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Abstract

Thi s docunent contains best current practice exanpl es of Session
Initiation Protocol (SIP) call flows showi ng interworking with the
Public Switched Tel ephone Network (PSTN). Elenents in these call
flows include SIP User Agents, SIP Proxy Servers, and PSTN Gat eways.
Scenarios include SIP to PSTN, PSTNto SIP, and PSTN to PSTN via SIP.
PSTN t el ephony protocols are illustrated using I SDN (Integrated
Services Digital Network), |ISUP (I SDN User Part), and FGB (Feature
Goup B) circuit associated signaling. PSTN calls are illustrated
usi ng gl obal tel ephone nunbers fromthe PSTN and private extensions
served on by a PBX (Private Branch Exchange). Call flow diagrams and
nmessage details are shown.
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1. Overview

The call flows shown in this docunent were devel oped in the design of
a SIP IP comunications network. They represent an exanmple of a
m ni mum set of functionality.

It is the hope of the authors that this docunment will be useful for
SIP inplenmenters, designers, and protocol researchers alike and wll
hel p further the goal of a standard inplenentation of RFC 3261 [2].
These flows represent carefully checked and working group revi ewed
scenari os of the nobst common SI P/ PSTN i nterworking exanples as a
conpani on to the specifications.

Johnston, et al. Best Current Practice [ Page 2]



RFC 3666 SIP PSTN Call Fl ows Decenber 2003

These call flows are based on the current version 2.0 of SIP in RFC
3261 [2] with SDP usage described in RFC 3264 [3]. Oher RFCs also
conprise the SIP standard but are not used in this set of basic cal
flows. The SIP/1SUP mapping is based on RFC 3398 [4].

Various PSTN signaling protocols are illustrated in this docunment:

| SDN (I ntegrated Services Digital Network), |1SUP (ISDN User Part) and
FGB (Feature Group B) circuit associated signaling. This docunent
shows mainly ANSI | SUP due to its practical origins. However, as
used in this docunment, the usage is virtually identical to the ITUT
International |SUP used as the reference in [4].

Basic SIP call flow exanples are contained in a conpani on docunent,
RFC 3665 [ 10].

The key words "MJST", "MJST NOT", "REQUI RED', "SHALL", "SHALL NOT",
"SHOULD', "SHOULD NOT", "RECOMMVENDED', "MAY", and "OPTIONAL" in this
docunent are to be interpreted as described in BCP 14, RFC 2119 [1].

1.1. General Assunptions

A nunber of architecture, network, and protocol assunptions underlie
the call flows in this docunment. Note that these assunptions are not
requirements. They are outlined in this section so that they may be
taken into consideration and to aid in the understanding of the cal
fl ow exanpl es.

The authentication of SIP User Agents in these exanple call flows is
performed using HTTP Digest as defined in [3] and [5].

Sonme Proxy Servers in these call flows insert Record-Route headers
into requests to ensure that they are in the signaling path for
future nessage exchanges.

These flows show TLS, TCP, and UDP for transport. SCTP could also be
used. See the discussion in RFC 3261 [2] for details on the
transport issues for SIP

The SIP Proxy Server has access to a Location Service and ot her

dat abases. Information present in the Request-URH and the context
(From header) is sufficient to deternine to which proxy or gateway
the nmessage should be routed. |In nost cases, a primary and secondary
route will be deternmined in case of a Proxy or Gateway failure
downst r eam
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Gat eways provide tones (ringing, busy, etc) and announcenents to the
PSTN si de based on SIP response nessages, or pass al ong audi o in-band
tones (ringing, busy tone, etc.) in an early nedia streamto the SIP
si de.

The interactions between the Proxy and Gateway can be sunmmari zed as
foll ows:

- The SIP Proxy Server performs digit analysis and | ookup and
| ocates the correct gateway.

- The SIP Proxy Server performs gateway |ocation based on primry
and secondary routing.

Tel ephone nunbers are usually represented as SIP URIs. Note that an
alternative is the use of the tel UR [6].

Thi s docunent shows typical exanmples of SIP/ISUP interworking.

Al though in the spirit of the SIP-T franework [7], these exanples do
not represent a conplete inplenentation of the framework. The
exanpl es here represent nore of a mininmal set of exanples for very
basic SIP to | SUP i nterworking, rather than the nore conpl ex goal of
| SUP transparency. |In particular, there are NO exanpl es of

encapsul ated ISUP in this docunent. |[If present, these nmessages woul d
show S/M ME encryption due to the sensitive nature of this

i nformation, as discussed in the SIP-T Franework security

consi derations section. (Note - RFC 3204 [8] contains an exanpl e of
an INVITE with encapsulated | SUP.) See the Security Considerations
section for a nore detailed discussion on the security of these cal
flows.

In ISUP, the Calling Party Nunber is abbreviated as CgPN and the

Call ed Party Number is abbreviated as CdPN. O her abbreviations

i ncl ude Nunbering Plan Indicator (NPI) and Nature of Address (NOA).
1.2. Legend for Message Fl ows

Dashed lines (---) represent signaling nessages that are nandatory to

the call scenario. These nessages can be SIP or PSTN signaling. The

arrow i ndicates the direction of nessage fl ow.

Doubl e dashed lines (===) represent nedia paths between network
el enent s.

Messages wi th parentheses around their nane represent optiona
nmessages.
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Messages are identified in the Figures as F1, F2, etc. This
references the message details in the list that follows the Figure.
Comments in the nessage details are shown in the follow ng form

/* Comments. */
1.3. SIP Protocol Assunptions

Thi s docunent does not prescribe the flows precisely as they are
shown, but rather the flows illustrate the principles for best
practice. They are best practices usages (orderings, syntax,
selection of features for the purpose, handling of error) of SIP

nmet hods, headers and paraneters. | MPORTANT: The exact flows here
must not be copied as is by an inplenenter due to specific incorrect
characteristics that were introduced into the docunent for

conveni ence and are |listed below. To sumup, the SIP/PSTN call flows
represent well-reviewed exanpl es of SIP usage, which are best common
practice according to | ETF consensus.

For sinplicity in reading and editing the docunent, there are a
nunber of differences between sonme of the exanples and actual SIP
nmessages. For exanple, the SIP Digest responses are not actual M5
encodings. Call-1Ds are often repeated, and CSeq counts often begin
at 1. Header fields are usually shown in the sane order. Usually
only the mninumrequired header field set is shown, others that
woul d normal Iy be present, such as Accept, Supported, Allow, etc. are

not shown.

Actors:

El enent Di spl ay Nanme UR | P Addr ess
User Agent Alice si p:alice@.exanple.com 192.0.2.101
User Agent Bob si p: bob@. exanpl e. com 192. 0. 2. 200
Proxy Server si p: ssl. a. exanpl e. com 192.0.2.111
User Agent (Gateway) si p: gwl. a. exanpl e. com 192.0.2.201
User Agent (Gateway) si p: gw2. a. exanpl e. com 192. 0. 2. 202
User Agent (Gateway) si p: gw3. a. exanpl e. com 192. 0. 2. 203
User Agent (Gateway) si p: ngwl. a. exanpl e. com 192.0.2.103
User Agent (Gateway) si p: ngw2. a. exanpl e. com 192.0.2.102

Note that NGW 1 and NGW 2 al so have device URIs (Contacts) of
si p: ngwl@. exanpl e. com and si p: ngw2@. exanpl e. com whi ch resolve to
the Proxy Server sip:ssl.wom com using DNS SRV records.
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2.

SIP to PSTN Di aling

In the follow ng scenarios, Alice (sip:alice@.exanple.com is a SIP
phone or other SIP-enabled device. Bob is reachable via the PSTN at
gl obal tel ephone nunber +19725552222. Alice places a call to Bob
through a Proxy Server, Proxy 1, and a Network Gateway. |n other
scenarios, Alice places calls to Carol, who is served via a PBX
(Private Branch Exchange) and is identified by a private extension
444- 3333, or gl obal nunber +1-918-555-3333. Note that Alice uses

hi s/ her gl obal tel ephone nunber +1-314-555-1111 in the From header in
the I NVI TE nessages. This then gives the Gateway the option of using
this header to populate the calling party identification field in
subsequent signaling. Left open is the issue of how the Gateway can
determ ne the accuracy of the tel ephone nunber which is necessary
before passing it as a valid calling party nunber in the PSTN

In these scenarios, Alice is a SIP phone or other SIP-enabled devi ce.
Alice places a call to Bob in the PSTN or Carol on a PBX through a
Proxy Server and a Gateway.

In the failure scenarios, the call does not conplete. |In sone cases
however, a nedia streamis still setup. This is due to the fact that
some failures in dialing to the PSTN result in in-band tones (busy,
reorder tones or announcenents - "The nunber you have dial ed has
changed. The new nunber is..."). The 183 Session Progress response
containing SDP nedia information is used to setup this early nedia
path so that the caller Alice knows the final disposition of the
call.

The nmedia streamis either ternminated by the caller after the tone or
announcenent has been heard and understood, or by the Gateway after a
timer expires.

In other failure scenarios, a SS7 Rel ease with Cause Code is mapped
to a SIP response. In these scenarios, the early nedia path is not
used, but the actual failure code is conveyed to the caller by the
SIP User Agent Cient.
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2.1. Successful SIP to | SUP PSTN call

Alice Proxy 1 NGW 1 Switc
I I I
|  INVITE F1 | |
--------------- | |
| 100 F2 | |
[ <ommmme e | N\VI TE F3 | |
N SRR >| I
| 100 F4 | |
Y [P Sppup | | AM F5 |
[ N et >
| | ACM F6 |
| 183 F7 | <omeee e |
| 183 F8 | <------e-o-ioa-- | |
| <o | | o
| Both Wy RTP Medi a | ©One Wy Voice |
| <:::::::::::::::::::::::::::::::>| <:::::::::::::::|
| | ANM F9 |
| 200 F10 [ <emmmmmme s |
| 200 F11 | <c=ccmmmmemmmm-- | |
<o | |
| ACK F12 | |
[EREEEEEEEEEEEE ACK F13 | |
| R EREEEEEEE > o
| Both Wy RTP Medi a | Both Wy Voice |
| <:::::::::::::::::::::::::::::::>| <::::::::::::::>|
| BYE F14 | |
BT BYE F15 | |
N bt > |
| 200 F16 | |
| 200 F17 | <c--mmmmmmmeam-- | REL F18 |
ESREEEEEEERREEES |- >
| | RLC F19 |
| ESREEEEEEERREEES |
I I

Decenber 2003

Alice dials the globalized E 164 nunber +19725552222 to reach Bob
Note that A might have only dialed the last 7 digits,
dialing plan. It

the digits into a gl oba

that tel

URI's could be used instead of SIP URs.

or

sonme ot her

is assuned that the SIP User Agent Cient converts
nunber and puts theminto a SIP URI

Not e

Alice could use either their SIP address (sip:alice@.exanple.con) or

SI P t el ephone nunber
in the From header

i ncl uded,

Johnst on,

and it

et al.

In this exanple,

Best Current Practice

(sip: +13145551111@s1. a. exanpl e. com user =phone)
t he tel ephone nunber
is shown as being passed as calling party
identification through the Network Gateway (NGW 1) to Bob (F5).

is

Not e
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that for this nunber to be passed into the SS7 network, it would have
to be somehow verified for accuracy.

In this scenario, Bob answers the call, then Alice disconnects the
call. Signaling between NGW 1 and Bob’'s tel ephone switch is ANS
| SUP. For the details of SIP to | SUP mapping, refer to [4].

In this flow, notice that the Contact returned by NGW 1 i n nessages
F7-11 is sip:ngwl@. exanple.com This is because NGW1 only accepts
SI P nessages that cone through Proxy 1 - any direct signaling will be
ignored. Since this Contact URI may be used outside of this dialog
and nmust be routable (Section 8.1.1.8 in RFC 3261 [2]) the Contact

URI for NGW1 nust resolve to Proxy 1. This Contact URI resolves via
DNS to Proxy 1 (sip:ssl.a.exanple.com which then resolves it to

si p: ngwl. a. exanpl e. com which is the address of NGW 1.

This flow shows TCP transport.
Message Details
F1 INVITE Alice -> Proxy 1

I NVI TE si p: +19725552222@s1. a. exanpl e. com user =phone SIP/ 2.0
Via: SIP/ 2.0/ TCP client.a.exanpl e.com 5060; branch=z9hG4bK74bf 9
Max- Forwards: 70
From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76s
To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>
Cal | -1 D 2xTh9vxSi t 55XU7p8@x. exanpl e. com
CSeq: 1 INVITE
Contact: <sip:alice@lient.a.exanple.comtransport=tcp>
Proxy- Aut hori zati on: Digest usernanme="alice", real n="a.exanple.conf,
nonce="dc3a5ab25302aa931904ba7d88f alcf 5", opaque="",
uri="sip: +19725552222@s1. a. exanpl e. com user =phone",
response="ccdca50chb091d587421457305d097458c¢c"
Cont ent - Type: application/sdp
Cont ent - Lengt h: 154

v=0

o=al i ce 2890844526 2890844526 IN I P4 client.a.exanple.com
S=-

c=INI1P4 client.a.exanple.com

t=0 0

mFaudi o 49172 RTP/ AVP 0O
a=rtpmap: 0 PCMJ 8000
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F2 100 Trying Proxy 1 -> Alice

SIP/2.0 100 Trying

Via: SIP/ 2.0/ TCP client.a.exanpl e.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76sl

To: Bob <sip: +19725552222@s1. a. exanpl e. cony user =phone>

Cal I -1 D 2xTb9vxSi t 55XU7p8@. exanpl e. com

CSeq: 1 INVITE

Content -Length: O

/* Proxy 1 uses a Location Service function to deternine the gateway

for termnating this call. The call is forwarded to NGW1. dient
for A prepares to receive data on port 49172 fromthe
net wor k. */

F3 INVITE Proxy 1 -> NGW1

| NVI TE si p: +19725552222@gwl. a. exanpl e. com user =phone SI P/ 2.0

Via: SIP/ 2.0/ TCP ssl. a. exanpl e. com 5060; branch=z9h&4bK2d4790. 1

Via: SIP/ 2.0/ TCP client.a.exanpl e.com 5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

Max- Forwar ds: 69

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76sl

To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>

Cal I -1 D 2xTb9vxSi t 55XU7p8@. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:alice@lient.a.exanple.comtransport=tcp>

Cont ent - Type: application/sdp

Cont ent - Lengt h: 154

v=0

o=al i ce 2890844526 2890844526 IN I P4 client.a.exanmple.com
S=-

c=IN 1P4 client.a.exanple.com

t=0 0

mFaudi o 49172 RTP/ AVP 0O
a=rtpmap: 0 PCMJ 8000

F4 100 Trying NGW1 -> Proxy 1

SIP/2.0 100 Trying
Via: SIP/2.0/ TCP ssl. a. exanpl e. com 5060; branch=z9h&4bK2d4790. 1
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:recei ved=192. 0. 2. 111
From Alice <sip:+13145551111@s1. a. exanpl e. com user =phone>
; tag=9f xced76sl
To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>
Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com
CSeq: 1 INVITE
Content -Length: O

F5 1AM NGW 1 -> Bob

| AM
CdPN=972- 555- 2222, NPI =E. 164, NOA=Nat i onal
CgPN=314-555-1111, NPI =E. 164, NOA=Nat i onal

F6 ACM Bob -> NGW 1

ACM

F7 183 Session Progress NGW1 -> Proxy 1

SIP/2.0 183 Session Progress

Via: SIP/2.0/ TCP ssl. a. exanpl e. com 5060; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

Via: SIP/ 2.0/ TCP client.a.exanpl e.com 5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76sl

To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>
; tag=314159

Cal I -1 D 2xTb9vxSi t 55XU7p8@. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:ngwl@. exanpl e.comtransport=tcp>

Cont ent - Type: application/sdp

Cont ent - Lengt h: 146

v=0

0=GW 2890844527 2890844527 I N | P4 ngwl. a. exanpl e. com
S=-

c=I N I P4 ngwl. a. exanpl e. com

t=0 0

mFaudi o 3456 RTP/ AVP 0O

a=rtpmap: 0 PCMJ 8000

/* NGW 1l sends PSTN audio (ringing) in the RTP path to A */
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F8 183 Session Progress Proxy 1 -> Alice

SIP/2.0 183 Session Progress

Via: SIP/ 2.0/ TCP client.a.exanpl e.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76sl

To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>
; tag=314159

Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:ngwl@. exanpl e.comtransport=tcp>

Cont ent - Type: application/sdp

Cont ent - Lengt h: 146

v=0

0=GW 2890844527 2890844527 I N | P4 ngwl. a. exanpl e. com
S=-

c=IN I P4 ngwl. a. exanpl e. com

t=0 0

mFaudi o 3456 RTP/ AVP 0O

a=rtpmap: 0 PCMJ 8000

F9 ANM Bob -> NGW 1

ANM

F10 200 OK NGW 1l -> Proxy 1

SIP/2.0 200 &K

Via: SIP/2.0/ TCP ssl. a. exanpl e. com 5060; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

Via: SIP/ 2.0/ TCP client.a.exanpl e.com 5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76sl

To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>
; tag=314159

Cal | -1 D 2xTb9vxSi t 55XU7p8@. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:ngwl@. exanpl e.comtransport=tcp>

Cont ent - Type: application/sdp
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Cont ent - Lengt h: 146

v=0

0=GW 2890844527 2890844527 I N | P4 ngwl. a. exanpl e. com
S=-

c=IN I P4 gwl. a. exanpl e. com

t=0 0

mFaudi o 3456 RTP/ AVP 0O

a=rtpmap: 0 PCMJ 8000

F11 200 OK Proxy 1 -> Alice

SIP/2.0 200 &K

Via: SIP/ 2.0/ TCP client.a.exanpl e.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76s

To: Bob <sip: +19725552222@s1. a. exanpl e. cony user =phone>
; tag=314159

Cal | -1 D 2xTbh9vxSi t 55XU7p8@x. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:ngwl@. exanpl e.comtransport=tcp>

Cont ent - Type: application/sdp

Cont ent - Lengt h: 146

v=0

0=GW 2890844527 2890844527 IN | P4 ngwl. a. exanpl e. com
S=-

c=IN I P4 ngwl. a. exanpl e. com

t=0 0

mFaudi o 3456 RTP/ AVP 0O

a=rtpmap: 0 PCMJ 8000

F12 ACK Alice -> Proxy 1

ACK si p: ngwl@. exanpl e.com SI P/ 2.0
Via: SIP/ 2.0/ TCP client.a.exanpl e.com 5060; branch=z9hG4bK74bf 9
Max- Forwards: 70
Rout e: <si p:ssl. a.exanple.comlr>
From Alice <sip:+13145551111@s1. a. exanpl e. com user =phone>
; tag=9f xced76s
To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>

; tag=314159
Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com
CSeq: 1 ACK
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Content -Length: O

F13 ACK Proxy 1 -> NGW1

ACK si p: ngwl@. exanpl e.com SIP/ 2.0

Via: SIP/2.0/ TCP ssl. a. exanpl e. com 5060; branch=z9h&4bK2d4790. 1

Via: SIP/ 2.0/ TCP client.a.exanpl e.com 5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

Max- Forwar ds: 69

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76s

To: Bob <sip: +19725552222@s1. a. exanpl e. cony user =phone>

; tag=314159
Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com
CSeq: 1 ACK

Content -Length: O

/* Al'ice Hangs Up with Bob. */

F14 BYE Alice -> Proxy 1

BYE si p: ngwl@. exanpl e. com SI P/ 2.0
Via: SIP/ 2.0/ TCP client.a.exanpl e.com5060; branch=z9hG4bK74bf 9
Max- Forwards: 70
Rout e: <sip:ssl. a.exanple.comlr>
From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76s
To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>

; tag=314159
Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com
CSeq: 2 BYE

Content -Length: O

F15 BYE Proxy 1 -> NGW1

BYE si p: ngwl@. exanpl e. com SI P/ 2.0
Via: SIP/2.0/ TCP ssl. a. exanpl e. com 5060; branch=z9h&4bK2d4790. 1
Via: SIP/ 2.0/ TCP client.a.exanpl e.com 5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101
Max- Forwar ds: 69
From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76s
To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>
; tag=314159
Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com
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CSeq: 2 BYE
Content -Length: O

F16 200 OK NGW 1l -> Proxy 1

SIP/2.0 200 &K

Via: SIP/ 2.0/ TCP ssl. a. exanpl e. com 5060; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

Via: SIP/ 2.0/ TCP client.a.exanpl e.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76s

To: Bob <sip: +19725552222@s1. a. exanpl e. cony user =phone>

; tag=314159
Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com
CSeq: 2 BYE

Content -Length: O

F17 200 OK Proxy 1 -> A

SIP/2.0 200 OK

Via: SIP/ 2.0/ TCP client.a.exanpl e.com 5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76s

To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>

; tag=314159
Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com
CSeq: 2 BYE

Content -Length: O
F18 REL NGW1 -> B
REL

CauseCode=16 Nor nal

F19 RLC B -> NGW 1

RLC
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2.2. Successful SIP to | SDN PBX call
Alice Proxy 1 GwW1 PBX C

| | | |
|  INVITE F1 | | |
oo >| | |
| 100 F2 | | |
. | INVITE F3 | |
| R LR >| |
| | 100 F4 | |
| | <ommmmmee e | SETUP F5 |
| R e >|
| | | CALL PROC F6 |
| | | <o |
| | | PROGress F7 |
| | 180 F8 | < mmmeeeeeeeee |
| 180 F9 | <mmmm e | |
s | | |

| | | ©One Wy Voice |
| | | <:::::::::::::::|
| | |  CONNect F10 |
| | | <o |
| | | CONNect ACK F11]
| | 200 F12  [--eeeeeeeooo- >|
| 200 F13 [ <e---mmmmeeeoe- | |
e EEEEEE | | |
| ACK F14 | | |
[EEEEET IR >| ACK F15 | |
| EERTTRTEERE >| o
| Both Wy RTP Medi a | Both Way Voice |
| <:::::::::::::::::::::::::::::::>| <::::::::::::::>|
| BYE F16 | | |
[-ommmmm - >| BYE F17 | |
| oo >| |
| | 200 F18 | |
| 200 F19 | <=---memeeeea- | DI SConnect F20 |
e | et >|
| | | RELease F21 |
| | | <o |
| | | RELease COM F22|
| | [ >|
| |

Alice is a SIP device while Carol
The PBX connection is via a | SDN trunk group.
(918-555-3333) which is globalized and put

to a PBX

Carol’ s tel ephone numnber

into a SIP URI.

Johnston, et al.

Best Current Practice

is connected via a Gateway (GW 1)

Alice dials

[ Page 15]
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The host portion of the Request-URI in the INVITE F3 is used to
identify the context (custoner, trunk group, or line) in which the
private nunmber 444-3333 is valid. Oherwise, this INVITE nessage
could get forwarded by GW1 and the context of the digits could
becone | ost and the call unroutable.

Proxy 1 | ooks up the tel ephone nunber and | ocates the gateway that
serves Carol. Carol is identified by its extension (444-3333) in the
Request-URlI sent to GW 1.

Note that the Contact URI for GWN1, as used in nessages F8, F9, F12,
and F13, is sips:4443333@wl. a. exanpl e.com which resolves directly
to the gateway.

This flow shows the use of Secure SIP (sips) URIs.
Message Details
F1 INVITE Alice -> Proxy 1

I NVI TE si ps: +19185553333@s1. a. exanpl e. com user =phone SIP/ 2.0
Via: SIP/ 2.0/ TLS client.a.exanple.com5061; branch=z9hG4bK74bf 9
Max- Forwards: 70
From Alice <sips:+13145551111@s1. a. exanpl e. cony user =phone>
; tag=9f xced76s
To: Carol <sips:+19185553333@s1l. a. exanpl e. cony user =phone>
Cal | -1 D 2xTh9vxSi t 55XU7p8@x. exanpl e. com
CSeq: 2 INVITE
Contact: <sips:alice@lient.a.exanple.conp
Proxy- Aut hori zati on: Digest usernane="alice",
real m="a. exanpl e. cont, nonce="qgo0dc3ab5ab22aa931904badf alcf 5j 9h"
opaque="", uri="sips: +19185553333@s1. a. exanpl e. con user =phone"
response="6¢792f 5¢9f a360358b93c7f b826bf 550"
Cont ent - Type: application/sdp
Cont ent - Lengt h: 154

v=0

o=al i ce 2890844526 2890844526 IN I P4 client.a.exanple.com
S=-

c=INI1P4 client.a.exanple.com

t=0 0

mFaudi o 49172 RTP/ AVP 0O
a=rtpmap: 0 PCMJ 8000

F2 100 Trying Proxy 1 -> Alice

SIP/2.0 100 Trying
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Via: SIP/2.0/TLS client.a.exanpl e.com5061; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

From Alice <sips:+13145551111@s1. a. exanpl e. cony user =phone>
; tag=9f xced76s

To: Carol <sips:+19185553333@sl. a. exanpl e. cony user =phone>
Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 2 INVITE

Content -Length: O

F3 INVITE Proxy 1 -> GW1

| NVI TE si ps: 4443333@wl. a. exanpl e.com SIP/ 2.0

Via: SIP/2.0/TLS ssl. a. exanpl e. com 5061; branch=z9hG4bK2d4790. 1

Via: SIP/2.0/TLS client. a.exanpl e.com5061; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

Max- Forwar ds: 69

Recor d- Rout e: <sips:ssl. a.exanple.comlr>

From Alice <sips:+13145551111@s1. a. exanpl e. cony user =phone>
; tag=9f xced76s

To: Carol <sips:+19185553333@s1l. a. exanpl e. cony user =phone>

Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 2 INVITE

Contact: <sips:alice@lient.a.exanple.conp

Cont ent - Type: application/sdp

Cont ent - Lengt h: 154

v=0

o=al i ce 2890844526 2890844526 IN I P4 client.a.exanple.com
S=-

c=INI1P4 client.a.exanple.com

t=0 0

mFaudi o 49172 RTP/ AVP 0O
a=rtpmap: 0 PCMJ 8000

F4 100 Trying GW-> Proxy 1

SIP/2.0 100 Trying

Via: SIP/2.0/TLS ssl. a.exanpl e. com 5061; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

From Alice <sips:+13145551111@s1. a. exanpl e. cony user =phone>
; tag=9f xced76s

To: Carol <sips:+19185553333@s1l. a. exanpl e. cony user =phone>

Cal | -1 D 2xTbh9vxSi t 55XU7p8@x. exanpl e. com

CSeq: 2 INVITE

Content -Length: O
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F5 SETUP GW 1 -> Carol

Prot ocol discrimn nator=Q 931

Message type=SETUP

Bearer capability: Information transfer capability=0 (Speech) or 16
(3.1 kHz audi o)

Channel identification=Preferred or exclusive B-channel

Progress indicator=1 (Call is not end-to-end |ISDN;further call
progress informati on nmay be avail abl e i nband)

Cal l ed party nunber:

Type of nunber unknown

Di gi t s=444- 3333

F6 CALL PROCeeding Carol-> GWV1

Prot ocol discrimn nator=Q 931
Message type=CALL PROC
Channel identification=Exclusive B-channel

F7 PROGess Carol-> GW1

Prot ocol discrimn nator=Q 931

Message type=PROG

Progress indicator=1 (Call is not end-to-end |ISDN;further call
progress informati on nmay be avail abl e i nband)

F8 180 Ringing GW1 -> Proxy 1

SIP/2.0 180 Ringing

Via: SIP/2.0/TLS ssl. a.exanpl e. com 5061; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

Via: SIP/2.0/TLS client.a.exanpl e.com5061; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

Recor d- Rout e: <sips:ssl. a.exanple.comlr>

From Alice <sips:+13145551111@s1. a. exanpl e. cony user =phone>
; tag=9f xced76s

To: Carol <sips:+19185553333@sl. a. exanpl e. cony user =phone>
; tag=314159

Cal | -1 D 2xTbh9vxSi t 55XU7p8@x. exanpl e. com

CSeq: 2 INVITE

Cont act: <sips: 4443333@wl. a. exanpl e. conp

Content -Length: O
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F9 180 Ringing Proxy 1 -> Alice

SIP/2.0 180 Ringing

Via: SIP/2.0/TLS client. a.exanpl e.com5061; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

Recor d- Rout e: <si ps:ssl. a.exanple.comlr>

From Alice <sips:+13145551111@s1. a. exanpl e. cony user =phone>
; tag=9f xced76s

To: Carol <sips:+19185553333@sl. a. exanpl e. cony user =phone>
; tag=314159

Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 2 INVITE

Cont act: <sips: 4443333@wl. a. exanpl e. conp

Content -Length: O

F10 CONNect Carol-> GW1

Prot ocol discrimn nator=Q 931
Message type=CONN

F11 CONNect ACK GW1 -> Carol

Prot ocol discrimn nator=Q 931
Message type=CONN ACK

F12 200 OK GW1 -> Proxy 1

SIP/2.0 200 &K

Via: SIP/2.0/TLS ssl. a.exanpl e. com 5061; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

Via: SIP/2.0/TLS client.a.exanpl e.com5061; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

Recor d- Rout e: <sips:ssl. a.exanple.comlr>

From Alice <sips:+13145551111@s1. a. exanpl e. cony user =phone>
; tag=9f xced76s

To: Carol <sips:+19185553333@s1l. a. exanpl e. cony user =phone>
; tag=314159

Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 2 INVITE

Cont act: <sips: 4443333@wl. a. exanpl e. conp

Cont ent - Type: application/sdp

Content - Lengt h: 144

v=0
0=GW 2890844527 2890844527 IN | P4 gwl. a. exanpl e. com
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S=-
c=IN I P4 gwl. a. exanpl e. com
t=0 0

mFaudi o 3456 RTP/ AVP 0O
a=rtpmap: 0 PCMJ 8000

F13 200 K Proxy 1 -> Alice

SIP/2.0 200 &K

Via: SIP/2.0/TLS client. a.exanpl e.com5061; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

Recor d- Rout e: <si ps:ssl. a.exanple.comlr>

From Alice <sips:+13145551111@s1. a. exanpl e. cony user =phone>
; tag=9f xced76s

To: Carol <sips:+19185553333@sl. a. exanpl e. cony user =phone>
; tag=314159

Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 2 INVITE

Cont act: <sips: 4443333@wl. a. exanpl e. conp

Cont ent - Type: application/sdp

Cont ent - Lengt h: 144

v=0

0=GW 2890844527 2890844527 IN | P4 gwl. a. exanpl e. com
S=-

c=IN I P4 gwl. a. exanpl e. com

t=0 0

mFaudi o 3456 RTP/ AVP 0O

a=rtpmap: 0 PCMJ 8000

F14 ACK Alice -> Proxy 1

ACK si ps: 4443333@wl. a. exanpl e.com SI P/ 2.0
Via: SIP/2.0/TLS client. a.exanpl e.com5061; branch=z9hG4bK74bf 9
Max- Forwar ds: 70
Rout e: <sips:ssl. a.exanple.comlr>
From Alice <sips:+13145551111@s1. a. exanpl e. cony user =phone>
; tag=9f xced76s
To: Carol <sips:+19185553333@sl. a. exanpl e. cony user =phone>

; tag=314159
Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com
CSeq: 2 ACK

Content -Length: O
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F15 ACK Proxy 1 -> GW1

ACK si ps: 4443333@wl. a. exanpl e.com SI P/ 2.0

Via: SIP/2.0/TLS ssl. a. exanpl e. com 5061; branch=z9hG4bK2d4790. 1

Via: SIP/2.0/TLS client. a.exanpl e.com5061; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

Max- Forwar ds: 69

From Alice <sips:+13145551111@s1. a. exanpl e. cony user =phone>
; tag=9f xced76s

To: Carol <sips:+19185553333@s1l. a. exanpl e. cony user =phone>

; tag=314159
Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com
CSeq: 2 ACK

Content -Length: O

/* Al'ice Hangs Up with Bob. */

F16 BYE Alice -> Proxy 1

BYE si ps: 4443333@wLl. a. exanpl e.com SI P/ 2.0

Via: SIP/2.0/TLS client.a.exanple.com5061; branch=z9hG4bK74bf 9
Max- Forwards: 70

Rout e: <sips:ssl. a.exanple.comlr>

From Alice <sips:+13145551111@s1. a. exanpl e. cony user =phone>
; tag=9f xced76s

To: Carol <sips:+19185553333@s1l. a. exanpl e. cony user =phone>
; tag=314159

Cal | -1 D 2xTh9vxSi t 55XU7p8@x. exanpl e. com

CSeq: 3 BYE

Content -Length: O

F17 BYE Proxy 1 -> GW1

BYE si ps: 4443333@wLl. a. exanpl e.com SI P/ 2.0
Via: SIP/2.0/TLS ssl. a.exanpl e. com 5061; branch=z9h&4bK2d4790. 1
Via: SIP/2.0/TLS client. a.exanpl e.com5061; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101
Max- Forwar ds: 69
From Alice <sips:+13145551111@s1. a. exanpl e. cony user =phone>
; tag=9f xced76s
To: Carol <sips:+19185553333@s1l. a. exanpl e. cony user =phone>
; tag=314159
Cal | -1 D 2xTbh9vxSi t 55XU7p8@x. exanpl e. com
CSeq: 3 BYE
Content -Length: O
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F18 200 OK GW1 -> Proxy 1

SIP/2.0 200 K

Via: SIP/2.0/TLS ssl. a.exanpl e. com 5061; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

Via: SIP/2.0/TLS client. a.exanpl e.com5061; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

From Alice <sips:+13145551111@s1. a. exanpl e. cony user =phone>
; tag=9f xced76s

To: Carol <sips:+19185553333@s1l. a. exanpl e. cony user =phone>
; tag=314159

Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 3 BYE

Content -Length: O

F19 200 OK Proxy 1 -> A

SIP/2.0 200 &K

Via: SIP/2.0/TLS client.a.exanple.com5061; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

From Alice <sips:+13145551111@s1. a. exanpl e. cony user =phone>
; tag=9f xced76s

To: Carol <sips:+19185553333@s1l. a. exanpl e. cony user =phone>
; tag=314159

Cal | -1 D 2xTh9vxSi t 55XU7p8@x. exanpl e. com

CSeq: 3 BYE

Content -Length: O

F20 DI SConnect GW1 -> Carol
Prot ocol discrimn nator=Q 931

Message type=Dl SC
Cause=16 (Normal clearing)

F21 RELease Carol-> GN 1

Prot ocol discrimn nator=Q 931
Message type=REL

F22 RELease COWlete GW1 -> Carol

Prot ocol discrimn nator=Q 931
Message type=REL COM
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2.3. Successful SIPto ISUP PSTN call with overfl ow
Alice Proxy 1 NGW 1 NGW 2 Switch B
I I I I I
| I NVI TE F1 | | | |
| -----mmme - >| I I I
| | I N\VI TE F2 | | |
| 100 F3 [------------- >| | |
| <-----mmma-- | 503 F4 | | |
I | <------------- I I I
I I ACK F5 I I I
I |------m---- - >| I I
| | | N\VI TE F6 | |
| I L >| | AM F7 |
I I |------mmm-- - >|
| | | ACM F8 |
| | 183 F9 I |
| 183 F10 I | |
| <mm e | | | ]
| Two WAy RTP Medi a | One Way Voi ce|
| <::::::::::::::::::::::::::::::::::::::::::>| <:::::::::::::|
| | | ANM F11 |
| | 200 F12 I |
| 200 F13 I | |
| < | | |
| ACK F14 | | |
[~ - >| ACK F15 | |
| | oo > ]
| Both Way RTP Medi a | Both Way Voi ce|
| BYE F16 | | |
T >| BYE F17 | |
| R R REEEEEEEE > |
| | 200 F18 | |
| 200 F19 S | REL F20 |
| <mm e | Rt >
| | RLC F21 |
| ESERREEEEEEEEE |
I

Alice calls Bob through Proxy 1.
Gat eway NGW 1.
Servi ce Unavail abl e (F4).

NGW 2.

Proxy 1 tries to route to a Network

Bob answers the call.

The cal |

The cal |

NGW 1 is not available and responds with a 503
is then routed to Network Gateway

is term nated when Alice

Johnst on,

di sconnects the call.
si gnal i ng.

et al.

NGW 2 and Bob’s tel ephone switch use ANSI

Best Current Practice

| SUP

[ Page 23]



RFC 3666 SIP PSTN Call Fl ows Decenber 2003

NGW 2 al so only accepts SIP nessages that conme through Proxy 1, so
the Contact URI sip:ngw2@. exanple.comis used in this flow

This fl ow shows UDP transport.
Message Details
F1 INVITE Alice -> Proxy 1

I NVI TE si p: +19725552222@&s1. a. exanpl e. com user =phone SIP/ 2.0

Via: SIP/2.0/UDP client.a.exanple.com5060; branch=z9hG4bK74bf 9

Max- Forwards: 70

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76sl

To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>

Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:alice@lient.a.exanple.conr

Proxy- Aut hori zati on: Digest usernane="alice",
real m="a. exanpl e. com', nonce="b59311c3ba05b401cf 80b2a2c5ac51b0",
opaque="", uri="sip: +19725552222@s1. a. exanpl e. com user =phone",
response="bha6ab44923f a2614b28e3e3957789ab0"

Cont ent - Type: application/sdp

Cont ent - Lengt h: 154

v=0

o=al i ce 2890844526 2890844526 IN I P4 client.a.exanple.com
S=-

c=IN1P4 client.a.exanple.com

t=0 0

mFaudi o 49172 RTP/ AVP 0O
a=rtpmap: 0 PCMJ 8000

/* Proxy 1 uses a Location Service function to deternine where Bis
|l ocated. Proxy 1 receives a primary route NGW 1l and a secondary
route NGW2. NGW1 is tried first */

F2 INVITE Proxy 1 -> NGW1

| NVI TE si p: +19725552222@gwl. a. exanpl e. com user =phone SI P/ 2.0
Via: SIP/2.0/UDP ssl. a.exanpl e.com 5060; branch=z9h&4bK2d4790. 1
Via: SIP/2.0/UDP client.a.exanple.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101
Max- Forwar ds: 69
Recor d- Rout e: <sip:ssl.a.exanple.comlr>
From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76sl
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To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>
Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:alice@lient.a.exanple.conpr

Cont ent - Type: application/sdp

Cont ent - Lengt h: 154

v=0

o=al i ce 2890844526 2890844526 IN I P4 client.a.exanple.com
S=-

c=IN I1P4 client.a.exanple.com

t=0 0

mFaudi o 49172 RTP/ AVP 0
a=rtpmap: 0 PCMJ 8000

F3 100 Trying Proxy 1 -> Alice

SIP/2.0 100 Trying

Via: SIP/2.0/UDP ssl. a.exanpl e.com 5060; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

Via: SIP/2.0/UDP client.a.exanple.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76s

To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>

Cal | -1 D 2xTh9vxSi t 55XU7p8@x. exanpl e. com

CSeq: 1 INVITE

Content -Length: O

F4 503 Service Unavailable NGW1 -> Proxy 1

SIP/2.0 503 Service Unavail abl e

Via: SIP/2.0/UDP ssl. a.exanpl e.com 5060; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

Via: SIP/2.0/UDP client.a.exanple.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76s

To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>
; tag=123456789

Cal | -1 D 2xTbh9vxSi t 55XU7p8@x. exanpl e. com

CSeq: 1 INVITE

Content -Length: O

Johnston, et al. Best Current Practice [ Page 25]



RFC 3666 SIP PSTN Call Fl ows Decenber 2003

F5 ACK Proxy 1 -> NGW1

ACK si p: ngwl@. exanpl e.com SIP/ 2.0
Via: SIP/2.0/UDP ssl. a.exanpl e. com 5060; branch=z9h&4bK2d4790. 1
Max- Forwar ds: 70
From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76sl
To: Bob <sip: +19725552222@s1. a. exanpl e. conp; user =phone>
; tag=123456789
Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com
CSeq: 1 ACK
Content -Length: O

/* Proxy 1 now tries secondary route to NGW2 */

F6 INVITE Proxy 1 -> NGW 2

| NVI TE si p: +19725552222@gw2. a. exanpl e. com user =phone SI P/ 2.0

Via: SIP/2.0/UDP ssl. a.exanpl e.com 5060; branch=z9h&4bK2d4790. 2

Via: SIP/2.0/UDP client.a.exanple.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

Max- Forwar ds: 69

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76sl

To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>

Cal I -1 D 2xTb9vxSi t 55XU7p8@. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:alice@lient.a.exanple.conr

Cont ent - Type: application/sdp

Cont ent - Lengt h: 154

v=0

o=al i ce 2890844526 2890844526 IN I P4 client.a.exanmple.com
S=-

c=IN1P4 client.a.exanple.com

t=0 0

mFaudi o 49172 RTP/ AVP 0
a=rtpmap: 0 PCMJ 8000

F7 | AM NGW 2 -> Bob

| AM

CdPN=972- 555- 2222, NPI =E. 164, NOA=Nat i onal
CgPN=314-555-1111, NPI =E. 164, NOA=Nat i onal
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F8 ACM Bob -> NGW 2

ACM

F9 183 Session Progress NGW2 -> Proxy 1

SIP/2.0 183 Session Progress

Via: SIP/2.0/UDP ssl. a.exanpl e.com 5060; branch=z9h&4bK2d4790. 2
:recei ved=192. 0. 2. 111

Via: SIP/2.0/UDP client.a.exanple.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76s

To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>
; tag=314159

Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:ngw2@. exanpl e. conr

Cont ent - Type: application/sdp

Cont ent - Lengt h: 146

v=0

0=GW 2890844527 2890844527 IN | P4 ngw2. a. exanpl e. com
S=-

c=I N I P4 ngw2. a. exanpl e. com

t=0 0

mFaudi o 3456 RTP/ AVP 0O

a=rtpmap: 0 PCMJ 8000

/* RTP packets are sent by GNto A for audio (e.g. ring tone) */

F10 183 Session Progress Proxy 1 -> Alice

SIP/2.0 183 Session Progress

Via: SIP/2.0/UDP client.a.exanple.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76s

To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>
; tag=314159

Cal | -1 D 2xTbh9vxSi t 55XU7p8@x. exanpl e. com

CSeq: 1 INVITE

Cont act: <sip: ngw2@. exanpl e. conr

Cont ent - Type: application/sdp
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Cont ent - Lengt h: 146

v=0

0=GW 2890844527 2890844527 I N | P4 ngw2. a. exanpl e. com
S=-

c=I N I P4 ngw2. a. exanpl e. com

t=0 0

mFaudi o 3456 RTP/ AVP 0O

a=rtpmap: 0 PCMJ 8000

F11 ANM Bob -> NGW 2

ANM

F12 200 OK NGW 2 -> Proxy 1

SIP/2.0 200 &K

Via: SIP/2.0/UDP ssl. a.exanpl e.com 5060; branch=z9h&4bK2d4790. 2
:recei ved=192. 0. 2. 111

Via: SIP/2.0/UDP client.a.exanple.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From Alice <sip:+13145551111@s1l. a. exanpl e. com user =phone>
; tag=9f xced76sl

To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>
; tag=314159

Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:ngw2@. exanpl e. conr

Cont ent - Type: application/sdp

Cont ent - Lengt h: 146

v=0

0=GW 2890844527 2890844527 I N | P4 ngw2. a. exanpl e. com
S=-

c=I N I P4 ngw2. a. exanpl e. com

t=0 0

mFaudi o 3456 RTP/ AVP 0O

a=rtpmap: 0 PCMJ 8000

F13 200 K Proxy 1 -> Alice
SIP/2.0 200 &K

Via: SIP/2.0/UDP client.a.exanple.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101
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Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From Alice <sip:+13145551111@s1. a. exanpl e. com user =phone>
; tag=9f xced76s

To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>
; tag=314159

Cal | -1 D 2xTh9vxSi t 55XU7p8@x. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:ngw2@. exanpl e. conr

Cont ent - Type: application/sdp

Cont ent - Lengt h: 146

v=0

0=GW 2890844527 2890844527 I N | P4 ngw2. a. exanpl e. com
S=-

c=I N I P4 ngw2. a. exanpl e. com

t=0 0

mFaudi o 3456 RTP/ AVP 0O

a=rtpmap: 0 PCMJ 8000

F14 ACK Alice -> Proxy 1

ACK si p: ngw2@. exanpl e.com SI P/ 2.0
Via: SIP/2.0/UDP client.a.exanple.com5060; branch=z9hG4bK74bf 9
Max- Forwards: 70
Rout e: <ssl. a.exanple.comlr>
From Alice <sip:+13145551111@s1l. a. exanpl e. com user =phone>
; tag=9f xced76s
To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>

; tag=314159
Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com
CSeq: 1 ACK

Content -Length: O

F15 ACK Proxy 1 -> NGW?2

ACK si p: ngw2@. exanpl e.com SIP/ 2.0

Via: SIP/2.0/UDP ssl. a.exanpl e. com 5060; branch=z9h&4bK2d4790. 2

Via: SIP/2.0/UDP client.a.exanple.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

Max- Forwar ds: 69

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76s

To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>

; tag=314159
Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com
CSeq: 1 ACK
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Content -Length: O
/* RTP streans are established between A and B(via the GN */

/* Al'ice Hangs Up with Bob. */

F16 BYE Alice -> Proxy 1

BYE si p: ngw2@. exanpl e. com SI P/ 2.0
Via: SIP/2.0/UDP client.a.exanple.com5060; branch=z9hG4bK74bf 9
Max- Forwar ds: 70
Rout e: <ssl. a.exanple.comlr>
From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76s
To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>

; tag=314159
Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com
CSeq: 2 BYE

Content -Length: O

F17 BYE Proxy 1 -> NGW?2

BYE si p: ngw2@. exanpl e. com SI P/ 2.0

Via: SIP/2.0/UDP ssl.a.exanpl e.com 5060; branch=z9h&4bK2d4790. 2

Via: SIP/2.0/UDP client.a.exanple.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

Max- Forwar ds: 69

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76s

To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>

; tag=314159
Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com
CSeq: 2 BYE

Content -Length: O

F18 200 OK NGW 2 -> Proxy 1

SIP/2.0 200 K

Via: SIP/2.0/UDP ssl.a.exanpl e.com 5060; branch=z9h&4bK2d4790. 2
:recei ved=192. 0. 2. 111

Via: SIP/2.0/UDP client.a.exanple.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76s

To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>
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; tag=314159
Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com
CSeq: 2 BYE

Content -Length: O

F19 200 OK Proxy 1 -> Alice

SIP/2.0 200 &K

Via: SIP/2.0/UDP client.a.exanple.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76s

To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>

; tag=314159
Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com
CSeq: 2 BYE

Content -Length: O
F20 REL NGW 2 -> B
REL

CauseCode=16 Nor nal

F21 RLC B -> NGW 2

RLC
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2.4. Successful SIP to SIP using ENUM Query

Alice DNS Server Proxy 3 Bob

I I I
| ENUM Query F1 |

| | N\VI TE F3
[ = m o m e > | N\VI TE F4
| 100 F5 [------mmmmm - >
SRR e | 180 F6
| 180 F7 [ <---mmmmie - |
| <mmmmmmmm e I
| | 200 F8 |
| 200 F9 [ <---mmmmie - |
| <-mmmmmmm e I I
| ACK F10 | |
I e >| ACK F11 |
I [---mmmmmme - >|
| Both Wy RTP Medi a |
| | BYE F12 |
| BYE F13 S |
| <mmmmmmmm e I I
| 200 F14 | |
[ = - mmm >| 200 F15 |
I [---mmmmme - >|
I

In this scenario, Alice places a call to Bob by dialing Bob's

t el ephone nunber (9725552222). Alice’s UA converts the phone nunber
to an E. 164 nunber (+19725552222), and perfornms an ENUM query [9] on
the E. 164 nunber (2.2.2.2.5.5.5.2.7.9.1.el164.arpa), which returns a
NAPTR record containing a SIP ACR URI for Bob

(sip: +19725552222@. exanpl e.com). As a result, Alice’s UA sends an
INVITE and the call conpletes over |P bypassing the PSTN

The call is term nated when Bob sends a BYE nessage.
Message Details
F1 ENUM Query Alice -> DNS Server

2.2.2.2.5.5.5.2.7.9.1.el64. arpa
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F2 ENUM NAPTR Set DNS Server -> Alice

$ORIGN 2.2.2.2.5.5.5.2.7.9.1.el64. ar pa.
I N NAPTR 100 10 "u" "si p+E2U"
"IN *$lsiop: +19725552222@. exanpl e. coml .

F3 INVITE Alice -> Proxy 3

| NVI TE si p: +19725552222@. exanpl e.com SI P/ 2.0

Via: SIP/2.0/UDP client.a.exanple.com5060; branch=z9hG4bK74bf 9
Max- Forwar ds: 70

From <sip:+13145551111@x. exanpl e. conp; t ag=9f xced76sl

To: <tel:+19725552222>

Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 2 INVITE

Contact: <sip:+13145551111@l i ent. a. exanpl e. conp

Cont ent - Type: application/sdp

Cont ent - Lengt h: 154

v=0

o=al i ce 2890844526 2890844526 IN I P4 client.a.exanple.com
S=-

c=IN 1P4 client.a.exanple.com

t=0 0

mFaudi o 49172 RTP/ AVP 0O

a=rtpmap: 0 PCMJ 8000

F4 I NVITE Proxy 3 -> Bob

| NVI TE si p: +19725552222@! i ent . b. exanpl e. com SI P/ 2. 0

Via: SIP/2.0/UDP ss3.b. exanpl e. com 5060; br anch=z9h4bK721e418c4. 1

Via: SIP/2.0/UDP client.a.exanple.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

Max- Forwar ds: 69

Recor d- Rout e: <si p:ss3. b. exanple.com|r>

From <sip:+13145551111@. exanpl e. conp; t ag=9f xced76sl

To: <tel:+19725552222>

Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 2 INVITE

Contact: <sip:+13145551111@l i ent. a. exanpl e. conp

Cont ent - Type: application/sdp

Cont ent - Lengt h: 154

v=0

o=User A 2890844526 2890844526 IN I P4 client.a.exanmple.com
S=-
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c=IN 1P4 client.a.exanple.com
t=0 0

mraudi o 49172 RTP/ AVP 0O
a=rtpmap: 0 PCMJ 8000

F5 100 Trying Proxy 3 -> Alice

SIP/2.0 100 Trying

Via: SIP/2.0/UDP client.a.exanple.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

From <sip:+13145551111@x. exanpl e. conp; t ag=9f xced76sl

To: <tel:+19725552222>

Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 2 INVITE

Content -Length: O

F6 180 Ringing B -> Proxy 3

SIP/2.0 180 Ringing

Via: SIP/2.0/UDP ss3.b. exanpl e. com 5060; br anch=z9h4bK721e418c4. 1
:recei ved=192. 0. 2. 233

Via: SIP/2.0/UDP client.a.exanple.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

Recor d- Rout e: <si p:ss3. b. exanple.com|r>

From <sip:+13145551111@. exanpl e. conp; t ag=9f xced76sl

To: <tel:+19725552222>; tag=314159

Cal I -1 D 2xTb9vxSi t 55XU7p8@. exanpl e. com

CSeq: 2 INVITE

Contact: <sip: +19725552222@l i ent . b. exanpl e. conp

Content -Length: O

F7 180 Ringing Proxy 3 -> Alice

SIP/2.0 180 Ringing

Via: SIP/2.0/UDP client.a.exanple.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

Recor d- Rout e: <si p:ss3. b. exanple.com|r>

From <sip:+13145551111@. exanpl e. conp; t ag=9f xced76sl

To: <tel:+19725552222>; t ag=314159

Cal I -1 D 2xTb9vxSi t 55XU7p8@. exanpl e. com

CSeq: 2 INVITE

Contact: <sip: +19725552222@l i ent . b. exanpl e. conp

Content -Length: O
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F8 200 OK Bob -> Proxy 3

SIP/2.0 200 &K

Via: SIP/2.0/UDP ss3.b. exanpl e. com 5060; br anch=z9h4bK721e418c4. 1
:recei ved=192. 0. 2. 233

Via: SIP/2.0/UDP client.a.exanple.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

Recor d- Rout e: <si p:ss3. b. exanple.coml|r>

From <sip:+13145551111@. exanpl e. conp; t ag=9f xced76sl

To: <tel:+19725552222>; tag=314159

Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 2 INVITE

Contact: <sip:+19725552222@l i ent.b. exanpl e. conmtransport=tcp>

Cont ent - Type: application/sdp

Cont ent - Lengt h: 151

v=0

o=bob 2890844527 2890844527 IN I P4 client.b.exanple.com
S=-

c=IN 1P4 client.b.exanple.com

t=0 0

mFaudi o 3456 RTP/ AVP 0O

a=rtpmap: 0 PCMJ 8000

F9 200 OK Proxy -> Alice

SIP/2.0 200 &K

Via: SIP/2.0/UDP client.a.exanple.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

Recor d- Rout e: <si p:ss3. b. exanple.com|r>

From <sip:+13145551111@. exanpl e. conp; t ag=9f xced76sl

To: <tel:+19725552222>; tag=314159

Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 2 INVITE

Contact: <sip: +19725552222@l i ent . b. exanpl e. conp

Cont ent - Type: application/sdp

Cont ent - Lengt h: 151

v=0

o=bob 2890844527 2890844527 IN I P4 client.b.exanple.com
S=-

c=IN1P4 192.0.2.100

t=0 0

mFaudi o 3456 RTP/ AVP 0O

a=rtpmap: 0 PCMJ 8000
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F10 ACK Alice -> Proxy 3

ACK si p: +19725552222@l i ent . b. exanpl e.com SI P/ 2.0

Via: SIP/2.0/UDP client.a.exanple.com5060; branch=z9hG4bK74bq9
Max- Forwards: 70

Rout e: <si p:ss3.b. exanpl e. com | r>

From <sip:+13145551111@x. exanpl e. conp; t ag=9f xced76s

To: <tel:+19725552222>; tag=314159

Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 2 ACK

Content -Length: O

F11 ACK Proxy 3 -> Bob

ACK si p: +19725552222@l i ent . b. exanpl e.com SI P/ 2.0

Via: SIP/2.0/UDP ss3.b. exanpl e. com 5060; br anch=z9h4bK721e418c4. 1

Via: SIP/2.0/UDP client.a.exanple.com5060; branch=z9hG4bK74bq9
:recei ved=192. 0. 2. 101

Max- Forwar ds: 69

From <sip:+13145551111@x. exanpl e. conp; t ag=9f xced76s

To: <tel:+19725552222>; t ag=314159

Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 2 ACK

Cont ent - Type: application/sdp

Content -Length: O

/* RTP streams are established between A and B*/

/* User B Hangs Up with User A */

F12 BYE Bob -> Proxy 3

BYE si p: +13145551111@l i ent. a. exanmpl e. com SI P/ 2.0

Via: SIP/2.0/UDP client.b.exanple.com5060; branch=z9hG4bKf gaw2
Max- Forwards: 70

Rout e: <sip:ss3.b.exanple.comlr>

From <tel:+19725552222>;tag=314159

To: <sip:+13145551111@. exanpl e. conp; t ag=9f xced76s

Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 1 BYE

Content -Length: O

F13 BYE Proxy 3 -> Alice

BYE si p: +13145551111@l i ent. a. exanmpl e.com SI P/ 2.0
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Via: SIP/2.0/UDP ss3.b. exanpl e. com 5060; br anch=z9h4bK721e418c4. 1
:recei ved=192. 0. 2. 100

Via: SIP/2.0/UDP client.b.exanple.com5060; branch=z9hG4bKf gaw2
Max- Forwar ds: 69

From <tel:+19725552222>;tag=314159

To: <sip:+13145551111@. exanpl e. conp; t ag=9f xced76s

Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 1 BYE

Content -Length: O

F14 200 OK Alice -> Proxy 3

SIP/2.0 200 K

Via: SIP/2.0/UDP ss3.b. exanpl e. com 5060; br anch=z9h4bK721e418c4. 1
:recei ved=192. 0. 2. 233

Via: SIP/2.0/UDP client.b.exanple.com5060; branch=z9hG4bKf gaw2
:recei ved=192. 0. 2. 100

From <tel:+19725552222>;tag=314159

To: <sip:+13145551111@. exanpl e. conp; t ag=9f xced76s

Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 1 BYE

Content -Length: O

F15 200 OK Proxy 3 -> Bob

SIP/2.0 200 &K

Via: SIP/2.0/UDP client.b.exanple.com5060; branch=z9hG4bKf gaw2
:recei ved=192. 0. 2. 100

From <tel:+19725552222>;tag=314159

To: <sip:+13145551111@. exanpl e. conp; t ag=9f xced76s

Cal | -1 D 2xTbh9vxSi t 55XU7p8@x. exanpl e. com

CSeq: 1 BYE

Content -Length: O
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2. 5.

Alice

Unsuccessf ul

SIP to PSTN cal | :

SI P PSTN Cal |

Fl ows

Treatment from PSTN

Proxy 1 NGW 1 Bob

I I I

| N\VI TE F1 | | |

--------------- > | |

100 F2 | | |

e |  INVITE F3 | |

R EEREREES > |

| 100 F4 | |

| <emmmme o | | AM F5 |

| R L EPEEEE >

| | ACM F6 |

| 183 F7 R |

183 F8 | <---mmmemaea - | |
Cemmmmmmemeaeaa |

Two Way RTP Medi a | ©One Wy Voice |

<:::::::::::::::::::::::::::::::>| <:::::::::::::::|

Treat ment Applied |

<:::::::::::::::::::::::::::::::::::::::::::::::::|

CANCEL F9 | | |

|- > | |

200 F10 | | |

S L | CANCEL F11 | |

R et > |

| 200 F12 | |

| <emmmme o | REL F13 |

| EERREEEERETEEES >

| | RLC F14 |

| 487 F15 | emmmeime oo |

| < |

| ACK F16 | |

487 F17 I >| |

P REEE | | |

ACK F18 | | |

I I

I I

Alice calls Bob in the PSTN through a proxy server
Net wor k Gat eway NGW 1.
i n-band treatnment (tone or
treat nent and then hangs up,
sent to term nate the call.

The cal

recording) played.
which results in a CANCEL (F9) being
(A BYE is not sent since no fina

response was ever received by Aice.)

Johnst on,

et al.

Best Current Practice

Decenber 2003
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is rejected by the PSTN with an
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Message Details
F1 INVITE Alice -> Proxy 1

I NVI TE si p: +19725552222@&s1. a. exanpl e. com user =phone SI P/ 2.0

Via: SIP/2.0/UDP client.a.exanple.com5060; branch=z9hG4bK74bf 9
Max- Forwards: 70

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76s

To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>

Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:alice@lient.a.exanple.conpr

Proxy- Aut hori zati on: Digest usernane="alice",
real m="a. exanpl e. com', nonce="01cf 8311c3b0b2a2c5ac51bb59a05b40"
opaque="", uri="sip: +19725552222@s1. a. exanpl e. com user =phone",
response="el78f be430e6680a1690261af 8831f 40"

Cont ent - Type: application/sdp

Cont ent - Lengt h: 154

v=0

o=al i ce 2890844526 2890844526 IN I P4 client.a.exanple.com
S=-

c=IN I1P4 client.a.exanple.com

t=0 0

mFaudi o 49172 RTP/ AVP 0O
a=rtpmap: 0 PCMJ 8000

F2 100 Trying Proxy 1 -> A

SIP/2.0 100 Trying

Via: SIP/2.0/UDP client.a.exanple.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76s

To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>

Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 1 INVITE

Content -Length: O

/* Proxy 1 uses a Location Service function to deternine where B is
| ocated. Based upon location analysis the call is forwarded to NGW
1. dient for A prepares to receive data on port 49172 fromthe
network. */
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F3 INVITE Proxy 1 -> NGW1

| NVI TE si p: +19725552222@gwl. a. exanpl e. com user =phone SI P/ 2.0

Via: SIP/2.0/UDP ssl. a.exanpl e. com 5060; branch=z9h&4bK2d4790. 1

Via: SIP/2.0/UDP client.a.exanple.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

Max- Forwar ds: 69

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76sl

To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>

Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:alice@lient.a.exanple.conr

Cont ent - Type: application/sdp

Cont ent - Lengt h: 154

v=0

o=al i ce 2890844526 2890844526 IN I P4 client.a.exanple.com
S=-

c=IN 1P4 client.a.exanple.com

t=0 0

mFaudi o 49172 RTP/ AVP 0O
a=rtpmap: 0 PCMJ 8000

F4 100 Trying NGW1 -> Proxy 1

SIP/2.0 100 Trying

Via: SIP/2.0/UDP ssl. a.exanpl e.com 5060; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

Via: SIP/2.0/UDP client.a.exanple.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76sl

To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>

Cal I -1 D 2xTb9vxSi t 55XU7p8@. exanpl e. com

CSeq: 1 INVITE

Content -Length: O

F5 1AM NGW 1 -> Bob
| AM

CdPN=972- 555- 2222, NPI =E. 164, NOA=Nat i onal
CgPN=314-555-1111, NPI =E. 164, NOA=Nat i onal
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F6 ACM Bob -> NGW 1

ACM

F7 183 Session Progress NGW1 -> Proxy 1

SIP/2.0 183 Session Progress

Via: SIP/2.0/UDP ssl.a.exanpl e.com 5060; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

Via: SIP/2.0/UDP client.a.exanple.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76s

To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>
; tag=314159

Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:ngwl@. exanpl e. conr

Cont ent - Type: application/sdp

Cont ent - Lengt h: 146

v=0

0=GW 2890844527 2890844527 I N | P4 ngwl. a. exanpl e. com
S=-

c=IN I P4 ngwl. a. exanpl e. com

t=0 0

mFaudi o 3456 RTP/ AVP 0O

a=rtpmap: 0 PCMJ 8000

F8 183 Session Progress Proxy 1 -> Alice

SIP/2.0 183 Session Progress

Via: SIP/2.0/UDP client.a.exanple.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76s

To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>
; tag=314159

Cal | -1 D 2xTbh9vxSi t 55XU7p8@x. exanpl e. com

CSeq: 1 INVITE

Contact: <sip: ngwl@. exanpl e. conr

Cont ent - Type: application/sdp

Cont ent - Lengt h: 146
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v=0

0=GW 2890844527 2890844527 I N | P4 ngwl. a. exanpl e. com
S=-

c=I N I P4 ngwl. a. exanpl e. com

t=0 0

mFaudi o 3456 RTP/ AVP 0O

a=rtpmap: 0 PCMJ 8000

/* Caller hears the recorded announcenent, then hangs up */

FO9 CANCEL Alice -> Proxy 1

CANCEL si p: +19725552222@s1. a. exanpl e. conj user =phone SIP/ 2.0
Via: SIP/2.0/UDP client.a.exanple.com5060; branch=z9hG4bK74bf 9
Max- Forwar ds: 70
From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76sl
To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>
Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com
CSeq: 1 CANCEL
Content -Length: O

F10 200 OK Proxy 1 -> A

SIP/2.0 200 &K

Via: SIP/2.0/UDP client.a.exanple.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76sl

To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>

Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 1 CANCEL

Content -Length: O

F11 CANCEL Proxy 1 -> NGW 1

CANCEL si p: +19725552222@s1. a. exanpl e. cony user =phone SIP/ 2.0
Via: SIP/2.0/UDP ssl. a.exanpl e. com 5060; branch=z9h&4bK2d4790. 1
Max- Forwards: 70
From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76sl
To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>
Cal I -1 D 2xTb9vxSi t 55XU7p8@. exanpl e. com
CSeq: 1 CANCEL
Content -Length: O
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F12 200 OK NGW 1l -> Proxy 1

SIP/2.0 200 &K

Via: SIP/2.0/UDP ssl. a.exanpl e. com 5060; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76s

To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>
Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 1 CANCEL

Content -Length: O

F13 REL NGW1l -> B

REL
CauseCode=18 No user responding

F14 RLC B -> NGW 1

RLC

F15 487 Request Terminated NGW1 -> Proxy 1

SIP/2.0 487 Request Terni nated

Via: SIP/2.0/UDP ssl.a.exanpl e.com 5060; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

Via: SIP/2.0/UDP client.a.exanple.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76s

To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>
; tag=314159

Cal | -1 D 2xTbh9vxSi t 55XU7p8@x. exanpl e. com

CSeq: 1 INVITE

Content -Length: O

F16 ACK Proxy 1 -> NGW1

ACK si p: +19725552222@s1. a. exanpl e. com user =phone SI P/ 2.0
Via: SIP/2.0/UDP ssl. a.exanpl e.com 5060; branch=z9h&4bK2d4790. 1
Max- Forwards: 70
From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76s
To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>
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; tag=314159
Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com
CSeq: 1 ACK

Content -Length: O

F17 487 Request Term nated Proxy 1 -> A

SIP/ 2.0 487 Request Terni nated

Via: SIP/2.0/UDP client.a.exanple.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76s

To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>
; tag=314159

Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 1 INVITE

Content -Length: O

F18 ACK Alice -> Proxy 1

ACK si p: +19725552222@s1. a. exanpl e. com user =phone SI P/ 2.0
Via: SIP/2.0/UDP client.a.exanple.com5060; branch=z9hG4bK74bf 9
Max- Forwards: 70
From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76s
To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>

; tag=314159
Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com
CSeq: 1 ACK

Content -Length: O
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2.

6.

Unsuccessful SIP to PSTN:. REL w Cause from PSTN

Alice Proxy 1 NGW 1 Switch B
I I I I
| | N\VI TE F1 | | |
|- > | |
| 100 F2 | | |
R | I NVITE F3 | |
| |- > |
| | 100 F4 | |
| | <---mmmemaea - | | AM F5 |
| I R it >
| | | REL(1) F6 |
| | SREE R EEEREEEE |
| | | RLC F7 |
| | 404 F8 R TR >|
| | <o | |
| | ACK F9 | |
| |- > |
| 404 F10 | | |
| <o | |
| ACK F11 | | |
EEEREEEEREEETEE > | |

I I

Alice calls PSTN Bob through a Proxy Server Proxy 1 and a Network
Gateway NGW 1. The call is rejected by the PSTN with a ANSI | SUP
Rel ease nessage REL containing a specific Cause code. This cause
value (1) is mapped by the Gateway to a SIP 404 Address Inconplete
response which is proxied back to Alice. For nore details of |SUP
cause value to SIP response mapping, refer to [4].

Message Details
F1 INVITE Alice -> Proxy 1

I NVI TE sip: +44- 1234@sl. a. exanpl e. com user =phone SIP/ 2.0
Via: SIP/ 2.0/ TCP client.a.exanpl e.com 5060; branch=z9hG4bK74bf 9
Max- Forwards: 70
From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76sl
To: Bob <sip: +44-1234@&sl. a. exanpl e. com user =phone>
Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com
CSeq: 1 INVITE
Contact: <sip:alice@lient.a.exanple.comtransport=tcp>
Proxy- Aut hori zati on: Digest usernane="alice",
real m="a. exanpl e. cont', nonce="j 1c3b0b01cf 832da2c5ac51bb59a05b40",
opaque="", uri="sip: +44-1234@s1l. a. exanpl e. com user =phone",
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response="a451358d46b55512863ef eldccaa2f 42"
Cont ent - Type: application/sdp
Cont ent - Lengt h: 154

v=0

o=al i ce 2890844526 2890844526 IN I P4 client.a.exanple.com
S=-

c=IN 1P4 client.a.exanple.com

t=0 0

mFaudi o 49172 RTP/ AVP 0
a=rtpmap: 0 PCMJ 8000

F2 100 Trying Proxy 1 -> A

SIP/2.0 100 Trying

Via: SIP/ 2.0/ TCP client.a.exanpl e.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

From Alice <sip:+13145551111@s1l. a. exanpl e. com user =phone>
; tag=9f xced76sl

To: Bob <sip: +44-1234@&sl. a. exanpl e. com user =phone>

Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 1 INVITE

Content -Length: O

/* Proxy 1 uses a Location Service function to deternine where Bis

| ocated. Based upon location analysis the call is forwarded to NGAL.
Client for A prepares to receive data on port 49172 fromthe network.
*/

F3 INVITE Proxy 1 -> NGW1

| NVI TE si p: +44- 1234@gwl. a. exanpl e. conm user =phone SI P/ 2.0

Via: SIP/2.0/ TCP ssl. a. exanpl e. com 5060; branch=z9h&4bK2d4790. 1

Via: SIP/ 2.0/ TCP client.a.exanpl e.com 5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

Max- Forwar ds: 69

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76sl

To: Bob <sip: +44-1234@&sl. a. exanpl e. com user =phone>

Cal I -1 D 2xTb9vxSi t 55XU7p8@. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:alice@lient.a.exanple.comtransport=tcp>

Cont ent - Type: application/sdp

Cont ent - Lengt h: 154
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v=0

o=al i ce 2890844526 2890844526 IN I P4 client.a.exanple.com
S=-

c=IN I1P4 client.a.exanple.com

t=0 0

mraudi o 49172 RTP/ AVP 0O

a=rtpmap: 0 PCMJ 8000

F4 100 Trying NGW1 -> Proxy 1

SIP/2.0 100 Trying

Via: SIP/ 2.0/ TCP ssl. a. exanpl e. com 5060; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

Via: SIP/ 2.0/ TCP client.a.exanpl e.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76s

To: Bob <sip: +44-1234@&sl. a. exanpl e. com user =phone>

Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 1 INVITE

Content -Length: O

F5 | AM NGW 1 -> Bob

| AM

CdPN=44- 1234, NPI =E. 164, NOA=I nt er nat i onal
CgPN=314-555-1111, NPI =E. 164, NOA=Nat i onal
F6 REL Bob -> NGW 1

REL

CauseVal ue=1 Unal | ocat ed nunber

F7 RLC NGW 1 -> Bob

RLC

/* Network Gateway maps CauseVal ue=1 to the SIP nessage 404 Not
Found */
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F8 404 Not Found NGW1l -> Proxy 1

SIP/2.0 404 Not Found

Via: SIP/2.0/ TCP ssl. a. exanpl e. com 5060; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

Via: SIP/ 2.0/ TCP client.a.exanpl e.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76sl

To: Bob <sip: +44-1234@&sl. a. exanpl e. com user =phone>; t ag=314159

Cal I -1 D 2xTb9vxSi t 55XU7p8@. exanpl e. com

CSeq: 1 INVITE

Error-Info: <sip:not-found-ann@nn. a. exanpl e. con>

Content -Length: O

F9 ACK Proxy 1 -> NGW1

ACK si p: +44-1234@gwl. a. exanpl e. com user =phone SIP/ 2.0
Max- Forwards: 70
Via: SIP/2.0/ TCP ssl. a. exanpl e. com 5060; branch=z9h&4bK2d4790. 1
From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76sl
To: Bob <sip: +44-1234@&sl. a. exanpl e. com user =phone>; t ag=314159
Cal I -1 D 2xTb9vxSi t 55XU7p8@. exanpl e. com
CSeq: 1 ACK
Content -Length: O

F10 404 Not Found Proxy 1 -> Alice

SIP/2.0 404 Not Found

Via: SIP/ 2.0/ TCP client.a.exanpl e.com 5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76sl

To: Bob <sip: +44-1234@&sl. a. exanpl e. com user =phone>; t ag=314159

Cal I -1 D 2xTb9vxSi t 55XU7p8@. exanpl e. com

CSeq: 1 INVITE

Error-Info: <sip:not-found-ann@nn. a. exanpl e. con>

Content -Length: O

F11 ACK Alice -> Proxy 1
ACK si p: +44- 1234@s1. a. exanpl e. com user =phone SIP/ 2.0

Via: SIP/ 2.0/ TCP client.a.exanpl e.com5060; branch=z9hG4bK74bf 9
Max- Forwar ds: 70
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From Alice <sip:+13145551111@s1. a. exanpl e. com user =phone>
; tag=9f xced76s
To: Bob <sip: +44-1234@&sl. a. exanpl e. com user =phone>; t ag=314159
Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com
CSeq: 1 ACK
Content -Length: O

2. 7. Unsuccessful SIP to PSTN: ANM Ti neout

Alice Proxy 1 NGW 1 Switch B
I I I I
| | N\VI TE F1 | | |
|- > | |

100 F2 | | |

R LR | I NVI TE F3 | |

|- > |

| 100 F4 | |

| <=-mmmmmm e - | | AM F5 |

| |- >

| | ACM F6 |

| 183 F7 [ <-----mmmemaa - |
183 F8 | <-----emmmea - |
SREEEEEERPEEEES | |

Alice calls Bob in the PSTN through a proxy server Proxy 1 and
Network Gateway NGW 1. The call is released by the Gateway after a
timer expires due to no ANswer Message (ANM being received. The
Gat eway sends an | SUP Rel ease REL nessage to the PSTN and a 480
Tenporarily Unavail able response to Alice in the SIP network.
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Message Details
F1 INVITE Alice -> Proxy 1

I NVI TE si p: +19725552222@&s1. a. exanpl e. com user =phone SI P/ 2.0

Via: SIP/ 2.0/ TCP client.a.exanpl e.com5060; branch=z9hG4bK74bf 9

Max- Forwards: 70

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76sl

To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>

Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:alice@lient.a.exanple.comtransport=tcp>

Proxy- Aut hori zati on: Digest usernane="alice",
real m="a. exanpl e. cont', nonce="da2c5ac51bb59a05j 1c3b0b01cf 832b40",
opaque="", uri="sip: +19725552222@s1. a. exanpl e. com user =phone",
response="579cb9db184cdc25bf 816f 37cbc03c7d"

Cont ent - Type: application/sdp

Cont ent - Lengt h: 154

v=0

o=al i ce 2890844526 2890844526 IN I P4 client.a.exanple.com
S=-

c=IN 1P4 client.a.exanple.com

t=0 0

mFaudi o 49172 RTP/ AVP 0O
a=rtpmap: 0 PCMJ 8000

/* Proxy 1 uses a Location Service function to deternine where Bis

| ocated. Based upon location analysis the call is forwarded to NGW
1. dient for A prepares to receive data on port 49172 fromthe
net wor k. */

F2 100 Trying Proxy 1 -> A

SIP/2.0 100 Trying

Via: SIP/ 2.0/ TCP client.a.exanpl e.com 5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76sl

To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>

Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 1 INVITE

Content -Length: O
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F3 INVITE Proxy 1 -> NGW1

| NVI TE si p: +19725552222@gwl. a. exanpl e. com user =phone SI P/ 2.0

Via: SIP/2.0/ TCP ssl. a. exanpl e. com 5060; branch=z9h&4bK2d4790. 1

Via: SIP/ 2.0/ TCP client.a.exanpl e.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

Max- Forwar ds: 69

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76sl

To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>

Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:alice@lient.a.exanple.comtransport=tcp>

Cont ent - Type: application/sdp

Cont ent - Lengt h: 154

v=0

o=al i ce 2890844526 2890844526 IN I P4 client.a.exanple.com
S=-

c=IN 1P4 client.a.exanple.com

t=0 0

mFaudi o 49172 RTP/ AVP 0O
a=rtpmap: 0 PCMJ 8000

F4 100 Trying NGW1 -> Proxy 1

SIP/2.0 100 Trying

Via: SIP/2.0/ TCP ssl. a. exanpl e. com 5060; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

Via: SIP/ 2.0/ TCP client.a.exanpl e.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76sl

To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>

Cal I -1 D 2xTb9vxSi t 55XU7p8@. exanpl e. com

CSeq: 1 INVITE

Content -Length: O

F5 1AM NGW 1 -> Bob
| AM

CdPN=972- 555- 2222, NPI =E. 164, NOA=Nat i onal
CgPN=314-555-1111, NPI =E. 164, NOA=Nat i onal
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F6 ACM Bob -> NGW 1

ACM

F7 183 Session Progress NGW1 -> Proxy 1

SIP/2.0 183 Session Progress

Via: SIP/ 2.0/ TCP ssl. a. exanpl e. com 5060; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

Via: SIP/ 2.0/ TCP client.a.exanpl e.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76s

To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>
; tag=314159

Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:ngwl@. exanpl e.comtransport=tcp>

Cont ent - Type: application/sdp

Cont ent - Lengt h: 146

v=0

0=GW 2890844527 2890844527 I N | P4 ngwl. a. exanpl e. com
S=-

c=IN I P4 ngwl. a. exanpl e. com

t=0 0

mFaudi o 3456 RTP/ AVP 0O

a=rtpmap: 0 PCMJ 8000

F8 183 Session Progress Proxy 1 -> Alice

SIP/2.0 183 Session Progress

Via: SIP/ 2.0/ TCP client.a.exanpl e.com 5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76s

To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>
; tag=314159

Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:ngwl@. exanpl e.comtransport=tcp>

Cont ent - Type: application/sdp

Cont ent - Lengt h: 146
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v=0

0=GW 2890844527 2890844527 I N | P4 ngwl. a. exanpl e. com
S=-

c=IN I P4 ngwl. a. exanpl e. com

t=0 0

mFaudi o 3456 RTP/ AVP 0O

a=rtpmap: 0 PCMJ 8000

/* After NGW1' s tinmer expires, Network Gateway sends REL to | SUP
network and 480 to SIP network */

FO REL NGW 1 -> Bob
REL

CauseCode=18 No user responding

F10 RLC Bob -> NGW 1

RLC

F11 480 Tenporarily Unavailable NGW1 -> Proxy 1

SIP/2.0 480 Tenporarily Unavail abl e

Via: SIP/2.0/ TCP ssl. a. exanpl e. com 5060; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

Via: SIP/ 2.0/ TCP client.a.exanpl e.com 5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76s

To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>
; tag=314159

Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 1 INVITE

Error-Info: <sip:tenp-unavail-ann@nn. a. exanpl e. con>

Content -Length: O

F12 ACK Proxy 1 -> NGW1

ACK si p: ngwl@. exanpl e.com SI P/ 2.0
Via: SIP/2.0/ TCP ssl. a. exanpl e. com 5060; branch=z9h&4bK2d4790. 1
Max- Forwar ds: 70
From Alice <sip:+13145551111@s1l. a. exanpl e. com user =phone>
; tag=9f xced76s
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To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>

; tag=314159
Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com
CSeq: 1 ACK

Content -Length: O

F13 480 Tenporarily Unavail able F13 Proxy 1 -> Alice

SIP/2.0 480 Tenporarily Unavail abl e

Via: SIP/ 2.0/ TCP client.a.exanpl e.com5060; branch=z9hG4bK74bf 9
:recei ved=192. 0. 2. 101

From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76s

To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>
; tag=314159

Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com

CSeq: 1 INVITE

Error-Info: <sip:tenp-unavail-ann@nn. a. exanpl e. con>

Content -Length: O

F14 ACK Alice -> Proxy 1

ACK si p: +19725552222@s1. a. exanpl e. com user =phone SIP/ 2.0
Max- Forwards: 70
Via: SIP/ 2.0/ TCP client.a.exanpl e.com 5060; branch=z9hG4bK74bf 9
From Alice <sip:+13145551111@&sl. a. exanpl e. com user =phone>
; tag=9f xced76s
To: Bob <sip: +19725552222@s1. a. exanpl e. com user =phone>

; tag=314159
Call -1 D 2xTh9vxSi t 55XU7p8@. exanpl e. com
CSeq: 1 ACK

Content -Length: O
3. PSTNto SIP Dialing

In these scenarios, Alice is placing calls fromthe PSTN to Bob in a
SIP network. Alice’ s telephone switch signals to a Network Gateway
(NGW 1) using ANSI | SUP

Since the called SIP User Agent does not send in-band signaling
information, no early nmedia path needs to be established on the IP
side. As aresult, the 183 Session Progress response is not used.
However, NGW1 will establish a one way speech path prior to cal
conpl etion, and generate ringing for the PSTN caller. Any tones or
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recordi ngs are generated by NGW 1 and played in this speech path.
When the call
path with the I P nedia path.

To reduce the nunber of nessages,

conpl etes successfully,

only a single proxy server

NGW 1 bridges the PSTN speech

i s shown

in these flows, which nmeans that the a.exanpl e.com proxy server has
access to the b.exanple.comlocation service.

3.1. Successful PSTNto SIP call
Switch A NGW 1 Proxy 1

| | |
| | AM F1 | |
TR LT > INITE F2 |
| T L LT > INVITE F3
| | 100 F4  |e-commemaa-
| | < memmm e |
| | | 180 F5
| | 180 F6 | <ocmmmmeeas
| ACM F7 | <ommmm e |
| <o |
| One Wy Voice | |
| <:::::::::::::::| |
| Ringing Tone | | 200 F8
| <===============| 200 F9 | <------------
| | <oz |
| ACK F10 |
| ANM F12 [ ---cmmmmmmmmmm- >| ACK F11
I I
| Both Wy Voice | Both Way RTP Medi a
| <::::::::::::::>| D e e —————————————> ]
| REL F13 | |
[ > |
| RLC F14 | |
RSE T —— | BYE F15 |
| T T L r T >| BYE F16
| [ ooen e
| | 200 F17
| 200 F18  |<r----m-mmn--
|
|

In this scenari o,
Gateway NGM and Proxy Server

Pr oxy

the nmedia path is setup end-to-end.

hangs up the call,

RELease nessage that

Johnst on,

et al.

Bob

Alice fromthe PSTN calls Bob through a Network

1. VWhen Bob answers the call,

The cal |

Best Current Practice

term nates when Alice
with Alice’ s tel ephone switch sending an | SUP
is mapped to a BYE by NGW 1.
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Message Details
F1 1AM Alice -> NGW 1

| AM
CgPN=314-555-1111, NPI =E. 164, NOA=Nat i onal
CdPN=972- 555- 2222, NPI =E. 164, NOA=Nat i onal

F2 INVITE Alice -> Proxy 1

I NVI TE si p: +19725552222@s1. a. exanpl e. com user =phone SIP/ 2.0

Via: SIP/2.0/UDP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2

Max- Forwards: 70

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s
To: <sip:+19725552222@s1. a. exanpl e. com user =phone>

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:ngwl@. exanpl e. conr

Cont ent - Type: application/sdp

Cont ent - Lengt h: 146

v=0

0=GW 2890844527 2890844527 I N | P4 ngwl. a. exanpl e. com
S=-

c=I N I P4 ngwl. a. exanpl e. com

t=0 0

mFaudi o 3456 RTP/ AVP 0O

a=rtpmap: 0 PCMJ 8000

/* Proxy 1 uses a Location Service function to deternine where Bis

| ocated. Based upon location analysis the call is forwarded to NGW
1. NGW1 prepares to receive data on port 3456 from Alice.*/
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F3 INVITE Proxy 1 -> Bob

| NVI TE si p: bob@l ient.b.exanple.comSIP/2.0

Via: SIP/2.0/UDP ssl. a.exanpl e. com 5060; branch=z9h&4bK2d4790. 1

Via: SIP/2.0/UDP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 103

Max- Forwar ds: 69

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s

To: <sip:+19725552222@s1. a. exanpl e. com user =phone>

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:ngwl@. exanpl e. conr

Cont ent - Type: application/sdp

Cont ent - Lengt h: 146

v=0

0=GW 2890844527 2890844527 I N | P4 ngwl. a. exanpl e. com
S=-

c=IN I P4 ngwl. a. exanpl e. com

t=0 0

mFaudi o 3456 RTP/ AVP 0O

a=rtpmap: 0 PCMJ 8000

F4 100 Trying Bob -> Proxy 1

SIP/2.0 100 Trying

Via: SIP/2.0/UDP ssl.a.exanpl e.com 5060; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

Via: SIP/2.0/UDP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 103

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s

To: <sip: +19725552222@s1. a. exanpl e. com user =phone>

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 INVITE

Content -Length: O

F5 180 Ringing Bob -> Proxy 1

SIP/2.0 180 Ringing

Via: SIP/2.0/UDP ssl. a.exanpl e. com 5060; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

Via: SIP/2.0/UDP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 103

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s
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To: <sip:+19725552222@&s1. a. exanpl e. com user =phone>; t ag=314159
Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:bob@lient.b.exanple.conr

Content -Length: O

F6 180 Ringing Proxy 1 -> NGW 1

SIP/2.0 180 Ringing
Via: SIP/2.0/UDP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 103
Recor d- Rout e: <sip:ssl.a.exanple.comlr>
From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s
To: <sip:+19725552222@&s1. a. exanpl e. com user =phone>; t ag=314159
Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com
CSeq: 1 INVITE
Contact: <sip:bob@lient.b.exanple.conr
Content -Length: O

F7 ACM NGW 1 -> Alice

ACM

F8 200 OK Bob -> Proxy 1

SIP/2.0 200 &K

Via: SIP/2.0/UDP ssl. a.exanpl e.com 5060; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

Via: SIP/2.0/UDP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 103

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s

To: <sip:+19725552222@&s1. a. exanpl e. com user =phone>; t ag=314159

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

Contact: <sip:bob@lient.b.exanple.conr

CSeq: 1 INVITE

Cont ent - Type: application/sdp

Cont ent - Lengt h: 151

v=0

o=bob 2890844527 2890844527 IN I P4 client.b.exanple.com
S=-

c=IN1P4 client.b.exanple.com

t=0 0

mFaudi o 3456 RTP/ AVP 0
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a=rtpmap: 0 PCMJ 8000

F9 200 OK Proxy 1 -> NGW1

SIP/2.0 200 &K

Via: SIP/2.0/UDP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 103

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s

To: <sip:+19725552222@&s1. a. exanpl e. com user =phone>; t ag=314159

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:bob@lient.b.exanple.conr

Cont ent - Type: application/sdp

Cont ent - Lengt h: 151

v=0

o=bob 2890844527 2890844527 IN I P4 client.b.exanple.com
S=-

c=IN 1P4 client.b.exanple.com

t=0 0

mraudi o 3456 RTP/ AVP 0
a=rtpmap: 0 PCMJ 8000

F10 ACK NGW1 -> Proxy 1

ACK si p: bob@lient.b. exanple.comSIP/2.0

Via: SIP/2.0/UDP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2

Max- Forwards: 70

Rout e: <si p:ssl. a.exanple.comlr>

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s
To: <sip:+19725552222@&s1. a. exanpl e. com user =phone>; t ag=314159

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 ACK

Content -Length: O

F11 ACK Proxy 1 -> Bob

ACK si p: bob@l i ent.b. exanple.com SIP/ 2.0
Via: SIP/2.0/UDP ssl. a.exanpl e. com 5060; branch=z9h&4bK2d4790. 1
Via: SIP/2.0/UDP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 103
Max- Forwar ds: 69
From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s
To: <sip: +19725552222@s1. a. exanpl e. com user =phone>; t ag=314159
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Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com
CSeq: 1 ACK
Content -Length: O

F12 ANM Bob -> NGW 1
ANM
/* RTP streans are established between A and B (via the GN */

/* Al'ice Hangs Up with Bob. */

F13 REL Alice -> NGW 1

REL
CauseCode=16 Nor nal

F14 RLC NGW 1 -> Alice

RLC

F15 BYE NGW 1-> Proxy 1

BYE si p: bob@lient.b. exanple.com SIP/2.0

Via: SIP/2.0/UDP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2

Max- Forwards: 70

Rout e: <si p:ssl. a.exanple.comlr>

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s
To: <sip:+19725552222@&s1. a. exanpl e. com user =phone>; t ag=314159

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 2 BYE

Content -Length: O

F16 BYE Proxy 1 -> Bob

BYE si p: bob@lient.b. exanple.com SIP/2.0
Via: SIP/2.0/UDP ssl. a.exanpl e.com 5060; branch=z9h&4bK2d4790. 1
Via: SIP/2.0/UDP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 103
Max- Forwar ds: 69
From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s
To: <sip: +19725552222@s1. a. exanpl e. com user =phone>; t ag=314159
Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com
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CSeq: 2 BYE
Content -Length: O

F17 200 OK Bob -> Proxy 1

SIP/2.0 200 &K

Via: SIP/2.0/UDP ssl.a.exanpl e.com 5060; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

Via: SIP/2.0/UDP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 103

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s

To: <sip:+19725552222@&s1. a. exanpl e. com user =phone>; t ag=314159

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 2 BYE

Content -Length: O

F18 200 OK Proxy 1 -> NGW 1

SIP/2.0 200 &K
Via: SIP/2.0/UDP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 103
From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s
To: <sip: +19725552222@s1. a. exanpl e. com user =phone>; t ag=314159
Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com
CSeq: 2 BYE
Content -Length: O
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3.2. Successful

SIP PSTN Call Fl ows

PSTN to SIP call, Fast Answer

Switch A NGW 1 Proxy 1
I I I
| | AM F1 | |
[=ommmmme o >| | N\VI TE F2 |
| I >| | N\VI TE F3
| | 100 F4 [------- -
| ESREEEEREEEEEREE |
| | | 200 F5
| | 200 F6 | <------mmmmmm- - |
| | <o |
| | ACK F7 |
| ANM F9 R >| ACK F8
I I
| Both Wy Voice | Both Way RTP Medi a
| <::::::::::::::>| < oo oo ——————=—=
| REL F10 | |
EEREEEEPEELPREE > |
| RLC F11 | |
I | BYE F12 |
| I >| BYE F13
| | R SRR TEE
| | | 200 F14
| | 200 F15 | <------mmmmmm- - |
| ESRRECEREEREERES |
I I

This "fast answer"
i mredi ately accepts the call

180 Ri ngi ng response.
wi t hout sending an Address Conpl ete Message (ACM).

ETSI and sone ot her
sent instead of the ANM

Message Details

scenario is simlar to 3.1.
sending a 200 OK (F5) without sending a

F1 1AM Alice -> NGW1

| AM

CgPN=314-555-1111, NPI =E. 164, NOA=Nat i onal
CdPN=972- 555- 2222, NPI =E. 164, NOA=Nat i onal

F2 INVITE NGW1 -> Proxy 1

Decenber 2003

except that Bob

The Gateway then sends an Answer

Message (ANM

Note that for
| SUP variants, a CONnect nessage (CON) woul d be

I NVI TE si p: +19725552222@&s1. a. exanpl e. com user =phone SIP/ 2.0
Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2

Johnst on,

et al

Best Current Practice
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Max- Forwar ds: 70

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s
To: <sip:+19725552222@s1. a. exanpl e. com user =phone>

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:ngwl@. exanpl e.comtransport=tcp>

Cont ent - Type: application/sdp

Cont ent - Lengt h: 146

v=0

0=0GW 2890844527 2890844527 IN | P4 ngwl. a. exanpl e. com
s=-

c=I N I P4 ngwl. a. exanpl e. com

t=0 0

mraudi o 3456 RTP/ AVP 0

a=rtpmap: 0 PCMJ 8000

/* Proxy 1 uses a Location Service function to deternine where B is
| ocated. Based upon location analysis the call is forwarded to User
B. Bob prepares to receive data on port 3456 from Alice.*/

F3 INVITE Proxy 1 -> Bob

| NVI TE bob@. exanpl e. com SI P/ 2.0

Via: SIP/2.0/ TCP ssl. a. exanpl e. com 5060; branch=z9h&4bK2d4790. 1

Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 103

Max- Forwar ds: 69

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s

To: <sip: +19725552222@s1. a. exanpl e. com user =phone>

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:ngwl@. exanpl e.comtransport=tcp>

Cont ent - Type: application/sdp

Cont ent - Lengt h: 146

v=0

0=0GW 2890844527 2890844527 IN | P4 ngwl. a. exanpl e. com
S=-

c=I N I P4 ngwl. a. exanpl e. com

t=0 0

mraudi o 3456 RTP/ AVP 0

a=rtpmap: 0 PCMJ 8000
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F4 100 Trying Proxy 1 -> NGW 1

SIP/2.0 100 Trying

Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 201

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s

To: <sip:+19725552222@s1. a. exanpl e. com user =phone>

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 INVITE

Content -Length: O

F5 200 OK Bob -> Proxy 1

SIP/2.0 200 &K

Via: SIP/ 2.0/ TCP ssl. a. exanpl e. com 5060; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 103

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s

To: <sip:+19725552222@&s1. a. exanpl e. com user =phone>; t ag=314159

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:bob@lient.b.exanple.comtransport=tcp>

Cont ent - Type: application/sdp

Cont ent - Lengt h: 151

v=0

o=bob 2890844527 2890844527 IN I P4 client.b.exanple.com
S=-

c=IN1P4 client.b.exanple.com

t=0 0

mraudi o 3456 RTP/ AVP 0
a=rtpmap: 0 PCMJ 8000

F6 200 OK Proxy 1 -> NGW1

SIP/2.0 200 &K

Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 103

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s

To: <sip: +19725552222@s1. a. exanpl e. com user =phone>; t ag=314159

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:bob@lient.b.exanple.comtransport=tcp>
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Cont ent - Type: application/sdp
Cont ent - Lengt h: 151

v=0

o=bob 2890844527 2890844527 IN I P4 client.b.exanple.com
S=-

c=IN1P4 client.b.exanple.com

t=0 0

mraudi o 3456 RTP/ AVP 0
a=rtpmap: 0 PCMJ 8000

F7 ACK NGW 1 -> Proxy 1

ACK bob@l i ent.b. exanpl e.com SIP/2.0

Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9hG4bKl ueha2

Max- Forwards: 70

Rout e: <si p:ssl. a.exanple.comlr>

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s
To: <sip: +19725552222@s1. a. exanpl e. com user =phone>; t ag=314159

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 ACK

Content -Length: O

F8 ACK Proxy 1 -> Bob

ACK bob@l i ent.b. exanple.com SIP/2.0

Via: SIP/2.0/ TCP ssl. a. exanpl e. com 5060; branch=z9h&4bK2d4790. 1

Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=130. 131. 132. 14

Max- Forwar ds: 69

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s

To: <sip:+19725552222@&s1. a. exanpl e. com user =phone>; t ag=314159

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 ACK

Content -Length: O

F9 ANM Bob -> NGW 1
ANM
/* RTP streans are established between A and B (via the GN */

/* Al'ice Hangs Up with Bob. */
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F10 REL ser Alice -> NGV 1

REL
CauseCode=16 Nor nal

F11 RLC NGW 1 -> Alice

RLC

F12 BYE NGW1 -> Proxy 1

BYE si p: bob@lient.b. exanple.com SIP/2.0

Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2

Max- Forwards: 70

Rout e: <si p:ssl. a.exanple.comlr>

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s
To: <sip:+19725552222@&s1. a. exanpl e. com user =phone>; t ag=314159

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 2 BYE

Content -Length: O

F13 BYE Proxy 1 -> Bob

BYE si p: bob@lient.b. exanple.com SIP/2.0

Via: SIP/2.0/ TCP ssl. a. exanpl e. com 5060; branch=z9h&4bK2d4790. 1

Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 103

Max- Forwar ds: 69

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s

To: <sip: +19725552222@s1. a. exanpl e. com user =phone>; t ag=314159

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 2 BYE

Content -Length: O

F14 200 OK Bob -> Proxy 1

SIP/2.0 200 &K

Via: SIP/2.0/ TCP ssl. a. exanpl e. com 5060; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 103

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s

To: <sip: +19725552222@s1. a. exanpl e. com user =phone>; t ag=314159

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com
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CSeq: 2 BYE
Content -Length: O

F15 200 OK Proxy 1 -> NGW 1

SIP/2.0 200 &K

Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 103

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s

To: <sip:+19725552222@&s1. a. exanpl e. com user =phone>; t ag=314159

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 2 BYE

Content -Length: O
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3.

Johnst on,

3.

Successf ul

PBX A

<——=—————=—=—=—
<——=—————=—=—=—
Cmm e e e e - - m

In this scenario,
This is an exanple of a call
is instead routed to a SIP dient.

Proxy 1.
PSTN but

SI P PSTN Cal |

PBX to SIP call

GwW1

Fl ows

I NVI TE F3
180 F5
200 F7

o e e e e e e =
ACK F10

Bob

Decenber 2003

Alice dials fromPBX A to Bob through GW1 and
that appears destined for the

Si gnali ng between PBX A and GW1 is Feature Group B (FGB) circuit
associ ated signaling,
the receipt of the 180 R nging from Bob, GN1 generates a ringing
tone for Alice.

Bob answers the call

Al'i ce hangs up,

et al.

i n-band Ml t-Frequency (M) outpul sing.

by sending a 200 OK.
causing GM to send a BYE

The cal |

Best Current Practice

Af t er

term nat es when
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The Gateway can only identify the trunk group that the call came in
on; it cannot identify the individual line on PBX A that is placing
the call. The SIP URl used to identify the caller is shown in these
flows as sip:551313@wl. a. exanpl e. com

Message Details

PBX Alice -> GW1

Sei zure

GW1 -> PBX A

W nk

F1 MF Digits PBX Alice -> GWN1

KP 1 972 555 2222 ST

F2 INVITE GW1 -> Proxy 1

I NVI TE si p: +19725552222@s1. a. exanpl e. com user =phone SI P/ 2.0
Via: SIP/2.0/UDP gwl. a. exanpl e. com 5060; br anch=z9h&bKwgwee65
Max- Forwards: 70

From <sip:551313@wl. a. exanpl e. com user =phone>; t ag=j wdkal | kzm
To: <sip: +19725552222@s1. a. exanpl e. com user =phone>

Call -1 D 4Fde34wkd1llwsGFDs3@wl. a. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:551313@wl. a. exanpl e. com user =phone>
Cont ent - Type: application/sdp

Cont ent - Lengt h: 146

v=0

0=GW 2890844527 2890844527 IN | P4 ngwl. a. exanpl e. com
S=-

c=IN I P4 gwl. a. exanpl e. com

t=0 0

mFaudi o 3456 RTP/ AVP 0O

a=rtpmap: 0 PCMJ 8000

/* Proxy 1 uses a Location Service function to deternine where the

phone nunber +19725552222 is |ocated. Based upon |ocation
analysis the call is forwarded to SIP Bob. */
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F3 INVITE Proxy 1 -> Bob

| NVI TE si p: bob@l ient.b.exanple.comSIP/2.0

Via: SIP/2.0/UDP ssl. a. exanpl e. com 5060; branch=z9h&4bK2d4790. 1

Via: SIP/2.0/UDP gwl. a. exanpl e. com 5060; br anch=z9h&AbKwgwee65
:recei ved=192. 0. 2. 201

Max- Forwar ds: 69

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From <sip:551313@wl. a. exanpl e. com user =phone>; t ag=j wdkal | kzm

To: <sip:+19725552222@s1. a. exanpl e. com user =phone>

Call -1 D 4Fde34wkd1llwsGFDs3@wl. a. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:551313@wl. a. exanpl e. com user =phone>

Cont ent - Type: application/sdp

Cont ent - Lengt h: 146

v=0

0=0GW 2890844527 2890844527 IN | P4 gwl. a. exanpl e. com
S=-

c=IN I P4 gwl. a. exanpl e. com

t=0 0

mraudi o 3456 RTP/ AVP 0

a=rtpmap: 0 PCMJ 8000

F4 100 Trying Proxy 1 -> GWN1

SIP/2.0 100 Trying

Via: SIP/2.0/UDP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 201

From <sip:551313@wl. a. exanpl e. com user =phone>; t ag=j wdkal | kzm

To: <sip: +19725552222@s1. a. exanpl e. com user =phone>; t ag=314159

Call -1 D 4Fde34wkd1lilwsGFDs3@wl. a. exanpl e. com

CSeq: 1 INVITE

Content -Length: O

F5 180 Ringing Bob -> Proxy 1

SIP/2.0 180 Ringing

Via: SIP/2.0/UDP ssl. a.exanpl e. com 5060; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

Via: SIP/2.0/UDP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 201

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From <sip:551313@wl. a. exanpl e. com user =phone>; t ag=j wdkal | kzm

To: <sip:+19725552222@&s1. a. exanpl e. com user =phone>; t ag=314159

Call -1 D 4Fde34wkd1llwsGFDs3@wl. a. exanpl e. com
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CSeq: 1 INVITE
Contact: <sip:bob@lient.b.exanple.conr
Content -Length: O

F6 180 Ringing Proxy 1 -> GWV1

SIP/2.0 180 Ringing

Via: SIP/2.0/UDP gwl. a. exanpl e. com 5060; br anch=z9h&AbKwgwee65
:recei ved=192. 0. 2. 201

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From <sip:551313@wl. a. exanpl e. com user =phone>; t ag=j wdkal | kzm

To: <sip:+19725552222@&s1. a. exanpl e. com user =phone>; t ag=314159

Call -1 D 4Fde34wkd1llwsGFDs3@wl. a. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:bob@lient.b.exanple.conr

Content -Length: O

/* One way Voice path is established between GWand the PBX for
ringing. */

F7 200 OK Bob -> Proxy 1

SIP/2.0 200 &K

Via: SIP/2.0/UDP ssl.a.exanpl e.com 5060; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

Via: SIP/2.0/UDP gwl. a. exanpl e. com 5060; br anch=z9h&bKwgwee65
:recei ved=192. 0. 2. 201

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From <sip:551313@wl. a. exanpl e. com user =phone>; t ag=j wdkal | kzm

To: <sip:+19725552222@&s1. a. exanpl e. com user =phone>; t ag=314159

Call -1 D 4Fde34wkd1lilwsGFDs3@wl. a. exanpl e. com

Contact: <sip:bob@lient.b.exanple.conr

CSeq: 1 INVITE

Cont ent - Type: application/sdp

Cont ent - Lengt h: 151

v=0

o=bob 2890844527 2890844527 IN I P4 client.b.exanple.com
S=-

c=IN1P4 client.b.exanple.com

t=0 0

mraudi o 3456 RTP/ AVP 0
a=rtpmap: 0 PCMJ 8000
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F8 200 K Proxy 1 -> GW1

SIP/2.0 200 &K

Via: SIP/2.0/UDP gwl. a. exanpl e. com 5060; br anch=z9h&AbKwgwee65
:recei ved=192. 0. 2. 201

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From <sip:551313@wl. a. exanpl e. com user =phone>; t ag=j wdkal | kzm

To: <sip:+19725552222@&s1. a. exanpl e. com user =phone>; t ag=314159

Call -1 D 4Fde34wkd1llwsGFDs3@wl. a. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:bob@lient.b.exanple.conr

Cont ent - Type: application/sdp

Cont ent - Lengt h: 151

v=0

o=bob 2890844527 2890844527 IN I P4 client.b.exanple.com
S=-

c=IN1P4 client.b.exanple.com

t=0 0

mraudi o 3456 RTP/ AVP 0
a=rtpmap: 0 PCMJ 8000

F9 ACK GW1 -> Proxy 1

ACK si p: bob@lient.b. exanple.comSIP/2.0

Via: SIP/2.0/UDP gwl. a. exanpl e. com 5060; br anch=z9h&bKwgwee65
Max- Forwards: 70

Rout e: <sip:ssl. a.exanple.comlr>

From <sip:551313@wl. a. exanpl e. com user =phone>; t ag=j wdkal | kzm
To: <sip:+19725552222@&s1. a. exanpl e. com user =phone>; t ag=314159
Call -1 D 4Fde34wkd1lilwsGFDs3@wl. a. exanpl e. com

CSeq: 1 ACK

Content -Length: O

F10 ACK Proxy 1 -> Bob

ACK si p: bob@l i ent.b. exanple.com SIP/ 2.0

Via: SIP/2.0/UDP ssl. a.exanpl e. com 5060; branch=z9h&4bK2d4790. 1

Via: SIP/2.0/UDP gwl. a. exanpl e. com 5060; br anch=z9h&AbKwgwee65
:recei ved=192. 0. 2. 201

Max- Forwar ds: 69

From <sip:551313@wl. a. exanpl e. com user =phone>; t ag=j wdkal | kzm

To: <sip: +19725552222@s1. a. exanpl e. com user =phone>; t ag=314159

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 ACK

Content -Length: O
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/* RTP streans are established between A and B (via the GN */

/* Al'ice Hangs Up with Bob. */

F11 BYE GW1 -> Proxy 1

BYE si p: bob@lient.b. exanple.com SIP/2.0

Via: SIP/2.0/UDP gwl. a. exanpl e. com 5060; br anch=z9h&AbKwgwee65
Max- Forwards: 70

Rout e: <si p:ssl. a.exanple.comlr>

From <sip:551313@wl. a. exanpl e. com user =phone>; t ag=j wdkal | kzm
To: <sip:+19725552222@&s1. a. exanpl e. com user =phone>; t ag=314159
Call -1 D 4Fde34wkd1llwsGFDs3@wl. a. exanpl e. com

CSeq: 2 BYE

Content -Length: O

F12 BYE Proxy 1 -> Bob

BYE si p: bob@lient.b. exanple.com SIP/2.0

Via: SIP/2.0/UDP ssl. a.exanpl e.com 5060; branch=z9h&4bK2d4790. 1

Via: SIP/2.0/UDP gwl. a. exanpl e. com 5060; br anch=z9h&bKwgwee65
:recei ved=192. 0. 2. 201

Max- Forwar ds: 69

To: <sip: +19725552222@s1. a. exanpl e. com user =phone>; t ag=314159

Call -1 D 4Fde34wkd1llwsGFDs3@wl. a. exanpl e. com

CSeq: 2 BYE

Content -Length: O

F13 200 OK Bob -> Proxy 1

SIP/2.0 200 &K

Via: SIP/2.0/UDP ssl. a.exanpl e. com 5060; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

Via: SIP/2.0/UDP gwl. a. exanpl e. com 5060; br anch=z9h&bKwgwee65
:recei ved=192. 0. 2. 201

From <sip:551313@wl. a. exanpl e. com user =phone>; t ag=j wdkal | kzm

To: <sip:+19725552222@&s1. a. exanpl e. com user =phone>; t ag=314159

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 2 BYE

Content -Length: O
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F14 200 OK Proxy 1 -> GWV1

SIP/2.0 200 &K

Via: SIP/2.0/UDP gwl. a. exanpl e. com 5060; br anch=z9hG4bKwgwee65
:recei ved=192. 0. 2. 201

From <sip:551313@wl. a. exanpl e. com user =phone>; t ag=j wdkal | kzm

To: <sip: +19725552222@s1. a. exanpl e. com user =phone>; t ag=314159

Call -1 D 4Fde34wkd1llwsGFDs3@wl. a. exanpl e. com

CSeq: 2 BYE

Content -Length: O

3.4. Unsuccessful PSTN to SIP REL, SIP error mapped to REL

Switch A GwW 1 Proxy 1 Bob
I I I I
| | AM F1 | | I
[--mmmme - > INVITE F2 | |
Y (PSRRI >| |
| | 604 F3 | |
| | <--mmeoieeooees I |
| | ACK F4 | I
| |- >| |
| REL F5 | | I
| <---emomoomoee- I I
| RLC F6 | | I
[EREEEEEERE >| I |

I I

Alice attenpts to place a call through Gateway GW 1 and Proxy 1,
which is unable to find any routing for the nunber. The call is
rejected by Proxy 1 with a REL nessage contai ning a specific Cause
val ue mapped by the gateway based on the SIP error.

Message Details

F1 IAMAice -> GWN1

| AM

CgPN=314-555-1111, NPI =E. 164, NOA=Nat i onal

CdPN=972- 555- 9999, NPI =E. 164, NOA=Nat i onal

F2 INVITE Alice -> Proxy 1

I NVI TE sip: +1972559999@s1. a. exanpl e. com user =phone SIP/ 2.0
Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2

Max- Forwards: 70
From <sip:+13145551111@wl. a. exanpl e. com user =phone>; t ag=076342s

Johnston, et al. Best Current Practice [ Page 74]



RFC 3666 SIP PSTN Call Fl ows Decenber 2003

To: <sip:+1972559999@s1. a. exanpl e. cony user =phone>

Call -1 D 4Fde34wkd1llwsGFDs3@wl. a. exanpl e. com

CSeq: 1 INVITE

Cont act :

<si p: +13145551111@wl. a. exanpl e. com user =phone; transport =t cp>
Cont ent - Type: application/sdp

Cont ent - Lengt h: 144

v=0

0=GW 2890844527 2890844527 IN | P4 gwl. a. exanpl e. com
S=-

c=IN I P4 gwl. a. exanpl e. com

t=0 0

mFaudi o 3456 RTP/ AVP 0O

a=rtpmap: 0 PCMJ 8000

/* Proxy 1 uses a Location Service to find a route to +1-972-555-
9999. A route is not found, so Proxy 1 rejects the call. */

F3 604 Does Not Exist Anywhere Proxy 1 -> GW1

SIP/2.0 604 Does Not Exist Anywhere

Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 201

From <sip:+13145551111@wl. a. exanpl e. cony user =phone>; t ag=076342s

To: <sip:+1972559999@s1. a. exanpl e. cony user =phone>; t ag=6a34d410

Call -1 D 4Fde34wkd1llwsGFDs3@wl. a. exanpl e. com

CSeq: 1 INVITE

Error-Info: <sip:does-not-exist@nn.a.exanpl e. conp

Content -Length: O

F4 ACK GW1 -> Proxy 1

ACK si p: +1972559999@s 1. a. exanpl e. com user =phone SIP/ 2.0

Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
Max- Forwar ds: 70

From <sip:+13145551111@wl. a. exanpl e. cony user =phone>; t ag=076342s
To: <sip:+1972559999@s1. a. exanpl e. cony user =phone>; t ag=6a34d410
Call -1 D 4Fde34wkd1llwsGFDs3@wl. a. exanpl e. com

CSeq: 1 ACK

Content -Length: O
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F5 REL GW1 -> Alice
REL

CauseCode=1

F6 RLC Alice -> GN1

RLC
3.5. Unsuccessf ul
Switch A NGW 1

I I
| | AM F1 |
[ === >|
I

I I
I I
I I
I I
I I
I I
I I
I I
I I
| REL(17) F9 |
| <---mmmmmieo-- I
| RLC F10 |
IS >|
I

In this scenari o,
Proxy 1. The cal

SI P PSTN Cal |

Fl ows Decenber 2003

PSTN to SIP REL, SIP busy mapped to REL

Proxy 1 Bob
I I
I I
I I

| N\VI TE F3 |
EERERPREPREPPRE g
| 600 F5 |
EREEECCITEPRERe |
| ACK F6
I >
I

Alice calls Bob through Network Gateway NGW 1 and
is routed to Bob by Proxy 1.
by Bob who sends a 600 Busy Everywhere response.

The call is rejected
The Gateway sends a

REL nessage containing a specific Cause val ue mapped by the gateway

based on the SIP error.

Since no interworking is indicated in the | AM (F1),
generated locally by Alice’s tel ephone switch.
is generated by the Gateway since interworking is

t he busy si gnal
i ndi cat ed.

Johnston, et al

For nore di scussion on interworking,

Best Current Practice

the busy tone is
I n sone scenari os,

refer to [4].
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Message Details
F1 1AM Alice -> NGW 1

| AM
CgPN=314-555-1111, NPI =E. 164, NOA=Nat i onal
CdPN=972- 555- 2222, NPI =E. 164, NOA=Nat i onal

F2 INVITE Alice -> Proxy 1

I NVI TE sip: +19725552222@&s1. a. exanpl e. com user =phone SIP/ 2.0

Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2

Max- Forwards: 70

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s
To: <sip:+19725552222@s1. a. exanpl e. com user =phone>

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:ngwl@. exanpl e.comtransport=tcp>

Cont ent - Type: application/sdp

Cont ent - Lengt h: 144

v=0

0=GW 2890844527 2890844527 IN | P4 gwl. a. exanpl e. com
S=-

c=IN I P4 gwl. a. exanpl e. com

t=0 0

mFaudi o 3456 RTP/ AVP 0O

a=rtpmap: 0 PCMJ 8000

/* Proxy 1 uses a Location Service function to deternine a route for
+19725552222. The call is then forwarded to Bob. */

F3 INVITE F3 Proxy 1 -> Bob

| N\VI TE bob@. exanpl e. com SI P/ 2.0

Via: SIP/2.0/ TCP ssl. a. exanpl e. com 5060; branch=z9h&4bK2d4790. 1

Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 201

Max- Forwar ds: 69

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s

To: <sip: +19725552222@s1. a. exanpl e. com user =phone>

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:ngwl@. exanpl e.comtransport=tcp>

Cont ent - Type: application/sdp
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Cont ent - Lengt h: 144

v=0

0=GW 2890844527 2890844527 IN | P4 gwl. a. exanpl e. com
S=-

c=IN I P4 gwl. a. exanpl e. com

t=0 0

mFaudi o 3456 RTP/ AVP 0O

a=rtpmap: 0 PCMJ 8000

F4 100 Trying Proxy 1 -> NGW 1

SIP/2.0 100 Trying

Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 201

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s

To: <sip:+19725552222@&s1. a. exanpl e. com user =phone>; t ag=314159

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 INVITE

Content -Length: O

F5 600 Busy Everywhere Bob -> Proxy 1

SIP/2.0 600 Busy Everywhere

Via: SIP/2.0/ TCP ssl. a. exanpl e. com 5060; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 201

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s

To: <sip: +19725552222@s1. a. exanpl e. com user =phone>; t ag=314159

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 INVITE

Content -Length: O

F6 ACK Proxy 1 -> Bob

ACK bob@. exanpl e.com SI P/ 2.0

Via: SIP/2.0/ TCP ssl. a. exanpl e. com 5060; branch=z9h&4bK2d4790. 1

Max- Forwar ds: 70

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s
To: <sip:+19725552222@&s1. a. exanpl e. com user =phone>; t ag=314159

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 ACK

Content -Length: O

Johnston, et al. Best Current Practice [ Page 78]



RFC 3666 SIP PSTN Call Fl ows Decenber 2003

F7 600 Busy Everywhere Proxy 1 -> NGW1

SIP/2.0 600 Busy Everywhere

Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 201

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s

To: <sip:+19725552222@&s1. a. exanpl e. com user =phone>; t ag=314159

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 INVITE

Content -Length: O

F8 ACK NGW 1 -> Proxy 1

ACK bob@. exanpl e.com SI P/ 2.0

Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2

Max- Forwar ds: 70

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s
To: <sip:+19725552222@&s1. a. exanpl e. com user =phone>; t ag=314159

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 ACK

Content -Length: O

F9 REL NGW1 -> Alice
REL

CauseCode=17 Busy

F10 RLC Alice -> NGW 1

RLC

Johnston, et al. Best Current Practice [ Page 79]



RFC 3666 SIP PSTN Call Fl ows Decenber 2003

3.6. Unsuccessful PSTN->SIP, SIP error interworking to tones

Switch A NGW 1 Proxy 1 Bob
I I I I
| | AV F1 | | |
[-ocmmme o > INVITE F2 | |
| |- commm - > INVITE F3 |
| | 100 F4 I >|
| | e |
| | | 600 F5 |
| | ESEEEEPERTEP RS |
| | | ACK F6 |
| | 600 F7 I >|
| | <----eimmeoo-- I I
| | ACK F8 |
| ACM F9 [-------mmam - - > |
| e | |
| One Way Voice | |
|<:::::::::::::::| |
| Busy Tone | |
I I
I I

I
I
I
I

I
I
I
I
I
I
<:::::::::::::::| |
I
I
I
I
I

In this scenario, Alice calls Bob through Network Gateway NGW 1 and
Proxy 1. The call is routed to Bob by Proxy 1. The call is rejected
by the Bob client. NGWN1 sets up a two way voice path to Alice and
pl ays busy tone. The caller then di sconnects

NGW 1 pl ays the busy tone since the | AM (F1) indicates the
interworking is present. 1In scenario 5.2.2., with no interworking,
the busy indication is carried in the REL Cause value and is
generated |l ocally instead.

Again, note that for ETSI or ITU ISUP, a CONnect nessage woul d be
sent instead of the Answer Message.

Message Details

F1 1AM Alice -> NGW 1

| AM

CgPN=314-555-1111, NPI =E. 164, NOA=Nat i onal

CdPN=972- 555- 2222, NPI =E. 164, NOA=Nat i onal
| nt er wor ki ng=encount er ed
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F2 INVITE NGM -> Proxy 1

I NVI TE sip: +19725552222@s1. a. exanpl e. com user =phone SIP/ 2.0

Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2

Max- Forwards: 70

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s
To: <sip:+19725552222@s1. a. exanpl e. com user =phone>

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:ngwl@. exanpl e.comtransport=tcp>

Cont ent - Type: application/sdp

Cont ent - Lengt h: 146

v=0

0=0GW 2890844527 2890844527 IN | P4 ngwl. a. exanpl e. com
S=-

c=IN I P4 ngwl. a. exanpl e. com

t=0 0

mraudi o 3456 RTP/ AVP 0

a=rtpmap: 0 PCMJ 8000

/* Proxy 1 uses a Location Service function to deternine a route for
+19725552222. The call is then forwarded to Bob. */

F3 INVITE Proxy 1 -> Bob

| N\VI TE bob@. exanpl e. com SI P/ 2.0

Via: SIP/2.0/ TCP ssl. a. exanpl e. com 5060; branch=z9h&4bK2d4790. 1

Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 103

Max- Forwar ds: 69

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s

To: <sip: +19725552222@s1. a. exanpl e. com user =phone>

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:ngwl@. exanpl e.comtransport=tcp>

Cont ent - Type: application/sdp

Cont ent - Lengt h: 146

v=0

0=GW 2890844527 2890844527 I N | P4 ngwl. a. exanpl e. com
S=-

c=I N I P4 ngwl. a. exanpl e. com

t=0 0

nmraudi o 3456 RTP/ AVP 0
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a=rtpmap: 0 PCMJ 8000

F4 100 Trying Bob -> Proxy 1

SIP/2.0 100 Trying

Via: SIP/2.0/ TCP ssl. a. exanpl e. com 5060; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 103

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s

To: <sip:+19725552222@s1. a. exanpl e. com user =phone>

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 INVITE

Content -Length: O

F5 600 Busy Everywhere Bob -> Proxy 1

SIP/2.0 600 Busy Everywhere

Via: SIP/2.0/ TCP ssl. a. exanpl e. com 5060; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 103

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s

To: <sip: +19725552222@s1. a. exanpl e. com user =phone>; t ag=314159

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 INVITE

Content -Length: O

F6 ACK Proxy 1 -> Bob

ACK bob@. exanpl e.com SI P/ 2.0

Via: SIP/2.0/ TCP ssl. a. exanpl e. com 5060; branch=z9h&4bK2d4790. 1

Max- Forwar ds: 70

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s
To: <sip:+19725552222@&s1. a. exanpl e. com user =phone>; t ag=314159

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 ACK

Content -Length: O
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F7 600 Busy Everywhere Proxy 1 -> NGW1

SIP/2.0 600 Busy Everywhere

Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 103

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s

To: <sip:+19725552222@&s1. a. exanpl e. com user =phone>; t ag=314159

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 INVITE

Content -Length: O

F8 ACK NGW 1 -> Proxy 1

ACK si p: ngwl@. exanpl e.com SI P/ 2.0

Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9hG4bKl ueha2

Max- Forwards: 70

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s
To: <sip: +19725552222@s1. a. exanpl e. com user =phone>; t ag=314159

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 ACK

Content -Length: O

FO9 ACMNGW 1 -> Alice

ACM

/* A one way speech path is established between NGW 1 and Alice. */

/* Call Released after Alice hangs up. */
F10 REL Alice -> NGW 1
REL

CauseCode=16

F11 RLC NGW 1 -> Alice

RLC
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3.7. Unsuccessful PSTN->SIP, ACMti neout

Switch A NGW 1 Proxy 1 Bob
I I I I
| | AM F1 | | |
EEEEE TR >| I NVI TE F2 | |
| BRI >| | N\VI TE F3 |
| | 100 F4 [-----mmmm - >|
| | < | |
| | | | N\VI TE F5 |
| | EEEREEEEEPEPeEs >|
| | | | N\VI TE F6 |
| | EEEEEEEEEPEREES >|
| | | | N\VI TE F7 |
| | EEEREEEEEPEPEES >|
| | | | N\VI TE F8 |
| | EEEEEEEEEPEPEEs >|
| | | | N\VI TE F9 |
| | [EEEEEEPERPEREE >|
| REL F10 | | |
|- >| | |
| RLC F11 | | |
| <o | | |
| | CANCEL F12 | |
| <o > |
| | 200 F13 | |
| R | |

Alice calls Bob through NGW1 and Proxy 1. Proxy 1 re-sends the
INVITE after the expiration of SIP timer T1 without receiving any
response from Bob. Bob never responds with 180 Ringing or any other
response (it is reachable but unresponsive). After the expiration of
atimer, Alice’s network disconnects the call by sending a Rel ease
nmessage REL. The Gateway maps this to a CANCEL.

Message Details

F1 1AM Alice -> NGW 1

| AM

CgPN=314-555-1111, NPI =E. 164, NOA=Nat i onal
CdPN=972- 555- 2222, NPI =E. 164, NOA=Nat i onal
F2 INVITE Alice -> Proxy 1

I NVI TE si p: +19725552222@s1. a. exanpl e. com user =phone SIP/ 2.0
Via: SIP/2.0/UDP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
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Max- Forwar ds: 70

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s
To: <sip:+19725552222@s1. a. exanpl e. com user =phone>

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:ngwl@. exanpl e. conr

Cont ent - Type: application/sdp

Cont ent - Lengt h: 146

v=0

0=0GW 2890844527 2890844527 IN | P4 ngwl. a. exanpl e. com
s=-

c=IN I P4 ngwl. a. exanpl e. com

t=0 0

mraudi o 3456 RTP/ AVP 0

a=rtpmap: 0 PCMJ 8000

/* Proxy 1 uses a Location Service function to deternine a route for
+19725552222. The call is then forwarded to Bob. */

F3 INVITE Proxy 1 -> Bob

| NVI TE si p: bob@. exanpl e.com SIP/ 2.0

Via: SIP/2.0/UDP ssl.a.exanpl e.com 5060; branch=z9h&4bK2d4790. 1

Via: SIP/2.0/UDP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 103

Max- Forwar ds: 69

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s

To: <sip: +19725552222@s1. a. exanpl e. com user =phone>

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:ngwl@. exanpl e. conr

Cont ent - Type: application/sdp

Cont ent - Lengt h: 146

v=0

0=GW 2890844527 2890844527 I N | P4 ngwl. a. exanpl e. com
c c=IN P4 ngwl. a. exanpl e. com

t=0 0

mFaudi o 3456 RTP/ AVP 0O

a=rtpmap: 0 PCMJ 8000
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F4 100 Trying Proxy 1 -> NGW 1

SIP/2.0 100 Trying

Via: SIP/2.0/UDP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 103

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s

To: <sip:+19725552222@s1. a. exanpl e. com user =phone>

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 INVITE

Content -Length: O

F5 INVITE Proxy 1 -> Bob

Same as Message F3

F6 I NVITE Proxy 1 -> Bob

Same as Message F3

F7 INVITE Proxy 1 -> Bob

Same as Message F3

F8 INVITE Proxy 1 -> Bob

Same as Message F3

FO INVITE Proxy 1 -> Bob

Same as Message F3

/* Timer expires in Alice’'s access network. */
F10 REL Alice -> NGW 1

REL

CauseCode=16 Nor nal

F11 RLC NGW 1 -> Alice

RLC
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F12 CANCEL NGW1l -> Proxy 1

CANCEL si p: +19725552222@s1. a. exanpl e. conj user =phone SIP/ 2.0

Via: SIP/2.0/UDP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2

Max- Forwards: 70

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s
To: <sip:+19725552222@s1. a. exanpl e. com user =phone>

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 CANCEL

Content -Length: O

F13 200 OK Proxy 1 -> NGW 1

SIP/2.0 200 &K
Via: SIP/2.0/UDP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 103
From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s
To: <sip:+19725552222@s1. a. exanpl e. com user =phone>
Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com
CSeq: 1 CANCEL
Content -Length: O
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3.8. Unsuccessful PSTN->SIP, ACMtinmeout, stateless Proxy

Switch A NGW 1 Statel ess Proxy 1 Bob
I I I I
| | AM F1 | | |
[~-cmmmemaaan >| | N\VI TE F2 | |
| | =ememmeaaas >| | N\VI TE F3 |
| | | N\VI TE F4 T >|
| | =ememmeaaas >| | N\VI TE F5 |
| | | N\VI TE F6 T >|
| | =ememmeaaas >| | N\VI TE F7 |
| | | N\VI TE F8 T >|
| | =ememmeaaas >| | N\VI TE F9 |
| | INVITE FI0  |---------mmmm-- >|
| | =ememmeaaas >| INVITE F11 |
| | INVITE F12 | ------mmmmmmm-- >|
| | =ememmeaaas >| I NVITE F13 |
| | EEEEEEE R >
| REL F14 | | |
|- > | |
| RLC F15 | | |
| <ommm e | | |

In this scenario, Alice calls Bob through NGW1 and Proxy 1. Since
Proxy 1 is stateless (it does not send a 100 Trying response), NGW1
re-sends the I NVITE nessage after the expiration of SIP tinmer TI1.
Bob does not respond with 180 Ringing. Alice s network disconnects
the call with a release REL (CauseCode=102 Ti neout).

Message Details
F1 1AM Alice -> NGW 1

| AM
CgPN=314-555-1111, NPI =E. 164, NOA=Nat i onal
CdPN=972- 555- 2222, NPI =E. 164, NOA=Nat i onal

F2 INVITE NGW1 -> Proxy 1

I NVI TE si p: +19725552222@s1. a. exanpl e. com user =phone SIP/ 2.0

Via: SIP/2.0/UDP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2

Max- Forwards: 70

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s
To: <sip: +19725552222@s1. a. exanpl e. com user =phone>

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 INVITE
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Contact: <sip:ngwl@. exanpl e. conr
Cont ent - Type: application/sdp
Cont ent - Lengt h: 146

v=0

0=GW 2890844527 2890844527 I N | P4 ngwl. a. exanpl e. com
S=-

c=IN I P4 ngwl. a. exanpl e. com

t=0 0

mFaudi o 3456 RTP/ AVP 0O

a=rtpmap: 0 PCMJ 8000

/* Proxy 1 uses a Location Service function to deternine a route for
+19725552222. The call is then forwarded to Bob. */

F3 INVITE Proxy 1 -> Bob

| N\VI TE si p: bob@. exanpl e.com SIP/ 2.0

Via: SIP/2.0/UDP ssl. a.exanpl e.com 5060; branch=z9h&4bK2d4790. 1

Via: SIP/2.0/UDP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 201

Max- Forwar ds: 69

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s

To: <sip: +19725552222@s1. a. exanpl e. com user =phone>

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:ngwl@. exanpl e. conr

Cont ent - Type: application/sdp

Cont ent - Lengt h: 146

v=0

0=GW 2890844527 2890844527 I N | P4 ngwl. a. exanpl e. com
S=-

c=IN I P4 ngwl. a. exanpl e. com

t=0 0

mFaudi o 3456 RTP/ AVP 0O

a=rtpmap: 0 PCMJ 8000

FA4 INVITE NGW1 -> Proxy 1

Same as Message F2

F5 INVITE Proxy 1 -> Bob

Same as Message F3

Johnston, et al. Best Current Practice [ Page 89]



RFC 3666 SIP PSTN Call Fl ows Decenber 2003

F6 INVITE NGW1 -> Proxy 1

Same as Message F2

F7 INVITE Proxy 1 -> Bob

Same as Message F3

F8 INVITE NGW1 -> Proxy 1

Same as Message F2

FO INVITE Proxy 1 -> Bob

Same as Message F3

F10 INVITE NGW1 -> Proxy 1

Same as Message F2

F11 INVITE Proxy 1 -> Bob

Same as Message F3

F12 INVITE NGW 1 -> Proxy 1

Same as Message F2

F13 INVITE Proxy 1 -> Bob
Same as Message F3

/* Atinmer expires in Alice's access network. */
F14 REL Alice -> NGW 1

REL
CauseCode=102 Ti nmeout
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F15 RLC NGW 1 -> Alice
RLC

3.9. Unsuccessful PSTN->SIP, Caller Abandonnent

Switch A NGW 1 Proxy 1 Bob
| | | |
| | AM F1 | | |
P > INITEF2 | |
| [P > INITEF3 |
| | 100 F4 [ cmcmmmmmmeeoan >|
| | <omme o |
| | | 180 F5 |
| | 180 F6 | <emmmmmm e |
| ACM F7 | <emmmm e | |
| <rosome e | |
| One Wy Voice | | |
| <::.:::.::::::::::| | |
| Ringing Tone | | |
| <:::::::::::::::| | |
| | |
| REL F8 | | |
[ ommm e > | |
| RLC F9 | | |
T | CANCEL F10 | |
| EERSt vt > |
| | 200 F11 | |
| | Senmemmnnmnees | |
I I |  CANCEL F12 |
| | [eeeeemeeenen >
I I | 200 F13 |
| | e |
| | | 487 F14 |
| | [T |
| | | ACK F15 |
| | 487 FL16 | ---cmcmmmmmne- >|
| | <o |
| | ACK F17 | |
| ERTTR > |
| |

In this scenario, Alice calls Bob through NGW1 and Proxy 1. Bob
does not respond with 200 OK. NGW1 plays ringing tone since the ACM
i ndi cates that interworking has been encountered. Alice disconnects
the call with a Rel ease nessage REL which is mapped by NGW1 to a
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CANCEL. Note that if Bob had sent a 200 CK response after the REL,
NGW 1 woul d have sent an ACK and then a BYE to properly term nate the
call.

Message Details
F1 1AM Alice -> NGW 1

| AM
CgPN=314-555-1111, NPI =E. 164, NOA=Nat i onal
CdPN=972- 555- 2222, NPI =E. 164, NOA=Nat i onal

F2 INVITE Alice -> Proxy 1

I NVI TE sip: +19725552222@s1. a. exanpl e. com user =phone SIP/ 2.0

Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2

Max- Forwards: 70

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s
To: <sip:+19725552222@s1. a. exanpl e. com user =phone>

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:ngwl@. exanpl e.comtransport=tcp>

Cont ent - Type: application/sdp

Cont ent - Lengt h: 146

v=0

0=GW 2890844527 2890844527 I N | P4 ngwl. a. exanpl e. com
S=-

c=I N I P4 ngwl. a. exanpl e. com

t=0 0

mFaudi o 3456 RTP/ AVP 0O

a=rtpmap: 0 PCMJ 8000

/* Proxy 1 uses a Location Service function to deternine a route for
+19725552222. The call is then forwarded to Bob. */

F3 INVITE Proxy 1 -> Bob

| N\VI TE si p: bob@. exanpl e.com SIP/2.0

Via: SIP/2.0/ TCP ssl. a. exanpl e. com 5060; branch=z9h&4bK2d4790. 1

Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 103

Max- Forwar ds: 69

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s

To: <sip: +19725552222@s1. a. exanpl e. com user =phone>
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Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com
CSeq: 1 INVITE

Contact: <sip:ngwl@. exanpl e.comtransport=tcp>
Cont ent - Type: application/sdp

Cont ent - Lengt h: 146

v=0

0=GW 2890844527 2890844527 I N | P4 ngwl. a. exanpl e. com
S=-

c=I N I P4 ngwl. a. exanpl e. com

t=0 0

mFaudi o 3456 RTP/ AVP 0O

a=rtpmap: 0 PCMJ 8000

F4 100 Trying Bob -> Proxy 1

SIP/2.0 100 Trying

Via: SIP/ 2.0/ TCP ssl. a. exanpl e. com 5060; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 201

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s

To: <sip: +19725552222@s1. a. exanpl e. com user =phone>

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 INVITE

Content -Length: O

F5 180 Ringing Bob -> Proxy 1

SIP/2.0 180 Ringing

Via: SIP/ 2.0/ TCP ssl. a. exanpl e. com 5060; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 103

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s

To: <sip: +19725552222@s1. a. exanpl e. com user =phone>; t ag=314159

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:bob@lient.b.exanple.comtransport=tcp>

Content -Length: O

F6 180 Ringing Proxy 1 -> NGW 1

SIP/2.0 180 Ringing
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Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 103

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s

To: <sip:+19725552222@&s1. a. exanpl e. com user =phone>; t ag=314159

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:bob@lient.b.exanple.conr

Content -Length: O

F7 ACM NGW 1 -> Alice

ACM

/* Alice hangs up */

F8 REL Alice -> NGW1

REL
CauseCode=16 Nor nal

F9 RLC NGW1 -> Alice

RLC

F10 CANCEL NGW 1l -> Proxy 1

CANCEL si p: +19725552222@s1. a. exanpl e. com user =phone SIP/ 2.0

Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2

Max- Forwards: 70

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s
To: <sip: +19725552222@s1. a. exanpl e. com user =phone>

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 CANCEL

Content -Length: O

F11 200 OK Proxy 1 -> NGW 1

SIP/2.0 200 &K

Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 103

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s

To: <sip: +19725552222@s1. a. exanpl e. com user =phone>
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Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com
CSeq: 1 CANCEL
Content -Length: O

F12 CANCEL Proxy 1 -> Bob

CANCEL si p: bob@. exanpl e.com SIP/ 2.0

Via: SIP/ 2.0/ TCP ssl. a. exanpl e. com 5060; branch=z9h&4bK2d4790. 1

Max- Forwar ds: 70

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s
To: <sip:+19725552222@s1. a. exanpl e. com user =phone>

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 CANCEL

Content -Length: O

F13 200 OK Bob -> Proxy 1

SIP/2.0 200 &K

Via: SIP/2.0/ TCP ssl. a. exanpl e. com 5060; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s

To: <sip: +19725552222@s1. a. exanpl e. com user =phone>

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 CANCEL

Content -Length: O

F14 487 Request Term nated Bob -> Proxy 1

SIP/2.0 487 Request Terni nated

Via: SIP/ 2.0/ TCP ssl. a. exanpl e. com 5060; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 103

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s

To: <sip: +19725552222@s1. a. exanpl e. com user =phone>; t ag=314159

Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 INVITE

Content -Length: O

F15 ACK Proxy 1 -> Bob
ACK si p: bob@. exanpl e.com SIP/ 2.0

Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
Max- Forwards: 70
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From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s
To: <sip:+19725552222@&s1. a. exanpl e. com user =phone>; t ag=314159
Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 ACK

Content -Length: O

F16 487 Request Termi nated Proxy 1 -> NGW1

SIP/ 2.0 487 Request Terni nated

Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 103

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s

To: <sip:+19725552222@&s1. a. exanpl e. com user =phone>; t ag=314159
Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 INVITE

Content -Length: O

F17 ACK NGW 1 -> Proxy 1

ACK si p: +19725552222@s1. a. exanpl e. com user =phone SIP/ 2.0

Via: SIP/ 2.0/ TCP ngwl. a. exanpl e. com 5060; br anch=z9h&4bKl ueha2

Max- Forwards: 70

From <sip:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s
To: <sip: +19725552222@s1. a. exanpl e. com user =phone>; t ag=314159
Call -1 D 4Fde34wkd1llwsGFDs3@gwl. a. exanpl e. com

CSeq: 1 ACK

Content -Length: O

4. PSTN to PSTN Dialing via SIP Network

In these scenarios, both the caller and the called party are in the

t el ephone network, either normal PSTN subscribers or PBX extensions.
The calls route through two Gateways and at | east one SIP Proxy
Server. The Proxy Server perfornms the authentication and | ocation of
t he Gat eways.

Again it is noted that the intent of this call flows docunment is not
to provide a detail ed paraneter |evel mapping of SIP to PSTN
protocols. For information on SIP to | SUP mapping, the reader is
referred to other references [4].

In these scenarios, the call is successfully conpleted between the
two Gateways, allowi ng the PSTN or PBX users to communi cate. The 183
Sessi on Progress response is used to indicate that in-band alerting
may flow fromthe called party tel ephone switch to the caller.
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4.1. Successful ISUP PSTN to | SUP PSTN cal l
Switch A NGW 1 Proxy 1 GwW 2 Switch C

I I I I I
| TAMFL | | | |
[EEEEEERREERES > | | |
| | INVITE F2 | | |
| [--mmme e - - > INVITE F3 | |
| | [-------mm - >| | AM F4 |
| | | |- >
| | | | AGMF5 |
| | | 183 F6 [<---mmemiaeo - |
| | 183 F7 | <----mmmmae - | |
| ACM F8 [<---mmemieea - | | |
| <omoeeeeo ] | | | ]
| One Way Voi ce| Two WAy RTP Medi a | One Way Voi ce|
| <:::::::::::::| <:::::::::::::::::::::::::::>| :::::::::::::l
| | | ANM F9 |
| | | 200 F10 [<---mmemiaeo - |
| 200 F11 | <----mmma-- | |
| ANM F12 | <-----mmmaa--- | | |
| <mme e | | | |
| | ACKF13 | | |
| === - >| ACK F14 | |
| o |- > ]
| Bot h Way Voi ce| Bot h Wy RTP Medi a | Both Way Voi ce|
| <:::::::::::::| <:::::::::::::::::::::::::::>| :::::::::::::l
| | | | REL F15 |
| | | ESRRREEEEEEEEE |
| | | BYE F16 | |
| | BYE F18 |<------------- | RLC F17 |
I | <------------- I |------mmmm - >|
I I I I I
| | 200 F19 | | |
| === - >| 200 F20 | |
| | [EEEEEEEEEERES > |
| REL F21 | | |
| <mmeeeees | |
I I I

I I

I I

Johnst on,

I

I I

RLC F22 | |
I

I

In this scenari o,
on a PBX

Alice in the PSTN calls Carol
Alice’ s tel ephone switch signals via SS7 to the Network

who i s an extension

Gateway NGW 1, while Carol’s PBX signals via SS7 with the Gateway GW
2. The CdPN and CgPN are mapped by GW1 into SIP URIs and placed in

the To and From headers.
Request - UR|

et al

and maps the digits to the PBX extension of Carol,

Best Current Practice

Proxy 1 looks up the dialed digits in the

whi ch
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is served by GW2. The Proxy in F3 uses the host portion of the
Request-URI to identify what private dialing plan is being
referenced. The INVITE is then forwarded to GW2 for call
conpletion. An early nedia path is established end-to-end so that
Alice can hear the ringing tone generated by PBX C

Carol answers the call and the nedia path is cut through in both
directions. Bob hangs up terminating the call.

Message Details
F1 IAM Switch Alice -> NGW 1

| AM
CgPN=314-555-1111, NPI =E. 164, NOA=Nat i onal
CdPN=918- 555- 3333, NPI =E. 164, NOA=Nat i onal

F2 INVITE NGW1 -> Proxy 1

I NVI TE si ps: +19185553333@s1. a. exanpl e. com user =phone SIP/ 2.0

Via: SIP/ 2.0/ TLS ngwl. a. exanpl e. com 5061; br anch=z9h&4bKl ueha2

Max- Forwards: 70

From <sips: +13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s
To: <sips:+19185553333@s1. a. exanpl e. cony user =phone>

Call -1 D 2xTbh9vxSi t 55XU7p8@gwl. a. exanpl e. com

CSeq: 1 INVITE

Cont act: <sips:ngwl@. exanpl e. conp

Cont ent - Type: application/sdp

Cont ent - Lengt h: 146

v=0

0=GW 2890844526 2890844526 I N | P4 ngwl. a. exanpl e. com
S=-

c=I N I P4 ngwl. a. exanpl e. com

t=0 0

mFaudi o 3456 RTP/ AVP 0O

a=rtpmap: 0 PCMJ 8000

/* Proxy 1 consults Location Service and translates the dial ed nunber
to a private nunber in the Request-URI*/

F3 INVITE Proxy 1 -> GW 2

| NVI TE si ps: 4443333@Ww2. a. exanpl e.com SIP/ 2.0

Via: SIP/2.0/TLS ssl. a.exanpl e.com 5061; branch=z9h&4bK2d4790. 1
Via: SIP/2.0/ TLS ngwl. a. exanpl e. com 5061; br anch=z9hG4bKwgqwee65
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:recei ved=192. 0. 2. 103
Max- Forwar ds: 69
Record- Rout e: <sips:ssl.a.exanple.conmlr>
From <sips: +13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s
To: <sips:+19185553333@s1. a. exanpl e. cony user =phone>
Call -1 D 2xTbhb9vxSi t 55XU7p8@gwl. a. exanpl e. com
CSeq: 1 INVITE
Cont act: <sips:ngwl@. exanpl e. conp
Cont ent - Type: application/sdp
Cont ent - Lengt h: 146

v=0

0=GW 2890844526 2890844526 I N | P4 ngwl. a. exanpl e. com
S=-

c=IN I P4 ngwl. a. exanpl e. com

t=0 0

mFaudi o 3456 RTP/ AVP 0O

a=rtpmap: 0 PCMJ 8000

FA ITAMGWV2 -> Switch C

| AM
CgPN=314-555-1111, NPI =E. 164, NOA=Nat i onal
CdPN=444- 3333, NPl =Pri vat e, NOA=Subscri ber

F5 ACM Switch C -> GW2
ACM

/* Based on the ACM nessage, GW2 returns a 183 response. In-band
call progress indications are sent to Alice through NGW1. */

F6 183 Session Progress GW2 -> Proxy 1

SIP/2.0 183 Session Progress

Via: SIP/2.0/TLS ssl. a.exanpl e. com 5061; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

Via: SIP/ 2.0/ TLS ngwl. a. exanpl e. com 5061; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 103

Recor d- Rout e: <sips:ssl. a.exanple.comlr>

From <sips:+13145551111@gwl. a. exanpl e. con user =phone>; t ag=7643kal s

To: <sips:+19185553333@s1. a. exanpl e. cony user =phone>; t ag=314159

Cal | -1 D 2xTbhb9vxSi t 55XU7p8@gwl. a. exanpl e. com

CSeq: 1 INVITE

Cont act: <sips: 4443333@w2. a. exanpl e. conp
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Cont ent - Type: application/sdp
Cont ent - Lengt h: 143

v=0

0=GW 987654321 987654321 I N | P4 gw2. a. exanpl e. com
S=-

c=IN I P4 gw2. a. exanpl e. com

t=0 0

mFaudi o 14918 RTP/ AVP 0O
a=rtpmap: 0 PCMJ 8000

F7 183 Session Progress Proxy 1 -> GW1

SIP/2.0 183 Session Progress

Via: SIP/ 2.0/ TLS ngwl. a. exanpl e. com 5061; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 103

Recor d- Rout e: <sips:ssl. a.exanple.comlr>

From <sips:+13145551111@qgwl. a. exanpl e. cony user =phone>; t ag=7643kal s

To: <sips:+19185553333@s1. a. exanpl e. cony user =phone>; t ag=314159

Cal | -1 D 2xTbhb9vxSi t 55XU7p8@gwl. a. exanpl e. com

CSeq: 1 INVITE

Cont act: <sips: 4443333@w2. a. exanpl e. conp

Cont ent - Type: application/sdp

Cont ent - Lengt h: 143

v=0

0=GW 987654321 987654321 I N | P4 gw2. a. exanpl e. com
S=-

c=IN I P4 gw2. a. exanpl e. com

t=0 0

mFaudi o 14918 RTP/ AVP 0O
a=rtpmap: 0 PCMJ 8000

/* NGW 1 receives packets fromGWN2 with encoded ringback, tones or

ot her audio. NGW1 decodes this and places it on the originating
trunk. */

F8 ACM NGW1 -> Switch A
ACM

/* Bob answers */
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FO ANM Switch C -> GW2

ANM

F10 200 OK GW 2 -> Proxy 1

SIP/2.0 200 &K

Via: SIP/2.0/TLS ssl. a.exanpl e. com 5061; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

Via: SIP/ 2.0/ TLS ngwl. a. exanpl e. com 5061; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 103

Recor d- Rout e: <si ps:ssl. a.exanple.comlr>

From <sips:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s

To: <sips:+19185553333@s1. a. exanpl e. cony user =phone>; t ag=314159
Call -1 D 2xTbh9vxSi t 55XU7p8@gwl. a. exanpl e. com

CSeq: 1 INVITE

Cont act: <sips: 4443333@w2. a. exanpl e. conp

Cont ent - Type: application/sdp

Cont ent - Lengt h: 143

v=0

0=0GW 987654321 987654321 IN | P4 gw2. a. exanpl e. com
S=-

c=IN I P4 gw2. a. exanpl e. com

t=0 0

mFaudi o 14918 RTP/ AVP 0O
a=rtpmap: 0 PCMJ 8000

F11 200 OK Proxy 1 -> NGW 1

SIP/2.0 200 &K

Via: SIP/ 2.0/ TLS ngwl. a. exanpl e. com 5061; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 103

Recor d- Rout e: <sips:ssl. a.exanple.comlr>

From <sips: +13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s

To: <sips:+19185553333@s1. a. exanpl e. cony user =phone>; t ag=314159
Call -1 D 2xTbhb9vxSi t 55XU7p8@gwl. a. exanpl e. com

CSeq: 1 INVITE

Cont act: <sips: 4443333@w2. a. exanpl e. conp

Cont ent - Type: application/sdp

Cont ent - Lengt h: 143

v=0

0=GW 987654321 987654321 I N | P4 gw2. a. exanpl e. com
S=-

c=IN I P4 gw2. a. exanpl e. com
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t=0 0
mFaudi o 14918 RTP/ AVP 0O
a=rtpmap: 0 PCMJ 8000

F12 ANM NGW 1 -> Switch A

ANM

F13 ACK NGW1 -> Proxy 1

ACK si ps: 4443333@Ww2. a. exanpl e.com SI P/ 2.0

Via: SIP/ 2.0/ TLS ngwl. a. exanpl e. com 5061; br anch=z9h&4bKl ueha2

Max- Forwards: 70

Rout e: <sips:ssl. a.exanple.comlr>

From <sips:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s
To: <sips:+19185553333@s1. a. exanpl e. cony user =phone>; t ag=314159

Call -1 D 2xTb9vxSi t 55XU7p8@wl. a. exanpl e. com

CSeq: 1 ACK

Content -Length: O

F14 ACK Proxy 1 -> GW2

ACK si ps: 4443333@Ww2. a. exanpl e.com SI P/ 2.0
Via: SIP/2.0/TLS ssl. a.exanpl e. com 5061; branch=z9h&4bK2d4790. 1
Via: SIP/ 2.0/ TLS ngwl. a. exanpl e. com 5061; br anch=z9h&4bKl ueha2
:recei ved=192. 0. 2. 103
Max- Forwar ds: 69
From <sips:+13145551111@gwl. a. exanpl e. con user =phone>; t ag=7643kal s
To: <sips:+19185553333@s1. a. exanpl e. cony user =phone>; t ag=314159
Cal | -1 D 2xTbh9vxSi t 55XU7p8@gwl. a. exanpl e. com
CSeq: 1 ACK
Content -Length: O

/* RTP streams are established between NGW 1 and GW 2. */

/* Bob Hangs Up with Alice. */
F15 REL Switch C -> GWN 2

REL
CauseCode=16 Nor nal
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F16 BYE GW2 -> Proxy 1

BYE si ps: ngwl@. exanpl e.com SIP/ 2.0

Via: SIP/ 2.0/ TLS gw2. a. exanpl e. com 5061; br anch=z9hG4bKt exx6

Max- Forwards: 70

Rout e: <sips:ssl. a.exanple.comlr>

From <sips:+19185553333@s1l. a. exanpl e. com user =phone>; t ag=314159
To: <sips:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s
Cal | -1 D 2xTbhb9vxSi t 55XU7p8@gwl. a. exanpl e. com

CSeq: 4 BYE

Content -Length: O

F17 RLC GW2 -> Switch C

RLC

F18 BYE Proxy 1 -> NGW1

BYE si ps: ngwl@. exanpl e.com SIP/ 2.0
Via: SIP/2.0/TLS ssl. a.exanpl e. com 5061; branch=z9h&4bK2d4790. 1
Via: SIP/ 2.0/ TLS gw2. a. exanpl e. com 5061; br anch=z9hG4bKt exx6

:recei ved=192. 0. 2. 202

Max- Forwar ds: 69

From <sips:+19185553333@s1l. a. exanpl e. com user =phone>; t ag=314159
To: <sips:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s
Cal | -1 D 2xTbhb9vxSi t 55XU7p8@gwl. a. exanpl e. com
CSeq: 4 BYE
Content -Length: O

F19 200 OK NGW 1l -> Proxy 1

SIP/2.0 200 &K
Via: SIP/2.0/TLS ssl. a.exanpl e. com 5061; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111
Via: SIP/ 2.0/ TLS gw2. a. exanpl e. com 5061; br anch=z9hG4bKt exx6
:recei ved=192. 0. 2. 202
From <sips:+19185553333@s1l. a. exanpl e. com user =phone>; t ag=314159
To: <sips:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s
Cal | -1 D 2xTbhb9vxSi t 55XU7p8@gwl. a. exanpl e. com
CSeq: 4 BYE
Content -Length: O
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F20 200 OK Proxy 1 -> GW2

SIP/2.0 200 &K
Via: SIP/ 2.0/ TLS gw2. a. exanpl e. com 5061; br anch=z9hG4bKt exx6
:recei ved=192. 0. 2. 202
From <sips:+19185553333@s1l. a. exanpl e. com user =phone>; t ag=314159
To: <sips:+13145551111@gwl. a. exanpl e. com user =phone>; t ag=7643kal s
Call -1 D 2xTbhb9vxSi t 55XU7p8@gwl. a. exanpl e. com
CSeq: 4 BYE
Content -Length: O

F21 REL Switch C -> GWV 2
REL

CauseCode=16 Nor nal

F22 RLC GW2 -> Switch C

RLC
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4.2. Successful FGB PBX to | SDN PBX call with overfl ow

PBX A GwW 1 Proxy 1 GwW 2 GwW 3 PBX C
| | | | | |
| Seizure | | | | |
|---------- >| | | | |
| W nk | | | | |
| <----------- | | | I I
| M- Digits F1| | | | |
|----------- >| | | I I
| | INVITE F2 | | | |
| [----------- > INVITE F3 | | |
| | |----------- >| I I
| | | 503 F4 | | |
| | | <----------- | I I
| | |  ACKF5 | | |
| | |----------- >| I I
| | | | N\VI TE F6 | |
| | | oo >| SETUP F7 |
| | | 100 F8 I >|
| | | <omm o m e | CALL PROC F9
| | | | <oooene |
| | | | ALERT F10 |
| | | 180 F11 . |
| | 180 F12 [ Semcommmmmmmmmee oo | |
| | <o | | |
| Ringtone | | | OneWay Voi ce|
| <:::::::::::| | | <:::::::::::|
| | | | CONNect F13]
| | | 200 F14 | <ommmmmm e |
| | 200 F15 | <ec-mmmmmmmmmm e | |
| Seizure | <----------- | | |
R | ACK F16 | | |
| T >| ACK F17 | |
| | | ol >| CONN ACK F18]
| | T R >|
| Bot hWayVoi ce| Bot h Wy RTP Medi a | Bot hWayVoi ce|
| <::::::::::>| [ b —————————————————>"] I Gt —p——_—>1
| | | | DISC F19 |
| | | R |
| | | BYE F20 |
| | BYE F21 | <cmcmmmmmmmmmmmme oo | REL F22 |
| Seiz Rermoval | <----------- | [----------- >|
| <ommmmeen | 200 F23 | | |
| Seiz Rermoval [----------- >| 200 F24 |
EXEEEETEEES >| | e >| REL COM F25]
| | | | <o |
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PBX Alice calls PBX Carol via Gateway GW1 and Proxy 1. During the
attenpt to reach Carol via GN2, an error is encountered - Proxy 1
receives a 503 Service Unavail able (F4) response to the forwarded
INVITE. This could be due to all circuits being busy, or sone other
outage at GW2. Proxy 1 recognizes the error and uses an alternative
route via GW3 to terninate the call. Fromthere, the call proceeds
normally with Carol answering the call. The call is term nated when
Car ol hangs up.

Message Details

PBX Alice -> GW1

Sei zure

GW1 -> PBX A

W nk

F1 MF Digits PBX Alice -> GWN1

KP 444 3333 ST

F2 INVITE GW1 -> Proxy 1

| NVI TE si p: 4443333@s1. a. exanple.com SIP/ 2.0

Via: SIP/2.0/UDP gwl. a. exanpl e. com 5060; br anch=z9h&bKwgwee65
Max- Forwar ds: 70

From <sip:551313@wl. a. exanpl e. conp; t ag=63412s

To: <sip:4443333@sl. a. exanpl e. conp

Cal I -1 D 2xTb9vxSi t 55XU7p8@wl. a. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:551313@wl. a. exanpl e. conp

Cont ent - Type: application/sdp

Cont ent - Lengt h: 155

v=0

0=GW 2890844526 2890844526 I N | P4 gwl. a. exanpl e. com
S=-

c=IN I P4 gwl. a. exanpl e. com

t=0 0

mFaudi o 49172 RTP/ AVP 0O
a=rtpmap: 0 PCMJ 8000
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/* Proxy 1 uses a Location Service function to deternine where B is
| ocated. Response is returned listing alternative routes, GA2 and
GMNB, which are then tried sequentially. */

F3 INVITE Proxy 1 -> GW 2

| NVI TE si p: 4443333@W2. a. exanpl e.com SIP/ 2.0

Via: SIP/2.0/UDP ssl. a. exanpl e. com 5060; branch=z9hG4bK2d4790. 1

Via: SIP/2.0/UDP gwl. a. exanpl e. com 5060; br anch=z9h&AbKwgwee65
:recei ved=192. 0. 2. 201

Max- Forwar ds: 69

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From <sip:551313@wl. a. exanpl e. conp; t ag=63412s

To: <sip:4443333@sl. a. exanpl e. conp

Cal | -1 D 2xTb9vxSi t 55XU7p8@wl. a. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:551313@wl. a. exanpl e. conp

Cont ent - Type: application/sdp

Cont ent - Lengt h: 155

v=0

0=0GW 2890844526 2890844526 I N | P4 gwl. a. exanpl e. com
S=-

c=IN I P4 gwl. a. exanpl e. com

t=0 0

mraudi o 49172 RTP/ AVP 0O

a=rtpmap: 0 PCMJ 8000

F4 503 Service Unavailable GN2 -> Proxy 1

SI P/ 2.0 503 Service Unavail abl e

Via: SIP/2.0/UDP ssl. a.exanpl e. com 5060; branch=z9h&4bK2d4790. 1
:recei ved=192. 0. 2. 111

Via: SIP/2.0/UDP gwl. a. exanpl e. com 5060; br anch=z9h&bKwgwee65
:recei ved=192. 0. 2. 201

From <sip:551313@wl. a. exanpl e. conp; t ag=63412s

To: <sip:4443333@sl. a. exanpl e. conp; t ag=314159

Cal I -1 D 2xTb9vxSi t 55XU7p8@wl. a. exanpl e. com

CSeq: 1 INVITE

Content -Length: O

F5 ACK Proxy 1 -> GW2

ACK si p: 4443333@sl. a. exanpl e.com SIP/ 2.0
Via: SIP/2.0/UDP ssl. a.exanpl e.com 5060; branch=z9h&4bK2d4790. 1
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Via: SIP/2.0/UDP gwl. a. exanpl e. com 5060; br anch=z9h&bKwgwee65
:recei ved=192. 0. 2. 201

Max- Forward: 70

From <sip:551313@wl. a. exanpl e. conp; t ag=63412s

To: <sip:4443333@sl. a. exanpl e. conp; t ag=314159

Cal | -1 D 2xTb9vxSi t 55XU7p8@wl. a. exanpl e. com

CSeq: 1 ACK

Content -Length: O

F6 INVITE Proxy 1 -> GW 3

I NVI TE si p: +19185553333@w3. a. exanpl e. com user =phone SIP/ 2.0

Via: SIP/2.0/UDP ssl. a. exanpl e. com 5060; branch=z9hG4bK2d4790. 2

Via: SIP/2.0/UDP gwl. a. exanpl e. com 5060; br anch=z9h&bKwgwee65
:recei ved=192. 0. 2. 201

Max- Forwar ds: 69

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From <sip:551313@wl. a. exanpl e. conp; t ag=63412s

To: <sip:4443333@sl. a. exanpl e. conp

Cal | -1 D 2xTb9vxSi t 55XU7p8@wl. a. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:551313@wl. a. exanpl e. conp

Cont ent - Type: application/sdp

Cont ent - Lengt h: 155

v=0

0=GW 2890844526 2890844526 I N | P4 gwl. a. exanpl e. com
S=-

c=IN I P4 gwl. a. exanpl e. com

t=0 0

mFaudi o 49172 RTP/ AVP 0O

a=rtpmap: 0 PCMJ 8000

F7 SETUP GW3 -> PBX C

Prot ocol discrimn nator=Q 931

Message type=SETUP

Bearer capability: Information transfer capability=0 (Speech) or 16
(3.1 kHz audi o)

Channel identification=Preferred or exclusive B-channel

Progress indicator=1 (Call is not end-to-end |ISDN, further call
progress informati on nmay be avail abl e i nband)

Cal l ed party nunber:

Type of nunber and nunbering plan I D=33 (National nunber in |SDN
nunbering pl an)

Di gi t s=918-555-3333
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F8 100 Trying GW3 -> Proxy 1

SIP/2.0 100 Trying

Via: SIP/2.0/UDP gwl. a. exanpl e. com 5060; br anch=z9h&bKwgwee65
:recei ved=192. 0. 2. 201

From <sip:551313@wl. a. exanpl e. conp; t ag=63412s

To: <sip:4443333@sl. a. exanpl e. conp

Cal | -1 D 2xTb9vxSi t 55XU7p8@wl. a. exanpl e. com

CSeq: 1 INVITE

Content -Length: O

F9 CALL PROCeeding PBX C -> GW 3

Prot ocol discrimn nator=Q 931
Message type=CALL PROC

F10 ALERT PBX C -> GW 3

Prot ocol discrimn nator=Q 931
Message type=PROG

/* Based on ALERT nessage, GW3 returns a 180 response. */

F11 180 Ringing GW3 -> Proxy 1

SIP/2.0 180 Ringing

Via: SIP/2.0/UDP ssl. a.exanpl e.com 5060; branch=z9h&4bK2d4790. 2
:recei ved=192. 0. 2. 111

Via: SIP/2.0/UDP gwl. a. exanpl e. com 5060; br anch=z9h&AbKwgwee65
:recei ved=192. 0. 2. 201

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From <sip:551313@wl. a. exanpl e. conp; t ag=63412s

To: <sip:4443333@sl. a. exanpl e. conp; t ag=123456789

Cal I -1 D 2xTb9vxSi t 55XU7p8@wl. a. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:+19185553333@w3. a. exanpl e. com user =phone>

Content -Length: O

F12 180 Ringing Proxy 1 -> GN1

SIP/2.0 180 Ringing
Via: SIP/2.0/UDP gwl. a. exanpl e. com 5060; br anch=z9h&bKwgwee65
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:recei ved=192. 0. 2. 201
Recor d- Rout e: <sip:ssl.a.exanple.comlr>
From <sip:551313@wl. a. exanpl e. conp; t ag=63412s
To: <sip:4443333@sl. a. exanpl e. conp; t ag=123456789
Call -1 D 2xTbhb9vxSi t 55XU7p8@wl. a. exanpl e. com
CSeq: 1 INVITE
Contact: <sip:+19185553333@w3. a. exanpl e. com user =phone>
Content -Length: O

F13 CONNect PBX C -> GWN 3

Prot ocol discrimnnator=Q 931
Message type=CONN

F14 200 OK GW 3 -> Proxy 1

SIP/2.0 200 &K

Via: SIP/2.0/UDP ssl. a.exanpl e.com 5060; branch=z9h&4bK2d4790. 2
:recei ved=192. 0. 2. 111

Via: SIP/2.0/UDP gwl. a. exanpl e. com 5060; br anch=z9h&AbKwgwee65
:recei ved=192. 0. 2. 201

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From <sip:551313@wl. a. exanpl e. conp; t ag=63412s

To: <sip:4443333@sl. a. exanpl e. conp; t ag=123456789

Call -1 D 2xTb9vxSi t 55XU7p8@wl. a. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:+19185553333@w3. a. exanpl e. com user =phone>

Cont ent - Type: application/sdp

Cont ent - Lengt h: 143

v=0

0=GW 987654321 987654321 I N | P4 gw3. a. exanpl e. com
S=-

c=I N I P4 gw3. a. exanpl e. com

t=0 0

mFaudi o 14918 RTP/ AVP 0O
a=rtpmap: 0 PCMJ 8000

F15 200 OK Proxy 1 -> GW1

SIP/2.0 200 &K

Via: SIP/2.0/UDP gwl. a. exanpl e. com 5060; br anch=z9h&bKwgwee65
:recei ved=192. 0. 2. 201

Recor d- Rout e: <sip:ssl.a.exanple.comlr>

From <sip:551313@wl. a. exanpl e. conp; tag=63412s
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To: <sip:4443333@sl. a. exanpl e. conp; t ag=123456789
Call -1 D 2xTbh9vxSi t 55XU7p8@wl. a. exanpl e. com

CSeq: 1 INVITE

Contact: <sip:+19185553333@w3. a. exanpl e. com user =phone>
Cont ent - Type: application/sdp

Cont ent - Lengt h: 143

v=0

0=GW 987654321 987654321 I N | P4 gw3. a. exanpl e. com
S=-

c=I N I P4 gw3. a. exanpl e. com

t=0 0

mFaudi o 14918 RTP/ AVP 0O
a=rtpmap: 0 PCMJ 8000

GW1 -> PBX A

Sei zure

F16 ACK GW1 -> Proxy 1

ACK si p: +19185553333@w3. a. exanpl e. com user =phone SI P/ 2.0
Via: SIP/2.0/UDP gwl. a. exanpl e. com 5060; br anch=z9h&bKwgwee65
Max- Forwards: 70

Rout e: <sip:ssl. a.exanple.comlr>

From <sip:551313@wl. a. exanpl e. conp; tag=63412s

To: <sip:4443333@sl. a. exanpl e. conp; t ag=123456789

Cal | -1 D 2xTb9vxSi t 55XU7p8@wl. a. exanpl e. com

CSeq: 1 ACK

Content -Length: O

F17 ACK Proxy 1 -> GW3

ACK si p: +19185553333@w3. a. exanpl e. com user =phone SI P/ 2.0

Via: SIP/2.0/UDP ssl. a.exanpl e. com 5060; branch=z9h&4bK2d4790. 2

Via: SIP/2.0/UDP gwl. a. exanpl e. com 5060; br anch=z9h&bKwgwee65
:recei ved=192. 0. 2. 201

Max- Forwar ds: 69

From <sip:551313@wl. a. exanpl e. conp; t ag=63412s

To: <sip:4443333@sl. a. exanpl e. conp; t ag=123456789

Cal | -1 D 2xTb9vxSi t 55XU7p8@wl. a. exanpl e. com

CSeq: 1 ACK

Content -Length: O
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F18 CONNect ACK GW3 -> PBX C

Prot ocol discrimn nator=Q 931
Message type=CONN ACK

/* RTP streanms are established between GN1 and GV 3. */

/* Bob Hangs Up with Alice. */

F19 DI SConnect PBX C -> GWN 3

Prot ocol discrimnnator=Q 931
Message type=Dl SC
Cause=16 (Normal clearing)

F20 BYE GW3 -> Proxy 1

BYE si p: 551313@wl. a. exanpl e. com SI P/ 2.0

Via: SIP/2.0/UDP gw3. a. exanpl e. com 5060; br anch=z9h&G4bKkdj uwg
Max- Forwards: 70

Rout e: <sip:ssl. a.exanple.comlr>

From <sip:4443333@sl. a. exanpl e. conp; tag=123456789

To: <sip:551313@wl. a. exanpl e. conp; t ag=63412s

Cal I -1 D 2xTb9vxSi t 55XU7p8@wl. a. exanpl e. com

CSeq: 1 BYE

Content -Length: O

F21 BYE Proxy 1 -> GW1

BYE si p: 551313@wl. a. exanpl e. com SI P/ 2.0

Via: SIP/2.0/UDP ssl. a.exanpl e.com 5060; branch=z9h&4bK2d4790. 2

Via: SIP/2.0/UDP gw3. a. exanpl e. com 5060; br anch=z9h&4bKkdj uwg
:recei ved=192. 0. 2. 203

Max- Forwar ds: 69

From <sip:4443333@sl. a. exanpl e. conp; tag=123456789

To: <sip:551313@wl. a. exanpl e. conp; t ag=63412s

Call -1 D 2xTbh9vxSi t 55XU7p8@wl. a. exanpl e. com

CSeq: 1 BYE

Content -Length: O

GW1 -> PBX A

Sei zure renoval
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F22 RELease GW3 -> PBX C

Prot ocol discrimn nator=Q 931
Message type=REL

F23 200 OK GW1 -> Proxy 1

SIP/2.0 200 &K

Via: SIP/2.0/UDP ssl. a.exanpl e.com 5060; branch=z9h&4bK2d4790. 2
:recei ved=192. 0. 2. 111

Via: SIP/2.0/UDP gw3. a. exanpl e. com 5060; br anch=z9h&G4bKkdj uwg
:recei ved=192. 0. 2. 203

From <sip:4443333@sl. a. exanpl e. conp; tag=123456789

To: <sip:551313@wl. a. exanpl e. conp; t ag=63412s

Cal | -1 D 2xTb9vxSi t 55XU7p8@wl. a. exanpl e. com

CSeq: 1 BYE

Content -Length: O

F24 200 OK Proxy 1 -> GW3

SIP/2.0 200 &K

Via: SIP/2.0/UDP gw3. a. exanpl e. com 5060; br anch=z9h&4bKkdj uwg
:recei ved=192. 0. 2. 203

From <sip:4443333@sl. a. exanpl e. conp; tag=123456789

To: <sip:551313@wl. a. exanpl e. conp; t ag=63412s

Call -1 D 2xTb9vxSi t 55XU7p8@wl. a. exanpl e. com

CSeq: 1 BYE

Content -Length: O

F25 RELease COWwlete PBX C -> GV 3

Prot ocol discrimn nator=Q 931
Message type=REL COM

PBX Alice -> GW1
Sei zure renoval
5. Security Considerations
Thi s docunent provi des exanples of mapping fromSIP to | SUP and | SUP
to SIP. The gateways in these exanples are conpliant with the

Security Considerations Section of RFC 3398 [4] which is summuari zed
here.
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There are few security concerns relating to the mapping of I1SUP to
SI P besides privacy considerations in the calling party nunber
passing. Some concerns relating to the mapping fromtel UR
paranmeters to | SUP include the user creation of paraneters and codes
relating to called nunber and | ocal nunber portability (LNP). An
operator of a gateway should use policies sinilar to those present in
PSTN swi tches to avoid security problens.

The mapping froma SIP response code to an | SUP Cause Code presents a
theoretical risk, so a gateway operator may inplenment policies
controlling this mapping. Gateways should also not rely on the
contents of the From header field for identity information, as it may
be arbitrarily populated by a user. Instead, sone sort of
cryptographi c authentication and authorizati on should be used for
identity determ nation. These flows show both HTTP Di gest for

aut henti cation of users, although for brevity, the challenge is not

al ways shown.

The early media cut-through shown in sone flows is another potential
security risk, but it is also required for proper interaction with
the PSTN. Again, a gateway operator should use proper policies
relating to early nmedia to prevent fraud and misuse. Finally, a user
agent (even a properly authenticated one) can launch multiple

si mul t aneous requests through a gateway, constituting a denial of
service attack. The adoption of policies to limt the nunber of

si mul t aneous requests froma single entity may be used to prevent
this attack.

As discussed in the SIP-T framework [7], SIP/ISUP interworking can be
enpl oyed as an interdomain signaling nechani smthat nay be subject to
pre-existing trust relationships between adm nistrative domains. Any
adm ni strative domain inplenmenting SIP-T or SIP/ISUP interworKking
shoul d have an adequate security apparatus (including elenments that
manage any appropriate policies to manage fraud and billing in an

i nterdormai n environnment) in place to ensure that the translation of

| SUP i nformation does not result in any security violations.

Al t hough no exanples of this are shown in this docunent, transporting
| SUP in SIP bodies may provide opportunities for abuse, fraud, and
privacy concerns, especially when SIP-T requests can be generated,

i nspected or nodified by arbitrary SIP endpoints. |SUP M ME bodi es
shoul d be secured (preferably with S'SMME as detailed in RFC 3261
[2]) to alleviate this concern. Authentication properties provided
by SMM would allow the recipient of a SIP-T nessage to ensure that
the I SUP M ME body was generated by an authorized entity. Encryption
woul d ensure that only carriers possessing a particular decryption
key are capabl e of inspecting encapsulated | SUP MM bodies in a SIP
request.
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