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Abstract: Telecommunication is undergoing a transformation from a system based on 
telephony to one that encompasses a wide range of applications and services involving 
different media. This transformation is accompanied by a dramatic change in the 
characteristics of traffic. The telecommunication service market itself is also changing greatly. 
To adapt to these changes, it is necessary to dimension and operate economical network 
facilities. To meet this need for the coming age, this paper first identifies the issues and 
required solutions related to traffic engineering for network facilities. In addition, we have 
proposed a method of estimating the required processing capacity by selecting factors that 
affect the processing capacity and applying multiple regression analysis to them. By applying 
this method and comparing the results with the values measured in an actual network, we 
have confirmed that our method is sufficiently accurate for actual traffic engineering purposes. 
For the estimation of the required bandwidths, we have analyzed actual traffic and developed 
a design flow using a queuing model of M/H2/1/K. 
Keywords:  traffic engineering, performance evaluation, traffic model 
 
1. Introduction 

 
Telecommunication is undergoing a transformation from a system based on telephony to 

one that encompasses a wide range of applications and services involving text, still images, 
video and music. These applications and services are giving rise to an explosive growth in 
traffic and are also accompanied by dramatic changes the characteristics of traffic. The 
network that carries this changing traffic is also changing from a centrally planned and 
centrally managed telephone network to the Internet where network management is 
distributed.  

The traffic theory based on stochastic process analysis proposed by A. K. Erlang at the 
start of the 20th century has long been used for the design and evaluation of the telephone 
network, which traditionally carried only voice traffic. The theory has allowed the forecasting 
of traffic and well-planned network engineering. Each time a new application emerged, 
Erlang’s model was modified or extended to allow network engineering and evaluation for 
that application.  

Since the beginning of the 1990s, the Internet has become more and more widely used 
and the design and evaluation of the Internet have become important research topics. Since a 
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variety of services are provided over the Internet and a variety of terminals are connected to it, 
the traffic carried is also greatly varied. This makes the forecasting of traffic on the Internet 
extremely difficult. It is almost impossible to predict what type of traffic will be generated and 
where. It is difficult to apply conventional traffic theory to the Internet, and appropriate means 
of traffic engineering for determining the optimal capacities and locations of routers and 
servers has not been well established. An ad-hoc solution applied today is to increase the 
capacities of transmission links and routers at places where actual congestion is observed. 

In the coming age of ubiquitous services, the network will serve a greater variety of 
terminals, such as sensors and RFID tags, and provide a greater variety of services. Some of 
the characteristics of the traffic flowing in such a network are: 

(1) An increase in traffic involving large items of content, due to the availability of a 
broadband network, and an increase in P2P traffic. 

(2) An increase in sporadic traffic due to short data messages generated, almost incessantly, 
by sensors and tags deployed in large numbers. 

(3) A wide variety in the quality levels required due to an increase in the variety of services. 
(4) An increase in traffic fluctuations due to terminal mobility. 
(5) An increase in the generation of locally or temporally concentrated traffic. 

Consequently, the traffic characteristics are expected to become more complicated than those 
of today, making economical and efficient design and operation of the network even more 
difficult. 

The intensifying competition due to market saturation and the increase in traffic due to 
the introduction of flat-rate services are heightening the need for well-planned and 
economical design and operation of network facilities. It is important to forecast traffic and its 
future growth accurately and to upgrade the network facilities at the right time based on the 
forecast data. Another important technology is that for calculating the traffic handling 
capacities of the network facilities required to carry traffic economically while providing the 
required quality. 

This paper identifies the network design issues for the coming years, and describes some 
of the studies undertaken to solve these issues. Section 2 discusses the requirements for traffic 
engineering for network facilities. Sections 3 and 4 introduce our studies on traffic 
engineering for facilities for an IP-based network. Section 5 presents issues to be studied in 
the future. 
 
2. Changes in traffic engineering for network facilities 
 

The network consists for nodes (conventionally switches, but today routers and servers), 
incorporating CPU and memory, and transmission links. Traffic engineering is required for 
determining the required CPU processing capacity, memory size and bandwidth. Changes in 
traffic engineering for each of these elements are described below. In addition, model flows 
for facility engineering reflecting these changes are presented.  
 
2.1. CPU processing capacity  

Conventionally, the CPU occupancy of a switch has been determined by counting the 
dynamic steps of each call type, multiplying them by the number of calls of each call type, 
and adding to the above total the processing load proportional to the size of the switch. The 
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theoretical analysis of the dynamic steps and the measurement of the number of calls of each 
call type by a tool within the machine have been possible since a dedicated machine has been 
used and applications have been developed on a dedicated OS. In addition, the long 
experience with handling telephone and packet traffic has made it possible to use BHC (Busy 
Hour Calls) or PPS (Packets Per Second) with confidence as measures for gauging the 
performance of a switching system, and these measures have proved to be sufficiently 
accurate and easy to understand.  

In contrast, today’s networks are being built using communications systems available on 
the market, such as generic servers and routers. These servers and routers run on UNIX, and 
the inner design of their software, including middleware software, is not disclosed. Their 
hardware makes frequent use of caching. For these reasons, it is difficult to count the number 
of dynamic steps. Consequently, it is necessary to estimate the required processing capacity 
based on some indicators that can be measured externally (e.g., the number of incoming 
packets, and the CPU occupancy). 
 
2.2. Memory size 

Until the mid-1990s, memory was expensive and so the design of switching software 
focused on reducing the required memory size. The holding times from capture to release of a 
memory space not only by the program but also for trunk memory and transaction areas were 
determined either theoretically or by simulation. Based on this estimate, the memory size was 
minimized within the constraints of satisfying specified standards (blocking probability, delay 
probability, etc.). Since the program had to be adjusted to suit the size of memory mounted in 
each switch, the program implementation was time consuming. 

Today, the price of memory continues to fall, and memory is fast losing its position as a 
constraint in the design of routers and servers. 
 
2.3. Bandwidth 

The conventional telephone network is a loss system based on circuit-switching. The main 
focus of bandwidth design is the speech paths that carry the main data (voice signals). 
Specifically, the number of circuits required is calculated using the Erlang B/C with the 
holding time and calling rate specified for each call type. 

In contrast, the packet switched network is a delay system where data, in the form of 
packets, is initially stored in buffers within nodes before being passed on. This mechanism 
results in buffer delay and packet loss caused by overflow of packets from finite-capacity 
buffers. The bandwidth of the transmission links must be so designed as to satisfy specified 
standards for delay time and packet loss probability. Delay time and packet loss probability 
depend heavily on the distributions of packet arrival intervals and packet lengths, as well as 
the node architecture. 

Since diverse services are provided and diverse terminals are connected through the 
Internet, the characteristics of traffic flowing in the Internet are also very diverse. The traffic 
observed in the Internet exhibits correlations between traffic patterns that continue for a long 
period. Consequently, it cannot be explained by conventional communication traffic theory, 
and thus it has been believed that the performance cannot be accurately evaluated using the 
conventional method of modeling the packet arrival process with a Poisson process. Although 
there are reports that a Markovian arrival process can be applied to the core network because 
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of the scale effect, there is no standard method for bandwidth design.  
   
2.4. Traffic engineering model flow 

Conventionally, carrier’s network services have guaranteed the quality of service. 
Consequently, after the end-to-end quality has been specified, facility capacities are 
engineered to satisfy the specified quality while taking into consideration the time it takes to 
build up the network facility to meet a growing demand. In addition, the network design 
results have been modified as necessary based on actual traffic measurements. In contrast, the 
best-effort-based service is characterized by its lack of quality standards and disregard of 
short time traffic variation rate. Nevertheless, its traffic engineering design flow is the same as 
that of the guaranteed-quality service as shown in Fig. 1.  
 
3. Method of estimating performance[1] 

 
NTT DoCoMo provides browser-equipped cellular phone users with an Internet access 

service, known as i-mode, which enables them to send e-mail and access Web sites. The 
i-mode system is now the world’s largest Internet access system on a mobile network. The 
service was started in February 1999, and backed by the increasing popularity of cellular 
phones in general and email in particular, the number of i-mode service subscribers has grown 
dramatically in the matter of two years, as shown Fig. 2. As a result, the traffic to be carried 
by the mobile communication network is also increasing rapidly. To meet this growing 
demand, the switching systems in place are being either increased in capacity or replaced by 
more powerful ones. To plan this effectively, it is necessary to make an accurate evaluation of 
the i-mode processing capacity. 
 
3.1. System configuration 

As shown in Fig. 3, the PDC-P Core Network, which provides the i-mode service, 
consists of the subscriber PPMs (Packet Processing Module), PGWs (Packet Gateway 
Module) and i-mode MPGWs (Mobile Packet Gateway Module). All of these comply with 
JJ70.20, Japan’s TTC Standard, which is illustrated in Fig. 4 [2].  

The individual systems run on UNIX general-purpose machines and are connected 
through routers to a LAN or WAN [3].  

Fig. 1  Traffic engineering flow
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3.2. Principle used for performance evaluation 

Because dynamic steps cannot be counted for the reasons mentioned in Section 2.1, the 
calculation is made based on measurements of the CPU occupancy of an actual system.  

Since the processes for call setup, packet transfer, channel switching, etc. performed at 
each node of the PDC-P network can be regarded as independent of each other from a 
macroscopic point of view, the CPU occupancy can be estimated from the load of each of 
these processes. Let us call the equation used for estimating the CPU occupancy the 
“performance evaluation equation”. The equation is used to calculate the CPU occupancy as 
follows:  

Each process which places demands on the processing capacity is given a weight. Each 
of these weights is multiplied by the number of calls requiring that process. Then all the 
products are summed.  

The specific equation is shown in Fig. 5. For each process, the coefficient representing 
the weight of the process is multiplied by the parameter indicating the number of times the 
process is performed. The products are summed, to give the CPU occupancy. This equation is 
equivalent to the multiple regression analysis equation in the field of multivariate regression, 
with the CPU occupancy as the objective variable, and the parameters as explanatory 
variables.  
 
3.3. Derivation of the performance evaluation equation 

The performance evaluation equation is determined as follows:  
(1) Conduct a desk analysis of the effects of all the signals, including call control signals and 

maintenance signals, on the processing capacity. Select the signals that affect the 
processing capacity sequence by sequence. 

Fig. 4 TTC standardization
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(2) Find the number of times each signal sequence is executed in a switch. 
The number of times a certain process sequence is executed is used because, as illustrated in 
Fig. 6, it is associated with the number of times a signal is processed during one sequence.  
In this way, the equation is determined by extracting the parameters that indicate the number 
of times that a specific sequence is executed. When the performance evaluation equation has 
been defined, the value for each coefficient is determined by measurement for a normal 
sequence and a quasi-normal sequence, using a development environment because 
measurement on a commercially running system is difficult. New versions of applications are 
released periodically for PDC-P, to incorporate new features. The performance evaluation 
equation is reviewed each time there is a new release that is likely to affect the performance. 
Fig. 7 shows the flow of the process for deriving the evaluation equation.  
 
3.4. Example of application of the performance evaluation method to a commercial 
switching system 

Fig. 8 illustrates the value of the CPU occupancy (calculated value) calculated from the 
performance evaluation equation, compared with the value of the actual CPU occupancy 
(actual value) as measured on a commercial switching system, both for the same traffic. This 
graph shows that the CPU occupancy derived from the performance evaluation equation, 
which was determined using a development environment, coincides well with the actual CPU 
occupancy measured on a commercial switching system.  

Fig. 9 shows the difference between actual and calculated values divided by the 
calculated value. The graph shows that the value derived from the performance evaluation 
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equation tends to be about 10 percent higher than the actual value. Consequently, it can be 
said that the accuracy of the calculation is around 90 percent, a sufficiently high accuracy for 
traffic engineering for network facilities. The periodic big differences between the calculated 
value and the actual value are caused by periodic processes, such as hourly traffic collection 
from the OCSE-P (Operation Control Information Storage Equipment - P) on the commercial 
system [4].  
 
3.5. How to apply the equation to the growth plan 

The performance evaluation equation should be used in the plan for enhancing or 
replacing equipment as follows:  
 (1) Estimate the growth in traffic taking account of the growth in the number of subscribers 
as well as the services to be introduced; substitute the estimated traffic into the performance 
evaluation equation; and then estimate the CPU occupancy. 
(2) If the estimated value exceeds a certain threshold, then a new plan for equipment 
expansion must be drawn up. The threshold value should be held low enough to prevent the 
waiting time for processing from becoming unacceptably long. Specifically, the CPU 
occupancy should be kept below 60 percent since the waiting time of UNIX machines, which 
are used in the PDC-P switching systems, starts to become extremely long at the point where 
the CPU occupancy exceeds 60 percent [5]. 
 
4. Bandwidth design 
 

There is no well-established traffic theory applicable to bandwidth design in the Internet 
environment. Therefore, the common practice adopted by carriers has been to roughly 
estimate the time when traffic-related problems may surface, and expand the capacities of 
routers, servers or links in advance in an ad-hoc manner. Unlike in situation in the late 1990s 
when user traffic increased rapidly, a more systematic approach is necessary today. This 
section presents an attempt to calculate the bandwidth based on the actual traffic in an IP 
router network.  
 
4.1. Bandwidth calculation flow 

Fig. 10 show the application of the traffic engineering method described in Section 2 to 
bandwidth calculation.  

The elements of the quality standard are, delay, delay variation and packet loss 
probability. For the end-to-end quality for a router network, ITU Recommendation Y.1511 and 
G.1010 has defined recommended values. To satisfy these values, it is necessary to allocate 
portions of these values to each node (router) based on the network structure.  

Traffic forecasting requires knowledge about the short time traffic variation rate (traffic 
peak-to-average rate) to ensure quality, and the rate of growth to determine the length of time 
for which the current traffic engineering results will be valid. The determination of the short 
time traffic variation rate requires the measurement of traffic at short intervals as shown in Fig. 
11.  

Currently, the routers can collect traffic information as part of their MIB (management 
information base), but the measurement interval is usually around 5 minutes, this long interval 
being chosen to lighten the measuring load on the network. As regards the rate of traffic 
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growth, the monthly representative values of traffic have been used as indicators for the  
telephone network, and the future traffic has been calculated from the current values taking 
the growth rate into account. However, there is no definite method for the Internet.  
 
4.2. Bandwidth calculation method and calculation results 
 
(1) Calculation conditions 
(a) Quality standards 
Considering the measured end-to-end delay on the longest route in the IP router network as 
well as the number of routers involved in the route, we have defined the target value of the 
buffer delay to be 0.9ms/router, and that of the packet loss probability to be 1×10-5 as shown 
in Fig. 12. 
(b) Short time traffic variation rate 

Based on measurements, we have defined the short time traffic variation rate to be 1.3 
(the actual value in a common channel signaling network is 1.3). 
(c) Determination of the queuing model to be applied 

It has been reported that the occurrence of emails in the i-mode service follows a Poisson 
distribution, just like voice calls [6]. Therefore, in our network where i-mode packets are 
dominant, a Poisson distribution can be assumed for the occurrences of emails. Consequently, 
a Poisson distribution is assumed for the occurrences of packets in our calculation (although 
measurements on the actual network are desired for accuracy).  

The service time distribution depends on packet sizes. Since it was found that the 

Fig. 12 Quality allocation 
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coefficient of variance (Standard deviation / average) of the packet size distribution is more 
than 1, we have assumed for ease of analysis that the service time distribution follows a 
hyper-exponential distribution with its average and variance matching those of the actual 
distribution. 

 The number of buffers (queues) can be considered to correspond to the maximum 
number of the longest packets that can fit in the total router buffer size. We have defined the 
number of buffers, K, to be 130. Thus, the queuing model for the processing within the router 
is M/H2/1/K as shown in Fig. 13. 
 
(2) Calculation results 

Using the above router model with the speed of outgoing links varied from 150Mbps, to 
600Mbps and then to 2.4Gbps and with different packet arrival intervals, the buffer delay and 
packet loss probability have been calculated. The calculation results show that, for all link 
speeds,  
(a) the buffer delay (average waiting time) is 0.9 ms or less even when the usage rate of the 

outgoing links is 99%. 
(b) the packet loss probability is 1×10-5 or less if the usage rate of the outgoing links is 87% 

or less.  
Using this traffic engineering method, we have calculated the required bandwidths of the 

on-going deploying IP network for actual normal traffic, and confirmed that the current 
facility capacities satisfy the quality standards.  
 
5. Conclusion 

In this paper, we have briefly examined the current characteristics of traffic, and 
indicated that methods of estimating the required node processing capacities and link 
bandwidths are important for traffic engineering of network facilities.  

In addition, because the conventional method of counting dynamic steps in programs is 
no longer applicable to the estimation of the required node processing capacity in the Internet 
environment, we have proposed a method of estimating the required processing capacity by 
selecting factors that affect the processing capacity and applying multiple regression analysis 
to them. By applying this method and comparing the results with the values measured in the 

Fig. 13  Router processing model
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actual network, we have confirmed that our method is sufficiently accurate for actual traffic 
engineering purposes.  

For the estimation of the required bandwidths, we have defined the required quality 
standards, and developed a design flow for the calculation of required bandwidths taking 
account of the rate of traffic growth and the short time traffic variation rate. Based on an 
analysis of actual traffic, we have assumed a queuing model of M/H2/1/K, and a comparison 
between calculations made using this model and actual traffic has confirmed that the current 
facility capacities are appropriate for current traffic.  

Issues meriting further study include the following.  
(a) Accurate forecasting of the traffic flowing into the network 
Since mobile terminals are more closely associated with individual users than is the case in a 
wire-line network, the forecasting method can be improved by studying the forecasting of the 
behavior of individuals.  
(b) Specification of qualities that reflect the traffic characteristics of each service 
When ubiquitous services become prevalent, traffic from tags and sensors, and traffic from a 
greater variety of services than exist today will flow in the network. It is necessary to 
calculate bandwidths taking account of the quality standards of individual services.  
(c) Analysis of buffer processing within the routers 
It is necessary to understand the details of buffer processing in order to identify the most 
applicable queuing model.  
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