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Abstract: The fifth generation (5G)'s ultra-Low Latency (LL) supports a wide range of WSN applications, including 

augmented reality, telepathy, and robots, and autopilots.  Achieving ultra-LL takes time and involves significant 

advancements in technologies for communication and network architecture.  Two distinct evolutionary viewpoints are 

included in this paper's evolutionary review of LL in mobile communication systems: 1) Internet design; 2) Air interfacing 

technology at the physical layer. In order to reduce LL, we first provide a detailed description of the development of 

message network design from the second generation 2G to 5G, emphasizing the important elements.  Additionally, we 

examine how important physical layer supporting technologies have changed from 2G to 5G, which likewise aims to 

lower latency.  To accurately predict the wireless latency of each packet as soon as it reaches the wireless Access Point 

(AP), it is suggested in this work to develop a Fortune Teller (FT).  
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1. INTRODUCTION 
 

To serve new use cases like manufacturing automation, electric power plants, intelligent conveyance systems, and distant 

surgical procedures in wireless access networks, it is now crucial to maintain high dependability while minimizing LL [1, 2, 

3].  Providers with lower capacity unit lengths and timeliness may be commonly taken into consideration for the airborne 

interface to meet LL communications requirements.  Eliminating the resource allocation unit, for example, is suggested in the 

3rd Generation Partnership Project (3GPP) Long-Term Evolution (LTE) [4] to lower the rate of transfer delay in WSN. 

Although 3GPP LTE [5] only allows one subcarrier spacing [6] offers lower resource unit durations (e.g., 7, 4, and 2 OFDM 

signals) and broader SCSs.  To accommodate features that necessitate LL interactions, such as rapid access with intermittent 

and brief data transmissions, it also allows the system to reduce latency between the transmitter and the recipient.  Furthermore, 

methods for fast downlink access [7–12] are being researched to lower signaling overhead, including grant and query 

processing. An upstream permission free broadcasting strategy was proposed by D. Malak et al. [7] that permits each device, 

i.e., Mobile Station (MS), to send out an attachment in shared assets under a specified time restriction. A device can transmit 

during a slot over a randomly chosen bin for a given transmission attempt. If the transmission is not successful based on the 

handshake of each transmission and its feedback, the device can retransmit within a given time constraint. Abebe and Kang [8] 

studied a grant-free Random Access (RA) arrangement retaining a compressive sensing idea, by execution synchronization, 

channel estimate, and single-shot recognition of users and data identification (also known as multi-user detection).  Therefore, 

it is possible to move the dormancy of the process to appeal and give the signal to the uplink.  By permitting an outside station 

to send a brief packet along with the RA preamble (RAP) deprived of first synchronizing with the network, Kim and Bang [9] 

developed a one-shot RA process.  Furthermore, unlike the compressible detection method in [8], RAPs can be employed for 

data detection, identification of users, bandwidth calculation, and synchronization.  According to the simulation's outcome, 

reducing the likelihood of collisions is one of the key elements in raising the RA procedure's completion rate. Through taking 

use of the channel stiffening and advantageous transmission properties of huge MIMO networks, Bai et al. [10] presented grant-

free RA with solution of prelude collision for enormous access.  Therefore, Successive Interference Cancellation (SIC) methods 

can be used to recuperate the colliding signals produced at the base station (BS), which can be thought of as a version of 

combination modulation.  UL grant-free communications were proposed by Zhou et al. [11] using a jointly owned resource 
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pool as well as dedicated power modules that are semi-statically allocated to grant-free transmits with duplicates.  In order to 

prevent user collisions, each user allocates those commodity units using a distinct oscillation pattern.  By reducing the lengthy 

Hybrid Automatic Repeat Request (HARQ) duration (RTT) of recurrent transmissions, Kim et al. [12] suggested a packet-by-

packet concurrently processing method.  Furthermore, the mathematical framework and analysis of wireless access networks' 

transmission latency performance are also investigated.  Additionally, methods based on ML [13,14] have gained popularity 

lately especially for avoiding overload while dealing with URLLC limitations. In [13], a trajectory similarity estimation-based 

intent-aware task-offloading technique is presented to minimize the task-offloading failure caused by the incorrect prediction 

while preserving the URLLC limit.  By modifying the URLLC understanding, i.e., abuse heavy objects of queue backlog, 

obligated infractions likelihood, long-term time-average conditioned mean, and next moment of excess value, a long-term ideal 

task-offload method solely centered on local data is proposed in [14], which aims to ensure achievement with a constrained 

variations subjected to the permanent URLLC barriers. Few studies have addressed ways to prevent needless stages (i.e., tasks) 

throughout a process (specifically, an RA procedure) because of the failure of certain stages, such as RAP collision and RA 

response (RAR) disappointment, although earlier works provide LL communications.  Stated differently, the MS will carry out 

the RA process from the start (i.e., RAP transfer) in the event of heavy traffic and unfavorable WSN conditions 

 

2. MECHANISMS OF LATENCY 
 

To effectively address LL, it is critical to comprehend how delay is generated and composed.  Generally speaking, there are 

two components to reducing network latency: 

  

 control plane latency.  

 user plane latency. 

  

Control plane latency is the amount of time it takes for an application to go from an idle to a linked state, and user plane delay 

is the amount of time it takes for an IP message to go from a computer to the program's server and back. While control plane 

delays mostly affect channel changing, user plane slowness largely dictates how users use network amenities, hence LL 

communication is more user sector oriented. Air interface, carrying network, main the internet, and public data network 

(PDN)/Internet are some of the elements that make up the consumer's aircraft latency in terms of the network design.  Equation 

(1) can be utilized to convey the overall bidirectional transmission latency, as seen in Figure 1. 

T = TR + TB + TC + TP 

were, 

 TR is the lag between the user fatal and the network for radio admission. The air interface latency, which is mostly 

influenced by physical layer transfer, is another name for this portion of the latency. 

 TB is the transmission latency on the bearing/backhaul system that supports the link between the core system and the 

PDN as well as between the radio entree net and the core network. 

 TC is the lag in operations within the core network. Mobility leadership, bearer control, governance of security, and 

network address assignment for individuals are all included in the procedure. 

 TP is the delay of satisfied distribution for PDN to set up default carriers and process requests.  

 It goes without saying that the E2E latency, or 2 × T, is almost twice as lengthy as the above delay. Equation (2) 

shows that the physical layer broadcast latency, which is the primary component of, Trade, may be separated into five 

different parts. 

TPL = Tque + Tttt + Tproc + Tprop + Tretr (2) 

Were, 

Torque is the Standing in line inexpression is the amount of time that the present packet must wait for the prior payload's delivery 

to finish.  The quantity of packets that arrive ahead of time and wait to be transmitted to the link determines the line up latency 

of a specific packet.  The data packet's queuing delay is zero if the queue is complete and no more packets are being processed 

sent at the moment. 

Tttt is the the amount of time required to send every bit of a data packet to the link—from the initial bit to the last bit—is known 

as the delay-to-transmission latency. 

Torok is the processing delay, such as data and control multiplication, panicking, rate matching, demodulation and modulation, 

station inter-leaving, channel calculation, decoding and coding, and layer mapping. These rely on the computing power of base 

stations and user terminals in addition to the outer layer of technology. 
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Prop is the the time obligatory for radio waves to portable a specific distance over a channel is known as their propagation 

latency. 

Terr is the bandwidth delay.  Packet loss, which necessitates retransmission, can be readily caused by the low reliability of the 

network. 

The total delay on multi-segment paths is known as E2E latency.  Only by enhancing a local latency can it meet the strict 

latency criterion of 1 Ms.  As a result, a number of naturally merged solutions are needed to achieve 5G ultra-LL.  On the one 

hand, in order to sink content suppliers and flatten the overall network structure, progressive modifications in network design 

are required.  However, in order to significantly lower the physical layer's communication delay, the air connection must be 

rebuilt.  It will take time and sustained effort to realize the goal of lowering delay. 

 

FIGURE 1. The network building from 2G to 5G 

3. FORTUNE TELLER (FT) 

Predicting when the message will reach the client—that is, the future delay it's going to encounter—is known as "telling the 

fortune of the packet." A delay like this in a WSN can be separated into two distinct components, such as Queuing delay: The 

fundamental driver is responsible for the delay in the network layer between the packet's arrival at the AP and its departure 

from the buffer. Transmission delay: The delay in the connection layer that occurs between when the packet is sent to the 

wireless driver and when it reaches the receiver. We then go over how to forecast these two lags in real time. 
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 Queuing Delay Prediction 

RTC traffic bursty packet arrival. The wireless queue is rapidly filled by the sporadic RTC activity. Instead, then predicting the 

packet fortune on a regular basis, we have chosen to do so for every packet. By using the queue size that each packet observes 

as input, it is possible to record the latency variations inside a burst of RTC traffic. Bursty particle leaving the wireless channel. 

Transient anomalies in the dequeuing rate at the millisecond timescale are introduced by bursty packet leaving, which are 

readily averaged and so overlooked by the current slide window-based measures. We find that the duration of waiting for the 

package at the front of a queue (referred to as the front packet) is an immediately observable signal when the dequeuing rate is 

abruptly decreased. As the channel becomes crowded, for instance, packets that are at the start of the line must wait longer to 

have the possibility to be sent. As illustrated in Figure 2, we isolate the queue delay into two components: long-term queuing 

delay (Long) and short-term queuing delay (Short), because the reason for delay varies depending on whether the packet is at 

the starting point of the group or not. 

 

FIGURE 2. The FT will calculate various delay factors. 

There are two benefits to combining long-term and short-term queue delay prediction. In Figure 2, we provide an 

example to demonstrate the benefits. First, the ABW drop can be promptly detected with Short. Since the queue 

takes longer to fill up and the sliding screen causes the observed tax Rate to take time to drop, Long rises slowly 

as the ABW begins to decline. Instead, packages have to wait an extended time to send out, which could be 

instantly detected. As seen in 5-15ms in Figure 3, Short should predominate the rise in overall queuing delay, 

swiftly representing the ABW decline. Second, employing Long can offer a steady and reliable estimation of the 

waiting delay when the waiting list has previously created up. 

 

FIGURE 3. The responses of Long and Short to the ABW decrease at 5 MS 

 

The latency variation caused by wireless congestion and bursty RTC traffic is precisely addressed by Long, which is 

characterized as the delay between the arrival of the data packet and its position at the top of the queues.  Since Long is more 

influenced by queue motion, we might calculate it as the ratio of the present queue length to the average dequeuing rate.  The 

interval between when a packet is at the leading edge of the queue and when it is eventually dequeued is known as the short-

term processing delay.  Short has more to do with the connection layer transmission pattern. 
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4. TRANSMISSION DELAY PREDICTION 

 Because every packet's transmission delay is tied to the physical channels and fundamental wireless drivers, it is difficult 

to predict. Important functionality, such frames aggregating and bitrate choosing, are encoded in the components of the 

device and cannot be accessed from the AC CPU with substantial vendor engagement, particularly for high-performance 

wireless devices (like 802.11ax) [15]. Performance-critical functionality is hard-coded and unavailable in the Qualcomm 

Atheros the equipment, which is used by many Net gear routers. Consequently, it is challenging to predict the delivery 

delay of the wireless channel. We present the following delay in transmission measurements in accordance with [16]. 

Initially, like with all link layer protocols, the wireless channel should only transmit a single data unit. An 802.11 ascender, 

for instance, may combine many packets into a single data unit (also known as an amalgamated MPDU or AMPDU).  

However, since their signals will interfere with one another, several AMPDUs cannot be broadcast at the same time. As a 

result, wireless communication driver will combine numerous packets into a single AMPDU, send it out, and then wait for 

the AMPDU to acknowledge or time out. Second, the queue in the lowermost parts of the WSN stack has been revealed 

to the queue discipline due to recent efforts in the Linux mainline [17]. In this instance, the WSN stack's lower layer queue 

is only utilized to combine multiple messages into a link layer message.  As a result, as seen in Figure 2, the median amount 

of time between packet exits from a network layer queue is used to compute the transmission delay TX, which has a 

window comparable to the TX Rate. To ensure that packets are continually determined, the window that moves should be 

sufficiently large to accommodate at least two sender spurts. It should be noted that we do not compute the intervals that 

are smaller than one millisecond because several packets may be consolidated and dequeued at the same time. 

 

5. IMPLEMENTATION 
 

We use a streamlined video encoder and decoder in our simulation, based on WebRTC standard implementations. We include 

enhanced CCAs and AQMs specified in §7.2, in addition to the RTP/RTCP and TCP networking stack. We use Zhuge for 

simulation and build wireless queues at the network and connection layers. Given that our video feed is at 25 frames per second, 

we have the FT and Input Updater's window of opportunity set to 40 milliseconds. We use Openwork, an open-source OS for 

embedded network devices, to implement Zhuge for testbed experimentation. The FT and Feedback Updater are Openwork 

user-space capabilities that examine and alter packets using packet connections. By comparing the target RTC flows' IP with a 

list of adjustable IP addresses kept in Zhuge, we are able to determine them. For evaluations of performance, we utilize a Net 

gear WNDR3800 router which enables Wi-Fi 802.11n and operates Openwork. 

 

 

FIGURE 4.  Results of trace-driven imitations over RTP/RTCP 
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FIGURE 5. Results of trace driven simulations over TCP 

 
 

FIGURE 6. Delay distributions of Zhuge and different base lines over RTP/RTCP 

To assess Zhuge's app efficiency and tails delay under actual wireless evidence, we simulate using NS-3. We test Zhuge across 

RTP/RTCP and TCP, simulating the congestion connection in NS-3 with five samples. For RTP/RTCP, Zhuge continually 
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achieves low latency and surpasses all baselines in all tracks, as shown in Figure 4. In particular, Zhuge was able to lower the 

long-term network RTT ratio by 45 to 75 percent in relation to the optimal baseline. To have a better understanding of Zhuge's 

optimization, we also show the RTP/RTCP thorough results based on trace W1 (Wi-Fi) and C1 (cellular) in Figure 6. Zhuge 

might surpass other AP-based solutions (Copa+FastAck) while achieving comparable outcomes with end-AP coordinating 

solution (ABC) in every trace for TCP as an entirely AP-based approach as Figure 5 illustrates. 

 

6. CONCLUSION 

On the one hand, we may make a few assumptions about the development of the networking architecture with the goal to attain 

LL: 1) less network units, indicating a flat design; 2) Data and indicating control for transmission is slowly shifting from 

equipment to software, or software; 3) useful entities are continuing to sink earlier to platforms; 4) network bearers 

progressively combined (all-optical and all-IP); 5) networking components are slowly changing from object to electronic unit, 

or the virtualization process. However, the development of physical layer technology allows us to make the following 

deductions: 6) programming mode is more adaptable and variable, no longer universal; 7) numerous access methods and 

modulation techniques tend to have more temperatures and greater magnitudes to accomplish huge relationships and thus 

decrease column latency; 8) scheduling techniques are getting more efficient, achieving even dispatch-free dissemination; 9) 

TTI keeps improving to achieve LL in a smaller packet delivery mode; 10) The carrier frequency increases while the cell size 

decreases. Zhuge uses the Fortune Teller to anticipate each packet's fortune upon arrival, and the Feedback Updater to promptly 

inform the sender of these fortunes across a range of protocols. We assess Zhuge's performance using both testbed deployments 

and real-world trace-driven simulations. According to experiments, Zhuge may reduce RTC application performance 

deterioration and the tail of lengthy latency by 17%to95% in various conditions. 
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