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(7) ABSTRACT

The invention relates to a method for communicating codec
related information between a first mobile communication
device (UE1) and a second mobile communication device
(UE2) via a network. The codec related information relates
to operational modes of an adaptive multi-rate (AMR)
codec. The information is transmitted by the first mobile
communication device (UE1) to the second mobile commu-
nication device (UE2) in a form of a binary mask in an SDP
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COMMUNICATION OF CODEC INFORMATION

FIELD OF THE INVENTION

[0001] The invention relates to communicating codec
related information between a first communication device
and a second communication device via a network.

BACKGROUND OF THE INVENTION

[0002] In wireless telecommunication systems informa-
tion is transferred in an encoded form between a transmitting
communication device and a receiving communication
device. The transmitting communication device encodes
original information into encoded information and sends it
to the receiving communication device. The receiving com-
munication device decodes the received encoded informa-
tion in order to recreate the original information. The
encoding and decoding is performed in codecs. Thus, the
encoding is performed in a codec located in the transmitting
communication device, and the decoding is performed in a
codec located in the receiving communication device. How-
ever, since there are many different codecs available, the
transmitting terminal and the receiving terminal have to
agree upon the codec(s) to be used in a session. This
agreeing procedure occurs during the initial session estab-
lishment and is called a codec negotiation procedure.

[0003] The codec negotiation procedure for third genera-
tion (3G) telecommunication systems is currently being
standardised. One of the standard proposals for a codec
negotiation procedure for third generation telecommunica-
tion systems is discussed in the following with the aid of
FIGS. 1 and 2.

[0004] FIG. 1 shows a third generation telecommunica-
tion system for providing codec negotiation. In the system
there is formed a signalling chain between a first commu-
nication device (hereinafter referred as UEL, UE standing
for User Equipment) and a second communication device
(hereinafter referred as UE2). The signalling chain goes
through a first Proxy Call State Control Function (herein-
after referred as P-CSCF1), a first Serving Call State Control
Function (hereinafter referred as S-CSCF1), a second Serv-
ing Call State Control Function (hereinafter referred as
P-CSCF2), a second Proxy Call State Control Function
(hereinafter referred as S-CSCF2). P-CSCF1, S-CSCF1,
P-CSCF2 and S-CSCEF2 are logical network entities that
may be implemented so as to form separate physical net-
work elements, or they may be incorporated in some of the
already existing physical network elements. P-CSCF1 and
S-CSCF1, for example, may be incorporated in a first GGSN
(Gateway General Packet Radio Service (GPRS) Support
Node), and they may be controlled by a first network
operator. P-CSCF2 and S-CSCF2 may be incorporated in a
second GGSN, and they may be controlled by a second
network operator. Interfaces between the different devices
and functions mentioned above are defined in 3GPP (3¢
Generation Partnership Project) specifications. It is known
to a person skilled in the art that network elements and/or
control functions other than the ones shown in FIG. 1 may
reside in the system.

[0005] The P-CSCF1 and S-CSCF1 are, among other
things, responsible for providing services and reserving
resources (for example radio resources) for the UEL. The
P-CSCF1 controls the UE1 so that it does not exceed the
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resources that the network is able to provide for it. The
S-CSCF1 controls the UEL so that it does not exceed the
resources to which its user has subscribed.

[0006] The P-CSCF2 and S-CSCF2 are, among other
things, responsible for providing services and reserving
resources for the UE2. The P-CSCF2 controls the UE2 so
that it does not exceed the resources that the network is able
to provide for it. The S-CSCF2 controls the UE2 so that it
does not exceed the resources to which its user has sub-
scribed.

[0007] When the UEL initiates a session with the UE2, the
codec to be used for the session is to be determined
(negotiated). If the session is going to be a multimedia
session that is the session is going to be established with
more than one media stream (for example an audio stream
and a video stream) codecs to be used with each of the
streams are to be negotiated.

[0008] According to the standard proposal (3G TS 23.228
version 1.7.0) the negotiation is performed in such a way
that the UE1 (also referred to as the session originator) first
generates, according to the SIP (Session Initiation Protocol)
protocol, a SIP INVITE message comprising particular SIP
header fields and a message body. According to the proposal,
the message body is generated according to the SDP (Ses-
sion Description Protocol) protocol and it is called an SDP
body.

[0009] The UE1 generates the SDP body in such a way
that it contains a list (set) of codecs that the UE1 is able and
willing to support for the session. The UE1 sends the SIP
INVITE message to the UE2. When the SIP INVITE mes-
sage arrives at the UE2, the UE2 responds to the UE1 by
generating and sending a reply message, also containing an
SDP body, to the UEL. The reply message is referred to in
the SIP protocol as the “183 message”. The SDP body of the
reply message contains a second list of codecs indicating the
codecs that the UE2 is able and willing to support for the
session. The second list is generated based on the content of
the list of codecs in the SDP body of the SIP INVITE
message and based on the UE2’s ability and willingness to
support these codecs. If the UE2 is able and willing to
support all the same codecs as the UE1 this results in the
second list of codecs being the same as the (original) list of
codecs that the UE1 generated in the first place. However, if
the UE2 is not able or willing to support, for the session, one
or more of the codecs contained in the original list, the UE2
leaves such a codec or such codecs out from the second list.
This being the case the second list is a sub-list of the original
list. In either case, the second list contains the codecs that
both the UE1 and the UE2 are able and willing to support for
the session.

[0010] When the 183 message, sent by the UE2, arrives at
the UEL, the UE1 decides which codec (or codecs if it is a
multimedia session) of all of the supported codecs contained
in the second list is (or are) to be used in the session. After
it has decided this it sends to the UE2 a third message
(referred to as the Final SDP) which tells to the UE2 the
codec(s) that is (or are) to be used in the session to be
established.

[0011] However, if the messages are sent in an end-to-end
manner as described above a problem arises, because the
decision of the codec(s) to be used is made without deter-
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mining from the network the capacity that it is able to
provide. For example, the chosen codec might be such a
codec that requires a larger bandwidth than the network is
able to provide at the time in question.

[0012] One standard proposal tries to solve this problem
by allowing the network entities P-CSCF1, S-CSCF1,
S-CSCF2 and P-CSCF2 to remove non-suitable codecs from
the codec list in the SDP of the SIP INVITE message. In the
following the matter is described in more detail referring
now to FIG. 2.

[0013] After the UE1 has determined the codecs that it
supports for the session it sends the SIP INVITE message to
the UE2. When the SIP INVITE arrives at the P-CSCF1, on
its way to the UE2, the P-CSCF1 removes all non-suitable
codec choices from the codec list in the SDP body. By a
non-suitable codec choice is meant such a codec in the codec
list that is, at the moment (or in general based on a network
operator policy), not possible for the session from the
network’s point of view, the network being the one serving
the UEL. One example of a non-suitable codec choice would
be a codec that uses too large a bandwidth compared to the
bandwidth available in the network.

[0014] The P-CSCF1 forwards the message to the
S-CSCF1 which removes from the codec list all codecs that
the UE1L is not authorised to request (based on user sub-
scription information relating to the user of the UEL).

[0015] The S-CSCF1 forwards the message to the
S-CSCF2 which removes from the codec list all codecs that
the UE2 is not authorised to use (based on user subscription
information relating to the user of the UE2).

[0016] Also, the S-CSCF1 and S-CSCF2 remove from the
codec list all codecs that are not supported based on a
network operator policy.

[0017] The S-CSCF2 forwards the message to the
P-CSCF2 which removes all non-suitable codec choices
from the codec list in the SDP body. Again, by a non-suitable
codec choice is meant such a codec in the codec list that is,
at the moment (or in general based on a network operator
policy), not possible for the session from the network’s point
of view, the network now being the one serving the UE2.

[0018] Finally, the P-CSCF2 forwards the SIP INVITE
message to the UE2. The UE2 receives the SIP INVITE
message containing the SDP body which now comprises a
list of codecs which both the UE1 and all the logical network
entities P-CSCF1, S-CSCF1, S-CSCF2 and P-CSCF2 are
willing to support for the session.

[0019] The UE2 now responds with a reply message (that
is the 183 message) containing a second list of codecs. The
second list is generated based on the content of the list of
codecs in the SDP body received in the SIP INVITE
message and based on the UE2’s ability and willingness to
support these codecs. If the UE2 is able and willing to
support all the codecs contained in the list of codecs,
received in the SIP INVITE message, the second list is the
same as the list of codecs, received in the SIP INVITE
message. If the UE2 is not able or willing to support, for the
session, all the codecs contained in the list of codecs,
received in the SIP INVITE message, the UE2 leaves such
a codec or such codecs out from the second list. In either
cases, the second list is a list of codecs that both the UE1 and
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the UE2 and all the network entities P-CSCF1, S-CSCF1,
S-CSCF2 and P-CSCF2 are willing to support for the
session.

[0020] When the 183 message arrives at the UEL it can
make a choice which automatically takes into account the
network capabilities, when deciding the codec(s) to be used
initially in the session. Information on the chosen codec is
sent to the UE2 in a Final SDP message, in a manner similar
to that previously described.

[0021] The method described above only indicates
whether a particular codec is supported or not. However,
there exist codecs which have multiple options. An AMR
(Adaptive Multi Rate) codec, for example, is a codec which
supports a plurality of different bit rates. In this case it is not
enough in the codec negotiation procedure just to indicate
whether the AMR codec is supported, but there is a need to
indicate the bit rates of the AMR codec that are supported.

SUMMARY OF THE INVENTION

[0022] According to a first aspect of the invention there is
provided a method for communicating codec related infor-
mation between a first communication device and a second
communication device via a network the method compris-
ing:

[0023] transferring from the first communication device
to the second communication device via the network
information indicating, from a group of operational
modes of a codec, the operational modes that the first
communication device supports for a session between
the first communication device and the second com-
munication device, the method comprising:

[0024] modifying the information, by the network, if
the information is not acceptable to the network.

[0025] The term session is to be construed broadly. The
term session shall cover various sessions and connection
services in which codecs are to be used.

[0026] Preferably, the network modifies the information if
the network does not support at least one of the operational
modes which the information indicates as being supported.

[0027] Preferably, the information is received by a net-
work entity in the network, and the network entity modifies
the information if the network entity does not support at least
one of the operational modes that the information, as
received, indicates as being supported.

[0028] Preferably, the supported and unsupported opera-
tional modes are indicated with the aid of a mask having a
plurality of mask elements each mask element being repre-
sentative of one operational mode.

[0029] Preferably, each of the plurality of the mask ele-
ments indicates whether the corresponding operational
mode is supported wherein:

[0030] the mask element taking a first value indicates
that the operational mode is supported; and

[0031] the mask element taking a second value indicates
that the operational mode is unsupported.

[0032] Preferably, the mask is a binary mask and the mask
elements are binary digits so that the first value of a mask
element is a binary digit 1 and the second value is a binary
digit 0.
ERIC-1018
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[0033] Preferably, the information is transferred in a mes-
sage the message comprising a header portion and a message
body the information being transferred in the message body.

[0034] Preferably, the message body is an SDP Session
Description Protocol) body of a SIP (Session Initiation
Protocol) INVITE message.

[0035] Preferably, in the method, it is indicated, from a
group of operational modes of a codec, the operational
modes that the first communication device is willing and
able to support for the session between the first communi-
cation device and the second communication device.

[0036] Preferably, at least one of the communication
devices is a mobile communication device.

[0037] Preferably, the operational modes of the codec are
the operational modes/bit rates of an AMR (Adaptive Multi
Rate) codec.

[0038] According to a second aspect of the invention there
is provided a transmitting communication device for com-
municating codec related information to a receiving com-
munication device via a network, the transmitting commu-
nication device comprising:

[0039] a transmitter for transmitting information to the
receiving communication device via the network the
information indicating, from a group of operational
modes of a codec, the operational modes that the
transmitting communication device supports for a ses-
sion between the transmitting communication device
and the receiving communication device, the transmit-
ting communication device being configured to:

[0040] transmit the information in a format which
enables the network to modity the information if the
information is not acceptable to the network.

[0041] According to a third aspect of the invention there is
provided a system for communicating codec related infor-
mation between a first communication device and a second
communication device the system comprising the first com-
munication device, the second communication device and a
network, the first communication device comprising:

[0042] a transmitter for transmitting information from
the first communication device to the second commu-
nication device via the network the information indi-
cating, from a group of operational modes of a codec,
the operational modes that the first communication
device supports for a session between the first commu-
nication device and the second communication device,
the network comprising:

[0043] a processing unit for modifying the informa-
tion if the information is not acceptable to the
network.

[0044] According to a fourth aspect of the invention there
is provided a message for communicating codec related
information between a first communication device and a
second communication device via a network the message
being configured:

[0045] to be transferred from the first communication
device to the second communication device via the
network the message having information indicating,
from a group of operational modes of a codec, the
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operational modes that the first communication device
supports for a session between the first communication
device and the second communication device, the mes-
sage being configured:

[0046] to enable the network to modify the informa-
tion if the information is not acceptable to the
network.

[0047] According to a fifth aspect of the invention there is
provided a computer program product A computer program
product for implementing a network entity the computer
program product comprising:

[0048] computer executable code for enabling the net-
work entity to handle codec related information being
transferred between a first communication device and a
second communication device the information indicat-
ing, from a group of operational modes of a codec, the
operational modes that the first communication device
supports for a session between the first communication
device and the second communication device; and

[0049] computer executable code for enabling the net-
work entity to modify the information, if the informa-
tion is not acceptable to the network entity.

[0050] 1t is to be understood that the operational modes
that are supported may be indicated indirectly. This can be
done, for example, in a system (and constituent parts
thereof) which uses operational modes from a fixed, prede-
termined, set of operational modes. If, for example, opera-
tional modes that are not supported are indicated, then the
supported operational modes should immediately be appar-
ent.

BRIEF DESCRIPTION OF THE DRAWINGS

[0051] Embodiments of the invention will now be
described by way of example only with reference to the
accompanying drawings in which:

[0052] FIG. 1 shows a third generation telecommunica-
tion system for providing codec negotiation;

[0053] FIG. 2 shows a method for codec negotiation in the
system presented in FIG. 1;

[0054] FIG. 3 shows a message structure suitable for
codec negotiation;

[0055] FIGS. 4a to 4e show the content of the message
body of a message according to a preferred embodiment of
the invention as the message travels through the network;

[0056] FIG. 5 shows the content of the message body of
another message;

[0057] FIG. 6 shows a cellular mobile station suitable for
the implementation of the invention; and

[0058] FIG. 7 shows a GGSN suitable for the implemen-
tation of the invention.

DETAILED DESCRIPTION

[0059] The system and message sequence shown in FIGS.
1 and 2 can also be used in a preferred embodiment of the
invention. Accordingly, in the preferred embodiment of the
invention, a first communication device UE] first sends to a
second communication device UE2 a SIP INVITE message

ERIC-1018
RPX/Ericsson v. Iridescent
Page 11 of 17



US 2002/0181495 Al

in response to which the UE2 responds with a reply message
(for example with a “183 message”). When the UE1 receives
the reply message it decides on the codec(s) to be used in a
session to be established. The UE1 generates, based on the
decision, a third message (Final SDP) and sends the third
message containing the information about the decided/cho-
sen codec(s) to the UE2.

[0060] In the preferred embodiment the UEL is a wireless
mobile station of a cellular radio network and the UE2 is
another wireless mobile station of the same or another
cellular radio network. An example of the cellular radio
network is a wideband code division multiple access
(WCDMA) network or another third generation network.

[0061] FIG. 3 shows the basic SIP message structure. This
is the basic structure of all the three messages sent in the
preferred embodiment. A SIP message 31 comprises SIP
header fields 32 and a message body that is an SDP body 33.

[0062] The SIP header fields 32 contain information about
the sender and the recipient of the message such as address
information and other general information familiar to a
person skilled in the art.

[0063] The SDP body 33 contains information concerning
those media streams (for example information on ports and
codecs) to be used in a session. Each media stream is defined
in the SDP with the aid of one media line that is an m-line.
Each media stream may be even more specifically defined
with the aid of one or more attribute lines that is one or more
a-lines following the m-line.

[0064] Letusnow assume that the UE1 wants to initiate an
audio (speech) session with the UE2. In this exemplary case
the UE1 supports the following three codecs for the audio
session: the GSM (Global System for Mobile communica-
tions) codec, the G.723 codec and the AMR codec. The
m-line for this media (in the SDP of the SIP INVITE
message) would then be like this:

[0065] m=audio 25170 RTP/AVP 3,4,97,

[0066] wherein audio indicates the media type that is
audio stream, 25170 indicates the port number at which the
UE1l wants to receive the media, RTP/AVP (Real-Time
Transport Protocol/Audio Video Protocol) is the transport
protocol to be used and the numbers 3, 4 and 97 indicate the
codecs, defined in RTP/AVP, that the UEL is willing to
support for the session. The mappings according to RTP/
AVP are such that number 3 indicates the GSM codec,
number 4 indicates the G.723 codec and number 97 indicates
the AMR codec.

[0067] Since the AMR codec has eight different modes of
operation so that it can operate with eight different bit rates,
thess AMR modes/bit rates should also be indicated.
According to the preferred embodiment of the invention the
bit rates supported are indicated with the aid of an a-line in
the SDP body.

[0068] The AMR codec itself supports all eight bit rates,
but the UE1 might not be able or willing to support all of the
bit rates. For example, if UE1 is performing another task
simultaneously with the session to be established it may be
that the UE1 is not willing to support some of the highest bit
rates at the initial stage of the session, although it might, in
general, be able to support these bit rates. However, a typical
situation is that the UEL is both able and willing to support
all the bit rates.
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[0069] According to the preferred embodiment of the
invention the AMR modes/bit rates supported are indicated
in the a-line with the aid of a binary mask. The binary mask
is a binary number having as many digits as there are
different modes/bit rates. Each binary digit corresponds to a
mode/bit rate in such a way that each binary digit 1 corre-
sponds to a supported rate and each binary digit O corre-
sponds to a unsupported rate. However, in order to consume
less space in the SIP messages the binary mask is expressed
as a decimal number in the a-line. It is to be noted, that
depending on the implementation either the decimal number
presentation or the binary number presentation of the binary
mask is actually transmitted with the SIP messages.

[0070] In this exemplary case the UE1L supports all the
eight rates. Thus, the a-line (in the SDP of the SIP INVITE
message) would look like this:

[0071]

[0072] wherein fmtp basically indicates the message body
format, 97 indicates that the a-line is for the AMR codec,
mode_set=0,1,2,3,4,5,6,7 indicates the modes/rates that the
AMR codec (of the UE1) itself supports whereas the binary
mask 255 indicates which of the bit rates (that is modes) are
supported by the device UEL. The meaning of numbers 0 to
7 in the mode_set and the use of the binary mask will be
explained in greater detail in the following.

a=fmtp:97 mode_set=0, 1, 2, 3, 4, 5, 6, 7/255,

[0073] In the mode_set-list the numbers O to 7 correspond
the different AMR codec modes/rates in the following way:
[0074] 0&12.2 kbps
[0075] 1&10.2 kbps
[0076] 2&7.95 kbps
[0077] 3«7.40 kbps
[0078] 46.70 kbps
[0079] 5&5.90 kbps
[0080] 6«5.15 kbps
[0081] 7&4.75 kbps
[0082] If a particular mode number is included in the

a-line the corresponding mode/bit rate is supported by the
AMR codec. Thus, since all the numbers 0 to 7 appear in the
list this is to be construed such that the AMR codec of the
UE1 supports all eight modes/rates.

[0083] Because the UE1 supports all eight rates the binary
mask gets the value 11111111 which corresponds to the
decimal number 255. The correspondence between binary
digits and AMR codec modes/bit rates is as follows:

111111
[ I I
2 3 4 5 6 7 (modes/bit rates).

[0084] Thus, the mask indicates that all the AMR codec
modes/rates O to 7 are supported by the UE1, because in the
mask there is a binary digit 1 corresponding to each of the
modes/bit rates.
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[0085] Now, the UE1 wirelessly sends the SIP INVITE
message containing the SDP body comprising the above
described m-line and a-line, as shown in FIG. 44, to the
UE2. On its way to the UE2 the network entities P-CSCF1,
S-CSCF1, S-CSCF2 and P-CSCF2 remove any non-suitable
codec choices from the list of codecs in the m-line.

[0086] Relating to the AMR codec, each network entity
modifies the mask in the a-line if it does not support one or
more of the AMR modes/bit rates that the mask indicates as
being supported. A network entity might not support a
particular AMR codec mode, if for example, the particular
AMR mode would use a larger bandwidth than the network
is able to provide at the moment. Alternatively, based on a
network operator policy, a particular AMR mode, in general,
might not be supported.

[0087] The P-CSCF1 receives the SIP INVITE message
sent from the UEL. In this exemplary case the P-CSCF1
supports the GSM codec, the G.723 codec and the AMR
codec. Relating to the AMR bit rates it supports all bit rates
except 12.2 kbps, 7.40 kbps and 5.90 kbps.

[0088] In this exemplary case the P-CSCF1 does not
modify the m-line, because it supports all codecs that the list
contains. However, it has to modify the a-line because it
does not support some of the bit rates that the mask indicates
as being supported. In other words, the P-CSCF1 changes in
the binary mask those binary digits corresponding to the
unsupported AMR bit rates 12.2 kbps (mode 0), 7.40 kbps
(mode 3) and 5.90 kbps (mode 5) from value 1 to value 0.
The modification of the mask is illustrated in the following:

+ 11+ 1+ 11
255=
1

1 1

01101011
wi=1 1111111
01 2 3 45 6 7 (modes/bit rates).

[0089] After the modification the a-line of the SDP body
of the SIP INVITE message is:

[0090] a=fmtp:97 mode_set=0, 1,2,3,4,5,6,7/107.

[0091] Now, the P-CSCF1 forwards the SIP INVITE mes-
sage, containing the SDP as illustrated in FIG. 4b, to the
S-CSCF1. In this exemplary case the S-CSCF1 supports the
GSM codec, the G.723 codec and the AMR codec. Relating
to the AMR rates it supports all bit rates except 12.2 kbps
and 7.95 kbps.

[0092] In this exemplary case the S-CSCF1 does not
modify the m-line, because it supports all codecs that the list
contains. However, it has to modify the a-line because it
does not support some of the AMR modes/bit rates that the
mask indicates as being supported.

[0093] In other words, the S-CSCF1 changes in the binary
mask the binary digit corresponding to the unsupported
AMR bit rate 7.95 kbps (mode 2) from value 1 to value 0.
Relating to the unsupported bit rate 12.2 kbps (mode 0) the
S-CSCF1 does not have to do anything because the binary
digit corresponding to that mode/bit rate already has the
value 0. The modification of the mask is illustrated in the
following:
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01+ 01011
107 =

11
(I
6 7 (modes/bit rates).

[0094] After the modification the a-line of the SDP body
of the SIP INVITE message is:

[0095]

[0096] Now, the S-CSCF1 forwards the SIP INVITE mes-
sage, containing the SDP as illustrated in FIG. 4c, to the
S-CSCF2. In this exemplary case the S-CSCF2 supports the
GSM codec, the G.723 codec and the AMR codec. Relating
to the AMR rates it supports all other rates except 12.2 kbps
and 7.95 kbps. Thus, the S-CSCF2 does not modify the
m-line, because it supports all codecs that the list contains,
and it does not have to modify the a-line either, because the
binary digits corresponding to the unsupported AMR bit
rates (modes 0 and 2) already have the value 0 (and thus they
are not possible AMR bit rates for the session regardless of
the capabilities of the S-CSCF2 since if a bit rate is not
supported by at least one party transmission at that bit rate
is not possible).

a=fmtp:97 mode_set=0, 1, 2, 3, 4, 5, 6, 7/75.

[0097] Now, the S-CSCF2 forwards the SIP INVITE mes-
sage to the P-CSCF2. In this exemplary case the P-CSCF2
supports the GSM codec and the AMR codec but it does not
support the G.723 codec. Relating to the AMR bit rates it
supports all other rates except 12.2 kbps, 6,70 kbps and 5.90
kbps. Now, the P-CSCEF2 has to modify both the m-line and
the a-line. It has to modify the m-line because it does not
support all codecs that the list in the SDP contains. The
P-CSCF2 now simply removes from the codec list the
unsupported codec choices. In this exemplary case it
removes the number 4 which corresponds to the G.723
codec according to the RTP/AVP profile. After the removal
the m-line looks like this:

[0098]

[0099] The P-CSCF2 also has to change the a-line because
it does not support one of the bit rates that the mask indicates
as being supported. The P-CSCF2 changes in the binary
mask the binary digit corresponding to the unsupported
AMR bit rate 6.70 kbps (mode 4) from value 1 to value 0.
Relating to the unsupported bit rates 12.2 kbps (mode 0) and
5.90 kbps (mode 5) the P-CSCF2 does not have to do
anything because the binary digits corresponding to these
modes/bit rates already have the value 0. The modification
of the mask is illustrated in the following:

m=audio 25170 RTP/AVP 3,97.

0100+ 011
75 =

o —
- =

(modes/bit rates).
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[0100] After the modification the a-line of the SDP body
of the SIP INVITE message is:

[0101] a=fmtp:97 mode_set=0, 1, 2, 3, 4, 5, 6, 7/67.

[0102] Finally, the P-CSCF2 forwards the SIP INVITE
message containing the SDP body comprising the above
modified m-line and a-line, as illustrated in FIG. 4d, wire-
lessly to the UE2.

[0103] The UE2 receives the SIP INVITE message. From
the content of the SDP (that is from the m-line and the a-line)
of the received SIP INVITE message it is directly derivable
which of the codecs both the UE1l and all the network
entities support for the (audio) session. In this case these
codecs are the GSM codec (corresponding to RTP/AVP
profile number 3) and the AMR codec (corresponding to
RTP/AVP profile number 97). The mode_set in the a-line
tells to the UE2 the modes that the AMR codec itself at the
other end supports, that is the modes/rates O to 7. The mask
in the a-line tells to the UE2 which of the AMR codec
options (modes/bit rates) are supported by both the UE1 and
the network entities. In this case, these are the modes 1 (bit
rate 10.2 kbps), 6 (5.15 kbps) and 7 (4.74 kbps).

[0104] The UE2 now generates the second message which
is the reply message (a 183 message or a corresponding
message). Again, this is a SIP message containing an SDP
body. The reply message is generated based on the content
of the received SIP INVITE message and based on the
UE2’s ability and willingness to support codecs and AMR
modes. The reply message also comprises an m-line and an
a-line the content of which is generated based on the content
of the m-line and a-line of the received SIP INVITE message
and based on the properties of the UE2. In this exemplary
case the port where the UE2 wants to receive the media (that
is audio) stream is the port number 26250. And the codecs
that the UE2 supports for the session are: the GSM codec
(number 3) and the AMR codec (number 97). Thus, the
m-line of the SDP body of the reply message initially looks
like this:

[0105]

[0106] wherein 26250 indicates the port number at which
the UE2 wants to receive the media, RTP/AVP (Real-Time
Transport Protocol/Audio Video Protocol) is the transport
protocol to be used and the numbers 3 (the GSM codec) and
97 (the AMR codec) indicate the codecs, defined in RTP/
AVP, that the UE2 is willing to support for the session.

[0107] The AMR codec of the UE2 supports by definition
all the AMR modes/bit rates, and, in this case, also the
device UE2 itself, supports all AMR modes. This is a typical
case. Thus, the content of the a-line of the reply message
results in being the same as the a-line in the SDP of the SIP
INVITE message as received at the UE2, that is:

[0108] a=fmtp:97 mode_set=0, 1, 2, 3, 4, 5, 6, 7/67.

m=audio 26250 RTP/AVP 3,97,

[0109] The UE2 sends the reply message, containing the
SDP as illustrated in FIG. 4e, to the UEL. Although there
should be no need for the network entities to modify the
binary mask of the reply message further, it may be possible
for the network entities to make such a modification if the
situation in the network has changed.

[0110] When the UEl receives the reply message it
decides, on the basis of the information contained in the
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reply message, the codec to be used initially in the (audio)
session. In this exemplary case the m-line contains two
possible codecs: the GSM codec and the AMR codec, and
the UE1 decides that the AMR codec is to be used initially
in the session.

[0111] The reply message contains also information on
possible AMR bit rates. Therefore, it is now possible for the
UEL1 to decide on the initial AMR source bit rate to be used
in the (audio) session. This can be done without any other
interaction with the network entities. In this exemplary case
the mask in the a-line in the reply message indicates three
possible modes/bit rates: 10.2 kbps (mode 1), 5.15 kbps
(mode 6) and 4.75 kbps (mode 7), and the UE1 decides that
the AMR bit rate 10.2 kbps is to be used initially in the
session.

[0112] Now, the UE1 generates the third message (Final
SDP or a corresponding message). Again, this is a SIP
message containing an SDP body. The UE1 includes in the
SDP body information concerning which codec is to be used
initially in the session. If the chosen codec is the AMR
codec, like it is in this case, the UE1 also includes in the SDP
body information on which AMR bit rate is to be used
initially. Other information relating to codecs may be con-
veyed in the third message, for example additional infor-
mation about other bit rates and other codecs that may be
used. Thus, if the codec and/or bit rate has to be changed
during the established session the possible choices would
already be known to the UE1 and the UE2.

[0113] In the following, some other embodiments of the
invention will be introduced.

[0114] In the preferred embodiment of the invention,
described in the foregoing, it is assumed that the AMR bit
rate which is actually used for transmission is the same for
both directions that is from UE1 to UE2 and vice versa. In
one alternative embodiment it is assumed that the commu-
nication devices UE1 and UE2 may use different AMR bit
rates in different directions. According to this embodiment
the UE1L includes in the SDP of the SIP INVITE message
two masks 51 and 52 (FIG. 5). One mask (mask 51) may be
modified by the network entities concerning the supported
AMR bit rates in one direction (from the UE1L to the UE2).
The other mask (mask 52) may be modified by the network
entities concerning the supported AMR bit rates in the other
direction (from the UE2 to the UEL).

[0115] According to another embodiment of the invention
the UE1L includes in the SDP of the SIP INVITE message
even more masks, one for each network entity. Each network
entity may now modify its own mask, when the SIP INVITE
message passes through the network entity, indicating sup-
ported AMR bit rates by binary digit 1 and unsupported
AMR bit rates by binary digit 0. In this way the communi-
cation devices UE1 and UE2 are able to determine the bit
rates which the individual network entities support.

[0116] According to yet another embodiment of the inven-
tion the binary mask in the SIP INVITE message is pre-
sented as a hexadecimal number instead of the decimal
number. Since hexadecimal numbers, in general, require less
space than the corresponding decimal numbers, this leads to
savings in the required space in the message. For example,
the binary mask 01101011 is 107 when presented as a
decimal number and is 6B when presented as a hexadecimal
number.
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[0117] If it is assumed that the modes/bit rates that the
AMR codec supports are generally known, it is possible to
omit the numbers indicating the modes/bit rates from the
mode_set-list of the a-line. According to an embodiment of
the invention the mode_set-list of the messages contains
only the binary mask without the numbers of the modes/bit
rates as follows:

[0118]

[0119] wherein the decimal number 67 represents the
modifiable binary mask. In this way it is possible to save
space in the messages.

a=fmtp:97 mode_set=67,

[0120] The invention may be implemented by software.
FIG. 6 shows a cellular mobile station 60 suitable for the
implementing the invention. The mobile station 60 shown
operates as the UEL. A corresponding mobile station may
operate as the UE2. The mobile station 60 comprises a
processing unit CPU, a radio frequency part RF and a user
interface UIl. The radio frequency part RF and the user
interface Ul are coupled to the processing unit CPU. The
user interface Ul comprises a display and a keyboard (not
shown) to enable a user to use the mobile station 60. In
addition, the user interface Ul comprises a microphone and
a speaker for receiving and producing audio signals. The
processing unit CPU comprises a microprocessor (not
shown), memory MEM and software SW. The software SW
is stored in the memory MEM. The microprocessor controls,
on the basis of the software SW, the operation of the mobile
station 60, such as the use of the radio frequency part RF and
the presenting of information in the user interface Ul and the
reading of inputs received from the user interface Ul. The
software SW comprises a WCDMA protocol stack on the
basis of which a transmitter (not shown) of the radio
frequency part RF transmits and a receiver (not shown) of
the radio frequency part RF receives messages and other
information with the aid of its antenna ANT. The codecs the
support of which is negotiated reside in the mobile station
60. They may be implemented in the software SW. Another
alternative is hardware implementation of the codecs (not
shown).

[0121] FIG. 7 shows a GGSN suitable for implementing
the invention. The GGSN shown serves the UEl and a
corresponding one serves the UE2. The GGSNs may be
controlled by different network operators. The GGSN com-
prises a cellular network interface 71, a control unit 72 and
a GGSN interface 73. The cellular network interface 71 and
the GGSN interface 73 are coupled to the control unit 72.
The GGSN sends and receives information to and from the
UE1 via the cellular network interface 71. Typically, there
are several other network elements between the GGSN and
the UEL. These network elements such as a base station, a
base station controller and a SGSN (Serving GPRS Support
Node) are well known by a person skilled in the art. The
GGSN sends and receives information to and from the
GGSN serving the UE2 via the GGSN interface 73. The
latter GGSN then has a corresponding cellular network
interface for communicating information with the UE2.

[0122] The network entities P-CSCF1, S-CSCF1,
S-CSCF2 and P-CSCF2 are logical network entities imple-
mented by software. The network entities may be imple-
mented so as to form separate physical network elements, or
they may be incorporated in some of the already existing
physical network elements. In this embodiment, the network
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entities P-CSCF1 and S-CSCF1 are incorporated in a first
GGSN and coupled with the control unit of that GGSN, and
the network entities S-CSCF2 and P-CSCF2 are incorpo-
rated in a second GGSN and coupled with the control unit
of that GGSN. Alternatively, the logical network entities can
be located in another computer, but are linked with the
GGSN.

[0123] The control unit 72 comprises a processor or
another processing unit, memory and software comprising a
program code. The software is stored in the memory. The
processor controls, on the basis of the software, the opera-
tion of the GGSN, such as the use of the cellular network
interface 71 and the GGSN interface 73. The processor of
the first GGSN implements the functionality of the logical
network entities P-CSCF1 and S-CSCF1, and the processor
of the second GGSN implements the functionality of the
logical network entities S-CSCF2 and P-CSCF2.

[0124] As to the method according to the invention, the
microprocessor of the mobile station UE1 (FIG. 6) gener-
ates the SIP INVITE message containing the binary mask,
by using the software SW. It forwards the SIP INVITE
message to the radio frequency part RF which transmits the
SIP INVITE message wirelessly to the base station of a
cellular network from which the message is conveyed to the
first GGSN (serving the UE1). The first GGSN receives the
SIP INVITE message via the cellular network interface 71.
The processor of the control unit 72 implements the modi-
fication of the m-line (removal of unsupported codecs) and
the modification of the a-line (modification of the binary
mask) of the SDP body according to the logical network
entity P-CSCF1. Thereafter the processor of the control unit
72 implements the modification of the m-line (removal of
unsupported codecs) and the modification of the a-line
(modification of the binary mask) of the SDP body accord-
ing to the logical network entity S-CSCF1. Here it is to be
understood that although the preferred embodiment of the
invention talks about forwarding the SIP INVITE message
from the P-CSCF1 to the S-CSCF1 the forwarding of the
message may occur, instead of a physical forwarding, by
another type of forwarding where the message content just
is transferred from one software process to another in one
and the same device/computer.

[0125] The control unit 72 uses the GGSN interface 73 in
forwarding the SIP INVITE message to the second GGSN
(the one serving the UE2). The second GGSN receives the
SIP INVITE message via the GGSN interface 73. The
processor of the control unit 72 implements the modification
of the m-line (removal of unsupported codecs) and the
modification of the a-line (modification of the binary mask)
of the SDP body according to the logical network entity
S-CSCF2. Thereafter the processor of the control unit 72
implements the modification of the m-line (removal of
unsupported codecs) and the modification of the a-line
(modification of the binary mask) of the SDP body accord-
ing to the logical network entity P-CSCF2. Thereafter the
second GGSN forwards the SIP INVITE message to the
UE2 via the cellular network interface 71.

[0126] The radio frequency part RF of the UE2 receives
the SIP INVITE message via its antenna ANT (FIG. 6) and
forwards the SIP INVITE message to the processing unit
CPU. The microprocessor of the processing unit CPU
handles the SIP INVITE message and generates the reply
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message. It sends the reply message via the two GGSNs to
the UE1l. The microprocessor of the UE1l decides the
codec(s) and bit rate(s) to be used initially in the session. It
generates the third message and transmits it to the UE2 via
the two GGSNs.

[0127] According to the invention, it is possible to provide
for the communication devices UE1 and UE2 information
about network capabilities. It is possible to define which of
the suggested codecs are supported and which are not
supported by the network. If a particular/single codec has
multiple choices/options, it is also possible to provide infor-
mation about whether these choices/options are supported. It
is, for example, possible to tell to the communication
devices UE1 and UE2 which AMR modes/source bit rates
are supported by the network. When using the binary mask
indicating the supported and unsupported modes/bit rates it
is possible to consume less space in the messages relating to
codec negotiation.

[0128] In addition to the codec negotiation procedure
presented in the preceding description the basic message
structure and the use of the mask is also applicable in other
codec negotiation procedures where the message sequence
may deviate from the one presented. It is clear to a person
skilled in the art that the messages also contain other
information, than the m- and a-lines, this other information
being apparent to a skilled person but not shown in the
Figures. If it is evident that the UE1 supports all the same
AMR modes/bit rates as the AMR codec itself, the UE1 does
not necessarily have to insert the mask to the SIP INVITE
message, but the mask may be inserted by the first network
entity that does not support at least one of the modes/bit
rates, for example the P-CSCF1. It is also possible to use
some other message body than the SDP body in the mes-
sages. In this case, lines other than the m-lines and a-lines
may be used, although the principle of the binary mask is
still applicable. The invention is not restricted to the par-
ticular names of the messages (SIP INVITE, 183 message
and FINAL SDP).

[0129] Particular implementations and embodiments of
the invention have been described. It is clear to a person
skilled in the art that the invention is not restricted to details
of the embodiments presented above, but that it can be
implemented in other embodiments using equivalent means
without deviating from the characteristics of the invention.
The scope of the invention is only restricted by the attached
patent claims.

1. Amethod for communicating codec related information
between a first communication device and a second com-
munication device via a network the method comprising:

transferring from the first communication device to the
second communication device via the network infor-
mation indicating, from a group of operational modes
of a codec, the, operational modes that the first com-
munication device supports for a session between the
first communication device and the second communi-
cation device, wherein the method comprises:

modifying the information, by the network, if the infor-
mation is not acceptable to the network.
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2. A method according to claim 1, wherein the network
modifies the information if the network does not support at
least one of the operational modes which the information
indicates as being supported.

3. A method according to claim 1 or claim 2, wherein the
information is received by a network entity in the network,
and the network entity modifies the information if the
network entity does not support at least one of the opera-
tional modes that the information, as received, indicates as
being supported.

4. A method according to any of the preceding claims,
wherein the supported and unsupported operational modes
are indicated with the aid of a mask having a plurality of
mask elements each mask element being representative of
one operational mode.

5. A method according to claim 4, wherein each of the
plurality of the mask elements indicates whether the corre-
sponding operational mode is supported wherein:

the mask element taking a first value indicates that the
operational mode is supported; and

the mask element taking a second value indicates that the

operational mode is unsupported.

6. A method according to claim 5, wherein the mask is a
binary mask and the mask elements are binary digits so that
the first value of a mask element is a binary digit 1 and the
second value is a binary digit 0.

7. A method according to any of the preceding claims,
wherein the information is transferred in a message trans-
mitted from the first communication device to the second
communication device via the network.

8. A method according to claim 7, wherein the message
comprises a header portion and a message body and the
information is transferred in the message body.

9. A method according to claim 8, wherein the message
body is an SDP Session Description Protocol) body of a SIP
(Session Initiation Protocol) INVITE message.

10. A method according to any of the preceding claims,
wherein the method comprises:

indicating, from a group of operational modes of a codec,
the operational modes that the first communication
device is willing and able to support for the session
between the first communication device and the second
communication device.

11. A method according to any of the preceding claims,
wherein at least one of the communication devices is a
mobile communication device.

12. A method according to any of the preceding claims,
wherein the operational modes of the codec are the opera-
tional modes/bit rates of an AMR (Adaptive Multi Rate)
codec.

13. A transmitting communication device for communi-
cating codec related information to a receiving communi-
cation device via a network, the transmitting communication
device comprising:

a transmitter for transmitting information to the receiving
communication device via the network the information
indicating, from a group of operational modes of a
codec, the operational modes that the transmitting
communication device supports for a session between
the transmitting communication device and the receiv-
ing communication device, wherein the transmitting
communication device is configured to:
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transmit the information in a format which enables the
network to modify the information if the information is
not acceptable to the network.

14. A system for communicating codec related informa-
tion between a first communication device and a second
communication device the system comprising the first com-
munication device, the second communication device and a
network, the first communication device comprising:

a transmitter for transmitting information from the first
communication device to the second communication
device via the network the information indicating, from
a group of operational modes of a codec, the opera-
tional modes that the first communication device sup-
ports for a session between the first communication
device and the second communication device, wherein
the network comprises:

a processing unit for modifying the information if the

information is not acceptable to the network.

15. A message for communicating codec related informa-
tion between a first communication device and a second
communication device via a network the message being
configured:

to be transferred from the first communication device to
the second communication device via the network the
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message having information indicating, from a group
of operational modes of a codec, the operational modes
that the first communication device supports for a
session between the first communication device and the
second communication device, wherein the message is
configured:

to enable the network to modify the information if the
information is not acceptable to the network.

16. A computer program product for implementing a

network entity the computer program product comprising:

computer executable code for enabling the network entity
to handle codec related information being transferred
between a first communication device and a second
communication device the information indicating, from
a group of operational modes of a codec, the opera-
tional modes that the first communication device sup-
ports for a session between the first communication
device and the second communication device; and

computer executable code for enabling the network entity
to modify the information, if the information is not
acceptable to the network entity.
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