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Abstract 

We propose an early‑detection scheme to reduce communications latency based on 
sequential tests under finite blocklength regime for a fixed‑rate transmission without 
any feedback channel. The proposed scheme processes observations sequentially 
to decide in favor of one of the candidate symbols. Such a process stops as soon as 
a decision rule is satisfied or waits for more samples under a given accuracy. We first 
provide the optimal achievable latency in additive white Gaussian noise channels for 
every channel code given a probability of block error. For example, for a rate R = 0.5 
and a blocklength of 500 symbols, we show that only 63% of the symbol time is 
needed to reach an error rate equal to 10−5 . Then, we prove that if short messages can 
be transmitted in parallel Gaussian channels via a multi‑carrier modulation, there exists 
an optimal low‑latency strategy for every code. Next, we show how early detection 
can be effective with band‑limited orthogonal frequency‑division multiplexing signals 
while maintaining a given spectral efficiency by random coding or pre‑coding random 
matrices. Finally, we show how the proposed early‑detection scheme is effective in 
multi‑hop systems.

Keywords: Early detection, Finite blocklength, Low latency communications, 
Multialternative sequential tests

1 Introduction
In fifth-generation cellular network technology (5 G), a large set of autonomous devices 
will require quick and reliable radio access. 5 G will enable scenarios like Internet-of-
Things (IoT), where one cell is expected to contain up to 105 connected nodes; Giga-
bit wireless connectivity, with a download-speed target of 10 Gb/s; and Tactile Internet, 
with a end-to-end latency constraint of 1  ms and reliabilities near 10−9 [1]. Several 
approaches have been proposed to tackle this new challenge, such as enhanced mobile 
broadband (eMBB), massive machine-type communication (mMTC) and ultra-reliable 
and low-latency communications (URLLC) [2].

URLLC focuses on technologies that require special attention in the time needed to 
transmit a packet under predefined reliability. Among these low-latency emerging tech-
nologies are applications like autonomous vehicles, interactive multi-player gaming, 
health remote surgery, real-time teleoperation, and virtual/augmented reality [3, 4].
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The transition time of information in a communication system is the sum of all laten-
cies inherent to the system. Some latency-source examples are the routing delay, the 
over-the-air transmission time, the network queuing, the number of active users, and 
many others. Latency sources are numerous and vary in nature.

With the aim of reducing the system latency, several approaches have been explored. 
At the physical layer alone, for example, researchers investigated more efficient chan-
nel codes, faster signal processing, new frame structures, and improved radio-resource 
management [5, 6].

Concerning channel coding, to achieve the latency and reliability goals in URLLC, the 
use of short blocklengths, also referred to as short blocklength regime, is mandatory [7]. 
However, there are some performance considerations with respect to capacity when the 
blocklength no longer tends to infinity. To characterize the penalty incurred in the rate 
under the finite blocklength (FBL) regime, Polyanskiy et al. [8] have developed a model 
to approximate the maximum code rate for several channels and power constraints. 
Such a model is called a normal approximation.

Along with short packets, we can reduce latency through a quick signal processing 
stage, i.e., have the receiver achieve a reliable decision using only a fraction of the trans-
mitted-symbol length. A sequential probability test can reach such a decision [9–11]. 
However, for a large information block size, the receiver based upon a sequential test 
needs a significant number of tests to select which message was transmitted [12]. Inter-
estingly, a list decoder before the sequential test can significantly reduce the number 
of candidate symbols by providing a list of the most probable messages, rendering the 
sequential detector feasible.

In this paper, focusing on fixed-rate communication without any feedback channel, we 
aim to reduce the detection latency by using a scheme that decodes a short packet with 
high reliability from fractions of the received signal.1 Such a scheme is referred to as an 
early-detection scheme (EDS), which comprises a list decoder and a sequential test to 
perform quick detection as soon as the probability of a reliable decision is high enough.

In the proposed scheme, we define the detection latency as the interval between the 
beginning of the symbol transmission and the moment of its correct detection [13].

This work contributes to the field of URLLC by combining sequential detection and 
short packet communication. The main contributions of this paper are summarized as 
follows:

• We provide detailed results about the maximal code size achievable under normal 
approximation in terms of physical variables like latency, power, and symbol dura-
tion.

• We provide analyses of the normalized average latency for various rates, blocklength, 
and block error rate (BLER) of practical interest.

• We conjecture a threshold for the sequential test when the receiver uses a list 
decoder to reduce the number of candidate messages.

• We provide the upper bound of the block error rate as a function of any given thresh-
old when the system uses the EDS.

1 This paper was presented in part at ISWCS 2019 [13]
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• We discuss how the proposed EDS is effective with orthogonal frequencydivision 
multiplexing (OFDM) signals via random coding or pre-coding Hadamard random 
matrices.

• We show that, in multi-hop links, the proposed EDS can reliably detect symbols 
before the end of their transmission, significantly reducing the latency while main-
taining the error probability.

The remainder of this work is organized as follows. In Sect. 2, we present a background 
on short-packet communications and sequential probability-ratio tests. Some assump-
tions and comparison metrics are introduced in Sect. 3. In Sect. 3.1, we formulate the 
minimal-latency problem to investigate the optimal achievable latency. In Sect. 3.2, we 
define the EDS that can be employed for such a purpose. In Sect. 3.3, examples employ-
ing this proposed fastest-detection scheme are presented. In Sect. 4, results for the pro-
posed scheme are discussed. Finally, Sect. 5 summarizes our main findings.

2  Background
To guarantee reliable communication, Shannon established as a necessary condition the 
use of large blocklengths, a condition known as the infinite blocklength (IBL) regime 
[14]. However, in URLLC, it is necessary to use short blocklengths because the net-
work delay is affected by the packet size. As the blocklength does not tend to infinity, 
the coding scheme is denominated the finite blocklength (FBL) regime. To determine 
the transmission conditions under FBL regime, Polyanskiy et al. [8] derived a framework 
to approximate both the achievability and converse bounds on the size of a code and 
the performance gap from the Shannon capacity. Hence, the maximum code rate R∗ is 
expressed as a function of the block error rate (BLER) ǫ and the finite blocklength n. In 
other words, the maximum code rate is the largest rate at which an encoder-decoder 
pair operates with a finite blocklength n and whose BLER is not greater than a prede-
fined value ǫ.

In this paper, we leverage the Polyanskiy’s bounds to construct a sequential hypothesis 
test that will be used to make an early decision on the received symbol. A sequential test 
processes the received samples as they periodically arrive at the detector based on the 
statistical distribution of the data source. These types of tests are characterized by the 
average number of samples used to make a decision and the probability of error in mak-
ing that decision [11]. The first to propose such a test was Wald [15], who designed a 
sequential test for binary hypotheses called the sequential probability-ratio test (SPRT). 
The SPRT processes an independent and identically distributed (i.i.d.) random sequence 
and decides in favor of one hypothesis if the likelihood ratio between two candidate 
hypotheses exceeds a predefined threshold. The SPRT has proven to be asymptotically 
optimal for two hypotheses, i.e., it uses the minimum expected sample size compared 
with other tests. Besides, the SPRT is generalized in applications where more than two 
hypotheses need to be tested, like detecting a target in a multiple-resolution radar, serial 
acquisition of direct-sequence spread-spectrum signals, or quick fault detection and 
identification. Such a scheme is called a multihypothesis sequential probability-ratio test 
(MSPRT) [10].
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The MSPRT processes observations sequentially to decide in favor of one of the M 
multiple hypotheses, where the test stops as soon as a decision rule is satisfied or waits 
for more samples under a given accuracy [9]. As stated by [10], there are two approaches 
to design a MSPRT: either find an optimal test, a complex and non-practical procedure; 
or extend a binary SPRT to the multi-hypothesis case based on recursive pairwise uses 
of the SPRT. Through an extended version of the SPRT, Dragalin et al. [9] proposed a 
couple of sequential tests of multiple hypotheses inspired by the Bayesian optimality 
arguments and a generalized likelihood ratio test. Such a test decides in favor of one 
hypothesis if some statistics reach a threshold.

Unlike [9] and [10], instead of considering the total number of messages M to deter-
mine the threshold, in this work, we will conjecture a threshold that accounts for the 
size of the list decoder, which is less than M. In other words, the test threshold depends 
on both the number of most probable candidate symbols as well as the targeted error 
probability.

There is a trade-off to be found between low latency and high reliability [4]. Achiev-
ing low latency requires sacrificing some reliability. For example, to guarantee high reli-
ability, the system needs a retransmission technique, where once the receiver decides 
on a received message, it uses the noiseless feedback link to inform the transmitter that 
the next message can be sent [16]. Through this feedback channel, the system guaran-
tees high reliability of communication at the cost of a drastically increased latency [17]. 
Therefore, avoiding the use of feedback will greatly reduce the latency at the cost of a 
sacrifice in reliability.

Therefore, unlike [18, 19], with the aim of minimizing latency, we avoid a feedback 
channel in this work since the latency would increase due to retransmission [4]. In addi-
tion, we use as a coding scheme a model based on the FBL regime, which determines the 
block size, code rate, and error probability of the proposed EDS. Thus, we combine short 
channel symbols with sequential detection to achieve a significant latency reduction in a 
communication system.

3  Methods
As mentioned above, the EDS tries to reduce the detection latency by using a technique 
that decodes a short message with high reliability from fractions of the received packet. 
In order to achieve it, the proposed scheme combines a sequential test guided by list 
decoding.

The performance comparison will be provided in terms of the normalized average 
latency, which is a ratio between the average early-detection time and the symbol dura-
tion. We assume that the channel remains constant within the transmission time of a 
symbol, meaning that the symbol duration does not exceed the channel coherence time. 
This assumption means that if the coherence time of the channel is greater than the sym-
bol duration, then the channel conditions will remain constant during the transmission 
of a single symbol. As a result, the transmission time of a symbol, which is determined 
by the symbol rate and the channel’s bandwidth, will be equal to the symbol duration.

The transmission mode chosen is a multi-carrier system. The symbols of a message 
are BPSK modulated and transmitted in parallel through the channel and that detec-
tion is performed simultaneously on the receiver. We chose BPSK modulation since it is 
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simple to implement, and it is the signaling scheme that maximizes the distance between 
symbols, providing the maximum immunity to noise [20]. Furthermore, this selection is 
justified because our system does not consider feedback channels, and BPSK contributes 
to maintaining the required reliability.

Also, the EDS operates in a BLER range where the normal approximation is accurate 
[21]. In addition, our scheme imposes a commonly-used average-power constraint of the 
codewords, i.e., it includes the transmitted power restriction to model the devices’ bat-
tery capacity and regulatory constraints correctly [22].

3.1  On the optimal achievable latency for synchronous detection schemes

3.1.1  Minimal achievable latency in the infinite‑blocklength regime

In this section, we use an extension of the classical equation of channel capacity to for-
mulate the parameters involved in the minimal latency problem.

A channel coding scheme adds redundancy to the user message to decrease the error 
probability to an arbitrarily small value. A user message is composed of k bits of infor-
mation and transmitted through a noisy channel in one of M = 2k messages. Each mes-
sage m = 1, ...,M is encoded through a function f : {1, 2, ...,M} �→ R

n to a sequence X 
of size n denominated codeword, where n is referred to as blocklength. We denote the 
resulting code as an (n, M)-code. Also, we define R = k/n as the transmission rate, with 
k < n . Once the codeword is transmitted over the noisy channel, the received vector is 
given by:

where N ∼ N (0, In) is multidimensional Gaussian noise, which is assumed to have i.i.d. 
individual components with zero mean and In denotes the n× n identity matrix. Also, to 
take into account the limited device battery life and regulatory constraints, we assume 
that the codewords are subject to the equal power constraint:

where ρ = PT , P is the received power and T is the duration of an entire code-
word. Similar to the channel coding process, at the receiver, a decoding function 
g : R

n
�→ {1, 2, ...,M} maps the received sequence Y to one of the possible transmitted 

messages m̂ ∈ {1, ...,M} or else declares an error. If the additive noise has a unit variance, 
the signal-to-noise ratio (SNR) is equal to ρ . A codebook and a decoder whose SNR is 
equal to ρ is called an (n,M, ρ)-code. Under these conditions and considering an infinite 
blocklength, the Shannon capacity in bits per channel uses for a discrete-time additive 
white Gaussian noise (AWGN) channel is given by:

The noisy channel coding theorem asserts that, for reliable communications, the trans-
mission rate R cannot be greater than the capacity C [20]. Since the duration of an entire 
codeword is T, the latency can be expressed as L = nT  . Hence, based upon the noisy 
channel coding theorem, for a given power ρ and bandwidth W, the minimal latency is 
then given by:

(1)Y = X +N,

(2)�X�
2
2 = nρ,

(3)C =

1

2
log2 (1+ ρ).
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As indicated by (4), in and infinite-blocklength regime, the minimal latency Lmin is 
reduced by increasing the bandwidth W = 1/2T  or the power P = ρ/T .

3.1.2  Minimal achievable latency in the finite‑blocklength regime

In specific modern applications (e.g., tactile internet), it is mandatory to use short pack-
ets to achieve the required latency and reliability constraints. In those cases, the error 
probability will no longer be arbitrarily low. Thus, a framework that relates packet error 
probability, communication rate, short packet size, and latency is essential. Toward this 
end, Polyanskiy et al. [8] established performance metrics for which the maximal code 
size achievable for the desired error rate and a fixed short blocklength can be tightly 
approximated for various channel types and conditions. Such a framework is called the 
finite blocklength (FBL) regime. Thus, with a finite blocklength, it is necessary to define 
the coding scheme by taking into account the average BLER constraint given by:

where the measure Pr denotes the conditional probability that the decoder m̂ = g(Y) has 
made an incorrect decision on the message, when the actual message m was transmit-
ted. Thus, an (n,M, ρ)-code whose average BLER is not larger than ǫ , as shown in (5), is 
denoted as an ( n,M, ρ, ǫ)-code. For the FBL regime, the following theorem provides an 
upper bound of the maximal code size achievable for a given error probability ǫ , finite 
blocklength n, and power constraint ρ [8, Th. 54].

Theorem  3.1 (Polyanskiy et  al.) For the AWGN channel with SNR ρ , capacity C, 
0 < ǫ < 1 , and for equal-power and maximal-power constraints, the maximal code size 
achievable is given by:

where the error term is described by O(log2 n) , Q−1(·) denotes the inverse of the Gaussian 
Q function, and V (ρ) is the channel dispersion2:

where e is Euler’s constant. In [8, 23], it has been shown that a good approximation for (6) 
is obtained if we replace the term O(log2 n) with 1/2 log2 n+ O(1) . Such approximation, 
referred to as normal approximation, is given by:

(4)Lmin =

log2(M)

W log2(1+ ρ)
.

(5)Pr(m̂ �= m) ≤ ǫ,

(6)log2M
∗(n, ǫ, ρ) = nC − nV (ρ)Q−1(ǫ)+ O(log2 n),

(7)V (ρ) =
ρ

2

ρ + 2

(ρ + 1)2
log22 e,

(8)log2M
∗(n, ǫ, ρ) ≈ nC −

√

nV (ρ)Q−1(ǫ)+
1

2
log2n+O(1).

2 For a given SNR, the channel dispersion of a complex-valued AWGN channel is double that of a real-valued AWGN 
channel.
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Based on the bound of O(log2 n) in [8, Th. 54], we can determine the converse bound for 
equal-power and maximal-power constraints by:

 Remark 3.2 An explicit result in terms of physical variables that are linked to the 
channel can be obtained by introducing the latency L, the power P, and the symbol 
duration T in (9). Moreover, by expressing L = nT  and for a given bandwidth W (the 
Nyquist criterion states that T = 1/2W  ), the converse bound is rewritten as:

Remark 3.3 By approximating the logarithmic functions, two observations are 
possible: when PT is small, (10) may be rewritten for a power-limited region:

Under such a condition, the first two terms of the right side of (11) are independent 
of T = 1/2W  and the third term, rewritten as 1/2 log2(2WL) , shows that the maximal 
code size achievable tends to be constant as W grows. Thus, in a power-limited region, 
increasing the bandwidth does not significantly augment the maximum achievable code 
size, especially when PT ≪ 1 . On the other hand, when PT � 2 , Eq. (10) may be rewrit-
ten for a bandwidth-limited case:

As for the classical capacity Eq. (3), (12) shows that the reduction in latency is linked to 
the bandwidth and power under normal approximation.

3.2  Early detection using sequential tests

From here on, we define communication latency as the delay between the beginning 
of the transmission of a message and the instant at which the receiver makes a correct 

(9)log2M
∗(n, ǫ, ρ) ≤ nC −

√

nV (ρ)Q−1(ǫ)+
1

2
log2 n+ O(1).

(10)
log2M

∗(n, ǫ) ≤
L

2T
loge(1+ PT )

1

loge2
−

√

L

T

PT (PT + 2)

2(PT + 1)2

· log2(e)Q
−1(ǫ)+

1

2
log2

(

L

T

)

+ O(1).

(11)
log2M

∗(n, ǫ) ∼
LP

2 loge 2
−

√

LP log2(e)Q
−1(ǫ)

+

1

2
log2

(

L

T

)

+ O(1), as PT → 0.

(12)
log2M

∗(n, ǫ) ∼
L

2T
log2(1+ PT )−

√

L

2T
log2(e)Q

−1(ǫ)

+

1

2
log2

(

L

T

)

+ O(1), as PT�2.
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decision. Ignoring the propagation delay, the latency can be smaller than the symbol 
duration if an early detection mechanism is used [19].

3.2.1  Problem formulation

We consider a transmitter that sends a message with a fixed symbol duration T. We 
take equidistant samples of this symbol and form a collection of i.i.d. random vectors 
YT = {Y1,Y2, · · · ,Y�} with a distribution f, where � is an integer equal to the total num-
ber of samples. That is, each sample is taken at a distance d = T/� . A sequential test 
uses a subset κ of these � samples to determine the transmitted message. Such a subset 
of samples is denoted as Yt = {Y1,Y2, ...,Yκ } , where κ ≤ � . Considering a channel model 
with additive noise, each Yi is given by:

where Xi ∈ R
n is the message of blocklength n indexed by i = 1, 2, ..., � and Ni ∼ N (0, In) 

is the AWGN vector. Such a message signal satisfies the equal-power constraint denoted 
by:

where ρi = Pτi , and τi is a small proportion of the symbol duration T. Specifically, when 
ρ = PT , we have:

In this paper, we assume that the received signal has been projected onto the orthogonal 
basis to obtain Yi . This means that the bases spanning the vector-space of signals are 
orthonormal for all the proportions of the symbol duration τi.

If we decide which message was sent using only a small proportion of the duration of 
the transmitted symbol, we can reduce latency. To do so, we leverage on one of the quick 
decision techniques called sequential test [9–11]. Such a sequential test decides which 
message was transmitted based on a likelihood ratio that depends on the samples and 
distribution of the message. For the sake of simplicity, we assume that the M transmitted 
messages are equiprobable, i.e., the a priori distribution is constant [20, 24]. Thus, the 
optimal decision on which message was sent with respect to a finite κ number of samples 
is performed through a sequential probability ratio test, which is formulated as follows:

In other words, we stop as soon as the posterior probability Pr[m|Yt ] exceeds a threshold 
Sm for some m, and decide that m was transmitted. Otherwise, data reception continues. 
By using the proposed EDS, latency is reduced when the message is received without 
errors at a time τ shorter than the symbol duration T. It should be noted that if the pos-
terior probability maximized for some m does not exceed the threshold Sm , the decision 
is made at T. In Sect. 3.2, we show that the threshold Sm is a function of both the condi-
tional probability of error and the prior probability of the transmitted message.

(13)Yi = Xi +Ni ,

(14)�Xi�
2
2 = nρi ,

(15)
�

∑

i=1

�Xi�
2
2 = nρ .

(16)g(Yt) = m, if ∃m s.t. Pr[m|Yt ] > Sm.
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3.2.2  Minimal achievable latency using an optimal early‑detection scheme

An EDS is optimal if it minimizes the expectation of the proportion of the symbol 
duration used for detection for which the error rate does not exceed a predefined 
value. For such a scheme, we assume that a perfect error-detecting code checks 
whether or not there are errors in the transmitted message, i.e., the undetected error 
probability is zero. In that case, the decision rule is as follows: as soon as an error has 
not been detected, decode the message. Otherwise, wait for the next sample until no 
error occurs. If errors are detected up until the end of the transmitted symbol T, the 
decision will be made at T.

Under such a condition, the average latency can be determined by the error rate 
as a function of the SNR ρ . To this end, we use an arbitrary ( n,M, ǫ, ρ)-code whose 
average BLER is not larger than ǫ , and subject to a power constraint ρ . By using Theo-
rem 3.1, we obtain the maximum achievable channel code rate R∗(n, ǫ, ρ) (in bits per 
channel use) such that:

It follows that for a given fixed channel code rate R, SNR ρ , and blocklength n, the non-
asymptotic error-correction performance of such codes can be determined solving (17) 
for ǫ:

The approximation provided by (18) is accurate for n > 100 since the O(1) term is a 
small constant, and the term 12n log2 n quickly becomes negligible as n is greater than 100 
channel uses [8, 25, 26].

 Remark 3.4 With C being expressed as (3), the minimum proportion of symbol 
duration required to reliably obtain a message is provided by Shannon’s noisy channel 
coding theorem R < C , such that:

where τ is the early detection time in which the scheme performs a reliable detection.

For the FBL regime, the following theorem provides the optimal average latency of 
the EDS. For clarity, we denote an (n,M, ǫ)-code, whose average latency is equal to τ̄ , 
as an (n,M,ǫ,τ̄)-code.

(17)R∗(n, ǫ, ρ) = C −

√

V (ρ)

n
Q−1(ǫ)+

1

2n
log2 n+O(1) .

(18)

ǫ∗(ρ,R, n) = Q

(

C − R+
1
2n log2 n+ O(1)

√

V (ρ)/n

)

≈ Q

(

C − R+
1
2n log2 n

√

V (ρ)/n

)

.

(19)22R − 1

P
< τ < T ,
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Theorem 3.5 The optimal average latency of the EDS for an arbitrary (n,M,ǫ,τ̄ ) code is 
given by:

with γ (τ) defined as:

where the capacity C(Pτ ) and the channel dispersion V (Pτ ) are two time-dependent func-
tions given that ρ in Eqs. (3) and (7) is replaced by Pτ . Note that γ (τ) results from isolat-
ing ǫ∗ in (17) as shown in the argument of (18).

This theorem can be proved by using the following lemma.

Lemma 3.6 For an AWGN channel with an arbitrary ( n,M, ǫ, τ̄)-code whose error 
probabilities satisfy (18) and for all dτ > 0 , the distribution of τ for an optimal EDS is 
given by the differential of the error [13]:

 Proof Let us consider that the receiver performs an early detection at τ1 
and τ2 subject to τ1 < τ2 ≤ T  where a perfect error-detecting code checks 
whether or not there are errors in the message. For the sake of simplicity, 
we define Pr[g(Yτ1) = m|M = m, τ1] , i.e., the probability of having a correct 
decision at τ1 , as p(τ1) . Thus, p(τ1) = 1− ǫ∗(Pτ1,R, n) . If the decoder has not 
decided at τ1 it means that there is an error in the message and we wait for 
the next sample at τ2 . Therefore, the probability to make a correct decision 
at τ2 depends on the probability of having a correct decision previously, i.e, 
p(τ2) = Pr[g(Yτ2) = m|M = m, τ2, g(Yτ1) �= m] . Indeed, if the decoder has decided 
at τ2 , then it means that errors have been detected previously. Thus, since p(τ1) and 
p(τ2) are mutually exclusive events, the probability of having a correct decision at τ2 is 
p(τ2) = (1− ǫ∗(Pτ2,R, n))− (1− ǫ∗(Pτ1,R, n)) = ǫ∗(Pτ1,R, n)− ǫ∗(Pτ2,R, n) . Figure 1 
illustrates the decision rule in an optimal EDS using a perfect error-detecting code.
Hence, we could thus generalize our purpose by letting Sτ = {τ1, τ2, · · · ,T } be an 
increasing and positive sequence of samples that are used to make a decision on the 
message. In addition, we consider that there exists a τ + dτ ∈ Sτ such that the probabil-
ity of having a correct decision at τ + dτ is given by:

(20)τ̄ ≤

1
√

2π

∫ T

0
τ exp

[

−γ 2(τ )

2

]

dγ (τ) ,

(21)γ (τ) =
C(Pτ )− R+

1
2n log2 n

√

V (Pτ)/n
,

(22)
lim
dτ→0

p(τ + dτ ) = −

dQ(γ (τ ))

dγ (τ)
dγ (τ)

=

1
√

2π
e−γ 2(τ )/2dγ (τ) .

(23)
p(τ + dτ ) = (1− ǫ∗(P(τ + dτ ),R, n))− (1− ǫ∗(Pτ ,R, n))

= ǫ∗(Pτ ,R, n)− ǫ∗(P(τ + dτ ),R, n) .
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If we rewrite (23) in the form:

where the fraction on the right side is the average slope, Eq. (24) states that the probabil-
ity of a correct decision in an interval near τ is the average slope over the interval times 
the length of that interval. By definition, the limit of the average slope is the derivative of 
the error ǫ∗ evaluated at τ as dτ → 0.

Hence, since any (n,M,ǫ,τ̄ ) code satisfies (18), the distribution of τ can be simplified as in 
(22) by using Eqs. (18) and (21) in (24), and by letting dτ → 0 . The average latency of an 
( n,M, ǫ, τ̄ ) code is given by the expectation of τ as in (20). This concludes the proof. �

In the following section, we design the EDS based upon a sequential test. The test employs 
a list decoder in which the MSPRT can make a decision based on a few hypotheses.

3.2.3  On the design of early‑detection scheme: an MSPRT scheme guided by list decoding

Consider M = 2k possible messages of k bits encoded by an arbitrary ( n,M, ǫ)-code whose 
each symbol has a fixed duration T. Also consider that all symbols of the encoded message 
m ∈ {1, 2, ...,M} are simultaneously transmitted through a parallel AWGN channel with n 
branches. The MSPRT allows for latency reduction by choosing which message was trans-
mitted among M possible messages as soon as the probability of its correct detection is high 
enough to exceed a given threshold Sm . Inspired by previous works on sequential detec-
tion [9, 10, 18, 27, 28], the early-detection problem can be formulated for multidimensional 
signaling. By using Bayes’ rule, the posterior probabilities in (16) can be written as:

where πj is the prior probability of the transmitted message, f (Yi|j) is the likelihood 
function for j = 1, 2 · · · ,M . Hence, the stopping time τm and the decision rule δ is given 
by: 

(24)p(τ + dτ ) = −

(ǫ∗(P(τ + dτ ),R, n)− ǫ∗(Pτ ,R, n))

dτ
dτ ,

(25)Pr[M = m|Y1,Y2, ...,Yκ ] =

πm

κ
∏

i=1

f (Yi|m)

M
∑

j=1

πj

κ
∏

i=1

f (Yi|j)

,

Fig. 1 Decision in an optimal early‑detection scheme using a perfect error‑detection code, where the 
correct detection at τi or τi+1 are mutually exclusive events
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 where 0 ≤ Sm ≤ 1 . Such equations mean that the receiver stops the reception of the 
samples as soon as the posterior probability exceeds a threshold and decides which m 
was transmitted. It should be noted that if the posterior probability maximized for some 
m does not exceed the threshold Sm , the decision is made at T.

The performance of the system is given by the average of the message error 
probabilities:

where PY|m[g(Yτ ) �= m] is the probability of error when the sequential test stopped at 
τ < T  and chose the wrong message. In [9, 10], it has been proven that (27) has an upper 
bound for a given threshold Sm . This is given by the following theorem.

Theorem  3.7 (Baum and Veeravelli) Let ǫm′,m = PY|m′ [g(Yτ ) = m] be the prob-
ability of deciding that message m was transmitted when m′ was actually sent, and 
ǫm = PY|m[g(Yτ ) �= m] the probability of incorrectly deciding that message m was trans-
mitted. Then ǫm′,m and ǫm are upper bounded: 

From Theorem 3.7, it follows that the threshold Sm can be written as:

It can be noted from (29) that the threshold Sm is chosen to meet the error probabil-
ity constraint ǫ . Therefore, Sm must be defined such that the latency is minimized while 
ensuring that PY|m[g(Yτ ) �= m] does not exceed a predefined value.

In the next section, we show through examples that the EDS can be designed via 
sequential tests based on list-decoding combined with MSPRT.

(26a)τm = inf
{

t = κd : if ∃ m s.t. Pr[M = m|Y1,Y2, ...,Yκ ] > Sm
}

,

(26b)δ = m̂, where m̂ = arg max
1≤m≤M

(

πm

κ
∏

i=1

f (Yi|m)

)

,

(27)ǫ =

M
∑

m=1

πmPY|m[g(Yτ ) �= m|M = m] ,

(28a)
ǫm =

M
∑

m′

= 1
m′

�= m

πm′ǫm′,m ≤ πm
1− Sm

Sm
,

(28b)ǫ =

M
∑

m=1

ǫm ≤

M
∑

m=1

πm
1− Sm

Sm
,

(28c)ǫ ≤

1− S

S
if S = S1 = S2 = · · · = SM .

(29)
Sm ≤

1

1+ π−1
m

M
∑

m′

= 1
m′

�= m

πm′ǫm′,m

.
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3.3  Examples of the early‑detection scheme for low‑latency communication

Examples of the EDS for low-latency communication are provided in this section. Note-
worthy results on both latency and error probabilities are discussed in Sect. 4 under var-
ious channel conditions and blocklengths.

3.3.1  Low‑latency communication under additive white Gaussian noise channels

Considering a message of n symbols that are transmitted simultaneously through a par-
allel AWGN channel with n branches. There are M = 2k uniformly distributed possi-
ble messages. Each symbol is transmitted with a fixed duration T and is modulated by 
a binary phase-shift keying (BPSK). The signal messages are denoted by Xm

∈ R
n for all 

m = 1, 2, · · · ,M which satisfy (2). The receiver observes a small proportion of the signal 
message denoted by a sequence Yt = {Y1,Y2, ...,Yκ } of independent Gaussian variables 
with mean Xm

i  where i = 1, 2, · · · , κ whose satisfies (14). The variance of the noise is con-
stant and denoted by N0

2 In.
For a large information block size, the receiver needs 2k tests in order to choose which 

message has the largest posterior probabilities. Thus, such a sequential test might be 
challenging to implement for very large information block sizes [12]. Interestingly, a list 
decoder can significantly reduce the number of hypotheses for sequential tests by pro-
viding a list of the ℓ < M most probable messages. Since ℓ is less than M, prior probabili-
ties for ℓ most probable possible messages should be redefined as π̄m = πm/(

∑ℓ
j=1 πj) , 

which renders (26) accurate. For early detection using MSPRT under an AWGN chan-
nel, such a test takes the form of (30). 

 where (·)tr denotes the transpose of a vector.
Since the threshold Sm is linked to the error probability constraint ǫ , such an optimal 

threshold may be difficult to obtain due to the modulation scheme and channel condi-
tions. However, we have conjectured a simple method to establish such a threshold for 
the equiprobable binary signaling system considered for the EDS. The advantage of this 
threshold is that it requires only the evaluation of pairwise error probabilities. Inspired 
by previous results on MSPRT in [9, 10, 15, 29], the threshold Sm in (29) can be defined 
as:

(30a)τm = inf



























t :

ℓ
�

m′

= 1
m′

�= m

exp







κ
�

i=1

�

X
m′

− X
m
�tr

Yi

N0
2






<

1− Sm

Sm



























,

(30b)δ = m̂, where m̂ = arg min
1≤m≤M

∥

∥Yτm − X
m
∥

∥ ,

(31)

Sm =

1

1+ ℓ
ℓ
∑

m = 1
m �= m′

Pe(m → m′)

,
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where Pe(m → m′) is the pairwise error probability, the probability that the receiver 

chooses Xm′ over Xm when Xm was transmitted. For ℓ = 2 , the test becomes Wald’s 
SPRT because there are two possible messages.

 Remark 3.8 For AWGN channels, and under normal distribution, Pe(m → m′) is 
given by:

where N0/2 is the variance of the noise [20]. However, it will be necessary for other 
modulation schemes and channel models to use the union bound (which is the simplest 
and most widely used bound) to compute the error probability used on the threshold 
selection. Such a bound is quite tight, especially at high signal-to-noise ratios.

3.3.2  Early detection scheme with OFDM

As shown above, early detection via a sequential tests reduce latency if symbols are trans-
mitted in parallel. A typical parallel transmission is OFDM signaling because data is trans-
mitted in parallel by mapping each symbol to a carrier [20]. OFDM is efficient only if the 
subcarrier spacing is proportional to the inverse of symbol duration T, which guarantees 
orthogonality [13]. A critical question that needs to be explored: can we decide faster which 
message was sent by evaluating distances between different OFDM signals? To answer this, 
consider a codeword Xm

∈ C
n arbitrarily chosen among M possible codewords, and its 

OFDM signal sm(t):

where Xm
k  is the information signal. For OFDM, an EDS can be defined as follows: the 

receiver quickly make a reliable decision as soon as the distance between the received 
noisy signal y(t) and sm(t) reaches a threshold Sm . Hence, the stopping rule can be 
defined as: 

There are several noteworthy features on the distances of these OFDM signals.

 Remark 3.9 Assuming a random coding where Xm and Xm′ are i.i.d. random vectors, 
the squared distance between sm(t) and sm′(t) is given by:

(32)Pe(m → m′) = Q

(

�X
m
− X

m′

�

√

2N0

)

,

(33)sm(t) =

n
∑

k=1

Xm
k e

j2πkt
T ,

(34a)τm = inf
{

t : if ∃ m s.t. �y(t)− sm(t)� < Sm
}

,

(34b)δ = m̂, where m̂ = arg min
1≤m≤M

�y(τm)− sm(τm)� .

(35)
(

dmm′

t

)2
= �X

m
�
2t + �X

m′

�
2t − 2ℜ

(∫ t

0
sm(ξ)s

∗

m′(ξ)dξ

)

,
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where ℜ(·) denotes the real part of a complex number. Since Xm and Xm′ are independ-
ent, then the covariance is null. Thus, the squared distance is approximately linear over 
time. As a result, it is possible to use early detection efficiently when random coding 
schemes are employed.

However, codewords are generally non-i.i.d. random vectors. Consider a codeword Xm 
and its nearest neighbor Xm′ such that the squared distance over time is given by:

where K is a subset in which Xm
k − Xm′

k �= 0, ∀k ∈ K , otherwise 
(

dmm′

t

)2
 is equal to 

zero. As a result, the distances between OFDM signals are nonlinear functions over 
time which could render the EDS not efficient. This non linearity is due to dimensions 
that overlap each other ∀t ∈ [0,T ) . For example, consider a codebook of M code-
words that are mapped to quadrature phase-shift keying (QPSK) modulation, in 
which there are at most two different symbols among these n dimensions, i.e., the 
number of elements in K is equal to one or two. In such a case, we observe these fol-
lowing remarks.

 Remark 3.10 We may use fewer subcarriers to increase the space between 
subcarriers; hence, the system remains orthogonal. However, for the band-limited 
OFDM system, the orthogonality holds for specific samples. For instance, with a 
subcarrier spacing of 4/T, the system is orthogonal at 0.25T, 0.5T, 0.75T and T. In other 
words, such an increase in subcarrier spacing would be convenient if the early detection 
could be guaranteed at 50% or 75% of the symbol duration.

Remark 3.11 Latency can be reduced through EDS if the squared distance 
(

dmm′

t

)2
 is 

linear for all m  = m′ in an arbitrary codebook. To do so, it is possible to use pre-coding 
random rotation matrices to linearize these distances. Considering a complex matrix H 
whose angles are i.i.d., and viewing Amm′

l = Xm
l − Xm′

l  , Eq. (36) can be rewritten as:

where Hk ,l is an element of H . Denoting K =

{

k1, k2
}

 , we obtain (38) where H∗

k2,l
 is the 

complex conjugate of the element Hk2,l . Since H is a random rotation matrix in which 
elements are i.i.d., 

∑

l Hk1,lH
∗

k2,l
 must be zero. Hence, the squared distance 

(

dmm′

t

)2
 

becomes linear.

(36)
(

dmm′

t

)2
=

∫ t

0

∣

∣

∣

∣

∑

k∈K

(

Xm
k − Xm′

k

)

ej2π
k
T ξ

∣

∣

∣

∣

2

dξ ,

(37)
(

dmm′

t

)2
=

∫ t

0

∣

∣

∣

∣

∑

k∈K

∑

l

Hk ,lA
mm′

l ej2π
k
T ξ

∣

∣

∣

∣

2

dξ ,

(38)

(

dmm′

t

)2
=

(

∑

l

∣

∣

∣

∣

Hk1,lA
mm′

l

∣

∣

∣

∣

2

+

∑

l

∣

∣

∣

∣

Hk2,lA
mm′

l

∣

∣

∣

∣

2
)

t

+ 2ℜ

(

∫ t

0

∑

l

Hk1,lH
∗

k2,l

∣

∣

∣

∣

Amm′

l

∣

∣

∣

∣

2

ej2π
k1−k2

T ξdξ

)

.



Page 16 of 25Barragán‑Guerrero et al. J Wireless Com Network         (2023) 2023:31 

It should be noted that there are orthogonal matrices that meet such a condition. A 
Hadamard matrix is a typical example in which 

(

dmm′

t

)2
 can be linear.

3.3.3  Optimal latency for low‑traffic multi‑hop systems

In this example adapted from [13], the EDS is applied in low-traffic multi-hop sys-
tems, where short messages are re-transmitted as soon as the relay correctly decoded 
the message. For this purpose, we consider a decode-and-forward (DF) relaying scheme 
composing of h hops with synchronous detection (SD), i.e., detection at the end of the 
symbol duration. A transmitted codeword has latency L = nT  in each hop and latency is 
given by:

If relays make a reliable decision in a instant τ before the duration of the entire message 
T, the latency in (39) will be reduced. An EDS could make such a decision.

Theorem 3.12 In low-traffic multi-hop DF relaying system, assuming that the DF relays 
use an (n,M, ǫ)-code along with an optimal EDS, if a relay transmits a message to the 
next relay through an OFDM-like signal, the minimal average latency using early-detec-
tion is upper bounded by:

 Proof To determine the latency for a multihop system using an optimal EDS, we 
consider h hops, where the (n,M, ǫ)-code is transmitted by a source S, given a latency 
L0 = nT  . The next a relay R1 performs an optimal EDS, i.e., deciding at τ1 ≤ T  , given 
an accumulated delay equal to L1 = L0 + τ1n , and so forth. If each hop performs early 
detection at time instants {τ1, τ2, ..., τh} ≤ T  and assuming that these time instants are 
an i.i.d. random sequence given that the Gaussian channel distribution is the same for 
every hop, the average latency is given by:

The above demonstrates that the EDS can reduce latency in multi-hop systems using DF 
relaying schemes. �

4  Results and discussion
For a fixed-duration transmission, the minimal latency analyzed in Sect. 3.1.2 is obtained 
by (10). For a single-hop wireless link, and assuming a known constant channel gain,3 the 
achievable latency is depicted in Fig. 2 for a BLER of ǫ = 10−5 . For example, let us consider 

(39)LSD-DF = Lh .

(40)E[LED-DF] ≤ LSD-DF .

LED-DF = L0 + τ1n+ τ2n+ ...+ τh−1n ,

E[LED-DF] = nT + E

[

h−1
∑

i=1

τin

]

= nT + (h− 1)nE[τ ] ≤ hnT

≤ LSD-DF .

3 It is common to assume that the receiver knows the channel gain because it can be tracked and estimated using a 
training sequence.
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that we have PT = 4 dB, and the bandwidth is W = 50 MHz. From Fig. 2, it can be seen 
that to transmit an information block size of k = 584 bits, the achievable latency (in nor-
malized symbols, n = L/T  ) is 767. Such a latency is conveniently expressed in time units as 
L = 7.67 µ s, given that L = n/2W  . For the parameter range considered here, the O(1) term 
in (10) is negligible compared to the other terms because O(1) is a small constant [21, 26].

Thus, following (10), it can be seen that the number of channel uses n decreases 
for a given k as the SNR increases. Such a trend is congruent with what we stated in 
Sect. 3.3.1, i.e., the latency for a system operating in the infinite-blocklength regime is 
reduced with increasing bandwidth, power, or both. Thus, Fig. 2 shows the achievable 
latency reduction when a system works in the short-blocklength regime.

An analysis of the codes whose latency can be reduced using a sequential test for 
a given error rate ǫ was provided in Sect. 3.2.2. Figure 3 shows the behavior of (18) 
of such ( n,M, ǫ, ρ)-codes for different blocklengths n and code rates R ∈ {0.5, 0.95} in 
bits per channel use. It can be seen that while all codes result in a BLER of 1 when the 
SNR is too low, increasing the blocklength quickly results in near-asymptotic error 
performance. For example, at n = 500 , for an SNR of approximately 2 dB and R = 0.5 , 
the error performance is already almost asymptotic. Following the normal approxi-
mation, the error performance improves as n grows since the term 1

2n log2 n quickly 
vanishes for n greater than 100, resulting in asymptotic error behavior [8, 25, 26].

The normalized average latency of these codes is computed using Theorem 3.5 for 
various code sizes under varying channel conditions. Results are presented in Figs. 4, 
5, 6. For a fixed blocklength n, Fig. 4 shows that as the rate increases, i.e., as the infor-
mation-block size k grows, the symbol time required to receive messages becomes 
larger. Nevertheless, it is interesting to note that for a blocklength of n = 500 , mes-
sages can be sent with an error rate of 10−5 using 63% and 71% of the symbol time for 
rates R of 0.5 and 0.95 bit per channel use, respectively. Figure 4 also shows that an 
EDS allows for more significant latency reduction at shorter blocklengths. Indeed, for 
a fixed rate (say R = 0.5 ), as the blocklength n grows, the required SNR to reach the 
necessary error performance decreases. Furthermore, when R > C , the error rate is 
close to 1 and the normalized average latency increases.
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Figure  5 provides the normalized average latency for a fixed information block 
size k. On the one hand, it can be seen that the average latency decreases when the 
code rate increases. In other words, for a fixed information block size, a large block-
length increases latency slightly. On the other hand, for a fixed R, a large information 
block size increases latency. Indeed, it can be seen in this figure that for a rate of 
R = 0.5 , 90% of the symbol time on average is needed whereas 56% of the symbol time 
is required for an information block size of k = 5000 and k = 150 bits, respectively. 
These results show that the minimal latency is not only linked to the blocklength, but 
mostly to the information block size.

The initial increasing behavior of the curves in Fig. 5 can be attributed to the fact 
that the formulas used are approximations, specifically the normal approximation 
(Eq. (18)). This approximation is accurate only within specific ranges of SNR, BLER, 
and blocklength for the AWGN channel under consideration. Therefore, the normal 
approximation is not precise for small SNRs. However, small SNRs can be used in 
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simulations of the early-detection scheme to evaluate its performance in environ-
ments where the noise is significant compared to the signal, allowing for realistic sys-
tem modeling. This can help determine the optimal design, thus understanding the 
early-detection scheme’s performance at a low SNR can benefit system optimization.

Figure 6 shows the average latency as a function of the information block size k for 
a fixed code rate R = 0.5 under various channel conditions. It can be seen that, for an 
information block size of k = 1000 bits, an average of 79% of the symbol duration is 
required to meet an error rate of 10−5 . Instead, 87% of the symbol duration is needed 
for a given error rate of 10−2 . In other words, as the error rate is low, the average sym-
bol time needed decreases because the SNR to reach the required error is high. Fur-
thermore, Fig. 6 also shows that as the information block size k grows, the symbol time 
needed to reach such an error probability increases. For example, for an information 
block size of k ≥ 106 bits, the average latency needed to gets close to 100% regardless 
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of the targeted error performance. Thus, the use of the proposed EDS is more beneficial 
with smaller information block sizes.

Concerning the scheme described in Sect.  3.3.1, M = 1024 BPSK-modulated 10-bit 
messages are sent, where each symbol is transmitted in parallel AWGN channels. The 
list decoder provides the ℓ most probable codewords, by which the sequential test 
defined in (30) quickly makes the decision on the message if threshold in (31) is reached. 
The minimum size of the list must be two, and in this case, the sequential test becomes a 
SPRT. Figure 7 presents simulation results under various channel conditions of the EDS 
using MSPRT. From this figure, it can be seen that an EDS using sequential tests allows 
for significant latency reductions, especially if the SNR can be increased. For example, 
for a list size ℓ = 3 , the proposed scheme can detect messages approximately 30% to 50% 
faster on average compared to synchronous detection, where the improvement is the 
most significant at higher SNR. It can also be seen that using a larger list size ℓ leads 
to a lower latency at the cost of a slight increase in error rate. Also, the threshold value 
slightly reduces as the list size grows.

As seen above, the proposed scheme uses the ℓ-nearest distance between the 
received message and the M possible messages. However, such a selection of dis-
tances can be computationally prohibitive. Fortunately, many efficient decoding algo-
rithms provide the ℓ most-probable codewords, such as list-decoding algorithms for 
Reed-Solomon [30] or polar codes [31].

Concerning EDS with OFDM as discussed in Sect. 3.3.2, when the number of ele-
ments of the subset K denoted by #K is equal to one, we can find from (36) that 
(

dmm′

t

)2
 is linear. However, when #K = 2 , the distances over time grow linearly but a 

sinusoid of a frequency (k1 − k2)/T  has to be taken into account due to the overlap-
ping dimension. Figure 8 shows the behavior of the squared distance over time. In K , 
we have modified one single bit in each dimension. When #K increases, there is a 
superposition of multiple sinusoids of a frequency (ki − kj)/T ∀ki  = kj ∈ K which 
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tends to linearize distances over time. Hence, #K ≥ 2 is equivalent to the use of a ran-
dom coding scheme.

By taking results obtained in Fig. 8, we apply a complex-valued 128× 128 Hadamard 
orthogonal matrix H to these codewords as indicated in (37) and (38). Figure 9 shows 
that 

(

dmm′

t

)2
 are approximately linear which could render the EDS efficient. These 

results show that there is evidence that latency can be reduced with pre-coded OFDM 
signaling by using EDS. Specifically, we prove in Fig.  9 that the EDS is feasible with 
OFDM signals once its distances have been linearized using random coding schemes 
and pre-coding orthogonal matrices.

Finally, we present the results for different SNRs and blocklengths of the EDS for the 
previously analyzed multi-hop system in Sect. 3.3.3. This latency comparison employs 
Theorem  3.12. To determine the latency reduction, we compare the results obtained 
with the EDS and the results obtained with synchronous detection for different (n,M, ǫ)

-codes. Then, we express the average latency in terms of normalized symbols.
Figure 10 shows the optimal achievable average latency for low-traffic multi-hop 

systems using either synchronous or early detection. The results are for 5 hops, a 
5 dB SNR and a BLER of ǫ = 10−5 . It can be seen that for such a multi-hop scheme, 
the use of an EDS leads to a lower latency in comparison to synchronous detection, 
regardless of the information blocksize. Additionally, it can be seen that, for both 
schemes, the latency increases in a similar fashion as the block size increases.

Figure 11 shows the latency reduction achieved for various normalized achievable 
code rates and SNRs. The number of hops is h = 4 , and the BLER is ǫ = 10−5 . It can 
be seen that the latency reduction obtained with the proposed EDS decreases as the 
code rate tends to capacity. The tendencies are the same across all plotted SNRs. 
The most significant decrease in latency is present in low-rate codes with a reduc-
tion close to 65%. Figure 11 also shows a latency reduction greater than 40% over a 
wide range of code rates, especially at higher SNR per hop.
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to a QPSK modulation. Number of different symbols in codewords #K = 1 represented by the black dashed 
curve; number of different symbols in codewords #K = 2 represented by colored curves
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5  Conclusion
In this work, we introduced new optimal low-latency communication strategies. Com-
bined together, they form an early-detection scheme (EDS). By focusing on fixed-rate 
coding in the finite blocklength regime, the key ingredient of the proposed EDS is the 
use of sequential tests to make decisions before the end of the symbol duration. Further-
more, compared to conventional sequential detection techniques, our proposal does not 
necessitate feedback, thus avoiding additional latency.

In that regard, we derived the minimal achievable latency over the additive white 
Gaussian noise (AWGN) channel for both synchronous detection and our EDS. We 
also demonstrated that the EDS attains the optimal achievable latency by minimiz-
ing the time needed to make decisions. For example, we showed that messages with a 
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Fig. 9 Distances over time between OFDM signals where codewords have been pre‑coded by a Hadamard 
orthogonal matrix. Number of different symbols in codewords #K = 1 represented by the black dashed 
curve; number of different symbols in codewords #K = 2 represented by colored curves
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blocklength of 500 symbols could be correctly received using only 63% and 71% of the 
symbol time while maintaining a block error rate of 10−5 for rates R of 0.5 and 0.95 bits 
per channel use, respectively.

Moreover, we developed a sequential test based on a multihypothesis sequential 
probability-ratio test (MSPRT). Results showed that, compared to synchronous detec-
tion, receivers could make decisions faster while maintaining the required reliability. 
Such scheme is effective if all symbols are simultaneously transmitted in parallel AWGN 
channels via orthogonal frequency-division multiplexing (OFDM)-like signals. However, 
it should be kept in mind that the proposed technique for OFDM signals is feasible if the 
message is pre-coded by random matrices, which guarantees no loss of orthogonality.

As our proposed EDS would allow relay nodes to start their retransmission earlier, we 
think that they are promising solutions for ultra-reliable and low-latency communica-
tions (URLLC) transmissions in multi-hop communications. Finally, as future work, it 
would be interesting to extend the proposed schemes to fading channels.
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