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Abstract 
 
This paper presents a study of efficient data transfer over WLAN using CSFQ technique .CSFQ is queuing technique that proposes the efficient 
method for data transfer over WLAN .In this paper average end to end delay, average packet delivery fraction ratio,average throughtput is 
specified .A comparison of simulation results with the previous results of data transfer over WLAN makes the proposed results efficient than 
earlier results. 
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I. Introduction 

 

IEEE 802.11 is set of media access control (MAC) and physical layer specification for implementing wireless local area network 

computer communication in the 2.4, 3.6,5 and 60 Ghz frequency bands .IEEE 802.11 WLAN standard a being accepted widely 

and rapidly for many different environments today. They are created and maintained by IEEE LAN/MAN standard committee. 

The family consist of a series half duplex over the air techniques that use the same protocol. The most popular are 802.11b and 

802.11g use the 2.4 GHz because of this choice of frequency band, both may occasionally suffer interference from microwave 

ovens, Bluetooth devices IEEE802.11 network can be configured in two different modes. 

• In Adhoc mode, all stations with in the communicate range can communicate directly with each other.  

• In Infrastructure mode, access point is needed to connect all stations to the distributed system and each station can 

communicate with other stations through AP.  

 

 

II QOS (Quality of Services) 

 

Quality of Service (QoS) is the quality a user or customer can expect from a given service. Also QoS is defined as the proficiency 

of a network element to furnish some degree of commitment for congenial network data delivery. In other words, QoS means, 

satisfying customer application requirements, providing a network that is transparent to its users. QoS does not generate 

bandwidth. Instead it only administers the bandwidth according to the application demands and network management settings. 

• Latency - the time from a packet is sent until it is received at another point. Response time is another term concerning 

latency, and refers to the round-trip time, i.e. twice the latency. For IP telephony, this is a very important factor.  

• Jitter (timing jitter) – timing variations from an ideal position in time, caused by packets arriving either out of order or at 

an inconsistent rate. This is particularly damaging in multimedia applications where timing inconsistencies of the data 

may be viewable as shaky images in real-time video applications.  

• Throughput - the amount of data transferred between two given nodes during a given amount of time. This reflects the 

bandwidth of the network and is a significant factor to QoS for e.g. videoconferences.  
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III. Queuing And Scheduling 
 

A queue is a buffer for packets. A router may have one or more queues. The scheduler determines which packet to send from the 

available queues. Queuing and scheduling are sometimes dependent on each other, so they are treated side-by-side in this section. 

Queuing can be divided into four basic activities according to  

 

 

• Adding a packet to the correct queue. The queue to add the packet to is determined during the classification stage. 

• Dropping a packet if the queue becomes full.  

• Removing a packet if requested by the scheduler.  

IV. Queue Management 

 

Queue management defines the policy which packets are dropped in the case of congestion. A router must drop packets when its 

buffers are all full. This fact does not determine which packet should be dropped, and this is not an easy decision, since dropping 

the arriving packet may cause undesired behavior. In the context of today's Internet, with TCP operating over a Best Effort 

service, dropping a packet is taken by TCP as a signal of congestion and causes it to reduce its load on the network. Thus, picking 

a packet to drop is the same as picking a source to throttle. This simple relation suggests that a dropping control should be 

implemented in the router to improve congestion control. 

 

 

V. Literature Survey 
 

Abdirisaq Mohammed Jama et al. (2013) presented a study of an enhanced distributed channel access method (EDCA) in the 

IEEE802.11e standard and enhanced protocol the protocol is evaluated under different network loads for real time applications 

using MPEG-4 video traffic and then compared with the earlier legacy IEEE802.11 DCF access method. 

Hossein Bobarshad et al. (2012) described an analytical modeling for delay-sensitive video over WLAN. In this paper, I have 

studied Three analytical models are examined and it is shown that M/M/1 model is quite  an adequate model for analyzing delay-

limited applications such as live video transmission over WLAN. Finally, we used M/M/1 queuing to introduce a new adaptive 

retry-limit algorithm for enhancing delay-sensitive video quality over IEEE 802.11 WLANs. 

Yan Ga et al. (2011)  described a Feasibility and Optimization of Delay Guarantees for Non-homogeneous Flows in EEE 

802.11WLANs. In this paper I have studied a simple but accurate enough analytical model for predicting queuing delay in non-

homogeneous random access based WLANs. This leads to tractable solutions for meeting queuing delay specifications of a 

number of flaws. Using this model, we address the feasibility problem of whether the mean delays required by a set of inelastic 

flows can be guaranteed in WLANs. Based on the model and feasibility analysis, we further develop an optimization technique to 

minimize the delay for inelastic flows. 

Lee et al. (2007)  presented a scheme called Extended Deficit Round Robin that was a combination of hop-by-hop credit based 

flow control with a modified version of Deficit Round Robin scheduling to achieve network wide max-min fair share. Deficit 

Round Robin scheduling had been proposed in to alleviate the problem of unequal sharing. EDRR was the first scheme that 

combines DRR with hop-by-hop credit based flow control. EDRR did not suffer from unfairness caused by variable packet 

lengths and was not affected by the underlying quantum value used for DRR scheduling.  

Popovici et al. (2007)  analyzed the different aspects of coding Schemes impact on network load and voice quality. In this paper 

the impact of speech coding scheme on network utilization and voice quality for voice-over-IP (VoIP) applications over QoS-

aware networks was discussed. Based on simulation results, different aspects of the coding schemes impact on network load and 

voice quality are revealed and some ways to exploit them for a better network utilization and QoS improvement are discussed.  

P. Raptis et al. (2006) described a Delay Distribution Analysis of IEEE 802.11with Variable Packet Length. In this paper a novel 

method to compute the delay distribution of IEEE 802.11 Distributed Coordination Function (DCF) for a WLAN is developed 

where the stations transmit packets of variable length. It can be concluded that the probability that a packet (of any length) will be 

successfully transmitted for a given delay value (the packet lengths are taken from a given distribution). The model is accurate as 

there is a good match between the simulation and analytical results.  
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Zi-Tsan Chou et al. (2006) described a New Point Coordination Function With QoS and Power Management for Multimedia 

Over Wireless LANs. In this paper, we propose a new novel polling-base medium access control protocol, named UPCF (Unified 

Point Coordination Function), to provide power conservation and quality-of-service (QoS) guarantees for multimedia applications 

over wireless local area networks. Specifically, UPCF has the following attractive features. First, it supports multiple priority 

levels and guarantees that high-priority stations always join the polling list earlier than low-priority stations. Second, it provides a 

fast reservation scheme such that associated stations with real-time traffic can get on the polling list in bounded time. 

Sulaiman et al. (2006)  presented an analytical study on Voice over Internet Protocol (VoIP) performance in a third generation 

(3G) network evaluated under certain IP conditions. The delay was analyzed using different types of coding schemes to estimate 

the actual voice packet arrival as traffic sources are very bursty in nature. A model was simulated for different value of packet 

arrival rate and different types of encoder. The simulation results match to the theoretical model and it also indicated that encoder 

types have an impact on the system performance. The stability of a system was also affected by the rate of voice traffic. 

Le et al. (2006) presented Active queue management (AQM) in routers that has been proposed as a solution to some of the 

scalability issues associated with TCP’s pure end-to-end approach to congestion control. In this paper an alternate approach, 

called loss and queuing delay (LQD) controller, that enabled a more flexible framework in managing routers’ resources. LQD 

allowed the balancing queuing delay and loss rate at a router to improve network and application performance. Within this 

framework, LQD obtained a low loss rate by allowing routers’ queue to grow temporarily when transient congestion 

occurred. When congestion was persistent, LQD controlled router queues by increasing the packet loss rate appropriately. 

Salami et al. (2006)  discussed the two basic queuing strategies in routers are Output Queuing (OQ) and Input Queuing (IQ). OQ 

guarantees QoS and gives optimal through put but it was not scalable. This paper proposed a Multistage Queuing and Scheduling 

strategy in which VOQ (virtual output queue) was implemented at the input ports and OQ at the output ports of the router. The 

scheduling algorithm for the VOQ presented in this paper was an Iterative Probabilistic Scheduling.  

Gospodinov (2004)  discussed the effect of different queuing disciplines over FTP, video and VoIP performance using OPNET 

and analyzed that Applications that were sensitive and affected of delay and jitter of information, such as video and voice, need 

small queues in the routers. Small queues reduced delays, which was essential for real-time traffic. Non-real-time traffic such as 

electronic mail, file transfers, and backups must be serviced by large queue router architectures. The Priority and Weighted-fair 

queues were the most appropriate scheduling schemes for the handling of voice traffic. The loss of IP data packets in Priority 

queue discipline was less than FIFO queue. In the Weighted-fair queue discipline there was not the loss of IP data packets. 

 

  

VI. Core Stateless Fair Queuing (CSFQ) 
 

CSFQ (Core Stateless fair Queuing) is a Queuing Technique used to achieve fair bandwidth allocation using differential packet 

dropping. The CSFQ architecture differentiates between ‘edge’ and ‘core’ nodes. The edge nodes performs per flow management, 

core nodes do not perform per flow management and therefore can be efficiently implemented at high speeds. The main objective 

of CSFQ is to achieve fair bandwidth allocation with a simpler and more scalable approach. 

 

VII. Algorithm 
 

The design of algorithm works in three steps. Flow arrival rate estimation algorithm, fair rate estimation algorithm and packet 

dropping algorithm. 

Step 1: Flow arrival rate estimation  

Input: Packet with arrival rate r (t) 

Output: Packet processed 

   BEGIN 

 Prompt edge router for start of processing 

 Packets start arriving at edge routers 

 Arrival rate for each packet is calculated 

I A label is assigned to each router 

   END 

Step 2: Fair rate estimation 

   BEGIN 

 Core router having N number of packets calculates for fair share rate 

   END 

Step 3: Packet dropping 
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   BEGIN 

     Fair share rate is compared with packet arrival rate 

 If 

Packet rate < fair share rate 

  Packet is processed and bandwidth is allocated to it 

 Else 

  Packet is dropped 

   END 

 

VIII. Flowchart 

 

 

 

IX. Result & Discussions 

 

Technique Average end to 

end delay(ms) 

Average packet 

delivery fraction 

ratio (%) 

Average through 

put in kbps 

proposed 19.21 0.95 357.22 

earlier 80.6 0.71 347.85 

 

Graphical comparison: 
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Packet delivery fraction comparison: 

 

 
 

Throughput Comparison: 

 

 
 

X. Conclusions 

 
• Throughput or network throughput: The average rate of successful message delivery over a communication channel. The 

throughput data packet is higher using CSFQ technique.  

• Average end-to-end delay of data packets: The average end-to-end delay of packet delivery is less for proposed 

technique.  
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• Packet Delivery Fraction: The delivery fraction is higher for proposed technique.  
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XII. Future Scope 
 
“There always exists a scope for improvement.” This work is still required to carefully examine. It is mandatory that in future the 

QoS (Quality of Service) for the queuing disciplines can be studied and implemented. 


