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Abstract-IEEE 802.11 bas very poor performance in terms of throughput and transmission delay 

when the traffic load reaches the saturation condition. Admission control must be provided in order 

to guarantee the service of existing traffic. Unfortunately, the normalized saturation throughput is 

variable corresponding to different traffic statistics (i.e. bit-rate and average packet length) .. 

Therefore it does not perform well if the station admits traffic simply based on certain threshold of 

the normalized throughput. 

Most existing analytical models for IEEE 802.11 MAC adopt quite strict assumptions of 

saturation conditions and simplified traffic scenarios. Nevertheless, it is more realistic to analyze 

the non-saturation condition under heterogeneous traffic scenarios. Moreover, an accurate 

analytical model under non-saturation condition is critical for the correctness of admission control 

decisions. 

In this paper, (1) we propose a unified analytical model which is the first model capable of 

analyzing performance under both non-saturation and saturation conditions; (2) we then introduce 

a new performance criterion, saturation coefficient Cn,sat, which reflects the degree of saturation 

experienced by any specific station; (3) finally we propose a distributed admission control scheme 

for IEEE 802.11 based on this criterion. With this scheme, any station can make local decision on 

whether admitting/rejecting a new traffic. The accuracy of the proposed analytical model and 

performance of the proposed admission control scheme are validated by simulations. 

Index Terms-IEEE 802.11, DCF, Admission Control, QoS. 
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1. INTRODUCTION 

IEEE 802.11 [ 19] has gained popularity in the last mile wireless networks, and it will increasingly be 

used for multimedia applications. However, since IEEE 802.11 was developed as a simple and cost 

effective technology for best effort services, the lack of QoS support is becoming a problem. Recently, 

service differentiation in IEEE 802.11 has been extensively studied, and multiple variations of MAC 

schemes [1][3][6][7][8][14][15] have been proposed, including the 802.11e MAC. A nice overview of 

service differentiation can be found in [ 18]. 

Service differentiation is helpful in providing better quality of service for multimedia data traffic under 

low or medium traffic load condition. However, due to the inefficiency of IEEE 802.11 MAC, service 

differentiation strategy does not perform well under high traffic load condition [25]. In this ·case, 

admission control becomes a must in order to guarantee QoS of existing traffic. Otherwise, the extremely 

large saturation delay may lead to the failure of supporting multimedia applications. 

Only a few papers explored the admission control in IEEE 802.11. Barry et al. [20] proposed a Virtual 

MAC algorithm, which passively monitors the channel by virtual MAC frames and estimates local service 

level (i.e. throughput and delay) by the measurement of virtual frames. Valaee and Li [23] proposed 

another measurement based admission procedure using a sequence of probe packet for ad hoc networks. 

Instead of using probe packets, Shah et al. [21] proposed a measurement based admission control scheme 

using data packets to measure the network load. Kazantzidis et al. [22] proposed heuristic solution using a 

simple parameter, permissible throughput as the admission decision criterion. Li and Prabhakaran [24] 

investigated a novel framework for admission control with priority reservation and allocation, which is 

mainly focus on optimizing the usage of priority resources. Banchs and Perez [7] proposed ARME, an 

extension of DCF, using token bucket based algorithm to detect whether the network is in overloading 

condition, and thus to improve the performance of system by adjusting contention appropriately. 
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Considering the serious performance degradation of existing stations under even a short period of 

saturation, the admission control scheme should be capable to predict saturation and prevent it from really 

happening under various traffic statistics. And this scheme should be dynamic because of the constant 

change of traffic characterisitcs. 

Admission control scheme with an absolute throughput threshold does not perform well, because the 

saturation throughput is variable corresponding to different traffic statistics (i.e. bit-rate and average 

packet length). The normalized saturation throughput may range from lower than 40% to higher than 70% 

depends on the average packet length of traffic and the configuration of contention parameters at stations. 

If the threshold is set too low, there will be too much waste of valuable bandwidth. On the other hand, if 

the threshold is set too high, in certain circumstances, it will not be able to prevent the saturation from 

happening. 

In the measurement based admission control schemes, decisions are made based on the current 

performance of existing stations. They cannot actually calculate the dynamic saturation throughput. It may 

be possible that existing stations, but after they accept new stations or traffic flows, saturation occurs. 

Although dynamic correction can be taken to remove the newly added station once the saturation 

condition occurs, the negative influence, such as notification to the sender or initiation of a negotiation 

procedure, may be significant. 

In order to build an admission control scheme with the capability of prediction and prevention of 

saturation, we introduce an index, named saturation coefficient Cn,sar, ranged from 0 to 1 and with 1 

indicating saturation. By checking Cn,sat with regard to a threshold lower than 1, admission control 

schemes can easily predict and prevent saturation from happening. Since Cn,sat describes how close a 

station is to saturation condition, an analytical model capable of analyzing non-saturation system behavior 

is required. 
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Several models have been proposed in literature. Bianchi proposed a Markov model to describe the 

complicated process of IEEE 802.11 DCF in a landmark paper [9]. Several extensions have been 

published since then. Wu et al [2] proposed an extension of Bianchi's model with retransmission limits. 

Two papers (Chatzimisios et al. [11], Velkov and Spasenovski [13]) extended Bianchi's models into 

MAC transmission delay analysis by different approaches. Finally Zhu and Chlamtac [ 17] extended the 

model into IEEE 802.11 e EDCF for service differentiation. Other models, which are not related to 

Bianchi's model, can be also found in [4][12][16]. 

However, most existing analytical models for IEEE 802.11 MAC adopt quite strict assumptions of 

saturation condition and simplified traffic scenarios [4][5], which are unusual because most networks 

work under non-saturation condition. Hence in order to well describe the critical transition from non

saturation to saturation, it is desirable to provide a model that relaxes the assumptions of saturation 

condition and also fully considers the traffic variations. 

In this paper, ( 1) we first extend the Bianchi's model to the first unified model capable of analyzing 

performance in both non-saturation and saturation condition; (2) we then introduce a new performance 

criterion, i.e. saturation coefficient Cn.sat, which reflects the local degree of saturation of any station; (3) 

finally we propose a novel distributed admission control scheme for IEEE 802.11 based on this criterion. 

With this scheme, any station can make local decision on whether admitting new traffics. The accuracy of 

the proposed analytical model and performance criterion are validated by simulation. 

The remainder of the paper is organized as follows. Section 2 proposes the analytical model, which is 

valid for both non-saturation and saturation conditions. Section 3 proposes a novel distributed admission 

control scheme based on the analytical model. Section 4 validates the analytical model by simulation and 

shows the performance improvement of the proposed admission control scheme. Finally, we conclude the 

paper in Section 5. 
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2. ANALYTICAL MODEL 

The notations involved in the proposed analytical model are listed as follows. 

CWmi,/CWmax 
W; 
Sn (bps) 
Ln (bytes) 
m 
m' 
n 

k 
hn,i,k 

hn,empty 

Cn,sat 

'tn 

Pn 

minimum/maximum backoff window size 
backoff window size in the ith retransmission stage 
traffic bit-rate 
average packet (payload) length 
retry limit 
the number of retries to reach the maximum backoff window CW max 
index of station, nE [ 1, N] 
retransmission stage, iE [0, m] 
backoff counter, kE [0, Wz-1] 
stationary distribution of the Markov chain 
stationary empty queue probability at the nth station 
saturation coefficient 
probability that the nth station transmits in slot time given that its queue is not empty 
conditional collision probability 

The objective of the proposed analytical model is to introduce the saturation coefficient, Cn,sat, which 

indicates the degree of saturation for a station. In general, Cn,sat depends on the existing traffic load of the 

system, the number of contending stations, and the average packet length. The higher the traffic load, the 

higher the Cn,sa· However, due to collision and backoff overheads, the maximum channel utilization is far 

less than 100% and Cn,sa will reach one before the traffic load equals to the channel capacity. Therefore, 

we need to consider interactions between contending stations, which can be derived from transmission 

probabilities, 'tn' s of all contending stations. Furthermore, given the same traffic load and number of 

stations, stations may be far from or close to the saturation condition depending on different traffic 

statistics. Also, shorter average packet lengths incur more contentions, while longer average packet 

lengths incur fewer contentions. For example, let there be two stations with identical flows of bit-rate of 

500Kbps, changing the average packet lengths of all flows from 1000 bytes to 100 bytes will significantly 

increases the occurrences of collision. Thus, the degree of saturation of stations will be accordingly 

higher. 

The transmission probabilities, 'tn' s, have been calculated by Bianchi's DCF model. However, this 
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calculation is inaccurate in practice because of the assumption of saturation condition, i.e. transmission 

queues of all stations are always nonempty. Furthermore, a station's probability of accessing the channel 

depends on traffic bit-rates of others when it is non-saturated. Therefore, under the non-saturation 

condition, the effects of traffic bit-rate variations among stations must be fully considered. By introducing 

an additional bn,empty state, which stands for the empty queue at the nth station, and extending Bianchi's 

Markov model with traffic bit-rate variations, we relax the undesirable constraint of saturation condition, 

and propose a unified DCF model. This model is capable of analyzing performance under both non-

saturation and saturation conditions, with various traffic bit-rates and average packet sizes at stations. 

With transmission probabilities, 'tn 's, calculated from the proposed model, the saturation coefficient, Cn,sa, 

can be easily obtained. The proposed model is shown in Fig. 1. 

Assume there are totally N stations. The traffic parameters of each station are traffic bit-rate, Sn (bps), 

and average packet (payload) length, Ln (bytes), with n = 1,2 .. . N. Stations do not necessarily have 

identical traffic parameters. And within a station, it might be possible that multiple applications are 

requesting transmissions concurrently. In this case, their packets contend the channel based on the FIFO 

policy. And, the traffic bit-rate of a station is the sum of bit-rates of all admitted traffic flows, excluding 

those flows that have not been accepted by the admission control scheme. Similarly, the average packet 

length is the overall average among admitted traffic flows. 

Let CWmin and CWmax be the minimum and maximum backoff window stze respectively. For 

convenience, we defme W= Wo=CWmin + 1, W,-=2; W, and we have 

Wm, =2m'W=CWmax +1 (1) 

{ ~ =2;W i~m' 
~ =2m'w m'<i~m 

(2) 

where (m+ 1) is the retry limit of the packet, and m' is the number of retries to reach the maximum 
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backoff window CWmax· So far in 802.11 DCF short retry limit is 7, while the long retry limit is 4. 

In Fig. 1, the state of the nth station is described by the tuple {n, i, k}, where ne [1, N], ie [0, m], 

standing for the backoff stage (i.e. the number of retries), and ke [0, Wi-1], is the backoff delay in 

times lots. Let bn, ;, k be the stationary distribution of the Markov chain. 

Each station has a transmission probability 'tn (i.e. the probability that the nth station transmits in a 

randomly chosen slot time given the station queue is not empty) and a conditional collision probability Pn 

(i.e. the probability of collision seen by a packet from the nth station being transmitted on channel). 

Moreover, we introduce the empty queue probability, Pn,empry, i.e. the probability that the nth station's 

queue is empty at a randomly chosen slot time. Pn,empty is not only determined by the traffic bit-rate and 

average packet length of a station itself, but also by the traffic statistics of other stations. Generally, higher 

traffic bit-rate yields higher Pn,empty and vice versa. However, it is possible that for a specific station with 

low traffic bit-rate, its Pn,empty is still high if the overall traffic load is high. Therefore, Pn,empty provides a 

more accurate description of each specific station's loading condition, i.e., degree of saturation, than its 

traffic bit-rate. 

In the Markov chain of the nth station, the only non-null one-step transition probabilities are1 

P{n,i,k I n,i,k + 1} = 1 ke [O,J¥;- 2],ie [O,m] 

P{n,O,k I n,i,O} = (1- Pn)(1- Pn,empty)IWo ke [O,JYo -1],ie [O,m-1] 
. (3) 

P{n,i,k I n,i -1,0} = Pn IW; ke [O,J¥; -1],ze [1,m] 

P{n,O,k I n,m,O} = (1- Pn,empty)IWo ke [O,Wo -1] 

Note that bn,i-I,OPn= bn,i,O for (O~i~m), therefore 

b . 0 = p ; b 0 0 (0 ~ i ~ m) n,z, n n, , (4) 

We also have 

bn,O,O = (1- Pn,empty )bn,empty (5) 

1 We adopt the similar short notation in [9]: P{n,iJ,kJin,io,ko}=P{s(t+l)=il.b(t+l)=k1 ~(t)=i0,b(t)=ko for the ntlJ. station}. 
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And for each kE (0, W;-1 ], we have 

l 
m-1 

b . = J¥; -k (1- Pn)(1- Pn,empty)~bn,j,O +bn,m,O 
n,1,k W j=O 

i= 0 

i b . 
Pn n,l-1,0 

= J¥; - k {(1- P n,empty + P: P n,empty )b n,O,O 

W b ·o 1 n,1, 

0< i ~ m (6) 

i= 0 

O<i~m 

By using the normalization condition for stationary distribution, we have 

m W;-1 

1 = b n,empty + L L b n,i,k 
i=O k=O 

m W;-1w -k W-1 W -k 
- b + ~ b ~ 1 + (1- + m )b ~ ____;1;..____.. 
- n,empty ~ n,i,O L...J W P n,empty P n P n,empty n,O,O L...J W 

1=1 k:::::O 1 k=O 1 

[ 1 (~ ; J¥; + 1J m W + 1] = bn,O,O + ~Pn -
2
- +(1- Pn,empty + Pn Pn,empty)-

2
- .-

p n,empty 1-1 

(7) 

With all contention parameters known, a general function of bn,o,o with respect to Pn and Pn,empty for any 

station can be found in (8) for (m~m ') and (m>m ') respectively. 

m~m' 

(8) 
m>m' 

The transmission probability 'tn that the nth station transmits in a randomly chosen slot time given that its 

queue is not empty can be expressed as 

m ·1 m+1 
r - ~ b - - Pn b 

n - L...J n,i,O -
1

_ n,O,O 
i=O Pn 

1~n~N (9) 

In the stationary state, the nth station transmits a packet with probability 'tn, so we have 

N 

Pn =1- n(l-rj) 1~n~N (10) 
j=l,fF·n 
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2.1. Saturation Coefficient 

As we have discussed in the beginning of this section, the mathematical expression of Cn,sat can be 

given as a function of bit-rate Sn, transmission probability 'tn, and the average packet length Ln, which is 

shown as follows. 

[[ 
~s . l l ~ 1 N N N log(JQ24) 

C = min ,_
1 

• (1 + """ 'Z" . - 'Z" """ 'Z" . + 'Z" """ 'Z" . 'Z" + · · ·) · 1 I ~ n ~ N 
n,sat b dw 'd h ~ J 11 ~ J 11 ~ J k 1 (£ ) ' an l t j=l.f*n j=l,jotn j=l,j,h11,jotk og 11 ( 11) 

=min[[ ~Sj ·(I+ ±T)Iog(I024ll, Ill~ n ~ N 
bandwidth j=l,jot11 log(L,) · 

Note that Pn,empty is actually 1-Cn,sat· Thus, 

Pn,empty = 1- Cn,sat (12) 

In (11), a station's influence on saturation coefficients, Cn,sat's of other stations depends on its 

transmission probability, 'tn. For any two transmitting stations, if ('tj>t;), then the jth station has more 

impact on other stations' Cn,sat' s than the ith station. For a specific station, the overall influence of all other 

stations is approximated as the summation of 'tj terms by ignoring high order terms. Obviously, we take 

the minimum since the saturation coefficient cannot be greater than 1. Intuitively, we assume that Cn,sat 

increases logarithmically with the increase of the average packet length, which is validated by extensive 

simulations. 

Equations (8), (9), (10) and (11) represent a nonlinear system with the three unknown vectors ('tt, 

't2, ... 'tN), (pt,p2,···PN) and (pl,empty,P2,empty,···PN.empty), which can be solved numerically. Note that we must 

have all 'tn' s, Pn' s and Pn,empty' s E (0, 1 ). 
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2.2. Throughput 

In order to further validate our model, we use the similar method, which is derived by [9], to calculate 

the throughput of each station. However, because we introduce the traffic variations, therefore there must 

be necessary adjustments on the collision probability and throughput equations. 

Let Pb denote the probability that the channel is busy in a slot time. Then 

N 

Pb =1-IT(l-rj) (13) 
j=l 

Let P n,s denote the probability that the transmission of the nth station is successful in a slot time. So we 

have 

N 

P,,s = Tn IT (1-Tj) (14) 
j=l,f:F-n 

Without loss of generality, let us assume that from the first to the last station, we have the longest to the 

shortest average packet length. Of course there may be two or more successive stations with the same 

value of average packet length. 

Let P n,c denote the probability that a transmission with collision occurs in a slot time that only involves 

from the nth to the Jib stations (i.e. the largest payload in collision belongs to the nth station.) And let Tn,c 

denote the corresponding average time that the channel is sensed busy because of a collision in which a 

traffic flow, which belongs to the nth station, has the largest payload length. In that case, P n,c can be 

calculated, e.g. 
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P =r -P n=1,c 1 n=1 ,s 

1 

pn=2,c = r2 X IT (1- rj)- pn=2,s 
j=1 

2 

pn=3,c = r3 X IT (1- rj)- pn=3,s 
j=1 

N-1 

pn=N,c = r N X IT (1- rj)- pn=N,s 
j=1 

l 1'1 - ~.s n = 1 
P n-1 => -n,c - 1' X IT (1- 1' . ) - p 1 < n 5: N n 1 n,s 

j=1 

To verify the correctness of (15), we have 

N N 

(1-Pb)+ LPn,s + LPn,c = 1 
n=1 n=1 

(15) 

The normalized throughput of the nth station, Sn, is 

S = E[payload in a slot time]= ___ Pn....:....,s_E_[P_n_](_1_-_P_n,:......em..:....:ipty:......) __ 
n E[length of a slot time] ~ ~ 

{1- pb )0" + L..J Pn,sTn,s + L..J Pn,cTn,c 
n=I n=I 

(16) 

In the numerator of the above equation, E[P n] is the average packet length. In the denominator of the 

above equation, 0' is the duration of an empty slot time. 

Let packet header be H = PHYhc~r+MAChdr and let the average propagation delay be o. Based on the 

average payload length of the nth station, we have the following expressions of Tn,s and Tn,c· Note that the 

packet header H must include the additional MAC overhead due to the fragmentation if necessary. 

{
Tnbass = DIFS + H + E[Pn] + 8 + SIFS + ACK + 8 

. (17) 
Tn~': = DIFS + H + E[Pn*] + SIFS + ACK 

l
r;,~ = DIFS + RTS + SIFS + 8 + CTS + SIFS 

+8 +H +E[Pn]+ 8 +SIFS + ACK +8 (18) 

r:,~ = DIFS + RTS + SIFS + CTS 
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where bas and rts means basic access method and RTS/CTS access method (mandatory for all data 

frames) respectively. E[ P n *] is the average length of the longest packet payload in a collision. Based on 

the defmition of Pn,c used in (15), E[Pn *]=E[Pn]. The ACK, RTS and CTS are calculated as the 

transmission time of the corresponding frame length and the PHY overhead. 

The aggregated throughput of N stations is 

(19) 

2.3. MAC Transmission Delay 

In this paper, the MAC frame transmission delay is defined as the time interval between two successive 

successful frame transmissions for a station. It is possible that these two frames are not consecutiv~ if a 

frame is dropped after exceeds the retry count. 

By this definition, the average frame delay of the nth station, E[Dn], can be calculated as 

E[D.]= ~·] 
n 

(20) 

3. DISTRIBUTED ADMISSION CONTROL SCHEME 

In general, admission control can be implemented in centralized or distributed way. However, the 

centralized admission control is not preferred in IEEE 802.11 because of two reasons: (1) centralized 

admission control exposes location-dependent error, and the central control station may be the bottleneck 

of the system; (2) in multi-hop ad hoc networks, a station may be several hops away from the central 

control station, making the signaling overhead unacceptable. Therefore in IEEE 802.11, a fully distributed 

admission control scheme is desirable. Also, it should be noted that there is no support of service 

differentiation in DCF. Thus, in our scheme, we do not distinguish real-time traffic and best-effort traffic 

at the time of making decision. However, it is possible to extend our scheme to EDCF, which provides 
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priority based service differentiation. 

The proposed analytical model provides an ideal quantitative performance criterion, Cn,sat, for admission 

control. In this section, we introduce a distributed admission control scheme, which is compatible with 

both infrastructure and ad hoc modes. Every station will make decision on whether to admit/reject 

incoming/outgoing traffics based on the local information of saturation coefficient Cn,sat, which is 

calculated at each station locally. To make this calculation possible, the necessary information, which 

includes the number of contending stations and the corresponding total bit-rates of admitted traffics of 

each contending station, need to be disseminated along with regular MAC frame transmissions. There are 

two ways for a station to obtain the necessary information, either by a cross layer protocol that the upper 

layer (e.g. IP layer) information can be obtained, or by piggybacking the information directly in 

RTS/CTS/DATA/ACK frames of IEEE 802.11 MAC. The advantage ofpiggyback is that it involves less 

modification of the standard DCF and it does not require frequent accesses to upper layers. Therefore in 

this paper, we adopt the piggyback method in designing the admission control scheme. 

To realize the piggyback technique, RTS/CTS/DATA/ACK frames [1] are modified by inserting 

additional fields, which are shown in Fig. 2 and Table 1. In each type of frame, we insert a 2-bit bit-rate 

flag immediately after the duration field. This flag indicates whether there are additional fields of bit-rate 

and average packet length information and whether it is the start of a new flow or the end of an existing 

flow. Also, in the following part, we use frame in MAC layer while packet in IP layer. 

3.1.Frame Format 

• For RTS/DATA frame: 

1) If the flag is zero, it means no additional field. There will be 6-bits padding, followed by the remaining 

regular fields. 

2) If the flag is one, it indicates that the frame is the start (i.e. from the first packet) of a new flow from 
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that source station, and the following bits are the bit-rate (Kbps) and the average packet length 

( 1 Obytes) of the new flow. And this frame is the request for admission from a new traffic flow of the 

source station. 

3) If the flag is two, invalid. 

4) If the flag is three, it indicates that the frame is the end (i.e. from the last packet) of an existing flow. 

And the following bits are the bit-rate (Kbps) and the average packet length (10bytes) of the existing 

flow. 

• For CTS/ACK frame: 

1) If the flag is zero, it means no additional field. There will be 6-bits padding, followed by the remaining 

regular fields. 

2) If the flag is one, it indicates that the transmission request for the new flow from the corresponding 

source station has been accepted. And the following bits are the bit-rate (Kbps) and the average packet 

length ( 1 Obytes) of the new flow. 

3) If the flag is two, it indicates that the transmission request for the new flow from the corresponding 

source station has been rejected. And the following bits are the bit-rate (Kbps) and the average packet 

length (10bytes) of the new flow. 

4) If the flag is three, it indicates that the frame is the end (i.e. from the last packet) of an existing flow. 

And the following bits are the bit-rate (Kbps) and the average packet length (10bytes) of the existing 

flow. 

The average packet length field is a fixed 8 bits-long, with 1-255 represents the average packet length of 

10-2550bytes. The variable length of the bit-rate field (in Kbps) after the bit-rate flag depends on the 

version of IEEE 802.11. For example, for IEEE802.11b, the total channel bandwidth is 2Mbps. So the 11-

bits for length of the bit-rate field will be enough. So we have 2-bit flag, 11-bits bit~rate field, 8-bits 
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pktLen field, plus 3-bits padding, total three bytes. For IEEE 802.11a, the total bandwidth is 54Mbps. 

Therefore the bit-rate field may be longer. However, three bytes (i.e. 2-bit flag, 8-bits pktLen, 14-bits bit

rate field) should be also enough for IEEE 802.1a in practice, since 14-bits is able to represent the 

maximum 16Mbps, which is enough for a single station. Since all the information is piggybacked, there is 

no extra signaling message involved and the overhead for admission control is minimized. 

3.2.Source-Destination Admission Control Strategy 

Admission control decisions are made based on the performance criterion - saturation coefficient, 

which is described in Section 2. If the saturation coefficient reaches one, it means that saturation occurs 

and stations should reject all data transmission requests. In practice, it is advisable that the admission 

control decisions should be made well before the saturation coefficient reaches one. Thereby, we 

introduce a saturation threshold, Tsat· When Cn,sa?-:.Tsar, no new traffic will be accepted. Generally, 

admission control decisions can be either aggressive or conservative, depending on the selection of Tsat· 

Admission decisions can be made at either source stations, or destination stations. · Usually, it is 

straightforward to enforce admission control locally at the source station before it attempts data 

transmission. However, it is possible that when stations enter a broadcast region, there is no system-wise 

traffic information available. Therefore, transmission requests originated from these stations will be 

approved automatically without being aware of the presence of other existing traffics. In this case, to 

eliminate this possibility, it is necessary to enforce admission control at the destination station as well. 

Therefore, we propose source-destination dual admission control strategy. 

To accommodate the fact that there may be multiple flows within a station, we defme existing traffic 

bit-rate of a station as the sum of bit-rates of all traffic flows that have been accepted/admitted (i.e. 

admitted) for transmission from the corresponding station. Each station maintains a local table of existing 

traffic bit-rates of all stations in its broadcast region. However, a station only knows its own existing 
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traffic bit-rate. In order to collect the information of other stations, a station needs to listen to the channel, 

and get the piggybacked information along with the source/destination station addresses, which are 

already included in the standard MAC frames. For all stations being in the broadcast region for enough 

long time, the completeness of information in their local table is very high. Therefore in most cases, 

admission decisions are correctly made at the source stations. 

In the local table, the existing traffic bit-rates of other stations will only be updated when a station 

receives a CTS/ ACK frame with bit-rate flag equal to one or three. If the flag is one, the value of bit-rate 

obtained from the following field will be · added to the existing traffic bit-rate of the corresponding station 

in the local table. Similarly, if the flag is three, the value of bit-rate obtained from the following field will 

be deducted from the existing traffic bit-rate of the corresponding station in the local table. 

Every time a station updates the local table, it will also re-calculate the new saturation coefficient. The 

computational complexity of the non-linear solution for the analytical model is associated with the 

number of stations that have accepted traffic flows. In a BSS (Basic Service Set) with relatively small 

number of stations, the exact value of the saturation coefficient can be calculated, while for the large 

station number, the empirical approximation, which is described in Section 4.2, will be used to calculate 

the local saturation coefficient. 

Then, admission control procedures based on the proposed source-destination strategy are briefly 

described as follows. 

• Source station decision: (the station has a new traffic flow to send) 

Depending on which access methods (basic, rts/cts) are used, the station will send the frrst 

RTS/DATA frame of the new traffic flow with bit-rate flag equal to one only if (Cn,sa1<Tsa1); while if 

( Cn,sa~Tsat), the station will not bother to send the request at all because itself is already in saturation 

condition. In order to minimize unnecessary computation and processing, the new traffic flow has to 
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wait for a certain time before the station retries. 

Sending a request does not guarantee the admission of the new flow. The source station has to wait 

for the reply from the destination station. If the replied CTS/ ACK has a flag equal to one, which 

means acceptance, the source station will transmit the following upper layer packets in this flow till 

the completion. If the replied CTS/ACK has a flag equal to two, which means rejection, the source 

station has to wait for a certain period before the next request. 

• Destination station decision: (the station receives a admission request via a RTS/DATA frame with 

the bit-rate flag equal to one) 

The station will accept the request by reply with a CTS/ACK with bit-rate flag set to one if 

( Cn,sar<Tsar); otherwise it will reject the request by reply with a CTS/ ACK with bit-rate flag set to two. 

3.4.Extension to Multi-hop Ad Hoc Networks 

By incorporating with routing protocols, our scheme can be extended to multi-hop ad-hoc networks with 

necessary modifications. In multi-hop ad-hoc networks, nodes have different neighbors within their 

broadcast regions and collect different local traffic information. Therefore, each node has different 

saturation coefficient, which reflects the degree of congestion in its broadcast regions. If a node is in 

saturated status, it will not be selected as the intermediate router for end-to-end paths of new flows. 

Furthermore, with these local saturation coefficients calculated at each node, routing protocols can decide 

the least congested paths along intermediate routers to destinations. This saturation coefficient based QoS 

routing approach will be our future work. 
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4. SIMULATION 

4.1. Validation of the Proposed Analytical Model 

The simulation is implemented by NS-2. The general DCF parameters are shown in Table 2 [10]. All 

other parameters can be derived from these basic parameters, e.g., DIFS=SIFS+2SlotTime. To validate the 

analytical model, we choose . two scenarios, homogeneous traffic (i.e. all stations have identical traffic 

statistics) and heterogeneous traffic (stations may have different traffic statistics). 

In homogeneous traffic scenario, we test both 40Kbps/station and 200Kbps/station VBR traffics, which 

are shown in the Fig. 3 and Fig. 4 respectively. For each traffic bit-rate, we test different average packet 

lengths (i.e. 164/1024/2000 bytes). Normally, the voice traffic is CBR with short packet length. For 

example, 160 byte-long packets (ITU-T G.711 speech codec) plus 4 byte-long compressed RTPIUDP/IP 

headers have been be used for good quality voice calls. The average packet length of 1024 bytes is often 

used to analyze general IP traffic, while the average packet length of 2000 bytes may be used for 

compressed video traffic. 

From both Fig.3 and Fig. 4, we can. see that the proposed analytical model is accurate under the non

saturation condition, while there is slight difference between the analytical model and simulation under 

the saturation condition, which is mainly caused by the simple assumption of Tn,c in (17) and (18), without 

considering the NA V effect on other stations. However, since only the non-saturation part of the analytical 

model is useful for the admission control scheme, the model is acceptably accurate. In Fig. 3 ( al ), (b 1) 

and (c1), the normalized saturation throughputs are ranged from 0.35 (for 164 byte-long) to 0.65 (for 2000 

byte-long). Also, the average packet length affects the saturation point, which is the minimum traffic load 

that triggers the saturation condition. The numerical results of 'tn , Pn and Pn,empty are shown in Fig. 3 (a2), 

(b2) and ( c2). We can see that the saturation point is located at where the empty queue probability Pn,empty 
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reaches zero (or we can say that the saturation coefficient reaches one). 

With the same traffic load, the number of 40 Kbps-stations required in Fig.3 is larger than the number of 

200 Kbps-stations required in Fig. 4. Since the more stations, the more contentions and collisions may 

occur, the throughput achieved in Fig. 4 is higher than that in Fig. 3. 

In summary, both the bit-rate per station and the average packet length of stations affect the saturation 

point and the value of normalized saturation throughput. Therefore the admission control decision simply 

based on static throughput threshold is inappropriate under different traffic statistics. Instead, this 

inaccuracy can be eliminated by making admission control decision based on the saturation coefficient. 

In the real world, it is very common that stations do not have identical traffic patterns. The correctness 

of the proposed analytical model is also validated in heterogeneous traffic scenarios. In Fig. 5(a), the 

number of 40Kbps-stations is five times of that of 200Kbps stations. Similarly, Fig. 5(b ), the number of 

20Kbps-stations is five times of that of 1 OOKbps stations. The model is still accurate under the non

saturation condition. 

4.2. Empirical Equation of the Saturation Coefficient 

In the analytical model, the saturation coefficients are solved by non-linear equations, which is 

inefficient to be implemented in practical admission control schemes. Instead, it is more feasible to find an 

empirical equation of the saturation coefficients. From both Fig. 3 and 4, we can see that, under the non

saturation condition, the empty queue probability decreases linearly with a constant slope when the traffic 

load increases. Therefore, under the non-saturation condition, the increment of the empty queue 

probability will be a constant given the same traffic statistics (i.e. bit-rate and average packet length) of 

the newly accepted flow. 

Let ll.Cn,sat be the increment of the saturation coefficient due to the newly accepted flow, bit-rate of the 

newly added flow be ~. and the corresponding average packet length be L. Given ~ and L, this slope, 
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j{ilS,L ), is a constant, and can be expressed as 

t:.,C old new An 

J (AS, L) = ;;at = p n,empty :.Sp n,empty = '-'¥~empty (21) 

j{M,L) represents how fast the saturation coefficient reaches one. If Mt>Mz, we have 

As in practice, traffic flows are categorized into a number of classes based on the bit-rate and the 

average packet length. In our simulation, we divide the traffic into Low( 40 Kbps )/ High(200 Kbps) bit-rate 

and Short(164 byte)/Medium(1024 byte)/Long(2000 byte) average packet length. Therefore there are 

totally six classes. For each type of class,j{M,L) can be pre-calculated by the nonlinear solution and set at 

the station as other contention parameters. The stations will simply search the correctj{M,L) based on M 

and L of the newly accepted traffic, and add the corresponding t:.Cn,sat to the current saturation coefficient. 

The computational complexity is linear with the number of incoming traffics. The pre-calculatedj{M,L)'s 

for our simulation are shown in Table 3. 

4.3. Performance of the Admission Control Scheme 

In this section, simulations are conducted to evaluate the performance of the proposed admission control 

scheme in single-hop ad-hoc networks. All stations are assumed to be in the same broadcast region and 

each station only initiates one flow. Our simulation topology is a ring composed by totally 15 stations. 

Each station sends a flow to the next one in the ring and it is also the receiver of the flow originated from 

the previous station. All flows have the same bit rate of 200Kbps, and average packet size of 2000byte, 

respectively. From t=O second, every 1 second, a new flow arrives until t= 14 seconds and the simulation 

duration is 17 seconds. The performance of the first flow is shown in Fig. 6, in terms of throughput and 

end-to-end delay. It can be seen that without admission control, DCF experiences unbounded large end-to-

end delay and low throughput. However, with the proposed admission control scheme, new flows are 
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rejected once the saturation coefficient exceeds the specified saturation threshold. Therefore, QoS 

requirements of accepted flows can be guaranteed. We also compare the effects of choosing saturation 

thresholds of 0.8 and 0.9. With Tsat of 0.8 and 0.9, the numbers of accepted flows are 8 and 9, 

respectively. Thus, certain performance degradation is expected when TsaF0.9 comparing to the case of 

Tsat =0.8, although the corresponding rejection rate is slightly lower. Notice that when Tsat =0.9, the 

system is actually in quasi-saturation, which is characterized by unstable delay and throughput (dash line 

in Fig. 6). However, QoS of existing flows are guaranteed when TsaF0.8. Therefore, considering the 

tradeoff between rejection rate and QoS guarantee, we recommend Tsat of0.8. 

5. CONCLUSION 

In this paper, we proposed the frrst analytical model capable to analyze both non-saturation and 

saturation condition. Based on that model, we then introduced saturation coefficient (i.e. Cn,sat, which 

reflects the degree of saturation of any station) as the performance criterion for the admission control. 

Finally we developed a novel fully distributed source-destination admission control scheme, which avoids 

the problem of enforcing admission control at new source stations. The required modification of the 

standard IEEE 802.11 is quite small, without introducing much additional overhead. And the admission 

control scheme has very low computation complexity. The accuracy of the proposed analytical model and 

performance of the proposed admission control scheme have been shown by simulation. 

Further research will be located at several areas: (1) to further extend the signaling part of the admission 

control scheme for multi-hop ad hoc networks; (2) to support EDCF with prioritized traffic; (3) to design 

a QoS routing protocol for IEEE 802.11 ah hoc networks that utilizes the saturation coefficient 

information to select optimal end-to-end paths. 
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For the nth Station 

••• •• 

Fig. 1. Markov chain model ofDCF (including the non-saturation condition and station-based traffic differentiation) 

Fig. 2. Modified frame format 

Slot Time 
SIFS 

PPDU Transmission Rate 

2 (only valid for 
CTS/ACK) 

3 

Destination Sli-tion accepts the new flow, followed by 
bit-rate (Kbps) and pktLen (10bytes) of the new traffic 
flow. 
Destination station rejects the new flow, followed by bit
rate (Kbps) and pktLen (IObytes) of the new traffic 
flow. 

L: Medium (1024 byte) 1.379641/BW 
L: Long (2000 byte) 1.514873/BW 1.274952/BW 
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Fig. 3. Normalized throughput and other parameters from analytical model 
(each station has a bit-rate of 40 Kbps) 

(a) average packet length 164 bytes; (b) average packet length I 024 
bytes; (c) average packet length 2000 bytes. 
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Fig. 4. Normalized throughput and other parameters from analytical model 
(homogeneous traffic, 200 Kbps/station) 

(a) average packet length 164 bytes; (b) average packet length 1024 
bytes; (c) average packet length 2000 bytes. 
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Fig. 5. Normalized throughput and other parameters from analytical 
model (heterogeneous traffic, average packet length 1024 byte) 

The number of stations in (a) 200Kbps:40Kbps=l:5; (b) 
100Kbps:20Kbps=l:5. 
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Fig. 6. Performance of admission control vs. time 
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