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Abstract We provide analytical models for capacity
evaluation of an infrastructure IEEE 802.11 based network
carrying TCP controlled file downloads or full-duplex packet
telephone calls. In each case the analytical models utilize the
attempt probabilities from a well known fixed-point based
saturation analysis. For TCP controlled file downloads,
following Bruno et al. (In Networking 04, LNCS 2042,
pp. 626-637), we model the number of wireless stations
(STAs) with ACKs as a Markov renewal process embedded
at packet success instants. In our work, analysis of the
evolution between the embedded instants is done by using
saturation analysis to provide state dependent attempt
probabilities. We show that in spite of its simplicity, our
model works well, by comparing various simulated quanti-
ties, such as collision probability, with values predicted from
our model. Next we consider N constant bit rate VoIP calls
terminating at N STAs. We model the number of STAs that
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have an up-link voice packet as a Markov renewal process
embedded at so called channel slot boundaries. Analysis of
the evolution over a channel slot is done using saturation
analysis as before. We find that again the AP is the bottle-
neck, and the system can support (in the sense of a bound on
the probability of delay exceeding a given value) a number
of calls less than that at which the arrival rate into the AP
exceeds the average service rate applied to the AP. Finally,
we extend the analytical model for VoIP calls to determine
the call capacity of an 802.11b WLAN in a situation where
VolIP calls originate from two different types of coders. We
consider N; calls originating from Type 1 codecs and N,
calls originating from Type 2 codecs. For G711 and G729
voice coders, we show that the analytical model again pro-
vides accurate results in comparison with simulations.

Keywords TCP throughput on WLAN - VoIP on WLAN -
Capacity of WLAN - Performance modeling of DCF

1 Introduction

Wireless local area networks (WLANS) based on the IEEE
802.11 standard [22] are being increasingly deployed in
enterprises, academic campuses and homes, and at such
places they are expected to become the access networks of
choice for accessing the Internet. It therefore becomes
important to study their ability to carry common Internet
applications such as TCP controlled file downloading, or
packet voice telephony.

In this paper, we are concerned with a network in which
N IEEE 802.11 stations (STAs) access a high speed local
area network via an access point (AP). We consider three
different traffic scenarios, and develop analytical models
that yield capacity estimates for carrying such traffic over
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the WLAN. Thus our analysis will yield answers to the
questions: “How many TCP controlled file transfers can be
done in parallel so that the transfer throughput per STA is
at least (say) 25 kilobytes per second?” or “How many
packet telephone calls can be set up to different STAs such
that the probability of packet delay over the WLAN
exceeds (say) 20 ms is small?” Our goal is to provide
answers to these questions using a stochastic model for the
WLAN and the traffic flow through it.

In the first scenario, we consider N STAs each having a
TCP connection via the AP to some server. Such a TCP
data transfer only situation will exist in a typical office
LAN environment. Each of the connections is transmitting
a long file from the server(s) to the users via the AP. We
develop an analytical model for this system and obtain the
system throughput.

In the second scenario, each STA is engaged in a VoIP
call with some wired client via the AP. Such a situation
would arise in a wireless IP PBX where the sole function is
to provide telephony services in an office. In this case we
will consider the quality of service (QoS) parameter to be
the fraction of packets transmitted within a certain time for
each connection. We form an analytical model of this
system and compute the number of voice calls that can be
supported.

In the third scenario, we consider the case where the VoIP
calls originate from different type of codecs. The analytical
model for VoIP calls (in the second scenario) is extended to
analyze this case. We obtain the admissible region for the
number of VoIP calls of different types, possible in the
WLAN, while meeting the delay QoS constraint.

In each of the above models we identify an embedded
Markov chain which we study to obtain the parameters of
interest. The MAC protocol (CSMA/CA) employed in
802.11 DCF is complicated and does not really lead to a
Markov system. But we replace it with a system where
each station transmits its packet (if it has one) in every slot
with a probability that depends only on the number of
stations contending for the channel at that time. We
approximate these probabilities as those obtained from the
saturation results in [2, 15]. The intervals between the
instants at which Markov chain is embedded are random,
but together these constitute a Markov renewal process. We
will see that the resulting stochastic model provides a good
approximation to the actual system.

Remark It is known (see for e.g., [1]) that with the default
IEEE 802.11 DCF, interactive packet telephony cannot be
sustained in conjunction with data downloads. Hence in
this paper we analyze the two traffic classes separately. In
recent work [11, 12] we have extended our approach in this
paper to IEEE 802.11e WLAN where we do model voice
and TCP downloads together. B
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1.1 Related literature

The modeling of IEEE 802.11 DCF has been a research
focus since the standard has been proposed. Chhaya and
Gupta in [6] analyze the effect of packet capture and hid-
den terminals. Cali et al., in [5], provide a theoretical
throughput analysis based on a p-persistent model of the
MAC. In [2], Bianchi uses a Markov model to analyze the
saturation throughput of a single cell IEEE 802.11 network,
and shows that the model yields accurate results. A gen-
eralization and a fixed point formalization of the Bianchi
analysis is done by Kumar et al. in [15]. All the above
papers assume that stations operate in saturation, i.e., they
always have a packet to transmit.

There are only a few attempts to model and analyze the
802.11 MAC protocol behavior when subjected to actual
traffic loads, e.g., TCP or voice traffic. Duffy et al. [8] and
Sudarev et al. [23] propose models in finite load conditions
by approximating the packet arrival process at the wireless
stations as a Poisson process. Tickoo and Sikdar [24]
derive delay and queue length characteristics for a finite
load ad-hoc 802.11 WLAN by modeling each queue with
an M/G/1 model. Detti et al. [7] and Pilosof et al. [20]
discuss throughput unfairness between TCP controlled
transfers in 802.11 WLAN:S. Leith and Clifford [16] discuss
how TCP unfairness can be removed using the QoS
extensions in 802.11e. The papers do not directly address
the problem of performance evaluation of actual TCP
transfers or VoIP calls in a WLAN.

Bruno et al. [3] consider the scenario of STAs per-
forming TCP controlled bulk downloads via an AP. Our
modeling assumptions are drawn from this work. We dis-
cuss the relationship between [3] and ours in subsection
2.2. In their recent paper [4], Bruno et al. have considered
the scenario where both upload and download TCP con-
nections are present in the WLAN. When there is a certain
number of contending nodes, the authors model the state
dependent attempt probabilities using an iterative analysis
presented in [5]. The proposed model does not consider the
delayed ACK option, an important technique that improves
the TCP throughput. Miorandi et al. [18] propose a model
for performance analysis of TCP download connections in
the WLAN, with the delayed ACK option. The model in
[18], uses a Bernoulli distribution approximation for the
number of contending nodes in the WLAN.

Analytical performance modeling of packet voice tele-
phony to estimate the call capacity over 802.11 WLANSs
has been done by Garg and Kappes [9], Hwang and Cho
[13] and Medapalli et al. [17]. These authors do not model
the evolution of the back-off process of the 802.11 MAC
layer, but consider approximate constant values for back-
off parameters like average back-off time [9, 13]) and
collision probability [17].
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1.2 Our contribution

We model the MAC layer queue dynamics for typical In-
ternet applications like TCP download transfers and voice
traffic, while also considering the evolution of the binary
exponential back-off process of the 802.11 MAC. We
provide a simple approach of using the results of saturation
analysis of Bianchi [2] and Kumar et al. [15] for perfor-
mance evaluation of a WLAN with finite load. The delayed
ACK option is considered for TCP download transfers. In
each of the scenarios, we obtain the number of contending
stations through a Markov chain and obtain the perfor-
mance measures through Markov regenerative analysis. In
order to ascertain the accuracy of the models, we derive
additional parameters like collision probability, attempt
rate, etc., and show that they compare well with the sim-
ulation results.

1.3 Outline of the paper

In Sect. 2, we discuss the modeling assumptions of TCP
download transfers case. We build the model that results in
a Markov regenerative framework and use it to derive the
performance measures, namely the aggregate download
throughput and collision probability. First we consider the
undelayed ACK case and then cover the delayed ACK case
as well. We then provide numerical and simulation results
for showing the accuracy of the model. In Section 3, with
some key assumptions, we model the case of duplex CBR
voice calls and derive the voice capacity and other related
parameters for model validation. In Sect. 4 we justify the
approach of using attempt probabilities from saturation
analysis of [2, 15], by deriving the attempt rates from the
proposed voice model and comparing them with those
obtained from the simulations. In Sect. 5, we extend the
voice model to capture the scenario when calls originate
from different type of codecs. We obtain the admission
region of voice calls in this scenario, while meeting the
QoS delay constraint. Lastly (in Sect. 6) we conclude by
listing the modeling insights obtained in this analysis.

2 Modeling TCP controlled file downloads
2.1 Modeling assumptions

We consider a single cell 802.11 WLAN with N STAs
associated with a single AP. All nodes (a term we use to
refer to any wireless entity and hence could be STAs or
AP) contend for the channel via the DCF mechanism. Each
STA has a single TCP connection to download a large file
from a local file server. Hence, the AP delivers TCP data
packets towards the STAs, while the STAs return TCP

ACKs. We further assume that when downloading a file,
RTS/CTS is used by the AP to send the data packets, while
basic access is used by the STAs to send the ACKs. We
begin by assuming that when an STA receives data from
the AP, it immediately generates an ACK (that is queued at
its MAC). Later on we also consider a model for the case in
which delayed ACKs are used.

We assume that the AP and the STAs have buffers large
enough so that TCP data packets or ACKs are not lost due
to buffer overflows. We also assume that there are no bit
errors, and packets in the channel are lost only due to
collisions. Also, these collisions are recovered before TCP
time-outs occur. As a result of these assumptions, for large
file transfers, the TCP window will grow to its maximum
value and stay there.

When there are several TCP connections (each to a
different STA), since all nodes (including the AP) will
contend for the channel, and no preference is given to the
AP, most of the packets in the TCP window will get
backlogged at the AP. The AP’s buffer is served FIFO, and
we can assume that the probability that a packet trans-
mitted by the AP to a particular STA is 1/N. Thus it is
apparent that the larger the N, the lower is the probability
that the AP sends to the same STA before receiving the
ACK for the last packet sent. The number of ACKs in the
STAs depends on the number of TCP data packets deliv-
ered by the AP. If there are several STAs with ACKs then
the chance that AP succeeds in sending a packet is small.
Thus the system has a tendency to keep most of the packets
in the AP with a few STAs having ACKs to send back. We
observe that the STA may or may not have an ACK packet.
When the STA queue is non-empty, it contends for the
channel. To develop the model (based on the above dis-
cussion) we assume that each STA can have a maximum of
one TCP ACK packet queued up. This assumption implies
two things. First, after an STA’s successful transmission,
the number of active STAs reduces by one. Second, each
successful transmission from the AP activates a new STA.
As N is increased, this assumption is close to what happens
in reality.

Hence for large N, we can simply analyse the process of
the number of active STAs. Before explaining the analysis
we will review a similar approach from [3].

2.2 Discussion of related work [3]

The modeling assumptions mentioned above were first
introduced in [3]. The authors consider the TCP transfers
scenario and obtain the channel utilization achieved by the
AP’s transmissions. They derive the analysis for a p-per-
sistent IEEE 802.11 protocol. The p-persistent IEEE
802.11 MAC differs from the standard protocol in the
selection of the backoff interval. Instead of the binary
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exponential back-off used in the standard, the backoff
interval is sampled from a geometric distribution with
parameter p. In order to obtain the channel utilization they
first obtain the mean virtual transmission time (E[T,]) de-
fined as the mean time between two AP successes. They
provide a complicated derivation of E[T,];, the mean vir-
tual transmission time conditioned on having K active
STAs at the beginning of the virtual transmission time.
Then they compute E[T,] as >, n(k)E[T,],, where n(k) is
the probability that there are k active STAs after an AP’s
successful transmission. The channel utilization is simply
Tap/E[T,| where T,p is the time taken to transmit one AP
packet. They obtain results only for the non-delayed ACKs
case and report the delayed ACK case as a matter of further
study. They provide simulation results as well to substan-
tiate their analysis. Our approach here is similar but differs
in the following ways: (i) We incorporate the IEEE 802.11
DCF backoff procedure by using the saturation analysis
from [2] and [15]; in particular, as against the constant p in
[3], the attempt probability in our model depends on the
number of STAs having ACKs at that time. (ii) We validate
this approach by calculating additional system measures
(collision probability and distribution of number of non
empty STAs), and compare the results against simulations.
(iii) We also develop a VoIP capacity analysis (in Section
3). (iv) Our analytical development is very simple.

2.3 The mathematical model and its analysis

Let us consider Fig. 1 which shows the back-offs and the
channel activity. The instants Gy, k € 0,1,2,3, ..., are the
instants where the kth successful transmission ends.

First consider N large, and let S, be the number of
active STAs at the instants Gy. Since the AP has TCP data
packets to transmit all the time, it is sufficient to keep track
of S;, in order to model the channel contention. We also
assume that whenever there are n active STAs then these
STAs and the AP each attempt in a slot with probability
B.+1, Where f8,,1 is the attempt rate obtained via saturation
analysis ([2] and [15]) when there are n + 1 saturated
nodes.

Since the back-off parameters for both the AP and the
STAs are the same, it is assumed that when there are n
STAs active, the probability of the AP to win the conten-
tion is 1/(n + 1) while the probability of one of the STAs to
win the contention is n/(n + 1) [15]. As explained earlier in

Fig. 1 An evolution of the X

Sect. 2.1, since the AP is carrying the traffic of all the N
STAs, the number of contending STAs cannot become
large. Hence the number of STAs that are active with a
high probability is insensitive to N for large N. See also
[4, 18]. Hence with the above observations and assump-
tions, S; is modeled as a Markov chain, over all nonneg-
ative integers. The transition probabilities of the Markov
chain are shown in Fig. 2. This approximation also helps us
to obtain a simple closed form expression of the stationary
probability distribution, 7, which we will derive below. We
will show via simulations that this simplification yields
accurate results for large N (in fact, N just needs to be
greater than 4 for the infinite N model to suffice).

It is easy to see that for N = 1, the situation is different
from that described for N large. Since nodes contend for
access independent of their packet lengths, in steady state
(for large file downloads) the TCP window will be equally
split between the AP and the single STA. Both nodes are
thus saturated and the AP throughput is the connection
throughput. This observation was also made in [15].

The following subsections provide the analysis of the
model for N large, followed by the analysis for N = 1. We
will see from simulations how large N needs to be for the
“large N” analysis to apply.

2.3.1 Aggregate download throughput

The throughput of the AP is the main performance metric
for this system. Consider Fig. 1. Let X; = Gy — Gy—1.
Under our assumptions {(Sk; G¢),k >0} forms a Markov
renewal process. Let the number of successful attempts
made by the AP in the kth cycle be denoted by H; (= 0 or
1). We view Hj as a reward associated with the kth cycle.
Let H(r) denote the total number of AP successes in (0,f).
Then by Markov regenerative analysis (or a renewal
reward theorem) [14] we obtain, with probability one,

Ym0 T (ﬁ)
oo tERX

H
fim 1) _
t—oo  f

=: Oup—pp

where 7, is the stationary probability of having n con-
tending STASs in a cycle, and E, X is the average time until
the end of the next success when the number of contending
STAs at the end of a success is n. In the following we
compute 7, and E,X. @4p_g, is the total throughput (in
packets per second) obtained by all the TCP connections

Gr,ke€0,1,2,3,..., are the

e Back-Ofts|
T

I Back—Offs “:H:H:H Back—Offs ”:H:H:H
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back-offs and channel activity. e
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instants where kth successful k-1
transmission ends
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Fig. 2 Transition probability diagram of the Markov chain Sy

together. The ith TCP connection will get the throughput,
0; (in packets per second) proportional to its maximum
window size. The throughput of each connection, in bits
per second, will be proportional to the product of the
maximum window size and the packet length. We are
assuming here that each connection has the same maximum
window size and equal packet length and so each of the
connection will obtain an equal share of the aggregate
download throughput ®4p_g,.

2.3.2 The stationary distribution, T,

The balance equations for the Markov chain are (see
Fig. 2)

1/n n+1

— i =——m, ne{0,1,2,...}.
) = e { }

T, =

Using the above equations and the fact that > 7, =1,
one can obtain the stationary probability ,, as

n+1

(n))(2¢)’

Since we have a positive invariant probability vector, the
Markov chain is positive recurrent. We notice that
> oo T ’h%l :%, as expected, i.e., in the undelayed
ACK case, the AP must transmit half the successful
transmissions.

ne{0,1,2,...}.

n, =

2.3.3 Mean cycle length, E,X

Let the attempt probability of a node obtained from fixed
point analysis be f3,,; [15] when there are n + 1 contend-
ers. Then the following equation holds (this takes into
account the fact that the following events take different
times: the time wasted in collision, when a slot goes idle,
when TCP packet is successfully transmitted by AP and
when a TCP ACK packet is successfully transmitted by an
STA)

E X =Piqic(0 + E,X) + PoapTiap
+ PXSTATSSTA + PC(TC + EnX)

which yields:

Piaied + PsapTsap + PsstaTssta + PcTe

I = Pige — P .
The above equation uses the following notations. These use
the IEEE 802.11b parameters provided in Table 1.

0 isthe system slot time. A system slot is the time unit
employed for discrete-time backoff countdown in IEEE
802.11 MAC standard.

Pigie is the probability of a slot being idle =
(1 - ﬁ;z+l)n+1'

Pgap  is the probability that the AP wins the conten-

tion = ﬁn+1(1 — ﬁn+l)n.
is the probability that an STA wins the con-

- ﬁnJrl)n'

E.X =

P sSTA
tention = nf,_ (1

P, is the probability that
sion = 1 — Pigle — Psap — Pysta-

Tiap is the time required for transmitting one TCP
packet (from AP) including MAC and PHY overhead =
Tp + Tpuy + m + Tsips + Tp + Tpay + CTS + Tsips+Tp+

L L, L L L,
TPH + MAC+ IPH‘ngCPH+ TCP+TSIFS+TP+TPHY+ A(K+

there is a colli-

Tpirs-

T,sta s the time required for transmitting one TCP
ACK packet including MAC and PHY overhead =
Tp + Tpuy + % + Tsips + Tp + Tppy + L’é,fl(
+Tpirs-

T. is the time spent in collision = Tp + Tpyy+
Luac+Lipa+L
MAC ll’l'é TCP—ACK + TEIFS

In the above calculations, we have assumed that TCP
data packets are larger than the RTS threshold and hence

Table 1 Various parameters used in analysis and simulation

Parameter Symbol Value
PHY data rate Cy 11 Mbps
Control rate C. 2 Mbps
PLCP preamble time Tp 144 ps
PHY Header time Tpuy 48 ps
MAC header size Lyiac 34 bytes
RTS packet size Lgrs 20 bytes
CTS packet size Lers 14 bytes
MAC ACK header size Lack 14 bytes
IP header Lipy 20 bytes
TCP header Lrcpy 20 bytes
TCP ACK packet size Lrcp.ack 20 bytes
TCP data payload size Lrcp 1500 bytes
VolIP packet size: G 711 L vices Lyoicel 200 bytes
VoIP packet size: G 729 Lyoices 60 bytes
System slot time 0 20 ps
DIFS Time Tpirs 50 ps
SIFS Time Tsirs 10 ps
EIFS Time Teirs 364 s
Min. Contention Window CWhin 31

Max. Contention Window CWinax 1023
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the AP uses the RTS/CTS access mechanism, and since
TCP ACKs are small, the STAs use the basic access
mechanism. Also, we note that whenever there is a colli-
sion, either between an RTS packet from the AP and one or
more TCP ACK packets from the STAs, or between two or
more TCP ACK packets from STAs, the channel time
wasted is that due to the TCP ACK packet, since, the RTS
packet is smaller than a TCP ACK packet. This gives us
only one collision time, given by T..

2.3.4 Collision probability

To further check the accuracy of the model, we give an
expression for the conditional collision probability defined as
the probability that an attempt of the AP fails due to a col-
lision. Again let us consider the Markov renewal process
{(Sk, Gk), k > 0} mentioned earlier. Let us define, for the kth
cycle, {Ag, k > 0} as the number of attempts made by the AP
and {Cy, k >0} as the number of collisions of these attempts
by the AP. Let C(f) and A(f) denote the total number of
collisions and attempts, respectively, in (0, f). Then,

C(t o T ERC
1m 9 —E 2 = VaP—fip
t*}OOA(t) Zn OTC"E A

a.s.

E,A and E, C can be calculated as follows. We use the
assumption that after every collision, success or idle slot,
the nodes attempt with a probability which depends only
upon the total number of nodes in active contention and is
independent of the previous state of the system. Then,

E.A = Prob{None of the nodes attempt}(E,A)
+ Prob{AP attempts and succeeds}(1)
+ Prob{AP attempts and collides}(1 + E,A)
+ Prob{Some STA attempts and succeeds}(0)
+ Prob{AP does not attempt, STAs collide}(E,A)

=(1 = )" (EaA)+
(

ﬁnJrl(l BnJrl) ( )

ﬁnJrl(l 1 - ﬁnJrl) ( +EV!A)+

(1= Bps)nBuir (1 _ﬁn+l)n71(0)+

(1- n+1)(1 (1- n+1) —"ﬂn+1(1 —ﬁnﬂ)n_l)(EnA)

and

E,C = Prob{None of the nodes attempt}(E,C)+
Prob{AP attempts and succeeds}(0)+
Prob{AP attempts and collides}(1 + E,C)+
Prob{Some STA attempts and succeeds}(0)+
Prob{AP does not attempt, STAs collide}(E,C)
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1= But)" (EaC)+

1= Bpp)nBu (11—

I=B,)(1=(1

Bui1)"(0)+
ﬁn+l) )(1+E C)

Bu)"” (0)+

(
(
( ﬁn+l) nﬂnJrl(l

—Bue)" (EC)

2.3.5 Single TCP session (N = 1)

As explained earlier in this section, when only one STA is
engaged in a download file transfer, we have just 2 nodes
and the assumption of asymmetry in the queues of AP and
STA does not hold. The two nodes eventually reach a
steady state wherein both are saturated [15]. Then the
throughput is simply obtained as

H(r) 1/2

Oup—fip = tlilllCT “Ex (1)

since each success is a data packet or a TCP ACK packet,
with equal probability.

2.4 Analysis for TCP with delayed ACKs

The analysis can be applied to a system with TCP con-
nections with delayed ACKs as well with a small modifi-
cation in the model. Let us assume that instead of every
TCP packet, every alternate packet is acknowledged. (This
analysis can be easily extended to the case in which every
mth packet is acknowledged).

In our model without delayed ACKs, when the AP suc-
ceeds it generates an ACK at an STA due to which the state
of the system increases by one. In the delayed ACK case an
AP success generates an immediate ACK at an STA only
half of the time. Thus if the number of STAs with ACK
packets is n and the AP succeeds then S, goes to the state
n + 1 with probability 1/2(n + 1) and S, will stay at the
same state with probability 1/2(n + 1). The rest of the
transitions remain unchanged. The new transition diagram
is shown in Fig. 3.

The balance equations for this Markov chain are

1/2n n+1

T -1 = 5 5 Tn—1; 071727"'
n/(n—!—l)n LT e Mt ned }

T, =

from which we obtain

n+1

Ty = ey 0, ne{0,1,2,...}.

Using the above equations and the fact that ) m, =1,
one can obtain the stationary probability m,. All other
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Fig. 3 Transition probability diagram for the infinite Markov process
Sy with delayed ACKs

calculations for throughput and collision probabilities
remain unchanged.

Since we are reducing the number of packets generated
at the STAs, the AP’s share of transmitted packets in-
creases. Thus the throughput of this system will be more
than that of the system with non-delayed ACKs.

Remark The analysis above assumes strictly that every
other packet is acknowledged. If N is large, due to the
increase in queue length at the AP, the time between suc-
cessful packet transmissions for the same STA might
exceed the delayed ACK timeout, and as a result a delayed
ACK will be generated at the STA. Thus, for large N the
throughput is expected to decrease, which our analysis will
not capture. Thus, this analysis gives an upper bound on the
throughput (see Fig. 7). m

2.5 Simulation results and comparisons

In this section, we compare the results obtained by our
analysis with those obtained by simulations (done in Net-
work Simulator ns-2 [19]). The various parameters used
were taken from the 802.11b standard (given in Table 1).
The TCP packet size is 1500B and the RTS threshold is
300B. The error bars in simulation curves denote 95%
confidence intervals. The analysis yields two throughput
numbers, one for N = oo (for each PHY rate), and one for
N =1 for each PHY rate. The values are shown in Table 2.
Figures 4-7 show the distribution {=,}, the aggregate
throughputs (without delayed ACKs), the collision proba-
bilities and the aggregate throughputs with delayed ACKs,
respectively. The throughput is in Mbps and is obtained as

Table 2 ©,p_g, for various PHY data rates obtained via analysis
GAP—ftp (Mbps)
Undelayed ACK

PHY data rate, C; (Mbps)

Delayed ACK

N=1 N = oo N =
2 1.41 1.41 1.51
5.5 2.80 2.78 3.04
11 3.88 3.86 4.30

Analysis; N =
—©— Simulation; N=5

(1] 1 2 3 4 5 6 7 8
Number of active STAs, n

T T T T T T T
— Analysis; N =
—6— Simulation; N=10

0 1 2 3 4 5 6 7 8
Number of active STAs, n

T T T T T T T
— Analysis; N =c
—©— Simulation; N=30

0 1 2 3 4 5 6 7 8
Number of active STAs, n

Fig. 4 Simulation results for stationary distribution, 7, of number of
active STAs n, for N = 5,10 and 30. Also shown alongside is the
analytical result using N =eo. The TCP sessions use undelayed
ACKs; the PHY data rate is 11 Mbps

8 X Lycp X Oup_pyp. The following are some of our

observations:

(1) In Fig. 4 we compare 7, obtained via simulations for
N = 5,10 and 30, and via analysis (using N = o). As
predicted by the analysis, 7, is independent of N for
such values of N. Note that the shape of the distri-
bution and its support is captured quite well by the
analysis. We see that for N = 5, the distribution of the
number of active STAs is insensitive to N and hence

55— T T T T T T

X Analy5|s N _1
—— Analysis; N =
4.5 1| —o— simulation

11 Mbps

3.5 1

3r 5.5 Mbps 1

251 1

2 Mbps

Aggregate AP throughput @AP—ftp (in Mbps)

L L L L L L L L

135 10 15 20 25 30 35 40 45 50
Number of FTP connections, N

Fig. 5 Analysis and simulation results for the downlink FTP
aggregate download throughput vs. number of FTP connections
(one per STA) for various PHY rates. The TCP sessions use
undelayed ACKs
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H 0.07 - b
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- 0.03
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Number of FTP connections, N

Fig. 6 Analysis and simulation results for the collision probability
vs. number of FTP connections (one per STA), for 11 Mbps and
2 Mbps PHY rates. The TCP sessions use undelayed ACKs

an analysis for N = can be expected to work
well. Interestingly, it works well for N <5 as well
(Figs. 5, 6).

(2) The plot of aggregate download throughput with
different values of N for PHY bit rates of 11, 5.5 and
2 Mbps are shown in Fig. 5. The values obtained via
the analysis are shown in Table 1. In Fig. 5 we show
the single throughput number obtained from the
N = oo analysis, plotted for N =5 (in view of the
observation in Point 1 just above). The value obtained
for N=1 is shown with an x . The analysis is
remarkably accurate, and we find that the throughput

==~ Analysis
4.5 + — Simulation

251 b

Aggrgate AP throughput eAP—ﬂp (Mbps)
w

15 e

! ! ! ! ! ! !

0 5 10 15 20 25 30 35 40 45
Number of FTP Connections, N

Fig. 7 Analysis and simulation results for the downlink FTP
aggregate download throughput vs. number of FTP connections
(one per STA) for various PHY rates. Delayed ACK option is enabled

@ Springer

for N = 2, 3, 4 is the same as that for the other values
of N.

(3) We compare the collision probabilities in Fig. 6
which gives a further check on the accuracy of our
model. The equation for y4p_g, shows that it is
independent of the PHY rate. This is verified by the
simulation plots. This insensitivity with the PHY rate
is as expected, since the evolution of the contention
process does not depend on PHY rates.

(4) In Fig. 7 we compare the aggregate downstream
throughput with different values of N for PHY bit rate
of 11, 5.5 and 2 Mbps for the delayed ACK case. As
commented on before, as N increases there is a drop
in the throughput which our model does not capture.

As a general rule of thumb, we can conclude that the
FTP download capacities (using TCP with delayed ACKSs)
for an infrastructure IEEE 802.11 WLAN with all STAs
associated at 11 Mbps, 5.5 Mbps or 2 Mbps are roughly
4.3 Mbps, 3 Mbps or 1.5 Mbps. These aggregate rates are
shared equally (for equal maximum window sizes and
packet lengths for each connection) among the STAs per-
forming the downloads, if there is one FTP session per
STA.

Remark An extension to the case where different STAs
are associated at different rates can be done as follows. The
Markov chains {S;} (see Figs. 2, 3) remain unchanged. The
success and collision probabilities will not depend on
the rates. Suppose a fraction a; of the STAs are associated
with rate r; (€11, 5.5, 2 Mbps). Then an STA success can
be ascribed to an STA associated with rate r; w.p. a;. An
AP success can similarly be ascribed to an STA associated
with rate r; w.p. a;. B

2.6 Remarks on our modeling assumptions

Under certain modeling assumptions, we have provided an
accurate analytical model for TCP controlled downlink file
transfers in an IEEE 802.11 WLAN. In this section we
discuss some of these assumptions.

2.6.1 Finite AP buffer

One of our modeling simplifications is that the buffer at the
AP is infinite and hence there are no packet drops due to
buffer overflow. A consequence of the infinite buffer
assumption is that the TCP window grows to its maximum
value, the AP buffer never empties out and hence the AP
always contends. It may be recalled that we have assumed
this in our analytical model. In practice, however, the
buffer at the AP is finite. Recall that we are modeling the
situation in which the file transfers are taking place from a
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server on the high speed LAN to which the AP is con-
nected. Hence the round trip propagation delay is very
small. Then, it can be easily seen that, if the number of
transfers is not very small (5 or more), a TCP window of 1
suffices to keep the AP from emptying out. In fact, our
analytical model continues to hold in all aspects. The
concern remains that if the maximum TCP window is large
(denoted usually by W,,.«, a typical value being 20 packets)
then buffer losses and the consequent timeouts can result in
starvation of the AP buffer. We therefore conducted ns-2
simulations with an AP buffer of 300 KBytes, or 200
packets. With 5 TCP connections there were no packet
losses, as expected. With 50 connections, we observed
packet losses, some of which resulted in timeouts and
others in triple-duplicate ACK based recovery. The packet
loss probability observed was 10%. However, the simula-
tions showed that the stationary probability distribution of
the number of contending STAs, the aggregate download
throughput, and the collision probability were still the same
as in Figs. 4-0, respectively. This is explained as follows.
One packet from each transfer suffices to keep the AP from
starving, as observed earlier. The TCP window never drops
below 1. Also, even when timeouts occur in some con-
nections, there are enough active connections to keep the
AP from starving. In fact, we have observed that even with
a very small AP buffer, e.g., just 10 packets, the aggregate
performance measures are the same as with an infinite AP
buffer, but there is a large short term throughput variability
across connections. With a 300 KBytes AP buffer this
variability becomes insignificant.

2.6.2 Bidirectional transfers

In our model, we have only considered TCP controlled
donwlink file transfers. If we retain the infinite AP buffer
model, then it can be seen that the same model works for
uplink file transfers. This is easily observed when delayed
ACKs are not used, i.e., for each received data packet the
TCP receiver sends back an ACK. First consider only up-
link file transfers. Now, in our model, we only need to
replace downlink data packets with ACKs, and uplink
ACKs with data packets. Exactly the same analysis works.
This is basically a consequence of the fact that in the IEEE
802.11 DCF the attempt behavior of the nodes does not
depend on the length or type of the packet being attempted.
Now, suppose that some STAs are performing downlink
transfers, whereas others are performing uplink transfers
(with each STA being involved in only one transfer). Again
the same model holds, and we have the same Markov
model for the number of STAs with a packet to send (ACK
or data). We just need to observe that, if all the TCP
windows are equal, then the head-of-the-line packet at the
AP is a data packet with probability equal to the fraction of

STAs that are performing downloads. Even different win-
dow sizes can be handled by this approach.

Although, numerical results from our model match the
finite buffer simulations, the detailed analytical modeling
of TCP transfers over a WLAN with a finite AP buffer
remains a challenging problem. With simultaneous trans-
fers in both directions, and finite AP buffers, unfairness
between downlink and uplink transfers has been reported in
empirical and simulation studies [10]. It is also of interest
to obtain a performance model when transfers take place
from a remote server across a wide area Internet. Modeling
of such situations is a topic of our ongoing research.

3 A model for packet voice telephony

There are N STAs, all associated with a single AP. Each
STA has a single full duplex VolIP call to a wired client on
the wired LAN via the AP. The calls are not synchronized
with each other. Each call results in two RTP/UDP streams,
one from a remote client to a wireless STA, and another in
the reverse direction. We begin by considering the case
where each call uses the ITU G711 codec. Packets are
generated every 20 ms. Including the IP, UDP and RTP
headers, the size of the packet emitted in each call in each
direction is 200 bytes every 20 ms. We also present results
for the G729 codec which compresses 20 ms speech to 20
bytes; this results in a packet of size 60 bytes including the
IP, UDP and RTP headers. We do not model voice activity
detection (and consequent packet suppression) since not all
instances of packet voice can be expected to utilize this
optimization.

We set an objective that each arriving packet of a call
should get served with a high probability before the next
packet of the same call arrives, i.e., “with a high proba-
bility the packet delay should be less than 20 ms”. To
justify this delay objective, we present some useful simu-
lation results, in Fig. 8. The figure shows the probability
that the voice packet delay, at the AP and at an STA,
exceeds d, d € { 20 ms, 40 ms, 80 ms, 120 ms} vs. the
number of voice calls in the WLAN. The solid lines are for
the AP while the dashed lines are for an STA. We make the
following observations:

(1) The AP packet delays shoot up earlier than that of the
STA. This implies, as is to be expected, that AP is the
capacity bottleneck.

(2) All the AP delay curves (for different values of d),
shoot up after 11 voice calls. These simulation results
show that the IEEE 802.11 service is such that there is
a sharp change from an uncongested regime to a
congested one. Such an observation can also be made
from the results reported in [21] and [24], where for
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Fig. 8 Simulation results showing the probability of delay of packets
at AP and STA being greater than d, d €{20, 40, 80, 120 ms} vs. the
number of calls (V). Packet size is 200 bytes (G711 codec); MAC
protocol is 802.11b; PHY data rate is 11 Mbps; control rate is 2 Mbps

an open-loop arrival model of a WLAN it is found
that the delay is very small but sharply increases as
the arrival rate approaches saturation.

Thus, though a more relaxed delay QoS may be
acceptable, we make an important conclusion that even “an
objective of Prob(delay = 120 ms) is small”, yields no
increase in the call capacity. For our model, the choice of
delay bound of 20 ms is convenient as it permits us to
assume that a device (AP or STA) will rarely have more
than one packet of the same call if QoS has to be met.

3.1 A stochastic model

In this subsection we develop a Markov renewal model for
the number of active senders when there are N calls in the
system, each call terminating on a different STA.

We make some assumptions that permit us to formulate
as a discrete time Markov chain the number of STAs that
have packets to transmit, i.e., that contend for the channel.
Packets arrive at the STAs every 20 ms. As discussed
earlier (just before Subsection 3.1), as a QoS requirement
we demand that the probability that a packet is transmitted
successfully within 20 ms is close to 1. Since the packets
will experience delays in the rest of the network also, this is
a reasonable target to achieve. Then, if the target is met,

LJ u.

T

whenever a new packet arrives at an STA, it will find the
queue empty. Thus the following two assumptions will be
acceptable in the region where we want to operate: (1) the
buffer of every STA has a queue occupancy of at most one
packet, and (2) new packets arriving to the STAs arrive
only at empty queues. The latter assumption implies that if
there are k STAs with voice packets then a new voice
packet arrival comes to a (k + 1)th STA. Since the AP
handles packets from N streams we expect that it is the
bottleneck (as also demonstrated by the simulation results
in Fig. 8) and we assume that it will contend at all times.
This is a realistic assumption near the system capacity.
Note however that the AP can have up to N packets of
different calls.

As mentioned earlier, packets arrive every 20 ms in
every stream. We use this model in our simulations.
However, since our analytical approach is via Markov
chains, we assume that the probability that a voice call
generates a packet in an interval of length [ slots is
pr=1—(1—27)", where 4 is obtained as follows. Each
system slot is of 20 ps duration. Thus in 1000 system slots
there is one arrival. Therefore, for the 802.11b PHY we
take 4 = 0.001. This simplification turns out to yield a good

approximation.
Figure 9 shows the evolution of the back-offs and
channel activity in the network. U;,j € 0,1,2,3,..., are

the random instants when either an idle slot, or a successful
transmission, or a collision ends. Let us define the time
between two such successive instants as a channel slot. The
interval [U;_;, U;) is called the jth channel slot. Let Y; be
the number of non-empty STAs at the instant U;. Let B; be
the number of new VoIP packet arrivals at all the STAs,
V;AP) the number of departures from AP and V;STA) the
number of departures from STAs in the jth channel slot.
We note that new arrivals in [U}, U, ) cannot contend until
U;,1. Hence,

STA
Vi =Y — VI + B,

with the condition Vj(STA) + Vj(AP) €{0,1},¥j. By our
earlier assumptions in this subsection, it is sufficient to
keep track of Y; in order to model the channel contention.

The distribution of the number of arrivals in one channel
slot, B;, can be obtained as follows. The probability with
which a packet arrives at a node in a slot is A. Then the
probability that at least one packet arrives in [ slots will be

U

Successful Transmission

SSS!

I+
[
Collision i :l Successful Transmission
T T

b~
L—— ‘\ !
Uifl Uj

Fig. 9 An evolution of the back-offs and channel activity. U;,j € 0,1,2,3, ..
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1—(1- /1)1 = p;. Since we assume that packets arrive at
only empty STAs, B; will have the distribution as given by

Prob(Bj;.1 = b|(Y; = y; L1 = 1))

- (N;y> (pD)? (1 — pyN >t

We also assume that whenever there are k nonempty
STAs then these STAs and the AP each attempt in a slot
with probability f;,;, where f;, is the attempt rate ob-
tained via fixed point analysis [15] when there are & + 1
saturated nodes. We can then express the conditional dis-
tributions Vfilm) and Vj(fp, as follows. Vj(f]TA) is 1 if an
STA wins the contention for the channel and O otherwise.
Thus

yem) _ ) 1T wp. (Y))By, 1 (1 = ﬁyjﬂ)yj
j+l 0 otherwise

and Vj(ff) is 1 if an AP wins the contention for the channel

and O otherwise. i.e.,

var _ 1T wp. By (1 - ﬁy/_+1)y’
j+l 0 otherwise

With the assumed binomial distribution for voice packet
arrivals and the state dependent probabilities of attempt, it
is easily seen that for 2 >0, {Y¥;;j>0} is an irreducible,
finite state DTMC and hence positive recurrent. The sta-
tionary probabilities, m,,0 <n <N of this DTMC can be
numerically obtained. Note that =, is the fraction of
channel slot boundaries at which the number of STAs is n.

We now find the distribution of channel slot length as
follows: Let L; be the length of the jth channel slot which
can take three possible values in units of system slots (9):
(1) one slot, when nobody attempts, or (2) T slots, when a
successful transmission takes place, or (3) T.,; slots when a
collision takes place.

Remark The values of Ty and T, depend on the access
mechanism employed. Since voice packets are of small
size, we use the basic access mechanism. Let, L,,;.. be the
length of a voice packet (including upper layer headers).
Then T, = Tp + Tpuy + 28R - Tgpg + Tp + Tpuy+
LAC% +Tpips and  Teyp = Tp + Tppy + % + Terrs
where the notation is as in previous section (see Table 1).
Table 4 gives the values of T and T, for different values
of C.and C;. B

Then the distribution of L;, given Y;_; = n, is
1w (1= B, )",

Lj = TS W.p. (}’l + l)ﬁnJrl(l - ﬁnJrl)na
T.,, otherwise.

The process {(¥}; U;),j >0} can be seen to be a Markov
renewal process, with cycle time L;.

3.1.1 Obtaining the voice call capacity

Let A;,j>0, be the number of successes of the AP in
successive channel slots. A; is 1 if the AP wins the channel
contention and 0 otherwise. If Y;_; = n, then,

A = 1 W.p. ﬁnJrl(l - ﬁn+1)n7
J 0 otherwise.

Let A(7) denote the number of successes of the AP until
time . We view the number of successes for the AP in a
channel slot as the “reward” associated with that channel
slot. Applying Markov regenerative analysis [14], we ob-
tain, with probability one

> o TEanA
ZQJ:() Tip EnL

where, E,A = E(4|Y;—1 =n) and E,L = E(Lj|Y;-; = n).
Oup_vorp(N) is the service rate of the AP in packets per
slot.

The rate at which a single call sends data to the AP is A.
Since the AP serves N such calls the total input rate to the
AP is NJ. Obviously, this rate should be less than
O4p_vorp(N). Thus, we define

limlﬂ =

t—oo

=: O4p_yor(N)

Niax = HlAE,lX(@AP—VolP (N)>N2)

Note that we are asserting that using N < Npax also
ensures the delay QoS. As discussed earlier in relation to
Fig. 8, this is based on the observation in earlier research
([21] and [24]) that when the arrival rate is less than the
saturation throughput then the delay is very small. We
validate this approach in Sect. 3.2.

Since each STA serves only one call, the number of calls
at which its service rate becomes less than the input load
will be more than the N,,,,, obtained by the above equation.
We already saw this in Fig. 8, and it will be reconfirmed by
additional simulations, that the AP is the capacity bottle-
neck in this problem.

Remark To appreciate the importance of our refined
analysis of calculating N,,,x developed above, we examine
a simpler approach to find N,,,x. Instead of calculating =,
we assume that the STAs are always non-empty, i.e., there
are N + 1 non-empty nodes in the system always. Then the
service rate applied to the AP will be

EnA
®,,4P—V01P (N) = m
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and the maximum number of calls is then given by

Ninax = m]\?x((aiw—vﬂm (N)>N2)

We give the results in Sect. 3.2. and show that this
simpler approach does not work and yields half the number
of calls as compared to Ny,,x. B

3.1.2 Mean number of non-empty STAs

In this section we determine the time average mean number
of STAs non-empty and later compare it with simulation
results. This gives a further check on the accuracy of our
model. Let Y(¢) denote the number of STAs with packets at
time ¢. Then we need lim,_, ., @ To determine the time
average mean number of STAs active, we need the time

average distribution of the number of non-empty STAs, v,,

fol(y(u):w)du We d . foll
I € determine v,, as follows.

ie., v, = lim,_.

The process {(Y;; U;),j >0}, is a Markov renewal pro-
cess. We consider the channel slots in time units of the
system slot . Let the reward associated with the jth cycle
be the total number of slots in which the number of STAs
having packets is equal to a particular value, say w, and be
denoted by R;(w) in the jth channel slot. Let E,R(w) be the
expected reward if we have n busy STAs at the start of the
channel slot. This is calculated as follows. Let gfzw)(l) be
the mean time spent in state w in [ system slots starting
with state n. g0”)(I) can be obtained by the following
recursive equations,

gfl”’>(l) = Za(N*n)‘k g,(i)k(l —1), forn<w.
k=0

(w)

gy (1) =1+aw-wo g —1)

¢ =0, forn>w

where, a, ; = Prob(k arrivals from x STAs in a system slot),
0<k<x
E,R(w) will be given by,

E.R(w) = Z

1€{1,T,Teor}

Prob(L; = I|Y;_1 = n)g") (1)

Now, we obtain

- 'w

: f(; I{y(”)_w} au ZQI:O Tn E”R(W)
lim a.s.
=5 nN:() 7, E,L

1—00 t

where, E,L = E(L;|Y;-; = n).
Then the mean number of STAs active is given by
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- Y() N
Jim = m >
n=0
3.2 Analytical and simulation results

In this subsection we present the simulation results and
compare them with results obtained from the analysis. The
simulations were done using ns-2 [19]. The PHY parame-
ters were taken from the 802.11b standard which are shown
in Table 1. In simulations, the start time of a VoIP call is
uniformly distributed in [0,20ms]. This ensures that the
voice packets do not arrive in bursts and remain unsyn-
chronized.

3.2.1 Maximum number of calls

In Fig. 10 we show the plot of AP service rate, ®4p_y,p,
versus the number of calls, N, for two PHY rates C; =
11 Mbps and 2 Mbps, for each codec. Also shown is the
line N /. We proposed the design objective @ p_y,p > NA.
From the graph we can find the largest N that satisfies this
requirement. For example, from Fig. 10 upper graph (G711
codec), for 11 Mbps data rate, we note that the AP service
rate crosses the load rate, after 12 calls. This implies that a
maximum of 12 calls are possible while meeting the delay
QoS, on a 802.11 WLAN. The values of N, obtained for
various data rates and codecs are shown in Table 3. Also
shown in the table are the values of N, (see the Remark
at the end of Subsection 3.1.1) that are almost half of the
values of Ny« obtained via our refined Markov analysis of
the system.

In Fig. 11, we show the simulation results for the QoS
objective of P(delay > 20 ms), for both AP and STA
packets, for different data rates and codecs. Note that the
P(delay:AP > 20 ms) is greater than P(delay:STA > 20
ms) and that the AP delay shoots up before the STA delay,
for any given packet size € {200B,60B} and PHY data rate
€ {11 Mbps, 2 Mbps}. This confirms our assumption that
the AP is the capacity bottleneck. We observe that there is a
value of N at which the P(delay:AP > 20 ms) sharply in-
creases from a value below 0.01. This can be taken to be
the voice capacity. For example, consider packet size of
200B (of G711 codec) and PHY data rate of 11 Mbps. We
find that the P(delay:AP > 20 ms) curve sharply increases
after N = 11, implying that N,.x = 11, and is one call less
than that obtained from the analysis. Table 3 lists the
values of N, obtained from simulations, for different data
rates and codecs. In all cases, our analytical N,,x iS one
more than that from the simulation. Thus we may infer a
rule of thumb that the system can support 1 call less than
the analytical Ny,,x, while providing the desired QoS.
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3.2.2 Mean number of non-empty STAs

As a further check on our model we compare the mean
number of active STAs. In Fig. 12, we show the plots of

T
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Number of VoIP calls, N

Fig. 11 Simulation results showing the probability of delay of AP
and STA packets being greater than 20 ms vs. the number of calls (),
for various data rates and codecs. The error bars denote 95% CI

Table 3 Analytical and simulation results of Ny, for various data
rates and codecs

C, in Mbps G 711 G 729
Analysis Sim Analysis Sim
Nmax  Npax Nmax Nmax Npge Ninax
11 12 5 11 13 5 12
2 6 3 5 10 4 9

Number of Voice Calls, N

mean number of STAs as obtained by our analysis and as
obtained via simulations, for different codecs. We see an
exact match of the plots in the region where QoS
requirement is met. For both codecs (see Fig. 12), beyond
N =17, the analysis underestimates the attempt rate, but
this is well beyond the normal operating point (See
Table 3), and for these larger N, our model itself does not
apply. The match is poor for large N (beyond the capacity)
because the theoretical assumption that the STAs have only
0 or 1 packet, which is typical of the regime in which the
QoS is met, is no more valid.
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Fig. 12 Analysis and simulation results showing mean number of
active STAs vs. N, for different codecs. In the upper graph, packet
Size is 200B (G711 codec) and in the lower graph, packet Size is 60B
(G729 codec); PHY data rate is 11 Mbps
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4 Validation of using saturation analysis attempt
probabilities

The key approximation of the above analysis is, “if #n nodes
have non-empty queues at any channel slot boundary, then
the attempt probability of a node is taken to be f3,”. The f3,,
values are obtained from [15] where if there are n saturated
nodes, the attempt probability of each node is f,. We
would like to cross-check the average attempt probability
used (in our analysis) with the average attempt probability
obtained from simulations in a non-saturated WLAN. This
further validates the use of state dependent attempt prob-
abilities in the analysis.

It is difficult to obtain f through simulations. This is
because by definition (see [15]), f is the probability that a
node attempts, conditioned on an idle channel slot having
just elapsed. These events are not easily readable from the
simulation trace file unless modifications in the ns source
code [19] are carried out. To circumvent this problem, we
derive an expression for attempt rate, i.e., if D(f) denotes
the cumulative number of attempts until time #, lim,_, &
shall be the average attempt rate in the WLAN. This is the
average rate at which the nodes attempt or contend for the
channel. The attempt rate is easily obtained from the
simulation trace file since we just have to count the total
number of attempts in the network and average out on the
total simulation time. The analytic attempt rate can easily
be obtained using the regenerative analysis (as we will
show). Thus, we derive the attempt rate from the above
analysis and compare it with simulation for varying num-
ber of nodes.

4.1 Analytical calculation of the attempt rate

In order to derive the attempt rate, we need to drop the
assumption that the AP is always saturated from the voice
model of Sect. 3 discussed above. This is because, in the
real scenario, the AP gets saturated only when the number
of voice calls nears the maximum number of calls sus-
tainable, while meeting the delay QoS. With the saturation
assumption dropped, depending on whether the AP queue
contains a packet, the total number of active nodes will be
Y; (in case no packet is there in the AP queue) or ¥; + 1 (if
the AP queue has at least one packet). The Markov Chain
{Y;;j >0} only provides the number of active STAs in the
WLAN at the channel slot boundaries. Additionally, we
need to know the state of AP queue so as to know the
number of active nodes at the channel slot boundaries.
Therefore we now model the buffer occupancy of the AP.
Let X; be the number of packets in the AP queue and
j AP) pe the number of new packets arriving at AP queue at
the end of jth channel slot. Then

@ Springer

Yii1 =Y — V,(ETM + Bji

AP
Koo = X~ VD + A7

(STA) (STA)

with the condition V;;™ + V ) e {0, 1}. V
and B; are as defined in Sect 3. On similar lines as B;, B
can be modeled as having a binomial distribution. Observe
that if x packets are already there in AP queue, at most only
N-x packets can arrive before the QoS delay bound of the
earliest arrived packet gets exceeded. Then the probability

prob(B ]<+1 |X;,Liy1), is given by

Prob ( ) — b|(X; = x; Ly :1))
N —x

= (p)" (1= p)" "
b

It can be seen that {(Y},X;);j >0} forms a positive recur-
rent DTMC and the stationary probabilities,
Tyx, 0<y, x<N, can be numerically found.

We make use of Markov regenerative framework to find
the attempt rate. In order to apply the renewal reward
theorem for point processes, we need the mean renewal
cycle time and hence we identify the distribution of L; as
follows:

Define Z; :=Y;+ 1 if X; #0 and Z; :=Y; if X; =0, at
the instant U;. Let n(Z;) be the probability of the (j + 1)th
channel slot being idle, ®(Z;) be the probability that a
STA succeeds, d(Z;) be the probability that the AP suc-
ceeds and {(Z;) be the probability that there is a collision.
Then L;,, takes the three values with the following
probabilities.

1 w.p. n(z)
L=< T, wp.o(Z)+a(Z)
Tm[ w.p. C(ZJ)

where T, and T,,; are as defined before and

n(Z) = (1= Bz)7,

(Z;) = Y;B, (1 — ﬁz,)zﬁl,
U(Z/):Ixﬂ)}ﬁz( *ﬁz) )
{Z) =1- (2(2) + 0(2) +n(Z))

I{X/#O} is as usual, an indicator function denoting that AP
has packets to send.

The process {(Y;,X;; Uj),j>0} can be seen to be a
Markov renewal process with L; being the renewal cycle
time. Let D; be the number of attempts in the network when
any node contends for the channel in the channel slot j.
Since we are interested in the system attempt rate, D; is the
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reward in cycle j. If there are n nodes active at the (j—1)th
channel slot boundary, (i.e., Z;_; = n), then we have,

D; =i w.p. (,:)ﬁiz(l - ﬁn)nii

Let ED be the mean number of attempts. Then

ED = ii(’;‘),@;(l

i=1

- :Bn)nii = nﬂn

Let D(¢) denote the cumulative number of attempts until
time z. Applying Markov regenerative analysis [14], we
obtain the net attempt rate of nodes in the WLAN, ®(N) as

N N
b, 230 2on=0 TrEy D

O(N) =1
™ - ro= vavzo Zyzo Ty xEy <L

where, E,.D =ED;|(Y;-1,Xj—1) =
Byl = E(Li|(Yj1, X)) =
slot.

(%)) and
(y,x)) and ®(N) is in attempts/

4.2 Numerical results and validation

Figure 13 shows the attempt rate of a node vs. number of
VoIP calls obtained from analysis and simulation in the
region of operation. The simulation is done using the
parameters as in Table 1. As before, in simulations, the
start time of a VoIP call is uniformly distributed in [0,
20 ms]. The error bars in simulation curve denote the 95%
confidence intervals. The error between analysis and sim-
ulation is less than 5%.

Thus we have further validated the approach of Sect. 3.

1400 - T T T T

— Analysis

— Simulation with 95% CI N
1200 -

1000 [

800 -

400 |

200 [

Attempt rate, ®(N), (in attempts per sec)

0 L L L L L L L
1 2 4 6 8 9 10 11

Number of VoIP calls, N

Fig. 13 Results from analysis and simulation: The total attempt rate
®(N) obtained vs. number of voice calls, N. Packet size is 200B
(G711 Codec); data rate is 11 Mbps and control rate is 2 Mbps

5 Model for two types of VoIP calls

We now consider a case where the VoIP calls originate from
two types of codec. We answer the question: “When two
different types of codecs are used, how many VoIP calls can
be set up to different STAs such that VoIP call QoS is met?”
We assume that Type 1 voice calls have a larger packet
size than Type 2 calls. Let Type 1 calls use the G.711 codec
and the Type 2 calls use G.729 codec. Then, as assumed
before, Type 1 calls generate 1 packet of 200 bytes every
20 ms and Type 2 calls generate 1 packet of 60 bytes every
20 ms. We obtain an analytical approximation for the
number of calls of each type that can be admitted so that QoS
is met. We extend the analysis of Sect. 3 for this scenario.

5.1 Stochastic modeling

The modeling assumptions remain the same as in Sect. 3.
The STAs shall have at most one packet in their queue and
the AP is assumed to be saturated. Let NV; and N, be the total
number of calls of Type 1 and Type 2 respectively. Let Y( )
be the number of non-empty STAs of Type 1 and ¥; @ pe the
number of non-empty STAs of Type 2 call statlons at the
instant U;. Thus 0 < Y( ) <N;and 0< Y< ) <N,. Let L; be
the len%th of the channel slot, j, as deﬁned earlier. Let B( )
and B be the number of new packet arrivals of Type 1 and
Type 2 calls respectively. Let V( P) be the number of
departures from AP, and \/]<STA1) d V (STA2) be the number
of departures from STAs of Type 1 calls and Type 2 calls
respectively in the jth channel slot. At most one departure
can happen in any channel slot. Thus,

(1) (1) <STA1> (1
Yj(+ )1 Yj( ) V( ) B<+>1
2 2 STA2
Y, =Y =V, + B

with the condition V(STA1> + V(STAZ) P e {0,1}.

Since we assume that packets arr1ve at only empty
STAs, B(l> and B(2> can be modeled as having a binomial
dlstrlbunon as done in Sect. 3, and the probabilities

b(B!Y d prob(B” b
prob(B;.|Y}, L;11) and prob(B;},|Y;, Lj;1) are given by

Prob( 4= b|(( Y< )) = (1)) L = l))
Ny —y
- (11— piy
b

Prob( B = b|((xV, ¥ =
Ny —
= (p1) (1 —p)™7>"

()’1»)’2) Ly = l))
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We again employ the approximation that if n nodes are
contending (i.e., have non empty queues), then the attempt
probability is taken to be 3, and is obtained from [15] with
n saturated nodes. Thus when there are Y; M Type 1 STAs
and Y; @ Type 2 STAs contendlng, the total number of
contendlng STAsis Y;:=Y; My Y; @ . Hence, including the
AP we take the attempt probablllty to be ﬁyj L1

For convenience, let us define the following probability
functions of the activities in the (j + 1)th channel slot: Let
17(Yj(1) (2)) be the probability of channel slot being idle,
ocl(Yj(l)7 f )) be the robab111ty that a STA with Type 1
packet succeeds, o, (Y ) be the probablhty that a STA
with Type 2 packet succeeds a1 ( j( Dy , J ) be the probability

that the AP succeeds and sends Type 1 packet, o(Y; »(l), Yj(2))
be the probablhty that the AP succeeds and sends Type 2
packet, { 1( , j< )) be the probability that there is a long
co]hslon (mvolvmg at least one Type 1 packet) and
Cz( ), >) be the probability that there is a short collision
(not 1nv01v1ng a Type 1 packet). These are expressed, using

the state dependent attempt probabilities, as below:

( ﬁY+1)(Y+1)7
1 )
= Yf )ﬁyjﬂ(l - ﬁyjﬂ)y’,

( )
( )

(0, ¥®) = YD, (1= By,
( )=
( )

1) 2 :
] Yj( )7 YJ( Plﬂyjﬂ(l - ﬁY,-H)Y/v
1) 2 :
p) Yj( )’Y]( ) =p2Py (1 — ﬁy,-+1)y'7
CI(YJ-(I), Yj(2)) and Cz(Yj(l), Yj(2)) are given by

r?
2)
Y 0
) PlﬁyﬂZ( >Y+1 _,BY_,-H)Y/ "k
b

e

2)
Cz( ) P2/3Y+1Z<Y >Y+1 —ﬁy_,-“)yjflz

b
y®

1l

+Z< ) y+1 ﬁyj+1)yj+ ’

and p; =

N,
N1+N2’ P2 = NN,

@ Springer

Then V(STAl is 1 if an STA with Type 1 call wins the

contentlon for the channel and 0 otherwise and is given as

(s1a1) _ J 1 w.p. ocl(Y( ) Y(2))

Vi ' =

J 0 0therw1$e

(STA2) (AP)
and V|

Similarly V; can be expressed as below

y742) _ { 1 wp. 052()/],(1)7 Yi(2>)
Jj+1 0 AR .
otherwise
var _ [1 wp. o (v, ¥P) + o (v v ?)
+1 A
/ 0 otherwise

Then it is easily seen that {Y ( ;J >0} forms a fi-
nite irreducible two dimensional d1screte time Markov
chain on the channel slot boundaries and hence is positive
recurrent. The statlonary probabilities 7, ,, of the Markov
Chain {Y ) @) j> 0} can then be numerically deter-
mined using dlstrlbutlons of B Bj(z), VJ(STAI)7 Vj(STAz) and
Vj(AP and the probability functlons defined before.

L;, the channel slot duration, can take five values (in
number of system slots): 1 if it is an idle slot, Ty, if it
corresponds to a successful transmission of a node with a
Type 1 call, Ty, if it corresponds to a successful trans-
mission of a node with a Type 2 call, T, if it corre-
sponds to a collision between one Type 1 node and any
node, and Ty, if it corresponds to a collision involving
only Type 2 packets. Let L,,;..; and L,,;..» be the lengths
of G711 voice packet and G729 voice packet respectively.
The expressions for various channel slot values are:
Ty =Tp+ Tpuy + M + Tsips + Tp + Tpuy+ HE +
Tpirs, Tyxo = Tp + Tpuy + M + Tsips + Tp + TPHy+
Mk 4 Tpips, Teetong = Tp + TPHY + LMA%[L‘ + Trirs, and
Tc short = Tp + TpHy + M + TEIFS See Table 1 for
values of parameters. Table 4 gives the different values of
L, for various rates, using 802.11b. The distribution of L; is
then given as

Table 4 Values of L; for various data rates and control rates, using
basic access mechanism

C. Cy L; in system slots
Ts = Tsl T:Z Tml = chl(mg Tz‘f.vhm't

2 2 72 44 75 47
2 55 43 32 45 35
2 11 34 29 37 32
1 2 75 47 75 47
1 5.5 45 35 45 35
1 11 37 32 37 32
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1 w.p. 1( j( >,Y](2))

T, w.p. O‘I(YJ( )7Y}(2)) —‘rO'l(YJ(U,Y}(Z))

L= Ty w.p. o 2(YJ(1>,YJ-(2))+O’2(Yj(l),Yj(2>)
Teotong W G (Y, ¥7)
Tesior wop. LYY, Y)

The process {(YJ(-“,YJ(-Z);UJ-),j >0} can be seen to be a
Markov renewal process with L; being the renewal cycle
time. As before, we use the Markov regenerative frame-
work to find the WLAN VolIP call capacity, as follows.

5.2 VolIP call capacity

Let A; be the reward when the AP wins the channel con-
tention. If there are n; STAs of Type 1 calls active and n,
STAs of Type 2 calls active at the (j—1)th channel slot
boundary, by taking n = n; + n,, we have,

1 1_ﬁn "
Aj{o +1)

Let A(¢) denote the cumulative reward of the AP until
time ¢. Applying Markov regenerative analysis (or the re-
newal reward theorem) we obtain the service rate of the
AP, in packets per slot, as

_AD) Y
®AP—anP(N17N2):,1ir£1C¥ Z

w.p. B (
otherwise

=0 an—() Tnymy "1 nzA
=0 Zm —0 Tnyny nlleL

where,  E, nzAl E@A(r"),Y2) = (n1,m2))  and
Eu L = E(Li|(Y;- )1, Yj(2>1) (n1,mz)). Since the rate at
which a single call sends data to the AP is 4, and the AP
serves N(= N; + N,) such calls, the total load rate at the
AP is (N; + Ny)A (= p(N1,N,) say). Obviously, this rate
should be less than ® p_y,;p (N1, Ny) for stability. Thus, for
permissible combination of N; and N, calls we need
Oap—_vorr(N1,N2) > (Ny + N3)A. This inequality defines the
admission region.

5.3 Numerical results and validation

We present our simulation results and compare them with
results obtained from the simulation. The simulations were
done using ns 2 [19]. Again, as before, in simulations, the
start time of all VoIP calls is uniformly distributed in [0,
20 ms]. In Fig. [14] we plot the numerical results for the
AP service rate (solid lines) and load arrival rate (dot-
dashed lines) at the AP vs. values of N,. The different
curves correspond to different values of N, starting from O.
The simulation results for the QoS objective of Prob

(delay = 20 ms) for the AP and the STAs are shown in
Fig. [15].

From Fig. 14 we observe that for each value N,, as we
increase the value of N, the service rate available to the AP
decreases. This is, of course, because more service needs to
be given to the STAs as the number of calls increases.
Observe that for Ny = 0, the rate of packets arriving into
the AP is N,/ packets per slot. This exceeds the curve
Oap—vorp(0,N>) after N, = 13 but before N, = 14. Hence,
from the analysis, we can conclude that the pair
(N; = 0, N, = 13) can be admitted. Looking at Fig. 15, we
find that for Ny = 0, the Prob(delay:AP > 20 ms) shoots
up after N, = 12. As in Section 3 we find that our analysis
overestimates the capacity by 1 call. Similarly, for Ny = 7,
the analysis says that we can permit N, = 5, whereas the
simulations show that we can permit N, = 4.

These observations are also summarized in Fig. 16,
where the O symbols show the (N;, N,) pair, admissible by
the simulations and the * symbols show the call admission
points obtained by analysis. Thus the analysis captures the
admissible region very well, and in practice we can use the
rule of thumb of accepting one call less than that given by
the analysis.

6 Conclusion
In this paper, we analyzed two traffic scenarios that rep-

resent two of the most common applications that are car-
ried over WLANS.

0.025
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|-ﬁ . ~
./
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. e
0.01 | . I R R R
/,‘//‘-/ﬂ/ - s
= T o e
0.005_(/./‘/v/.
e )
-
—

2 3 4 5 6 7 8 9 10 11 12 13 14
Number of voice calls of Type 2: G 729, N2 (one per station)

AP Service Rate eAP-voip , AP load Rate v , (in pkts/slot)

Fig. 14 Results from analysis: The service rate ©(N;,N,) applied to
the AP vs. number of voice calls, N, for different values of N;. Also
shown are lines y(N;,N,) = (N + N,)/. for different values of Nj.
The point where the y line crosses the curve for a fixed value of N,
gives the maximum number of calls supported; N; use G711 Codec
and N, use G729 Codec. The PHY data rate is 11 Mbps and control
rate is 2 Mbps
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Fig. 15 Results from simulation: The Prob(delay > 20 ms) at AP
and STA vs. number of voice calls, N,. N; use G711 Codec and N,
use G729 Codec. The PHY data rate is 11 Mbps and control rate is
2 Mbps
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Fig. 16 Analysis and simulation results: The admissible combinations
of Type 1 and Type 2 calls. Ny use G711 Codec and N, use G729 Codec

First, we considered a system with N TCP connections
downloading files in a single cell of an IEEE 802.11
WLAN. The system throughput was accurately determined.
To further check the model’s accuracy other quantities
such as the distribution of the number of STAs with ACKs
and the collision probability of the AP were provided. They
matched well with the simulations.

We also formed an accurate analytical model for VoIP
calls over a single cell of an 802.11 WLAN. Our model
was able to determine the maximum number of calls that
can be supported by a single cell infrastructure 802.11
WLAN. Results were provided for different PHY data rates
and codecs. The results obtained were verified with simu-

@ Springer

lations. We further validated the modeling approach of
using the saturated attempt probabilities of [2] and [15] as
state dependent attempt probabilities. Then, we extended
the VoIP model for a special case where the VoIP calls are
from different codecs. Again the analytical results match
well with the simulation results.

Our work provides the following modeling insights:

(1) The idea of using saturation attempt probabilities as
state dependent attempt rates yields an accurate
model in the unsaturated case.

(2) Using this approximation, an IEEE 802.11 infra-
structure WLAN can be well modeled by a Markov
renewal process embedded at channel slot boundaries.

Inrelated work, we have used the approach of this paper to
model the performance of voice calls, video streaming ses-
sions and data transfers, in an IEEE 802.11e WLAN. Our
preliminary results, with combined TCP transfers and packet
voice, are reported in [12] and [11]. The model including
streaming video has recently been submitted for publication.
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