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Overview

The RTP AV Filter is a Directshow push source filter, which is able to receive separate RTP
unicast streams containing audio and video.
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Included Audio Decoders and Depacktizers:

M ITU-T G.711 A-law and p-law

9 G.729a with fixed bitrate of 8kbps

T AMR-NB with frametypes 0 through 7
9 AAC/ MP4A CES (RFC 3640)

Included Video Decoders and Depacktizers:
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Features:

H.263 (RFC 2190)
H.263+ (RFC 4629, 2429)
MPEG4 (RFC 3016)
H.264 (RFC 3984)
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9 Real-Time Streaming Protocol (RTSP) support (standard and interleave)
9 Configured through Custom COM Interface, Graphedit, SDP file or Windows Registry

or RTSP

1 Manual/Automatic H.264 configuration
T La Ifaz2
9 Resized output of video frames to any resolution
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Getting Started

1 To run graphedit you will need also need to install the Directshow SDK, now part of the

Windows SDK (if you have Visual Studio 2008, then this is already included and is usually

f20FGSR Ay @2dzNJ at NPINIY CAfSaé¢d RANBOG2NEO
¢ {GF NI 3INFLKSRAG YR £20FGS YR AYyaSNI GKS af{i
9 Right-Click the Filter and open the property page:

r

Streamcoders RTP AV Source Filter Properties

] Video Output | Audio Output |

RTSP Settings
Iv StartRRTSP Iv Use Audio [w Use Video
URL: |rtsp:f,."rtsp.\,routube.cnmf\,routl_lbefvideostpBGRAGHHtvaiden.3gp

Query & Configure |

Video Settings Audio Settings
i IP Address | 192.168.0.100 P Address | 192.158.0.100
Port
23150 Port 23152

Decoders & Packet Types Decoders & Packet Types
" H.263 1296 G711 pdaw

(¥ H.263 1998/2000 " G.711 ALlaw

" MPEG4 " G.729A

" H.264 (¥ AMR NB

o ’7 4,75 ~| kbitjs

Wait for first [Frame [

Input Resolution | 176 X | 144

I Qutput resolution | X |

Framerate (FPS) | 25.0000

RTP AV Source Filter Version 1.2.630 Copyright 2008 by Streamcoders

0K Close
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T hISy I &/ 2YYFYR tNRYLIiéE FyR NHzy | @A &f(

d
a mediastream froman AVifile 12 @2 dzNJ FAf GSNJ 64SS da&! aAay3

document) .
NOTE: avistreamer.exe is a utility that supposed to make development easier for you. It is
not meant to be used in production environments.

f UnlicensedUser:L ¥ @2 dzQNB dzaAy3 GKAa LI O113S 6AGK2dzi

avistreamer is limited to sending MPEG4 video with G711 A-Law speech audio.

Using the registry for setup:
To automatically configure the filter through registry create following key:

HKEY_LOCAL_MACHINE\SOFTWARE\Streamcoders\RTPAVSourceFilter\Values

9 Note: All values are of type String

For the filter to use these values, & | A SWSIAAGNRE Yedea G oS asSid G2
The filter configuration is loaded from the registry upon filter instantiation or when
LoadFromRegistryunction is called. This feature is especially useful if RTP AV Source Filter is
instantiated by 3" Party software as a Virtual Video Device, such as Adobe Flash. If you choose to use
RTSP settings from the Registry, then only the IP Endpoint parameters should be set and the rest will
be configured on the fly.
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Mame Type Data

ab| (Default) REG_SZ {value not set)
abl AudioAMRBitrate REG_SZ 6700

ab| AudieCoding REG_SZ 2

ab| AudiclP REG_5Z 192.168.0.100
ab| AudicPort REG_SZ 23152
ab|pps REG_SZ

ab| ResizeVideoQuput REG_SZ 0

ab| SPropslnStream REG_SZ

ab|sps REG_SZ

REG_SZ TRUE
ab|VideoCoding REG_SZ 4
ab|VideoFPS REG_SZ 25
ab|VideoInputHeight REG_57 288

ab | VideolnputWidth REG_5Z 352

ab | YideolP REG_5Z 192.168.0.100
ab|VideoOutputHeight REG_SZ 486

ab | VideoQutputWidth REG_5Z 720
ab|VideoPort REG_5Z 23150

ab | \WaitlFrame REG_SZ 1
ab|J=eRTSP REG_SZ 1
ab|JseRTSPVideo REG_5Z 1
ab|JseRTSPAUdio REG_5Z 1
ab|RTSPURL REG_5Z rtspe/frtspyoutube.com/fyoutube/videos/ JpBGRAGHHY video 3gp

ac¢cw; 9
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Using Real-Time Streaming Protocol (RTSP)

RTSP is used to initiate streaming session with a remote device or media server like Darwin
Streaming Server, Helix, Youtube Mobile, Youtube, Axis Webcam and many more.

RTSP resources are indentified by a unique URL starting with rtsp:// for TCP/IP or rtspu:// for UDP/IP.
Both connection types (TCP and UDP) are supported. The default connection type is TCP. If you chose
| I wl { OKSYS 20KSNI  GKIy d NI a LJdzé > 0KS 02

The Interleave-Mode is a special RTSP mode that streams RTP data encapsulated in TCP packets
through the same single connection as used for RTSP signaling. This has many advantages and
certain disadvantages. Advantages include the easy traversal of firewalls and routers that may
enforce policies, firewall or NAT rules and therefore makes it harder to get a successful stream
running. Another advantage is that packets are guaranteed not be dropped on the way. So it is ideal
for long distance streaming with many routers on its way. Disadvantages include higher latency and
more packet overhead. To put it simple, interleave mode should be used in scenarios where rtp/udp
fails to deliver any packets at all or you experience a high packet-drop-rate.

Using the Property Page

In the property page simply SY 1 SNJ @ 2dzNJ we {t NBaz2dz2NOS ! w[ FyR LINB
(2 O2yFAIdNB (KS FALOGSNID Ly OFas 2F dzyadzli2 NI &
ldzZRA2¢éké!' &S +ARS2¢ OKSOl102ESa Attt 06S OKSOISR 2N

. @& OKSOT1AYy3 ( Kibx, the!lRESKresourte{wlll Be pl&ydd Spon|graph start.

Using the Windows Registry

FaAy 3 GKS 2AyR2¢6a wS3IAadNE 02 O2y FAIdzNBE (G KS FA
Though you could have applications fill the registry automatically, for example if you use it to stream

to a Flash Media Server using it as a Virtual Webcam. That way you can have multiple sessions of the

filter started sequentially configured through the registry.

To configure the filter minimally for RTSP, you simply have to set your local IP Endpoints (AudiolP,

AudioPort, VideolP, VideoPort) F YR & ! ASwe¢{t ¢ EXapa8OwWE{thABRR2E | YR
The filter should then be instantiated with the correct configuration and begin the streaming session

as soon as the graph is started.

Using the Custom COM Interface

raAy 3 GKS /[ ha LYGSNFI OSxz 0KS LIN2E OSRdzZNBE A ayQi h
2dz YySSR (2 O2yTFAIdNB (i KSetRFSPCanfywation 21 ydza SeSvidi{ity 3 ¢
appropriate parameters. For example: Interface->SetRTSPConfiguration(TRUE, TRUE, FALSE);
will set the filter to enable RTSP upon graph start and only use the video track of the RTSP stream.
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CKSYZ 0ST2NB adl NIAy3 (LEaSFromRISPIKLINEEZPAAR AlyTIared KySS SaRE {1
URL and let the filter configure itself to the correct codecs and metrics. Calling

¢GetRTSPConfiguration g A f £ LINRBARS @2dz AY T2 N)YLoAdk@myRTEPY &6 KA
F2dzyR y2 YFIGOK F2NJ O2RSO O2YLIl iAoxtAad GKSy
GDSGwe{t/ 2y FAIdzNI GA2y ¢ TFdzyOluAz2y gAft 0SS asSi G2 C

C

Note: Choosing which pin to connect is optional. If either audio or video are not present or
incompatible there will be no streaming on that RTP endpoint.
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GetVideoCoding

Description

Get the Video coding standard used to decode the
incoming RTP payload

Syntax

HRESULT GetVideoCoding (unsigned int * coding )

Parameters

coding Pointer to integer holding video coding constant.
RTP_VIDEO_H263 2190
RTP_VIDEO_H263 2429
RTP_VIDEO_MPEG4 3016
RTP_VIDEO_H264 3984

Return values

S OK Success ful

SetVideoCoding

Description

Set the Video coding standard used to decode the
incoming RTP payload

Syntax

HRESULT SetVideoCoding (unsigned int coding )

Parameters

coding integer holding video coding constant
RTP_VIDEO_H263_2190
RTP_VIDEO_H263_2429
RTP_VIDEO_MPEG4_3016
RTP_VIDEO_H264_3984
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Return values

S_OK Success ful
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GetRTPVideolPAddress

Description

Get t he IP Address of the local RTP Video e ndpoint.

Syntax

HRESULT GetRTPVideolPAddress (char *ipAddr )

Parameters

ipAddr Pointer to string buffer.

Return values

S OK Success ful

SetRTPVideolPAddress

Description

Set t he IP Address of the local RTP Video e ndpoint.

Syntax

HRESULT Set RTPVideolPAddress (char *ipAddr )

Parameters

ipAddr Pointer to string buffer.

Return values

S OK Success ful
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GetRTPVideoPort

Description

Get the port number of the RTP Video e ndpoint.

Syntax

HRESULT GetRTPVideoPort (unsigned int * port )

Parameters

port Pointer to integer holding the port number

Return values

S OK Success ful

SetRTPVideoPort

Description

Sets the number of the RTP Video endpoint

Syntax

HRESULT SetRTPVideoPort (unsigned int port )

Parameters

port integer holding the port number

Return values

S OK Success ful
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GetWaitlFrame

Description

Get whether the filter will wait for the first | - Frame
to arrive before passing any video media on to the graph

Syntax

HRESULT GetWaitlFrame (BOOE wif )

Parameters

wif Pointer to boolean

Return values

S OK Success ful

SetWaitlFrame

Description

Set whether the filter will wait for the first | - Frame
to arrive before passing any video media on to the graph

Syntax

HRESULT SetWaitlFrame ( BOOL wif )

Parameters

wif boolean value (default: TRUE)

Return values

S OK Success ful
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GetFrameRate

Description

Gets the configured framerate of the incoming video stream

Syntax

HRESULT GetFrameRate (double * framerate )

Parameters

framerate Pointer to double

Return values

S OK Success ful

SetFrameRate

Description

Gets the configured framerate of the incoming video stream

Syntax

HRESULT SetFrameRate (double framerate )

Parameters

framerate double value of framerate (default: 15.0)

Return values

S OK Success ful
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GetlnputWidth

Description

Get the width of the incoming video stream

Syntax

HRESULT GetInput Width (unsigned int *width )

Parameters

width Pointer to unsigned int that receives the width

Return values

S OK Success ful

SetlnputWidth

Description

Set the width of the incoming video stream.

Syntax

HRESULT Set Input Width (unsigned int width )

Parameters

width unsigned int value of the width (default: 176)

Return values

S OK Success ful
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GetlnputHeight

Description

Get the height of the incoming video stream

Syntax

HRESULT Get Input Height (unsigned int *height )

Parameters

height Pointer to unsigned int that receives the height

Return values

S OK Success ful

SetlnputHeight

Description

Set the height of the incoming video stream.

Syntax

HRESULT Set Input Height (unsigned int height )

Parameters

height unsigned int value of the height (default: 144)

Return values

S OK Success ful
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GetResizeOutput

Description

Get information whether the input resolution of the video stream
differs from the output resolution of the filter

Syntax

HRESULT GetResizeOutput (BOOE outputResized )

Parameters

outputResized contains TRUE of the output differs

Return values

S OK Success ful

SetResizeOutput

Description

Set whether the output of the stream will differ from that of the
input. When connecting the filter to another downstream filter, it
will  try to encourage that filter to use that resolution.

To change the resolution use: SetOutputWidth, SetOutputHeight

Syntax

HRESULT SetResizeOutput ( BOOL outputResized )

Parameters

outputResized set TRUE to resize output (default: input
resolution equals output resolution)

Return values

S OK Success ful
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GetOutputWidth

Description

Get the width of the video stream pushed into the graph.

Syntax

HRESULT Get Output Width (unsigned int *width )

Parameters

width Pointer to unsigned int that receives the width

Return values

S OK Success ful

SetOutputWidth

Description

Set the width of the video stream pushed into the graph.
Use SetResizeOutput before using this function.

Syntax

HRESULT Set Output Width (unsigned int width )

Parameters

width unsigned int value of the width

Return values

S OK Success ful
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GetOutputHeight

Description

Get the height of the video stream pushed into the graph.

Syntax

HRESULT Get OutputHeight  (unsigned int *height )

Parameters

height Pointer to unsigned int that receives the height

Return values

S OK Success ful

SetOutputHeight

Description

Set the height of the video stream pushed into the graph.
Use SetResizeOutput before using this function.

Syntax

HRESULT Set OutputHeight (unsigned int height )

Parameters

height unsigned int value of the height (default: 144)

Return values

S OK Success ful
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GetAudioCoding

Description

Get the Audio coding standard used to decode the
incoming RTP payload

Syntax

HRESULT GetAudioCoding (unsigned int * coding )

Parameters

coding Pointer to unsigned int that holds the audio coding
constant

RTP_AUDIO_G711U
RTP_AUDIO_G711A

RTP_AUDIO_G729
RTP_AUDIO_AMR_NB

Return values

S OK Success ful

SetAudioCoding

Description

Set the Audio coding standard used to decode the
incoming RTP payload

When choosing RTP_AUDIO_AMR_NB you must also set its bitrate using
SetAMRBItRate. G711 is fixed at 64kbps. G729 is fixed at 8kbps.
Syntax

HRESULT SetAudioCoding (unsigned int coding )

Parameters

coding unsigned int holding the audio coding constant
RTP_AUDIO_G711U

RTP_AUDIO_G711A
RTP_AUDIO_G729
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RTP_AUDIO_AMR_NB

Return values

S OK Success ful
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GetRTPAudiolPAddress

Description

Gets t he IP Address of the local RTP Audio e ndpoint.

Syntax

HRESULT GetRTPAudio IPAddress (char *ipAddr )

Parameters

ipAddr Pointer to string buffer.

Return values

S OK Success ful

SetRTPAudiolPAddress

Description

Sets t he IP Address of the local RTP Audio e ndpoint.

Syntax

HRESULT Set RTPAudio IPAddress (char *ipAddr )

Parameters

ipAddr Pointer to string buffer.

Return values

S OK Success ful
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GetRTPAudioPort

Description

Get the port number of the local RTP Audio e ndpoint.

Syntax

HRESULT GetRTPVideoPort (unsigned int * port )

Parameters

port Pointer to integer holding the port number

Return values

S OK Success ful

SetRTPAudioPort

Description

Set the number of the local RTP Audio endpoint

Syntax

HRESULT SetRTPAudio Port (unsigned int port )

Parameters

port integer holding the port number

Return values

S OK Success ful
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GetAMRBItRate

Description

Get the bitrate used for the AMR - NB decoder .

Syntax

HRESULT GetAMRBItRate (unsigned int * bitrate )

Parameters

bitrate Pointer to integer holding the bitrate.

Return values

S OK Success ful
SetAMRBItRate

Description

Set the bitrate used for the AMR - NB decoder .

Syntax

HRESULT SetAMRBItRate (unsigned int bitrate )

Parameters
bitrate unsigned int holding the bitrate.
Bitrates can be of following values for AMR:
AMR:
bitrate (kbps) Frametype
4750 | O
5150 | 1
5900 | 2

6700 | 3 (PDC - EFR)
7400 | 4 (TDMA- EFR)
7950 | 5
10200 | 6
12200 | 7 (GSM- EFR)
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Return values

S_OK Success ful
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GetAACParameters

Description

Get current AAC configuration

Syntax

HRESULT GetAACParameters (unsigned int * profile , unsigned int *
frequency , unsigned int * channels )

Parameters

profile Receives the value of the profile currently
configured
Possible values are:
AAC_PROFILE_MAIN
AAC_PROFILE_LC
AAC_PROFILE_SSR
AAC_PROFILE_LTP

frequency Receives the value of the sample rate currently
configured

channels Receives the value of the number of channels
currently configured

Return values

S OK Success ful
SetAACParameters
Description

Configures the AAC components of the filter. You can use this
function to select the profile, sample rate and number of channels.

Internally a Config - String will be created (displayed on the
property page only), that will be used to initialize the AAC

Decoder.

Syntax

HRESULT SetAACParameters (unsigned int profile , unsigned int
frequency , unsigned int channels )
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Parameters

profile Set the profile
Possible values are:
AAC_PROFILE_MAIN
AAC_PROFILE_LC
AAC_PROFILE_SSR
AAC_PROFILE_LTP

f requency Set the sample rate in hertz.

Channels Set the number of audio channels.

Return values

S OK Success ful
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ConfigureAAC

Description

This is the preferred method to configure AAC if you have access to
the configuration octets, provided by an SDP or other session

configuration protocols.

This function sets the correct profile, sample rate and number of

channels. The values can be retrieved by the GetAACParameters

fu nction.

Syntax

HRESULT ConfigureAAC (char * configstring)

Parameters

configstring A nullterminated string representing the hexadecimal
values of the AAC configuration

Return values

S OK Success ful
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GetH264InfoParameter

Description

Gets the SPS/PPS parameter configuration of the H.264 Decoder.

Syntax

HRESULT GetH264InfoParameter  (
BOOI* hasSPropsinStream

char * sps,
char * pps
)
Parameters
hasSPropsinStream TRUE if the configuration of the video metrics
is contained in the stream. FALSE if the
parameters need to be manually configured.
sps returns the base64 encoded Sequence Parameter
Set.
pps returns the base64 encoded Picture Parameter
Set.
Return values
S OK Success ful

SetH264InfoParameter

Description

Set the SPS/PPS configuration of the H.264 decoder. For manual

configuration, SPS/PPS properties can be found in an SDP under the
fisprop - parameter -sets 6 par amet er .

E.g. a=fmtp:100 profile - level -id=42E00A;sprop - parameter -
sets=JOLgCpZUCwSi,KM4FYg==

would translate to:

SetH264InfoParameter(TRUE, "JoLgCpzUCwSI", "KMA4FYg==);
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Syntax

HRESULT SetRTPAudio Port (unsigned int port )

Parameters

hasSPropsinStream set this parameter to TRUE if the information
is contained in the video stream, otherwise
false.

sps Set the SPS parameter (base64 encoded)

pps Set the PPS parameter (base64 encoded)

Return values

S OK Success ful
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LoadFromRegistry

Description

Attempts to load filter configuration from the registry

Syntax

HRESULT LoadFromRegistry ()

Parameters

Return values

S OK Success ful

S FALSE Failed or not enabled
LoadFromSDP

Description

Attempts to load configuration data from an SDP file

Syntax

HRESULT LoadFromSDP( char* filename )

Parameters

filename the file that contains the SDP data.

Return values

S OK Success ful
S FALSE Failed or incomplete
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LoadFromRTSP

Description

Attempts to load configuration data from an RTSP resource.

This function opens a TCP/IP or UDP/IP connection depending on the

URI Scheme selected in the RTSP Resource URL. It configures the
filters audio and video settings depending on the session

descriptions presented in the RTSP dialog. If either audio or video
description is not compatible, incomplete or erroneous it will be

disabled.

Syntax

HRESULT LoadFromRTSP( char* wurl )

Parameters

url the RTSP Resource URL

Return values

S OK Success ful
S FALSE Failed or incomplete
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GetRTSPConfiguration

Description

Gets whether the filter will use RTSP upon graph - start. These
values are modified by SetRTSPConfiguration and LoadFromRTSP.

Syntax

HRESULT Get RTSPConfiguration  (
BOOF useRTSP,
BOOP useVideo |,
BOOF useAudio
BOOL* uselnterleave

)

Parameters
useRTSP TRUE if a RTSP session will be started upon
graph start.
useVideo TRUE when the resource will play video.
useAudio TRUE when the resource will play audio.
uselnterleave TRUE when the RTSP stream will use interleave
mode
Return values
S OK Success ful
SetRTSPConfiguration
Description
Sets whether the filter will use RTSP upon graph - start. You can
choose to only play certain track types (audio and video)
Syntax
HRESULT Set RTSPConfiguration  (
BOOL useRTSP,
BOOL useVideo ,
BOOL useAudio
BOOL uselnterleave

)
Parameters
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useRTSP TRUE if a RTSP session will be started upon
graph start.
useVideo TRUE when the resource will play video.
useAudio TRUE when the resource will play audio.
uselnterleave TRUE when the RTSP should use interleave mode

Return values

S OK Success ful
Commit

Description

(Starting from Version 1.2.670)

Commit all changes made via the API.

This function updates the internal data structures in one run. It
can be called after one or more setter functions.

Syntax

HRESULT Commit ()

Parameters

NONE

Return values

S OK Success ful
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Using Graphedit:

When running the filter in Graphedit, you can also use the property page to test your debug settings.

| StreamCoders RTP AV Filter Properties.
Video Output r—», input XForm Out .| VIR Inputd
SR LRI G Outpet Color Space Converter Video Renderer Debug Settings | Video Otput | Audio Output |

Video Settings

IP Address | 192.168.0.100

Port 23150

| Audio Input pin (rendered)
Default WaveOut Device () - Packet Type —
" H.263 /RFC 2190
" H.263 /RFC 2429 (4629)
' MPEG4 /RFC 3016
# ActiveMovie Window IV Wait for first I-Frame

Resolution 640 x | 272

Frameraf te (FPS) | 25.00

Audio Settings

IP Address | 192.168.0.100

O

Packet Type
C G711U
© G.711-A
 G.729A
" AMR NB
12.2 - | kbitfs
OK Close Apply Help

Using Command-Line Tools:

rtpavtest builds the graph for you. The binary (including its source code) is included in the package
and is meant to show you the basic configuration of the RTP AV Filter.

rtl%l]\/teSt[ -a][ -b][ -vI[ -wI[ -h][ -ai][ -ap][ -vill -vp] [-spsll -pps] -
rtsp

-a audio codec [G711A, G711U, G729, AMRNB ]

-b  bitrate for AMRNB [12200, 10200, 7950, 7400, 6700, 5900, 5150
or 4750]

-V video codec [H263_2190, H263_2429, MPEG4 , H264 ]

-w width of the video

-h height of the video

- ai audio rtp ip

-ap audio rtp port

- Vi video rtp ip

-vp video rtp port

-sps H.264 Sequence Parameter (default: auto)

-pps H.264 Picture Parameter (default: auto)
-rtsp RTSP Resource URL
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The AVIStreamer Command-Line Tool:

The main reason to use this tool is when you do not have an immediate availability of RTP streams in

your current setup.

The AVIStreamer tool reads AVI files that contain both MPEG4 video streams and MP3 audio streams

and sends them to a preconfigured IP endpoint.

AVIStreamer is able to transcode MP3 audio to G711 or G729 and MPEG4 to H.263 (p) (this only
works when the input video is in a H.263 compliant resolution: SQCIF, QCIF, CIF, 4CIF, 16CIF). For

arbitrary resolutions, it is better to use MPEG4.

avistreamer [ -flI -vill -vpll -a] -ap]
-f avifilename
-li local network interface

-vi destination IP address for vide o stream

-vp destination port for video stream

-ai  destination IP address for audio stream

-ap destination port for audio stream

-ow rescale image to width (optional, e.g. h263)

-oh rescale image to height ( optional , e.g. h263 )
-jd  just display video. D o n 6send any packets

- vt Send video as [MPEG4, H263, H263p] default: MPEG4
- at Send audio as [G711A, G711U, G729] default: G711A
-wx Display window offset X - Axis (default: 0)

-wy Display window offset Y - Axis (default: 0)
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Things to know

1 Be sureto choose even-numbered (2,4, ¢ potts for your RTP endpoints only. Unless
€2dzQNE loaz2zfdzuS adz2Nbk UKFEU adzOK O0SKIF@A2NI Aa Yz
simply use your RTP-Port + 1 (an odd-numbered port) as destination for their reporting.

When the filter starts it will automatically check the registry for configuration data. If you
KIS RIEGE aSi Ay (GKS NBIAAGNE LI UsdRepistryedzi R2 Y3
D £ dZSA\LSEE b aillinE valfie® from the registry was unsuccessful the filter will attempt
G2 t21FR HitepakanSPARLET FRRPY (GKS I LILX AdDbfthda 2y RANB
configuration will be set to default values, and are expected to be set through the API or the
Graphedit interface.
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Version Changes

Version 1.2.694 P1

1
T

Maintainance Update
Fixed bug in SDP connection where IP address was expected to be accessible or 0.0.0.0

Version 1.2.693

= =4

=4 —a —a —a_9 = =4 =4

Statistics in property dialog

Fixed bug in interleave mode, where streaming would stop when audio is present but the
audio pin is not connected. The filter will now disable Audio for RTSP completely if the audio
pin is not connected.

Fixed bug in H.264 packets and control of packet flooding from Quicktime Streaming Server
Fixed string length in checkregistry for URLs longer than 256 characters

Fixed bug in SDP parser, where aggregationURL was NULL because no control attribute was
in public fields

IP address autodetect

API Function: Commit() to bulk commit changes

API Function: Get/SetLipSync to control lip synchronization

Improved LipSync and option to turn it on/off

Implemented Extended Sequence Numbers to better compensate for wrap arounds

Version 1.2.638

= =4 =8 -4 -4 4 -

Support of RTSP interleave mode

Support for SSE (along SSE2 for newer) for Pentium 3/Athlon XP architecture

Speed gains of up to factor 1.5 for all decoders

Added support for more Vivotek cameras

Fixed bug in RTSP Parser where case insensitivity is needed

Added support for static payload types in SDP

Fixed bug in property dialog, where framerate is not stored accurately (6 digits acc.)
Added more accurate bandwidth mapping in SDP for AMR-NB
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