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VoIP Services
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ABSTRACT

Recently, VoIP services are emerged as a serious alternative to the traditional telephony based on PSTN.
This paper focus on implement of the call transfer using REFER method based on SIP for the VoIP
supplementary service. First, when compared with the existed Also method and REFER method, REFER
method has a short transfer delay. Also, we implement and verify the call transfer service using REFER

method based on SIP.

Key Words : VoIP, SIP, call transfer
.M &
A UdEe F£¥ BFo= P 7y

AMulx9] sigo] mA YPsm Q. B3,
A3 HMAYE T 443 AMul2g dAls
' UHY 7uke] g4 Muj2rt sfgsEn A
t} o] Mu|2g P A4, P dYXY &
VolIP(voice over internet protocol)2t ¥ W
g3 ot Volpe AW A3 Moy H
248 53 Aol A&E F A AHA od
2 Q3= 497 F37 sHedA s Ql
t}. VoIP MH|AE AFsE A|1dy ZEEF
o= I1TUY H.3233% IETF(internet engineering

« ol adie A A E/MNLAE
Development Center of Product, Hynix System
IC Com.

o AFNNE A - AFEHIGR, IdV|edTL
Faculty of Telecommunication & Computer eng,
Research Institute of Advanced Technology, Cheju
Nat'l Univ.

- Control),

task force)2] SIP(session initiation protocol)7} o
EHolt,

SIPE A4 999 MMUSIC(multiparty
multimedia session control) $17 2§ £8ln
1999'd X IETFl o8l EE = At sipe
Eda AYNESL 2713, B3, 2 83
AHMA AIRHE FEAF TE=EZoITI]. SIP
HidAs, %5 Ay 59 71& IHY Mg
adE 45U U A%E AP 3 A
AR fA, @A B MY F3E GEG
AeiYl E, HE|u|tio] 3]9j¢ 2 45 e
to] MM F9 §8& AMulxe Algdot SPE
E34 IETF dEu|te] 72 dRolg oY
2, vte, 28n & Hole9 HES AR
RTP(real-time transport protocol)[2], Blt]o] 2E¥
A3 AoE $3F RTSP(real-time streaming
protocol)[3], BTl ACIEHo] AdEg AW
MGCP(media gateway control protocol), 181
H248% ~¢21# 9+ MEGACO(media gateway
gdgvtol HHE Jledrl AY
SDP(session eescription protocol)[4], HE| A=K

e rlr

159



BMARE: CMERATT WK E158, 1% opp?-7,

2004. 12
Cheju Nat'l Univ. Res. Inst. Adv. Tech. Jour., Vol.15, No.2, pp.7-7, 2004. 12

AL 27l A3 SAP(session announcement
protocol), At F2| 9} HEJA2E T4 @G 22
EZ¥T ol AElH PSTNA}olo #A49
AlolEdolE AAA7]7] 937 TRIP(telephony
routing over IP)& ¥ g 3c}

SIPE H3233 2] Fo|dE-My 7|yt =
SEZEZH 3 AR AoiEE AlAd B4 A
717] A& 3&3c FHZ ANHE T2EZ]
o2 AgA A e MAMEA, A §A, 2
gHa Ad Foa #eE siFE ohde & iy,
3 Y, 52 59 3 75 By Bdd 8
e J%& AFPY. F AHYE 9dsd
HTTP(hyper text transfer protocol)$} At F&
g2 ou)g e HAE 74 IREZE ALS
s Aot

HA7A ITU-T H323E& A% BEAMuAE
HA450 Z2EFE ALg3te AAYHoz At
Hol la A ¥ HAFE Bl oln] FrhAy
22 AYE FAYAT SIp7 AFEE HriAy]
27 old MAHoZ HeHoUA Fe& AAHo]
o @A ETFllA e & Ag, Abea 93] Ay
&, Bt g AE(buddy lists), 18§ 2, & Hg
(call transfer) 52 H71 Au]j2d ] BF371
3 Fol ok 53], AVEA7E F417H5 et
obd ZHL A A A £& ALse & M@
AMul 2§ AF57] 8] Also HAlo] AHAIHIA
o} 22y IETFI A= Also 419 & Age A
FHAAT A 7172 FAPo] Fol T&FEo
# ol REFER WA & o] &% 5 #g "gto] A
AlE 2 ok

=& A& REFER W43 7]& Also W4
of gt A& vlm A3y, Sipe] T A A
v 2 & AF3t7] 9% REFER #4& FHsxn
AZFh 94 T 32 g vuso 7|E Also W
#loj] ¥]& REFER $2l& & HAp7t hddtn A
AA o] He FHE 2T U= AL L F A
th i Bo] & AY My A& AFEI] 43l &
ZHolAE BAA, 3 Ao e Holx T F4
OS2 REFER %48 MAstzm, ZFvloldigte]
CINEMAS} sipua &S ©]#8l9 REFER %4
9 & A Mu|AE FHs1 HAEWC=E T
%3ty AFdch A&l olo 2 FelA = sipe]
718 Mdn 2 Ag Mulxd dis] n@Esta, 3
ol A= SIp 719ty &A@ MH|AE AHFdE

160

Also %417} REFER o] iyt dEAHdg &
Mgt 4 FolAe SIP 7|%ke] REFER #4]¢
o] 4% & M@ Mu|2E FHstm AF . v}
Autog 5 AoA AEL D)

ll. SIP 7|82 & Fg AMu(A

VoIP Au|2E AF3171 93 Sipe QU4
dEjuige Feo, Ay A & 43 L F4l,
HElu|t)o] o] 5& A Y& vido] Mujag}
IP &A% Au=& X§3a Jul5]. Fig. 1
2 JeY 289 ntojg A S4ARE
A AlgsEE Z2EZ F2E YUY Ut
[2]. 71& AHPaE= g, JEd SAH A
Haes H7) @ T2EZ9 HYdA e
t}. Fig. 1914 SIPE TCPY UDP Aol A A%
I Aol AY v A 2EHE HGE§d.
olof wha] H3232 AlFA e A4 T2EZS
Abg-go}

link  network Transport

Eemet ]

(=) (=]

physical

Fig. 1. Protocol architecture for VoIP services

H.3232 ITU-TY EF 7 shuaA ohydt 9l
B AgtAn| 27t AFEn o, sipd) ulE
ERsin Ael @A 345 tfg Jg
4 Z2EZde FHdol Eolzth St
H.3230] H]&td & FHE 710 Yot 9
¢l SIPE Fig. 29 gol F3gc),

SIPe] 5 AL Fig. 33 o] o]Fo] A,
SIP A4 TCPY H|x& 3 way F=HMolz A
8 A2 THe6-8). Fig 3914 Zo|dE A 7}
Edo]dE B9 VoIP AL HAT u, AE B
ol Al INVITE(1) £3-& Bt} o] INVITE #A|



FENABE LUEEATE W WI5% (R 007-7, 004, 1
Cheju Nat! Univ. Res. Inst. Adv. Tech, Jour., Vol.15, No.2. DD77 2004, 12

AE BY HAL e AMrIEe EWd= g olgste]  AMuAEE AN,

Holz g 7tAch & HA #FF voIP MM INVITE, BYE, OPTIONS®] Al 712 #ejs} Uch
Nee ot 253 Hed B RE IH 3, SIPE Alsodt @2 ¥t =g o]&8d
S 1P 2Tl dolHE gt B A R AR 4A My, Wg E2E, 2

Fz2d, 3 A8 59 Mu2§ AT o

T A Myl 3 AdsE e ARA £
A7bs AE7E obd A9 A AAdA 38 AL
B A 2ot} olu £ A operator)= FAF
o] ZE A3 Ao ¢4 F422 & ALY
A& XA §Lt

3 Ag AU AE AFse P d= g
=g o] &3l Also A F wlAxE AL
REFER H4]0] Ut} Also %42 INVITE HA[ 3|
9] Also M A48t & A@E ¥k Fig. 4
oA Also 8T8 o] 8% 5 3EE HoFn Y
t}. agolA INVITE WiAlA] 9] AlsodTie F4

AC:U t Client
(UAC:Lter Agen ) SIP Clieat ™.

. - ""
(User Agent Serverd Regisier
. :

Fig. 2. Basic operation of SIP

JdE ol A VolPE AW SIPE T3 F il 2 371 ddHa Ao
3 3 AAY, FAF QW MulE, S(cal))
ook, oAl GPMuA T HE AMux 5 o B (Soarce-Host) A(Operstar) C (Destination-Host)
G #ohuAE A AP 223 SPE AS INVITEAlse)
A9} x & LBIFE presence A v, 3A43] 9, 2o
MSN A RS e ALE AT, PU BT e
o o}54 A, AARFAN T S8 Aulzdl >
o513 ek =
280 OK i
INVITE
h Clent A kv Chent B T
A wants to talk t0 B () MviTE - | The phone rings n u.i s
B's office ACK
Provisional Response. Ringng 1

(3) ACKnowledge

f»:corgirms the OK msg > Fig. 4. Call transfer using the Also header
om
_ REFER $4]& Z7]|o]l& TRANSFER ™A]A]
- BYE Client B ends the call session % o]-g-s-}ﬁ_gu}, L}%—O‘I—E REFER u]]A] zli o]
200, OK 1 accept £¢ v dcth o] WA& Alsodl] 4l REFER
" AAAE AHgFoEd T BXY R 3 3
. _ 8 Zoln fol3A ALHE JHE v
Fig. 3. Setup of SIP session 2 9lt}. REFER WA X IETF 7| A9l A <15

Pl AESE GAT & & e 5 RoU BF Beshl 384 slolg. Fig S A

o SAAY AvlAo R H323 931 REFER dA A9 & ZTES L}‘E}Lﬂﬂ'\f‘ﬂ]
o s REFER oLIAE A%k 44 el 22 7
- ’ 2 A7} REFER ©"lA| x| & Bu¥ BolA& REFER

161



BHARE CREEATE RAM ®I5E IR pp?-7,

12
Cheju Nat'l Univ. Res. Inst. Adv. Tech. Jour., Vol.15, NOZ pp.7-7, 2004, 12

ol A 2] 8] Refer-To 3] AEE B Refer-Tod
F42 INVITEE &9 BY Cto B37) o F
oAk WY F£AZF9 ojo]HEJ} REFER 23
<€ B3 Refer-To 8T F422 43& 9304
202 8 9ol $4&o2 A Wd 8
A AR FoAM Refer-To dlti7l 3 o] 4ol
ZA3d 400 Bad RequestZ2 EdFT. £§
Referred-By &ti7} &t o]4teo] EAziel=
400 Bad Request WA XS A gie},
B Source Host)  A(Comtroller) C (Destination Host)

REFER

202 Accepted(OK)

ACK

Fig. 5. Call flow of the REFER method

ll. REFER2} Also 42| H|m &4

2 oM Also W43} REFER 4] & A$
AF FHojr A& vugd T2E gho] g
AEEE TIFQ 1.5MbpsE A 38lo} 2t whale o
AlR9] AEANAE FAHoR 811*—18}&1 ) 1 g
ok gy AA Az AEAFE AMLE] 9
3 oA =] D FHEADH p, ALAD),
a8l Yaxa L nel ok Fig 6ol 2 Al
ko] Jellln sl

AA A dA R AA AL g ¢
. e71M p, & B3 AAE Yehdnh

Dew= D, +D, +D,, __ [

22 p, o A4Ne oes 2o,

162

D, @

e Linkspeed

add Also W23 REFER H42 ojA|R 9
7} Also W2lo] 4 Bormg %7 A4 AR
9] ztolzt zou} Aoz FIHgth aga
Z+ wiAlx] 9] A718 A&7 &AM 49 2
U oAx59 A7E FEd FIAADL
A4kt

Fig. 6. Transfer delay factor

Table 1914 2} 48 stjEe 37] R ¥
AAA Al 223 HF F e F3AD ¥
2 FA AE 2D HE FF22A Also WAHR
ot REFER 40| tigk 3ujA = A ojAA3
71, AR, dEAdol &ol=E AL UG
T Aok

Table 1 Comparison of message size and transfer
delay on Also method and REFER method

Also method REFER method

message| size | delay |message| size | delay

INVITE | 5l4byte] 27ms{ REFER | 388byte| 21ms

180 3llbyte] 17ms] 202 3obyte] 21ms

message 200 517byte| 28ms

size ACK 28byte]  14ms
BYE IPbyte] 18&ms
200 517byte] 2.8ms;

message 2447byte| 13.2ms 773byte| 4.2ms

delay
ratio 3.14 1

toral 1 g )+3.14
delay D, +D, o
ratio fro tr

2( D,,, +D,ﬁ)*1
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