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Abstract — We formulate an analytical model for codecs are used, how many packet telephone calls can be
capacity evaluation of an infrastructure IEEE 802.11 set up to different STAs such that voice call QoS is met?”
based network carrying full-duplex packet telephone calls As in [6] we take the QoS objective to be “the probability
when different types of codecs are used for voice calls. The of packet delay over the WLAN exceeds (say) 20 ms with
analysis of the model utilizes the attempt rate results from probability no more than 1%”.

a well known fixed-point based saturation analysis. The  We consider voice calls with two types of codecs. Type 1
performance estimates obtained match very well with ns2 voice calls have a larger packet size than Type 2 calls. Type 1
simulations. calls use the G.711 codec that generates a voice packet of 160

The network comprises wireless STAs establishing voice bytes every 20 ms. To this we add the RTP+UDP+IP header
calls with wired STAs on a high speed local area network of 40 bytes (without using header compression). Therefore,
to which the access point is connected. We consider packetwe model the voice traffic as generating 200 (= 40 + 160)
voice calls from two different types of coders, withN;  bytes per 20 ms. Similarly, we consider the Type 2 calls that
calls of Type 1 and N, calls of Type 2, from a high speed use G.729 codec. We model this voice traffic as generating
local area network, terminating at N; and N, wireless 60 (=20 + 40) bytes per 20 ms. We obtain an analytical
STAs through an AP. We model the number of STAs approximation for the number of calls of each type that can
that have an up-link voice packet as a Markov renewal be admitted so that QoS is met. The analytical modeling we
process embedded at so called channel slot boundaries.provide in our work helps in a deeper understanding of the
Analysis of the evolution over the channel slot is done “physics” of the system and will also be useful in designing
using saturation analysis. We find that the AP is the on-line admission control algorithms.
bottleneck, and the system can support (in the sense of a Related Literature: The modeling of IEEE 802.11 DCF has
bound on the probability of delay exceeding a given value) been a research focus since the standard has been proposed.
a number of calls less than that at which the arrival rate Many studies are focussed on saturation analysis of TCP
into the AP exceeds the average service rate applied to a and there are only a few attempts to characterize the 802.11
saturated AP. MAC protocol behavior when subjected to voice traffic.

Analytical performance modeling of packet voice telephony

|. INTRODUCTION to estimate the call capacity over 802.11 WLANSs has been
The convenience of tetherless high speed Internet accefsne in [1], [2], [7] and [6]. While [1], [2] and [7] involve
has resulted in rapid growth of IEEE 802.11 WLANs [3]approximations, [6] models the behaviour more accurately. In
in enterprises, campuses, public buildings and houses. Tber work we extend the model developed in [6]. The studies
period in which WLAN installations have grown has alschave considered only a single type of voice calls. In practical
seen the remarkable success of packet voice telephony environment it is natural to expect calls originating from more
VoIP (Voice over IP). Packet telephony over the Internet hadian one type of codecs. Our approach for two types of
now become a standard offering over all forms of wire¢odecs, discussed in this paper, can be easily extended to
access: ethernet, DSL or packet cable. WLANs however wergore than 2 types of codecs also.
originally designed for carrying bursty data services. Yet, We identify an embedded Markov chain which we study
since they are so ubiquitous, the need for carrying voic® obtain the parameters of interest. The MAC protocol
services on them has begun to be realized. This has givaDSMA/CA) employed in 802.11 DCF is complicated and
rise to much interest in the capacity of WLANSs for carryingdoes not really lead to a Markov system. But we replace it
packet voice calls. In this paper we extend the analyticalith a system where each station transmits its packet (if it has
model developed in [6] to determine voice calls capacity of agne) in every slot with a probability that depends only on the
802.11b WLAN in a new situation. Our ongoing and furthemumber of stations contending for the channel at that time.
work will extend this analysis to 802.11e WLANS, that haveThis attempt probability is approximated using the saturation
QoS support for real time services. analysis in [5]. The intervals between the instants at which

As in [6] IEEE 802.11 stations (STAs) access a high speddarkov chain is embedded are random, but together these
local area network via an access point (AP). Our analystonstitute a Markov renewal process. We will see that the
yields answer to the question: “When two different types ofesulting stochastic model provides a good approximation
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Fig. 1. An evolution of the back-offs and channel activitiz, 7 € 0,1,2,3, ... is the instant where thg" channel slot ends.
Parameter Symbol Value defined in the IEEE 802.11 standard as
PHY data rate Cy 11 Mbps
Control rate Ce 2 Mbps Terirs :=Tsirps + Tack + Toirs-
G711 packet size Lyoice1 200 Bytes . . . L.
G729 packet size Loore 60 Bytes where Tsc i is the time required for _the transmission of
MAC - layer ACK Packet Size| Lack 112 bits an ACK frame,Ts;rs andTprrs are different inter frame
lgAI_AgPHpeigg;rbslézgme ;MAC 27li4b't5 spaces (IFS) defined to provide priority levels of access to the
P us . . . .
PHY Header time Tpy 48115 wireless mec_ila. IFSs for IEEE 802.11b are given in Table 1
DIFS Time TpIFs 50us and for details see [4].
SIFS Time Tsrrs 10us
EIFS Time TEIFS 364us [1l. M ODEL FOR2 TYPES OFVOICE CODECS
Min. Contention Window CWinin 31
Max. Contention Window CWmaz 1023 A. Mode“ng Assumpt|0ns

Tab. 1: Various parameters used in analysis and simulation, usingpackets arrive at the STAs every 20 ms. As a QoS re-
IEEE 802.11b quirement we demand that the probability that a packet is
transmitted successfully within 20 ms is greater than 0.99.

to the actual system. We consider IEEE 802.11b WLAN a§ince the packets will experience delays in the rest of the
etwork also, this is a reasonable target to achieve. Then,

11Mbps to show a comparison of analysis and simulatio . )
results. if the target is met, whenever a new packet arrives at an

STA, it will find the queue empty. Thus the following two

Il. OVERVIEW OF THEIEEE 802.11 DCF assumptions will be acceptable in the region where we want
In this section, we briefly summarize the key features of th® operate: (1) the buffer of every STA has a queue length of
IEEE 802.11 standard which are relevant to our purpose. & most one packet, and (2) new packets arriving to the STAs
complete specification can be found in [3]. In IEEE 802.1kee empty queues. The latter assumption implies that if there
based wireless systems, traffic originates and terminates at steek STAsS with voice packets then a new voice packet arrival
tions (STAs) or access points (APs). Data transfer is possibtemes to gk +1)*"* STA. Since the AP handles packets from
by a two-way handshake of DATA-ACK exchange called theV (= N; + N») streams we expect that it is the bottleneck
Basic Accessnechanism, or a four-way handshake of RTSand we assume that it will contend at all times. This is a
CTS-DATA-ACK exchange called thRTS/CTSnechanism. realistic assumption near the system capacity.

We assume that the basic access mechanism is used foAs mentioned earlier, packets arrive every 20 ms in every
voice calls. This is due to a small size of the packets involvegtream. To simplify our analysis we assume that the arrival
A transmitting STA infers a collision if either a packet is notprocess at each node is Bernoulli with ratper system slot.
received correctly or an ACK frame is not received correctlyrhe value of\ can be calculated as follows. Each system
within the ACKTimeout. After each unsuccessful attemptslot in 802.11b is of20us duration. Thus in1000 system
(either due to collision or transmission errors), a retransmislots there is one arrival. Therefore, on matching the arrival
sion attempt is scheduled with non decreasing mean batkie per slot we obtaih = 0.001.
off, upto a specified number of times called tiedry count i _

The retry count depends upon the physical (PHY) layer beirfg: Stochastic Modeling

used. When the number of unsuccessful attempts exceeds the

retry count, the packet is dropped and transmission of the The evolution of the back-offs and channel activity in the
next head of the line (HOL) packet is scheduled. network is as in [6]. We allow a voice call to use one of

After an erroneous frame is received (either due to collithe two coders: G711 and G729. We extend here the voice
sions, transmission errors or insufficient power), a STA mushodeling of [6]. Figure 1 shows the evolution of the back-offs
defer channel access at least for a duration called Extendadd channel activity in the network. Let the system slot be
Inter Frame Space (EIFS). The EIFS interval begins when tide(for IEEE 802.11bg = 20us). U;, j € 0,1,2,3,..., are
PHY indicates a medium IDLE condition at the end of thehe random instants where either an idle slot, or a successful
transmission of the erroneous frame. The value of EIFS tsansmission, or a collision ends.
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Let us define the time between two such successive instar}fjél) Type 1 STAs ande(Q) Type 2 STAs contending, the

as achannel slat Thus the intervalU;_1,Uj;) is called the  total number of contending STASY := Yj(1)+1’j(2)- Hence,

j*" channel slot. We denote this channel slotby L; can including the AP we take the attempt probability to/be .

take five values (in number of system slots): 1 if it is an idleyow with the Bernoulli model for arrivals and the above
slot, Tsuee1 if it corresponds to a successful transmission Oétate dependent probability of attempt, it is easily seen that
a station/AP with a Type 1 calll, ..o if it corresponds to Y.(l),Y.(Q);j > 0} forms a finite ireducible two dimensional

a successful transmission of a station/AP with a Type 2 calliscrete’ time Markov chain on the channel slot boundaries
Te-10ng if it corresponds to a collision between one Typeyng hence is positive recurrent. The stationary probabilities

1 call station and any other station/AP, afifl .., if it Ty OF the Markov Chain{Yj(l),Yj(z);j > 0} can then be

corresponds to a collision between one Type 2 call station . . . 15 5(2) 1(1) (1)
and any other station/AP with Type 2 call. determined using expressmnsBﬁ B, Vi and Vi

Let Ny and N, be the total number of calls of Type 1 andthell_te?rt?]eo bt?olgggilziits t/c\)/:lﬁwviﬁich a packet arrives at a node
Type 2 respectively. LeYj(l) be the number of non-empty P y P

@) in a slot be). Then the probability that at least one packet
STAs of Type 1 and’;™" be the number of non-empty STAS grrives in! slots will be1 — (1 — \)! = p,. Since we assume
of Type 2 call stations at the instafiy. Thus0 < Yj(l) < Ni that packets arrive at only empty STAB,JQ) and B wil
and0 < Yj(2) < N,. Let B](.l) and B'Y) be the number of be modeled as having a binomial distribution.
new packet arrivals of Type 1 and Type 2 calls respectively. (1) . 1) I

B ~Bin(Ny—Y, 7, 1—(1—X)*"
Let V" andV,? be the number of departures from STAs of ] in(Ny =13 1= ( )

(2) ; (2) L,
Type 1 calls and Type 2 calls respectively in tfi& channel Bj” ~ Bin(Ny = Y;7,1 = (1= A)™)

slot. At most one departure can happen in any channel slqthe probabilitieq;rob(B;i)l/Yj,Lj) andprob(Bj(i)/Yj,Lj)
Thus, are given by Eq 1 and Eq 2 respectively.

(1) _ (1) (1) (1) . g . . .
}/j(z)l = Yj@) - ‘/j(g)l + 3{531 v, is 1 if an STA with Type 1 call wins the contention
Yo=Y, -Vii1+ B, for the channel and otherwise. SimilarIW}Q) is 1 if an STA

with Type 2 call wins the contention for the channel and

and ith Ty :
0< Vj(i)1 + Vj(i)1 <1 otherwise, i.e., .
i - o (1) 1 wp. Y PBy i1 (1= By 1)V
We now describe a key modeling approximation from [6]. Via = { 0 Otf?erv{/iseyjﬂ( By;+1)

In [5] an approximate saturation analysis of a single cell

IEEE 802.11 WLAN has been provided. When there are and

saturated .nodes, denote .the attempt pro_bability _of each npde v@ _ {1 wp Yj(2)5Yj+1(1 — By, +1)¥7

by 3,. This can be obtained from the fixed point analysis +1 7Y 0 otherwise

in [5]. The approximation that we employ here is thatif

nodes are contending (i.e., have non empty queues), then th&'he process{ {Yj(l),Yj(2); U;},j = 0,1,2,...} can be
attempt probability is taken to bg,. Thus when there are seen to be a Markov Renewal process with being the



renewal cycle time. We make use of Markov regenerativ€. Voice Call Capacity

framework to find the throughput of AP. In order to apply) o 4. pe the reward when the AP wins the channel con-
the well known Renewal Reward Theorem, we need the me?éhtlon If there arer, STAs of Type 1 calls active and,

renewal cycle time and hence we identify the probabilities (%TAS of Type 2 calls active, then we have,
L; as follows:

Let n(Y.(l) Y(z)) be the probability of channel slot being A — { LW.p. Bppa (1 = Bogr)"
idle, Oq(Y(l) Y(2)) be the probability that a STA with Type 0 otherwise

1 packet succeedmg(Y(l) Y,*)) be the probablllty that a Whl_erezi ”é +ne. H | d of the AP until
STA with Type 2 packet succeedsﬁ( Y(Q)) be the g Motk Toaemerative anoheis (o ¢ o

probability that the AP succeeds and sends Type 1 packgmet Applying Markov regenerative analysis (or the renewal
(Y(l) Y(z)) be the probablllty that the AP succeeds and€ eward theorem) we obtain the service rate of the AP as

sends Type 2 packet; (Y(1 ) be the probability that A SN 52 rn g BngingA
J ©AP—woip(N1, N2) = lim “E = 2

there is a Iong collision (mvolvmg at least one Type 1 packet) e N s N2 ey By g
and ¢, (Y(1 Y<2 ) be the probability that there is a short 1) (@)
collision {not involving a Type 1 packet). Thely takes the Where, B, ,,A = E(4;/(Y\", YY) = (n1,ny)) and
five values with the following probabilities. EnynyL = E(L /(y(l) y(2)) (n1,n2)) and
1 w.p. n(Y(” Y(2>) Oap_ UOZ,,(Nl,NQ) is in packets per slot. _
Toveet w.p. o (Y“) Y<2)) + oy Y(l) Y<2 ) Since the rate at which a single call sends data to thg AP is
Livi =4 Tovees w.p. ag(y(l) Y(2))+ (Y“) Y<2’) A, and the AP sgrveN(: N1+ Ns) such calls thetota! arrival
Tociomg WP Gy (Y(l) Y(z)) ra'te to the AP i Ny + No)A (= v(N1, N2) say). ObV|o'u.st,
To onore WP C2(Y<1) Y(z ) this rate should_ be_ less th@l_Ap__,,o,»p(Nl,Ng) for stability.
Thus, for permissible combination df; and N, calls we

where need
n( DY) = (1= By, ) O, Oap—voip(N1, N2) > (N1 + N2)A
(1) y-(2) _ v _ Y; . . . L .
oan (Y7, Y77) =Y By (1 = By 1) 7, The above inequality defines the admission region.
(VY2 =Y By i (1= By, ),
a1 (YO, Y ) =p1 By, 1(1 = By, 1), 0025
o (VYD) =pa By, 11— By, 1),
Py andé(vM,v,?)) are given by Eq 3 and Eq;4 g
with i
_ _N <
o= W’ :
p2 = N1+2N2 Eo.ms
and é Opp- vmp(Nl n= = =
T =Tp + T +LJVIAC+L'U0“,61 +T + : ///:’://:’:
succl P PHY SIFS CDE(LO-Ol’ P T ML SR
Tp+TpHy+ A€K+TDIF57 g /::::::i::/:::::
Tsuce2 —TP+TPHy+w+TSIFs+ % /::’/:/:/::::/::/’
TP+TPHy+ ACK+TDIFS7 ;0'005!/:::::j:::/// i
Te—iong =Tp +Tpruy + w + TerFs, R
Te—short =Tp +TpPuy + w + TErFs, o 000 N N N S S N S N N B O
TEIFS - TP + TPHY + ACK + TS]FS + CZ"D[FS7 ! z liumber‘toivoicse ca\ls?)f Type72:G729, N2?0ne pi?slauolnl) 1 © 14

where C; is the PHY data rate,C. is the control Fig. 2. Results from analysis: The service ré1éN:, N>) applied
rate, Tp is preamble transmission time]pyy is the tothe AP vs number of voice callgy, for different VaIL_JeS ofN;.
PHY header transmission timé,; oice1 iS the length of ~ AlSO shown are lines(Ny, N2) = (N1 + N2)A for different

: . . values of N;. The point where thes line crosses the curve for a
G711 voice packetLr,oice2 iS the length of G729 voice fixed value of N; gives the maximum number of calls supported;

packet, L y;4¢c is MAC header length and. 4¢cx is length N, use G711 Codec ani¥, use G729 Codec.
of MAC layer ACK packet. See Table 1 for values of

parameters. For IEEE 802.11b the channel slot values are
Toucer = 34, Touces = 29, Te—iong = 37 and To_gport = 32 D. Numerical Results and Validation

(all in system slot units). We present our simulation results and compare them with
results obtained from the simulation. The simulations were
done usingns 2 [8]. In Figure 2 we plot the numerical results
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Fig. 3. Results from simulation: ThBrob(delay > 20ms) at AP . . . . ] o
and STA vs number of voice calldy,. N; use G711 Codec and _Flg._ 4. Analysis and simulation results: The admissible
N, use G729 Codec. combinations of Type 1 and Type 2 calls; use G711 Codec and

Ny use G729 Codec. The data rate is 11 Mbps.

for the AP service rate and load arrival rate at the AP vs . .
: . evolution of the number of contending STAs at channel
values of N,. The different curves correspond to different

values of N; starting from 0. The simulation results for theSIOt boundaries. This yields a Markov renewal process. A
1 . ; ; ; ; ;
QoS objective ofProb(delay > 20ms) for the AP and the regenerative analysis then yields the service rate applied to

L the AP assuming that the AP is saturated. Comparison of

STAs are shown in Figure 3. . . .
E Fi 2 b that f h valli this number with the load into the AP for each number of
rom Figure 2 we observe that for each vailig, as We iz cqls, yields the desired admission region. We obtain

increase the V.aIL.Je aW, the service rate avallablg to the APthe two dimensional admission region. Our analysis captures
decreases. This is, of course, because more service needs t&lge

) . admission region well, overestimating it by just one call.
given to the STAs as the number of caI.Is. INcreases. ObsgrveOur ongoing work will extend this analysis to the IEEE
that for N, = 0, the rate of packets arriving into the AP 1S802.11e standard and will also analyze the system with
Ny A packets per slot. This exceeds the CUIW@ _,0:p (0, NQ)_ simultaneous VoIP and TCP transfers.
after Ny = 13 but beforeN; = 14. Hence, from the analysis,
we can conclude that the pai®V; = 0, N, = 13) can be ACKNOWLEDGMENTS
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