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Proactive Resource Scheduling for 5G and Beyond Ultra-Reliable Low Latency Communications

Effective resource use in Ultra-Reliable and Low-Latency Communications (URLLC) is one of the main challenges for 5G and beyond systems. In this paper, we propose a novel scheduling methodology (combining reactive and proactive resource allocation strategies) specifically devised for URLLC services. Our ultimate objective is to characterize the level of proactivity required to cope with various scenarios. Specifically, we propose to operate at the scheduling level, addressing the trade-off between reliability, latency and resource efficiency. We offer an evaluation of the proposed methodology in the case of the well-known Hybrid Automatic Repeat reQuest (HARQ) protocol in which the proactive strategy allows a number of parallel retransmissions instead of the "send-wait-react" mode. To this end, we propose some deviations from the HARQ procedure and benchmark the performance in terms of latency, reliability outage and resource efficiency as a function of the level of proactivity. Afterwards, we highlight the critical importance of proactive adaptation in dynamic scenarios (i.e. with changing traffic rates and channel conditions).

I. INTRODUCTION

5G and beyond networks enable the exploitation of new emerging use cases, such as Ultra-Reliable Low Latency Communication (URLLC) which plays a pivotal role in the connectivity of highly demanding services and applications in factory automation, autonomous driving, etc [START_REF] Li | 5G URLLC: Design Challenges and System Concepts[END_REF]. In addition to presenting the key performance indicators related to URLLC, namely reliability and latency, it should be note that resource usage is also not a simple matter, as it is still unclear how to efficiently utilize resources while maintaining reliable, low latency communications [START_REF] She | Radio Resource Management for Ultra-Reliable and Low-Latency Communications[END_REF]. Given the requirements for delay and reliability, two approaches can activate available resources for the communication. On the one hand, reactive strategies activate additional resources on demand, which allows for efficient resource utilization, but significantly increases latency, as the demand for additional resources is not instantaneous. On the other hand, the proactive approach is proposed to systematically apply additional resources to stretch the latency below the deadline and it usually activates for the worst case with a margin. As a result, this approach implies a high cost in terms of resource utilization, especially when worst-case impairments are very rare. Our goal is then to define the level of proactivity to apply, to cope with various scenarios, at the scheduling level, taking into account the trade-off between reliability, latency and resource efficiency. This study will help in the design of early decision maker, as patented in [START_REF] Maman | Procede et dispositif d'orchestration de l'execution de mecanismes dans un reseau sans fil[END_REF], dynamically adapting reactive-proactive modes required in dynamic scenario.

In order to highlight the importance of the above-mentioned trade-off for improving URLLC, we investigate the direct application of reactive and proactive strategies to the well-known Hybrid Automatic Repeat reQuest (HARQ) protocol. In a dynamic and rapidly changing environment, the implementation of HARQ protocol is a simple and effective method to ensure communication resiliency against deep channel fading that occurs unexpectedly during transmission and provides us with a good level of efficient resource utilization [START_REF] Shi | Analysis of HARQ-IR Over Time-Correlated Rayleigh Fading Channels[END_REF]. In the usual reactive HARQ scheme, retransmission (RTX) is triggered as soon as the sender receives the negative acknowledgement (NACK) from the receiver. Thus all allocated resources are used efficiently at the cost of a long Round Trip Time (RTT) trigger if many RTXs are required. In the literature, adaptation of the HARQ strategy is usually achieved by adapting the modulation and coding scheme [START_REF] Pfletschinger | Adaptive HARQ With Non-Binary Repetition Coding[END_REF], the transmission power [START_REF] Jabi | Energy Efficiency of Adaptive HARQ[END_REF] and the maximum number of RTXs [START_REF] Mukhtar | Content-aware and occupancy-based hybrid ARQ for video transmission[END_REF] but rarely at the RTX scheduler level. A K-repetition scheme [START_REF] Le | An Overview of Physical Layer Design for Ultra-Reliable Low-Latency Communications in 3GPP Releases 15, 16, and 17[END_REF] and a proactive scheme with early termination [START_REF] Liu | Analyzing Grant-Free Access for URLLC Service[END_REF] have been proposed, allowing for a number of redundant retransmissions upon receipt of the acknowledgment by the sender. By doing so, one can opportunistically decode the packet at the receiver in a shorter time at the expense of inefficient resource usage [START_REF] Jacobsen | System Level Analysis of Uplink Grant-Free Transmission for URLLC[END_REF]. However, the adaptation of HARQ strategies at the scheduling level in dynamic scenarios is limited in current research.

The contributions of this paper are as follows: (1) We show how proactive resource scheduling can be included in the regular HARQ procedure, validating the implementation before a real experiment. [START_REF] She | Radio Resource Management for Ultra-Reliable and Low-Latency Communications[END_REF] We consider end-to-end performance by developing a system-level simulator based on NS-3 [START_REF] Patriciello | An E2E simulator for 5G NR networks[END_REF] applying to the 5G New Radio (NR). This simulator handles several HARQ processes and measures the latency between the transmitter Radio Link Control (RLC) layer and the receiver RLC layer assuming that the transmission buffer size is infinite. We therefore consider both the queuing latency at the scheduler (due to reactive/proactive approaches) and (re)transmission latency (i.e. PHY/MAC). (3) We highlight the crucial importance of proactive HARQ adaptation for enhancing the reliability, latency and resource efficiency tradeoff in dynamic scenarios. We consider several levels of proactivity, different traffic rates and channel conditions. The results of this study pave the way for the design of an online decision maker framework enabling to dynamically choose the appropriate level of proactivity based on the network state [START_REF] Dinh | Toward URLLC with Proactive HARQ Adaptation[END_REF].

The remainder of the paper is organized as follows: Section II presents a detailed scenario setup where PHY and MAC layer are fully described. Then, Section III formulates the problem. In Section IV, the simulation results demonstrate the performance of the system and Section V concludes the paper.

II. SYSTEM MODEL A. Scenario Description

The network contains 1 gNb and 1 UE at a fixed distance d. It is assumed that a downlink (DL) traffic is generated by a remote host located near the gNb with an arrival rate of λ and a packet size of L Bytes. Given the slot duration t s , the amount of traffic that fills the buffer at each slot n is A(n) = λ.L.t s . In order to improve the diversity order of the communication, U tx = M BS × N BS antennas and S rx = M U E × N U E antennas are installed at the gNB and UE, respectively.

The performance of the system is evaluated for an Indoor Factory-sparse clutter scenario (InF-SL) modeled according to the 3GPP technical report [START_REF]Study on channel model for frequencies from 0.5 to 100 GHz[END_REF]. This model clarifies the channel behaviours based on antenna modeling, slow-fading factors such as shadowing, propagation loss and fast-fading factors due to multi path. Initially, the propagation loss is calculated based on whether the path is in visibility or not (LOS or NLOS) and can be derived as follows:

P L LOS (d) = 31.84+21.50×log 10 (d)+19.00×log 10 (f c ) (1) P L N LOS (d) = 33+25.50×log 10 (d)+20.00×log 10 (f c ) (2)
According to the channel statistics, the probability of LOS communication P r LOS between the transmitter and receiver can be derived as follows:

P r LOS = e d×ln(1-r) d clutter (3)
where d is the 2D distance, d clutter = 10 is the typical clutter size in meter and r = 0.3 is the clutter density which provides the statistical knowledge of the Indoor factory environment.

In this study, the position between the gNB and the UE is fixed, so the shadowing effect is negligible. Concerning the fast fading model, the sub-channel between the gNB antenna u and the UE antenna s is modeled by channel impulse response H u,s (t, τ ). Then, the MIMO channel matrix at transmission slot n e.g., H n is formed by the superposition of single subchannels [H u,s (t, τ )] which were described in [START_REF]Study on channel model for frequencies from 0.5 to 100 GHz[END_REF]. In this paper, we also consider the scenario where the channel fading is too fast to apply instantaneous channel quality feedback to the transmitter, resulting in the transmitter has little knowledge of the channel statistics or only having the outdated delay versions of the feedback.

B. MAC configurations

In our study, HARQ -Incremental Redundancy (IR) is assumed. Each RTX contains different coded bits than the previous RTX. The quality of data transmission over different Resource Blocks (RBs) is modeled using Effective Exponential SINR Mapping (EESM) method in which a single effective signal-to-noise ratio SINR ef f is combined from individual SINR received from individual RBs. In HARQ-IR, the SINR r ef f after r RTXs is derived as follows [START_REF] Lagen | New Radio Physical Layer Abstraction for System-Level Simulations of 5G Networks[END_REF]:

SINR r ef f = -β × log( 1 |ω| × x∈ω e - SINRx,r +SINR r-1 ef f β ) (4)
where SINR r-1 ef f is the effective SINR after the previous RTX, i.e., r -1 retransmissions, SINR x,r is the SINR experienced by the x-th RB in the r-th RTX, and ω is the set of RBs. The value of β depends on the MCS selection.

Afterwards, the BLER of a MAC-layer transport block (TBLER) as a function of the radio channel, the link-to-system mapping (L2SM) method was exploited for the system level simulation. In doing so, a SINR-BLER lookup table can be used for the calculation of the TBLER with respect to the MCS selection m associated with LDPC coding that corresponds to multiple lifting sizes following the 3GPP specifications in [START_REF]Multiplexing and channel coding[END_REF].

In terms of MAC procedure, the communication between the gNB and the UE is done on a slot basis, where the slot duration t s is preconfigured by selecting the numerology (N um). The TDMA-based scheduler is capable of reserving a maximum of 12 OFDM data symbols in a slot, depending on the state of the transmission buffer queue. Based on the number of OFDM symbols allocated to users in a single slot (1 ≤ N OF DM ≤ 12), as well as the choice of MCS m, the numerology N um, the bandwidth BW , the Transport Block Size TBS(m) is defined as follows:

TBS(m) = N OF DM × BW 2 N um × SCS(N um) × M (m) 8 × CR(m) (5)
where SCS(N um) is the sub-carrier spacing at the numerology N um, M (m), CR(m) are the modulation order and code rate of the selected MCS m, respectively. These values are given in Table 5.1.3.1 of 3GPP TS 38.214 [START_REF]Physical layer procedures for data[END_REF].

In order to prepare for data transmission, a delay of a slots is configured at the scheduler to put the data over-the-air. At the receiver, the packet is considered corrupted if the TBLER is greater than a reliability constraint given by a target error t i.e, the actual SINR r ef f received after RTX r is less than a target SINR t . In this case, the NACK will be returned to the sender after a delay of b slots. Basically, depending on the channel statistics and the selected MCS m, the probability of a packet being successfully received after r RTXs is:

P s (m, r) = P(SINR r ef f ≥ SINR t ) (6) 
Concerning the length of transmission buffer queue, the accumulated data in the transmission buffer queue until time slot n + 1 is determined as follows:

Q(n + 1) = Q(n) + A(n) - n+1 i=0 1 × TBS(m) (7) 
where Q(n) and A(n) are the queue state and the arrival event at time slot n, respectively. For the departure event, a quantity of transport block size TBS(m) will be served to current slot when it received an ACK feedback.

For the queue stability condition, the departure rate (D) must be greater than or equal to the arrival rate (A) to avoid buffer overflow. Assuming that out of N time slots, there are N 1 slot(s) (N 1 ≤ N ) that do not have an ongoing NACK feedback, the queue stability condition can be expressed as follows:

E(A) E(D) = lim N →∞ N × L × λ × t s N 1 × TBS(m) ≤ 1 (8) 
Equation 8 shows that either N 1 or TBS(m) must be large enough to prevent an adverse queue delay that is greater than the target delay. This equation also shows the trade-off between packet latency and reliability when running RTX. By triggering HARQ protocol in the current slot, we can improve the communication reliability at the cost of increasing the queue delay caused by the departure process to zero.

III. PROBLEM FORMULATION In this section, we make a tradeoff between end-to-end latency and resource usage when the R-parallel RTXs scheme is applied. By opportunistically triggering retransmissions before their feedback, the corrupted packet can be recovered faster than the classical approach i.e, the over-the-air latency L c of the transmitted packet is shortened. On the other hand, the protocol has to reserve unnecessary slots to retransmit the already decoded message, which results in low resource utilization. We formulate the optimization problem to find an optimal R-parallel RTXs scheme that reduces the end-to-end latency L e2e and guarantees good resource usage, as follows:

min R E( L e2e η R,ef f ) = min R E( L c (R) + L q (Q) η R,ef f ) s.t. R ∈ [0, 1, ..., R max ] E(A) E(D) ≤ 1 (9) 
We defined the resource efficiency η R.ef f as the ratio of resources required to accomplish packet transmission to those provided. The end-to-end delay L e2e of the generated packets consists of two main parts, namely the queuing delay at the transmission buffer L q and the over-the-air delay L c which includes the retransmission process.

Figure 1 depicts the DL HARQ scheme in which reactive single retransmission (R = 1) and proactive parallel retransmission (R = 3) are compared. The details of how the corrupted packet is resent in these 2 different cases are revealed below. The classical HARQ procedure corresponds to a reactive retransmission procedure (i.e. R = 1). Figure 1A depicts DL data flow from an application server, which is close to the gNB, and the UL feedback from the UE side. The procedure of reactive HARQ can be divided into several steps:

• Step 1: Data packets are generated periodically at the application layer with a size of L bytes and are queued in the gNb transmission buffer. • Step 4: The UE feedback is acquired by gNb. A NACK feedback triggers a retransmission of the corrupted TB (RV=1) that was previously recorded with the sender. From there, steps 2 and 3 can be repeated until the maximum number of allowed RTXs is reached or the packet is successfully received by the receiver (e.g., RV=2 as shown in Figure 1A). In contrast, an ACK gives the scheduler the opportunity to collect new TBs from the queue and repeat step 1.

Based on the statistic of the probability that the packet is successfully decoded after being retransmitted r times with a given MCS m e.g P s (m, r), the average latency L c,r of reactive HARQ is given as follows:

L c,r = P s (m, 0) × a × t s + Kmax r=1 P s (m, r) × r × T × t s ( 10 
)
where T = a + b + 1 refers to the RTT of the retransmission.

Since the receiver requires retransmission of the error packet after receiving the NACK, resource efficiency is always guaranteed, η R.ef f = 1 (i.e., the number of resources requested to accomplish the retransmission is equal to those allocated).

B. R-Parallel HARQ (R > 1)

R-Parallel HARQ deviates from the last step of regular reactive HARQ as follows:

• Step 4': Once NACK is acquired at the sender, instead of systematically retransmitting the single corrupted TB, multiple TBs is scheduled consecutively in adjacent transmission slots. The level of redundancy R is determined by the decision maker taking into account that a higher value of R improves latency in exchange for resource efficiency and vice versa. This approach is illustrated in Figure 1B where R = 3 refers to the amount of resources the scheduler gives to the sender. In this case, instead of processing a single transmission, the receiver must process a stream of RTXs (RV=1,2,3) to generate their corresponding feedbacks. Again, these feedbacks must undergo a constant delay of b slots before reaching the gNb's scheduler. Since the first feedback is a NACK and the others are ACKs, a wasted RTX (RV=4) will be triggered before the scheduler realized that the packet has already been decoded at RV=2. Therefore, RV=3 and RV=4 are considered wasted resources. The resource efficiency can be derived as follows:

η R.ef f = Kmax r=1 r × P s (m, r) min{ Kmax r=1 r × P s (m, r) + R, K max } (11)
The underlying over-the-air latency in this HARQ scheme is based on many factors that take into account the redundancy level R chosen by the gNb scheduler and the over-the-air queue caused by the scheduler operation. In general, the sender opportunistically retransmits the corrupted packet R times in R consecutive slots and thus postpones the scheduling of others packets. In this case, the over-the-air latency is given by:

L c,p = P s (m, 0) × a × t s + E Kmax r=1 r+2 R ×T +(r+2)modR ×P s (m, r)×t s ( 12 
)
where a is the nearest integer less than or equal to a and mod is the modulo operator. This formulation consists of two parts: the average over-the-air latency of the initial transmission and the average latency of the RTXs. In the example shown in Figure 1B where a = 2, b = 4 (then T = 7) and R = 3, the distance in TTIs between the initial transmission (RV=0) and second retransmission (RV=2) is 8 slots.

IV. RESULTS AND DISCUSSION In this section, we evaluated the performance in terms of latency, reliability outage and resource efficiency, for different traffic rates and channel conditions. The simulation results are averaged over 10 random seeds. Latency is measured from the time the packet arrives in the RLC buffer of the gNB to the time it leaves the RLC buffer at the UE side, assuming that core network latency, signal processing latency and propagation delay are negligible. Each packet generated by a remote server has a fixed length of 60 Bytes. The arrival rates λ are 100 and 800 for low and high rate data generation, respectively. In terms of PHY/MAC configurations, the bandwidth of DL communications is 50 MHz in the sub-6GHz band (i.e. f c = 3.5GHz). The uniform linear array antenna designs are operated on the gNB and UE side, in which U tx = 8 × 4 and S rx = 4 × 4 antenna elements are equipped respectively. Since the gNb scheduler does not know the instantaneous link quality of the communication, a fixed transmission power P tx = 10 dBm is distributed equally among the transmitted antenna elements. Besides, a fixed MCS m = 5 with its corresponding spectral efficiency η S.ef f = 0.7402 and a code rate CR = 0.3701 are chosen according to [START_REF]Study on channel model for frequencies from 0.5 to 100 GHz[END_REF]. The numerology N um is set to 1 for the slot configuration. The TDMA-based scheduler takes a = 2 slots to prepare the data stored in the transmission buffer and push it to the air. Once the received payload is processed by the receiver, a delay b = 4 slots is required to send the feedback (ACK/NACK) to the transmitter. The TBLER target threshold is set to t = 1E -4. If this reliability requirement is not met before the maximum number of RTXs (i.e. K max = 10) is reached, the packet is considered lost. Finally, the performance is evaluated in a bad/good channel where the UE is placed far/near the gNb at the distance d = 150m and d = 100m, respectively. Table I summarizes the simulation parameters. Figure 2 shows the Complementary Distribution Function (CDF) of the latency for different HARQ schemes: classical (i.e. R = 1) and proactive (i.e. R > 1). In this case, a low application traffic rate is associated with a bad channel condition to perform DL communications between the gNB and the UE. Compared to the reactive approach (R = 1), a significant latency gain is achieved when a higher redundancy level R is set. By increasing R, the retransmission process will be accelerated by consecutively scheduling the radio resources for the retransmission and prior to the ACK/NACK reception. As a result, the delivery of the corrupted packets from the source to the destination is both reliably guaranteed and considerably faster than the classical method. To evaluate the impact of channel conditions and arrival traffic rates, Figure 3 plots the latency CDFs for a redundancy level R = 3. Under very good channel condition, a low traffic regime performs best compared to the other scenarios, as shown in particular by the probability of successful transmission on the first communication. When packets are generated by the application at very high rates, and a packet is undecodable at the receiver, the aggregation of queuing effects occurs at the transmit buffer and the radio at the same time, resulting in degraded system performance. In this regard, a poor channel condition or a high traffic rate scenario will severely prolong the overall packet transmission delay. Figure 4 shows the gain in latency and jitter as a function of the redundancy level R for different channel conditions and traffic rates. Latency and jitter are improved compared to the classical HARQ (R = 1) regardless of the channel condition and traffic generation behaviour. In low traffic mode, the increased redundancy further improves performance. In contrast, in high traffic mode, performance is optimized at a particular redundancy level before it becomes saturated and degrades. This is because queue aggregation causes buffer latency to increase and moderates the latency gain. Figure 5 shows the outage probability over latency (i.e. the latency required to reach an outage from 0.9 to 0.99999 with different R). It demonstrates how the latency gap is optimized to reach a more critical outage from a more relaxed outage by increasing R. In general, the cost to reach to critical outages in the R-parallel RTX scenarios is lower than the classical method (R = 1). The benefit of significantly reduced outage is clearly demonstrated in the low traffic regime where latency outages continue to decrease as R increases. For high traffic, the latency required is less expensive than reactive HARQ (R = 1) and starts increasing after an optimal value of R. Regarding resource efficiency, we observe a significant decrease when switching from a reactive (R = 1) to a proactive (R > 1) strategy. In particular for R = 2, the resource efficiency is reduced to about 0.64 and 0.59 for the bad and good channel, respectively. This couple of values continues to decrease to (0.5, 0.43), (0.4, 0.36) and (0.32, 0.26) for R = 3, R = 4 and R = 5 accordingly. When the channel condition is good, proactively enabling additional RTXs often results in redundancy of allocated resources. Thus, we are more likely to cause unnecessary resource allocation and efficiency reduction.

V. CONCLUSION In this study, we focused on different scheduling strategies of HARQ retransmissions for URLLC in a system level sim-ulator. We proposed some deviations of HARQ procedure and evaluated the tradeoff between reliability, latency and resource efficiency by comparing the performance of reactive HARQ and proactive HARQ as a function of traffic source rates and channel conditions. This studies clarified the correlation between traffic source rate and PHY/MAC configurations to serve the data over the air in a highly dynamic channel and highlighted the aforementioned tradeoff by analyzing the application of different redundancy levels to retransmit corrupted packets in a classical or R-parallel manner. This study has been extended to dynamic redundancy adaptation based on the current network state to aim for optimal system performance and we are currently implementing it for real experimentation with OpenAirInterface.
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