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The call flow diagram presents the flow of an H.323 call. The following steps are covered:

[H.225/Q.931 Call Setup

Q.931 SETUP

source_address,
source_port = Caller H225 Port,
destination_address,

destination_port = Called H225 Port,

call_type = Point to Point,
q931.call_ref = 77:f4,
h225.t35CountryCode = 9

Q.931 CALL PROCEEDING

Ring the called subscriber

q931.call_ref = 77:f4,
h225.t35CountryCode = 0

Q.931 ALERTING

Answer cal!

q931.call_ref = 77:f4,
h225.t35CountryCode = 0

Ring back tone
—

1iiiate a new cal

Establish TCP Connection with
Called_H225_Port

Call establishes a TCP connection for a
new call.

A Q.931 SETUP message is sent once
the TCP connection has been
established.

The called subscriber responds with a
Q.931 CALL PROCEEDING indication.

The called subscriber is being rung.

The Q.931 ALERTING message
indicates that the called subscriber is
now being rung.

Ring back tone is sent to the calling
subscriber.

The called subscriber answers the
phone.

|H.245 Negotiation and Voice Path Setup

Open Socket for H.245
negotiation

create

An H.245 session will now be
established for negotiation.
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Q.931 CONNECT The Q.931 connect is sent to the caller.
H245_IP_Address, > The message contains information
H245_Port = Called H245 Port, about the H.245 negotiation port.
q931.call_ref = 77:f4,
h225.t35CountryCode = 0
Open Socket for H.245 The caller opens the socket for H.245
negotiation negotiation. The calling H.245 port
information is extracted from the
connect message.
_create__ |
Establish TCP Connection with Now establish a TCP connection for
Called_H245_Port H.245 negotiation.
H.245 Terminal Capability Set Request > Called party negotiates terminal
receive_audio_capability = (G.711, A-law, 64Kbps) capability. G.711 A-law 64Kbps codec
is requested.
H.245 Master Slave Determination Request > Called party negotiates master-slave.
< H.245 Terminal Capability Set Request Calling party also negotiates terminal
receive_audio_capability = (G.711, A-law, 64Kbps) capability. G.711 A-law 64Kbps codec
is requested.
< H.245 Master Slave Determination Request Caller also initiates a Master Slave

< H.245 Terminal Capability Set Ack + Master Slave Determination Ack

sequence_number = 1,
decision = Slave

H.245 Terminal Capability Set Ack

sequence_number = 1

H.245 Master Slave Determination Ack

decision = Master

determination request.

Caller replies with a combined "terminal
capability" and "master-slave" ack.

Called party responds with terminal
capability ack.

Called party becomes the master.

Voice Path Setup

create

[ OpenSocketforRTCP |

| Open Socket for RTP |

create

The calling party opens a RTCP socket
for controlling the RTP stream.

The calling party opens a RTP socket
for voice communication over the
Internet.
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H.245 Open Logical Channel Request Send channel open request to the
< channelNumber = 101, called party. RTCP port number is
audio_data = (G.711, A-law,|64Kbps), included in the message. The G.711
media_control_ip_address, A-law 64Kbps will be used on the audio
tsap_ldentifier = Caller RTCP Port, ath
silence_supression = TRUE path.
[ OpenSocketforRTCP | The called party opens a RTCP socket
for controlling the RTP stream.
create
__________________ .>
| Open Socket for RTP | The called party opens a RTP socket for
voice communication over the Internet.
create
________ .> )
H.245 Open Logical Channel Request Send channel open request to the
channelNumber = 61, > calling party. RTCP port humber is
audio_data = (G.711, A-law,|64Kbps), included in the message. The G.711
media_control_ip_address, A-law 64Kbps will be used on the audio
tsap_ldentifier = Called RTCP Port, ath
silerjce_supression = TRUE path.
H.245 Open Logical Channel Ack Caller acknowledges the message. The
< media_control_ip_address, RTP and RTCP port numbers are
media_control_|tsap_identifier = Caller RTCP Port, included in the message.
media_ip_address
media_tsap_identifier = Caller RTP Port
H.245 O;fen Logical Channel Ack Called party acknowledges the
media_control_ip_address, > message. The RTP and RTCP port
media_control_tsap_identifier = Called RTCP Port, numbers are included in the message.
edia_ip_address
media_tsap_identifier = Called RTP Port
[RTP/RTCP Based Voice Communication |
< Voice
Real-Time Transport Protocol The voice is compressed and packed
Payload type: ITU-T G .711 PCMA, into RTP packets and transported to the
Synchronization Source identifier: 3739283087, called party.
Sequence number: 59133,
Timestamp: 240
Voice The called party decompresses the
< voice.
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Voice

Real-Time Transport Rrotocol

Payload type: ITU-T G .711 PCMA,
Synchronizatign Source identifier; 3739283087,
Sequence number: 59134,
Timestamp: 480

Real-Time Transport Protocol

Real-Time Transport Rrotocol

Real-Time Transport Rrotocol

Payload type: ITU-T G.711 PCMA,
Synchronizatign Source identifier; 3739283087,
Sequence number; 59138,
Timestamp: 1440

Real-Time Transport Rrotocol

Real-Time Transport Rrotocol

Voice

Real-Time Transport Protocol

Real-Time Transport Rrotocol

Real-Time Transport Control Protocol

Reception report coHnt: 0,

Packet type: Source description
202),

Sender SSRC: 4090175489,
Identifier: 4090175489,
RTP timestamp: 37920,

Sender's packet count: 158,

Sender's octet count: 39816,

Source count: 1,

Packet type: Source description

(202)

Real-Time Transport Rrotocol

Real-Time Transport Protocol

Real-Time Transport Rrotocol

<

Real-Time Transport Rrotocol

Real-Time Transport Protocol

Voice from called party is compressed
and transmitted in RTP packets to the
caller.

The calling party decompresses the
voice.

An RTCP packet is transmitted to
monitor the quality of the RTP path.
These statistics are used to adjust the
buffering and transmission of RTP
packets.
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