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Abstract—Automatic repeat request (ARQ)| schemes, and in
particular W schemes, which jointly adopt
[forward error correction (FEC) and[ARQ)}, are essential to provide
reliable data transmission in wireless communications systems.
However, the feedback from the receiver to the transmitter and
the retransmission process used in incurs significant cost in
terms of power efficiency, throughput, computational power and
delay. Unfortunately, such drawbacks can limit their applications
to several current and emerging technologies. More specifically,
the increasing number of wireless users has create spectrum
scarcity, relying on small-size batteries create power constraints,
deployment of real-time applications boost the demand for ultra-
low delay networks, and the ultra-small low-cost[internef of things|
devices has limited signal processing and computation
capabilities. Consequently, extensive research efforts have been
dedicated to overcome the limitations inherent in This
survey paper provides an extensive literature review of the state-
of-the-art techniques and discusses their integration in
various wireless technologies. Moreover, it provides insights on
advantages and disadvantages of particular [ARQ| types and
discusses open problems and future directions.

Index Terms—Wireless communications systems, Retransmis-
sion protocols, Automatic Repeat Request (ARQ), Hybrid ARQ
(HARQ)

I. INTRODUCTION

HE basic task of a communication system is to transfer

a data unit from one point to another while satisfying
certain |quality of service (QoS)| requirements and resources
constraints. The data unit can be a bit, symbol, packet or
frame. The requirements may include the
[BER)] [packet error rate (PER)} data transfer rate and de-
lay. The resources required for a wireless communications
system are typically power, energy, time, space, spectrum
and hardware with certain specifications. The efficiency of a
communications system depends on the amount of resources
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required to complete the transfer process successfully, and it
is highly desirable to maximize the efficiency by minimizing
the utilized resources. The requirements are determined

by the targeted application. For example, in certain
applications, the data rate can be as low as 1 bps

[1]] while it can be about 10 Gpbs, as in the case of full-color
3D holographic display system [2]].

The [international telecommunication union (ITU)| classifies
various applications based on their requirements into 8
classes [3]]. Table [[] shows the [QoS]| requirements for each
class in terms of |packet time delay (PTD)| |packet drop rate]
and packet error rate (PER). The bit rate (Rp) range
is based on practical measurements performed in Germany.
Classes with short and small Rp requirements, such
as Classes 0 and 1, target real-time jitter-sensitive interactive
applications, such as |[voice over internet protocol (VoIP) and
video conferences. Classes 2 and 3 target signaling traffic
and interactive applications with high data transfer rates.
Class-4 should support short transactions, video streaming or
bulk data. Class-5 is unspecified (regarding all performance
parameters) and is targeted to traditional best effort Internet
applications. Classes 6 and 7 are provisional, and are needed
for new emerging applications that require very low and
but high Rp. [fifth generation (5G)| technologies are
expected to provide throughput of 1-10 Gbps, and an end-
to-end delay of 1 ms [4]] and they are designed to support all
QoS classes.

Due to noise, interference, channel fading, and other impair-
ments, data transferred between two communicating entities
are prone to errors [5]]. Therefore, the underlying communi-
cations protocols should be designed to correct data errors
in order to support a particular [QoS| class Generally
speaking, the wireless communications systems utilize pro-
tocols at different layers to correct data errors at the receiver.
At the physical layer, error detection and/or correction are
performed using [forward error correction (FEC)|coding [6]. At
the radio link and the transport layers, error correction relies on
retransmission-based methods such as automatic repeat request]
[(ARQ)] Also, at the application layer, retransmission methods
can be applied to recover some lost or corrupted packets.
Adopting one or more of the aforementioned methods depends
on the system resources and [QoS| requirements. Nevertheless,

and are essential building blocks for most popular
standards such as [fourth generation (4G)| wireless standard [7]],




TABLE I: classes.

[[ [PTD[(rns) PDR| |[PER| Rp Range (Mbps)

Class-0 100 10-3 101 <2
Class-1 400 1073 10~ % 2t0 8
Class-2 100 1073 10~ 1% 8 to 18
Class-3 400 10-3 10~ % 18 to 25
Class-4 1000 1073 10~ % 25 to 50
Class-5 - - - 50 to 100
Class-6 100 10-5 10°°F 100 to 200
Class-7 400 10~° 10°°© 200 to 500

18], BG| [9], [wireless fidelity (WiFD)] [10], and [narrow band]
[oT] [I1]]. A scheme that jointly adopts [FEC| and [ARQ]

for error correction is denoted as fhybrid-

Although using [FEC| and [ARQ] is indispensable for reliable
communications, they also increase the end-to-end delay and
computational complexity, reduce the throughput, spectral
and energy efficiencies, particularly for systems that support
several types of applications with various [QoS| requirements.
Therefore, extensive research effort has been steered to allevi-
ate the adverse effects of [FEC| and However, has
more degrees of freedom as compared to [FEC} which makes it
a fertile research area. This survey paper provides an extensive
literature review of the research work that considers
highlights limitations, challenges and future opportunities.

A. Review of Existing Survey Literature

This survey provides a comprehensive literature review for
the techniques and schemes adopted for retransmission in most
common communications standards such as Bluetooth,
@G| and BG| networks. Moreover, it also includes
several state-of-the-art and emerging technologies such as
lorthogonal multiple access (NOMA), cooperative communi-
cations, and visible light communications. To the best of the
authors’ knowledge, there is no work reported in the literature
that covers [ARQ| and [HARQ] in such a holistic manner. The
main survey work that considers [HARQ| is summarized in
Table [II} and detailed as follows.

Several techniques have been investigated at different
layers for reliable data transfer in underwater networks.

B. Motivation and Contribution

As can be noted from the examined survey work on[HARQ]
it can be realized that there is no work that considers in
a holistic manner. In particular, HARQ] has been integrated in
several emerging technologies and adopted by new standards,
which are not considered in the existing surveys. The main
contributions of this article are as follows:

1) Presents a comprehensive summary of start-of-the-art
advancements.

2) Surveys various error detection schemes used for [HARQ]

3) Discusses the integration and performance of [HARQ] with
several wireless technologies such as [ultra reliable low|

latency communication (URLLC)] cooperative communi-
cations, [multiple-input multiple- outut MIMO)| massive
MIMO, NOMA] [cognitive radio (CR), caching, [Simul-

taneous wireless 1n ormatlon and power transmission|
(SWIPT)| and funmanned aerial vehicle (UAV)| assisted

communications.

4) Summarizes the currently utilized in most com-
mon standards such as iG] 5G| [wireless personal|
[area networks (WPANGS), and

5) Investigates the main performance metrics of[HARQ|such
as throughput, latency, energy efficiency, and complexity.

6) Presents some intelligent[HARQ] schemes for multimedia
applications.

C. Paper Organization

In Section [M] the fundamentals of the system are
presented. The classification of on the basis of retrans-
mission data is presented in Section [[TI} In Section[[V] various
metrics to evaluate the performance of a [HARQ] system are
presented. Advance [HARQ)] techniques are provided in Section

Ngo and Hanzo [12] studied in the context of An overview of the employed by various wireless

cooperative wireless communications, summarized and com-
pared the performance of several cooperative [HARQ] schemes.
Moreover, the authors proposed a relay-switching scheme to
increase the achievable throughput along with a general design
procedure for [HARQ}cooperative systems. The work in [13]
has surveyed several [HARQ)| papers, however, the main focus
of the paper is dedicated for developing two new techniques
for reducing the system complexity using the mutual infor-
mation. In the first technique, an early stopping strategy is
applied to reduce the complexity of iterative decoder. In the
second approach, the iterative decoding processes is differed
until the receiver is confident that it has sufficient information
for successful decoding. Mukhtar et al. [6] compared the
performance of various [FEC| schemes, and investigated the
integration of and [ARQ| The presented results show that
are highly appropriate for due to their inherent
error self-detection capabilities. A survey of different schemes
reported in the literature for underwater acoustic networks
from the data link to transport layers is presented in [14].

standards is given in Section whereas, Section covers
the integration of [HARQ] in emerging wireless technologies.
The future directions are provided in Section [VIII, and finally
the conclusion is drawn in Section [X] The acronyms and
the list of symbols used throughout this paper are shown in
Appendix I and Appendix II, respectively.

II. BAsics oF HARQ

The typical [HARQ] consists of four main operations, [FEC]
error detection, combining, and retransmission. At the trans-

mitter, [HARQ]systems generally follow the structure described
in [[15], which is shown in Fig. [T] for block codes, and can be
described as follows:

1) A binary information block d = [dj,ds,...,dk] is
divided into L equal parts, d = [d®), d®, ... d®)],
where d()= [dgﬂ, d(“,...,dﬂ, d; € 10,1}, € {1, 2,

, L}, and k = K/L.



2)

3)

4)

5)

6)

TABLE II: Summary of existing [HARQ)| survey papers, where A: application, T: Technology, and O: Optimization.

[ Year | Scope | Orientation | Remarks |
[12] 2014 | Cooperative wireless communi- A Review the state-of-art and investigate the performance of [HARQ)
cation in the context of cooperative wireless communications. Proposed
a general design guidelines for [TARQ]aided cooperative systems
[13] 2013 | Turbo codes to be used with T New iterative turbo codes techniques are presented to be used with
[HARQ) techniques in order to save the power consumption due to turbo codes
iterative decoding.
[6] 2016 | [Turbo product codes (TPCs)| in T [TPCs|in terms of encoding, decoding, error performance, and com-

concatenation with [HARQ)

plexity is surveyed. Also considers the advantages of integrating
TPCs|in hybrid automatic repeat request systems

114] 2018 | Reliable retransmissions in Un- T Surveyed on Reliable Data Transfer in Underwater Acoustic
derWater Acoustic (UWA) net- (UWA) Networks. Retransmission mechanism is studies for en-
works hancements in data link layer.

This work - - {A, T, O} Overview of M and HARSZ schemes and their application

to various wireless standards and emerging and state-of-the-art
communications technologies.

Each of the d(¥) sequences is applied to an error detection
encoder where lq bits are appended to d for error de-
tection purposes at the receiver side. The error detection
encoder output can be written as,
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Each of the sequences c(?) is then applied to a channel
encoder that appends I, bits to c(?) to form a codeword
u(®. The number of bits applied to the channel encoder
input is k + lcq, and the number of output bits is 7. The
parity bits can be expressed as p( = [p\”) p{ ... mil]
Several codewords are buffered to form a large block of
bits U = [u), u®, ... u®)] is interleaved to mitigate
the effect of burst errors. The interleaver output for a
given codeword is denoted as B = Z(U).

The interleaver output B is modulated using a particular
modulation scheme. The modulation type and order might
be identical for the entire packet, or might be adaptively
changed based on the channel conditions [16]-[[18]]. The
modulated codeword s = [s{? s{? . sg)], where Q
is the total number of modulated symbols in the sequence.
To form a packet z(¥) = [zgi),zéi),...,z%)l{ one or
more modulated sequences are grouped, then the packet
header is appended. The packet header consists of several
fields, which are required for addressing, and providing
other necessary information to enable the receiver extract
the information bits correctly. Examples for the header
fields are source port, destination port, sequence number,
and priority indicator. The packet header size is a key
factor that determines the transmission efficiency, and it
depends on the considered protocol. For the IPv4, the
header size is 192 bits while it is 320 bits for the IPV6. To
simplify the presentation of the main concepts, we assume
without loss of generality that each packet consists of one
modulated sequence, unless it is mentioned otherwise,
thus, z = s. It is also worth noting that one or more
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Fig. 1: Overview of HARQ process, including ARQ and FEC
components.

packets should be stored in a buffer for retransmission
purposes.

At the receiver, the order of execution and required pro-
cessing depend on the system design. Nevertheless, the typical
sequence starts with demodulation, deinterleaving, error
detection, and finally retransmission. Fig. [T] shows a basic
diagram for the [HARQ] process, and brief description of each
process is given in the following subsections. The processes
are ordered according to the receiver side in Fig. [} i.e.,
bottom-up approach. As can be noted from Fig.[T} the received
sequence might be buffered to allow combining in the case that
sequence is transmitted more than once. In Fig. [I] the numbers
in curly brackets refer to the sequence size.



A. Forward Error Correction

The main task of is to correct the received packets
when they have relatively small number of errors, which may
spare the need to retransmit such packets. can be realized
using various types of channel codes such as turbo codes,
[fow density parity check (LDPC)|codes, [TPCs] or polar codes.
Channel codes are generally characterized by:

1) Code rate (R): It is the ratio between the number of
input and output bits of the encoder, (k 4 loq)/n, which
indicates the additional bandwidth requirements due to
the [FEC| process. The bandwidth expansion remains fixed
unless the code rate is changed during transmission. It is
worth noting that the error detection bits are also encoded
by the channel encoder.

2) Coding gain: It is the indicator for the error correction
capability of the channel code. The coding gain depends
on the channel code type and the adopted decoding
process. The main factors that determine the performance
of the decoding process are the decoder type, i.e., soft
decision decoder or hard decision decoder, number of
iterations, and the decoding early stopping criterion [[19]—
[22].

3) Complexity: The decoding process is usually more com-
putationally involved than the encoding process, particu-
larly when soft iterative decoding is applied [[19]-[21]].

4) Delay: The delay results mostly from the iterative sequen-
tial decoding process [[19].

As can be noted from the main characteristics of channel
codes, the coding gain, complexity and delay are affected by
the iterative decoding process. Therefore, extensive research
effort was devoted to overcome the adverse effects of the
iterative decoding process. The main approach followed was
the use of early stopping criterion [23||]-[41]. Other approaches
were also proposed to reduce the complexity and delay of
the decoding process. For example, Al-Dweik et al. proposed
replacing some of the soft decoding iterations with the less
complex hard decoding iterations [20]. In [21]], the authors
proposed a new approach to perform soft decision decoding
without algebraic hard decision decoder, which can reduce
the processing time and complexity substantially, but at the
expense of some coding gain degradation. In [[13]], the authors
utilized the mutual information to stop the decoding process
when no further corrections can be made by performing
additional iterations, or to skip the decoding process due to the
lack of sufficient information for successful decoding, which
is particularly suitable for[HARQ] In [42]), the authors demon-
strated that using with decoding can provide equivalent
throughput to the [soft-input soft-output (SISO)| decoding for
several operating scenarios. However, [hard-input hard-output]
decoding has much lower delay and complexity. The
advantage of using can be also improved when using
advanced schemes as described in [19]], [22]. Examples for
research that considered particular and are:

1) Turbo codes: [43[]-[50]

2) [@2], (511-156]

3) [CDPC] codes: [57]-[70]
4) Polar codes: [71[]-[78]]

Other codes such as Reed-Solomon, convolutional and
[Bose—Chaudhuri-Hocquenghem (BCH)| codes have been con-
sidered for however, such codes have been replaced
by the aforementioned more powerful codes.

B. Error Detection

After channel decoding, it is generally difficult to accurately
know if the decoder output matches the transmitted packet or
not, unless some additional verification is performed. There-
fore, an additional error detection process is needed to verify
the channel decoder output. [cyclic redundancy check (CRC)|
is the most common technique used for error detection, and it
has been adopted in several wireless applications such as
17, 18]l 5G] [9], and [10]. The [CRC] operation can be
realized using various software and hardware implementations.
However, using dedicated hardware is a must for high speed
requirements [79]], [80]. The generic [CRC| hardware imple-
mentation is based on low complexity [linear feedback shiff|
[registers (LESRs)|that perform the polynomial division process
of the serial input data. In the presence of wide data buses,
parallel processing can be applied to enable processing large
number of bits simultaneously, at the expense of additional
hardware complexity [81[]-[83].

In addition to complexity, [CRC]| requires adding redundant
bits for error detection. The number of [CRC]| bits depends on
the length of the transmitted packet, and it typically ranges
from 8 to 64 bits. Therefore, bits can deteriorate the
system throughput, particularly for small packet lengths. To
avoid throughput reduction, several techniques have proposed
[CRC}ree error detection schemes. For example, a simple error
detection scheme is proposed in [55] for [TPCs| by performing
an additional half decoding iteration, and computing the Ham-
ming distance between the input and output of the decoder.
If the Hamming distance is zero, the decoding process is
considered successful, and failure otherwise. Coulton et al.
[84] proposed a simple error detection scheme by comparing
the ratio of the [standard deviation (STD)| to the mean of
the soft information energy at the output of the decoder.
However, the results indicate that a reliable performance
requires a large sample size to estimate the mean and
accurately. Moreover, the system requires a substantial number
of operations to compute the energy, and then the mean
and of the soft information. Buckley and Wicker [83]]
used neural networks for [CRCHree error detection. The main
drawback for using neural networks is that network training
requires large number of samples, particularly in time-varying
channels. In [40]], [CRC}ree error detection is achieved by
continuously monitoring the [log-likelihood ratio (LLR)| of the
soft information at the decoder output. However, the results
presented in [40] show that the system performance may
vary significantly based on the [signal to noise ratio (SNR)|
frame size and code rate. Furthermore, accurate knowledge
of the channel statistics is necessary to compute the
Error detection using the word and bit error probabilities is
proposed in [|86]. Nevertheless, this approach suffers from low
detection rates, which causes throughput inflation. Checksum
is generally similar to [CRC|in the sense that it also requires




redundant bits to be added at the transmitter, and then used
for data verification at the receiver [87, pp. 106].

C. Retransmission

After channel decoding, the decoder output is applied to an
error detection process to verify the data integrity, which is
typically performed by computing the [CRC] bits of decoded
packet, and comparing them to the received [CRC] bits. If the
packet passes the [CRC| check, an facknowledgment (ACK)| is
sent to the transmitter for confirmation, otherwise a
lacknowledgment (NACK)| is sent to request the transmitter
to resend the erroneous packet. The retransmission process
is terminated when the transmitter receives an for
the packet, or when the maximum number of transmissions
allowed C' is reached. Moreover, the transmitter expects to
receive the [feedback message (F7)} [ACKINACK] within a
limited time after transmitting the packet, if no feedback is
received due to the loss of the packet or the transmitter
assumes that the packet is lost and automatically resends
it. The specified time limit, denoted as timeout (fyy:), is
set relative to the estimated fround trip time (RTT)l which
is the time elapsed between sending a packet and receiving
the after the last successful retransmission of the same
message. The [RTT] can be estimated using a moving average
of previously measured [RTTk. Generally speaking, there are

three main types of [ARQ]protocols [88]], namely,
[[SW)] [go-back-N (GBN)] and [selective repeat (SR)|

1) [SWHARQ} This protocol is given in Algorithm 1, where
L indicates the total number of packets to be transmitted. SW}
[ARQ|is simple and requires the transmitter to buffer only one
packet. However, it is inefficient because the channel remains
idle until an is received. Moreover, sending for each
packet increases the feedback overhead, which degrades the
system throughput. Another drawback is that when an F); sent
by the receiver is damaged or lost, the transmitter will resend
the same packet after waiting for t¢,,;, which causes packet
duplication at the receiver. If an F); is delayed, the sender
assumes that the data packet is damaged, and thus resends
that packet. Consequently, the transmitter will consider that the
delayed F'M acknowledges the last packet, while it is not the
case. To avoid packet duplication and false acknowledgments
[88]], a simple numbering scheme can be used where packets
are numbered sequentially as {0,1,0,1, ...}, and acknowledg-
ments are numbered as {1,0,1,0,...}. The acknowledgment
number actually indicates the frame number that should be
transmitted. For example [ACK}0 implies that Packet-0 should
be transmitted. Therefore, if the receiver sends two with
the same number, the last is considered as a In
full-duplex and half-duplex communications, both parties send
data and feedback messages because both parties implement
[ARQ] In such scenarios, piggybacking can be used to improve
the system spectral efficiency by sending outstanding as
part of the packets’ header. Consequently, an will consist
only of the of packet number to be transmitted, which is one
bit for the

2) [GBNJARQ} This protocol is widely used in practice be-

cause it overcomes the inefficiency limitation of [SW] protocol

Algorithm 1: SW-ARQ

Input: C, tout, L
Initialization: n =1, ¢c =1, =0
Send packet ¢
Timer Reset, t = 0
Read: ¢, Feedback message (Far)
if {(F]\/[: ACK-0 or [FJMZQ, t> tout]) and n < L}
ifc<C

c=c+1

Go to Step 2

else
10. n=n+1l,c=1,i=1
11. end
12.  elseif Fpy = landn < L
13. n=n+1l,c=1,i=1
14. Go to step 2
15. end

O RN R W=

as the transmitter continues sending enough packets to keep
the channel busy while waiting for an Unlike the [SW}
[ARQ} the data packets and[Fs|should be numbered regularly,
which enables acknowledging multiple packets using a single

The functionality of the [ARQ)] can be described as
follows [88|]:

1) A window of size W is assigned to buffer outstanding
packets.

2) An m-bit sequence numbers are used for both the frames
and [ACKk, W = 2™ — 1.

3) The transmitter sends multiple packets numbered sequen-
tially. The number of unacknowledged frames outstand-
ing is determined by window size.

4) Assuming that packets 1,2,...,v are received with no
errors, the receiver sends [ACK}v + 1 to acknowledge
the v packets simultaneously. Transmitter also shifts the
window v positions

5) If packet-i, 1 < i < v, is not received correctly, packet-i
and all subsequent packets are discarded, and [ACK} is
sent to the transmitter.

6) The transmitter retransmits packets 7,7 + 1, ..., v.

protocol uses only one timer for the first outstanding
packet, because it is the one that expires first. If timeout
is reached without receiving the transmitter resends
all outstanding packets. Although is more spectrally
efficient than its performance deteriorates significantly
in severe communications channels, which due to the fact that
multiple packets have to be retransmitted whenever a packet is
damaged or lost, or when a timer timeout is reached. Moreover,
excessive retransmissions causes large delays. Although the
received packets are numbered, the does not support
packet reordering because the receiver can buffer only one
packet.

3) [SRHARQ} Also known as Selective Reject, mitigates the
limitations of the by adding two new features. First, the
receiver window is increased to store more than one packet to
enable accepting out-of-order but error-free packets. Second,
the [SR] protocol allows retransmission of individual erroneous
packet.



ITII. CLASSIFICATION OF[HARQ|BASED ON
RETRANSMITTED DATA

Although [SR] is more efficient than and it
suffers low efficiency due to the retransmission of the entire

erroneous packet, and discarding the packets that fail the [CRC]

where [-] is the Hermitian transpose. The [CC|of ¢ sequences
will be denoted as Cy [r™), ™ .. 1]

After combining, there are two possible operations that can
be performed, which depend on the channel decoder imple-
mentation. First, if channel decoder is configured to perform

Therefore, several techniques were developed to reduce the
amount of information retransmitted in the case a transmission
was not successful. can be classified based on the
amount of data retransmitted into three main types [89]:

A. Type-I: Chase Combining

[HARQ)]systems with fixed [FEC|are denoted as type-I[HARQ)
(HARQH). In [HARQH, the same data packet s is transmitted
in all retransmissions. Then, the receiver can replace the

erroneous packet with the new one, and repeat the process
until the packet is received correctly, or the maximum number
of transmissions is reached. Alternatively, the receiver may
exploit the channel variation over consecutive retransmissions,
and combine all transmissions that correspond to a particular
packet to achieve a significant diversity gain. This type of
is also referred to as [chase combining (CC)|

By noting that each modulated sequence s can be detected
independently from the other sequences, thus it can be treated
as complete packet. Consequently, at the receiver, the received
packet during tth transmission session can be expressed as

r =HWs+w® =12 .. C )

where H € C%*@ is the channel frequency response co-
efficients, H = diag[H;, Ha,...,Hg], s € C9*! is the
modulated data sequence and w € C%*! is the
[white Gaussian noise (AWGN)l The data symbols in s are
selected uniformly from a particular constellation scheme
such as [M-ary phase shift keying (MPSK)| or |quadrature|
[amplitude modulation (QAM)] The channel fading coefficients
are [independent and 1dentically distributed (1.1.d.)| zero-mean
complex Gaussian random variables with variance 0%, and the
[AWGN]is zero-mean complex Gaussian random variable with
variance o2

The received sequence r will be demodulated, deinterleaved,
decoded using the [FEC| decoder, and checked for errors. If
the packet is error free, an @ is sent to the transmitter to
proceed with the transmission of the next packet. Otherwise,
r is stored in a buffer and a is sent to instruct
the transmitter to retransmit the packet. Once a packet is
retransmitted, the newly received sequence will be combined
with the stored erroneous versions using [CC| to enhance the
quality of the received signal. The [CC|is similar to
[ratio combining (MRC)| which is optimal for systems with
receiver diversity [5, pp. 994]. However, as reported in [90],
[MRC] is not optimal for [TARQ] because the knowledge that
the packet failed the [CRC]| check can be exploited to optimize
the combining process to produce results that are better than
Given that [CCJis used, the Chase combiner output after
¢ successive transmissions is equal to

o= [ ] o] S o)

t=1 t=1

3)

lhard decision decoding (HDD))| [19]], [20], [22], the combiner
output ry, will be demodulated to produce the binary bits,
deinterleaved, and then applied to the decoder. If the decoder
is configured to perform [soft decision decoding (SDD)| the
combiner output will be applied to the demodulator to compute
the reliability factor for each bit, known as soft decisions,
which are deinterleaved and then applied to the decoder to
perform @ [6]], [21]. The remaining processes are identical
to the first transmission session. The retransmission process is
repeated until the packet becomes error free, or the maximum
number of transmissions C' is reached.

1) Combining with different modulations schemes or or-
ders: Adaptive modulation is a key tool to improve the
performance of wireless communications systems, where the
modulation type or order can be changed based on the channel
conditions. In [ARQ] the modulation used to transmit a partic-
ular packet may become a limiting factor for using adaptive
modulation in the subsequent transmissions of that packet.
Such limitation is due to the challenge of combining informa-
tion symbols of different modulation schemes or modulation
orders. To overcome this problem, researchers proposed using
bit-level combining [91]-[93]] for cooperative communications
systems with relays. In this approach, the for each bit
from each transmission is computed, and then combining is
performed at the bit level. It is worth noting that bit-level [CLR]
is typically used when higher order modulations are used with
binary [SDD] where the reliability of each bit can be computed
even though the modulation is non-binary [94].

2) Optimal combining for [HARQ} As described in Sec.
[T-A] the receiver should buffer all transmissions of a packet
that fails the error detection process, and combine such trans-
missions to improve the [SNR] of the signal. The combining
using [CC] is applied because it is equivalent to which
is a widely used approach. Nevertheless, when combining
multiple retransmissions, the last transmission is combined
with all previous transmissions before it is being decoded and
checked for errors. Therefore, we are combining packets that
are confirmed to be erroneous with the last packet whose status
is still unknown. In such scenarios, the useful information
about the erroneous packets is ignored. Therefore, Long et al.
[90] proposed a new combining scheme that outperforms [CC|
by assigning an additional weighing factor for the combining
process. The authors of [90] have considered an [ARQ| with
a maximum of two transmissions, and thus, the combining
scheme of two symbols received from two transmissions is
given by

wH{r) + H3ro

= €]
wH1|? + | Ha|?

where w is the combining factor. Based on the results in [90],
the optimum value of the combining factor w < 1, and the
impact of the optimal combining is more significant for small
packet lengths.



3) Optimal packet length: The efficiency of the [HARQH
highly depends on the packet length. If the packet length is
high, the retransmission process will be very costly in terms
of bandwidth and energy consumption. On the other hand,
transmitting short packets increases the packet overhead with
respect to the data part of the packet. For example, the ratio
k/(k 4 leq) indicates the impact of the error detection bits
on the system throughput, which can be substantial for short
packets. Therefore, extensive research efforts have focused on
optimizing the packet length of [ARQ] applications [95]-[99].

B. Type-1I: Incremental Redundancy

At low the throughput of [HARQH systems is
remarkably higher than basic systems as the error
correction performed by the and can reduce the
number of retransmissions significantly. However, at high
the parity bits introduced for error correction are not
often utilized, which reduces the throughput as compared to
conventional systems. Generally speaking, the through-
put of HARQ} is upper bounded by the code rate n < k/n. To
overcome this problem, type-II (HARQ}HI) transmits

the parity bits only whenever they are needed, which is the
reason for the name incremental redundancy. Therefore, in
[HARQ}HI, the data transmitted over the first transmission
and the consequent transmissions are generally different. One
possible realization of [HARQ}HI is the following [12]:

1) The transmitter sends the uncoded data sequence c in (I))
in the first transmission. Therefore r(!) = HMsg|c.

2) The received sequence r(!) is used to estimate the trans-
mitted sequence d. If d = d, the receiver sends an
and the process for that packet is terminated. Otherwise,
a is sent.

3) When the is received, the transmitter applies ¢
to the channel encoder and computes the parity bits p,
which are modulated and transmitted without the data
bits.

4) The receiver appends r") and r® to form one sequence
of n samples that correspond to the received samples of
a complete codeword. Consequently, the receiver applies
the sequence [r(l) r?] to the channel decoder, and
extracts d. If d = d, the receiver sends an and
the session is terminated. Otherwise, A is sent.

5) Once the second is received, the transmitter sends
c again, which is received as r® . Then, v and r® are
combined using [CC| to enhance the sequence Then
r(?) is appended to the combined sequence to form the
sequence [Cy [t r®] (3], which is applied to the
channel decoder to compute d. 1fd = d, the transmitter
resends p, that is received as r™®, which is then combined
with 1 to form [Cy [rM,r®)] Cyy [ rW]].

6) If the data is still incorrect, the transmitter keeps sending
c and p in an alternating manner, until the packet is
detected correctly, or the maximum retransmission limit
is reached.

[HARQ} I based on punctured turbo codes: The incremental

redundancy can be also realized by changing the code rate
over multiple transmission. One of the common techniques to

achieve this goal is puncturing [49], [[78]], [100]-[102]. The
process in such systems can be summarized as follows:

1) The initial transmission may consist only of the informa-
tion bits, if the packet passes the error check process, an
[ACK]is transmitted and the process is stopped.

2) If the packet fails the error check, then an [NACK] is
transmitted, and the transmitter encodes the information
bits and use a puncturing pattern that produces a high
code rate. The transmitter sends only the parity bits.

3) The parity bits will be augmented to the information bits
of the initial transmission, and will be applied to the
channel decoder. The output of the channel decoder is
then check for errors, if it passes then an is sent
and the process stops. If the packet fails, a[NACK]is sent.

4) Once the [NACK] is received, some of the punctured
bits will be sent, and the receiver appends them to the
information bits to form a high code rate codeword. If the
packet fails again, more punctured bits will be sent, which
reduces the code rate and improves the error correction
capability of the code.

5) If all punctured bits are sent, and a is sent, the
process is repeated, and in this case [CC| can be used to
improve the of the bits with multiple transmissions.

This approach can improve the system throughput, but the

delay may increase and the number of maximum transmissions
should be increased as well to allow correct reception at the
end of the process.

C. [HARQ)| Type-11I

In general, [HARQ] Type III, [HARQHII, is similar to [HARQ}
IT except that user data and parity bits are included in every
retransmission [103)]. Therefore, the information bits can be
extracted in each transmission independently of other trans-
missions. This feature is called self-decodability. A common
approach to realize [HARQHII systems is through complemen-
tary punctured convolutional codes [[104]. A set of punctured
convolutional codes derived from the same original low-rate
code are said to be complementary if they have equivalent
distance properties and their combination yields at least the

original low-rate code. Other [FEC| have been considered as
well [105].

IV. KEY PERFORMANCE MEASURES

The process is evaluated using several performance
metrics, including but not limited to throughput, spectral effi-
ciency, reliability, outage probability, average retransmissions,
latency, and delay. Although these metrics are interdependent
from each other, each metric will generally give different
insight about the system performance. For example, reliability
in terms of or needs to be minimized, where gener-
ally, the error rate decreases as the increases. Moreover,
there is a strong relation between and throughput which
is proportional to The throughput and reliability have
supporting relationship, i.e. the throughput can be maximized
and at the same time, the reliability can be minimized. Further,
in a [HARQ)]| employed system, the reliability needs to be as-
sured with maximum allowable retransmissions. But when the
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Fig. 2: Relationship among performance metrics. Rel.: Reliability, Th.: Throughput, Lat.: Latency, EE: Energy efficiency, PE: Power

efficiency.

allowable retransmissions are truncated, the outage probability
may increase, which shows a conflicting relationship between
these two metrics. The relationship between various other
performance metrics is depicted in Fig. 2] It is shown
that some of the metrics are in supportive relationship with
each other, whereas others are in conflicting relationship. The
relationship of few metrics is design dependent.

Some commonly adopted performance metrics are summa-
rized in Tab. [Ill and will be discussed in detail in this section.

A. Throughput and Spectral Efficiency

Although and [HARQ)] are effective techniques for reli-
able data transmission over noisy channels, they also increase
the delay to the transmitted data because of re-transmission
process. Such delays lead to low throughput and spectrally
inefficient communication. To reduce the delays caused by
re-transmissions, several efficient modifications have been
proposed in the literature. These modifications have been
validated through different performance metrics. Generally,
the throughput of based systems is evaluated in terms
of |bits per second (bps)| |packets per second (pps)l [frames|
per second (fps)l and per hertz, which is the spectral
efficiency. The throughput is also evaluated in terms of the
number of maximum re-transmissions required for reliable
communication. In general, the throughput of systems
is defined as,

_ E[Z]
n= Zma:}c

(18)
where E[Z] is the expected number of correctly received
packets, and Z™?* is the total number of packets generated
at the source. The spectral efficiency is the ratio of number of
correctly received packets to the total number of transmitted
packets in unit time. The metric defined in (I8) is generally
used to compute the throughput of various communication
systems. The commonly used metrics for throughput are
summarized in Table

In [106], a performance metric (8) to compute the through-
put of a cooperative [HARQ)] system is proposed. The network

comprises single source, a single relay and a single destination.
The throughput of the system is defined as the ratio between

the expected number of correctly received bits E[B] to the
expected number of channel uses E[N,] given a particular
maximum number of retransmissions. A channel use is defined
as the transmission resources required to transmit one informa-
tion symbol. It is shown that the outage probability is inversely
proportional to the overall system throughput, i.e., when the
outage probability increases, the system throughput decreases.
In [107], [108], a throughout metric (6) is investigated for
SWHHARQ) for a [CR| systems. The throughput for a [CR]
system is defined as the total number of packets successfully
decoded by the receiver in one time slot 7. In system
the cognitive user senses the channel of the primary user
and transmits only if the primary user channel is vacant.
The throughput in (6) is the ratio between total number of
slots required to transmit the desired packets scaled with the
propagation time of one time slot, " = Ty + T, where T}
is the [transmission time interval (TTI)| and 7 is the channel
sensing time. In this case, if the cognitive user obtains the
primary user channel in consecutive time slots, the throughput
will increase, and vice versa. Similarly, throughput metric (7))
for a[CR]system with[GBNJHARQ)is proposed in [109]-[11T].
In the [CR] transmitter transmits multiple packets
in a time slot without waiting for the acknowledgment from
the [CR] receiver. Once again, if the [CR| transmitter finds a
vacant primary user channel for consecutive time slots, the
throughput will increase. If the number of transmissions in one
time-slot is increased, the total number of time slots required
for successful packet transmission is reduced.

A normalized sum-rate for a cooperative multi-source,
multi-relays, single destination cooperative network is inves-
tigated in [[112]], as shown in (8). The overall throughput of
such systems depends on the individual throughput of the two
phases, where the first phase is when the sources broadcast the
packets and the relays and destination receive the packets. This
is termed as the initial throughput of each source, the initial
throughput increases if, a) the number of transmitted packets
increases through less number of channel utilization, or b)
the number of transmitted packets increases while the channel



TABLE III: Commonly used performance metrics.

Metrics Ref. Expression Remarks
(106 _E[B]  K(1-Pou) ) Throughput of a cooperative with single source, single
= E[N,] E[N;] relay and single destination
Throughput
[107) L ©) _
(T08] ’ n= N, X Throughput of cognitive SWHARQ|
Zmaz
[1[11 (1)]9]_ nm= N, Zte 0 Throughput of cognitive (GBNJHARQ]
-1 Z (1—Ps.)
[112] "= St aE (Trnax) = out Sum-rate of cooperative [HARQ] with multi-source, multi-relay
®
1= PER Throughput for [IARQ| assisted demodulate and forward relayi
(113] n=R—="— ) roughput for [HARQ) assisted demodulate and forward relaying
¢ network
(T14] R RY, we{ps} (10) Throughput of cooperative network, exploiting [TARQ] to
="c +1 ’ P improve secondary user performance
(115 n= i (1 — Pout) (11) | Throughput with optimum energy allocation in assisted
c wireless system
_5B 1 - PER 12
[116] = (1- ) (12) Throughput for multi-casting WSNs with [HARQ)
_ B/N;
[117] = &e-1 pt (13) Long-term average throughput
t=1 out
oo £ . . -
~ The average number of retransmissions in [HARQlfincremental
tAvg.. (118 C= 1+ZE{HPf(t)} (14) | Fedundancy (IR)] system
retransmis- =1 ‘i=1
sions
c
(T3] C= 1 Ztglnaz (15) | The average number of retransmissions in [HARQ) assisted de-
Zmax = modulate and forward relaying network
c-1
(T19] C=1+ Z P () (16) | The average number of retransmissions for
= services
Resources [[120] T=(Pns) m an Resource time and frequency allocation scheme

utilization remains fixed, or ¢) the number of transmitted
packets is not increased, but the channel utilization is reduced.
The throughput of each source decreases if the number of re-
transmissions increases in the second round. The throughput
metrics (9) and (T12) with are given in [114], [T15]. The
metric (O) is evaluated using the input code rate, whereas
(12) uses the achieved rate through the number of successful
received packets and the total number of transmitted packets.
In both cases, a larger value imposes adverse affects on
the achieved system throughput.

The throughput for cooperative [CR| networks (I0) and
general wireless systems with optimum energy allocation (TT)),
is given in [[113]], [116]], respectively. The throughput increases

with a larger code rate and less number of transmissions.
Moreover, a larger value of outage probability sinks the overall
throughput. Similarly, another important parameter that affects
the overall throughput is the or equivalently, the [frame]
lerror rate (FER)] and [BER] In (I3) the long-term average
throughput metric is presented, where B is packet length and
N, is the channel uses for transmission of the packet.

B. Reliability

Reliability is generally defined as the capability of a system
to perform consistently well. In the wireless networks, relia-
bility is defined as the probability of successful delivery of a



packet within allowable number of transmissions [[121]]. At the
network level, the reliability is evaluated as a packet delivery
ratio [[122]]. At the application level, reliability is described as
the rate of successfully delivered bits, frames or packets.

1) Error rate: The error rate is considered as one of the
decisive metrics to evaluate a system’s performance in terms
of reliability. Error rate can be defined at different levels,

e.g. [FER] [PER] [bLock error rate (BLER)] [BER] and [symbol

These various error rate metrics are used for
wide range of applications. For example, the is mostly

adopted to measure the reliability of video communication
systems. Similarly, [BLER] [PER] and [BER] are generic error
rate metrics and are used in diverse applications, and have
almost similar meanings. The difference between
and comes from the expected values they acquire. A
block or packet is composed of a number of bits, and therefore,

for the same value the acquired [PER| value is
generously larger than values. The terms and

are sometimes used interchangeably by the researchers. The
reliability metrics introduced in this section can be defined as,
the ratio of the number of bits/blocks/packets received with
errors to the total number of bits/blocks/packets transmitted
over a communication channel. In this context, the error rate
can be seen as the reciprocal of the attained throughput or
spectral efficiency. The error metrics influence the average
number of re-transmissions for the successful delivery of the
data. Moreover, it leads to affect the required energy for the
successful transmission [[128|].

In Table the relation between the error rate metric
with the target throughput is provided in (20), which is
derived from (I2). The error rate metrics introduced in this
section are typically used as a threshold for a[HARQ]system’s
performance. For example, in [63] the is used as a
threshold for throughput optimization of a selective
system, whereas tight thresholds for are opted in [129]
for selective [CC| methods. A tight upper bound is
derived in [[130] for Nakagami-m fading environment for any
constellations pair. It is claimed to be a upper bound for
coded systems. Another important closed-form
expression for different binary modulation schemes with dual
branch selection combining is derived in [[131]. The closed-
form expression is not specific to systems, but to
any general communication system. A conditional [BER]for the
system with various combining schemes is analyzed
in [90]. From the theoretical approximated expressions,
it is concluded that conventional [MRC] is not optimum for
The performance of [MRC]| becomes even worse for
short packet communications, or if the channel for the re-
transmitted packets is not as good as it was during the initial
transmission.

Typically, a target BLER] [PER] or [FER] is pre-decided for
a particular application, mostly to achieve wide range of
objectives including throughput, spectral efficiency and energy
efficiency. Therefore, the target error rates are pre-computed
before the operation. For example, the influence of
considering the while computing the effective rates is
studied in [132], where it is shown that the performance
of the system significantly improves if the effective

rate computation considers the threshold A conditional
of system is determined by applying the con-
dition on the previous erroneous transmissions is proposed
in [133]. The conditional is evaluated while taking
into account the effective and rate values during each
transmission. The quality of frames received in the past highly
affects the proposed conditional In [134], the is
approximated using a threshold-based method. The proposed
approximation simplifies the physical layer operations
with few parameters. It is further testified that the proposed
approximation accurately predicts the performance for
a wide range of receiving systems. The significance of
for performance evaluation is further highlighted in
[133], where the is evaluated for a [HARQ)| system with
systematic polar codes, turbo codes, and convolutional
codes. Further, the performance of a novel polar coded [HARQJ
system is validated in terms of in [[74], where it is
demonstrated that has a substantial impact on the system
throughput and average number of transmissions.

2) Outage probability: Tt is one of the important metrics to
evaluate the performance of systems. A transmission
is said to be in an outage if the packet is not successfully
decoded after the maximum number of allowed transmissions
is reached. Reliable data communications require significantly
small outage probability. For example, an outage probability
of around 10~ is expected to address the low latency com-
munications [136]]. Mathematically, outage probability after /"
transmissions can be written as,

P!, =P(R' <R) (29)
where R is the code-rate, whereas R’ is the rate achieved after
/™ round, also termed as effective rate. Outage probability is
also measured through various other parameters such as
[to interference plus noise ratio (SINR)| [123], [[124], [[127] and
[accumulated mutual information (AMI)| [125]], [126]. Outage
probability is also related to the achieved transmission rate.
Therefore, various parameters such as the the transmission
power, and bandwidth can be adapted to obtain a better rate.
High rates that are realized with an increase in transmission
power or code-word length eventually decreases the outage
probability. Moreover, inclusion of diversity techniques at
various levels mitigate the channel effects on the data transmis-
sion. In systems, the combining schemes have shown
promising improvements in terms of outage probability. The
combining process amplifies the mutual information after each
packet retransmission.

C. Energy and Power Efficiency

Energy and power efficiency are widely used performance
metrics in communications systems. For a normalized symbol
period of unity, both metrics become equivalent. Nevertheless,
the two metrics are effectively different may lead to different
problem formulation and solution. For the sake of consistency,
the two metrics are treated separately based on the system
model adopted by the authors.



TABLE IV: Commonly used performance metrics.

Metrics Ref. Expression Remarks
z Packet error rate for a given throughput for
[113] PER=1- Fmaz (19) | [HARQ] assisted demodulate and forward relaying
network
nY i i i-
Reliability (T16] PER=1- 21— (20) | Packet error rate for a given throughput in multi
casting WSNs with [HARQ|
Py =P ;" <m) 1)
(123] PAl=1— ]P’(fy2 Z‘ > 1), Outage probability of a system after ¢
[HARQ] rounds
Outage ) .y
Probability Vie{l,- 0}, sz > 7 22)
e (0) =P (7 < 2t 23
(124 out () = T T 23) Outage probability in satellite-terrestrial relay net-
work with EE:()]-CC and gE:Q]-IR
PL(0) =P (7 <27 -1 (24)
P Poy =P(lisie < RiULis20 <Rs)  (25) | Outage probability in [FARQICC aided
[126] il =P (Lrae < Ro) (26) | system
_efoa Outage probability in [HARQ| aided [URLLC] sys-
[127] Pow=Pr(log(1+p-h) <R)=1+ec 7 Q1 | through optimum power allocation
nC Outage probability with a given throughput with
[115] Pour =1 — R (28) | optimum energy allocation in [ARQ|assisted wire-
less system

1) Energy Efficiency: The total energy required to transmit
Z™** packets in a [HARQ] system is given in [[137],

Eiot = By + Epy + By + By
= 2" T, + ElZ)(jEw) + 27" P Ty + jEra (30)

where Fy, and E,, correspond to the energy consumed during

the transmission and reception of the data packets, FEyy and
E,, is the energy consumption during the transmission and
reception of the feedback messages. Moreover, E[Z] is the
expected number of correctly received packets, T}, is the packet
transmission time, Ty is the [ACKINACK] transmission time.
The energy consumed at the receiver side is less than that at
transmitter side by a factor j € (0,1). The system in [137]
is proposed for underwater sensor networks where it is shown
that increasing the hop distance and the number of hops may
improve the energy efficiency.

In [138], the energy consumption for a relaying system
employing was studied. The energy consumption is
investigated in terms of the total number of data transmissions
along with outage probability. A scheme called
[number relaying (TNR)| is proposed, which aims at reducing
the total number of transmissions, and hence, reducing the total

consumed energy. It is concluded that the energy consumption
largely depends on the number of transmissions and the outage
probability. Hence, a metric denoted as [transmissions per]
is derived as,

20-1
TM — Zz]P’C’—Z

out

€19

where C' is maximum allowable transmissions and C,. is the
total number of transmissions of a selected relay. Therefore,
(3I) can be seen as a ratio of total transmissions to the
successfully delivered messages. It is depicted from the simu-
lation results that decreases by increasing Another
important energy efficiency metric is proposed in [[139]], where
the multicasting network energy efficiency is characterized in
terms of network efficiency and outage probability. Fur-
ther, an outage-constrained energy minimization and energy-
constrained outage minimization problem is formulated as
function of ferrying distance. The metric is give as,
¢= Bg

tot
where Fy; is the overall end-to-end energy consumption and
B is the bandwidth. In this model, the energy efficiency is

(1 - Pout) (32)



derived as a function of the distance from the user to the [base]
station (BS)| Further, the overall energy efficiency is presented

as,

R(R, — S0 51)
= = Pou
¢ 26; o ) B, T (33)

where R, are total number of receivers, and s; = 1 for a failed
transmission and equal to O if the transmission is successful

for i receiver. The term M%m represents the total
number of successfully received bits. S represents the set con-
taining all possible combinations of successful or erroneous
transmissions for each receiver, i.e., 28+ combinations. For
example, in case of R, = 3, the set .S contains 8 entries,
i.e., S €{000,001,---,111}, where in each combination the
first bit represents the reception status of the first receiver,
the second bit indicates the reception of the second receiver,
whereas the last bit depicts the status of the third receiver.
For example, a combination 010 indicates that the packet is
successfully received by the first and third receiver, whereas
an erroneous packet is received by the second receiver.

2) Power Efficiency: Transmission power plays a vital role
in achieving a desired target error rate, where increasing the
power reduces the error rate, and consequently the latency
caused by the retransmission process. In the case of high
target error rates, the system can transmit limited number
of packets due to the large queuing latency. Therefore, these
conflicting constraints and limitations further complicate the
overall system [140]. Moreover, a significant performance
improvement can be realized with an optimal allocation of
transmission power, especially in low and medium
[115]. It is therefore necessary to find optimal power allo-
cations for a system to get rid of maximum possible hinges.
Optimal average power allocation for is derived in
[127] and given as,

C

Pavg = Zpépout,f—l
{=1

where p, is the transmission power in ¢ round,
whereas P,,; 1 is outage probability till (¢ — 1)1
rounds. An optimization problem is modeled to minimize the
average power given the outage probability does not exceed
a given threshold. It is observed that the achieved average
power decreases if the outage probability threshold increases.
A transmit power policy for multiple nodes is presented in
[141] as,

(34)

E n

tx,l

T

Pn = (35)
where p,, represents the power of n node, EY, , amount of
energy consumed by nth node during ¢ transmission attempt,
whereas T is time-slot duration. This power policy can easily
be implemented if the nodes attain the information of their
own battery state, which reduces any further overhead to
implement the power policy. The simulation results validate
the performance of the proposed power policy over equal
power policy.

D. Delay

The packet transmission delay adversely affects the overall
system throughput. Typically, the overall packet transmission
delay constitutes the first transmission time coupled with
the time required for retransmissions. Keeping in view the
stringent delay requirements in the networks, extensive
research has been carried out to address the delay sensitivity
of systems.

In [108], [L10]], [111]], [142], an average packet delay for
[CR] systems in terms of the throughput, packets per time slot,
is given by,

Ts + Zt;z

Ui

where 7 is the system throughput, 7 is the time for channel

sensing during one time slot, and Z*? is the number of packets
transmitted during one time slot. Another metric for average
packet delay is provided in [107], [109] as,

o Nt(TS + Td)
- Zmaw

where N, is the total number of time slots to transmit total
Z™* packets. T is the channel sensing time and 7Ty is the
round-trip time in one time slot. Another key parameter to
estimate the delay is termed as delay outage is studied in [[143]],
[144]. A system is in outage if the average transmission delay
exceeds some pre-defined threshold. The outage probability is
given as,

Th (36)

Tp (37

Pout = P(TD > Tth'r‘) (38)

where Tp is the average packet delay or round trip time and
Tinyr is the predefined delay threshold. The average packet
delay can be obtained as,

¢
Tp =Y i(1—Pg(0)) (39)
i=1

where P¢(¢) is the probability that the packet is not decoded
after the /" round. In the transmission system, data coding part
stimulates major contributions in terms of delay. The transmis-
sion delay owing to encoding and decoding is studied in [[145]].
In case of consecutive transmissions without additional delay,
the overall transmission delay is expressed as C x T}, where
C' is the maximum number of transmissions and 7}, is the
duration to transmit one transport block. Therefore, to enable
the transmission of new packet soon after the end of current
transport block, the encoding delay ep and decoding delay dp
are constrained as,

ep < Tp
dp < Tp.

(40a)
(40b)

A metric for effective delay in a multi-user [HARQHR em-
ploying system is proposed in [146], given as,

(41)

where C is the average number of transmissions and R is the
code rate.



E. Resources

Wireless communication infrastructure is mostly confined
under limited resources. For example, a [wireless sensor net-|
or [[0T] node can be placed at a remote location
with limited power resource. Other examples of the resources
in a wireless communication system are available spectrum,
time slots, and power. Therefore, the main intent of efficient
resource allocation is to satisfy the end-users’ requirements.
For example, the power allocation to admit a maximum
number of users, or to maximize the overall rate. Moreover,
in the [QoS] requirements are defined as the specified
number of bits successfully delivered within a pre-defined end-
to-end delay and error probability. In [147], the impact of
bandwidth resource on the low latency reliable transmission
following retransmission is investigated.

In [HARQ)] assisted wireless systems, the importance of
intelligently allocating the available resources among the
stakeholders becomes even more crucial. An optimal resource
time and frequency allocation scheme is proposed in [120].
The resources are allocated such that the number of utilized
channel complies with the number of transmitted symbols in
a[TTI| Therefore, for transmission of n; symbols in a[TTI| and
ns subcarriers in a [physical resource block (PRB)| the least
number of required resources are calculated in (I7).

V. ADVANCED TECHNIQUES

The basic protocols have been considered widely
by the researchers where several variations and modifications
were adopted for reliable and low latency communications.
The foundation of the improved retransmission methods are
the basic [HARQ)] protocols described in Sections [[I|and [[Tl] In
this section, widely employed variants are reviewed in
detail.

A. Adaptive [HARQ)

The time-varying nature of radio channels provides a strong
motivation to design adaptive wireless communications sys-
tems that have various components that can be adapted almost
in real-time. The main system components that are typically
considered for adaptation are the modulation scheme/order,
transmission power, maximum number of retransmissions,
number of allocated channels, bandwidth, and code rate. The
adaptation process usually aims at improving the system per-
formance by increasing the throughput and
[(EE)] while reducing the delay and system complexity. In the
literature, it has been shown that the overall performance of
[HARQ]systems can be substantially improved through optimal
tuning of the system parameters. A [HARQ] system with the
dynamic parameters is termed as an adaptive [HARQ] A
detailed survey of the state-of-the-art adaptive [HARQ] methods
is shown in Tab. [Vl

1) Coding (rate control): In code adaptive [HARQ]systems,
the transmission rates are adjusted for every new transmission,
to upgrade the system’s performance in terms of throughput
and spectral efficiency. In such schemes, the receiver provides
the transmitter with a detailed feedback, often termed as
“intelligent [NACK]" [149]. The receiver attempts to decode
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Fig. 3: Basic diagram of adaptive HARQ

the received packet after the demodulation step, and extracts
diverse information related to the channel condition and the
transmitted data. This information includes, but is not lim-
ited to, the [CSI} [CQIl and [AMI} If the packet decoding is
not successful, the channel and data-related information is
concatenated with the and transmitted back to the
transmitter. Upon receiving the “intelligent [NACK]’, the rate
adaptation mechanism is exploited by the transmitter using
the feedback information to determine the optimum rate for
the following transmission [[I150]. The overall code adaptive

system is shown in Fig. 3] Following are the steps
involved in a code adaptive HARQ] systems:

o The transmitter appends the[error detection (ED)|and [FEC]|
bits with the information block, as discussed in Section
11, where a packet z() contains N modulated sequences
or symbols. The initial code rate is given as R, = (k +
led ) / n.

o A subset of codewords is generated using the initial code
rate R,.

o The receiver demodulates the received sub-codeword and
then initiates the decoding process aided by the [FEC|
decoder. Finally, the [ED] process is applied to detect errors
in the received packet. A packet is assumed to be decoded
successfully if the accumulated achievable rate is greater
than or equal to the mother code rate [152].

o The receiver uses the received information, even with
decoding failure, to evaluate various channel estimation

and information parameters, mainly and For
example, the is expressed as [149], [150],

L
ry = E Zth
t=1

where r/ is the received packet during /! round, whereas
z; and R; are the transmitted packet and the adopted code
rate during the t™ transmission round. Likewise, the m
is estimated using the [SNR] of the received information.

(42)



TABLE V: Literature review of adaptive HARQ} Power (Pow.), packet length (Len.), modulation scheme (Mod.), number of retransmissions

(RTx).
o Adaptation
Ref. | Objective Pow. T Ten. | Rate | Mod.| RTx Remarks
v v Adaptation using outdated [channel state information (CSI)[and validated through persis-
[148] tent and truncated
Throughput v v v Employed chanpel. code with puncturing and repetition coding. Validated through fixed-
| [149] length retransmissions
150] Throughput v v Based on average channel statistics and employed with IR
(15T Throughput v Outdated is utilized for adapting [HARQYJIR| based retransmissions
[152] Throughput v v Adaptive [HARQ[CC] retransmission using
— Throughput v Instantaneous is not available to the transmitter. Only outdated [CSI|is used to adapt
(154] Delay v v [Channel quality indicator (CQI)| reports are utilized for [HARQfIIR| adaptation
N Spectral effi- . S . .
| (155 | ciency v v Outdated feedback information is used to adapt un-truncated [HARQ
Spectral effi- v v Dynamic resource allocation based on outdated feedback information from the
[156] | ciency receiver to adapt un-truncated [TARQJR]
[}g;], Power v Adapted type-I and -1 [HARQ)
(58]
Throughput v Transmit power is adapted in [HARQJCC yvlth feebck information, while the
[159] throughput remains almost unchanged for wide range of
I Dela v No. of retransmitted frames are adapted according to the video content and playback
| [160] y deadline. [CSI| and frame size is used to estimate frames transmission
Throughput, v The |AMI|is used to estimate the number of bits necessary to decode the message at next
[161] | delay transmission in a system
(167 Reliability v No. of retransmissions are adapted by prioritizing frames in a lgroup of pictures (GoP)I
IR Estimates the contributions of each candidate packet to the marginal recovery on the
Throughput v erroneous packets and then transmits the packet which generates the most marginal
[163]
recovery
Throuehput v Space-time block codes are used to mitigate deep fading, but in case of a|[NACK], a pre-
| [164] ghp coded matrix is selected based on minimum jmean squared error (MSE)] after combining
Reliabilit v linter-carrier interference (ICDfcancelled retransmissions using the repetition coding
| [165] y scheme are opted after initial retransmission in [HARQJIR
(166 Throughput, v An additional convergence [INACK] is introduced to specify the actual positions of the
i 67]’ packet length sub-blocks on which the additional parity bits will be concentrated
Reliability v v Samf: puncturing pattern is used in HARQHCC[ whereas different puncturing patterns are
[168]] applied to the successive (re)transmissions
(169 Throughput v HARQ)| gains with power control using partial
Delay v An§1y4s1s of [SRHHARQ) protocol in a multi-rate wireless network in terms of delay
|_(170] statistics

The reports are also exploited for dynamic resource
allocation [[I54]), which is considered as a part of

o The estimated information about the channel and received
data is then feedback along with the[NACK] Based on the
received intelligent information, the transmitter decides
how to tailor the code rate for the following transmission.

o The transmitter applies the puncturing technique to in-
crease or decrease the code rate for the following trans-
mission, based on the received channel and data infor-

mation. In typically same puncturing pattern
is used, whereas in case of for all successive

(re)transmissions different puncturing patterns are applied
[[L68].

o The process is repeated unless all the codewords are
successfully delivered or the maximum number of trans-
missions is reached.

In general, the transmitter is unaware of the channel con-
dition during the initial transmission. Moreover, it perceives

the channel condition exploiting the [CSI| which is sent by the
receiver via feedback message after the first transmission. Be-
cause of the transmission delay, very often the [CSI|information
becomes partially or fully outdated [[149]—[151]], [153]], [155],
[156], [[163]], which restricts the error-free transmissions.

Several code adaptive [HARQ) techniques were proposed in
the literature. A[HARQ]|proposed in [149] considers puncturing
and repetition coding methods to adapt the transmission rates,
whereas the same techniques are opted in [150] with non-
binary LDPC codes using the average In [151)), [153]],
[163], the transmission rate is adapted based on the number
of codewords transmitted during a particular round. Moreover,
the number of codewords to be transmitted is estimated from
the residual error sent by the receiver. Therefore, during each
round packets are encoded with a variable rate to generate
a different number of codewords. is considered as the
feedback information in [152]]. The transmitter adapts the
transmission rate to let the exceeds the code rate.



The puncturing technique is widely preferred in rate-adaptive
To accelerate the retransmission system to boost the
throughput of system, different pre-encoded redun-
dancy versions, using different systematic and parity bits,
are cached in the transmission buffers. Furthermore, the
report is exploited to select the best-suited redundancy version
by the transmitter [[154]. A concept of residual rate is proposed
in [155], [[156], which is defined as the minimum mutual
information required for successful decoding. The residual rate
after /" transmission round is given as,

Ry =Ry —I,T, (43)

where R,_1 and I, are the code rate and the mutual informa-
tion during /M transmission round, while Y, are the allocated
resources which are determined based on the residual rate
information. The receiver returns the residual rate informa-
tion, and in response the transmitter predicts rate adaptation,
exploiting the received feedback information, to minimize the
number of retransmissions.

2) Packet length: In length adaptive[HARQ] the transmitter
may vary the packet length during each round. The packet
length is often referred to as the bandwidth. Typically in
this adaptation scheme, the rate and transmission power are
kept constant. If the packet is not successfully decoded by
the receiver, it returns a along with the channel
information. The length adaptation mechanism is initiated by
the transmitter by shrinking the packet length for the next
transmission. It is highly likely that the packet is recovered
within two transmissions because the redundancy versions can
achieve extremely low for almost the same [T71].
Therefore, to get maximum out of total available bandwidth,
it is better to reduce the packet length in the retransmissions
according to the received [CSI| or information. The
adaptive length [HARQ] proposed in [148] yields remarkable
gain over the conventional methods. It is shown that

in[HARQJIR] length adaptation plays a vital role in increasing
the and is given as,

Ip =11 + nglogy (1 4 peve) (44)

where ny is the codeword length, whereas p,, and v, are,
respectively, the transmission power and the instantaneous
nominal experienced by the receiver with unit-power
transmission during /" round. Therefore, triggers an
option to adapt the length of the codeword to increase the
that along with a [NACK] is feedback by the receiver.
The potential complication in the length adaptive[HARQ]lies in
the signaling overhead. The length of the codeword generated
by the relay is adapted in [152] to complete the deficient
information at the destination for successful decoding after
the retransmission. Moreover, partitioning of the parity bits
are determined in a truncated type-II in [172]]. Further,
in [T73] it is demonstrated that the performance can
be sufficiently improved with the optimal tuning of the block-
length. Variable-length transmission for multiple users is not
practically efficient, since the subsequent sub-codewords of
shorter lengths might lead to bandwidth loss or the subsequent
sub-codewords with larger lengths may result in collisions
[163].

3) Power control: An energy-efficient communication can
be realized by transmission power adaptation throughout the
IHARQ| rounds. Generally, the instantaneous channel condi-
tions are not known to the transmitters. In power controlled
adaptive the packet is encoded and then transmitted
with an initial pre-defined power p, and a fixed code rate
R. The packet can be decoded at the receiver end provided
the instantaneous channel gain is larger than the code rate R.
Mathematically,

log(1 + hepe) < R

el —1

be

= h < (45)

where py is the transmit power and hy is the instantaneous
channel gain during /™ round. If @3) is true, a
together with the channel information h; is returned to the
transmitter. In response to the feedback, the transmitter in-
creases the transmit power to an amount that the instantaneous
channel capacity exceeds the transmission rate.

Besides other modern technologies, the low-power IoT
devices are expected to be an integral building block in the fu-
ture wireless communications systems. Energy efficiency and
optimal power control are desired for these low-power devices.
Moreover, these devices and systems are likely to incorpo-
rate efficient retransmission mechanisms to ensure reliability.
Adaptive power-controlled[HARQ|systems are foreseen to deal
with these issues. Different power-controlled adaptive
systems were proposed in the literature. Ref. [148|] proposed
a rate, length, and power controlled energy-efficient adaptive
and the proposed adaptive solution outperforms the
conventional with fixed codeword length and trans-
mission power. In [[157], the transmission and the decoding
power is optimized in a employed communication
system. In each round, the codeword is tailored under
the power adaptive assumption to get distinct transmission
powers. Moreover, it is shown that the power adaptation leads
to a significant reduction in total average power, including
the decoding and transmission power. Most of the research
work on power adaptive [HARQ|systems relied on the feedback
message. In [159]], power adaptation is proposed without
[CST] feedback information. Instead, the transmitter reduces the
transmission power with a fixed rate taking into account the
received as a feedback message. The receiver estimates
the probability of packet error, which is the function of
In this way, a significant reduction in power consumption
is observed. A power-controlled with partial [CS]] is
proposed in [169]]. The proposed protocol realizes the [HARQ]
retransmission gains and the power control simultaneously.
Notable improvements in throughput are observed through the
proposed modifications in the power adaptive system.

4) Modulation schemes: The transmitter generates coded
symbols, which are then mapped to some modulation sym-
bols before the transmission, as depicted in Fig. On
the contrary, the receiver de-maps the received modulated
channel symbols. Different modulation schemes are employed

in the wireless communication systems, e.g.,
[shift keying (BPSK)| |quadrature phase shift keying (QPSK)|




and Usually, large constellations like 16- and 64-
are employed with channel conditions exhibiting high
Whereas for channels with low [SNR| robust modulation
like [QPSK] is preferred [174]. The communication system
with adaptive modulation typically switches between
distinct modulation schemes. When the transmitter receives a
[CQOIL [AMI] or[SNR| feedback from the receiver, the transmitter
adapts the packet length. The retransmission adaptation is
typically based on the estimation of additional bits required
for a successful reception. This process is repeated until the
packets are successfully decoded by the receiver [[149]], [150].
In [154], the probability of decoding failure is exploited to
adapt the rate and modulation of retransmissions, and is given

Py(R) = P(AMI(SNR) < R;)

where, is the accumulated mutual information of
values and R; is the target rate given as

(46)

Ry = MR, (47)

where M € {2, 4,6} is modulation index for|[QPSK] 16{QAM]
and 644QAM| respectively and R, is the effective code rate.

Therefore, to minimize the probability of decoding failure
(46) a possible solution is to decrease the target rate Ry,
which can be adjusted by decreasing the modulation index
M in @7J). After a certain number of retransmissions the
AMI| increases which eventually reduces the Py. In [168]],
[175]], it is shown that the [BS] is responsible to adjust the
modulation index based on the feedback. Moreover, the
effective rate of cognitive user employing adaptive M{QAM]
modulation is analyzed in [[176]. Further, in [[177] the channel
are divided into non-overlapping intervals. The interval
for feedback channel information, i.e., the achieved
is determined and pre-defined modulation scheme for that
particular interval is employed for the next retransmission. The
same method of partitioning into intervals is realized in
[178]], [179] and [[180] to maintain the targeted [BER| and [PER]
respectively. In [[119] the spectral efficiency maximization
problem for low latency applications is formulated through
the adaptive modulation and coding schemes.

5) Number of retransmissions: Another vital parameter that
affects the performance of process is the maximum
number of per packet retransmissions. In the systems,
mostly the truncated retransmission model is followed, in
which finite number of retransmissions are permitted for a
packet. In conventional [HARQ)] these finite number of retrans-
missions are pre-determined and are not adapted during the
process. But in some of the adaptive HARQ|systems, the num-
ber of transmission are also varied during the communication
process. Usually in non-adaptive retransmission systems the
delay is reduced but at the same time a lower throughput
is achieved because of the additional bits to be transmitted.
In [160] the adaptive number of retransmission technique
is employed, where the transmitter estimates the possibility
of retransmission considering a number of factors derived
from feedback information. This information comprises the re-
ceiver’s buffer starvation information, and the packet playback
time information. Moreover, variable retransmissions concept

is adopted from a range of discrete number of retransmissions
set in [[162], [181]. The packets are prioritized and are mapped
to any of the values available in the retransmissions set.
Typically, the most important packets are allotted more number
of retransmissions. For example, in video communications
the I-frames are given maximum priority and hence max-
imum number of retransmissions are assigned to I-frames.
The eNodeB grants the number of retransmissions to each
video packet according to its information. Moreover,
[182] proposed a retransmission policy in which only initial
retransmission of P frames are permitted subject to successful
reception of preceding I frame. A concept of time-stamped
packets is given in [[183]], where each packet is time-stamped
and the retransmission occurs only if the time-stamp is greater
than the propagation delay. Similarly, no retransmission policy
is adopted for too old and out of sequence packets. The average
number of retransmissions for each packet is estimated in
[119], [184] using the outage probability and block error rates.

B. Dynamic Resource Allocation

Typically, in conventional a fixed number of re-
sources is allocated for each transmission, i.e., termed as static
resource allocation. This procedure aids a user to realize better
throughput since it gets the predetermined maximum possible
resources during each transmission. On the contrary, the con-
stant resource allocation for each transmission might not be
an efficient solution from the network perspective. Specifically,
in the case of retransmissions, the required mutual
information can be aggregated with fewer resources. The
process to determine an optimal number of resources, based on
the feedback information, during each transmission is called
dynamic resource allocation. The dynamic allocation offers to
accommodate an increased number of users in the same net-
work. Usually, a dynamic resource allocation policy is adopted
to achieve a range of objectives, such as spectral efficiency,
energy/power efficiency maximization, and transmission delay
and latency minimization.

A rate-optimized with dynamic resource allocation
is proposed in [[156]. During each transmission, the L number
of maximum symbols/codewords are transmitted, where the
symbols are treated as the resources. Moreover, Y, is the
number of resources allocated during /" transmission. The
after soft combining up to ¢ transmissions is calculated

as,
1 4 14

Ir=7) TiRi=) &R,
t=1

where R, is the rate realized during /" transmission and ¢,
is fraction of allocated resources. The packet is successfully
decoded after /™ transmission if I, > R,. Moreover, according
to the dynamic resource allocation policy, it is highly recom-
mended to allocate more resources to the transmission that is
likely to fail, which contributes to reducing the average delay.
On the contrary, fewer resources are recommended for the
transmission with a high probability of successful decoding
for a lower average mean margin. The receiver feedbacks
a along with the residual rate information R, till

(48)



/™ round to the transmitter. Using (@8), the residual rate is
calculated as,

14
Ry=R,— Y &R (49)
t=1

Based on the value of R), the transmitter dynamically selects
the optimal number of resources to minimize the residual
rate in the further transmissions. In [[163]], [185], a dynamic
resource allocation policy is adopted taking the into
account. The scheme with dynamic resource allo-
cation exhibits an improved performance compared to the
conventional [HARQ] in terms of a trade-off between spectral
efficiency and delay.

Another [HARQ] scheme employing dynamic resource allo-
cation aiming to maximize overall throughput is proposed in
[186]. The technique comprises two major steps, namely,
[domain packet scheduling (TDPS)| and |block time-frequency|
[domain packet scheduling (BTFDPS)l At the beginning of
transmission, the selects a subset of users together with
the data to be transmitted. The data size is selected given
the channel conditions and the buffer size at the transmitter
and receiver end. Moreover, based on the channel information
and on-going transmission experience, the time-frequency re-
sources are dynamically allocated among the selected users
during the phase. This dynamic allocation is aimed
at minimizing the number of scheduling decisions and maxi-
mizing the throughput. During each transmission, the allocated
power is minimized, leading to a significant reduction in
transmission energy. A dynamic physical resource allocation
scheme for is proposed in [I87] in time-varying
channel conditions under the presence of interference. The
proposed allocation policy is equally applicable for [downlink]
[(DL)| and [uplink (UL)] The bandwidth is dynamically adapted,
learning from the earlier transmissions of the same codeword.

C. Low-Complexity

Error correction and error detection are integral components
of a conventional system, where typically the error
correction part anticipates multiple iterations. This iterative
decoding consumes significant time, and gives rise to substan-
tial delays. The situation becomes even more challenging if
the packet could not be successfully decoded after the max-
imum decoding iterations and a retransmission is requested.
Therefore, the inherently iterative nature of decelerates
the overall [HARQ| system. To address these native concerns
of the iterative decoding process, low-complexity is
proposed in [13]], [44]. Two novel concepts, namely
[stop (ES)| and [deferred iterations (DI)| are proposed where
ES and DI are aimed at locating the suspension point and
to delay the iterative process, respectively. Typically, the ES
criterion is based on the prior target convergence threshold.
Therefore, the ES stops the decoding process once the con-
vergence threshold is reached. Another proposed method to
reduce [FEC] complexity is to postpone the decoding iterations
until, based on an estimate, the receiver is convinced that it
has received plentiful information for successful decoding,
otherwise retransmission is requested immediately. In this

way, the unproductive iterations are excluded, and hence the

complexity of the process is curtailed.

In [6], [42]], [56], [188]], the complexity of an[HARQ]system
is reduced with an improvement in the error detection part.
A novel concept of [parity error checking (PEC)| is applied
as a replacement of conventional [CRC| method by exploiting
the word-error detection capability of the [TPC| Owing to this
modification, is jointly employed for error detection and
error correction. At the transmitter end, the k£ information bits,
concatenated with [.4 detection bits, are supplied to the
encoder to form a codeword, attaching the .. parity bits
to the string. On the receiver side, an is sent back if
the received packet is error-free, conversely, retransmission
is requested. The retransmitted packet is then combined with
the soft version of the stored erroneous packet. The combiner
output matrix is fed into the which performs a series of
soft or hard decoding iterations. The decoder iteratively
decodes all the rows and columns of the combiner output
matrix. The error detection process launches promptly after the
decoding of the last column. During the detection process the
syndromes of the first k, where k is the number of information
bits, rows are checked and the packet is declared as error-
free if all the syndromes are equal to zero. The syndromes
of the last n — k rows, corresponding to the parity bits, are
essentially not required to be checked. Alternatively, instead
of the syndrome check, the parity extended bits are exploited
and the error detection is performed with parity checking for
the first k rows. Significant complexity reduction is observed
with the proposed detection technique as compared to the
conventional [CR{ detection method.

Another low-complexity with is proposed
in [189]] using partial retransmission and diversity combining
techniques. The retransmissions are split into equal size sub-
packets. On each retransmission, 1/3 of the original bits are
sent with a magnitude factor of v/3, which leads to a constant
energy per transmission. Consequently, the packet length and
the magnitude factor in each transmission remains the same.
Moreover, the received sub-packets are combined after every
retransmission. The same process is repeated during each
retransmission.

D. Autonomous/Blind
In conventional the feedback [ACKINACK| message

triggers an extra overhead to the routine communication. The
situation deteriorates if the feedback channel is deeply faded
and does not ensure reliable communication. This feedback
overhead elevates further in case of multicast communication
where multiple devices have to acknowledge simultaneously.
On top of it, the situation becomes even more severe under
weak channel conditions as it is highly unlikely to deliver the
packet successfully during initial transmission and a chance
for retransmission is anticipated.

Under such circumstances, it is a smart decision to re-
transmit promptly rather than waiting for an expected
Therefore, to address the mentioned scenarios, a concept

of autonomous also referred to as blind is

proposed by the researchers. The autonomous characteristic



is a supplementary role to the conventional In the
autonomous a packet is transmitted a defined number
of times, irrespective of the successful or failed reception.
After the exhaustion of maximum autonomous transmissions,
the system restores itself to the conventional

In [T16]], an autonomous is proposed for a multicast
communications system comprised of two receivers. An op-
timal number of maximum autonomous transmissions
is determined to improve spectral efficiency. During the first
¢ transmissions, the packets are sent continually without
waiting for an ACK. Moreover, an ACK is expected after
the completion of autonomous transmissions, thereupon the
system switches to the normal operations if no
is received even after the maximum autonomous iterations.
The efficiency of the proposed autonomous is validated
through extensive simulations. Further, it is concluded that
the proposed solution outperforms the conventional [HARQ]
in terms of spectral efficiency with a tolerable trade-off be-
tween gain and the feedback overhead. An integrated
autonomous mechanism for a cooperative system is
adopted in [[190], where the packets are transmitted several
times without waiting for an acknowledgment. The proposed
mechanism determines the optimal number of autonomous
retransmissions to realize maximum spectral efficiency.

In [191], an autonomous mechanism is opted for
coverage improvement of [universal mobile telecommunica-|
[tions system (UMTS)| enhanced uplink transmission. With
limited power resources, the [user equipment (UE)| performs
several consecutive transmissions without waiting for an ac-
knowledgment from the Likewise, the combines the
received packets during these autonomous transmissions. After
the autonomous transmission phase, the base station sends
an [ACKINACK] based on the mutual information from the
combined decoded packets. The consecutive transmissions of
one packet are regarded as a single transmission. The proposed
autonomous retransmissions result in reduced coupled
with a considerable coverage gain. Further, it is concluded in
[192] that blind retransmissions are convincing if the feedback
channel does not ensure sufficient reliability, which leads to
additional retransmissions because of a drastic increase in the

false

E. Multi-layer

The multi-layer [HARQ)| is devised with a motivation of
prominent throughput gain and lower latency over conven-

tional single layer The multi-layer [HARQ) is inter-
changeably termed as a multi-packet or multi-channel [HARQ)]

[interference cancellation (SIC)| to extract their information
from the superimposed received packet [197]. The packet is
extracted from the received signal if it is successfully decoded
by a receiver. The same procedure is followed by all the other
receivers. The entire decoding procedure is terminated if any
of the recipients could not decode its packet successfully. In
this case, a is sent back to the transmitter with an
index to the last successfully decoded packet. If the transmitter
receives an [ACK] it transmits new packets in the next time
slot. On the contrary, if the transmitter receives a [NACK] it
transmits new packets, along with the retransmission of old
packets [193] or additional parity bits only for the uncoded
layers [[195], [196].

A modified version of multi-layer [HARQ] is proposed in
[198]-[200] in which two channels are realized for parallel
transmission of two packets in a single time slot. The packets
are selected based on received feedback and are
(re)transmitted in parallel. The proposed system comprises of
two layers, where one layer is employed for transmission of
a new packet in each time slot, whereas the second layer
transmits an additional redundant packet. The packet in layer
two shares the overall allotted energy with the layer one
packet in the same time slot. Moreover, in [201]], [202]] a
multi-layer system is proposed which supports three
modes of operations, i.e., conventional with
time-sharing, and with superposition coding. The transmitter
comprises two layers and the encoder is capable to jointly
encode both packets simultaneously. Another with
three parallel layers is proposed in [73], [203] using Polar
codes for The message bits of the previous packets are
jointly encoded with the new packet during the retransmission
round.

F. Content-Aware HARQ

Some applications are exceptionally resource-demanding
and concurrently are bound by strict latency constraints. These
applications include, but are not limited to, video streaming
and communication. Moreover, it is an absolute demand to
realize the best possible[QoS]|for the end-user in terms of video
delivery under the limited available resources. As discussed
earlier, grants a reliable transmission mechanism, but
the retransmission mechanism curtails the strict throughput
requirements of real-time video transmissions. A truncated
version of may be a potential solution to deal with the
delays. But truncated retransmission may adversely impact the
video quality in terms of achieved [peak signal to noise ratio|
[[PSNR)] Therefore, a content-aware mechanism is proposed

in the literature. Multi-layer is a non-orthogonal pro-
tocol where multiple packets can be transmitted in the same
time slot [193]]. In a typical multi-layer system the
transmitter is composed of multiple transmission channels,
where packets are produced in parallel by multiple channels
and are transmitted in parallel [194]]. Usually, the same code
rate is adopted in all the channels, but in some cases, each
channel employs different code rates [[195], [196]. These
multiple packets are then combined using linear superposition
techniques. On the other side, the receivers employ

in assisted video streaming systems, where the video
frames are sampled and categorized in distinct ranks, as
shown in Fig. [Z_f} Before real transmission of the video, the
frames are compressed utilizing the state-of-the-art encoding
standards, i.e., H.264, fhigh efficiency video coding (HEVC)|
and [moving picture experts group (MPEG)| These encoding
standards exploit the spatial and temporal redundancies and
correlation among the neighboring video frames. Generally,
the video frames are divided into groups, termed as The
first frame in each is thoroughly encoded, whereas the
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Fig. 4: Content-aware{HARQ) system for video streaming.

remaining frames in the same are predicted by exploiting
the temporal and spatial redundancies between the consecutive
frames in the same The prediction is based on the
difference between the consecutive frames and it determines
the motion vectors for each block inside a frame, also termed
as motion estimation. The first frame in a is termed as
I-frame or independent frame, whereas the other frames are
either P- or B-frames, or predicted and bi-predicted frames,
respectively. P-frames are encoded through the preceding past
frames only, whereas B-frame is a bidirectional frame and
is encoded through the past and future frames. The receiver
decodes the I-frames independently using the standard image
decompression technique, whereas the P- and B-frames are
decoded with the help of motion vectors. Hence, the I-frame
contains the maximum information and is treated as the most
important one because reconstruction of the other frames in
current[GoP] triggers from the I-frame. Considering the I-frame
to be the most important one, the [HARQ| employed video
streaming system designates maximum weight to the I-frame.
Moreover, the high throughput demands of a video streaming
system necessitate the reduced number of retransmissions.
Therefore, only the I-frames are preferred for retransmissions
and are regarded as high priority frames, which eventually
yields to lessen the inherent [HARQ) delay effects.

In the literature, many solutions are proposed to cope with
the implicit delay issues in a [HARQ)] assisted video streaming
systems. In [162]], [204]], an importance-aware system
is proposed where the frames are prioritized within a[GoP} The
frames are prioritized with a decreasing priority from I-frames
to the end of i.e., the frames close, in order, to the I-frame
are given maximum priority and least priority is assigned to
the frames closer to the end of The number of retransmis-
sions is granted according to the priority of frames. Moreover,
[HARQ|mechanism is scheduled according to channel diversity.
These diversities are due to the random variations in
distortion, and interference. Therefore, in [183] it is concluded
that by selecting a random sub-channel for retransmission,
significant throughput enhancement can be realized. Moreover,
the frames are categorized into importance levels through time-
stamping. In this case, the time-stamp is checked if a[NACK]is
received and the retransmission is aborted if the time-stamp is
smaller than the propagation delay. This enhancement shows a

notable improvement in throughput. In [[181]], [205] an unequal
error protection mechanism is proposed for video transmission
using Once again the frames are prioritized and
the highest priority is given to I-frames as they contain the
maximum information. Retransmissions are proposed for I-
frames only, whereas B- and P-frames are discarded if they
are not decoded successfully. Moreover, the number of retrans-
missions is also fixed to avoid extra delays. High throughput
is conceived through the proposed enhancements. Usually,
satellite communication is highly delay-sensitive with very low
path loss. At the same time, the satellites are vulnerable to
extreme variable channel conditions. A truncated
is proposed in [206] for LEO satellite transmissions. Rate-less

coding is utilized along with truncated to achieve
a fine-grained bit rate and shortened delay.

The real-time video stream imposes stringent latency re-
quirements. Moreover, a mechanism, employed by a
video streaming system, depreciates the throughput in terms
of due to expected retransmissions. In the real-time video
streaming, it is of paramount importance to forecast the
playback buffer occupancy at the receiver side. In [[160], a
link adaptation mechanism is adopted for real-time video
streaming. The frames are indexed concerning their impor-
tance. I-frames are tagged as the most important frames in
a [GoP| The [HARQ)| parameters are adapted according to the
buffer occupancy and the importance of frames. The delivery
budget time for each frame is calculated, where the time varies
for different categories of frames. Only important frames are
subject to retransmission within their budget time. A concept
of false [ACK] is introduced where the frames are falsely
acknowledged if they are well received but after their budget
time. In the case of playback buffer starvation, a false is
sent back without budget time calculation. A slight degradation
in video quality is experienced in terms of

Another content-aware mechanism is proposed in
[207]], where an unequal protection scheme is proposed for
different data partitions. The partitions are encoded through
different code rates, according to their importance. Moreover,
the retransmissions are controlled through the source coding
and channel information. The retransmissions are permitted
only for important partitions to realize energy-efficiency and
low latency. Furthermore, the receiver sends a [NACK] only
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for the important partitions. A content-aware approach for
reliable video transmission is proposed in [[182]. Transmission

parameters, such as [quantization parameter (QP)] [HARQ] and
adaptive coding and modulation (ACM)| are adapted at three

different layers, i.e., application layer, data link layer, and
physical layer, respectively. mechanism is aware of
the frame importance. The joint optimization at three layers
improves the quality of the transmitted video. Moreover, to
avoid the receiver’s buffer starvation each frame is transmitted
before the playback deadline.

G. Lessons Learned

As a convincing argument, it is vital to summarize the
advance [HARQ)| schemes and to identify the probable pit-
falls in them. The general [HARQ)] protocol has demonstrated
exceptional success in wireless communications in terms of
reliability. Likewise, thorough research is conducted for the
advancements in the conventional to investigate the
shortcomings. As discussed in the earlier sections, [HARQ]

requirements in the future |sixth generation (6G)| wireless
networks seek plenty of analysis.

VI. HARQ IN WIRELESS STANDARDS
A. Wireless Wide Area Networks: UMTS

The [UMTS] is developed and maintained by the
[generation partnership project (3GPP)| [208]], [209]. It is a
third generation (3G)| mobile cellular system based on the
[global system for mobile communications (GSM)| standard.

IUMTS|defines three different terrestrial air interfaces based on

code division multiple access (CDMA)| which are w1§e§an§-

[CDMA (W-CDMA)| that uses [frequency division duplex-
ing (FDD)] [time division (TD)JCDMA] and [TD}synchronous
CDMA (SCDMA)| that use [time division duplexing (TDD)}

Since the initial release of has released updated
standards that extend and improve the performance of

existing [3G| mobile telecommunication networks using the [W-]
[CDMA] protocol. In particular, the [high speed downlink packet

laccess (HSDPA)| was introduced with Release 5, the

scheme offers fruitful results for reliable data transmissions,
besides it gives rise to incremental delays, thereby reducing
the throughput. In most of the recent wireless applications,
throughput and delay are essentially important factors to deal
with. For example, the 5G[URLLC]|services force an extremely
low latency of 1ms and reliability of around 99.99%. Adaptive
[HARQ| methods are proposed to cope with the shortfalls
in the conventional [HARQ] schemes, exploiting the available
resources like power, bandwidth, and the parameters,
i.e., the channel conditions, and the combining affects. The
code rate, packet length, transmission power, and the number
of transmissions are adapted in the succeeding transmissions.
These parameters are adapted based on the feedback channel,
[SNR] [AMI} [CQI, and the residual rate information. A sig-
nificant improvement in terms of throughput is realized with
the adaptive [HARQ] methods. Typically, the iterative decoding
process induces extra delays in the retransmission process,
that increases the complexity of [HARQ) system. To reduce
the computational complexity of the [TARQ] system different
solutions have been proposed. Autonomous retrans-
missions are exploited in presence of bad channel conditions,
where the retransmissions are highly likely. Content-aware
or importance-ware [HARQ] methods are proposed mainly
for video communications. These advancements exploit the
importance of each video frame and the retransmissions are
carried out only for the frames with comprehensive informa-
tion, like the I-frames in a [GoP} Further advanced methods
in the [HARQ] schemes involve the multi-layer transmissions,
where the same data is transmitted in parallel through multiple
layers. These multiple transmissions have revealed significant
throughput gains. The allocation of available resources dynam-
ically, exploiting the feedback information is also investigated.
The dynamic resource allocation realizes an increase in user
admission.

So far, advancements in have projected significant
improvement in several aspects. But the global coverage,
pretty high throughput and spectral efficiency demands, ex-
treme energy and cost efficiency, ultra-reliability, and security

[nigh speed uplink packet access (HSUPA)| was specified and

standardized in Release 6, and the [evolved high speed|
was defined in Release 7.

[OMTS] adopts asynchronous-downlink and synchronous-
uplink N-process [SWHHARQ] scheme. [UMTS] supports both
incremental redundancy and Chase combining. Up to a max-
imum of eight simultaneous processes may exist for a single
A packet will be retransmitted if it is not received
correctly, signaled with a [NACK| or if the [ACKINACK]
was not received within a specified amount of time in the
case of synchronous [HARQ] The packet will be dropped if
the maximum number of retransmissions, an attribute of the
considered profile, has been exhausted.

B. Wireless Wide Area Networks: CDMA2000

CDMA2000 is a [3G] mobile technology family of stan-
dards that is the backwards-compatible successor to second-
generation CDMAOne [210]. It was the developed by the 3rd
Generation Partnership Project 2 (3GPP2), which should not
be confused with CDMA2000 was a competing [3G]
standard to [UMTS] and has evolved through a number of
evolutionary stages including 1XRTT, 1X Advanced, and EV-
DO (EVolution-Data Optimized) with all its revisions.

CDMA2000 uses four-processes [HARQ| with a maximum of
three retransmissions. It also has a synchronous-uplink [HARQ]
and supports both and [HARQJCC| A with
energy reduction was proposed in Revision D whereby the
power associated with the retransmissions of a packet are
not equal. The main concept is to give higher power to the
early transmission/retransmissions and less power to the later
retransmissions. The goal is to achieve higher [HARQ] gain and
less transmission time, however, interference with other users
is an issue.

C. Wireless Wide Area Networks: LTE

The air interface of the BGPP|[long term evolution (LTE)
network is defined by the Evolved [UMT5][evolved universal




terrestrial radio access (E-UTRA)| specifications [7]. Both

[ARQ]| and [HARQ)] are used in the Evolved [UMTY] fevolved
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gain in accumulated received Ej/Np.
[HARQ)] protocols can be identified as synchronous versus

[universal terrestrial radio access network (EUTRAN )| protocol
stack. These two mechanisms complement each other and
their usage is due to the trade-off between fast and reliable
feedback. Their combination leads to small round-trip time
with a modest feedback overhead. The protocol stack consists
of a number of layers and sublayers. The [radio link control
[[RCC) sublayer [211] uses [ARQ] while [HARQ)] is used by
the [medium access control (MAC)| [212] and Physical [213]
layers.

1) layer: [ARQ| can perform data transfer in one of

the following three modes: transparent mode,
[mode (UM)) or [acknowledged mode (AM)] [ARQ)] is used only

in the |K_M| data transfer, and uses a storage window at the
sender and receiver. Both windows have the same size, which
is defined by the parameter AM_Window_Size. This parameter
is set to 512 when a 10 bit [sequence number (SN)| is used,
or 32768 when a 16 bit [SN] is used. can send [ACK]
and [NACK] through the STATUS [protocol data unit (PDU)|
to indicate the reception status of the transferred [PDUk. A
[NACK]has a sequence number field that indicates the [SN]of the
[acknowledged mode data (AMD)|[PDU]| that has been detected
as lost at the receiving side. The [ACK| message also includes a
sequence number that indicates all AMDI|PDUk up to, but not
including, the [AMD|[PDU| where SN = ACK_SN have been
received correctly, excluding those indicated by the
sequence number.

An [AMD)] [PDU] can be retransmitted up to a maximum
number indicated by the maxRetxThreshold parameter. This
parameter is set by the fradio resources control (RRC)|sublayer
[214] and can get a value in the set {1, 2, 3,4, 6, 8,16, 32} with
a default value of 4.

2) MAC and Physical layers: The[MAC|and Physical layers
collaborate to implement [HARQ] While the [MAC] layer is
responsible of the [HARQ] protocol management and signaling,
the physical layer is responsible of the generation of different
redundancy versions at the transmitter as well as the soft
combining at the receiver. The mechanism, im-
plemented by a[HARQ]entity, is structured as a set of multiple
[SW] processes operating in parallel. [SW] is adopted for its
simplicity while using multiple processes in parallel allows for
increased throughput through continuous transmission without

wait stages. Typically, there is one entity per device.
The number of [HARQ) processes depends on whether [FDD]

or [TDD] is used. In [FDD] eight [HARQ| processes are used,
while in [TDD] the number of [HARQ] processes depends on
several configuration parameters and can range from 1 to 15
processes. The maximum number of retransmissions
can be configured based on the capabilities signaled by
the [RRC] sublayer.

uses soft combining, where the receiver com-
bines the received signals from multiple transmission at-
tempts. uses a type of soft combining where the
retransmissions do not have to be identical. Instead, for each
retransmission, multiple sets of coded bits are generated, each
representing the same set of information bits. [[R] is used as it
results in coding gain for each retransmission in addition to a

asynchronous based on their flexibility in the time domain, as
well as adaptive versus non-adaptive based on their flexibility
in the frequency domain. uses an asynchronous adaptive
HARQ| for the downlink, and a synchronous [HARQ| for
the uplink. Uplink [HARQ) retransmissions are typically non-
adaptive, but they can be made adaptive if needed. In the
adaptive [HARQ}] the coding and modulation schemes, the
redundancy version, and the subcarrier can change for each
retransmission. Therefore, any change in the values of these
parameters have to be indicated to the receiver by the protocol.

Soft combining is supported through transmission of an
explicit new-data indicator flag, toggled for each new transport
block. This bit allows the receiver to know when to perform
soft combining prior to decoding, in the case of a retransmis-
sion, and when to clear the soft buffer, which is for the case of
an initial transmission. It also allows the transmitter to know
whether to retransmit erroneously received data or to transmit
new data.

A notable behavior of the uplink [HARQ] is the usage
of the new-data indicator to alter the traditional semantic
of [ACK|NACK] To support both adaptive and non-adaptive
[HARQ] the transmission buffer is not flushed when receiving
a positive acknowledgment. Instead, the actual control of
whether data should be retransmitted or not is performed
by the new-data indicator. If this indicator is toggled, the
device flushes the transmission buffer and transmits a new data
packet. However, if this indicator is not toggled, the previous
transport block is retransmitted. In this case, the negative
[HARQ] acknowledgment plays the role of a scheduling grant
for retransmissions.

Finally, through [TTI| bundling, [CTE] allows a [UE] to transmit
the same data multiple times in a row, m bundle, to increase
the possibility of data reception and decoding. The number of
[TTIs of a[TTI bundle is four. In this case, [HARQ| works at
the level of the bundle and a retransmission of a TTI bundle
is also a TTI bundle.

D. Wireless Wide Area Networks: WiMAX

[worldwide interoperability for microwave access (WiMAX)|
is the IEEE 802.16 set of standards that was proposed as a
candidate for the G| wireless networks and a competitor of
[CTE] Advanced standard. The physical layer of the
standard supports two modes of operation for the [HARQ)
mechanism, namely [CC|and [IR] [§]|. The standard uses multiple
[HARQ)| channels each of which uses [SW] protocol. This allows
one channel to transmit data while others are waiting for
acknowledgments, which compensates for the propagation
delay of the The maximum number of channels
per mobile station is 16 in the uplink and downlink. The use
of the [SW] protocol allows also for low memory requirements.
Each [HARQ| channel has a channel identifier. To
specify the start of a new transmission on each[HARQ|channel,
a one-bit [HARQ)| Identifier Sequence Number is toggled on
each successful transmission.

In the standard, the maximum number of retransmissions

of the same data packet is 4. For each [HARQ][physical data
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service unit (PSDU)| 4 subpackets are generated. When the
[HARQ| is operating in mode, each subpacket contains
different parity information generated by different [FEC| punc-
turing pattern. In this case, a [subpacket identifier (SPID)
is used to uniquely identify each subpacket. In [CC| mode,
the is not used since the content of each subpacket
associated with a is the same. If a subpacket
is not received successfully a retransmission is requested and
the next subpacket for the same [HARQ|[PSDU] is transmitted.

he [HARQ] packet is discarded if the maximum number of
retransmissions is reached.

[WiMAX] uses adaptive asynchronous [HARQ) in the down-
link. Hence, in the case of a retransmission, appropriate
signaling is required to indicate the resource allocation and
transmission format, along with other [HARQ| parameters.
An asynchronous [HARQ| scheme is used to provide more
flexibility for the downlink scheduler. A failed [HARQ] burst
should be retransmitted within the maximum retransmission
delay bound. The delay between two consecutive [HARQ)
transmissions of the same data burst should not exceed the
maximum value chosen in the set {1,2,...,8}. Synchronous
[HARQ)] is chosen for the uplink transmission. That is the
user equipment sends [HARQ] feedback after a fixed delay. A
dedicated [ACK] channel is provided for [HARQ|[ACK|NACK]
signaling. In synchronous resource allocation for the
retransmissions in the uplink can be fixed or adaptive based on
the control signaling. The default operation mode of [HARQ]
in the uplink is non-adaptive, however the [BS] can signal an
adaptive uplink [HARQ] mode if needed.

E. Wireless Wide Area Networks:
The BGPP] specification 38 series [9] provides the technical

details of 5G| [new radio (NR)| the radio access technology
beyond [CTE] The [HARQ] process in [5G|[NR] is an enhanced
and more flexible version of [HARQ]in [CTE] More specifically,

the [HARQ)] in [5G is adaptive and asynchronous for both the
downlink and uplink. A can support up to 16 [HARQ)
processes if needed. In contrary to where the time gap
between the reception of data and the reporting of
[ACK] feedback is fixed to 4 ms, 5G] allows for more
flexibility in reporting [HARQ] feedback. For example, for low
latency services, the network is able to request very fast HARQ)
feedback. In other circumstances, the network may delay the
feedback if needed.

In addition, to save downlink transmission resources, the

can use a[codeblock-group (CBG)| based feedback
instead of a [transport block (TB)| based [HARQ] feedback. In
a [CBGHARQ] each [TB] is divided into several [CBGk each

of which is transmitted with its own bits. This allows
the [UE] to report on each [CB{| individually, and allows the
network to retransmit only the that the failed to
receive. The uplink in 5G] also supports [TB}based and

[CBGbased

F. Wireless Local Area Networks (WLANs): IEEE 802.11
Standards

The IEEE 802.11 is a standard that provides the basis
for wireless communication in [wireless local area network

(WLAN) by specifying a set of [MAC| and [physical Tayer]

[(PHY)] protocols. Since its first release in 1997, it has gone
through many improvements over the years with the goal
of improving the throughput, supporting [QoS| and allowing
more devices in the network. The latest version up to date
is [10]. In addition to the main standard defined in [10],
the IEEE 802.11 working group also publishes amendments
that detail specific protocols using different frequency bands,
modulation schemes, and capabilities. Over time, some of
these amendments get incorporated into the main standard
while new amendments get published.

For frames that need to be acknowledged, 802.11 supports

two styles of [ARQ} and [SR]

o SWHARGQ} In this mode, every frame has to be acknowl-
edged before the following frame can be transmitted. An
timeout is used to detect lost frames. The frames
have sequence numbers so that duplicate retransmissions
can be detected and dropped.

« [SRHARQ} In 802.11 protocols that supports [QoS|and high
throughput, such as 802.11ac and 802.11ax, an [SRHARQ)
is used. In this scheme, the transmitting station maintains
a transmission window of frames that have been sent and
for which an acknowledgment is not yet received. The
frames in this window can be individually acknowledged
using the legacy [ACK]| frame or in groups using the
frame according to the type of frames. The
frame allows informing the transmitting station
about which frames did arrived successfully and which
did not, using their sequence numbers. Only the frames
that did not arrive successfully, will be retransmitted.
When the first frame in the transmission window is
acknowledged, the window is advanced by one place to
include a new frame at the end of the transmission win-
dow. To reduce the size of the frame, a compressed
version of the[BAck]is defined where it contains a starting
sequence number SSN and then a Bit-map. Every bit in
the Bit-map corresponds to a sequence number, starting
from SSN and progressing in order. A bit position n
of the bitmap is set to 1 if the frame with the sequence
number SSN + n is received successfully, and it is set
to 0 otherwise. The maximum number of frames in the
transmission window is set to 64.

IEEE 802.11 has several parameters that can affect the
number of transmissions per frame. For frames that require
acknowledgment, 802.11 defines two different retry limits for
short and long frames. The limits specify how many times
a frame should be retransmitted before it is dropped and the
higher layers are informed. The limits are defined by two pa-
rameters dotl1ShortRetryLimit and dotl1LongRetryLimit for
the short and long retry limits, respectively. The parameters

are stored in the jmanagement information base (MIB)| of
the device and can be accessed using the

management protocol (SNMP)| Hence, every [wireless station|

(S E) shall maintain a [station short retry count (SSRC)| as
well as a[station long retry count (SLRC)| both of which shall

take an initial value of O at the beginning of the initial trans-
mission and incremented as appropriate, short or long, after




every retransmission. When a counter reaches the associated
limit, the frame is dropped and the counter is reset. What
constitutes a short or long frame is controlled by the parameter
dotl IRTSThreshold which is also in the A frame can
be also discarded if its lifetime has been reached regardless
of counter value. The lifetime of a frame is controlled by a
number of parameters that can be set based on the frame type,
[access category (AC)| or [traffic category (TC)| that the frame
belongs to.

G. Wireless Personal Area Networks (WPANs): Bluetooth

Bluetooth is a wireless technology standard that is used
for building [215]]. Bluetooth is managed by the
Bluetooth Special Interest Group [216]. Bluetooth defines
several types of packets, which may or may not require
acknowledgment, depending on the application specifications.
For the packets that require acknowledgment, Bluetooth uses
and Typically a packet that is not received cor-
rectly will be retransmitted until successfully received or a
timeout expired. Bluetooth uses a [HARQ}H, and also uses a
fast, unnumbered acknowledgment scheme, that is a kind of
synchronous [HARQ] Therefore, an acknowledgment has to
follow immediately in the slot following the reception of a
packet.

H. WPANs: Low-Rate (LR) WPANs

The [low-rate (LR){WPANGS| operations are defined in the
IEEE 802.15.4 standard [217] that is maintained by IEEE

802.15 working group. The technical standard specifies the
physical and layers for LR{WPANGS]| and is the basis for
several WPAN] standards such as Zigbee and 6LoOWPAN that
specify the upper layers of the protocol. The IEEE 802.15.4
standard supports both acknowledged and non-acknowledged
frames. An acknowledgment is sent when a frame is received
correctly, and a negative acknowledgment is sent when the
frame is received incorrectly. A retransmission is initiated
only if the transmission was direct. If the transmission was
indirect, the frame shall remain in the queue of the coordinator
and can only be extracted following the reception of a new
Data Request command. An indirect transmission is a type
of transfer where the device instigates the transfer of data
rather than the coordinator. In this case, either the coordinator
needs to indicate in its beacon when messages are pending
for a device, or the device itself should poll the coordinator
to determine whether it has any pending messages.

In the case of direct transmission, the device retransmits the
frame and waits for an acknowledgment, up to a maximum
of macMaxFrameRetries times. The retransmission shall be
attempted only if it can be completed within the same portion
of the superframe in which the original transmission was
attempted, otherwise it is deferred until the next superframe.
If macMaxFrameRetries retransmissions have been reached
without success, the [MAC] sublayer assumes that the trans-
mission has failed and notifies the next higher layer of the
failure.

The retransmissions are exact copies of the original trans-
mission, hence, the IEEE 802.15.4 standard uses [HARQ}L
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The maximum number of retransmissions allowed after a
transmission failure, macMaxFrameRetries, can range from
0 to 7 with a default value of 3. The retransmissions are
also controlled by a number of timing constraints and a non-
successfully delivered frame will be dropped if macTransac-
tionPersistenceTime is reached. This maximum time, in unit
periods, is chosen between 0 and 65535 with a default value
of 500.

. WPANSs: [High-rate (HR)| WPANs

The IEEE Standard for High Data Rate Wireless Multi-
Media Networks, IEEE Std 802.15.3-2016 [218]], was orig-
inally developed to provide superior [QoS| over relatively
medium range wireless links. The standard defines and
specifications for high data rate wireless connectivity,
typically over 200 Mbps, with fixed, portable, and moving
devices. The standard then focused on the concept of piconet,
which is defined as a wireless ad hoc network that allows
a number of independent devices to communicate with each
other. A piconet is distinguished from other types of data
networks in that communications are normally confined to a
small area around a person or object that typically covers 10
m in all directions.

The standard defines five acknowledgment types that can
be used between communicating devices as needed by the
application:

1) No acknowledgment (no{ACK): Used when the receiver
does not need to acknowledge the received frame and the
sender assumes a successful reception. This [ACK] policy
is used for broadcast and multicast transmissions.

2) Immediate acknowledgment (Imm{ACK]): Used when the
receiver has to immediately send an after correctly
receiving a frame.

3) Delayed acknowledgment (Dly{ACK): Can be used after
negotiation between the source and the destination. Two
parameters are negotiated, the Max Burst field and the
Max Frames field, that control the amount of data the
source can send in one burst. The Max Burst field is a
value representing the maximum number of pMaxFrame-
BodySize MAC] protocol data units (MPDUs)| the source
may send in one burst. If the frames are smaller than
pMaxFrameBodySize, then the number of frames should
not exceed the Max Frames field. The maximum frame
length allowed, pMaxFrameBodySize, is 2048 octets.

4) Implied acknowledgment (Imp{ACK): Is a technique that
allows a more efficient use of channel time allocation by
allowing bidirectional data transfer. With Imp{ACK] the
is implied when the target device sends any frame
in response to a frame that has an policy of Imp-
[ACKI

5) Used with an aggregated frame, which is a frame
that is composed of number of subframes. The
has a Bitmap field in its [MAC] subheader to be used by
the destination. The destination, upon receiving an aggre-
gated frame, checks each subframe. Based on the status
of the subframe, either correctly or incorrectly received,

the corresponding [ACK] bit of the Bitmap field will
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be set. The source, after reading the Bitmap field
in subheader, will handle the incorrectly received
subframes retransmissions.

In all cases, an incorrectly received frame will be retrans-
mitted until a retransmission limit is reached, and in this case
the frame will be discarded. The retransmissions are the exact
copy of the original transmission, hence, the IEEE 802.15.3

standard uses [HARQ}L.

VII. [HARQ|IN EMERGING WIRELESS TECHNOLOGIES
This section considers the integration of [ARQHARQ)] in

various emerging wireless technologies to provide an overview
about key issues such as reliability, latency and throughput.

A. [URLLO

[URLLC] is one of the latest operating modes in The
URLLC| mode requires almost 100% reliable communica-
tion with a round-trip latency of around 1 ms, which are
significantly challenging requirements to satisfy. In the lit-
erature, several [HARQ)] techniques were proposed to satisfy
these requirements. The retransmission process associated with
protocols is proven to be efficient for improving the
data reliability. Nevertheless, the retransmission process also
increases the latency. In addition to reliability and latency
issues, applications also require a high throughput
as 5G] is expected to provide data rates more than 1 Gbps.
Therefore, providing highly reliable communications with low
latency has attracted extensive research efforts. Some of the
key works that considered [HARQ] for [URLLC] are discussed
below.

In [[127]], the authors propose a power allocation algo-
rithm to specify the outage probability for repetition and
parallel [HARQ] retransmissions. The authors implement the

algorithms for various protocols, including
and the protocols. In [219], a based
retransmission is proposed for uplink in systems.
In the proposed the new and retransmitted
information packets can share the transmission resource to
reduce the delay and maximize the throughput. The authors
in [220] consider throughput maximization by optimizing the
number of retransmissions. Moreover, the optimal
[and coding scheme (MCS)| is determined in order to obtain
the maximum achievable throughput. The concept of partial
retransmission is considered in [221], which provides an
opportunity to retransmit the damaged or corrupted part of
data due to puncturing. Consequently, high throughput gains
can be achieved.

Generally speaking, the decoding process at the receiver
consists of several processes such as computing the
deinterleaving, generating the soft data, searching for the
nearest codeword, etc. [19]-[21]. Therefore, the decoding
process is time consuming and may induce significant time
delay, which contradicts the critical timing requirements of
Therefore, an early retransmission technique
is proposed in [222] where the retransmission decision is
made based on the [CSI| The early retransmission before

channel decoding eventually reduces the time delay. Never-
theless, relying on the might result in unnecessary early
retransmission, and hence, throughput loss. To overcome this
limitation, the authors propose a multistage decision process
where the early retransmitted bits start from a small value,
and increase gradually based on the [223]]. The issue of
throughput loss with early retransmission is also discussed
in [224], where the authors propose a method to multiplex
early retransmission data with the initial data, within the same
channel, for next transmission using superposition coding. In
[120], the and are investigated with
two different cases, i.e., with BLIND retransmission and
[NACKl}based retransmissions. In BLIND retransmissions, the
transmitter resends the packets aggressively until it receives
an[ACK] whereas in[NACK}based schemes, the retransmission
takes place only when the [NACK]is received.

Energy efficiency is another important aspect to be con-
sidered for For example, some real-time applica-
tions implemented using require energy-efficient com-
munications. Also, it is observed that energy and latency
performances are conflicting in nature. In [225], a trade-off

between energy and latency is studied, where [HARQHIR] is
employed as a retransmission scheme. It is shown that 25%

energy is saved with[HARQHIR|retransmission when compared
with no{HARQ)] transmission. A blind retransmission on the
shared radio resources along with is considered in [226]]
for reduced latency. Another novel concept for short packet
communications in is discussed in [173]], where
short packets are obtained by converting the original long
packet into a number of sub-words, and the [HARQHIR| is
investigated for short packet communications. The short packet
communication is compared with one-shot communication to
evaluate the trade-off between energy and latency. In wireless
communications systems, the resource allocation process also
contributes towards the delay. Therefore, an efficient solution
is proposed in [227]] using the concept of pre-scheduled re-
source sharing. In the proposed solution, all users are supposed
to retransmit at fixed time intervals. The retransmission is
named as synchronous The proposed scheme shows
an imminent improvement in terms of resource efficiency.

The authors in [[147] propose an [HARQ] optimization algo-
rithm to maximize capacity, or minimize bandwidth
utilization subject to packet delivery deadline, available band-
width, and a decoding failure probability. The optimization
parameters are the maximum number of retransmissions and
number of allocated resource blocks. It is assumed that simul-
taneous transmissions of multiclass packets each of which is a
with [CC] The queuing model assumed is M/Gl/oo
with no queuing delay. In [228]], a similar optimization model
is considered, however, an M/G/1 queuing model with queuing
delay is assumed. A truncated is also proposed
in [229] for where a new approach is proposed to
tune the maximum number of retransmissions to minimize
energy consumption in under latency, reliability,
and transmit power constraints.

In [145]], a discrete-time finite state Markov model is used
to theoretically characterize the throughput performance of
[HARQHIR] in [URLLC]| systems as a function of transport block




size, modulation scheme and maximum number of transmis-
sion rounds. The throughput performance of with
Luby transform codes is also evaluated through computer
simulation to validate the proposed theoretical model. The
performance of [HARQHIR] is also theoretically analyzed in
[230]. The theoretical model is then used to derive delay/error-

rate bounded [QoS] metrics to optimize [millimeter wave (mm-
cell-free [massive IMIMO[ (mMIMO)| for [URLLC]

In [231]], the authors point out that[HARQ] with [ACKNACK]
feedback may not be suitable for many use cases with

strict latency constraints. Instead, they proposed allocation of
transmission resource slots to transmission replicas to achieve
high reliability through diversity rather than [HARQ] retrans-
missions. They considered and compared different multi-user
resource allocation approaches, namely, fully dedicated slots,
fully shared slots, and hybrid allocation of dedicated and
shared slots. The authors in [232] also propose repeated packet
transmissions within a transmission instance. However, unlike
[231], they allow retransmissions with individual feedback for
each repeated packet.

B. |Massive machine type communication (mMTC)|

With the emerging [machine type communication (MTC)|
protocols, a large number of geographically distributed ma-
chines/devices are supposed to communicate with minimal or
no human intervention. In 5G] is one of the
main topics to address the expected inclusion of millions of
[[oT] devices in the network. [MMTC involves a handshake
process between the |U_E| and [evolved node B (eNB)l The
[UE] establishes a connection with the and then requests
for uplink resources. During the handshaking process, if two
or more select the same preamble sequence number,
a collision occurs. This collision is referred to as MSG3
collision. Therefore, a probabilistic [TARQ] is proposed in
[233]] to tackle the MSG3 collision problem in cellular @
networks. In |T6_T| networks, secrecy could be an issue as the
devices work in an autonomous fashion. Therefore,
to ensure the secrecy of devices, a secure [HARQ) is
proposed in [234] for NOMA}based networks. Secure [HARQ]
is employed at the user which demands security to ensure that
the [SIC]is performed successfully. Another challenge for [MTC|
is the frequent interaction of machines with each other, which
eventually introduces contentions, and thus, latency issues.
To address the latency due to this signaling overhead among
the machines, a detection-based [ARQ] protocol is proposed in
[235] where each machine monitors the resource blocks during
the transmission, and a retransmission is performed soon after
the detection of a collision, without waiting for any kind of
acknowledgment. The performance of [TARQ]|in[mMTC] appli-
cations is mathematically modeled in [236], [237]]. Moreover,
in [238]] the performance of [HARQ)] in [mMTC]| is numerically
evaluated when joint network and fountain coding is used.

C. and [nMIMO

[MIMO| is widely considered in wireless communication
to mitigate the adversarial effects of multipath propagation.
Multipath propagation is handled using multiple transmitting
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and receiving antennas, which eventually improves the
Alternatively, can be used for data multiplexing, where
the transmitter sends data in multiple parallel streams to
increase the data rate. However, these transmissions are needed
to be reliable. For this purpose, [239]-[242] investigate the
performance of with different types of
Adaptive power allocation is combined with [ARQ]in [243]
and with and in [244] to minimize
error probabilities in systems. A hybrid scheme of
[level combining (BLC)| and symbol level combining (SLC)|is
proposed in [245] for MIMO] systems with [HARQHCC| The

obtained results show that the hybrid BLCHSLC] outperforms
[BLC|and provides similar performance to [SLC| with simplified
reception procedures.

Point-to-point [MMIMO] with [HARQ}CC] is considered in
[246] where precoding and combining are progressively opti-
mized during retransmission to maximize spectral efficiency.
The number of data streams is assumed to be less than the
number of transmitter and receiver antennas. The authors
in [247] consider an uplink scenario with one transmitting
antenna and multiple receiving antennas. It is shown that the
[age of information (Aol)] and energy consumption of [HARQ]
are improved by jointly exploiting time diversity and space
receiver diversity. Here is defined as, the time elapsed
since the generation of the last successfully received message
containing update information about its source system [248]].
[Ao] is an important metric in real-time applications, where
the [access point (AP)| is always looking for the updated
information from the end devices. On the other hand, a multi-
user overloaded system with [HARQHIR| is consid-
ered in [249] where the number of transmitting antennas is
larger than the number of receiving antennas. In the proposed
model, retransmissions and new transmissions share the same
MIMO| channel. The authors show that the proposed shared

[HARQ] outperforms conventional [HARQ]in terms of [BER] and

throughput in overloaded MIMO] systems.

D. Edge Caching and

Caching is a promising solution to reduce the network
load by storing popular content in local caches of network
terminals such as [small base stations (SBSs)l [wireless access|
or end-user devices. Therefore, various caching
aspects have been considered in the literature. For example,
the authors in [250] considered a two-tier cooperative cellular
network with [macro base stations (MBSs)| and [SBSs| The
source content is stored in the whereas subsets of
the content that are most popular are cached in the
Users request data from the nearest [SBS| which transmits
the requested data to the user when the data is available.
Otherwise, the [SBS| requests the data from the nearest MBS}
Once the requested data is successfully received at the
it will forward the data to the user. The authors assume an
[ARQ}based transmission from the [MBS]to the [SBS] and from
[SBYS] to the user. It is shown that the content caching based
on popularity improves the average transmission delay and
average outage probability.

A cache-aided [HARQ] with soft information combining is
proposed in [251]] for cooperative [device-to-device (D2D)|
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communications where each device performs probabilistic
caching of popular content up to its caching capacity. When
a user fetches a content, the user’s device first checks self-
cached content, and if required content is not available locally,
it is requested from nearby peers. The authors evaluated the
impact of the [HARQ| combining strategy on the obtained
performance gain of caching. In particular, mutual infor-
mation accumulation soft combining provided better cache-
aided successful transmission probability when compared to
energy accumulation or no combining schemes. However, the
performance gain vanishes under severe channel conditions,
or when the users’ requests are concentrated on popular data.

The authors of [252] proposed caching the packets that
are to be dropped at intermediate routers to improve the
performance of[ARQ] schemes in [transmission control protocol|
[(TCP)l When a data packet is to be dropped due to overflow
of the main buffer of a router, the packet is cached on an
auxiliary buffer at the router. When [ACK] timeout occurs, the
source sends a sniffer packet rather than retransmitting the
original data packet. The sniffer packet contains the identity
of the timed-out packet. It is assumed that the sniffer packet
is likely to reach the router at which the packet is cached
and subsequently triggers the packet retransmission from the
router to the intended destination. The obtained evaluation
results show that the average end-to-end transmission delay
is reduced when the proposed caching is implemented.

E. Edge
(CRANS),

Edge computing has emerged as an innovative technique
to exploit the processing power of computing devices on the
network edges. In edge computing, the devices, especially the
low power devices, can offload their data to some nearby edge
device for computation. The tasks are either partially or fully
offloaded to the edge device. The decision depends on the local
or offloaded computation time and resources. The interaction
between edge computing and [ARQ]can be used to improve the
system efficiency. For example, the authors in [253]], [254]
proposed a novel importance-aware [ARQ| protocol for data
acquisition in edge learning systems. This protocol efficiently
adapts the retransmission considering the data importance.
Consequently, the limited transmission budget is efficiently
utilized.

[CRAN]is a candidate 5G] cellular technology that is based
on decoupling the [baseband processing unit (BPU)| and [radio|
[access unit (RAU) also know as [remote radio head (RRH)]
in every [255]|. The [RRH] performs radio functionalities
whereas the performs baseband processing and the rest
of the protocol stack. This architecture is proposed to reduce
deployment cost where multiple can share a single BPU]|
for joint baseband processing. However, a main drawback of
[CRAN] is the increased latency due to the added fronthaul
network between the [RRHs| and [BPUs| Moreover, the addi-
tional data transfer between the and may introduce
additional errors. Therefore, the authors in [256] proposed an
uplink [HARQ)] protocol with separation of control and data
planes to mitigate the latency drawback. The retransmission

Computing and |cloud-radio access networks|

control decisions are handled at the edge of the network,
namely, the RRH] while data decoding is centrally performed

at the [BPUI

F. Machine Learning for [HARQ]

A turbo-coded scheme is proposed in [83] where
artificial neural networks are employed at the receiver to
predict decoding errors. It is shown that the proposed error pre-
diction allows for efficient retransmission process with reduced
overhead and decoding complexity, while providing similar
reliability when compared to [CRC}based error detection. A
[reinforcement learning (RL)| algorithm is proposed in [257] to
learn, in real-time, the optimal transmission policy which min-
imizes the average[Aol] At the beginning of each transmission
slot, the sender decides based on the algorithm whether
to stay idle, transmit a new packet, or retransmit a previously
failed packet.

In [258]], one-shot transmission is adopted to minimize the
delay in underwater by dropping the process. In-
stead, the temporal dependencies between transmitted sensors’
data are exploited to estimate the missing data using a recur-
rent neural network prediction model at the data collection
center. A machine learning approach is proposed in [259] to
predict decoding results in fearly HARQ (E-HARQ)|employing
[CDPC] codes. The authors argue that their proposed enhanced
E{HARQ) provides a potential solution for [URLLC] since it
can achieve lower latency and/or higher reliability by allowing
more retransmission rounds when compared to regular [HARQ}

G. [NOMA] and [HARQ)

[NOMA|is a major breakthrough in wireless communication
that can address the demands of concurrent connections and
resource sharing. In power-domain [NOMA] multiple users are
multiplexed on the same channel using different power levels.
The apply to decode their intended signals. With
the emergence of the spectrum scarcity constraint is
noticeably relaxed. However, NOMA| suffers from the error
propagation problem due to its sequential decoding process.
Therefore, the performance of NOMA] with different types of
has been investigated [[123]], [260]-[262].

Adaptive power allocation for[HARQHCC|and [HARQHIR] are
studied in [123], [263], [264] to ensure low errors or delays
in systems. Moreover, dynamic [UE] pairing in [ NOMA]
based systems is proposed in [265] where different pairs
may be considered in each retransmission with the objective
to improve the transmission diversity, delay, and fairness.

H. Cognitive Radio and

The preoccupied available spectrum has limited the admis-
sion of more users in wireless networks. Massive connections
and devices need to be incorporated in [5G| but the mostly
saturated spectrum is unable to serve such devices. Therefore,
researchers have focused on various aspects to find solutions
to effectively utilize the spectrum. [CR] has become a topic of
interest for the wireless communication society in recent years
to address spectrum scarcity. In [CR] the unlicensed/secondary



devices can detect and opportunistically use the spectrum
allocated for the licensed/primary devices without degrading
the performance of licensed devices. Many researchers have
studied [HARQ)] for reliable transmission in [CR| systems. Some
considered for secondary users [108], [T09], [I1T1],
[142]) and others considered for primary users [266]—
[269]. When is employed for primary users, secondary
users cooperate by relaying primary users’ data and get spec-
trum access as a reward for their cooperation. Alternatively,
secondary users jointly transmit their data and primary failed
data using adaptive power allocation.

I. Cooperative Communications and

Cooperative communications has become an integral part
of 5G] networks. The diversity provided by cooperative com-
munications plays a vital role in terms of spectral efficiency
and reliability. Many researchers have proposed some novel
techniques to ensure reliability and throughput maximization
in cooperative communications using retransmission protocols.

An energy-efficient relay selection for cooperative [HARQ)

is proposed in [138]. [HARQHIR] is considered with
[and-forward (DCF)| relaying over Rayleigh fading channels.

The performance of cooperative with [DCH relaying
over a general time-correlated Nakagami-m fading channel
is analyzed in [270]. Other examples of cooperative [HARQ]
in relay networks are considered in [271], [272]]. On
the other hand, the authors in [273]] analyze the performance
of cooperative [ARQ| in [amplify-and-forward (AF)| relay net-
works to demonstrate the achievable throughput enhancement
when cooperative [ARQ] is used. A probabilistic [HARQ] for
[demodulated-and-forward (DF)| relay networks is considered
in [113]. The probabilistic[HARQ]is shown to offer significant
improvements in terms of when compared to determin-
istic

In [274], cooperative is employed with multi-
sources and multi-relay scenario. It is shown that by de-
ploying cooperative [HARQHIRl a better throughput along
with lower outage probability is achieved. Another multi-
source and multi-relay scenario is discussed in [[112] where
a centralized scheduling strategy is proposed with
The communication is divided into two phases, where the
sources or relays transmit during the first phase using time
multiplexing. In the second phase, the destination schedules
the relays or sources for retransmission. The retransmissions
are scheduled in limited time slots. The relays or sources are
selected by the destination with the objective to maximize the
throughput.

J. [WSNs| and [HARQ

Retransmission using protocols is employed in
[WSNs|to improve the reliability of the transmitted data. Sensor
nodes are usually battery operated and therefore have limited
power. Hence, schemes for WSNs| need to be designed
under power constraints. For example, a scheme is
proposed in [275] where only the least reliable bits are
retransmitted. The reliability of the sensor network is further
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evaluated in terms of through simulation results. A sim-
ilar concept is proposed in [276] where partial retransmission
is used to achieve reliability with enhanced throughput. In
[116], with autonomous retransmission is proposed for
multicast[WSNsl The autonomous retransmission transmits the
data regardless of decoding results at the receiver to achieve
high spectral efficiency.

K. BWIPT| and [HARQ|

Power constrained devices, such as devices and sensor
nodes are equipped with small on-board power sources. Such
devices are usually put in sleep mode when they have no
information to transmit or when their data is not needed,
and [radio frequency (RF)| signals are used to wake them up.
These devices can make use of where a device may
harvest energy from radio signals to charge its battery. In [277]]
the ratio between accumulated information and harvested [REl

energy is optimized for [HARQHIR| to minimize the number of
retransmissions.

L. Multimedia Streaming and Transmission

With the advancement in multimedia-enabled devices, the
demand of high data rate with reliable transmission is contin-
uously increasing. In [182], a cross-layer adaptive scheme is
proposed for H.264 video transmission. A media-aware[HARQJ
protocol is presented by prioritizing the importance of frames,
like I-frame, B-frame and P-frame. Similarly, the GoP and
quantization parameters are varied to achieve Rate Distor-
tion Optimization. Current cellular networks have multimedia
broadcast systems, like Multimedia Broadcast and Multicast
System (MBMS) and enhanced Multimedia Broadcast and
Multicast System (eMBMS). These systems are designed
to efficiently broadcast multimedia messages to a group of
devices in a cell. Multimedia broadcasting with is
discussed in [278]].

M. [UAW assisted Communications

Existing wireless networks are unable to accommodate the
exponential surge in new devices. The use of has
become one of the potential solutions to rapidly deploy wire-
less networks based on demand. However, there are certain
limitations and constraints with as well, particularly the
service (flight) time of is limited.

A [UAV] assisted data ferrying network is analyzed in terms
of energy efficiency, reliability and outage probability in [139].
In this data ferrying network, the carries the data from
a base station and moves towards multiple destinations. The
reliability of data communication is evaluated using standard
retransmissions and without retransmissions.

N. Limitation of Existing Work

Most existing work of in emerging wireless tech-
nologies mainly focus on time diversity. Proposing solutions
with combined time, frequency and space diversity may reduce
the reliance on time diversity and can enhance the latency
performance of these systems while also improving their
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reliability due to the added frequency and space diversity.
Another limitation of some of the existing work is assuming
perfect knowledge of channel status when designing [HARQ]
optimization algorithms. In practical communication systems,
channel status may be inaccurately estimated. Hence, addi-
tional studies of the performance of emerging systems
in the presence of channel estimation errors are needed. Binary
feedback is usually assumed in HARQ systems.
Additional work on non-binary granular feedback and its
impact on[HARQ]performance would be beneficial. Most work
in the literature consider transmission delay in terms of number
of retransmissions when analyzing latency. A more
comprehensive analysis considering other latency components
such as processing, queuing and routing delays will provide a
more accurate evaluation of performance in emerging
systems. Moreover, some of the existing work consider limited
enumerations of block sizes, code rates, modulation orders
and coding schemes. Conducting exhaustive simulations and
real experiments of a wide range of these parameters will
be of great value for academia and industry. Studying the
implementation complexity of the proposed solutions will also
be useful. In addition, real deployment of some the proposed
solutions for specific applications in an industrial setting will
provide strong validation of these proposed systems.

VIII. FUTURE DIRECTIONS

As can be noted from the aforementioned discussions in
this work, using [ARQ] or [HARQ] is essential to provide guar-
anteed in terms of However, the cost is a reduced
throughput, increased delay and higher energy consumption.
Therefore, mitigating the adversary effects of the retransmis-
sion process has attracted tremendous efforts. However, the
need for more efficient retransmission process remains an open
problem as the demand for higher throughput, less delay and
more energy efficient communications is still increasing. In
the following, we discuss some potential solutions that may
form the basis for more efficient retransmission process.

A. Proactive

[ARQ| is generally reactive by nature. The retransmission
process is typically triggered based on the receiver feedback.
As such, the process is not truly automatic as the name implies.
The interaction between the transmitter and receiver causes
large delay and reduces the throughput as the feedback mes-
sages to the transmitter consume some bandwidth, although
they are generally short packets. Consequently, significant
benefits can be gained if the transmitter behaves in a proac-
tive manner instead of being reactive. Proactiveness can be
realized if the transmitter can predict the channel conditions,
and thus, the packet failure probability can be computed in
advance. Therefore, the transmitter may decide to transmit the
same packet for a certain number of times without waiting
for the receiver feedback, which may reduce the delay and
feedback overhead significantly. The receiver may use to
combine the repeated packets before being sent for subsequent
processing. It is worth noting that this approach is already
used in some standards such as which is known as

bundling. Nevertheless, the current use of bundling
depends on the statistical channel information, which limits
its application to users who suffer large scale fading, such
as cell-edge users. Moreover, the number of repeated packets
is fixed to 4. To fully utilize the potential of this approach,
it should be applied proactively to small scale fading, and
with variable number of transmissions. Therefore, it is pivotal
to use efficient channel prediction schemes that are capable
of providing future channel information prediction for a few
packets duration. There are some promising approaches in the
literature that are based on [artificial intelligence (AI)]| [279]
and ray tracing [280], however, the computation time and
prediction duration should be enhanced.

B. Intelligent

Retransmission protocols usually specify the interaction be-
tween the transmitter and receiver based on the outcome of the
decoding process at the receiver side. A successful decoding
should be followed and an [ACK] otherwise a will be
sent. Therefore, the protocols do not generally consider the
content or context where the protocol is applied. The factors
that can be taken into consideration while designing an
protocol may include the battery level, power source, buffer
occupancy, packet type, user vigilance, and user safety or
comfort level. Some examples for exploiting such information
are given below.

Battery level and power source: Given that the transmitter
and receiver exchange their battery energy levels or power
source, then the process can be designed to prolong the
connection level. For example, if the receiver is powered by
a battery with low energy level, then the protocol can reduce
the power consumption at receiver by asking the transmitter
to increase the power for all retransmitted packets, which
saves the energy required to send frequent feedback to the
transmitter. Moreover, since most receivers employ iterative
detection and decoding schemes, having high packets
may reduce the number of detection and decoding iteration,
and hence reduce the processing power [281]]. Similarly, if
the transmitter has low energy level, then the receiver might
increase the number of iterations to recover the data, and thus,
reduce the number of required retransmissions. Another inter-
esting scenario is when the transmitted data have unequal error
importance, and error concealment techniques are employed.
Video coding is an example for such scenario where the I-
frames are generally more important than P-frames, and lost
I-frames can be recovered using error concealment techniques.
If an P- or B-frame is damaged or lost, the receiver can
voluntarily chose to send a false @ to the transmitter,
to save the transmitter energy. The receiver may use error
concealment to recover or substitute the damaged frame.

Buffer occupancy: Video traffic constituted about 80% of
the Internet traffic in 2019. Moreover, video communications
requires high data rate transmission and processing large
amounts of data, which may quickly deplete the batteries of the
transmitter and receiver. In the case that the playback buffer
at the receiver is empty, the video player may pause, causing
watching interruption. Therefore, the receiver might chose to



send a false for less important video frame types to
prevent buffer starvation. It is worth noting that the receiver
in this case may behave autonomously in the sense that it is the
one who decides the type of the feedback message regardless
of the decoding process outcome. On the other hand, if the
buffer is nearly full, the receiver may decide to behave selfishly
and send false [NACKH to the transmitter. The receiver then
combines these packets which will increase the probability of
having smooth video playing.

User attentiveness: [Al]is currently widely used to estimate the
human behavior, which is extensively adopted in intelligent
transportation systems and smartphones. For example, the
smart stay feature in some smart devices uses the front camera
to sense when the user is looking at the device, and it keeps the
screen on regardless of the screen timeout setting. In a more
intelligent design, the device can also control the quality of
media being presented to the user based on the user atten-
tiveness level, by controlling the process. If the device
identifies that the user is not paying attention while streaming
a video, for instance, the receiver can reduce the video quality
by sending false to save the transmission power and
bandwidth by dropping some video frames instead of asking
for retransmitting them. Similarly, the device microphone can
be used to detect the background noise to adjust the quality
of the played audio in the case that ear-speakers are not used.

User safety or comfort level: This scenario is expected
in case of disasters where mobile users are in critical need
for energy saving. In this case, the base station can increase
the power for the transmitted and retransmitted packets to
save the energy for the mobile user by avoiding sending
frequent feedback messages or performing substantial signal
processing.

C. [Non-orthogonal multiplexing (NOM )|

As indicated by several studies, retransmitted packets re-
quire much less power than the initial transmission due to the
[CC] Therefore, the reduced power of the retransmitted packets
enables multiplexing new packets with the retransmitted pack-
ets. As a result, significant throughput improvement can be
achieved. Inspired by the authors of [282] proposed
using to perform the multiplexing in such scenarios.
Nevertheless, the work mostly presents a proof of concept
without any optimization.

IX. CONCLUSION

This survey considered various retransmission schemes in
terms of advantages, limitations, integration with emerging
technologies, adoption in industrial standards and future di-
rections. As can be noted from the presented literature, using
IHARQ)| is essential to provide reliable communications for
most legacy and emerging technologies. However, the large
delay, increased power consumption, and reduced throughput
are among the main [HARQ]limitations that most research work
tried to address.

Although the work reported in the literature has covered
a broad range of aspects, the work to develop more efficient
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schemes is expected to continue due to the nature of
the new applications. More specifically, new schemes
should be more intelligent by considering all the operating
conditions while into the retransmission protocol. Therefore,
[AT] is expected to play a major role in the future to collect
information about the user vigilance and preferences, in addi-
tion to the application type while configuring the transmission
protocol parameters.

APPENDIX I: ACRONYMS

Fyr feedback message.

3G third generation.

3GPP 3rd generation partnership project.
4G fourth generation.

5G fifth generation.

6G sixth generation.

AC access category.

ACK acknowledgment.

ACM adaptive coding and modulation.
AF amplify-and-forward.

Al artificial intelligence.

AM acknowledged mode.

AMD acknowledged mode data.

AMI accumulated mutual information.

Aol age of information.

AP access point.

ARQ automatic repeat request.

AWGN additive white Gaussian noise.

BAck block

BCH Bose—Chaudhuri-Hocquenghem.

BER bit error rate.

BLC bit level combining.

BLER bLock error rate.

bps bits per second.

BPSK binary phase shift keying.

BPU baseband processing unit.

BS base station.

BTFDPS block time-frequency domain packet
scheduling.

CBG codeblock-group.

CcC chase combining.

CDMA code division multiple access.

CQI channel quality indicator.

CR cognitive radio.

CRAN cloud-radio access network.

CRC cyclic redundancy check.

CSI channel state information.

D2D device-to-device.
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DCF
DF
DI
DL

E-HARQ
E-UTRA

ED

EE

eNB

ES
EUTRAN

FDD
FEC
FER
fps

GBN
GoP
GSM

HARQ
HDD
HEVC
HIHO
HR
HSDPA
HSPA+
HSUPA

1id.

ICI
IoT
IR
ITU

LDPC
LFSRs
LLR
LR
LTE

MAC
MBS
MCS
MIB

decode-and-forward.
demodulated-and-forward.
deferred iterations.
downlink.

early HARQ.

evolved universal terrestrial radio ac-
cess.

error detection.

energy efficiency.

evolved node B.

early stop.

evolved universal terrestrial radio ac-
cess network.

frequency division duplexing.
forward error correction.
frame error rate.

frames per second.

go-back-N.

group of pictures.

global system for mobile communi-
cations.

hybrid-ARQ.

hard decision decoding.

high efficiency video coding.
hard-input hard-output.

high-rate.

high speed downlink packet access.
evolved high speed packet access.
high speed uplink packet access.

independent and identically
distributed.

inter-carrier interference.

internet of things.

incremental redundancy.
international telecommunication
union.

low density parity check.
linear feedback shift registers.
log-likelihood ratio.

low-rate.

long term evolution.

medium access control.

macro base station.

modulation and coding scheme.
management information base.

MIMO
mm-Wave
mMIMO
mMTC

MPDU
MPEG
MPSK
MRC
MSE
MTC

NACK
NB
NOM
NOMA
NR

PDR
PDU
PEC
PER
PHY
pps
PRB
PSDU
PSNR
PTD

QAM
QoS
QP
QPSK

RAU
RF

RL

RLC
RRC
RRH
RTT

SBS
SCDMA
SDD
SER
SIC
SINR
SISO
SLC
SLRC
SN

multiple-input multiple-output.
millimeter wave.

massive

massive machine type communica-
tion.

protocol data unit.
moving picture experts group.
Me-ary phase shift keying.
maximum ratio combining.
mean squared error.

machine type communication.

negative acknowledgment.
narrow band.

non-orthogonal multiplexing.
non-orthogonal multiple access.
new radio.

packet drop rate.

protocol data unit.

parity error checking.
packet error rate.

physical layer.

packets per second.
physical resource block.
physical data service unit.
peak signal to noise ratio.
packet time delay.

quadrature amplitude modulation.
quality of service.

quantization parameter.
quadrature phase shift keying.

radio access unit.

radio frequency.
reinforcement learning.
radio link control.
radio resources control.
remote radio head.
round trip time.

small base station.

synchronous CDMA.

soft decision decoding.

symbol error rate.

successive interference cancellation.
signal to interference plus noise ratio.
soft-input soft-output.

symbol level combining.

station long retry count.

sequence number.



SNMP

SNR
SPID
SR
SSRC
STA
STD
SW
SWIPT

TB
TC
TCP
TD
TDD
TDPS
™
TNR
TPC
TTI

UAV
UE
UL
UM
UMTS

URLLC

VoIP

W-CDMA
WAP
WiFi
WIMAX
WLAN

WPAN
WSN

simple network management proto-
col.

signal to noise ratio.
subpacket identifier.
selective repeat.

station short retry count.
wireless station.
standard deviation.
stop-and-wait.
simultaneous wireless
and power transmission.

information

transport block.

traffic category.

transmission control protocol.
time division.

time division duplexing.

time domain packet scheduling.
transmissions per message.
transmission number relaying.
turbo product code.
transmission time interval.

unmanned aerial vehicle.

user equipment.

uplink.

unacknowledged mode.

universal mobile telecommunications
system.

ultra reliable low latency communi-
cation.

voice over internet protocol.

wideband-CDMA.

wireless access point.

wireless fidelity.

worldwide interoperability for mi-
crowave access.

wireless local area network.

wireless personal area network.
wireless sensor network.

APPENDIX II: LIST OF SYMBOLS

B Bandwidth

C Maximum number of transmissions
C, Total number of transmissions of a selected relay
E?  Amount of energy consumed by n'™ node during ¢

transmission attempt

Energy consumed during the reception of the data

packets

Total end-to-end consumed energy
Energy consumed during the transmission

Mutual information
Total number of bits to be transmitted

Modulation index

I

K

L Total number of codewords to be transmitted
M

N

Number of symbols per packet
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Total number of time slots

Packet error rate

Outage probability

Number of symbols per codeword

Code rate

Residual rate

Effective rate

Initial code rate

Target rate

Total number of receivers

Maximum number of sources in a relay system
Time slot duration

Transmissions per message

Time delay

Acknowledgment time

Transmission/propagation time

Sensing time duration

Maximum transmissions during second round in co-
operative communication

Packet delay threshold

Transmitter buffer size

Total number of transmitted packets

Maximum allowable packets to be transmitted in a
single time slot

Number of allocated resources

Ratio of number of channels uses between source
and relays/destinations (first phase) to the number of
channels uses between the source/relays and destina-
tions/relays (second phase)

Number of successfully received bits

Average number of transmissions

Total number of channel uses

Round-trip time

Successfully received packets

Total number of packets that are transmitted exactly ¢
times

Signal to interference plus noise ratio for user u during
i™ round when user v transmits a symbol x,,; during
same round

Current transmission number

Throughput

SNR

Expectation operator

Probability of decoding failure

Interleaver output

Channel frequency response

A set of buffered L codewords

Error detection encoder output

Binary information block

Parity bits for error correction

Received packet

Combined signal

Modulated codeword

Codeword

AWGN vector

Transmitted packet

Total number of bits per packet



(1]

[2]

(3]

[4]

[3]

[6]

(7]

(8]

[91
[10]

[11]

[12]

[13]

Number of physical resource blocks

Set of sources in relay system

Combining factor

Fraction of allocated resources

Channel variance

Noise variance

Energy consumed during the reception the feedback
messages

Energy consumed during the transmission of the feed-
back messages

Energy efficiency

Decoding delay

Encoding delay

Instantaneous channel gain

Number of information bits per codeword

Number of parity bits for error correction

Number of bits for error detection

Total number of bits per codeword

Number of subcarriers in a physical resource block
Number of symbols to be transmitted in one round
trip

Transmission power

Information symbols

Transmission round index

Specified time limit (timeout)
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