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Abstract

In this paper we proposea method for estimating the bandwidth in next-generation IP network.
Especially, we concentrate on the edge routers accommodating the VoIP connections as well as a
group of data connections. Bandwidth dimensioning is carried out at call level and packet level for
voice traffic in the next-generation IP network. The model incorporates the statistical estimation
approach at a call level for obtaining the number of voice connections simultaneously in the active
mode. The call level model incorporates a statistical technique to compute the statistics of the
number of active connections such as the mean and variance of the simultaneously connected calls
in the network. The packet level model represents a load map for voice and data traffic by using
non-preemptive M/G/1 queuing model with strict priority for voice over data buffer. From the
proposed traffic model, we can derive a graph for upper bounds on the traffic load in terms of
bandwidth for voice and data connections. Via numerical experiments we illustrate the implication
of the work.
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I . Introduction

Recently the traditional best-effort Internet is evolving toward the next-generation network (NGN).
NGN tries to support real-time services as well as

* B8, KTHAGHFZeRT current data services in a single framework of IP
(KT Technology Laboratory) network. However, NGN includes an evolutionary
* EER, BEAER scenario in which current networks such as PSTN
(Changwon National University, Changwon) and wireless voice and data networks are included as
BT HT2003F11 H8H, +ASE U 2003412H3H an access network. There exist network architectures
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and service scenarios for NGN in a number of

literature” ™

performance of voice service over IP network'”, We

. There exist a number of works on the

can classify those works into two approaches: the
approach at the call level and at the packet level. As
to the former approach, we can find the works from®™
I [6] Hoey et al. proposed a method to design
NGN  transport real-time  voice
applications. They used the concept of Erlang for the

networks  for

offered load of a single connection and Erlang loss
formula in determining the number of links between
end-to-end path of a network. We could find some
areas that can be further investigated in his work
First, Hoey et al. assumed the traffic load as a
multiplication of BHCA (Busy Hour Call Attempt)
and MHT (Mean Holding Time) divided by 3600, a
classical definition of Erlangm.

In this paper we propose a new approach to obtain
the expected value of the number of active voice
connection by direct measurement. To the best of
knowledge, we could not find the
measurement—based modeling of traffic load in an
operational NGN-VoIP traffic in the call level. This is

the first point of the motivation of our work

authors’

Secondly, Hoey's work adopted a worst—-case analysis
in which the required bandwidth of a trunk made by
an aggregation of a large number of connectionsis
computed as a multiplication of the number of link
under the Grade of Service (GOS) constraint such as
call blocking probability and the peak rate of a voice
source. That approach has an implicit assumption that
an end-to-end pipe inside IP networks is dedicated to
voice connections, which corresponds to a segregated
network provisioning approach.

On the other hand, in the real IP network that is
operated in DiffServ mode, -a link is not dedicated to
a single class of traffic but shared statistically bya
number of traffic classes, and voice packets are
treated as urgent customers by using generic packet
scheduling scheme such as SP (Strict Priority) or a
family of WFQ (Weighted Fair Queuing) scheme.
Under the DiffServ service architecture, there exists a
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QoS violation problem in which a voice packet can
not receive a service in its contracted rate unless a
certain policy is included in the scheduler, even
though voice packet is treated with higher priority
than the other types of packets. Examples of the
policies are the call admission control for voice
connections or bandwidth allocation (or limitation)
policy in the output port of a router. Little work is
done for the modeling and bandwidth dimensioning of
NGN-VoIP network except[g' 10
works argue that voice service is to be classified as
an EF (Expedited Forwarding) class in DiffServ
(Differentiated Service) architecture of IETF (Internet
Engineering Task Force), and peak rate of bandwidth

equivalent to the packet generation rate of a voice

, even thoughlots of

source has to be provisioned by using the strict
priority scheduling scheme at the output port of a
router in the edge and core of the network™, This is
the second point of the motivation of our work.

In this work we try to propose a scheme of link
provisioning for VoIP services over NGN by using a
call level traffic model from measurement-driven
approach as well as by using a packet level traffic
model that describes an upper limit on the average
rate of voice packet in terms of bandwidth.

This paper is composed as follows: In Section 2,
network architecture for VoIP services over NGN is
described. In Section 3, a call level traffic model for
voice traffic is proposed. In Section 4, a method for
bandwidth estimation at packet level when a router
accommodatesboth voice and data connections in a
link is described. In Section 5, the result of numerical
experiment is described. Finally in Section 6, we

~ summarize the paper.

O. VOIP service over NGN

It is assumed that the traditional voiceservice from
PSTN is realized using NGN by employing AGW
(trunk gateway) for
connecting the Telephone users or the PSTN between
the PSTN and the IP TGW/AGW is

(access gateway) or TGW

networks.
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connected to an NGN core network via Network
access server (NAS), which is an access router. Fig.1
illustrates the VoIP service architecture for the NGN

network' ™.

Phone

3 1. NGNellA g} VoIlP +2
Fig. 1. Architecture of VoIP over NGN.

At the sending party, TGW collects circuits from
PSTN to NAS, which is an access gateway to IP
cloud, whereas AGW aggregates individual circuits
from the users to NAS. At the receiving party, TGW
terminates an IP pipe intc a number of circuits in
PSTN, whereas AGW terminates an IP pipe into a
number of circuits for a group of phone terminals.
TGW and AGWaggregate traffic from the TDM links,
whereas NAS aggregates traffic from multiple TGWs
and/or AGWs. _

As we may find from the above discussion on the
behaviors of TGW and AGW, it is easy to understand
the relationship between the number of circuits in
theTDM world and the amount of bandwidth in a pipe
that accommodatethe aggregate traffic if we represent
the traffic load at the input side of NAS in terms of
the number of circuit and the traffic load to NAS in
terms of bandwidth, respectively. This is themain
reason of the discussion about the call level traffic
model that is described in Section 3 and the packet
level discussion in Section 4.

M. Call level model for VolP services

A traffic model for voice call i1s well known in the

field of PSTN. Whenthe busy hour and its
corresponding parameters such as BHCA and MHT
of a call is known, we can obtain the offered load by

6.7
.7 Furthermore, we can

using the Erlang formula
determine the number of links required to guarantee
the GoS for the given offered load by using the
famous Erlang loss formuila’. This approach has been
useful in the design of a PSTN network. However, in
the operation and management of NGN network, the
number of customer and their activity in the packet
level varies with respect to time. In order to utilize
the bandwidth in IP network efficiently, one must
utilize the fact that the traffic volume varies in a
statistical manner, from which we can infer that
bandwidth varies in a statistical manner.

Let us focus on the boundary of PSTN and IP
network in NGN. Via real measurement and a
statistical modeling approach in the determination of
the number of

simultaneously, we obtain the mean and variance of

connections that are active
the number of voice comnection. Let us assume that
N customers of a PSTN network are connected to a
TGW/AGW via NGN. Each customer is engaged in a
voice communication. Let us monitor the input port of
TGW/AGW, and record the duration of the occupancy
of the link group every T seconds. The duration of
the connection can be measured from the log file of
the soft switch over which the connection initiation
protocol is run. Fig?2 illustrates the state of the
occupancy of the link group with five links during an
observation period 7. Following the discussion in™
let us assume that N=5 (In a real network, the
PSTN link group can accommodate tens of thousand
of connections at a time).

The bold line indicates the duration of a call, and
let ¢; be the time interval at which exactly i links are
occupied by active calls(If a call is engaged in voice
communication, we call it an active call. We use call
and connection synonymously). As one can find from
Fig.2, there may exist a case in which the same
number of links are occupied by active connections at
any different time instant.
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Fig. 2. Occupancy of link with respect to time

Let ¢ be the j-th time interval at which i links are

simultaneously occupied by { active connections.

Then, we have
L=31,
=

Note that T satisfies the following forrmuila.

N

T=Y1
=0 -

The total time of the link occupancy, 8, is given by

2)

N
0= @

i=1

Finally, the traffic load, A, can be defined by

1 &
A=—§w
TS . (4)

If we rewrite (4), we have

A=§i (5)

=~

Note that the term &/7 in the last formula
indicates the rate of time during which exactly i
conmections are active simultaneously during a
monitoring interval 7. Therefore A is equalto the
average number of links that is occupied among N

links. Note also that this is very useful as a measure

SHEE

of the mean number of active connection in the
network if one can measure the information about the
number of active connections from the network. Note
that the number of links A that have been obtained
from (5) is the average value. However, the number
of connections that is active in an instant varies in
time. In order to obtain reliable statistics for the
value A, let us obtain the value of A in a statistic
that purpose let us
computation of A in a number of L times. So,
measurement is carried out in a total of LT seconds.
Let us denote each result by A;, A, .. A Then, A,
i=1, 2, .., L, where L is the number of sample,
constitutes a series of independent random variables.
In order to obtain an expected value for the number

of links that is occupied in voice communication

mamner. To repeat the

under steady-state, let us compute the mean and
variance of a random variable A. Let us assume that
L is sufficiently large so that the random variable
Afollows a Gaussian distribution. Let us assume that
and @ are the mean and varance of a random
variable A, respectively. In order to obtain a safe
design value for the bandwidth, let us assume a %5th
percentile value of the observed data, which implies
that the following equation holds.

Pla—ko<I<a+ko)=0.95, (6)

where [ is the newly determined expected value of
the number of links that
communication under the steady-state and &k is
computed from a standard normal distribution. OQur

is occupied in voice

interests lie in the upper part of the value for T, so

that T is given by[M]

I'=0+1.960. (7)

IV. Estimation of Link Capacity for
Voice and Data

In Section 3, we could obtain the expected number

of customers for voice connection between PSTN and
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TGW, which is represented as . In this section let
us presenta method to compute the required
bandwidth of a link at the output of TGW that
supports a group of VoIP calls, by using a packet
level analysis method for guaranteeing the delay. If
we sum up those two arguments, we can represent
the points of interests for dimensioning capacity of
network as illustrated in Fig.3.

Let us represent the amount of bandwidth required
for guarantecing the predetermined delay for a voice
packet in a NAS, which is represented as (. Let us
assume that a voice source generate voice packets
every second when a customer is in an active state.
Since voice communication is an interactive
application in which two persons are speaking and
listening at a time, the average ratio of active
(speaking) and silent (listening) state is usually
assumed to be 0.35 and 0.65. In the world of network
design we usually assume the ratio to be 0505 in

order to given some safeguard[m.

Background
data traffic, pg

IP Cloud

PSTN
Phone
Expected Bandwidth Link with
number of capacity capacity C
voice for voice (C=C+Cy
connections (I)  packets (C,)

— Converted
3% 3. 74 a4 FHY
Fig. 3. Points of interests and corresponding outputs.

Then, the average number of voice packets
generated by a customer is 0.50. Since the expected
number of active customer is I, we can compute that
the required bandwidth G for a group of voice

customers is given by

%% 4085 TCHR % 12 % 13

C, =0.5xwxT. (&)

Now we can represent the offered load v to a NAS
from the bandwidth G. and the total link capacity C,
which is given in eq. (9).

0

v

A= ©)

Note that G in eq(9) represents the required
aggregate bandwidth of voice cormections. However,
in redlity, G is not dedicated to packets from voice
connections, because voice and data packets share a
bandwidth with capacity C at any instant, and voice
packets are only treated with high priority than data
packet with SP policy. This implies that an average
bandwidth of G/C has to be guaranteed statistically
to voice packets.

Now let us compute Gy, the amount of bandwidth a
router can allocate to data trafficc As we have
described in the above discussion, Cy is limited by
the delay requirement of a voice packet. In order to
represent a formula for Gy let us assume some
parameters for voice and data packet. Packet arrival
processes for voice and data from sufficiently large
group of customers are assumed to be mutually
independent and follow Poisson processes with mean
arrival rate A for voice packets and As for data
packets. The service times for voice and data follow
general distributions with mean service rates 1/4 for
voice and 1/l for data. The variances for the service
07 and Uf, respectively. The mean offered load of the
voice and data packets into corresponding buffer is
A=A/l and Pa=Ad/ll, Tespectively.

Packet scheduling at the buffer follows a SP
scheme, which operates in the following manner.
Initially, a server visits a voice buffer. If there exist
packets in voice buffer, the server serves them until
the buffer is vacant. Otherwise, server visits data
buffer and serves a packet in data buffer, and it
returns to voice buffer and repeats the above

operation. Let us assume that the moving time
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between the two buffers is so small that it is
ignored. When a voice packet enters a voice buffer
while a data packet is receiving service by the
server, it waits in the voice buffer until the server
finishes service for data packet. Therefore, the service
scheme 1S non-preemptive.

Let us assume that S. is the sojourn time of a
voice packet in the system (buffer and server) and
W, is the waiting time of a voice packet. Then, we

have the following relationship between S, and W..

1
S, =W, +—.
o, 10
When a server operates in SP for the voice

packets, the mean waiting time of a voice packet can
be obtained by using the mean waiting time of a
customer for a single class M/G/1 queuing system
with vacation, where a vacation occurs when a server
visits a data buffer in case there is no packet in
voice buffer. A discussion on the analysis of a single
class M/G/1 queuing system with vacation is given
6 17

, and the average value of waiting time for a

voice packet in a voice buffer is given as follows:

w Ao+ )+ A (0] 1/ p3)
v 21-2,/4,) . ap

Note that we can obtain the sojourn time of a
voice packet in the system from (10) and (11). Our
final aim lies in the determination of the relationship
between g, and g4 such that the following inequality
is satisfied.

Sv < Dnr)a'e, (12)

where Duxe is the target value for the system delay
in a single node decomposed from an end-to-end
delay, Dez, of a source-destination pair in a network.
In order to compute D let us classify the delay of
voice packet in the network into four typical partswi
PCM transcoding delay Die, propagation delay D,
delay due to buffering and packet transfer in an

tlo
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end-to~end path D» and additional delay Dec for some
additional packet processing. Among them, note that
D, is the only variable part of the delay. If we let be
the target value for the end-to-end delay De. of a
voice comnection, we can obtain the following

relationship.

Dbsr_(DTC +Dp+DeX)_ (13)

Let us assume that the number of node between
end-to-end path is H and Duwe is evenly distributed
at each node along the end-to-end path of a

connection. Then, we can obtain

D T—(Dyp-+D,+D,)
e H ' (14

If we equate the equations (10), (11) and (12), we
can obtain a relationship between 4, and 4« under the
constraint that eq.(14) issatisfied to a voice packet at
each node along the end-to-end path. Finally, we
obtain the following formula for the upper bound on

Ae, which is given as follows:

2(‘Drmde"l )(l_i)"zv(a-uz"' 13)
- Ky H A
P = 1

HaGa * . (1B

If the QoS objective value Dnwe is known we can
obtain a graph that represents a load map which
represents the relationship between the offered load of
voice traffic v and data traffic din a plane at the
output port of NAS from eq.(10). If gy is determined

as shown in (19), Gy is computed as follows:
Ca =paxC. (16)

Finally, we have an upper limit for the expected

utilization of a link, which is given as follows:

_G +Cy

v c an
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V. Numerical Results and
Discussions

Let us assume that each customer from POTS
(Plain Old Telephone Service)
voice packet with G.711- encoding. The voice packets
undergo VAD (Voice Activity Detection) at AGW/
TGW for efficient packet processing in IP network. It

network generates

is known that voice packets from a CODEC with
G.711- law generate 64Kbps per each connection. The
packet has a header with CRTP (Compression of Real
Time Protocol) over Ethernet as a layer two network.
It is usually assumed that the packet processing
delay (Dre) for encoding at source and -decoding at
receiver ranges from 50 to & msed™. Let us assume
a worst case in which Dre is equal to 8msec. Let
us assume a delay time for an extra packet
processing including the propagation delay D, and Dey
to be 100ms. Let us assume that the number of node
in an end-to-end path is H=20. The target value for
an end-to-end delay of a connection is assumed to
be 100ms. Let us assume that the size of voice and
data packets in order to compute the values of 1/4
and 1/l As for 1/l let us assume twocases in order
to compare the impact of design areas for different
data packet sizes: First, the data packet has a fixed
size of 1500bytes (1460bytes of body and 40bytes of
header). Let us call this case as “Scenario A"
Second, the data packet has a variable size of mean
S0bytes and standard deviation of 500 bytes. Let us
call this case as “Scenaric B". The size of VoIP
packet generated from G.711 Vocoder is assumed to
be fixed and is equal to Zi6bytes (I60bytes of
payload and 56bytes of headers)™. Let us assume
that the bandwidth of an output port in NAS is
10Mbps.

Fig4 illustrates the load map of voice and data. In
Fig.4, there are two sticks in each point: The left one
is the result for Scenario A, and the right one is the
result for Scenario B. From Fig4 we can find that

the load map of an IP network that accommodates

Left: Seenario A

Right: Scenario B8

Bandwidth for data { Mips)

da_

4 0864 1728 2592 3456 4320 5084 6048 6912 7776

Rendw dth for s ok { Mbps)

a7 4. 34 2 ol Feim

Fig. 4. Load map for voice and data.

voice and data packets is heavily dependent on the
characteristics of data packets such as the size and
its distribution. Note that the required bandwidth for
the bursty traffic higher than that of

constant rate traffic. Therefore, a careful investigation

is much

on the characteristics of data packets such as the
burstness has to be performed in order to set up a
design rule for optimal provisioning of QoS for voice
services in NGN.

Fig5 illustrates the utilization of the network with
respect to the load of voice traffic for the Scenario A.
From Figs we can find that the G+(y < C as we
have argued in Fig.3, because utilization is smaller

than one.

0.9
0.8
0.7 -
0.6
0.5

Utilization

0.2
0.1

0 0.09 0.17 026 035 043 052 06 0.69 0.78
Offered load of voice packet

a3 5. % Hf=
Fig. 5. Utilization of the network.
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VI. Conclusions

In this work we proposed a method to determine
the bandwidth of voice and data in a pipe in the
access router of NGN VoIP network. The model is
described in a hybrid of call and packet level: call
level model determines the statistical characteristics of
the number of customers in NGN network which is
composed of PSTN customers, and packet level model
determines the capacity of bandwidth required to
satisfy QoS requirement of delay for voice packet. In
deriving the call level traffic model we used the
statistical method to obtain the mean and variance of
the number of active customers in a time axis. The
statistical model itself is not new, but it is considered
to be useful of traffic via
measurement  of real operating network. In the
estimation of bandwidth in the IP networks, we used

in the modeling

an M/G/1 queuing system with non-preemptive and
strict priority scheme for voice traffic over data
traffic, which is faithful to the service philosophy of
the DiffServ service architecture of IP network The
about number  of
customers is useful in the computation of call level
resource between PSTN and TGW/AGW, whereas
the information about bandwidth Cv and Cdis useful
in the estimation of the IP level resource at NAS.

information expected active

Via some numerical experiments we showed the
implication of the work in the design of the
bandwidth of the access network in NGN voice over
IP network. Themethod proposed in this work can be
also used in the determination of whether the link is
over-booked or not in a shared-service IP networks
if one has multiple number of parameters for the
offered load of voice and data traffic as well as the
QoS parameters such as an end-to-end delay. Future
the determination of the
vardstick for judgment of over-booking as well as

research areas include

the sophistication of the measurement methods.
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