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Abstract 
Number portability i s  a telecommunication network function, which allows sub 
scribers to switch services, service providers, or locations without chan ing their 
telephone numbers. Near-term number portability i s  pically implementecY by exist- 

portabiliy can be im lemented under the advanced intelligent network platform. In 

AIN. Then we show the AIN implementation for long-term number portability. h a ! -  
ly, a cache approach i s  proposed to speed up address transfer, which can effec- 
tively reduce the network overhead incurred by AIN query for number portability. 

ing telecommunication services such as remote call 7 orwarding. Long-term number 

this artic e we intro cp uce the number portability issues and provide a tutorial on 

umberportability allows a subscriber to keep a 
“unique” telephone number [l,  21. From the 
viewpoint of service providers, number portabil- 
ity is a network function that helps a service 

provider t o  compete with another service provider that is 
already serving a customer. 

Service portability allows a subscriber to keep the same tele- 
There are three types of number portability [3]: 

phone number after changing services. 
Service provider portability allows a subscriber to keep the 
same telephone number after changing service providers. 
Location portability allows a subscriber to keep the same 
telephone number after changing physical locations. 
Before we discuss number portability issues, we first intro- 

duce the format of a telephone number by using the North 
American Numbering Plan (NANP) [4] as an example. NANP 
follows International Telecommunication Union - Telecom- 
munication Standardization Union (ITU-T) Recommendation 
E.164 [SI, where a telephone number is of 10-digit format 
NPA-NXX-XXXX. In this format, Number Plan Area (NPA) 
can b e  a geometric information code (GIC) o r  a service 
access code (SAC). The  last seven digits in the NANP tele- 
phone format represents a subscriber number in the format 
NXX-XXXX where N is a number between 2 and 9, and X is 
a number between 0 and 9. In this subscriber number format, 
the first three digits (i.e., NXX) are typically a central office 
(CO) code that identifies the CO switch of the telephone 
number. Based on the NPA code, the NANP numbers can be 
classified into two categories. 

Geographic NPA (G-NPA) - The NPA code is a GIC com- 
monly known as the area code. Any call to a G-NPA tele- 

phone number will be directed to a home CO before rerout- 
ing (if any). In G-NPA, CO codes may be allocated to  a ser- 
vice provider, or G-NPAs within a CO code may be allocated 
to that service provider. An example of a G-NPA number is 
626-457-xxxx, which represents a telephone number for Los 
Angeles, California. 

Nongeographic NPA (NG-NPAJ - The NPA codes a re  
assigned to services (i.e., the NPA code is an SAC). In NG- 
NPA, a subscriber can be assigned an arbitrary NXX-XXXX 
number within an NPA code. For example, the 800 SAC code 
is for toll-free service, and the 900 SAC code is for a premium 
rate service in the United States. In Taiwan, the 090 SAC 
code is for Advanced Mobile Phone Service (AMPS cellular 
service. For some services, the NXX codes can be assigned to 
a specific service provider. For example, the SAC code 093 is 
for Global System for Mobile Communications (GSM) ser- 
vices in Taiwan, where the NXX codes are assigned to various 
GSM service providers (e.g., NXX = 2XX for Chunghwa 
Telecom and NXX = IXX for three local GSM operators). 

Under the above numbering plans, number portability is 
not supported in many existing systems. For example, if a sub- 
scriber in Taiwan wants to change AMPS service to GSM ser- 
vice, his/her cellular number must be changed from 
090-NXX-XXXX to 093-NXX-XXXX. Thus, service portabili- 
ty is not supported. Another example is the change of tele- 
phone service from plain old telephone service (POTS) to 
integrated services digital network (ISDN). Since ISDN ser- 
vice is only available through ISDN switches, POTS sub- 
scribers should change their telephone numbers to receive 
ISDN services. 
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I f  a GSM subscriber in Taiwan wants t o  change from 
Chunghwa GSM to Far Eastone GSM, then GSM number 
must be changed from 093-2XX-XXXX to 093-1XX-XXXX. 
Thus, service provider portability is not supported. From the 
viewpoint of customers, the need for service provider portabil- 
ity may depend on the billing policy. In the United States, cel- 
lular subscribers typically pay for both incoming and outgoing 
calls. In order not to receive undesirable calls, the customers 
are unlikely to distribute their numbers widely. Thus, number 
portability is not an important factor when the customers 
decide whether to change cellular service providers. In Tai- 
wan, on the other hand, the cellular subscribers only pay for 
outgoing calls (the incoming calls are paid for by the callers), 
and are likely to widely distribute their numbers. Consequent- 
ly, service provider portability is essential for fair competition 
among cellular companies. 

If a public switched telephone network (PSTN) subscriber 
in Taiwan wants to change location from Taipei to Tainan, 
the telephone number must be changed from 02- 
XXXXXXXX to 06-XXXXXXX. Thus, location portability is 
not supported. However, we would like to point out that 
under the  G-NPA numbering plan,  subscribers may not 
appreciate location portability for the following reason. Sub- 
scribers are likely to associate the GICs (area codes) with geo- 
graphic areas and assume that the charges for their calls are 
based on the calling rates to the areas indicated by the GICs. 
In other words, G-NPA location portability may result in con- 
sumer confusion. Thus, a voice announcement to the caller 
may be required to provide the billing information for a 
dialed G-NPA ported number. Another alternative for loca- 
tion portability is to use NG-NPA numbers where the format 
of the numbers does not imply any location information. 

Many studies and discussions [6] lead to the conclusion that 
number portability should be supported in the  modern 
telecommunication services and suggest that any long-term 
number portability implementation should satisfy the follow- 
ing minimum criteria. 

Capabi/ities and Service Quality - A long-term number porta- 
bility implementation should support existing network services, 
features, and capabilities without unreasonable degradation in 
service quality and network reliability. Otherwise, the imple- 
mentation will result in a competitive disadvantage to the ser- 
vice providers. Furthermore, emergency services and intercept 
capabilities are mandated to ensure public safety. 

Numbering Resource Allocation - Since new telecommunica- 
tions services (especially wireless services) have developed 
rapidly, the consumption rate of numbering resources (e.g., 
NANP codes) is likely to accelerate. Thus, it is important that 
a long-term number portability implementation efficiently use 
numbering resources without requiring subscribers to change 
their telephone numbers. 

Call Setup Routing - A long-term number portability imple- 
mentation should allow a service provider to route telephone 
calls to their customers without being affected by the net- 
works of other carriers. 

This article will focus on the routing issues for number 
portability. A number of implementation alternatives for num- 
ber portability have been explored [6]. They can be classified 
into two general categories: onward rouiing methods and 
database methods. Onward routing methods are considered 
interim number portability solutions. On the other hand, long- 
term implementations are based on database methods. 

Several terms must be defined before we describe the rout- 

ing methods. Originally, a telephone number is assigned to a 
switch, called the donor swirch or release switch. If the tele- 
phone number is moved from a switch to another switch, the 
new switch is called the recipient swilch. The moved number is 
referred to as a ported number. 

Onward Routing Methods 
The onward routing approach first routes a call to a switch 
based on the dialed number (typically a G-NPA number). The 
switch then transfers the call to its destination. Examples of 
this approach include remote call forwarding (RCF) and flexi- 
ble direct inward dialing (FDID). RCF redirects calls to the 
recipient switch of the ported numbers by placing a second 
telephone call (by dialing a new number) to the new network 
location. FDID routes the second call over a dedicated facility 
to the switch of the new service provider without placing a 
new call. 

Onward routing methods such as RCF are existing telecom- 
munication services. They are being used only on an interim 
basis because the exercise of these methods results in network 
inefficiency: since the dialed numbers are used to route calls 
to line appearances on the (donor) switch, forwarding many 
ported numbers will exhaust the switch resources. 

Since the onward routing mechanism is already built into 
most switches, installation is inexpensive. Thus, the costs for 
supporting onward routing number portability are incremen- 
tal, consisting of the following parts: 

Number transfer costs consist of two parts. The first part is 
incurred by the donor switch to determine if the number is 
no longer resident. The second part is incurred in perform- 
ing the RCF translation to identify the address of the recip- 
ient switch. 
Call transfer costs are incurred in redirecting the call from 
the donor switch to the recipient switch of the ported num- 
ber. 
There are several alternatives to charge a service provider 

who utilizes RCF for number portability. In California and 
Illinois the state commissions set cost-based fixed monthly 
rates for RCF, while in New York and Maryland the commis- 
sions set cost-based rates for minutes of use. 

As we pointed out, onward routing methods are considered 
as interim number portability solutions. Long-term implemen- 
tations can be based on the database methods under the  
advanced intelligent network (AIN) platform. In the remain- 
der of this article, we introduce the AIN architecture and its 
call model. Then we describe the database methods for num- 
ber portability and show how these methods can be imple- 
mented using AIN. 

Advanced Intelligent Network 
In traditional signaling systems such as Signaling System No. 7 
(SS7) [7-121, call processing intelligence depends heavily on 
switch-based translations and features. On the other hand, 
AIN [ 131 controls the call processing intelligence by software 
distributed in switches, databases, and other elements through- 
out the network rather than being confirmed to translations 
within the originating and terminating switches. In other 
words, AIN adds service capabilities to the telephone net- 
work, which are independent of the involved telephone 
switches. 

With AIN, telephone companies can rapidly and flexibly 
provision services to customers. What makes AIN so powerful 
is that services can be deployed on centralized databases and 
intelligent peripherals. A telcphone company saves time and 
money by avoiding the necessity of loading specific software 
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and fea ture  sets into every C O  
switch. Using AIN, multiple CO 
switches can query that single-ser- 
vice database to carry out call pro- 
cessing. 

The A N  Architecture 
The AIN architecture is illustrated 
in Fig. 1 [13]. In this architecture, 
the service switching point (SSP) is 
a telephone switch (CO or tandem). 
The signal transferpoint routes the 
control messages (SS7 messages) to 

The  adjunct processor is appropriate for small service 

providers (e.g., with one switch 
that does not need SS7 connec- 
tions). 
In this article we will use the terms 

adjlcnct and SCP interchangeably. 
The AIN SSPs and SCPs are like 

clients and servers in the remote 
procedure call (RPC) model [ 141. 
During the call processing proce- 
dure, the AIN SSP may detect the 
need for AIN processing (at the so- 
called trigger detection points ,  
TDPs). If so, one or more trigger- 

[on-hook] 
Null I-- [off -hook] (Off-hook-immediate) 

Origination-attempt 

Analyze-route I 
I I Analvze-route I 

Select 
route 

W R )  t Network-busv 
I I 

Call 1 
proceed 

I 

Figure 2. The AIN call origination flow. 

Step - Initially, the SSP is in the  Nul1 
state or Null PIC (point in call)  when the 
telephone is on-hook. If the SSP receives 
the off-hook indication, the O f f  -hook- 
Immediate trigger may be detected for 
services such as hotline (the hotline service 
allows the caller t o  automatically access a 
given telephone each time the caller lifts 
the handset). In the hotline service, the  
O f f  -hook-Immediate trigger is detect- 
ed, and an Origination-Attempt AIN 
Transmission Capability Application Part 
(TCAP) message is sent from the SSP to 
the SCP. The SCP identifies the destination 
routing number, and sends it to the SSP by 
the Analyze-Route message. This mes- 
sage requests the SSP to resume the call 
originating process and provides informa- 
tion relative to that process. Note that in 
the hotline service, steps 3 and 4 of the call 
flow are skipped. 

Step 2 - The SSP enters the Authorize- 
Origination-Attempt state. The SSP verifies 
the authority of a subscriber to place a call 
based on line restrictions. For an analog 
line, a call request may be rejected if no 
dual-tone multifrequency (DTMF) receiver 
is available in the switch. (DTMF is a tech- 
nique used by the telephone set to generate 
address signals to the switch. The switch 
utilizes DTMF receivers to interpret the 
dialed digits.) For a trunk, the call request 
may bc rcjected when the glare condition is 
detected. (In a two-way trunk, both switch- 
es may seize the t r u n k  a t  the same time. 
This situation is called the glare condition.) 
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Step 3 - The SSP enters the Collec~-Ir!fort~in/ion state. It 
sends the dial tone to  the subscriber and then collects 
dialcd digits from the line. The call may be rejected if the 
dialed digits are not received before a normal inter-dialed- 
digif  timer expires (typically 5 s). After the SSP has collect- 
ed enough information from the telephone, it may proceed 
to step 4, or an Off -hook-Delay trigger may be encoun- 
tered. The Off -hook-Delay trigger can be used to imple- 
ment the restricted calling service that allows customers to 
restrict certain types of calls. For example, the Off -hook- 
Delay trigger may be hit when a subscriber dials a 900 
number. In this case, the SSP sends the Info-Collect 
query message t o  the SCP. If the query passed the screen- 
ing process, the SCP returns the Analyze-Route message 
to  the SSP, and the SSP proceeds to  step 4. If the query 
fails the screen process, the SCP returns  a Send-To- 
Resource message to the SSP. The SSP will instruct the IP 
to play a denial announcement and disconnect the subscriber. 

Step 4 - The SSP enters the Analyze-Information state. It 
interprets and then translates the  collected information 
according to  the specified numbering plan. The information 
may be invalid (i.e., the dialed number violates the numbering 
plan in force), and the call is rejected. 

Several triggers may be encountered at this state. An exam- 
ple is the 3/6/10-Digit-PODP trigger. This trigger is used for a 
call with access to  the public office dialing plan (PODP), 
which is used by customers (e.g., businesses) to block certain 
outgoing calls such as international or toll numbers. This secu- 
rity screening service performs some kind of security process 
in the network before an end user gains access to  the sub- 
scriber's network, systems, or applications. The trigger can 
also be used to implement number portability, to be described 
in the next section. 

When the trigger is detected, the SSP sends the Info- 
Analyze message to the SCP. The SCP replies the Send- 
To-Response message to the SSP, which may or may not 
include an instruction to play an announcement to the caller. 
Two examples of voice announcement are given below: 

PIN information Collection - The  voice announcement 
instructs the caller to enter a personal identification number 
(PIN). This identification number is forwarded from the SSP 
to the SCP through the Info-Analyzed message. If the PIN 
is valid, the SCP returns the Analyze-Route message con- 
taining routing and billing instructions, and step 5 is executed. 

Billing Information Provision - The voice announcement pro- 
vides the billing rate to the caller. The caller may determine 
to terminate the call by hanging up the handset or to continue 
the call (by inserting coins or pressing a special key on the 
phone set). In the latter case, the call setup procedure pro- 
ceeds to step 5. 

Step 5 - The SSP enters the Select-Route state to select the 
outgoing route (e.g., the output line for a n  intraswitch call or 
a trunk group for an interswitch call). If the route is busy, the 
call may be rejected or the Automated-Flexible-Rout- 
ing (AFR) trigger detected. In the latter case, the SSP sends 
the Network-Busy message to  the SCP. The  SCP may 
instruct the SSP to route the call to thc destination SSP indi- 
rectly through a tandem. 

S f e p  6 - The SSP cntcrs the Authorize-Call-Setup state to 
verify the authority of the calling party to place this particular 
call. The call is denied if the continuity check fails. (During 
call setup, i f  the originating switch specifics it continuity 

20 1 - 3 2 6 - x ~ ~ ~  

mapping 
626-457-x~~ 

H Figure 3. The LRN datnbase method. 

check, the selected trunk from the terminating switch to  the 
originating switch is checked to ensure a satisfactory transmis- 
sion path.) In the normal case, step 7 is executed. 

Step 7 - The SSP enters the Call-Proceed state, sends an 
indication of the desire to set up a call to the called party, and 
waits for the response from the called party. After the called 
party answers, the call is established. 

Note that triggers described in the above call model corre- 
spond to specific services (and typically do not occur in every 
call setup). In the next section, we show that the 3 /6/10 
PODP trigger in AIN can be used to implement the database 
methods for number portability. Other triggers mentioned in 
this section will appear in the call flow that supports number 
portability if the corresponding services are offered. 

Database Methods 
Database methods for number portability utilize local number 
portability (LNP) databases to route calls to their destinations. 
An example of this approach is the location routing number 
(LRN) method proposed by AT&T (151. In this method, 10- 
digit LRNs are provisioned to uniquely identify every switch in 
the network. The first six digits of the LRN will be one of the 
assigned NPA-NXX of the switching element. The  purpose 
and functionality of the last four LRN digits have not yet been 
defined, but are passed across the network to the terminating 
switch [16]. All telephone numbers in one NPA-NXX are 
assigned to a donor switch. If the number is moved or ported 
to a new (recipient) switch, the LNP database maps the tele- 
phone number to the LRN number of the recipient switch. 
When a ported number is disconnected ( the customer no 
longer pays for the line), the number is released back.to the 
original service provider (snap-back). After appropriate aging, 
the original service provider can reassign the number to a new 
customer. The LRN proposed by AT&T is for G-NPA. A sim- 
ilar approach for NG-NPA has been proposed by GTE. In the 
database method, a triggering mechanism is required to  fire 
the query to the database. The mechanism is typically imple- 
mented under the AIN platform described earlier. Following 
the AIN concept, call delivery to a ported number consists of 
the following steps 13, 171 (Fig. 3). 

Step / - The calling party dials the number 626-457-xxxx. 
Whcn the number is received by the originating switch, digit 
analysis is performed (see AIN steps 1-3), and interactions 
between the switch and the SCP may occur. Then the switch 
identifies that the dialed number is a ported number, and an 
AIN trigger (e.g., the 3/6/10-Digit-PODP trigger in AIN step 
4) is detected. A query (i.c., thc 1nfo-Analyzed.message in an 
car l icr  section) is launched to  the corresponding LNP 
databasc in thc SCP. 
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I 
Figure 4. n e  query on release method. 

Step I1 - The SCP maps the ported number (626-457-m) to 
the actual network node address (201-326-xxxx, the LRN 
number of the recipient switch). The recipient’s LRN is sent 
back to the originating switch (through the Analyze-Route 
AIN message). 

S fep  111 - The originating switch routes the call to the recipi- 
ent switch based on the LRN number 201-326-xxxx. Since the 
GIC (area code) for a ported number does not provide the 
actual location information of the called party, the caller may 
want to know the billing rate before the call is actually placed. 
In this case, the AIN IP may play a billing-rate announcement 
to the caller through the originating switch (see step 4 in Fig. 
2) and ask the caller’s permission before call setup. 

A modification to  this approach is called query on release 
(QOR) or lookahead. In QOR, the originating switch first 
routes the call t o  the donor (release) switch before the final 
routing i s  determined. In Fig. 4, when the number 626-457- 
xxxx is dialed, the originating switch first routes the call to the 
donor switch (626-457). The donor switch determines that the 
called number is ported out. The switch invokes the QOR pro- 
cedure, and sends a release message to the originating switch. 
When the originating switch receives the release message with 
the  QOR cause value, the  trunk between the  originating 
switch and the donor switch is released, and the originating 
switch initiates the same call setup procedure (steps 1-111 in 
Fig. 4) illustrated in Fig. 3. Pacific Bell and Bell Atlantic sug- 
gested that carriers should be permitted to implement QOR 
because this mechanism would eliminate unnecessary database 
queries (if the dialed number is nonported), which results in 
cost savings. However, QOR routing to a ported number will 
be affected by the original carrier (specifically, the donor 
switch) of the number. That is, the method reduces the new 
service provider’s ability to control the routing of telephone 
calls (and thus the routing costs) to its customers. 

If a call involves several local exchange carriers (local tele- 
phone companies) and interexchange carriers (long-distance 
telephone companies), there are several alternatives to trigger 
the database query, including: 

The originating service provider scenario, where the origi- 
nating carrier performs the database query 
The terminating “access” provider scenario, where the ter- 
minating carrier performs the database query 
The “N - 1” scenario, where the carrier immediately prior 
to the terminating carrier performs the database query 
The first-switch-that-can scenario, where the first switch (in 
the call path) that has the database access capability per- 
forms the query 

The switch to perform the database query 
may affect the call routing and billing mecha- 
nisms. Thus, discussions have been conducted 
to select the triggering scenario [6]. Most par- 
ties prefer the N-1 scenario. On the o ther  
hand, BellSouth contends that there is no need 
to select a particular scenario because the 
above scenarios can coexist through engineer- 
ing and business arrangements. 

A nationwide database architecture (e.g., the 
800 database) can be utilized to support  
database-oriented number portability. However, 
this centralized approach may have a serious 
scalability problem when number portability is 
deployed nationwide. A more appropriate solu- 
tion is to use regionally deployed databases. 
Currently, mostservice providers agree that 
equipment and databases in this distributed 

architecture should be administrated by one or more neutral 
third parties so that numbering resources are efficiently made 
available to new service providers. It is suggested that the 
databases contain only ported numbers and the associated rout- 
ing and service provider information [16]. The new service 
provider has the responsibility to populate the appropriate line 
information database and custom local access signaling service 
information associated with the ported number. The SS7 ISDN 
User Part (ISUP) enhancements to support database methods 
can be found in [18]. The portable number call control for ser- 
vice provider portability is given in [19]. 

Implementation and Operation Costs 
The costs of onward routing-oriented number portability is 
incurred solely by the carrier providing the forwarding service. 
On the other hand, the database approach will require all car- 
riers to incur costs associated with the installation of number- 
portability-specific software, and the construction, operation, 
maintenance, and administration of the number portability 
databases. In Taiwan, for example, many new local telephone 
companies will be in service in 1999. These new entrants may 
effectively be precluded from entering the local exchange 
market if they are required to bear all the costs of number 
portability. Two principles for number portability cost recov- 
ery have been identified to guarantee fair competition (as 
quoted from [6]): 

Cost recovery should not give one  service provider an 
appreciable, incremental cost advantage over another ser- 
vice provider when competing for a specific subscriber. In 
other words, the recovery mechanism should not have a dis- 
parate effect on the incremental costs of competing carriers 
seeking to serve the same customer. 
Cost recovery should not have a disparate effect on the abil- 
ity of competing service providers to earn normal returns 
on their investment. 
For example [6], we should recover the costs of currently 

available number portability from all carriers based on each 
local exchange carrier’s relative number of active telephone 
numbers so that the amount to be recovered from each carri- 
er  would increase with the carrier’s size (in terms of active 
telephone numbers). Accessing costs on a per-telephone num- 
ber basis should give no carrier an advantage over its competi- 
tors. In Rochester, New York, the mechanism allocates the 
incremental costs of currently available number portability 
measures through an annual surcharge accessed by the incum- 
bent local exchange carrier from which the number is trans- 
ferred. This surcharge is based on each carrier’s number of 
ported telephone numbers relative to the total number of 
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active telephone numbers in the local service area. In Taiwan, 
the new cellular service providers want the AIN operation 
costs for number portability to be shared by the customers. 
On the other hand, subscriber demand for number portability 
will decide whether they should cover the costs; donor service 
providers are not expected to charge customers for porting 
their numbers. 

Another cost issue relates  t o  AIN implementation. 
Although AIN offers flexibility and speed, it also changes the 
complexity of the network rapidly (when provisioning number 
portability in the SCP, the modifications can affect millions of 
customers simultaneously). The implementation complexity 
(powerful centralized intelligence) of AIN can be very expen- 
sive; t o  reduce this complexity, the  service node (SN) 
approach has been proposed as an early solution for AIN [20]. 
The SN can be implemented at a much cheaper cost than the 
complete AIN solution. An SN is similar to an IP in the AIN. 
Figure 5 illustrates the SN architecture. The SN provides the 
number portability service through the host computer (3 in 
Fig. 5). By executing the service logic program (SLP, 4 in Fig. 
5) under the service logic execution environment (SLEE, 5 in 
Fig. 5), the SN controls the voice response units ( 2  in Fig. 5), 
and the programmable switch (1 in Fig. 5) to carry out the 
number portability service. The SLP and SLEE in the host 
computer are basically the same as those in an AIN SCP. The 
SN can be evolved-into a real AIN architecture by moving 
SLP/SLEE into the AIN SCP, and the SN becomes an IP in 
the new architecture. 

A Cache Approach to Address Transfer 
In database-based number portability, it is likely that some of 
the ported numbers are frequently accessed from an originating 
switch. In that originating switch, we may keep a cache to map 
the frequently ported numbers to the LRNs of their recipient 
switches. Thus, the routing information of the frequently port- 
ed numbers can be obtained from the cache instead of the 
expensive AIN query to the LNP database. A similar approach 
was considered to support the universal personal telecommu- 
nication (UPT) number for personal communications services 
(PCS) [21]. The cache approach works as follows. 
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Figure 5.  The service node architecture. 

Step I - When a number is dialed, the originating switch 
first checks whether the number can be found in the cache. If 
so, a cache hit occurs, the LRN of the recipient switch is 
obtained from the cache, and the call is routed directly to the 
recipient switch following step 111 in Fig. 3. Otherwise, a cache 
miss occurs, and the next step is executed. 

Step 2 - The originating switch queries the LNP SCP follow- 
ing steps I and 11 in Fig. 3. After the switch receives the LRN of 
the recipient switch from the SCP, an entry in the cache is creat- 
ed to store the dialed number and the corresponding LRN. 

Step 3 - The call is routed to the recipient switch following 
step 111 in Fig. 3. 

The typical size of a cache is smaller than the total ported 
numbers accessed through the switch. At step 2 of the above 
procedure, if the cache is full when the switch tries to add a 
new entry, a policy is required to determine which entry in the 
cache is replaced. Several replacement policies have been 
described, and simulation experiments were conducted to 
evaluate the performance of these policies in [21]. In this arti- 
cle we consider the least recently used (LRU) policy. The LRU 
policy uses the recent past as an approximation of the near 
future, and replaces the cache entry which has not been used 
for the longest period of time. The LRU policy associates with 
each cache entry the time of its last use. When a cache entry 
must be replaced, LRU chooses the entry which has not been 
used for the longest period of time. 

The cache approach is evaluated based on the cache hit 
probability ph. The higher the probability ph, the better the 
performance of the cache scheme. A performance model [21] 
is proposed to  evaluate the cache scheme based on the LRU 
policy. Consider the ported numbers that will be accessed by 
the originating switch for call delivery. Without loss of gener- 
ality, assume that the ported numbers are classified into two 
categories: class 1 (frequently accessed ported numbers) and 
class 2 (infrequently accessed ported numbers). Note that this 
assumption can easily be relaxed to accommodate more class- 
es of ported numbers. The net call arrivals (from all lines con- 
nected to the switch) to a ported number of class 1 (class 2) 
form a Poisson process with rate hl (h2). Let N I  and N2 be the 
numbers of classes 1 and 2 ported numbers, respectively. Let 
M < N I  + N2 be the size of the cache. The percentage S of 
saved LNP database queries in the LRU cache approach is 

Based on Eq. 1, Fig. 6 plots the percentage S of saved LNP 
database queries as a function of hl, h2, N1,h5, and M .  The fig- 
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ure shows that S increases linearly with M ,  indicating that the 
database method benefits from the cache approach. Besides 
this intuitive result, the figure provides quantitative informa- 
tion. For example, if the cache size is 20 percent of the number 
of the frequently accessed ported numbers, 10-20 percent of 
the LNP database queries are saved. As the cache size increas- 
es, the benefit of the cache becomcs very significant. 

Figure 6 indicates that S increases as hl/hz (the ratio of the 
access frequency of class numbcrs to the access frequency of 
class 2 numbers) increases. However, this phenomenon 
becomes insignificant when hl/h2 > 100. Thus, if the hl/hz 
ratio is small, a large cache is required to efficiently support 
number portability. On the other hand, if the hl/hz ratio is 
sufficiently large, the ratio is not a major factor in determin- 
ing the size of the cache. 

Conclusions 
This article describes the number portability issues and shows 
how AIN can be utilized to  implement long-term number 
portability. Since AIN offers flexibility and speed, number 
portability can be conveniently built under the AIN platform. 
However, AIN may rapidly increase network complexity, partic- 
ularly when service providers or third parties start provisioning 
number portability services. It is difficult for carriers to plan 
their network management in advance. One solution typically 
followed by network managers is to overestimate the need for 
trunks and signaling capabilities. They plan for something in 
excess and then hope it covers the variability. Another solution 
is the cache approach described in this article, which reduces 
network ovcrhead by eliminating expensive AIN queries for 
call routing of frequcntly accessed ported numbers. 

Many implementation issucs for number portability are still 
open ,  and a lot of work is ongoing. For example, LNP 
database synchronization in a distributed environment may 
represent a challenge between administrations and jurisdiction 
regions. It is important to maintain data in synchronization 
and to identify costs incurred with the affected components. 
Furthermore, a standard signaling protocol [18] among the 
databases and switches must be developed. Another important 
issue concerns the impact of LNP on billing. Discussions of 
these issues can be found in [22, 231. 

Finally, to implement number portability, regulators should 
maintain close involvement to encourage consensus through- 
out the process. Regulators must be firm and clear about the 
commercial terms for number portability. As atated in the 
Ovum report [24], "Without a clear legal requirement, num- 
ber portability will have a stormy passage through the com- 
mercial negotiation." 

References 
[ 1 ] TELEFOCUS, "Industry Wrestles with Number Portability," Telephony, vol. 

228, no. 10, Mar. 6 1995. 
[2] V. J. Toth, "Preparing for a New Universe of Toll-Free Numbers," Bus. Com- 

mun. Rev., vol. 25, no. 21, Nov. 1995, pp. 22-24. 
131 INPW, "Generic Switching and Signaling Requirements for Number Portabili- 

ty," Issue 1.05, tech. rep., Illinois Number Portability Workshop, 1997. 
141 NANP Administrator, "North American Numbering Plan Administrator's Pro- 

posal on the Future of Numbering in World Zone I , "  tech. rep. It-92/01- 
01 3, 1992. 

[5] CCl l l  Rec., E. 164 "Numbering Plan for the ISDN Era," 1991. 
(61 FCC, "Telephone Number Portability," Docket no. 95-1 16, RM 8535, 1996. 
[7] Y.3. tin, "Signaling System Number 7," /€€E Potentials, Aug./Sept. 1996, 

[E] ANSI, "American National Standard for Telecommunications - Signaling 
System Number 7: Integrated Services Digital Network (ISDN) User Part," 
issue 2, rev. 2, tech. rep. ANSI T1.113, 1992. 

[9] ANSI, "American National Sandard for Telecommunications - Signaling 
System Number 7: Message Transfer Part (MTP)," issue 2, rev. 2, tech. rep. 
ANSI 11.1 11, 1992. 

[ 101 ANSI, "American National Standard for Telecommunications - Signaling 
System Number 7: Signaling Connection Control Part (SCCP)," issue 2, rev. 
2, tech. rep. ANSI T1.l 12, 1992. 

[l 1 I ANSI, "Americon National Standard for Telecommunications - Signaling 
System Number 7: Transaction Capabilities Application Part (TCAP)," issue 
2, rev. 2, tech. rep. ANSI T1.114, 1992. 

[ i 21 A. R. Modarressi and R. A. Skoog, "Signaling system no. 7: A tutorial," 
/€€E Commun. Mag., July 1990. 

[ 131 Bellcore, "Advanced intelligent network 0.2 switching systems generic 
requirement," tech. rep. GR-I 298-CORE, 1995. 

[ I  41 A. S. Tonenbaum, Operating Systems: Design and Implementation, Prentice 
Hall, 1987. 

pp. 5-8. 

51 INPW, "Generic Operator Services Switching Requirements far Number 
Portabiliv," issue 1.1, tech. rep., Illinois Number Portability Wksp., 1996. 

6) H. R. Knox, Ed., "North American Numbering Council, Architecture & 
Administrative Plan for Local Number Portability," tech. rep., issue 1, rev. 3, 
North American Numbering Council, 1997. 

(171 V. Vittore, "Illinois Ski  s Tests, Picks Long Term Plan for Number Portabili- 
tv." American's Networc Oct. 15. 1995. DO. 31-34. 

I . , I  

[ 18l'F. Oneglia (contact person), "Editor's Propasol for the Recommendation 

[ 191 M.  Muench, (contact person), "Capability Set 2 -Portable Number Call 
Q.NP," tech. rep. TD 35, rev. 3, ITU-T, 1998. 

Control for Service Provider Portabili ," tech. rep. TD 39r2, ITU-T, 1998. 
1201 D. Sharp, "lhe Sewice Node - A P a i  to INS," Tekommun., 1996, pp. 50-52. 
[21] Y.3. tin, "A Cache Approoch for Su porting Life-Time Universal Personal 

Telecommunication Number," ACM-BaLer Wireless Nekorks, vol. 2, 1 996, 
pp. 15560.  

[22] FCC, "Code of Federal Regulations 47: Telecommunication," tech. rep. pts. 
40-69, 1997. 

[23] NERA, "Feasibility Study and Cost Benefit Analysis of Number Portability 
for Mobile Services in  Hong Kong," tech. rep., OFTA, 1998; contact 
smkwonQoho.gov.hk. 

[24] J. Horrocks and D. Rogerson, Implementing Number Portability, Ovum, Ltd., 
I 998. 

Biographies 
YI-BING LIN [SM '961 (liny@csie.nctu.edu.tw) received his B.S.E.E. degree From 
National Cheng Kung University in 1983, and his Ph.D. degree in computer sci- 
ence from the University of Washin ton in 1990. From 1990 to 1995 he was 
with the Applied Research Area at Bjlcore, Morristown, New Jersey. In 1995 he 
was appointed professor in the Department of Computer Science and Information 
Engineering (CSIE), National Chiao Tung University (NCTU). In 1996 he was 
appointed deputy director of the Microelectronics and Information Systems 
Research Center, NCTU. Since 1997 he has been chair of CSIE, NCTU. His cur- 
rent research interests include design and analysis of personal communications 
services network, mobile computing, distributed simulation, and performance 
modeling. He is  an associate editor of /E€€ Network and S/MULAT/ON maga- 
zine, an area editor of ACM Mobile Com uting and Communication Review, a 
columnist for ACM Simulation Digest, a n f a  member of the editorial boards of 
the International Journal of Communications Systems, ACM/Baltzer Wireless 
Networks, and Computer Simulation Modeling and Analysis, and an editor of 
the Journal of Information Science and Engineering. 

HERMAN CHUNG-HWA RAO i s  a principal member of technical staff at AT&T Lab- 
oratories-Reseorch. His research interests are in the areas of the Internet, dis- 
tributed file systems, distributed systems, mobile computing, operatin 
computer networks, and software tools. In particular, he has been i n v o ~ e s d Y s ~ ~ ~ ~  
design and implementation of on Internet file system, middleware for Web 
clients, and GRADIENT (Global Research and Development Environment). He 
received his Ph.D. and M.S. in computer science from the University of Arizona 
and his B.S. in mechanical engineering from National Taiwan University. 

IEEE Nctwork January/Fchi-u;iry IO00 62 


