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ABSTRACT This article presents an advanced synchronization and channel estimation architecture for
multi-stream MIMO systems in sub-terahertz environments. To streamline hardware complexity, we employ
Golay cross-correlation across all detection and estimation schemes. Key innovations include a precise timing
detection algorithm that utilizes pulse shaping impulse response and quadratic regression, along with multiple
window-based approaches to enhance performance against non-ideal effects. At the architectural level, a
shared optimized Golay correlator reduces hardware usage by 23%, efficiently handling multiple correlation
lengths in a single design. Additionally, we propose an indexing-count method that addresses sorting
challenges, achieving notable improvements in processing speed and complexity reduction. The proposed
design supports the highest modulation schemes defined in IEEE Std. 802.15.3d, achieving an uncoded bit
error rate of 1.96x107* for 16-QAM and 64-QAM at SNRs of 18.8 dB and 25 dB, respectively. This meets
the IEEE Std. 802.15.3d standard of 107'2 at SNRs of 19.6 dB and 25.6 dB for these modulation schemes
after error correction. Our hardware operates at a clock rate of 1.76 GHz, enabling dual-stream transmission

and achieving a throughput of 21.12 Gb/s with 64-QAM modulation.

INDEX TERMS Hybrid beamforming, Multi-stream, MIMO, Synchronization, Channel Estimation, IEEE
802.11ay, IEEE 802.15.3d, Sub-Terahertz Communication, Golay Sequence

I. INTRODUCTION

In recent years, to meet the growing data rate requirements of
emerging applications, 6G systems are anticipated to
complement microwave and mmWave connectivity with
wireless communications operating at frequencies far beyond
conventional ranges [1]. This includes sub-terahertz (sub-
THz) band communications (100-300 GHz), offering
continuous spectrum resources spanning tens of gigahertz. To
address these needs, IEEE Std. 802.15.3d [2] was developed
as an amendment to IEEE Std. 802.15.3-2016 [3], defining a
wireless physical (PHY) layer capable of 100 Gbit/s
transmission, specifically targeting the sub-THz spectrum for
its abundant resources.

As the 6G vision is still in its early stages, the primary goal
of IEEE Std. 802.15.3d is to provide a low-complexity, high-
rate connectivity standard, focusing on single-stream
transmission and bandwidth enhancements to increase data
rates, with bandwidths of up to 69 GHz. However, expanding

the signal bandwidth to these levels presents substantial design
challenges for RF circuits, such as analog-to-digital converters
(ADCs), digital-to-analog converters (DACs), and power
amplifiers  (PAs), thereby complicating practical
implementation.

To address these challenges, MIMO (Multiple-Input
Multiple-Output) technology offers a promising solution by
enhancing spectral efficiency and link reliability through
spatial multiplexing and diversity gains. In the sub-THz band,
MIMO can significantly boost data rates and link robustness
without consuming additional bandwidth, making it a critical
enabler for future high-capacity 6G systems.

Although considerable research has been conducted on sub-
THz MIMO systems [4-7], much of these work focus on
advancing transmission techniques and developing new
algorithmic solutions to address high-frequency challenges.
While these studies have driven significant progress in the
field, they primarily concentrate on improving system
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performance from a theoretical and algorithmic perspective.

In contrast, this paper focuses on validating and extending
existing standard-defined specifications, particularly IEEE
Std. 802.15.3d, to evaluate the feasibility of sub-THz MIMO
operations in future communication environments. Instead of
introducing entirely new algorithms or transmission
paradigms, we investigate whether the existing standard,
originally developed for single-stream transmission, can be
adapted to support multi-stream MIMO under practical
conditions.

An essential element of our approach involves leveraging
insights from IEEE Std. 802.11ay [8], a millimeter-wave
specification that focuses on MIMO scenarios. This standard
shares a critical design feature with IEEE Std. 802.15.3d by
incorporating the Golay sequence as a preamble to facilitate
synchronization and channel estimation. This similarity makes
it feasible to adopt concepts and techniques developed for
IEEE Std. 802.11ay’s MIMO scenarios within IEEE Std.
802.15.3d.

In this work, we define the environment and specifications
for a sub-THz MIMO system by referencing published sub-
THz MIMO channel models [9] and accounting for non-ideal
effects typical of this frequency range [2]. We then present a
Golay correlation-based multi-stream receiver design tailored
for sub-THz MIMO systems and propose a corresponding
hardware architecture. Through a series of two-stage
estimation and compensation approaches, the design achieves
accurate synchronization and precise channel estimation.

To meet the high-speed 1.76 GHz clock rate requirement,
each module is developed with pipelining techniques and a
feed-forward data path. To further reduce hardware
complexity, we propose a shared multi-length Golay
correlator structure capable of computing correlation results
for various detection and estimation algorithms. For high-
performance channel estimation, we analyze several
algorithms tailored to the system’s environment and
specifications. Numerous studies have effectively addressed
the threshold selection problem [10-14], particularly in sparse
channel environments typical of high-frequency systems.
Building on these efforts, we propose a streamlined
architecture for the channel impulse response (CIR) denoising
threshold within the channel estimator. These solutions
enhance estimation accuracy while minimizing hardware
complexity, ensuring that the system achieves high reliability
and a low bit error rate (BER) of 1072, as specified by IEEE
Std. 802.15.3d.

This paper is organized as follows. The system
specifications and models for multi-stream MIMO system in
sub-THz band are introduced in Section II. The algorithms of
synchronization and channel estimation with simulation
results are described in Section III. The hardware design is
presented in Section IV. Finally, conclusions are given in
Section V.

Il. SYSTEM SPECIFICATIONS AND MODEL

Since IEEE Std. 802.15.3d does not define MIMO operation,
we refer to the multi-stream frame structure from IEEE Std.
802.11ay, as depicted in Fig. 1, where s indicates the stream
index, N is number of streams. As described in [15], this
specification leverages two key features.

First, Golay sequences, a type of complementary sequence,
exhibit the property that the sum of their autocorrelation
functions is zero for all time shifts except at zero. This
characteristic ensures precise alignment, strong noise
resistance, and makes Golay sequence ideal for
synchronization in  communication  systems. The
autocorrelation property of complementary sequences is
expressed as:

Gay[—n] ® Gay[n] + Gby[-n] @ Gby[n] = N&[n] (1)

where Ga and Gb form a complementary Golay pair, N is the
length of the sequence, @ denotes the circular convolution
operator, and §[n] represents the delta function.

Second, to achieve high estimation accuracy, specific pairs
of Golay sequences with zero cross-correlation are employed
to minimize interference between different streams, which is
critical for channel estimation. This property is given by:

Ga, [-n] ® Ga¥[n] + Gb¥ [-n] ® Gby[n] =0 (2)
Gal [-n] ® Ga}[n] + Gb¥ [-n] ® Gby[n] =0 (3)

where u and v indicate distinct Golay sequences. In IEEE Std.
802.11ay, these indices correspond to different streams, and
the zero cross-correlation property holds only if u belongs to
{1,3,5,7} and v equals to u+1. Since the sequences that
achieves zero cross-correlation with a given sequence is
uniquely determined, the valid pairs are limited to (1, 2), (3,
4), (5, 6), and (7, 8). Only these pairs can mutually satisfy the
zero cross-correlation property.

When the system employs more than two streams, the
channel estimation field must expand accordingly, as shown
in Fig. 1. For transmissions with 3 or 4 streams, the Golay
sequence duration must double, and for 5 to 8 streams, it must
quadruple. This additional dimension ensures sufficient
information to effectively eliminate interference between
streams.

The system parameters are listed in Table I, and the system
simulation block diagram is shown in Fig. 2. We adopt the sub-
THz MIMO channel model from [9] and employ a hybrid
beamforming structure [16] to address high signal attenuation
and mitigate interference between streams in the sub-THz band.
Given the sparse nature of the sub-THz channel [9] and the high
correlation within tightly-packed antennas, we focus on two-
stream transmission, with the first stream having the largest
beamforming gain. As depicted in Fig. 3, our system uses two
RF chains for the two-stream transmission, with both the
transmitter and receiver equipped with 64 antennas. A DFT
codebook is utilized for the analog precoder and combiner
design through beam searching, enabling us to concentrate on
the effective channel in the digital baseband. This system also
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accounts for RF component imperfections, including additive

white Gaussian noise (AWGN)), carrier frequency offset (CFO),

sampling clock offset (SCO), and symbol timing offset (STO).

By leveraging the complementary property of the Golay
sequence described in [17], the proposed synchronization
scheme exploits the repetitive Golay sequences found within
both the legacy-short training field (L-STF) and enhanced
directional multi-gigabit short training field (EDMG-STF).
The effective channel estimation is processed during EDMG
channel estimation field (EDMG-CEF).

lll. ALGORITHMS OF SYNCHRONIZATION AND
CHANNEL ESTIMATION

The proposed synchronization and channel estimation process
flow is depicted in Fig. 4. Initially, during the first segment of
L-STF region, we utilize Golay correlation for preamble
detection. Subsequently, first-stage timing recovery and coarse
CFO/SCO estimation are conducted by analyzing the repetitive
Golay correlation peaks. Boundary detection is then achieved
by identifying the sign inversion of the correlation peaks at the
end of the L-STF. Executing these steps enables effective coarse
compensation, ultimately enhancing the precision of subsequent
estimations.

Similarly, we make use of the EDMG-STF for second-stage
timing recovery to achieve more accurate CFO/SCO estimation.
Additionally, the EDMG-CEF is employed to detect the
precursor timing, enabling the identification of an ISI-free
region. Finally, Golay correlation is utilized to estimate the
effective channel, and denoising methods are applied to mitigate
the AWGN effect. Detailed operations of the algorithms for
each step will be sequentially presented.

A. GOLAY CORRELATION BASED TWO-STEPS
SYMBOL TIMING DETECTION

With the beamforming technique, the power of the entire CIR
becomes concentrated on the main tone, we can estimate the
precise timing of the distinct main tone through Golay cross-
correlation, thereby obtaining the symbol timing. Symbol
timing detection takes place during the L-STF and consists of
two steps as follows:

1) FIRST STEP: POWER-NORMALIZED GOLAY
CORRELATION

Inspired by [18], we propose a multi-stream synchronization
technique based on power-normalized Golay correlation (P-
NGC). This method leverages the properties of the Golay
sequence, as described in (1), along with the sparse nature of
the sub-THz channel. Specifically, the cross-correlation XC[n]
between the received signal and the original Golay sequence
exhibits a significant peak at the main tone of the channel,
making it an ideal reference for signal detection. The N-point
cross-correlation is expressed as:

Ne s
2
. Z (A*_[m]r[n +m— NA]>
XCy,[n] = ﬁ< "11V=601 2 N C))
¢ 2
+ Z (BN [m]rin+m — NB]>

where N represents the correlation length, while Ay_/, and
By, /2 denote Golay pairs, each with a length of N./2. The
terms N, and Np correspond to the relative displacements
required for alignment, and r[n] represents the received signal.

Next, applying power normalization to the cross-correlation
allows us to express the P-NGC for stream s as:

2
Zm 0|XC(S) [n(s)—m”
g Zi=olr () -m]|”

P-NGC[n®] = (5)

The normalization simpliﬁes timing detection by enabling
the use of a constant threshold, regardless of whether
automatic gain control (AGC) has been applied. The peak of
the normalized correlation serves as the signal arrival time for
each stream.

Unlike the approach in [18], which relies on auto-
correlation, our method focuses on cross-correlation to reduce
overall system complexity. Furthermore, summing the powers
of two successive correlations mitigates the dispersion of the
Golay correlation’s main-tone power across adjacent samples,
particularly under fractional symbol timing offset (fSTO)
conditions.

With the incorporation of the power normalization factor in
(5), we can consistently detect the preamble using a constant
threshold, regardless of the main-tone power. This detection
process is described as:

ne = min{n®| P-NGC[n®] > P} ©)

where n( S) represents detected coarse symbol timing for the
s-th stream in the first step, and Py, is the predefined power
threshold.

2) SECOND STEP: THRESHOLD-BASED ADAPTIVE
WINDOW SCANNING TECHNIQUE

However, the performance of the P-NGC algorithm is
significantly influenced by the threshold selection and is
susceptible to noise, leading to potential issues of false alarm
or missed detection. To address these challenges, we propose
a threshold-based adaptive window scanning (TBAWS) main-
tone searching technique to enhance accuracy.

Initially, we set a relatively low threshold on P-NGC to
enhance the probability of detection. Upon acquiring ngs), we
establish a region to identify the maximum P-NGC value, as
described as follow:

IES) = arg max P-NGC[n®] (7)

n(S) e R

This work is licensed under a Creative Commons Attribution 4.0 License. For more information, see https://creativecommons.org/licenses/by/4.0/



This article has been accepted for publication in IEEE Open Journal of Circuits and Systems. This is the author's version which has not been fully edited and
content may change prior to final publication. Citation information: DOI 10.1109/0JCAS.2024.3510921

where s represents the stream index, n}s) denotes the detected
fine symbol timing. The scanning region, R®®), is defined as
tzgs),nﬁs) +1, ngs +2, ...,ngs) + N, {, where N,, indicates
the window length, and is set as 64 points, corresponding to
the repetition period of the correlation peak.

Finally, to mitigate the dispersion problem caused by fSTO
effects, we compare the highest cross-correlation power
between two successive correlation samples to determine the
final main-tone timing, denoted as n,,:

nﬁ,? = arg max |XC£S4) [n](cs) - m]|2 (8)
{n}s)—m|me[0,1]}

The simulation results depicted in Fig. 5 show the success
rate of preamble detection for each individual stream, with and
without TBAWS main-tone searching technique. This
approach clearly demonstrates a significant improvement in
preamble detection success rates for both streams, particularly
under low signal-to-noise ratio (SNR) conditions. With the
introduction of this search window, even at an SNR as low as
-5 dB, a 100% detection accuracy is achieved.

B. GOLAY CORRELATION BASED TWO-STAGE
QUADRATIC REGRESSION TIMING RECOVERY FOR
STO

To enable more precise estimation under the fSTO effect, we
propose a two-stage timing recovery mechanism that exploits
the response of the pulse shaping filter (PSF) to recover the
timing of the main tone.

First, after detecting the symbol timing in the previous step,
we select the sampled data around the main tone. Then, a
quadratic regression polynomial model is iteratively applied to
fit the correlation samples, gradually approaching the desired
shape of the impulse, as depicted in Fig. 6. For each individual
stream, the i-th iteration of the estimated CIR main cursor,
y®[k], can be represented as:

i-1
YOIkl = XCy, | + Nl = 1) + 3+ Y 6P| ©9)
p=0
where k is the sample index, x;, is the k-th sample next to the
main-tone, P is the estimated fractional timing error in the
p-th iteration, and N, is equal to 64 and 128 for first and
second stage, respectively. The least squares (LS) fitting
quadratic polynomial f®(x) and deviation g can be
expressed as

FOG) =B +pPx + BPx? (10)
g =) (YOl - ) (n

Through the least squares fitting technique [19], we can get
the coefficients of the polynomial as

® @O _ p@® @ _
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(14)

where p and C are the mean and cross-correlation operations,
X is the sample space of the input time index X, Y is the
sample space of the Golay correlation samples y ®[k].

The estimated timing error in the i-th iteration € shown
in Fig. 6 is the time index of the maximum value of f®(x),
and it can be described as:

é® = arg max fO(x) (15)
X

By solving the differential equation, we can get the
estimated timing error:

TAUCI O] 0)
“ox = by + 2,32 x=0 (16)
i @0 _.0 0
NC U G | T o o s T
2p® 2@ DO
2 X2y XX~ “XY“xx2

Finally, the estimation of the timing error is shown as
follows:

{ a-w)@O[-1]-9O[1]) }
+W1 @D [-1]-94 D))

() — _ i i )
¢ { 20-W5) (5O 11-25 O[o]+5 D [a]) } (18)
+2W, (§E-D[=1]-29E=D[0]+pE-D[1])
9O[k] = Real{y@[kly®"[0]} (19)

For hardware-friendly design, we simplify the timing error
estimation by restricting the value of k to {-1, 0, 1}. To
mitigate the impact of AWGN and non-ideal effects, we
modify y®[k] as the Euclidean inner product between the
given Golay correlation sample and the Golay correlation
main-tone, as shown in (19). Additionally, two loop filters are
applied to the estimated timing error to further reduce the
AWAGN effect during each iterative process. The loop filter
coefficients, represented by W; and W, , are carefully
designed to be smaller than one, ensuring stability and reliable
performance under the influence of AWGN.

In our system, a two-stage estimation process is employed,
with the first stage in L-STF and the second stage in EDMG-
STF. A key factor enhancing the overall performance is the
compensation achieved during the first stage, which sets the
foundation for improving the second-stage estimation. The
main distinction between these stages lies in the Golay
correlation length, which is 64 points in L-STF and 128 points
in EDMG-STF. Once the L-STF is completed, we achieve the
first stage timing recovery and obtain estimated coarse
CFO/SCO wvalues. These estimates enable us to effectively
compensate for the CFO/SCO effects during the subsequent
fields, particularly during EDMG-STF. With these non-ideal
effects mitigated and the extended estimation length, EDMG-
STF demonstrates superior performance. As shown in Fig. 7,
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the second stage of timing recovery significantly improves the
residual timing error from 10°! to 104, an enhancement of three
orders compared to the first stage.

C. BOUNDARY DETECTION

The sign-inversed Golay sequence at the end of the L-STF is
used for boundary detection. This inversion triggers a
corresponding sign change in the correlation result, providing
a reliable reference to detect the end of the sequence. The
condition for boundary detection can be described as follows:

Re{XCE) [n® + 64(1 — D]XCE) [0 + 641]

-1
x Z XCE [n® + 64(m — D]XCE) [n® +64m] | t <0
m=1

(20)

where s is the stream index, and [ indicates [-th correlation
peaks.

In our approach, we adopt a technique that leverages the
repetitive auto-correlation peaks to mitigate the CFO effect.
Additionally, we accumulate correlation results to suppress
noise and combine results from different streams to enhance
performance. This approach achieves a boundary detection
success rate of up to 100% when SNR exceeds -5 dB in both
streams, as depicted in Fig. 8.

D. GOLAY CORRELATION BASED COARSE AND FINE
STREAM-COMBINED CFO/SCO ESTIMATION

Unlike the method in [18], which uses the auto-correlation
(AC) of the received signal, we leverage the auto-correlation
of the cross-correlation result, thereby reducing hardware
overhead by reusing the cross-correlation output. This
approach is expressed as:

AC[n] = XCy_[n] x XCy_[n + N¢]
= eNex0cro + e[n] + €[n + N,] (1)

where N, represents the correlation length, 8.5, denotes the
phase error to be estimated and € is the error term due to
AWGN.

By exploiting the repetitive Golay correlation peaks in the
L-STF, we can suppress noise through accumulated
correlation results. The multi-stream CFO estimation method
is as follows:

" 1 .
Ocro = Ne X Z{Z Z (Xcl(\fg [n® + N x (m = 1)]
N m
x XC{[n® + N x m])} (22)

where O, is the estimated CFO, s presents the stream index,
and N, is equal to 64 and 128 for coarse and fine estimation,
respectively.

Our algorithm further reuses the auto-correlation of
repetitive correlation peaks, enabling efficient integration of
the optimized Golay correlator (OGC) [20] within modules for
symbol timing synchronization and frequency offset
estimation, resulting in a streamlined and effective design.

To avoid frequency ambiguity, we specifically set N to 64
for coarse CFO estimation in L-STF. Additionally, the
accumulation of auto-correlation results effectively suppresses
the noise effect, further enhancing the performance of the CFO
estimation process. Furthermore, to mitigate noise effectively,
we adopt a maximum ratio combining approach to combine
the estimated CFO values obtained from different streams.

The fine CFO estimation takes place in EDMG-STF, where
the estimation algorithm remains the same as (20). The major
distinction is that coarse CFO compensation has been
completed at this period, preventing severe influence from
frequency ambiguity. Consequently, N, can be set to 128
points, enabling more precise and accurate estimation results.
This technique yields improved noise immunity and enhances
the accuracy of the CFO estimation process. As a result, the
mean square error (MSE) of CFO estimation can be as low as
10, as shown in Fig. 9.

For SCO estimation, since the carrier and the sampling
clock are derived from the same reference oscillator [21], we
can estimate SCO by:

8 9
Osco = <o (23)

where 8¢ is the estimated SCO, £, is the carrier frequency,
and Ty is the sample period.

E. TIMING SYNCHRONIZATION REFINEMENT

Although we accurately detect the CIR main-tone timing
during symbol timing synchronization, it is essential to
identify the CIR first path precursor timing before channel
estimation due to the following reasons:

1) ISI-FREE REGION

Fig. 10 illustrates that if there are precursor samples in the CIR,
selecting the main-tone timing as the start timing of the FFT
window for frequency-domain (FD) digital combining and
equalization will lead to inter-symbol interference (ISI).

2) SAFE RANGE OF GOLAY CORRELATION

Effective channel estimation relies on the complementary
correlation property of the Golay sequence. However, the
range of the zero-correlation region, crucial for maintaining
the orthogonality of the Golay sequence, is impacted by the
multipath effect, leading to channel estimation errors, as
shown in Fig. 11. Due to this phenomenon, we must limit the
correlation range according to the channel delay spreads to
ensure estimation accuracy.

Therefore, detecting the timing of the first path precursor,
appropriately adjusting the synchronized timing, and
identifying the correct correlation region before channel
estimation are crucial for achieving high performance.
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We propose a power ratio precursor detection technique that
establishes a search window before the main tone and
compares the power between the main tone and n-th tap
within this window to detect the true channel taps. The
proposed detection process is expressed as follows:

W =

(s)
argmin  {n|10logy, % < P} (24)

{ne€search window}

where s is the stream index, nﬁs) represents the estimated first

path time index, i.e., refined timing of the system. Pn(f) denotes
the estimated power of main-tone, Pn(s) indicates the estimated
power of n-th channel tap, and P; is a predefined threshold.

Finally, a joint ISI-free timing index, n;, can be obtained
through the estimated refined timing of all streams, described
as:

ne=min{n®}, 1<s<N; (25)

where N is the total number of streams.

F. Effective Channel Estimation and Denoising
The effective channel estimation can be achieved by zero cross
correlation property as mentioned in (2)(3). By combining
different sets of receive data with clean Golay sequence, we
can obtain effective channel responses from different paths.
As EDMG-CEF includes two 512-point Golay pairs, we
can estimate the CIR twice and then take the average of the
two estimates to mitigate noise. Furthermore, to enhance
performance, we employ a threshold-based denoising method,
as described below:

i e 112 .
RUn] = { RYnl, if |RY[n]]" > 2 26)
0, otherwise
where i and j represent the indices of the received and
transmitted streams, respectively, i, donates the estimated
channel, h, represents the estimated channel after denoising
technique, and 1Y indicates the threshold value corresponding
to the stream pair.

In our specific system environment, we evaluate the
performance of various algorithms, as depicted in Fig. 12.
Ultimately, we opt for the two-stage universal thresholding
method [14] due to its superior performance in channels with
sparsity and its ability to operate without prior knowledge of
channel statistics (KCS) parameters.

The algorithmic flow of the method is illustrated in Fig. 13
with a two-stage approach. In the first stage, the estimated
noise standard deviation is utilized to filter out potential real
channel taps. This step is crucial to mitigate bias in noise
standard deviation estimation, particularly at higher SNR
levels where real channel taps can introduce such bias. By
excluding real channel, the remaining signal are treated as
noise samples, resulting in a more accurate estimation of the
noise standard deviation. The threshold is calculated based on
the estimated noise statistics as follows:

52 = ﬁmedian(lv’l?[n]lz) @7
In4

where 62 is the estimated noise variance, and W[n] denotes
the estimated noise samples, represented as channel taps, hY,
in the first stage and noise taps, A7 , in the second stage.

IV. HARDWARE ARCHITECTURE DESIGN

A. ARCHITECTURE AND PROCESS FLOW

The hardware architecture, illustrated in Fig. 14, incorporates
pipelining techniques in each module to achieve a 1.76 GHz
chip rate. The notation SI.F on each signal line indicates sign
bit S, I-bit integer word length (IWL), and F-bit fractional
word length (FWL). Moreover, to reduce hardware
complexity, all detection and estimation modules efficiently
reuse the shared OGC outputs. The process flow is described
as follows.

1) PREAMBLE DETECTION IN L-STF

In the initial state, the multiplexer is switched to 0. The
preamble detection module uses the correlation results to
detect the main-tone timing. Once the preamble is detected,
the multiplexer will be switched to 1.

2) FIRST STAGE TIMING RECOVERY AND CFO/SCO
ESTIMATION IN L-STF

When the multiplexer is switched to 1, the first stage timing
recovery and CFO/SCO estimation are conducted. The cubic
B-spline interpolator in Farrow structure [22] is used to
compensate the fractional sample error. The Coordinate
Rotation Digital Computer (CORDIC) in vectoring mode is
adopted to calculate the phase offset in CFO/SCO estimation
module. After detecting the boundary of L-STF, the
multiplexer will be switched to 2.

3) SECOND STAGE TIMING RECOVERY AND CFO/SCO
ESTIMATION IN EDMG-STF

When the multiplexer is switched to 2, the second stage
processing is carried out by using the coarse CFO/SCO
compensated EDMG-STF. The CORDIC in CFO/SCO
estimation module is shared to compensate the phase error,
and the First In First Out (FIFO) is used to compensate the
accumulated integer sample error. Once the counter counts to
the end of EDMG-STF, the multiplexer will be switched to 3.

4) PRECURSOR DETECTION AND EFFECTIVE
CHANNEL ESTIMATION/DENOISING IN EDMG-CEF

When the multiplexer is switched to 3, the fine CFO/SCO
compensated EDMG-CEF is used to detect the precursor
timing. Once the precursor is detected, the estimated CIR
samples are sent into the denoising module. Finally, the
denoised effective CIR and the compensated payload are
processed by the digital combiner.

B. PROPOSED SHARED OPTIMIZED GOLAY
CORRELATOR

In [20], an OGC structure is proposed for Golay correlation.
This system requires OGC structures with three different
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correlation lengths: 64, 128, and 512 points. Specifically, 64-
point correlation is used for preamble detection, first stage
timing recovery, and coarse CFO/SCO estimation in the L-
STF. 128-point correlation is employed for the fine CFO/SCO
estimation and second stage timing recovery in the EDMG-
STF, while 512-point correlation is utilized for time domain
effective channel estimation in the EDMG-CEF.

Due to the high compatibility of this correlation structure,
we propose a shared OGC structure, as illustrated in Fig. 15,
to reduce hardware overhead. The figure only illustrates the
beginning and end of the shared OGC structure, omitting the
repetition of the basic OGC units in the middle for simplicity.
Several multiplexers are inserted to select the correct inputs
for correlation in L-STF, EDMG-STF, and EDMG-CEF. The
synthesis result using the TSMC CMOS 16nm FinFET
Compact process shows that the gate count is significantly
reduced from 242.3k to 186.2k with the sharing technique, as
depicted in Table II, resulting in a remarkable 23% reduction
in hardware usage.

C. TWO-STAGE QUADRATIC REGRESSION TIMING
RECOVERY

The block diagram of the two-stage timing error detection for
one stream is illustrated in Fig. 16. The primary computational
expenses include the 6 multiplications for the Euclidean inner
products and the division needed to generate the timing error
result. To reduce hardware utilization without compromising
error rate estimation, appropriate quantization has been
introduced. Additionally, to achieve the 1.76 GHz clock rate,
the divider is designed with two pipelined stages, and the
overall output corresponds to the timing error as shown in (18).

D. DUAL MODE CORDIC

We adopt the CORDIC in vectoring mode to estimate the CFO,
and it can be shared to compensate for the phase error of data
in rotation mode. Fig. 17 shows the block diagram of the dual-
mode CORDIC [23].

The CORDIC process ensures the angle is within the range
[-m/2, m/2]. Tt starts with an initial stage to map coordinates
between quadrants and performs angle pre-processing. Then,
rotation stages update the coordinates and angles, followed by
a scaling stage to adjust the vector amplitude and an angle
post-processing stage compensates for the rotation angle.

E. NOVEL EFFECTIVE CHANNEL DENOISING
ARCHITECTURE

To realize the median function in (26), the traditional approach
involves using a comparison-based sorting algorithm with a
lower bound complexity of O(n logn), where n is the amount
of data. However, this approach demands a significant number
of comparisons to sort a series of input samples.

To address this, we propose an indexing-count method from
a hardware perspective. This method treats the input sample
values as array indexes and increments corresponding
counters based on the signal magnitudes to provide two
significant benefits. Firstly, it achieves linear complexity
O(n+k), where k is determined by the range of input values.

Secondly, the length of the noise samples required for
subsequent calculations can be directly obtained from the
value of the counters.

The analysis shows that in our system environment, a 6-bit
representation (equivalent to 64 counters) is adequate for
representing the median power value of noise samples. In the
worst-case scenario, we need to arrange 129 data points.
Therefore, with n set to 129 and k to 64, the indexing-count
method demonstrates almost five times greater efficiency
compared to comparison-based approaches.

After determining the number of noise samples through
simulation analysis, we establish a lookup table structure for
calculating the In(+) value.

These approaches facilitate a straightforward and highly
efficient hardware design, as illustrated in Fig. 18.

F. HARDWARE DESIGN RESULTS

To achieve the desired 1.76 GHz chip rate, we utilize
pipelining techniques in the hardware architecture. For a two-
stream transmission with 64-QAM modulation, we
successfully attain a throughput of 21.21 Gb/s. To optimize the
hardware, the Golay correlator employs efficient resource
utilization, and an indexing-count method is proposed to
reduce the hardware complexity of the sorting algorithm. We
employ IC Compiler from Synopsys for circuit synthesis.
Table III summarizes the overall proposed design. The gate
count is calculated based on NAND?2 cell with an area equal
to 0.2 um?. The power measurements are conducted using the
PrimeTime tool.

The bit error rate (BER) performance results shown in Fig.
19 demonstrate that the proposed system meets the required
specifications. In this figure, the target BER is represented by
a green dashed line, while the blue and red dashed lines
indicate the target SNRs for the 16-QAM and 64-QAM
scenarios, respectively. According to the receiver sensitivity
specified for each modulation and coding scheme defined in
IEEE Std. 802.15.3d, the BER should be below 10?2 at SNRs
of 19.6 dB for 16-QAM and 25.6 dB for 64-QAM. Based on
previous work, a low-density parity-check (LDPC) decoder
provides an approximate 10® coding gain for IEEE Std.
802.15.3d [24]. With this coding gain, the system can meet the
required performance as long as the uncoded BER remains
below 1.96x10* at the specified SNRs.

V. CONCLUSION

In this paper, we proposed a design for a two-stream
synchronizer and channel estimator specifically tailored for
sub-THz channels. Our approach, which leverages main-tone-
based Golay correlation, has proven effective in sub-THz
channels with hybrid structures incorporating beamforming
techniques. To enhance accuracy, we introduced new
techniques, such as window searching and quadratic
regression in timing recovery. Our design effectively handles
frequency offsets up to 60 ppm within the sub-THz range,
addressing both CFO and SCO effects. Simulation results
indicate that our design meets the uncoded BER requirements
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at target SNR levels as specified by IEEE Std. 802.15.3d,
supporting efficient two-stream transmission.

From a hardware perspective, our shared Golay correlator
architecture achieves a 23% reduction in complexity, while a
simplified denoising structure based on a counting technique
improves efficiency by reducing the number of sorting
operations fivefold. Overall, we present a low-complexity
baseband module capable of synchronization and channel
estimation specifically designed for sub-THz channels,
achieving a system throughput of 21.21 Gb/s. This design
offers significant potential for future high-speed, high-
performance wireless communication systems, with
promising applications in next-generation networks.

Additionally, our correlator architecture can be adapted to
support higher-order MIMO configurations. By incorporating
additional Golay correlators and expanding the summation to
include a larger set of correlation terms, interference from
additional data streams can be effectively mitigated. As circuit
technology advances to support higher-speed operations, our
approach could also be extended to accommodate broader
frequency bands. This work demonstrates that MIMO
extensions can be effectively applied in sub-THz
environments based on current standards, verifying the
feasibility of achieving expected performance in future sub-
THz systems. Thus, this research lays a foundational step
toward more scalable and efficient solutions in the evolving
landscape of wireless communication technology.
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FIGURE 18. The block diagram of the proposed effective channel

denoising design.
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FIGURE 19. Floating-point and fixed-point BER simulation results.
TABLE 1
SUMMARY OF SYSTEM PARAMETERS
Specification Sub-THz MIMO
Transmission Single Carrier
Number of stream 2
Carrier Frequency 150 GHz
Modulation /2 16/64-QAM
Channel Coding 14/15 LDPC
Training Sequence Golay Code
Bandwidth of each stream 1.76 GHz
Max. Frequency Offset 60 ppm
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TABLE 2
GATE COUNTS OF OGC STRUCTURES WITH AND WITHOUT SHARING FOR
ONE STREAM
Without Sharing With Sharing
64- 128- 512-
Gate point point point
Counts (k) 26.8 60.9 263.6 269.9
Total: 351.3
TABLE 3
SUMMARY OF THE TWO-STREAM SYNCHRONIZATION AND CHANNEL
ESTIMATION DESIGN
Process CMOS 16nm FinFET
Transmission Mode SC
Modulation 16-QAM | 64-QAM
Clock Rate 1.76 GHz
Throughput (Gb/s) 14.08 | 21.21
119 cycles
, Latency (676 m5)
Synthesis Result ™G Count 7379k
Power 370.0 mW
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