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Trainable Least Squares to Reduce PAPR
in OFDM-based Hybrid Beamforming Systems

Andrey Ivanov, Alexander Osinsky, Roman Bychkov, Vladimir Kalinin, and Dmitry Lakontsev

Abstract—In this paper, we propose a trainable least squares
(LS) approach for reducing the peak-to-average power ratio
(PAPR) of orthogonal frequency division multiplexing (OFDM)
signals in a hybrid beamforming (HBF) system.

Compared to digital beamforming (DBF), in HBF technology
the number of antennas exceeds the number of digital ports.
Therefore, PAPR reduction capabilities are restricted by both a
limited bandwidth and the reduced size of digital space. The
problem is to meet both conditions. Moreover, the major HBF
advantage is a reduced system complexity, thus the complexity of
the PAPR reduction algorithm is expected to be low.

To justify the performance of the proposed trainable LS, we
provide a performance bound achieved by convex optimization
using the CVX Matlab package. Moreover, the complexity of the
proposed algorithm can be comparable to the minimal complexity
of the digital “twin” calculation in HBF. The abovementioned
features prove the feasibility of the trained LS for PAPR reduction
in fully-connected HBF.

Index Terms—PAPR; OFDM; hybrid beamforming.

I. INTRODUCTION

RTHOGONAL frequency division multiplexing (OFDM)

is a well-known information transmission technique and
a basis of numerous wireless communications systems such as
5G, Wi-Fi, and others [1]]. It is widely employed in the downlink
channel of modern wireless communications. Unfortunately,
OFDM signals suffer from a high peak-to-average power ratio
(PAPR), defined as the ratio of peak signal sample power to
mean power among all samples in an OFDM symbol:

max(|2(n)|*)
E(|2(n)|*)

where x(n) is the time domain OFDM symbol, represented by
Nppr samples, n € [1... Nppp] is the sample index of the
time domain OFDM symbol, max (-) is the maximum value
operation, [ (-) is the expectation operator.

High PAPR causes high power amplifiers (HPAs) to operate
nonlinearly, which saturates the amplifier at large input signal
amplitudes [2]. Consequently, the HPA produces an additive
non-linear noise. Thus, the HPA for the high PAPR problem
needs to either have a large linear range or employ a successful
PAPR reduction algorithm. Furthermore, using digital-to-analog
converters (DAC) with better resolution on the transmitter (TX)
end is required when the PAPR value is large [3].

Fast-growing complexity and power consumption become an
obstacle on the way to multi-antenna transmitters [4], [5]. To
overcome this problem, a hybrid beamforming (HBF) scheme

PAPR[xz(n)] = ; (D
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stands as the best candidate for precoding [[6]. It employs both
digital and analog beamforming [7], [8]]. The second is imple-
mented via phase-shifters that reduce an overall complexity [9].

Let us note, that compared to the fully digital precoding, in
HBF the antenna signal is not presented in the digital domain
which complicates the PAPR reduction.

A. PAPR reduction methods

There is very limited research on PAPR reduction in HBF.
Thus, we describe cutting-edge PAPR reduction techniques that
are 5G and 6G compatible.

The most popular and simple method for reducing PAPR is
clipping and filtering (C&F). There are two distinct kinds of
signal distortions produced by clipping because of the non-linear
nature of the technique: in-band distortions and out-of-band
radiation [10], [L1]. Filtration reduces out-of-band radiation.
Sadly, it also results in fresh growth peaks.

A PAPR compensation signal is constructed from a sequence
of reserved subcarriers using the tone reservation (TR) tech-
nique, which uses an iterative amplitudes computation [12].
Nevertheless, [13], computational complexity is unreasonably
high. The non-iterative selective tone reservation (STR) ap-
proach based on minimal mean squared error (MMSE) is
unaffected by this problem. Furthermore, the efficiency of this
technique is about at maximum [14].

There have been initiatives [15], [[16] to use deep learning
techniques to enhance TR. This algorithm unfolds each iteration
of the classical TR strategy into a layer of a deep neural network
(deep NN, DNN). Almost always, the clipping threshold is
chosen at each iteration. Despite having the same computing
complexity and amount of iterations as normal TR, this ap-
proach outperforms it in terms of PAPR reduction capabilities.

In a different class of approaches, the PAPR reduction signal
is generated using free spatial directions [[17]]. Extra benefit in
the downlink of MU-MIMO applications is provided by the
[18] method for unused beam reserve (UBR), which makes
use of free spatial beams. By employing non-iterative amplitude
modulation of idle beams without users, it is possible to avoid
signal deterioration for target users while lowering PAPR for
every transmitting antenna. UBR is also compatible with 5G
and provides reduced computational latency.

Initiatives are now underway to support the existing PAPR
reduction algorithms using machine learning (ML) techniques.
Such methods, [19], [20] complements the STR and UBR
methodologies. They replace the exhaustive search for the
optimal hyperparameters approximation in the low-parameter
model with standard machine learning algorithms that have low
computational complexity. Finding the ideal hyperparameters is
quick, and the model might be applied to the 5G communica-
tions infrastructure.
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B. Our contribution

The problem of PAPR reduction in HBF is using limited
bandwidth and a limited subspace to approximate sparse peaks
existing in full-band in full-space.

To overcome this problem, we divide it into 2 consequent
steps. Firstly, we examine the band-limited generation of PAPR
reduction vectors for each antenna. Then we construct a matrix
of these signals and fit the achieved band-limited PAPR reduc-
tion matrix into a limited subspace using trainable least squares
(LS) transformation.

For training, a Genetic Algorithm (GA) was employed. To
validate performance, the optimal bound was also calculated.
Complexity analysis confirms the algorithm feasibility for future
generation systems.

II. SINGLE ANTENNA — TONE RESERVATION

Let’s analyze the STR algorithm [14] as a candidate for
HBE. It first finds a signal consisting of only peaks for further
reduction. To select these peaks, the thresholding is applied to
absolute values of the antenna signal & € CV#¥7 as follows:

- ;) , if |z(n)| > T,

y(n) = {x(”) (1~

0, otherwise,

(@)

where x(n) is the n’th element of x, 7 is the threshold to
optimize, y € CNFFT consisting of undesired peaks of x. Value
of y is exactly equal to the undesired signal above the threshold,

x(n) — x(n) (1 - mﬂ =

So our task is then to fit y as closely as possible.
The signal with reduced PAPR can be calculated as:

T=x— Az, 3)

max |z(n) — y(n)| = max

where Ax is the PAPR reduction signal, which we want to be
close to y. Considering a limited bandwidth for Ax results in

Az = Sa, “)

where § € CNrrr*Nsc i the matrix, consisting of selected
] 27/ =Tmn . ]
subcarrier e Nrrr . m € [1... Ngc¢] is the selected subcarrier

index, Ngc is the number of selected subcarriers in the symbol
and vector a is the amplitudes of these subcarriers. In other
words, vector a represents amplitudes of the PAPR reduction
noise in the frequency domain. Generally, a can be computed
using LS as follows:
a = argmin ||y — SaHg
acCNsc
=(8"8)"'s"y ®)
_ 1! SH
Nrprpr

A major drawback of Egs. @)-(3) is a high computational
complexity. Even though matrix product can be calculated using
Inverse Fast Fourier Transform (FFT):

Sty = F(y), (6)

with  further taking the achieved FFT  outputs
according to the reserved subcarrier set, its complexity

O (NITERNANTNFFTNUP 10g (NFFTNUP)) is still too
high, where Nyrgr is the number of PAPR reduction iterations
and Nyp is the upsampling factor.

A. Sparse STR

Combining of Egs. (3), @) and (3) results in

N 1
r=x— Ly
Nrrr 7
L =88,
where the matrix L € CNFrrxNrrr copgists of elements
Nsc
Ly =) R ), ®)
m=1

Now let’s analyze the case of only 1 non-zero element in the
vector y at the position n. In this case, j = n according to Egs.
({@-(@®), and i-th element of PAPR compensation vector Ax is
calculated as

NSC/2 27/—1m -
Az, = Nyn Z e NrrT (zfn)' )
FFT m=—Nsc /2

The above equation represents the geometrical progression with
parameters by, ¢, Ng¢ /2. Its sum can be calculated as:

n 1 — gNsc/2
AZCi = Y bl q
Nrpr 1—gq
Ngo =/=I(Nsc+D(i-n) ] — qNsc/2
=Yn-7€ NEFT . S
Nrpr 1—g o
P\ i—n
o NSC Sin %
"N o T(i—n)
FFT  sin T
N,
— 5%y SINC(i - n),
Nrrr
where ‘
Sin M
SINC(i —n) = — ﬁf_FZ)
S1n W

is the digital SINC function circularly shifted to the peak
position n. The SINC can be calculated in advance by taking
the IFFT of the rectangle frequency domain signal defined in
the range [— NSC . — %]

Suppose having K peaks in y at time positions ny. In this
case, eq. (IQ) is transformed to the sum of weighted SINC

functions:

K

N,
SCN " y(nk) SINC(i — ny,).
FFT i —

AZCZ' =

1)

The main advantage of the algorithm (1)) is a reduced complex-
ity because the matrix product employed in is not required.

Let’s calculate the reduction of the peak at n-th position. For
that, assume orthogonality between SINC functions. Note that
the interference between neighbor SINCs can be neglected if it
is much less than the SINC amplitude. The assumption is valid
when the delay between peaks is high enough.

Then we find the PAPR reduction signal value (1) at index
(3 n: NSC

12)



Therefore, an initial peak value y, is reduced to the value of
yn(1 — NFFT) As a result, for all peaks we have the same
scaling by the factor of (1 — ]\J]V 5C )

To have a factor of 1 we

can multiply y by the factor N NEL Then it cancels N S factor
in (12).
As a result, (IT) becomes
K
Ax; = Zy(nk)SINC(i—nk), (13)

k=1
t=1..Nppr.

Thus, to limit the signal amplitude by the value 7 one can use
the STR algorithm @)-(3) with y rescale by the factor F ET or
simply (baseline of the current paper) subtract weighed SINCS

using eqgs.@), @) and (13).

B. Divide-and-conquer

The complexity of the algorithm described by @), (3) and
(13D is mostly defined by the search of K (unknown parameter)
time domain positions (delays) of SINC functions in vector |y|
because using y(ny) requires the knowledge of ny.

As far as the PAPR reduction requires about 4 — 8 times
upsampling, the bandwidth can be much less than the sampling
frequency. In this case, the main lobe of the SINC function
represents not a delta function but can contain several points.
Therefore, nearby to a sample ny with |y(ng)| > 7, several
samples of y can also exceed 7. Thus, the peak selection
algorithm should not only find indices ny with |y(ng)| > 7,
but also find an extremum (maximum) inside each group of
such samples. Otherwise, PAPR reduction complexity may grow
because it linearly depends on the number of peaks K.

Considering no peak interference, assume the vector y can be
divided into Ng > K time-domain blocks, where each block
contains < 1 maximums. As a result, becomes

Np

Az; = mz::l Y(nm) SINC(i — n), (14)
1= 1'-'NFFT'

where y(n,,) is the element having the maximal absolute value
inside m-th block, m is the block index.

Using a few groups Np can reduce the PAPR reduction
complexity dramatically, but can also increase the number of
NirERr in case any block contains multiple peaks. In case a
found maximum inside a block doesn’t satisfy the extremum
condition (e.g. when the maximum is located at the edge of the
block), it still can be assumed as a maximum at the cost of
negligible increase in PAPR reduction iterations.

III. MULTIPLE ANTENNAS - HYBRID BEAMFORMING

In “fully-connected” HBF, all digital ports are connected to
all antennas via phase shifters, as shown in Figlll This is the
generalized case of HBF where Np 4¢ digital streams produce
a signal in N4 N7 antennas as follows:

X =PZ, 15)

where X € CNantXNrrT jg the time domain multi-antenna
signal, P € CNanTXNpac jg the transformation (analog pre-
coding) matrix, Z € CNpacxXNrrr jg the signal produced by

Analog beamforming
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Fig. 1: Fully-connected HBF.

digital-to-analog (DAC) converters. Elements of P represent the
phase shifter’s result eV~ ¢(11:%2) 4, is the DAC index, is is the
antenna index.

Firstly, reducing PAPR in the HBF system requires knowl-
edge of the antenna signal X because this signal exists only in
the analog domain. It can be calculated using eq. (I3) (so-called
digital “twin” of the antenna signal).

Using eq. (I3), we have

X = PZ
X -AX =P(Z - AZ), (16)
AX = PAZ,

Generally, the PAPR reduction problem in multi-antenna
systems is formulated as

AZ = argminmax|5(\|, a7

i.e. find the DAC signal AZ minimizing the maximal absolute
value among all elements of X.

As an approximation of eq. solution, we firstly calculate
the PAPR reduction signal Ax for each antenna using and
then construct a full AX matrix. Having AX and P allows
getting the A Z estimate.

Let’s analyze the precoding matrix P. This matrix consists
of normalized orthogonal precoding vectors (beams) that divide
users into clusters in the spatial domain. Moreover, beam ele-
ments are ¥~ 19(11:12) Thus, without loss of generality, assume
P is the submatrix of the FFT matrix. Generally, AZ can be
computed using LS as follows:

AZ = argmin|AX — PAZ|

= (PEP)'PHIAX, (18)

-1 piax
ANT
According to eq. (13, peak amplitudes and positions are known.
Therefore, instead of straightforward transforming A X from
the antenna to the DAC domain described in eq. (I8), one can
transform only amplitudes of SINCs with further multiplication
of them by shifted SINCs at the final stage to derive AZ.
Now let’s examine eq. (I8) performance.

o Peak selection is performed in the antenna space for each
antenna independently, but their reduction is implemented
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Fig. 2: PAPR reduction signal in the antenna domain. Generated
using Scaling 1 and Scaling 2 (coef = 1 for both) and compared
to the required one.

in the DAC subspace, i.e. a subspace of much lower size
(Npac < Nrx). Therefore, we can’t generate AZ that
fully corresponds to A X. As a result, all antenna peaks in
X will be under-reduced because LS algorithm (I8) also
avoids the noise at AX samples having zero amplitude.
« Eq. (I8) implements the LS approximation of peak ampli-
tudes instead of minimizing the maximum peak magnitude.
As we have already found from Section[[] the performance
of LS-based solution can be far from the performance of
solution achieved by convex optimization of eq. (I7).

A. Trainable LS

1) LSI: One way of improving the PAPR reduction algo-
rithm (I8) performance is the A Z scaling (coef > 1). It helps to
solve the under-reduction at the cost of noise amplitude increase
in samples X whose amplitudes were below the threshold 7.

2) LS2: Another method presumes excluding all zeros from
the vector Az, consisting of SINC amplitudes. As a result, the
modified AZ has a lower size. Peak indexes ny are known for
each antenna, thus no sorting is required. For each time domain
index ¢ we can calculate the DAC vector

coef

Az = PHAZ,,
NanT (19)

i =1..Nppp.

In practice, Npac > K, therefore, there is no under-reduction
problem, i.e. peaks will be reduced down to 7. But the drawback
of algorithm (19) is the same: noise amplitude increase in
samples X if amplitudes were below 7. Thus, Az; scaling
(coef < 1) can help to find an optimal value.

Both LSI and LS2 methods without scaling (coef = 1) are
presented in Fig.

B. Performance bound

The problem of finding the optimal PAPR reduction signal
lies in considering both a limited bandwidth and a limited
digital space. To validate algorithms proposed in the paper, we
employed CVX: Matlab-based modeling system for disciplined
convex optimization [21]], [22]. CVX turns Matlab into a model-
ing language, allowing constraints and objectives to be specified
using standard Matlab expression syntax.

Algorithm 1 Convex optimization in Matlab-CVX

cvx_precision low

cvx_begin

variable dZ(Ndac,Nfft) complex
minimize(norm(reshape(X - P*dZ*SINC_mtx,1,[]),’inf"))
subject to norm(dZ, fro’) <= max_power

cvx_end

Algorithm 2 PAPR reduction in HBF

Calculate digital twin - eq. (I3)

for 1 to N;rgr do
Do thresholding for each antenna to find peaks - eq. @);
Divide each antenna signal into N blocks - Sec =Bl
Find the maximal abs value in each block;
Find the PAPR reduction signal for antennas - eq. (14);
Implement PAPR reduction for each antenna - eq. (G));
Accumulate PAPR reduction signal;

end for

Construct matrix AX using Ax;

Find PAPR reducing signal in the DAC domain - eq.

Calculate the desired DAC signal Z

Parameter Value Parameter Value
Nppr 1024 NiTER 1.3
Nsc 240 Np 32

Nyp 1 Norpum 120
NanT 256 Modulation QAM16
Npac 64 EVM 13.5%
Nipr 15 coef, 7 trainable

TABLE I: Simulation parameters.

The algorithm [I] was implemented in CVX and tested in
Matlab to find the optimal A Z value. The corresponding code
is presented in Algorithm[I] where SINC_mtx € CNrrrXNrrr
is the matrix consisting of circularly shifted copies of the SINC
function. In this paper, this bound was tested in 2 versions: with
SINC and without it to demonstrate the spectrum limitation
impact on the PAPR reduction performance.

IV. STEP-BY-STEP ALGORITHM AND ITS PARAMETERS

Step-by-step implementation of the PAPR reduction algorithm
proposed in this paper is shown in Algorithm [2| “L.S2” version
of trainable LS proposed in Sec. [II-Al was employed because of
low variation in coef value when training in various scenarios
and lower complexity. Upsampling was excluded, i.e. Nyp =1,
because Nppr > Ngc.

Algorithm parameters and simulation parameters are pre-
sented in Table [Il

V. COMPUTATIONAL COMPLEXITY

Let’s discuss the complexity of the PAPR reduction in HBF.
The complexity of the digital twin calculation is defined
by calculating the digital twin of antenna domain signal (13).
As this operation can be done using FFT, the complexity is
O (NpprNantlog NanT). It can’t be avoided or minimized.
Then for each antenna, the upsampling is done with the factor
of Nyp. Complexity is O(NFFTNANTNUPNLPF), where



Nppr is the order of low-pass filter utilized for upsampling.
After that, the complexity of absolute values calculation at the
antenna domain is O(NpprNanTNyp). Then each antenna
signal is divided into Np blocks, with further search for only
one maximum element in each block. Thus, the complexity
of the search for the maximal values is O(NpprNantNup).
Then for each block, we have to multiply SINC by an amplitude
and subtract from X for each antenna in several iterations. It
takes O(NrrerNrrrNanTNupNp).

Finally, after finding the PAPR reduction signal for
each antenna, we transform it to the DAC domain, scale by
coef, downsample, and update Z. Transformation to the DAC
domain takes O(NpprNanTlog NanT), and other costs are
negligible.

Thus, the baseline PAPR reduction complexity is
O(NpprNanTlog Nant) (digital twin calculation) because
it can’t be lowered. And the most critical part of our procedure
is O(NirerNrprprNanTNypNp). The critical complexity
can be less than the baseline if NypprNpNyp < log NanT.
For us, this condition is not satisfied as 2 * 32 x 1 > 10.

To reduce complexity, one can apply windowing to SINC
when multiplying it by an amplitude. This would reduce
the most critical part from Nppp done to, e.g. Nppr/8 or
Nrpr/16 at the cost of negligible spectrum extension. More-
over, the maximum number of peaks exceeding 7 in amplitude
that can be processed in a single iteration is Ng = 32 according
to the blockwise structure of the algorithm. This value exceeds
K (N-of-peaks, eq. (I3)) in practice, i.e. some blocks don’t have
peaks. This would further reduce the complexity from Np to,
e.g. Np/2, but it depends on the maximal EVM value employed
in the system (if it is high, 7 can be low, and a lot of peaks will
be above it).

VI. SIMULATION RESULTS

In simulations, we tested 1, 2 and 3 iterations of PAPR reduc-
tion. For each Ny g value, parameters T and coef were trained
together by GA to achieve the lowest PAPR at CCDF = 104,
The calculated CCDF is presented in Fig. 3l As we can see,
Nirer = 3 has almost the same PAPR as N;rpr = 2 at
CCDF = 10~*. Therefore, 2 iterations is enough for PAPR
reduction, and the vector of optimal parameters is

[coef, 71, T2] = [0.85,1.76,1.68],

where 7 is the normilized value 7. The real value of 7 in eq.
is calculated as
T=7|,

where ||z|| is the L%-norm of =. As one can see, 7 slightly
depends on the iteration index.

To justify the algorithm performance we also calculated 3
practical bounds using the convex optimization described in
Algorithm [Il Results are presented in Fig. Bl where bound
- limited band and space is our case as the bandwidth is
limited and using matrix P limits the space. At CCDF = 104
the PAPR of the proposed method is about 0.5dB higher than
the bound value (our performance loss). Bound - unlimited
space corresponds to PAPR being reduced at each antenna
independently, but the bandwidth is limited. This corresponds
to a common fully digital single antenna PAPR reduction.

CCDF

T T
——No PAPR reduction
——Bound - limited band and space
----- Bound - unlimited space
- = *Bound - unlimited band
Proposed algorithm - 1iter
——Proposed algorithm - iter
——Proposed algorithm - 2iter

probability

dB above average power

Fig. 3: CCDF for algorithms and bounds.
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Fig. 4: Spectrum for the TX signal and PAPR reduction signals
(realistic and unlimited band bound).

Comparing these two bounds, we conclude that the bound
shifted by 0.8dB. Therefore, using Npac digital outputs to
control Nany7 (i.e. HBF scheme) increased the PAPR by at
least 0.8dB compared to the fully digital beamforming. And,
finally, bound - unlimited band tells us that PAPR reduction
becomes better as more frequency resources are utilized. Out
of interest, the spectrum of the bound - unlimited band is
presented in Fig4l

Let us note, that the power of noise caused by PAPR reduction
is the same for all techniques and corresponds to the EVM
presented in Table

VII. CONCLUSION

The main challenge of PAPR reduction in HBR transmitters
is the simultaneous consideration of both a limited band and
a limited subspace for signal generation. Here we divided the
problem correspondingly into two parts. Initially, the limited
band property was employed and then we utilized a genetic algo-
rithm to find the scaling coefficient for an LS-based solution to
fit it into a limited subspace. Simulation results demonstrate the
proposed algorithm for PAPR reduction in HBF has only 0.5dB
loss compared to the bound achieved by convex optimization.
The algorithm requires only 2 iterations and its complexity is
not much higher than the best possible, and there is a window
to further reduce it.
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