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1. Introduction

The Session Description Protocol (SDP) [RFC4566] is intended for
describing multinmedia sessions for the purposes of session
announcenent, session invitation, and other fornms of multinmedia
session initiation. SDP is nmobst conmonly used for describing nmedia
streanms that are transported over the Real -Time Transport Protoco
(RTP) [RFC3550], using the profiles for audio and vi deo nedi a defined
in "RTP Profile for Audio and Video Conferences with Mninmal Control"
[ RFC3551] .

However, SDP can be used to describe nedia transport protocols other
than RTP. Previous work includes SDP conventions for describing ATM
bearer connections [RFC3108] and the Message Session Relay Protoco

[ RFC4975] .

SDP is commonly carried in Session Initiation Protocol (SIP)

[ RFC3261] nessages in order to agree on a common nedi a description
anong the endpoints. "An Ofer/Answer Mdel with the Session
Description Protocol (SDP)" [RFC3264] defines a franmework by which
two endpoi nts can exchange SDP nedi a descriptions and cone to an
agreement as to which nedia streams shoul d be used, along with the
nmedi a-rel at ed paraneters.

In sone scenarios, it mght be desirable to establish the nmedia
streamover a circuit-sw tched bearer connection even if the
signaling for the session is carried over an | P bearer. An exanple
of such a scenario is illustrated with two nobil e devices capabl e of
both circuit-switched and packet-sw tched conmuni cati on over a | ow
bandwi dth radi o bearer. The radio bearer may not be suitable for
carrying real-tinme audio or video nedia, and using a circuit-swtched
bearer would offer a better perceived quality of service. So,
according to this scenario, SDP and its higher-layer session contro
protocol (e.g., the Session Initiation Protocol (SIP) [RFC3261]) are
used over regular IP connectivity, while the audio or video is

recei ved through the classical circuit-sw tched bearer.

Thi s docunent addresses only the use of circuit-switched bearers in
the PSTN, not a generic circuit-swi tched network. The nechanisns
presented below require a call signaling protocol of the PSTN to be
used (such as ITUT Q931 [ITU @31.1998] or 3GPP TS 24.008

[TS. 24.008]).
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Setting up a signaling relationship in the |IP donain instead of just
setting up a circuit-switched call also offers the possibility of
negotiating, in the same session, other |P-based nedia that is not
sensitive to jitter and delay, for exanple, text nmessaging or
presence information.

At a later point in tinme, the nobile device nmight nove to an area
where a hi gh-bandw dt h packet-switched bearer, for exanple, a

Wrel ess Local Area Network (W.AN) connection, is available. At this
point, the nobile device may perform a handover and nove the audi o or
vi deo nedia streans over to the high-speed bearer. This inplies a
new exchange of SDP offer/answer that |eads to a renegotiation of the
nmedi a streans.

O her use cases exist. For exanple, an endpoint mnight have at its

di sposal circuit-sw tched and packet-sw tched connectivity, but the
same audi o or video codecs are not feasible for both access networKks.
For exanple, the circuit-swi tched audi o or video stream supports

nar r ow- bandwi dt h codecs, while the packet-swi tched access all ows any
ot her audio or video codec inplenmented in the endpoint. In this
case, it mght be beneficial for the endpoint to describe different
codecs for each access type and get an agreenment on the bearer
together with the renmote endpoint.

There are additional use cases related to third party call contro
where the session setup tinme is inproved when the circuit-sw tched
bearer in the PSTN is described together with one or nore codecs.

The rest of the document is structured as follows: Section 2 provides
t he docunent conventions, Section 3 introduces the requirenents,
Section 4 presents an overvi ew of the proposed solutions, and

Section 5 contains the protocol description. Section 6 provides
exanpl es of circuit-switched audio or video streanms in SDP. Sections
7 and 8 contain the Security and | ANA consi derations, respectively.

2. Conventions Used in This Docunent

The key words "MJST", "MJST NOT", "REQUI RED', "SHALL", "SHALL NOT",
"SHOULD', "SHOULD NOT", "RECOMMENDED', "NOT RECOMMVENDED', "MAY", and
"OPTIONAL" in this docunment are to be interpreted as described in BCP
14, RFC 2119 [RFC2119] and indicate requirenment |levels for conpliant

i mpl enent ati ons.
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3.

Requi renment s

This section presents the general requirenments that are specific for
the audio or video nedia streams over circuit-sw tched bearers.

REQ 1: A nechanismfor endpoints to negotiate and agree on an audi o
or video nedia stream established over a circuit-swtched
bearer MJST be avail abl e.

REQ 2: The mechani sm MJUST al |l ow t he endpoints to conbine circuit-
swi tched audio or video nedia streans with other
conpl enentary nedia streans, for exanple, text nessaging.

REQ 3: The mechani sm MJUST al |l ow t he endpoint to negotiate the

direction of the circuit-switched bearer, i.e., which
endpoint is active when initiating the circuit-swtched
bearer.

REQ - 4: The nechani sm MJUST be i ndependent of the type of the circuit-
swi tched access (e.g., Integrated Services Digital Network
(1 SDN), G obal System for Mobile Comuni cation (GSM, etc.)

REQ-5: There MJST be a nechani smthat hel ps an endpoint to correl ate
an inconing circuit-switched bearer with the one negoti at ed
in SDP, as opposed to another incomng call that is not
related to that. |In case correlation by programmuatic nmeans
is not possible, correlation may al so be perfornmed by the
human user.

REQ-6: It MJST be possible for endpoints to advertise different
lists of audio or video codecs in the circuit-sw tched audio
or video streamfromthose used in a packet-sw tched audi o or
vi deo stream

REQ- 7: It MJST be possible for endpoints to not advertise the |ist
of avail able codecs for circuit-swi tched audi o or video
streans.

Overvi ew of Operation

The mechani sm defined in this meno extends SDP [ RFC4566] and al | ows
descri bing an audio or video nedia stream established over a circuit-
switched bearer. A new network type ("PSTN') and a new protocol type
("PSTN') are defined for the "c=" and "m=" lines to be able to
describe a nedia streamover a circuit-switched bearer. These SDP
extensions are described in Section 5.2. Since circuit-swtched
bearers are connection-oriented nedia streans, the nmechani smreuses
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the connection-oriented extensions defined in RFC 4145 [ RFC4145] to
negotiate the active and passive sides of a connection setup. This
is further described in Section 5.3.1.

4.1. Exanple Call Fl ow

Consi der the exanple presented in Figure 1. In this exanple,
Endpoint Ais located in an environment where it has access to both
I P and circuit-swi tched bearers for conmmunicating with other

endpoi nts. Endpoint A decides that the circuit-sw tched bearer
offers a better perceived quality of service for voice and issues an
SDP of fer containing the description of an audi o nedia streamover a
circuit-sw tched bearer

Endpoi nt A Endpoi nt B
| (1) SDP offer (PSTN audi o) |
T i
| (2) SDP answer (PSTN audi 0) |
| e |
I I
| PSTN cal | setup |
| |
I I
| _ |
| <===== nedi a over PSTN bearer =====>
I

Figure 1: Exanpl e Fl ow

Endpoi nt B receives the SDP offer and deternines that it is |ocated
in an environment where the | P-based bearer is not suitable for real-
time audi o nedia. However, Endpoint B also has a PSTN circuit-

swi tched bearer available for audio. Endpoint B generates an SDP
answer containing a description of the audio nmedia streamover a
circuit-swtched bearer

During the of fer/answer exchange, Endpoints A and B al so agree upon
the direction in which the circuit-sw tched bearer should be
established. In this exanple, Endpoint B becones the active party;
in other words, it establishes the circuit-switched call to the other
endpoi nt. The offer/answer exchange contains identifiers or
references that can be used on the circuit-sw tched network for
addressi ng the other endpoint, as well as information that is used to
determine that the incomng circuit-switched bearer establishnent is
related to the ongoi ng session between the two endpoints.
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Endpoi nt B establishes a circuit-switched bearer towards Endpoint A
usi ng what ever nechani sns are defined for the network type in
qgquestion. \When receiving the inconming circuit-sw tched connection
attenpt, Endpoint Ais able to deternmine that the attenpt is related
to the session it is just establishing with B

Endpoi nt A accepts the circuit-sw tched connection; the circuit-
swi tched bearer setup is conpleted. The two endpoints can now use
the circuit-sw tched connection for two-way audi o nedi a.

If, for sone reason, Endpoint B would like to reject the offered
stream it would set the port nunber of the specific streamto zero,
as specified in RFC 3264 [ RFC3264]. Also, if B does not understand
some of the SDP attributes specified in this docunment, it would
ignore them as specified in RFC 4566 [ RFC4566] .

5. Protocol Description
5.1. Level of Conpliance
| mpl enentations that are conpliant with this specification MJST
i mpl ement the SDP extensions described in Section 5.2 and MJST
i npl ement the considerations discussed in Sections 5.3, 5.4, and 5. 6.
5.2. Extensions to SDP
Thi s section provides the syntax and semantics of the extensions
required for providing a description of audio or video nedia streans
over circuit-switched bearers in SDP

5.2.1. Connection Data

According to SDP [ RFC4566], the connection data line in SDP has the
foll owi ng synt ax:

c=<nettype> <addrtype> <connecti on-address>

where <nettype> indicates the network type, <addrtype> indicates the
address type, and <connection-address> is the connecti on address,
whi ch is dependent on the address type.

At the nonent, the only network type defined is "IN', which indicates
Internet network type. The address types "IP4" and "I P6" indicate
the type of | P addresses.

This meno defines a new network type for describing a circuit-

swi tched bearer network type in the PSTN. The mmenonic "PSTN' is
used for this network type.
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For the address type, we initially considered the possibility of
describing E. 164 tel ephone nunmbers. W define a new "E164" address
type to be used within the context of a "PSTN' network type. The
"E164" address type indicates that the connection address contains an
E. 164 nunber represented according to the ITUT E 164 [ITU E164. 2010]
reconmendat i on.

It is a common convention that an international E. 164 nunber contains
a leading '+ sign. For consistency’'s sake, we also require the

E. 164 tel ephone is prepended with a '+, even if that is not
necessary for routing of the call in the PSTN network.

There are cases, though, when the endpoint is nerely aware of a
circuit-switched bearer, without having further information about the
E. 164 nunber allocated to it. |In these cases, a dash ("-") is used
to indicate an unknown connection address. This nakes the connection
data line consistent with SDP synt ax.

Pl ease note that the "E164" address type defined in this nenmo is
exclusively defined to be used in conjunction with the "PSTN' network
type in accordance with regular offer/answer procedures [ RFC4566].

Not e: RFC 3108 [ RFC3108] al so defines address type "E. 164". This
definition is distinct fromthe one defined by this nmeno and shal
not be used with <nettype> "PSTN'.

This neno exclusively uses the international representation of E. 164
nunbers, i.e., those including a country code and, as descri bed
above, prepended with a '+ sign. Inplenentations conformng to this
specification and using the "E164" address type together with the
"PSTN' network type MJST use the ’'global -nunber-digits’ construction
specified in RFC 3966 [ RFC3966] for representing international E. 164
numbers. This representation requires the presence of the '+ sign
and additionally allows for the presence of one or nore ’visual-
separator’ constructions for easier human readability (see

Section 5.7).

Not e that <connecti on-address> MJUST NOT be omtted when unknown since
this would violate basic syntax of SDP [ RFC4566]. |n such cases, it
MJUST be set to a "-".

The followi ng are exanples of the extension to the connection data
line:

Cc=PSTN E164 +441134960123

c=PSTN E164 -
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When the <addrtype> is E164, the connection address is defined as
fol | ows:

0 an international E 164 nunber (prepended with a '+ sign)

o the value "-", signifying that the address is unknown

o any other value resulting fromthe production rule of connection-
address in RFC 4566 [ RFC4566], but in all cases any val ue
encountered will be ignored.

5.2.2. Media Descriptions

According to SDP [ RFC4566], the media description line in SDP has the
fol l owi ng syntax:

me<medi a> <port> <proto> <fmt> ..

The <nedi a> subfield carries the nedia type. For establishing an
audi o bearer, the existing "audi 0" nedia type is used. For
establishing a video bearer, the existing "video" nedia type is used.

The <port> subfield is the transport port to which the nmedia stream
is sent. Circuit-switched access | acks the concept of a port nunber;
therefore, the <port> subfield does not carry any neani ngful val ue.
In order to be conpliant with SDP syntax, inplenentations SHOULD set
the <port> subfield to the discard port value "9" and MJST ignore it
on reception.

According to RFC 3264 [ RFC3264], a port nunber of zero in the offer
of a unicast streamindicates that the streamis offered but nust not

be used. If a port number of zero is present in the answer of a
uni cast stream it indicates that the streamis rejected. These
rules are still valid when the nedia line in SDP represents a

circuit-sw tched bearer

The <proto> subfield is the transport protocol. The circuit-swtched
bearer uses whatever transport protocol it has available. This
subfield SHOULD be set to the mmenonic "PSTN' to be syntactically
correct with SDP [ RFC4566] and to indicate the usage of circuit-

swi tched protocols in the PSTN.

The <fnt> subfield is the nedia format description. 1In the classica
usage of SDP to describe RTP-based nedi a streans, when the <proto>
subfield is set to "RTP/AVP" or "RTP/ SAVP', the <fnt> subfield
contains the payload types as defined in the RTP audio profile

[ RFC3551] .
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When "RTP/ AVP" is used in the <proto> field, the <fnm> subfield
contains the RTP payl oad type nunbers. W use the <fnmt> subfield to
indicate the list of available codecs over the circuit-swtched
bearer, by reusing the conventions and payl oad type nunbers defi ned
for RTP / AVP. The RTP audio and video nedia types, when applied to
PSTN circuit-sw tched bearers, represent nerely an audi o or video
codec. If the endpoint is able to determine the Iist of available
codecs for circuit-switched nedia streams, it MJST use the
correspondi ng payl oad type nunbers in the <fnt> subfield.

In sone cases, the endpoint is not able to determne the |ist of
avai l abl e codecs for circuit-switched nedia streanms. In this case
in order to be syntactically conpliant with SDP [ RFC4566], the
endpoi nt MJST include a single dash ("-") in the <fnt> subfield.

As per RFC 4566 [ RFC4566], the nedia format descriptions are |isted
in priority order.

Exanpl es of nedi a descriptions for circuit-swi tched audio streans
are:

nFaudio 9 PSTN 3 0 8
nmFaudi o 9 PSTN -

Similarly, an exanple of a nedia description for circuit-swtched
vi deo streamis:

mevi deo 9 PSTN 34
mevi deo 9 PSTN -
5.2.3. Correlating the PSTN Circuit-Swi tched Bearer with SDP

The endpoints should be able to correlate the circuit-sw tched bearer
with the session negotiated with SDP in order to avoid ringing for an
incoming circuit-switched bearer that is related to the session
controlled with SDP (and SIP)

Several alternatives exist for performng this correlation. This
meno provides three nutually non-exclusive correl ati on mechani sns.
Additionally, we define a fourth nechani smwhere correlation nay be
perfornmed by external neans, typically by the human user, in case
usi ng other correlation mechanisms is not possible or does not
succeed. Oher correlation nechani snms nmay exi st, and their usage
will be specified when need ari ses.
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Al'l mechani sns share the sane principle: sonme unique infornmation is
sent in the SDP and in the circuit-sw tched signaling protocol. If
these pieces of information match, then the circuit-sw tched bearer
is part of the session described in the SDP exchange. O herw se,
there is no guarantee that the circuit-switched bearer is related to
such sessi on.

The first mechanismis based on the exchange of PSTN Caller ID
bet ween the endpoints. The Caller IDis also available as the
Calling Party Number in the circuit-switched signaling.

The second nechanismis based on the inclusion in SDP of a val ue that
is also sent in the User-User Information Elenent that is part of the
bearer setup signaling in the PSTN

The third mechanismis based on sending in SDP a string that
represents Dual - Tone Milti-Frequency (DTMF) digits that will be |ater
sent right after the circuit-switched bearer is established.

The fourth correl ati on nmechani sm decl ares support for cases where
correlation is done by external means. Typically, this neans that
the decision is left to the human user. This is how sone current
conferenci ng systens operate: after logging on to the conference, the
systemcalls back to the user’s phone nunber to establish audio
communi cations, and it is up to the hunan user to accept or reject
the incoming call. By declaring explicit support for this mechanism
endpoi nts can use it only when such a possibility exists.

Endpoi nts may opt to inplenent any conbination of the correlation
mechani sns specified in Sections 5.2.3.2, 5.2.3.3, 5.2.3.4, and
5.2.3.5, including the option to inplenent none at all

5.2.3.1. The "cs-correlation" Attribute

In order to provide support for the correlation mechani snms, we define
a new nedi a-level SDP attribute called "cs-correlation". There MJST
be at nobst one "cs-correlation" attribute per nedia description

This "cs-correlation" attribute MAY contain zero or nore subfields --
"callerid", "uuie", "dtnf", or "external" to specify additiona
information required by the Caller 1D User-User Information El enent,
DTMF, or external correlation nechani sns, respectively. The |list of
correl ati on nechani sns may be extended by other specifications; see
Section 5.2.3.6 for nore details.

The follow ng sections provide nore detailed information about these
subfi el ds.
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The values "callerid", "uuie", "dtnf", and "external" refer to the
correl ati on nechani sns defined in Sections 5.2.3.2, 5.2.3.3, 5.2.3.4,
and 5.2.3.5, respectively. The formal Augnented Backus- Naur For mat
(ABNF) syntax of the "cs-correlation" attribute is presented in
Section 5.7.

5.2.3.2. Caller ID Correl ati on Mechani sm

The Caller ID correlation mechani smconsists of an exchange of the
Calling Party Nunmber as an international E. 164 nunber in SDP
followed by the availability of the Calling Party Nunber |nformation
El ement in the call setup signaling of the circuit-swtched
connection. |If both pieces of information natch, the circuit-
switched bearer is correlated to the session described in SDP

An exanpl e of inclusion of an international E.164 nunber in the
"cs-correlation" attribute is:

a=cs-correlation:callerid: +441134960123

The presence of the "callerid" subfield indicates that the endpoint
supports use of the Calling Party Nunmber as a neans of correlating a
PSTN call with the session being negotiated. The "callerid" subfield
MAY be acconpani ed by the international E.164 nunber of the party
inserting the paraneter.

Note that there are no guarantees that this correlation nmechani sm
works or is even avail able, due a nunber of problens:

* The endpoint mght not be aware of its own E. 164 nunber, in
whi ch case it cannot popul ate the SDP appropriately.

* The Calling Party Nunber Information Elenment in the circuit-
swi tched signaling mght not be available, e.g., due to policy
restrictions of the network operator or caller restriction due
to privacy.

* The Calling Party Nunber Information Elenment in the circuit-
swi tched signaling mght be available, but the digit
representation of the E. 164 nunber might differ fromthe one
expressed in the SDP, due to, e.g., lack of country code. To
mtigate this problem inplenentations should consider only
some of the rightnost digits fromthe E 164 nunber for
correlation. For exanple, the nunbers +44-113-496-0123 and
0113-496- 0123 coul d be considered as the sane nunber. This is
al so the behavi or of some cellular phones, which correlate the
incoming calling party with a nunber stored in the phone book
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for the purpose of displaying the caller’s nane. Please refer
to ITUT E 164 reconmendation [l TU. E164.2010] for consideration
of the relevant nunmber of digits to consider.

5.2.3.3. User-User Information El enment Correl ati on Mechani sm

A second correlation nechanismis based on including in SDP a string
that represents the User-User Information Elenent that is part of the
call setup signaling of the circuit-switched bearer. The User-User
Information Element is specified in ITUUT Q931 [ITU @31.1998] and
3GPP TS 24.008 [TS. 24.008], anong others. The User-User Information
El enrent has a nmaxi num size of 35 or 131 octets, depending on the
actual nessage of the PSTN protocol where it is included and the
network settings.

The mechani sm works as follows. An endpoint creates a User-User
Information El ement, according to the requirements of the call setup
signaling protocol. The sane value is included in the SDP offer or
SDP answer, in the "uuie" subfield of the "cs-correlation" attribute.
When the SDP of fer/answer exchange is conpl eted, each endpoint has
beconme aware of the value that will be used in the User-User
Informati on El ement of the call setup nessage of the PSTN protocol.
The endpoint that initiates the call setup attenpt includes this
value in the User-User Infornmation Elenent. The recipient of the
call setup attenpt can extract the User-User Information El enment and
correlate it with the value previously received in the SDP. If both
val ues match, then the call setup attenpt corresponds to that

i ndicated in the SDP.

According to ITUT Q931 [ITU @31.1998], the User-User Infornation
El ement (UUIE) identifier is conposed of a first octet identifying
this as a User-User Information Elenment, a second octet containing
the length of the user-user contents, a third octet containing a
Protocol Discrimnator, and a value of up to 32 or 128 octets
(dependi ng on network settings) containing the actual User
Information (see Figure 4-36 in [ITU @31.1998]). The first two
octets of the UU E MIST NOT be used for correlation; only the octets
carrying the Protocol Discrimnmnator and the User Information val ue
are input to the creation of the value of the "uuie" subfield in the
"cs-correlation" attribute. Therefore, the value of the "uuie"
subfield in the "cs-correlation” attribute MJUST start with the
Protocol Discrimnator octet, followed by the User Infornmation
octets. The value of the Protocol Discrimnator octet is not
specified in this docunent; it is expected that organizations using
this technology will allocate a suitable value for the Protocol

Di scrim nator.
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Once the binary value of the "uuie" subfield in the "cs-correl ation”
attribute is created, it MJST be base 16 (al so known as "hex")
encoded before it is inserted in SDP. Please refer to RFC 4648

[ RFCA648] for a detail ed description of base 16 encoding. The
resulting encoded val ue needs to have an even nunber of hexadeci mal
digits and MJST be considered invalid if it has an odd nunber.

Not e: The encodi ng of the "uuie" subfield of the "cs-correlation”
attribute is largely inspired by the encoding of the sane value in
the User-to-User header field in SIP, according to "A Mechani sm
for Transporting User to User Call Control Information in SIP"
[SIP-UUT.

As an exanple, an endpoint willing to send a UU E containing a
Protocol Discrinmnator with the hexadeci mal val ue of %56 and an
hexadeci nal User |Information val ue of %A390F3D2B7310023 woul d
include an "a=cs-correlation” attribute line as foll ows:

a=cs-correl ation: uui e: 56A390F3D2B7310023

Note that the value of the User-User Information Elenent is

consi dered as an opaque string and only used for correlation
purposes. Typically, call signaling protocols inpose requirenents on
the creation of a User-User Infornmation El enment for end-user protocol
exchange. The details regarding the generation of the User-User
Informati on El ement are outside the scope of this specification

Pl ease note that there are no guarantees that this correlation
mechani sm works. On one side, policy restrictions mght not make the
User-User information available end to end in the PSTN. On the other
hand, the generation of the User-User Information Elenent is
controlled by the PSTN circuit-sw tched call protocol, which m ght
not offer enough freedomfor generating different values from one
endpoi nt to another one or fromone call to another in the sane
endpoint. This might result in the sanme val ue of the User-User
Information Element for all calls.

5.2.3.4. DTMF Correlati on Mechani sm

We introduce a third mechanismfor correlating the circuit-swtched
bearer with the session described with SDP. This is based on
agreei ng on a sequence of digits that are negotiated in the SDP

of fer/ answer exchange and sent as DTM- tones as described in ITUT
Recommendation Q 23 [ TU. 3. 1988] over the circuit-sw tched bearer
once this bearer is established. |If the DITMF digit sequence received
through the circuit-switched bearer nmatches the digit string
negotiated in the SDP, the circuit-switched bearer is correlated with
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the session described in the SDP. The nmechanismis sinlar to nmany
voi ce conferencing systens that require the user to enter a PIN code
using DTMF tones in order to be accepted in a voice conference.

The mechani sm works as follows. An endpoint selects a DIMF digit
sequence. The sane sequence is included in the SDP offer or SDP
answer, in a "dtnf" subfield of the "cs-correlation" attribute. Wen
the SDP of fer/answer exchange is conpl eted, each endpoi nt has becone
aware of the DTMF sequence that will be sent right after the circuit-
switched bearer is set up. The endpoint that initiates the cal

setup attenpt sends the DIMF digits according to the procedures
defined for the circuit-switched bearer technol ogy used. The
reci pi ent (passive side of the bearer setup) of the call setup
attenpt collects the digits and conpares themw th the val ue
previously received in the SDP. |If the digits match, then the cal
setup attenpt corresponds to that indicated in the SDP

Note: Inplenentations are advised to select a nunber of DTM
digits that provide enough assurance that the call is related but
do not prolong the bearer setup tinme unnecessarily. A nunmber of 5
to 10 digits is a good conprom se

As an exanple, an endpoint willing to send DTMF tone sequence "14D*3"
woul d include an "a=cs-correlation" attribute line as foll ows:

a=cs-correl ation: dtnf: 14D*3

If the endpoints successfully agree on the usage of the DTMF digit
correl ati on nmechani sm but the passive side does not receive any DIMF
digits after successful circuit-sw tched bearer setup or receives a
set of DTMF digits that do not match the value of the "dtnf"
attribute (including receiving too nmany digits), the passive side
SHOULD consi der that this DIMF nechanismhas failed to correlate the
i ncom ng call.

5.2.3.5. External Correlation Mechani sm

The fourth correlatio