − heff = A
(
Θ̂
)
α̂−A (Θ)α

=

√
M√
Pt

A
(
Θ̂
)(

AH
(
Θ̂
)
A
(
Θ̂
))−1

yt,mp −A
(
Θ
)
α.

(41)

When the angle is perfectly estimated, (41) can be written as

h̃eff =
1√
Ptρ2

A
(
Θ̂
)(

AH
(
Θ̂
)
A
(
Θ̂
))−1

ut,mp. (42)

Theorem 3: For multi-path communication with fully digital
receive beamforming, the channel estimation accuracy of the
proposed scheme can be evaluated by calculating the MMSE

of h as
eeff = E

[∥∥h̃eff

∥∥2] = Lσ2

Ptρ
. (43)

Proof: Please refer to Appendix B.
Compared with econ in (8), it is observed that when L <

M , the MMSE of the proposed efficient channel estimation
method is smaller than that the conventional scheme.

Furthermore, to detect the communication symbol, the opti-
mal receive beamforming vector veff = ĥeff

∥ĥeff∥ is considered,
which results in

yd,eff(n) = vH
effyd(n) =

√
Pdv

H
effhs (n) + ud,eff (n), (44)

where ud,eff (n) = vH
effud (n). The expected SNR of the signal

in (22) is written as

γeff = E
[
Pd

∣∣vH
effh
∣∣2

σ2

]
=

Pd

σ2
hHE

[
veffv

H
eff

]
h. (45)

Theorem 4: The upper bound of γeff is

γeff ≤ γupper =
Pd

σ2
∥h∥2. (46)

Proof: Please refer to Appendix C.
2) Hybrid Analog/digital Structure: Next, we study the

hybrid receive beamforming structure at the BS for more
practical scenarios. By passing through a hybrid beamforming
preprocessor, element space outputs at the BS is transformed
into beamspace. The digital signal reconstruction method and
digital covariance matrix reconstruction method proposed in
Subsection III-A can be applied here to obtain the spatial
covariance matrix. Then the angles of multipath channel can
be estimated accurately by MUSIC algorithm and forward-
backward spatial smoothing technique in Section III-B 1).

To further estimate the complex-valued path coefficients α,
the receive beamforming vector 1√

M
A(Θ̂) ∈ CM×L analyzed

for the digital structure in (39) can be directly used in the
hybrid beamforming structure, where MRF = L.

Furthermore, for the detection of the communication sym-
bol, an analog beamforming scheme that steers the beam
towards the channel direction for L paths is considered,
i.e., VRF = 1√

M
A
(
Θ̂
)

. The resulting signal after analog
beamforming can be formulated as

yd,RF(n) = VH
RFyd(n) =

√
PdV

H
RFhs (n) + ud,RF (n),

(47)
in which ud,RF (n) = VH

RFud(n) is the resulting noise vector.
When the angles are precisely estimated, i.e., Θ = Θ̂, (47)
can be expressed as

yd,RF(n) =

√
Pd√
M

AH
(
Θ̂
)
A
(
Θ̂
)
αs (n) + ud,RF (n).

(48)
In this case, the LS estimation of α and the MMSE of h equal
to α̂ in (40) and eeff in (43) in the fully digital structure.

According to [43], if the azimuth AoAs in ULA sys-
tem are independently generated from a continuous distri-
bution, as the number of antenna M approaches infinity
and that of the channel paths L satisfies L = o (M),
the receive array response vectors tends to orthogonal, i.e.,
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a (θl)⊥span ({a (θk) |∀k ̸= l}). Therefore, AH
(
Θ̂
)
A
(
Θ̂
)
→

MIL for the antennas of BS tends to infinity. Then (48) is
approximated as

yd,RF(n) ≈
√
PdMαs (n) + ud,RF (n). (49)

The receive digital beamforming matrix vBB = α̂
∥α̂∥ can be

used, which results in

yd,hybrid(n) = vH
BByd,RF(n)

=

√
PdM

∥α̂∥
α̂Hαs (n) + ud,hybrid (n) ,

(50)

where ud,hybrid (n) = vH
BBud,RF (n) is the CSCG noise with

zero-mean and variance σ2.
The expected SNR of the signal in (50) is written as

γeff,hybrid = E

[
Pd

∣∣vH
BBV

H
RFh

∣∣2
σ2

]
. (51)

Theorem 5: (51) can be approximated as

γeff,hybrid ≈ PdM∥α∥2

σ2

(
∥α∥2 + σ2

MPtρ

∥α∥2 + σ2L
MPtρ

)
. (52)

Proof: Please refer to Appendix D.
Compared with the upper bound of the expected SNR in

(46), the SNR loss defined by γ∆ is written as

γ∆ = γupper − γeff,hybrid

=
Pd∥h∥2

σ2
− PdM∥α∥2

σ2

(
∥α∥2 + σ2

MPtρ

∥α∥2 + σ2L
MPtρ

)

= Pd∥α∥2
(

L− 1

ρPt∥α∥2 + σ2L
M

)
,

(53)

where the last equality holds for ∥h∥2 → M∥α∥2 under the
assumption of AH (Θ)A (Θ) → MIL. It is shown that the
loss of SNR can be reduced by increasing the length of pilots.
Furthermore, γ∆ can also be written as

γ∆ = Pd∥α∥2
(
M

σ2
−

ρMPt∥α∥2

σ2 + 1

ρPt∥α∥2 + σ2L
M

)
. (54)

It is indicated that when the number of multipaths L increases,
the loss of SNR becomes larger. When L = M , γ∆ =
Pd∥α∥2M

σ2

(
1− 1

M
ρPt∥α∥2

σ2 +1

)
, which equals to the penalty loss ξ

in (6). That is to say, when L < M , the receive SNR for our
proposed scheme is higher than that of the traditional scheme
relying on pilot training.

C. Pilot Overhead Comparison

Finally, we compare the pilot overhead of our proposed
method with the conventional method solely relying on chan-
nel training. Let ρcon and ρeff,hybrid denote the length of
training sequence used by the conventional method in digital
beamforming structure and the proposed method in hybrid
beamforming structure, respectively. To achieve the same
performance for the expected SNR of the communication

signal, i.e., γcon in (6) is equal to γeff,hybrid in (52), for L > 1,
we have

ρcon =
M − 1

L− 1
ρeff,hybrid +

M − L

MSNRt (L− 1)
. (55)

That is to say, to achieve the same performance for the
expected SNR, the conventional method needs to consume at
least M−1

L−1 times pilots compared to the proposed method.
Furthermore, if the length of training sequence used by two

methods are equal, i.e., ρcon = ρeff,hybrid, the performance
gap of the expected SNR between the proposed scheme and
the traditional scheme can be written as

γgap = γeff,hybrid − γcon

= MSNRd

(
1− L

M

) (
ρSNRt +

1
M

)(
ρSNRt +

L
M

)
(ρSNRt + 1)

.
(56)

With the assumption that the number of antenna M approaches
infinity and that of the channel paths satisfies L = o (M), i.e.,
M → ∞, L

M → 0, γgap approaches to

γgap → MSNRd

ρSNRt + 1
. (57)

It can be shown from (57) that the performance gap increases
with the number of antennas. That is to say, compared with the
conventional scheme, the proposed efficient channel estimation
scheme enabled by ISSAC is expected to obtain much better
performance for large antenna systems operating at high
frequency bands.

IV. SIMULATION RESULTS

In this section, simulation results are provided to compare
the performance of the proposed efficient channel estimation
scheme enabled by ISSAC in the hybrid analog/digital beam-
forming structure with the conventional scheme in the digital
beamforming structure. It is worth noting that the conventional
scheme employing the digital beamforming structure can be
seen as the upper bound performance for that employing the
hybrid analog/digital beamforming structure. For mmWave
and THz channels, we set the number of total multi-paths
as L = 4. The path gains αl are independently drawn from
αl ∼ CN (0, 1) , l = 1, ..., L. Define P̄t = Pt

σ2 and P̄d = Pd

σ2

as the transmit SNR by the UE during pilot and data symbol
transmission phases, respectively. Unless specified otherwise,
we set P̄t = P̄d = −10 dB, the length of training sequence
for two methods as ρ = 4, the number of BS antennas as
M = 64, and the number of RF chains as MRF = L.

Fig. 3 plots the MMSE of the angles versus P̄d for
two methods introduced in Section III-B 2), i.e., the angle
estimation method based on digital signal reconstruction and
the method based on digital covariance matrix reconstruction.
It is observed from Fig. 3 that the estimation accuracy of
both methods are consistent in most cases, such as when
the SNR is more than -10 dB. While the SNR is less
than -10 dB, angle estimation scheme based on digital sig-
nal reconstruction achieves slightly better performance than
the other one. However, due to the involvement of high-
dimensional matrix multiplication and inversion when solving
linear equations, the method based on digital covariance



9

-25 -20 -15 -10 -5 0

Transmit SNR in data transmission phase (dB)

0

0.5

1

1.5

2

2.5

M
M

S
E

 (
°)

Digital signal reconstruction method
Digital covariance matrix reconstruction method

Fig. 3: MMSE of angles versus transmit SNR during data
transmission phase P̄t.

matrix reconstruction exhibits significantly high computational
complexity. Therefore, in the following, we use the estimation
method based on digital signal reconstruction to estimate
AoAs.

To compare the channel estimation performance of our
proposed scheme with the traditional scheme based on channel
training in [44], Fig. 4a and Fig. 4b plot the normalized
root mean-squared error (NRMSE) and their theoretical values
for two methods versus P̄t and the number of antennas,
respectively. NRMSE is defined as NRMSE =

√
MMSE
S∑

s=1
∥h∥2

.

Since for the proposed channel estimation method enabled by
ISSAC, the theoretical value of the MMSE of channel h is the
same for both the digital and hybrid structure, the theoretical
value of MMSE takes from econ in (8) and eeff in (43). It
is firstly observed from Fig. 4 that the actual values of both
schemes are very close to the theoretical values. In particular, it
is demonstrated that for the conventional scheme, the channel
error is independent of the number of antennas. In contrast, it
decreases as the number of antennas increases for our proposed
scheme. Further, compared with the conventional method,
the NRMSE of the channel estimation scheme enabled by
ISSAC is much smaller, and the gap increases with the number
of antennas, which makes our proposed scheme practically
appealing for large-antenna systems.

Fig. 5 plots the cumulative distribution function (CDF) of
the expected SNR of the signal for γcon in (5) and γeff,hybrid

in (51). It is observed that γeff,hybrid is larger than γcon with
the consideration of 90-percentile SNR. It is revealed that
even in the hybrid beamforming structure that uses limited RF
chains, the SNR performance of data transmission of channel
estimation scheme enabled by ISSAC is much better than that
of the traditional scheme in the digital beamforming structure
using a large number of RF chains.

Fig. 6a and Fig. 6b plot the receive SNR when decoding
data signals for two schemes in (5) and (51) and their approx-
imation values in (6) and (52) versus M and P̄d, respectively.
It is firstly shown from Fig. 6a that the approximation values
in (6) and (52) precisely match with the exact values in (5)
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(a) NRMSE versus transmit SNR during pilot training P̄t.
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(b) NRMSE versus the number of antennas M .

Fig. 4: NRMSE comparison of two schemes.
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Fig. 5: CDF of receive SNR.

and (51). It can also be observed in Fig. 6b that when P̄d

is less than -5dB, the receive SNR for our proposed scheme
is much higher than that of the traditional scheme, and this
gap is largest at around -25dB. This demonstrates that when
SNR is low, our proposed scheme can provide more accurate
channel estimation.
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(a) Receive SNR during data transmission phase versus the
number of antennas M .
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(b) Receive SNR versus transmit SNR P̄d during data
transmission phase.

Fig. 6: Receive SNR comparison of two schemes.
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Fig. 7: The length of pilots of the conventional method versus
that of the proposed method.

Fig. 7 plots the pilot overhead of the conventional method
ρcon versus that of the proposed method ρeff,hybrid in achieving
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Fig. 8: The performance gap of the expected SNR versus the
number of antennas.

the same communication performance (55). The numerical
simulation is obtained by averaging the results of 1000
independent channels. It can be firstly observed that the pilot
overhead of the traditional scheme is in general higher by more
than an order of magnitude than that of our proposed method.
In addition, it is observed that as the number of antennas M
increases, the slope of the lines increases, which indicates that
the advantage of our proposed scheme enabled by ISSAC in
reducing pilot overhead is more significant in large-antenna
systems.

Fig. 8 plots the performance gap of the expected SNR
between the proposed scheme and the traditional scheme in
(56) and its asymptotic value in (57) versus the number of
antennas M for two transmit SNR values, i.e., P̄t = P̄d = −5
dB and P̄t = P̄d = −10 dB. It can be firstly observed
that the asymptotic values are close to the theoretical values.
Furthermore, it is also observed that the performance gap
between two methods increases almost linearly with the
number of antennas, which indicates that our proposed method
can achieve much better performance especially when the
number of antennas is large.

V. CONCLUSION

In this paper, we propose an efficient channel estimation
scheme enabled by ISSAC in the hybrid analog/digital beam-
forming structure, which requires very few pilots under the
guarantee of accurate CSI estimation. In particular, we first
estimate the angles of the multi-path channel components
by super-resolution algorithms with no dedicated pilot while
communication data symbols are sent. Then, with the obtained
angles, by utilizing a few number of pilots, the multi-path
channel coefficients are further estimated with the enjoyment
of beamforming gain. Both the LoS channel and more general
multipath channels are studied to evaluate the MMSE of
channel estimation and the resulting beamforming gains. It
is revealed that the proposed scheme achieves more accurate
channel estimation and higher receive SNR than the traditional
pilot training method. Simulation results are presented to
validate our theoretical analysis.
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APPENDIX A
PROOF OF THEOREM 1

It is non-trivial to derive the closed-form expression of (5).
In order to obtain some useful insights, E

[
vconv

H
con

]
in (5)

can be approximated as

E
[
vconv

H
con

]
= E

[
ĥconĥ

H
con∥∥ĥcon

∥∥2
]
≈

E
[
ĥconĥ

H
con

]
E
[∥∥ĥcon

∥∥2]
=

E
[(

h+ h̃con

)(
h+ h̃con

)H]
E
[∥∥∥h+ h̃con

∥∥∥2] =
hhH + σ2

Ptρ
IM

∥h∥2 + Mσ2

Ptρ

,

(58)

where the approximation holds due to M ≫ 1. Based on (58),
the expected SNR of the signal in (5) is further approximated
as

γcon ≈
Pd∥h∥2

(
Ptρ
Mσ2 ∥h∥2 + 1

M

)
σ2
(

Ptρ
Mσ2 ∥h∥2 + 1

)
=

Pd∥h∥2
(
ρSNRt +

1
M

)
σ2 (ρSNRt + 1)

=
Pd∥h∥2

σ2

(
1−

1− 1
M

ρSNRt + 1

)
.

(59)

The proof of Theorem 1 is completed.

APPENDIX B
PROOF OF THEOREM 3

The MMSE of h for our proposed scheme can be written
as

eeff = E
[∥∥∥h̃eff

∥∥∥2]
= E

[∥∥∥∥ 1√
Ptρ2

A
(
Θ̂
)(

AH
(
Θ̂
)
A
(
Θ̂
))−1

ut,mp

∥∥∥∥2]
=

1

Ptρ2
E
[
uH
t,mp

(
AH

(
Θ̂
)
A
(
Θ̂
))−1

ut,mp

]
=

1

Ptρ2
E
[
tr

(
uH
t,mp

(
AH

(
Θ̂
)
A
(
Θ̂
))−1

ut,mp

)]
=

1

Ptρ2
E
[
tr

((
AH

(
Θ̂
)
A
(
Θ̂
))−1

ut,mpu
H
t,mp

)]
=

1

Ptρ2
tr
((

AH
(
Θ̂
)
A
(
Θ̂
))−1

E
[
ut,mpu

H
t,mp

] )
,

(60)

in which the second last equality holds for the identity
tr(AB) = tr(BA). According to [43], if the azimuth AoAs in
ULA system are independently generated from a continuous
distribution, as the number of antenna M approaches infinity
and that of the channel paths L satisfies L = o (M), the
receive array response vectors tends to be orthogonal, i.e.,
a (θl)⊥span ({a (θk) |∀k ̸= l}).

Therefore, AH
(
Θ̂
)
A
(
Θ̂
)
→ MIL for the antennas of BS

tends to infinity. Then eeff can be expressed as

eeff =
Mσ2

Ptρ
tr

(
1

M
IL

)
=

Lσ2

Ptρ
. (61)

The proof of Theorem 3 is completed.

APPENDIX C
PROOF OF THEOREM 4

It is non-trivial to derive the closed-form expression of
(45). Therefore, to gain some insights, we assume the angle
is perfectly estimated and approximate E[veffv

H
eff ] in (45) as

E
[
veffv

H
eff

]
= E

[(h̃eff + h
)(

h̃eff + h
)H

∥∥∥h̃eff + h
∥∥∥2

]

≈
E
[(

h̃eff + h
)(

h̃eff + h
)H]

E
[∥∥∥h̃eff + h

∥∥∥2]

=
E
[
h̃eff h̃

H
eff

]
+ hhH

E
[∥∥∥h̃eff

∥∥∥2]+ ∥h∥2

=

σ2

Pt
A
(
Θ̂
)(

AH
(
Θ̂
)
A
(
Θ̂
))−1

AH
(
Θ̂
)
+ hhH

Lσ2

Pt
+ ∥h∥2

.

(62)

Based on (62), the expected SNR of the signal in (45) is
approximated as

γeff =
Pd

σ2

σ2

Pt
hHA

(
Θ̂
)(

AH
(
Θ̂
)
A

(
Θ̂
))−1

AH
(
Θ̂
)
h+ ∥h∥4

Lσ2

Pt
+ ∥h∥2

=
Pd

σ2

σ2

Pt
tr

(
A

(
Θ̂
)(

AH
(
Θ̂
)
A

(
Θ̂
))−1

AH
(
Θ̂
)
hhH

)
+ ∥h∥4

Lσ2

Pt
+ ∥h∥2

≤
Pd

σ2

σ2

Pt
tr

(
A

(
Θ̂
)(

AH
(
Θ̂
)
A

(
Θ̂
))−1

AH
(
Θ̂
))

tr
(
hhH

)
+ ∥h∥4

Lσ2

Pt
+ ∥h∥2

=
Pd

σ2

Lσ2

Pt
∥h∥2 + ∥h∥4

Lσ2

Pt
+ ∥h∥2

=
Pd

σ2
∥h∥2.

(63)

Then the upper bound of the expected SNR is obtained as

γeff ≤ γeff,upper =
Pd

σ2
∥h∥2. (64)

The proof of Theorem 4 is completed.

APPENDIX D
PROOF OF THEOREM 5

It is non-trivial to derive the closed-form expression in (52).
In order to gain some insights, we assume that the angle is
perfectly estimated, according to (40), the estimation error of
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α̂ is written as

α̃ = α̂−α

=

√
M√
Pt

(AH(Θ̂)A(Θ̂))
−1

yt,mp −α

=
1√
Ptρ2

(AH(Θ̂)A(Θ̂))
−1

AH(Θ̂)ut,mp

≈ 1

M
√

Ptρ2
AH(Θ̂)ut,mp.

(65)

The expected SNR of the signal in (50) is rewritten as

γeff,hybrid = E

[∣∣√PdMα̂Hα
∣∣2

σ2∥α̂∥2

]

≈ PdM

σ2

E
[∣∣∣(α+ α̃)

H
α
∣∣∣2]

E
[
∥α+ α̃∥2

] ,

(66)

where

E
[∣∣∣(α+ α̃)

H
α
∣∣∣2]

= E
[∣∣∣∣∥α∥2 + 1

M
√
Ptρ2

uH
t,mpA

(
Θ̂
)
α

∣∣∣∣2]
= ∥α∥4 + σ2∥α∥2

MPtρ
,

(67)

and

E
[
∥α+ α̃∥2

]
= ∥α∥2 + E

[
1

M2Ptρ2
uH
t,mpA

(
Θ̂
)
AH

(
Θ̂
)
ut,mp

]
= ∥α∥2 + 1

M2Ptρ2
E
[
tr
(
uH
t,mpA

(
Θ̂
)
AH

(
Θ̂
)
ut,mp

)]
= ∥α∥2 + 1

M2Ptρ2
E
[
tr
(
AH

(
Θ̂
)
ut,mpu

H
t,mpA

(
Θ̂
))]

= ∥α∥2 + 1

M2Ptρ2
tr
(
AH

(
Θ̂
)
E
[
ut,mpu

H
t,mp

]
A
(
Θ̂
))

= ∥α∥2 + σ2

M2Ptρ
tr
(
AH

(
Θ̂
)
A
(
Θ̂
))

= ∥α∥2 + σ2L

MPtρ
.

(68)

Then (66) can be rewritten as

γeff,hybrid ≈ PdM∥α∥2

σ2

(
∥α∥2 + σ2

MPtρ

∥α∥2 + σ2L
MPtρ

)
. (69)

The proof of Theorem 5 is completed.
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