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Abstract

The framework of multimedia communications over LANs
with non-guaranteed quality-of-service (QoS) has been
proposed in H.323, which has been applied to a variety of
multimedia communications, including LANs as well as
MANs, WANSs, enterprise networks and the Internet through
gateway interfaces. The main body of H.323 includes the
specification of the real-time transport protocol (RTP) and
the RTP control protocol (RTCP) for real-time applications
over Internet. It is essential to offer the quality-of-service
(Q0S) of packet telephony on smoothing the bursty traffic
over real-time packet transmission in LANs since the media
often were rendered unintelligibly due to delay jitters. This
paper studies the performance of packet telephony in terms of
packet delay and packet loss probability over the CSMA/CD
LANSs. Results of the analysis show that in a CSMA/CD LAN
environment, packet telephony services still maintain a
higher trunking efficiencv than that in Tl under the
conditions that a certain level of packet delay and loss
probability is tolerated and a suitable voice compression
technology, such as G.729 and GSM, is adopted.

Keywords: Quality-of-Service (QoS), Packet Telephony,
Carrier Sense Multiple Access (CSMA), Trunking Efficiency,
Order Statistics.

1. Introduction |

In general, voice telephony technologies can be
categorized as circuit-switched and packet-switched.
Traditional circuit-switched networks are designed for poini-
to-point real-time voice communication. Nowadays, packet-
switched networks have been adapted increasingly for the
growing needs of digital communications for integrated
services over Internet. An important contribution to this
growth is Internet telephony. Critical to more prevalent use of
Internet telephony is how to provide smooth cooperation with
the existing telephone network. This interoperability has
come through the use of Internet telephony gateway (ITG),
which performs protocol translation between the Internet and
the public switched telephone network (PSTN). In other
words, the packet-switched telephony is becoming more and
more popular not only among researchers, engineers, or
siudents but also any one who might want to make
conversations via the Internet. Currently, a variety of ITGs
have already been installed to provide integrated services
between the Internet and the PSTIY [1]{2].

The ITU Recommendation H.323 {3]{4][5] is now the
dominant standard for the framework of multimedia
communications over LANs and can be used in any packet-
switched network, regardless of the ultimate physical layer.
The next generation LAN switches and switching hub devices
are expected to serve with very higher transmission rate, cell-
oriented transport and multimedia integrated transferring
capability, hence the design of efficient media access protocol
for integrated muliimedia applications over LANs draws the
attention of researches [6]. LANs were originally designed
mainly to handle non-real time data traffic, now they are
being used increasingly to carry real-time traffic. The Internet
telephony technology and their attractive market will evolve
changes in the office operations as well as the application of
packet telephony services over LANs. As high-speed LAN
technology is expected, packet telephony over LANSs is
capable of providing both low-cost interface from PC to voice
devices (such as telephony gateway) and low-cost voice
transmission between LANs and WAN.

The conventional PBX industry will face the challenge
that the packet telephony is provided over a high-speed LAN.
However, in order to provide satisfactory packet telephony in
LANSs, a number of technical bottlenecks including packet
delay, packet loss and packet transmission synchronization
await to be overcome. Although both Poisson and 2-staie
models are often used for their simulations based on the
assumption of traffic model, the method for analyzing both
distribution and control for their system resource varies due
to different system characteristics. In a circuit-switched
system, resources are distributed statically to users. Therefore,
the performance analysis usually does not emphasize on
resources allocation, but on the blocking rate. Common
analytical methods include using the Erlang-B formula for
determining the blocking rate in the lost call cleared system,
and using the Erlang-C formula for determining the blocking
rate in the lost call delayed system. On the other hand, in a
packet-switched system, resources are mainly allocated
dynamically to users. Therefore, the performance measure
emphasizes the buffer overflow and the packet delay. The
MMPP and fluid-flow are iwo most common models used for
the performance analysis. In regard to the analysis of buffer
overflow, both the buffer and the system capacity are taken
into consideration and the probability distribution of the
buffer overflow is used o capture the control factors of the
system. Regarding the analysis of packet delay, the point-to-
point delay, the media access delay and the system VO
process delay, etc., are considered. The extent of analysis
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usually varies according to the scope of measurement.

A key issue in the design of packet telephony system is
the delay tolerance with packet smoothing. Analytical work
performed in [7] employed a simplified model by transmitting
a tagged packet with a target delay to guarantee the on-time
arrival of at least 99% of the packets. The assumptions
include that neiworks are synchronized and the emission time
of the first packet is known. Obviously, both the target delay
and the network synchronization have significant impact on
system performance. Senders and receivers are connected via
a network, which adds delays to packets. These delay
components often consist of propagation delay as well as
internal network queueing and transmission delays. From the
existing related works, methods of delay analysis can be
categorized into three classes. First, regarding the delay jitter
analysis in capturing voice source traffic behavior, Fulton and
Li [8] presented a method to fit the first-order and second-
order statistical functions to approximate the delay jitter
experienced by a stationary traffic stream multiplexed at a
major communication node. Similar works, but in the
continuous bit rate multiplexor case, can be found in [9],
where the mathematical model of jitter distribution and some
simple asymptotic results on per-stream behavior are
provided. Second, regarding the packet delay analysis, simple
analysis is traditionally introduced in general queueing theory
{10]{111, more advanced analyses can be found in [12][13],
where Interrupted Bernouilli processes [14] and Markov-
modulated Bernouilli processes were considered. Third, the
analysis of end-to-end delay was proposed in [15] by going
through a number of configurations and adding one or more
delay components to each end-to-end transmission path.

With the trend of digital transmission of voice telephony,
it has spurred much interest in the integration of multimedia
communications. A number of papers[1][3]{16] have
addressed the issue of voice and data traffic over CSMA
networks. These studies considered network configurations
that restrict the number of simultaneously active telephone
calls to 100-200 nodes in the absence of data traffic. In
practice, these systems must be capable of supporting a much
larger number of active telephones. Gonsalves and Tobagi [16]
provided the comparison of performance of voice and data
with different LAN protocols including Ethernet, Token Bus,
and Expressnet.

The rest of the paper is organized as follows. Section 2
describes the traffic model used for modeling voice sources.
Section 3 presents the performance analysis of the carrier
sense multiple access/collision detection (CSMA/CD)
protocol used in the packet telephony over LANs. The
CSMA/CD process model is applied to simplify and reduce
the solution complexity in deriving the packet delay. Finally,
we proceed to present a simple order statistics method to
analyze the voice packet dropping probability. With the order
statistics approximation, the probability of packet loss in 1%
is obtained. In Section 4, the simulation model is described.
Results of performance analysis are examined in Section 5.
Finally, the paper is concluded in Section 6.

2. The Modeling of Voice Sources

The statistical analysis has increasingly shown that the
traffic streams in modern broadband networks exhibit long-

range, or self-similar, characteristics [17]{18], the
consequence of this discovery has lead to a revival of interest
in non-standard queueing systems. However, the asymptotic
form often provides the known results for such systems with a
long tail distribution, simulation is thus required to learn
about the rest of the distribution. For the case of voice traffic
over LANs, we assumed that the traffic is of Poisson
distribution. As to the voice user activity model [11], it is
usually assumed that the voice traffic generated by users (i.e.
endpoints) follows an alternating pattern of active, or
talkspurt (ON), intervals, typically averaging 0.4 to 1.2
seconds in length, followed by inactive, or silence (OFF),
intervals averaging 0.6 to 1.8 seconds in length. The voice
source is modeled as an Interrupted Bernoulli Process (IBP)
{12] with two states, talkspurt and silence. The parameter o

denotes the rate of transition out of the talkspurt state; § is
defined to be the rate of transition out of the silence state.
Thus, the mean length of talkspurt interval is 1/ sec in
length. The mean length of silence interval is 1/8  sec in
length. The probabilities Pov and Porr that a voice user is in

talkspurt state and in silence state are given by Foy =aTﬂ,B

and Porr==% 7 » respectively.

a+

While in talkspurt state, voice packets are assumed to be
transmitted randomly, obeying a Poisson process with
average rate. In a CSMA/CD LAN, all nodes will sense the
beginning of an idle period at most b time units after the end
of a transmission. Here, b is in units of packet duration, if ¢
is the propagation delay in seconds, C is the capacity in bit
per second, and L s the average packet length, then b =
= C/L. The expected time between two transmissions is at
most an additional time of 1/G. G is the mean successful
attempts per time unit to be offered by the CSMA/CD
protocol [19]. A packet will collide with some later packet
with probability at most 1-¢C and it will be successfully
transmitied with probability at least e and will occupy 1
time unit.

3. Performance Analysis

In this section, we first use the CSMA/CD state diagram
to analyze the voice packet delay, and apply the order statistic
theorem to estimate the voice packet loss probability in the
packet telephony system.

A. Delay analysis using the CSMS/CD state diagram

We now focus on real-time transmission services.
Collided packets arise due to the sharing of the multiple
access link capacity with packets belonging to muliiple nodes.
The retransmission delay of a collided packet is the time that
it spends in the transmission period until the packet is
transmitted successfully. The retransmission delay depends on
the number of users, the link capacity and the traffic
generation rate of different sources. However, the
retransmission delay must be bounded or minimized in order
to satisfy the requirement of real-time applications.

The mean packet delay can be defined as the elapsed time
from the instant the packet is ready to the time the packet is
transmitted successfully. The state diagram of the CSMA/CD
process is shown in Figure 1. The three states, “Carrier
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Figure 1. The state diagram of the CSMA/CD process

Sensing” and “Attempt”, “Back-off’, along with the
associated delay values and the transition probabilities define
the process used to obtain an expression for the mean packet
delay. A station with packet ready for iransmission is said to
be in the “Carrier Sensing” state. If a station senses the link
idle for 2b time units after the arrival of a packet, it enters the
“Attempt” state to transmit the packet otherwise it enters the
“Back-off” state. If the packet is transmitted successfully in
the “Attempt” state, the station finishes its transmission in
one time unif, where if the packet incurs a collision with
others it immediately enters the state “Back-off”. If the first
attempt is not successful for busy period B with probability
Py, the station enters the “Back-off” state, where it remains
until the packet attempt is complete or the retry time expires
with probability P,.

‘Now let P, = (1+bG)e™ denote the probability that only
one packet succeeds during an idle interval and upon the first
attempt. Let us examine the packet transmission under the
condition that there are n users always ready to transmit. If
each user transmits a packet in talkspurt during a contention
slot with probability Pov with the average packets generation
rate 1 , then G = N1 Pon denotes the average total packet
arrival rate for N voice sources.

By analyzing a large number of such traffic sources over
best-effort LANS, the resulting traffic process often exhibits
CSMA. properties. It might be useful to recall that the
successful transmission probability of 1-Persistent CSMA
derived by Kleinrock and Tobagi [20]. B is the expected
duration of the busy period, g, is the probability of zero
packets accumulated at the end of a transmission period and
Py is the probability of success of the packet, 3, go and P;
can be cited from [20] and are given as

go = (1+bG)e-60d
1+2b—(1-e-6)/G » and

9
= P{success}

_  GU+G+bG(+G+bG/2))e 00+

T GU+2D)—(1=e0) + (1 4bG)e T
Using the above expressions, the probability P, that a
contention period has at least one attempt is equal to the
probability that some packets arrive during the B+b time
units of the contention periods, therefore, P, = 1 - go- The

probability Py that a back-off period results in that the retry
time expires is the same as the probability that no packets is

B=
P,

A B a+ By

CSMA/CD Process

’

Traffic Source (1)

U \Packet Transmitted

L o+ B

Uni I e Pa‘ussvl i noess

Traific Source (2)
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= " P, Probubility of success of the packet transmission.
ean = b : Packet Size/Channe] Capacity
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Figure 2. The CSMA/CD process simulation model

transmitted from the 1st to the Rth attempt during the back-
off period. This value can be expressed as

P,=1-P(r<R)

R
=1-Y P(1-P)*.
r=0

From Figure 2, the mean packet delay Tj can be obtained as
follows

Tp = P{2b + E[A]) + P,( b + E[B)), (3-2)

where E[A] is the additional mean delay accumulated
each time the state “Attempt” is entered, and E[B] is the delay
caused by each backlog in the state “Back-off”. EfA] and E[B]
are expressed respectively by

E[A}= (I-F)(+E[B])+F, (3-3)
and

E[B]= B(2b+E[A])+(1-P,—P,)(B+E[B]). (3-4)
Solving the two equations, we have
R(2b+1)+(1~P, - P)B

(3-1)

E[A]= 1-(-P) 5P 1P (3-3)
s d
and :
Eipy = P2+ D+A-F-F)B 3.6)

RE+F,

B. The estimation of packet loss probability

In the delay sensitive traffic, each voice packet is time
stamped to check with the delay constraint D,,,. A packet
will be discarded at the receiver when the measured packet
life-time is more than D,,,. In this section, the probability
distribution of the interarrival time and the probability of
packet dropping with time constraint will be determined. The
process of packet arrival can be thought of as a Poisson
process so that the probability of interarrival time is of
gamma distribution. Let #; be the arrival time of packet i,

1, be the interarrival time between f; and ¢, and # is an r.v.
i

with gamma distribution. Therefore, the density function
Fp(" and the distribution function F,(x) of ¢ p, are expressed

as follows
A(Ar)s
[ I S
Fot=e I'(s)

Fy(o)=P (tD‘ <Xx)

,t>0ands>0 3-7
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Figure 3. Mean packet delay vs. arrival rate

C(F e AT
..J;e Wdl\—l e I5=1,S>0 (3-8)

with ['(s) being the gamma function. Here s = 1 because
the change of packet number in the interval [z, ;] is 1. From
equation (3-8), it is obvious that the r.v. of packet delay

ip bas the memoryless property of the exponential
distribution. Hence, the probability that the packet delay ¢

occurs only in conjunction with a preceding mean packet
delay interval Tp is expressed as follows

Fy(x)=P(x<t)=1—e*T (3-9)
If Ip, ,l‘D2 - l‘Dn are the items of a random samples of
size n from a continuous type distribution, we let the random

variables [ 5, < t 5, < < I denote the ordered waiting
n

time intervals of that samples #5, . The probability GD (y) that
the ith order statistic 7; < ¢ occurs can be obtained by using

the order statistics theorem [21], and is expressed as
(7 k oYYk
Gp()=P(t;, < y) =):(k)FD<y> A-F,())™* (3-10)
k=i )

Finally, let T be the maximum packet life-time and the
packet dropping rate be less than 1%, the packet loss’
probability Hp(T) can be expressed as follows

ceil{0.99n) n
H(T)=P,>T)= Y (JFD(T)"(I—FD(T))""‘ (3-11)

k=0 )

For large population, i.e. n >> 1, the probability of
binomial distribution b(n, p) is difficult to evaluate but in turn
can be approaximated by a normal distribution probability.
Thus, b(n, p) can be approximated using normal djstribution
N(np, np(1-p)) and we have '

0.992—np) W

H,T)=P(; >T)=® (m
J
-0 0.99n~nF,(T))
nE (D) A=F,T)

4. Simnulation Model

In this section, we perform the performance simulation of
packet telephony over LANs with the simulation model as

(3-12)

Delay (sec)

0 200 400 600 800 1000
Number of Nodes

(a). Packet delay on 10-Base Ethernet

Delay (sec)

0 1000 2000 3000 4000 5000 6000
Number of Nodes

(b) Packet delay on 100-Base Ethernet

Figure 4. Comparison of packet delay for
G.723.1, G.729 and GSM

shown in Figure 2. Two kinds of traffic models are used: the
On-Off and Poisson. The On-Off traffic sources have been
used extensively in recent studies since they can be used to
model standard voice sources. An On-Off traffic source is
modeled here as a two-state Markov modulated process.

The population must be large enough in order to be
modeled as a Poisson process for the long-range traffic
sources, the value of population n must be designed easily to
adjust for adapting the requirement of traffic simulation. For
example, a large number of voice source may be assigned to
3,000 or 5,000 for the simulation of a 100 Mbps LAN.

N traffic sources are first generated by the On-Off process
and then fed into the Poisson process. In each On-Off process,
the duration of talkspurt and silence is generated with the
ratio of § / (¢ + B ) (e.g. 1.0/1.35). During the
talkspurt period, these packets are modeled by a Poisson
process. All traffic sources are generated to simulate the voice
arrivals from the packet telephony terminals and fed into the
CSMA/CD process. In the CSMA/CD process, the 1-
Persistent CSMA functions of carrier sensing and collision
detection [20] are included.

5. Numerical Results

The delay analysis of the exponential back-off algorithm
derived by Huang et al. [22] is quite complicated and iis
upper- and lower-bound, labeled “Pseudo-Bayesian” in
Figure 3, are close to our simulation results labeled with
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Figure 6. Comparison of packet loss rate with delay constraint

“CSMA”. The results shows that the CSMA/CD process
model is much more accurate in analyzing the packet delay
for telephony services over LANSs.

The comparison of packet delay for G.723.1, G.729 and
GSM is shown in Figure 4. . It is obvious that the delay varies
significantly with the network transmission rate and the traffic
loads. Namely, packet delay is found to be sensitive to the
number of traffic sources with respect to different
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transmission rates. The results show that about 100 ms delay
experienced in 160 nodes with an arrival rate of 8 kbps over a
10-Base Ethernet, while more than 1620 nodes experienced
100 ms delay for a 100-Base Ethernet. This result is
intuitively true, the more the number of nodes, or the higher
the traffic loads, the longer the packet delay.

From Figure 4, the trunking efficiency of packet
telephony can be achieved are about 16.0 (160/10 users/Mbps)



and 16.2 (1620/100 users/Mbps) over 10-Base and 100-Base
Ethernets, respectively, the trunking efficiency of T1 is
calculated as 15.54 (24/1.544 users/Mbps). In general, the
higher the bandwidth of a LAN, the more the admitted
number of users. Nevertheless, there is always a trade-off
between the QoS provided to the users and the cost. To
achieve a solution, perceptible by users, the codec schemes,
such as G.723, G.729 or GSM, to be used and the reduced
QoS due to the burstiness caused by packet delay have to be
considered.

Based on the analytical results, we can clearly observe
that if the voice compression scheme such as G729 is adopted,
the 10 Mbps and 100 Mbps Ethernet can provide a trunking
efficiency of 16.0 and 16.2, respectively, which is better than
15.4 in T1. However, this does not imply that providing over
LANs is a good sotution. The issue shall be evaluated from an
objective point of view. The quality of voice provided by T1
is a standard in the telephone indusiry and has been used for a
number of years and widely accepted. Providing packet
telephony services over LANs should take into consideration
the degree of acceptance by the users. For example, using
voice compression will increase the bandwidth utilization as
well as the trunking efficiency, relatively reduces the quality
of voice to a certain degree. Furthermore, the packet delay
time thereof is about 200~300 ms which is longer than that of
T1 (30-50 ms) [6]. Of course these quality factors certainly
can be overcome using high-speed LANs. For example, high-
speed LANs provide much higher bandwidth, thereby reduces
the deterioration of the quality of voice by compression.
Moreover, providing packet telephony services over LANs
with the voice quality equivalent to that of T1 is feasible if a
priority class control can be added on the control of the MAC
communication protocol to adjust the retransmission
mechanism and conirol the packet loss rate to be less than 1%.

In Figure 5., the packet loss rate will not be too high
according to the packet life-time without delay constraint, on
the other hand, the packet delay will increase rapidly at heavy
loads. Therefore, adopting an appropriate packet-dropping
scheme to adjust the real-time voice traffic can greatly
improve the packet delay so that the quality of voice will only
be affected slightly. From Figure 6, the data indicate that
adopting packet-dropping scheme with loss rate of 1% can
achieve the improvement on delay and the number of voice
users. Considering a delay constrained by 200ms and packet
dropping rate of 1%, with a 10 Mbps Ethernet, the voice
capacities of the codec schemes of G.723, G.729 and GSM
are 110, 175 and 180, respectively. At 100 Mbps, they have
the capacities of 1200, 1850 and 2020, respectively.

6. Conclusions

In this paper we investigate the traffic delay problems
encountered when users request for telephony services in a
LAN environment. We analyzed and simulated the
CSMA/CD process model to understand the delay of packet
telephony service over LANs. The delay analysis is based on
the concept of the CSMA/CD process model, it is a simple
method for packet delay analysis of multimedia
communication over LANs. One can use the results of the
CSMA/CD process model to derive the packet delay from
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large traffic sources N with k retransmissions and still obtain
very accurate results.

The CSMA/CD process model enables us to rapidly
calculate the relationship among the number of users, the
packet delay and the loss rate. This property is helpful in the
design of the admission control mechanism. Results of the
delay analysis proposed in this paper maich quite well with
simulation results. In the mean time, we can use this method
to fine tune the parameters in the MAC protocol with respect
to the retransmission mechanism, hence to improve the
performance. In the future, we will extend our study of the
delay and performance control mechanisms related to AAL2,
and locate a novel bit-dropping mechanism to enhance best-
effort support for IP-over-ATM. We believe that the LAN-
based packet telephony services will share the market of
conventional telephone services with the unceasing
innovation of high speed LAN technology in the near future.
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