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[Document title] SPECIFICATION 

[Title of the Invention] TELEPHONE NUMBER INVESTIGATION 

DEVICE, TELEPHONE NUMBER INVESTIGATION METHOD, TELEPHONE 

NUMBER INVESTIGATION PROGRAM, AND TELEPHONE NUMBER 

INVESTIGATION INFORMATION PROVISION SYSTEM 5 

 

[Technical Field] 

[0001] 

 The present invention relates to a device, method,  

program, and information provision system for telep hone 10 

number research. 

[Background Art] 

[0002] 

 Telephone number research devices are known and 

disclosed in, for example, Patent Documents 1, 2 an d 3 filed 15 

by the applicant and already published. Such a tele phone 

number research device is capable of conducting res earch on 

the usage status of telephone numbers across the co untry. 

[0003] 

 According to the technologies described in the pat ent 20 

documents, the telephone number research device, a caller, 

is first connected to a public switched telephone n etwork 

(PSTN), a mobile communication network, or an Inter net 

protocol (IP) telephone network. The telephone numb er 

research device then requests for access to subscri ber data 25 

using the user network interface (UNI) protocol of an 

integrated service digital network (ISDN) or the li ke, 

thereby researching the usage status of a telephone  number 

as to whether the telephone number is “valid”, “inv alid”, 

“changed”, and the like. 30 

[0004] 

 Meanwhile, the migration from PSTN to next-generat ion 

network (NGN) is being planned worldwide, and it is  expected 

that the digital communication mode provided by the  ISDN 

service will be discontinued in the future. Because  of this, 35 

there is a need for a telephone number research too l having 
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session initiation protocol (SIP) based connectivit y to the 

NGN network, instead of ISDN UNI connectivity, to e nsure a 

smooth transition to the new system platform. 

[0005] 

 In recent years, landline telephones have been 5 

gradually replaced by IP phones, which leads to a d emand for 

the realization of an IP telephone number research device 

that can accurately determine the usage status of t elephone 

numbers. 

 The basic mechanism of IP telephony is greatly 10 

different from traditional landline telephone techn ology. 

Therefore, as described in, for example, Patent Doc ument 4, 

a known telephone number research device verifies t he 

validity of an IP phone number by sending an INVITE  request 

with an incorrect description to the IP telephony n etwork 15 

(SIP server). 

[0006] 

 However, through evaluation tests using the techno logy 

described in Patent Document 4, the applicant found  that it 

still failed to establish research that was able to  20 

accurately determine the usage status of IP phone n umbers. 

Specifically, in Patent Document 4, the subjects of  the 

research are IP phones that are assigned an 11-digi t 

telephone number starting with 050; the research do es not 

cover IP phones that are assigned the same type of telephone 25 

number (0AB-J number) as conventional subscriber te lephones 

such as fiber optic phones. Accordingly, in the cou rse of 

researching the usage status of telephone numbers o f IP 

phones assigned a 0AB-J number, the validity cannot  be 

verified due to network rejection or the like. 30 

[0007] 

 To cope with this, the applicant has established a  

technology in which a caller terminal (telephone nu mber 

research device) transmits a specific SIP message t hat causes 

call rejection on IP phones via a UNI connection to  the IP 35 

telephony network to determine the usage status of telephone 
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numbers in the IP telephony network without using a  signal 

that rings an incoming call. This technology was pa tented as 

“telephone number research device, telephone number  research 

method, telephone number research program, and a re cording 

medium” on March 31, 2017 (JP Patent No. 6114901). According 5 

to the technology disclosed in the patent, a smooth  

transition to the new system platform can be achiev ed with 

a telephone number research tool having SIP based 

connectivity to the NGN network. 

 According to this technology, the telephone number  10 

research covers not only IP phones that are assigne d an 11-

digit telephone number starting with 050 but also t hose 

assigned a 0AB-J number, such as fiber optic phones , 

similarly to conventional subscriber telephones. Th us, the 

research can accurately determine whether telephone  numbers 15 

are each valid or invalid regardless of the types o f IP 

phones. 

[Prior Art Document] 

[Patent Document] 

[0008] 20 

 Patent Document 1: Japanese Unexamined Patent 

Publication No. 2009-055512 

 Patent Document 2: Japanese Unexamined Patent 

Publication No. 2011-135121 

 Patent Document 3: Japanese Unexamined Patent 25 

Publication No. 2014-033474 

 Patent Document 4: Japanese Unexamined Patent 

Publication No. 2012-015605 

[Summary of the Invention] 

[Problems to be Solved by the Invention] 30 

[0009] 

 With the migration from PSTN to NGN, the signaling  

protocol for the interconnection interface between carriers 

will also migrate from a common or standard signali ng 

protocol known as signaling system No. 7 (SS7) to a  session 35 

initiation protocol (SIP). As a result, a specific SIP 
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message from a caller terminal (telephone number re search 

device) will reach the IP multimedia subsystem (IMS ) network, 

NGN network, and IP telephony or Voice over Interne t Protocol 

(VoIP) network. 

[0010] 5 

 IMS is a standard for realizing multimedia service s 

where services that have been provided through fixe d networks, 

mobile communications, and the like are IP based an d 

integrated. Mobile communication systems and NGNs a re the 

systems that are built according to the standard. 10 

[0011] 

 For this reason, there is a need for a SIP-based 

telephone number research tool that can establish a  UNI 

connection to the NGN network to determine the usag e status 

of telephone numbers in the IMS and IP telephony (V oIP) 15 

networks without a signal that rings an incoming ca ll, using 

an IMS interconnection interface or the like for 

interconnection between carriers, to achieve a smoo th 

transition to the new system platform. 

[0012] 20 

 The present invention has been made to solve the a bove 

problems. It is therefore an object of the present invention 

to provide a device, method, program, and informati on 

provision system for telephone number research to d etermine 

the usage status of telephone numbers in IMS and IP  telephony 25 

(VoIP) networks using an IMS interconnection interf ace or 

the like for interconnection between carriers, enab ling a 

smooth transition to the new system platform. 

 In particular, an object of the present invention is 

to provide a device, method, program, and informati on 30 

provision system for telephone number research capa ble of 

determining the usage status of telephone numbers r egardless 

of the type of the destination network. 

[Means for Solving the Problems] 

[0013] 35 

 To achieve the object mentioned above, exemplary 
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aspects of the present invention may be summarized as 

follows: 

 (1) According to one aspect of the present inventi on, 

a telephone number research device, which is config ured to 

be connected via an NGN network to a telephone conn ected to 5 

at least a destination network that is an IMS netwo rk or a 

VoIP network, comprises: a message exchange control ler 

configured to add a first SDP parameter to an INVIT E request 

for the telephone to be researched, send the INVITE  request 

to the destination network selected by the NGN netw ork, and 10 

receive a first response message from the destinati on 

network; and a telephone number research determinat ion unit 

configured to determine the usage status of the tel ephone 

number of the telephone based on the first response  message. 

The first SDP parameter includes at least an IPv6 n etwork 15 

protocol. An SBC has a function to convert the IPv6  network 

protocol to an IPv4 network protocol suitable for t he 

destination network when the first SDP parameter is  sent 

from the NGN network to the destination network. Th e message 

exchange controller is further configured to: deter mine that 20 

the destination network is the VoIP network when th e first 

response message is “200 OK” or the first SDP param eter has 

been converted, and determine that the destination network 

is the IMS network when the first SDP parameter has  not been 

converted and the first response message includes a  first 25 

error code. 

[0014] 

 (2) When the first response message is “200 OK” or  the 

first SDP parameter has been converted, the message  exchange 

controller adds a second SDP parameter to an INVITE  request 30 

for the telephone to be researched upon sending the  INVITE 

request from next time. 

[0015] 

 (3) The first SDP parameter is a parameter that 

conforms to the IMS network. The second SDP paramet er is a 35 

parameter that conforms to the VoIP network. 
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[0016] 

 (4) The first SDP parameter is a parameter that ca uses 

call rejection on the telephone connected to the IM S network. 

The first SDP parameter includes a description of a t least 

one of network protocol, media type, transport prot ocol, and 5 

codec, or a combination thereof. 

[0017] 

 (5) The first SDP parameter includes a description  of 

all media types: audio, video, and application. 

[0018] 10 

 (6) The second SDP parameter is a parameter that c auses 

call rejection on the telephone connected to the Vo IP network. 

The second SDP parameter includes a description of network 

protocol, media type, transport protocol, and codec , and the 

transport protocol, the codec, or a combination the reof is 15 

used to cause the call rejection since the network protocol 

(IPv4) and the media type (audio) are fixed. 

[0019] 

 (7) The SBC has a function to convert the IPv6 net work 

protocol to the IPv4 network protocol suitable for the 20 

destination network when the first SDP parameter is  sent 

from the NGN to the destination network. The messag e exchange 

controller is further configured to: determine that  the 

destination network is the VoIP network when the fi rst 

response message is “200 OK” or the first SDP param eter has 25 

been converted, and determine that the destination network 

is the IMS network when the first SDP parameter has  not been 

converted and the first response message includes t he first 

error code. 

[0020] 30 

 (8) The telephone number research determination un it 

is further configured to: determine that the teleph one number 

of the telephone is present when the first response  message 

includes the first error code, and determine that t he 

telephone number of the telephone is missing when t he first 35 

response message includes a second error code or a third 
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error code. 

[0021] 

 (9) The telephone number research determination un it 

is further configured to: determine that the teleph one number 

of the telephone is present when receiving a second  response 5 

message that includes the first error code from the  

destination network in response to the second SDP p arameter, 

and determine that the telephone number of the tele phone is 

missing when the second response message includes a  third 

error code. 10 

[0022] 

 (10) A system comprises the aforementioned telepho ne 

number research device and a user terminal. The tel ephone 

number research device further comprises a network interface 

unit that, in response to a request for telephone n umber 15 

research information as to the telephone from the u ser 

terminal, sends information on the usage status of the 

telephone number of the telephone determined by the  telephone 

number research determination unit via an IP networ k to the 

user terminal that has requested the telephone numb er 20 

research information. 

[0023] 

 (11) A telephone number research method, which is used 

for researching the usage status of the telephone n umber of 

a telephone to be researched with a telephone numbe r research 25 

device configured to be connected via an NGN networ k to the 

telephone connected to at least a destination netwo rk that 

is an IMS network or a VoIP network, comprises: add ing a 

first SDP parameter to an INVITE request for the te lephone 

to be researched; sending the INVITE request to the  30 

destination network selected by the NGN network; re ceiving 

a response message that contains the first SDP para meter 

from the destination network; and determining the u sage 

status of the telephone number of the telephone bas ed on the 

response message. The first SDP parameter includes at least 35 

an IPv6 network protocol. An SBC has a function to convert 
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the IPv6 network protocol to an IPv4 network protoc ol 

suitable for the destination network when the first  SDP 

parameter is sent from the NGN network to the desti nation 

network. The method further comprises: determining that the 

destination network is the VoIP network when the re sponse 5 

message is “200 OK” or the first SDP parameter has been 

converted, and determining that the destination net work is 

the IMS network when the first SDP parameter of the  response 

message has not been converted and the response mes sage 

includes a first error code. 10 

[0024] 

 (12) A program, which is executed on a telephone n umber 

research device configured to be connected via an N GN network 

to a telephone connected to at least a destination network 

that is an IMS network or a VoIP network, causes th e 15 

telephone number research device to perform at leas t the 

following: add a first SDP parameter to an INVITE r equest 

for the telephone to be researched, wherein the fir st SDP 

parameter includes at least an IPv6 network protoco l; send 

the INVITE request to the destination network selec ted by 20 

the NGN network; receive a response message that co ntains 

the first SDP parameter from the destination networ k; 

determine the usage status of the telephone number of the 

telephone based on the response message, determine that the 

destination network is the VoIP network when the re sponse 25 

message is “200 OK” or the first SDP parameter has been 

converted, and determine that the destination netwo rk is the 

IMS network when the first SDP parameter of the res ponse 

message has not been converted and the response mes sage 

includes a first error code. 30 

[Effects of the Invention] 

[0025] 

 According to one aspect of the present invention, it 

is possible to provide a device, method, program, a nd 

information provision system for telephone number r esearch 35 

to determine the usage status of telephone numbers in IMS 
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and IP telephony networks using an IMS interconnect ion 

interface or the like for interconnection between c arriers, 

enabling a smooth transition to the new system plat form. In 

particular, it is possible to provide a device, met hod, 

program, and information provision system for telep hone 5 

number research capable of determining the usage st atus of 

telephone numbers regardless of the type of the des tination 

network. 

[Brief Description of the Drawings] 

[0026] 10 

[FIG. 1] FIG. 1 is a diagram illustrating the netwo rk 

connection of a telephone number research device ac cording 

to an embodiment of the present invention. 

[FIG. 2] FIG. 2 is a sequence diagram for the opera tion of 

a telephone number research device according to an embodiment 15 

of the present invention, illustrating an example w here a 

first SDP parameter is sent to a receiver-side VoIP  network. 

[FIG. 3] FIG. 3 is a sequence diagram for the opera tion of 

a telephone number research device according to an embodiment 

of the present invention, illustrating an example w here a 20 

first SDP parameter is sent to a receiver-side IMS network. 

[FIG. 4] FIG. 4 is a sequence diagram for the opera tion of 

a telephone number research device according to an embodiment 

of the present invention, illustrating an example w here a 

second SDP parameter is sent to a receiver-side VoI P network. 25 

[FIG. 5] FIG. 5 is a block diagram illustrating the  

configuration of a telephone number research device  

according to an embodiment of the present invention . 

[FIG. 6] FIG. 6 is a flowchart illustrating a proce dure for 

establishing a communication session based on an SD P 30 

description in a telephone number research device a ccording 

to an embodiment of the present invention. 

[FIG. 7] FIG. 7 is a flowchart illustrating an algo rithm for 

determining the usage status of a telephone number in a 

telephone number research device according to an em bodiment 35 

of the present invention. 
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[FIG. 8] FIG. 8 is a diagram illustrating an exampl e of the 

data structure of a recording medium. 

[FIG. 9] FIG. 9 is a flowchart illustrating a proce dure for 

determining a destination network in a telephone nu mber 

research device according to an embodiment of the p resent 5 

invention. 

[FIG. 10] FIG. 10 is a diagram illustrating the con figuration 

of a telephone number research information provisio n system 

according to an embodiment of the present invention . 

[Modes for Carrying Out the Invention] 10 

[0027] 

 In the following, modes (hereinafter, “embodiments ”) 

for carrying out the present invention will be desc ribed in 

detail with reference to the accompanying drawings.  Note 

that like parts are designated by like reference nu merals or 15 

characters throughout the description of the embodi ments. 

[0028] 

(Configuration of Embodiment) 

 FIG. 1 is a diagram illustrating the network conne ction 

of a telephone number research device 10 according to an 20 

embodiment. As illustrated in FIG. 1, the telephone  number 

research device 10 of this embodiment is connected to a 

plurality of telephone terminals to be researched ( IMS 

terminals 50a, 50b and an IP telephone terminal 60) , which 

are connected to an IMS network 30 or a VoIP (IP te lephony) 25 

network 40, via an NGN network 20. 

[0029] 

 The IMS network 30 is built for each of a mobile 

network operator/mobile communication carrier (carr ier A) 

and an NGN carrier (carrier B). The IMS terminals 5 0a and 30 

50b are connected to their respective networks (con tract 

carriers) via SIP servers 30a and 30b managed and o perated 

by the carriers. The IP telephone terminal 60 is co nnected 

to the IP telephony network 40 via a SIP server 30c  of a 

VoIP carrier (carrier C). 35 

[0030] 
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 In the configuration of FIG. 1, when the telephone  

number research device 10, a caller, dials the tele phone 

number of a receiver telephone terminal, routing is  performed 

in the following order: a SIP server 20a in the NGN  network 

20, a caller-side session border controller (SBC) 2 1, a 5 

receiver-side SBC 31, 41, the SIP server 30a, 30b, 30c, and 

the IMS terminal 50a, 50b or the IP telephone termi nal 60 as 

the receiver. At this time, a UNI connection is est ablished 

between the telephone number research device 10 and  the NGN 

network 20. In addition, an IMS interconnection bet ween 10 

carriers is secured between the NGN network 20 and the IMS 

network 30 via the caller-side SBC 21 and the recei ver-side 

SBC 31, and an interconnection is secured between t he NGN 

network 20 and the VoIP network 40 via the caller-s ide SBC 

21 and the receiver-side SBC 41. With this, a speci fic SIP 15 

message (described later) transmitted from the tele phone 

number research device 10 reaches the IMS network 3 0. 

[0031] 

 Note that although FIG. 1 illustrates three networ ks: 

IMS network, NGN network, and VoIP network as recei ver-side 20 

networks, the IMS network to which the IMS terminal  50a is 

connected and the NGN network to which the IMS term inal 50b 

is connected are identified by the same reference n umeral 

“30” as they have the same architecture. The common  interface 

for interconnection between IMS carriers via an IP to IP 25 

connection is specified in the international standa rd (TS 

29.165). 

[0032] 

 According to the SIP protocol, negotiation is 

necessary between terminals as to a method of encod ing 30 

packets that contain media information, the destina tion 

address of the packets, and the like for real-time 

communication. This negotiation requires a descript ion 

format called session description protocol (SDP) de fined in 

RFC 4566. 35 

[0033] 
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 In order to establish a session using SIP, a calle r 

sends a SIP message that contains a description of media 

information as a request to a receiver, and the rec eiver 

replies with a response selecting available media f rom the 

media information, thus sharing the media informati on used 5 

for communication. In this manner, sending a SIP me ssage 

that carries media information to initiate a sessio n is 

called an offer, and returning information on avail able media 

in response is called an answer. This offer/answer model is 

defined in RFC 3264. 10 

[0034] 

 As illustrated in FIG. 1, the telephone number res earch 

device 10 of this embodiment sends an SDP offer of the INVITE 

method (hereinafter, “INVITE request”) to the IMS t erminal 

50a, 50b or the IP telephone terminal 60 to be rese arched 15 

via the NGN network 20 (the SIP server 20a), the IM S network 

30 (the SIP server 30a), the NGN network 30 (the SI P server 

30b), or the VoIP network 40 (the SIP server 30c). At this 

time, the INVITE request contains an SDP parameter that 

causes call rejection on the receiver, i.e., the IM S terminal 20 

50a, 50b or the IP telephone terminal 60 (INVITE (S DP 

mismatch)). 

[0035] 

 When the INVITE request arrives, the receiver: the  IMS 

terminal 50a, 50b or the IP telephone terminal 60 r ejects 25 

the INVITE request since its SDP parameter is diffe rent from 

a usable one and sends back a 488 error response (“ Not 

Acceptable Here”) as a response message. Through th e receipt 

of the 488 error response, the telephone number res earch 

device 10 can accurately determine whether the IMS terminal 30 

50a, 50b or the IP telephone terminal 60 is present  by the 

mechanism described below. 

[0036] 

 Incidentally, there are four cases of SDP mismatch  in 

the SDP negotiation procedure of the INVITE method:  network 35 

protocol mismatch, media type mismatch, transport p rotocol 
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mismatch, and codec mismatch. The telephone number research 

device 10 of this embodiment can accurately determi ne the 

usage status or validity of a telephone number by c ombining 

these cases. 

[0037] 5 

 According to RFC 5853 considered as the SBC standa rd, 

when a call is sent from an NGN network (IPv6) to a  VoIP 

network that does not support IPv6, the network pro tocol is 

converted to the IPv4 network protocol suitable for  the 

destination network. Specifically, the SBC 21 in th e NGN 10 

network 20 has a function to convert the network pr otocol to 

the IPv4 network protocol when sending an SDP param eter 

(first SDP parameter) to the VoIP network 40. The t elephone 

number research device 10 determines if the network  protocol 

of an SDP parameter has been converted to determine  whether 15 

the destination network is the IMS network 30 or th e VoIP 

network 40. 

[0038] 

 FIG. 2 is a sequence diagram for the operation of the 

telephone number research device of this embodiment , 20 

illustrating an example where a first SDP parameter  is sent 

to a receiver-side VoIP network. FIG. 2 illustrates  an SDP 

negotiation procedure among the telephone number re search 

device 10, the caller-side NGN network 20, the call er-side 

SBC 21, the receiver-side SBC 41, the receiver-side  VoIP 25 

network 40, and the IP telephone terminal 60. 

[0039] 

 As illustrated in FIG. 2(a), through the receiver- side 

IP telephony network 40 managed by the VoIP carrier  that is 

the contract carrier of the IP telephone terminal 6 0 to be 30 

researched, the telephone number research device 10  sends an 

INVITE request to the IP telephone terminal 60 via the NGN 

network 20. At this time, the INVITE request contai ns an SDP 

parameter (first SDP parameter) including informati on that 

causes call rejection on the receiver IP telephone terminal 35 

60 (steps S11 to S12: INVITE + first SDP: IPv6). In  this 
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example, the NGN network 20 supports IPv6, and the SDP 

parameter includes the IPv6 network protocol. 

[0040] 

 The SBC 21 on the NGN network 20 side performs a 

mismatch correction function to match the SDP param eter of 5 

the INVITE request with the function of the VoIP ne twork 40 

and rewrites (SDP-converts) the SDP parameter to co nform to 

IPv4. The SBC 21 sends the converted INVITE request  (INVITE 

+ mod. SDP: IPv4) forward to the VoIP (IPv4) networ k 40 (step 

S13). The SBC 41 in the VoIP network 40 sends the c onverted 10 

INVITE request (INVITE + mod. SDP: IPv4) to the rec eiver 

terminal 60 (steps S14 to S15). 

[0041] 

 In response, the receiver IP telephone terminal 60  

sends back a response message (200 OK + SDP: IPv4) (steps 15 

S16 to S17). The SBC 41 in the VoIP network 40 conv erts the 

SDP parameter returned from the receiver terminal 6 0 and 

sends the response message (200 OK + mod. SDP) to t he SBC 21 

on the NGN network 20 side (step S18). The SBC 21 o n the NGN 

network 20 side sends the converted response messag e (200 OK 20 

+ mod. SDP) to the telephone number research device  10. 

[0042] 

 Having received the response message “200 OK + mod . 

SDP”, the telephone number research device 10 deter mines 

that the destination network is the VoIP network 40 . 25 

Furthermore, upon receipt of the response message “ 200 OK + 

mod. SDP”, the telephone number research device 10 determines 

that the telephone number of the IP telephone termi nal 60 is 

real and present. When the destination network is t he VoIP 

network 40 as a result of the network determination , the 30 

telephone number research device 10 sends an ACK re quest as 

confirmation from a VoIP SIP transmitter to the rec eiver IP 

telephone terminal 60 (steps S21 to S25). 

[0043] 

 Next, with reference to FIG. 2(b), an example will  be 35 

described in which the destination network is a VoI P network 
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and a telephone number is missing. The telephone nu mber 

research device 10 sends an INVITE request via the NGN 

network 20 to the receiver-side VoIP network 40 man aged by 

the VoIP carrier that is the contract carrier of th e IP 

telephone terminal 60 to be researched. At this tim e, the 5 

INVITE request contains an SDP IPv6 parameter inclu ding 

information that causes call rejection on the recei ver (steps 

S31 to S32: INVITE + first SDP: IPv6). 

[0044] 

 The SBC 21 on the NGN network 20 side performs a 10 

mismatch correction function to match the SDP param eter of 

the INVITE request with the function of the VoIP ne twork 40 

and rewrites the SDP parameter to conform to IPv4. The SBC 

21 sends the converted INVITE request (INVITE + mod . SDP: 

IPv4) forward to the VoIP (IPv4) network 40 (step S 33). The 15 

SBC 41 in the VoIP network 40 sends the converted I NVITE 

request (INVITE + mod. SDP: IPv4) to the destinatio n network, 

i.e., the VoIP network 40 (step S34). 

[0045] 

 In response, the receiver-side VoIP network 40 sen ds 20 

back a response message (error 404/183 + SDP: IPv4)  with the 

SDP parameter and an error code (step S35). The SBC  41 in 

the VoIP network 40 converts the SDP parameter of t he 

response message and sends the response message (er ror 

404/183 + mod. SDP) to the SBC 21 on the NGN networ k 20 side 25 

(step S36). The SBC 21 on the NGN network 20 side s ends the 

converted response message (error 404/183 + mod. SD P) to the 

telephone number research device 10 (steps S37 to S 38). 

[0046] 

 Having received the response message that is an er ror 30 

response including the error code (404/183) (steps S35 to 

S38), the telephone number research device 10 obtai ns the 

usage status (missing) of the telephone number of t he IP 

telephone terminal 60 and determines that the telep hone 

number is missing. When the destination network is the VoIP 35 

network 40 as a result of the network determination , the 
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telephone number research device 10 sends an ACK re quest as 

confirmation from a VoIP SIP transmitter to the rec eiver IP 

telephone terminal 60 (steps S39 to S42). Incidenta lly, the 

error response 404 code indicates that the user is not found, 

and the 183 code indicates a guidance response. 5 

[0047] 

 FIG. 3 is a sequence diagram for the operation of the 

telephone number research device of this embodiment , 

illustrating an example where a first SDP parameter  is sent 

to a receiver-side IMS network. FIG. 3 illustrates an SDP 10 

negotiation procedure among the telephone number re search 

device 10, the caller-side NGN network 20, the call er-side 

SBC 21, the receiver-side SBC 31, the receiver-side  IMS 

network 30, and the IMS terminal 50a (50b). 

[0048] 15 

 As illustrated in FIG. 3(a), through the receiver- side 

IMS network 30 such as a mobile telephone network m anaged by 

the contract carrier of the IMS terminal 50a (50b) to be 

researched, the telephone number research device 10  sends an 

INVITE request to the IMS terminal 50a (50b) via th e NGN 20 

network 20. At this time, the INVITE request contai ns an SDP 

parameter (first SDP parameter) including informati on that 

causes call rejection on the receiver IMS terminal 50a (50b) 

(steps S51 to S55: INVITE + first SDP: IPv6). 

[0049] 25 

 If the destination network is the IMS network 30 t hat 

supports IPv6, the SBC 21 on the NGN network 20 doe s not 

convert the network protocol. When the INVITE reque st arrives, 

the receiver IMS terminal 50a (50b) rejects the INV ITE 

request since its SDP parameter is different from a  usable 30 

one and sends back a 488 error response (steps S56 to S60). 

[0050] 

 Through the receipt of the 488 error response, the  

telephone number research device 10 can accurately obtain 

the usage status (real/present, available) of the t elephone 35 

number of the IMS terminal 50a (50b). 
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[0051] 

 Upon receipt of the 488 error response through the  NGN 

network 20, the telephone number research device 10  sends an 

ACK request as confirmation to the receiver IMS ter minal 50a 

(50b) via the caller-side SBC, the receiver-side SB C of the 5 

contract carrier, and the IMS network 30 (steps S61  to S66). 

As described above, the telephone number research d evice 10 

of this embodiment performs a 3-way handshake: INVI TE 

request/488 error response/ACK request for research ing the 

usage status of a telephone number, thereby improvi ng the 10 

reliability of communication. 

[0052] 

 FIG. 3(b) illustrates a case where the telephone n umber 

of the receiver IMS terminal 50a (50b) is missing. In this 

case, the telephone number research device 10 sends  an INVITE 15 

request to the receiver IMS terminal 50a (50b) via the NGN 

network 20 and the IMS network 30 (steps S71 to S74 ). As a 

result, the telephone number research device 10 rec eives a 

404/183 error response from the receiver-side IMS n etwork 30 

(the SIP server 30a (30b)) (steps S75 to S78), thus  obtaining 20 

the usage status (missing) of the telephone number.  Upon 

receipt of the 404 error response, the telephone nu mber 

research device 10 sends an ACK request as confirma tion to 

the IMS network 30 via the NGN network 20 (steps S8 1 to S84) 

[0053] 25 

 FIG. 4 is a sequence diagram for the operation of the 

telephone number research device of this embodiment , 

illustrating an example where a second SDP paramete r is sent 

to a receiver-side VoIP network. 

[0054] 30 

 As illustrated in FIG. 4(a), through the receiver- side 

IP telephony network 40 managed by the VoIP carrier  that is 

the contract carrier of the IP telephone terminal 6 0 to be 

researched, the telephone number research device 10  sends an 

INVITE request to the IP telephone terminal 60 via the NGN 35 

network 20. At this time, the INVITE request contai ns a 
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second SDP parameter including information that cau ses call 

rejection on the receiver IP telephone terminal 60 (steps 

S211 to S212: INVITE + second SDP: IPv4). Two of th e four 

parameters that can cause an SDP mismatch: network protocol 

(IPv4) and media type (audio) are fixed. Therefore,  the 5 

second SDP parameter includes a description of at l east one 

or a combination of a transport protocol and a code c so that 

it can cause call rejection on the IP telephone. 

[0055] 

 Because of not having to match the second SDP para meter 10 

of the INVITE request with the function of the VoIP  network 

40, the SBC 21 on the NGN network 20 side sends the  INVITE 

request (INVITE + second SDP: IPv4) forward to the VoIP 

(IPv4) network 40 without SDP conversion (step S213 ). The 

SBC 41 in the VoIP network 40 sends the received IN VITE 15 

request (INVITE + second SDP: IPv4) to the receiver  terminal 

60 (steps S214 to S215). 

[0056] 

 When the INVITE request arrives, the receiver IP 

telephone terminal 60 rejects the INVITE request si nce its 20 

SDP parameter is different from a usable one and se nds back 

a 488 error response (steps S216 to S217). The SBC 41 in the 

VoIP network 40 sends the 488 error response from t he 

receiver terminal 60 to the SBC 21 on the NGN netwo rk 20 

side (step S218). The SBC 21 on the NGN network 20 side sends 25 

the 488 error response to the telephone number rese arch 

device 10. 

[0057] 

 Through the receipt of the 488 error response, the  

telephone number research device 10 can accurately obtain 30 

the usage status (real/present, available) of the t elephone 

number of the receiver terminal 60. The telephone n umber 

research device 10 then sends an ACK request as con firmation 

from a VoIP SIP transmitter to the receiver IP tele phone 

terminal 60 (steps S221 to S225). 35 

[0058] 
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 FIG. 4(b) illustrates a case where the destination  

network is a VoIP network and a telephone number is  missing. 

In this case, the telephone number research device 10 sends 

an INVITE request to the receiver IP telephone term inal 60 

via the NGN network 20 and the VoIP network 40 (ste ps S231 5 

to S234). As a result, the telephone number researc h device 

10 receives an error response including an error co de (183) 

as a response message (steps S235 to S238), thus ob taining 

the usage status (missing) of the telephone number of the IP 

telephone terminal 60. With this, the telephone num ber 10 

research device 10 determines that the telephone nu mber is 

missing. The telephone number research device 10 th en sends 

an ACK request as confirmation from a VoIP SIP tran smitter 

to the receiver IP telephone terminal 60 (steps S23 9 to S242). 

Incidentally, the 183 code in the error response in dicates 15 

a guidance response. 

[0059] 

 FIG. 5 is a block diagram illustrating the 

configuration of the telephone number research devi ce 10 

according to the embodiment. As illustrated in FIG.  5, the 20 

telephone number research device 10 of this embodim ent 

includes a network interface unit 11, a message exc hange 

controller 12, a telephone number research determin ation 

unit 13, a telephone number history generator 14, a nd a 

telephone number history database (DB) 15. 25 

[0060] 

 The network interface unit 11 provides a communica tion 

interface that allows the telephone number research  device 

10 to perform communication conforming to the SIP p rotocol. 

The message exchange controller 12 sends an INVITE request 30 

that causes an SDP mismatch to the IMS terminal 50a , 50b or 

the IP telephone terminal 60, and receives a messag e (error 

response) from the SIP server 30a, 30b of the recei ver-side 

IMS network 30 or the SIP server 30c of the VoIP ne twork 40. 

Note that the SDP parameter added to cause an SDP m ismatch 35 

may be any one of “network protocol”, “media type”,  
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“transport protocol”, and “codec”, or a combination  thereof, 

which are not available to the receiver: the IMS te rminal 

50a, 50b or the IP telephone terminal 60. 

[0061] 

 The message exchange controller 12 sends a message  with 5 

an SDP parameter that contains at least one of a ne twork 

protocol, a media type, a transport protocol, and a  codec, 

or a combination thereof, which are not available t o the 

receiver: the IMS terminal 50a, 50b or the IP telep hone 

terminal 60. 10 

[0062] 

 The telephone number research determination unit 1 3 

determines the validity of a telephone number, such  as 

whether the receiver: the IMS terminal 50a, 50b or the IP 

telephone terminal 60 is present or not, based on a n error 15 

response received through the message exchange cont roller 

12. When a response message indicates call rejectio n, the 

telephone number research determination unit 13 det ermines 

that the telephone number of the IMS terminal 50a, 50b or 

the IP telephone terminal 60 is real and present. 20 

 Having received, for example, an error code 488 (f irst 

error code) through the message exchange controller  12, the 

telephone number research determination unit 13 det ermines 

that the telephone number of the receiver researche d: the 

IMS terminal 50a, 50b or the IP telephone terminal 60 is 25 

real and present. Upon receipt of, for example, an error 

code 404 (second error code) or an error code 183 ( third 

error code), the telephone number research determin ation 

unit 13 determines that the telephone number is mis sing. 

[0063] 30 

 When receiving an error code 488 (first error code ) as 

a response message from the IMS network 30 (the SIP  server 

30a, 30b) through the message exchange controller 1 2, the 

telephone number research determination unit 13 may  

determine that the telephone number of the receiver  IMS 35 

terminal 50a, 50b researched is “present in an avai lable 
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state”. On the other hand, when receiving, for exam ple, an 

error code 486 (fourth error code) through the mess age 

exchange controller 12, the telephone number resear ch 

determination unit 13 may determine that the teleph one number 

of the receiver IMS terminal 50a, 50b researched is  “present 5 

in a busy state”. 

[0064] 

 When receiving an error code 404 (second error cod e) 

as a response message from the IMS network 30 (the SIP server 

30a, 30b) through the message exchange controller 1 2, the 10 

telephone number research determination unit 13 may  

determine that the telephone number of the receiver  IMS 

terminal 50a, 50b researched is “missing in a cance lled state 

and no user found”. 

[0065] 15 

 When receiving an error code 488 (first error code ) as 

a response message from the VoIP network 40 (the SI P server 

30c) through the message exchange controller 12, th e 

telephone number research determination unit 13 may  

determine that the telephone number of the receiver  IP 20 

telephone terminal 60 researched is “present in an available 

state”. 

[0066] 

 When receiving an error code 183 (third error code ) as 

a response message from the VoIP network 40 (the SI P server 25 

30c) through the message exchange controller 12, th e 

telephone number research determination unit 13 may  

determine that the telephone number of the receiver  IP 

telephone terminal 60 researched is “missing”. 

[0067] 30 

 The telephone number history generator 14 assigns a 

timestamp indicating the determination date and tim e to each 

of the determination results of the telephone numbe r research 

determination unit 13 and records them in chronolog ical order 

on a recording medium, thereby constructing the tel ephone 35 

number history DB 15. 
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[0068] 

 FIG. 8 illustrates an example of the data structur e of 

the telephone number history DB 15. The telephone n umber 

history DB 15 stores telephone number history infor mation. 

The telephone number history information includes, as 5 

indicated in the telephone number history informati on layout, 

“telephone number” researched, “new subscriber numb er” which 

is a new or contact telephone number found during t he 

research, “error code” returned from the destinatio n network, 

“research date” (timestamp), and “other layer infor mation” 10 

regarding a layer used for response from the destin ation 

network, which are stored and registered for each r esearch. 

[0069] 

 As another way to create telephone number history 

information, for example, when research is conducte d on the 15 

usage status of a telephone number “03-3359-0906”, research 

information is stored in the above layout for each 

determination of the telephone number research dete rmination 

unit 13 and sequentially accumulated as history inf ormation. 

Further to the above data items, the telephone numb er history 20 

DB 15 may also additionally store the name of the c orporation 

or individual that owns the phone number, attribute  

information such as an address, age, and the like, map link 

information, and credit information for evaluating 

creditworthiness. 25 

[0070] 

 Referring back to FIG. 5, the network interface un it 

11, the message exchange controller 12, the telepho ne number 

research determination unit 13, and the telephone n umber 

history generator 14 can be each realized by a micr oprocessor 30 

with a built-in or external memory that stores a pr ogram and 

large scale integration (LSI) circuitry for periphe ral 

control including communication. The microprocessor  

sequentially fetches instructions of the program fr om the 

memory and executes them, thereby implementing the functions 35 

of the telephone number research device 10. 
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[0071] 

 Specifically, the program implements the following  

functions: adding an SDP parameter that causes call  rejection 

on the IMS terminal 50a (50b) to the SDP parameter of an 

INVITE request, sending the INVITE request through the NGN 5 

network 20 to the IMS terminal 50a (50b) via the IM S network 

30, which is the destination network selected by th e NGN 

network 20 for each contract carrier of the IMS ter minal 50a 

(50b); and determining the telephone number usage s tatus of 

the IMS terminal 50a (50b) based on a response mess age from 10 

the IMS network 30 (the IMS terminal 50a (50b)), wh ich is 

the destination network selected by the NGN network  20. 

[0072] 

 The telephone number history DB 15 is stored in a 

large-capacity recording medium including a semicon ductor 15 

memory and an optical memory such as a hard disk or  a digital 

versatile disc (DVD). 

[0073] 

(Operation of Embodiment) 

 In the following, with reference to the flowchart of 20 

FIG. 6 illustrating an SDP negotiation procedure in  the IMS 

network 30, a description will be given of a proced ure for 

establishing a communication session based on an SD P 

description in the telephone number research device  10 of 

the embodiment illustrated in FIG. 5. 25 

[0074] 

 As illustrated in FIG. 6, the telephone number res earch 

device 10 (the message exchange controller 12) nego tiates 

with the IMS terminal 50a, 50b, the subject of tele phone 

number research, to establish a communication sessi on based 30 

on the description of SDP parameters in the followi ng order: 

check the network protocol (step S91), check the me dia type 

(step S93), check the transport protocol of the med ia (step 

S95), and check the codec (step S97). 

[0075] 35 

 This example assumes that in the negotiation proce dure 
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for establishing communication in the NGN network 2 0, an 

offer is made with SDP parameters describing, for e xample, 

network protocol: IPv6,  media type: terminal compa tible 

with all media types (m = audio + m = video + m = a pplication), 

transport protocol: RTP/AVPF, and video codec: H.26 4. 5 

[0076] 

 First, in the check of the network protocol (step S91), 

when the receiver IMS terminal 50a, 50b is implemen ted with 

an IPv4 terminal that does not support IPv6 (step S 91: NO), 

the IPv4 terminal replies to the message exchange c ontroller 10 

12 with an error code 488 (warning code 300/301) in dicating 

a network protocol mismatch (step S92). On the othe r hand, 

when the receiver IMS terminal 50a, 50b is implemen ted with 

an IPv6 terminal (step S91: YES), the process proce eds to 

the check of the media type (step S93). In this ste p, if the 15 

SDP description contains even one media type (m) th at the 

IPv6 terminal does not support (step S93: NO), the receiver 

IMS terminal 50a, 50b replies with an error code 48 8 (warning 

code 304) indicating a media type mismatch (step S9 4). 

[0077] 20 

 Incidentally, examples of the IPv6 terminal 

incompatible with the media include a telephone tha t supports 

only audio (m = audio), a TV phone that does not su pport an 

application (m = application), and an IP-FAX that d oes not 

support video (m = video). 25 

[0078] 

 When the receiver IMS terminal 50a, 50b is impleme nted 

with a terminal compatible with all media types (st ep S93: 

YES), the process then proceeds to the check of the  transport 

protocol (step S95). In this step, even when compat ible with 30 

all media types as per the SDP description, if the receiver 

IMS terminal 50a, 50b or IP telephone terminal 60 i s an AVP 

terminal that does not support the transport protoc ol 

(RTP/AVPF) set forth in the SDP description (step S 95: NO), 

it replies with an error code 488 (warning code 302 ) (step 35 

S96). 
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[0079] 

 On the other hand, when the terminal supports the 

transport protocol set forth in the SDP description  (step 

S95: YES), the process then proceeds to the check o f the 

codec (step S97). In this step, when the terminal d oes not 5 

support the codec set forth in the SDP description (step 

S97: NO), specifically, if the receiver IMS termina l 50a, 

50b is implemented by a terminal that uses a video codec 

with a lower quality and compression ratio than H.2 64 such 

as MPEG-4, the terminal that uses a codec other tha n H.264 10 

sends back an error code 488 (warning code 305) to the 

telephone number research device 10 (the message ex change 

controller 12) (step S98). 

[0080] 

 If all the four SDP parameters are met, communicat ion 15 

is established, and the telephone number research d evice 10 

can accurately determine the validity of the teleph one number 

of the receiver IMS terminal 50a, 50b. If any of th e four 

SDP parameters is not met, the terminal sends an er ror code 

488, and the call is rejected. 20 

 In the NGN network 20, it is possible to set the f our 

parameters that cause call rejection in the above 

communication establishment procedure. With all the  four SDP 

parameters of network protocol, media type, transpo rt 

protocol, and codec, the validity of the telephone number 25 

can be accurately determined without using a signal  that 

rings an incoming call. 

 Differently from the SDP negotiation procedure in an 

IMS network illustrated in FIG. 6, two parameters o f 

transport protocol and codec that cause call reject ion are 30 

used in a VoIP network where the network protocol ( IPv4) and 

media type (audio) are fixed. In this case also, th e validity 

of the telephone number can be accurately determine d without 

using a signal that rings an incoming call. 

[0081] 35 

 Next, a telephone number research method according  to 
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the embodiment will be described with reference to the 

flowchart of FIG. 7 illustrating an algorithm for r esearching 

the usage status of a telephone number. The telepho ne number 

research method can be realized by causing a comput er to 

perform each of the steps described below. 5 

[0082] 

 The message exchange controller 12 sends an INVITE  

request to the IMS terminal 50a, 50b or the IP tele phone 

terminal 60 to be researched via the IMS network 30  or the 

VoIP network 40, which is the destination network s elected 10 

by the NGN network 20 for each contract carrier. At  this 

time, the telephone number research device 10 adds an SDP 

parameter that causes call rejection on the IMS ter minal 50a, 

50b or the IP telephone terminal 60 to the SDP para meter of 

the INVITE request. 15 

[0083] 

 If the contract carrier of the IMS terminal 50a, 5 0b 

or the IP telephone terminal 60 to be researched is  a mobile 

communication carrier A (step S101: carrier A), the  telephone 

number research determination unit 13 receives a re sponse to 20 

the INVITE request that has caused an SDP mismatch from the 

receiver IMS terminal 50a via the IMS network 30 of  the 

contract carrier A and interprets it, thereby deter mining 

whether the telephone number is present or missing (step 

S102). 25 

[0084] 

 The telephone number research determination unit 1 3 

determines that the telephone number is missing (st ep S102: 

missing) upon receipt of an error code 404 from the  receiver-

side IMS network 30 as described with reference to the 30 

sequence diagrams of FIGS. 3(a) and 3(b). In other words, 

the telephone number research determination unit 13  

interprets a response (error code 404 or 183) to th e INVITE 

request received due to an SDP mismatch from the IM S network 

30, which is the destination network selected, to m ake the 35 

determination (steps S103 and S107). 
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[0085] 

 If the IMS terminal 50a researched is present (ste p 

S102: present), the telephone number research deter mination 

unit 13 determines whether the IMS terminal 50a is available 

or busy (step S104). As described with reference to  the 5 

sequence diagrams of FIGS. 2(a) and 2(b), when rece iving, 

for example, an error code 486 as a response to the  INVITE 

request due to an SDP mismatch from the IMS network  30, which 

is the destination network selected, the telephone number 

research determination unit 13 determines that the receiver 10 

IMS terminal 50a is busy (step S104: busy) by inter preting 

the response (steps S105 and S107). On the other ha nd, when 

receiving a response (error code 488) to the INVITE  request 

due to an SDP mismatch, the telephone number resear ch 

determination unit 13 determines that the receiver IMS 15 

terminal 50a is available (step S104: available) by  

interpreting the response (steps S106 and S107). 

[0086] 

 Regarding the usage status of the telephone number  of 

the receiver IMS terminal 50a determined in step S1 07, the 20 

telephone number history generator 14 generates tel ephone 

number history information as in, for example, the telephone 

number history information layout illustrated in FI G. 8 based 

on the determination result of the telephone number  research 

determination unit 13. The telephone number history  25 

information is stored in the telephone number histo ry DB 15 

each time generated. 

 Here, the error code can be used to determine whet her 

the destination network is an IMS or VoIP network a nd the 

usage status of the telephone number. By creating a  database 30 

of information on the network determination, the in formation 

can be used for future telephone number research. T he 

telephone number history information in the telepho ne number 

history DB 15 is edited in an appropriate format wh en 

accumulated for a certain period of time and is dis tributed 35 

for search to those who are interested as a telepho ne number 
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usage status research recording medium. 

[0087] 

 If the contract carrier of the IMS terminal 50a, 5 0b 

or the IP telephone terminal 60 to be researched is  an NGN 

carrier B (step S101: carrier B), the telephone num ber 5 

research determination unit 13 receives a response to the 

INVITE request that has caused an SDP mismatch from  the 

receiver IMS terminal 50b via the NGN network 30 of  the 

contract carrier B and interprets it, thereby deter mining 

whether the telephone number is present or missing (step 10 

S108). 

[0088] 

 The telephone number research determination unit 1 3 

determines that the telephone number is missing (st ep S108: 

missing) by interpreting a response (error code 404  or 183) 15 

to the INVITE request received due to an SDP mismat ch from 

the NGN network 30, which is the destination networ k selected 

(steps S103 and S109). 

[0089] 

 If the IMS terminal 50b researched is present (ste p 20 

S108: present), the telephone number research deter mination 

unit 13 determines whether the IMS terminal 50b is available 

or busy (step S110). When receiving a response (err or code 

486) to the INVITE request due to an SDP mismatch f rom the 

NGN network 30, which is the destination network se lected, 25 

the telephone number research determination unit 13  

determines that the receiver IMS terminal 50b is bu sy (step 

S110: busy) by interpreting the response (steps S11 1 and 

S113). On the other hand, when receiving a response  (error 

code 488) to the INVITE request due to an SDP misma tch, the 30 

telephone number research determination unit 13 det ermines 

that the receiver IMS terminal 50b is available (st ep S110: 

available) by interpreting the response (steps S112  and S113). 

[0090] 

 Regarding the usage status of the telephone number  of 35 

the IMS terminal 50b determined in step S113, the t elephone 
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number history generator 14 generates telephone num ber 

history information as in the telephone number hist ory 

information layout illustrated in FIG. 8 based on t he 

determination result of the telephone number resear ch 

determination unit 13. The telephone number history  5 

information is stored in the telephone number histo ry DB 15 

each time generated. The telephone number history 

information in the telephone number history DB 15 i s edited 

in an appropriate format when accumulated for a cer tain 

period of time and is distributed for search to tho se who 10 

are interested as a telephone number usage status r esearch 

recording medium. 

[0091] 

 If the contract carrier of the IMS terminal 50a, 5 0b 

or the IP telephone terminal 60 to be researched is  a VoIP 15 

carrier C (step S101: carrier C), the telephone num ber 

research determination unit 13 receives a response to the 

INVITE request that has caused an SDP mismatch from  the 

receiver IP telephone terminal 60 via the VoIP netw ork 40 of 

the contract carrier C and interprets it, thereby d etermining 20 

whether the telephone number is present or missing (step 

S114). 

[0092] 

 The telephone number research determination unit 1 3 

determines that the telephone number is missing (st ep S114: 25 

missing) by interpreting a response (error code 183 ) to the 

INVITE request received due to an SDP mismatch from  the VoIP 

network 40, which is the destination network select ed (steps 

S117 and S121). 

[0093] 30 

 If the IP telephone terminal 60 is present (step S 114: 

present), the telephone number research determinati on unit 

13 determines whether the terminal 60 is available or busy 

(step S118). When receiving a response (error code 486) to 

the INVITE request due to an SDP mismatch from the VoIP 35 

network 40, which is the destination network select ed, the 
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telephone number research determination unit 13 det ermines 

that the receiver IP telephone terminal 60 is busy (step 

S118: busy) by interpreting the response (steps S11 9 and 

S121). On the other hand, when receiving a response  (error 

code 488) to the INVITE request due to an SDP misma tch, the 5 

telephone number research determination unit 13 det ermines 

that the receiver IP telephone terminal 60 is avail able (step 

S118: available) by interpreting the response (step s S120 

and S121). 

[0094] 10 

 Regarding the usage status of the IP telephone num ber 

determined in step S121, the telephone number histo ry 

generator 14 generates telephone number history inf ormation 

as in the telephone number history information layo ut 

illustrated in FIG. 8 based on the determination re sult of 15 

the telephone number research determination unit 13 . The 

telephone number history information is stored in t he 

telephone number history DB 15 each time generated.  The 

telephone number history information in the telepho ne number 

history DB 15 is edited in an appropriate format wh en 20 

accumulated for a certain period of time and is dis tributed 

for search to those who are interested as a telepho ne number 

usage status research recording medium. 

[0095] 

 Incidentally, in the case of a telephone that is 25 

assigned a telephone number in the same format as t he 

conventional subscriber number such as a fiber-opti c IP phone, 

it is not possible to distinguish whether the desti nation 

network is an IMS (NGN) network or a VoIP network d ue to 

local number portability (LNP). Also, parameters fo r SDP 30 

mismatch are different between the IMS (NGN) networ k and the 

VoIP network. 

[0096] 

 Specifically, while the IMS (NGN) network 30 suppo rts 

both IPv4 and IPv6 network protocols, the VoIP netw ork 40 35 

supports only IPv4 and does not support IPv6. In ad dition, 
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although the IMS (NGN) network 30 supports both aud io and 

video media types, the VoIP network 40 supports onl y audio. 

Therefore, after determining the destination networ k to 

which an IP phone is connected, the telephone numbe r research 

device 10 needs to set SDP parameters corresponding  to each 5 

network. 

[0097] 

 In the following, a procedure for determining the 

destination network of a call to an IP phone assign ed a 0AB-

J number will be described in detail with reference  to the 10 

flowchart of FIG. 9 illustrating a destination netw ork 

determination procedure, assuming that the IP phone  is the 

IMS terminal 50b connected to the IMS (NGN) network  30 or 

the IP telephone terminal 60 connected to the VoIP network 

40. 15 

[0098] 

 In FIG. 9, in the telephone number research device  10, 

first, the message exchange controller 12 makes an offer or 

sends an INVITE request to an IP phone (the IMS ter minal 50b 

or the IP telephone terminal 60) to be researched w ith a 20 

first SDP parameter that conforms to an IMS (NGN) n etwork in 

which, for example, IPv6 is set as the network prot ocol, or 

audio, video, and application (audio + video + appl ication) 

are set as the media type (step S201). It will be a ssumed in 

this example that IPv6 is set as the network protoc ol. 25 

[0099] 

 Next, when receiving a response message (200 OK + mod. 

SDP) as an answer to the INVITE request that contai ns the 

first SDP parameter from the destination network (s tep S202: 

YES), the message exchange controller 12 determines  that the 30 

IP telephone terminal 60 is the IP phone to be rese arched. 

The message exchange controller 12 then transmits a n INVITE 

request from a VoIP SIP transmitter with a second S DP 

parameter that conforms to a VoIP network, in which  IPv4 is 

set as the network protocol (the media type is audi o only) 35 

(step S204). 
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[0100] 

 As an answer to the INVITE request sent as an offe r in 

step S204, the telephone number research determinat ion unit 

13 acquires a response message through the message exchange 

controller 12. The telephone number research determ ination 5 

unit 13 determines that the telephone number assign ed to the 

IP telephone terminal 60 researched is present if t he 

response message includes an error code 488, and de termines 

that the telephone number is missing if the respons e message 

includes an error code 183 (step S205). 10 

[0101] 

 When receiving a response message that accepts IPv 6, 

in which the network protocol of the SDP parameter has not 

been converted, as an answer from the destination n etwork 

(step S202: NO), the telephone number research dete rmination 15 

unit 13 determines that the IMS terminal 50b is the  IP phone 

to be researched. The telephone number research 

determination unit 13 also determines that the tele phone 

number is present if the response message includes an error 

code 488 or 486, and determines that the telephone number is 20 

missing if the response message includes an error c ode 404 

(step S203). 

[0102] 

(Effect of Embodiment) 

 As described above, according to the embodiment, t he 25 

telephone number research device 10 can research th e usage 

status of a telephone number in the IMS network 30 using an 

IMS interconnection interface or the like for 

interconnection between carriers. Therefore, with a  SIP-

based telephone number research tool having connect ivity to 30 

the NGN network 20, a smooth transition to the new system 

platform can be achieved. 

[0103] 

 Furthermore, according to the embodiment, since th e 

IMS network 30 for each carrier, the destination ne twork, is 35 

selected on the NGN network 20 side, the telephone number 
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research device 10 can handle the mobile number por tability 

(MNP), which allows a mobile telephone user to chan ge from 

one carrier to another and keep the same phone numb er. As a 

result, unlike the case of UNI connection, connecti ng to a 

wrong network (a telephone terminal having a teleph one number 5 

to be researched is connected to another network) d oes not 

occur. Thereby, the procedure of telephone number r esearch 

is simplified, which reduces the load on the teleph one number 

research device 10 to make a determination. In addi tion, the 

cost of capital investment can be reduced as it is sufficient 10 

to install the telephone number research device 10 and the 

line only in the NGN network 20. 

[0104] 

 In the above embodiment, the telephone number rese arch 

device 10 is described using mobile telephones such  as the 15 

IMS terminals 50a, 50b and the IP telephone termina l 60 as 

examples of telephone terminals to be researched. E xamples 

of the IP telephone terminal 60 include IP phones t hat are 

assigned a telephone number in the same format as 

conventional subscriber telephones such as metal IP  phones 20 

and fiber optic phones. The telephone number resear ch device 

10 can accurately determine whether a telephone num ber is 

valid or invalid in research regardless of the type  of IP 

phone and the destination network. 

[0105] 25 

 These telephone terminals check network protocol, 

media type, transport protocol of media, and codec in this 

order based on the description of SDP parameters in  a 

negotiation to establish a communication session. I n the NGN 

network, four parameters that cause call rejection can be 30 

set in this negotiation procedure as in the IMS net work. By 

using all of the four parameters, it is possible to  make an 

accurate determination. On the other hand, for the IP 

telephone terminal 60, two of the parameters that c ause call 

rejection: network protocol (IPv4) and media type ( audio) 35 

are fixed, and therefore the other two: transport p rotocol 
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and codec are used. In this case also, the validity  can be 

accurately determined without using a signal that r ings an 

incoming call on the receiver IP telephone terminal  60. 

[0106] 

 There may be a case where it is not possible to 5 

distinguish whether the destination network is an I MS (NGN) 

network or a VoIP network due to LNP, and parameter s for SDP 

mismatch that are sent to a telephone (the IMS term inal 50b, 

the IP telephone terminal 60) vary depending on the  

destination network. In such case, the message exch ange 10 

controller 12 adds a first SDP parameter that confo rms to 

the NGN network 30, in which IPv6 is set as the net work 

protocol, to an INVITE request when sending the INV ITE 

request to an IP phone to be researched, and sends the 

request to the IMS network 30 or the VoIP network 4 0, which 15 

is the destination network for each contract carrie r selected 

through the NGN network 20. Then, the destination n etwork to 

which the IP phone to be researched is connected is  

determined based on a response message received fro m the 

destination network. If the response message is “20 0 OK” or 20 

the first SDP parameter has been converted, it is d etermined 

that the destination network is a VoIP network. Wit h this, 

the telephone number research determination unit 13  

determines the telephone number usage status of the  IP phone 

based on the response message received through the message 25 

exchange controller 12. Thus, according to the embo diment, 

the telephone number research device 10 can perform  accurate 

verification regardless of the destination network.  

[0107] 

 As described above, according to the embodiment, t he 30 

telephone number research device 10 can accurately determine 

whether the telephone numbers of the IMS terminals 50a, 50b 

and the IP telephone terminal 60 are in service (va lid 

(present)), not in service (invalid (missing)), or has been 

changed. Also, if a call does not reach the destina tion, it 35 

is possible to completely stop some billing that ma y have 
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occurred so far. In addition, a tool is provided th at can 

store the determination result together with the 

determination date and time in a recording medium ( the 

telephone number history DB 15). For example, as in  the 

example data structure illustrated in FIG. 8, the r ecording 5 

medium may store the determination result, informat ion on a 

new telephone number linked to the old one, and the  

determination date and time for each telephone numb er 

researched. 

[0108] 10 

(Program) 

 According to an embodiment, for example, a program  can 

realize the telephone number research device 10 tha t, as 

illustrated in FIG. 1, establishes a connection to a 

telephone (the IMS terminal 50b, the IP telephone t erminal 15 

60) connected to the IMS (NGN) network 30 or the Vo IP network 

40 via the NGN network 20. 

 For example, as illustrated in FIGS. 1 and 9, the 

program may cause a computer (the telephone number research 

device 10) to perform at least the following steps:  adding 20 

a first SDP parameter to an INVITE request for a te lephone 

to be researched and sending it to the destination network 

selected by the NGN network (step S201), receiving a first 

response message that contains the first SDP parame ter from 

the destination network (step S202), determining th e usage 25 

status of the telephone number of the telephone bas ed on the 

first response message (steps S203 to S205), wherei n the 

first SDP parameter includes at least an IPv6 netwo rk 

protocol, and it is determined that the destination  network 

is a VoIP network when the first response message i s “200 30 

OK” or the network protocol of the first SDP parame ter has 

been converted, while it is determined that the des tination 

network is an IMS network when the first SDP parame ter of 

the first response message has not been converted a nd the 

response message includes a first error code (error  488) 35 

(step S202). 
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[0109] 

 According to the embodiment, the program, which 

includes instructions that are fetched sequentially  from a 

memory (not illustrated) and executed on the teleph one number 

research device 10, enables research on the usage s tatus of 5 

a telephone number in the IMS network 30 using an I MS 

interconnection interface or the like for interconn ection 

between carriers. Therefore, with a SIP-based telep hone 

number research tool having connectivity to the NGN  network 

20, a smooth transition to the new system platform can be 10 

achieved. In particular, the telephone number usage  status 

of a telephone (the IMS terminal 50b or the IP tele phone 

terminal 60) can be determined regardless of the ty pe of the 

destination network (the IMS (NGN) network 30, the VoIP 

network 40). 15 

[0110] 

(Telephone number research information provision sy stem) 

 FIG. 10 is a diagram illustrating the configuratio n of 

a telephone number research information provision s ystem 100 

according to an embodiment. As illustrated in FIG. 10, the 20 

telephone number research information provision sys tem 100 

of the embodiment includes one or more user termina ls 90 and 

a telephone number research server (the telephone n umber 

research device 10 in FIG. 1) that is connected to the user 

terminals 90 via an IP network 80. The server is al so 25 

connected to another network (not illustrated). 

[0111] 

 Upon receipt of a request for information on telep hone 

number research based on a target telephone number from the 

user terminal 90 via the IP network 80, the telepho ne number 30 

research server 10 adds a first SDP parameter to an  INVITE 

request for a telephone to be researched (the IMS t erminal 

50b, the IP telephone terminal 60) and sends the IN VITE 

request to the IMS network 30 or the VoIP network 4 0, which 

is the destination network for each contract carrie r of the 35 

telephone selected through the NGN network 20. Havi ng 
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received a response message from the destination ne twork, 

the telephone number research server 10 determines that the 

destination network is a VoIP network when the resp onse 

message is “200 OK” or the first SDP parameter has been 

converted. On the other hand, if the first SDP para meter of 5 

the response message has not been converted and the  response 

message includes a first error code (error 488), th e 

telephone number research server 10 determines that  the 

destination network is an IMS network. Then, the te lephone 

number research server 10 determines the telephone number 10 

usage status of the telephone based on the received  response 

message, and sends the determination result to the user 

terminal 90 that has requested the telephone number  research 

information via the IP network 80. For this purpose , the 

telephone number research server 10 has a function of 15 

providing the user terminal 90 with information on the 

telephone number usage status of a telephone termin al 

determined by the telephone number research determi nation 

unit 13 in response to a telephone number research 

information request for the telephone terminal rece ived from 20 

the user terminal 90 through the network interface unit 11 

illustrated in FIG. 5. 

[0112] 

 At this time, in response to a request for informa tion 

on telephone number research based on a target tele phone 25 

number from the user terminal 90 via the IP network  80, the 

telephone number research server 10 refers to a rec ording 

medium (the telephone number history DB 15) that st ores 

telephone number research information consisting of  

determination results that are each assigned a time stamp 30 

indicating the determination date and time and reco rded in 

chronological order. Thereby, the telephone number research 

server 10 sends the telephone number research infor mation to 

the user terminal 90 that has requested the informa tion via 

the IP network 80. 35 

[0113] 
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 The telephone number research information recordin g 

medium (the telephone number history DB 15) may be 

distributed independently to users who need it. The  recording 

medium (the telephone number history DB 15) is crea ted by 

the telephone number research device 10 that is con nected to 5 

a telecommunications carrier network via a dedicate d line to 

record information on the presence or absence of ta rget 

telephone numbers. The recording medium may be used  for 

search on a system where it is distributed. 

[0114] 10 

 The telephone number research information recordin g 

medium (the telephone number history DB 15) stores a 

collection of determination results as to the usage  status 

or validity of telephone numbers of telephone termi nals on 

the receiver side. For example, the recording mediu m has a 15 

data structure as illustrated in FIG. 8, in which 

determination results are each assigned a timestamp  

indicating the determination date and time and reco rded in 

chronological order. The database need not necessar ily be 

distributed on a recording medium such as DVD and h ard disk, 20 

it may also be distributed via a communication line . 

[0115] 

 According to the embodiment, the telephone number 

research device 10 determines whether a telephone n umber is 

in service (valid (present)), not in service (inval id 25 

(missing)), or has been changed (in a state where v oicemail 

announces a new phone number), and the telephone nu mber 

research information provision system 100 can provi de the 

information to a user who needs it. In addition, th e 

telephone number research information recording med ium (the 30 

telephone number history DB 15) may be distributed to users 

who need it so that they can utilize it for, for ex ample, 

evaluating creditworthiness or the like. 

[0116] 

 Although specific embodiments of the invention hav e 35 

been described and illustrated, it is to be underst ood that 
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the invention is not to be limited to the embodimen ts 

disclosed herein. As would be apparent to those ski lled in 

the art, various changes, modifications, and altera tions may 

be made within the scope of the invention as define d in the 

appended claims. 5 

[List of Reference Signs] 

[0117] 

10 Telephone number research device (server) 

11 Network interface unit 

12 Message exchange controller 10 

13 Telephone number research determination unit 

14 Telephone number history generator 

15 Telephone number history DB (telephone number 

research information recording medium) 

20 NGN network 15 

21 SBC 

20a SIP server 

30 IMS (NGN) network 

30a, 30b, 30c SIP server 

31 SBC 20 

40 VoIP network 

41 SBC 

50a IMS terminal (mobile telephone) 

50b IMS terminal (IP phone) 

60 IP telephone terminal (IP phone) 25 

80 IP network 

90 User terminal 

100 Telephone number research information provision  

system 

  30 
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[Document title] CLAIMS 

[Claim 1] 

 A telephone number research device configured to b e 

connected via a next-generation network (NGN) to a telephone 

connected to at least a destination network that is  an IP 5 

multimedia subsystem (IMS) network or a voice over IP (VoIP) 

network, the device being characterized in comprisi ng: 

 a message exchange controller configured to add a first 

session description protocol (SDP) parameter to an INVITE 

request for the telephone to be researched, send th e INVITE 10 

request to the destination network selected by the NGN, and 

receive a first response message from the destinati on 

network; and 

 a telephone number research determination unit 

configured to determine a usage status of a telepho ne number 15 

of the telephone based on the first response messag e, 

 wherein 

 the first SDP parameter includes at least an IPv6 

network protocol, 

 a session border controller (SBC) has a function t o 20 

convert the IPv6 network protocol to an IPv4 networ k protocol 

suitable for the destination network when the first  SDP 

parameter is sent from the NGN to the destination n etwork, 

 the message exchange controller is further configu red 

to: 25 

  determine that the destination network is the 

VoIP network when the first response message is “20 0 OK” or 

the first SDP parameter has been converted, and 

  determine that the destination network is the 

IMS network when the first SDP parameter has not be en 30 

converted and the first response message includes a  first 

error code. 

[Claim 2] 

 The telephone number research device according to 

claim 1, wherein when the first response message is  “200 OK” 35 

or the first SDP parameter has been converted, the message 
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exchange controller adds a second SDP parameter to an INVITE 

request for the telephone to be researched upon sen ding the 

INVITE request from next time. 

[Claim 3] 

 The telephone number research device according to 5 

claim 2, wherein 

 the first SDP parameter is a parameter that confor ms 

to the IMS network, and 

 the second SDP parameter is a parameter that confo rms 

to the VoIP network. 10 

[Claim 4] 

 The telephone number research device according to any 

one of claims 1 to 3, wherein 

 the first SDP parameter is a parameter that causes  call 

rejection on the telephone connected to the IMS net work, and 15 

 the first SDP parameter includes a description of at 

least one of network protocol, media type, transpor t protocol, 

and codec, or a combination thereof, which causes t he call 

rejection. 

[Claim 5] 20 

 The telephone number research device according to any 

one of claims 1 to 4, wherein the first SDP paramet er 

includes a description of all media types: audio, v ideo, and 

application. 

[Claim 6] 25 

 The telephone number research device according cla im 

3, wherein 

 the second SDP parameter is a parameter that cause s 

call rejection on the telephone connected to the Vo IP network, 

 the second SDP parameter includes a description of  30 

network protocol, media type, transport protocol, a nd codec, 

and 

 the transport protocol, the codec, or a combinatio n 

thereof is used to cause the call rejection since t he network 

protocol (IPv4) and the media type (audio) are fixe d. 35 

[Claim 7] 



42 
 

 The telephone number research device according to any 

one of claims 1 to 6, wherein 

 the SBC has a function to convert the IPv6 network  

protocol to the IPv4 network protocol suitable for the 

destination network when the first SDP parameter is  sent 5 

from the NGN to the destination network, and 

 the message exchange controller is further configu red 

to: 

  determine that the destination network is the 

VoIP network when the first response message is “20 0 OK” or 10 

the first SDP parameter has been converted, and 

  determine that the destination network is the 

IMS network when the first SDP parameter has not be en 

converted and the first response message includes t he first 

error code. 15 

[Claim 8] 

 The telephone number research device according to any 

one of claims 1 to 7, wherein the telephone number research 

determination unit is further configured to: 

 determine that the telephone number of the telepho ne 20 

is present when the  first response message includes the first 

error code, and 

 determine that the telephone number of the telepho ne 

is missing when the first response message includes  a second 

error code or a third error code. 25 

[Claim 9] 

 The telephone number research device according to 

claim 2, 3, or 6, wherein the telephone number rese arch 

determination unit is further configured to: 

 determine that the telephone number of the telepho ne 30 

is present when receiving a second response message  that 

includes the first error code from the destination network 

in response to the second SDP parameter, and 

 determine that the telephone number of the telepho ne 

is missing when the second response message include s a third 35 

error code. 
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[Claim 10] 

 A system comprising: 

 the telephone number research device according to any 

one of claims 1 to 9; and 

 a user terminal, 5 

 wherein the telephone number research device compr ises 

a network interface unit that, in response to a req uest for 

telephone number research information about the tel ephone 

from the user terminal, sends information on the us age status 

of the telephone number of the telephone determined  by the 10 

telephone number research determination unit via an  IP 

network to the user terminal that has requested the  telephone 

number research information. 

[Claim 11] 

 A telephone number research method for researching  a 15 

usage status of a telephone number of a telephone t o be 

researched with a telephone number research device 

configured to be connected via a next-generation ne twork 

(NGN) to the telephone connected to at least a dest ination 

network that is an IP multimedia subsystem (IMS) ne twork or 20 

a voice over IP (VoIP) network, the method being 

characterized in comprising: 

 adding a first session description protocol (SDP) 

parameter to an INVITE request for the telephone to  be 

researched; 25 

 sending the INVITE request to the destination netw ork 

selected by the NGN; 

 receiving a first response message from the 

destination network; and 

 determining the usage status of the telephone numb er 30 

of the telephone based on the first response messag e, 

 wherein 

 the first SDP parameter includes at least an IPv6 

network protocol, 

 a session border controller (SBC) has a function t o 35 

convert the IPv6 network protocol to an IPv4 networ k protocol 
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suitable for the destination network when the first  SDP 

parameter is sent from the NGN to the destination n etwork, 

 the method further comprises: 

  determining that the destination network is the 

VoIP network when the first response message is “20 0 OK” or 5 

the first SDP parameter has been converted, and 

  determining that the destination network is the 

IMS network when the first SDP parameter has not be en 

converted and the first response message includes a  first 

error code. 10 

[Claim 12] 

 A program for a telephone number research device 

configured to be connected via a next-generation ne twork 

(NGN) to a telephone connected to at least a destin ation 

network that is an IP multimedia subsystem (IMS) ne twork or 15 

a voice over IP (VoIP) network, the program causing  the 

telephone number research device to perform at leas t the 

following: 

 adding a first session description protocol (SDP) 

parameter to an INVITE request for the telephone to  be 20 

researched, wherein the first SDP parameter include s at least 

an IPv6 network protocol; 

 sending the INVITE request to the destination netw ork 

selected by the NGN; 

 receiving a first response message from the 25 

destination network; 

 determining a usage status of a telephone number o f 

the telephone based on the first response message, 

 determining that the destination network is the Vo IP 

network when the first response message is “200 OK”  or the 30 

first SDP parameter has been converted, and 

 determining that the destination network is the IM S 

network when the first SDP parameter has not been c onverted 

and the first response message includes a first err or code. 

  35 


