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Abstract: We present a statistical analysis of the IEEE 802.11 MAC service time. Our analysis 
complements the results from mathematical models, which focus on the mean delay. The 
location analysis shows that the service time’s distribution is skewed: the mean is always larger 
than the median, and the mode is always the smallest. A deeper analysis of the mean illustrates 
its dependence on the number of stations in the cell, the offered load, the packet size and the bit 
rate. The analysis of variability includes the coefficient of variation of the service time and its 
cumulative distribution function. The high variability found indicates that the 95-percentile of 
the service time may be a more meaningful measure than the mean. Finally, the analysis of 
correlation demonstrates that the service time of a packet is not predictable from the service 
time of previous packets.  
Keywords: IEEE 802.11 MAC, service time, analysis. 

1. INTRODUCTION 

Information about the expected delay in communication networks is vital for most 
applications. Interactive multimedia require a limited end-to-end delay to reach acceptable 
quality levels. Streaming of multimedia contents uses delay measurements to compute the size 
of the play-out buffers for jitter compensation. Elastic flows such as web browsing relay on the 
ability of TCP to predict the end-to-end delay for triggering retransmissions. These examples 
explain the recent research interest in delay studies for different networking technologies. In 
particular, the delay in wireless LANs (WLANs) based on the IEEE 802.11 standards has 
received much attention lately, since it is the most popular option for high-speed, packet-based 
wireless access to the Internet.  

The delay of a packet in a WLAN can be split into three parts: the delay at the medium 
access control (MAC), the transmission delay and the propagation delay. The propagation 
delay can be neglected due to the small size of the cells. The transmission delay can be easily 
calculated from the packet size and bit rate used. The MAC delay is the most difficult to 
determine because it depends on the traffic in the cell. We divide the MAC delay into two parts: 
service time, or time to gain access to the shared channel following the rules specified in the 
IEEE 802.11 standard, and the time spent in the queue waiting for earlier packets to be 
transmitted. We focus our study on service time, since queuing delay is the consequence of 
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packet inter-arrival times being shorter than the service times. 
The growing interest in quality of service has fueled the publication of models for the delay 

in the IEEE 802.11 MAC protocol. The analysis of MAC service time is a key part of these 
models. A common assumption for early models is that stations are always ready to transmit 
(saturation). There are several examples of such models. Chatzimisios et al. studied the packet 
delay in presence of transmission errors [1]. Their model is an evolution of Bianchi’s model 
based on Markov chains for throughput analysis in ideal channel conditions [2]. Tay and Chua 
suggested a different model based on stochastic analysis that provides throughput and packet 
delay [3]. Carvalho and Garcia presented another model for the MAC delay as a function of the 
channel state probabilities [4]. Unfortunately, these probabilities can only be calculated under 
the assumption of saturation. All these models provide mean service time in saturation; they 
cannot be used for non-saturating loads. Nevertheless, their output values can be used as upper 
bounds for the service time. Banchs suggested an approximated expression for the distribution 
of the backoff delay (equivalent to the service time) in saturation [5]. His work permits a better 
understanding of the service time in saturation compared to previous models that only 
provided the mean.   

The saturation condition was relaxed in two models recently published. Tickoo and Sikdar 
presented a queuing model for the average service time valid for non-saturating loads and 
arbitrary arrival patterns [6]. Their model determines the mean service time from average 
inter-arrival times for traffic sources. Li and Battiti suggested another model for non-saturation 
in which the mean service time can be derived from the probability that a station’s transmission 
queue is empty after the successful transmission of a packet [7]. None of these models provide 
information about service time for individual packets. 

There are two limitations in existing models. First, they only provide the mean MAC service 
time; the variability of the packet delays is not modeled. Second, they assume that the number 
of stations in the cell is large enough so that the probability of packets colliding is constant and 
independent of the transmission time. However, measurements with real equipment are not a 
valid alternative to these models to obtain more information about the MAC delay. Packet 
timestamps in commercial WLAN cards are not accurate enough and include other delays not 
related to the MAC protocol operation. 

In this paper, we present a statistical analysis of the IEEE 802.11 MAC service time based 
on simulations. Our analysis extends the mathematical models providing packet level 
information for small number of stations. Output from our analysis includes histograms, mean 
and variability, cumulative distribution functions, and autocorrelation plots. We show that the 
service time distribution is skewed and the variability increases with the load. Applications 
with strict requirements on delay per packet may consider the 95-percentile better than the 
mean as an indicator of the expected delay. We also show that there is no significant correlation 
between the service times experienced by the packets of a flow. Hence, the service time of 
future packets cannot be inferred from previously measured values. 

The rest of the paper is organized as follows. Section 2 describes the channel access 
procedure of the IEEE 802.11 MAC protocol. Section 3 details our methodology for the 
analysis. Section 4 presents the analysis of location in which the distribution of service time is 
analyzed; Section 5 contains the analysis of variability, and Section 6 provides the analysis of 
autocorrelation. Finally, Section 7 closes the paper by summarizing the main findings.  
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2. CHANNEL ACCESS PROCEDURE 

The MAC service time is the time required by a station to access the channel in 
competition with the other stations within the cell. The channel access procedure is defined in 
the IEEE 802.11 standard and is common to all later supplements for higher rates (e.g. IEEE 
802.11a and IEEE 802.11g). The standard describes two coordination functions for accessing 
the shared medium. The point coordination function (PCF) is a centralized access scheme in 
which the access point grants the channel to stations that request it. The PCF was never 
deployed commercially. Instead, the distributed coordination function (DCF) is used.  We 
therefore restrict our study to the DCF access scheme, in which all stations, including the 
access point, execute the same access procedure to compete for the channel. The station that 
gains the channel transmits a single packet and enters the competition again when it has more 
packets to transmit.  

The DCF access procedure can be summarized as follows. All stations with a packet 
ready to transmit choose a random number uniformly distributed between 0 and 31. This 
number, called the congestion window, is the number of time slots that a station must sense the 
channel to be idle before it can transmit. Since the different stations will likely choose different 
random numbers, this scheme is collision free in most of the cases. However, there is a 
possibility of collision if two stations choose the same number. The chances of this event 
increase with the number of stations, and when it occurs, it is solved via retransmission at the 
MAC layer.     

When a station has decremented the number of slots to zero, it transmits a single packet 
and waits for the acknowledgement to confirm the reception. If the acknowledgment is not 
received, the transmission was unsuccessful and the station retransmits the frame. On each 
retransmission, the station doubles the size of the interval from which to select the congestion 
window. So, it will wait longer on average before retransmitting. A packet can be retransmitted 
a maximum of 7 times, although the congestion windows is doubled only the first 5 times.  

According to this access procedure, the service time depends on four factors: the number 
of stations, offered load, packet size, and bit rate. The first and second control how strong the 
competition is for the channel. The third and fourth factors affect how long a station captures 
the channel for transmission. High competition and long capture times tend to increase the 
service time. 

A new coordination function called Extended DCF (EDCF) is being standardized by the 
IEEE work group 802.11e. It divides the channel time in cycles composed of contention and 
contention free periods. The contention free period aims at providing bandwidth and delay 
guarantees to stations, and works via reservations at the access points. The contention period 
operates under the DCF and therefore most conclusions of our study are useful for the EDCF.  

3. ANALYSIS METHODOLOGY 

We have used ns-21 to simulate the IEEE MAC 802.11 access link and analyze the service 
time. We only added a monitoring agent to measure the service time per packet. A single cell is 
simulated in which a set of stations transmit towards a destination node connected to the access 
point via a wired link of 100 Mbps. Packet losses during simulation are only due to collisions 
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or buffer overflow; the cell operates with an ideal radio channel. Stations are uniformly 
distributed along a circumference of radius 20 meters with the access point in its center. 
Physical and MAC layer parameters are set according to the IEEE 802.11b standard.  

During the simulations, a warm-up period of one minute precedes the measurement of the 
service time. The service time is measured for a single station during 10 seconds. Since the 
seed of the simulator’s random generator heavily influences this result, we repeat the 
measurement 20 times using different seeds. The results shown in the next sections are 
averages of the 20 runs.  

The four parameters affecting the service time were varied during simulations to study their 
influence on the results. The number of stations was 4, 7 or 10. The packet size was 40 bytes, 
500 bytes or 1500 bytes. According to CAIDA2 reports, the packet size distribution on the 
Internet backbones peaks around these values. The bit rate varied between 2 Mbps, 11 Mbps 
and 54 Mbps, which is the highest bit rate standardized to date for IEEE 802.11 networks. The 
cell’s offered load was normalized to the bit rate, and ranged from 5% up to 100%, increasing 
in steps of 5% (i.e. an offered load of 50% corresponds to 1 Mbps when the bit rate is 2 Mbps). 
Each station in the cell hosted one traffic source. The source’s rate was 1/n of the cell’s offered 
load, where n was the number of stations in the cell.  

In addition to the rate, the behavior of the source affects the MAC service time. We have 
compared sources generating traffic according to three different patterns: constant bit rate 
(CBR), exponentially distributed on/off with 20 ms average on time and 35 ms average off 
time, and Poisson inter-arrivals. Fig. 1 shows the mean MAC service time for the three source 
types. The service time exhibits a state change for all sources. Numerical values are similar for 
the different sources for low load (below 50%) and in saturation (above 65% load). A small 
difference occurs as the load approaches saturation because different sources have a slightly 
different saturation value. Fig. 2 shows the coefficient of variation of the service time for the 
three source types. As expected, the variability of the CBR source in non-saturation is the 
lowest, while the variability of the other two sources is similar. All sources show the same 
variability in saturation. According to these results, we have selected exponential on/off 
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Fig. 1. Comparison of the mean MAC 
service time for different source behaviors. 

Fig. 2. Comparison of the coefficient of 
variation for different source behaviors. 
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sources for our statistical analysis. Their high variability and highest mean service time close 
to saturation make them good benchmark sources. Nevertheless, it is worth noting that the 
mean service times near saturation shown in the rest of the paper depend on our choice of 
traffic pattern. We focus on identifying general behaviors of the service time and its 
dependence on the four parameters given above, rather than accurately provide mean service 
times for each source type.  

Finally, some of the analyses below focus on one parameter at a time to study its influence 
on the service time. In these cases, the other parameters are set to the following default values: 
10 stations per cell, bit rate of 2 Mbps, and packets of 500 bytes. If the offered load is fixed, we 
considered two cases: low and high load equivalent to 15% and 60% offered load respectively. 

4. ANALYSIS OF LOCATION 

The purpose of the analysis of location is to identify which typical value describes the data 
set the best. There are three common definitions for typical values: mean, median and mode. 
The mean is the addition of all samples’ values divided by the number of samples. The median 
is the sample’s value that has as many larger as smaller sample’s values. The mode is the most 
frequent value. How well these typical values represent the data set depends on the distribution 
of the samples’ values. The distribution is graphically shown with a histogram. It plots on the 
y-axis the number of samples that belongs to each of the classes shown on the x-axis. A class is 
a range of values that the samples can have. Fig. 3 and Fig. 4 show the histogram of the service 
time for low and high load respectively. The counts on the y-axis are normalized to the total 
number of samples. There were 10 stations in the cell transmitting packets of 500 bytes at 2 
Mbps. Other combinations of the parameters produced similar histograms.  

The distribution of the service time is skewed for any load. In low load, the distribution is 
mono-modal, but it turns multi-modal as the load increases. Each of the peaks in the 
distribution corresponds to waiting for a certain amount of transmissions from the other 
stations before being able to transmit. Hence, the low load case shows one peak because most 
of the packets are transmitted without waiting. The skew of the distribution makes the mean 
larger than the median. Depending on the application, mean or median may be preferred as 
typical value. A discussion about which one may be more suitable is available in [11]. The 
mode’s significance is limited due to the multi-modal distribution for moderate and high loads.  

Mean is the most commonly used typical value and we therefore select it for a deeper 

 
Fig. 3 Histogram of the service time in a cell 
with 10 stations and 15% offered load. 

 
Fig. 4 Histogram of the service time in a cell 
with 10 stations and 60% offered load. 
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analysis of the service time. We now analyze the dependence of the mean service time on its 
parameters. We first look at how competition for the channel affects the mean. Competition is a 
function of offered load and number of stations. Fig. 5 plots the mean as a function of the 
offered load with the number of stations as parameter. The other two factors influencing the 
mean are fixed to 500 bytes for packet size and 2 Mbps for bit rate.  

Two states are visible in the figure: saturation for loads above 70%, and non-saturation for 
loads below 50%. We denote “near saturation” the loads in the range of the quick transition 
between these two states. Service times in saturation are much larger than in non-saturation 
and limited by the buffer size of the stations. The number of stations influences the mean in 
saturation and near saturation, but it does not affect it in non-saturation. Admission control to 
maintain low mean service time should control offered load rather than number of stations [8].  

We now look at how the time during which the channel is captured for other stations’ 
transmission affects mean service time. Capture time is controlled by the bit rate and the packet 
size. Fig. 6 and Fig. 7 show the mean service time versus offered load using as parameter the 

bit rate and packet size respectively. Both 
figures show a state transition from 
non-saturation to saturation as Fig. 5 did. 
Increasing the bit rate reduces the offered load to 
reach saturation. However, service time in 
saturation is smaller because competing stations 
capture the channel shorter periods. Changing 
the packet size affects the mean service time in a 
different way. Packets of 500 bytes, or larger, 
only experience significant differences in 
service time during saturation. The saturation 
load is similar for all packet sizes from 500 
bytes and up. Reducing the packet size has a 
larger impact on the mean delay. It becomes 
smaller but the saturation load is severely 
reduced. Fig. 7 shows that the cell is saturated as 

 

Fig. 5 Mean service time vs. offered load with 
number of stations as parameter. 

 

Fig. 6. Mean service time vs. offered load 
with bit rate as parameter. 

Fig. 7. Mean MAC service time vs. offered 
load with packet size as parameter.  
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early as 20% offered load for small packets (40 bytes). In saturation, the service time is shorter 
with small packets, but packets losses are high.  

5. ANALYSIS OF VARIABILITY 

The goal of this analysis is to assess how the packet’s service time varies from the mean. We 
use the coefficient of variation (CoV) (i.e. the ratio of the standard deviation to mean) to 
measure the variability. Fig. 8 presents the CoV versus the offered load using as parameter 
number of stations, packet size, and bit rate.  

The high CoV, always above one regardless of the load or parameters’ values, signals a high 
variability. Hence, the mean is a poor indicator of the service time for each packet. There is 
also a noticeable increase in the CoV with the load, making the mean even a worse indicator of 
the service time for each packet. Regarding the influence of the parameters, we can observe 
that all produce a sharp change in the variability from high to very high at certain load. The 
only exception is a small number of stations that shows constant variability regardless of the 
load. The bit rate always affects the variability. The higher the bit rate, the lower load the 
transition from high to very high variability occurs. The packet size has a different impact. 
Small packets produce the transition to very high variability as early as at 15% offered load. As 
the packet size increases, the transition occurs at higher load. The transition point stabilizes at 
50% offered load for packets of 500 bytes and above. An obvious conclusion from the CoV 
plots is that the service time is not exponentially distributed since its CoV is not equal to one.   

A consequence of the high variability is the need of a large number of measurements to 
reach a high accuracy in the mean calculation 
[9]. Fig. 9 shows the number of packets 
required to calculate the mean with 95% 
confidence level and 5% accuracy. As 
expected, the number of packets required 
increases with the load and number of stations, 
since these increase variability. The number of 
required packets is above 2000 for any load. 
Long measuring periods may be needed to 
collect that number of packets. For instance, a 
station in a cell with 9 other stations and 20% 
offered load should transmit 3104 packets 
before the mean can be calculated with the 

Fig. 8. Coefficient of variation of the service time for different number of stations, 
packet sizes and bit rates. 

 
Fig. 9 No. of packets to calculate the mean 
with 95% confidence level and 5% accuracy. 
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precision above. If the bit rate is 11 Mbps, the packet size fix to 500 bytes and the sources 
behave according to an exponential on-off pattern, our simulations indicate that it would take 
31.1 seconds. Probably, the situation will not be stable for such a long period if the 
measurements would be taken in a real cell, in which stations enter and leave, bit rate changes 
depending on radio conditions, and packet size varies depending on applications. Protocols, 
such as admission control or load balancing, relying on measurements should find a way to 
deal with this high variability, or to work with less accurate mean service times. 

The high variability and skewed distribution of the service time makes it interesting to look 
at upper bounds for the service time of the packets rather than mean values. The cumulative 
distribution function (CDF) of the service time shows the probability that the service time is 

 
Low load 

 
High load 

Fig. 10. Service time’s CDF 
for different no. of stations. 

Low load 

High load 

Fig. 11. Service time’s CDF 
for different bit rates.  

Low load 

High load 

Fig. 12. Services time’s CDF 
for different packet sizes.  

Fig. 13. Comparison of the 95-percentile and
mean MAC service time in non-saturation. 

Fig. 14. Comparison of the 95-percentile and 
mean MAC service time in saturation. 
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lower than a certain probability. Fig. 10, Fig. 11 
and Fig. 12 present CDFs for low load (15% 
offered load) and high load (60% offered load) 
for different number of stations, bit rates, and 
packet sizes respectively. In low load, most of 
the packets (approximately 70%) experience a 
service time smaller than the average, while 
some of the packets (approximately 5%) 
experience a service time larger than twice the 
mean. In high load, the percentage of packets 
below the mean reduces, but the amount of them 
that are twice as large as the mean increases. 

Some applications with strict requirements 
on each packet’s delay would benefit from estimating the delay with a high percentile; for 
instance, if the 95-percentile is used, the application will only loose 5% of the packets due to 
late arrival. Fig. 13 and Fig. 14 show the 95-percentile compared to the mean service time 
versus offered load for non-saturation and saturation. The 95-percentile is at least double the 
mean in non-saturation, and there are larger differences in saturation. Fig. 13 indicates that 
admission control can be used to keep the service time low. 

6. ANALYSIS OF CORRELATION 

This analysis aims at discovering if the service time of a packet can be calculated from the 
service time of previous packets. This is possible if there is some correlation between the 
service times of the packets in a flow. This can be detected with the autocorrelation plot [10]. 
Fig. 15 shows this type of plot for lags of 1 to 100 in high load. The parameters were 10 
stations, packets of 500 bytes and bit rate 2 Mbps. Other parameter values with different loads 
resulted in similar plots.  

The autocorrelation plots contain three horizontal reference lines. The middle one is at zero. 
The other two are 99% confidence bounds. Since almost all autocorrelations fall within the 
99% confidence limits and there is no visible pattern in the plot, the data is random; there is no 
significant autocorrelation. Therefore, the service time of a packet cannot be calculated from 
the service time of previous packets.  

7. CONCLUSIONS 

We have studied the IEEE 802.11 MAC service time via statistical analysis of simulations. 
Our findings complement existing information from analytical models by providing packet 
level information for small number of stations. Three different studies were reported. The 
analysis of location showed that the service time distribution is skewed. The mean and median 
can be use as typical values; the mode is less interesting because the distribution is 
multi-modal for medium and high loads. Since the mean is the most common choice, we have 
shown how it varies with the offered load using the number of stations, bit rate and packet size 
as parameters. In all cases, the mean presents a quick transition from low values for 
non-saturation to high values in saturation. The parameters change the offered load at which 
the transition occurs. Higher bit rates and smaller packets make the transition occur at lower 

 
Fig. 15. Autocorrelation of the MAC 
service time for high load and 10 stations. 
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loads, while the number of stations only affects the mean value in saturation. The analysis of 
variability showed a high spread of the service time around the mean for non-saturation. The 
variability increased with the load for the three parameters under study. Due to the high 
variability, we argued that applications with strict requirements on per packet delay would 
benefit from using the 95-percentile instead of the mean as indicator of the expected delay. We 
also indicated that measuring an accurate mean value in a real cell might be impossible due to 
the large number of packets required. Finally, the analysis of correlation showed no significant 
autocorrelation in the service time of the packets in a flow. Hence, the service time of a packet 
cannot be predicted from the service time of previous packets.  

The starting point for this study was the modeling work that has been presented recently. We 
conclude that models, which are valid only in saturation and for a high number of stations, 
provide only worst case measures and give limited insight of the performance of wireless 
LANs. We also conclude that the arithmetic mean might not be a suitable metric for the 
performance of a WLAN cell due to the high variability. However, if admission control is 
provided in the cell to limit the load below saturation, then the performance is good and 
practically invariable with respect to the system parameters considered herein. The main issue 
in designing such a control mechanism is to determine the cutoff point for the load since this 
decision level is determined by the transmission bit rates of the stations as well as the 
characteristics of the offered load with respect to packet arrival patterns and packet size 
distributions. A promising technique is to use probing for distributed admission control [8]. 
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