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1 Scope

The present document contains example call flows for services that can be offered across the NGA-
T SIP interface as described in ND1033 [3]. These flows are not definitive and show how any one
Next Generation Access (NGA-T) Service Provider may wish to implement a particular service.

2 References

For the particular version of a document applicable to this release see ND1610 [1].

2.1 Normative references

The following referenced documents are indispensable for the application of this document. For
dated references, only the edition cited applies. For non-specific references, the latest edition of the
referenced document (including any amendments) applies.

[1] ND1610 Next Generation Networks, Release Definition
[2] ND1645 NGA Telephony; Architecture & Requirements
[3] ND1033 NGA Telephony SIP User Profile

3 Definitions, symbols and abbreviations

3.1 Definitions
Next Generation Access Telephony (NGA-T) Service Provider : As defined in ND1645 [2].

3.2 Abbreviations

ACK SIP Acknowledgement message
ACM ISUP Address Complete Message
ANM ISUP Answer Message

ATA Analogue Terminal Adaptor

CS Call Server

Cw Call Waiting

IAM ISUP Initial Address Message

INFO SIP Information Message

ISDN Integrated Services Digital Network
ISUP ISDN User Part

MGC Media Gateway Controller

MRF Media Resource Function

NGA Next Generation Access

NGA-T NGA-Telephony

NICC NICC Standards Limited

P-E-M P-Early-Media

PSTN Public Switched Telephone Network
Reg-URI Request-Uniform Resource Identifier

NICC Standards Limited
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RFC
SDP
SIP

UE
URI

Request For Comment
Session Description Protocol
Session Initiation Protocol

User Entity
Uniform Resource ldentifier

NICC Standards Limited

NICC ND 1131 V1.1.1 (2012-11)



7 NICC ND 1131 V1.1.1 (2012-11)

4

Generic Call Flows

ED: Generic calls flows are for further study

4.1

CS MRF

This flow describes how a network may provide
been placed in a held state.

The CS has monitored the dialogue and determi
due to a service activated by the other user in

1: INVITE (no SDP)

an announcement to a user after they have

ned that a user has been placed in a held state
hat dialogue.

\ 4

2: 200 OK (SDP offer)

<«

Once the CS has received an offer from the MRH
dialogue to the held user.

3: Re-INVITE (SDP offer from MRF)

it can send a Re-INVITE on the existing

Connecting a held user to a network based announcement

UE

4: 200 OK (SDP answer)

<

A 4

<

5: ACK (SDP answer from UE)

A 4

6: ACK

Announcement

NICC Standards Limited

\ 4
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Annex A (informative): ATA example call flows

The flows in this annex have been produced to align with the ATA actions as described in Annex A

of ND1033. It is entirely possible that other SIP endpoints could use the same signalling flows to
provide telephony services.

NICC Standards Limited



A.l

A.l1l

Al1l1l

Basic Call Setup

En-bloc sending mode

Party A

ATA to ATA within one NGA-T Service Provider network

This flow shows a call origif
This flow assumes that the

ATA-1

ating and terminating on UEs|
Higit map match in ATA-1 alig

1: Off-Hook
2: Dial Tone applied
3: 1st digit (digit "0%)

4: Dial Tone removed

&
<

5: 2nd to 11th digits (digits

Iq

’1277327002°)

P

ATA-1 has determined a dig
with *100rel” and a P-early

t map match so sends an INVI
Imedia header with value ‘sup|

6: INVITE (sip:01277327002
Supported:100rel
P-early-media: supported

>

CS

within the same CS domain.
hs with that in the CS.

TE to the CS. The INVITE will
ported’.

p<domain>;user=phone) (SDP

The CS analyses the addresd
determines that the call cal

7: INVITE (sip:+4412773270!
(SDP offer)
Supported:100rel
P-early-media: supported

nclude a supported header

NICC ND 1131 V1.1.1 (2012-11)

ATA-2

offer)

in the INVITE and
be routed.

2@<domain>;user=phone)

8: 180
Require:100rel

&

PRACK can be either sent b
received from ATA-1. In the
supported then the SDP offg
end to end as it will contai

<

the CS at this point in the c3
case where the INVITE did no
r will be in a 18x response. T|
the SDP answer.

9: PRACK

| or can be delayed until
k contain SDP and PRACK is
herefore PRACK must be

A 4

10: 200 OK (prack)

12: 180
Require:100rel

&
<

11: Ring Current

Party B

13: Ring Tone applied

<

&
<

14: PRACK

15: 200 OK (prack)

&

&

16: Off-hook

A 4

NICC Standards Limited
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Party A ATA-1 CS ATA-2 Party B

17: Ring Current
removed

18: 200 OK (invite) (SDP an$wer)

ACK can be either sent by the CS at this point in the call pr can be delayed until
received from UE-1. In the ¢ase where the INVITE did notjcontain SDP and PRACK is
NOT supported then the SDf offer will be in the 200 OK ({nvite). Therefore ACK
must be end to end as it will contain the SDP answer.

19: ACK

\ 4

20: 200 OK (invite) (SDP angwer)

&
<

21: Ring Tone removed

A

22: ACK

NICC Standards Limited
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Party A

11
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ATA to PSTN within one NGA-T Service Provider network

This flow shows a call origir

controlling both the ATA an

1: Off-hook

ATA

ating on a UE and terminatin

A 4

2: Dial Tone applied

3: 1st digit (digit ‘0%)

A 4

4: Dial Tone removed

5: 2nd to 11th digits (digits

»

*12773270002")

>

The ATA has determined a digit map match so sends an |

header with *100rel” and a

Supported:100rel
P-early-media: supported

CS

d MGC). Call set-up uses en-bjoc sending

P-early-media header with vajue ‘supported’.

6: INVITE (sip:01277327002[@<domain>;user=phone) (SDP

on an analogue device in thg

VITE to the CS. The INVITE wi

»

PRACK can be either sent b
received from the UE. In th
supported then the SDP off
end to end as it will contai

13: 180 (SDP answer)
Require:100rel
P-early-media:sendonly

<&

The CS analyses the addres:
determines that the call cal

7: INVITE (sip:+4412773270
(SDP offer)
Supported:100rel
P-early-media: supported

MGC

PSTN (with the CS

| include a supported

offer)

in the INVITE and
be routed.

D2@<domain>;user=phone)

P

8: IAM

9: ACM (Sub Free)

10: 180 (SDP answer)
Require:100rel
P-early-media:sendonly

&
<

<

e case where the INVITE did n
r will be in a 18x response. T|
the SDP answer.

11: PRACK

the CS at this point in the cgll or can be delayed until

t contain SDP and PRACK is
herefore PRACK must be

A 4

12: 200 OK (prack)

<

As the 180 contained a P-Ed|
the media stream.

Ringback tone applied by th|

<

e PSTN

NICC Stal

ly-Media set to ‘sendonly’ the ATA will not apply local rin

jback tone and cut through

ndards Limited

PSTN
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Party A ATA CS MGC PSTN
14: PRACK
15: 200 OK (prack)
16: ANM
Ringback tone removed by the PSTN
e e e ] el >
17: 200 OK (invite)
ACK can be either sent by tie CS at this point in the call pr can be delayed until
received from the ATA. In the case where the INVITE did ot contain SDP and PRACK
is NOT supported then the JDP offer will be in the 200 OH (invite). Therefore ACK
must be end to end as it will contain the SDP answer.
18: ACK
19: 200 OK (invite)
20: ACK
Speech
e e el Rl >

NICC Standards Limited
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PSTN to ATA within one NGA-T Service Provider network

PSTN

1: IAM

MGC

<&

8: ACM (Sub Free)

A 4

This flow shows a call origi
UE are controlled by the sal

2: INVITE (sip:+4412773270)
Supported:100rel
P-early-media:supported

CS

ating in the PSTN and termin
ne CS domain. Call setup useq

D2@<domain>;user=phone) (S[

A 4

3: INVITE (sip:+4412773270f
(SDP offer)
Supported:100rel
P-early-media:supported

ATA

hting on a UE. The MGC and
en-bloc sending

P offer)

D2@<domain>;user=phone)

P

4: 180
Require:100rel

A

PRACK can be either sent b
call or can be delayed until
the case where the INVITE (
PRACK is supported then th
response. Therefore PRACK

5: PRACK

will contain the SDP answet].

the CS at this point in the
received from the MGC. In
id not contain SDP and
b SDP offer will be in a 18x
must be end to end as it

A 4

6: 200 OK (prack)

7: 180
Require:100rel

<

<

Ringback tone applied

<

The MGC will apply ringbac

9: PRACK

tone towards the PTSN

A 4

10: 200 OK (prack)

&
<

Ring Current applied

11: Off Hook

<&

12: 200 OK (invite) (SDP an

<

wer)

<

ACK can be either sent by tl
call or can be delayed until
the case where the INVITE
PRACK is NOT supported thg
the 200 OK (invite). Theref
as it will contain the SDP ar}

e CS at this point in the
received from the MGC. In
id not contain SDP and

n the SDP offer will be in
re ACK must be end to end
swer.

NICC Standards Limited
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PSTN

Ringback tone removed

14

MGC CS

13: ACK

NICC ND 1131 V1.1.1 (2012-11)

ATA Party B

14: 200 OK (invite) (SDP an$wer)

&
<

The MGC removes Ringback [tone

16: ACK

NICC Standards Limited
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A.1.2  Overlap sending mode

Al21 ATA to PSTN using Multiple INVITE option

User ATA CS
1: Initial digit string (123456)

A\ 4

2: INVITE (reg-URI: 123456) (CSeq 1) [D1]

3: Further digit 7

>
>

As the ATA is configured to utilise the Multiple [INVITE method of overlap sending upon receipt
of further digits from the User the ATA sends a|subsequent INVITE without waiting for a
response to the previous INVITE.

- 4: 484 (CSeq 1) [D1]
Steps 1 to 5 have been included to show
the expected behaviour should the ATA
digit map differs to the digit map in the 5: ACK (CSeq 1) [D1]

CS

&
<

A 4

6: INVITE (req-URI: 1234567) (CSeq 2) [D2]

A 4

7: Further digit 8

A 4

8: INVITE (reg-URI: 12345678) (CSeq 3) [D3]

A 4

9: 484 (CSeq 2) [D2]

&
<

10: ACK (CSeq 2) [D2]

A 4

11: Further digit 9

A 4

12: INVITE (req-URI: 123456789) (CSeq 4)
[D4]

A 4

13: 484 (CSeq 3) [D3]

<&
<

14: ACK (CSeq 3) [D3]

A 4

15: 18x (CSeq 4) [D4]

A

16: 200 OK (invite) (CSeq 4) [D4]

NICC Standards Limited
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A.1.2.2 ATA to PSTN using In-Dialogue option

User ATA CS
1: Initial digit string (123456)
2: INVITE (reg-URI: 123456) (CSeq 101) [D1]
3: Further digit 7
As the ATA is configured to utilise the In-Dialogue method of overlap sending any further
digits are stored by the ATA awaiting a responsg to INVITE (CSeq 101).
Steps 1 to 5 have been included to show 4: 484 (CSeq 101) [D1]
the expected behaviour should the ATA <
digit map differs to the digit map in the 5: ACK (CSeq 101) [D1]
CS. Y
6: INVITE (reg-URI: 1234567) (CSeq 1) [D2]
7: Further digit 8
Any further digits are stored awaiting a responge to INVITE (CSeq 1)
8: Further digit 9
9: 183 (no P-Early-Media header) [D2]
10: INFO (digits 8 and 9) [D2]
Where further digits are to be sent the ATA awgits a 200 OK response to the INFO before
sending a further INFO. (not shown on this flo
11: 200 OK (info) [D2]
12: 18x (P-Early-Media header) or 180 [D2]
13: Further digit 0
Upon receipt of either a 18x with P-Early-Medig header or a 180 the ATA shall discard any
received digits (in this case ‘0”), disarm the digjt receiver and act upon the provisional
response received.
14: 200 OK (invite) [D2]
15: ACK [D2]
Speech
el i il >

NICC Standards Limited
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A.2 Call Release

ATA-1 CsS ATA-2
Call exists between ATA-1 and ATA-2 or other n¢twork
S el >
1: BYE
2: BYE

v

3: 200 OK (bye)

<

4: 200 OK (bye)

<&
<

The session/dialog between ATA-1 and ATA-2 is|now released and each ATA follows
autonomous release procedures.

NICC Standards Limited
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Supplementary Services

Call Return (1471-3)
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Call Return using 302 Moved Temporarily

ATA-

1 CS

This scenario shows a caller diallin
announcement to report the identi
automatically call that party.

In this call flow, the P-Early-Medial
200 OK to confirm the dialogue bef
caller is not confirmed until an ang

The call begins when the caller dia]
URI.

1: INVITE (sip:1471@<domain>;use
P-Early-Media: supported

Allow: PRACK, UPDATE

Supported: 100rel

“1471” to invoke the Call Return se
Ly of the last caller and allow the usg

header is fully supported throughout
ween the CS and the calling ATA, a 1
wer is received from the actual calle

s “1471”. ATA-1 sends an INVITE to

=phone) (SDP offer)

<

Since ATA-1 indicated support of P
sendrecv” in order to open a two-

4: 183 (SDP answer from MRF).
P-Early-Media: sendrecv

The CS recognises “1471” as a requ:
obtains the last calling party numb
Assume that the FROM header user;
call contained number +4426589874
an MRF to play an announcement t
caller.

2: INVITE (SDP offer from ATA-1)

ATA-2

MRF

fvice which will play an
r to have the system

the network. Rather than using a
3 is used. The dialogue with the
party (ATA-2).

he CS with 1471 in the request

st to invoke the service, so the CS
br from the CS call history data.
nfo portion of the last incoming
5.The CS must connect ATA-1 to
at reports the number of the last

<

5: PRACK

A 4

6: 200 OK (prack)

<
<

Voicepath established between AT.

8: INFO (instruction to perform Cal
02658 98765 as the last number)

3: 200 OK (SDP answer)
RACK, and P-Early-Media, the CS sends a 183 with “P-Early-Media:
ay bearer path in an unconfirmed diglog.
7: ACK
-1 and the MRF, but call from ATA-1 is not yet “officially” answered.
_____________________________________ .’

Return prompt and collect using

When instructing the MRF to play b|
incoming call, the CS will perform
that are used when displaying a call
display. While the identity of the
digits used in the MRF announceme|

9: 200 OK (info)

hck the identity of the last

he same digit manipulation rules
er’s number on the caller ID
aller was +44265898765, the

ht will be “02658 98765™.

The caller hears “Telephone numb¢
15:45 hours. To return the call pre

r 02658 98765 called today at
s 3.”

NICC Standards Limited



ATA-1

Assume that the user presses “3”.

14: 302 Moved Temporarily

contact: sip:0126589876@<domain

19

CS ATA-2

10: INFO (collected digit “3")

&
<

NICC ND 1131 V1.1.1 (2012-11)

MRF

11: 200 OK (info)

Now that the CS knows that the cal
released.

12: BYE

>

should be routed, the MRF can be

13: 200 OK (bye)

A 4

The CS releases the dialogue with ¢
contact header that includes the C3
the format 012658 98765. If the co
it must include ‘user=phone’.

;user=phone

<

15: ACK

>

>

ATA-1 now attempts basic call setyp to the address provided in the contj

302 Moved temporarily with a
llers number in the userportion in
tact header is to contain a sip URI

pct header of the 302.

NICC Standards Limited
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Call Return using Forked Responses

ATA-

1 CS

This scenario shows a caller diallin|
announcement to report the identi
automatically call that party.

In this call flow, the P-Early-Medial
200 OK to confirm the dialogue bet
caller is not confirmed until an ang
the use of forked responses.

The call begins when the caller dia
URL.

1: INVITE (sip:1471@,<domain>;usq
Supported: 100rel
P-Early-Media: supported

“1471” to invoke the Call Return se
by of the last caller and allow the use

header is fully supported throughout
ween the CS and the calling ATA, a 1
er is received from the actual calle

s “1471”. ATA-1 sends an INVITE to

r=phone) (SDP offer)

A 4

The CS recognises “1471” as a requi
obtains the last calling party numb
Assume that the FROM header of th
number +44265898765.The CS must|
an announcement that reports the

2: INVITE (SDP offer from ATA-1)

NICC ND 1131 V1.1.1 (2012-11)

ATA-2

vice which will play an
r to have the system

the network. Rather than using a
3 is used. The dialogue with the
party (ATA-2). The CS supports

he CS with 1471 in the request

st to invoke the service, so the CS
r from the CS call history data.

e last incoming call was from
connect ATA-1 to an MRF to hear
umber of the last caller.

MRF

9: 200 OK (info)

3: 200 OK (SDP answer)

Since ATA-1 indicated support of PRACK, and P-Early-Media, the CS sends a 183 with “P-Early-Media:

sendrecv” in order to open a two-way bearer path in an unconfirmed diglog.

4: 183 (SDP answer from MRF) To tag=1

P-Early-Media: sendrecv

5: PRACK

6: 200 OK (prack)
7: ACK

Voicepath established between ATA-1 and the MRF, but call from ATA-1 is not yet “officially” answered.

e B ] el >

When instructing the MRF to play bck the identity of the last
incoming call, the CS will perform the same digit manipulation rules
that are used when displaying a caljer’s number on the caller ID
display. While the identity of the galler was +44265898765, the
digits used in the MRF announcement will be “02658 98765”.
8: INFO (instruction to perform Cal| Return prompt and collect using
02658 98765 as the last number)

Assume that the user presses “3”.

The caller hears “Telephone numbg
15:45 hours. To return the call pre

r 02658 98765 called today at
ks 3.”

NICC Standards Limi
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ATA-1 CS ATA-2 MRF
10: INFO (collected digit ““3”)

<

11: 200 OK (info)

>
>

Now that the CS knows that the call should be routed, the MRF can be
released.

12: BYE

Y

13: 200 OK (bye)

<

14: INVITE (sip:+44265898765@<doimain>;user=phone) (SDP offer)
Supported: 100rel
P-Early-Media: supported

Y.

ATA-2 applies Ring Current
towards Party 2

15: 180
Require: 100rel

<

16: 180 To tag=2
Require: 100rel

<

ATA-1 disconnects the media stream setup upon receipt of the prior 183|and applies Ring Tone to party 1

17: PRACK

Y.

18: PRACK

A 4

19: 200 OK (prack)

&
<

20: 200 OK (prack)

A

Called party answers

21: 200 OK (invite) (SDP answer)

&
<

22: 200 OK (invite) (SDP answer) Tp tag=2

A

23: ACK

\ 4

24: ACK

Voicepath established between ATA-1 and ATA-2

NICC Standards Limited



A.3.1.3

22

Call Return using Update method

ATA-

1 CS

This scenario shows a caller diallin
announcement to report the identi
automatically call that party.

In this call flow, the P-Early-Media]
200 OK to confirm the dialogue bet
caller is not confirmed until an ang

The call begins when the caller dia

1: INVITE (sip:1471@<domain>;use
P-Early-Media: supported

Allow: PRACK, UPDATE

Supported: 100rel

) “1471” to invoke the Call Return se
by of the last caller and allow the usg

header is fully supported throughouf]
ween the CS and the calling ATA, a 1
er is received from the actual calle

s “1471”. UE-1 sends an INVITE to th

=phone) (SDP offer)

The CS recognises “1471” as a requ
obtains the last calling party numb
Assume that the FROM header user

an MRF to play an announcement t|
caller.

2: INVITE (SDP offer from ATA-1)

NICC ND 1131 V1.1.1 (2012-11)

ATA-2

vice which will play an
r to have the system

the network. Rather than using a
3 is used. The dialogue with the
party (ATA-2).

e CS with 1471 in the request URI.

st to invoke the service, so the CS
r from the CS call history data.
nfo portion of the last incoming

call contained number +44265898765.The CS must connect ATA-1 to

at reports the number of the last

MRF

8: INFO (instruction to perform Cal
02658 98765 as the last number)

3: 200 OK (SDP answer)
Since ATA-1 indicated support of PRACK, and P-Early-Media, the CS sends a 183 with “P-Early-Media:
sendrecv” in order to open a two-way bearer path in an unconfirmed diglog.
4: 183 (SDP answer from MRF).
P-Early-Media: sendrecv
5: PRACK
6: 200 OK (prack)
7: ACK
Voicepath established between ATA-1 and the MRF, but the call from ATA-1 is not yet “officially”
PP 4TS =T =Y I | g I

Return prompt and collect using

When instructing the MRF to play b
incoming call, the CS will perform
that are used when displaying a cal
display. While the identity of the
digits used in the MRF announceme

9: 200 OK (info)

hck the identity of the last

he same digit manipulation rules
er’s number on the caller ID
aller was +44265898765, the

t will be “02658 98765”.

The caller hears “Telephone numbs
15:45 hours. To return the call pre|

r 02658 98765 called today at
ks 3.”
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ATA-1 Cs

<

Assume that the user presses “3”.

23

10: INFO (collected digit “3”)

&

ATA-2

NICC ND 1131 V1.1.1 (2012-11)

MRF

<

11: 200 OK (info)

Now that the CS knows that the cal
released.

12: BYE

should be routed, the MRF can be

»
P

13: 200 OK (bye)

A 4

<
In order to provoke an end to end S|

include 100rel in supported header
to ATA-2.

14: INVITE (sip:+44265898765@<do

>

PP negotiation the CS does NOT
or an SDP offer in the INVITE sent

main>;user=phone)

>

15: 180

ATA-2 applies Ring Current
towards party B

16: 180
Require:100rel

A

<

ATA-1 disconnects the media streal

17: PRACK

N setup upon receipt of the prior 183

<

18: 200 OK (prack)

<

Called p

19: 200 OK (invite) (SDP offer)

and applies Ring Tone to party A

rty answers

20: UPDATE (SDP offer)

<
<

A

21: 200 OK (update) (SDP answer)

»

<

P

22: ACK (SDP answer)

23: 200 OK (invite)

A\ 4

<+

24: ACK

q

>

Voicepath established between AT,

-1 and ATA-2

NICC Standards Limited




A.3.2 3-Way Call

A3.2.1

Party A

24

Hold for Enquiry Call — Successful setup

Speech

Party A requests an enquir,
will send an INVITE with a={
ATA-1 then applies a proced

1: Flash

Y

ATA-1

This flow assumes a call is i

call. As only a single session
endonly to indicate the call [|
d indicaton to party A and co

2: Re-INVITE [D1] (SDP a=sq

>

CS

h progress between Party A al

s in progress and the 3-Way §
P1] is on hold.
lects digits for the enquiry cg

ndonly)

>

3: Re-INVITE [D1] (SDP a=sq

»

>

4: 200 OK (invite) [D1] (SDR

&
<

5: ACK [D1]

6: 200 OK (invite) [D1] (SDA

A 4

answer a=recvonly)

<
<

7: ACK [D1]

\ 4

8: Dial Tone applied

&
<

9: 1st digit (digit “0%)

A 4

10: Dial Tone removed

&
<

11: 2nd to 11th digits (digit}

>
>

ATA-1 detq
map matcl

b “1277327000%)

rmines a digit

12: INVITE [D2] (sip:012773
Supported:100rel
P-early-media: supported

P7000@<domain>;user=phone

»
>

16: 180 [D2]
Require: 100rel

13: INVITE [D2]
(sip:+441277327000@<doma|
Supported:100rel

P-early-media: supported

ATA-2

NICC ND 1131 V1.1.1 (2012-11)

d Party B

all service is enabled ATA-1

ndonly)

answer a=recvonly)

(SDP offer)

n>;user=phone) (SDP offer)

ATA-3

14: 180 [D2]
Require: 100rel

<&

A 4

<

15: PRACK [D2]

<

17: 200 OK (PRACK) [D2]

<

A 4

<

NICC Standards Limited
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Party A ATA-1 CS ATA-2 ATA-3
Ring tohe applied

18: PRACK [D2]

A 4

19: 200 OK (prack) [D2]

<

Party [ answers

20: 200 OK (invite) [D2] (SOP answer)

<

21: ACK [D2]

A 4

22: 200 OK (invite) [D2] (SOP answer)

<

23: ACK [D2]

Ring tofe removed

NICC Standards Limited
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A.3.2.2 Hold for Enquiry Call — Setup failure

Party A ATA-1 CS ATA-2 ATA-3

This flow assumes a call is ih progress between Party A and Party B

Party A flashes. As only a sihgle session is in progress ATA-1 knows this is for an enquiry call.
ATA-1 will send an INVITE with a=sendonly to indicate thg call [D1] is on hold.
ATA-1 then applies dial tong¢ and collects digits for the enquiry call.

1: Flash

2: Re-INVITE [D1] (SDP a=sdndonly)

»
P

3: Re-INVITE [D1] (SDP a=sgndonly)

»
>

4: 200 OK (invite) [D1] (SDH answer a=recvonly)

&

5: ACK [D1]

A 4

6: 200 OK (invite) [D1] (SDH answer a=recvonly)

<

7: ACK [D1]

A 4

8: Dial Tone applied

<

9: 1st digit (digit ‘07)

A 4

10: Dial Tone removed

11: 2nd to 11th digits (digith “1277327000%)

q
>

ATA-1 detgrmines a digit
map matc

12: INVITE [D2] (sip:012773pR7000@<domain>;user=phone) (SDP offer)
Supported:100rel
P-early-media: supported

P

13: INVITE [D2]
(sip:+441277327000@<domajn>;user=phone) (SDP offer)
Supported:100rel

P-early-media: supported

14: 486 [D2]

&
<

15: ACK [D2]

A 4

16: 486 [D2]

<

17: ACK [D2]

A 4

18: Appropriate tone / annpuncement

<

If the tone/announcement qompletes without Party A either hanging up or flashing thep ATA-1 shall play the re-
connect announcement and [then re-connect Party A to Pafty B by sending a RE-INVITE tpking dialogue [D1] off
hold.
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A.3.2.3 Enquiry Call phase — Active remote party clears

ATA-1 CS ATA-2 ATA-3

This flow assumes a call is in progr|
on hold

ess between ATA-1 (Party A) and ATA

1: BYE [D2]

3 (Party C) with ATA-2 (Party B)

hangs up

A

2: 200 OK (bye ) [D2]

3: BYE [D2]

&
<

4: 200 OK (bye ) [D2]

>

>

ATA-1 plays announcement ‘the ot

Party A flashes and keys the togglq

5: RE-INVITE [D1] (SDP a=sendrecv

>

her user has cleared, you will be re-c

P

6: RE-INVITE [D1] (SDP a=sendrecv)

>

digit or the announcement complete}.

>

7: 200 OK (invite) [D1] (SDP answer

8: 200 OK (invite) [D1] (SDP answe

<

<
<

a=sendrecv)

9: ACK [D1]

10: ACK [D1]

A 4

Party A and B are now in speech

A 4

nnected to your call” to Party A

a=sendrecv)

NICC Standards Limited
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A3.2.4

ATA-1

Toggle

This flow assumes a call is in prog
on hold

Party A flashes.

ATA-1 will send an INVITE with a=s
ATA-1 then applies dial tone and ¢

1: RE-INVITE [D2] (SDP a=sendonly.

>

CS

28

ess between ATA-1( Party A) and ATA

bndonly to indicate the call [D2] is on|
llects digits for activation code

P

5: 200 OK (invite) [D2] (SDP answe|

&

2: RE-INVITE [D2] (SDP a=sendonly)

ATA-2

NICC ND 1131 V1.1.1 (2012-11)

3 (Party C) with ATA-2 (Party C)

hold.

ATA-3

3: 200 OK (invite) [D2] (SDP answe

a=recvonly)

\ 4

<

4: ACK [D2b]

a=recvonly)

<

6: ACK [D2]

>

P

As both calls are on hold , only AT,

7: RE-INVITE [D1] (SDP a=sendrecv

>

ATA-1 provides dial tone to Party 4

ATA-1 has determined that Party A

. Party A dials digit 2.

wishes to toggle between the calls.
-2 must be restored .

>

8: RE-INVITE [D1] (SDP a= sendrecv]|

»

P

9: 200 OK (invite) [D1] (SDP answe

<

<

10: ACK [D1]
11: 200 OK (invite) [D1] (SDP answpr a= sendrecv) g
‘12: ACK [D1]
Speech -
e Bl >

a= sendrecv)

NICC Standards Limited




A.3.2.5

ATA-1

29

Flash to release remote party

This flow assumes a call is in progr
on hold

CS

ess between ATA-1 (Party A) and ATA

ATA-2

NICC ND 1131 V1.1.1 (2012-11)

3 (Party C) with ATA-2 (Party B)

ATA-3

NICC Standards Limi

ted

Speech
e B ] L i >
Party A flashes.
ATA-1 will send an INVITE with a=sgndonly to indicate the call [D2] is on| hold.
ATA-1 then applies dial tone and cpllects digits for activation code.
1: RE-INVITE [D2] (SDP a=sendonly’
g 2: RE-INVITE [D2] (SDP a=sendonly)
3: 200 OK (invite) [D2] (SDP answel| a=recvonly) -
‘4: ACK [D2]
5: 200 OK (invite) [D2] (SDP answe| a=recvonly) .
‘6: ACK [D2]
ATA-1 provides dial tone to Party'l . Party A dials digit 5 to release Party B.
ATA-1 has determined that Party 1} wishes to release the first call with Party 2 and continue a
conversation with the second call to Party 3.
7: BYE [D1]
8: 200 OK (bye ) [D1] g
) 9: BYE [D1]
10: 200 OK (bye ) [D1] g
11: RE-INVITE [D2] (SDP a:sendrec;
g 12: RE-INVITE [D2] (SDP a=sendrec
13: 200 OK (invite) [D2] (SDP a=senfdrecv)
‘14: ACK [D2]
15: 200 OK (invite) [D2] (SDP a=sernydrecv) -
‘16: ACK [D2]
Speech g
i e ] L il >




A.3.3

A.3.3.1

ATA-1

ATA-1C
‘yes

Simplified Call Waiting

User A flashes to accept waiting call (With Waiting Announcement)

Call exists between ATA-1 g

The CS keeps track of activg
call waiting service by meal
with modification

The INVITE received from A
includes MRF announcement
INVITE sent to ATA-1.

2:

&

INVITE [D2] (sip:+441277

CS

hd ATA-2 (dialogue 1 [D1] bet

1: INVITE (SDP offer)
Supported: 100rel
Allow: UPDATE, PRACK

<

ATA-2

30

een ATA-1 and the CS)

NICC ND

ATA-3

<

calls between ATA-1 and the|
s of a session count. The INV|

I'A-3 indicates that both PRAQ]
s the CS will not include an S|

B27002@<domain>;user=phong

flag set to

ATA-1 injects default Call

3: 180 [D2] (no SDP)

»

aiting tone and sends FSK inf

The CS stal
Call Waiti
timer awai
indication

Party A flashes to accept th|
indicate the call [D1] is on

10: Re-Invite [D1] (SDP a=s

»

ts a 30second
g response
ting a ‘hold’
[from ATA-1.

The CS will connect ATA-3 {
method of how the annound

4: INVITE (SDP offer from A

network, and knows that ATA
TE from ATA-3 is allowed to ¢

K and UPDATE are supported
P offer or 100rel in a suppor

) (no SDP)

rmation (if appropriate).

b an MRF to play the Call Wai
ement is triggered is network|

TA-3)

-1 has been assigned the
ontinue on toward ATA-1

nd as the CW service
ed header within the

ing announcement. The
specific.

1131 V1.1.1 (2012-11)

MRF

5: 200 OK (invite) (SDP ans

er)

\ 4

&
<

6: ACK

Requires: 100rel

7: 183 (SDP answer from MRF)

8: PRACK

A 4

ATA-3 is connected to the
MRF to hear call waiting
announcement

<
<

9: 200 OK PRACK

>

old.

ndonly)

>

e call waiting call from ATA-3.

>

ATA-1 will send a RE-INVITH

with a=sendonly to

NICC Standards Limited
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ATA-1 CS ATA-2 ATA-3 MRF

The CS cahcels the CW
timer

11: RE-INVITE [D1] (SDP a=gendonly)

>

12: 200 OK (invite) (SDP a=fecvonly)

&
<

13: 200 OK (invite) [D1] (SOP a=recvonly)

<
<

14: INVITE (no SDP)

A 4

15: 183 (SDP offer)

<
<

16: RE-INVITE (SDP offer frgm MRF)

»
P

17: 200 OK (invite) SDP Ansjver

<
<

18: PRACK (SDP answer)

A 4

19: 200 OK (prack)

<
<

20: ACK

21: ACK

A 4

Announcement

ATA-1 can now send 200 OK|with SDP offer on D2 and CS yses UPDATE to connect ATA-1|and ATA-3

22: 200 OK [D2] (invite) (SOP offer)

>
P

23: UPDATE (SDP offer recdived in [D2] 200 OK (invite))

>

24: BYE

A 4

25: 200 OK (bye)

&
<

26: 200 OK (update); SDP apswer

&
<

27: ACK (SDP answer from ATA-3)

<&
<

28: 200 OK (invite) (no SDP

A 4

29: ACK (for 200 OK invite)

<
<

ATA-1 and ATA-3 are connegted via dialogue [D2]
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A.3.3.2 User A hangs up to accept waiting call

ATA-1 CS ATA-2 ATA-3 MRF

Call exists between ATA-1 ahd ATA-2 (dialogue [D1] betwgen ATA-1 and the CS)

1: INVITE (SDP offer)
Supported: 100rel
Allow: UPDATE, PRACK

<
<

The CS keeps track of activg calls between ATA-1 and the|network, and knows that ATA-1 has been assigned the

call waiting service by mears of a session count. The INV|TE from ATA-3 is allowed to ¢ontinue on toward ATA-1
with modification

The INVITE received from ATA-3 indicates that both PRACK and UPDATE are supported @and as the CW service
includes MRF announcementis the CS will not include an SPP offer or 100rel in a supporfed header within the
INVITE sent to ATA-1.

2: INVITE [D2] (sip:+441277B27002@<domain>;user=phong) (no SDP)

<
<

ATA-1 C\V flag set to
‘yes

ATA-1 injects default Call Waiting tone and sends FSK infprmation (if appropriate).

3: 180 [D2] (no SDP)

»
P

The CS stafts a 30second
Call Waitirjg response
timer awaliting a ‘hold’
indication [from ATA-1.

The CS will connect ATA-3 tp an MRF to play the Call Waifing announcement. The
method of how the announgement is triggered is network|specific.

4: INVITE (SDP offer from ATA-3)

5: 200 OK (invite) (SDP answyer)

6: ACK

7: 183 (SDP answer from MRF)

Requires: 100rel
ATA-3 is connected to the
MRF to hear call waiting
announcement

-=-=-=-=-=-=-=-=—=-=-=-=- >

8: PRACK

<
<

9: 200 OK PRACK

A 4

Party A clears call to ATA-2

10: BYE [D1]

A 4

11: BYE [D1]

\ 4
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ATA-1 Cs ATA-2 ATA-3
12: 200 OK (bye) [D1]
13: 200 OK (bye) [D1]
) The CS cancels the CW
timer
ATA-1 applies ringing to
Party A
Party A gogs off hook to
answer the call
ATA-1 can now send 200 OK|with SDP offer on [D2] and C{ uses UPDATE to connect ATA{l and ATA-3
14: 200 OK (invite) [D2] (SDP offer)
g 15: UPDATE (SDP offer recdived in [D2] 200 OK (invite))
16: 200 OK (update); SDP ahswer g
17: ACK (SDP answer from ;A—S)
) 18: BYE
19: 200 OK (bye) g
‘20: 200 OK (invite) (no SDP,
21: ACK -
ATA-1 and ATA-3 are conne ;ed via dialogue D2
e e e e >

33
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MRF

NICC Stal

ndards Limited




34

A.3.3.3 User A ignores waiting call

ATA-1

Call exists between ATA-1 and ATA

CS

2 (dialogue [D1] between ATA-1 and

1: INVITE (SDP offer)
Supported: 100rel
Allow: UPDATE, PRACK

&

ATA-2

NICC ND 1131 V1.1.1 (2012-11)

ATA-3
he CS)

The CS keeps track of active calls 4
assigned the call waiting service b
continue on toward ATA-1.

2: INVITE [D2] (sip:+441277327002

<

<

etween ATA-1 and the network, and
means of a session count. The INVIT]

f<domain>;user=phone) (SDP offer fr

ATA-1 CW fj

<

ag set to ‘yes’
ATA-1 injects default Call Waiting

3: 180 [D2]

A 4

tone and sends FSK information (if ap

The ATA starts a >30second Call Wi
Here and remove the CW tone.)

4: PRACK

The CS starts a 30second Call Waiti
‘hold’ indication from ATA-1, send
ATA-1.

iting response timer. (If this expires

<
<

5: 180 [D2]

F from ATA-3 is allowed to

propriate).

hg response timer awaiting a

the ATA must send a 486 Busy

nows that ATA-1 has been

m ATA-3)

the 180 on to ATA-3 and PRACK to

6: 200 OK (prack)

A 4

7: PRACK

<&
<

8: 200 OK (prack)

9: CANCEL [D2]

The 30 second CW timer expires in
INVITE sent to ATA-1.

10: 200 OK (cancel) [D2]

»
P

11: 487 Request Terminated [D2]

>

12: ACK [D2]

<

<

The CS shall either connect Party C|
the call with ATA-3.

he CS which cancels the CW

to an announcement or release
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A.3.3.4 User A clears as waiting call arrives

ATA-1 CS ATA-2 ATA-3
Call exists between ATA-1 and ATA{2 (dialogue [D1] between ATA-1 and the CS)
e B >

1: INVITE (SDP offer)
Supported: 100rel
Allow: UPDATE, PRACK

<
<

The CS keeps track of active calls Hetween ATA-1 and the network, and knows that ATA-1 has been
assigned the call waiting service by means of a session count. The INVITE from ATA-3 is allowed to
continue on toward ATA-1 with mofification

The INVITE received from ATA-3 inflicates that both PRACK and UPDATE pre supported and as the CW
service includes MRF announcements the CS will not include an SDP offef or 100rel in a supported header
within the INVITE sent to ATA-1.

2: INVITE [D2] (sip:+441277327002@<domain>;user=phone) (no SDP)

&
<

ATA-1 CW fjag set to ‘yes’

At the same time that the CS sendy the call waiting INVITE to ATA-1, th¢ ATA-1 user hangs up on the
active dialog. This means that ATA-1 should process the call waiting INYITE as a “normal” INVITE. This
INVITE does not include an SDP off¢r, so ATA-1 must take that into accoynt when processing this call.

3: BYE [D1]

4: BYE [D1]

A\ 4

5: 200 OK (bye) [D1]

&

6: 200 OK (bye) [D1]

<
<

ATA-1 applies [ringing to Party A
to alert them fo then incoming
call from ATA{3

7: 180 [D2] (no SDP)

A 4

8: 180 [D2] (no SDP)

Party A does off-hook

ATA-1 will send a 200 OK and, sinc¢ the INVITE did not include an SDP offfer, ATA-1 must include an SDP
offer in the 200 OK. As the CS recgived a BYE on dialogue [D1], the CS did not play the call waiting

announcement to ATA-3, which mepns that there is the unusual situatioh where both ATA-1 and ATA-3
have generated SDP offers.
The CS will send a dummy SDP answer to ATA-1 followed immediately by a REINVITE using ATA-3’s offer.

9: 200 OK [D2] (SDP offer)

>
>

=

0: ACK [D2] (“‘dummy” SDP answgr)

A

[

1: RE-INVITE [D2] (SDP offer from ATA-3)

[

2: 200 OK [D2] (SDP answer)
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36

NICC ND 1131 V1.1.1 (2012-11)

ATA-3

A

1 CS ATA-2
13: 200 OK [D2] (SDP answer from ATA-1)
14: ACK g
15: ACK
ATA-1 and ATA-3 are connected via;ialogue [D2]
_______________________________________________________ »

NICC Standards Limited




A.3.3.5

ATA-1

37
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User A flashes to toggle between active and held users

5: 200 OK [D2] (SDP a=recvonly)

CS ATA-2
Call exists between ATA-1 and ATA{3 (dialogue [D2] between ATA-1 and the CS)
i B el i >
Party B is ‘On Hold".
e B >
Party A flashes to toggle from C to|B. ATA-1 will send a RE-INVITE with p=sendonly to indicate the call
[D2] is on hold.
1: RE-INVITE [D2] (SDP a=sendonly
2: RE-INVITE [D2] (SDP a=sendonly)
3: 200 OK [D2] (SDP a=recvonly)
Party C is ‘On Hold’.
i B el i >

<

6: ACK

>

>

ATA-1 will now send a RE-INVITE o

7: RE-INVITE [D1] (SDP a=sendrecv;

>

dialogue [D1] to retrieve the ATA-2

>

11: 200 OK (invite) [D1] (a=sendre(

The CS will forward the INVITE to A

8: RE-INVITE [D1] (SDP a=sendrecv),

>

held call

TA-2

>

9: 200 OK (invite) [D1] (a=sendrecv|

&
<

10: ACK

A 4

<
=

&
<

12: ACK

>

>

Call exists between ATA-1 and ATA

NICC Standards Limited




38

NICC ND 1131 V1.1.1 (2012-11)

History

Document history
Version Date Milestone
1.1.1 25/11/2012 Initial publication

NICC Standards Limited



	 Intellectual Property Rights
	Foreword
	 1 Scope
	2 References
	2.1 Normative references

	3 Definitions, symbols and abbreviations
	3.1 Definitions
	3.2 Abbreviations

	 4 Generic Call Flows
	4.1 Connecting a held user to a network based announcement

	 Annex A (informative): ATA example call flows
	 A.1 Basic Call Setup
	A.1.1 En-bloc sending mode
	A.1.1.1 ATA to ATA within one NGA-T Service Provider network
	 A.1.1.2 ATA to PSTN within one NGA-T Service Provider network
	 A.1.1.3  PSTN to ATA within one NGA-T Service Provider network

	 A.1.2 Overlap sending mode
	A.1.2.1 ATA to PSTN using Multiple INVITE option
	 A.1.2.2 ATA to PSTN using In-Dialogue option


	 A.2 Call Release
	 A.3 Supplementary Services
	A.3.1 Call Return (1471-3)
	A.3.1.1 Call Return using 302 Moved Temporarily
	 A.3.1.2 Call Return using Forked Responses
	 A.3.1.3 Call Return using Update method

	 A.3.2 3-Way Call
	A.3.2.1 Hold for Enquiry Call – Successful setup
	 A.3.2.2 Hold for Enquiry Call – Setup failure
	 A.3.2.3 Enquiry Call phase – Active remote party clears
	 A.3.2.4 Toggle
	 A.3.2.5 Flash to release remote party

	 A.3.3 Simplified Call Waiting
	A.3.3.1 User A flashes to accept waiting call (With Waiting Announcement)
	 A.3.3.2 User A hangs up to accept waiting call
	 A.3.3.3 User A ignores waiting call
	 A.3.3.4 User A clears as waiting call arrives
	 A.3.3.5 User A flashes to toggle between active and held users



	 History

